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Abstract

of the thesis entitled
“Efficient Implementation of Motion-Compensated Video Compression and Its
Application in Multimedia Communications”
submitted by NING Ching-Kei, Charles
for the degree of Master of Philosophy
at The Hong Kong Polytechnic University in 2001

Video compression plays an important role in various multimedia applications. With the
rapid deployment of the Intemet, more and more distributed multimedia applications,
which not only include voice and data but also image and motion video, have been
emerging in récent few years. However, most of the video services currently provided on
the Internet such as Web TV and video surveillance, are broadcast in nature. In other
words, they are a one-way communications link, transmitting video data from servers to
users. Conversational video services such as video telephony and video conferencing are
still not popular because of the high cost of a video encoder bore at the user side.
Obviously, a low-cost software-based video codec is one of the feasible solutions for
supporting conversational muitimedia communications on the Internet. This thesis is
focused on several algorithmic issues relating to the realization of a real-time software-
based motion-compensated video codec and its applications in multimedia

communications.

In this thesis, we first develop an efficient block matching algorithm to reduce the high
computational loading of motion-compensated video compression. A new adaptive search
algorithm is first formulated to adaptively select the search pattern for the block matching
algorithm in order to locate the motion vector according to different local characteristics
of the test block. A new motion tracking algorithm is then derived to locate the search

origin for the fast search algorithm by exploiting the high motion correlation in both the



temporal and spatial domain. Combining the motion tracking technique with the new
adaptive search, a very efficient motion estimation algorithm is formulated. Based on the
proposed fast block matching algorithms as well as several algorithmic enhancements on
DCT coding and quantization, a real-time software-based H.263 video codec is then
developed. In our implementation, a stack-based solution is also derived to support
multiple decoding channels as required by various multimedia applications. Based on the
H.263 video codec, we have implemented a software-based desktop video conferencing
system according to the ITU-T H.323 Recommendations. The system can support up to 6
people making possible a conference within a local area network. The frame rate achieved

is about 5-8 frames/s and 15-20 frames/s for CIF and QCIF sequences respectively.
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Chapter 1

Introduction

1.1 Introduction

In recent years, with the continuing growth of modern communication and computer
technologies, there has been a rapidly increasing need for transmission and storage of
digital video data. Due to the huge data volume required to represent video in digital
format, which can easily overwhelm the available communication channels or storage
system, video compression is vital for efﬁgient storage and transmission of a digital video
signal. Video sequences contain a significant amount of statistical and subjective
redundancies within and between frames. The ultimate goal of video compression is to
reduce the bit-rate required for storage and transmission by exploring both statistical and
subjective redundancies. The effectiveness of any video compression techniques depends
on the amount of redundancy contained in the video data, as well as the actual

compression techniques used for coding.

In the last two decades, research on video compression [Bhas95] [Teka95] [Rao96]
[Cox98] [Ebra98] has made a remarkable progress. Digital compression techﬁique_ is now
moving from a more or less purely academic research topic to a subject of high
commercial interest [Chia98]. Since the early 1990’s, various digital video coding
standards [Rao96] like H.261 [Itu93], MPEG-1 (Is093], MPEG-2 [I5096], H.263 [Itu96a],
H.263+ [Itu98a] and MPEG-4 [Is099] have been developed. The core technique used by
most of the video coding standards is the hybrid technique based on motion compensation

[Jain81] and transform coding [Clar85] [Rao90]. Motion compensation is a predictive

coding method that exploits temporal redundancy between successive frames of a video



sequence while transform coding is used to reduce spatial redundancy within a video
frame. In a motion-compensated video compression system, the encoder is typically much
more complex than the decoder. Therefore, designing an efficient video encoder is of
primary importance. Although the video coding standards specify the bit stream for
decoders, in order to ensure compatibility and interoperability among vendors, the design
of the encoders is mostly left open. In early digital video applications, video encoders
were often implemented by hardware. However, with the rapid emergence of new and
efficient compression algorithms that have better overall performances, a2 hardware
implementation with limited flexibility can easily become obsolete. Therefore, software-
based compression is a logical alternative. Compared with the hardware solution,
software implementation can be more general in nature, and be used for various general-
purpose platforms. However, the key obstacle of software-based video compression is the

vast amount of computations required for the encoding process.

Emerging multimedia applications demand faster and more flexible digital video coding.
As driven by the explosive growth of the Internet, more and more distributed multimedia
applications [Asat97] [Chia97] [Okub97] [Wolf97] [Wu98] have been introduced. It is
believed that the demand for transmission of various video services over the Internet
ranging from low bandwidth applications to high bandwidth applications will increase
dramatically in the next few years. Examples of applications include video telephony,
multimedia conferencing, video-on-demand (VoD) [Delo94], as well as many desktop
multimedia applications where video is a key component. The key for the success of such
applications is to provide a flexible software-based video codec. This thesis addresses
different issues for efficient software implementation of motion-compensated video

compression and its applications in multimedia communications.



1.2 Motion-Compensated Video Compression

Motion compensation (MC) coding [Jain81] has been used widely in video compression
because of its ability to exploit high temporal correlation between successive frames of an
image sequence. Motion compensation is the process of compensating for the
displacement of moving objects from one frame to another, consisting of two parts:
motion estimation and prediction error coding. The displacement of objects between
successive frames is first estimated (motion estimation). The resulting motion information
is then exploited in efficient interframe predictive coding (motion compensation).
Consequently, the prediction error, which is the difference between the current and
motion-predicted frame, is transmitted instead of the frame itself. An efficient intraframe
coding technique like discrete cosine transform (DCT) coding [Ahme74] [Rao90] is used
to encode the prediction error so as to exploit the large spatial redundancy. Both motion
information and prediction error are required to transmit to the decoder. The general

structure of a hybrid motion-compensated DCT coder for interframe coding is shown in

Figure 1.1.

In a motion-compensated system, the motion vector or the relative displacement of an
object from one frame to another, is first obtained by the process of motion estimation for
each pixel. According to the motion vector, a prediction is made for each pixel and the

prediction error is obtained as follows.

e(x,y,0) = I(x,y,0-1(x, 1) (L.1)

Ix,y,)-I{x—u,y—v,2-1)

where I(x, y,t)and I(x, y,1) represent the luminance value of the original image and the
predictive image at frame t respectively. The motion vector and prediction error are

encoded and sent to the receiver.
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Figure 1.1 Hybrid motion compensated DCT coder for interframe coding

However, encoding one motion information with each coded pixel is generally neither
desirable nor necessary. Since the spatial correlation between motion vectors is often
high, it is sometimes assumed that one motion vector represents the motion of a ‘block’ of
adjacent pixels. Hence, images are usually separated into disjoint blocks of pixels (e.g.
16x16) and only one motion vector is estimated and coded for each of these blocks. This

approach is called block based motion compensation.

Recently, a number of methods [Dufa95] have been proposed for motion estimation.
Among these approaches, the block matching (BM) technique [Jaing1] is a relatively
simple and effective method. In block matching motion estimation, the current frame is

divided into rectangular or square blocks of pixels. For each block, a search is performed

4.



for the displacement that produces the best match among possible blocks in the adjacent
frame. This closest block is then used as a predictor for the present block. The relative
position of the two blocks defines a motion vector. Obviously, both motion estimation
and DCT coding involve a lot of computations that hinder real-time software
implementation. In this thesis, we will investigate the methods to speed up the whole
encoding process of motion-compensated video compression by minimizing the

computations required in each step of the data flow.

1.3 Objectives of the Thesis

This thesis concerns the development of fast algorithms for efficient implementation of
motion-compensated video compression for low bit-rate multimedia communications.
Our work will focus on block matching motion estimation and DCT error coding, which
are the major computational burdens in a motion-compensated video encoder. Besides
theoretical development, we also aim at developing a completed software solution for
implementation of a real-time H.263 video codec in a desktop PC environment. In order
to meet the requirements for various multimedia applications, the codec should be able to
perform video encoding and multiple video decoding simultaneously. Practical
applications of the software H.263 codec in a desktop video conferencing system will also

be investigated.

1.4 Organization of the Thesis

Following the introduction of the thesis, a review on existing technological issues for
digital video compression and multimedia communications 1s given in Chapter 2. In this

chapter, the recent advances in digital video technologies, together with the current



developments in multimedia communications are reviewed. Current research works on

various video compression technologies are also discussed.

To provide a software-based solution for motion-compensated video compression, we
first investigate the fast algorithms in speeding up the motion estimation process in
Chapter 3. We optimize the searching patterns of the existing fast block matching
techniques by introducing a new adaptive search strategy, in which the search pattern can
be adapted to different locﬁl characteristics of the test block. We then propose a new
motion tracking technique for the block matching algorithm to locate the search origin.
Extensive comparisons of our proposed new methods wi'th other existing techniques will

be carried out in this chapter.

A completed solution for software implementation of a H.263 video codec will be
presented in Chapter 4. A number of algorithmic improvements other than the fast motion
estimation technique are developed in this chapter for speeding up the whole H.263
encoding process. Further, a stack-based solution is proposed for the codec to support the

multiple decoding capability, as required by different multimedia applications

By utilizing the software H.263 codec developed in Chapter 4, we will implement a
desktop video conferencing system according to ITU-T H.323 Recommendation in
Chapter 5. Although the H.323 standard provides many guidelines to the developer, it
does not have enough information to implement the whole system. Some of the important
parts including audiovisual capture, user control, low-level synchronization and
networking are outside the scope of the standard and need to be defined by developers.
To make the system more flexible, a modular approach is derived in this chapter for

efficient implementation of the whole video conferencing system.

Finally, Chapter 6 concludes the thesis and gives suggestions for future research.



Chapter 2

Background on Video Compression and Multimedia

Communications

2.1 Introduction

Recently, the evolution of multimedia communication has been dramatically changed by
digital video technologies. In this chapter, we present a technological overview of
multimedia communications. The recent advances in digital video technologies are
reviewed in section 2.2 with the international standards for coding video data, such as
MPEGI/2 [Is093] [Is096] and H.261/3 [Itu93] [Itu96a). Various aspects for multimedia

communications are then discussed in section 2.3.

2.2 Digital Video Technologies

Digital representation of video information has many advantages over traditional analog
video. Digitized video is a set of digital data which can be stored, processed and
transmitted without quality degradation, and also it can be integrated into computer
systems and hence to create interactive applications. However, a digitized full motion

video requires a very high bandwidth for transmission.

As an example, the CCIR 601 standard [Itu90] provides a standard method of encoding
television information into digital form, however, the data rate of the resultant digital
video is too high for transmission over practical networks. According to the standard, a
frame of NTSC video is quantized to be an image with 720x480 active pixels, and a

frame of PAL or SECAM video is quantized to be an image with 720x576 active pixels.
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The luminance and color difference components of this image is sampled with 8-bit
precisioh. This will result in a bit rate of about 216 Mbps which is unacceptably high for
most practical purposes, especially for transmission over a network. For other
applications, the required bandwidth for the transmission of uncompressed digital video is

listed in Table 2.1.

Application Picture Size Picture Rate Data Rate
(pix_els by lines) (pictures/s) (Mbit/s)

High Definition TV 1920x1080 30 746.4

Digital TV 720x480 30 124.4
720x576 25

Video Conferencing 352x240 30 304
352x288 25

Videophone 176x120 5t020 13t06
176x144

Table 2.1 Bandwidth requirement of uncompressed digital video

There is no doubt that the digital video industry will not be successful without the state-

of-the-art compression techniques.

2.2.1 Video Compression Techniques

Inside digitized video, there is a considerable amount of redundancy and compression can
be achieved by exploiting the redundancy of video data. The redundancy of video data is
generally divided into two classes: statistical redundancy and subjective redundancy. For
statistical redundancys, it can be derived from the highly correlated video information both
spatially and temporally. For example, adjacent picture elements of a television picture
are almost alike and successive pictures often have small changes. Thus the differences

among these alike elements are small and hence the average bit-rate of video data can be



saved by sending the differences of these alike elements instead of the individual element.
On the other hand, video contains such information that is not visually obvious to the
human eye and thus it can be removed without noticeable degradation on the picture
quality. This kind of information is known as subjective redundancy. Thus further bit-rate
reduction of video data can be achieved by throwing away this subjectively redundant
information. For example, humans are less sensitive to the image details of a moving
object so it can be reproduced with coarser image resolution than a static object inside a
picture. Research on video compression is an on going process and the basic principle of

compression aims to remove these redundancies.

Video compression technologies are divided into two main categories: intraframe coding
and interframe coding. Intraframe coding techniques are used to eliminate the spatial
redundancies within a frame of a video sequence while the interframe coding techniques

are used to eliminate the temporary redundancies between successive frames of a video

sequence.

2.2.1.1 Intraframe coding - DCT coding

In general, a continuous-tone image has inherently high correlation among adjacent pixels
“and contains a large amount of spatial redundancy. Transform coding [Clar853] is a
commonly used method to remove the redundancy and hence to achieve compression of

image data. The encoder model based on transform coding is shown in Figure 2.1.

Image . o .| Entropy Compressed
Data —*| Decorrelation Quantization "I Coding image data

Figure 2.1 Intraframe encoder model



As shown in the figure, the first process is to transform highly correlated image data into
weakly correlated coefficients. The next process is to quantize the transform coefficients
so that they can be represented by fewer bits. Finally, the quantized coefficients should be

encoded for efficient transmission.

It is known that the optimal transform in decorrelation is Karhunen-Loeve Transform
(KLT) [Jaya84] [Loev60]. However, the high computation complexity makes it unsuitable
for a practical system. Alternatively, the discrete cosine transform (DCT) proposed by
Ahmed et al. [Ahme74] has been shown [Clar85] [Ra090][Rao96] to be near optimal for
most images in energy concentration and decorrelation, and is now widely used in various
image and video compression standards. The DCT decomposes the highly correlated
pixel data into DCT coefficients, which represent the spatial frequency components that
make up the original pixel data. Each of these coefficients can be thought of as a weight
that is applied to an appropriate basis function. The basis functions for an 8x8 DCT are

shown as in Figure 2.2.

Figure 2.2 DCT basis function

The two-dimensional DCT for a square matrix (N x N) are defined as follows.

- 10 -



)

clv)= L forv=0, cw)=1 otherwise

72

The inverse DCT is defined in the following.

fixy)= %EEC(u)C(v)F(u,v)cos{ “(2;;1)"}05( "(22}’;1)”) 2.2)

u=0 v=0

where x and y are indices of an NxN array of samples, F(u,v) is the spectral coefficient
in the transform domain with coordinates (u,v), for 0<u,v<N -1 and f(x,y) is the

image signal in spatial domain with coordinates {x,y), 0<x,y< N -1.

To perform DCT coding, an image is firstly divided into blocks, where a larger block size
will have higher coding efficiency but require more computational power. Therefore,
most of the systems select a regﬁlar block size of 8x8 pixels or 16x16 pixels for the
tradeoff of coding efficiency and computational cost. In the past decades, various fast
algorithms on the DCT/IDCT computation [Chen77] [Haqu85] [Vett85] [Cho91] have

been developed for efficient implementation of the transformation process.

The DCT decomposes the signal into underlying spatial frequencies, where the low DCT
coefficients relate to low spatial frequencies within image blocks and high DCT
coefficients to higher frequencies. Since humans are more sensitive to the reconstruction
errors related to low spatial frequencies, a frequency adaptive weighting (quantization) of
the coefficients according to the human visual perception (perceptual quantization) can be

employed to reduce the data size of DCT coefficients. After that, the statistical

- 11 -



redundancies of the quantized DCT coefficients can Bc reduced by a zigzag scan and

Huffman encoding. Zigzag scanning, as shown in Figure 2.3, is used to arrange the 2D

DCT coefficients into 1D order and thus it can be effectively encoded with entropy coder.
DC Coefficient  AC Coefficient Start

\ Horizontal
Freqency

\
|

Vertical
Fregency

AC Coefficient
End

S

Figure 2.3 Zigzag scan for the DCT coefficients

To reproduce the compressed image, the reverse procedure of the compression process is
carried out. The compressed bit-stream is firstly entropy decoded, and dequantized by
multiplying each quantized DCT coefficient with the chosen step-size. The resultant
coefficients are then inversely DCT transformed to obtain the image block. Since DCT-
based coding is a lossy compression algorithm, the reproduced images contain a certain
degree of characteristic distortions or artifacts. These distortions will appear as blocking

and mosquito noise in the reproduced images. Figure 2.4 shows the basic architecture of a

DCT-based image coding system.
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Figure 2.4 Block diagram of a DCT-based image codec

With the DCT-based image coding, the data size of compressed images can be reduced to

about 1/20 of an uncompressed image, while maintaining reasonably good quality.

2.2.1.2 Interframe coding — Motion Compensation

Apart from spatial redundancy, video contains a high degree of temporal redundancy.
This happens because successive frames of a video sequence are very similar. Interframe
coding is used to reduce the temporal redundancy in order to achieve compression.
Motion compensated prediction is one of the common techniques to reduce terﬁporal
redundancy between frames using the behind concept involving the estimation of motion
between video frames. Motion compensated prediction techniques for video coding have

been explored by many researchers over the past twenty years. One of the solutions is
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partitioning images into regular non-overlapped blocks and assuming that the moving
objects can be approximated reasonably well by these regular blocks. Then a single
displacement vector is determined to represent the movement of the entire image block.
With both the displacement vector and prediction error, the current video frame can be
reconstructed from the reference video frames in the past. This block-based motion
compensation method is widely adopted in current video compression systems including

MPEG-1 [Is093], MPEG-2 [Is096], H.261 [Itu93] and H.263 [Itu96a].

2.2.1.3 Motion Estimation

A natural way to exploit the temporal redundancy between consecutive frames of video
sequences consists of using frame n-1 to predict the next frame n of the sequence and this
is known as interframe predictive coding. Obviously the better the predictor, the smaller
the error signal, and hence the lower the transmission bit rate. Among various prediction
techniques, the most widely used is motion estimation. There are two common

approaches for motion estimation: pel-recursive and block matching.

The pel-recursive algorithm was introduced in 1979 by Netravali and Robbins [Netr79].
The technique uses the 2-D planar motion assumption. Let /(z,k) denote the luminance
intensity of pixel at spatial location zT=(x,y) in fame k. If lighting is uniform and

luminance intensity changes are due to the translation of an object, then
Kz k) = K(z-U k-1) (2.3)

where U is the motion vector of a moving object during the time interval between two

successive frames. If [J'is the /™ estimate of the actual motion vector, the displaced

frame difference DFD can be defined as
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DFD(x,0*)= I(z,ky- 1z - 0"k -1) 2.4)

Suppose that the displacement of a moving object is constant within a block. The motion

estimation of a block can be approximated by the following recursive equation:

| > DFD(z,0"")sign(VI, (z- 0",k -1)) |
SV G-0" k-1|+a

> DFD(z,0"")sign(VI ,(z- 0",k -1))
Y|VL,(z- 0" k-D|+0

Ui=0""- (2.5)

where VI,, VI, are the vector components of the luminance gradient VI with respect to z-

U in frame k-1, and

0, ifx=0
sign(x)=1, ifx>0
-1, ifx<0

Eqn.(2.5) tries to track the displacement vector as the scan proceeds from pixel to pixel.
One advantage of this approach is that it easily gives subpixel accuracy, but it can
sometimes temporarily lose track owing to the recursive nature. Further, it gives poor

quality of approximation for displacement U > 2.5 pixels per frame.

The block matching algorithm is a relatively simple and effective motion vector
estimation technique. It assumes that all the pixels within the block have a uniform
motion. The process of block matching is to find a candidate block, within a search area
in the previous frame, which is most similar to the current block in the present frame. The
full search block matching (FSBM) algorithm exhaustively examines all locations in the

search area and provides an optimal solution.
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Figure 2.5 The current and previous frames in a search window in the FSBM algorithm

The FSBM algorithm is illustrated in Figure 2.5, in which the present frame of the
sequenc.e is divided into rectangular or square blocks of pixels. For each block (Nx¥) in
the current frame, we look for the block of pixels in the previous frame that is the closest
to it according to a predetermined criterion. The commonly used criterion is mean
absolute difference (MAD). For the present frame n, we denote the intensity of the pixels

with coordinates (i, j) by F, (i, j).

We refer to a block of NxN pixels by the coordinate (k, [) of its upper left corner. The
MAD between the block (k, {) of the present frame and the block (k+x, I+y) of the

previous frame can then be written as

2
2

L |F (k+i, 14) - F, (k+x+i, [+y+j) (2.6)

MAD, .(x.y}=
(k,;;( y) N*N,

i
<
—

]
(=1

The motion vector v(k, ) of the block (%, ) is given by
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v(k, ) = arg min MAD & D (x, y) 2.7
where the vectors (k+x, [+y) are valid block coordinates.

The block in the previous frame must be within a search area of size (N+2w x N+2w),
where w is the maximum displacement that an object can move between two adjacent
frames. For each location in the previous frame to be tested, the calculation of the MAD
requires 2N’ additions. Therefore, the computational requirement for an FSBM algorithm

is too high for implementation using software.

The heavy computational loading of FSBM motivates the development of many fast
block matching algonithms. Most of them reduce the number of computations by limiting
search locations. These algorithms assume that the distortion function increases
monotonically as the searched point moves away from the direction ofl the minimum
distortion. Some famous fast search algorithms in this category are the three-step search
(TSS) [Koga8l], orthogonal search [Puri87], cross search [Ghan90], new three-step
search (NTSS) {Li94] and four-step search [P0o96]). These kind of algorithms can be
easily trapped in the local minimum of the distortion function giving prediction with
appreciably higher error than the full search method. Furthermore, the capability of
adaptation to local characteristics of those algorithms is always poor since they use the
same coding approach for all image blocks. Further, this may limit the efficiency of the
fast algorithm since image data is high.ly non-stationary. As a result, considerable
research has been carried out to find alternative approaches for block matching motion
estimation. The multi-resolution approach [Bier88] employs variable block-size coding
to exploit the homogeneous characteristics of motion field. On the other hand, Liu et al.
[Liu93] proposed so called ‘motion field subsampling’ and ‘pixel subsampling’ schemes,
to reduce the complexity of the matching process by limiting the number of allowed

motion vectors or the number of pixels used to estimate the motion vectors. However,
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these two techniques introduce overhead in addition to the motion information, as well as
modifying the coding sequence of the image, hence they can not be directly applied in
existing video coding standards. Recently, Chan and Siu [Chan96] proposed an adaptive
scheme to select the most representative pixels based on the image contents in each block
to enhance the performance of the pixel decimation method. The difficulty of the adaptive
pixel decimation algorithm is in the way to set up the pixel value. Chan et al. solved this
problem in their later work [Chan98), in which they proposed a new pixel selection
control strategy for the adaptive pixel decimation algorithm. In their proposed scheme,
the value of the threshold in the present frame is determined by considering a targeted
number of selected pixels and the average number of selected pixels in the previous
frame. In another adaptive scheme proposed by Feng et al. [Feng95], the search origin
and search range of the block fnatching algorithm can be adjusted to adapt to local motion
characteristics of the block. They continued their work and have developed a more
sophisticated adaptive block matching algorithm {Feng98]. In this system, a bit-plane
matching (BPM) criterion is derived to limit the number of search points based on the
directive information of the block. A number of blocks, having unlikely directive
information, will be sorted out at this stage. A simple adaptive searching scheme is then
developed to adjust the search origin, search range and pixel subsampling ratio according
to the different motion content of the block to further improve the computational
effectiveness of the full search block matching algorithm. In their proposed algorithm, the
search origin for each block is determined by the motion vectors of its adjacent blocks in
order to make use of the high correlation between motions of neighbouring blocks. After
the search origin is identified, the block is classified into one of the three motion
categories: low-motion, medium-motion or high-motion, according to the motion content

of the block. Each motion class has its own search range and subsampling pattern. A

smaller search range and larger subsampling ratio will be assigned to the block which has
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the lower motion. It was shown that their method performs very close to the full-search

method and achieves, at most, a 95% saving in computations.

2.2.1.4 Motion Estimation with Half-Pel Accuracy

In real world video sequences, the true frame-to-frame displacements are unrelated to the
integer pixel sampling grids. Thus, the motion prediction accuracy is limited to integer-
pel accuracy. In fact, the motion prediction accuracy can be improved by half-pel accurate
motion estimation. That is to determine motion vectors with half-pel accuracy. Many
coding standards like MPEG-1/2 [Is093] [Is096] and H.261/263 [Itu93] {Itu96a] permit

motion vectors to be specified to a half-pixel accuracy.

Half-pel accurate motion vectors can be found by interpolating the current frame and
reference frame by a factor of two and then using any of the fast block matching
algorithms reviewed last section for motion estimation. The method in finding the half-

pel accurate motion vector is illustrated as follows.

Step 1 Find the motion vector with integer-pel accuracy using any fast block matching
algorithm to obtain a motion vector v(k, {).
Step 2 Refine the motion vector v(k, ) to half-pel accuracy as follows:

a. Obtain the 8 surrounding half-pel blocks using bilinear interpolation as shown
in Figure 2.6. The method used in this figure is adopted by various coding
standards.

b. Compute the MAD of all the 8 half-pel checking points and compared them
with the one of v(k, [). The minimum one is the output half-pel accurate

motion vector as illustrated in Figure 2.7.
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a=A
b=(A+B)/2
c=(A+C)/2
d=(A+B+C+D)/ 4

Figure 2.6 Half-pel prediction by bilinear interpolation

Integer Accurate
Motion Vector
vk, 1)

Half-pel Accurate
Motion Vector
v(m,n)

(0,0)
Figure 2.7 Half-pel accurate motion vector estimation

2.2.2 Video Compression Standards

In the last decade, different international standards have been issued that provide the
means of encoding motion video for various applications. For example, H.261 [Itu93]
defines the video coding method of H.320 video conferencing standards [Itu93a] and is
optimized for two-way video conferencing over ISDN. Only CIF (352x288 pixels) and

QCIF (176x144 pixels) image resolutions are supported in H.261. The H.261 coding
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algorithm is based on DCT-based transform coding and motion compensated interframe

prediction. Figure 2.8 illustrates the architecture of an H.261 source coder.

Flag for INTRA/INTER

Coding Control

Flag for transmitted or not
Quantizer indication

L e DCT antizer o
Videoin f Qu Quantizing index for
4 + ' transform coefficients

o

To
video multiplex coder

Loop Picture Memory with motion _
Filter compensated variable delay Motion vector

#  Switch on/off of
the loop filter

yvyvy

L J

Figure 2.8 Block diagram of H.261 source coder

As defined in H.261, the basic processing unit is macroblock which is composed of four
8x8 blocks of luminance (Y) samples and two 8x8 blocks of color differences (Cr and
Cb) samples. With this basic processing unit, intracoding mode or intercoding mode is
applied. In the intracoding mode, the DCT-based transform encoding as describedr m
section 2.2.1.1 is carried out on each 8x8 block of luminance and chrominance samples.
And in the intercoding mode, each of macroblocks is motion-predicted from the nearby
macroblock in the previous frame. In order to form predictions for future frames, a copy
of the compressed image is always decoded and reconstructed as a reference image in the
encoder. Since H.261 is established for a constant bit rate (CBR) channel, a rate control
mechanism is adopted to smooth out any short-term variations in the output bit-rate. This
rate control mechanism relies on the fullness of the output buffer and the adjustment of

the quantization scale for the DCT coefficients. If the output buffer experience overflow,
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then a larger quantization scale is chosen to reduce the bit-rate of encoded video. On the
other hand, a smaller quantization scale is used if the output buffer develops underflow.

Then a CBR video data stream can be maintained.

In 1993, MPEG-1 [Is093] was finalized, and it was developed for various digital video
applications and optimized for providing VHS VCR-like quality of image. The
recommended source format is either 352x240 pixels at 30 frames/sec (NTSC based) or
352x288 pixels at 25 frames/sec (PAL based), connﬁonly referred to as Source Input
Format (SIF) video. Also its coding algorithm is optimized to support audiovisual

applications of around 1.5 Mb/sec such as interactive multimedia and video storage

systems like video CD.

Inside MPEG-1, three different types of coded pictures are defined: I Pictures, P Pictures
and B Pictures. 1 Pictures (Intra-coded Pictures) are an intracoded frame which are
encoded without reference to preceding or upcoming pictures in the sequence. An intra-
coded picture is firstly divided into 8x8 blocks of pixels and a DCT-based transform

coding is applied to each of these blocks. The resultant DCT coefficients are then

quantized and run-length coded.

P Pictures (Forward Predicted Pictures) are interframe encoded with motion prediction
from a previous I or P picture. The motion vector is derived from the best-matched
macroblock in the reference picture and the prediction error is encoded by a DCT-based
transform encoder. The motion vectors as well as the quantized DCT coefficients are run-

length and Huffman coded. It is noteworthy that individual macroblocks may still be

intracoded in P-pictures

B Pictures (Backward Predicted Pictures) are interframe encoded using both a past and

future P or/and I picture as reference. Both forward and backward motion vectors may be
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used for the macroblock since B pictures are coded in relation to two reference pictures.

This type of picture provides the highest compression ratio.

According to the standard, a video sequence is divided into a Group Of Pictures (GOP)

which consists of one I Picture followed by a number of P and B pictures. The structure is

illustrated as in the Figure 2.9.

Figure 2.9 Pictures arrangement of MPEG video sequence

Unlike those two-way applications, MPEG-1 is designed to be asymmetric and hence to
make the decoding process as simple as possible, at the expense of a more complex

encoding process. Thus a real time decoder can be implemented in hardware at low cost.

MPEG-2 [Is096] was finalized in 1996. It is similar to MPEG-1 but is designed to support
digital television broadcasting. Enhanced features, such as the efficient coding of field-
interlaced video and scalability, are added. Also, MPEG-2 is developed to have different
profiles and levels that can be applied to various applications. The profile defines the bit-
stream scalability and the color-space resolution, while the level defines the image
resolution and the maximum bit-rate per profile. Probably the most common descriptor in
use currently is Main Profile, Main Level (MP@ML) which refers to 720x480 resolution
video at 30 frames/sec, at bit-rates up to 15 Mb/sec for NTSC video. Another example is
the HDTV resolution of 1920x1080 pixels at 30 frame/sec with a bit-rate of up to 80

Mb/sec. This is an example of the Main Profile, High Level (MP@HL) descriptor.
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2.2.3 H.263 Coding Standard

H.263 [Itu96a] video coding standard is designed for low bit-rate video communications
like video telephony and video conferencing. The video source coding algorithm of H.263
is based on H.261 and is a hybrid of interframe prediction and transform coding with
some changes to improve performance and error recovery. H.263 is developed to support
five different resolutions sub-QCIF, QCIF, CIF, 4CIF and 16CIF. Among these formats,
CIF, 4CIF and 16CIF are optional for encoders as well as decoders, but support for both
sub-QCIF and QCIF is mandatory for decoders. For encoder, it is mandatory to support

either sub-QCIF or QCIF. The source encoder of H.263 is shown in Figure 2.10.

Coding Contro} » Flag for INTRA/INTER
; ® Quantizer indication
——— e | DCT izer
__J H Quantize p» Quantizing index for
: transform coefficients
o+
¥

Inverse
Quantizer

-

To
video multiplex coder

Inverse
DCT

Picture Memory with motion

compensated variable delay Motion vector

Switch on/off of
the loop filter

Figure 2.10 Block diagram of the H.263 video encoder

The encoding processing is similar to H.261, each picture is partitioned into macroblocks,
which consists of four 8x8 pixels luminance blocks and two spatially aligned 8x8 pixels
color difference blocks. One or more macroblock rows are combined into a Group Of

Blocks (GOB) to enable quick resynchronization after transmission errors.
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As shown in Figure 2.10, the prediction error is firstly transform coded and the transform
coefficients are quantized with a scalar quantizer. The resultant data is then variable-
length coded and transmitted. At the decoder side, the prediction error is reconstructed
and combined with the prediction to reproduce the picture. In H.263, half-pixel precision
is used for motion compensation, as opposed to full-pixel prediction in H.261, this can
improve the motion estimation and hence to lower the prediction error. Several options
are added to improve coding performance, they are unrestricted motton vectors, syntax-
based arithmetic coding, advanced prediction, and forward and backward frame

prediction similar to MPEG called P-B frames.

With the unrestricted motion vector mode, a better prediction can be achieved for smaller
picture formats if there is motion near the picture boundaries. Also, large motion vectors
are supported and are therefore useful in the case of camera movement or when the
resolution of picture is as large as 4CIF or 16CIF. On the other hand, the syntax-based
arithmetic coding (SAC) mode can further reduce the bit-rate by replacing all vanable-
length coding of H.263 with arithmetic coding. With the advanced prediction mode,
overlapped block motion compensation is used for the luminance component of P
pictures, resulting in a considerable subjective improvement due to the reduction of
blocking artifacts. For the P-B frame mode, it can increase the frame rate without
significantly increasing the resultant bit rate. A P-B frame contains one P picture and one
B picture that are coded as one unit. The major drawback is additional memory for storing
the B picture. Also there is an increase in computational complexity due to the increase in

frame rate.

2.3 Multimedia Communications
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2.3.1 Introduction to Multimedia Communications

Multimedia communications consist of multimedia contents, multimedia applications and
a network infrastructure that transmits the information of both multimedia contents and
multimedia applications. Multimedia information is composed of various types of
information, such as non-real-time data, text, graphics, images, and real-time audio and
video, etc. The characteristics of multimedia information are very complex and the

network requirements vary. Table 2.2 shows typical network requirements for different

information types.

Information type Bit rate (bit/s) | Delay Error |Traffic characteristic
tolerance | tolerance

Telephone-like voice 16K to 64K Low High Continuous
Face-to-face video 128K to 2M Low Medium bidirection
(H.261, H.263 and MPEG-1)
Hi-Fi audio 192Kto 1.4M | High | Medium Continuous
TV video (MPEG-2) Upto 1I0M | Medium | Low unidirection
Studio-quality video 20Mto S0M | Medium | Low
(Motion JPEG)
Raster image 64K to 8M High | Medium Bursty

Table 2.2 Network requirements for different information types

2.3.2 Video Conferencing

Video conferencing [Will97] is concermed with real-time two-way point-to-point or
multipoint communication. Traditionally, video conferencing could only be carried out
through special video conferencing equipment with private lease lines. In the past few
years, a rapid expansion of the Internet has provided an economic and world wide
connected network, in addition to the incredible growth of computer technology.

Nowadays, video conferencing can be carried out on desktop computers.
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Recently many standards have been developed for videoconferencing. The first standard
developed, and the standard that most other standards are an extension of, is called H.320
[Itu93a). This standard was originally developed for videoconferencing with narrow-band
ISDN. This standard includes specifications forl audio, video, and data transmission.
H.320 supports two different formats of video resolution, and also three different audio
coding algorithms, each providing different levels of quality and bandwidth consumption.
Various frame rates can be selected up to thirty frames per second. Also, additional
processing when encoding the video can be selected to improve the quality. As video
conferencing technology grows, other standards have been created that are really
extensions of H.320 but applying to different communication media. Many of these
extensions include the same algorithms used in H.320 except they are modified to support
the type of network being used. H.321 {Itu98f] is developed for networks using ATM and
broadband ISDN. H.322 [Ttut96d] is developed for videoconferencing over a LAN with a
fixed bandwidth. There is a separated channel used for time dependent voice and audio
transmission. H.323 [Itu97] is developed for videoconferencing over a LAN that uses
either Ethernet or token ring. Finally H.324 [Itu98b] is the standard developed for video.

conferencing over an analog telephone network.

2.3.3 H.323 Video Conferencing Standard

H.323 is a standard that specifies the components, protocols and procedures that provide
multimedia communication services (real-time audio, video, and data communications)
over packet-switched networks such as the Internet. It is designed to operate above the
transport layer of the underlying network. Thus it can be used on top of any packet-based
network transport like Ethemet, TCP/UDP/IP, ATM and frame relay to provide real-time
multimedia communication. It provides various levels of multimedia communications

including voice only, voice and video, voice and data, or voice, video and data
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communications. Also it can be applied to multipoint multimedia communications. The

architecture of H.323 is shown as Figure 2.11.

Scope of ITU-T H.323 Recommendation

Video /O equipment | Video codec
H H.261, H.263
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H.225.0

Figure 2.11 H.323 Architecture

Recommendation H.323 is an umbrella recommendation that depends on several other
standards and recommendations to enable real-time multimedia communications. Table

2.3 lists the main recommendations that are referenced in H.323.
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Functional Module

Recommendation

Title

Audio Codecs G.711 Pulse code modulation of voice frequencies
(11/88)
G.722 7 kHz audio coding within 64 kb/s (11/88)
G.723.1 Dual rate speech coders for multimedia
communication transmitting at 5.3 and 6.3 kb/s
(03/96)
G.728 Coding of speech at 16 kb/s using low-delay
' code excited linear prediction (09/92)
G.729 Coding of speech at 8 kb/s using conjugate-
structure algebraic-code-excite linear-prediction
(03/96)
Video Codecs H.261 Video codecs for audiovisual services at p x 64
kb/s (03/93)
H.263 Video coding for low bit rate communication
(02/98)
Data Conferencing |T.120 Data protocols for multimedia conferencing
(07/96)
System Control H.245 Control protocol for multimedia communication
(09/98)
H.225.0 Call signaling protocols and media stream
packetization for packet-based multimedia
communication systems (02/98)
Security H.235 Security and encryption for H-Series (H.323 and
other H.245-based) multimedia terminals (02/98)
Supplementary H.450.1 Generic functional protocol for the support off
Services supplementary services in H.323 (02/98)
H.450.2 and Call transfer and call diversion supplementary
H.450.3 services for H.323 (02/98)

Table 2.3 List of other [TU-T recommendations that are referenced in H.323

In H.323, one of the main features is multipoint conferencing. H.323 has defined three

types of multipoint conferences, they are centralized multipoint conference, decentralized

multipoint conference and hybrid multipoint conference.

Centralized multipoint

conference uses a Multipoint Control Unit (MCU) to distribute the information streams.

Each terminal sends its information streams to the MCU first and then the MCU
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distributes selected or mixed information streams back to the terminals. For the
decentralized multipoint conference, each terminal distributes its information streams to
all other terminals in the conference through multicast, and hence, eliminates the need for
a central MCU. With a hybrid multipoint conference, a mixed operating environment is
established that both centralized and decentralized multipoint conference coexists in a
conference. These multipoint conference architectures are illustrated in Figures 2.12, 2.13

and 2.14.

MCU

Terminal Terminal Terminal
A ’ B C

Figure 2.12 Centralized multipoint conference

Terminal Terminal Terminai
A B C

Figure 2.13 Decentralized muitipoint conference
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Figure 2.14 Hybrid multipotnt conference
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Moreover, H323 is designed to provide interoperability with other ITU-T terminals on
circuit-switched network. They are H.320 terminals operating on a narrowband integrated
services digital network (N-ISDN), H.321 terminals operating on a boardband integrated
services digital network (B-ISDN), H.322 terminals operating on guaranteed QoS LANSs,
H.324 terminals operating on the public switched telephone network (PSTN) and H.310
terminals operating on an asynchronous transfer mode (ATM) network. This
interoperability is achieved through the gateway, which is specified to perform any

network or signaling translation.

Four kinds of components are defined in H.323 and they are terminals, gateways,
gatekeepers and multipoint control units (MCUs). Terminals provide real-time bi-
directional multimedia communications. An H.323 terminal supports audio
communications and can optionally support video or data communications. An H.323
gateway provides connectivity between an H.323 network and a non-H.323 network. This
connectivity of dissimilar networks is achieved by translating protocols for call setup and
release, converting media formats between different networks, and transferring
information between the networks connected by the gateway. An H.323 gatekeeper is the
most important component of an H.323 enabled network, but it is optional. Gatekeeper’s
duties are the zone management and call control. The main services offered by the
gatekeeper are admission and access control of endpoints, bandwidth management,
address translation and routing. Although it is not necessary to install the gatekeeper, all
endpoints (terminals, gateways, and MCUs) must be registered with it when it exists.
Multipoint Control Units (MCUs) provide support for conferences of three or more H.323
terminals. In a centralized multipoint conference, all terminals participating in the
conference establish a connection with the MCU. The MCU manages conference
resources, negotiates between terminals for the purpose of determining the audio or video

coder/decoder (CODEC) to use, and may handle the media stream. The gatekeepers,
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gateways, and MCUs are logically separate components of the H.323 standard but can be

implemented as a single physical device.The protocol stack of H.323 is shown in Figure

2.15.
Audio Video Terrninal control and management Data
apns apps apns
G.711 H.225.0 H.225.0 H.245 T124
G.722 Call
G.723.0 | H.261 : al. Control
G.728 H.263 RTCP RAS S'E"a '“? channel T.125
G.729 channe channe
RTP X.224 Class 0 T.123
Unreliable transport (UDP) Reliable transport (TCP)
Network layer (IP)
Link layer (|EEE 802.3)
Physical layer (IEEE 802.3)

Figure 2.15 H.323 protocol stack

An H.323 terminal provides a variety of media coding options. For audio coding, ITU-T
G.711 recommendation (audio coding at 64 kbps) is mandatory, while additional audio
CODEC recommendations such as G.722 (64, 56, and 48 kbps), G.723.1 (5.3 and 6.3
kbps), G.728 (16 kbps), and G.729 (8 kbps) are optionally supported. For video coding,
H.261 QCIF and CIF as well as all modes of H.263 are optionally supported. However,

any video-enabled H.323 terminal must support H.261 QCIF mode.

Fbr terminal control and management, H.225 Registration, Admission, and Status (RAS)
[1tu98c], H.225 Call Signaling, H.245 Control Signaling [Itu98d] and Real-Time Control
Protocol (RTCP) [Schu96] are adopted. The RAS is used to perform registration,
admission control, bandwidth changes, status, and disengage procedures between
endpoints and gatekeepers. This signaling channel is opened between an endpoint and a

gatekeeper prior to the establishment of any other channels. For the H.225 call signaling,
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it is used to establish a connection between two H.323 endpoints. The H.245 control
signaling is used to exchange end-to-end control messages governing the operation of the
H.323 endpoint, such as capabilities exchange, opening and closing of logical channels
for media streams, flow-control messages, and general commands and indications. RTCP

is the counterpart of RTP that provides feedback on the quality of the data distribution.

Shortly, H.323 will evolve to Version 3 and several new features will be added. These
new features are fax-over-packet networks, gatekeeper-gatekeeper communications and

fast-connection mechanisms.
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Chapter 3

Efficient Block Matching Algorithms for Motion

Estimation

3.1 Introduction

As mentioned in Chapter 2, motion compensation is one of the key interframe coding
techniques because of its ability to reduce the high redundancy between successive
frames of a video sequence. Motion compensation mainly consists of two parts: motion
estimation and prediction error coding. Both the motion information and prediction error
are required to encode and transmit to the decoder, where the prediction error is the
difference between the current frame and the motion-predicted frame. In the past two
decades, a number of methods have been developed for motion estimation, among which
the block matching algorithm (BMA) has been widely adopted by various video coding
standards such as H.261 [Itu93], H.263 [Itu96a], H.263+ [Itu98a] and MPEG-1 [Is093]

for its simplicity and efficiency.

The process of block matching is to find a candidate—block within a search area in the
previous frame that is most similar to the current block in the present frame. The full
search method exhaustively examines all locations in the search area. If the performance
in terms of prediction error is the only criterion for the BMA, the full search method is the
best. However, its huge computational burden makes it impractical for realization.
Therefore, some fast algorithms such as three-step search (TSS) [Koga81], new three-step
search (NTSS) [Li94], four-step search (FSS) [P0o96] and unrestricted center-biased
diamond search (UCBDS) [Tham98] have been developed to achieve the compromise

between the effectiveness and computational complexity. These algorithms reduce the

-34 -



number of computations by limiting search locations for finding the motion vector. They
normally rely on a monotonically increasing distortion function around the position of the
optimal vector to iteratively determine that location. However, the distortion function
always contains several local minima in which this kind of algorithms can easily be
trapped. Hence, these methods would result in prediction with appreciably larger error
than the full search method. On the other hand, the robustness of this kind of fast
algorithms is limited as their performance is very much dependent on the search pattern,
which may only work for a particular search window size. It is shown that for most of the
existing algorithms like TSS [Koga81] and NTSS [Li94), the performance will be
degraded as the search range increases, which makes it unreasonable as a poorer
performance is obtained when more search points are checked. Therefore, how to reduce
the chance of being trapped into the local minimum of the distortion function becomes
one of the key points for improving the performance of fast block matching algorithms.
We will tackle the problem in this chapter by developing an adaptive search algorithm for
the block matching algorithm in order to adjust its search pattern according to the local

characteristics of the test block.

Besides the search pattern, the initial search point has a significant impact on the
performance of most fast block matching algorithms. As there may have some local
minima on the distortion surface, the assumption of monotonically increasing distortion
function is normally valid in those areas near the global minimum. If the search is started
at a location near the global minimum, the chance of being trapped into the local
minimum will be reduced and the convergence rate can also be increased. Now the
problem becomes how to find a starting search location that is close to the global
minimum point of the distortion function. In this chapter, a new motion tacking algorithm
is also developed for the block matching algorithm to locate its initial search point by

exploiting both the temporal and spatial correlation existing in video sequences.
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In the rest of this chapter, section 3.2 will first give a review on the existing fast block
matching algorithms. Our proposed adaptive search algorithm is developed in section 3.3.
A comparative study of the new algorithm with some existing algorithms will also be
given in this section. The new motion tracking algorithm will then be presented in section
3.4. The proposed motion tracking algorithm is used as a prefix to the existing fast
algorithm. A detailed performance evaluation using standard video sequences will be
conducted to study the improvement of using our new motion tracking algorithm in

existing fast search algorithms. A summary of this chapter is given in section 3.5.

3.2 Review on Fast Block Matching Algorithms

As mentioned in Chapter 2, if a maximum displacement that an object can move between

two frames is w pixels/frame, there are (2w+1)2 locations to search for full search. In
order to decrease the computational load of the full search method, a number of fast
search algorithms have been proposed. The basic idea of these fast algorithms is to limit
the number of locations searched by designing a dedicated search pattern. In this section,
we will review some famous fast block matching algorithms, which include three-step
search (TSS) [Koga81], new three-step search (NTSS) [Li%94], four-step search (FSS)
[Po96], block based gradient descent search (BGDS) [Liu96] and unrestricted center-

biased diamond search (UCBDS) [Tham98].

3.2.1 Three-Step Search (TSS)

The three-step search algorithm (TSS) proposed by Koga et al. [Koga81] is based on a

coarse-to-fine approach with logarithmic decreasing in step size. The details of the

algorithm are described as follows:
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Step 1 The center point (x, y) and 8 search points (x £ w/2, y £ w/2) are tested in the first
step. The minimum mismatch is determined by the cost function.
Step 2 The minimum mismatch position becomes the center point of the next search.

The step size is halved and the search is completed when the search step size is

equal to 1.

The number of search points is fixed for a given wand isequal to 1 + 8 rlogzw]. Forw =
7, the number of search points is equal to 25. An example of TSS for w=7 is shown in

Figure 3.1.

@ scarch point in 1st step

® search point in 2nd step

0 9 ?/ /[f é)-_ A search point in 3rd step

- O winning point

+7

-7 0 +7

Figure 3.1 Nlustration of TSS
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3.2.2 New Three-Step Search (NTSS)

The new three-step search algorithm (NTSS) proposed by Li et al. [Li94] is a modified
version of the TSS method. The features of NTSS are that it employs a center-biased
checking point pattern in the first step, which is derived by making the search adaptive to

the motion vector distribution, and a halfway-stop technique to reduce the computation

cost,

In the first step, in addition to the original checking points used in TSS, eight extra points
are added, which are the eight neighbors of the search window center, as shown in Figure
3.2. (As such, the checking point pattern is highly center-biased.) A halfway-stop
technique is used for a stationary and quasi-stationary block in order to quickly identify

and then estimate the motions for these blocks as follows:

e If the minimum MAD in the first step occurs at the search window center, stop the
search. (This is called the first-step-stop.)

e If the minimum MAD point in the first step is one of the eight neighbors of the
window center, the search in the second step will be performed only for eight
neighboring points of the minimum’ and then étop the search. (This is called the

second-step-stop.)

e Otherwise, the searching pattern of TSS will be used to locate the final motion vector.

Figure 3.2 shows two search paths with w = 7. The center path shows the case of
searching small motion. In this case, the minimum point of the first step is one of the 8
neighbor checking points. The search is halfway-stopped with matc;hing five more
neighbor checking points of the first step’s minimum point. The number of checking
points required is (17 + 5) = 22. The upper-right path shows the case with large motion

where normal TSS steps are used. In this case, the total number of search points are 2548
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= 33. Obviously, this method will be efficient if the sequence is of small motion. For
those large motion sequences, this method will perform the same as the TSS method but

require a larger number of search points.

‘ @ search point in 1st step

search point in 2nd step

A search point in 3rd step

= %7 (O winning potint

+7

-7 0 +7

Figure 3.2 Illustration of NTSS

3.2.3 Block Based Gradient Descent Search (BBGDS)

The block based gradient descent search (BBGDS) algorithm proposed by Liu amd Feig
[Liu96] evaluates the value of a given objective function starting from a small centralized
ch‘ecking block. The search procedure of the BBGDS always moves the search in the
direction of optimal gradient descent. This is the direction where one expects the
objective function to approach its minimum. The search procedure of the BBGDS
algorithm is illustrated in Figure 3.3. Checking blocks are squares of 3 x 3 pixels. The
BBGDS starts by initializing the checking block so that its center pixel is at the origin.

The details of the algorithm are as follows:
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1) Evaluate the objective function for all nine points in the checking block;
2) If the minimum occurs at the center, stop; the motion vector points to the center.

Otherwise, reset the checking block so that its center is the winning pixel, and go to

stepl).
7
@ search point in 1st step
search point in 2nd step
0 A search point in 3rd step
& search point in 4th step
(O winning point
+7
-7 0 +7

Figure 3.3 Nllustration of BBGDS

3.2.4 Four Step Search (FSS)

The four-step search (FSS) algorithm proposed by Po et al. [Po96] tries to improve the
performance of TSS by exploiting the center-biased characteristics of video sequences.
The FSS method uses a smaller initial step size compared with TSS. The initial step size
is one fourth of the maximum motion displacement w (i.e. w/4). Due to the smaller initial
step size, the DSS algorithm needs four searching steps to reach the boundary of a search

window with w = 7. Similar to the small motion case in the NTSS algorithm, the FSS
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algorithm also uses a halfway-stop technique in its second and third step's search. The

detailed searching procedure is shown below.

Step 1 The center point {x, y) and 8 search points (x  w/4 , y = w/4} are tested in the first
step. If the minimum MAD point is located at the center, go to Step 3.

Step 2 The minimum mismatch position becomes the center point of the next search with .
the same step size of Step 1. If the minimum MAD peint is found at the center of
the search window, go to Step 4; otherwise go to Step 3.

Step 3 The search is continued with the same step size until it reaches the boundary of

the search window.

Step 4: Eight neighbor points of the minimum MAD point are searched to locate the final

motion vector.

Figure 3.4(a) show an example of the search path of FSS for large motion blocks. In this

worst case example, it requires 27 search points for w = 7. In general, The number of
checking points required for the worse case is (lS[]og2 WTH-I+9). Figures 3.4(b) and

3.4(b) show two examples for the search paths of FSS for small motion block, in which

the number of search points is 17 and 20 respectively. -
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Figure 3.4 lllustration of FSS

3.4.5 Unrestricted Center-Biased Diamond Search (UCBDS)

The unrestricted center-biased diamond search (UCBDS) algorithm developed by Tham

et al. [Tham98] is another technique to speed up the TSS algorithm by making use of the
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center-biased motion characteristics. The search step is similar to that of FSS except that
the search pattern is with a diamond sharp instead of rectangular. It uses the same halfway
stop criterion of FSS that if the minimum MAD point is located at the center in one
particular search step, the search will be terminated by searching four more neighboring

points of the minimum point. An example of the UCBDS algorithm is illustrated in

Figure 3.5.

7
@ scearch point in 1st step
search point in 2nd step

0 A search point in 3rd step
& search point in 4th step
O winning point

+7

-7 0 +7

Figure 3.5 Nllustration of UCBDS

According to the simulation results in [Tham98], the computational complexity of the
UCBDS algorithm is less than that of FSS with similar quality on motion-compensated
images. It has a best case scenario of only 13 search points and an average of about 16

block matches, while in average the FSS method requires 19 to 21 search points.
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3.3 Adaptive Search Algorithm for Block Matching Motion Estimation

As mentioned, most of the fast search algorithms are based on two important
assumptions. The first one is that the distortion function will increase monotonically as
the checking point moves away from the global minimum and the second is the principle
of locality. With the multiple-stage search schemes like 'fSS [Koga81], the checking
points in each step are allocated uniformly in the search window. Such a configuration
may not be appropriate for those blocks having small motions. Also, the probability of
being trapped by the local minimum will increase when search range increases in most of
the fast algorithms. The reasons for that phenomenon are: 1) Reliability of the monotonic
assumption and principle of locality for the error surface plane is greatly reduced; and 2)
Continuous reduction in step size will greatly accumulate the error especially for large
motion. On the other hand, some search schemes like new three-step search (NTSS)
[Li94], eight extra points are added in the first step in order to determine whether the
motion of the block is center-biased or not. Such configuration will increase the
computations when the motion of the test block is large. Therefore, how to optimally
design a universal search pattern becomes the main concern of this section. Obviously,
blocks with different motions should have their own search patterns in order to optimize

the search.

In this section, a new adaptive search algorithm is proposed. In our algorithm, we will
first classify the test block into different categories by checking the location of the
minimum MAD point in the first step. If the minimum point is located at the center, then
most likely the motion will be center-biased and it will be a stationary and quasi-
stationary motion block. Otherwise, it belongs to fast motion blocks. A different search

pattern will then be applied to different motion classes.



3.3.1 New Adaptive Search Algorithm

In the proposed adaptive search algorithm, the search pattern of the FSS will be adopted

in the first step. Then the search method of next step is dependent on the location of the

minimum points. For the search window of * w, the detailed steps of the proposed

adaptive search algorithm is sumrmarized as follows:

Step 1

Step 2

Step 3a

Step 3b

Step 3¢

The center point (x, y) and 8 search points (x * w/4, y £ w/4) are tested in the
first step. The minimum mismatch is determined by the cost function of mean
absolute difference (MAD).

Find out the point with minimum MAD value and this position becomes the
center point of the next search.

If the location of the minimum point is in the center, use the‘searching pattern of
the block based gradient descent search (BBGDS) [Liu96] to locate the motion
vector, which is illustrated in Figure 3.6(a).

If the minimum point is located at the middle of horizontal or vertical axis of the
pervious search windows, use the searching pattern of the four-step search (FSS)
to locate the motion vector. The step is demonstrated in Figure 3.6(b).

If the minimum point is located at the corner of horizontal or vertical axis of the
pervious search windows, most'likely the block will have a large motion and the
motion vector will be located in the quadrant of the minimum point. In this case,

a hierarchical search is designed to locate the motion vector in this quadrant.

For the hierarchical search, the search points in the target quadrant will be sub-
sampled by a factor of 2 (or 4 when the search range is doubled). All marked
points are then checked. When the minimum poiﬁt is found, eight more
neighboring points are checked to conclude the search and locate the motion

vector. This step is illustrated in Figure 3.6(c).
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Figure 3.6 Tllustration of the new adaptive search algorithm
As the BBGDS method performs better than the FSS method for center-biased motion,
we use it for searching the blocks with small motions. On the other hand, since none of
the existing search methods performs well for large motions, we develop the hierarchical

search for handling the blocks with large motions.
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3.3.2 Simulation Results

Computer simulations have been performed to compare the performance of the proposed
adaptive search method with full search (FS), three-step search (TSS), new three-step
search (NTSS), and four-step search (FSS). Two test sequences, namely “Miss America”
and “Tennis”, are used in our experiments. They are of CIF standard and the simulations
have been performed on the first 90 frames of the sequences. In our experiment, the
maximum motion displacement w is set to + 7 and £ 15. The performance of the motion-
predicted images is measured by mean square error (MSE), and the computational
complexity is evaluated by the number of search point per block. Figure 3.7 shows the
MSE performance of different search methods for the two test sequences with different
search ranges. Table 3.1 summarizes the average MSE performance and the average
number of search points for various search methods for the two test sequences. It is seen
that the FS method achieves the lowest MSE, and our proposed method performs only a
little worse than FS.-When compared with other methods, our proposed method performs
better than TSS and FSS in all cases, since it requires a lesser number of search points,

but it does result in a smaller MSE than those methods.

It is also noted from the tables that the performance of all search algorithms degrade
when the search range is increased from +7 to +15. The degradation will become
significant when the sequence is of large motion like “Tennis”. It is consistent with the
fact that most of the search algorithms are based on the center-biased motion assumption.
For our proposed algorithm, the MSE performance is improved when the search window
increases. Take the sequence “Tennis” as an example, the average MSE of the predicied
images is 206.85 and 196.227 for the search range of £7 and +15 respectively. So we

may conclude our proposed algorithm is robust and can handle sequences with different
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MSE Search Points
Method w =27 w==15 w=%7] w==+15
FS 8.1773 8.100 225 961
TSS 8.8300 9.025 25 33
NTSS 8.2779 8.295 21.67 30.61
4SS 8.6937 8.790 19.249 27.56
New 8.5856 8.582 18.966 22.80
(a) Miss America
: MSE Search Points
Method W=7 w==%l5 w=+7 w==}5
FS 180.563 158.370 225 961
TSS 239.000 258.632 25 33
NTSS 215.560 236.620 26.62 30.15
4SS 210.407 229.090 20.11 28.69
Proposed 206.850 196.227 19.18 32.852
(b) Tennis

Table 3.1 Average performance of different search methods

3.4 New Motion Tacking Technique for Fast Block Matching Algorithm

As discussed before, the initial search point of the block matching algorithm also plays an
important role in affecting the performance of fast block matching algorithms. As the
continuity of motion in a video sequence introduces high temporal and spatial correlation
in the motion field, the motion vector of a block is highly related to its neighboring
motion vectors in the present frame as well as in the previous frame. To exploit the high
motion correlation, Feng el al. [Feng95] first proposed a simple motion vector prediction
method in their adaptive search algorithm to locate the search origin of the block
matching algorithm. The motion vectors of the neighboring blocks are used for the simple
prediction. Later on, some other motion prediction algorithms [Luo97] [Isma99] have
been developed to derive an initial motion vector by exploiting the motion correlation in

either the temporal or spatial domain to improve the performance of traditional block
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matching algorithms as well as speeding up the convergence of the searching procedure.
A simple temporal motion prediction method is to use the motion vector at the same
position in the previous frame to locate the search origin for the current test block.
However, taking into consideration the movement of the objects in a video sequence, it is
obvious that the blocks at the same position in the successive frames may not belong to
.thc same object. In this sense, such an initial motion vector may not provide accurate
tracking for the motionr between two successive frames and hence the performance
imprdvement on the search algorithms is limited. Recently, Xu et al. [Xu98] [Xu99] have
proposed a spatial motion prediction technique which makes use of the mean of the four
adjacent motion vectors to generate an initial motion vector for the current search.
Although this spatial motion prediction technique is efficient in general, it will lead to
quite poor performance in a case where the cormrelation between adjacent motion vectors
is small, in other words, the adjacent motion vectors are very different. Altemnatively, if
we only perform motion prediction in the spatial domain, we cannot fully exploit the high
temporal motion correlation especially when global motions exist in a video sequence. In
this section, a novel motion tracking method is developed to locate the initial search point
for fast block matching algorithms by exploiting motion correlation in both the temporal
and spatial domain. The proposed method is incorporated as a prefix in existing fast block

matching algorithms.

3.4.1 New Motion Tracking Algorithm

A new motion tracking method is developed in this section to locate the initial search
point for accurate and fast block motion estimation by exploiting the correlation of a
motion field in both the temporal and spatial domain. The proposed technique consists of

two methods. The inertia motion tracking (IMT) method is used to provide a temporal
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predictive motion vector while the refined spatial motion prediction (RSMP) method is to

find a predictive motion vector in the spatial domain.

3.4.1.1 Temporal Motion Tracking Method

For the block matching technique, an image is first divided into subsequent non-
overlapping blocks. A motion vector is then derived for each block to represent its

motion. For any frame F, of an image sequence, it can be represented by a set of blocks,

1.e.

w H
F =Ub (i, j i=0,1..,—-1j=01,..—-1 3.1
=Y w {65 1) YRR v, (3.1)
where b,(i,j) represents the (i,j)th block in frame n, W and H represent the width and
height of the image respectively, and MxM is the block size. The motion of b,(i,j) from

the (n-1)™ frame to the n'™ frame can be represented by its motion vector mv,(i,j) as
mv, (i, j) = [Ax, G, ),8y, G, DI (3.2)

where Ax,(i,j) and Ay,({,j) represent the displacement of the (i,j)‘h block from frame n-1

to frame n in the horizontal and vertical direction respectively.

As the time interval between two successive frames in a video sequence is quite short, we
can assume that the objects will move with inertia from one frame to the next in the sense
of uniform velocity in this time slot. The first candidate for the temporal predictive
motion vector of the test block in frame n, b,(i,j), will be the motion vector of the same
block tn frame n-1, i.e.

PMVV G, y=mv_, G, ) (3.3)
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When an object in the video sequence moves fast enough, the direction and speed of its
movement may not keep steady due to the frame rate. A simple temporal prediction in
(3.3) will not work well in this case. Making use of the inertia of not only the speed but
also the acceleration of a moving object, we can get the second candidate for the temporal

predictive motion vector, i.e.

PMV'@G, y=mv, G, ) +|mv_ G, ) -mv,_,G, )] (3.4)

3.4.1.2 Spatial Motion Tracking Method

As the correlation between the motion vectors of adjacent blocks within a picture is quite
high, we can also make use of such correlation to predict the search origin for the block
matching algorithm. The spatial motion prediction method proposed by Xu et al. [Xu98]
[Xu99] uses the average of the adjacent motion vectors of the block under test to do the
prediction. However, as we mentioned before, spatial predictive motion vector will lead
to a poor performance when adjacent motion vectors are not uniform. In this paper, we
propose a refined spatial motionrprediction (RSMP) method to enhance the performance
by introlducing a variance-based judgement criterion to check for the motion continuity
between neighboring blocks. Given the motion vectors of the four neighboring blocks as

shown in Figure 3.8, we can calculate the variance of the four motion vectors as below:
o = Var(mv,;, mv,, mvs, mvy) (3.5)

If the variance is large enough, it means that the magnitudes of the four adjacent motion
vectors are very different. In this case, we will discard the spatial predictive motion
vector. Otherwise, we will calculate the average of the four motion vectors and use it as

the spatial predictive motion vector, denoted by PM V", for the test block, i.e.
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PMV; (i, j) = %(Z mka (3.6)
k

With such an approach, we can make sure that there is a high motion correlation between

blocks for spatial motion prediction and hence a better performance can be obtained.

myv; myv; mvy

mvy | mv

Figure 3.8 Four neighboring motion vectors of the test block

3.4.1.3 New Motion Tracking Method

A new motion prediction method is formulated by combining the IMT and RSMP
method. With the two methods, we can find the temporal predictive motion vectors PMV’
and spatial predictive motion vector PMV® for any test block. Together with the zero
motion vector, which is the only choice for determining the search origin in most fast
block matching algorithms, we will select the best one among the three candidates based

on a judgement criterion. The overall predictive motion vector for the block under test is

obtained by
PMV, (i, ) =J (PMV'V 3, j),PMV!® 3, j),PMV; (i, j),0) (3.7)

where J is the judgement function and @ represents the zero motion vector. In this case,
the sum of absolute difference (SAD) is used as the judgement function. For the four
candidate motion vectors, we will calculate the SAD value for each location pointed by
the motion vector. We then compare the SAD value and then select the one which results

in the minimal SAD value as the predictive motion vector for the test block.
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Figure 3.9 Block diagram of the proposed predictive motion vector search algorithm

The block diagram of our proposed motion prediction method is shown in Figure 3.9, in

which our method is used as a prefix for any existing fast search methods. The details of

the new motion prediction algorithm for each test block are shown below:

Step 1: Find the temporal predictive motion vectors using the proposed IMT method,;

Step 2: Find the spatial predictive motion vector PMV® using the refined spatial motion

prediction method,

Step 3: Calculate the SAD values resulted from the zero motion vector, temporal

predictive motion vectors and spatial predictive motion vector;

Step 4: Take the location pointed by the motion vector having the minimal SAD value as

the starting search point for the block matching algorithm;
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Step 5: Find the motion vector using the search pattern defined by the existing search

algorithms such as the full search, TSS and NTSS, etc.

3.4.2 Simulation Results

Computer simulations have been carried out to evaluate the effectiveness of the proposed
motion tracking technique as well as the performance of the new motion vector search
algorithm. In our simulations, four standard test sequences of different motions were
used. The performance of motion-predicted images is measured by peak signal-to-noise
ratio (PSNR) while the computational complexity is evaluated by the number of search
points. We first study the performance of our proposed motion prediction method in some
existing fast algorithms. We applied our motion tracking method in TSS (denoted as Ppyr
+ TSS), NTSS (Ppar + NTSS) and UCBDS (Pt + UCBDS). For comparison purposes,
we also study the performance of the spatial motion prediction method proposed by Xu et
al. [Xu98] [Xu99] in TSS, NTSS and UCBDS (denoted as Ps + TSS, Ps + NTSS and Ps +
UCBDS, respectively). The simple temporal prediction method, which takes the motion
vector of the block in the same location of the previous frame as the temporal predictive
motion vector, is also applied in TSS, NTSS and UCBDS (denoted as P, + TSS, Py +
NTSS, and P, + UCBDS, respectively) for comparison. The average PSNR performance
and computational complexity of different search methods for the four test sequences are
shown in Table 3.2, which also lists the entropy of motion vector (MV) for all search
methods. The performance of the original TSS, NTSS, UCBDS as well as the new
adaptive search method proposed in the last section is also listed in the table for

comparison.

From the results, we can first note that the performance of those algorithms with our

proposed motion tracking method, i.e. Ppyr+TSS, P+NTSS and Pp+UCBDS, is
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better than all other methods except the full search algorithm for all test sequences. The
performance is even better than the full search (FS) method in some cases. There is about
0.1dB to 0.5dB improvement on average PSNR performance when using the proposed
motion tracking method and the amount of improvement depends on the nature of the test
sequences. Larger improvement will be obtained for sequences with larger motion. As
TSS, NTSS and UCBDS are all based on the center-biased assumption, they only work
well for low-motion sequences such as 'Miss America’. For high-motion sequences such
as Tennis', Flower' and Football', the center-biased assumption is not valid and leads to a
poorer performance. Further, it is revealed that the more the test sequence obeys the
inertia theory, the better the proposed algorithm works. In the case of Flower', the
average PSNR performance of Ppyr+TSS is even 1dB better than the full search method
and the entropy of motion vector field is also reduced, while the computational
complexity is similar to that of TSS. It is known that the sequence 'Flower' contains a
global motion caused by camera panning. In this case, the inertia motion assumption is
always true. On the other hand, sequence 'Football' contains large motions that are mainly
caused by local motions, so that the inertia motion assumption is not always valid.
Therefore, our proposed motion tracking method works well in large motion sequences

especially for those containing global motions.

Besides the objective criterion, we compare the visual quality of the motion-predicted
images for different methods. Figure 3.10 shows the motion-predicted images of the 235
frame in sequence ‘Tennis' for TSS and Ppmr+TSS. It 1s clear that our motion prediction
method can produce a much better visual quality on the predicted image, especially in the
tace and body area of the tennis player, than that without motion prediction. Figure 3.11
shows the PSNR performance on the motion-predicted images by the FS, TSS, NTSS,
UCBDS and Pt + TSS for the four test sequences. It is seen that Py + TSS always

performs better than TSS, NTSS and UCBDS.
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Algorithm PSNR (dB) Check Points MYV Entropy
w=%15 w=+7 w=%l5 |w=27 |w=xl5 |w=2%7
FS 28.357 28.053 861.10 183.89 6.608 6.598
TSS 25.701 26.124 31.01 23.49 6.491 6.722
NTSS 27.535 27.538 30.52 26.92 6.456 6.461
UCBDS 27.760 27.647 15.56 15.37 6.399 6.422
Ps + TSS 27.586 27.737 33.73 26.22 6.458 6.522
Ps + NTSS 27.957 28.017 38.29 31.84 6.494 6.495
Ps + UCBDS 27.974 27.847 16.26 16.11 6.459 6.480
Pt + TSS 27.935 27.906 33.03 25.52 6.410 6.416
Pt + NTSS 27.997 27.938 39.06 31.79 6.415 6.409
Pt + UCBDS 27.838 27.714 14.90 14.72 6.366 6.393
Pt + TSS 28.099 28.031 35.30 27.88 6.573 6.571
| Ppur + NTSS 28.107 28.042 41.67 34.55 6.582 6.577
| Prur + UCBDS 27.991 27.870 17.10 16.97 6.547 6.577
Adaptive 27.806 27.710 21.45 18.48 6.614 6.621
Pt + Adaptive | 28.114 28.048 20.53 15.08 6.553 6.524
{(a) Tennis (352x240, frame no.0-299)
Algorithms PSNR (dB) Check Points MYV Entropy
w=%15 w==%7 | W=xI5 w=+7 w=+|5 | w=27
FS 22.442 22413 861.09 183.89 9.541 9.572
TSS 20.979 21.734 31.17 23.57 9.842 9.892
NTSS 21.796 22.118 28.31 25.36 9.525 9.579
UCBDS 22.107 22.102 16.33 16.31 9.600 9.603
Ps + TSS 23.117 | 23.227 33.82 26.25 9.492 9.454
Ps + NTSS 23.217 23.426 38.47 31.07 9.249 9.344
Ps + UCBDS 23.387 23.385 16.00 15.99 9.303 9.305
Pt + TSS 22.182 22.253 33.24 25.68 9.512 9.533
Pt + NTSS 22.271 22.304 39.37 32.00 9.507 9.517
Pt + UCBDS 22.272 22.270 14.75 14.72 9.536 9.540
Pt + TSS 23.576 23.583 35.45 28.01 9.240 0.246
Ppur + NTSS 23.588 23.593 41.93 34.71 9.239 9.239
Pt + UCBDS 23.581 23.573 16.99 16.96 9.264 9.268
Adaptive 22.236 22.218 28.08 19.18 9.241 9.249
Pt + Adaptive 24.264 23.705 20.53 17.05 0.262 9.259

(b) Flower (352x240, frame no.0-149)
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Algorithms PSNR (dB) Check Points MV Entropy
w=+15 | w=x7 | w==x15 w=+7 w=%15 w=2=7
FS 25.926 24731 | 861.09 183.89 7.524 7.943
TSS 25.037 | 24.511 31.26 23.65 7.437 7.928
NTSS 25.196 | 24.597 34.08 29.34 7.668 8.018
UCBDS 24.928 24,211 22.50 19.51 7.808 8.002
Ps + TSS 25.671 25.152 33.95 26.40 7.466 7.766
Ps + NTSS 25.693 25.203 36.98 31.50 7.615 7.817
Ps + UCBDS 25.231 24.312 20.65 18.66 7.727 7.897
Pt + TSS 25.623 25.227 33.27 25.70 7.410 7.643
Pt + NTSS 25.692 | 25.265 35.42 30.41 7.528 7.696
Pt + UCBDS 25.153 24.273 19.52 17.46 7.653 7.934
| Ppar + TSS 25.729 | 25.482 34.59 27.19 7.468 7.667
Pper + NTSS 25.735 25.500 38.55 32.59 7.570 7.717
Pyt + UCBDS 25.767 24.480 19.39 17.69 7.677 7.979
Adaptive 25.218 | 24.608 28.84 20.27 7.485 7.702
Ppir + Adaptive 25.817 | 24.197 23.91 18.59 7.873 8.126
(c) Football (352x240, frame no.0-209)
Algorithms PSNR (dB) Check Points MYV Entropy

w=+15 | w=27 | w=xi5 | w=+7 | w=%Il5 w =7

FS 39.022 [ 38.991 | 876.61 186.08 10.640 11.027

TSS 38.483 | 38.529 31.21 24.01 10.747 10.949

NTSS 38.726 | 38.924 32.90 26.04 10.693 10.140
UCBDS 38.687 | 38.685 17.08 17.05 10.691 10.696

Ps + TSS 38.909 | 38.914 34.22 26.62 10.281 10.423

Ps + NTSS 38.947 | 38.986 37.45 30.62 10.303 10.140

Ps + UCBDS 38.943 | 38.941 17.66 17.64 10.218 10.225

Pt + TSS 38.781 | 38.763 33.73 26.10 10.872 11.013

Pt + NTSS 38.866 | 38.941 37.13 30.82 10.869 10.722

Pt + UCBDS 38.786 | 38.783 16.77 16.73 10.951 10.969
Pt + TSS 38.935 | 39.074 35.18 25.66 10.645 10.871

Pt + NTSS 38.937 | 39.036 39.76 34.11 10.661 10.678
Pyt + UCBDS 38.924 39.022 18.30 18.27 10.648 10.667
Adaptive 38.804 | 38.774 22.15 19.66 10.563 10.871

Pt + Adaptive 39.020 | 38.985 20.76 17.18 10.670 9.832

(d) Miss American (352x288, frame no.1-111)

Table 3.2 Average performance of different fast block matching methods
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PSNR (dB)

Avg. Frame size

Avg. Frame rate

Luminance | Chrominance | (Bytes per frame) (Frames/sec})
TSS 30.659 35.535 3809 10.326
Pmr+TSS 31.454 36.249 3802 9.791
(a) Table Tennis (352x240, frame no.0-299)
PSNR (dB) Avg. Frame size | Avg. Frame rate
Luminance | Chrominance | (Bytes per frame) (Frames/sec)
TSS 28.764 32.222 9024 7.597
Pur+TSS 29.620 32.750 9097 7.378
(b) Flower (352x240, frame no.0-149)
PSNR (dB) Avg, Frame size | Avg. Frame rate
Luminance [ Chrominance | (Bytes per frame) (Frames/sec)
TSS 31.579 36.645 4580 9.332
Pumr+TSS 31.475 36.866 4571 8.622
(c) Football (352x240, frame no.0-209)
PSNR (dB) Avg. Frame size Avg. Frame rate
Luminance | Chrominance | (Bytes per frame) (Frames/sec)
TSS 37.553 38.750 390 18.512
Pr+TSS 37.620 38.866 391 18.388

(d) Miss America (352x288, frame no.1-111)

Table 3.3 Average performance of H.263 codec with TSS and Ppyr+TSS
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Figure 3.10 Motion-predicted images for the 235" frame of sequence "Tennis'
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In order to test our proposed algorithm in practical coding systems, we incorporate our
algorithm into a H.263 codec to test its performance. In this part of experiments, only
TSS and Ppyr + TSS are compared and the results are listed in Table 3.3. The table shows
the average PSNR performance, average frame size and average achieved frame rate for
the five test sequences. In our experiments, we set the average frame size of the two
methods equal and then compare the computations or frame rate and the PSNR
performance. It is indicated from Table 3.3 that Pper + TSS has higher PSNR value than
TSS for all test sequences while the resultant frame rate (computation time) of the two
methods is similar. The results also demonstrate the effectiveness of the proposed motion
prediction method in real-time implementation of the video codec. Finally, the proposed
motion tracking method is also applied to the new adaptive search algorithm (denoted as
Pyt + Adaptive). It is noted from Table 3.2 that the PSNR performance of Py +
Adaptive is better than other methods and very close to that of FS. We could therefore
conclude that our proposed motion prediction method, together with the adaptive search

algorithm, is very efficient in imprbving the performance of the existing fast block

matching algorithms.

3.5 Summary of the Chapter

We have made improvements for the block matching motion estimation method in this
chapter. We first develop a new adaptive search method to adapt the search pattern
according to different local characteristics of the test block. A novel motion tracking
method is then derived for the search algorithm to locate the search origin by exploiting
the high motion correlation in both temporal and spatial domain. Simulation results using

real image sequences show that the proposed methods are very efficient in improving the
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performance of the fast block matching algorithm. Such methods will be applied for real-

time software implementation of a H.263 video codec in the coming chapter.
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Chapter 4

Software-Based Real-Time Implementation of H.263

Video Codec

In the last chapter, we have addressed the problem of speeding up the motion estimation
process, which is one of the major burdens for real-time implementation of motion-
compensated video compression. In this chapter, we are going to develop a real-time
software-based video codec based on the ITU-T H:.263 standard. Besides motion
estimation, a set of algorithmic simplifications that significantly reduce the computational

loading of the H.263 encoding process is derived in this chapter.

4.1 Introduction

As mentioned in Chapter 2, efficient representation of a digital image and video has been
the subject of considerable research over the past 20 years. Image and video compression
techniques play an important role in various emerging multimedia applications. Since the
early 1990’s, various digital image and video coding standards [Ra096] [Okub97] like
JPEG [Is094], H.261 [Itu93], MPEG-1 [Is093], MPEG-2 [Is094], H.263 [Itu96], H.263
plus [[tu98a) and MPEG-4 [Is099] have been developed. Among these recommendations,
H.263 was developed based on H.261 by ITU in 1996 as a very low bit-rate video coding
standard. H.263 serves as the kernel of video signal processing in various multimedia
communication standards such as H.323 [1tu97] and H.324 [Itu98b]. The main features of
the H.263 coding scheme are the half-pixel accuracy of motion estimation, bi-directional

motion compensation and options such as unrestricted motion vector, syntax-based
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arithmetic coding, advanced prediction and P-B frame mode. When compared with the
H.261 standard, H.263 has an improvement of peak signal-to-noise ratio (PSNR) by 1-2

dB at the same bit rate [Giro97].

In recent few years, many multimedia applications based on H.263 such as videophone,
video conferencing and remote video monitoring systems have been developed. Most of
these applications require the video codec to deal with multiple video channels at the
same time. Take video conferencing as an example. Assume five users in a local area
network (LAN) are doing video conferencing. During the conference, each user will send
his images to the other four participants and at the same time receive the images from
others. Therefore, the video codec for each user is rcquired to do one encoding process
and four decoding processes simultaneously. Such multi-channel characteristic imposes

very high computational requirement on the processor for software implementation of

those multimedia applications.

In order to fit the need of different multimedia applications, we will go in-depth into the
structure of H.263 in this chapter to see what kind of improvements can be made to speed
up the coding and decoding process, and to support multiple decoding channels as well.
The basic coding flow of the H.263 encoding process includes motion estimation, DCT
transformation, quantization and entropy coding. Obviously, motion estimation and DCT
coding are the most time consuming tasks and become the bottleneck for software
implementation of the encoding process. Besides algorithmic enhancements [Mukh97]
[Erol98] [Yu98] {Xie99] [McVe00], optimization at various implementation levels such
as compiler optimization [Akra99], code optimization [Jang00], exploitation of extended
multimedia instruction sets [Lapp98] etc., is required to achieve a high performance
software-based video codec. In this chapter, we focus on the work of algorithmic

improvement rather than the software code optimization.
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In this chapter, a set of algorithmic simplifications that significantly reduces the
- computational loading of the H.263 encoding process is derived. Also we will refine our
motion prediction method developed in the last chapter, in order to fit the format of
H.263. To support multiple decoding channels simultaneously, a stack-based solution is
presented. It is clear that the proposed implementation is very useful for different

multimedia applications such as PC-based video conferencing and remote monitoring

systems.

In the rest of this chapter, the detailed formulation of our fast H.263 encoder will be
discussed in section 4.2. The stack-based multi-channel H.263 decoder is then presented
in section 4.3. Computer simulations are used to evaluate the performance of the
algorithms as well as the overall codec and the results are discussed in section 4.4.

Finally, summary of this chapter is given in section 4.5.

4.2 Fast Implementation of H.263 Encoder

Figure 4.1 shows the block diagram of a H.263 source encoder. As shown in the figure,
the main elements are prediction, DCT transformation, quantization and entropy coding.
The H.263 encoder uses motion compensation to reduce temporal redundancy and DCT
coding to reduce spatial redundancy. After motion estimation, the prediction error signal
is transformed using DCT and the transform coefficients are quantized with a scalar
quantizer Q. The resulting symbols are then variable-length coded and transmitted.
According to the investigation in [Erol98], the relative computational costs for some of
the H.263 encoder components are as follows: 30% for motion estimation and
compensation, 21% for DCT and inverse DCT (IDCT), 8% for quantization and 5% for

interpolation. Based on these observations, we should put emphasis not only on fast
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motion estimation techniques but also on DCT/IDCT and quantization in order to speed

up the whole H.263 encoding process.
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Figure 4.1 Source encoder of H.263

For an H.263 video encoder, image frame is divided into several non-overlapping blocks.
Although blocks are usually organized in the form of macroblocks, we will only use the
concept of a block in the following discussions for simplicity. That is, the n™ frame f, can

be represented by a set of blocks b,(1,f), where i and j are the block index.
fo=Ub, G, j)
L2Y)

(4.1)
i = 0, 1,..-, (W ]- 1: j = 0, Is--w (i]'l
M M

where W and H represent the width and height of the image respectively, and MxM is the

block size. fu(x,y) is used to denote a pixel in frame f,, x and y are the pixel index. For
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each block b.(i,j), a motion vector mv,(i,j)=[4x.(i,j), ﬁly,,(i,j)]]r i1s derived to
represent its translational motion from the (n-1)™ frame to the n™ frame. By using this
motion vector (in fact, more than one motion vector is used in Advance Prediction Mode),
the displaced frame difference (DFD) field [Bhas95] or the prediction error field is
generated. Equivalently, we may also regard the DFD field as being made up of several

non-overlapping displaced blocks. They are denoted as &,_(i, j). And DFD ,(x,y) is used

to represent a pixel in the DFD field. These symbols and terms will be inherited in the

following sections.

4.2.1 Quantizer-based District Partitioning for Fast DCT and Quantization

In this section, a quantizer-based district partitioning method is proposed for fast DCT
quantization in H.263 encoding. In generai, the district-partitioning technique is to
distinguish the background from the foreground. Many researchers have been engaged in
the field of image partitioning [Chri97] to improve the quality of video compression. In
this section, we may treat this problem on a simple viewpoint according to the

quantization scheme of H.263.

As known, in the loop of H.263 video encoder, the block in the DFD field 4, (i, j)is DCT
transformed and then quantized before entropy coding. Those blocks leading to all zero
coefficients after quantization can be regarded as background because there is no need for
transmission of coefficients in such blocks. And other blocks with very low energy can
also be treated as background because only a little distortion will be introduced if they are

not transmitted to the decoder.
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Recently, Zhou et al. [Zhou98] have proposed a method for detecting ali zero DCT
coefficients ahead of discrete cosine transformation and quantization. The result is shown

as follows, where Q denotes the quantization level.

Consider the discrete cosine transform of block b,(i,j), which is defined as

F () = —c)e(v):
MZ-:IM_If (M +x, jM + )cos(—(2x+l)u”).cos(_(zyﬂ)vx] 2
Ly g ST M M

for u, v=90...7

where the function C(u) is defined to be one except when « is equal to zero, in which

case C(0)=1/v2 . In H.263, the DCT is performed at block level and M is equal to 8. In

this case, we have

F ) (“'v)l < —izz lfn (M +xjM + y)I . 4.3)

x=0 y=0

In H.263, the quantization level Q [Itu96a] is set to 2Q, which is equivalent to the step
size of the uniform quantizer. Therefore, if the quantized value of the DCT coefficient is
smaller than 1, the resultant quantized coefficient will become zero. So we have the

condition for all-zero DCT coefficients as follows:;

|F,“ )| <2Q (4.4)

whereu, v=0,1, ..., 7.

Therefore, the condition for all DCT coefficients of the block being zero is
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7

.
N |f (. 9)]<80 (4.5)

x=0 y=0

The left hand side of (4.5) is in fact the sum of absolute difference between the original
block and predicted block after the motion estimation. Therefore, it will be ready after the
motion vector is found. According to (4.5), we can check whether the DCT and
quantization process should be performed for each block of data. If the condition of (4.5)
is satisfied, the block is skipped and it assumes all zeros in the block. Significant savings
in computations can be achieved by incorporating such threshold checking before doing
the DCT and quantization. However, if going a little bit deeper into the quantizing

process of H.263 codec, one will find that such a result is not correct in some cases.

For those inter-coded frames, ﬁn(i'j 4 (u,v), the DCT of l;,, (i, j), can be similarly defined
by replacing f,(iM +x, jM +y) by DFD (iM +x,jM + y). It is noted that F*(0,0)
and F. “"(0,0) are called DC coefficient and others are AC coefficients. The quantization

strategy of H.263 is different for intra-coded and inter-coded frames. In intra-coded

frames, the quantization result of DC coefficient is

F,f"'” (0,0)
8 2
and that of the AC coefficient is
F, " (u,v)
20

For inter-coded frames, the quantization result of both DC and AC coefficients is

Q

F‘n“'“(u,v) - =]

2
2Q
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These quantization results are clipped to be within certain boundaries. Refer to the

quantization process, the conditions of zero DC coefficient in intra-coded frames is
F,%0,0) <8, (4.6.2)
and the condition of all zero AC coefficients of b,(i, /) in intra-coded frames is

F“u,v)|<2Q  (u+v#0). (4.6.b)

According to the transformation given in (4.2), we have

—1M -1

M-1M
Y (u,v) <—c(u)c(v S faGM + x, M + y)| 4.7
=0 y=0
Substitute (4.7) into (4.6), we have
M-1M -1
< 8M (4.8)
x=0 y=0 .
M-1M -1
D |fGM + x, jM + y)|< MQ (4.9)
x=0 y=0

(4.8) and (4.9) are used to judge the DC and AC coefficients of b,(i,j) in intra-coded
frames respectively, which are similar to (4.5). However, due to the sample values of
video source defined in CCIR Recommendation 601, the luminance of pixel in the input
image to H.263 encoder is limited to the range of (16, 235), that is, black pixels are

represented as 16 and white pixels as 235, which means

M-IM-1

>16M32.

x=0 y=0
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For M =8 and 0 < Q < 32, (4.8) and (4.9) can never be satisfied at all. Therefore, such

deduced conditions (4.8), (4.9) and also (4.5) do not work for intra-coded frames.

Then the condition of all zero coefficients of En (i, /) m inter-coded frames can be derived

as follows. As

ﬁ.ﬂ(r‘.j) (u,v)—%(ﬁ ﬁ-n(i.j) (u,V)|+%, (4.10)

the condition below

I?'"(f'j) {u,v) —% <20

can be replaced by a more restricted condition as

ﬁ,,“'”(u,v)| <1.50 .

Taking the same consideration as (4.7), an expression only related to raw data is obtained

as follow.

MZ_:WZ-:IIDFDH (M +x, jM + y)| < %MQ .11

x=0 y=0 .

With (4.11), each block b_(i, j) is checked before DCT and quantization to see whether it

will lead to all zero coefficients. If so, the following DCT and quantization computations
are skipped without any distortion. In fact, these operations are not only carried out before
DCT and quantization to reduce computation, but also during the process of motion
estimation. Once the block difference, due to motion estimation, has satisfied (4.11), any
more accurate searches are meaningless because they can only result in all zero
coefficients and cannot improve the practical accuracy at all. Therefore, the process of

motion estimation will be terminated at once if (4.11) holds.
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Furthermore, a lossy criterion for the judgement of background blocks is also given as

follows.
M-1M-1 M-1M-1
> D.IDFD,GM +x,jM + y)|< D> f,(M +x, jM + y) (4.12)
x=0 y=0 x=0 y=0

where P is an experimental parameter. For those blocks satisfying (4.12), the
corresponding computations of DCT and quantization are also ignored. A reasonably
selected B by experiment can save quite a lot of computations with little degradation on

visual quality.

4.2.2 Improved Motion Vector Prediction for Integer-pixel Motion Estimation

Typically, an initial predictive motion vector is used as a guide for the following motion
estimation step to search along the direction where the true motion vector can be found
most possibly. In the H.263 recommendation, for block b,(i, ), a spatial initial predictive
motion vector pmv?®(i, j) = [ApxS (i, /), Apy’ (i, )H]T is used as the prefix and the search
origin of motion estimation. This predictive mt.)tion vector is derived from the existing
motion vectors of neighboring blocks. Normal motion estimation is then carried out
around . pmv (i, j)and finally an emendatory motion vector
dmv® (i, j) =[Adx] (i, ), Ady’ (i, HI7 is generated. Although the true motion vector is
mv, (i, ) =dmv’ (i, j)+ pmv (i, j), only dmv’ (i, j) is encoded according to the syntax of the
H.263 recommendation so that the value can be restricted in a certain range of (-16, 15).
At the decoder end, by use of same spatial motion prediction technique, pmv 5 (i, j) is

derived once again and used to reconstruct the true motion vector as follows.

mv, (i, j) =dmv’ (i, j)+ pmv? (i, j) (4.13)
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However, the above motion prediction technique reguiated in H.263 is not an optimal
one, and the adopted spatial predictive motion vector may not be helpful in all cases as
mentioned in Chapter 4. For examnple, when the motion vectors of neighboring blocks are
not uniform, the spatial predictive motion vector will mislead the following motion

estimation steps. So improvement should be made if we want to ameliorate the encoder.

One choice is to utilize both spatial continuity and temporal inertia to dertve a better
predictive motion vector .as described in Chapter 3. As mention above, spatial predictive
motion vector is not effective all the time, likewise for the temporal predictive motion
vector. When content change occurs, the temporal prediétive motion vector will also be
misguided. So only by taking synthetic consideration of their conditions of effectiveness
we can select a reasonable and effective one between spatial and temporal predictive
motion vector, or even discard both of them. In this work, we adopt our newly proposed

motion prediction method in Chapter 3 to locate the initial predictive motion vector.

By using the techniques mentioned in Chapter 3, a more reasonable and effective initial
predictive motion vector pmv,‘: U )= [Apx: (i, j),Apy,f (i, D] is derived. Also by motion
estimation around this initial search point, an emendatory motion vector
dmv (i, j)y = [Adx! (i, /). Ady ! (i, j)]7 can be generated and mv (i, j) =dmV/ (i, j)+ pmv/ (i, j)
represents the true motion vector. However, unfortunately dmv! (i, /) cannot be used

directly to take the place of dmv: (i, j)obtained by traditional techniques defined in

H.263. The reason is that due to the syntax regulation of H.263, the useable motion vector
must satisfy some conditions committed to the correct reconstruction of true motion

vector at the decoder end. That is the value encoded must be an increment within (-16,

15)on pmv (i, j) due to the code word length and the reconstruction method specified

in (4.13).
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In order to satisfy the above requirements, during the process of motion estimation, the

encoder will check the derived emendatory motion vector dmv! (i, j) to see whether it has

disobeyed the following condition. If so, the motion estimation process will stop

immediately.

—-16 < (px! (i, ) +dx] G, jy— px’(, j) < +15

—16 < (py !, Y+ dyl G, Y- pylG, j)) < +15 (4.14)

Then the encoder code and store or transmit (pmv!(i, j)+dmv](i, j)— pmv} (i, j))

instead of dmv! (i, j), so that the proper true motion vector can be definitely reconstructed

at the decoder side as
mv, (i, /) =(pm] @, j) +dmy G, jy— pmy. (i, )+ pmy) (i, j) (4.15)

Overall what we are trying to achieve is a restraint optimal solution. Now let us discuss
the benefits of this solution. In general, the technique of initial predictive motion vector
has three advantages: to enlarge the practical searching region, to speed up the
convergence and to increase the accuracy of the motion estimation. By use of the
proposed modification to the traditional predictive motion vector in H.263, the first two

advantages are maintained and the third is improved greatly. So this modification is

effective.

4.2.3 Fast Motion Estimation

Because of the accuracy of the initial predictive motion vector, the main task of the
following motion estimation step is only to adjust it slightly. In this sense, the differences

among different normal motion estimation algorithms are not obvious any more.
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Processing speed becomes the most important factor. In our implementation, the new
adaptive search algorithm developed in Chapter 3 with restraint of (4.14) is selected to

finish the normal integer-pixel motion search step because it is adaptive to all searching

windows.

As mentioned in Chapter 2, the traditional half-pixel motion estimation algorithm in
H.263 encoder needs interpolation of the original image and a similar search technique as
integer-pixel motion estimation. However, because integer-pixel motion estimation has
been carried out, the result mv,(i,j) = [Ax,,(i,j),dy,,(i,j)]rcan serve as a very valuable
input to the half-pixel motion estimation unit. Instead of interpolation and normal
searching operations, four neighboring block differences are used as discussed in

[Vasu97] to realize half-pixel motion estimation.

We use the m(p, ¢) to represent the block difference as follows.

M=l M-l

m(p.g) = >, | f,GM+x,jM +y) (4.16)

x=0 y=0

= [ GM +x+ Ax, (i, )+ p, jM +y + Ay, G, ) + ) |

If m(-1,0)-m(0,0) < [m(1,0)-m(0,0)]/2, Ax,(i, j)is subtracted by 0.5. Else if m(1,0)-m(0,0)
< [m(-1,0)-m(0.0))/2, Ax, (i, j) is added by 0.5. If m(0,-1)-m(0,0) < [m(0,1)-m(0,0))/2,
Ay, (i, j) is subtracted by 0.5. Else if m(0,1)-m(0,0) < [m(0,-1)-m(0,0)]/2, Ay,(i,j) is

added by 0.5. Else Ax, (i, j) and Ay, (i, j) remain without any change.

Commonly, some of m(p,g) may have been available in the previous integer-pixel motion

estimation, otherwise it is obvious that at most two extra computations are needed to

obtain these values.
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4.2.4 Fast DCT/IDCT Algorithm

With the technique of district partitioning, the computational complexity of DCT has
been greatly reduced. In our implementation, the 1-D DCT algorithm proposed by Loeffer
et al. [Loef89] is selected as the fast algorithm. This algorithm is regarded as the fastest 1-
D DCT implementation so far and the flow diagram of this algorithm is shown in Figure
4.2. Although the 2-D aigorithm deduced 1s not the fastest, it still succeeds for its

simplicity and clarity.

x(0)

x(1)

x(3)

x(4)

x(5)

X(6)

x(7)

Figure 4.2 Flow diagram of Loeffer’s fast DCT algorithm [Loef89]

The overall structure of the proposed fast implementation of the H.263 encoder is shown

in Figure 4.3.
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Figure 4.3 Overall structure of the improved H.263 encoder

4.3 Stack-based Multi-channel H.263 Decoder

According to the H.263 standard, the decoder does not support multiple decoding
channels, which is a common requirement for different multimedia applications. Because
its source code is a purely C implementation containing many global parameters and
buffers that are not packaged well, conflict of global buffers will occur when multiple
decoding channels work together. There may be several solutions to this problem, for
example, rewriting a local buffer based or a class-packaged C++ source code. However
the most direct and low-cost way is to design a buffer-control strategy for the H.263
decoder, which serves as an extension shell to the multi-channel applications. In this

buffer-control solution, buffers are allocated independently for each decoding channel
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and stack operations are used to switch among these channels. The flow diagram of this

solution is shown in Figure 4 4.

(Decoder Extrance )
3
No
Active = 1? Delay
l Yes
Set Active Flag

Push buffers of Channel n to the stack

'

Pop stack to the global buffers

r
Traditional TMN H.263 decoder

i

Push giobal buffers to the stack

4

Pop stack to the buffers of Channel n

I
(]

Clear Active Flag

( Decoder Exit )

Figure 4.4 Flow diagram of multi-channel H.263 decoder

When the decoder starts decoding video data from channel »n, all the global buffers used
by H.263 decoder are refreshed with the buffers belonging to channel n at first. A pair of
push and pop operations fulfills this duty. Then the standard H.263 decoding process is
activated. When the decoding process terminates, or one video frame is decoded, the
current status of the parameters and buffers is stored for future usage. The storage process
is also accomplished by stack operations. With this method, the decoder can switch

among different channels when decoding multiple video sources.
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However, because only a shell is designed, the core of the decoder still depends on global
buffers to decode the compressed video data. This solution has to face the problem of re-
entering. When running under DOS mode, there is no trouble because of the stack
operations. However, when working under Microsoft Windows or any other multi-task
operating system, this problem becomes more serious because parallel threads will
definitely cause conflict in accessing the global buffers, although a series of stack
operations are carried out.. So it is necessary to guarantee against multiple channels being
active at the same moment. That is, if one thread detects the usage of the decoder by
another one, it will wait a random period of time, monitor the current decoding process

and call the decoding function once again.

Taking into consideration that decoding process of each image frame only costs a small
period of time and the nature of multi-task operation system is time division, such a
method will not decrease the efficiency and effectiveness of the video decoder. That is to

say, by use of such a simple shell, a low cost but efficient and effective multi-channel

H.263 decoder is achieved.

4.4 Experimental Results

In this section, experiments using real image sequences are carried out to test the
performance of the software-based multi-channel H.263 codec. Four standard video
sequences, Miss American, Salesman, Table Tennis and Football are used to evaluate the
encoder and other more sequences such as Carphone and Foreman, are used to test the

multi-channel decoder. Windows98™ running on Pentium III PC at S00MHz is used for

the simulation platform.
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First of all, the coding speed of the H.263 encoder is tested and the results are listed in
Table 4.1. From the results one can find that the coding speed of over 30 frames per

second for QCIF format and over 10 frames per second for CIF format is eﬁough for real-

time applications.

Sequence Format PSNR (dB) Bytes per frame Frame Rate
Miss America QCIF 35.699 230 80.134
Salesman QCIF 30.760 491 46.980
Table Tennis CIF 31.674 3910 . 13.285
Football CIF 31.342 4216 13.537

Table 4.1 Encoder Performance (Q=10}

The multi-channel decoder is then examined. Six video sources in QCIF format are used.
The parallel decoding interface is shown in Figure 4.5. The decoder totally supports 200
independent channels at the same time. When six channels are active in turn, a decoding

speed of 20~30 frames per second is achieved for each decoder, which is quite sufficient

for applications of remote monitoring.

Finally, the performance of encoding one channel and decoding four channels at the same
time is evaluated as shown in Figure 4.6. Five video sources in QCIF format are used.
The real-time encoder works at channel 0, and the channel 1-4 are in decoding mode. The
processing speeds of over 30 frames per second for both encoding and decoding channels
are still quite efficient, which means such an implementation can serve as a practical core

of PC-based video conferencing system.
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Figure 4.6 Illustration of parallel encoding and decoding channels
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4.5 Summary of the Chapter

In this chapter, a software solution is derived for real-time implementatioﬁ of H.263 video
codec. A set of algorithmic simplifications is developed to reduce the computational
loading for the H.263 encoding process. As a reéult, an efficient H.263 codec is realized
that can not only support real-time encoding but also multiple ciecoding channels at the
same time. Such an implementation can serve as the core technique of various multimedia
applications such as PC-based video conferencing and remote monitoring. Based on the
outcome of this chapter, a software-based desktop video conferencing system will be

developed in the next chapter.

-85



Chapter 5

Development of H.323 Video Conferencing System

Making use of the software-based H.263 video codec developed in the last chapter, a
distributed multimedia application on video conferencing is developed in this chapter. A
modular structure is derived for efficient implementation of a desktop video conferencing

system according to ITTU-T H.323 recommendation in a local area network environment.

5.1 Introduction

Video conferencing [Will97] has been developing from an emerging technology into a
useful and widespread tool for improved communications. This technology allows two or
more users to communicate face-to-face, which is not allowed by telephony, email and
other existing methods. Video conferencing is a framework, including a number of
subsystems or modules that cooperate with each other to perform a complete audio-visual
operation. A typical video conferencing system is equipped with an audiovisual capture
and compression subsystem as well as a display/playback and decompression subsystem.
The communication media can either be the public-switched telephone network (PSTN),
local area network (LAN) or wide area network (WAN). As mentioned in previous
chapters, the compression process involves a large amount of computational intensive
operations, most of the videoconferencing systems are implemented by specific hardware
equipment in order to maintain a certain level of quality of service (QoS). Obviously, this
approach is not cost effective and lack of flexibility. As the power of the personal
computer (PC) increases, it is desirable to perform video conferencing in a desktop

environment by using software only.
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In this chapter, a software-based desktop video conferencing system is developed based
on the ITU-T H.323 standard [Itu97] [Webl] [Web2] in a local area network (LAN)
environment. The H.323 standard describes the procedures for point-to-point and multi-
point video conferencing over packet-switched networks and provides different service
levels for multimedia communication over a data network, that is, voice only; voice and
video; voice and data; or voice, video and data communication. In this work, we will
focus only on the devéldprnent of voice and video communications. The system
architecture of the proposed video conferencing system is shown in Figure 5.1. In the
system, many terminals are connected to a LAN and they can communicate with each
other face-to-face through the network. A Gatekeeper is required in the system to keep
track of all H.323 terminals information within the same network so that the user can

easily access and handle the system.

Terminal 2 Terminal 4 Gatekeeper

Terminal 1 Terminal 3 Terminal 5

Figure 5.1 Architecture of the proposed H.323 video conferencing system

In the rest of this chapter, the H.323 standard is first reviewed in section 5.2. The system

implementation of the H.323 terminal will then be described in details in section 5.3. The
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system performance will be discussed in section 5.4 and some concluding remarks are

given in section 5.5.

5.2 H.323 Standard

The Telecommunication Sector of the International Telecommunication Union (ITU-T)
has developed a set of standards fc;r multimedia conferencing over packet-based
networks. These standards are aggregated under a standard umbrella termed
Recommendation H.323 [Itu97] [Webl] [Web2]. Recommendation H.323 describes
terminals, equipment, and services for multimedia communication over networks such as
the Internet. The H.323 standard provides the system and component descriptions, call
model description, call signaling procedure, control messages, multiplexing, audio and
video codec, as well as the data protocols for the developers. Basically, H.323
recommendation specifies four major components for network-based communications:
Terminal, Gateway, Gatekeeper and Multi-point Control Unit (MCU). Terminals
[ElGe98] are the client endpoints on the LAN that provide real-time two-way
communications. A gateway provides translation of protocols for call setup and
conversion of media formats between different networks. A gatekeeper provides the call
control service to the H.323 endpoints while the MCU provides the support for
conferencing of three or more H.323 terminals. When these components are networked
together, it provides both a point-to-point and multi-point conferencing service.
Depending on different requirements, it is not necessary to implement all of these four

components. In this work, we will focus on the development of H.323 terminals and

gatekeeper.

As illustrated in Figure 5.2, the elements of an H.323 terminal include video codec, audio

codec, data channel, H.225 call signaling protocols [Itu98c] and H.245 system control
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unit [Itu98d]. H.323 terminals carry real-time voice, video, and data, in any combination

thereof. As stated in the recommendation, all terminals should at least support the voice

communication.

~

' '
Video /O Video Codec Receive Path
Delay
1 . .
Audio /O ' I Audio Codec '
5 3
r =]
User Data r E‘ 5
H.245 Control " E
§ Z
T -

Call Control H.225

System
Control
GUI

System Control

r

RAS Control H.225

RAS - Registration, Admission and Status

Figure 5.2 An H.323 terminal

H.323 terminals signal calls using Q.931-derived procedures [[tu98e] as defined in
Recommendation H.225.0 [Itu98c]. Follow the call signaling phase, terminals will
proceed to the call control phase where they exchange capabilities and logical channel
information using the H.245 protocol [[tu98d]. Once the call has been established, audio
and video (if supported) are initiated. Both media types use real-time protocol (RTP)
[Schu96] as their media transport protocol on the top of user-datagram protocol (UDP)
[Come99]. Procedures for packetization and transport of audio and video packets are
described in H.225.0 [Itu98c]. H.323 allows for the use of a variety of video codecs (e.g.
H.263 [Itu%96a]) and audio codecs (e.g.G.723.1 [Itu96b]). Data collaboration is also

allowed using T.120 protocol [Itu96c].

Figure 5.3 shows the working principle of making a point-to-point H.323 call among two

H.323 terminals. In the figure, we have focused primarily on the messages of interest to
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the terminal and excluded the details of things like negotiating an audio encoding scheme.
It is shown in Figure 5.3 that the call is managed on three different layers. We start with
Alice making a TCP connection to the well-known port for H.323, i.e. port 1720. Bob and
Alice send Q.931 packets across this connection. As part of this exchange, Bob and Alice
also send an ephemeral (dynamic and greater than 1024) port to be used for the H.245
connection. According to the standard, once the H.245 connection is established, the
Q.931 connection may be dropped (without sending a Release Complete message)
without affecting the rest of the H.323 call. In practice, the Q.931 connection typically

remains operational.

The H.245 connection is made from the caller to the ephemeral port negotiated across the
Q.931 stream. H.245 handles all of the call parameter negotiations, such as what codecs
to be used for audio and video. H.245 also has some commands for making a UDP
connection. Essentially, once the audio (and video) codecs and parameters have been
negotiated, the H.245 session executes an Open_Logical_Channel sequence. This
sequence sends the transmitter's RTCP address and port number as well as the receiver's
RTP and RTCP address and port number for a particular media stream (for example,
audio or video). It should be noted that in H.323, each logical channel is considered to be
one way. Therefore, for two people to exchange audio, two logical channels must be
opened - one from Alice to Bob, and another from Bob to Alice. Also, the RTP protocol
requires two UDP connections. One connection is for RTP, the actual data stream, and the
other is for RTCP, which contains the controll information {and is bi-directional). The
associated RTCP and RTP streams are required to be one port apart (with the RTP port

being even and the RTCP being the next higher odd).
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5.3 System Implementation

Although the H.323 standard gives many guidelines to the developer, it does not have
enough information to implement the whole system. Some of the important parts
including audio/video capture/playback, user control, low-level synchronization and
networking are outside the scope of this standard and need to be defined by developers.
To make the system more flexible, a modular approach is used during our
implementation. Each module has its own unique purpose and will communicate with
other modules by sending messages. A number of modules combine together to form a

unit. Figure 5.4 shows the implementation architecture of the proposed H.323 video

conferencing system.
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The proposed system implementation includes five units, where each unit contains a
number of modules that provide a unique operation. The Application Control Unit (ACU)
contains a module that is responsible for controlling the overall performance of the entire
system. The Media Data Transmission Processing Unit (MDTPU) mainly performs three
tasks: capturing the media data from the capture devices, encoding this data and
packetizing it using RTP. The Media Data Reception Processing Unit (MDRPU) mainly
performs four tasks: de-packetizing the received data, decoding this data, supporting
synchronization and the output of this data to the desired device. The Network Processing
Unit (NPU) provides a channel for the systerh to interact with the network interface. And
the Call Signaling Unit (CSU) is used to establish logical channels among other

endpoints. In the following pages, we are going to describe the details of each unit.

5.3.1 Application Control Unit (ACU)

The Application Control unit is responsible for controlling and coordinating the overall
performance of the entire system. This unit acts as a middleman between the user and
other units within the system and provides a user interface for users to interact with the
system. The job of this unit is to send a message to other units based on the user’s
requirement. Through this module, the user can select different parameters such as video

format, frame rate, and audio and video codecs.

Figure 5.5 shows the internal structure of the ACU. The operation of this unit can be
divided into three stages: a) initialization stage, b) conferencing stage and c) termination

stage. In the following, we will describe the process of each stage.
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Figure 5.5 Internal structure of ACU

(a) Initialization stage: This stage is active whenever the user launches the system. The
flow chart of this stage performed in ACU is shown in Figure 5.6. When the system is
launched, one command message will be sent to other units and a series of
initialization will be performed. Firstly, the message is sent to the Network Processing
Unit to initialize the Windows Socket stack. Then, this message will be passed to the
Media Data Transmission Processing Unit and Media Data Reception Processing Unit
to set up the video capture device, audio input/output device as well as the video/
audio codec. Finally, this message will invoke the Call Signaling Module in the Call
Signaling Unit to prepare for the call setup channel, which will be used in the
Conference stage. Once a message is sent, ACU .will wait for the acknowledgement
messages sent from other vnits. The Conference stage can only be invoked when
ACU completely receives the acknowledgement messages from other units.
Otherwise, a notification message is sent to the User Interface Process that will
display an error message onto screen to notify the user that some errors have

occurred.
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Figure 5.6 Flow chart of the initialization stage in ACU

{(b) Conferencing stage: This stage is active whenever the user conferences or receives a
message from the Call Signaling Unit that other participants want to conference with
this user. The flow chart of this stage is shown in Figure 5.7. The ACU needs to send
a message to the Call Signaling Unit to establish a connection among participants.
The following operations are the same when conferencing is created by either the user
or other participants. The operation will involve two phases. Phase A is to start up the
conference environment. Firstly, ACU sends a message to MDTPU and MDRPU to
open the audio input device and the audio output device respectively. Also, the audio
and the video codec are well prepared to allocate sufficient memory during the

conference. Once all these preparations are completed, the user starts the conference.
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Phase B is to terminate the conference environment. When the user or other
participants within the same conference group stop the conference, this phase is
active. ACU sends a message to the MDTPU as well as MDRPU to release all the
resources prepared in Phase A. After this phase, the current conference is terminated

and the user can make a new conference with other participants.

Y

s

Naotify the user that
cotnect
establishment fails

Start conference?

Create Setup Conference Create Terminate Conferencd
Environment message Environment message

| |

v v v

Message to Network Message to Media Data Message to Media Data

Processing Unit Transmission Processing Uni Reception Processing Unit

Figure 5.7 Flow chart of the conferencing stage in ACU

(c) Termination stage: This stage is active whenever the user wants to terminate the
system. A message is sent from ACU to other units to release all resources preparing

in the Initialization stage. The flow chart of this stage is shown in Figure 5.8.
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Figure 5.8 Flow chart of the termination stage in ACU
5.3.2 Call Signaling Unit (CSU)

The Call Signaling Unit is used to establish a logical channel among endpoints so that the
media data can be transmitted over the network through this channel during the
conferencing stage. The function of this unit mainly follows the call signaling procedure
specified in ITU-T Recommendation H.225.0 [Itu98c] and H.245 [Itu98d] to achieve the
purpose of communication among endpoints. Figure 5.9 shows the internal structure of
CSU, in which it contains a call signaling module. The operation of this unit can be

divided into two stages: a) Initialization stage and b) Conferencing stage.

Call Signaling Unit Message 1o Network
Call signaling Module - > Processing Unit
Message from Application H.225 Call Signaling Process
Centrol Unit Message to Application
H.245 Call Signaling Process Control Unit

Figure 5.9 Internal structure of CSU
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(a) Initialization stage: This stage is active whenever the system is launched. The flow
chart of this stage is shown in Figure 5.10. When this unit receives a message from
the ACU, it sends a message to NPU notifying it to create one socket. This socket is

used to wait for other participants to make a connection during the conference status.

Message from ACU?

Yes

Message to Network Processing
Unit

Figure 5.10 Flow chart of the initialization stage in call signaling module of CSU

(b) Conferencing stage: This stage is active when the user makes a conference or receives
a message from NPU that other participants want to make a conference with the user.
If the conference is created by the user, the ACU will send a message to this unit. As a
result, the CSU will send a message to the NPU to create a TCP connection with other
participants. On the other hand, if the conference is created by other participants, the
NPU will send a message to this unit to notify that the socket created in the
Initialization stage will establish a connection. Then, the following operation is the
same when the conference is created by the user or other participants. The operation
involves two phases:

Phase A: Perform Call Setup Procedures

When the TCP connection is established, the Call Signaling Unit calls the H.225

Signaling Process. H.225 Signaling Process will follow the H.225 standard to
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establish a call. After the call setup is completed, the H.245 Signaling Process is
invoked to create a logical channel. This logical channel will be used by MDTPU and
MDRPU to transmit and receive the media data over the network environment. The

flow chart of this phase is illustrated in Figure 5.11.
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Figure 5.11 Flow chart of the conferencing stage (Phase A) in Call Signaling Module
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Phase B: Perform Call Termination Procedure

When a user or other participants stop the conference, a call termination procedure is
processed to terminate the current conference. Figure 5.12 shows the flow chart of
this phase. Once this unit receives a message from the ACU or the NPU that
someone who wants to stop the conference, this unit will call the H.245 Signaling

Process to close the logical channel. After the logical channel is closed, the system

No No

can create a new conference.

Message from ACU? Message from NPU?

Yes Yes

v

Perform H.245 Cail SignalingJ

Process

v No

Emor message to Application Process OK?
Conirol Unit

| Yes

Figure 5.12 Flow chart of the conferencing stage (Phase B) in Call signaling Module

5.3.3 Media Data Transmission Processing Unit (MDTPU)
The Media Data Transmission Processing Unit (MDTPU) is an important part of the

proposed system. This unit mainly performs three tasks, a)video and audio capture, b)

video and audio compression, and ¢) packetization. According to the H.323 standard, the
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video and audio capture method is outside the scope of this standard. Although the codec
and the packetization method are defined in the standard, the interoperation among these
components is also beyond the scope of the H.323 standard. As a result, it is necessary to
use other methods to solve this problem. This section will introduce a solution for the
interoperation of different components in this unit as well as the implementation method.

Figure 5.13 shows the internal structure of MDTPU.
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Figure 5.13 Internal structure of MDTPU

5.3.3.1 Video Capture Module

The Video Capture Module utilizes Visual C++ AVICaps API functions to provide
desired video services to control the video capture device. AVICap provides applications
with a simple, message-based interface to access video hardware and to control the
process of streaming video capture to disk. Figure 5.14 shows the life cycle to utilize this
API to perform the visual operation, which involves three phases.
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Figure 5.14 Life cycle of the visual operation in Video Capture Module

5.3.3.2 Video Encode Module

Video Encode Module utilizes H263.dll module, which has been developed in Chapter 4,
to provide video encoding service to the application program that reduces the bit rate of
visual data over the communication channel. This module supports a wide range of video
format and color space to adapt different visual requirements during the conferencing.
Figure 5.15 shows the life cycle to utilize this module to perform the operation of visual

compression, which involves three phases: initialization, encoding and termination.
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Initialize H.263 video encoder ] } Phase A: Initialize Video

Encoder(Init Process)
\ 4
Start encoding Phase B: Video Encode (Encoding
Process)
L 4

Free H.263 video encoder

Phase C: Terminate Video Encoder
(Release Process)

Figure 5.15 Life cycle of the video encoding operation in Video Encode Module

During the initialization phase, the intraframe period which defines the interval
between the intra-frame and inter-frame encoding as well as the video format used
for H.263 encoding are first determined. Then the initialization process will allocate
sufficient memory for video encoding based on different video formats. After
initializing the encoder, one video encoder thread is built to prepare for video

encoding.

The encoding phase aims to perform video compression before transmitting the
visual data over the communication channel. Figure 5.16 shows the flow chart of the
encoding phase. This procedure contains a thread that will run with other procedures
concurrently. It is under rest status at the beginning and is woken whenever the
Audio/ Video Coding Process Control Unit sends a notification message to it. Firstly,
this procedure gets the video data from the Video Capture Module. Based on the
ratio of I-frame and P-frame specified in the initialization phase, it will then decide
whether the video frame data is encoded as [-frame or P-frame by calling function
EncodeH263Intra() or EncodeH2631Inter() respectively. After finishing the current
encoding, this procedure is under rest status again and waits for the next notification
message. Finally, this procedure sends a message to RTP Packetization Unit to

perform packetization with this encoded data.
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Figure 5.16 Flow chart of video encoding phase

Finally, the termination phase is launched whenever the user terminates the current
conference. This phase provides functions to release the resources of the video encoder.

The encoder thread is destroyed in this phase.

5.3.3.3 Audio Capture Module

The Audio Capture Module utilizes the waveform services of Visual C++ Waveln API
functions that provide desired audio services to control the audio capture device. Figure

5.17 shows the life cycle to utilize this module to perform the audio capture.
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Figure 5.17 Life cycle of Audio Capture Module

5.3.3.4 Audio Encode Module

Audio Encode Module utilizes the functions supported by G711lib.lib and G723lib.lib to
provide three kinds of audio compression, G.711 u-law, G.711 A-law and G.723.1
[Itu96b]. This module is active whenever the application program is in conference status.
Figure 5.18 depicts the flow chart of this module. This procedure contains a thread which
runs concurrently with other encoding and decoding procedures during the conference

status.
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Figure 5.18 Flow chart of Audio Encode Module

5.3.3.5 Audio/ Video Coding Process Control Unit

Audio/ Video Coding Process Control Unit is used to coordinate the captured media data
and the media encoding process so as to prevent a buffer overflow and a long delay of
media data in the buffer, which will result in losing real-time characteristics. The
procedure is initialized during the application program in the conferencing status. The
mechanism of this control unit is simple and its flow chart is shown in Figure 5.19. This
process is active whenever it receives a notification message from the Audio Capture
Module or Video Capture Module, that means video or audio data has been captured.
Then, this module will check the status of the Audio Encode Module and Video Capture

Module. If these modules are free, it will send a message to these modules to notify them
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to perform video (or audio) compression. Otherwise, if these modules still process the last
media data, the control unit will just discard the current captured video (or audio) data

and wait for the next message.

No

Yes

Msg from ACU

Message to Video Encoder Module I Message to Audio Encode Module I

Figure 5.19 Flow chart of Audio/ Video Coding Process Control Unit

5.3.3.6 RTP Packetize/ Multiplex Unit

RTP Packetize/ Multiplex Unit performs two tasks. Firstly, it appends the real-time
transport protocol (RTP) [Schu96] with the compressed media data produced in the Audio
and Video Encode Module to provide end-to-end delivery services with real-time
characteristics. Those services include payload type identification, sequencing
numbering, timestamping as well as delivery monitoring. By making use of this exira
information, the receiver can not only reconstruct the sender’s packet sequence but also
provide timing and synchronization that is used to set the timing at the receiver during the
content playback. It can also allow the receiver to identify the sender for each received
piece of data during multi-point conferencing. The second task of this unit is

muitiplexing. Actually, in RTP, each medium is carried in a separated RTP session with
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its own destination transport address. This unit will make use of the service provided by
UDP to multiplex the audio and video stream into a single stream. So during the
implementation stage, it is only necessary to create two Window Sockets, which are
assigned a different port number (port number is assigned dynamically during the H.245

procedure) as illustrated in Figure 5.20.

Socket for audio stream  [RTP Packetize/ Multiplex Unit
\ (,
1 J L :

]
e T =

Socket for video stream

P {
Physical Interface,

PP PR |
—

Figure 5.20 Multiplexing in the H.323 System

5.3.4 Media Data Reception Processing Unit (MDRPU)

The Media Data Reception Processing Unit (MDRPU) is another important part of the
proposed H.323 system. This unit mainly performs four tasks: a) de-packetization, b)
audio and video de-compression, ¢} synchronization and audio mixing, and d) audio
playback and video display. Similar to MDTPU, the H.323 standard only defmes the
codec used in the receiving path, the operation of the media data after decompression is
outside the scope of the standard. This section will describe the interoperation of this unit

as well as the implementation method. Figure 5.21 depicts the internal structure of

MDRPU.
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Figure 5.21 Internal structure of MDRPU

5.3.4.1 Buffering, Synchronization and Ordering in MDRPU

After the media data is decoded in the Audio (or Video) Decode Module, the decoded
data will not be played back or displayed immediately. Instead, this data will firstly stay
in a buffer within a defined time. The needs of this process are due to the following

réasons.

— The packet may be delivered out of order.

— The packet may not arrive at a pre-defined time. All computers attached to a LAN
environment need to participate in a shared environment to share the resources of the
network. The computer needs to check for a carrier before it can transmit the data
over the network. This will result in a no delay guarantee and the problem will

become worse when network congestion occurs. On the other hand, the time used for
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performing media data compression cannot be predefined which depends on the
complexity of the media data source. As a result, the packet may arrive in a burst or
spurt and direct playback or display may cause variation in quality.

— The need for synchronization: The audio and video data with the same timestamp may
not arrive at the same time.

— The need for audio mixing,

A. Buffering Scheme

Figure 5.22 shows the block diagram of the buffering scheme used in the system. In this

figure, we use the Audio Decode Unit to demonstrate the operation of this scheme (the

operation of Video Decode Unit is similar to that of Audic Decode Unit).

Synchronization
Control
Unit (SCU)

Timing Control
Unit

Timer controls the buffer
stream switching

Figure 5.22 Block diagram of the buffering scheme used in the system

As shown in the diagram, one buffer stack is allocated to each participant in the terminal
at the beginning of the conferencing stage. This buffer stack is composed of two buffer
streams. Each buffer stream contains a number of cells and stores the decoded audio data
as well as some important RTP information. Each buffer stream will connect fo different

components within a different time controlled by the Timing Control Unit. Say for
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example, buffer stream 1 connects to Audio Decoder and buffer stream 2 connects to
Synchronization Control Unit in t1. And they will alternate their connections in 12. This
result in two buffer streams, which are interlaced by using by the Synchronization Control
Unit as well as the Audio Decoder during the Conferencing stage. So, the buffer
confliction does not occur under this scheme. One buffer stream is used for data storing

while the other is used for data playing back.

Timer reset(t1), switches
o buffer stream 1|

1

Buffer stream 1

Sequence No.

X (::) Data
fh >

Timer expire, switches

o buffer stream 2 and
buffer stream 1 pumps
SCU for playing
packet
Timer reset (12) Packet 9 arrives late and system discards it
@ L
Buffer stream 2
(a) Structure of the buffer stack (b) Operation of the buffer stack

Figure 5.23 Buffer stack of the system

The number of packets in the buffer stream defines the maximum data that can be held in
the buffer stream within a defined-time before it can be played back. The frame size of
both G.723.1 and G.711 codecs is 30ms. If each buffer stream contains 10 packets, the
maximum data that can be stored is 10 within 300ms. The Timer Control Unit will set a
timer equal to 300ms in which the timer switches between two buffer streams,
alternatively to the Audio Decoder and Synchronization Control Unit when it expires.
Under this scheme, the data loss detection can be achieved. Figure 5.23 (b) shows the
operation of the buffer stack. Firstly, the Timing Control Unit resets the timer that directs

buffer stream 1 and buffer stream 2 connecting it to the Audio Decoder and

- 111 -



Synchronization Control Unit respectively. The decoded audio data stores into the buffer
stream 1 packet by packet until the timer expires. Once the timer expires, the system
examines the content in buffer stream 1 and records the packet that contains the largest
sequence number. At this moment, the Timing Control Unit switches buffer stream 1 to
the Synchronization Control Unit for playing back and switches buffer stream 2 to Audio
Decoder for storing decoded data. Now, the decoded data stores into buffer stream 2 and
the system checks all sequence number in the decoded data. If it is found that the
sequence number is smaller than the one just recorded in buffer stream 1, the system will
discard it. This approach can prevent the system from waiting all necessary packets too

long that will result in the loss of real-time property.

B. Ordering Scheme

Figure 5.24 depicts the condition that the data arrives out of order. In order to make sure
the sequence of data is in correct order before playing back, the procedure of sorting is
necessary. The sorting procedure is achieved by the Sequence Process in the
Synchronization Control Unit. This process performs sorting according to the sequence
number in each packet. In this work, we utilize one of the common sorting techniques
known as Insert Sort. The advantages of this sorting technique are that the process time is
low if the data size is not large and it will not perform if the data sequence is in order. So,
this sorting technique does not increase the loading of the CPU. The source code of this

sorting technique is also shown in Figure 5.24.
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Void InsertSort(int K[ ], int n)
{
int key, countl, count2;
K[0] = -1000,
For (countl = 2; countl <= n; countl++)
{
key = K[countl];
For {(count2 = countl — 1 ; count2 < K{[count2]; count2--)
K[count2 + 2] = K[count2),
K[count2 + 1] = key;

Figure 5.24 Example for the case when the packet arrives out of order

C. Synchronization Scheme

After the completion of the Sequencing Process, data in the buffer stream can be output to
the desired device for playing back or displaying. Before that, the last necessary
procedure is the Synchronization Process. This process makes sure that video and sound
are synchronized. Figure 5.25 shows the components necessary to achieve the aims of
synchronization. The diagram shows two buffer streams, one for video and one for audio.
The value shown in each packet is the timestamp. As mentioned before, audio and video
data may arrive at a differcnt.time. Thi; may result in the timestamp between two buffer
streamns not being exactly the same. The timer in the Timing Control Unit controls the
connection between the audio buffer stream and the Synchronization Control Unit while
the connection between the video buffer stream and the Synchronization Control Unit is
controlled by the audio buffer stream. When the timer in the Timing Control Unit expires,
it directs one packet in the audio buffer stream to the Synchronization Control Unit. At
this moment, the audio buffer stream examines the timestamp value in each packet of the

video buffer stream. If it is found that one timestamp value matches itself, it will direct

- 113 -



this packet to the Synchronization Control Unit. Then the Synchronization Control Unit
pasées both audio and video packets to the Audio Playback Module and Video Display
Module respectively. If no timestamp value is matched, it will not display the video
content at this moment. It is noted that the audio stream is defined as the master stream
and the video is defined as the slave. So, all audio data must be played back. The video
data can be output depending on whether its timestamp value is matched to the audio one.
As a result, the packet with the timestamp value from 1 to 3 in the video buffer stream
will not be displayed, as shown in Figure 5.25. This process will continue until all data in

the current buffer stream is processed.

timestamp
. ™
Video Buffer Stream \ Video Display
. Module

s

1098 [7)6}54413e]1L

Synchronization
Control Unit

13 127} 1t

Timing Control
Unit

Figure 5.25 Synchronization scheme used in this system

5.3.4.2 Video Display Module

The Video Display Module utilizes Visual C++ Bitmap API functions to provide desired

visual display services. Figure 5.26 shows the life cycle to utilize this API to implement

the visual display operation.

-114 -



Phase A: Prepare the Display
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content (Display Process)

Figure 5.26 Life cycle of visual operation in Video Display Module

5.3.4.3 Video Decode Module

The Video Decode Module is the reverse process of the Video Encode Module in
MDTPU. This module utilizes the functions provided by the H263 library to achieve

video decompression. Figure 5.27 shows the life cycle to utilize this module to perform

the operation of visual decompression.

Phase A: Initialize Video Decoder

f Initialize the H.263 Video Decoder (Init Process)
. J
) \ 4 . Phase B: Video decode
Starting decoding } (Decoding Process)
o v !
Free the H.263 video decoder Phase C: Release Video Decoder
| (Release Process)

Figure 5.27 Life cycle of video decoding operation in Video Decode Module

5.3.4.4 Audio Playback Module

The Audio Playback Module utilizes the Visual C++ WaveOut API functions to provide
the desired audio service to control the audio output device. Figure 5.28 shows the life

cycle to use this module to perform the audio playback.
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Figure 5.28 Life cycle of Audio Playback Module

5.3.4.5 Audio Decode Module

The Audio Decode Module utilizes the functions provided by G.711hib.lib as well as
G7231ib.1ib to provide three kinds of audio decompression: G.711 u-law, G.711 A-law
and G.723.1. This module includes a Decode Process, which is a thread that runs with
other procedures concurrently. This process is active during the conferencing stage of the
application. It is under a reset status at the beginning and is woken whenever it receives a
message from the Audio/Video Decoding Process Control unit. Figure 5.29 shows the
flow chart of this process. Firstly, this process gets the audio data from the De-packetize
Module. Then it selects the correct decoder to decode this audio data according to
Playload (PL) type specified in the RTP. After finishing the current decoding, this

process waits for the next notification message.
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Figure 5.29 Flow chart of Audio Decode Module

5.3.5 Network Processing Unit (NPU)

The Network Processing Unit (NPU) is used to provide a channel for the system to
interact with the network interface, to transmit/receive data as well as to do call signaling.
The implementation of this unit is outside the scope of H.323 recommendations. This unit
is mainly implemented by using Windows Socket API {Quin96]. The Windows Socket
API allows the application to run on any vendor’s Winsock—compatible TCP/IP protocol
stacks [Come99] such as Microsoft Windows. Figure 5.30 shows the internal structure of
NPU. It is noted from the figure that two main processes, UDP Process and TCP Process,
are used to support two different kinds of transport protocols to adapt to the requirement
of data transmission in the Media Data Transmission (and Reception) Processing Unit and
the Call Signaling Unit respectively. The UDP Process provides an inherently
connectionless service that is capable of supporting the broadcast and multicast services.
Since video and audio are both real-time data and very sensitive to the delay, they cannot

tolerant data retransmission and congestion-control mechanism. As a result, the UDP

- 117 -



Process is more suitable for transmitting media data. In contrast, the TCP Process
provides a connection orientation service that is capable of guaranteeing that the data sent
across a connection will be delivered with no data missing or out of order. So, the TCP
Process is more suitable for transmitting the data which need a high-level reliability

transmission, such as the call signaling over the network.

Network Processing Unit
. .\ :
Message from Application Network Processmg ........ > Message to Application
Control Unit Init Process Control Unit

TCP Process UDP Process

Message from Call Signaling ..., Terminate Process .. Message to Call Signaling
Unit Unit

Figure 5.30 Internal structure of NPU

5.3.5.1 TCP Process

The TCP Process makes use of the functions provided by the Windows Socket to support
TCP communication among endpoints. The TCP endpoint can be classified as either the
Server side or the Client side. The Server side provides the service to t.he Client side
while the Client side makes use of the service provided by the Server side. Normally, one
endpoint creates only either a Server-side socket or Client-side socket. It is possible that
one endpoint creates both the Server side socket and the Client side socket at the same
time, which will depend on the requirement of the application. Figure 5.31 shows the life

cycle of the TCP Process for the Server side and Client Side.
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Figure 5.31 Life cycle of (a) the Server side socket (b) the Client side socket

Figure 5.32 shows the flow chart of socket procedures for the server-side and client-side
call. As shown in the figure, the server-side will call six socket procedures and the client-
side will call five. The client begins by calling the WinSock API socket() function to
create a socket, and the connection() function to connect the socket to a server. Once the
connection is in place, the client will repeatedly call the recv() function as well as the
send function to receive the data from and send the data to the server side respectively.

Finally, after all data has been processed, the clients will call the close() function to close

the socket.

The server side also calls the socket() function to create a socket at the beginning. Once a
socket is created, the server will call the bind() function to specify a local protocol port
for the socket and use the listen() function to place the socket in the passive mode. The
server then enters an infinite loop in which it calls the accepi() function to accept the next
incoming connection request, call send() and recv() function to send the data and receive

data from the client, and call the close() function to close the new connection. After
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closing a connection, the server calls the accept() function to extract the next incoming

connection.

Create Socket I Create Socket I

i Connect Socket to Server
Listen incoming connection I

* Send/ Receive data
Client Connect?
Yes

Accept the connection L

Terminate Connection?

L o

Send/ Receive data I < Close Socket —I

No

Yes

Close Socket I

No
Yes

Client Side

Server Side

Figure 5.32 Flow chart of socket procedures call in the server side and client side

5.3.5.2 UDP Process

As with the TCP Process, the UDP Process makes use of the functions provided by the

Windows Socket to support UDP communtcation among endpoints. Unlike the TCP,
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there is no difference between the Server side and Client side and the operation of each

side is the same. Figure 5.33 shows the life cycle of the UDP Process.

f Create Socket preparing for connection
Phase A: Create
) v Socket
Bind the Socket to specify a local protocol port for the Socket]
; h J Phase B: Exchange
Send and receive data ] } data
-  J Phase C: Terminate
. Close the Socket ] Socket

Figure 5.33 Life cycle of the UDP Process
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Bind the Socket I Bind the Socket I
Send/ Receive data " > Send/ Receive data I
No No
Yes Yes

Close Sockel Close Socket

Figure 5.34 Flow chart of socket procedures for the UDP Process between two endpoints

Figure 5.34 shows the flow chart of socket procedures for the UDP Process between two
endpoints. Firstly, the two endpoints create a socket by calling the socket(} function at the

beginning and then call the bind() function to specify a local protocol port for the socket.
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It is noted that there is no obvious connection established between the two endpoints. The
two endpoints will repeatedly call the recvfrom() function as well as the sendto() function
to receive and send the data between themselves. Finally, after all data has been

processed, the close(} function will be used to close the created socket.

5.4 System Performance

In our proposed framework for implementation of the H.323 video conferencing system,
the hardware setup is very simple and only requires a standard video capture device, like
a ‘USB camera as well as a sound card, to be installed at the user side. The scenario of the
system is described as follows. The audiovisual signal of the user is first captured by the
capturing devices of the PC, i.e. the USB camera and the sound card. The digitized audio
and video signal are then compressed by a software H.263 video encoder and G.723.1
voice encoder. The compressed audiovisual signal is then packetized and transmitted in
multicast format so that one stream of data is sent over the network and shared by
multiple users. At the receiver side, the audiovisual data is decompressed and displayed.

Figure 5.35 shows the user interface of our system.

For the current achievement, the system can support up to 6 people making a conference
within the same local area network concurrently. The frame rate achieved for video is
about 5-8 frames/s and 15-20 frames/s for CIF and QCIF sequences respectively. All
figures are measured by using Pentium III computers with 500 MHz. It is noted that the
number of concurrent users and the achieved frame rate can be further improved if the
processing power of the PC is increased since all the subsystems of our system are
implemented by software. In our system, it is also possible for the users to create a

number of conference groups within a single LAN segment.
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RN

Figure 5.35 GUI of the H.323 video conferencing system

Apart from the implementation of the H.323 terminal, an H.323 Gatekeeper has also been
developed to keep track of alt H.323 terminal information within the same zone so that
the user can easily access and handle the system. As the whole system is implemented by
software, the system performance wili greatly depend on the computing power of the PC
as well as the optimality of the software codes. Therefore, more of time was spent in
optimizing the coding to reduce the loading of CPU so that the system could provide a
better performance. For the packet formats of the call signaling procedures, not all are
conformed to the H.323 standard. As a result, it has an imperfection where it is not fully
compatible with other H.323 products such as Microsoft Net-Meeting. Also, as multicast

transmission is, at present, not supported by most of the Internet Service Providers (ISPs),



a Multipoint Control Unit (MCU) as well as a gateway are required to perform

conferencing across the Internet.

5.5 Summary of the Chapter

In this chapter, a desktop video conferencing system based on ITU-T H.323 standard is
developed. The system now can support up to 6 people making a conference within the
same local area network concurrently. It is also possible for the users to create a number
of conference groups within the single LAN segment. The video frame rate achieved in a
500MHz Pentium-III PC is about 5-8 frames/s and 15-20 frames/s for CIF and QCIF

sequences respectively.
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Chapter 6

Conclusions and Future Work

6.1 Conclusions

In this thesis, the results of our work on efficient implementation of motion-compensated
video compression for multimedia communications have been presented. This thesis
contains a number of contributions in improving the block matching motion estimation
process, implementing a real-time software-based H.263 video codec, as well as

developing a distributed multimedia application on video conferencing.

In Chapter 3, we made two improvements on block matching motion estimation. First, we
developed a new adaptive search algorithm to adaptively select the search pattern for the
fast block matching aigorithm to locate the motion vector according to different local
characteristics of the test block. It is shown that this approach can significantly reduce the
chance for the fast algorithm to be trapped into local minima especially when the search
range is large. A new motion tracking algorithm was also proposed in this chapter to
exploit the high motion correlation in both the temporal and spatial domain. The proposed
motion tracking algorithm is used as a prefix for the existing fast algorithms to locate the
search origin. Combining the motion tracking technique with the new adaptive search, a
very efficient motion estimation algorithm was formulated. Simulation results showed
that the proposed algorithms are very efficient in terms of computational requirement and

quality of motion-compensated predictive images.

Making use of the fast motion estimation algorithms developed in Chapter 3, a real-time

software-based H.263 video codec was developed in Chapter 4. Besides motion
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estimation, a number of algorithmic improvements have been made along the coding flow
of the H.263 encoding process. A stack-based solution was also presented to support the
multi-channel decoding capability in the H.263 video codec. It is shown that at most one
encoding and six decoding processes can be performed simultaneously for QCIF

sequences in a SO0MHz Pentium-HI PC.

The real-time H.263 video codec was then used to implement a desktop video
conferencing system according to ITU-T H.323 standard in Chapter 5. The system can
support up to 6 people making a conference within the same local area network
concurrently. The video frame rate achieved in a 500MHz Pentium-III PC is about 5-8

frames/s and 15-20 frames/s for CIF and QCIF sequences respectively.

6.2 Suggestions for Future Work

Video compression is a fast evolving field and there are still many open issues to be
resolved. This thesis attempts to solve some of the key problems in efficient

implementation but even in the context of this research some problems still remain.

For the motion tracking algorithm developed in Chapter 3, it is found that the accuracy of
motion prediction reflects, to a certain extend, the continuity of motion between
successive frames of a video. If the temporal predictive motion vector is adopted, then the
motion between frames is continuous. On the other hand, if the spatial predictive motion
vector is selected, then most likely the motion is not continuous. According to this
observation, we can develop some ways in evaluating the continuity of motion so as to
identify whether scene change occurs or not. In other words, we can do both motion
estimation and scene change detection {or video segmentation) during the encoding

process at the same time. As known, video segmentation is an essential component in
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content-based video retrieval. Such integrated processing is the trend for future

development and is a good direction for further research.

As mentioned before, apart from the algorithmic enhancement, optimization at other
levels of implementation can also improve the performance of the software-based video
codec developed in Chapter 4. In future work, we may put our efforts into optimizing the

code and using the extended multimedia instruction sets to further improve the speed of

the software codec.
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