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To users of data compression everywhere

| love being a writer. What | can't stand is the paperwork.
—Peter De Vries
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Preface to the
New Handbook

ENTLE READER. The thick, heavy volume you are holding in your hands was in-
G tended to be the fifth edition of Data Compression: The Complete Reference.
Instead, its title indicates that this is a handbook of data compression. What makes
a book a handbook? What is the difference between a textbook and a handbook? It
turns out that “handbook” is one of the many terms that elude precise definition. The
many definitions found in dictionaries and reference books vary widely and do more to
confuse than to illuminate the reader. Here are a few examples:

m A concise reference book providing specific information about a subject or location
(but this book is not concise).

m A type of reference work that is intended to provide ready reference (but every
reference work should provide ready reference).

m A pocket reference is intended to be carried at all times (but this book requires big
pockets as well as deep ones).

m A small reference book; a manual (definitely does not apply to this book).

s General information source which provides quick reference for a given subject area.
Handbooks are generally subject-specific (true for this book).

Confusing; but we will use the last of these definitions. The aim of this book is to
provide a quick reference for the subject of data compression. Judging by the size of the
book, the “reference” is certainly there, but what about “quick?” We believe that the
following features make this book a quick reference:

n The detailed index which constitutes 3% of the book.

m  The glossary. Most of the terms, concepts, and techniques discussed throughout
the book appear also, albeit briefly, in the glossary.
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viii Preface

m  The particular organization of the book. Data is compressed by removing redun-
dancies in its original representation, and these redundancies depend on the type of
data. Text, images, video, and audio all have different types of redundancies and are
best compressed by different algorithms which in turn are based on different approaches.
Thus, the book is organized by different data types, with individual chapters devoted
to image, video, and audio compression techniques. Some approaches to compression,
however, are general and work well on many different types of data, which is why the
book also has chapters on variable-length codes, statistical methods, dictionary-based
methods, and wavelet methods.

The main body of this volume contains 11 chapters and one appendix, all organized
in the following categories, basic methods of compression, variable-length codes, statisti-
cal methods, dictionary-based methods, methods for image compression, wavelet meth-
ods, video compression, audio compression, and other methods that do not conveniently
fit into any of the above categories. The appendix discusses concepts of information
theory, the theory that provides the foundation of the entire field of data compression.

In addition to its use as a quick reference, this book can be used as a starting point
to learn more about approaches to and techniques of data compression as well as specific
algorithms and their implementations and applications. The broad coverage makes the
book as complete as practically possible. The extensive bibliography will be very helpful
to those looking for more information on a specific topic. The liberal use of illustrations
and tables of data helps to clarify the text.

This book is aimed at readers who have general knowledge of computer applica-
tions, binary data, and files and want to understand how different types of data can be
compressed. The book is not for dummies, nor is it a guide to implementors. Someone
who wants to implement a compression algorithm A should have coding experience and
should rely on the original publication by the creator of A.

In spite of the growing popularity of Internet searching, which often locates quanti-
ties of information of questionable quality, we feel that there is still a need for a concise,
reliable reference source spanning the full range of the important field of data compres-
sion.

New to the Handbook

The following is a list of the new material in this book (material not included in
past editions of Data Compression: The Complete Reference).

m  The topic of compression benchmarks has been added to the Introduction.

m  The paragraphs titled “How to Hide Data” in the Introduction show how data
compression can be utilized to quickly and efficiently hide data in plain sight in our
computers.

= Several paragraphs on compression curiosities have also been added to the Intro-
duction.

s The new Section 1.1.2 shows why irreversible compression may be useful in certain
situations.

s Chapters 2 through 4 discuss the all-important topic of variable-length codes. These
chapters discuss basic, advanced, and robust variable-length codes. Many types of VL,
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Preface ix

codes are known, they are used by many compression algorithms, have different proper-
ties, and are based on different principles. The most-important types of VL codes are
prefix codes and codes that include their own length.

m  Section 2.9 on phased-in codes was wrong and has been completely rewritten.
= An example of the start-step-stop code (2,2, 00) has been added to Section 3.2.

m  Section 3.5 is a description of two interesting variable-length codes dubbed recursive
bottom-up coding (RBUC) and binary adaptive sequential coding (BASC). These codes
represent compromises between the standard binary (8) code and the Elias gamma
codes.

m  Section 3.28 discusses the original method of interpolative coding whereby dynamic
variable-length codes are assigned to a strictly monotonically increasing sequence of
integers.

m  Section 5.8 is devoted to the compression of PK (packed) fonts. These are older
bitmaps fonts that were developed as part of the huge TEX project. The compression
algorithm is not especially efficient, but it provides a rare example of run-length encoding
(RLE) without the use of Huffman codes.

m  Section 5.13 is about the Hutter prize for text compression.

m  PAQ (Section 5.15) is an open-source, high-performance compression algorithm and
free software that features sophisticated prediction combined with adaptive arithmetic
encoding. This free algorithm is especially interesting because of the great interest it
has generated and because of the many versions, subversions, and derivatives that have
been spun off it.

m  Section 6.3.2 discusses LZR, a variant of the basic LZ77 method, where the lengths
of both the search and look-ahead buffers are unbounded.

m  Section 6.4.1 is a description of LZB, an extension of LZSS. It is the result of
evaluating and comparing several data structures and variable-length codes with an eye
to improving the performance of LZSS.

m  SLH, the topic of Section 6.4.2, is another variant of LZSS. It is a two-pass algo-
rithm where the first pass employs a hash table to locate the best match and to count
frequencies, and the second pass encodes the offsets and the raw symbols with Huffman
codes prepared from the frequencies counted by the first pass.

s Most LZ algorithms were developed during the 1980s, but LZPP, the topic of Sec-
tion 6.5, is an exception. LZPP is a modern, sophisticated algorithm that extends LZSS
in several directions and has been inspired by research done and experience gained by
many workers in the 1990s. LZPP identifies several sources of redundancy in the vari-
ous quantities generated and manipulated by LZSS and exploits these sources to obtain
better overall compression.

= Section 6.14.1 is devoted to LZT, an extension of UNIX compress/LZC. The major
innovation of LZT is the way it handles a full dictionary.
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X Preface

s LZJ (Section 6.17) is an interesting LZ variant. It stores in its dictionary, which
can be viewed either as a multiway tree or as a forest, every phrase found in the input.
If a phrase is found n times in the input, only one copy is stored in the dictionary. Such
behavior tends to fill the dictionary up very quickly, so LZJ limits the length of phrases
to a preset parameter h.

m  The interesting, original concept of antidictionary is the topic of Section 6.31. A
dictionary-based encoder maintains a list of bits and pieces of the data and employs this
list to compress the data. An antidictionary method, on the other hand, maintains a
list of strings that do not appear in the data. This generates negative knowledge that
allows the encoder to predict with certainty the values of many bits and thus to drop
those bits from the output, thereby achieving compression.

s Theimportant term “pixel” is discussed in Section 7.1, where the reader will discover
that a pixel is not a small square, as is commonly assumed, but a mathematical point.

= Section 7.10.8 discusses the new HD photo (also known as JPEG XR) compression
method for continuous-tone still images.

m  ALPC (adaptive linear prediction and classification), is a lossless image compres-
sion algorithm described in Section 7.12. ALPC is based on a linear predictor whose
coefficients are computed for each pixel individually in a way that can be mimiced by
the decoder.

s Grayscale Two-Dimensional Lempel-Ziv Encoding (GS-2D-LZ, Section 7.18) is an
innovative dictionary-based method for the lossless compression of grayscale images.

m  Section 7.19 has been partially rewritten.

m  Section 7.40 is devoted to spatial prediction, a combination of JPEG and fractal-
based image compression.

m A short historical overview of video compression is provided in Section 9.4.

s The all-important H.264/AVC video compression standard has been extended to
allow for a compressed stream that supports temporal, spatial, and quality scalable
video coding, while retaining a base layer that is still backward compatible with the
original H.264/AVC. This extension is the topic of Section 9.10.

m  The complex and promising VC-1 video codec is the topic of the new, long Sec-
tion 9.11.

s The new Section 11.6.4 treats the topic of syllable-based compression, an approach
to compression where the basic data symbols are syllables, a syntactic form between
characters and words.

m  The commercial compression software known as stuffit has been around since 1987.
The methods and algorithms it employs are proprietary, but some information exists
in various patents. The new Section 11.16 is an attempt to describe what is publicly
known about this software and how it works.

m  There is now a short appendix that presents and explains the basic concepts and
terms of information theory.
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Preface Xi

We would like to acknowledge the help, encouragement, and cooperation provided
by Yuriy Reznik, Matt Mahoney, Mahmoud El-Sakka, Pawel Pylak, Darryl Lovato,
Raymond Lau, Cosmin Truta, Derong Bao, and Honggang Qi. They sent information,
reviewed certain sections, made useful comments and suggestions, and corrected numer-
Ous errors.

A special mention goes to David Bryant who wrote Section 10.11.

Springer Verlag has created the Springer Handbook series on important scientific
and technical subjects, and there can be no doubt that data compression should be
included in this category. We are therefore indebted to our editor, Wayne Wheeler,
for proposing this project and providing the encouragement and motivation to see it
through.

The book’s Web site is located at www.DavidSalomon.name. Our email addresses
are dsalomon@csun.edu and gim@ieee.org and readers are encouraged to message us
with questions, comments, and error corrections.

Those interested in data compression in general should consult the short section
titled “Joining the Data Compression Community,” at the end of the book, as well as
the following resources:

m http://compression.ca/,
m http://www-isl.stanford.edu/"gray/iii.html,
m http://www.hn.is.uec.ac.jp/ arimura/compression_links.html, and

m http://datacompression.info/.

(URLs are notoriously short lived, so search the Internet.)

David Salomon Giovanni Motta

The preface is usually that part of a
book which can most safely be omitted.

—William Joyce, Twilight Over England (1940)

(O )
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Preface to the
Fourth Edition

(This is the Preface to the 4th edition of Data Compression: The Complete Reference,
the predecessor of this volume.) I was pleasantly surprised when in November 2005
a message arrived from Wayne Wheeler, the new computer science editor of Springer
Verlag, notifying me that he intends to qualify this book as a Springer major reference
work (MRW), thereby releasing past restrictions on page counts, freeing me from the
constraint of having to compress my style, and making it possible to include important
and interesting data compression methods that were either ignored or mentioned in
passing in previous editions.

These fascicles will represent my best attempt to write a comprehensive account, but
computer science has grown to the point where I cannot hope to be an authority on
all the material covered in these books. Therefore I'll need feedback from readers in
order to prepare the official volumes later.

I try to learn certain areas of computer science exhaustively; then I try to digest that
knowledge into a form that is accessible to people who don’t have time for such study.

—Donald E. Knuth, http://www-cs-faculty.stanford.edu/ knuth/ (2006)

Naturally, all the errors discovered by me and by readers in the third edition have
been corrected. Many thanks to all those who bothered to send error corrections, ques-
tions, and comments. I also went over the entire book and made numerous additions,
corrections, and improvements. In addition, the following new topics have been included
in this edition:

m  Tunstall codes (Section 2.6). The advantage of variable-size codes is well known to
readers of this book, but these codes also have a downside; they are difficult to work
with. The encoder has to accumulate and append several such codes in a short buffer,
wait until n bytes of the buffer are full of code bits (where n must be at least 1), write
the n bytes on the output, shift the buffer n bytes, and keep track of the location of
the last bit placed in the buffer. The decoder has to go through the reverse process.
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Xiv Preface

The idea of Tunstall codes is to construct a set of fixed-size codes, each encoding a
variable-size string of input symbols. As an aside, the “pod” code (Table 10.29) is also
a new addition.

m  Recursive range reduction (3R) (Section 1.7) is a simple coding algorithm due to
Yann Guidon that offers decent compression, is ecasy to program, and its performance is
independent of the amount of data to be compressed.

»  LZARI, by Haruhiko Okumura (Section 6.4.3), is an improvement of LZSS.

m  RAR (Section 6.22). The popular RAR software is the creation of Eugene Roshal.
RAR has two compression modes, general and special. The general mode employs an
LZSS-based algorithm similar to ZIP Deflate. The size of the sliding dictionary in RAR
can be varied from 64 Kb to 4 Mb (with a 4 Mb default value) and the minimum match
length is 2. Literals, offsets, and match lengths are compressed further by a Huffman
coder. An important feature of RAR is an error-control code that increases the reliability
of RAR archives while being transmitted or stored.

m  7-z and LZMA (Section 6.26). LZMA is the main (as well as the default) algorithm
used in the popular 7z (or 7-Zip) compression software [7z 06]. Both 7z and LZMA are
the creations of Igor Pavlov. The software runs on Windows and is free. Both LZMA
and 7z were designed to provide high compression, fast decompression, and low memory
requirements for decompression.

s  Stephan Wolf made a contribution to Section 7.34.4.

= H.264 (Section 9.9). H.264 is an advanced video codec developed by the ISO and
the ITU as a replacement for the existing video compression standards H.261, H.262,
and H.263. H.264 has the main components of its predecessors, but they have been
extended and improved. The only new component in H.264 is a (wavelet based) filter,
developed specifically to reduce artifacts caused by the fact that individual macroblocks
are compressed separately.

m  Section 10.4 is devoted to the WAVE audio format. WAVE (or simply Wave) is the
native file format employed by the Windows opearting system for storing digital audio
data.

s FLAC (Section 10.10). FLAC (free lossless audio compression) is the brainchild
of Josh Coalson who developed it in 1999 based on ideas from Shorten. FLAC was
especially designed for audio compression, and it also supports streaming and archival
of audio data. Coalson started the FLAC project on the well-known sourceforge Web
site [sourceforge.flac 06] by releasing his reference implementation. Since then many
developers have contributed to improving the reference implementation and writing al-
ternative implementations. The FLAC project, administered and coordinated by Josh
Coalson, maintains the software and provides a reference codec and input plugins for
several popular audio players.

m  WavPack (Section 10.11, written by David Bryant). WavPack [WavPack 06] is a
completely open, multiplatform audio compression algorithm and software that supports
three compression modes, lossless, high-quality lossy, and a unique hybrid compression
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Preface XV

mode. It handles integer audio samples up to 32 bits wide and also 32-bit IEEE floating-
point data [IEEE754 85]. The input stream is partitioned by WavPack into blocks that
can be either mono or stereo and are generally 0.5 seconds long (but the length is actually
flexible). Blocks may be combined in sequence by the encoder to handle multichannel
audio streams. All audio sampling rates are supported by WavPack in all its modes.

m  Monkey’s audio (Section 10.12). Monkey’s audio is a fast, efficient, free, lossless
audio compression algorithm and implementation that offers error detection, tagging,
and external support.

= MPEG-4 ALS (Section 10.13). MPEG-4 Audio Lossless Coding (ALS) is the latest
addition to the family of MPEG-4 audio codecs. ALS can input floating-point audio
samples and is based on a combination of linear prediction (both short-term and long-
term), multichannel coding, and efficient encoding of audio residues by means of Rice
codes and block codes (the latter are also known as block Gilbert-Moore codes, or
BGMC [Gilbert and Moore 59] and [Reznik 04]). Because of this organization, ALS is
not restricted to the encoding of audio signals and can efficiently and losslessly compress
other types of fixed-size, correlated signals, such as medical (ECG and EEG) and seismic
data.

= AAC (Section 10.15). AAC (advanced audio coding) is an extension of the three
layers of MPEG-1 and MPEG-2, which is why it is often called mp4. It started as part of
the MPEG-2 project and was later augmented and extended as part of MPEG-4. Apple
Computer has adopted AAC in 2003 for use in its well-known iPod, which is why many
believe (wrongly) that the acronym AAC stands for apple audio coder.

m  Dolby AC-3 (Section 10.16). AC-3, also known as Dolby Digital, stands for Dolby’s
third-generation audio coder. AC-3 is a perceptual audio codec based on the same
principles as the three MPEG-1/2 layers and AAC. The new section included in this
edition concentrates on the special features of AC-3 and what distinguishes it from other
perceptual codecs.

= Portable Document Format (PDF, Section 11.13). PDF is a popular standard
for creating, editing, and printing documents that are independent of any computing
platform. Such a document may include text and images (graphics and photos), and its
components are compressed by well-known compression algorithms.

m  Section 11.14 (written by Giovanni Motta) covers a little-known but important
aspect of data compression, namely how to compress the differences between two files.

m  Hyperspectral data compression (Section 11.15, partly written by Giovanni Motta)
is a relatively new and growing field. Hyperspectral data is a set of data items (called
pixels) arranged in rows and columns where each pixel is a vector. A home digital camera
focuses visible light on a sensor to create an image. In contrast, a camera mounted on
a spy satellite (or a satellite searching for minerals and other resources) collects and
measures radiation of many wavelegths. The intensity of each wavelength is converted
into a number, and the numbers collected from one point on the ground form a vector
that becomes a pixel of the hyperspectral data.

Another pleasant change is the great help I received from Giovanni Motta, David
Bryant, and Cosmin Truta. Each proposed topics for this edition, went over some of
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Xvi Preface

the new material, and came up with constructive criticism. In addition, David wrote
Section 10.11 and Giovanni wrote Section 11.14 and part of Section 11.15.

I would like to thank the following individuals for information about certain topics
and for clearing up certain points. Igor Pavlov for help with 7z and LZMA, Stephan
Wolf for his contribution, Matt Ashland for help with Monkey’s audio, Yann Guidon
for his help with recursive range reduction (3R), Josh Coalson for help with FLAC, and
Eugene Roshal for help with RAR.

In the first volume of this biography I expressed my gratitude to those individuals
and corporate bodies without whose aid or encouragement it would not have been
undertaken at all; and to those others whose help in one way or another advanced its
progress. With the completion of this volume my obligations are further extended. I
should like to express or repeat my thanks to the following for the help that they have
given and the premissions they have granted.

Christabel Lady Aberconway; Lord Annan; Dr Igor Anrep; ...
—Quentin Bell, Virginia Woolf: A Biography (1972)

Currently, the book’s Web site is part of the author’s Web site, which is located
at http://www.ecs.csun.edu/ dsalomon/. Domain DavidSalomon.name has been re-
served and will always point to any future location of the Web site. The author’s email
address is dsalomon@csun.edu, but email sent to (anyname)@DavidSalomon.name will
be forwarded to the author.

Those interested in data compression in general should consult the short section
titled “Joining the Data Compression Community,” at the end of the book, as well as
the following resources:

m  http://compression.ca/,
m  http://www-isl.stanford.edu/"gray/iii.html,
m http://www.hn.is.uec.ac.jp/ arimura/compression_links.html, and

m http://datacompression.info/.

(URLs are notoriously short lived, so search the Internet).

People err who think my art comes easily to me.

—Wolfgang Amadeus Mozart

Lakeside, California David Salomon
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9.5 Video Compression

Video compression is based on two principles. The first is the spatial redundancy that
exists in each frame because of pixel correlation. The second is the fact that most
of the time, a video frame is very similar to its immediate neighbors. This is called
temporal redundancy. A typical technique for video compression should therefore start
by encoding the first frame using a still image compression method. It should then
encode several successive frames by identifying the differences between a frame and
its predecessor, and encoding these differences. If a frame is very different from its
predecessor (as happens with the first frame of a shot), it should be coded independently
of any other frame. In the video compression literature, a frame that is coded from its
predecessor is called inter frame (or just inter), while a frame that is coded independently
is called intra frame (or just intra).

Video compression is normally lossy. Encoding a frame F; in terms of its predecessor
F;_1 introduces some distortions. As a result, encoding the next frame F;y; in terms of
(the already distorted) F; increases the distortion. Even in lossless video compression,
a frame may lose some bits. This may happen during transmission or after a long shelf
stay. If a frame F; has lost some bits, then all the frames following it, up to the next
intra frame, will be decoded improperly, possibly leading to accumulated errors. This
is why intra frames should be used from time to time inside a sequence, not just at its
beginning. An intra frame is labeled I, and an inter frame is labeled P (for predictive).

Once this idea is grasped, it is possible to generalize the concept of an inter frame.
Such a frame can be coded based on one of its predecessors and also on one of its
successors. We know that an encoder should not use any information that is not available
to the decoder, but video compression is special because of the large quantities of data
involved. We usually don’t mind if the encoder is slow, but the decoder has to be fast.
A typical case is video recorded on a disk or on a DVD, to be played back. The encoder
can take minutes or hours to encode the data. The decoder, however, has to play it
back at the correct frame rate (so many frames per second), so it has to be fast. This is
why a typical video decoder works in parallel. It has several decoding circuits working
simultaneously on several frames.

With this in mind it is easy to imagine a situation where the encoder encodes frame
2 based on both frames 1 and 3, and writes the frames on the compressed stream in the
order 1, 3, 2. The decoder reads them in this order, decodes frames 1 and 3 in parallel,
outputs frame 1, then decodes frame 2 based on frames 1 and 3. Naturally, the frames
should be clearly tagged (or time stamped). A frame that is encoded based on both
past and future frames is labeled B (for bidirectional).

Predicting a frame based on its successor makes sense in cases where the movement
of an object in the picture gradually uncovers a background area. Such an area may
be only partly known in the current frame but may be better known in the next frame.
Thus, the next frame is a natural candidate for predicting this area in the current frame.

The idea of a B frame is so useful that most frames in a compressed video presenta-
tion may be of this type. We therefore end up with a sequence of compressed frames of
the three types I, P, and B. An [ frame is decoded independently of any other frame.
A P frame is decoded using the preceding I or P frame. A B frame is decoded using
the preceding and following I or P frames. Figure 9.9a shows a sequence of such frames
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in the order in which they are generated by the encoder (and input by the decoder).
Figure 9.9b shows the same sequence in the order in which the frames are output by the
decoder and displayed. The frame labeled 2 should be displayed after frame 5, so each
frame should have two time stamps, its coding time and its display time.

LI

il

11 12 13 10
(b)

Figure 9.9: (a) Coding Order. (b) Display Order.

We start with a few intuitive video compression methods.

Subsampling: The encoder selects every other frame and writes it on the com-
pressed stream. This yields a compression factor of 2. The decoder inputs a frame and
duplicates it to create two frames.

Differencing: A frame is compared to its predecessor. If the difference between
them is small (just a few pixels), the encoder encodes the pixels that are different by
writing three numbers on the compressed stream for each pixel: its image coordinates,
and the difference between the values of the pixel in the two frames. If the difference
between the frames is large, the current frame is written on the output in raw format.
Compare this method with relative encoding, Section 1.3.1.

A lossy version of differencing looks at the amount of change in a pixel. If the
difference between the intensities of a pixel in the preceding frame and in the current

www.it-ebooks.info

Amazon/DivX

Exhibit 1016
Page 22



9.5 Video Compression 871

frame is smaller than a certain (user controlled) threshold, the pixel is not considered
different.

Block Differencing: This is a further improvement of differencing. The image is
divided into blocks of pixels, and each block B in the current frame is compared with the
corresponding block P in the preceding frame. If the blocks differ by more than a certain
amount, then B is compressed by writing its image coordinates, followed by the values
of all its pixels (expressed as differences) on the compressed stream. The advantage is
that the block coordinates are small numbers (smaller than a pixel’s coordinates), and
these coordinates have to be written just once for the entire block. On the downside,
the values of all the pixels in the block, even those that haven’t changed, have to be
written on the output. However, since these values are expressed as differences, they are
small numbers. Consequently, this method is sensitive to the block size.

Motion Compensation: Anyone who has watched movies knows that the differ-
ence between consecutive frames is small because it is the result of moving the scene, the
camera, or both between frames. This feature can therefore be exploited to achieve bet-
ter compression. If the encoder discovers that a part P of the preceding frame has been
rigidly moved to a different location in the current frame, then P can be compressed
by writing the following three items on the compressed stream: its previous location,
its current location, and information identifying the boundaries of P. The following
discussion of motion compensation is based on [Manning 98].

In principle, such a part can have any shape. In practice, we are limited to equal-
size blocks (normally square but can also be rectangular). The encoder scans the current
frame block by block. For each block B it searches the preceding frame for an identical
block C (if compression is to be lossless) or for a similar one (if it can be lossy). Finding
such a block, the encoder writes the difference between its past and present locations on
the output. This difference is of the form

(Cy — B, Cy — By) = (Az, Ay),

so it is called a motion vector. Figure 9.10a,b shows an example where the seagull
sweeps to the right while the rest of the image slides slightly to the left because of
camera movement.

Motion compensation is effective if objects are just translated, not scaled or rotated.
Drastic changes in illumination from frame to frame also reduce the effectiveness of this
method. In general, motion compensation is lossy. The following paragraphs discuss the
main aspects of motion compensation in detail.

Frame Segmentation: The current frame is divided into equal-size nonoverlap-
ping blocks. The blocks may be squares or rectangles. The latter choice assumes that
motion in video is mostly horizontal, so horizontal blocks reduce the number of motion
vectors without degrading the compression ratio. The block size is important, because
large blocks reduce the chance of finding a match, and small blocks result in many mo-
tion vectors. In practice, block sizes that are integer powers of 2, such as 8 or 16, are
used, since this simplifies the software.

Search Threshold: Each block B in the current frame is first compared to its
counterpart C in the preceding frame. If they are identical, or if the difference between
them is less than a preset threshold, the encoder assumes that the block hasn’t been
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Figure 9.10: Motion Compensation.

moved.

Block Search: This is a time-consuming process, and so has to be carefully de-
signed. If B is the current block in the current frame, then the previous frame has to be
searched for a block identical to or very close to B. The search is normally restricted to
a small area (called the search area) around B, defined by the mazimum displacement
parameters dx and dy. These parameters specify the maximum horizontal and vertical
distances, in pixels, between B and any matching block in the previous frame. If B is a
square with side b, the search area will contain (b + 2dz)(b + 2dy) pixels (Figure 9.11)
and will consist of (2dx + 1)(2dy + 1) distinct, overlapping bxb squares. The number of
candidate blocks in this area is therefore proportional to dz-dy.

Pl‘ev'
10US frame Currept frame

Figure 9.11: Search Area.

Distortion Measure: This is the most sensitive part of the encoder. The distor-
tion measure selects the best match for block B. It has to be simple and fast, but also
reliable. A few choices—similar to the ones of Section 7.19—are discussed here.

The mean absolute difference (or mean absolute error) calculates the average of the
absolute differences between a pixel B;; in B and its counterpart Cj; in a candidate

block C:
b b

1
b—QZZ |Bij — Cijl.

i=1j=1
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This involves b? subtractions and absolute value operations, b? additions, and one divi-
sion. This measure is calculated for each of the (2dz + 1)(2dy + 1) distinct, overlapping
bxb candidate blocks, and the smallest distortion (say, for block C}) is examined. If it
is smaller than the search threshold, then C}, is selected as the match for B. Otherwise,
there is no match for B, and B has to be encoded without motion compensation.

Exercise 9.5: How can such a thing happen? How can a block in the current frame
match nothing in the preceding frame?

The mean square difference is a similar measure, where the square, rather than the
absolute value, of a pixel difference is calculated:

1 b b
0 >N (B —Cy)*
i=1 j=1

The pel difference classification (PDC) measure counts how many differences |B;; —
C;;] are smaller than the PDC parameter p.

The integral projection measure computes the sum of a row of B and subtracts it
from the sum of the corresponding row of C'. The absolute value of the difference is
added to the absolute value of the difference of the columns sum:

Suboptimal Search Methods: These methods search some, instead of all, the
candidate blocks in the (b+2dz)(b+2dy) area. They speed up the search for a matching
block, at the expense of compression efficiency. Several such methods are discussed in
detail in Section 9.5.1.

Motion Vector Correction: Once a block C' has been selected as the best match
for B, a motion vector is computed as the difference between the upper-left corner of
C and the upper-left corner of B. Regardless of how the matching was determined, the
motion vector may be wrong because of noise, local minima in the frame, or because
the matching algorithm is not perfect. It is possible to apply smoothing techniques
to the motion vectors after they have been calculated, in an attempt to improve the
matching. Spatial correlations in the image suggest that the motion vectors should also
be correlated. If certain vectors are found to violate this, they can be corrected.

This step is costly and may even backfire. A video presentation may involve slow,
smooth motion of most objects, but also swift, jerky motion of some small objects.
Correcting motion vectors may interfere with the motion vectors of such objects and
cause distortions in the compressed frames.

Coding Motion Vectors: A large part of the current frame (perhaps close to
half of it) may be converted to motion vectors, which is why the way these vectors are
encoded is crucial; it must also be lossless. Two properties of motion vectors help in
encoding them: (1) They are correlated and (2) their distribution is nonuniform. As we
scan the frame block by block, adjacent blocks normally have motion vectors that don’t
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differ by much; they are correlated. The vectors also don’t point in all directions. There
are often one or two preferred directions in which all or most motion vectors point; the
vectors are nonuniformly distributed.

No single method has proved ideal for encoding the motion vectors. Arithmetic
coding, adaptive Huffman coding, and various prefix codes have been tried, and all seem
to perform well. Here are two different methods that may perform better:

1. Predict a motion vector based on its predecessors in the same row and its predecessors
in the same column of the current frame. Calculate the difference between the prediction
and the actual vector, and Huffman encode it. This algorithm is important. It is used
in MPEG and other compression methods.

2. Group the motion vectors in blocks. If all the vectors in a block are identical, the
block is encoded by encoding this vector. Other blocks are encoded as in 1 above. Each
encoded block starts with a code identifying its type.

Coding the Prediction Error: Motion compensation is lossy, since a block B
is normally matched to a somewhat different block C. Compression can be improved
by coding the difference between the current uncompressed and compressed frames on
a block by block basis and only for blocks that differ much. This is usually done by
transform coding. The difference is written on the output, following each frame, and is
used by the decoder to improve the frame after it has been decoded.

9.5.1 Suboptimal Search Methods

Video compression requires many steps and computations, so researchers have been
looking for optimizations and faster algorithms, especially for steps that involve many
calculations. One such step is the search for a block C' in the previous frame to match a
given block B in the current frame. An exhaustive search is time-consuming, so it pays
to look for suboptimal search methods that search just some of the many overlapping
candidate blocks. These methods do not always find the best match, but can generally
speed up the entire compression process while incurring only a small loss of compression
efficiency.

Signature-Based Methods: Such a method performs a number of steps, restrict-
ing the number of candidate blocks in each step. In the first step, all the candidate blocks
are searched using a simple, fast distortion measure such as pel difference classification.
Only the best matched blocks are included in the next step, where they are evaluated
by a more restrictive distortion measure, or by the same measure but with a smaller
parameter. A signature method may involve several steps, using different distortion
measures in each.

Distance-Diluted Search: We know from experience that fast-moving objects
look blurred in an animation, even if they are sharp in all the frames. This suggests
a way to lose data. We may require a good block match for slow-moving objects, but
allow for a worse match for fast-moving ones. The result is a block matching algorithm
that searches all the blocks close to B, but fewer and fewer blocks as the search gets
farther away from B. Figure 9.12a shows how such a method may work for maximum
displacement parameters dx = dy = 6. The total number of blocks C' being searched
goes from (2dz + 1)-(2dy + 1) = 13 x 13 = 169 to just 65, less than 39%!

Locality-Based Search: This method is based on the assumption that once a good
match has been found, even better matches are likely to be located near it (remember
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Figure 9.12: (a) Distance-Diluted Search for dz = dy = 6. (b) A

Locality Search.

that the blocks C' searched for matches highly overlap). An obvious algorithm is to start
searching for a match in a sparse set of blocks, then use the best-matched block C' as
the center of a second wave of searches, this time in a denser set of blocks. Figure 9.12b
shows two waves of search, the first considers widely-spaced blocks, selecting one as the
best match. The second wave searches every block in the vicinity of the best match.
Quadrant Monotonic Search: This is a variant of a locality-based search. It
starts with a sparse set of blocks C' that are searched for a match. The distortion
measure is computed for each of those blocks, and the result is a set of distortion values.
The idea is that the distortion values increase as we move away from the best match.
By examining the set of distortion values obtained in the first step, the second step may
predict where the best match is likely to be found. Figure 9.13 shows how a search of a
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Figure 9.13: Quadrant Monotonic Search.

region of 4 x 3 blocks suggests a well-defined direction in which to continue searching.

This method is less reliable than the previous ones because the direction proposed
by the set of distortion values may lead to a local best block, whereas the best block
may be located elsewhere.

Dependent Algorithms: As mentioned earlier, motion in a frame is the result of
either camera movement or object movement. If we assume that objects in the frame
are bigger than a block, we conclude that it is reasonable to expect the motion vectors of
adjacent blocks to be correlated. The search algorithm can therefore start by estimating
the motion vector of a block B from the motion vectors that have already been found
for its neighbors, then improve this estimate by comparing B to some candidate blocks
C. This is the basis of several dependent algorithms, which can be spatial or temporal.

Spatial dependency: In a spatial dependent algorithm, the neighbors of a block B in
the current frame are used to estimate the motion vector of B. These, of course, must be
neighbors whose motion vectors have already been computed. Most blocks have eight
neighbors each, but considering all eight may not be the best strategy (also, when a
block B is considered, only some of its neighbors may have their motion vectors already
computed). If blocks are matched in raster order, then it makes sense to use one, two, or
three previously-matched neighbors, as shown in Figure 9.14a,b,c. Because of symmetry,
however, it is better to use four symmetric neighbors, as in Figure 9.14d,e. This can be
done by a three-pass method that scans blocks as in Figure 9.14f. The first pass scans
all the blocks shown in black (one-quarter of the blocks in the frame). Motion vectors
for those blocks are calculated by some other method. Pass two scans the blocks shown
in gray (25% of the blocks) and estimates a motion vector for each using the motion
vectors of its four corner neighbors. The white blocks (the remaining 50%) are scanned
in the third pass, and the motion vector of each is estimated using the motion vectors of
its neighbors on all four sides. If the motion vectors of the neighbors are very different,
they should not be used, and a motion vector for block B is computed with a different
method.
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Figure 9.14: Strategies for Spatial Dependent Search Algorithms.

Temporal dependency: The motion vector of block B in the current frame can be
estimated as the motion vector of the same block in the previous frame. This makes
sense if we can assume uniform motion. After the motion vector of B is estimated this
way, it should be improved and corrected using other methods.

More Quadrant Monotonic Search Methods: The following suboptimal block
matching methods use the main assumption of the quadrant monotonic search method.

Two-Dimensional Logarithmic Search: This multistep method reduces the
search area in each step until it shrinks to one block. We assume that the current block
B is located at position (a,b) in the current frame. This position becomes the initial
center of the search. The algorithm uses a distance parameter d that defines the search
area. This parameter is user-controlled with a default value. The search area consists
of the (2d + 1) x (2d 4 1) blocks centered on the current block B.

Step 1: A step size s is computed by

s = 2L10g2 dJ_17

and the algorithm compares B with the five blocks at positions (a, b), (a,b+s), (a,b—s),
(a + s,b), and (a — s,b) in the previous frame. These five blocks form the pattern of a
plus sign “+”.
Step 2: The best match among the five blocks is selected. We denote the position of
this block by (z,y). If (z,y) = (a,b), then s is halved (this is the reason for the name
logarithmic). Otherwise, s stays the same, and the center (a,b) of the search is moved
to (z,y).
Step 3: If s = 1, then the nine blocks around the center (a, b) of the search are searched,
and the best match among them becomes the result of the algorithm. Otherwise the
algorithm goes to Step 2.

Any blocks that need be searched but are outside the search area are ignored and
are not used in the search. Figure 9.15 illustrates the case where d = 8. For simplicity
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we assume that the current block B has frame coordinates (0,0). The search is limited
to the (17x17)-block area centered on block B. Step 1 computes
s = 2\_10g2 8]—1 — 2371 =4

)

and searches the five blocks (labeled 1) at locations (0,0), (4,0), (—4,0), (0,4), and
(0, —4). We assume that the best match of these five is at (0,4), so this becomes the
new center of the search, and the three blocks (labeled 2) at locations (4, —4), (4,4),
and (8,0) are searched in the second step.
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Figure 9.15: The Two-Dimensional Logarithmic Search Method.

Assuming that the best match among these three is at location (4,4), the next step
searches the two blocks labeled 3 at locations (8,4) and (4, 8), the block (labeled 2) at
(4,4), and the “1” blocks at (0,4) and (4,0).

o Exercise 9.6: Assuming that (4,4) is again the best match, use the figure to describe
the rest of the search.

Three-Step Search: This is somewhat similar to the two-dimensional logarithmic
search. In each step it tests eight blocks, instead of four, around the center of search,
then halves the step size. If s = 3 initially, the algorithm terminates after three steps,
hence its name.
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Orthogonal Search: This is a variation of both the two-dimensional logarithmic
search and the three-step search. Each step of the orthogonal search involves a horizontal
and a vertical search. The step size s is initialized to |[(d + 1)/2], and the block at the
center of the search and two candidate blocks located on either side of it at a distance
of s are searched. The location of smallest distortion becomes the center of the vertical
search, where two candidate blocks above and below the center, at distances of s, are
searched. The best of these locations becomes the center of the next search. If the step
size s is 1, the algorithm terminates and returns the best block found in the current
step. Otherwise, s is halved, and a new, similar set of horizontal and vertical searches
is performed.

One-at-a-Time Search: In this type of search there are again two steps, a hori-
zontal and a vertical. The horizontal step searches all the blocks in the search area whose
y coordinates equal that of block B (i.e., that are located on the same horizontal axis as
B). Assuming that block H has the minimum distortion among those, the vertical step
searches all the blocks on the same vertical axis as H and returns the best of them. A
variation repeats this on smaller and smaller search areas.

Cross Search: All the steps of this algorithm, except the last one, search the five
blocks at the edges of a multiplication sign “x”. The step size is halved in each step
until it gets down to 1. At the last step, the plus sign “+” is used to search the areas
located around the top-left and bottom-right corners of the preceding step.

This has been a survey of quadrant monotonic search methods. We follow with an
outline of two advanced search methods.

Hierarchical Search Methods: Hierarchical methods take advantage of the fact
that block matching is sensitive to the block size. A hierarchical search method starts
with large blocks and uses their motion vectors as starting points for more searches with
smaller blocks. Large blocks are less likely to stumble on a local maximum, while a
small block generally produces a better motion vector. A hierarchical search method is
therefore computationally intensive, and the main point is to speed it up by reducing
the number of operations. This can be done in several ways as follows:

1. In the initial steps, when the blocks are still large, search just a sample of blocks.
The resulting motion vectors are not the best, but they are only going to be used as
starting points for better ones.

2. When searching large blocks, skip some of the pixels of a block. The algorithm may,
for example, examine just one-quarter of the pixels of the large blocks, one-half of the
pixels of smaller blocks, and so on.

3. Select the block sizes such that the block used in step 4 is divided into several
(typically four or nine) blocks used in the following step. This way, a single motion
vector computed in step 7 can be used as an estimate for several better motion vectors
in step ¢ + 1.

Multidimensional Search Space Methods: These methods are more complex.
When searching for a match for block B, such a method looks for matches that are
rotations or zooms of B, not just translations.

A multidimensional search space method may also find a block C' that matches B
but has different lighting conditions. This is useful when an object moves among areas
that are illuminated differently. All the methods discussed so far compare two blocks
by comparing the luminance values of corresponding pixels. Two blocks B and C' that
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contain the same objects but differ in luminance would be declared different by such
methods.

When a multidimensional search space method finds a block C' that matches B but
has different luminance, it may declare C' the match of B and append a luminance value
to the compressed frame B. This value (which may be negative) is added by the decoder
to the pixels of the decompressed frame, to bring them back to their original values.

A multidimensional search space method may also compare a block B to rotated
versions of the candidate blocks C. This is useful if objects in the video presentation
may be rotated in addition to being moved. The algorithm may also try to match a
block B to a block C' containing a scaled version of the objects in B. If, for example, B
is of size 8 x8 pixels, the algorithm may consider blocks C of size 12x12, shrink each to
8% 8, and compare it to B.

This kind of block search requires many extra operations and comparisons. We say
that it increases the size of the search space significantly, hence the name multidimen-
sional search space. It seems that at present there is no multidimensional search space
method that can account for scaling, rotation, and changes in illumination and also be
fast enough for practical use.

Television? No good will come of this device. The word is half Greek and half Latin.
—C. P. Scott

9.6 MPEG

Starting in 1988, the MPEG project was developed by a group of hundreds of experts
under the auspices of the ISO (International Standardization Organization) and the
IEC (International Electrotechnical Committee). The name MPEG is an acronym for
Moving Pictures Experts Group. MPEG is a method for video compression, which
involves the compression of digital images and sound, as well as synchronization of the
two. There currently are several MPEG standards. MPEG-1 is intended for intermediate
data rates, on the order of 1.5 Mbit/sec MPEG-2 is intended for high data rates of at
least 10 Mbit/sec. MPEG-3 was intended for HDTV compression but was found to be
redundant and was merged with MPEG-2. MPEG-4 is intended for very low data rates
of less than 64 Kbit/sec. A third international body, the ITU-T, has been involved in
the design of both MPEG-2 and MPEG-4. This section concentrates on MPEG-1 and
discusses only its image compression features.

The formal name of MPEG-1 is the international standard for moving picture video
compression, IS11172-2. Like other standards developed by the ITU and ISO, the docu-
ment describing MPEG-1 has normative and informative sections. A normative section
is part of the specification of the standard. It is intended for implementers, is written in
a precise language, and should be strictly adhered to when implementing the standard
on actual computer platforms. An informative section, on the other hand, illustrates
concepts discussed elsewhere, explains the reasons that led to certain choices and de-
cisions, and contains background material. An example of a normative section is the
various tables of variable codes used in MPEG. An example of an informative section is
the algorithm used by MPEG to estimate motion and match blocks. MPEG does not
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9.6 MPEG 881

require any particular algorithm, and an MPEG encoder can use any method to match
blocks. The section itself simply describes various alternatives.

The discussion of MPEG in this section is informal. The first subsection (main
components) describes all the important terms, principles, and codes used in MPEG-1.
The subsections that follow go into more details, especially in the description and listing
of the various parameters and variable-length codes.

The importance of a widely accepted standard for video compression is apparent
from the fact that many manufacturers (of computer games, DVD movies, digital tele-
vision, and digital recorders, among others) implemented MPEG-1 and started using it
even before it was finally approved by the MPEG committee. This also was one reason
why MPEG-1 had to be frozen at an early stage and MPEG-2 had to be developed to
accommodate video applications with high data rates.

There are many sources of information on MPEG. [Mitchell et al. 97] is one de-
tailed source for MPEG-1, and the MPEG consortium [MPEG 98] contains lists of other
resources. In addition, there are many Web pages with descriptions, explanations, and
answers to frequently asked questions about MPEG.

To understand the meaning of the words “intermediate data rate” we consider a
typical example of video with a resolution of 360 x 288, a depth of 24 bits per pixel,
and a refresh rate of 24 frames per second. The image part of this video requires
360 x 288 x 24 x 24 = 59,719,680 bits/s. For the audio part, we assume two sound tracks
(stereo sound), each sampled at 44 kHz with 16-bit samples. The data rate is 2 x
44,000 x 16 = 1,408,000 bits/s. The total is about 61.1 Mbit/s and this is supposed to
be compressed by MPEG-1 to an intermediate data rate of about 1.5 Mbit/s (the size
of the sound track alone), a compression factor of more than 40! Another aspect is the
decoding speed. An MPEG-compressed movie may end up being stored on a CD-ROM
or DVD and has to be decoded and played in real time.

MPEG uses its own vocabulary. An entire movie is considered a video sequence. It
consists of pictures, each having three components, one luminance (Y') and two chromi-
nance (Cb and Cr). The luminance component (Section 7.3) contains the black-and-
white picture, and the chrominance components provide the color hue and saturation
(see [Salomon 99] for a detailed discussion). Each component is a rectangular array
of samples, and each row of the array is called a raster line. A pel is the set of three
samples. The eye is sensitive to small spatial variations of luminance, but is less sensi-
tive to similar changes in chrominance. As a result, MPEG-1 samples the chrominance
components at half the resolution of the luminance component. The term intra is used,
but inter and nonintra are used interchangeably.

The input to an MPEG encoder is called the source data, and the output of an
MPEG decoder is the reconstructed data. The source data is organized in packs (Fig-
ure 9.16b), where each pack starts with a start code (32 bits) followed by a header, ends
with a 32-bit end code, and contains a number of packets in between. A packet contains
compressed data, either audio or video. The size of a packet is determined by the MPEG
encoder according to the requirements of the storage or transmission medium, which is
why a packet is not necessarily a complete video picture. It can be any part of a video
picture or any part of the audio.

The MPEG decoder has three main parts, called layers, to decode the audio, the
video, and the system data. The system layer reads and interprets the various codes
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882 9. Video Compression

and headers in the source data, and routes the packets to either the audio or the video
layers (Figure 9.16a) to be buffered and later decoded. Each of these two layers consists
of several decoders that work simultaneously.

Audio

Audio layer [ decoder

Audio
—| decoder

'
'
'
'
'
'

v

Source data System ——| Clock
decoder
| Video
decoder

Video layer Y| Video
decoder

(a)

| start code| pack header | packet|packet| |packet|end code|

/\

| start code| packet header| packet data |

(b)

Figure 9.16: (a) MPEG Decoder Organization. (b) Source Format.

The MPEG home page is at http://www.chiariglione.org/mpeg/index.htm

9.6.1 MPEG-1 Main Components

MPEG uses I, P, and B pictures, as discussed in Section 9.5. They are arranged in
groups, where a group can be open or closed. The pictures are arranged in a certain
order, called the coding order, but (after being decoded) they are output and displayed
in a different order, called the display order. In a closed group, P and B pictures are
decoded only from other pictures in the group. In an open group, they can be decoded
from pictures outside the group. Different regions of a B picture may use different
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9.6 MPEG 883

pictures for their decoding. A region may be decoded from some preceding pictures,
from some following pictures, from both types, or from none. Similarly, a region in a P
picture may use several preceding pictures for its decoding, or use none at all, in which
case it is decoded using MPEG’s intra methods.

The basic building block of an MPEG picture is the macroblock (Figure 9.17a). It
consists of a 16 x 16 block of luminance (grayscale) samples (divided into four 8 x8 blocks)
and two 8 x 8 blocks of the matching chrominance samples. The MPEG compression of
a macroblock consists mainly in passing each of the six blocks through a discrete cosine
transform, which creates decorrelated values, then quantizing and encoding the results.
It is very similar to JPEG compression (Section 7.10), the main differences being that
different quantization tables and different code tables are used in MPEG for intra and
nonintra, and the rounding is done differently.

A picture in MPEG is organized in slices, where each slice is a contiguous set of
macroblocks (in raster order) that have the same grayscale (i.e., luminance component).
The concept of slices makes sense because a picture may often contain large uniform
areas, causing many contiguous macroblocks to have the same grayscale. Figure 9.17b
shows a hypothetical MPEG picture and how it is divided into slices. Each square in
the picture is a macroblock. Notice that a slice can continue from scan line to scan line.

_____H
(b)

Luminance Chb Cr
(a)

Figure 9.17: (a) A Macroblock. (b) A Possible Slice Structure.

o Exercise 9.7: How many samples are there in the hypothetical MPEG picture of Fig-
ure 9.17b?

When a picture is encoded in nonintra mode (i.e., it is encoded by means of another
picture, normally its predecessor), the MPEG encoder generates the differences between
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the pictures, then applies the DCT to the differences. In such a case, the DCT does not
contribute much to the compression, because the differences are already decorrelated.
Nevertheless, the DCT is useful even in this case, since it is followed by quantization,
and the quantization in nonintra coding can be quite deep.

The precision of the numbers processed by the DCT in MPEG also depends on
whether intra or nonintra coding is used. MPEG samples in intra coding are 8-bit
unsigned integers, whereas in nonintra they are 9-bit signed integers. This is because
a sample in nonintra is the difference of two unsigned integers, and may therefore be
negative. The two summations of the two-dimensional DCT, Equation (7.16), can at
most multiply a sample by 64 = 2% and may therefore result in an 8 +6 = 14-bit integer
(see Exercise 7.19 for a similar case). In those summations, a sample is multiplied by
cosine functions, which may result in a negative number. The result of the double sum
is therefore a 15-bit signed integer. This integer is then multiplied by the factor C;C; /4
which is at least 1/8, thereby reducing the result to a 12-bit signed integer.

This 12-bit integer is then quantized by dividing it by a quantization coefficient
(QC) taken from a quantization table. The result is, in general, a noninteger and has
to be rounded. It is in quantization and rounding that information is irretrievably lost.
MPEG specifies default quantization tables, but custom tables can also be used. In
intra coding, rounding is done in the normal way, to the nearest integer, whereas in
nonintra, rounding is done by truncating a noninteger to the nearest smaller integer.
Figure 9.18a,b shows the results graphically. Notice the wide interval around zero in
nonintra coding. This is the so-called dead zone.

The quantization and rounding steps are complex and involve more operations than
just dividing a DCT coefficient by a quantization coefficient. They depend on a scale
factor called quantizer_scale, an MPEG parameter that is an integer in the interval
[1,31]. The results of the quantization, and hence the compression performance, are
sensitive to the value of quantizer_scale. The encoder can change this value from
time to time and has to insert a special code in the compressed stream to indicate this.

We denote by DCT the DCT coefficient being quantized, by @ the QC from the
quantization table, and by QDCT the quantized value of DCT. The quantization tule
for intra coding is

(16x DCT) + Sign(DCT) x quantizer_scalex Q)
2Xquantizer_scalex ()

QDCT = , (9.2)

where the function Sign(DCT) is the sign of DCT, defined by

+1, when DCT > 0,
Sign(DCT) = {0, when DCT =0,
—1, when DCT < 0.

The second term of Equation (9.2) is called the rounding term and is responsible for
the special form of rounding illustrated by Figure 9.18a. This is easy to see when we
consider the case of a positive DCT. In this case, Equation (9.2) is reduced to the

simpler expression
16x DCT 1
QDCT = ( - ) + .
2x quantizer_scalex(@) 2
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quantized integer values

=N W ok
P

1 2 3 4
noninteger values

(a)

quantized integer values

=N W
0

| deac.l zon(.a ﬁ

1 2 3 4
noninteger values

(b)
Figure 9.18: Rounding of Quantized DCT Coefficients.
(a) For Intra Coding. (b) For Nonintra Coding.

The rounding term is eliminated for nonintra coding, where quantization is done by

(16 x DCT)
2X quantizer_scalex @’

QDCT = (9.3)
Dequantization, which is done by the decoder in preparation for the IDCT, is the
inverse of quantization. For intra coding it is done by

(2xQDCT) x quantizer_scalex Q)

DCT = 16

(notice that there is no rounding term), and for nonintra it is the inverse of Equation (9.2)

(2xQDCT) 4 Sign(QDCT)) X quantizer_scalex Q
16 )

DCT =

The precise way to compute the IDCT is not specified by MPEG. This can lead to
distortions in cases where a picture is encoded by one implementation and decoded by
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another, where the IDCT is done differently. In a chain of inter pictures, where each
picture is decoded by means of its neighbors, this can lead to accumulation of errors,
a phenomenon known as IDCT mismatch. This is why MPEG requires periodic intra
coding of every part of the picture. This forced updating has to be done at least once
for every 132 P pictures in the sequence. In practice, forced updating is rare, since I
pictures are fairly common, occurring every 10 to 15 pictures.

The quantized numbers Q DCT are Huffman coded, using the nonadaptive Huffman
method and Huffman code tables that were computed by gathering statistics from many
training image sequences. The particular code table being used depends on the type
of picture being encoded. To avoid the zero probability problem (Section 5.14), all the
entries in the code tables were initialized to 1 before any statistics were collected.

Decorrelating the original pels by computing the DCT (or, in the case of inter
coding, by calculating pel differences) is part of the statistical model of MPEG. The
other part is the creation of a symbol set that takes advantage of the properties of
Huffman coding. Section 5.2 explains that the Huffman method becomes inefficient
when the data contains symbols with large probabilities. If the probability of a symbol
is 0.5, it should ideally be assigned a 1-bit code. If the probability is higher, the symbol
should be assigned a shorter code, but the Huffman codes are integers and hence cannot
be shorter than one bit. To avoid symbols with high probability, MPEG uses an alphabet
where several old symbols (i.e., several pel differences or quantized DCT coefficients) are
combined to form one new symbol. An example is run lengths of zeros. After quantizing
the 64 DCT coefficients of a block, many of the resulting numbers are zeros. The
probability of a zero is therefore high and can easily exceed 0.5. The solution is to
deal with runs of consecutive zeros. Each run becomes a new symbol and is assigned a
Huffman code. This method creates a large number of new symbols, and many Huffman
codes are needed as a result. Compression efficiency, however, is improved.

Table 9.19 is the default quantization coefficients table for the luminance samples
in intra coding. The MPEG documentation “explains” this table by saying, “This table
has a distribution of quantizing values that is roughly in accord with the frequency re-
sponse of the human eye, given a viewing distance of approximately six times the screen
width and a 360 x 240 pel picture.” Quantizing in nonintra coding is completely differ-
ent, since the quantities being quantized are pel differences, and they do not have any
spatial frequencies. This type of quantization is done by dividing the DCT coefficients
of the differences by 16 (the default quantization table is thus flat), although custom
quantization tables can also be specified.

In an I picture, the DC coefficients of the macroblocks are coded separately from
the AC coefficients, similar to what is done in JPEG (Section 7.10.4). Figure 9.20 shows
how three types of DC coefficients, for the Y, Cb, and Cr components of the I picture,
are encoded separately in one stream. FEach macroblock consists of four Y blocks, one
Cb, and one Cr block, so it contributes four DC coefficients of the first type, and one
coefficient of each of the other two types. A coefficient DC; is first used to calculate a
difference ADC = DC; — P (where P is the previous DC coefficient of the same type),
and then the difference is encoded by coding a size category followed by bits for the
magnitude and sign of the difference. The size category is the number of bits required
to encode the sign and magnitude of the difference ADC'. Each size category is assigned
a code. Three steps are needed to encode a DC difference ADC' as follows (1) The
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8

16
19
22
22
26
26
27

16
16
22
22
26
27
27
29

19
22
26
26
27
29
29
35

22
24
27
27
29
32
34
38

26
27
29
29
32
35
38
46

27
29
34
34
35
40
46
56

29
34
34
37
40
48
56
69

34
37
38
40
48
58
69
83

Table 9.19: Default Luminance Quantization Table for Intra Coding.

size category is first determined and its code is emitted, (2) if ADC' is negative, a 1 is
subtracted from its 2’s complement representation, and (3) the size least-significant bits
of the difference are emitted. Table 9.21 summarizes the size categories, their codes, and
the range of differences ADC for each size. Notice that the size category of zero is defined
as 0. This table should be compared with Table 7.65, which lists the corresponding codes

used by JPEG.

— Type 1

Cb Type 2
Cr Cr Type 3
 Macroblock Macroblock

Figure 9.20: The Three Types of DC Coefficients.

Y codes  C codes  size magnitude range
100 00 0 0
00 01 1 -1,1
01 10 2 -3--+=22---3
101 110 3 7 —44---7
110 1110 4 —-15.--—8,8---15
1110 11110 5 -31---—-16,16---31
11110 111110 6 —63---—32,32---63
111110 1111110 7 —127..- —64,64---127
1111110 11111110 8  —255---— 128,128 ---255

Table 9.21: Codes for DC Coefficients (Luminance and Chrominance).
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Examples: (1) A luminance ADC of 5. The number 5 can be expressed in three
bits, so the size category is 3, and code 101 is emitted first. It is followed by the three
least-significant bits of 5, which are 101. (2) A chrominance ADC of —3. The number
3 can be expressed in 2 bits, so the size category is 2, and code 10 is first emitted. The
difference —3 is represented in twos complement as ...11101. When 1 is subtracted from
this number, the 2 least-significant bits are 00, and this code is emitted next.

Exercise 9.8: Compute the code of luminance ADC = 0 and the code of chrominance
ADC =4.

The AC coefficients of an I picture (intra coding) are encoded by scanning them in
the zigzag order shown in Figure 1.8b. The resulting sequence of AC coeflicients consists
of nonzero coefficients and run lengths of zero coefficients. A run-level code is output for
each nonzero coefficient C', where run refers to the number of zero coefficients preceding
C, and level refers to the absolute size of C'. Each run-level code for a nonzero coefficient
C is followed by the 1-bit sign of C (1 for negative and 0 for positive). The run-level
code for the last nonzero coefficient is followed by a special 2-bit end-of-block (EOB)
code. Table 9.23 lists the EOB code and the run-level codes for common values of runs
and levels. Combinations of runs and levels that are not in the table are encoded by the
escape code, followed by a 6-bit code for the run length and an 8- or 16-bit code for the
level.

Figure 9.22a shows an example of an 8 x 8 block of quantized coefficients. The
zigzag sequence of these coefficients is

127, 0,0, -1, 0,2, 0, 0, O, 1,
where 127 is the DC coefficient. Thus, the AC coefficients are encoded by the three run
level codes (2,—1), (1,2), (3,1), followed by the EOB code. Table 9.23 shows that the
codes are (notice the sign bits following the run-level codes)

0101 1]0001100]00111 0|10

(without the vertical bars).

1270200000 11820 00000
000000CO0O0 000 000O0O
-10000000 -200-10000
10000000 000 000O0O
0000000O0 000 000O0O
000000CO0O0 000 000O0O
0000000O0 000 000O0O
000000O0O0 000 000O0O
(a) (b)

Figure 9.22: Two 8 X 8 Blocks of DCT Quantized Coefficients.
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0/1
0/1

0/2

0/3

0/4

0/5

0/6

0/7

0/8

0/9

0/10
0/11
0/12
0/13
0/14
0/15
0/16
0/17
0/18
0/19
0/20
0/21
0/22
0/23
0/24
0/25
0/26
0/27
0/28
0/29
0/30
0/31
0/32
0/33
0/34
0/35
0/36
0/37
0/38
0/39
0/40

1s (first)

11s (next)

0100 s

0010 1s

0000 110s

0010 0110 s

0010 0001 s

0000 0010 10s

0000 0001 1101 s
0000 0001 1000 s
0000 0001 0011 s
0000 0001 0000 s
0000 0000 1101 Os
0000 0000 1100 1s
0000 0000 1100 Os
0000 0000 1011 1s
0000 0000 0111 11s
0000 0000 0111 10s
0000 0000 0111 O1s
0000 0000 0111 00s
0000 0000 0110 11s
0000 0000 0110 10s
0000 0000 0110 01s
0000 0000 0110 00s
0000 0000 0101 11s
0000 0000 0101 10s
0000 0000 0101 01s
0000 0000 0101 00s
0000 0000 0100 11s
0000 0000 0100 10s
0000 0000 0100 01s
0000 0000 0100 00s
0000 0000 0011 000s
0000 0000 0010 111s
0000 0000 0010 110s
0000 0000 0010 101s
0000 0000 0010 100s
0000 0000 0010 011s
0000 0000 0010 010s
0000 0000 0010 001s
0000 0000 0010 000s

© 00 O Ut W N

9
11
13
13
13
13
14
14
14
14
15
15
15
15
15
15
15
15
15
15
15
15
15
15
15
15
16
16
16
16
16
16
16
16
16
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1/1
1/2
1/3
1/4
1/5
1/6
17
1/8
1/9
1/10
1/11
1/12
1/13
1/14
1/15
1/16
1/17
1/18
2/1
2/2
2/3
2/4
2/5
3/1
3/2
3/3
3/4
4/1
4/2
4/3
5/1
5/2
5/3
6/1
6/2
6/3
7/1
7/2
8/1
8/2

011s

0001 10s

0010 0101 s

0000 0011 00s

0000 0001 1011 s
0000 0000 1011 0s
0000 0000 1010 1s
0000 0000 0011 111s
0000 0000 0011 110s
0000 0000 0011 101s
0000 0000 0011 100s
0000 0000 0011 011s
0000 0000 0011 010s
0000 0000 0011 001s
0000 0000 0001 0011 s
0000 0000 0001 0010 s
0000 0000 0001 0001 s
0000 0000 0001 0000 s
0101 s

0000 100s

0000 0010 11s

0000 0001 0100 s
0000 0000 1010 0s
0011 1s

0010 0100 s

0000 0001 1100 s
0000 0000 1001 1s
0011 0s

0000 0011 11s

0000 0001 0010 s

0001 11s

0000 0010 01s

0000 0000 1001 0s
0001 01s

0000 0001 1110 s
0000 0000 0001 0100 s
0001 00s

0000 0001 0101 s
0000 111s

0000 0001 0001 s

Table 9.23: Variable-Length Run-Level Codes (Part 1).
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890 9. Video Compression

9/1 0000 101s 8 18/1 0000 0001 1010 s 13

9/2 0000 0000 1000 1s 14 19/1 0000 0001 1001 s 13
10/1 0010 0111 s 9 20/1 0000 0001 0111 s 13
10/2 0000 0000 1000 Os 14 21/1 0000 0001 0110 s 13
11/1 0010 0011 s 9 22/1 0000 0000 1111 1s 14
11/2 0000 0000 0001 1010 s 17 23/1 0000 0000 1111 Os 14
12/1 0010 0010 s 9 24/1 0000 0000 1110 1s 14
12/2 0000 0000 0001 1001s 17 25/1 0000 0000 1110 Os 14
13/1 0010 0000 s 9 26/1 0000 0000 1101 1s 14
13/2 0000 0000 0001 1000s 17 27/1 0000 0000 0001 1111s 17
14/1 0000 0011 10s 11 28/1 0000 0000 0001 1110s 17
14/2 0000 0000 0001 0111s 17 29/1 0000 0000 0001 1101s 17
15/1 0000 0011 01s 11 30/1 0000 0000 0001 1100 s 17
15/2 0000 0000 0001 0110 s 17 31/1 0000 0000 0001 1011s 17
16/1 0000 0010 00s 11 EOB 10 2
16/2 0000 0000 0001 0101s 17 ESC 0000 01 6
17/1 0000 0001 1111 s 13

Table 9.23: Variable-Length Run-Level Codes (Part 2).

o Exercise 9.9: compute the zigzag sequence and run-level codes for the AC coefficients
of Figure 9.22b.

o Exercise 9.10: Given a block with 63 zero AC coefficients how is it coded?

A peculiar feature of Table 9.23 is that it lists two codes for run-level (0,1). Also,
the first of those codes (labeled “first”) is 1s, which may conflict with the EOB code.
The explanation is that the second of those codes (labeled “next”), 11s, is normally
used, and this causes no conflict. The first code, 1s, is used only in nonintra coding,
where an all-zero DCT coeflicients block is coded in a special way.

The discussion so far has concentrated on encoding the quantized DCT coefficients
for intra coding (I pictures). For nonintra coding (i.e., P and B pictures) the situation is
different. The process of predicting a picture from another picture already decorrelates
the samples, and the main advantage of the DCT in nonintra coding is quantization.
Deep quantization of the DCT coefficients increases compression, and even a flat default
quantization table (that does not take advantage of the properties of human vision) is
effective in this case. Another feature of the DCT in nonintra coding is that the DC
and AC coefficients are not substantially different, since they are the DCT transforms
of differences. There is, therefore, no need to separate the encoding of the DC and AC
coefficients.

The encoding process starts by looking for runs of macroblocks that are completely
zero. Such runs are encoded by a macroblock address increment. If a macroblock is
not all zeros, some of its six component blocks may still be completely zero. For such
macroblocks the encoder prepares a coded block pattern (cbp). This is a 6-bit variable
where each bit specifies whether one of the six blocks is completely zero or not. A zero
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9.6 MPEG 891
block is identified as such by the corresponding cbp bit. A nonzero block is encoded
using the codes of Table 9.23. When such a nonzero block is encoded, the encoder knows
that it cannot be all zeros. There must be at least one nonzero coefficient among the 64
quantized coefficients in the block. If the first nonzero coefficient has a run-level code of
(0,1), it is coded as “1s” and there is no conflict with the EOB code since the EOB code
cannot be the first code in such a block. Any other nonzero coefficients with a run-level
code of (0,1) are encoded using the “next” code, which is “11s”.

9.6.2 MPEG-1 Video Syntax

Some of the many parameters used by MPEG to specify and control the compression
of a video sequence are described in this section in detail. Readers who are interested
only in the general description of MPEG may skip this section. The concepts of video
sequence, picture, slice, macroblock, and block have already been discussed. Figure 9.24
shows the format of the compressed MPEG stream and how it is organized in six layers.
Optional parts are enclosed in dashed boxes. Notice that only the video sequence of the
compressed stream is shown; the system parts are omitted.

I I

sequence v Esequence” b sequence | sequence
header || SOV J{ SO 177 Hpeader_j} FO7 G071 | ond code] ayer
GOP : A, - [ . . GOP
header picture : picture :E plcture: ------- : plcture: layer
picture ] v . i v | picture
slice |! slice ! slice !------. ' slice |
header i I : ! 1 layer
l—, :
slice ! | i slice
header macroblock ;macroblock: -------- 'macroblock ! layer
| l ! I
macroblock “"end of 1 macroblock
header blockO || blockl | -------- block4 | | block |1 acroblock!  layer
(if block coded) (if D-picture)
|
[ |
difference |! run-level E: run-level E ! run-level E EOB block
DC coeff. |i code i1 code N » code : layer
(if intra L |
macroblock) if not D-picture

Figure 9.24: The Layers of a Video Stream.

The video sequence starts with a sequence header, followed by a group of pictures
(GOP) and optionally by more GOPs. There may be other sequence headers followed
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892 9. Video Compression

by more GOPs, and the sequence ends with a sequence-end-code. The extra sequence
headers may be included to help in random access playback or video editing, but most
of the parameters in the extra sequence headers must remain unchanged from the first
header.

A group of pictures (GOP) starts with a GOP header, followed by one or more
pictures. Each picture in a GOP starts with a picture header, followed by one or more
slices. Each slice, in turn, consists of a slice header followed by one or more macroblocks
of encoded, quantized DCT coefficients. A macroblock is a set of six 8 x8 blocks, four
blocks of luminance samples and two blocks of chrominance samples. Some blocks may
be completely zero and may not be encoded. Each block is coded in intra or nonintra.
An intra block starts with a difference between its DC coefficient and the previous DC
coefficient (of the same type), followed by run-level codes for the nonzero AC coefficients
and zero runs. The EOB code terminates the block. In a nonintra block, both DC and
AC coefficients are run-level coded.

It should be mentioned that in addition to the I, P, and B picture types, there
exists in MPEG a fourth type, a D picture (for DC coded). Such pictures contain only
DC coefficient information; no run-level codes or EOB are included. However, D pictures
are not allowed to be mixed with the other types of pictures, so they are rare and will
not be discussed here.

The headers of a sequence, GOP, picture, and slice all start with a byte-aligned
32-bit start code. In addition to these video start codes there are other start codes for
the system layer, user data, and error tagging. A start code starts with 23 zero bits,
followed by a single bit of 1, followed by a unique byte. Table 9.25 lists all the video start
codes. The “sequence.error” code is for cases where the encoder discovers unrecoverable
errors in a video sequence and cannot encode it as a result. The run-level codes have
variable lengths, so some 0 bits normally have to be appended to the video stream before
a start code, to make sure the code starts on a byte boundary.

Start code Hex Binary

extension.start ~ 000001B5 00000000 00000000 00000001 10110101
GOP.start 000001B8 00000000 00000000 00000001 10111000
picture.start 00000100 00000000 00000000 00000001 00000000
reserved 000001B0O 00000000 00000000 00000001 10110000
reserved 000001B1 00000000 00000000 00000001 10110001
reserved 000001B6 00000000 00000000 00000001 10110110

sequence.end 000001B7 00000000 00000000 00000001 10110111
sequence.error 000001B4 00000000 00000000 00000001 10110100
sequence.header 000001B3 00000000 00000000 00000001 10110011
slice.start.1 00000101 00000000 00000000 00000001 00000001

slice.start.175 000001AF 00000000 00000000 00000001 10101111
user.data.start 000001B2 00000000 00000000 00000001 10110010

Table 9.25: MPEG Video Start Codes.
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Code height/width  Video source

0000 forbidden

0001 1.0000 computers (VGA)

0010 0.6735

0011 0.7031 16:9, 625 lines

0100 0.7615

0101 0.8055

0110 0.8437 16:9 525 lines

0111 0.8935

1000 0.9157 CCIR Rec, 601, 625 lines
1001 0.9815

1010 1.0255

1011 1.0695

1100 1.0950 CCIR Rec. 601, 525 lines
1101 1.1575

1110 1.2015

1111 reserved

Table 9.26: MPEG Pel Aspect Ratio Codes.

Code nominal Typical applications
picture rate
0000 forbidden
0001  23.976 Movies on NTSC broadcast monitors
0010 24 Movies, commercial clips, animation
0011 25 PAL, SECAM, generic 625/50Hz component video
0100  29.97 Broadcast rate NTSC
0101 30 NTSC profession studio, 525/60Hz component video
0110 50 noninterlaced PAL/SECAM/625 video
0111  59.94 Noninterlaced broadcast NTSC
1000 60 Noninterlaced studio 525 NTSC rate
1001
1111 reserved

Table 9.27: MPEG Picture Rates and Typical Applications.

horizontal_size < 768 pels.

vertical_size < 576 lines.

number of macroblocks < 396.

(number of macroblocks) xpicture_rate < 396 x25.
picture_rate < 30 pictures per second.

vbv_buffer_size < 160.

bit_rate< 4640.

forward_f_code < 4.
backward_f_code < 4.

Table 9.28: Constrained Parameters Bounds.
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894 9. Video Compression

Video Sequence Layer: This layer starts with start code 000001B3, followed by
nine fixed-length data elements. The parameters horizontal_size and vertical_size
are 12-bit parameters that define the width and height of the picture. Neither is allowed
to be zero, and vertical_size must be even. Parameter pel_aspect_ratio is a 4-bit
parameter that specifies the aspect ratio of a pel. Its 16 values are listed in Table 9.26.
Parameter picture_rate is a 4-bit parameter that specifies one of 16 picture refresh
rates. Its eight nonreserved values are listed in Table 9.27. The 18-bit bit_rate data
element specifies the compressed data rate to the decoder (in units of 400 bits/s). This
parameter has to be positive and is related to the true bit rate R by

bit_rate = [R/400].

Next comes a marker_bit. This single bit of 1 prevents the accidental generation of a
start code in cases where some bits get corrupted. Marker bits are common in MPEG.
The 10-bit vbv_buffer_size follows the marker bit. It specifies to the decoder the lower
bound for the size of the compressed data buffer. The buffer size, in bits, is given by

B = 8x2048 xvbv_buffer_size,

and is a multiple of 2K bytes. The constrained_parameter_flag is a 1-bit parameter
that is normally 0. When set to 1, it signifies that some of the other parameters have
the values listed in Table 9.28.

The last two data elements are 1-bit each and control the loading of the intra
and nonintra quantization tables. When load_intra_quantizer_matrix is set to 1,
it means that it is followed by the 64 8-bit QCs of the intra_quantizer_matrix.
Similarly, load_non_intra_quantizer_matrix signals whether the quantization table
non_intra_quantizer_matrix follows it or whether the default should be used.

GOP Layer: This layer starts with nine mandatory elements, optionally followed
by extensions and user data, and by the (compressed) pictures themselves.

The 32-bit group start code 000001B8 is followed by the 25-bit time_code, which
consists of the following six data elements: drop_frame_flag (one bit) is zero unless
the picture rate is 29.97 Hz; time_code_hours (five bits, in the range [0,23]), data
elements time_code_minutes (six bits, in the range [0,59]), and time_code_seconds
(six bits, in the same range) indicate the hours, minutes, and seconds in the time interval
from the start of the sequence to the display of the first picture in the GOP. The 6-bit
time_code_pictures parameter indicates the number of pictures in a second. There is
a marker_bit between time_code_minutes and time_code_seconds.

Following the time_code there are two 1-bit parameters. The flag closed_gop is
set if the GOP is closed (i.e., its pictures can be decoded without reference to pictures
from outside the group). The broken_link flag is set to 1 if editing has disrupted the
original sequence of groups of pictures.

Picture Layer: Parameters in this layer specify the type of the picture (I, P,
B, or D) and the motion vectors for the picture. The layer starts with the 32-bit
picture_start_code, whose hexadecimal value is 00000100. It is followed by a 10-
bit temporal_reference parameter, which is the picture number (modulo 1024) in the
sequence. The next parameter is the 3-bit picture_coding_type (Table 9.29), and this
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is followed by the 16-bit vbv_delay that tells the decoder how many bits must be in
the compressed data buffer before the picture can be decoded. This parameter helps
prevent buffer overflow and underflow.

Code picture type
000 forbidden

001 I
010 P
011 B
100 D

101 reserved
111 reserved

Table 9.29: Picture Type Codes.

If the picture type is P or B, then this is followed by the forward motion vectors
scale information, a 3-bit parameter called forward_f_code (see Table 9.34). For B
pictures, there follows the backward motion vectors scale information, a 3-bit parameter
called backward_f_code.

Slice Layer: There can be many slices in a picture, so the start code of a slice
ends with a value in the range [1,175]. This value defines the macroblock row where the
slice starts (a picture can therefore have up to 175 rows of macroblocks). The horizontal
position where the slice starts in that macroblock row is determined by other parameters.

The quantizer_scale (five bits) initializes the quantizer scale factor, discussed
earlier in connection with the rounding of the quantized DCT coefficients. The ex-
tra_bit_slice flag following it is always 0 (the value 1 is reserved for future ISO
standards). Following this, the encoded macroblocks are written.

Macroblock Layer: This layer identifies the position of the macroblock relative to
the position of the current macroblock. It codes the motion vectors for the macroblock,
and identifies the zero and nonzero blocks in the macroblock.

Each macroblock has an address, or index, in the picture. Index values start at
0 in the upper-left corner of the picture and continue in raster order. When the en-
coder starts encoding a new picture, it sets the macroblock address to —1. The mac-
roblock_address_increment parameter contains the amount needed to increment the
macroblock address in order to reach the macroblock being coded. This parameter is
normally 1. If macroblock_address_increment is greater than 33, it is encoded as a
sequence of macroblock_escape codes, each incrementing the macroblock address by
33, followed by the appropriate code from Table 9.30.

The macroblock_type is a variable-size parameter, between 1 and 6 bits long, whose
values are listed in Table 9.31. Each value of this variable-size code is decoded into five
bits that become the values of the following five flags:

1. macroblock_quant. If set, a new 5-bit quantization scale is sent.
2. macroblock_motion_forward. If set, a forward motion vector is sent.
3. macroblock_motion_backward. If set, a backward motion vector is sent.
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Increment macroblock Increment macroblock
value address increment value address increment

1 1 19 0000 00
2 011 20 0000 0100 11
3 010 21 0000 0100 10
4 0011 22 0000 0100 011
5 0010 23 0000 0100 010
6 0001 1 24 0000 0100 001
7 0001 0 25 0000 0100 000
8 0000 111 26 0000 0011 111
9 0000 011 27 0000 0011 110
10 0000 1011 28 0000 0011 101
11 0000 1010 29 0000 0011 100
12 0000 1001 30 0000 0011 011
13 0000 1000 31 0000 0011 010
14 0000 0111 32 0000 0011 001
15 0000 0110 33 0000 0011 000
16 0000 0101 11 stuffing 0000 0001 111
17 0000 0101 10 escape 0000 0001 000
18 0000 0101 01

Table 9.30: Codes for Macroblock Address Increment.

Code quant forward backward pattern intra
I 1 0 0 0 0 1
01 1 0 0 0 1
001 0 1 0 0 0
01 0 0 0 1 0
00001 1 0 0 1 0
P 1 0 1 0 1 0
00010 1 1 0 1 0
00011 0 0 0 0 1
000001 1 0 0 0 1
0010 0 1 0 0 0
010 0 0 1 0 0
10 0 1 1 0 0
0011 0 1 0 1 0
000011 1 1 0 1 0
B 011 0 0 1 1 0
000010 1 0 1 1 0
11 0 1 1 1 0
00010 1 1 1 1 0
00011 0 0 0 0 1
000001 1 0 0 0 1
D 1 0 0 0 0 1

Table 9.31: Variable Length Codes for Macroblock Types.
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cbp cbp block # cbp cbp cbhp block # cbp
dec. binary 012345  code dec. binary 012345  code
0 000000 ...... forbidden 32 100000 c..... 1010
1 000001 ..... c 01011 33 100001 c....c 0010100
2 000010 .c. 01001 34 100010 c...c. 0010000
3 000011 ..cc 001101 35 100011 c¢...cc 00011100
4 000100 .C. 1101 36 100100 c..c. 001110
5 000101 .c.c 0010111 37 100101 c¢..c.c 00001110
6 000110 ..cc. 0010011 38 100110 c..cc 00001100
7 000111 ...ccc 00011111 39 100111 c..ccc 000000010
8 001000 ..c... 1100 40 101000 c.c.. 10000
9 001001 ..c..c 0010110 41 101001 c.c..c 00011000
10 001010 ..c.c. 0010010 42 101010 c.c.c. 00010100
11 001011 ..c.cc 00011110 43 101011 c.c.cc 00010000
12 001100 ..cc.. 10011 44 101100 c.cc.. 01110
13 001101 ..cc.c 00011011 45 101101 c.cc.c 00001010
14 001110 ..ccc. 00010111 46 101110 c.ccc. 00000110
15 001111 ..cccc 00010011 47 101111 c.cccc 000000110
16 010000 .c.... 1011 48 110000 cc. 10010
17 010001 .c...c 0010101 49 110001 cc...c 00011010
18 010010 .c..c. 0010001 50 110010 cc..c. 00010110
19 010011 .c..cc 00011101 51 110011 cc..cc 00010010
20 010100 .c.c. 10001 52 110100 cc.c.. 01101
21 010101 .c.c.c 00011001 53 110101 cc.c.c 00001001
22 010110 .c.cc. 00010101 54 110110 cc.cc. 00000101
23 010111 .c.ccc 00010001 55 110111 cc.ccc 000000101
24 011000 .cc. 001111 56 111000 ccc... 01100
25 011001 cc..c 00001111 57 111001 ccc..c 00001000
26 011010 cc.c 00001101 58 111010 ccc.c. 00000100
27 011011 cc.cc 000000011 59 111011 ccc.cc 000000100
28 011100 .ccc.. 01111 60 111100 cccc.. 111
29 011101 .ccc.c 00001011 61 111101 cccc.c 01010
30 011110 .cccc. 00000111 62 111110 ccccc. 01000
31 011111 .ccccc 000000111 63 111111 cccccc 001100
Table 9.32: Codes for Macroblock Address Increment.
011
> | 5
Y Cb Cr
Figure 9.33: Indexes of Six Blocks in a Macroblock.
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4. macroblock_pattern. If set, the coded_block_pattern code (variable length) listed

in Table 9.32 follows to code the six pattern_code bits of variable cbp discussed earlier

(blocks labeled “.” in the table are skipped, and blocks labeled ¢ are coded). These six

bits identify the six blocks of the macroblock as completely zero or not. The correspon-

dence between the six bits and blocks is shown in Figure 9.33, where block 0 corresponds
to the most-significant bit of the pattern_code.

5. macroblock_intra. If set, the six blocks of this macroblock are coded as intra.
These five flags determine the rest of the processing steps for the macroblock.
Once the pattern_code bits are known, blocks that correspond to 1 bits are en-

coded.

Block Layer: This layer is the lowest in the video sequence. It contains the encoded

8 x 8 blocks of quantized DCT coefficients. The coding depends on whether the block

contains luminance or chrominance samples and on whether the macroblock is intra or

nonintra. In nonintra coding, blocks that are completely zero are skipped; they don’t
have to be encoded.
The macroblock_intra flag gets its value from macroblock_type. If it is set, the

DC coefficient of the block is coded separately from the AC coefficients.

9.6.3 Motion Compensation

An important element of MPEG is motion compensation, which is used in inter coding
only. In this mode, the pels of the current picture are predicted by those of a previ-
ous reference picture (and, possibly, by those of a future reference picture). Pels are
subtracted, and the differences (which should be small numbers) are DCT transformed,
quantized, and encoded. The differences between the current picture and the reference
picture are normally caused by motion (either camera motion or scene motion), so best
prediction is obtained by matching a region in the current picture with a different re-
gion in the reference picture. MPEG does not require the use of any particular matching
algorithm, and any implementation can use its own method for matching macroblocks
(see Section 9.5 for examples of matching algorithms). The discussion here concentrates
on the operations of the decoder.

Differences between consecutive pictures may also be caused by random noise in
the video camera, or by variations of illumination, which may change brightness in a
nonuniform way. In such cases, motion compensation is not used, and each region ends
up being matched with the same spatial region in the reference picture.

If the difference between consecutive pictures is caused by camera motion, one
motion vector is enough for the entire picture. Normally, however, there is also scene
motion and movement of shadows, so a number of motion vectors are needed, to describe
the motion of different regions in the picture. The size of those regions is critical. A large
number of small regions improves prediction accuracy, whereas the opposite situation
simplifies the algorithms used to find matching regions and also leads to fewer motion
vectors and sometimes to better compression. Since a macroblock is such an important
unit in MPEG, it was also selected as the elementary region for motion compensation.

Another important consideration is the precision of the motion vectors. A motion
vector such as (15, —4) for a macroblock M typically means that M has been moved
from the reference picture to the current picture by displacing it 15 pels to the right
and four pels up (a positive vertical displacement is down). The components of the
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vector are in units of pels. They may, however, be in units of half a pel, or even smaller.
In MPEG-1, the precision of motion vectors may be either full-pel or half-pel, and the
encoder signals this decision to the decoder by a parameter in the picture header (this
parameter may be different from picture to picture).

It often happens that large areas of a picture move at identical or at similar speeds,
and this implies that the motion vectors of adjacent macroblocks are correlated. This is
the reason why the MPEG encoder encodes a motion vector by subtracting it from the
motion vector of the preceding macroblock and encoding the difference.

A P picture uses an earlier I picture or P picture as a reference picture. We say that
P pictures use forward motion-compensated prediction. When a motion vector MD for a
macroblock is determined (MD stands for motion displacement, since the vector consists
of two components, the horizontal and the vertical displacements), MPEG denotes the
motion vector of the preceding macroblock in the slice by PMD and computes the difference
dMD=MD-PMD. PMD is reset to zero at the start of a slice, after a macroblock is intra coded,
when the macroblock is skipped, and when parameter block_motion_forward is zero.

The 1-bit parameter full_pel_forward_vector in the picture header defines the
precision of the motion vectors (1=full-pel, O=half-pel). The 3-bit parameter for-
ward_f_code defines the range.

A B picture may use forward or backward motion compensation. If both are used,
then two motion vectors are calculated by the encoder for the current macroblock, and
each vector is encoded by first computing a difference, as in P pictures. Also, if both
motion vectors are used, then the prediction is the average of both. Here is how the
prediction is done in the case of both forward and backward prediction. Suppose that the
encoder has determined that macroblock M in the current picture matches macroblock
M B in the following picture and macroblock M F' in the preceding picture. Each pel
MTi, 7] in macroblock M in the current picture is predicted by computing the difference

_ MFTi,j] + MBI, j]
2 b

M, ]

where the quotient of the division by 2 is rounded to the nearest integer.

Parameters full_pel_forward_vector and forward_f_code have the same mean-
ing as for a P picture. In addition, there are the two corresponding parameters (for
backward) full_pel_backward_vector and backward_f_code.

The following rules apply when coding motion vectors in B pictures:

1. The quantity PMD is reset to zero at the start of a slice and after a macroblock is
skipped.

2. In a skipped macroblock, MD is predicted from the preceding macroblock in the slice.
3. When motion_vector_forward is zero, the forward MDs are predicted from the pre-
ceding macroblock in the slice.

4. When motion_vector_backward is zero, the backward MDs are predicted from the
preceding macroblock in the slice.

5. A B picture is predicted by means of I and P pictures but not by another B picture.
6. The two components of a motion vector (the motion displacements) are computed to
a precision of either full-pel or half-pel, as specified in the picture header.

www.it-ebooks.info

Amazon/DivX

Exhibit 1016
Page 51



900 9. Video Compression

Displacement Principal and Residual: The two components of a motion vector
are motion displacements. Each motion displacement has two parts, a principal and a
residual. The principal part is denoted by dMD,,. It is a signed integer that is given by
the product
dM D, =motion_codeX f,

where (1) motion_code is an integer parameter in the range [—16, +16], included in the
compressed stream by means of a variable-length code, and (2) f, the scaling factor, is
a power of 2 given by

f — 27'sizc.

The integer rsize is simply f_code — 1, where f_code is a 3-bit parameter with values
in the range [1,7]. This implies that rsize has values [0,6] and f is a power of 2 in the
range [1,2,4,8,16, 32, 64].

The residual part is denoted by r and is a positive integer, defined by

r = |dMD,| — |dMD|.

After computing r, the encoder encodes it by concatenating the ones-complement of r
and motion_r to the variable-length code for parameter motion_code. The parameter
motion_r is related to r by

motion_r=(f—1)—r,

and f should be chosen as the smallest value that satisfies the following inequalities for
the largest (positive or negative) differential displacement in the entire picture

—(16x f) < aMD < (16x f).

Once f has been selected, the value of parameter motion_code for the differential dis-
placement of a macroblock is given by

dMD + Sign(dMD) x (f — 1)
f )
where the quotient is rounded such that motion_codex f > dMD.
Table 9.34 lists the header parameters for motion vector computation (“p” stands
for picture header and “mb” stands for macroblock header). Table 9.35 lists the generic

and full names of the parameters mentioned here, and Table 9.36 lists the range of values
of motion_r as a function of £_code.

9.6.4 Pel Reconstruction

The main task of the MPEG decoder is to reconstruct the pels of the entire video
sequence. This is done by reading the codes of a block from the compressed stream,
decoding them, dequantizing them, and calculating the IDCT. For nonintra blocks in P
and B pictures, the decoder has to add the motion-compensated prediction to the results
of the IDCT. This is repeated six times (or fewer, if some blocks are completely zero)

motion_code =
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Header parameter set in number displacement
header of bits parameter

full_pel_forward_vector P 1 precision
forward_f_code P 3 range
full_pel_backward_vector p 1 precision
backward_f_code P 3 range
motion_horizontal_forward_code mb vle principal
motion_horizontal_forward_r mb forward_r_size residual
motion_vertical_forward_code mb vle principal
motion_vertical_forward_r mb forward_r_size residual

Table 9.34: Header Parameters for Motion Vector Computation.

Generic name Full name Range

full_pel_vector full_pel_forward_vector 0,1
full_pel_backward_vector

f_code forward_f_code 1-7
backward_£f_code

r_size forward_r_size 0-6
backward_r_size

f forward_f 1,2,4,8,16,32,64
backward_f

motion_code motion_horizontal_forward_code —16 — +16

motion_vertical_forward_code
motion_horizontal_backward_code
motion_vertical_backward_code

motion_r motion_horizontal_forward_r 0—(f-1)
motion_vertical_forward_r
motion_horizontal_backward_r
motion_vertical_backward_r

T compliment_horizontal_forward_.r 0 — (f—1)
compliment_vertical_forward_r
compliment_horizontal_backward_r
compliment_vertical_backward_r

Table 9.35: Generic Names for Motion Displacement Parameters.

f_code r_size f f-—1 r motion_r

1 0 1 0 0

2 1 2 1 0,1 1,0

3 2 4 3 03  3...0
4 3 8 7 07  7,....0
5 4 16 15 0-15 15,...,0
6 5 32 31 0-31 31,....,0
7 6 64 63 063 63,...,0

Table 9.36: Range of Values of motion_r as a Function of £_code.
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for the six blocks of a macroblock. The entire sequence is decoded picture by picture,
and within each picture, macroblock by macroblock.

It has already been mentioned that the IDCT is not rigidly defined in MPEG, which
may lead to accumulation of errors, called IDCT mismatch, during decoding.

For intra-coded blocks, the decoder reads the differential code of the DC coefficient
and uses the decoded value of the previous DC coefficient (of the same type) to decode
the DC coefficient of the current block. It then reads the run-level codes until an EOB
code is encountered, and decodes them, generating a sequence of 63 AC coefficients,
normally with few nonzero coefficients and runs of zeros between them. The DC and
63 AC coefficients are then collected in zigzag order to create an 8 x 8 block. After
dequantization and inverse DCT calculation, the resulting block becomes one of the six
blocks that make up a macroblock (in intra coding all six blocks are always coded, even
those that are completely zero).

For nonintra blocks, there is no distinction between DC and AC coefficients and
between luminance and chrominance blocks. They are all decoded in the same way.

9.7 MPEG-4

MPEG-4 is a new standard for audiovisual data. Although video and audio compression
is still a central feature of MPEG-4, this standard includes much more than just com-
pression of the data. As a result, MPEG-4 is huge and this section can only describe
its main features. No details are provided. We start with a bit of history (see also
Section 9.9).

The MPEG-4 project started in May 1991 and initially aimed at finding ways to
compress multimedia data to very low bitrates with minimal distortions. In July 1994,
this goal was significantly altered in response to developments in audiovisual technolo-
gies. The MPEG-4 committee started thinking of future developments and tried to guess
what features should be included in MPEG-4 to meet them. A call for proposals was
issued in July 1995 and responses were received by October of that year. (The propos-
als were supposed to address the eight major functionalities of MPEG-4, listed below.)
Tests of the proposals were conducted starting in late 1995. In January 1996, the first
verification model was defined, and the cycle of calls for proposals—proposal implemen-
tation and verification was repeated several times in 1997 and 1998. Many proposals
were accepted for the many facets of MPEG-4, and the first version of MPEG-4 was
accepted and approved in late 1998. The formal description was published in 1999 with
many amendments that keep coming out.

At present (mid-2006), the MPEG-4 standard is designated the ISO/IEC 14496
standard, and its formal description, which is available from [ISO 03], consists of 17
parts plus new amendments. More readable descriptions can be found in [Pereira and
Ebrahimi 02] and [Symes 03].

MPEG-1 was originally developed as a compression standard for interactive video
on CDs and for digital audio broadcasting. It turned out to be a technological triumph
but a visionary failure. On the one hand, not a single design mistake was found during
the implementation of this complex algorithm and it worked as expected. On the other
hand, interactive CDs and digital audio broadcasting have had little commercial success,

www.it-ebooks.info

Amazon/DivX

Exhibit 1016
Page 54



9.7 MPEG-4 903

so MPEG-1 is used today for general video compression. One aspect of MPEG-1 that was
supposed to be minor, namely MP3, has grown out of proportion and is commonly used
today for audio (Section 10.14). MPEG-2, on the other hand, was specifically designed
for digital television and this standard has had tremendous commercial success.

The lessons learned from MPEG-1 and MPEG-2 were not lost on the MPEG com-
mittee members and helped shape their thinking for MPEG-4. The MPEG-4 project
started as a standard for video compression at very low bitrates. It was supposed to de-
liver reasonable video data in only a few thousand bits per second. Such compression is
important for video telephones, video conferences or for receiving video in a small, hand-
held device, especially in a mobile environment, such as a moving car. After working on
this project for two years, the committee members, realizing that the rapid development
of multimedia applications and services will require more and more compression stan-
dards, have revised their approach. Instead of a compression standard, they decided to
develop a set of tools (a toolbox) to deal with audiovisual products in general, at present
and in the future. They hoped that such a set will encourage industry to invest in new
ideas, technologies, and products in confidence, while making it possible for consumers
to generate, distribute, and receive different types of multimedia data with ease and at
a reasonable cost.

Traditionally, methods for compressing video have been based on pixels. Each video
frame is a rectangular set of pixels, and the algorithm looks for correlations between
pixels in a frame and between frames. The compression paradigm adopted for MPEG-4,
on the other hand, is based on objects. (The name of the MPEG-4 project was also
changed at this point to “coding of audiovisual objects.”) In addition to producing a
movie in the traditional way with a camera or with the help of computer animation, an
individual generating a piece of audiovisual data may start by defining objects, such as
a flower, a face, or a vehicle, and then describing how each object should be moved and
manipulated in successive frames. A flower may open slowly, a face may turn, smile,
and fade, a vehicle may move toward the viewer and appear bigger. MPEG-4 includes
an object description language that provides for a compact description of both objects
and their movements and interactions.

Another important feature of MPEG-4 is interoperability. This term refers to the
ability to exchange any type of data, be it text, graphics, video, or audio. Obviously,
interoperability is possible only in the presence of standards. All devices that produce
data, deliver it, and consume (play, display, or print) it must obey the same rules and
read and write the same file structures.

During its important July 1994 meeting, the MPEG-4 committee decided to revise
its original goal and also started thinking of future developments in the audiovisual field
and of features that should be included in MPEG-4 to meet them. They came up with
eight points that they considered important functionalities for MPEG-4.

1. Content-based multimedia access tools. The MPEG-4 standard should
provide tools for accessing and organizing audiovisual data. Such tools may include
indexing, linking, querying, browsing, delivering files, and deleting them. The main
tools currently in existence are listed later in this section.

2. Content-based manipulation and bitstream editing. A syntax and a
coding scheme should be part of MPEG-4. The idea is to enable users to manipulate
and edit compressed files (bitstreams) without fully decompressing them. A user should
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904 9. Video Compression

be able to select an object and modify it in the compressed file without decompressing
the entire file.

3. Hybrid natural and synthetic data coding. A natural scene is normally
produced by a video camera. A synthetic scene consists of text and graphics. MPEG-4
recognizes the need for tools to compress natural and synthetic scenes and mix them
interactively.

4. Improved temporal random access. Users may often want to access part
of the compressed file, so the MPEG-4 standard should include tags to make it easy to
quickly reach any point in the file. This may be important when the file is stored in a
central location and the user is trying to manipulate it remotely, over a slow communi-
cations channel.

5. Improved coding efficiency. This feature simply means improved compres-
sion. Imagine a case where audiovisual data has to be transmitted over a low-bandwidth
channel (such as a telephone line) and stored in a low-capacity device such as a smart-
card. This is possible only if the data is well compressed, and high compression rates
(or equivalently, low bitrates) normally involve a trade-off in the form of smaller image
size, reduced resolution (pixels per inch), and lower quality.

6. Coding of multiple concurrent data streams. It seems that future audiovi-
sual applications will allow the user not just to watch and listen but also to interact with
the image. As a result, the MPEG-4 compressed stream can include several views of
the same scene, enabling the user to select any of them to watch and to change views at
will. The point is that the different views may be similar, so any redundancy should be
eliminated by means of efficient compression that takes into account identical patterns
in the various views. The same is true for the audio part (the soundtracks).

7. Robustness in error-prone environments. MPEG-4 must provide error-
correcting codes for cases where audiovisual data is transmitted through a noisy channel.
This is especially important for low-bitrate streams, where even the smallest error may
be noticeable and may propagate and affect large parts of the audiovisual presentation.

8. Content-based scalability. The compressed stream may include audiovisual
data in fine resolution and high quality, but any MPEG-4 decoder should be able to
decode it at low resolution and low quality. This feature is useful in cases where the
data is decoded and displayed on a small, low-resolution screen, or in cases where the
user is in a hurry and prefers to see a rough image rather than wait for a full decoding.

Once the eight fundamental functionalities above have been identified and listed,
the MPEG-4 committee started the process of developing separate tools to satisfy these
functionalities. This is an ongoing process that continues to this day and will continue
in the future. An MPEG-4 author faced with an application has to identify the require-
ments of the application and select the right tools. It is now clear that compression is
a central requirement in MPEG-4, but not the only requirement, as it was for MPEG-1
and MPEG-2.

An example may serve to illustrate the concept of natural and synthetic objects. In
a news session on television, a few seconds may be devoted to the weather. The viewers
see a weather map of their local geographic region (a computer-generated image) that
may zoom in and out and pan. Graphic images of sun, clouds, rain drops, or a rainbow
(synthetic scenes) appear, move, and disappear. A person is moving, pointing, and
talking (a natural scene), and text (another synthetic scene) may also appear from time
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to time. All those scenes are mixed by the producers into one audiovisual presentation
that’s compressed, transmitted (on television cable, on the air, or into the Internet),
received by computers or television sets, decompressed, and displayed (consumed).

In general, audiovisual content goes through three stages: production, delivery, and
consumption. Fach of these stages is summarized below for the traditional approach
and for the MPEG-4 approach.

Production. Traditionally, audiovisual data consists of two-dimensional scenes; it
is produced with a camera and microphones and consists of natural objects. All the
mixing of objects (composition of the image) is done during production. The MPEG-4
approach is to allow for both two-dimensional and three-dimensional objects and for
natural and synthetic scenes. The composition of objects is explicitly specified by the
producers during production by means of a special language. This allows later editing.

Delivery. The traditional approach is to transmit audiovisual data on a few net-
works, such as local-area networks and satellite transmissions. The MPEG-4 approach
is to let practically any data network carry audiovisual data. Protocols exist to transmit
audiovisual data over any type of network.

Consumption. Traditionally, a viewer can only watch video and listen to the
accompanying audio. Everything is precomposed. The MPEG-4 approach is to allow
the user as much freedom of composition as possible. The user should be able to interact
with the audiovisual data, watch only parts of it, interactively modify the size, quality,
and resolution of the parts being watched, and be as active in the consumption stage as
possible.

Because of the wide goals and rich variety of tools available as part of MPEG-4,
this standard is expected to have many applications. The ones listed here are just a few
important examples.

1. Streaming multimedia data over the Internet or over local-area networks. This
is important for entertainment and education.

2. Communications, both visual and audio, between vehicles and/or individuals.
This has military and law enforcement applications.

3. Broadcasting digital multimedia. This, again, has many entertainment and
educational applications.

4. Context-based storage and retrieval. Audiovisual data can be stored in com-
pressed form and retrieved for delivery or consumption.

5. Studio and television postproduction. A movie originally produced in English
may be translated to another language by dubbing or subtitling.

6. Surveillance. Low-quality video and audio data can be compressed and trans-
mitted from a surveillance camera to a central monitoring location over an inexpensive,
slow communications channel. Control signals may be sent back to the camera through
the same channel to rotate or zoom it in order to follow the movements of a suspect.

7. Virtual conferencing. This time-saving application is the favorite of busy execu-
tives.

Our short description of MPEG-4 concludes with a list of the main tools specified
by the MPEG-4 standard.

Object descriptor framework. Imagine an individual participating in a video
conference. There is an MPEG-4 object representing this individual and there are video
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and audio streams associated with this object. The object descriptor (OD) provides
information on elementary streams available to represent a given MPEG-4 object. The
OD also has information on the source location of the streams (perhaps a URL) and
on various MPEG-4 decoders available to consume (i.e., display and play sound) the
streams. Certain objects place restrictions on their consumption, and these are also
included in the OD of the object. A common example of a restriction is the need to
pay before an object can be consumed. A video, for example, may be watched only if
it has been paid for, and the consumption may be restricted to streaming only, so that
the consumer cannot copy the original movie.

Systems decoder model. All the basic synchronization and streaming features
of the MPEG-4 standard are included in this tool. It specifies how the buffers of the
receiver should be initialized and managed during transmission and consumption. It
also includes specifications for timing identification and mechanisms for recovery from
erTors.

Binary format for scenes. An MPEG-4 scene consists of objects, but for the
scene to make sense, the objects must be placed at the right locations and moved and
manipulated at the right times. This important tool (BIFS for short) is responsible for
describing a scene, both spatially and temporally. It contains functions that are used to
describe two-dimensional and three-dimensional objects and their movements. It also
provides ways to describe and manipulate synthetic scenes, such as text and graphics.

MPEG-J. A user may want to use the Java programming language to implement
certain parts of an MPEG-4 content. MPEG-J allows the user to write such MPEGlets
and it also includes useful Java APIs that help the user interface with the output device
and with the networks used to deliver the content. In addition, MPEG-J also defines a
delivery mechanism that allows MPEGlets and other Java classes to be streamed to the
output separately.

Extensible MPEG-4 textual format. This tool is a format, abbreviated XMT,
that allows authors to exchange MPEG-4 content with other authors. XMT can be
described as a framework that uses a textual syntax to represent MPEG-4 scene de-
scriptions.

Transport tools. Two such tools, MP4 and FlexMux, are defined to help users
transport multimedia content. The former writes MPEG-4 content on a file, whereas
the latter is used to interleave multiple streams into a single stream, including timing
information.

Video compression. It has already been mentioned that compression is only one
of the many goals of MPEG-4. The video compression tools consist of various algorithms
that can compress video data to bitrates between 5 kbits/sec (very low bitrate, implying
low-resolution and low-quality video) and 1 Gbit/sec. Compression methods vary from
very lossy to nearly lossless, and some also support progressive and interlaced video.
Many MPEG-4 objects consist of polygon meshes, so most of the video compression
tools are designed to compress such meshes. Section 11.11 is an example of such a
method.

Robustness tools. Data compression is based on removing redundancies from the
original data, but this also renders the data more vulnerable to errors. All methods
for error detection and correction are based on increasing the redundancy of the data.
MPEG-4 includes tools to add robustness, in the form of error-correcting codes, to
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the compressed content. Such tools are important in applications where data has to
be transmitted through unreliable lines. Robustness also has to be added to very low
bitrate MPEG-4 streams because these suffer most from errors.

Fine-grain scalability. When MPEG-4 content is streamed, it is sometimes de-
sirable to first send a rough image, and then improve its visual quality by adding layers
of extra information. This is the function of the fine-grain scalability (FGS) tools.

Face and body animation. Often, an MPEG-4 file contains human faces and
bodies, and they have to be animated. The MPEG-4 standard therefore provides tools
for constructing and animating such surfaces.

Speech coding. Speech may often be part of MPEG-4 content, and special tools
are provided to compress it efficiently at bitrates from 2 Kbit/sec up to 24 Kbit/sec. The
main algorithm for speech compression is CELP, but there is also a parametric coder.

Audio coding. Several algorithms are available as MPEG-4 tools for audio com-
pression. Examples are (1) advanced audio coding (AAC, Section 10.15), (2) transform-
domain weighted interleave vector quantization (Twin VQ, can produce low bitrates
such as 6 kbit/sec/channel), and (3) harmonic and individual lines plus noise (HILN, a
parametric audio coder).

Synthetic audio coding. Algorithms are provided to generate the sound of famil-
iar musical instruments. They can be used to generate synthetic music in compressed
format. The MIDI format, popular with computer music users, is also included among
these tools. Text-to-speech tools allow authors to write text that will be pronounced
when the MPEG-4 content is consumed. This text may include parameters such as pitch
contour and phoneme duration that improve the speech quality.

9.8 H.261

In late 1984, the CCITT (currently the ITU-T) organized an expert group to develop
a standard for visual telephony for ISDN services. The idea was to send images and
sound between special terminals, so that users could talk and see each other. This
type of application requires sending large amounts of data, so compression became an
important consideration. The group eventually came up with a number of standards,
known as the H series (for video) and the G series (for audio) recommendations, all
operating at speeds of p x 64 Kbit/sec for 1 < p < 30. These standards are known today
under the umbrella name of p x 64 and are summarized in Table 9.37. This section
provides a short summary of the H.261 standard [Liou 91].

Members of the px 64 also participated in the development of MPEG, so the two
methods have many common elements. There is, however, an important difference
between them. In MPEG, the decoder must be fast, since it may have to operate in
real time, but the encoder can be slow. This leads to very asymmetric compression,
and the encoder can be hundreds of times more complex than the decoder. In H.261,
both encoder and decoder operate in real time, so both have to be fast. Still, the H.261
standard defines only the data stream and the decoder. The encoder can use any method
as long as it creates a valid compressed stream. The compressed stream is organized in
layers, and macroblocks are used as in MPEG. Also, the same 8x8 DCT and the same
zigzag order as in MPEG are used. The intra DC coefficient is quantized by always
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Standard Purpose

H.261 Video

H.221 Communications

H.230 Initial handshake

H.320 Terminal systems

H.242 Control protocol

G.711 Companded audio (64 Kbits/s)
G.722 High quality audio (64 Kbits/s)
G.728 Speech (LD-CELP @16kbits/s)

Table 9.37: The px 64 Standards.

dividing it by 8, and it has no dead zone. The inter DC and all AC coefficients are
quantized with a dead zone.

Motion compensation is used when pictures are predicted from other pictures, and
motion vectors are coded as differences. Blocks that are completely zero can be skipped
within a macroblock, and variable-length codes that are very similar to those of MPEG
(such as run-level codes), or are even identical (such as motion vector codes) are used.
In all these aspects, H.261 and MPEG are very similar.

There are, however, important differences between them. H.261 uses a single quan-
tization coefficient instead of an 8 x8 table of QCs, and this coefficient can be changed
only after 11 macroblocks. AC coefficients that are intra coded have a dead zone. The
compressed stream has just four layers, instead of MPEG’s six. The motion vectors are
always full-pel and are limited to a range of just +15 pels. There are no B pictures, and
only the immediately preceding picture can be used to predict a P picture.

9.8.1 H.261 Compressed Stream

H.261 limits the image to just two sizes, the common intermediate format (CIF), which
is optional, and the quarter CIF (QCIF). These are shown in Figure 9.38a,b. The CIF
format has dimensions of 288 x 360 for luminance, but only 352 of the 360 columns of
pels are actually coded, creating an active area of 288 x 352 pels. For chrominance, the
dimensions are 144 x 180, but only 176 columns are coded, for an active area of 144 x 176
pels. The QCIF format is one-fourth of CIF, so the luminance component is 144 x 180
with an active area of 144 x 176, and the chrominance components are 72 x 90, with an
active area of 72 x 88 pels.

The macroblocks are organized in groups (known as groups of blocks or GOB) of 33
macroblocks each. Each GOB is a 3 x 11 array (48 x 176 pels), as shown in Figure 9.38c.
A CIF picture consists of 12 GPBs, and a QCIF picture is three GOBs, numbered as in
Figure 9.38d.

Figure 9.39 shows the four H.261 video sequence layers. The main layer is the
picture layer. It start with a picture header, followed by the GOBs (12 or 3, depending
on the image size). The compressed stream may contain as many pictures as necessary.
The next layer is the GOB, which consists of a header, followed by the macroblocks. If
the motion compensation is good, some macroblocks may be completely zero and may
be skipped. The macroblock layer is next, with a header that may contain a motion
vector, followed by the blocks. There are six blocks per macroblock, but blocks that are
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Figure 9.39: H.261 Video Sequence Layers.

zero are skipped. The block layer contains the blocks that are coded. If a block is coded,
its nonzero coefficients are encoded with a run-level code. A 2-bit EOB code terminates
each block.
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9.9 H.264

The last years of the 20th century witnessed an unprecedented and unexpected progress
in computing power, video applications, and network support for video data. Both
producers and consumers of video felt the need for an advanced video codec to replace
the existing video compression standards H.261, H.262, and H.263. The last of these
standards, H.263, was developed around 1995 and in 2001 was already outdated. The two
groups responsible for developing video compression standards, ISO-MPEG and ITU-
VCEG (motion pictures experts group and video coding experts group), felt that the
new standard should offer (1) increased compression efficiency, (2) support for special
video applications such as videoconferencing, DVD storage, video broadcasting, and
streaming over the Internet, and (3) greater reliability. In 2001, in response to this
demand, the ITU started two projects. The first, short term, project was an attempt
to add extra features to H.263. This project resulted in version 2 of this standard.
The second, long term, project was an effort to develop a new standard for efficient
(i-e., low bitrate) video compression. This project received the codename H.26L. In the
same year, the ITU established a new study group, SG 16, whose members came from
MPEG and VCEG, and whose mission was to study new methods, select promising
ones, and implement, test, and approve the new standard. The new standard, H.264,
was approved in May 2003 [ITU-T264 02], and a corrigendum was added and approved
in May 2004. This standard, which is now part of the huge MPEG-4 project, is known by
several names. The ITU calls it ITU-T Recommendation H.264, advanced video coding
for generic audiovisual services. Its official title is advanced video coding (AVC). The
ISO considers it part 10 of the MPEG-4 standard. Regardless of its title, this standard
(referred to in this section as H.264) is the best video codec available at the time of
writing (mid 2006).

The following is a list of some of the many references currently available for H.264.
The official standard is [H.264Draft 06]. As usual with such standards, this document
describes only the format of the compressed stream and the operation of the decoder. As
such, it is difficult to follow. The main text is [Richardson 03], a detailed book on H.264
and MPEG-4. The integer transform of H.264 is surveyed in [H.264Transform 06]. Many
papers and articles are available online at [H.264Standards 06]. Two survey papers by
Tain Richardson [H.264PaperIR 06] and Rico Malvar [H.264PaperRM 06] are also widely
available and serve as introductions to this topic. The discussion in this section follows
both [H.264Draft 06] and [Richardson 03].
Principles of operation
The H.264 standard does not specify the operations of the encoder, but it makes sense
to assume that practical implementations of the encoder and decoder will consist of
the building blocks shown in Figures 9.40 and 9.41, respectively. Those familiar with
older video codecs will notice that the main components of H.264 (prediction, transform,
quantization, and entropy encoding) are not much different from those of its predecessors
MPEG-1, MPEG-2, MPEG-4, H.261, and H.263. What makes H.264 new and original
are the details of those components and the presence of the only new component, the
filter. Because of this similarity, the discussion here concentrates on those features of
H.264 that distinguish it from its predecessors. Readers who are interested in more
details should study the principles of MPEG-1 (Section 9.6) before reading any further.
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The input to a video encoder is a set of video frames (where a frame may consist
of progressive or interlaced video). Each frame is encoded separately, and the encoded
frame is referred to as a coded picture. There are several types of frames, mostly I, P,
and B as discussed at the start of Section 9.5, and the order in which the frames are
encoded may be different from the order in which they have to be displayed (Figure 9.9).
A frame is broken up into slices, and each slice is further partitioned into macroblocks
as illustrated in Figure 9.17.

In H.264, slices and macroblocks also have types. An I slice may have only I-type
macroblocks, a P slice may have P and I macroblocks, and a B slice may have B and
I macroblocks (there are also slices of types SI and SP). Figure 9.40 shows the main
steps of the H.264 encoder. A frame F,, is predicted (each macroblock in the frame is
predicted by other macroblocks in the same frame or by macroblocks from other frames).
The predicted frame P is subtracted from the original F,, to produce a difference Dy,
which is transformed (in the box labeled T), filtered (in Q), reordered, and entropy
encoded. What is new in the H.264 encoder is the reconstruction path.

F +/j Dy, X
Ent
(CurrZrAt) \ T Q Reorder (= er{lccfggy
ME l
|_> l NAL
)
n—1 o inter
(ref) MC —>e
\__ P
—> Qh(g?se | intra [—>e
| prel:ili(l:?ion prediction intra
+
uk, D’
( Fr t)‘_ Filter L C}_ﬂ T-1— Q_l e
recons
+

Figure 9.40: H.264 Encoder.

Even a cursory glance at Figure 9.40 shows that the encoder consists of two data
paths, a “forward” path (mostly from left to right, shown in thick lines) and a “re-
construction” path (mostly from right to left, shown in thin lines). The decoder (Fig-
ure 9.41) is very similar to the encoder’s reconstruction path and has most of the latter’s
components.

The main part of the encoder is its forward path. The next video frame to be
compressed is denoted by F,. The frame is partitioned into macroblocks of 16 x 16
pixels each, and each macroblock is encoded in intra or inter mode. In either mode,
a prediction macroblock P is constructed based on a reconstructed video frame. In
the intra mode, P is constructed from previously-encoded samples in the current frame
n. These samples are decoded and reconstructed, becoming uF) in the figure. In the
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inter mode, P is constructed by motion-compensated prediction from one or several
reference frames (F)_; in the Figure). Notice that the prediction for each macroblock
may be based on one or two frames that have already been encoded and reconstructed
(these may be past or future frames). The prediction macroblock P is then subtracted
from the current macroblock to produce a residual or difference macroblock D,. This
macroblock is transformed and quantized to produce a set X of quantized transform
coefficients. The coefficients are reordered in zigzag and entropy encoded into a short
bit string. This string, together with side information for the decoder (also entropy
encoded, it includes the macroblock prediction mode, quantizer step size, motion vector
information specifying the motion compensation, as well as other items), become the
compressed stream which is passed to a network abstraction layer (NAL) for transmission
outside the computer or proper storage. NAL consists of units, each with a header and a
raw byte sequence payload (RBSP) that can be sent as packets over a network or stored
as records that constitute the compressed file.

Each slice starts with a header that contains the slice type, the number of the coded
picture that includes the slice, and other information. The slice data consists mostly of
coded macroblocks, but may also have skip indicators, indicating macroblocks that have
been skipped (not encoded).

Slices of type I (intra) contain only I macroblocks (macroblocks that are predicted
from previous macroblocks in the same slice). This type of slice is used in all three
profiles (profiles are discussed below).

Slices of type P (predicted) contain P and/or I macroblocks. The former type is
predicted from one reference picture. This type of slice is used in all three profiles.

Slices of type B (bipredictive) contain B and/or I macroblocks. The former type
is predicted from a list of reference pictures. This type of slice is used in the main and
extended profiles.

Slices of type SP (switching P) are special. They facilitate switching between coding
streams and they contain extended P and/or I macroblocks. This type of slice is used
only in the extended profile.

Slices of type ST (switching I) are also special and contain extended ST macroblocks.
This type of slice is used only in the extended profile.

The encoder has a special reconstruction path whose purpose is to reconstruct a
frame for encoding of further macroblocks. The main step in this path is to decode
the quantized macroblock coefficients X. They are rescaled in box Q! and inverse
transformed in T, resulting in a difference macroblock D/,. Notice that this macroblock
is different from the original difference macroblock D, because of losses introduced by
the quantization. We can consider D/, a distorted version of D,,. The next step creates a
reconstructed macroblock uF!, (a distorted version of the original macroblock) by adding
the prediction macroblock P to D] . Finally, a filter is applied to a series of macroblocks
uF/ in order to soften the effects of blocking. This creates a reconstructed reference
frame F7,.

The decoder (Figure 9.41) inputs a compressed bitstream from the NAL. The first
two steps (entropy decoding and reordering) produce a set of quantized coefficients X.
Once these are rescaled and inverse transformed they result in a D] identical to the
DI of the encoder). Using the header side information from the bitstream, the decoder
constructs a prediction macroblock P, identical to the original prediction P created by
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Figure 9.41: H.264 Decoder.

the encoder. In the next step, P is added to D to produce uF,. In the final step, uF,
is filtered to create the decoded macroblock F; .

Figures 9.40 and 9.41 and the paragraphs above make it clear that the reconstruction
path in the encoder has an important task. It ensures that both encoder and decoder use
identical reference frames to create the prediction P. It is important for the predictions
P in encoder and decoder to be identical, because any changes between them tend to
accumulate and lead to an increasing error or “drift” between the encoder and decoder.

The remainder of this section discusses several important features of H.264. We start
with the profiles and levels. H.264 defines three profiles, baseline, main, and extended.
Fach profile consists of a certain set of encoding functions, and each is intended for
different video applications. The baseline profile is designed for videotelephony, video
conferencing, and wireless communication. It has inter and intra coding with I and P
slices and performs the entropy encoding with context-adaptive variable-length codes
(CAVLC). The main profile is designed to handle television broadcasting and video
storage. It can deal with interlaced video, perform inter coding with B slices, and encode
macroblocks with context-based arithmetic coding (CABAC). The extended profile is
intended for streaming video and audio. It supports only progressive video and has
modes to encode SP and ST slices. It also employs data partitioning for greater error
control. Figure 9.42 shows the main components of each profile and makes it clear that
the baseline profile is a subset of the extended profile.

This section continues with the main components of the baseline profile. Those who
are interested in the details of the main and extended profiles are referred to [Richard-
son 03].

The baseline profile

This profile handles I and P slices. The macroblocks in an [ slice are intra coded, mean-
ing that each macroblock is predicted from previous macroblocks in the same slice. The
macroblocks in a P slice can either be skipped, intra coded, or inter coded. The latter
term means that a macroblock is predicted from the same macroblock in previously-
coded pictures. H.264 uses a tree-structured motion compensation algorithm based on
motion vectors as described in Section 9.5.

Once a macroblock F, has been predicted, the prediction is subtracted from F
to obtain a macroblock D, of residuals. The residuals are transformed with a 4 x 4
integer transform, similar to the DCT. The transform coefficients are reordered (collected
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Figure 9.42: H.264 Profiles.

in zigzag order), quantized, and encoded by a context-adaptive variable-length code
(CAVLC). Other information that has to go on the compressed stream is encoded with
a Golomb code.

Inter prediction. The model for inter prediction is based on several frames that have
already been encoded. The model is similar to that employed by older MPEG video
standards, with the main differences being (1) it can deal with block sizes from 16 x 16
video samples down to 4 x4 samples and (2) it uses fine-resolution motion vectors.

The tree-structured motion compensation algorithm starts by splitting the luma
component of a 16 x 16 macroblock into partitions and computing a separate motion
vector for each partition. Thus, each partition is motion compensated separately. A
macroblock can be split in four different ways as illustrated in Figure 9.43a. The mac-
roblock is either left as a single 16 x 16 block, or is split in one of three ways into (1)
two 8 x 16 partitions, (2) two 16 x 8 partitions, or (3) four 8 x 8 partitions. If the latter
split is chosen, then each partition may be further split in one of four ways as shown in
Figure 9.43b.

The partition sizes listed here are for the luma color component of the macroblock.
Each of the two chroma components (Cb and Cr) is partitioned in the same way as the
luma component, but with half the vertical and horizontal sizes. As a result, when a
motion vector is applied to the chroma partitions, its vertical and horizontal components
have to be halved.

It is obvious that the partitioning scheme and the individual motion vectors have
to be sent to the decoder as side information. There is therefore an important trade-
off between the better compression that results from small partitions and the larger
side information that small partitions require. The choice of partition size is therefore
important, and the general rule is that large partitions should be selected by the encoder
for uniform (or close to uniform) regions of a video frame while small partitions perform
better for regions with much video noise.

Intra prediction. In this mode, the luma component of a macroblock either remains
a single 16 x 16 block or is split into small 4 x 4 partitions. In the former case, the
standard specifies four methods (summarized later) for predicting the macroblock. In
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16 8 8
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16x16 8x16 16x8 8x8 (a)
8 4 4
0 0 1
8 0 0 1
1 2 3
8x8 4x8 8x4 4x4 (b)

Figure 9.43: H.264 Macroblock Partitions.

the latter case, the 16 elements of a 4 x4 partition are predicted in one of nine modes
from 12 elements of three previously-encoded partitions to its left and above it. These 12
elements are shown in the top-left part of Figure 9.44 where they are labeled A through
H, I through L, and M. Either the x or the y coordinate of these elements is —1. Notice
that these elements have already been encoded and reconstructed, which implies that
they are also available to the decoder, not just to the encoder. The 16 elements of
the partition to be predicted are labeled a-—p, and their z and y coordinates are in the
interval [0, 3]. The remaining nine parts of Figure 9.44 show the nine prediction modes
available to the encoder. A sophisticated encoder should try all nine modes, predict
the 4 x4 partition nine times, and select the best prediction. The mode number for
each partition should be written on the compressed stream for the use of the decoder.
Following are the details of each of the nine modes.

Labeling 0 (vertical) 1 (horizontal) 2 (DC) 3 (diagonal down-left)
ula[B[c[p[e[F[c[a] [M[a[B[c[D[E[F[Gc[H] [mM]a[Blc[p[E[F[G[H] [M[a[e]c]p[E[F][c][H] [M[a]e]c]D]E]F][G]H]
Ilabc I IS I| Mean I
Jle fgh J J|— J J
K|ijk1l K K|—— K(A"D) K
[Lijmn o p L] lL|———— | I..L) L]

4 (diagonal down-right) 5 (vertical-right) 6 (horizontal down) 7 (vertical left) 8 (horizontal up)
m[a[B[c[p[E[F[c[H] [M[a[B[c[D[ElFlcIH] [M[alelc[DlElFlcla] [M[a]]c|plE[Flcla] [M[alB]cID[EIFIGIH]
I Y I I I L~
J J J\ J J/

K K K K K
Ak A\ A\ L] A/

Figure 9.44: Nine Luma Prediction Modes.

Mode 0 (vertical) is simple. Elements a, e, i, and m are set to A. In general p(z,y) =
p(z,—1) for 2,y =0, 1, 2, and 3.

Mode 1 (horizontal) is similar. Elements a, b, c, and d are set to I. In general
p(z,y) = p(—1,y) for x,y =0, 1, 2, and 3.

Mode 2 (DC). Each of the 16 elements is set to the average (I+J+X+L-+A+B+
C+D+4)/8. If any of A, B, C, and D haven’t been previously encoded, then each of the

www.it-ebooks.info

Amazon/DivX

Exhibit 1016
Page 67



916 9. Video Compression

16 elements is set to the average (I + J 4 K + L + 2)/4. Similarly, if any of I, J, K, and
L haven’t been previously encoded, then each of the 16 elements is set to the average
(A+B+C+D+2)/4. In the case where some of A, B, C, and D and some of I, J, K, and L
haven’t been previously encoded, each of the 16 elements is set to 128. This mode can
always be selected and used by the encoder.

Mode 3 (diagonal down-left). This mode can be used only if all eight elements A
through H have been encoded. Element p is set to (G + 3H + 2)/4, and elements p(z, y)
where x # 3 or y # 3 are set to [p(x +y, —1)+2p(x+y+1,-1)+p(z+y+2,-1)+2]/4.
As an example, element g, whose coordinates are (2,1), is set to the average [p(3,—1) +
2p(4, —1) + p(5,—1) 4 2]/4 = [D + 2E + F + 2] /4.

Mode 4 (diagonal down-right). This mode can be used only if elements A through
D, M, and I through L have been encoded. The four diagonal elements a, f, k, and p are
set to [A+ 2M + I + 2]/4. Elements p(z,y) where z > y are set to [p(x —y — 2,—1) +
2p(x—y—1,-1)+p(x—y,—1)+2]/4. Elements where x < y are set to a similar average
but with y — z instead of  — y. Example. Element h, whose coordinates are (3, 1), is
set to [p(0,—1) + 2p(1,—1) + p(2,—-1) +2]/4 = [A+ 2B+ C + 2] /4.

Mode 5 (vertical right). This mode can be used only if elements A through D, M, and
I through L have been encoded. We set variable z to 2z —y. If z is even (equals 0, 2, 4, or
6), element p(x,y) is set to [p(x —y/2—1,—1)+p(x —y/2,—1)+1]/2. If z equals 1, 3, or
5, element p(z,y) is set to p[(x —y/2—2, —1)+2p(z—y/2—1,-1)+p(z—y/2,—1)+2] /4.
If 2 = —1, element p(x,y) is set to [A 4 2M+ I + 2]/4. Finally, if 2 = —2 or —3, element
p(ﬂc,y) is set to [p(_lvy - 1) + 2p(_17y - 2) +p(_17y - 3) + 2}/4

Mode 6 (horizontal down). This mode can be used only if elements A through D, M,
and I through L have been encoded. We set variable z to 2y —x. If z is even (equals 0, 2,
4, or 6), element p(z,y) is set to [p(—1,y—x/2—1)+p(—1,y—x/2)+1]/2. If z equals 1, 3,
or 5, element p(z,y) is set to [p(—1,y—z/2—2)+2p(—1,y—=x/2—1)+p(—1,y—z/2)+2] /4.
If 2 = —1, element p(x,y) is set to [A + 2M+ I + 2]/4. Finally, if z = —2 or —3, element
p(x,y) is set to [(p(x — 1, —1) +2p(x — 2, 1) + p(z — 3,—1) + 2] /4.

Mode 7 (vertical left). This mode can be used only if elements A through H have
been encoded. If y equals 0 or 2, element p(x,y) is set to [p(z +y/2,—1) + p(x +y/2 +
1,—1) 4+ 1]/2. If y equals 1 or 3, element p(z,y) is set to [p(z +y/2,—1) + 2p(z +y/2 +
1L,-1)+plx+y/2+2,-1)+2]/4.

Mode 8 (horizontal up). This mode can be used only if elements I through L have
been encoded. We set z to x + 2y. If z is even (equals 0, 2, or 4), element p(z,y) is set
to [p(—1,y+2/2—1)+p(—-1,y+2/2)+1]/2. If z equals 1 or 3, element p(z,y) is set to
(-1 y+z/2) +2p(-1,y +2/2+ 1)+ p(—1,y + /24 2) + 2]/4. If z equals 5, p(z,y)
is set to [K+ 3L+ 2]/4. If z > 5, p(x,y) is set to L.

If the encoder decides to predict an entire 16 x 16 macroblock of luma components
without splitting it, the standard specifies four prediction modes where modes 0, 1, and
2 are identical to the corresponding modes for 4 x 4 partitions described above and mode
3 specifies a special linear function of the elements above and to the left of the 16 x 16
macroblock.

There are also four prediction modes for the 4 x4 blocks of chroma components.
Deblocking filter. Individual macroblocks are part of a video frame. The fact that each
macroblock is predicted separately introduces blocking distortions, which is why H.264
has a new component, the deblocking filter, designed to reduce these distortions. The
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9.9 H.264 917

filter is applied after the inverse transform. Naturally, the inverse transform is computed
by the decoder, but the reader should recall, with the help of Figure 9.40, that in H.264
the inverse transform is also performed by the reconstruction path of the encoder (box
T~!, before the macroblock is reconstructed and stored for later predictions). The filter
improves the appearance of decoded video frames by smoothing the edges of blocks.
Without the filter, decompressed blocks often feature artifacts due to small differences
between the edges of adjacent blocks.

e
£
g k
h 1
a b ¢ d i

Figure 9.45: Edge Designation in a Macroblock.

The filter is applied to the horizontal or vertical edges of 4 x4 blocks of a macroblock,
except for edges located on the boundary of a slice, in the following order (Figure 9.45):

1. Filter the four vertical boundaries a, b, ¢, and d of the 16 x 16 luma component
of the macroblock.

2. Filter the four horizontal boundaries e, f, g, and h of the 16 x 16 luma component
of the macroblock.

3. Filter the two vertical boundaries i and j of each 8 x8 luma component of the
macroblock.

4. Filter the two horizontal boundaries k and 1 of each 8 x 8 luma component of
the macroblock.

The filtering operation is an n-tap discrete wavelet transform (Section 8.7) where
n can be 3, 4, or 5. Figure 9.46 shows eight samples p0O through p3 and g0 through
g3 being filtered, four on each side of the boundary (vertical and horizontal) between
macroblocks. Samples pO and g0 are on the boundary. The filtering operation can have
different strengths, and it affects up to three samples on each side of the boundary. The
strength of the filtering is an integer between 0 (no filtering) and 4 (maximum filtering),
and it depends on the current quantizer, on the decoding modes (inter or intra) of
adjacent macroblocks, and on the gradient of video samples across the boundary.

The H.264 standard defines two threshold parameters a and 3 whose values depend
on the average quantizer parameters of the two blocks p and q in question. These
parameters help to determine whether filtering should take place. A set of eight video
samples pi qi is filtered only if |p0 — q0| < «, |p1 — pO| < 3, and |q1 — q0| < 3.

When the filtering strength is between 1 and 3, the filtering process proceeds as
follows: Samples p1, p0, q0, and g1 are processed by a 4-tap filter to produce p’0 and
q’0. If |p2 — pO| < B, another 4-tap filter is applied to p2, p1, p0, and g0 to produce
p’1l. If |92 — 90| < 3, a third 4-tap filter is applied to g2, q1, 90, and pO to produce
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p3
p2

[p3[p2[p1[pO]q0]ql [q42]q3]

Figure 9.46: Horizontal and Vertical Boundaries.

q’1 (the last two steps are performed for the luma component only). When the filtering
strength is 4, the filtering process is similar, but longer. It has more steps and employs
3-, 4-, and 5-tap filters.
Transform. Figures 9.40 and 9.41 show that blocks D, of residuals are transformed
(in box T) by the encoder and reverse transformed (box T~!) by both decoder and the
reconstruction path of the encoder. Most of the residuals are transformed in H.264 by a
special 4x4 version of the discrete cosine transform (DCT, Section 7.8). Recall that an
nxn block results, after being transformed by the DCT, in an nxn block of transform
coefficients where the top-left coefficient is DC and the remaining n? — 1 coefficients are
AC. In H.264, certain DC coefficients are tranformed by the Walsh-Hadamard transform
(WHT, Section 7.7.2). The DCT and WHT transforms employed by H.264 are special
and have the following features:

1. They use only integers, so there is no loss of accuracy.

2. The core parts of the transforms use only additions and subtractions.

3. Part of the DCT is scaling multiplication and this is integrated into the quantizer,
thereby reducing the number of multiplications.

Given a 4 x4 block X of residuals, the special DCT employed by H.264 can be
written in the form

a a a a a b a c

v - AXAT — b ¢ —c¢ b x|a ¢ -—a —b ’
a —a —a a a —c —a b
c b b —c a —-b a —c

where
a =

! b—\/Tcos7T
22 T V2 Ty

This can also be written in the form

Y =(CXCT)®E

1 1 1 1 1 1 1 d a? ab a? ab

1 d —-d -1 1 d -1 -1 ab b ab b?
=301 -1 -1 1| X1 —a -1 1 (% b @ el

d -1 1 —=d 1 -1 1 —d ab b ab b?

where (CXCT) is a core transform (where d = ¢/b &~ 0.414), matrix E consists of
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scaling factors, and the ® operation indicates scalar matrix multiplication (pairs of
corresponding matrix elements are multiplied).

In order to simplify the computations and ensure that the transform remains or-
thogonal, the following approximate values are actually used

1 2 1
G—E, b—\/;, d—57

bringing this special forward transform to the form

1 1 1 1 1 2 1 1 a’> ab/2  a® ab/2
)2 1 -1 =2 1 1 -1 =2 ab/2 b*/4 ab/2 b%/4
Y 11 -1 1 [ B o1 2 2 [ (%] @@ a2 @ ab)2
1 -2 2 -1 1 -2 1 -1 ab/2 b2/4 ab/2 b?/4

Following the transform, each transform coefficient Y;; is quantized by the simple
operation Z;; = round(Y;;/Qstep) Where Qsiep is the quantization step. The rounding
operation is also special. The encoder may decide to use “floor” or “ceiling” instead
of rounding. The H.264 standard specifies 52 quantization steps Qstcp that range from
0.625 up to 224 depending on the quantization parameter QP whose values range from
0 to 51. Table 9.47 lists these values and shows that every increment of 6 in QP doubles
Qstep- The wide range of values of the latter quantity allows a sophisticated encoder to
precisely control the trade-off between low bitrate and high quality. The values of QP
and Qstep may be different for the luma and chroma transformed blocks.

QP 0 1 2 3 4 5 6 78 9 10 11 12 ...
Qstep 0.625 0.6875 0.8125 0.875 1 1.125 1.25 1.375 1.625 1.75 2 2.25 2.5 ...
QP 18 ... 24... 30 ... 36 ... 42... 48 ... 51
Qstep 5 10 20 40 80 160 224

Table 9.47: Quantization Step Sizes.

If a macroblock is encoded in 16x 16 intra prediction mode, then each 4x4 block of
residuals in the macroblock is first transformed by the core transform described above,
and then the 4x4 Walsh-Hadamard transform is applied to the resulting DC coefficients
as follows

11 1 1 11 1 1
11 1 -1 -1 1 1 -1 -1
Yo=511 1 1 1 |Wp|1 1 1 1|0

1 -1 1 -1 1 -1 1 -1

where Wp is a 4x4 block of DC coefficients.

After a macroblock is predicted and the residuals are transformed and quantized,
they are reordered. Each 4 x4 block of quantized transform coefficients is scanned in
zigzag order (Figure 1.8b). If the macroblock is encoded in intra mode, there will be 16
DC coefficients (the top-left coefficient of each 4 x4 luma block). These 16 coefficients
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are arranged in their own 4 x 4 block which is scanned in zigzag. The remaining 15 AC
coefficients in each 4 x 4 luma block are also scanned in the same zigzag order. The
same reordering is applied to the smaller chroma blocks.

Entropy coding

H.264 involves many items—counts, parameters, and flags—that have to be en-
coded. The baseline profile employs variable-length codes and a special context adaptive
arithmetic coding (CABAC) scheme to encode parameters such as macroblock type, ref-
erence frame index, motion vectors differences, and differences of quantization parame-
ters. The discussion in this section concentrates on the encoding of the zigzag sequence of
quantized transform coefficients. This sequence is encoded in a special context-adaptive
variabe-length coding scheme (CAVLC) based on Golomb codes (Section 3.24).

CAVLC is used to encode reordered zigzag sequences of either 4 x4 or 2x2 blocks
of quantized transform coefficients. The method is designed to take advantage of the
following features of this special type of data.

1. Such a sequence is sparse, has runs of zeros, and normally ends with such a run.

2. Among the nonzero coefficients, such a sequence has many +1s and —1s and
these are referred to as trailing +1s.

3. The number of nonzero coefficients in such a sequence is often similar to the
corresponding numbers in neighboring blocks. Thus, these numbers are correlated across
adjacent blocks.

4. The first (DC) coefficient tends to be the largest one in the sequence, and
subsequent nonzero coefficients tend to get smaller.

CAVLC starts by scanning and analyzing the sequence of 16 coefficients. This step
assigns values to the six encoding parameters coeff_token, trailing_ones_sign_flag,
level_prefix, level_suffix, total_zeros, and run_before. These parameters are
then used in five steps to select tables of variable-length codes and codes within those
tables. The codes are concatenated to form a binary string that is later formatted by
the NAL stage and is finally written on the compressed stream. The five encoding steps
are as follows:

Step 1. Parameter coeff_token is the number of nonzero coefficients and trailing
+1s among the 16 coefficients in the sequence. The number of nonzero coefficients can
be from 0 to 16. The number of trailing +1s can be up to the number of nonzero
coefficients, but coeff_token takes into account (i.e., it signals) up to three trailing
+1s. Any trailing +1s beyond the first three are encoded separately as other nonzero
coefficients. If the number of nonzero coefficients is zero, there can be no trailing +1s.
If the number of nonzero coefficients is one, there can be zero or one trailing +1s. If
the number of nonzero coefficients is two, the number of trailing +1s can be 0, 1, or
2. If the number of nonzero coefficients is greater than two, there can be between zero
and three trailing +1s that are signaled by coeff_token. There can be between zero
and 16 nonzero coefficients, so the total number of values of parameter coeff_token is
142434 14x4 = 62. Thus, the H.264 standard should specify a table of 62 variable-
length codes to encode the value of coeff_token. However, because the number of
nonzero coefficients is correlated across neighboring blocks, the standard specifies four
such tables (table 9-5 on page 159 of [H.264Draft 06]).
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To select one of the four tables, the encoder counts the numbers nA and nB of
nonzero coefficients in the blocks to the left of and above the current block (if such
blocks exist, they have already been encoded). A value nC is computed from nA and
nB as follows. If both blocks exist, then nC = round[(nA +nB)/2]. If only the left block
exists, then nC = nA. If only the block above exists, then nC = nB. Otherwise nC = 0.
The resulting value of nC is therefore in the interval [0, 16] and it is used to select one
of four tables as listed in Table 9.48.

nC: 0123456789 ...
Table: 1122333344
Table 9.48: nC Values to Select a Table.

Step 2. Parameter trailing_ones_sign_flag is encoded as a single bit for each
trailing +1 signaled by coeff_token. The trailing +1s are scanned in reverse zigzag
order, and the (up to three) sign bits that are generated are appended to the binary
string generated so far.

Step 3. The next set of bits appended to the binary string encodes the values
of the remaining nonzero coefficients (i.e, the nonzero coefficients except those trailing
+1s that were signaled by coeff_token). These nonzero coefficients are scanned in
reverse zigzag order, and each is encoded in two parts, as a prefix (level_prefix) and
suffix (level_suffix). The prefix is an integer between 0 and 15 and is encoded with a
variable-length code specified by the standard (table 9-6 on page 162 of [H.264Draft 06]).
The length of the suffix part is determined by parameter suffixLength. This parameter
can have values between 0 and 6 and is adapted while the nonzero coeflicients are being
located and encoded. The principle of adapting suffixLength is to match the suffix of a
coefficient to the magnitudes of the recently-encoded nonzero coefficients. The following
rules govern the way suffixLength is adapted:

1. Parameter suffixlength is initialized to 0 (but if there are more than 10 nonzero
coefficients and fewer than three trailing +1s, it is initialized to 1).

2. The next coefficient in reverse zigzag order is encoded.

3. If the magnitude of that coefficient is greater than the current threshold, incre-
ment suffixLength by 1. This also selects another threshold. The values of the thresholds
are listed in Table 9.49.

suffixLength: 0 1 2 3 4 5 6
Threshold: 0 3 6 12 24 48 na

Table 9.49: Thresholds to Increment suffixLength.

Step 4. Parameter total_zeros is the number of zeros preceding the last nonzero
coefficient. (This number does not include the last run of zeros, the run that follows
the last nonzero coefficient.) total_zeros is an integer in the interval [0, 15] and it is
encoded with a variable-length code specified by the standard (tables 9-7 and 9-8 on
page 163 of [H.264Draft 06]). This parameter and the next one (run_before) together
are sufficient to encode all the runs of zeros up to the last nonzero coefficient.
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Step 5. Parameter run_before is the length of a run of zeros preceding a nonzero
coefficient. This parameter is determined and encoded for each nonzero coefficient (ex-
cept, of course, the first one) in reverse zigzag order. The length of such a run can be
zero, but its largest value is 14 (this happens in the rare case where the DC coefficient is
followed by a run of 14 zeros, which is followed in turn by a nonzero coefficient). While
the encoder encodes these run lengths, it keeps track of their total length and terminates
this step when the total reaches total_zeros (i.e., when no more zeros remain to be
encoded). The standard specifies a table of variable-length codes (table 9-10 on page
164 of [H.264Draft 06]) to encode these run lengths.

Once the five steps have encoded all the nonzero coefficients and all the runs of
zeros between them, there is no need to encode the last run of zeros, the one (if any)
that follows the last nonzero coefficient, because the length of this run will be known to
the decoder once it has decoded the entire bit string.

The conscientious reader should consult [Richardson 03] for examples of encoded
sequences and also compare the CAVLC method of encoding a sequence of DCT trans-
form coefficients with the (much simpler) way similar sequences are encoded by JPEG
(Section 7.10.4).

9.10 H.264/AVC Scalable Video Coding

The Joint Video Team, an organization that combines members of the ITU-T Video
coding Group (VCEG) and members of the ISO/IEC Moving Picture expert Group
(MPEG), has extended H.264/AVC with an Amendment defining a scalable video en-
coder called Scalable Video Coding or SVC. The purpose of this extension is to specify a
compressed bitstream that supports temporal, spatial, and quality scalable video coding,
while retaining a base layer that is still backward compatible with H.264/AVC.

A bitstream is called multi-layer or scalable if parts of the bitstream can be discarded
to generate a substream that is still valid and decodable by a target decoder, but with
a reconstruction quality that is lower than the quality obtained by decoding the entire
bitstream. A bitstream that does not have this property is called single-layer.

A scalable video bitstream can be easily adapted to the capacity of a transmission
channel, to the computational power of a decoder, or to the resolution of a display device.
Furthermore, since the layers in a scalable bitstream can be easily prioritized, assigning
unequal error protection to the layers can improve error resilience and gracefully degrade
the quality of the reconstructed signal in the presence of channel error and packet loss.

Scalable video compression has not been introduced by SVC. In fact, almost all
the recent international coding standards such as MPEG-2 Video, H.263, and MPEG-
4 Visual already support the most useful forms of scalability. Unfortunately, the lack
of coding efficiency and the increased complexity of the scalable tools offered by these
standards has limited the deployment of this technology.

In order to be useful, a scalable encoder should generate a bitstream substantially
more compact than the independent compression of all its component layers, so to pro-
vide a convenient alternative to simulcast, the simultaneous broadcasting of all the layers
independently compressed. Furthermore, the increase in decoder complexity should be
lower than the complexity of transcoding the bitstream, the conversion of a layer into
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another directly in the digital domain. It is obvious that the scalable compression of a
layer other than the base layer will, in general, be slightly worse than its non-scalable
compression. However, it is important to design the system so that performance loss is
kept to a minimum.

Designed according to these principles, the Scalable Video Coding extension to
H.264/AVC provides temporal, spatial, and quality scalability with the mechanisms
outlined in the following paragraphs.

Temporal Scalability: Video coding standards are traditionally “decoder” or
“bitstream” standards. The format of the bitstream and the behavior of a reference
decoder are specified by the standard, while leaving the implementors complete freedom
in the design of the encoder. For this reason, a standard will specify a tool only when
strictly necessary to achieve a given functionality. Following this basic guideline, SVC
supports temporal scalability without adding any new tool to H.264/AVC.

Syntactically, the only extension is the signalling of a temporal layer identification T .
T is an integer that starts from 0 (to signal the pictures belonging to the base layer) and
grows as the temporal resolution of a layer increases. The temporal layer identification
is necessary because a decoder that wants to decode a temporal layer T" = ¢ should be
able to isolate and decode all pictures with 7' < ¢ and discard any remaining picture.
The temporal layer identification is contained in a header that is peculiar to SVC, the
SVC NAL unit header. This additional header is stored in the so-called prefix NAL
units. Prefix NAL units can be discarded in order to generate a base layer with NALs
that are fully H.264/AVC compliant.

H.264/AVC already allows a pretty flexible temporal scalability with the use of
hierarchical prediction. Figures 9.50, 9.51, and 9.52 show three possible alternatives
that implement dyadic and non-dyadic temporal scalability with different delays. The
arrows indicate the reference pictures used in the encoding of each picture.

: W

Coding order 0, 8, 4, 2, 1,3, 6, 5, 7, 16, 12, 10, 9, 11, 14, 13, and 15

Figure 9.50: Dyadic Hierarchical Prediction with Four Temporal Layers.

The hierarchical structure of Figure 9.50 uses a GOP (group of pictures) of eight
frames to specify a four-layer dyadic scheme. In a dyadic scheme, each layer doubles the
temporal resolution of the layer preceding it. The gray and white frames in the figure
are B-pictures, respectively, used and unused as reference in the motion compensated
prediction. Figure 9.51 depicts a three-layer non-dyadic scheme.

The hierarchical structures depicted in Figures 9.50 and 9.51 are capable of gen-
erating a temporally scalable bitstream with a compression of the upper layers that is
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T=2
T=1

T=0

Coding order O, 9, 3, 1, 27 6, 4, 5, 77 8, 18, 12, 10, 11, 15, 13, 147 16, and 17

Figure 9.51: Non-dyadic Hierarchical Prediction with Three Temporal Layers.

substantially better than what could be achieved with a single layer “IPPP” coding
scheme. This is apparently counterintuitive, since we have said before that scalability
slightly penalizes compression efficiency. The reason for this apparent contradiction is
found in the delay introduced by these schemes. The hierarchical structures depicted in
Figure 9.50 and Figure 9.51 introduce delays of seven and eight pictures, respectively.
These delays are the “price” paid for the better compression.

It is important to notice though that temporal scalability can be implemented with
arbitrary delays, all we have to do is to appropriately constrain the prediction structure.
Figure 9.52 shows a zero-delay dyadic scheme that does not use B-pictures. A temporally
scalable prediction that is implemented via a low-delay scheme will eventually exhibit a
reduced coding efficiency.

Coding order: 0, 1, 2, 3,4, 5,6, 7, 8,9, 10, 11, 12, 13, 14, 15, and 16

Figure 9.52: Low-delay Dyadic Hierarchical Prediction with Four Temporal Layers.

Spatial Scalability: With a mechanism similar to the temporal layer identifica-
tion described above, SVC introduces the concept of dependency identifier, D. The
dependency identifier describes the relationship between spatial layers and is also stored
in a prefix NAL unit. The value of D is zero for the base layer (T' = 0) and increases by
1 with each spatial layer.

In SVC, each layer can use an independent motion compensation. Additionally,
SVC exploits the correlation of layers with the following three inter-layer prediction
mechanisms:

n  Inter-Layer Motion Prediction: The partitioning used in a block in the reference
layer is upsampled and used to infer the partitioning of the corresponding macroblock
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9.10 H.264/AVC Scalable Video Coding 925

in the enhancement layer. Motion vectors from the block in the reference layer are
eventually scaled before being used in the enhancement layer.

m  Inter-Layer Residual Prediction: It can be used on all inter-coded macroblocks
and uses the upsampled residual of the corresponding reference block. Upsampling is
performed with a bilinear filter.

»  Inter-Layer Intra Prediction: The prediction signal of intra coded blocks in the
reference layer is upsampled and used to predict the corresponding macroblock in the
enhancement layer.

In general, the coding loss introduced by spatial scalability is observable only in
the enhancement layers, since the base layer is often encoded independently by a regular
H.264/AVC encoder. However, since enhancement layers are predicted starting from the
base layer, joint optimization of all layers is known to reduce coding loss at the cost of
more complex encoding. With the use of joint optimization, the bit rate increase due to
spatial scalability can be as low as 10%.

The main restriction imposed by spatial scalability is that horizontal and vertical
resolutions of the video sequence cannot decrease from one layer to the next. The
pictures in an enhancement layer are allowed to have the same resolution as the pictures
in the reference layer. This is a feature that enables scalable encoding of video formats
with dimensions that are not necessarily multiples of each other. For example, SVC can
encode a base layer representing a video sequence in QVGA (Quarter VGA) format,
with pictures having 320 x 240 pixels. The first enhancement layer can encode the same
sequence, but at a higher resolution, for example, a VGA version of the video with
pictures of 640 x 480 pixels. A second enhancement layer can then be used to represent
the original video in WVGA (Wide VGA) format, at 800 x 480 pixels (Figure 9.53).
In this case, the second enhancement layer will only need to encode columns that have
been cropped out to obtain the VGA sequence from the WVGA original.

Base layer =0 Enhancement layer T=1 Enhancement layer T=2
QVGA (320%240) VGA (640x480) WVGA (800x480)

Figure 9.53: Spatial Layers Encoding QVGA, VGA, and WVGA Video Sequences.

In SVC, the coding order of a picture cannot change from one layer to another.
However, lower layers are not required to contain information on all pictures. This
option allows combination of spatial and temporal scalability.
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Quality Scalability: A coarse form of quality scalability can be easily implemented
as a special case of spatial scalability, where the reference and the enhancement layers
have identical size and resolution but different quantization parameters. While simple,
this solution has the major drawback that only a prefixed number of quality levels can be
reconstructed, one for each layer present in the bitstream. SVC adds to this possibility a
more refined form of quality scalability in which a part of the packets that constitute the
enhancement layer can be discarded in order to match a target bit rate that is between
the rate of the reference layer and the rate of the enhancement layer. Enhancement
layer’s packets can be randomly discarded until the target bit rate is reached. A better
alternative, which is also supported by the SVC syntax, is assigning priority level to
packets, so that packets can be selectively discarded in order of increasing priority.

A critical issue in the design of a quality scalable video encoder is the decision of
which layer should be used in the motion estimation. The highest coding efficiency is
obtained when motion estimation is performed on the pictures with the best quality,
and so, on the highest quality enhancement layer. However, discarding packets from the
enhancement layer compromises the quality of the reference frames used by the decoder
in the motion compensation. The difference between the reference frames used by the
encoder in the motion estimation and the reference frames used by the decoder in the
motion compensation generates an error that is known as drift. Using only the base
layer in the motion estimation prevents drift while reducing coding effectiveness.

SVC compromises between these two solutions by introducing the concept of key
pictures. A key picture is one in which only the base layer is used in the motion com-
pensated prediction. All non-key pictures will instead use the enhancement layer. Key
pictures control drift by periodically resynchronizing encoder and decoder. Figure 9.54
shows an example where key pictures (marked in gray) are periodically inserted in the
base and in the enhancement layer. The arrows represent the pictures used in the mo-
tion compensated prediction. The bit rate increase due to the introduction of quality
scalability is typically less than 10%.

Enhancement Layer
! ! !

d u o't v vt o o U

Figure 9.54: Key Pictures (Gray) Used to Control Drift in Quality Scalable Video Coding.

Base Layer

A detailed description of the H.264/AVC scalable video coding extension can be
found in [Schwarz et. al. 07] and [Segall and Sullivan 07], both published in a special
issue of the IEEE Transaction on Circuits and Systems for Video Technology dedicated
to SVC.

www.it-ebooks.info

Amazon/DivX

Exhibit 1016
Page 78



9.11 VC-1 927
9.11 VC-1

Political and social revolutions are common and some consider them the engine that
drives human history, but scientific and technical progress is mostly evolutional. Among
the very few scientific revolutions that immediately spring to mind are relativity, quan-
tum mechanics, and Newton’s theory of gravity (in physics), Natural selection and the
genetic code (in biology), the atomic hypothesis (in chemistry), and information the-
ory. As in other scientific fields, most progress in data compression is evolutionary and
VC-1, the video codec described here, is no exception. It represents an evolution of the
successful DCT-based video codec design that is found in popular video codecs such as
H.261, H.263, MPEG-1, MPEG-2, and MPEG-4 Part 2.

Like most video codecs that preceded it, VC-1 is a hybrid codec that is based on
the two pillars of video compression, namely a transform (often the DCT, Section 7.8)
combined with motion compensated prediction (Section 9.5). The former is used to
reduce spatial redundancy, while the latter is used to reduce temporal redundancy. Like
other video codecs, it extends these techniques and adds other “bells and whistles.”
One of the chief goals of the VC-1 project was to develop an algorithm that can encode
interlaced video without first converting it to progressive, and this feature, among others,
has made VC-1 attractive to video professionals.

VC-1 (the name stands for video codec) is a video codec specification that was
adopted in 2006 as a standard by the Society of Motion Picture and Television Engineers
(SMPTE). SMPTE (located at [SMPTE 08]) is the pre-eminent society of film and video
experts, with members in 85 countries worldwide. Similar to the ITU, the standards that
SMPTE publishes are voluntary, but are nevertheless widely adopted, implemented, and
employed by companies doing business in video, motion pictures, and digital cinema.
Within SMPTE, the VC-1 standard was developed by C42, the Video Compression
Technology Committee, which is responsible for all video technologies in SMPTE.

VC-1 has been implemented by Microsoft as Microsoft Windows Media Video
(WMV) 9 [WMV 08]. The formal title of VC-1/WMV standard is SMPTE 421M
[SMPTE-421M 08] and there are two documents (SMPTE RP227 and SMPTE RP228)
that accompany it. They describe VC-1 transport (details about carrying VC-1 elemen-
tary streams in MPEG-2 Program and Transport Streams) and conformance (the test
procedures and criteria for determining conformance to the 421M specifications). As
usual, the formal standard specifies only the syntax of the compressed stream and the
operations of the decoder; the precise steps of the encoder are left unspecified, in the
hope that innovative programmers will come up with clever algorithms and shortcuts to
improve the encoder’s performance and speed it up.

References. [SMPTE-421M 08] and [Lee and Kalva 08] are the two main refer-
ences. The former is the formal specification of this standard, which many people may
find cryptic, while the latter may include too much detail for most readers. Those in-
terested in short, easy-to-understand overviews may want to consult [WMV review 08]
and [WikiVC-1 08].

VC-1 adoption. Notwithstanding its tender age, VC-1 has been favorably received
and adopted by the digital video industry. The main reasons for its popularity are its
performance combined with the fact that it is well documented, extremely stable, and
easily licensable. Of special notice are the following adopters:
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928 9. Video Compression

= High-definition DVD. The DVD forum (dvdforum. org) has mandated VC-1, H.264,
and MPEG-2 for the HD DVD format.

s The Bluray Disc Association (blu-raydisc.com) has mandated the same three
codecs for their Blu-ray Disc format (so named because of its use of blue laser).

s The FVD (forward versatile disc) standard from Taiwan has adopted VC-1 as its
only mandated video codec. (FVD is the Taiwanese alternative for the high-definition
storing optical media based on red laser technology.)

= Several DSP and chip manufacturers have plans (or even devices) to implement
VC-1 in hardware.

V(-1 is already used for professional video broadcast. Several companies are al-
ready offering products, ranging from encoders and decoders to professional video test
equipment, that use VC-1.

s The Digital Living Network Alliance (DLNA, dlna.org) is a group of 245 com-
panies that agreed to adopt compatible standards and make compatible equipment in
the areas of consumer electronics, computer, and mobile devices. VC-1 is one of several
compression formats adopted by the DLNA.

s The acronym DVB-H stands for Digital Video Broadcasting - Handheld (dvb-h.org).
This is a set of specifications for bringing broadcast services to battery-powered handheld
receivers. Again, VC-1 is one of the compression formats adopted by this standard.

= VC-1 has been designated by Microsoft as the Xbox 360 video game console’s official
video codec. Thus, game developers may utilize VC-1 for any video included with games.

s The FFmpeg project (http://ffmpeg.org/) includes a free VC-1 decoder (FFmpeg
is a computer program that can record, convert, and stream digital audio and video in
numerous formats.)

9.11.1 Overview

VC-1 is complex. It includes many parameters, features, and processes. The description
here attempts to cover the general design and the main parts of this algorithm. The only
items that are described in detail are the pixel interpolation and the transform. The
formal definition of VC-1 simply lists the steps and parameters used by these items, but
the discussion here tries to explain why these specific steps and constants were chosen
by the codec’s developers.

Most video codecs are designed for a specific application and a particular bitrate,
but VC-1 is intended for use in a wide variety of video applications, and must therefore
perform well at bitrates that may vary from very low (low-resolution, 160 x 120 pixels
video, requiring about 10 Kbps) to very high (2,048 x 1,536 pixels, or about 135 Mbps,
for high-definition video). It is expected that a careful implementation of the VC-1
encoder would be up to three times as efficient as MPEG-2 and up to twice as good as
MPEG-4 Part 2.

As has already been mentioned, the main encoding techniques used by VC-1 are a
(16-bit integer) transform and block-based motion compensation. These are optimized
in several ways and, with the help of several innovations, result in a fast, efficient video
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Figure 9.55: VC-1 Main Block Diagram.

codec. Figure 9.55 is a block diagram of the main components of the VC-1 encoder
(where MC stands for motion compensation).

The figure illustrates the main steps in encoding a frame. Blocks of prediction resid-
uals are transformed, the transformation coefficients are quantized, entropy encoded, and
output. The motion compensation part involves inverse quantization, deblocking, recon-
structing each frame, predicting the motion (the differences between this frame and its
predecessor/seccessor), and using the prediction to improve the encoding of blocks in
the next frame.

The experienced reader will notice that the various MPEG methods feature similar
block diagrams. Thus, the superior performance of VC-1 stems from its innovations, the
main ones of which are listed here:

s Adaptive Block-Size Transform. The JPEG standard (Section 7.10) applies the
DCT to blocks of 8 x 8 pixels, and these dimensions have become a tradition in image
and video compression. Users of JPEG know from long experience that setting the JPEG
parameters to maximum compression often results in compression artifacts (known as
blocking or ringing, see Figure 7.57) along block boundaries. This phenomenon is caused
by differences between pixel blocks due to the short range of pixel correlation. Thus,
image regions with low pixel correlation compress better when the DCT (or any other
transform) is applied to smaller blocks.

VC-1 can transform a block of 8 x 8 pixels in one of the following ways (Figure 9.56):
As a single 8 x 8 block, as two 8 x 4 blocks, as two 4 x 8 blocks, or as four 4 x4 blocks. The
encoder decides which transform size to use for any given block (although the definition
of the standard does not specify how this decision should be made).

0 0|1

0 01
1 213
8x8 8x4 4x8 4x4

Figure 9.56: Variable-Size Transformed Blocks.
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= A specially-developed integer transform is employed by VC-1. The integer nature
of the transform makes it easy to implement the VC-1 decoder in 16-bit architectures.
This features makes VC-1 attractive to hardware implementors, especially for use in a
variety of DSP (digital signal processing) devices. The transform matrices were derived
in a special way to allow for fast, easy decoding.

= Section 9.5 discusses motion compensation. The encoder computes a prediction of a
video frame and uses it to predict the next frame. Naturally, the decoder should be able
to mimic this operation, which is why Figure 9.55 shows that the encoder computes the
prediction by performing the same operations (inverse quantization, inverse transform,
deblocking, and reconstructing the frame from its constituent blocks) as the decoder.
Typically, each 8 x 8 block or each 16 x 16 macroblock of pixels is motion compensated
individually to generate a motion vector. The vector specifies how much the encoder
predicts the image of the block (or macroblock) to be shifted in the z and y directions
in the corresponding (macro)block in the reference frame.

The motion compensation component employs two sets of filters, an approximate
bicubic filter with four taps and a bilinear filter with two taps. Filtering the pixels of a
block sometimes allows the decoder to isolate the color of a part of a pixel (a sub-pixel)
as small as 1/4 of a pixel. The encoder uses the block size, sub-pixel data, and filter
type to determine one of four motion compensation modes for each block. These modes
improve compression as well as simplify the decoder’s implementation.

= Blocking artifacts have already been mentioned. They are the result of disconti-
nuities along block boundaries, caused by the differences between quantization and de-
quantization. These artifacts are especially noticeable (and annoying) when the codec’s
parameters are set for maximum compression (i.e., coarse quantization). The VC-1 en-
coder has an in-loop deblocking filter that tries to remove these discontinuities. This
filter needs to know the block size of the transform. Also, the VC-1 encoder can over-
lap the transform between blocks in order to reduce annoying blocking artifacts. This
technique is known as overlapped transform (OLT).

s Many video transmissions are interlaced (see Section 9.1.1 for interlacing). VC-1
includes an innovative algorithm that uses data from both sets of scan lines to improve
the prediction of the encoder’s motion compensation component. This algorithm is
referred to as interlace coding.

»  VC-1 supports five types of video frames. Three of these are the standard I frame
(a key frame or intra; a frame that’s encoded independently of its neighbors), P frame
(predictive, a frame encoded based on its predecessor), and B frame (bidirectional, a
frame encoded based on its predecessors and successors). These types are covered in
more detail in Section 9.5. One of the innovations included in VC-1 is advanced B-frame
encoding. This feature consists of several optimizations that make B-frame encoding
more efficient.

The other two frame types are S (skipped) and BI. The former indicates a frame
that is so similar to its reference frame that there is no need to encode it. When the
decoder identifies an S frame, it simply repeats its reference frame. The latter type is a
B frame with only I macroblocks. When there is a complete change of scene in a video
stream, a B frame tends to result in a large number of I macroblocks. In such a case,
the special BI frame type occupies fewer bits than a standard B frame.
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It should be noted that video codecs normally collect several consecutive frames
into a group of frames (GOP). In VC-1, the number of frames in a GOP is variable.

= It has been known for a while that motion compensation has its drawbacks, one
of which is that it cannot efficiently model fading. Often, a succession of video frames
contains regions that fade to or from black, and these are encoded very inefficiently
because of the nature of motion compensation. The fading compensation feature of
VC-1 detects fades and employs methods other than motion compensation to improve
encoding in such cases. This feature also handles other global illumination changes.

m  The coefficients produced by the transform are quantized by dividing them by a
quantization parameter (QP) which itself is transmitted to the decoder in the com-
pressed stream. Quantization is the step where information is irretrievably lost but
much compression is gained.

Many compression algorithms based on quantization employ a single QP for the
entire image (in case of image compression) or for an entire video frame (for video
compression). VC-1 supports differential quantization (or dquant), where several quan-
tization steps are applied to a frame. This innovation is based on the fact that different
macroblocks require different grades of quantization, depending on how many nonzero
AC coefficients remain after the macroblock is transformed. The simplest form of dif-
ferential quantization uses two quantization levels and is termed bi-level dquant.

s The audio component of VC-1 can produce bitrates of 128-768 Kbps and is hybrid;
it employs different algorithms for speech and music.

s From its inception, VC-1 was designed to perform well on a wide variety of video
data. To this end, the designers included three profiles, each with several levels. Each
level is geared toward a range of video applications and each determines the features a
VC-1 encoder would need (its mathematical complexity) to process a video stream gen-
erated by those applications. Table 9.57 lists the profiles and their levels and Table 9.58
lists the features and innovations included in each profile.

9.11.2 The Encoder

This section is a high-level summary of the operations of the encoder. It should again
be stressed that the formal definition of the VC-1 standard does not specify how each
step is to be performed and leaves the details to the ingenuity of implementors. The
following is a list of the main steps performed by the encoder:

= A video frame is read from the input and is decomposed into macroblocks and
blocks (this is common in video encoders).

»  For an intra-coded block:
1. Transform the block with an 8 x 8 transform.

The transform can overlap neighboring intra-coded blocks.

3. Quantize the 64 transform coefficients. DC/AC prediction can be applied to the
quantized coefficients to reduce redundancy even more.

4. Encode the DC coefficient with a variable-length code. Scan the AC coefficients in
zigzag and encode the run-lengths and nonzero coefficients with another variable-
length code.

o
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Profile Level

9. Video Compression

Max bitrate Representative resolutions by frame rate

Simple Low 96 Kbps 176 x 144 @ 15 Hz (QCIF)
Medium 384 Kbps 240 x 176 @ 30 Hz
352 x 288 @ 15 Hz (CIF)
Main Low 2 Mbps 320 x 240 @ 24 Hz (QVGA)
Medium 10 Mbps 720 x 480 @ 30 Hz (480p)
720 x 576 @ 25 Hz (576p)
High 20 Mbps 1920 x 1080 @ 30 Hz (1080p)
Advanced LO 2 Mbps 352 x 288 @ 30 Hz (CIF)
L1 10 Mbps 720 x 480 @ 30 Hz (NTSC-SD)
720 x 576 @ 25 Hz (PAL-SD)
L2 20 Mbps 720 x 480 @ 60 Hz (480p)
1280 x 720 @ 30 Hz (720p)
L3 45 Mbps 1920 x 1080 @ 24 Hz (1080p)
1920 x 1080 @ 30 Hz (1080i)
1280 x 720 @ 60 Hz (720p)
L4 135 Mbps 1920 x 1080 @ 60 Hz (1080p)
2048 x 1536 @ 24 Hz
Table 9.57: VC-1 Profiles and Levels.
Feature Simple Main Adv.
Baseline intra frame compression Yes Yes Yes
Variable-sized transform Yes Yes Yes
16-bit transform Yes Yes Yes
Overlapped transform Yes Yes Yes
4 motion vector per macroblock Yes Yes Yes
1/4 pixel luminance motion compensation Yes Yes Yes
1/4 pixel chrominance motion compensation No Yes Yes
Start codes No Yes Yes
Extended motion vectors No Yes Yes
Loop filter No Yes Yes
Dynamic resolution change No Yes Yes
Adaptive macroblock quantisation No Yes Yes
B frames No Yes Yes
Intensity compensation No Yes Yes
Range adjustment No Yes Yes
Field and frame coding modes No No Yes
GOP Layer No No Yes
Display metadata No No Yes

Table 9.58: VC-1 Profiles and Included Features.
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= For an inter-coded block:

1. Predict the block from the corresponding motion-compensated block in the previous
frame. If the frame is bidirectional, the block can also be predicted from the motion-
compensated block in the next frame.

2. Predict the motion vectors themselves from the motion vectors of neighboring blocks
and encode the motion vector differences with a variable-length code.

3. Apply one of the four sizes of the transform to the prediction error of the block.

4. Quantize the resulting transform coefficients, scan the results in a zigzag pattern,
and encode the run-lengths and nonzero coefficients with a variable-length code.

Figure 9.59 shows how an 8 x 8 intra block is encoded after an overlap operation.
Figure 9.60 shows the main steps in the encoding of an inter block.

9.11.3 Comparison of Features

Today (early 2009) there are quite a few competing algorithms, implementations, and
standards for video compression. Many experts may agree that the most important
participants in this field are MPEG-2 (Section 9.6), H.264/AVC (Section 9.9), and the
newcomer VC-1. This short section discusses ways to compare the main features of these
standards.

What important features of a codec should be included in such a comparison? One
way to compare codecs is to list the features each has or is missing. A more useful
comparison should try to compare (1) the quality of the decompressed data, (2) the
compression ratios (or equivalently, bitrates) achieved, and (3) the time requirements
for both encoding and decoding of each implementation.

Quality comparison. The algorithms being compared include quantization as an
important encoding step and are therefore lossy. The decompressed data is not identical
to the original and may even contain visible distortions and compression artifacts. It
is therefore important to have a well-defined process that can measure the quality of
a given compression. Notice that the quality depends on the specific implementation,
and not just on the algorithm. A poor implementation may result in poor compression
quality regardless of the sophistication of the underlying algorithm.

The chief aim of a lossy video encoder is to lose only data that is perceptually
irrelevant; data whose absence would not be noticed by a viewer. However, viewers (and
people in general) rarely agree on the quality of video (or on the quality of anything else
for that matter). Thus, any test for compression quality that relies on the subjective
judgment of people has to be carefully planned, has to involve several judges, and should
be repeated several times, with several different video streams screened under different
conditions.

Because of these difficulties, some testers rely mostly on objective measures of qual-
ity, measures that yield a single number that depends on the differences between the
original and decompressed video streams. One such measure is the peak signal to noise
ratio (PSNR). The PSNR for two IV x M images (original and reconstructed) with n-bit
pixels is defined by

(2" —1)N x M
N-1—M-1 27
Zi:o ijo (Pij — Qij)

PSNRdB = 1010g10 (94)
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where P; ; and Q; ; are the original and reconstructed values of pixel (4, j), respectively.
This expression is slightly different from Equation (7.3), but it is also dimensionless.
The PSNR is the ratio of the maximum value of a signal (255 in the case of 8-bit
pixels) to the quantization noise. Thus, the lower the PSNR, the noisier the signal.
Lower compression ratios (i.e, higher bitrates) generally correspond to less noise and
therefore higher PSNR. For the purposes of measuring compression quality, it therefore
makes sense to plot the PSNRs for many bitrates. Such a graph (which is a rate-
distortion curve) would illustrate the behavior of the codec over a wide range of bitrates
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(or equivalently, a range of encoder settings).

When objective measures, such as the PSNR, alone are deemed insufficient, the
testers may resort to subjective measures of quality that involve human judgment. One
such test, comparing codecs for the next-generation optical disc standard, was conducted
in 2002 by the DVD forum. Viewers from several interested organizations were asked to
rate each video clip for (1) resolution, (2) noise, and (3) overall impression, on a scale of
1 to 5 for each measure. The aim was to select an algorithm and an implementation, so
several video clips—each compressed and decompressed by MPEG-2, MPEG-4, H.264,
and WMV9—were anonymously screened to the participants. The results confirmed
VC-1 (in its WMV implementation) as the leader in all three categories.

Other independent subjective quality tests, performed by DV Magazine (located
at dv.com/magazine), Tandberg television (tandbergtv.com), C’T Magazine (German,
heise.de/ct), and European Broadcasting Union (EBU, www.ebu.ch) also confirmed
VC-1 as a leader.

Complexity comparison. Currently, there are many simple devices that can
decompress video and send it to a screen in real time. The fastest way to do this is to
implement the decoder in hardware, which is why a video codec whose decoder is simple
to implement would be a winner in any complexity comparison. Here, VC-1 (and also
H.264) are often losers, because they are more complex than MPEG-2.

The remainder of this section provides more details on the most important building
blocks and features of VC-1.

9.11.4 The Input and Output Streams

m  VC-1 expects its input stream to be in the YUV 4:2:0 format. YUV is a color space
(Section 9.1.1) that is related to the familiar RGB by the simple expressions

Y =0.299R’ + 0.587G’ +0.114B’,
U= —0.147R' — 0.289G’ + 0.436B’ = 0.492(B’' —Y),
V =0.615R' — 0.515G’ — 0.100B’ = 0.877(R' - Y),

whose inverse transform is

R =Y + 1.140V,
G' =Y —0.394U — 0.580V,
B' =Y —2.030U.

The Y component of YUV is called luma (brightness) and the U and V components are
color differences or chroma (they specify the color). The PAL television standard also
uses YUV.

The three components of the RGB color space designate the intensities of the pri-
mary colors. However, lossy image and video codecs should lose information to which
the eye is not sensitive, which is why such codecs prefer a color space that has luma
(or luminance, Section 7.10.1) as a component. The human visual system is much more
sensitive to variations in brightness than in color, which is why a video codec can lose
more information (by quantization) in the chroma components, while keeping the luma
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936 9. Video Compression

component intact or almost so. Losing information is done either by quantization or
by subsampling (deleting one or two color components in a certain percentage of the
pixels).

Notations such as 4:2:0 refer to subsampling pixels (or decimating the chroma com-
ponents, see for example [Poynton 08]). This is illustrated in Figure 9.61. The 4:4:4
notation means no subsampling. Every pixel contains all three color components. 4:2:2
is the case where the chroma components are subsampled horizontally by a factor of
2. Similarly, a horizontal subsampling by a factor of 4 is indicated by 4:1:1. Finally,
4:2:0 is the case where pixels are subsampled in both directions by a factor of 2. This
is equivalent to saying that the pixels retain only their luma component and a virtual
chroma pixel is positioned between the rows and columns of the real pixels. There are
actually three versions of 4:2:0 that differ in the precise positioning of the virtual chroma
components.
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Figure 9.61: Subsampling Pixels.

The compressed stream output by VC-1 is also in YUV 4:2:0 format. It features a
hierarchy of the following layers: sequence, picture, entry point, slice, macroblock, and
block (the slice and entry point layers exist only in the advanced profile). A sequence is
a set of pictures, a picture is a set of slices, and a slice consists of rows of macroblocks.
The entry point layer is very useful. It makes it possible to enter the compressed stream
at any point and also to skip parts of the video.

9.11.5 Profiles and Levels

As is the norm with important compression standards, the operations of the VC-1 en-
coder are not described in the official publications. This allows implementors to come
up with original, sophisticated, and fast algorithms for the encoder’s basic building
blocks—the prediction (including both intra and inter prediction, where inter prediction
means the motion estimation and compensation), the transform, and the entropy cod-
ing. A general VC-1 encoder can therefore be quite complex, which is one reason why
the designers incorporated the concepts of profiles and levels in VC-1.
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9.11 VC-1 937

A profile is a precisely defined subset of a compression standard. It includes some
of the tools, algorithms, parameters, and syntax of the overall standard, and it restricts
the values that parameters may take. A profile may further be divided into levels which
are subsubsets of the standard.

The VC-1 definition specifies three profiles, simple, main, and advanced. The simple
profile has two levels and is intended for low bitrate applications, such as mobile video
communication devices, security cameras, and software for video playback on personal
computers. The main profile is intended for higher bitrate internet applications, such as
video delivery over IP. This profile has three levels. The advanced profile is aimed for
broadcast applications, such as digital television, DVDs, of HDTV. This profile supports
interlaced video and contains five levels. Thus, someone trying to implement VC-1 for
a mobile telephone or a portable video player may decide to include only the features
of the simple profile, while engineers designing a new DVD format might consider to go
all the way with a VC-1 encoder operating in the advanced profile.

Each profile has levels that place constraints on the values of the parameters used
in the profile. In this way, a level limits the video resolution, frame rate, bitrate, buffer
sizes, and the range of motion vectors.

9.11.6 Motion Compensation

As with other video encoders, the motion compensation step is the most elaborate and
time consuming part of the encoder. The principle of motion compensation is to locate,
for each block B in the current frame F, the most similar block S among the reference
frames of F. Once found, S is subtracted from B and the difference, which is small, is
transformed, quantized, and entropy encoded.

Motion compensation is beneficial because a video frame tends to be similar to its
immediate predecessors and successors. Often, the only difference between a frame and
the preceding frame is the location of certain objects that have moved sightly between
the frames. Thus, the chance of finding blocks similar to the current block increases
when the blocks are small. Similarly, a large number of reference frames also increases
the chance of finding good matches. As usual, however, there is a tradeoff. Smaller
blocks (and therefore a larger number of blocks) and many reference frames imply more
work and increased complexity for the encoder. VC-1 allows for only two reference
frames and a maximum of two block sizes.

When a frame of type inter is encoded, its macroblocks are motion compensated
with either 16 x 16 blocks and one motion vector (MV) for each block, or with four
8 x 8 blocks, each with its own MV. Notice that the MVDs (MV differences) have to
transmitted to the decoder. An MV specifies the zy coordinates of the matched block
S relative to the current block B. Normally, the coordinates are measured in pixels, but
VC-1 allows for coordinates whose units are 1/2 pixels or even 1/4 pixels (and this choice
has also to be transmitted to the decoder).

Intensity Compensation is one of the many innovations and complexities introduced
in VC-1. This is a special mode that the encoder enters when it decides that the
effectiveness of motion compensation can be improved by scaling the original color. In
this mode, the encoder scales the luma and chroma color components of the reference
frame before using them in motion compensation.
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938 9. Video Compression

9.11.7 Pixel Interpolation

The principles of motion compensation are discussed in Section 9.5. The idea is to
predict a block from the corresponding blocks in previous (and sometimes also future)
frames. Modern video codecs extend this idea by artificially increasing the resolution
of each block before it is predicted. This is done by interpolating the values of pixels.
In its simplest form, interpolation starts with a group of 2 x 2 pixels, computes their
average, and considers this average a new, fractional, pixel at the center of the group.
In VC-1, pixels can be interpolated to half-pixel or even quarter-pixel, as illustrated by
Figure 9.62a,b. The black squares in the figure are pixels, the white squares are half
pixels, and the circles are quarter pixels.

= O = mEoODOm boooc b 1 2 3 ¢
00000 00000 - mooom - 4 5 6 7 8
u} m] [u} Ooonooano Ooooano 9 10 11 12 13
cooo0o0 ocoo0oo0o0 pl p2 p3 p4 14 15 16 17 18
= O = mooom aoood al192021 d

(a) (b) () (d)

Figure 9.62: Fractional Pixels.

—
@
~

VC-1 uses bilinear and bicubic pixel interpolation methods. Instead of listing the
complex rules and interpolation formulas employed by VC-1, this short section tries to
explain how the formulas and the many constants they include were derived.

We start with bilinear interpolation (see [Salomon 06] for more information and
figures). Figure 9.62c¢ shows a group of 2 x 2 pixels labeled a through d, with five half
pixels and 16 quarter pixels to be linearly interpolated. We imagine that the four original
pixels are equally-spaced three-dimensional points (where the values of the pixels are
the z coordinates of the points) and we use linear operations to construct a rectangular
surface patch whose four corners are these points. We connect points a and d with the
straight line L;(u) = a(1 — u) 4+ du and then connect points b and ¢ with the straight
line Ly(u) = b(1l — u) + cu. Notice that L;(0) = a, Li(1) = d, and similarly for L.
The entire bilinear surface P(u,w) is obtained by selecting a value for parameter w,
selecting the two points P; = Lq(w) and P» = Lo(w), and connecting P, and P, with a
straight line P(u,w) = P;(1 —w) 4+ Paw. The entire surface (Figure 9.63 is an example)
is obtained when u and w vary independently in the interval [0, 1].

We now consider the pixel grid of Figure 9.62¢ a two-dimensional coordinate system
with point a as its origin, parameter u as the x axis, and parameter w as the y axis.
With this notation, it is easy to see that the half pixels (from top to bottom and left
to right) are the five points P(.5,1), P(0,.5), P(.5,.5), P(1,.5), and P(.5,0). The two
quarter pixels on the top row are the surface points P(.25,1) and P(.75,1), and the
remaining 14 quarter pixels have similar coordinates.

Figure 9.64 lists Mathematica code for bilinear interpolation, as well as a few results
for half- and quarter pixels. It is easy to see how some fractional pixels depend on only
two of the four original pixels, while others depend on all four. Notice that the formal
definition of the VC-1 standard employs integers (followed by a right shift) instead
of the real numbers listed in our figure. For point P(0.5,0.25), for example, a VC-1
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Figure 9.63: A Bilinear Surface.

implementation computes the integer expression (6a + 2b + 2¢ + 6d + 2) >> 4 instead of
the equivalent real expression 0.375a + 0.125b 4 0.125¢ + 0.375d.

billu_,w_]:=a(l-u) (1-w)+b(1-w)w+d(1-w)u+c u w;
bil[.25, .25]

bil[.75, .5]

bill[.25, 1]

bill[.5, .25]

0.5625a+0.1875b+0.0625¢c+0.1875d
0.125a+0.125b+0.375¢c+0.375d
0.75b+0.25¢c
0.375a+0.125b+0.125¢c+0.375d

Figure 9.64: Code For Bilinear Interpolation.

The principles of bicubic interpolation (we are interested in the one-dimensional
case) are discussed in Section 7.25.5. The idea is to start with the values of four con-
secutive pixels, consider them the y coordinates of four equally-spaced two-dimensional
points pl through p4, and construct a polynomial P(t) that passes through the points
when ¢ varies from 0 to 1. This polynomial is given by Equation (7.45), duplicated here

—45 135 —135 45 pl
9.0 -225 18 —45 | [ p2
55 90 —45 1.0 3
1.0 0 0 0 pd

G(t) = (t°,1,1,1) (7.45)

The four original points are obtained for ¢ values 0, 1/3, 2/3, and 1 and Figure 9.62d
makes it clear that we are interested in the three pixels that are equally spaced between
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p2 and p3. These correspond to t values 0.44444, 0.5, and 0.55555, respectively. The
Mathematica code of Figure 9.65 shows how this computation is carried out. In order to
speed up the decoder, the definition of VC-1 employs integers and a right shift instead
of the real numbers listed in the figure.

glt_1:={t"3, t72, t, 1}.
{{-4.5,13.5,-13.5,4.5},{9.,-22.5,18.,-4.5},
{-5.5,9.,-4.5,1.},{1.,0,0,0}}.{p1,p2,p3,p4};
g[0.44444]

gl0.5]

g[0.55555]

-0.0617277p1+0.740754p2+0.370355p3-0. 0493812 p4
-0.0625p1+0.5625p2+0 . 5625p3-0 . 0625p4
-0.0493846p1+0.37039p2+0. 740724p3-0.0617293p4

Figure 9.65: Code For Bicubic Interpolation.

Section 7.25.7 shows how cubic interpolation can be extended to two dimensions,
but VC-1 specifies this process differently. The VC-1 encoder computes the bicubic
interpolation of half- and quarter pixels in several steps. First, this type of interpo-
lation is performed horizontally to compute the three pixels 1, 2, 3 between b and ¢
(Figure 9.62e), using, in addition to b and c, the values of the pixel to the left of b
(as our pl) and the pixel to the right of ¢ (as our p4). Next, the three pixels 19, 20,
and 21 between a and d are computed in a similar way. Using the values of 1 (and the
corresponding pixel in the 5 x 5 grid above) and 19 (and the corresponding pixel in the
grid below), it is possible to interpolate for pixels 5, 10, and 15. The values of 6, 11,
and 16, and 7, 12, and 17 are similarly computed. Finally, the values of 4, 9, and 14
are computed from pixels b (and the one above it) and a (and the one below it), and
similarly for 8, 13, and 18. Another tough job for the VC-1 implementor!

9.11.8 Deblocking Filters

The VC-1 encoder transforms blocks of pixels and it has long been known that this intro-
duces boundary artifacts into the decompressed frame. Imagine two adjacent identical
pixels with a value of, say, 100. Assume further that a block boundary passes between
the pixels. After being transformed and quantized by the encoder and later reverse-
transformed and dequantized by the decoder, one pixel may end up as 102, while the
other may become 98. The difference between an original and a reconstructed pixel is 2,
but the difference between the two reconstructed pixels is double that. Blocking artifact
can also be caused by a poor quantization of the DC coefficient, causing the intensity of
a decoded block to become lower or higher than the intensities of its neighbors.

VC-1 introduces two innovative techniques to reduce the effect of blocking artifacts.
They are referred to as overlapped transform (OLT) and in-loop deblocking filter (ILF).

OLT acts as a smoothing filter. It is designed to perform best when two adjacent
8 x 8 blocks differ much in their quality. Imagine a block P on the left and a block Q on
the right with a vertical boundary between them (alternatively, P may be directly above
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9.11 VC-1 941

Q, with a horizontal boundary between them). If P and Q differ in their qualities (one
is high quality and the other is low quality), then the encoder applies the OLT filter to
smooth their boundary. This operation is carried out only on intra-coded blocks, which
are always 8 x 8. The formal definition places many restrictions on the OLT filter, so
the encoder has to signal to the decoder the presence of this operation.

Once the encoder decides to apply OLT to two adjacent blocks (the codec definition,
as usual, does not specify how the encoder should make this decision), it starts with
the four edge pixels P1, PO, QO0, and Q1 shown in Figure 9.66 (for two blocks with a
horizontal boundary, the figure should be rotated 90°). For each of the eight rows of the
blocks, the encoder computes new values for these pixels, based on their original values
and on certain rounding parameters, and substitutes the new values for the old ones.
The decoder performs the reverse operations. Specifically, the computation carried out
by the decoder is

PV 7 00 17T[Pl 70
po| Jl-1 71 1]|Po 1l
o | =Yl 1 17 —1il|qo| Tl (P
Qv 1 00 7]l 1

where the notation >> means a right shift and the two rounding parameters r0 and
r1 take the values (3,4) for even-numbered rows of pixels and (4, 3) for odd-numbered
rows.

P1|P0[|Qo|Q1
P1|P0[|Qo|Q1

P1|Po[|Qo|Q1

Figure 9.66: Edge Pixels For OLT.

When two adjacent blocks have similar qualities, the VC-1 standard recommends
the use of ILF. Notice that an in-loop filter improves prediction since it filters frames
that will be used for reference (this is different than a post-filter). For blocks in I and
B frames, the ILF filter should be applied to all four boundaries of the 8 x 8 blocks
in the following way. First, ILF should be applied to every 8th and 9th horizontal
rows of the frame, and then to every 8th and 9th vertical columns. If the rows are
numbered 0 through N — 1, then ILF should be applied to rows (7,8), (15,16),...,
((8(N —1) —1,8(N — 1)), and similarly for the columns (Figure 9.67). Those rows and
columns form the block boundaries in the frame.

For blocks in P frames, the situation is more complex, because blocks can be of
four different sizes, as illustrated by Figure 9.69a. The encoder therefore has to work
harder to identify the pixels that constitute block boundaries, as shown in part (b) of
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Figure 9.67: ILF Boundary Rows and Columns For | and B Frames.

the figure. The figure shows examples where filtering between neighboring blocks (or
subblocks) does or does not occur. If the motion vectors of adjacent blocks are different,
then the boundary between them is always filtered. Thus, our example assumes that
the motion vectors of the blocks are identical. The shaded blocks or subblocks in the
figure are those that have at least one nonzero coefficient, while the clear blocks or
subblocks have no transform coefficients. The thick lines designate boundaries that
should be filtered. The order of filtering is important and is specified in detail in the
VC-1 definition. The figure illustrates only horizontal block neighbors. The handling of
vertical block neighbors is similar.

Once the encoder identifies the block boundaries that should be filtered, the filtering
operation can proceed. Figure 9.68 illustrates this process. Filtering is always done on a
segment of 2 x 4 (horizontal) or 4 x 2 (vertical) pixels. Thus, if a boundary is eight pixels
long, its filtering becomes a two-step process. In each four-pixel segment, the third pair
of pixels is filtered first and the result of this operation determines whether the other
three pairs should also be filtered.

%%~ ©eEEBEOO>
00 & OO

®®

00 =

Figure 9.68: ILF Filtering.

The rest of the filtering operation differs slightly for P frames and for the other
frame types. It is described here in essence but not in detail. The third pair and its six
near neighbors are split into three groups as shown in the figure and several expressions
involving differences of pairs of pixels in each group are computed. The idea is to discover
any blocking effects caused by differences between pixels on both sides of the boundary.
These differences are examined to see whether the remaining three pairs should also
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Figure 9.69: ILF Boundary Rows and Columns For P Frames.

be filtered. The two pixels p4 and p5 that are closest to the boundary are updated
according to

d = (p4—p5)/2,

If the decision is made to filter the other three pairs, they are updated in a similar way.
In each pair, pixel differences are computed and the two pixels closest to the boundary
are updated.

9.11.9 The Transform

The transform is a central component of VC-1. It is an integer transform that is based on
the discrete cosine transform (DCT). Clearly, an integer transform is easier to implement
and is faster to execute. Its precision, however, depends on the size of the integers in
question, but each color component of a pixel is typically only eight bits long, so a 16-
bit transform provides enough precision to generate intermediate results that are much
bigger than an original pixel.

It has already been mentioned that the transform operates on four different block
sizes, as shown in Figure 9.56. This is one of the many innovations of VC-1 and it
is an option of the encoder (that is signaled at the sequence layer). Blocks are first
motion compensated and then transformed. The intra blocks (blocks in macroblocks in
I frames) always use the 8 x 8 transform, while the inter blocks (in the other types of
frames) may use any of the four transform sizes (and this information is stored in the
picture, macroblock, or block layers). When the transform size appears in the picture

pid=p4—d, psb=pd+d
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layer, all the blocks in the picture use the same transform size. When the size appear
at the macroblock layer, all the blocks of the macroblock use the same transform size.

The details of this transform are described here, based on [Srinivasan and Regu-
nathan 05], but the interested reader should first become familiar with the concept of
orthogonal transforms (Section 7.7) and especially with the matrix of Equation (7.6)
and with the DCT matrix in one dimension for n = 8, Table 7.38, shown here as ma-
trix (9.5) (unnormalized) and (9.6) (normalized). Notice that the odd-numbered rows
of this matrix have only three distinct elements and the even-numbered rows consist of
another set of four distinct elements.

ro1 1. 1. 1. 1. 1. 1. 1. 7
0981 0.831 0556  0.195 -0.195 —-0.556 —0.831 —0.981
0.924  0.383 —-0.383 —-0.924 —-0.924 -0.383 0.383  0.924
0.831 —-0.195 -0.981 —-0.556  0.556  0.981  0.195 —0.831

0.707 —-0.707 —-0.707  0.707  0.707 —0.707 —0.707  0.707 (95)
0.556 —0.981  0.195 0.831 -0.831 -0.195  0.981 —0.556
0.383 —0.924 0924 -0.383 —-0.383 0924 -0.924 0.383
L0.195 —0.556  0.831 —-0.981  0.981 —0.831 0.556 —0.195]
0.3536  0.3536  0.3536  0.3536  0.3536  0.3536  0.3536  0.3536
0.4904  0.4157  0.2778  0.0975  —0.0975 —0.2778 —0.4157 —0.4904
0.4619  0.1913  —0.1913 —0.4619 —0.4619 —0.1913  0.1913  0.4619
0.4157 —0.0975 —0.4904 —0.2778  0.2778  0.4904  0.0975  —0.4157 (9.6)
0.3536 —0.3536 —0.3536  0.3536  0.3536  —0.3536 —0.3536  0.3536 | :
0.2778 —0.4904  0.0975  0.4157  —0.4157 —0.0975  0.4904  —0.2778
0.1913 —0.4619  0.4619  —0.1913 —0.1913  0.4619  —0.4619  0.1913
0.0975 —0.2778  0.4157  —0.4904  0.4904 —0.4157  0.2778  —0.0975

The first thing that comes to mind, when trying to derive an integer version of the
DCT, is to round off the elements of Equation (9.5) to the nearest integer, but it is
easy to see that this would simply result in a matrix of zeros and 1’s, similar to the
basic orthogonal transform matrix of Equation (7.6). It would still be an orthogonal
transform, but without the useful energy compaction properties of the DCT (however,
note that energy compaction is not a critical issue here, because the DCT operates on
the residuals of the prediction). Thus, a different approach is needed. The designers of
the VC-1 transform started with the following considerations:

=  Video encoding can sometimes be slow, but decoding must be done at real time.
Video decoding is often done by small, specialized processors that are embedded in DVD
players, digital televisions, home theaters, handheld mp3 and video devices, and other
devices and instruments designed for video playback. Currently, most such devices are
based on 16-bit architectures.

» It is known from long experience with video compression that the inverse transform
is generally responsible for 10-30% of the CPU time used by a video decoder. A single
video frame of 1920 x 1080 pixel (the so-called HDTV 1080p) consists of 32,400 8 x 8
blocks that have to be inverse transformed. At 30 frames per second, the decoder has
to inverse-transform 972,000 blocks each second; a tough job for even fast processors.
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These two considerations imply that a 16-bit integer transform can be very useful
if it also offers energy compaction equivalent to that of the DCT. The integer transform
developed for VC-1 allows for fast decoding. The decoder performs the inverse transform
using just 16-bit integer arithmetic. The encoder, on the other hand, can compute the
forward transform with fixed-point (scaled integer) or even floating-point arithmetic.
(The encoder can also benefit from a simple transform, because it has to try all the
valid block sizes, such as 8 x 8 and 4 x 8, in order to choose the best.)

A full understanding of this transform starts with the concept of norm. In math-
ematics, the term “norm” is defined for certain mathematical objects that are more
complex than a single number. Intuitively, the norm of an object is a quantity that
describes the length, magnitude, or extent of the object. Norms are defined for complex
numbers, quaternions, vectors, matrices, and other objects that are not just numbers.
Often, several different norms are defined for the same type of object.

The norm of a matrix can be defined in several ways, but perhaps the most common
definition is the Frobenius norm (older texts refer to it as the Hilbert-Schmidt norm or
the Schur norm). Given an n x m matrix A with elements a;;, its Frobenius norm is

1/2

Al = D> ai?

i=1 j=1

Similarly, the norm of a vector is the square root of the sum of the squares of its elements.
These norms are very similar to the concept of energy, defined in Section 7.6.

Given a vector V = (2,2,2) and a 3 x 3 matrix A all whose elements are 10, the
result of the product V - A is the vector W = (60, 60, 60), and it is easy to verify that
[[W]| = ||[V]]-||A]| = 60v/3. We therefore conclude that multiplying a vector by a matrix
A scales its norm by (approximately) a factor of ||A]|.

The two-dimensional DCT (Equation (7.16), duplicated here) can be written in
matrix notation as the product of a row of m functions cos[(2y + 1)j7/2m], an n x m
matrix of pixels pgy, and a column of n functions cos[(2z + 1)im/2n]. Thus

n—1lm-—1 . ;
]2 /2 (2y + 1)jm 2z + 1)in
Gij = m\/;ClCJ E E Doy COS { 2 cos ™

=0 y=0
Poo column
2 1)7 f
= {row of cos {%H ‘ © , (9.7)
[ (a+1)i
Pnm cos [%]

Each coeflicient G;; is therefore the product of a row of cosines, a block of pixels,
and a column of cosines. An entire block of transform coefficients G;; is therefore the
product of the one-dimensional DCT matrix (Equation (7.14)), the corresponding block
of pixels, and the transpose of the same DCT matrix. Our task is to replace the DCT
matrix with a matrix T of integers, and the earlier discussion of norms makes it clear
that the resulting transform coeflicients G;; will be bigger than the original pixels by a
factor of approximately ||T[|?.
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946 9. Video Compression

We denote L log, ||T'||. We assume that the prediction residuals are 9-bit signed
integers, i.e., in the interval [—256,255]. We require that the transform coefficients be
12-bit signed integers. Transforming a block of pixels therefore increases the magnitude
of a pixel by three bits. Because transforming is done by two matrix multiplications (by
the transform matrix T and its transpose), we conclude that each matrix multiplication
increases the magnitude of pixels by 1.5 bits on average.

To a large extent, decoding is the reverse of encoding, but the integer nature of the
transform creates a problem. Decoding starts with 12-bit signed transform coefficients
and has to end up with 9-bit signed integer pixels, but decoding is done by two matrix
multiplications which increase the size of the numbers involve. Thus, each matrix mul-
tiplication should be followed by a right shift (denoted by >>) which shrinks the results
from 12 bits to 10.5 bits and then to nine bits. Assuming that decoding starts with a
matrix A of 12-bit transform coefficients, the first step is to multiply B = T'- A and shift
C = B >> n, where the value of n should be such that the elements of C' will be 10.5
bits long on average. The second step is another multiplication D = C - T" followed by
another right shift £ = D >> m, where m should be chosen such that the elements of
E are 9-bit integers.

This sequence of transformations and magnitude changes is achieved if we require
that ||T||> = 2"*™, which implies 2L = n + m. Also, the dynamic range (the range of
values) of matrix B should be 10.5+ L and the range of D should be 9+ 2L —n. These
conditions should be achieved within the constraints of 16-bit arithmetic, which results
in the following relations

2L=n+m, 1054+L <16, 9+2L —n <16.

One solution of these relations is L < 5.5 (which implies ||T||? = 2!! = 2,048) and
m = 6.

These values are enough to place a limit on the DC coefficient of the transform.
Equation (9.7) implies that the DC coefficient G is obtained by multiplying the pixels
by the top row of the transform matrix, a row whose elements are identical. If we denote
the (yet unknown) element on the top row of our 8 x 8 integer transform matrix 7' by
dg, then the norm of that row is \/@. This norm must be less than or equal the norm
of T, so it must satisfy 8d2 < 2,048 or dg < 16. For the 4 x 4 transform matrix, where
each row is half the size of the 8 x 8 matrix, the element of the top row is denoted by d4
and the norm requirement is dys = v/2dg. It is now easy to check every pair of integers
(dy,ds) for the constraints dg < 16 and dy = V2ds, and a quick search verifies that the
only pairs that come within 5% of the constraints are (7,5), (10, 7), (17,12) and (20, 14).

The next task is to determine the remaining seven rows of the 8 x 8 integer transform
matrix. We first examine the even-numbered rows and it is easy to see that they contain
only four distinct elements that we denote by C'1 through C4. These rows form the 4 x 8
matrix

cTr Cc2 (C3 C4 -C4 -C3 —-C2 -C1
c2 -C4 -C1 -C3 (C3 (C1 (C4 -C2
c3 -C1 c4 (C2 -C2 -C4 C1 -C3
cs4 -C3 C2 —-C1 (Ci1 -C2 C(C3 -—-C4

(9.8)

The following conditions were set by experts in order to determine the four elements
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9.11 VC-1 947

(the curious reader might want to glance at Section 8.7.1, for a list of similar conditions
used to determine the values of wavelet filter coefficients):

1. The rows of T must be orthogonal. We know that each even-numbered row is
orthogonal to the odd-numbered rows, because of the properties of the cosine function.
Thus, we have to choose the four elements such that the four even-numbered rows will
be orthogonal.

2. The vector (C1,C2,C3,C4) should correlate well with the special DCT vector
(0.4904,0.4157,0.2778,0.0975). The term “correlate” refers to the cosine of the angle
between the vectors, as measured by their dot product. The DCT vector above was
obtained in the following way. The DCT matrix of Equation (9.6) is normalized. Nor-
malization is done by dividing each row by its length, so it becomes a vector of length
1. When this is done to the second row, it becomes the unit vector
(0.4904,0.4157,0.2778,0.0975, —0.0975, —0.2778, —0.4157, —0.4904) and the DCT vector
above is the first half of this (its length is therefore 0.5).

3. The norm C12 4+ C2? + C33 + C4? of the four elements should match that of dg,
i.e., it should be as close as possible to d2 + d2 + d2 + d2 = 4d%. The four choices of dg
listed earlier yield the four values 100, 196, 576, and 784 for 4d2.

How can we derive the set of four integers that come closest to satisfying the three
conditions above? The simplest approach is to use brute force (i.e., the high speed of
our computers). We loop over all the possible sets of four positive integers and select the
sets that satisfy C12 + C22 4+ €33 4- C4% < 800. (There is a very large number of such
sets, but it is finite.) For each set, we check to see if the four rows of matrix (9.8) are
orthogonal. If so, we compute the dot product of condition 2 above and save it. After
all possible sets of four integers have been examined in this way, we select the set whose
dot product is the maximal. This turns out to be the set (16,15,9,4), whose norm is
578 (implying that dy = 17 and dg = 12), very close to the ideal 576. The correlation of
condition 2 is 0.9984, also very encouraging.

We next examine the odd-numbered rows of Equation (9.6). We already know that
dg = 12, so these four rows become the 4 x 8 matrix

12 12 12 12 12 12 12 12
cé6 C6 —-C6 —-C5 —-Cb —-C6 C(C6 Ch
12 -12 -12 12 12 —-12 —-12 12
c6e -C5 Cb —-C6 —-C6 C5 —C5 (6

and require the derivation of only two elements, denoted by C5 and C6. The norm
C5% 4 C6? of these elements should match (similar to condition 3 above) that of dy, i.e.,
it should be as close as possible to d2 + d? = 288, and this is satisfied, to within 1%, by
the pair (16, 6).
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948 9. Video Compression

The 8 x 8 transform matrix Tg has now been fully determined and is given by

ri2 12 12 12 12 12 12 12 7
16 15 9 4 -4 -9 15 -16
16 6 -6 -16 —-16 -6 6 16
15 -4 -16 -9 9 16 4 -15
12 —-12 —-12 12 12 -12 -12 12
9 —-16 4 5 =15 -4 16 -9
6 -16 16 -6 -6 16 —-16 6

4 -9 15 -16 16 —-15 9 —4 |

T3

The 4 x 4 integer transform is derived in a similar way, but is much simpler. We
already know that the transform matrix should look like the 4 x4 matrix of Equation (7.6)
and that d4 equals 17. Thus, we are looking for a matrix of the form

17 17 17 17
D1 D2 -D2 -D1
17 =17 =17 17
D2 -D1 D1 -D2

This matrix is inherently orthogonal for any choice of elements D1 and D2, but the best
choices are those that satisfy the norm condition D124 D2? = d3+d3 = 578, and a direct
search yields the pair D1 = 22 and D2 = 10, that satisfy D12 + D22 = 222 + 10 = 584.
Thus, the complete 4 x 4 integer transform used by VC-1 is

17 17 17 17
22 10 -10 -22
17 17 -17 17
10 =22 22 -10

T

Once the two integer transform matrices have been constructed, we are ready for the
transform itself. As has already been mentioned, the forward transform is computed by
the encoder, which doesn’t always have to work at real time. Thus, the forward transform
can be performed with fixed-point (scaled integer) or even floating-point arithmetic. We
start with two normalization vectors

y—(2 8 8 8N (8 8 8 8 8 8 8 8
* 7 \280°292°289°292 )0 7 (283728072927 2897 288728972927 289 )

These are used to construct the four normalization matrices Ngx4, Ngxa, Naxg, and
Nsxs by means of outer products (also known as tensor products) of the vectors ¢4 and
cg. Thus, for example, Ngy4 = cg ® c4.

The outer product is a vector operation whereby a matrix is constructed from the el-
ements of two vectors. Given the two vectors a = (a1, az,...,an) and b = (b1, be,...,by),
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9.11 VC-1 949

their outer product a ® b is the m x n matrix

a1b1 a1b2 N ay bn
a2b1 a2b2 N agbn
ambt  ambs ... amby,

In contrast, the more familiar inner product (or dot product) operates on the elements
of two equal-length vectors to produce a single number.

The forward transform starts with a block D of pixels and produces a block D of
transform coefficients. The transform is defined by D= (TiDT; ) o Nix; where ¢ and
j take the values 4 or 8, and the notation “o” means an entry-wise multiplication of
two matrices. Thus, depending on the transform block size, there are the following four

cases:
D = (T4DT})o Nuxa, D = (TyDT}) o Nsxa, D = (TyDT§) 0 Nyxs, D = (TsDTg) o Nyxs.

The inverse transform starts with a block of 12-bit signed (i.e., in the interval
(—2,048, +2,047]), quantized transform coefficients D;; (where ¢ and j are 4 or 8) and
results in a block R;x; of 10-bit signed integers (i.e., in the interval [-512,511]) that
become the reconstructed pixels. The transform consists of the two steps

Eixj = (Dixj T] -1—4) >> 3, Rixj = (Tz, . Ei><j +C;® 1j +64) >> 7,

where E; ; are intermediate matrices whose entries are 13-bit signed integers (i.e., in the
interval [—4,096,44,095]), 1, is a row of i 1’s, C; are the columns Cy = (0,0,0,0)" and
Cs =(0,0,0,0,1,1,1,1)", and the notation “>>" means an arithmetic (sign-preserving)
right shift, performed on all the entries of a matrix. The boldface 4 and 64 refer to
adding these constants to all the elements of a matrix.

9.11.10 Quantization and Scan

VC-1 uses both uniform and non-uniform quantization schemes. The uniform quantiza-
tion method treats the DC coefficients of intra blocks differently from the other trans-
form coefficients. These DC coefficients are quantized by dividing them by a parameter
DCStepSize, that is computed as follows

MQUANT = 1,2, 2-MQUANT,
DCStepSize = { MQUANT = 3,4, 8,
MQUANT >5, 6+ MQUANT/2,

where MQUANT is a parameter derived in a complex way from the syntax elements
DQBILEVEL, MQDIFF, PQUANT (the latter parameter is the picture quantizer scale
parameter, which itself is derived in a complex way from the Picture Quantizer Index,
PQINDEX), ALTPQUANT and ABSMQ. All other transform coefficients are quantized
by dividing them by 2 - MQUANT (except in some cases, not listed here, where the
quantization parameter is 2- MQUANT + HALFQP).
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950 9. Video Compression

The non-uniform quantization method also treats the DC coeflicients of intra blocks
differently from the other transform coefficients. This coefficient is quantized as in the
uniform method, while all other transform coefficients are quantized by dividing them
by first subtracting MQUANT and then dividing by 2- MQUANT (except in some cases,
not listed here, where the transform parameter is divided by 2- MQUANT + HALFQP).

The decoder performs the reverse operations, then rounds the results to the nearest
integer and, if necessary, also truncates them to 12 bits, signed, so they lie in the interval
[—2,048, +2,047].

Once the transform coefficients have been quantized, they are collected in a zigzag
scan of the block. As most other features of VC-1, the zigzag scan depends on syntax
parameters and can be done in different ways.

Intra-coded blocks are scanned in normal, horizontal, or vertical mode depending
on parameter ACPRED and on the DC prediction direction (which can be top or left)
as follows. If ACPRED = 0, perform normal scan. If ACPRED = 1 and prediction
direction is top, perform horizontal scan. If ACPRED = 1 and prediction direction is
left, perform vertical scan. Figure 9.70 shows the normal and horizontal zigzag scans
and cell numbering within an 8 x 8 block.

0] 1] 2] 3] 4] 5| 6] 7| Normal scan: 0, 8, 1, 2, 9, 16, 24, 17, 10, 3, 4, 11, 18, 25, 32, 40, 33, 48,
81 9]10]11]12]13]14 |15 26, 19, 12, 5, 6, 13, 20, 27, 34, 41, 56, 49, 57, 42, 35, 28, 21, 14, 7, 15, 22,
16 (17181920 |21 ]22(23 29, 36, 43, 50, 58, 51, 59, 44, 37, 30, 23, 31, 38, 45, 52, 60, 53, 61, 46, 39,
24 25|26 |27] 28293031 47, 54, 62, 55, 63.

3213334135 |36 37 | 38 |39 Horizontal 0,1,8,2, 3,9, 16, 24, 17, 10, 4, 5, 11, 18, 25, 32, 40

orizontal scan: b 9 il y b ] b k) k) 9 il b k] ) b i) il

ig i; 43 ;i’ f;‘ 42 fi §7 48, 33, 26, 19, 12, 6, 7, 31, 20, 27, 34, 41, 56, 49, 57, 42, 35, 28, 21, 14,

2 92 | 99 | 92 | 99 15, 22, 29, 36, 43, 50, 58, 51, 44, 37, 30, 23, 31, 38, 45, 52, 59, 60, 53, 46,
56]57]58]59]60]61]62|63] 39 47, 54, 61, 62, 55, 63.

Figure 9.70: VC-1 Normal and Horizontal Zigzag Scans.

For inter-coded blocks, there are four block sizes and VC-1 defines two scan patterns
for each, one for the simple and main profiles, and the other for the advanced profile;
an implementor’s nightmare!

9.11.11 Entropy Coding

The step following quantization is the entropy coding of the quantized transform co-
efficients. This is also very complex because many different tables of indexes and of
variable-length codes are used, depending on the profile/level and the type of block be-
ing coded (intra or inter). Instead of listing the many rules, syntax parameters, and
tables, we show a typical example that illustrates the basic process. Figure 9.71 shows
an 8 x 8 block of quantized transform coefficients, where only eight of the 64 coefficients
are nonzero. The block is scanned in basic zigzag pattern that brings the nonzero coef-
ficients to the front, creates several short runs of zeros between them, and ends with a
long run of zeros. Each nonzero coefficient C' is first converted to a triplet (run, level,
flag), where run is the length of the run of zeros preceding C, level is the (signed)
value of C', and flag is a single bit, that is zero except for the last triplet.

Thus, the eight triplets for our example are (1,1,0), (0,-2,0), (2,5,0), (1,—1,0),
(1,1,0), (0,—3,0), (0,4,0), and (1,1,1).
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0 |-2+0 |14-3|0+401]0
1 L |
A\ A
1 0 0 4 0
5 1-11o0 0
X X
¥ ¥
0 |1 0
0 0
¥ ¥
0 }/ 0
0 ))/ 0
v ¥ 7 v
0 0-x0 0—+0 0—+0 0

01-20050-101-34010---0

Figure 9.71: Example of Variable-Length Coding of a Block.

VC-1 employs 65 tables of variable-length codes. In the formal specification of this
codec [SMPTE-421M 08], these tables are numbered from 168 to 232 and most are used
to encode transform coefficients. Tables 175-190 and 219-232 contain variable-length
codes for high-level inter and intra-coded blocks. Tables 191 through 204 are similarly
used to encode low-level transform coefficients, and tables 205 through 218 specify codes
for mid-level. Each set consists of tables with indexes and tables with the actual codes.
For our example, we use the tables for low-motion, specifically table 199 for indexes of
triplets of the form (run,level,0), table 200 for an index for the last triplet, whose
format is (run,level, 1), and table 198 for the actual variable-length codes. Table 9.72
lists parts of these three code tables.

The first triplet is (1,1,0). We search table 199 for run 1 and level 1, and find
index 14. Entry 14 of table 198 specifies the 4-bit code 1119 = 1011. Thus, the encoded
stream starts with 1011|0, where the single zero implies a positive nonzero coefficient.
The second triplet is (0,—2,0). We search table 199 for run 0 and level 2, and find
index 1. Entry 1 of table 198 specifies the 5-bit code 2019 = 10100. The encoded
stream becomes 1011|0[10100|1, where the last 1 implies a negative coeflicient. The
third triplet is (2,5,0). We search table 199 for run 2 and level 5, and find index 27.
Entry 27 of table 198 specifies the 14-bit code 152219 = 00010111110010. The encoded
stream becomes 1011]0/10100|1|00010111110010|0. This process continues until the last
triplet (1,1,1). Since the flag is 1 (indicating the last triplet), we search table 200 for an
index. The table yields index 86 for run 1 and level 1, so we look at entry 86 of table 198
and find the 4-bit code 5 = 0101. The complete encoded bitstream is therefore

1011/0/10100/1|00010111110010]0]1011]1|1011|0]0010111|1]01111111]0]0101]0,

and this encodes eight 12-bit signed nonzero quantized transform coefficients.
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952 9. Video Compression
VLC
Index Code Size Index Run Level Index Run Level

0 4 3 0 0 1 81 0 1
1 20 5 1 0 2 82 0 2
2 23 7 2 0 3 83 0 3
3 127 8 3 0 4 84 0 4
4 340 9 4 0 5 85 0 5
5 498 10 5 0 6 86 1 1
14 11 4 14 1 1 103 7 2
27 1522 14 27 2 5

86 5 4 80 29 1

147 5524 13

Table 198 Table 199 Table 200

Table 9.72: Tables of Indexes and Variable-Length Codes.
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In seven to ten years video traffic on the Internet
will exceed data and voice traffic combined.

—Bob Metcalfe
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