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1 Introduction
Introducing editorial board member: Pro-

With the advent of the information era, the past
two decades have seen many developments in multimedia representation and communications. Digital
video service, which lies at the core of information
society, has become an integral part of a wide range of
industries—from telecommunications to broadcasting
and entertainment to consumer electronics. The
amount of uncompressed video data, however, is too
large for the limited transmission bandwidth or storage capacities. A digital versatile disk (DVD), for
example can store only a few seconds of raw video at
the resolution and frame rate of television-quality.
Therefore, video compression is an essential component of digital video services.
Generally speaking, video compression refers to
reducing the quantity of data used to represent digital
video images while preserving an acceptable video
quality, and is a combination of spatial image compression and temporal motion compensation. The
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search for efficient video compression techniques has
dominated much of the research on video coding, a
focus which gave rise to H.261 (ITU-T, 1993), the
first milestone in the development of video compression standard. The research on the basic coding tools
involved in video compression actually started as
early as in the 1950s and 1960s with spatial differential pulse code modulation (DPCM) coding of images.
In the 1970s, transform coding techniques were investigated, and the well-known block-based discrete
cosine transform (DCT) was introduced by Ahmed et
al. (1974). Motion compensated prediction error
coding also started in the 1970s and gradually matured into practical technology (Jain and Jain, 1981;
Girod, 1987). The combination of temporal blockbased motion compensated prediction and blockbased DCT coding formed the basic hybrid blockbased motion compensation/DCT (MC/DCT) systems.
MC/DCT hybrid coding technology provides the
key element of most available video coding standards,
notably the ITU-T H.26x and ISO/IEC MPEG-x
families. The hybrid coding scheme generally consists of four basic building blocks, within the dashed
rectangle as depicted in Fig. 1, namely predictive
coding, transform coding, quantization and entropy
coding. With the fascinating development in the video
coding standardization work, from H.261 to H.264
and from MPEG-1 to MPEG-4, in the past two decades, the techniques involved in each of these building blocks have become more and more matured and
sophisticated, from simple DC prediction in frequency domain to multi-directional intra prediction in
pixel domain, from forward only prediction to
backward- and bi-prediction for motion compensation,
from sole 16×16 MC block size to up to 32×32 and
down to 4×4 MC block size, from 1-pel accuracy to
1/4-pel and even to 1/8-pel accuracy for MC, from
discrete cosine transform to the integer cosine transform and to mode-dependent Karhunen-Loève
transform (KLT), and from 2D variable-length coding
(VLC) to 3D VLC and context adaptive VLC/context
adaptive binary arithmetic coding (CABAC) for entropy coding. Normally, higher compression gains
can be achieved with more complex algorithms.
Active research is being carried out to make
video compression algorithms more efficient. The
Video Coding Experts Group (VCEG) of ITU-T is
trying to seek proposals and information that have
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Fig. 1 Diagram of the architecture of today’s hybrid
video coding

promising coding performance to justify the step from
H.264 to H.265. To better evaluate the contributions
and retain progress, the key technical area (KTA) has
been developed as the software platform, using JM11
as the baseline and continuously integrating promising tools, and significant gains have been achieved
compared to H.264/AVC.
In this paper, we will focus on the block-based
MC/DCT hybrid coding schemes, give a review of the
technologies involved in predictive coding, transform
coding, quantization and entropy coding, and based
on this analyze the development trends and perspectives of video compression, highlighting problems
and research directions. The rest of the paper is organized as follows. Section 2 gives a brief review of
the foundational theories applied to video compression. Sections 3–6 are dedicated to the four basic
building blocks, respectively, and theoretical analyses
and summaries are made according to their respective
development contexts. Section 7 analyzes the future
trends of video compression and provides conclusions.

2 Theoretical foundations
Video compression is an example of the concept
of source coding in information theory, and the rate
distortion theory constitutes the basis for video
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compression. The basic results of rate distortion theory were presented in the two classic papers (Shannon,
1948; 1959), and were refined and embellished in
many works over the years. In this section, we will
give a brief introduction of basic concepts, theoretical
conclusions, and mathematical models applied to
video compression.
2.1 Distortion metrics
In order to specify, evaluate and compare video
compression strategies, it is necessary to define metrics of distortion between original and compressed
video sequences. Visual quality is inherently subjective and is influenced by many factors that make it
difficult to obtain a completely accurate measurement
of the distortion. Using objective criteria as a distortion metric gives a quantitative, repeatable result, but
there is no objective measurement system that can
precisely reproduce the subjective experience of human observation of a video display.
The most widely used objective distortion metric
in the video compression and video processing systems is the peak signal-to-noise ratio (PSNR), which
is calculated based on the mean squared error (MSE)
between original and impaired or reconstructed video
frame.
Because of the limitations of crude metrics such
as PSNR, there has been a lot of recent work on more
sophisticated objective measurements that more
closely approximate subjective test results. Many
different approaches have been proposed (van den
Branden Lambrecht and Verscheure, 1996; Tan and
Ghanbari, 2000; Wu et al., 2001) but none of these
has emerged as a clear alternative to subjective tests
or efficient distortion metric.
2.2 Upper bound on discrete entropy
As stated in Cover and Thomas (2003), the upper
bound on discrete entropy is given as follows.
Let X be a discrete random variable on the set {a1,
a2, …}, with Pr(X=ai)=pi, i∈ù*. Then

Moreover, for every permutation σ,
H ( p1 , p2 , L) ≤

2
⎛ ∞
1
1 ⎞
⎛ ∞
⎞
log(2πe) ⎜ ∑ pσ ( i ) i 2 − ⎜ ∑ ipσ ( i ) ⎟ + ⎟ .
⎜
2
⎝ i =1
⎠ 12 ⎟⎠
⎝ i =1

Therefore, a tighter bound will be achieved when the
high probabilities are close together, i.e., by the assignment …, p5, p3, p1, p2, p4, … for p1≥p2≥p3≥p4≥
p5≥….
Without loss of generality, assume ai=i for i=1, 2,
…, so that X is an integer-valued discrete random
variable, with the variance
2

∞
⎛ ∞
⎞
Var(X ) = ∑ pi i 2 − ⎜ ∑ ipi ⎟ .
i =1
⎝ i =1 ⎠

Then we can derive
1
1⎞
⎛
H ( p1 , p2 , L) ≤ log(2πe) ⎜ Var(X ) + ⎟ .
2
12 ⎠
⎝
This theorem shows that the entropy of an
integer-valued discrete source, such as the prediction
residuals, is up-bounded by a function of the variance
of the source. This means that smaller variance usually leads to smaller entropy, i.e., fewer bits required
to represent that source. This theorem explains why
so many current algorithms for video compression are
dedicated to reducing the variance (or MSE) of the
prediction on a theoretical level.
2.3 AR(1) model for video source

AR(1) process (Jayant and Noll, 1984), where
AR stands for ‘autoregressive’, also known as
‘first-order Markov process’, is a good model for
first-order prediction analysis. Video compression
technologies usually use this to model the correlation
between pixels in spatial domain or temporal domain.
Based on the AR(1) model, the correlation between pixels in an image or a video frame can be
m −i

⎛
1
1⎞
⎛
⎞
H ( p1 , p2 , L) ≤ log(2πe) ⎜ ∑ pi i 2 − ⎜ ∑ ipi ⎟ + ⎟ ,
⎜ i =1
2
⎝ i =1 ⎠ 12 ⎟⎠
⎝
∞

∞

where the discrete entropy

2

ρ vn − j xji=znmji, where ρh denotes
the correlation coefficient of horizontal neighboring
pixels, ρv denotes the correlation coefficient of vertical neighboring pixels, and z denotes a Gaussian
white noise. Then the correlation coefficient between
written as xnm− ρ h

∞

xnm and xji can be derived as cor(xnm, xji)= ρh

i =1

In temporal case, the correlation between two

H ( p1 , p2 , L) = −∑ pi log pi .

m −i

ρ vn − j .
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colocated pixels from two adjacent frames can be
written as xt−ρtxt−1=zt, and then the correlation coefficient between xt and xt−1 can be derived as
cor(xt, xt−1)=ρt.
The AR(1) model is very important, and the
analysis of transform coding and predictive coding
will all be based on this model.

3 Predictive coding

Predictive coding is the primary tool utilized in
current video compression technologies, and it is very
efficient for removing the correlation between pixels
in both spatial domain and temporal domain. Pixel
values to be coded are predicted from already coded
and reconstructed adjacent pixel values, and only
small prediction errors are coded. A brief theoretical
analysis of a simple but representative implementation of predictive coding is presented below.
Consider the random variable D=X−Y, the prediction error between two spatial adjacent pixels,
where Y is the pixel for prediction and X is the pixel to
be coded. The variance of D can be obtained as
Var(D)=Var(X)+Var(Y)−2Cov(X, Y). According to the
AR(1) model described above, X and Y have the same
mean and variance (σ2), and Var(D)=2(1−ρ)σ2, where
ρ denotes the correlation coefficient between X and Y.
In the case of ρ>0.9, which is almost always true for
natural images, the variance of prediction errors is
largely decreased compared to the variance of the
pixels to be coded. This results in significantly reduced bitrates according to the theorem introduced in
Section 2.2. In addition, the prediction between X and
Y becomes nonsense in the case of ρ<0.5.
Predictive coding techniques involved in video
coding can be divided into two classes, intraprediction coding which aims to remove spatial redundancy, and inter-prediction coding which aims to
remove temporal redundancy.
3.1 Intra-prediction coding

The earliest research on intra-prediction coding
perhaps can be traced back to the 1950s and 1960s
when spatial DPCM coding of image emerged. The
spatial DPCM scheme was adopted by JPEG (ITU-T
and ISO/IEC, 1992) during the 1980s and early 1990s,
as the lossless coding mode with the combination of

Huffman coder. However, this scheme is unable to
provide a high compression ratio and thus has not
been found widespread use.
The widely used intra-prediction algorithms are
utilized together with block-based transform coding.
In early video coding standards, such as H.261,
MPEG-1 (ISO/IEC, 1993), and MPEG-2 (ITU-T and
ISO/IEC, 1994), DCT is applied to pixel blocks,
which generates one DC coefficient and several AC
coefficients. Intra-prediction is performed only on the
DC coefficients, i.e., the predictor of the current block
DCi is the DCi−1 of the previous block. DC prediction
removes the high correlation between DC coefficients
of adjacent blocks. Actually, correlations also exist
between some AC coefficients of adjacent blocks. For
this reason, in the second generation video coding
standards, such as MPEG-4 (ISO/IEC, 1999) and
H.263 (ITU-T, 2000), intra-prediction is performed
not only on DC coefficients, but also on the AC coefficients that represent pure horizontal frequency
components or pure vertical frequency components,
at the expense of transmitting the extra bits for the
prediction mode information. Fig. 2 illustrates the
intra-prediction modes involved in H.263. Why do
the other AC coefficients not provide any prediction?
This is because the correlation coefficients between
these AC coefficients are usually small, typically less
than 0.5.
Mode 1: vertical prediction

Mode 2: horizontal prediction

DC
coefficient

DC
coefficient
Mode 0: DC
prediction

Fig. 2 Modes for H.263 intra-prediction

In the above-mentioned algorithms, intraprediction is performed in transform domain. In contrast, the algorithms in the latest video coding standards, such as H.264/AVC (Wiegand et al., 2003a)
and AVS (developed by the Audio Video Coding
Standard Working Group of China) (Yu et al., 2009),
perform intra-prediction in pixel domain, followed by
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a transform operation applied to the prediction errors.
These techniques deploy more directional prediction
modes to conduct more accurate prediction, and additionally, make predictions between prediction
modes of the neighboring blocks to further remove
redundancy. After H.264/AVC and AVS, a lot of new
intra-prediction techniques have sprung up during
recent years, such as bi-directional intraprediction (Shiodera et al., 2007; Ye and Karczewicz,
2008), intra-prediction based on template matching
(Tan et al., 2006; Guo, et al., 2008; Zheng et al.,
2008), multidirectional intra-prediction (Tsukuba et
al., 2007), and so on. All of these techniques are trying to make more accurate prediction and thus smaller
prediction error variance, while at the expense of
transmitting more extra mode bits.
Thus far, as intra-prediction techniques develop,
coding efficiency has been significantly improved by
employing more refined and more flexible intraprediction modes. Because of the non-stationary statistical properties of video signal, the properties of
different regions in a video frame differ greatly, which
demands multiple coding modes customized for
coding different types of scene statistics to achieve
high compression efficiency. In fact, the employment
of multiple coding modes is a kind of adaptability in
some sense; i.e., for different local regions with different statistics, the encoder adaptively selects the
most efficient coding modes to achieve the best coding performance. Therefore, the more efficient coding
modes utilized, the better adaptation to local statistics
obtained, thus the better coding efficiency achieved.
With the increasingly available coding modes, however, the overhead bits used to indicate mode information also increase inevitably, and this has become a
big restraint on compression performance, especially
in the low-bitrate applications.
3.2 Inter-prediction coding

For video sources, similar moving objects and
background usually appear in consecutive video
frames, and thus pixels in the current frame can be
more efficiently predicted from pixels of previously
coded frames than from nearby pixels within the same
frame. This is known as motion compensated
prediction.
The strategy for predicting motion of objects in
video sequence is vital for achieving high compres-

5

sion efficiency. Since the establishment of H.261,
MC-based inter-prediction techniques involved in
video compression have developed rapidly in many
aspects, such as reference frames available for MC,
block size of MC, accuracy of MC and motion vector
(MV), prediction for MV, interpolation filter for
sub-pixel MC, and motion model for MC, etc.
In H.261, the only available reference frame is
the closest previously coded frame, and MC is based
on the block size of 16×16 only, with full-pixel MV
accuracy and a simple MV prediction from the left
neighboring block. In the subsequent MPEG-1 and
MPEG-2, backward and bi-directional prediction, and
half-pixel MC are introduced. After that, in MPEG-4
and H.263, MC block size of 8×8 is employed in
addition to the size of 16×16, and the median of the
three MVs of neighboring of blocks is used as the
predictor of the current MV, with the accuracy of
1/4-pixel. In H.264/AVC, presently the most advanced standard in terms of compression efficiency,
some new features are adopted to further improve the
prediction efficiency, such as variable block sizes
between 4×4 and 16×16 for MC, multiple and longterm reference frames (Wiegand et al., 1999; Girod
and Flierl, 2002), hierarchical B frame (Schwarz et al.,
2006), weighted prediction (Boyce, 2004), and inloop deblocking filter. All the above-mentioned
techniques are based on block-based MC prediction,
which is the most established and implemented
strategy employed in all international MPEG or
ITU-T video compression standards. There are other
MC strategies such as global motion compensation,
sprite motion compensation (Kauff et al., 1997;
Smolic et al., 1999b), segmentation-based (Karczewicz et al., 1996) or object-based motion compensation (Smolic et al., 1999a). These MC strategies extend the basic block-based motion prediction model
toward segment- and model-based approaches and
attempt further precise prediction by understanding
the content (or even semantics) in video sequence and
exploiting more complex, but also more efficient,
motion models.
Since the establishment of H.264/AVC, a lot of
coding tools involved in inter-prediction have been
proposed to further improve the coding efficiency
based on H.264/AVC, such as adaptive interpolation
filter (AIF) (Wedi, 2002; 2006; Vatis et al., 2005;
Vatis and Ostermann, 2006; 2009; Ugur et al., 2007;
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Wittmann and Wedi, 2008; Rusanovskyy et al., 2008;
2009), extended MC block size (Chen et al., 2008;
Kim et al., 2008), 1/8-pixel accuracy MV (Ostermann
and Narroschke, 2006), decoder side MV derivation
(Kamp et al., 2008; 2009), competition-based MV
prediction (Won et al., 2009), and so forth. Among all
of these techniques, AIF provides the most notable
coding performance. In AIF schemes, the interpolation filter coefficients are adapted once per video
frame to the non-stationary statistical properties of the
video signal, by minimizing the prediction error
variance.
Similar to the development of intra-prediction
techniques, the coding gains of many inter-prediction
techniques come from exploiting more coding modes,
including variable MC block size, multiple reference
frames, and so forth. As mentioned above, the employment of multiple coding modes improves adaptation to the non-stationary statistics of video signal at
the expense of transmitting overhead bits. It should be
noted that while many algorithms make adaptations
on block level, AIF techniques perform adaptations
on frame level.
3.3 Summary

By reviewing the development contexts of both
intra- and inter-prediction technologies, we can identify common features. First, as the techniques become
more and more efficient and flexible, the encoders
and decoders become more and more complex. Second, as more and more coding modes are introduced,
e.g., from the DC only intra-prediction to the nine
intra-prediction modes, and from the 16×16 only MC
block size to the variable MC block sizes between
4×4 and 16×16, more overhead bits are needed to
send mode information. Thus, a balance between the
overhead bits and achieved coding gain is needed.
Third, it seems that the encoder is acquiring more
responsibilities, such as motion estimation and mode
decision, with the increasing coding modes, while the
decoder usually works in a passive mode; that is, the
decoder always works in accordance with instructions
from the encoder, and never decides which MC block
size should be used or what the MV will be, even
though these can be indicated by the context or previously coded information. What if the decoder derived the mode information itself, without transmitting the overhead bits? The decoder side MV deriva-

tion strategy might be a practical example of this
concept. Perhaps, in the future, the overhead bits can
be saved with an intelligent enough decoder, and thus
compression efficiency could be further improved.

4 Transform coding

Transform coding is a strategy that has been
studied extensively during the past two decades and
has become a very popular tool for ‘lossy’ still image
and video coding. Many transform strategies have
been proposed for image and video compression and
the most popular transforms tend to fall into two
categories: block-based and image-based. Blockbased transforms operate on blocks of N×N image or
residual samples. Block transforms have low memory
requirements and are well-suited to compression of
block-based motion compensation residuals but tend
to suffer from artifacts at block edges. Image-based
transforms operate on an entire image or frame (or a
large section of the image known as a ‘tile’). Image
transforms such as discrete wavelet transform (DWT)
have been shown to outperform block-based transforms for still image compression, but they tend to
have higher memory requirements and do not ‘fit’
well with block-based motion compensation. Examples of block-based transforms include KLT and
ever-popular DCT, and the most popular image
transform is the DWT (Vetterli and Kovacevic, 1995;
Lee, 2005) implemented in JPEG 2000 (ITU-T and
ISO/IEC, 2000) and MPEG-4. In this section, we will
focus on the block-based transforms, the most popular
and well-established techniques involved in almost all
international video coding standards to date.
4.1 Function of transform coding

It is always said that transform coding can efficiently decorrelate the data to be coded, or can highly
compact the signal energy. Does this mean that
transform itself can reduce the information of the data
to be coded or transmitted? Actually, the entropy of
the transformed data is exactly the same as that of the
original data.
In a block-based video coding scheme, an input
image is split into disjoint pixel blocks, in which the
pixels are highly correlated, and the pixel blocks can
be considered as a vector source. In order to achieve
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the optimal rate-distortion (RD) performance, we
usually want to know the RD bound of the data source.
Calculation or estimation of the RD bound of a vector
source, however, is very difficult or even impractical,
and quantization and entropy coding applied directly
to the original image or residual data becomes very
complex. Transform coding solves this problem. After transformation, the components of the decorrelated image data are almost independent, and thus can
be processed independently as scalar sources, which
can attain a similar RD performance as treating the
image data as a vector source.
Therefore, the function of transform in video
coding is to convert a complex problem of processing
a vector source to a simple problem of processing
independent scalar sources, while attaining similar
compression performance.
4.2 KLT and DCT

KLT is an optimum transform for data decorrelation, and can achieve minimum bitrate for a given
distortion in squared-error measurement (Jayant and
Noll, 1984). KLT is input-dependent, i.e., derivation
of basis vectors of KLT is based on the covariance
matrix of input data, and thus the basis vectors
changes with the statistics of input data. There seem
to be no fast, efficient algorithms for the operation of
KLT. Because of the above-mentioned limitations,
KLT is usually used to bound the performance of the
suboptimal but practical transform algorithms, and is
rarely utilized in practical applications.
Since natural image signals can be modeled by
AR(1) statistics, the covariance matrix of image data
(1D) can be derived as a Toeplitz matrix with block
structure described in Eq. (1), and eigenvalues and
eigenvectors of the covariance matrix are shown
in Eqs. (2) and (3) respectively (Ray and Driver,
1970):

⎛ 1
⎜
⎜ ρ
C = ⎜ ρ2
⎜
⎜ M
⎜ ρ N −1
⎝

ρ
1

ρ
ρ

λi =

M

N −2

ρ2
ρ
1
M

ρ N −3

L ρ N −1 ⎞
⎟
L ρ N −2 ⎟
L ρ N −3 ⎟ ,
⎟
M ⎟
L
1 ⎟⎠

1− ρ2
,
1 − 2 ρ cos ωi + ρ 2

(1)

(2)

vij =

2
⎡ ⎛
N − 1 ⎞ (i + 1)π ⎤
sin ⎢ωi ⎜ j −
,
⎟+
N + λi
2 ⎠
2 ⎥⎦
⎣ ⎝
0 ≤ i, j ≤ N − 1,

tan( N ω ) =

−(1 − ρ 2 )sin ω
,
(1 + ρ 2 ) cos ω − 2 ρ

(3)

(4)

where ρ denotes the adjacent-sample correlation coefficient, N denotes the order of KLT, and ωi are the
roots of Eq. (4). As ρ approaches 1, Eq. (5) is the
regressive form of Eq. (3):
v0 j =

1
, vij =
N

2
⎛ π(2 j + 1)i ⎞
cos ⎜
⎟,
N
⎝ 2N
⎠

(5)

which are right the basis vectors of DCT. Since ρ of
natural images is very close to 1, performance of DCT
is virtually indistinguishable from that of KLT.
Benefiting from an abundance of matured, fast algorithms, DCT is widely used in almost all video coding
standards.
4.3 Development of transform techniques

Investigation of transform coding techniques can
be traced back to 1970s, and block-based DCT was
introduced in 1974. In 1988 DCT was adopted by
JPEG. Since then, DCT has been widely employed by
almost all video coding standards before H.264/AVC.
In these standards, however, DCT was generally
specified only within an error tolerance bound, due to
the impracticality of obtaining an exact match to the
ideal specified inverse transform. As a result, each
decoder design would produce a slightly different
decoded video, which would cause ‘drift’ between
encoder and decoder representation of video and reduce effective video quality (Hinds et al., 2007). In
order to solve this problem, fixed-point 8×8 IDCT
and DCT standard was issued (ISO/IEC, 2008), and
integer cosine transform (ICT) (Malvar et al., 2003)
was introduced into the latest video coding standards,
H.264/AVC.
Unlike the popular 8×8 floating point DCT defined in previous standards, the 4×4 ICT defined in
H.264/AVC can be computed bit-exactly in integer
arithmetic to avoid inverse transform mismatch
problems. In addition, the 4×4 ICT in H.264/AVC can
be computed with 16-bit additions and shifts only, and
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without multiplications, which minimizes computational complexity. In order to further improve the
efficacy of the transform, a hierarchical block transform scheme is employed in H.264/AVC (Wiegand et
al., 2003a). As an extension of ICT, pre-scaled integer
transform (PIT) (Zhang et al., 2008) was adopted by
AVS to keep all merits of ICT, and further reduce
implementation complexity of the decoder, which is
especially important and beneficial for implementation on low-end processors.
During recent years, in order to take advantage
of adaptability to further improve compression efficiency, the strategies of adaptive block-size transform
(Wien, 2003) and mode dependent directional transform (MDDT) (Ye and Karczewicz, 2008) were
proposed and adopted into the high profile of
H.264/AVC and KTA platform, respectively.
4.4 Summary

Transform coding has played an important role
due to its superior ability of data decorrelation. As
predictive coding techniques have become more sophisticated, however, prediction residues are getting
smaller and correlations between prediction residual
samples are getting lower. For this reason, some
techniques have attempted to apply quantization and
entropy coding directly onto the prediction residues
(Narroschke, 2006) without transform. Performance
gain was shown together with more complicated and
precise prediction strategies.
It should be noted that adaptability was also
employed into transform coding, and again, it brought
performance gains.

5 Quantization

Video coding usually can be divided into two
categories, namely lossless coding and lossy coding.
Lossless coding can give bit-identical reconstructed
data to the original data with only a moderate amount
of compression, while lossy coding can achieve much
higher compression ratio with the allowance of reconstruction distortion. For many applications,
however, ‘lossless’ is not necessary, but a high compression ratio is much preferred, so lossy coding is
widely used in most image and video coding
standards.

Lossy coding is achieved through quantization,
with the goal of encoding the data from a source
(characterized by its probability density function) into
as few bits as possible such that reproduction may be
recovered from the bits with as high a quality as possible. Quantization includes scalar quantization,
which deals with a single random variable, usually
with low computational complexity, and vector
quantization, which deals with a vector of random
variables, usually with high computational complexity increasing rapidly as the dimension order is increased. Scalar quantization techniques are involved
in most image and video coding standards with the
combination of transform coding.
5.1 Quantization techniques in video coding

In the MC/DCT hybrid video coding schemes,
uniform scalar quantization schemes are usually
utilized to quantize the transform coefficients, and the
quantization step size, which determines the quantization strength, is transmitted to the receiver. The
available quantization step sizes in the early video
coding schemes are in the form of 2 times the quantization parameter (QP), where QP is an integer larger
than 0. However, this scheme has a non-uniform
relative increment between the adjacent quantization
step sizes, and thus the adjustment of bitrates or video
quality is too coarse at the high bitrates while too fine
at the low bitrates. This cannot fulfill the needs of
applications requiring fine adjustment of the bitrates
or video quality in a large range. For this reason, new
quantization schemes were proposed, in which the
quantization step sizes are in the form of 2QP/c where c
is a constant. In this scheme, a relative increment
between the adjacent quantization step sizes is 21/c,
which is constant, and thus the bitrates or video
quality can be adjusted smoothly.
In the early quantization schemes in video coding, all of the transform coefficients in a block were
quantized with the same quantization step size. The
viewer is more sensitive, however, to reconstruction
distortions related to low spatial frequencies than to
high frequencies, and thus frequency adaptive
weighting quantization techniques of the coefficients
according to the human visual perception are often
employed to improve the visual quality of the decoded images for a given bitrate. We can change
quantization characteristics for each transform
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coefficient depending on the sensitivity of the human
visual system and thus compress video more
efficiently.
In order to achieve further improvements in
coding efficiency, some adaptive quantization techniques have been proposed, such as adaptive rounding
techniques (Sullivan and Sun, 2005) and trellis-based
RD optimal quantization techniques (Wen et al., 2000;
Jiang et al., 2005; Karczewicz et al., 2008). All of
these techniques deal with the problem of efficiently
rounding the quantized transform coefficient values
to an integer.
5.2 Summary

Quantization is an essential part of lossy coding
systems. Scalar quantization techniques are widely
utilized in most image and video coding standards.
According to the sensitivity of the human visual system, weighting quantization techniques are deployed
to remove the visual redundancy of video data, where
subjective distortion is taken into consideration as a
distortion measure. It is interesting that we can again
find the trace of ‘adaptability’ in the rounding techniques of quantizing transform coefficients.

6 Entropy coding

Entropy coding is a lossless data compression
scheme. The purpose of entropy coding in video
compression is to convert a series of symbols representing elements of the video sequence into a compressed bitstream suitable for transmission or storage,
with as few bits as possible. Input symbols may include quantized transform coefficients, motion vectors, mode information and other syntax elements.
There are two basic entropy coding techniques widely
used in image and video coding standards, namely
variable-length coding (VLC) and arithmetic coding.
Compared to VLC, arithmetic coding usually provides further improvement in compression efficiency,
with relatively high computational complexity.
6.1 Variable length coding

VLC methods in video coding are all syntax
based; i.e., for every variable-length coded syntax
element, there is a corresponding code table to map
syntax values to codewords. All of the variable-length
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coded syntax elements are coded based on Huffman
coding (Huffman, 1952), and VLC tables are defined
based on probability distributions of ‘generic’ video
materials. Among all of the syntax elements to be
transmitted or stored, quantized transform coefficients (TCOEFs) usually take up most of the bitrates,
with more attention given to them. More VLC tables
are deployed for the coding of TCOEF, rather than
other syntax elements such as mode information, MV
and coded block pattern (CBP).
For coding the variable-length coded syntax
elements other than TCOEF, in almost all of the video
coding standards before H.264/AVC, different VLC
tables were designed for each of these syntax elements, both stored at the encoder and decoder. In
contrast to this, H.264/AVC uses a single infiniteextent codeword table for all of these syntax elements.
Thus, only mapping to the single codeword table is
customized according to statistics of syntax elements.
The single codeword table is an exp-Golomb code
with very simple and regular decoding properties,
which greatly reduces the implementation complexity.
For coding TCOEF, a 2D TCOEF array is first
reordered into a 1D sequence that typically contains
one or more clusters of non-zero coefficients near the
start, followed by strings of zero coefficients. The
number of zeros preceding a non-zero coefficient (run)
and the value of this nonzero coefficient (level) are
highly correlated, and thus ‘run’ and ‘level’ are jointly
coded as a run-level pair. Since the entropy of a joint
distribution is smaller than the sum of the entropy of
correlated individual distributions, it is efficient to
encode the run-level pair as one symbol. To extend
the concept of joint entropy coding and further improve compression performance, the end of block
information (last) is jointly coded with run and level
to form a run-level-last pair, in the MPEG-4 and
H.263 video coding standards. All of the abovementioned VLC methods, however, deploy only one
VLC table to code all joint pairs of run-level or
run-level-last. Higher order statistical dependencies
on a syntax element level are mostly neglected. Since
conditional entropy of a random variable is never
larger than its entropy without any condition, the
context-adaptive variable-length coding (CAVLC)
method is employed in H.264/AVC, wherein multiple
VLC tables matching with different conditioned statistics of TCOEFs are used and switched depending
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on conditions of previously transmitted syntax elements. The entropy coding performance is further
improved compared to single-table VLC methods.
6.2 Arithmetic coding

The fundamental disadvantage of the VLC
methods described above is that only a codeword
containing an integral number of bits can be assigned
to each symbol of an alphabet. In fact, the optimal
number of bits for a symbol is usually a fractional
number, and this depresses the coding efficiency of
VLC methods. Arithmetic coding provides a practical
alternative to Huffman coding that can more closely
approach theoretical maximum compression ratios. In
arithmetic coding, a sequence of data symbols are
converted into a single fractional number and the
optimal fractional number of bits required to represent each symbol can be approached.
During its long gestation in the 1970s and early
1980s, arithmetic coding was widely regarded more
as an academic curiosity than a practical coding
technique. Since having been first employed as a
standardized entropy coding tool in JPEG, arithmetic
coding has been widely utilized by many image and
video coding standards, such as JPEG2000, MPEG-4,
H.263, and the latest H.264/AVC.
The early arithmetic coding methods involved in
video coding systems utilized the generic multi- alphabet arithmetic coder, which needed multiplication
operations and thus involved a considerable amount
of computational complexity. All probability models
are non-adaptive in the sense that their underlying
probability distributions are assumed to be static,
which results in loss of adaptability to the nonstationary characteristics of video signal. In addition,
these methods are syntax-based, and higher order
statistical dependencies on the syntax element level
are mostly neglected.
Context-adaptive binary arithmetic coding
(Marpe et al., 2003) in H.264/AVC avoids the drawbacks of the previous arithmetic coding methods
successfully. On one hand, the usage of adaptive
codes permits adaptation to non-stationary symbol
statistics, and on the other hand, the context modeling
of CABAC uses the statistics of already coded syntax
elements to estimate conditional probabilities used for
switching several estimated probability models. The
binary arithmetic coding core engine and its associ-

ated probability estimation are specified as multiplication-free low-complexity methods using only shifts
and table look-ups. All of these advantages of CABAC make it the state-of-the-art entropy coding
technique.
Low power and high frame rate/resolution requirements for future video coding applications make
parallelizable implementation necessary. The CABAC entropy coding engine has been identified as a
key bottleneck in the H.264/AVC video decoder (Sze
et al., 2008). Parallelism is difficult to achieve with
the existing H.264/AVC CABAC due to its inherent
serial nature. For this reason, there have been several
proposals (Segall and Zhao, 2008; Guo et al., 2009) to
address this critical problem.
6.3 Summary

The core technologies of entropy coding, VLC
and arithmetic coding are mature. Adaptability plays
an extremely important role in improving entropy
coding efficiency. The state-of-the-art techniques of
both arithmetic coding and variable-length coding are
context-adaptive. Making sufficient use of contexts
and well-tuning with other coding tools may lead to
more efficiency with entropy coding. Parallelism
should always be considered in the design of entropy
coding schemes.

7 Trends and conclusion

From the analysis and discussion about the developments of video compression technologies in this
paper, we can see that many compression improvements were made by increasing adaptability (AIF,
CAVLC, CABAC, MDDT, etc.). An adaptive algorithm can fit its behavior to the changes of video
content, or the local properties within a small area,
and this is extremely beneficial for the non-stationary
statistics of video signal. There are usually two ways
to realize adaptation. One is based on mode selection
or parameter calculation and the other is based on
context modeling. In the former case, for different
local regions with different statistics, the encoder
adaptively selects the most efficient coding modes or
calculates the optimum parameters to achieve the best
coding performance. However, overhead bits have to
be transmitted to indicate the mode or parameter in-
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formation, and this disadvantage restricts the compression performance seriously, especially in lowbitrate applications. In the latter case, adaptation is
based on the modeling of context, which refers to
previously coded syntax elements, reconstructed
pixels or other information that are available at both
the encoder and the decoder. We know that the conditional entropy of a symbol, with highly correlated
context as condition, is much smaller than the entropy
without any condition. Therefore, modeling context
more elaborately and using adaptability more widely
will lead to further improvement in compression
performance. Accordingly, the decoder will have to
take more responsibility and better estimate the state
of the source from the information received based on
distortion models, source models, etc.
Hybrid video codecs achieve their compression
performance by employing multiple coding modes
that are adaptively selected for coding different regions with different statistical properties. One key
problem in video compression is the determination of
which coding modes or parameter settings should be
utilized for a given part of the video signal to achieve
the best compression efficiency in the RD sense. Lagrangian rate-distortion optimization techniques
(Ortega and Ramchandran, 1998; Sullivan and Wiegand, 1998; Wiegand et al., 2003b) solve this problem
in a simple but effective way, and thus have formed
the most widely accepted approach in recent standard
development. In these RD optimization techniques,
however, the distortion between the original and
compressed video sequences is typically evaluated as
a mathematical error measurement, e.g., MSE, even
though this type of measurement does not correlate
well with perceptual quality and cannot lead to subjective optimal decisions. Therefore, objective distortion metrics considering perceptual quality, especially content-adaptive perceptual quality, are meaningful. The distortion metrics will play an important
role in future video compression algorithms.
It remains to be seen the extent to which
adaptability, context modeling and other strategies
can be developed into mature algorithms to compress
video more efficiently than today’s standardized codecs. Future video compression algorithms may employ more adaptability, more refined temporal and
spatial prediction models with better distortion metrics. The cost to users is the significant increase of
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implementation complexity at both the encoder and
decoder. Fortunately, it seems that bitrates have a
slower doubling time than computing power, so the
disadvantage of increasing implementation complexity may one day be balanced with much improved
processor capabilities.
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