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Preface

During the past two decades, there has been significant progress made in digital
video processing, transmission, and storage technologies. These technologies include
digital video compression, digital modulation, and digital storage. Among these
technologies, digital video compression is a field in which fundamental technologies
are driven by practical applications. Especially, the digital video-compression stan-
dards, developed by the Moving Pictures Expert Group (MPEG) of the International
Organization for Standardization (ISO) and Video Compression Expert Group
(VCEG) of the International Telecommunications Union (ITU), have enabled many
successful digital-video applications.

Digital video compression plays a key role in video and multimedia industries.
The compression technologies bridge the gap between the huge amount of visual
data required for video, multimedia transmission, and storage and limited hardware
capability, despite rapid growth in the semiconductor industry. In order to effectively
employ video compression technologies, many industry standards for video coding
have been developed. These are MPEG-1, MPEG-2, MPEG-4, H.261, H.263, and
H.264/MPEG-4 Advanced Video Coding (AVC). Several excellent books have been
published on the subject of video compression and standards. These books focus on
basic video coding theory and/or the video compression standards. However, there
is a need for a book that provides the explanations on the standards and at the same
time explains how to convert the compressed information between standards. This
is the hot topic investigated by many researchers from academia and industry; our
book will meet this need and will provide some of the theories and principles of
video compression and transcoding technologies.

The concepts of digital video coding are in many cases sufficiently straightfor-
ward to avoid highly theoretical mathematics. The reader will find that the primary
emphasis of the book is on digital video transcoding techniques, not on the basic
theories and principles of digital video coding and its standards. In fact, much of
the material covered is summarized via examples of practical methods for transcoder
implementation, and almost all of the video transcoding technologies introduced are
related to practical applications.

This book has arisen from the authors’ research results from many years in both
industrial and academic societies. We would like to share our experiences and
research results with colleagues in the field of video transcoding. The book takes a
structured approach to transcoding technologies, starting with the basic video
transcoding concepts and working gradually toward the most sophisticated transcod-
ing systems. The practical applications of transcoders are described throughout the
book. The materials are summarized from many research papers, lectures, and
presentations on video compression and transcoding technologies. The text is
intended to be a senior/graduate level textbook and reference book for researchers
and engineers in this field. We hope that college students and engineers in the video
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and multimedia industry can benefit from the information in this, for the most part,
self-contained text on video transcoding technologies.

The book is organized as follows. It consists of 11 chapters grouped into four parts.
The first part includes two chapters, which provide the background of video coding
theory, principles of video transmission, and an overview of video coding standards.
The second part includes three chapters that provide the theory of video transcoding
and practical problems. The third part includes three chapters and presents buffer man-
agement, packet scheduling, and encryption in the transcoding. The final part contains
three chapters and describes the application of transcoding, universal multimedia access
with emerging standard MPEG-21, and the end-to-end test bed. These topics occur in
very recent results of research and should be welcome by the readers.

Every course has as its first lecture a sneak preview and overview of the
fundamental techniques and tools useful for the following chapters. Chapter 1
provides such information. It provides fundamental concepts and theoretical basis
for digital video compression techniques including fundamentals of information
theory and various source coding techniques. It also covers some fundamentals for
video coding such as redundancy removal using spatial, temporal, and frequency
domain techniques.

In Chapter 2, the topics of digital video coding standards are discussed. First,
the general principles and structures of digital video coding are presented. Then the
basic tools for video coding standards are introduced. In order to improve coding
efficiency and increase functionality, several enhancement tools for digital video
coding standards are introduced and the basic ideas behind these tools are described.
Finally, a summary of different digital video coding standards and several encoding
issues are presented.

Chapter 3 provides the theoretical basis and fundamentals for the video transcod-
ing. The general concept and possible applications for video transcoding are first
introduced. Then, various transcoding architectures for specific purposes are then
presented and compared. Various transcoding algorithms are developed and analyzed.
Finally, an alternative to achieve transcoding, namely Fine Granularity Scalabiliy, is
presented.

Chapter 4 focuses on transcoding performance optimization for various func-
tionality. The first topic is the performance improvement for reduced spatial reso-
lution transcoding. The second topic focuses on the temporal resolution adaptation.
The third topic concentrates on the syntactical adaptation for different formats of
bit streams such as MPEG-1/2/4 and H.264. Lastly, several topics such as error
resilient transcoding, logo insertion, watermarking, switched pictures and picture-
in-picture transcoding are covered. The complexity analysis for various transcoding
architectures is also provided.

In Chapter 5, transport-level transcoding techniques are introduced. To explain
transport-level transcoding, we first present the basic concept of MPEG-2 system.
MPEG-2 systems have two specified stream formats: transport and program, which
are specified for a set of different applications. We present the transcoding tech-
niques, which are used to perform the conversions between the transport stream and
the program stream.

In Chapter 6, we present video synchronization techniques, such as system clock
recovery and time stamping for decoding and presentation. As an example, we use
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MPEG-2 transport systems to illustrate the key function blocks of this video syn-
chronization technique. In MPEG-2 systems, clock recovery is possible by trans-
mitting time stamps called program clock references (PCRs) in the bit stream. The
PCRs are generated at the encoder by sampling the system time clock (STC). Since
the decoder’s free-running system clock frequency does not exactly match the encoder’s
STC, the reference time is reconstructed by means of a phase-locked loop (PLL)
and the received PCRs. The encoder’s STC of a video program is also used to create
time stamps that indicate the presentation and decoding timing of video. Methods
for generating the decoding and presentation time stamps in the video encoder are
discussed in this chapter. In particular, the time-stamping methods for MPEG-2
video are introduced as examples. These methods can be directly used in other
compressed video.

In Chapter 7, constraints on video compression/decompression buffers and the
bit rate of a compressed video bit stream have been discussed. The transmission
channels impose these constraints on video encoder/transcoder buffers. First, we
introduce concepts of compressed video buffers. Then conditions that prevent the
video encoder/transcoder and decoder buffer overflow or underflow are derived for
the channel that can transmit a variable bit rate video. Next, the discussion focuses
on analyzing buffer, timing recovery, and synchronization for video transcoder. The
buffering implications of the video transcoder within the transmission path have also
been analyzed.

In the applications of transcoding, digital right management  and security issues
become more and more important. In Chapter 8, we study the basic security concepts,
algorithms, and models for transporting of compressed digital video. We describe a
number of important cryptographic algorithms that are used to protect high-value
video content and review several configurations of conditional access systems for
digital video transport systems. In particular, we outline the DES algorithm in details.
We introduce four modes of operation and their applications in both block cipher
and stream cipher. We also look at the area of public-key cryptosystems and examine
two algorithms, the Rivest, Shamir, and Adleman encryption algorithm, based on
the product of two large prime numbers, and the Diffie-Hellman key exchange algo-
rithm, based on the discrete logarithm problem for finite field. We also review three
configurations of conditional access schemes. Finally, we have introduced some
basic ideas of the multi-hop encryption systems. We believe this chapter will be very
useful for many researchers and engineers for developing the transcoding techniques
in many applications.

Chapter 9 is devoted to the application and implementation of video transcoding.
The first application is the transcoder of MPEG-2 to MPEG-4 bit streams. The
MPEG-4 video coding standard has been used for video streaming and mobile
terminals, but much content in video servers is encoded with MPEG-2; therefore,
we need convert the MPEG-2 to MPEG-4 for users with MPEG-4 available decoder
to receive the MPEG-2 encoded contents. Second, the techniques of error resilience
transcoding, which are related to video transcoder for IP network, are discussed. In
the applications of IP networks and wireless networks, the function of error resilience
is important. How to increase the error robustness for the transcoded bit stream is
introduced. Finally, the object-based transcoding technique for MPEG-4 will be
presented.
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In Chapter 10, we address several transcoding aspects related to the distribution
of digital content. The first objective is to provide an overview of the universal
multimedia access (UMA) concept. The primary function of UMA services is to
provide the best quality of service or user experience by either selecting/adapting
the content format to meet the playback environment, or adapting the content play-
back environment to accommodate the content. The second objective is to describe
how the concept of UMA relates to the emerging MPEG standard, Digital Item
Adaptation (DIA), which is the Part 7 of the MPEG-21 standard. The update on the
standards activity in this area is presented. Finally, we address the impact that DIA
will have on transcoding strategies, and we analyze some areas of future research.

In Chapter 11, we introduce the concept of real-time transport protocol and
carriage of multimedia content over IP networks. The first section covers the various
elements of the video streaming and transcoding system. The second section
describes how content can be carried over IP networks. Details of the real-time
transport protocol will be described. An implementation example of such a system
is described. The last section describes some simulation results and conclusions.
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1

1 Fundamentals of Digital 
Video Compression

In this chapter, we introduce the fundamentals of digital video compression. The
content will include the following topics. We will discuss the concept of entropy,
which pertains to the minimum number of bits necessary to carry information without
any loss. 

Rate distortion theory describes the fundamental bounds for compression but
does not offer any specific methods for the implementation of such bounds. In
practice, several lossless encoding techniques are used for compression standards.
In particular, variable length codes are used to achieve compression when the more
probable event is represented with shorter code and vice versa. There are several
types of variable length code, but we will limit our discussion to Huffman code,
Golomb code, and arithmetic code, which are commonly used in the international
standards, such as MPEG, JPEG, and ITU standards.

To represent the picture in full color, the scene is typically captured and digitized
as an RGB color space representation. We will review commonly used color space
representations; each approach has its advantages and disadvantages for different pur-
poses. However, such a color representation possesses significant redundancy among
components, which makes it unsuitable for compression purposes. Therefore, RGB is
rarely used for video compression standards, such as MPEG and ITU. For compression
purposes, the removal of the spectral redundancy associated with each color component
is the first step achieved with the YUV color representation. In addition to spectral
redundancy, there are two other inherent redundancies, in the spatial and temporal
domains. The spatial redundancy comes from the correlations between neighboring
pixels within a frame. The temporal redundancy comes from the correlations between
consecutive frames in a video. We will describe various techniques how such redun-
dancies can be exploited.

To fully exploit spatial and temporal redundancy, there are practical approaches
to achieve a feasible implementation. In particular, spatial redundancy is removed
with spatial domain transformation into the frequency representation, such as with
the discrete cosine transform (DCT), discrete wavelet transform (DWT), and
subband decomposition. We will review several fast algorithms for such transfor-
mations. As for temporal redundancy removal, the typical approach used in video
is block-based motion estimation and compensation. Block-based motion estima-
tion can be implemented efficiently with existing VLSI technology. The significant
advances of VLSI technology enable us to consider more complicated algorithms
to achieve further compression. Thus, variable block size motion estimation and
compensation is now accepted and used in state-of-the-art video standards, such
as H.264/AVC.
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2 Digital Video Transcoding for Transmission and Storage

1.1 FUNDAMENTALS OF INFORMATION THEORY

The origin of information theory can be traced back to the landmark paper “A
Mathematical Theory of Communication,” by Claude E. Shannon in 1948 [1-22].
The theory is now referred to as “The Mathematical Theory of Communication.”

Let’s consider a simple type of information — binary information source — since
the binary representation of information is commonly used in data storage and com-
puters. For example, the decimal digit is typically recorded with natural binary repre-
sentation as shown in Table 1.1. We see three ways to encode the four symbols si in
the table. The first approach is to use natural binary code to represent the information
source S. The advantage is its ease of interpretation and implementation of arithmetic
operations, such addition and subtraction. However, natural binary representation is
not the only way to store these symbols. For example, Gray code presents another
method of storing the information source. The Gray code possesses only single-bit
change between consecutive symbols, which is useful for achieving error protection
and correction. However, both binary and Gray codes denote the symbols with an
equal number of bits per symbol. Both codes are referred to as fixed length code.

The third approach uses code words with different lengths to represent the
information source S. As shown in Table 1.1, the probability for each symbol is
different, so it is obvious that a more frequent symbol should be denoted with a
shorter code word such that the average length is smaller. With this new code, the
average number of bits used to represent each symbol is reduced from two bits to 

The fundamental question is to determine the minimal number of bits to represent
an information source with known statistics. The pursuit of the answer to such a
question leads to the concept of entropy.

1.1.1 ENTROPY

The study of entropy starts with the understanding of the measure of information. Intu-
itively, the identification of a less probable symbol carries more information if such a
symbol occurs. That is, an unusual event should carry more information. For example,
the information on the current weather in Los Angeles has a higher probability of sunshine

TABLE 1.1
Fixed Length Code and Variable Length Code

Symbol Probability
Natural

Binary Code Gray Code
Variable Length

Code

s1 0.5 00 00 1
s2 0.25 01 01 01
s3 0.125 10 11 000
s4 0.125 11 10 001

1
2

1
1
4

2
1
8

3
1
8

3 1 75× + × + × + ×



 = .
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Fundamentals of Digital Video Compression 3

than snow. Therefore, a snow day event will carry more information because it is less
likely. The event that the sun rises in the east carries no information since it will surely
occur. To implement such a concept, we define the “measure of information” as follows.

Definition 1.1 Let the symbol si occur with probability pi. The measure of 
information is defined by I(si)

 

=

 

−logpi units of information. If the base of the 
logarithm is 2, the resulting unit of information is called a binary unit, or bit.

The measure of information I(si) is defined as 

 

−log pi

 

= log (1

 

/pi). As pi becomes
smaller, the information it carries becomes larger. Based on the measure of infor-
mation, the average of bits necessary to represent can be computed as an expected
or average value of the measure of information defined as follows.

Definition 1.2 Let the symbol si occur with probability pi. The average 
amount of information source of symbol si can be computed as the entropy 
H(S) of the source as defined by

.

In his paper, Shannon proved that the defined entropy is indeed the minimal
number of bits necessary to encode the information source.

Theorem 1.1 [Source Coding Theorem] A source with entropy H can be 
encoded with arbitrarily small error probability at any rate as long as R > H. 

However, there is no unique way to achieve such a bound. Thus, it is natural to
investigate how such bounds can be achieved. Before we answer that question, we
want to ask another: what is the effect of the probability distribution on the entropy?
We know that  but there are infinite combinations pi and we want to
determine the maximal entropy in representing this source and under what condi-
tions. The following theorem answers such a question without proof.

Theorem 1.2 For a memoryless information source with N symbols source 
alphabet {si }, the maximum of the entropy is exactly log(N ). Such 
maximum is achieved if and only if all the symbols are equiprobable.

Theorem 1.1 illustrates that the entropy is maximized when the probabilities pi

satisfy the following condition: . Obviously, the entropy is
computed as an average of information

H S p pi i

i

N

( ) log≡ −
=

∑
1

∑ ==i
N

ip1 1

p p p NN1 2 1= = = =K /

H S p p

N N N N

N

i i

i

N

N

( ) log

log log

log

≡ −

= − 



 + + 











=

=
∑

1

1 1 1 1
L

1 244444 3444444
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4 Digital Video Transcoding for Transmission and Storage

Example 1.1 For a binary memoryless information source with 
probabilities p and 1

 

− p, we have the entropy Hb(X)

 

=

 

−p log p

 

− (1

 

−
p)log (1

 

− p). This function is known as binary entropy function as shown 
in Figure 1.1. There are several interesting properties that can be observed 
in this example. 

The maximum of entropy occurs when p

 

= 0.5. This means that the entropy is
maximal when both symbols are equiprobable and thus the uncertainty is maximal.
The minimum of entropy occurs when p

 

= 0 or 1, which means that no information
of the one event is certain and the other event is impossible. Such a scenario requires
no information.

1.1.2 PROPERTIES OF BLOCK CODES

In order to implement a practical system, specific code words need to be assigned
for each symbol. We now define the block code since both Huffman and Golomb
codes belong to this category.

Definition 1.3 A block code is a code that maps each symbol si of the 
information source S into a fixed sequence of the code alphabet.

The first two codes in Table 1.2 are both block codes because each symbol si

of the information source S is mapped to a fixed sequence of code alphabet. However,
each sequence need not be distinct. It is obvious that indistinct code words result in
confusion at the receiver side. Thus, we need to add another property for the block
code, called nonsingularity, to remove such confusion. A nonsingular code is defined
as follows.

FIGURE 1.1 Entropy for the probability [1-22].
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Fundamentals of Digital Video Compression 5

Definition 1.4 A code is nonsingular if every element of the range of the 
source symbols maps into different code words.

For nonsingular code, the decoder can decode each symbol if the symbols are
properly separated. However, this may not be true when symbols are concatenated.
For example, the sequence “111” may come from a sequence of symbols including
“s1s1s1,” “s3s1,” “s1s3” or “s4.” Thus, nonsingular block code does not guarantee that
the symbols are decodable when multiple symbols are strung together. In information
theory, such an action of concatenation is referred to as extension, defined as follows.

Definition 1.5 An nth extension of a code is a mapping from a finite length 
of n symbols to a finite length of source symbols si. A code is uniquely 
decodable if its nth extension is nonsingular for all finite n.

As shown in Table 1.3, the second extension of code B has mapped both “s3s1”
and “s1s3” to the same sequence, “111.” The decoder cannot distinguish between
these two cases, so Code B is not uniquely decodable.

In addition to unique decodability, it is desirable to have the ability to decode
as soon as the full code word is received, which is referred to as instantaneous
decoding. As shown in Table 1.4, code D is not instantaneous because the decoding
of “100” from the sequence “1001” requires the fourth bit, “1,” to make a decision
that the first three bits represent the symbol s3. To achieve instantaneous decoding,
the following theorem states the condition as the prefix code requirements.

TABLE 1.2
Nonsingular Block Codes

Symbols Code A Code B

s1 0 1
s2 10 10
s3 110 11
s4 1110 111

TABLE 1.3
Second Extension of Code B

Symbols Code C Symbols Code C

s1s1 11 s2s1 101
s1s2 110 s2s2 1010
s1s3 111 s2s3 1011
s1s4 1111 s2s4 10111
s3s1 111 s4s1 1111
s3s2 1110 s4s2 11110
s3s3 1111 s4s3 11111
s3s4 11111 s4s4 111111
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6 Digital Video Transcoding for Transmission and Storage

Theorem 1.3 A code is a prefix code or instantaneous code if and only if 
no codeword is a prefix of any other codeword.

1.2 VARIABLE LENGTH CODE

There are several types of variable length code. Due to its simplicity, the most
commonly used code is Huffman code, which has been adopted in JPEG, MPEG,
and several other standards. With given statistics, one can show that Huffman code
is indeed optimal. However, the Huffman code requires a predetermined probability
distribution so that it can provide an optimal code to match the statistics. If this is
not the case, the code table is no longer optimal. The disadvantage can be solved
using several Huffman codes for specific probability distributions or statistics.

However, there is another limitation with Huffman code, which is the need for
constructing a table at both the encoder and decoder. It becomes a problem when
the number of symbols is significant. Golomb code can be used to address such a
problem assuming a geometrically distributed signal. The main advantage of Golomb
code is its simplicity. The Golomb code does not require any code table and uses a
very simple decoding method ideal for hardware implementation. It also allows easy
adaptation to the statistics by selecting appropriate Golomb code. Furthermore, the
Golomb code can be extended for an infinite number of source symbols. Golomb
code has been used for the JPEG-LS and H.264/AVC standards.

Both Huffman and Golomb codes are block codes. Another important type of
source coding technique involves non-block code. This non-block code is known as
the arithmetic code, and has been used for several standards, such as JPEG and
MPEG-4. One distinctive feature of arithmetic code is that it does not map a source
symbol to a specific code word. The advantage of arithmetic code is that it does not
assume any statistics for the source, as do the Huffman and Golomb codes. Instead,
it estimates the statistics on the fly and uses the newly estimated statistics to improve
the coding efficiency. Such a property makes it suitable to adapt to statistically
nonstationary source signals, such as video and image. Another feature is the pos-
sibility of using context to classify the source signals. This allows similar improve-
ment attained with multiple Huffman code tables without the complexity. Despite
its multiple advantages, the arithmetic code suffers vulnerability to transmission
noise. Error resilience is difficult to achieve for arithmetic code.

TABLE 1.4
Noninstantaneous Code

Symbols Code D

s1 1
s2 10
s3 100
s4 1000
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Fundamentals of Digital Video Compression 7

In the following three sections, we will describe the three variable length codes
typically used in video coding standards.

1.2.1 HUFFMAN CODING

Huffman code is the optimal prefix code in terms of shortest expected length for a
given distribution.

1. Sort the source symbols according to the probability.
2. Merge the two least probable symbols.

a.  Assign the top branch “0”.
b.  Assign the bottom branch “1”.

3. Check whether the number of symbols left is 2. If this is true, complete
the code assignment. Otherwise, go to Step 1.

We will illustrate this algorithm with an example.

EXAMPLE

Let us assume the information source has the symbols {s1, s2, s3, s4} with the proba-
bilities as shown in Table 1.5. As shown in Figure 1.2, the symbols s3 and s4 are
combined to make a new symbol s2′. Please note the tranposition of order from s2 to
s3′. This is done to sort the symbols according to the magnitude of probabilities.

TABLE 1.5
Noninstantaneous Code

Symbols Probability Code word

s1 1/2 0
s2 3/16 11
s3 3/16 100
s4 2/16 101

FIGURE 1.2 Huffman code construction.

S1 (   )1
2 S1 (   )1

2

S2 (    )3
16

S3 (    )3 0
16

S4 (    )2 1
16

S3′ (    )3 1
16

S2′ (    )5 0
16

S2C (    )8 1
16

S1 (   )1 0
2

S1C(1)
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8 Digital Video Transcoding for Transmission and Storage

1.2.2 GOLOMB CODE

The Golomb code is a family of code that is designed with an assumed distribution
that the probability will decrease as the value is increased [1-21]. An example of
such a code is the unary code, illustrated in Table 1.6. Sometimes, we refer to the
unary code as comma code because the termination symbol “0” acts likes a comma
for the signal. A generalization of such code is to separate the code into two parts,
where the first part is a unary code and the second part is a different code. The
Golomb code was originally designed to code the run length of an event. In particular,
it was illustrated as a run of success in a roulette game.

The main advantage of Golomb code is its ease of implementation, where no
table is necessary for both the encoder and decoder. It also allows simple adaptation
to the local statistics should the signals exhibit nonstationary behavior.

The Golomb code is parameterized with a nonzero positive integer m. To rep-
resent an integer n using Golomb code with parameter m, we need to compute two
numbers, namely, q and r, where q is

Thus, we have

n = qm + r

The quotient is coded with the unary code as described in Table 1.6. The remainder
r satisfies the relationship 0 ≤ r < m. Thus, it takes at most log2 m bits for representation.

It can be shown that Golomb code with parameter m is optimal for the geomet-
rical distribution

and

The function Q(x) is the smallest integer greater than or equal to x.

EXAMPLE

Let us design a Golomb code for m = 4. Since

q = floor (log2(4)) = 2

The Golomb code for m = 4 can be expressed as in Table 1.7.

TABLE 1.6
Unary Code

Symbols Value Probability Code word

s1 0 1/2 0
s2 1 1/4 10
s3 2 1/8 110
s4 3 1/16 1110
� � � 111… 0

q floor
n

m
r n qm= 



 = −and

P n p pn( ) ( )= − −1 1 m Q
p

= −






1

2log
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Fundamentals of Digital Video Compression 9

1.2.3 ARITHMETIC CODE

The Huffman code approaches the entropy H(S) for a given information source S
with a set of probability distributions {pi}. This is practically achieved with an
extended alphabet, in which alphabets are concatenated to form a larger alphabet
set. However, the approach becomes impractical when the {pi} is highly skewed and
the number of alphabets is very small. In this case, the number of concatenations
needed to achieve entropy may reach tens of thousand of symbols. This will make
the implementation of the decoder expensive and time consuming. Furthermore, the
code becomes inefficient when the probability distribution does not match the actual
statistics of the signal.

The idea of arithmetic code can be considered as a mapping of a binary sequence
to a number in the unit interval [0, 1). Let us consider a sequence of symbols, s1,
s2,s3,s4,…,sn and place a zero and decimal point before it so that we have 0.s1,s2,
s3,s4,…,sn.” Thus, we can consider a binary sequence a real number between 0 and 1,
excluding 1. A function that maps a sequence of random variables into a unit interval
can be a cumulative distribution function. The arithmetic code is best illustrated with
an example.

EXAMPLE

Consider a binary source with an alphabet of size two {0, 1}. The set of probability
is . We would like to encode the sequence {0, 0, 1, 0}

There are a few interesting observations.

• The encoder does not generate any bit for encoding the first three symbols.
This is a clear distinction between arithmetic code and the Huffman and
Golomb codes, where the latter use at least one bit to represent a symbol.

• Except in Huffman code, the encoder does not require any code table to
generate the bit stream.

• The less probable symbol causes the encoder to generate more bits. This
matches the intuition embodied in both the Huffman and Golomb codes.

TABLE 1.7
Golomb Code with Parameter 4

Value q Code r Code Code word

0 0 0 0 00 000
1 0 0 1 01 001
2 0 0 2 10 010
3 0 0 3 11 011
4 1 10 0 00 1000
5 1 10 1 01 1001
6 1 10 2 10 1010
7 1 10 3 11 1011

{ , }3
4

1
4
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10 Digital Video Transcoding for Transmission and Storage

• The implementation of the encoder is extremely simple. It only requires
two variables storing the left and right bounds of the interval. An alter-
native implementation is store the left bound and the length of the interval.

• When the source is more skewed, the performance of the encoder is better;
the performance gap between Huffman code and arithmetic code also
widens.

• The probability model does not have to be identical for each subdivision
of the interval. Thus, it is possible to update the probability model as
shown in Figure 1.4. However, the encoder and decoder have to switch
to the same probability model simultaneously to ensure correct decoding.

FIGURE 1.3 Arithmetic encoding of a short sequence.

FIGURE 1.4 Arithmetic encoding of a short sequence.
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1.3 Fundamentals of the Human Visual System

Color as perceived by humans can be conceptualized as a combination of the
tristimuli red, green, and blue, which are called three primary colors. With these
three primary colors, we can derive several color representations, or color spaces,
using either linear or nonlinear transformations.

1.3.1 COLOR SPACE CONVERSION AND SPECTRAL REDUNDANCY

The linear transformations include YIQ,YUV, and l1l2l3 color spaces, and the nonlinear
transformations include normalized RGB (Nrgb), his, and CIE spaces. The red,
green, and blue components can be represented by the brightness of the object
through three separate filters for each color based on the following equations.

where SR, SG, and SB are the color filters for the radiance E(λ) and λ is the
wavelength. The RGB color space is the most commonly used model for the
television and video for consumer electronics. However, it is not frequently used
for video compression because of the high correlations among each component.

Weber’s law states that manipulation of colors is a linear operation, which includes
either scaling or addition. Any colors can be created by the combination of the three
colors and such a combination is unique. When two colors are mixed, the resultant
color is the sum of the values of each color. Such a linear property enables us to
perform linear transformation of color components, which can be inversed back or
translated to different spaces.

TheYIQ standard is used in American television. The transformation is defined as

where 0 ≤ R, G, B ≤ 1. The YUV standard is used in European television and
international standards for digital video. The transformation is defined as

where 0 ≤ R, G, B ≤ 1.
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12 Digital Video Transcoding for Transmission and Storage

The normalized RGB is used to make the color representations independent of
lighting changes. However, the dimensionality is reduced because when two com-
ponents are determined, the third component can be determined.

It is obvious that r + g + b = 1. Another variation is defined as

The CIE color space has three primaries denoted as X, Y, and Z, which can be
computed by a linear transformation from the RGB color space. The transformation
matrix is defined as

1.4 VIDEO CODING FUNDAMENTALS

The video source consists of a sequence of frames that are temporally sampled from
a three-dimensional scene at a predetermined period depending on the standards.
For example, the North American standard adopts a temporal sampling frequency
of 30 or 29.97 frames per second. Each frame is horizontally and vertically sampled
at a progressive or interlaced sampling grid. The interlaced format is a legacy from
analogue television that allows an effective temporal resolution of 60 Hz and an
effective vertical resolution of 525 lines whereas the actual sampling rate is half, as
shown in Figure 1.5.

The interlaced format can be considered as compression of a factor of two that
fits the vast video information into a 6 MHz channel. When the analogue video
information is digitized, the objective of a video coder is to compress the source as
much as possible. There are three sources of redundancies including spatial, temporal,
and statistical redundancies, that are available for us to exploit.
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1.4.1 INTRINSIC REDUNDANCY OF VIDEO SOURCE

In the literature, video compression can be achieved with the removal of the four
types of redundancy, spectral, temporal, spatial, and statistical redundancies. As
shown in Figure 1.6, we list each category with approaches that can be used to
remove such redundancy.

Spectral redundancy refers to the redundancy between each color component.
Spectral redundancy can be removed with various color conversions, such as YUV,
YIQ, and HSI. The majority of the information is compacted into the luminance
components, and the chrominance components contain less visually sensitive infor-
mation. Typically, the chrominance components can be subsampled horizontally
and/or vertically to reduce the number of pixels without significantly degrading the
visual quality. Thus, we can achieve about a factor of 2 compression ratio.

Temporal redundancy refers to the similarities between consecutive frames.
Temporal redundancy can be removed with motion compensation (MC) or motion
compensated temporal filtering (MCTF). The MCTF is used for a three-dimensional

FIGURE 1.5 Interlaced formats.

FIGURE 1.6 Intrinsic redundancies of video source.
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14 Digital Video Transcoding for Transmission and Storage

(3-D) wavelet-based approach [1-25]. In the case of 3-D wavelet compression, the
frames buffer can store 2n frames for improved compression. The benefits of
increased complexity are scalability and coding efficiency. In the H.264 standard,
multiple frames are allowed to be stored for predictions. This technique is referred
to as multiple reference frame motion compensation (MRMC) [1-17].

Spatial redundancy refers to the correlation existent between spatially neighboring
pixels. Spatial redundancy can be removed with various transforms, such as the discrete
cosine transform (DCT), discrete wavelet transform (DWT), or subband decomposi-
tion. The discrete cosine transform provides very low cost implementations for energy
compaction. There are fast algorithms and integer form for DCT implementation. The
discrete cosine transform has been widely used in both image and video coding
standards. Another tool for energy compaction is DWT. The discrete wavelet transform
is mostly used for image compression and has recently been considered for video.
Subband decomposition was widely used for audio coding and was used for image
coding, which facilitates adaptation based on perceptual models.

Statistical redundancy is closely tied with the transform coding, in which most
energy has been compacted toward the low-frequency components. The high-
frequency components are more likely to become zero, and the nonzero coefficients
are more likely to be located in the low-frequency area. Furthermore, the number
of zero or close-to-zero coefficients is significantly larger than the number of coef-
ficients with large amplitude. Thus, there is inherent statistical redundancy in the
source that can be removed with Huffman, Golomb, or arithmetic code.

1.4.2 TEMPORAL REDUNDANCY

The second source of redundancy is the temporal redundancy coming from the
temporal correlations because the same objects exist between frames when the
sampling period is small enough such that no significant deformation occurs. Thus,
a translation or more sophisticated model can describe the motion defined as a two-
dimensional vector in the horizontal and vertical directions. The motion displace-
ments are typically referred to as motion vectors. With the assistance of motion
vectors, a block in the previous reconstructed frame is subtracted from the block in
the current frame and the residual is encoded and transmitted to the decoder for
reconstruction. The residual has significantly less information, which can approxi-
mately result in a further compression ratio of a factor 10.

There are several parameters that can be optimized based on the concept of
motion vectors. We can optimize the performance according to the shape and size
of the block, the motion model, the numerical precision of the vector, and the
direction of the predictions. We will briefly describe the concepts behind these tools.

The motion models can be optimized based on various models, such as translation,
affine, or perspective motion models. For the affine motion model, there are six param-
eters necessary to represent the motion. The overhead for transmitting the model param-
eters should be justified by the energy reduction of the residuals signal. The computation
of the parameters is an important factor to consider when building the encoders.

The shape and size of the block can be optimized according to the physical object
being predicted. The considered shapes are square, rectangle, triangle, hexagon, and
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polygon. In most video coding standards, the first three shapes are often used. For the
rectangular block, the size can vary from 4 × 4 to 16 × 16 or larger. In the MPEG-1
video standard, only the block size of 16 × 16 is used. The 16 × 8 block size was
included in the MPEG-2 video, and the 8 × 8 block size and the triangular mesh were
included in the MPEG-4 video specifications. Smaller block sizes, such as 4 × 4, 4 × 8,
8 × 4, have been added in the recently unveiled H.264. The trend is obvious that smaller
block sizes are used to provide a more accurate description of the model, which can
lead to better coding efficiency. However, it also implies increased complexity.

The numerical precision of the motion vectors is also critical. Half-pixel preci-
sion is used in MPEG-1 and MPEG-2, while quarter-pixel precision was used in
MPEG-4 and H.264 for improved performance. The increased precision of the
motion vectors has several implications. The motion is more accurately described
so that the coding efficiency is improved. However, the bit overhead for sending
accurate motion has to outweigh the bit savings from the reduced residual energy.
Furthermore, fractional pixel resolution requires more computation for searching the
motion parameters. For example, the search points for quarter pixel motion vectors
are four times more than the half pixel motion vectors.

The direction and number of frames stored for motion prediction are critical for
its performance. As shown in Figure 1.7, the current frame can be predicted from
t − 2, t − 1, and t + 1. The use of the frame t + 1 is very important because it offers
information about uncovered background or new objects that cannot be found from
the past frames. Frame t − 2 offers more information at the cost of increased frame
storage. Another variation of the multiple reference frames is to perform an average
of the two predictions from two frames. This is typically referred to as bidirectional
prediction. An average of two predictions was used in the MPEG standards and that
has been proven to be very effective. One of the reasons for its effectiveness is that
it is equivalent to fractional pixel motion compensation for translational motion. The
bidirectional predicted frame is not available for future predictions in the MPEG-
1/2/4 standards. Such a constraint is removed to achieve improved coding efficiency
in the H.264 standards although it requires further delays and frame stores.

FIGURE 1.7 Motion compensation.

Frame t − 2 Frame t − 1 Frame t Frame t + 1
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16 Digital Video Transcoding for Transmission and Storage

1.4.3 SPATIAL REDUNDANCY

The third source of redundancy is the spatial redundancy that comes from the
correlations between spatially neighboring pixels. As shown in Figure 1.8, the spatial
redundancy of a typical sequence can be approximated as a Markov model with
using high correlations.

Typically, a compression ratio of 5 can be achieved with transformation using
spatial redundancy removal. The transformations can be Discrete Cosine Transform
(DCT), Discrete Since Transform (DST), and Discrete Wavelet Transform (DWT),
or subband decomposition. The transformation takes advantage of the statistical
redundancy to compact the energy into the low-frequency domain. The efficiency
of energy compaction can be measured by the percentage of energy contained in
the first few coefficients. As shown in Figure 1.9, the DCT coefficients have a
Laplacian distribution that can be compressed with entropy coders easily.

1.5 BLOCK-BASED TRANSFORM

For video and image, there is an inherent spatial redundancy between neighboring pixels.
To exploit such redundancy, a commonly used approach is to transform the spatial
domain information into the frequency domain. There were several different transforms
developed in the past. In the section, we will focus on the block-based transform coding
and the next section will address the recently developed frame-based transform.

The theoretical optimal solution is the Karhunen-Loève transform, which that
can achieve the most energy compaction. However, the evaluation of the Karhunen-
Loève transform basis is input dependent. Thus, a less-sophisticated alternative of
the transform has been sought. In this section, we will discuss various approaches
to reach such a goal. In particular, we will study the Karhunen-Loève transform,
discrete cosine transform, integer discrete cosine transform, subband decomposition
and discrete wavelet transform.

FIGURE 1.8 Autocorrelation functions of the Lena image.
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1.5.1 KARHUNEN-LOÈVE TRANSFORM

To fully exploit spatial redundancy, it is known that the Karhunen-Loève transform
can provide the optimal solution. The rows of the discrete Karhunen-Loève transform
consist of the eigenvectors for the autocorrelations matrix. The autocorrelation matrix
for a stationary discrete random process X(N) is given by

It can be shown that this transform will minimize the geometric mean of the
variance of the transform coefficients. Thus, it provides the best transform coding
gain. However, the disadvantage of such an approach is that the source signals are
typically nonstationary, so the autocorrelation function changes as time varies. Thus,
the autocorrelation matrix needs to be recomputed for different information sources.
Because the transform coefficient varies with time, it is necessary to transmit the
coefficients to the decoder for correct decoding. The overhead or side information
may not justify the additional coding gain it can achieve.

FIGURE 1.9 Histogram of DCT coefficients.
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18 Digital Video Transcoding for Transmission and Storage

1.5.2 DISCRETE COSINE TRANSFORM

The discrete cosine transform (DCT) consists of a sum of cosine functions with
different frequencies. The DCT is widely used in various standards, including JPEG,
MPEG, and H.264. The DCT can be derived from the discrete Fourier transform
(DFT), but the DCT is superior in several aspects. First, the computation of DCT
does not involve any computation of complex numbers. Since it is derived from
DFT, there are several known fast algorithms. Second, the DCT can perform better
energy compaction for most correlated signals, such as images and video. It can be
shown that the performance of DCT can approach that of KLT when we compress
a Markov information source with high correlation coefficient ρ. Thus, DCT becomes
the first choice for many compression standards.

The forward discrete cosine transform and inverse discrete cosine transform are
defined as follows.

FDCT:

IDCT:

1.5.3 FAST DISCRETE COSINE TRANSFORM ALGORITHMS

There are fast algorithms for implementing the DCT. In the early days, the DCT
can be implemented with a double-size fast Fourier transform (FFT) algorithm using
complex arithmetic [1-20]. In [1-18], Chen et al. describe an efficient algorithm
using only real operations for computing the DCT of a set of N points, where N = 2n

and n > 1. It consists of alternating cosine and sine butterfly pattern with matrices
to reorder the matrix elements such that the bit-reversed pattern is preserved. The
Chen algorithm takes (3N/2) (log2N − 1) + 2 real additions and N log2N E 3N/2 + 4
real multiplications. This algorithm offers six times faster speed compared to the
conventional approach using double-size FFT [1-18]. 

1.5.4 INTEGER DISCRETE COSINE TRANSFORM

In the MPEG-1/2/4 standards, the residual signal after motion compensation is com-
pressed with 8 × 8 floating-point precision DCT transform. For practical applications
the floating-point transform is implemented with a finite precision. There is a mismatch
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Fundamentals of Digital Video Compression 19

in the computation of DCT and IDCT at both the encoder and decoder. For static
scenes, the errors in the IDCT mismatch will accumulate and result in visible
artifacts. The mismatch can be removed by periodically inserting intra-coded block
to stop the accumulation.

To solve the IDCT mismatch problem, a fundamental solution is to define the
transform in such a way that finite precision implementation is possible. Thus, an
integer DCT was defined in the recently developed H.264 standard [1-33]. There
two different types of DCT for block size of 2 × 2 and 4 × 4. The forward integer
DCT transform is defined as

and the inverse integer DCT transform is defined as

It is obvious that such a transform can be implemented with only additions and shift
without any multiplications. In the H.264/AVC standards, the quantization process
is jointly optimized so that 16-bit arithmetic is possible. Using very short tables, the
quantization process can be implemented without any divisions [1-16].

1.5.5 ADAPTIVE BLOCK SIZE TRANSFORM

Similar to variable block size motion compensation, the transformation can be
adaptive to the local statistics with variable block size transformation. The larger
block size can provide better energy compaction and detail preservation for pictures
with flat area and high spatial correlation. A larger block size can represent a large
area with only a few coefficients. However, the smaller block size can address picture
area with high details since the picture has higher spatial correlation when the block
size is reduced. It also removes the ringing artifacts that typically appear in the larger
transform or discrete wavelet transform. A flexible variable block transform also
enables efficient intra-picture prediction and rate-distortion optimization.

The implementation of variable block size transformation can be formulated as

The matrices A and B represent the frequency and spatial blocks of the transform.
In [1-19], a combination of block sizes of 8 and 4 are proposed to achieve variable
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20 Digital Video Transcoding for Transmission and Storage

block size transformation. The block size-4 transformation matrix T4 adopts the same
transform matrix as specified in the H.264/AVC standard. The block size-8 trans-
formation matrix T8 can use the following matrix

Such a size-8 transform can be implemented with an efficient fast algorithm using
36 additions, eight bit-shift operations, and ten multiplications as described in [1-
19]. The improvement is about 12% in rate savings and 0.9 dB in peak signal-to-
noise ratio.

1.6 FRAME-BASED TRANSFORM

In this section, several frame-based transforms are discussed. In particular, the
subband and wavelet decompositions for image coding are studied. Using the frame-
based wavelet transform, several image coding techniques exploit the parent-child
relationships and the self-similarity property of the frequency bands at the same
spatial location. In particular, we will study the well-known embedded zerotree
wavelet (EZW) and set partitioning in hierarchical trees (SPIHT). Finally, general-
ization to the temporal directions for video coding are considered. In particular, we
consider the 3-D wavelet and its variations.

1.6.1 SUBBAND DECOMPOSITION

The concept of subband coding (SBC) is to partition the original image signal into
multiple frequency bands using lowpass and highpass filters as shown in Figure 1.10.
The first set of filters H0 and H1 are referred to as the analysis filters while the second
set of filters G0 and G1 are referred to as the synthesis filters. Each frequency band
is separately quantized and encoded. The advantage of SBC is that the statistical

FIGURE 1.10 Filter bank for two channels.
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characteristics and redundancy of each band can be separately exploited with dif-
ferent quantization schemes and entropy coders. The bits can be dynamically allocated
among different frequency bands and the distortion can be distributed according to
human visual sensitivity.

In [1-23], Woods et al. studied the subband coding of images using quadrature
mirror filters (QMF). As shown in Figure 1.11, the QMF frequency response for the
one-dimension case is summed to be a constant so that perfect reconstruction at the
receiver is possible. Woods et al. derived the constraints for a set of two-dimensional
QMFs given a particular frequency partition. Furthermore, they demonstrate that
separable one-dimensional QMFs can satisfy such constraints. There are many ways
to partition the subbands. Typically, subband decomposition is performed with
applications of lowpass and highpass filters in the horizontal and vertical directions
of each frame. Each subband can be further decomposed into lowpass and highpass
signals as illustrated in Figure 1.12. Another way to analyze the signal is to decom-
pose the signal logarithmically. Since the human visual system is more sensitive to
the distortions at the low-frequency components, it should be further analyzed with
more resolution so that the encoder can perform the adaptation. The lowpass signals
can be further analyzed to extract the specific frequency band as shown in
Figure 1.12.

1.6.2 DISCRETE WAVELET TRANSFORM

In signal processing, the Fourier transform is commonly used to analyze signals
in the frequency domain. The introduction of the discrete-time Fourier transform
and its fast algorithm further expand the application of such an analytical tool.
Fourier transform analysis can be considered as a linear expansion of a series of
continuous bases made of sine and cosine functions. The Fourier series analysis
can be also considered as using the set of periodic signals such as sines and cosines
with infinite discrete frequencies as bases. The Fourier transform offers excellent
resolution in the frequency domain but requires infinite time or buffer to compute
because the bases expand from −∞ to ∞. Such a phenomenon can be interpreted
as indicating that the Fourier transform does not provide sufficient resolution in
the time domain.

FIGURE 1.11 Quadrature mirror filters.
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22 Digital Video Transcoding for Transmission and Storage

The goal of the wavelet transform is to generalize the linear expansion concept
and seek the expansion bases that can provide adequate tradeoff between time and
frequency resolutions depending on the signal characteristics. The wavelet trans-
form can use either orthonormal or biorthogonal bases or filters. The orthonormal
filters conserve energy but lack the linear phase property. On the other hand, the
biorthogonal filters can achieve linear phase as well as smoother approximation
but cannot preserve energy, which makes it inconvenient for quantization and bit
allocation.

The concept of better resolutions in the spatial or the frequency domain can
be quantitatively measured as the space-frequency localization. With a measure
for the spread in space and frequency of a function, one can define a region in
the space-frequency plane where energy is mostly located. The wavelet filters
can provide particular space-frequency localization regions or tiling with struc-
tured bases for expansion. The wavelet filters are related to each other through
shifting, scaling, and/or modulations. For example, the short-time Fourier trans-
form provides a rectangular tiling while the wavelet transform typically yields a
dyadic tiling as shown in Figure 1.13 for the case of two-level analysis in the
horizontal and vertical directions. The best tiling or bases is signal dependent.
For example, a flat area in the picture or a lowpass signal may need better
frequency resolution while a busy area in the picture may require better spatial
resolution. The wavelet transform provides flexibility and tools to make such
adaptations [1-29].

FIGURE 1.12 Equally partitioned subbands of a 2-D image.
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Based on a single wavelet prototype function ψ (t) with only shifting and scaling,
one can construct a family of orthonormal bases ψmn (t) as follows.

In the case of dyadic tiling, the low frequency is repeatedly analyzed with the same
discrete-time wavelet filter and so we are concerned whether the iterated filter is regular,
i.e., such a filter converges to a continuous and differentiable function φ(t). Daubechies
shows that the sufficient conditions for regularity can be obtained by placing a maximum
number of zeros at w = π and maintaining the orthogonality condition. Daubechies also
provides a construction method to achieve regularity [1-30]. In Figure 1.14, the resultant
signal is shown in Figure 1.15 with three levels of wavelet analysis.

As shown in Figure 1.14, the number of samples is identical with the original
image and there are several inherent multiple spatial resolutions available in the
decomposition. The multiresolution property of the wavelet transform is very desir-
able for progressive or error-resilient transmission.

For progressive transmission, the coarse low-frequency information can be sent
first and the detail high-frequency information can be retrieved on request using
additional bandwidth. The new information provides enhancement of the signal fidelity.
As for the spatial resolution, the receiver can provide multiple spatial resolutions by
extracting a subset of the wavelet subbands. In Figure 1.14, one can extract full, 1/4,
and 1/16 resolutions of the original signal. For error-resilient transmission, the low-
frequency information should be better protected depending on the transport scheme.

In a prioritized transmission scheme, the low frequency can be assigned to a
channel with higher priority of less bit error rate or packet loss rate. In case of
transmission errors, the receiver can still reconstruct a usable picture with less
quality. This is a desirable feature, called graceful degradation, that is important for
transmission over the Internet or terrestrial broadcasting.

1.6.3 EMBEDDED ZEROTREE WAVELET

Shapiro pioneered the embedded zerotree wavelet (EZW) algorithm, which provides
both progressive encoding of wavelet coefficients and excellent coding efficiency
[1-26]. The wavelet coefficients are ordered according to the importance of the

FIGURE 1.13 Two-level logarithmical partitioning of a 2-D image using the DWT.
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