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ABSTRACT

Rate Control and Constant Quality Rate Control
for MPEG Video Compression and Transcoding

Cheng-Yu Pai

The focus of this thesis is the design of rate-control (RC) algorithms for constant
quality (CQ) video encoding and transcoding, where CQ is measured by the variance of
quality in PSNR (peak signal-to-noise ratio).

By modeling DCT coefficients as having Laplacian distributions, Laplacian
rate/models are developed for MPEG-4 encoding and transcoding. These models
accurately estimate the rate and distortion (in PSNR) of MPEG-4 compressed bitstreams.
The rate model is applied to a CBR (constant bit rate) encoding algorithm. This algorithm
offers a better or similar PSNR as compared to the Q2 [7] algorithm with a lower
variation in bitrate. Thus, it outperforms Q2.

These models are then applied to CQ video coding and transcoding. Most CBR
control algorithms aim to produce a bitstream that meets a certain bitrate with the highest
quality. Due to the non-stationary nature of video sequences, the quality of the
compressed sequence changes over time, which is not desirable to end-users. To provide
a solution to this problem, six CQ encoding algorithms are proposed: the first two are
VBR (variable bit rate) algorithms with a fixed target quality (FTQ), the next two are
CBR algorithms with FTQ, and the last two are CBR algorithms with a dynamic target
quality (DTQ). Within each group of two, the quality is controlled either at the frame
level (using the Laplacian rate/distortion model) or at the macroblock level (using the
actual distortions). The Viterbi algorithm is used to reduce the computational complexity
of the macroblock-level control. Simulation results indicate that the CQ VBR algorithms
can precisely meet the target quality with little or no quality variation. The CQ FTQ
algorithms attempt to achieve a given fixed target quality while avoiding buffer overflow.
For a reasonable target quality, the proposed algorithms can precisely meet the target
PSNR with no variation. Since deciding a reasonable target quality is not trivial, the last
two proposed CQ algorithms have DTQ. An extra degree of freedom is introduced to

balance the quality variation with the accuracy to the target bitrate and the average
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quality. Simulation results indicate that the proposed CQ DTQ algorithms offer a similar
or higher PSNR while having lower PSNR variance as compared to Q2 and TMS5 (Test
Model 5) [8] at similar or lower bitrate. Thus, they outperform Q2 and TM5.

With the success of these algorithms, the CQ DTQ encoding algorithms are
extended to MPEG-4 video transcoding (bitrate reduction with requantization). These CQ
transcoding algorithms can handle the problems that are uniquely present in transcoders,
such as the lack of the original sequence and requantization. Similar to their encoding
counterparts, these CQ transcoding algorithms have an extra degree of freedom to
balance the quality variation with the accuracy to the target bitrate and the average
quality. Simulation results indicate that these algorithms offer lower PSNR variance
while having similar/lower average PSNR and bitrate when compared with Q2T and
TMST (transcoding version of Q2 and TMS).

Besides proposing MPEG-4 CQ RC algorithms, an MPEG-2 rate-control
algorithm is also developed based on TMS5. It aims at improving the subjective quality
measured by using Watson’s DVQ (digital video quality) metric. When compared with
TMS5, it provides a better DVQ. However, since Watson’s DVQ metric is not a standard

way to estimate the subjective quality, PSNR is still used in the rest of the research.
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Chapter 1

Introduction

1.1. Motivation

Uncompressed video sequences contain a large amount of data requiring a great
deal of capacity or bandwidth to store or transmit them. Due to the nature of these
sequences, redundancies can be removed by means of video compression. However, to
achieve high compression, most video compression standards, such as MPEG (Moving
Picture Expert Group)-2 [1] and MPEG-4 [2] standards used in this thesis, use lossy
compression. This means that distortion is introduced during compression, i.e. the
decompressed video will not be 1dentical to the original. In other words, the compressed
video sequences contain distortions that are not present in the original sequences.

Traditionally, the way that video service providers charge customers is by selling
bandwidth. For end users, higher bandwidth usually means higher quality video.
However, from the user’s point of view, quality is more important than bandwidth, since
most users perceive high bandwidth as only a means to obtain a higher quality.

As video compression algorithms become more sophisticated, higher video
quality can be achieved using the same bandwidth. With this in mind, from the service
provider’s point of view, selling quality to consumers instead of selling bandwidth is
financially wiser: any advance made in compression technology will accrue to service

providers rather than to consumers.



In fact, the idea of selling the quality rather than the bandwidth is what has
happened in the telephony service. At the beginning of the telephony service, what
consumers obtained from the service providers is a fixed bandwidth with toll quality.

However, as voice compression technologies improved, service providers required less
bandwidth to achieve the same toll quality. Therefore, more connections were made using
the existing networks without noticeable change in the quality of service. Consequently,
selling quality to consumer meant that improvement in voice compression technology
accrued to the service providers. It is expected that a similar dynamic will play out for
video service providers. However, to make this happen, it is essential to have an effective
way to guarantee to users a fixed constant quality.

In video compression, quality can be controlled by rate-control (RC) algorithms.
The purpose of an RC algorithm is to control the compressed bitrate according to some
criteria. Most RC algorithms use some kind of rate/distortion models to predict the
number of bits and the distortion the compressed bitstream would have. Depending on the
variability of the bitrate, RC algorithms can be classified as constant bit rate (CBR) or
variable bit rate (VBR) algorithms. For CBR algorithms, buffer constraint is often
assumed on a leaky-bucket buffer. The buffer is used to control the maximum number of
bits to put in a channel during any time interval. A typical buffer constraint is to prevent
buffer overflow and underflow. Buffer overflow should be prevented since it results in
loss of information and corrupted bitstreams. As for buffer underflow, it is normally
handled by stuffing bits into the channel. Most of the research work in the past had
emphasized CBR algorithms, since the CBR constraint facilitates transmission of

compressed bitstreams over fixed bandwidth channels.



Traditionally, the main goal of these CBR algorithms is to achieve the highest
possible quality while meeting a certain target bitrate. Due to the rate constraint and the
non-stationary nature of video sequences, encoders have to spend approximately the same
number of bits for both easy-to-code and hard-to-code video sections. This results in a
better quality for easy-to-code video sections, and a poorer quality for hard-to-code video
sections. Thus, the quality of the compressed sequence changes over time, and cannot be
guaranteed. However, quality variation is becoming increasingly important for emerging
services, such as the quality-on-demand service. To provide a solution for this problem,
the main focus of this thesis is to develop constant quality (CQ) rate-control algorithms.

Several ways to achieve CQ are proposed in this thesis. The first scheme aims to
achieve a fixed target quality. This method is useful for the quality-on-demand services
where the service providers have to guarantee the video quality. However, since the
encoding difficulties change over time, having a fixed target quality means that a VBR
channel is required. Unfortunately, the CBR channel is still the mainstream of today’s
communication networks for which target quality cannot be guaranteed. Thus, the second
method to achieve CQ is to have minimum variation in quality while achieving the target
quality as well as respecting a buffer constraint. This is a best effort method. This means
that the best effort is made to achieve the target quality without violating the buffer
constraint. When there is not enough bandwidth, the video quality is reduced. One issue
with this method is that it is not trivial to decide a reasonable target quality for a given
bandwidth. This is because the encoding difficulty changes over time for the same

sequence and for different sequences. As a result, a third method to achieve CQ is to



minimize the quality variation by adjusting the target quality dynamically. All of the
above three methods to achieve CQ are investigated in this thesis.

Besides having CQ rate-control algorithms for video encoding, it is also important
to have CQ control for video transcoding. Video transcoding is the process of converting
video from a higher bitrate to a lower bitrate (bitrate reduction), or converting the
compressed video from one format into another. It is required for transmitting pre-
encoded video on a channel that has lower bandwidth or is congested. Although there are
many ways to achieve bitrate reduction, in this thesis, the term transcoding refers to
bitrate reduction transcoding by requantization. Since it can be impractical to have a fixed
target quality, the third method to achieve CQ (with dynamic target quality) is extended

from video encoding to video transcoding.

1.2. Contributions of this Thesis

There are three main contributions in this thesis: 1) development of Laplacian
rate/distortion models for video encoding, 2) development of Laplacian rate/distortion
models for video transcoding, and 3) development of constant quality rate-control
algorithms for video encoding and transcoding.

The first contribution of this thesis is the development of Laplacian rate/distortion
models for video encoding. As mentioned in the previous section, most rate-control
algorithms use some form of rate/distortion (R/D) models to predict the number of bits
and distortion for a given quantization step size. The behaviours of these rate/distortion
models are governed by some model parameters. In general, these model parameters are

computed based on the previously encoded frames, and are used to predict what may
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happen for the current (or future) frame. This implicitly requires the video sequences to
be temporally stationary. However, this assumption is not always true. To avoid this
problem, new rate/distortion models are proposed in this thesis that model DCT (discrete
cosine transform) coefficients as having Laplacian distributions. The model parameters
(Laplacian parameters) are computed from the current input frame. Hence, these new
rate/distortion models no longer require the input to be temporally stationary. As
discussed in Chapter 3 , since the computational complexity of the Laplacian R/D models
is not high, these models can be used for both temporally stationary and non-stationary
sequences.

Based on the principles used in the Laplacian rate/distortion model for video
encoding, Laplacian rate/distortion models for video transcoding are also developed.
Although they are developed using an approach that is similar to their encoding
counterparts, these models need to deal with the unique problems presented in
transcoding, such as the lack of information about the original sequence, and the
requantization of DCT (discrete cosine transform) coefficients.

The last and the most important contribution of this thesis is the development of
an effective framework for constant quality control. In all previously reported CQ
algorithms, the quality is controlled indirectly through the target bit allocation. This
means that these encoders/transcoders really have no control over quality. If the rate
control algorithms call for increasing the quality, more bits are allocated to code the
frame. However, the exact quality resulting from this bit budget is unknown for these
algorithms. Although this indirect way of controlling the quality works well for some

cases, it is not intuitive and cannot be extended to guaranteed quality services where the



actual quality is important. On the other hand, the CQ algorithms proposed in this thesis
use a different approach to control the quality — they control the quality directly. This
means that instead of having a target bif allocation, the proposed algorithm starts with a
target quality allocation. The bit information only overrides the quality information when
buffer overflow threatens. This way to control the quality is more intuitive and seems

more effective than the previously reported CQ algorithms.

1.3. Figures of Merit

Since constant quality rate control is studied in this thesis, it 1s important to define
a) how quality is measured, and b) how constant quality 1s measured.

There are two ways to measure the quality (or distortion) of a video — subjective
quality and objective quality. Subjective video quality is usually obtained by having
human viewers rate the video. Since these measurements are slow and expensive to
perform, subjective quality is impractical to use for video encoding/transcoding
applications where real-time feedback is needed. Hence, objective quality metrics are
used in most video compression research because they are just algorithms that can be
automatically computed in real-time. Objective quality metrics are algorithms that predict
how humans perceive the degraded signal. Although there are many objective quality
metrics, PSNR (peak signal-to-noise ratio) is used as the quality measure in this thesis.
The only exception is in Section 4.2, where Watson’s DVQ (Digital Video Quality) [3][4]
metric (another objective quality measure) is used as the quality measure.

While the term CQ is used in the literature, until recently, there was no clear

measure of how constant the quality is. Thus, it is not possible to quantify the



performance of these algorithms. In this thesis, CQ is measured by the variance of the
PSNR over time for the entire sequence. This CQ measure is also used in [5] and [6]
(PSNR standard deviation). A good CQ control algorithm should have low PSNR
variance (ideally zero) while having the average PSNR meets the target quality (for the
fixed target quality case), or having a high average PSNR (for the dynamic target quality

case).

1.4. Thesis Organization

This thesis is organized as follows. Chapter 2 gives the general background
information used by this thesis. It starts by presenting an overview of principles used by
MPEG-2 and MPEG-4 video compression standards, such as rate-control, motion
compensation, transform coding, and entropy coding. Then, it discusses artifacts
introduced in video compression that affect video quality. Different quality metrics are
also discussed. Finally, it gives a general overview of topics related to video transcoding,
such as transcoder architectures, drift errors, and requantization errors.

In Chapter 3, two sets of rate/distortion models are proposed — one set for MPEG-
4 video encoding, and one set for MPEG-4 video transcoding. Each of these methods
models the DCT coefficients of the original sequence as having Laplacian distributions.
These rate/distortion models are used to predict the number of bits and the distortion
presented at the output relative to the original uncompressed sequence. Distortion is
measured in mean-squared error (MSE). Some issues that present only in transcoding but

not in encoding are also discussed and been dealt with.



Chapter 4 proposes two CBR algorithms that use the traditional goal of
maximizing the quality. The first algorithm is designed for MPEG-4, and it uses the
Laplacian rate model to set the quantization parameter. Simulation results indicate that
this new CBR algorithm meets the target bitrate more accurately and has smaller rate
variance than Q2 [7]. The other CBR algorithm is designed for MPEG-2, and it uses
Watson’s DVQ as the quality metric rather than PSNR. As indicated in the results,
although this algorithm has a better performance than TM5 (Test Model 5) [8] for low-
motion sequences, it performs about the same as TMS for high-motion sequences. Also,
since Watson’s DVQ is a non-standard objective quality metric, PSNR is still used as the
measure of quality for the rest of this thesis.

In Chapter 5, a total of six CQ rate-control algorithms for MPEG-4 encoding are
proposed. Unlike all previously reported CQ algorithms that control the quality indirectly
through the target bit allocation, the proposed CQ algorithms control the quality directly.
The first two algorithms are designed for VBR applications with the goal of achieving a
fixed target quality. The other four algorithms are designed for CBR applications with
different goals: the first two algorithms use a fixed target quality, while the other two
adjust the target quality dynamically. Within each group of two CQ algorithms, one of
them uses frame-level QP (quantization parameter) control, and the other uses MB
(macroblock) level QP control. Simulation results indicate that the proposed CQ
algorithms have lower PSNR variance while having better or similar average PSNR at the
same bitrate. Note that (close to) zero PSNR variance is observed in some cases.

Chapter 6 extends the principle of CQ control from encoding to transcoding. Two

CQ algorithms are proposed in this chapter. These algorithms adjust the target quality



dynamically. Similar to the encoding case, these algorithms use the Laplacian
rate/distortion model for transcoding. Simulation results indicate that these algorithms
have behaviour that is similar to their encoding counterparts — they can give a more
constant quality bitstream with similar average quality.

Finally, Chapter 7 summarizes and concludes this thesis. Some directions for

possible future research/enhancements are also given.



Chapter 2

Background

Raw video sequences contain a large amount of data, which requires a great deal
of storage capacity or channel bandwidth. By using advanced video compression
algorithms to remove/reduce redundancy, the size of the raw sequences can be
significantly reduced with the expense of degraded quality in the compressed video
stream. As an example, the uncompressed bitrate of color NTSC (National Television
System Committee) video clip (8 bits/pixel, 480x480 pixels/channel, 3 channels/frame,
30 frames/sec) is about 158 Mbps. With compression, this bitrate can be reduced down to
4 to 8 Mbps, depending on the quality requirement [9].

Several digital video compression standards, such as the MPEG (Moving Picture
Expert Group) standards, have been proposed and are widely used nowadays. MPEG,
formally known as ISO/IEC JTC 1/SC 29/WG 11 [10], was started in 1988 as a working
group within [SO (International Organization for Standardization) with the goal to define
standards for digital compression of audio-visual signals. Until now, three projects have
been approved by ISO as international standards: MPEG-1 [11], MPEG-2 [1], and
MPEG-4 [2].

ITU (International Telecommunication Union) is another standard body that
develops video compression standards (known as recommendations). Several standards
have been approved until now: H.261 [12], H.263 [13], and H.264 [14]. H.264 is the most

recent state-of-the-art compression standard, and it has been adopted as MPEG-4 Part 10
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(also known as Advanced Video Coding or AVC). However, this thesis will use the
MPEG-4 Visual (Part 2) standard since it was the state-of-the-art compression standard at
the beginning of the research work. Hence, this chapter will concentrate on technologies
used in the MPEG-1, 2, and 4 (Part 2) standards. Further information about MPEG-4 Part
10 and H.264 standards can be found in [15]. Note that, in this thesis, the term MPEG-4
always refers to MPEG-4 Visual (Part 2), not AVC (Part 10).

MPEG-1 (the first project of MPEG) was published as the ISO/IEC 11172
standard in 1993. It is aimed at coding moving pictures and the associated audio for
digital storage media with VHS quality at about 1.5 Mbps [16], and is used in video
compact disk (VCD) technology. MPEG-2 (ISO/IEC 13818) was introduced in 1995 as a
superset of MPEG-1. It is aimed at generic coding of digital television with higher bit-
rates [17], and is used in super VCD (SVCD) and digital versatile disk (DVD)
technologies. MPEG-2 is backward compatible with MPEG-1. There is no MPEG-3
standard because it was originally anticipated to address high-definition television
(HDTV) applications, but it was found that minor extensions to MPEG-2 would suffice
for this higher bit-rate, higher resolution application. Thus, the work on MPEG-3
standard was abandoned. MPEG-4 Visual (Part 2) was accepted as ISO/IEC 14496
standard in early 2000. It provides the standardized technological elements enabling the
integration of the production, distribution, and content access paradigms for digital
television, interactive graphics, and interactive multimedia [18][19]. It is targeted for low
bit-rate applications. Popular DivX [20], XviD [21], RealVideo [22], and QuickTime [23]

digital video formats are based on MPEG-4 technology.
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Currently, there are two new MPEG projects under development: MPEG-7 and
MPEG-21. MPEG-7 (ISO/IEC 15938) is also known as “multimedia content description
interface”. Its goal is to create a standard for describing the multimedia content data that
supports some degree of interpretation of the information’s meaning, which can be
passed onto or accessed by a device or a computer code [24]. Started in May 2000, the
latest MPEG project is MPEG-21 (ISO/IEC 18034). It is still at an early developmental
stage with the goal to define a multimedia framework to enable transparent and
augmented use of multimedia resources across a wide range of networks and devices
used by different communities [25]. Because MPEG-7 and MPEG-21 are aimed for
information management/retrieval rather than compression, this thesis will not discuss
technologies used by them.

There are many active research areas related to digital video compression, such as
rate-control, error resilience, scalable coding, and parallel encoding/ decoding. The main
focus of this thesis is rate-control. Thus, only a brief introduction to these concepts is
given. More information can be found in the suggested references.

When the compressed video data is transmitted/stored in a channel/media, it is
subject to channel/media errors in the form of bit errors or burst errors. Error resilience
refers to a strategy of controlling error. It usually involves several steps: error detection
and localization, resynchronization, data recovery, and error concealment [26]. More
information about error resilience can be found in [26],[27],{28],[29].

Scalable coding is implemented in MPEG-2 and MPEG-4. It allows decoding of
subsets of the bitstream to generate a lower quality version of the video. Four types of

scalability can be performed: data partition, spatial scalability, temporal scalability, and
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signal-to-noise ratio (SNR or quality) scalability [9]. More details on scalable coding can
be found in [1],[30],[31],[32],[33].

Parallel processing is the “information processing that emphasizes the concurrent
manipulation of data elements belonging to one or more processes solving a single
problem.” [34] Because compression is a high complexity operation, it can be profitable
to explore the parallelization of compression algorithms. In [35], a real-time software-
based MPEG-4 encoder was created using parallel processing technology with 20
workstations. Another attempt at parallel parsing of MPEG video was performed in [36].

Since video compression standards are built on similar technologies, rather than
describing a specific standard, this chapter introduces the general strategies and issues
related to video compression. Also, because MPEG-1 and MPEG-2 have been
standardized for a while, and they have been widely used nowadays, this chapter
concentrates mainly on technologies used in MPEG-1 and 2, which is also used in
MPEG-4. In addition, some new technologies introduced in MPEG-4 are also presented.

This chapter is organized as follows: The compression architectures and
technologies used in MPEG-1/2/4 are presented in Section 2.1. Because video
compression is lossy, 1.e., error is introduced in the process of compression, quality issues
of compressed sequence are discussed in Section 2.2. Section 2.3 presents concepts
related to format (bitrate) conversion (transcoding) used in many current and emerging

practical communication applications. Section 2.4 summarizes the chapter.
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2.1. Digital Video Compression Principles

Raw digital video sequences contain a large amount of redundant information that
can be exploited for compression. The redundant information can be classified as

o Spatial redundancy: Within each frame, the pixel values are not independent, but
correlated with their neighbors.

o Temporal redundancy: Since frames are generally sampled at a high rate, 30
frames/sec for instance, the pixel values across frames are also correlated.
Consequently, predictive coding can be used. As an example, two consecutive
frames (frame 40 and 41) of sequence table tennis (30 frame/sec.), and their
difference are shown in Figure 2.1.

*  Psycho-visual redundancy: Due to the characteristics of the human visual system
(HVS), humans are more sensitive to low spatial frequencies than high spatial
frequencies [30]. For example, the HVS is less sensitive to details near edges or
sudden changes. As a result, controlled impairments can be introduced to reduce

the bitrate without noticeable degradation of the video quality.
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a) Frame 40 of table tennis b) Frame 41 of table tennis

c) Difference between frame 40 and 41 d) Inverted difference of ¢)

Figure 2.1: Temporal redundancy between adjacent frames

This section is arranged as follows: the outlines of the general architecture of an
MPEG encoder and a decoder are presented in Section 2.1.1, followed by the input
format and definition of compression layers in Section 2.1.2 and 2.1.3. Section 2.1.4 to

2.1.8 present the purpose and functionality of each component used in the encoder.

2.1.1. MPEG Encoder/Decoder Architectures

Although there are many MPEG standards, they all use similar technologies to

compress the video. The following block diagrams illustrate the encoder (Figure 2.2) and
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the decoder (Figure 2.3) architectures of the MPEG-1, 2, and 4 (Part 2) standards. Note
that the complexity of the encoder and decoder are not symmetric. The encoder is more
complex than the decoder. In fact, the encoder contains a decoder, which is used for
motion estimation/compensation purposes. The uneven distribution of the complexity

allows a simple and cheap decoder to be used at the receiver end of digital video

broadcasting.
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Figure 2.2: MPEG-1/2/4 Encoder block diagram
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Figure 2.3: MPEG-1/2/4 Decoder block diagram

Note that in the MPEG-4 encoder, the input is not a frame, but a VOP (video
object plane). In MPEG-4, the entire video sequence is treated as one or more VOs (video
objects). VOP is the representation of the VO at a particular time instance, which is
similar to a frame in MPEG-1 and 2. Rather than having a fixed rectangular region

(frame), VOPs can have arbitrary shapes. For non-rectangular VOPs, shape information
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will also need to be coded to the bitstream. Note that despite the differences, a VOP is
coded in a similar fashion as a frame. Thus, in this thesis, the term frame is used to refer

to a frame (in the MPEG-1/2 case) and a VOP (in the MPEG-4 case).

2.1.2. Input Source Format

Scanning is a form of sampling of a continuous two-dimensional signal by
representing the image intensity as a one-dimensional waveform. Two scan modes of
input frames are supported by the MPEG standards: raster scanning, and interlaced raster
scanning. Raster scanning (see Figure 2.4.a) samples each frame once as a picture.
Interlaced raster scanning (see Figure 2.4.b) is composed of two interleaved fields

sampled at different times. It is commonly used in television broadcasting [9].

a) Raster scan b) Interlaced raster scan

Figure 2.4: Scanning methods of input image [9]

For colored video compression, the color space used in MPEG is YCbCr
(luminance/chrominance blue/chrominance red) representation (also known as YUV
representation). Since the HVS is less sensitive to small changes in chrominance channels,

downsampling of chrominance channels can be used to reduce the bitrate. Three
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chrominance channel formats are defined: 4:2:0 format, 4:2:2 format, and 4:4:4 format.
The 4:2:0 format is the most commonly used one. It downsamples the chrominance
channels by two in both vertical and horizontal directions. The 4:2:2 format downsamples
the chrominance channels by two in horizontal direction only. No downsampling 1s

performed in the 4:4:4 format.

2.1.3. Layers of Abstraction

MPEG-1/2 video has a hierarchy of layers to help error handling, synchronization,
random search, and editing. As shown in Figure 2.5, from the top layer, these layers are:
sequence layer, group of picture (GOP) layer, picture layer, slice layer, macroblock (MB)
layer, and block layer. The sequence layer defines the entire video sequence, and consists
of one or more GOPs. Each GOP consists of one or more pictures. It enables random
access of video stream. The picture layer is the primary coding unit, and consists of slices.
Slices are used for resynchronization, refresh, and error recovery/concealment. Each slice
contains one or more macroblocks in the same line. Each macroblock consists of four
luminance blocks and 2, 4, or 8 chrominance blocks depending on the color format used.
The macroblock is the basic motion estimation/compensation unit used in MPEG-1/2/4.

The block layer 1s the fundamental layer for spatial compression. Each block contains 8x8

pixels.
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Figure 2.5: Layers of MPEG-1/2 video sequence

There are three types of frames defined in MPEG standards: intra-frame (I-frame),
forward predictive-coded frame (P-frame), and bidirectionally predicted frame (B-frame).
The P- and B- frames are also known as inter-frames. They are generated by using the
motion estimation/compensation algorithm presented in Section 2.1.4. Each GOP
contains exactly one I-frame, which is the first frame of the GOP. The GOP may contain
P-frames and/or B-frames. I-frames facilitate random access and fast search. P-frames
are forward predicted based on the previous I- or P- frame, while the B-frame is predicted
based on the previous reference frame (forward prediction) and/or the future reference
frame (backward prediction). Only I- and P-frames can be used as a reference frame. Due
to the dependencies among I/P/B frames, the encoding order of the frames is different

from the display order. For example, the encoding order of a particular GOP structure is

shown in Figure 2.6.

/YWY\ - Forward Prediction

- Backward Prediction

0o 1t 2 3 4 5 6 7 8 9 10 11 12 13 14 15 Display order
5 9 7 8 12 10 11 15 13 14 Encoding order

Figure 2.6: Encoding and displaying order of a particular GOP [9]
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In general, B-frames can be compressed more than P-frames. Also P-frames can

be compressed more than I-frames. Thus, to maximize the compression ratio, one would
like to have as many B- (or P-) frames as possible. However, because P-frames propagate
error, for resynchronization and error concealment purpose, I- frames should be used
once a while. Also, because decoding B-frame requires knowledge of the previous and
future reference frames, buffering is needed, which introduces extra delay and may not be

suitable for real-time applications.

2.1.4. Motion Estimation/Compensation

Motion estimation (ME) and motion compensation (MC) are the key technologies
used to reduce temporal redundancy. They use the well-known differential pulse-code-
modulation (DPCM) [37] principle. For example, if there i1s no change in the image
intensity between adjacent frames, the temporally most adjacent pixels are the best
predictors. Motion estimation is one of the most computation intensive operations in
video compression. Its complexity depends on the best-match criterion, the range and
precision of motion vectors (MVs), and the search algorithm. Depending on the search
unit, the ME algorithms can also be classified as block-based ME (used in MPEG-1/2/4)
and object-based ME (used in MPEG-4).

The best-match criterion is a cost function indicating the closeness of the
reference block with the current block. Two widely used cost functions are sum of

squared error (SSE) and sum of absolute difference (SAD), which are defined as
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where X,or and Xeymen are the pixel values of the reference frame and the current frame
respectively; x and y are the position of the top-left corner position of the block to be
matched in the current frame; dx and dy are the MV of the current block; the motion
compensation block size is NxV pixels. In practice, SAD is more attractive than SSE
since it is less computationally intensive (no multiplication is used). Note that in (1), all
pixels in the MB are used in the computation. To reduce the computational complexity,
some fast ME algorithms may use only a subset of these pixels to estimate the error.

The MVs can have different accuracies for different standards. In MPEG-1/2,
MVs have half-pixel accuracy. In MPEG-4, Y-pixel MV accuracy is allowed. For non-
integer MVs, interpolations are required. More accurate motion estimation can be
achieved by having smaller MV pixel accuracy with the higher computational complexity.
Similarly, the ME can decide the size of the MV (i.e., the range of dx and dy). Larger
search range can better capture high motion scenes, but with the expense of more
computation. A typical search range used in MPEG-2 is +16 pixels.

There are many ways to perform the ME. The most accurate and the most
computationally intensive method is the full-search algorithm, which searches all
possible candidates within the search range. For +16-pixel search range with integer MV
accuracy, this method would yield (2x16+1)> =1089 candidates. Although its
computational complexity makes full-search impractical for real-time applications, the
MYV it generates is the most accurate one, and it is often used as the benchmark for other

sub-optimum ME algorithms. To reduce the complexity, many sub-optimum fast-search

ME algorithms have been proposed. These fast algorithms reduce the computational
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complexity by reducing the number of search candidates while sacrificing the accuracy of
the MVs. Some popular fast ME algorithms are three-step search, logarithmic search,
hierarchical search, and nearest neighbor search. More details about ME algorithms can
be found in [15].

Block-based ME (see Figure 2.7) uses MB to perform ME. It is used in MPEG-1
and MPEG-2 standards. It tries to find the best match of the current MB in the reference
frame(s), the relative position (motion vector) of the reference MB, and the difference
(residue) between them (differential coding). Block-based ME algorithms assume
translational movement along a plane parallel to the camera, and that there is no intensity
changes between frames. Many block-matching algorithms have been proposed in the
past [38],[39]1,[40]. The full-search algorithm searches the entire reference frame for the
best match, and is the most accurate (based on the best-match criterion) but also the most
computationally intensive search algorithm. To reduce the complexity, many sub-
optimum search algorithms have been proposed in the past. These algorithms reduce the
complexities by either reducing the number of candidates to be tested (limiting the search
range, for example), or reducing the number of pixels to be checked in the best-match
criterion, or a combination of both. As an example, by assuming that the frames are
sampled at a high rate, and the velocity of the motion is not large, one can reduce the

complexity by limiting the search range to 2d+1 by 2d+1 as shown Figure 2.7.
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Figure 2.7: Block-based motion estimation with limited search range

There are several issues with block-based ME that may degrade the prediction
accuracy, such as

e Real-world objects are not usually square in nature.

e The objects inside the same MB may move in different directions, may rotate,

and may move closer or away from the camera.

¢ Part of the object may appear/disappear (occlusion).

Some of these issues are addressed by using object-based motion estimation. Instead of
using the MB as the searching unit, object-based ME first classifies the scene into a
collection of VOs of arbitrary shapes and/or textures, and then estimates the movements
of the objects.

In MPEG-4, the object functionalities and structures are described by BIFS
(binary format for scenes) [41], which are built on several concepts from VRML (virtual
reality modeling language). The process of breaking a scene into different objects is
called segmentation, which is an active research area. Although this task is easy to be

performed by humans, video segmentation presents a significant challenge to computers.
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It involves the full algorithmic spectrum, extending from low-level image processing to
computer vision [42]. The segmentation algorithms can be done automatically by
computers [43][44], or interactively by computers with human interventions [45][46].
The underlying algorithm can be region-based [47], contour-based [42][43], or mesh-
based [48][49]. Region-based methods find regions in the image that are homogeneous
with respect to one or more features, and define the region(s) with a segmentation mask.
Contour-based methods represent regions by their boundaries. Mesh-based methods
partition the scene into time-varying mesh. The movements of the objects are controlled
by the deformation of certain nodes. More details about the object-based coding can be

found in [50][51].

2.1.5. Transform Coding

While the temporal redundancies are exploited by MC/ME, the spatial
redundancies are reduced by transform coding [37][52]. Spatial redundancy exists
because values of adjacent pixels are usually highly correlated. Transform coding is used
to reduce the correlation in the data by compacting energy into fewer transform
coefficients [53]. It transforms signals from the spatial domain to the frequency domain.

The optimum transform for compression in the mean-squared sense is the
Karhunen-Loeve transform (KLT) [37]. Because KLT is image dependent and has
relatively high complexity, discrete cosine transform (DCT) is used in MPEG standards.
DCT [52],[54] 1s an orthogonal transform that offers performance close to KL T with the
advantage of being independent of the images to be transformed. The two-dimensional

NxN DCT and its inverse (inverse DCT or IDCT) are defined as
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coefficients and data values respectively. N is the block size. In MPEG-1, 2 and 4 (Part 2),
the block size is 8x8 pixels, i.e., N=8. By convention, X(0,0) is referred to as DC (direct
current) coefficient, and other coefficients are referred to as AC (alternate current)
coefficients.

The 2-D DCT and IDCT are separable transforms, i.e., they can be computed by
first computing the 1-D DCT/IDCT on rows, then on columns. Fast algorithms exist
[55],[56],[57] to bring the computational complexity of 2-D DCT/IDCT from O(N?)
down to O(N logN). Note that the MPEG standards (MPEG-1, 2, and 4 (Part 2)) do not
specify the precision requirement for DCT since it is followed by heavy quantization.
However, the precision of IDCT, which is presented in both the encoder and the decoder,
should be compliant to the IEEE 1180-1990 standard [58].

Besides using DCT as the way to de-correlate input data, wavelet is another
method that could be used. Since it is not used by MPEG standards, no detailed
discussion will be given. A comparison between DCT-based and wavelet-based
image/video compression is presented in [59]. For still image compression, the study
shows that wavelet transform outperforms DCT transform by about 1 dB (decibel) in
terms of peak signal-to-noise ratio (PSNR). However, for video coding, wavelet coding

yields similar performance to the DCT coding because motion-compensated residues are
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less spatially correlated. More information about wavelet-based video coding can be

found in [59],[60],[61].

2.1.6. Quantization

After transforming the frame from the spatial domain to the frequency domain,
quantization is performed on the DCT coefficients (see Figure 2.2). Quantization is
required because the DCT only de-correlates the data, and does not reduce the number of
bits required to store the data. On the contrary, it even increases the number of bits
required to store the data because the input values of DCT are either 8-bit unsigned
integers (pixel value) or 9-bit signed integers (residue after motion compensation).
However, after the DCT, the coefficients are no longer integers, but real numbers. Even
with rounding, the integer part of the coefficients can be up to 12 bits [58]. To reduce the
dynamic range of the DCT coefficients, uniform quantization is performed. Note that
although quantization compresses the data, it introduces error and degrades the video
quality.

In MPEG standards, quantization is performed at the block layer. Each DCT
coefficients may be quantized with different step sizes. The actual quantization step size
is the product of the quantization parameter (QP) and the corresponding step size in the
quantization matrix. As a control mechanism for rate-control algorithm, MPEG allows
using different QPs for different macroblocks. However, the same QP is used for all
blocks within a macroblock. QP is also known as g-factor (quantization factor) or mquant

(macroblock quantization parameter). The quantization matrix stores values that represent
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the relative the importance of each DCT frequency. A larger quantization step size
(heavier quantization) results in more compression at the expense of quality degradation.

The quantization matrix is used as a method to emphasize/de-emphasize the
importance of DCT coefficients at different frequencies. Because the human visual
system reacts like a low-pass filter, low spatial frequency coefficients are more important
than high frequency components. This suggests that the quantization step size for high
frequencies can be larger than the low frequencies.

Note that the quantization matrices for intra frame and inter frames are normally
different. As an example, in the MPEG-2 standard [1], two quantization matrices are
defined, which are derived from psycho-visual experiments [62]. Different quantization
matrices are used because the DCT input properties of intra and inter frames are quite
different. The intra DCT coefficients are transformed from highly correlated pixels. Thus,
to take advantage of the HVS, the high frequency components in the intra-frame
quantization matrix are usually very large. On the other hand, for inter frames, DCT is
used to transform the residue pixels after motion compensation. Since the correlation
among adjacent residues is not very strong, there is less emphasis on the high frequency
components in the inter-frame quantization matrix.

Besides using the predefined quantization matrices, user-defined quantization
matrices are also allowed in the MPEG standards. However, the non-standard
quantization matrices must be transmitted to the decoder in order to properly dequantize

the DCT coefficients. This increases the bitrate.
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2.1.7. Entropy Coding

Entropy coding is the last step in the MPEG compression standards. It consists of
two lossless compression algorithms: run-length coding (RLC) [37] and variable-length
coding (VLC) [37].

The first part of VLC coding is the RLC, which works on a one-dimensional array.
However, since DCT coefficients are stored in an 8x8 two-dimensional matrix, they need
to be converted into a one-dimensional array. This conversion process is known as scan.

Because the DCT coefficients are quantized quite heavily for high frequency
components, the high frequency components (lower-right corner of the 8x8 block) are
more likely to be zeros, and the low frequency components (upper-left corner) are more
likely to be non-zero. Based on this tendency, two scanning methods are provided in the
MPEG standards: the zigzag scan (for raster-scanned input), and the alternate scan (for
interlaced input). As shown in Figure 2.8, since non-zero coefficients are more likely to
happen at the upper-left corner, these scanning methods tend to group the non-zero
coefficients near the beginning of the array, and zero coefficients near the end of the
array. RLC is used to encode the array by representing the coefficients with a sequence of
symbols, each represent a run/level combination. Run is the number of zeros before the
non-zero coefficient, and Jevel is the absolute value of the non-zero coefficient to be

coded. These run/level combinations are then mapped to variable-length codewords.
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Figure 2.8: Two DCT coefficients scanning method in MPEG standards [9]

VLC uses variable-length codewords for different symbols. It uses shorter
codewords for symbols that occur more frequently, and longer codewords for symbols
that occur less frequently. From Shannon’s theory [63], the average codeword length

(Lavg) 1s always less than or equal to the entropy (), and is defined as
Ly =2 LB 2-> PlogP,=H (5)
k k

where L, and Py are the length and the probability of the codeword respectively.

2.1.8. Rate Control

The rate-control algorithm is probably one of the most important components in
the MPEG encoder, and is the main focus of this thesis. It attempts to minimize the
distortion while constraining the overall bit budget by adjusting the quantization step
sizes. The rate-control algorithm is especially important if the compressed video is to be
transmitted over a band-limited communication channel.

Rate-control algorithms can be classified into two categories: constant bit rate
(CBR), and variable bit rate (VBR). Generally, CBR algorithms allocate the same

number of bits for a fixed time interval (a GOP for example). On the other hand, VBR
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algorithms allocate more bits for harder-to-code frames, and fewer bits for easier-to-code
frames. As a result, the quality tends to be more constant in VBR than in CBR.

For non-real-time applications, one can even achieve better compression by using
multi-pass VBR instead of single pass VBR/CBR. In single pass CBR/VBR, the encoder
makes the bit-allocation decisions based only on the knowledge of the previous frames
that have been encoded. On the other hand, in the first pass of a multi-pass encoder, the
encoder analyzes the video stream to be encoded, and records information about each
frame, such as scene changes and rate/distortion statistics. Based on this information, the
encoder can distribute more bits for harder-to-code frames (high-motion scenes, for
example), and fewer bits for easy-to-code frames (low-motion scenes, for example). The
more passes, the more refined the bit-rate distribution will be, 1.e., more constant quality
for the entire sequence [64].

MPEG did not standardize a rate control algorithm in 1its standards, and left the
decision to the designers. Many rate-control algorithms have been proposed in the past.
One of the well-known algorithms in MPEG-2 is TM5 (Test Model 5) [8]. TMS is
recommended, but not required, by MPEG-2 standard as the rate-control algorithm. It
works in three steps: target-bit allocation, rate control, and adaptive quantization. The
target-bit allocation estimates the number of bits available to code the next picture based
on the global-complexity measure, which is the product of the bits spent and the average
mquant of the previously encoded frame of the same type. The rate control sets the
reference value of the quantization parameter for each macroblock based on the current
virtual buffer fullness. The adaptive quantization modulates the reference value

according to spatial activities inside the macroblock, and derives the value of the
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quantization parameters (mquant) that are used to quantize the macroblock. Further

information about Test Model 5 can be found in [8] and Section 4.2.1.

2.2. Video Quality Measures

There are two types of compression: lossless compression, and lossy compression.
Lossless compression typically has a moderate to low compression ratio, and gives
perfect reconstruction from the compressed data without altering the content after
decompression. On the other hand, lossy compression can achieve a much higher
compression by introducing controlled error. MPEG video compression standards are
lossy compressions since quantization is used. In Section 2.2.1, common sources and
types of degradations in compressed video are identified. In Section 2.2.2, subjective
quality metrics are compared with objective quality metrics in terms of accuracy and cost.
These metrics are used to measure the amount of degradation. To bridge the gap between
subjective and objective quality metrics, Watson’s objective DVQ (digital video quality)

metric is also briefly introduced in Section 2.2.3.

2.2.1. Factors Affecting Video Quality

There are two components that make video compression lossy: rounding/clipping
in the uncompressed domain, and quantization of DCT coefficients. As mentioned in
Section 2.1.6, most errors come from quantization. These errors cause degradations in

video quality. Several common impairments may occur in the compressed video:
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e Blocking: Blocking is an artifact of block-based DCT followed by heavy
quantization (see Figure 2.9). It occurs due to the discontinuity between
adjacent blocks after decompression, especially in low detailed area of image
[52]. This effect may also be propagated by motion compensation if the

reference picture is already blocky.

a) Original picture b) Blocking effect in the background

Figure 2.9: Blocking effect and edge busyness

e Blurring/Smearing: Blurring/Smearing is characterized by the loss of
sharpness, especially for high detailed regions. It may be caused by having all
(or many) high DCT components being zeros due to heavy quantization.

o FEdge busyness: It is characterized by spatial distortions near the edge of the
object where sharp transition occurs (see the edge of hand in Figure 2.9.b)

e Mosquito noise: It is caused by random artifacts along the edges. It may be

caused by different edge busyness effects in consecutive frames.
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2.2.2. Video Quality Metrics

Video quality metrics are used to rate the perceivable degradation. They can be
used as measures of the performance of a video encoder. There are two types of video
quality: subjective video quality and objective video quality.

Subjective video quality is usually obtained by having human viewers rate the
video. However, these measurements are slow and expensive to perform. Real-time
feedback is in many cases impossible.

Objective quality metrics are currently most commonly used in video
compression. These matrices are algorithms that predict how humans perceive the
degraded signal. Although there were many object quality metrics proposed in the past,
they can be classified as statistical quality measures and subjective quality predictors.
The statistical quality measures treat the degraded signal as raw data points (numbers);
and the quality is just a statistic of the error signal. The subjective quality predictor treats
the degraded signal as video signal. In video compression, the degraded (compressed)
video signals have unique characteristics that can be easily observed by human viewers.
The subjective quality predictors use this knowledge to predict how humans perceive the

video.

Two statistical quality measures commonly used today are the mean-squared error

(MSE), and the PSNR. They are defined as

1 w H
MSE =———> > (test[w, h]~ ref{w, h])’ ©
W - H D%
PSNR = 1010825 (M
8 VSE
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where W and H are the width and height of the frame, and fest and ref are the
reconstructed frame and the original frame. Note that 255 is used in (7) because it is the
highest possible pixel value of an 8-bit unsigned input. Higher PSNR or lower MSE

suggests a better quality.

2.2.3. Watson’s DVQ

Despite the simplicity of MSE/PSNR, in many situations, they do not reflect the
actual perceptual quality correctly. To have a better subjective quality predictor, Video
Quality Expert Group (VQEG) [65] was formed in 1997. VQEG i1s a group of experts
working in the field of video quality assessment. The intention of VQEG is to propose an
algorithm that gives (or estimates) the subjective quality. Ten algorithms were proposed
in the Phase I report [66]. These algorithms estimate the subjective quality by either using
the characteristics of the HVS ([3] and [67] for instance), or by measuring the artifacts
(such as blocking and ringing) introduced by compression algorithm ([68] for instance).
Watson’s Digital Video Quality (DVQ) [3]{4] metric is one of the algorithms based on
the HVS characteristics.

Watson’s DVQ (see Figure 2.10) incorporates a simplified HVS model based on
sensitivities to spatial, temporal, and chromatic visual signals. It is a full-reference (FR)
method, i.e., it needs both the original and the degraded sequences. The output of DVQ is
a number that indicates the degree of degradation of the test sequence relative to the
reference sequence. The DVQ of the original (uncorrupted) sequence is zero. Higher

DVQ means worse quality.
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Figure 2.10: Block diagram of Watson’s DVQ [4]

The purpose of each component in Figure 2.10 is listed as follows.

Color transformation: Because the human retina transforms colors into an
opponent color system [69], DVQ uses YOZ [4] color space instead of YCbCr
color space.

DCT: Because the HVS treats different frequencies differently, DVQ uses DCT to
transform input to the frequency domain.

Local Contrast: The HVS can only detect patterns if the amplitude difference is
large for bright region. A low-pass time-filter is used to model this effect.
Temporal Filter: The temporal filter is a low-pass filter in the temporal direction
because HVS reacts like a low-pass filter for high temporal frequencies.
Just-Noticeable-Difference (JND) Conversion: Each frequency component is
divided by the corresponding spatial threshold defined in [70] because the HVS
reacts differently for different frequencies.

Contrast Masking: The visibility of a pattern is reduced by the presence of other
components in the image, especially the ones that appear at the same location and

share the same spatial frequency.

Pooling: Pooling combines all JNDs to obtain the error metric (one number).
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Note that Watson’s DVQ is significantly more computationally intensive than
PSNR- or MSE-based statistical quality measures. However, it should give a better match

to the perceptual quality because it takes the characteristics of the HVS into account.

2.3. Digital Video Transcoding

In many communication applications, one would like to change the encoded video
format or to change the bitrate of a compressed bitstream. In such situations, transcoding
can be used.

Video transcoding is the process of converting a compressed video format into
another compressed video format. Transcoding is required for transmitting pre-encoded
video on a channel that has lower bandwidth or is congested. It 1s used in many emerging
services such as video-on-demand (VOD), digital terrestrial television broadcasting
(DTTB), and cable television (CATV) distribution [71]. In such applications, videos
stored in the database are compressed at high quality. Depending on the consumer
channel bandwidth and/or the quality requirement, transcoder is used to bring the high-
quality video to the desired lower-quality video.

Generally, transcoding is used in the following scenarios: a) when the bitrate of a
compressed bitstream needs to be reduced, or b) when the video compression format
needs to be changed from one standard to another, or ¢) a combination of both a) and b).
For bitrate reduction, there are many methods to achieve the goal: requantization, spatial
resolution reduction, temporal resolution reduction, or any combination of these methods.
The transcoding schemes studied in this thesis deal with bitrate reduction by requantizing

the compressed bitstreams.
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Two important aspects related to video transcoding are discussed here. Section
2.3.1 discusses the advantage and disadvantage of several transcoder architectures. In

Section 2.3.2, the requantization error introduced by transcoding is also discussed.

2.3.1. Transcoder Architectures

Although there are many transcoder architectures, rather than fully decompress
and recompress the video sequence, which requires computationally intensive motion
estimation, the original motion vectors are reused in all of them.

The easiest transcoding can be achieved by directly re-quantizing the DCT
coefficients with coarser quantizer. This transcoder architecture is often referred as open-
loop architecture [72]. As shown in Figure 2.11, input bitstream is first VLC decoded
(VLD) to obtain the quantized DCT coefficients. These quantized coefficients are first
dequantized (Q; ') with step size Q;, then requantized with a new quantization step size
Q2. The requantized DCT coefficients are then variable-length coded to produce the

output bitstream.

Input

. Output
1
Strea VLD Q, Q, vLC

Stream

Rate Control

Figure 2.11: Open-loop transcoder architecture using requantization [72]

One problem with the open-loop architecture is that it does not take drift error into
account. Drift error happens because, after requantizing the DCT coefficients, the

residues are no longer accurate due to possible changes (due to requantization) in the
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reference frame(s). Drift correction can be done either in the spatial domain [73][74] or in
the frequency domain [75]. As pointed out in [72], frequency domain drift correction
usually requires a higher computational complexity. Thus, only pixel-domain transcoder
is studied in more detail.

Several pixel-domain transcoder architectures with drift correction have been
proposed in the past. The most straightforward transcoder is the cascaded decoder-
encoder architecture [72] [76]. As shown in Figure 2.12, the decoded motion vectors are

used to encode the picture.

input Output
Stream Stream

+
4>l VLD H Q, H IDCT ‘——»?——
_ A
Frame
Me Store
A

Motion Vectors

Figure 2.12: Cascaded decoder-encoder pixel-domain transcoder architecture [72][76]

To further reduce the computational complexity, two fast pixel-domain transcoder
architectures were proposed in [73] and [75]. Figure 2.13 shows an example of a fast
drift-correction pixel-domain transcoder architecture. Note, although these architectures
can compensate most drift errors caused by requantization, as analyzed in [72]{77][78],
they also introduce a small amount of drift errors. These drift errors are caused by several
reasons, such as clipping before the frame memory, arithmetic precision DCT/IDCT

mismatch, and linear assumption of the MC [78].
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Figure 2.13: Fast pixel-domain transcoder architecture with drift error correction [73]

Since the main focus of this thesis is to achieve constant quality, it is essential that
a CQ transcoder eliminates the drift error completely. As a result, the cascaded decoder-

encoder transcoder architecture shown in Figure 2.12 is used in this thesis.

2.3.2. Requantization Errors Introduced by Transcoding

In Figure 2.12, it is assumed that the input bitstream was quantized with
quantization step size Q,. The transcoder needs first to dequantize the bitstream with the
same step size (Q)). After the drift correction, the MB is then requantized with step size
(-. In general, requantizing the input with a different step size (Q,) introduces error.

As shown in Figure 2.14, requantization may introduce two types of error: the
typical quantization error, and the requantization error. Cross signs are used for break

points, and circles are used for reconstruction points. The subscript indicates the

quantizer used.
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Figure 2.14: Normal quantization error and Requantization error

Typical quantization error can be observed for original signal x. As shown in
Figure 2.14, x is first quantized with Qy, and is dequantized to x;. x; is then quantized
with 0, and has its dequantized value to be x;,. Note that even after two quantizations,
the final dequantized value (x, ) is the same as if x is directly quantized with Q.

However, for value y, the final dequantized value (y)>) is different from direct
quantization (y2) with Q,. This inconsistency is called requantization error. As shown in
[79], the requantization error can be reduced by estimating the Laplacian parameters of

DCT coefficients. More information about transcoding can be found in [74]-[81].

2.4. Chapter Summary

In this chapter, different technologies used in digital video compression standards
(MPEG-1/2/4 mainly) are reviewed. The main principle of video compression is to
reduce the temporal redundancy with ME/MC, and reduce the spatial redundancies with
DCT followed by heavy quantization. The quantized blocks are then entropy coded by
using run-length coding and variable-length coding to remove coding redundancies.

Common distortions and artifacts typically present in the compressed videos are

also examined. These distortions are measured quantitatively by using video quality
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metrics, which can be either subjective or objective. Besides using PSNR as the objective

video quality measure, subjective quality predictors could also be used. Watson’s DVQ is
a subjective quality predictor that models several characteristics of the human visual
system.

Some advanced topics and applications of digital video compression are also
reviewed, such as error resilience and parallel encoding/decoding. These technologies are
used to enhance the robustness, security, and performance of video compression systems.
The purposes and principles behind transcoding are also reviewed. These technologies
allow dynamically changing the compressed video format. Many emerging
communication services, such as video on demand and digital cable television, are based
on them.

Digital video compression is an ongoing research area. With advances made by
researchers, higher compression will be achieved. This in turn leads to better video
quality, and, most importantly, more efficient use of channel bandwidth and storage

space. All of these franslate to more profit to content/service providers, and

better/cheaper services for consumers.
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Chapter 3

MPEG-4 Laplacian Rate Models and Distortion Models

In making rate control decisions, it would be very useful to have a rate model and
a distortion model for the video data being compressed. This chapter develops distortion
models that relate the QP (quantization parameter) chosen to the expected error that will
result from that choice. They are parameterized by QP. Similarly, the rate models relate
the QP chosen to the expected number of bits. Because the encoding difficulties change
for each frame and for each sequence, the models also have to adapt to input
characteristics changes. Thus, the rate/distortion (R/D) models developed in this chapter
are data dependent. That is, the same QP decision would result in different expected error
and expected number of bits for different frames and sequences.

Several approaches for rate/distortion modeling have been proposed in the past.
They can be classified as empirical ([82],[83],[84]) and analytical approaches. The
empirical approach predicts the rate/distortion by mathematical processing of the
observed R/D data. Interpolation is usually used to predict missing data points. As an
example, Tsai [82] uses a dynamic rate table to predict the number of bits. The table
contains the number of bits of the previously coded macroblocks (MBs), and is indexed
by the complexity measured in SAD (sum of absolute difference) and QP. Although the
empirical approach tends to use fewer computations than the analytical approach, in

general, its performance degrades for non-temporally-stationary sequences.
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The analytical approach assumes that AC (alternate current) DCT (discrete cosine
transform) coefficients have certain statistical distribution. Four ways to model and
analyze the AC DCT coefficients have been proposed in the past: Gaussian distribution
([85],[86]), generalized Gaussian and Laplacian distributions ([7],[87]-[94]), the p-
domain analysis ([95][96]), and centralized Cauchy density ([97]). Among these, the
Laplacian distribution is the most widely used model in practice. Hence, it is also used in
the rate/distortion models developed in this chapter.

Although so many rate/distortion models are reported, and many of them work
well, they share two common issues. First, the model parameters are usually computed
from historical records. This leads to a problem similar to that encountered in the
empirical approach: the performance of the model degrades if sequences are not
temporally stationary. Another common problem is the assumption that the quantizer is
just a uniform quantizer. This assumption is true to some extent, but is not entirely true.
In general, mid-riser uniform quantizers are used for quantizing intra frames, and mid-
step uniform quantizers are used to quantize intra frames. However, in video compression,
dead-zone is applied to all quantizers. Having dead-zone would increase the probability
of having DCT coefficients quantized to zero. It also alters the position of the break-
points and reconstruction points of the quantizers. Hence, ignoring the dead-zone effect
would degrade the accuracy of these models.

The rate/distortion models developed in this chapter assume the DCT coefficients
have Laplacian distributions. To address the first issue mentioned in the previous
paragraph, recall that the Laplacian distributions are controlled by the Laplacian

parameters. These parameters are derived from the current input frame in the proposed
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rate/distortion model. Thus, the proposed models neither assume nor require temporal
stationarity of the input sequence. To address the second issue, a generalized uniform
quantizer with dead-zone is used in the derivations. Thus, the effect of the dead-zone 1s
considered for both intra and inter frames.

Two sets of rate/distortion models for the MPEG-4 standard are developed in this
chapter: one set for the MPEG-4 encoder, and another set for the MPEG-4 transcoder.
The rate/distortion models for MPEG-4 encoding are first presented in Section 3.1. They
are parameterized by the Laplacian parameter estimated from the current input DCT
coefficients. As for the transcoder, since its input is already quantized, the input
coefficients no longer have the Laplacian distribution. Thus, a similar but different
rate/distortion models for MPEG-4 transcoding are developed in Section 3.2. Section 3.3

summarizes the chapter.

3.1. Laplacian Rate Model and Distortion Model for MPEG-4

Video Encoding

In this section, the Laplacian distortion model for MPEG-4 encoding is first
developed in Section 3.1.1. This model is developed by simply passing the Laplacian
distributed DCT coefficients through a generalized uniform quantizer. Since the number
of bits to compress a frame is directly related to how the quantized DCT coefficients are
entropy coded, information about the MPEG-4 entropy coder is needed. A model for this
entropy coder 1s proposed in Section 3.1.2. It is then used later to develop the Laplacian

rate model in Section 3.1.3. Since both the rate and distortion models are parameterized
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by the Laplacian parameter, the method to estimate the Laplacian parameter is presented
in Section 3.1.4. Finally, some simulation results are presented in 3.1.5 to verify the

correctness of the proposed models.

3.1.1. Laplacian Distortion Model for MPEG Video Encoding

In general, DCT coefficients can be modeled as having Laplacian or Gaussian
distributions. Both models are widely used. The rate-distortion models presented in this
chapter assume DCT coefficients have Laplacian distributions [9][98] controlled by the

Laplacian parameters (a):

f(x) - ﬁe*“lXI (8)
2

For intra-frames, the distortion comes from the quantization noise when DCT
coefficients are quantized. For inter-frames, the distortion comes from the quantization
noise of the DCT coefficients of the residues. In both cases, the quantizers have dead-
zones. Because the intra-quantizer has a different dead-zone size than the inter-quantizer,
a generalized uniform quantizer with dead-zone is used in the analysis as shown in Figure
3.1, where Q is the quantization step-size, y is the location of the first break point, and p
is the location of the first reconstruction level. In MPEG-4, when the H.263 quantizer is
used, y=1 and p =3/2 are used for intra quantizer, and y=5/4 and p =3/2 are used for inter

quantizer.
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Figure 3.1: Generalized uniform quantizer with dead-zone [99]

By passing the DCT coefficients that are modeled as Laplacian random variables
through the quantizer shown in Figure 3.1, the probability density function (PDF) fy of

the quantization noise (x) can be obtained as [99]:

1
e For ySpSerE:

- IflxIS(p—;/)Q:

,_k/:L , k=0
_Of —a|d | @ —a +k~l)Q+xi| a d[—(p+kAl)Q+x]
filxla)==e“H 4 {—e [t L }
w(xla)=2 ; : e o
A @ €7
2¢O )
= I (p-7)Q<ld<(y-p+1)0:
_ @ -al S A of(prhk-D0tl] _ X o & o0 ol
fN(xm)*ze +kz=x?-e ' T3¢ Ty et H (10)
= If(y-p+1)0<|x<y0:
filxia)=Ze (11

46



Equation (12) summarizes equations (9), (10), and (11):

Q& _qlo a e~apQ -ax ax
Ee K El—e‘”Q(e +e ) |x|£(p—}/)Q
o ag, & e _ (vl
fu(xla)=42 21— (p=r)@<=(r-p+1)0 (12)
S (r-p+1)0<|d<r0
0 > 70
|
. For}/+5<pSy+1:
= Iflx<(y-p+1)0:
k=0 k=0
—— Ia .
=_a_ ~alx - a —a[(p+k-1)Q+x] a a[ {p+k-1)0+x]
fN(xIa) 2e +kz_;[2e +2e } (13)
o e % —ax ax
=5 S )
. If(}/—p+1)Q<|x|S(p—)/)Q:
_ G el SO ellprk o] _ el &€ i
fv(xla) 2e +kz_;23 2e +21_e—aQe (14)
= If(p——y)Q<|x|S7Q:
f,\,(xla):%e_”’"‘| (15)
Equation (16) summarizes equations (13), (14), and (15):
a 'alxl a eﬂapQ —-ax ax
56 +5‘1—;—e:5(€ +e ) I)CIS(}/—p’Fl)Q
o, @ €7y P _
fu(xla)=12°¢ T31 = (r-p+1)0<x<(p~-7)Q (16)
%e“"')“ (p-7)0<P<r0
0 |x|>}/Q
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As an example, for the H.263 intra-quantizer (y =1, p=3/2), and 0=10, the PDF
of the quantization noise for different Laplacian parameters () are shown in Figure 3.2.

PDF of Quantization Noise (y=1.0, p=1.5, Q=10)
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Figure 3.2: PDF of the Quantization Noise of a DCT coefficient for y=1, p=3/2, and Q=10

In both cases, the quantization noise is measured in mean-squared error (MSE).

The quantization noise as a function of quantization steps-size (Q) can be shown to be

MSE(Q| )

=E, [Xz] = onsz (x | a)dx

2 2 2 L,
=?—(7/2Q2+;}/Q+&7)e 0 4 (17)

—ayQ

€ ERPATIVN 2(7",0) 2
1_e~a9{(7 Py o *TQW}

-a(y+1)0

e _ 2 2(}/—p+1) 2
T o [(y p+1) 0 +-—————a Q+—a—2}
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As an example, for intra-quantizer (y= 1, p= 3/2), the MSEs and the PSNRs

(peak signal-to-noise ratio) for different Laplacian parameters () are shown in Figure
3.3 and Figure 3.4. Note that as the quantization step-size increases, PSNR decreases
until saturation occurs (all quantized coefficients become zero). Similarly, as the
Laplacian parameter increases, DCT coefficients become more concentrated around zero

(smaller). Hence, the quantization noise (even if saturation occurs) becomes smaller

(larger PSNR) for the same QP.

MSE as a function of Q (y=1.0, p=1.5) PSNR as a function of Q (y=1.0, p=1.5)
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Figure 3.3: MSE as a function of QP Figure 3.4: PSNR as a function of QP

3.1.2. Modeling the MPEG-4 Variable Length Coding (VLC) Table

In MPEG-4, quantized AC DCT coefficients are scanned into one dimension.
Joint symbols are then formed by combining one non-zero AC coefficient with a run of
zero-value AC coefficients. The non-zero AC coefficient is specified by its sign and its
level. The level is proportional to the reconstruction magnitude (see Figure 3.1). Instead
of estimating the bits for compound DCT coefficients, to simplify the analysis, the cost of

each AC coefficient is estimated alone.
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To do this simplification, from the MPEG-4 document, the lengths of VLC

codewords that have no preceding zero coefficients (the most likely case) are first

examined. As shown in Figure 3.5, the actual VLC codeword length for a single non-zero

AC coefficient can be approximated with a linear model.

Codeword Length (Bits)

20

18

|-frame VLC Codeword Length (Run=Last=0)

T T T

y = 0.309"x + 4.79

5 10 15

T T T T

—— Actual Bits
- - - Approximation i

1 L [ L L

20 25 30 35 40 45 50
Level

Figure 3.5: Codeword length of MPEG-4 VLC table as a function of levels [99]

For AC coefficients quantized to zero, Figure 3.6 shows the codeword length for

level=1 (the most likely non-zero level) versus the number of consecutive zeros (run).

Again, a linear relationship is found. Similar behaviours can be observed for level>1.

Thus, this implies that each zero AC coefficient can be considered as having a fixed

number of bits.
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I-rame VLC Codeword Length (Level=1, Last=0)
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Figure 3.6: Codeword length of MPEG-4 VLC table as a function of runs [99]

Because of the limited VLC table size, the MPEG-4 VLC table cannot index all
possible combinations of levels and runs. For levels and runs that could not be covered by
the table, a fixed-length code (type 3 escape code) is used.

To summarize, the bits () per level (k) of the MPEG-4 VLC table can be modeled

as [99]:
z k=0
r(k)=1<rc(k)=alk|+b k=0)k|<M (18)
rac(k)=c k = 0,|k| > M

The first equation represents bits for zero AC coefficients, the second equation represents
bits for non-zero AC coefficients defined in the VLC table, and the third equation
represents the bits for fixed-length code. In the simulation, the values for @, b, ¢, z and M

are listed in Table 3.1.
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Table 3.1: Model Parameters for MPEG-4 VLC Table [99]
a B c z M
Intra Block | 0.3092 | 4.7932 | 30 | 0.05831 | 54
Inter Block | 0.6904 | 4.5362 | 30 | 0.03294 | 24

3.1.3. Laplacian Rate Model for MPEG-4 Video Encoding

By passing the two-sided Laplacian distributed input through the generalized

quantizer (see Figure 3.1), the output level (k) has the probability density function f;(k) as

e Fork=0: fL(k:0|a)=2EQ%e’“”dx:1~e““7Q

{redo ~ar0 (20 4
o Fork#0: f,(k#0la)= [ Ze=dx=1 (1)

(r+4-1)0

Thus, the quantized DCT level (k) has PDF as

l—e ¢ k=0
fL(k[a): e‘“yQ(e”Q ——1)
2

19)

e M p2g

With the knowledge of the PDF of each quantized DCT level and the bit cost of
each level, the expected number of bits to code a DCT coefficient (with Laplacian

parameter &) when quantized by Q is

00

Bit(Q|a)=E[Bit]= )" r(k) f,(k|a)

k=~
—ayQ aQ o -ayQ aQ
=z(l-e?)+ 2g(ak + b)(#ll e“Q"J + 2}4) lc[i—(zg—ge“@‘} (20)

=z+ (a +b- Z)e—arQ _ (aM b c)e"”‘Q(M“) ta o @) _ maQ(M+7)

l—e*@
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As an example, Figure 3.7 shows the bits per DCT coefficient as a function of
quantization parameter Q for different Laplacian parameters (« ) when quantized with the
H.263 intra quantizer. As expected, when « increases, the DCT coefficients are more

concentrated around zero, hence the number of bits decreases. When Q increases, the

number of bits decreases.

Bits as a function of Q (y=1.0, p=1.5)

Bit

10 20 730 40 50 60
Q (Quantization Stepsize)

Figure 3.7: Bits per DCT coefficient as function of O for H.263 intra quantizer

3.1.4. Laplacian Parameter Estimation for MPEG Video Encoding

Assuming AC coefficients in different DCT blocks are independent, and that they

have Laplacian distributions with the same parameter for each AC frequency, then there
are 63 Laplacian parameters (¢&;,) to be estimated for intra frames, and 64 for inter frames.
Using the maximum-likelihood estimation theory [100], o for DCT frequency (i,j) can be

obtained as
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T [l | ildc% "]
=l

where dct;{m)] is the DCT coefficient of frequency (i,j) in DCT block m, M is the number

of blocks (size of sample space) used in the estimation, and 3, = 0...7. In this thesis, dct
is chosen to be the set of all DCT coefficients over the entire current frame (or the
difference frame) to be coded, i.e., M is the number of DCT blocks in the frame.

Traditionally, rate-control algorithms ([101}-[107]) predict the rate/distortion of
the current frame using past information. For example, [101] keeps historical data
containing the rate and distortion of the previously encoded frames. QPs are calculated
from this historical record. This implicitly assumes temporal stationarity among frames.
When the video is not temporally stationary, the model may generate bad rate/distortion
prediction, which may lead the rate-control algorithm to under/over-spend the bits and
decrease/increase the quality.

Unlike traditional rate-control algorithms that estimate rate/distortion based on the
historical record, the Laplacian distortion model does not rely on past information. Only
the DCT coefficients of the current frame are needed. Thus, the Laplacian model will
give a consistent performance for all frames without requiring any side information about
stationarity of the frame. This feature allows better response to changes in ‘the sequence
characteristics such as scene change, high motion scenes, zoom in/out, etc.

Note that for stationary scenes, it is possible to improve the prediction accuracy
further by estimating the Laplacian parameters using DCT coefficients from multiple
frames. However, this would increase the computational complexity as well. As
demonstrated in the next section, the Laplacian rate/distortion model can give good

prediction based on the Laplacian parameters estimated from the current frame only.
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3.1.5. Verification of the Laplacian Rate-Distortion Model

To verify whether the proposed model predicts rate and distortion accurately,
simulations are performed using an MPEG-4 encoder with constant QP for three 150-

frame test sequences (table tennis, football, and flower garden). All frames are intra

coded.

The analytical (using the Laplacian rate-distortion model) and empirical (using
constant QP) average rate/distortion results for a single DCT block are shown in Table
3.2. For sequence football, the rate and distortion curves of each frame for various QPs
are also shown in Figure 3.8 and Figure 3.9 respectively. These results indicate that the
analytical rates and distortions predicted by the proposed model follow the simulation
results very closely. Note that the y axes of these figures are at different scales to better

highlight the differences between the analytical and empirical curves for each QP.

Table 3.2: Comparison between Simulation (S) and Analytical (A) Rate/Distortion results [108]
Table Tennis Football Flower Garden

Rate (bit) PSNR (dB) Rate (bit) PSNR (dB) Rate (bit) PSNR (dB)
QP S A S A S A S A S A S A
1 309.54 322.73 49.92 50.85 310.21 310.83 49.97 50.61 456.75 474.52 50.20 51.54
7 6776 78.85 3421 33.01 70.70 74.20 34.40 33.73 148.36 152.76 33.84 32.93
13 3331 36.04 30.65 2891 3521 36.61 30.50 29.67 9192 8899 28.55 27.74
19 2070 21.02 28.77 27.00 21.34 21.98 28.44 27.58 63.90 58.14 25.61 2491
25 1459 14.51 27.49 2591 1445 1475 27.07 2627 46.75 4041 23.67 23.08
31 11.08 11.40 26.53 2522 1048 10.67 26.04 2537 3521 29.33 2226 21.79
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Figure 3.8: Rate of Football for various QPs
(Solid curve: Simulation, Dashed curve: Analytical, estimated using the Laplacian rate model) [108]
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(Solid curve: Simulation, Dashed curve: Analytical, estimated using the Laplacian distortion model) [108]
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3.2. Laplacian Rate Model and Distortion Model for MPEG-4

Video Transcoding

In the previous section, the Laplacian Rate/Distortion models are proposed for
MPEG-4 video encoder. For an encoder, since the original video sequence is accessible,
the exact values of the unquantized DCT coefficients are known. However, for a
transcoder, the situation becomes different. The input of a transcoder is an encoded
bitstream (see Figure 3.10), which contains quantized DCT coefficients. Since
quantization introduces noise, transcoders no longer have a good knowledge about the
original sequence. In some situations, heavy quantization of the incoming bitstream
causes many DCT coefficients to be quantized to zero. Thus, all information about the
original sequence is lost. Due to the noise present in the transcoder input bitstream, the

transcoding R/D model is expected to be less accurate than the encoding R/D models.

Input Output
Stream . Stream
—»F VLD H Q! H IDCT ‘@—»

- 3
y

[ MC Framel

Store Rate Control

Frame
MC Store
A

Motion Vectors

Figure 3.10: Cascaded decoder-encoder pixel-domain transcoder architecture [72]{76]

In transcoder, the input contains quantized DCT coefficients rather than

unquanitzed DCT coefficients. This means that the Laplacian R/D model developed in
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the previous section for encoding cannot be applied directly for transcoding. However,
the same principle still applies to transcoding. As a result, although the original
unquanitzed input is not accessible at the transcoder, it is still valid to use the same
assumption as the encoding case that the unquantized DCT coefficients have Laplacian
distributions.

Another important aspect in transcoding is that the input will be re-quantized. As
discussed in Section 2.3.2, requantization introduces additional error than direct
quantization. Thus, this effect should be handled by the rate-distortion model for
transcoding. As shown in Figure 3.10, the input was quantized with step size O, and is
first dequantized with Q. The drift corrected signal is then quantized with step size Q,.
Depending on the relative size of Q; and (,, different relationships of the
break/reconstruction points between the first and the second quantizers are shown in
Figure 3.11 and Figure 3.12. The break points are shown as crosses, and the
reconstruction points are shown as circles. B, /Rn, are used to denote the n-th

break/reconstruction point of the quantizer with step size of Q,,.

s}-1 s] S/ﬂ
——— (M) Q———— Pl (n-m)Q >
B Rik Bt Bima Rims Bim Rim By Bini Ring Bis
Q1 —) ) if,
\ \ /!
\ \ !
\ e \ : St 1
\ \ /
Q, \ — ! !
82,;1 RZ,/‘-1 Bz,i Rz,i Bi',iﬂ
—Q, > Qb Qe
T 7

Figure 3.11: Break and reconstruction points of Q; and Q; in transcoder (Q,<(0,)
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Figure 3.12: Break and reconstruction points of Q, and Q; in transcoder (Q1>()

As shown in Figure 3.11, for 0;<Q-, one or more reconstruction points of the first
quantizer will be mapped to a reconstruction point in the second quantizer. For 0,>(,, as
shown in Figure 3.12, not all reconstruction points of the second quantizer will be
mapped by the first quantizer. In both figures, all uncompressed input in Vornoi region j
bounded by S;.; and S; will be mapped to the reconstruction point 7;. Note that S; are the
break points of the first quantizer, and 7; are reconstruction points of the second quantizer.
Thus, S; are function of Qy, and 7; are function of 0,. However, depending on the relative
size of Oy and O», S;-S;.; may not be 0, but an integer multiple of Q. Similarly, 7}-T;.,
may not be (,, but an integer multiple of ;. As discussed in Section 2.3.2, successive
quantization may cause requantization error. This effect will be dealt with in the
rate/distortion model developed in this section.

Note, when Q=0,=0, S;=B;,;=B,~(y+j)Q and T;=R;;=R;, i.e., all break points
and reconstruction points of the two quantizers are aligned. In this case, no quantization
error will be introduced by the second quantizer.

The derivation used in this section follows the same approach as the one taken in

Section 3.1. The transcoding rate model is first developed in 3.2.1. It is then followed by
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the transcoding distortion model developed in 3.2.2. Finally, a new method to estimate

the Laplacian parameter for quantized input is presented in 3.2.3.

3.2.1. Laplacian Distortion Model for MPEG Video Transcoding

The derivation of the Laplacian distortion model for video transcoding is very

similar to the one for the encoding. The main difference is that there is no fixed

relationship between the breakpoint of the first quantizer and the reconstruction point of

the second quantizer.

As shown in Figure 3.11 and Figure 3.12, when the original input (x) is

requantized with (5, all input within Vornoi region j (S; < x < S;11) will be reconstructed

at 7;. Thus, the expected distortion (D)) of Vornoi region j at the output of the transcoder

is
D, = Ejﬂ (x—Tj)zf(x)dx: J;i’+l(x—7’].)2 (%e'“"jdx

N
I
= {—Ee‘“" [xz +(z—2Tjjx+(%—£Tj +Tfﬂ}
a o’ a

i+l

(24 a a

Denote G(x,1) = —-%e"‘” [x2 + (—2-~ thx +(—2—2 ——2—t + tzﬂ , then
D,=G(S,,.T,)-G(S,.T))

J

Hence, the expected distortion at the output of the transcoder is
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MSE(Q,,0, | @) = [D £ D}
=2([G(5,1,) = (S, T) ] +[ G(8:,7) = G (S, 1) ]+ [ G(S0T2) = G (S Ta) ]+

:z{—G(SO,TO)+i[G(Sj,Tj_l)—G(Sj,T/_)]} (24)

Jj=1

00

ZiSen {(r;-z;al)—z[sj-ri](T,-—T,_l)}

= a
where D," is the distortion of the positive side of Vornoi region 0, 1.e,
D; =G(S,.T,)-G(0,T,).

Note, although Q; and Q, do not appear in (24) directly, this equation is still a
function of Q; and Q; because S; and 7; depend on Q; and Q> respectively. Also, since
there is no fixed relationship between Sj and 7;, unlike in Section 3.1.1, there is no closed-
form solution for (24). As a result, the MSE function is evaluated numerically in the
simulations.

As an implementation note, even though infinite summation is not feasible in

practice, equation (24) can be evaluated with very little effort. Since each summation

—a8; . .
“7 ) as S increases, the summation term decreases

term in (24) is multiplied by e
exponentially, and the summation converges pretty rapidly. Convergence can be achieved
in usually 5~10 summation terms. Thus, the computational complexity of (24) is not
great compared to all other work done in compression.

As a final remark, although the MSE equations (17) (for encoding) and (24) (for

transcoding) look quite different, it can be shown that when Q/=0,=Q, fixed

relationships between §; and T; can be found. By substituting S, :(}/+ j)O and

T, = (p+7)Q into (24), equation (24) will degenerate to (17).

61



3.2.2. Laplacian Rate Model for MPEG-4 Video Transcoding

Like the previous section, the derivation of the Laplacian rate model for video
transcoding is very similar to the one for the encoding. The difference is that there is no
fixed relationship between the breakpoint of the first quantizer and the reconstruction
point of the second quantizer. It also uses the MPEG-4 VLC Table model developed in
Section 3.1.2 to estimate the number of bits per DCT coefficient.

Following the same approach as the one taken in Section 3.1.3, by passing the
Laplacian distributed input through the generalized quantizer (see Figure 3.1), the output

level (k) has the probability density function f;(k) as

« Fork=0: f,(k=0|a) =2J:l=0%e_“xdx:l—e"“sl

e Fork+#0: fL (‘kl %0 | a) _ 2Ek+|%e—axdx = o % _ %S

With the knowledge of the PDF of each quantized DCT level, and the bit cost of

each level (18), the expected number of bits for each DCT coefficient can be obtained as
M S

Bi(0,0.1)=2(1-¢ ")+ ekt - T 3 ]

k=1 k=M+1

(a+b)e”"s‘ ——(aM+b)e'“S“*‘ +
ée'“s" [ (ak +b)—(a(k—1)+b)]

=z+e“(a+b-z)-e ™ (aM +b-c)+ aie’“sk
k=2

= I:Z — zeias‘ :] + + Ce_olSM"l (25)

Since the value of S; depends on the relationship between Q) and Q,, the summation
cannot be simplified further. However, from Table 3.1, the values of M are small, and the
computational complexity of (25) is not great. Also, when Q,=0,, it can be easily shown

that (25) will degenerate to (20).
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3.2.3. Laplacian Parameter Estimation for MPEG-4 Video Transcoding

For transcoder, one way to estimate the Laplacian parameter was proposed m [79].
However, it was developed for the MPEG-2 intra and inter quantizers. In MPEG-4, a
total of four different quantizers can be used (intra/inter for H.261/MPEG-2 quantizers).
Although all these quantizers are uniform quantizers, each quantizer has its unique way to
set the dead-zone. Instead of developing four different ways to estimate the Laplacian
parameter, a general approach is preferable since it can be applied to any arbitrary
quantizers that might have been or will be developed.

Following the same approach as the one taken in [79], this section presents a
method to estimate the Laplacian parameter when the input i1s quantized by a generalized
uniform quantizer (see Figure 3.1). In other words, the solution presented in this section
is a generalization of the solution provided in [79].

By passing the two-sided Laplacian distributed input through the generalized

quantizer, the absolute output level (k) has the probability density function f;(|k|) as

ZLnge_”dx:l—e_“yQ k=0
2
f(H)=1 e k (26)
2 [ Zemdv=e M2(1-e0) 20
2
(r+k-1e

Let y be the non-zero reconstructed DCT coefficient of level k at input of the transcoder.

From Figure 3.1, y can be expressed in terms of k and Q as

y[=(p+k-1)0=(jk|-1)0+ pQ 27)

or

(kl-1)2 =]y~ p0 (28)
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Substitute (28) into (26):

£, (' k| - 0) = o alrorbl-e0) (1 _ e~aQ) = o bl=(e-7)0) (1 3 e,ag) 29)

Let p(y) = P(y1, y2, -.. yw) be the joint probability of N observed values of y, and there are

Ny number of zeros inside these N samples, then

p(y):( —ayQ)No ﬁ {e (Ll =(o-7) )(1_64@)}

n=ly,#0 . (30)
— 1_e—ayQ o —e® N-Ny e*a’(l}’n]* P‘}’)Q)
(t-eme)™ (e T
From maximum likelihood theory, the Laplacian parameter « should satisfy
0
—1In 0
S nr(y)= (31D
Hence,
iln{(l__e—arQ)NO (1 o0 )N Mo ﬁ o~ nl-(p-7)0)
ox n=l,y, #0
Y 1n(1—e“”Q)+(N—N)1n e @ y
da| oJin(i=e7e)- ngioa(y"‘ 70 3
e ve Pl N
O g+ (N - N)Q1 = 2 (l-(p-7)0)
—€ n=l,y,#0
=0
or

Non(l—e_aQ)+(N“NO)Q(l—e_“}’Q)__
(1=e7)(1-¢2) 3 (jy,|-

n=1,y, #0

(33)

-7)Q)=0
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N
Let z=e™ M=N-N,, 4= 3 (

n=1,y,#0

yl=(p=7)0)=(N-N)(y-p)Q. B=NyQ,

and C =(N—N,)Q. Then, (33) becomes

B (1-z)+Cz(1-2")~(1-z)(1-2" ) 4=0 (34)
Regrouping z and z”, (34) becomes

—~(A4+B+C)2" +(A+B)Z +(A4+C)z—4=0 (35)

Note that since both « and Q are positive, 0 < z=e ®@ < 1. Thus, although there might be
multiple solutions to (35), the valid solution of z must be between 0 and 1. Once the zero

is found, by using the definition of z, the estimated Laplacian parameter is

Iz
0

As mentioned in Section 3.1.1, in MPEG-4, when the H.263 quantizer is used,

o =

(36)

»=1 for intra quantizer, and y=5/4 for inter quantizer. For y=1, (35) becomes a quadratic

equation, and the zeros are at

Z:(2A+B+C)i\/(2A+B+C) —44(A4+B+C) -
2(A4+B+C)

However, for y =5/4, due to the non-integer power, there is no closed-form solution for
(35). Thus, numerical solution is used in simulations. Although there are many numerical

methods to solve (35), binary search is used since the valid z is bounded.
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3.3. Chapter Summary and Remarks

In this chapter, the Laplacian rate-distortion models for MPEG-4 encoder and
transcoder are introduced. These models are derived based on the assumption that DCT
coefficients have Laplacian distributions. Since the model parameters (Laplacian
parameter) are derived from the input DCT coefficients of the current frame, temporal
stationarity of the sequence is not assumed. Also, since generalized quantizer is used, the
quantizer dead-zone is considered in the derivation. As demonstrated in the results, the
models predict both the rates and the distortions quite accurately. These R/D models are
used by the rate-control algorithms presented in the following chapters to help
determining the QP(s) based on the specific rate/distortion constraints.

As a final remark, the rate/distortion models developed in this chapter are based
on assuming the input having Laplacian distributions. As discussed in the beginning of
this chapter, other distributions could also be used to model the DCT coefficients. If one
decides to use another distribution, the same approach taken in this chapter can still be
used to develop new rate/distortion models for other distributions. The Laplacian
distribution 1s chosen because it is the most widely assumption used in the research. Also,
the simple definition of the Laplacian PDF makes the analysis simple and clear. As

shown in this chapter, close-form solution is obtained in many instances.
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Chapter 4

Constant Bit Rate Control Algorithms

In the past, most rate control research emphasized constant bit rate (CBR) control.
One reason for this is the requirement of transmitting video over fixed bandwidth
communication channels. Having constant bitrate also facilitates the design of hardware
video decoders since the maximum buffer size can be determined from the bitrate at
design time.

The CBR constraint is achieved by having a fixed-size buffer. Buffer is used as a
temporary storage of the encoded bitstream. Depending on the target bitrate and the
buffer size, a fixed number of bits are taken out of the buffer for every fixed time interval.
Thus, the buffer is used to regulate the maximum number of bits that can be transmitted
in a fixed time interval. In CBR applications, one should always avoid buffer overflow.
In most cases, avoiding buffer underflow is also desired.

In general, CBR control algorithms work according to the following three steps.

1. Allocate the target number of bits for each frame according to the target bitrate
and current buffer status.

2. Compute the quantization parameter(s) (QPs) according to certain rate/distortion
model. For frame-level quantization, only one QP is used for all macroblocks

(MBs) within the frame. For macroblock-level quantization, QPs may vary from

MB to MB.
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3. After encoding the frame, the rate/distortion (R/D) model parameters are updated

for future use.

In general, rate-control algorithms regulate rate/distortion by adjusting the QPs. In
MPEG-2/4 and many other video compression standards, QPs can be changed at both the
frame and the macroblock level. If a rate control strategy calls for frame-level QP control,
the same QP must be used for all macroblocks in the same frame. Since there are only 31
possible choices for QP (for 5-bit precision quantizer, QP#0), it is relatively simple to
compute a QP that is optimum for some criteria. However, this may result in deviations
from the desired target since only a small number of choices are available for each frame.
In contrast, if a rate control strategy calls for macroblock-level QP control, different
macroblocks within the same frame are allowed to use different QPs. Since there are
many more choices of QPs per frame, the desired target may be more closely matched;
however, the sclection of macroblock-level QPs is more complex to compute than the
selection of frame-level QP. In addition, extra overhead will be required to transmit the
QP changes. This may lead to a larger bitstream and lower compression. Note that for
both rate control strategies, the complexity at the decoder side remains the same.

In this chapter, two CBR algorithms are proposed that use different R/D models.
In Section 4.1, a CBR algorithm for MPEG-4 is presented that uses the Laplacian rate
model developed in Section 3.1.3. It is referred to as LPECBR (Laplacian Parameter
Estimation CBR) algorithm [108]. Like Q2 [7], it controls the QP at the frame-level.
Section 4.2 presents another CBR algorithm for MPEG-2 that improves the subjective

quality measured in Watson’s digital video quality (DVQ) [3][4] metric. It is referred to
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as SQBCBR (Subjective-Quality-Based CBR) algorithm [109]. Like TMS5 (Test Model 5)

[8], it controls the QPs at the macroblock level.

4.1. MPEG-4 Laplacian Parameter Estimation CBR
(LPECBR) Control Algorithm

In general, for intra frames, the DC DCT coefficients can be modeled as having
uniform distributions [9], while the AC DCT coefficients can be modeled as having
Laplacian distributions [9][98]. Since the bits for each frame are generated by entropy
coding the quantized DCT coefficients, the number of bits used to code the frame is

affected by the distribution of the DCT coefficients as well.

4.1.1. The LPECBR Algorithm

The LPECBR algorithm [108] is designed for MPEG-4, and is based on the Q2
algorithm. It uses the same target-bit allocation algorithm as used in the Q2 algorithm.
On the other hand, it uses the Laplacian rate model to select the best quantization

parameter for the given bit budget. It aims at meeting the target bit more accurately than
Q2.
The best QP is the QP that generates the number of bits closest to the target, i.e.,
8 8
OF,eq = arg min Birra,ge,—ggBiz(Q|a,»,,.) (38)
where Bit(Q|;;) defined in (20) is the expected number of bits when DCT coefficients of

frequency i,j with Laplacian parameter ¢;; are quantized with Q.
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4.1.2. Simulation Results and Discussions

Two test sequences (table tennis and football, 150 frames each) are MPEG-4
encoded (with pure I-frames) using both the proposed and the Q2 algorithms at different
bitrates. The simulation results are shown in Table 4.1 and Figure 4.1.

Note that for all simulations in this thesis, to ensure the correctness in coding the
encoders (MPEG-2 and MPEG-4) and the reference algorithms (Q2 and TMS), the
encoders and the reference algorithms are complied based on the original ISO
(International Organization for Standardization) reference software source code (written
in C language). Furthermore, to ensure the program is free of possible errors caused by
compilers, the same source code is complied using three different compilers under
different operating systems (Microsoft Visual C++ 6.0 for Windows, Microsoft Visual
C++NET 1.0 for Windows, and GNU G++ 3.3.2 for UNIX). These three encoder
versions are tested by encoding the same video sequence (table tennis) with the same
GOP structure (IBBP with intra period of 15 frames) at the same bitrate (1000 kbps). In
each test, two outputs are generated: the decompressed video in raw form and the
encoded bitstream. The encoded bitstream is then decompressed with the standard
decoder to produce a second version of decompressed video in raw form. Finally, these
raw videos (six versions) are compared with each others. This test procedure ensures all
encoder versions give the same behaviour when they are complied by different compliers
and run under different operating systems. It also increases the confidence level that the
implementations of the proposed algorithms are based on a trustworthy encoder, and the

simulation results obtained in this thesis are valid.
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As shown in Table 4.1 and Figure 4.1, the LPECBR algorithm meets the target
rate more accurately than Q2, and this is essential for CBR application. This is especially
true for the 8 Mbps cases. Another important feature of the LPECBR algorithm is that it
has smaller rate variance than Q2. Having smaller rate variance means that the buffer size
can be reduced. Smaller buffer translates to lower transmission delay and lower cost for
the digital video receiver. Note that the only exception where LPECBR has larger rate
variance than Q2 is in the table tennis 8 Mbps case. For this case, although LPECBR has
the larger rate variance than Q2, it meets the target bitrate more accurately than Q2. As
shown in Figure 4.1.f, the Q2 is always under-spending the bits while the rate of the
LPECBR is oscillating about the target rate, which increases the rate variance. As a final
remark, the LPECBR produces a similar PSNR variance as Q2 does. Although the PSNR

variation is not considered by both algorithms, it will be considered in the next chapter.

Table 4.1: Rate/PSNR comparison between Q2 and the LPECBR algorithm at different bitrates

Table Tennis Football
Q2 LPECBR Q2 LPECBR
Rate (kbps) 1000.66 | 1007.85 980.08 999.80
Rate Variance (x10°) 20.82 4.30 14.01 6.13
PSNR (dB) 27.82 27.84 27.60 27.70

PSNR

Rate (kbps) 3930.07 4005.

Rate Variance (x10°) 355.33 68.97
PSNR (dB) 3542 35.50
PSNIE Variance 7.46 7.72
Rate (kbps) 7996.63 6931.05 8017.74
Rate Variance (xlO‘i 856.33 1063.87 2420.74 711.52
PSNR (dB) 40.59 42.25 40.27 41.41
PSNR Variance 0.25 3.46 1.11 5.63

71



x 10° Tennis: 1.0 Mbps

-- -2
\ ——— LPECBR
1

20 40 60 80 100 120 140

PSNR (dB)

20 40 60 80 100 120 140

Frame
a) Table Tennis at 1.0 Mbps
x10° Tennis: 4.0 Mbps

Bits

PSNR (dB)

20 40 60 80 100 120 140

Frame
c) Table Tennis at 4.0 Mbps
x 10° Tennis: 8.0 Mbps

Bits

PSNR (dB)
& &
'
|
%

401 A
I
38}/ |
36 L L S . L .
20 40 60 80 100 120 140
5q . .
i ----Q2
41 ]
o 4 LPECBR
(s} 1

A (VT VMR
2 L e 1 L L i,
20 40 60 80 100 120 140
Frame

¢) Table Tennis at 8.0 Mbps

Football: 1.0 Mbps

AN

Bits

PSNR (dB)

Frame
b) Football at 1.0 Mbps
x 10° Football: 4.0 Mbps
18 '
16
2 14
@ 12
1
0.8 L i . : Ve

20 40 60 80 100 120 140

PSNR (dB)
F3§$E§$‘ﬁﬁ
t
|
[»]
58
2]
a
] 4
i

k . . ; . . . .
20 40 60 80 100 120 140
10 - v v T v
8
3 6
4
2 s i Il A 1 L L
20 40 60 80 100 120 140
Frame
d) Football at 4.0 Mbps
x 10° Footbati: 8.0 Mbps

Bits

48
o 46
S u
€ a2
&
o 38
20 40 60 8 100 120 140
5
4
o
53
2
1 S L 1 L N 1 L
20 40 60 80 100 120 140
Frame
f) Football at 8.0 Mbps

Figure 4.1: Rate, distortion, and quantization parameters of Q2 (dashed curve) and LPECBR (solid curve)
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4.2. MPEG-2 Subjective-Quality-Based CBR (SQBCBR)

Control Algorithm

In the LPECBR algorithm (for MPEG-4) presented in the previous section, the
only concern is to produce a CBR bitstream. The quality of the bitstream has not been
taken into account. In this section, a MPEG-2 Subjective-Quality Based CBR (SQBCBR)
[109] control algorithm is proposed that attempts to improve the subjective quality while
keeping the CBR constraint.

In MPEG-2, the recommended rate control algorithm is TMS5 [8]. Since human
beings are the final receivers of the video, it would be ideal to obtain the best perceptual
video quality for the same bitrate. Unfortunately, TM5 does not take the perceptual
quality into account. In this section, Watson’s DVQ [3][4] metric is used by the

SQBCBR algorithm to estimate the subjective quality.

4.2.1. SQBCBR and TM5

TMS works in three steps: target-bit allocation, rate control, and adaptive
quantization. The SQBCBR is built based on TM5 by changing the way target-bit is

allocated for each frame. In TMS5, the target bit (Typss) for /P/B frame is allocated as

follows.
Bit rate
= max = , X =S .
I/B/P {TB”B/P 8><Picture_rate} I1/B/P I/B/P QI/B/P
N, X N, X K, X K, X
1B, =1+ PPy 8 B,TB =N,+N, — —£ B,TB =N, NP—i—P
XI KP XI KB KB P P B
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where

e T Target bits allocated for next frame in the group of picture (GOP).

e R: Remaining bit assigned for this GOP.

e X: Global complexity measure

e S: Bit spent for encoding current frame.

e (: Average g-factor of current frame

e Nps: Remaining number of B/P-frames in this GOP.

e Kpj: Universal constant for the quantization matrix. For the default MPEG-2

quantization matrices, Kp=1.0 and Kz = 1.4.

Note that in TMS5, the target-bit allocation uses average g-factor to compute the
global complexity measure (X). Since the MSE is proportional to the square of the
quantization step size (proportional to the g-factor), higher g-factor means worse quality.
Since the result of Watson’s DVQ is an error metric, and higher error value means worse
quality, the SQBCBR algorithm integrates Watson’s DVQ into TMS by replacing the
average g-factor (Qypp) with the Watson’s DVQ error metric, i.e., Xypp = Sysp X DVQ.

Besides replacing the average q-factor with Watson’s DVQ, more modification is
needed. In TMS5, the global complexity measure (X) for the next frame of the same type is
updated based on the current frame, and the encoding order of the frames is independent
from the displaying order of the frames. On the other hand, Watson’s DVQ uses
temporal-filtering, which depends on the display order of the frames. Since the encoding
order (IpP3BB;PsB4Bs...) is not the same as displaying order (/yB;B,P3;B.BsPs...), the
DVQ calculations of I- and P-frames are delayed. Note that no extra frame buffering is

needed because previous frames are already buffered by the ME/MC (motion
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estimation/motion compensation) component of the encoder. Thus, the frame information

can be reused by the DVQ.

4.2.2. Simulation Results and Discussions

Since the universal constants (Kp) in TMS are scaling factors of the Xp/, and the
DVQ is used to compute X instead of average gq-factor, Kpz may also need to be changed..
To find the optimum Kp/g for the SQBCBR algorithm, simulations are performed.

As in TMS5, Kp is kept at 1.0. By varying the value of K3, the effect of K on the
overall quality is investigated. The goal of the simulation is to find the optimum Kjp such
that the quality of the encoded sequence using DVQ is better than the one using TMS5.
Note that since DVQ tries to estimate the perceptual quality, better DVQ does not imply
better PSNR, and better PSNR does not imply better DVQ.

Three test sequences (table tennis, football, and Coke) are used in the simulation.
Each sequence has 180 frames and is encoded at 2 Mbps using I/B/P frames with GOP of
15 frames with 3 frames between the I- and P-frames. Each sequence is encoded using
two MPEG-2 encoders: one uses TMS5 and the other uses the SQBCBR algorithm. The
simulation results are compared in terms of both PSNR and Watson’s DVQ. The results
are shown in Figure 4.2 to Figure 4.7 and summarized in Table 4.2. Note that the best

Kp’s for all test sequences are around 1.0.
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1014

0.999

Best K; 1.001

. DVQ 4.075 10.429 10.159

MPEG-2 Encoder using I‘Ihe PSNR (dB) 39.517 37.658 37.005
TMS rate-control algorithm =2 "e =0 5018757 5039803 5045350
MPEG-2 Encoder using the DVQ 3.773 10.387 10.207
SQBCBR rate-control | PSNR (dB) 40.264 37.605 36.953
algorithm Bit Spent 4971048 5031864 5033492

As shown in Table 4.2, for sequence table tennis, the SQBCBR algorithm
performs significantly better than TMS5, both in terms of the DVQ (lower is better) and
the PSNR (higher is better). For sequence Coke, the SQBCBR algorithm performs
slightly better than TMS5 in DVQ, but slightly worse in PSNR. For sequence football, the
SQBCBR algorithm performs slightly worse than TMS5 both in terms of the DVQ and
PSNR.

These simulation results suggest that the SQBCBR algorithm performs
significantly better than TM5 for low-motion video sequence (table tennis). For high-
motion sequences (Coke and football), the SQBCBR algorithm performs about the same
as TM5. This phenomenon may be attributed to the following factors:

¢ The DVQ computation of the I- and P-frames is delayed in the SQBCBR
algorithm because DVQ relies on the displaying order rather than the encoding
order. Thus, the SQBCBR algorithm reacts slower than TMS5. This affects the
performance of the SQBCBR algorithm in high-motion scenes.

e The DVQ uses several low-pass filters. The choice of the time constants for these

filters may affect the performance of the SQBCBR algorithm for high motion

scenes.
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4.2.3.

4.3.

Issues with the SQBCBR algorithm

There are several issues with the SQBCBR algorithm:

Sensitivity to Kz: The SQBCBR is sensitive to value of K. From the simulation
results, different Kp yields different quality. Different bitrates have different
optimum Kp.

Sensitivity to High Spatial Activity: The sequence football has worse DVQ than
the TM5, while other sequences have better DVQ. Since football contains high
spatial activities, while table tennis and Coke do not, this suggests that the DVQ
might be over-sensitive to the high spatial activity.

Computational Complexity: The DVQ adds extra computation complexity to the
encoder, which increases encoding time per frame.

Non-Standard Objective Quality Metric: The notion of objective quality is still
new today. The VQEG has not decided the final version of the quality model in
both phase I [66] and phase II [110] reports.

Chapter Summary

Two CBR algorithms are proposed in this chapter. The MPEG-4 LPECBR

algorithm uses the Laplacian rate model to compute the frame-level QP for a given target

bit. Simulation results suggest that it meets the target bitrate more accurately and has

smaller rate variance than the Q2 algorithm. The MPEG-2 SQBCBR algorithm uses the

Watson’s DVQ metric to improve the subjective quality. It offers better DVQ quality

than TMS5 for low-motion sequences, and it offers about the same DVQ quality than TM5

for high-motion sequences. However, as mentioned in Section 4.2.3, since the DVQ

metric is not a standard way to predict the subjective quality, this thesis still uses

traditional PSNR as the measure of quality in the following chapters.
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For both algorithms proposed in this chapter, the main concern is to meet the
target bitrate with better quality (i.e., the average quality). The variation in quality is not
considered. In the next chapter, several rate-control algorithms are proposed that attempt

to control the quality as well as the bitrate.
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Chapter 5

MPEG-4 Constant Quality Rate Control Algorithms

In the past, most video rate-control research emphasized constant bit rate (CBR)
applications. The aim of these algorithms was to produce a bitstream that meets a certain
bitrate over some period of time (buffer control), and to achieve quality as high as
possible. Due to the rate constraint and the non-temporally-stationary nature of the video
sequence, the encoder has to spend approximately the same number of bits (CBR) for
both easy-to-code frames and for hard-to-code frames. This results in better quality for
easy-to-code video sections, and worse for hard-to-code video sections. Thus, the quality
of the compressed sequence changes over time, and cannot be guaranteed. This is not
desirable. In this chapter, constant quality (CQ) rate control algorithms are studied.

As mentioned in Chapter 4, rate-control algorithms regulate rate/distortion by
adjusting the quantization parameters (QPs). In MPEG-4 and many other video
compression standards, QPs can be changed at both the frame and the macroblock (MB)
level. Frame-level control of QP is relatively simple to compute since only one QP needs
to be determined for each frame. However, since there are only a small number of
choices of QP in each frame, frame-level QP control may result in larger deviations from
the desired quality. In contrast, macroblock-level QP control can meet the desired quality
more closely. However, because there are many more choices of QPs, macroblock-level

QP control 1s more complex to compute than frame-level QP control. In addition, in order
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to properly decode the bitstream, changes in the macroblock QPs are also needed to be
transmitted. This may lead to a larger bitstream and lower compression.

The most straightforward CQ rate control algorithm is to apply a constant QP for
the entire sequence. Unfortunately, because of the non-stationary nature of video
sequences, constant QP does not, in general, generate a constant-quality bitstream.

In the past few years, several CQ algorithms ([5],[6],[101]-[107],[111],[112])
have been reported, in which different QP control strategies, rate-distortion models, and
channel properties are used/assumed.

Most of these algorithms use frame-level QP control. Only [104] and [106] use
macroblock-level QP control. Different rate-distortion models are also used, such as the
MAD (mean absolute difference) quadratic model in [101], the MPEG-4 quadratic model
in [104], the Bayesian estimation model in [105], and the high-resolution model in [106].
In [102] and [103], algorithms are designed for transmitting video over ATM/DiffServ
(Asynchronous Transfer Mode/Differentiated Service) channels. Except in [102] and
[106] which use VBR (variable bit rate) channels, a CBR channel is assumed in all other
work.

To achieve CQ, different approaches/contexts are used/assumed in these
algorithms. In [101], multi-pass quantization is used to find the best QP for the bit budget
determined by the target-bit allocation algorithm. In [102], a lossy DiffServ channel is
assumed. Constant quality is achieved by sending video packets using either low-loss
premium packets or best-effort packets depending on the perceptual importance of each
MB. In [103], quality is controlled by using the minimum-maximum distortion (MMAX)

criterion over an ATM channel with token bucket (TB) traffic shaping. Two algorithms
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are proposed in [104] for base layer and enhanced layer control of MPEG-4 fine-grain
scalability (FGS) video. With the help of enhanced layers, CQ 1s achieved within each
GOV (group of video object plane), but not across the GOVs. In [105], instead of using
the DCT (discrete cosine transform), a wavelet transform is used. QPs are adjusted based
on the mean absolute wavelet coefficients. In [106], a controllable VBR (CVBR) channel
is considered. A weighting factor is used to balance the buffer occupancy and/or the
distortion variation. In [107], stochastic dynamic programming (SDP) is used to control
the buffer status, distortion, and distortion variability (absolute distortion difference
between adjacent frames). In [5] and [6], the quality is controlled indirectly through the
target bit allocation using MAD (in [5]) or number of zeros (in [6]) to compute the target
bits. Both [111] and [112] are intended for offline use. The rate/distortion information is
computed offline prior to the actual encoding. The work in [111] 1s based on spectral
FGS (SFGS), which is modified from MPEG-4 FGS. Dynamic programming (DP) is
used to allocate bit/distortion for different frames and layers. For [112], the input
sequence is first segmented into shots based on scene activities. Rate-distortion
optimization is then applied to compute the best QP for each shot. Note that bidirectional
coding is not allowed in [112].

While the term CQ is used in many of the reviewed work, until recently, there
was no clear measure of how constant the quality is, and it is not possible to quantify the
performance of these algorithms. In this chapter, quality is measured in PSNR (peak
signal-to-noise ratio). CQ is measured by the variance of the PSNR over time. This CQ

measure 1s also used in [5] and [6] (PSNR standard deviation). A good CQ control
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algorithm should have low PSNR variance (ideally zero) while having high average
PSNR.

Six CQ control algorithms are proposed in this chapter. Unlike all previously
reported CQ algorithms that control the quality indirectly through the target-bit allocation,
the proposed CQ algorithms control the quality directly through quality matching
(QM)/bit matching (BM) algorithms that are presented in Section 5.1. The QM/BM
algorithms compute the best QP(s) for a given target-quality/bit-budget. They are used by
all CQ algorithms presented in this chapter. The first two CQ algorithms are presented in
Section 5.2. They are designed for VBR applications with a fixed target quality. The
other four CQ algorithms are for CBR applications. Two of them presented in Section 5.3
use a fixed target quality, and the other two presented in Section 5.4 adjust the target
quality dynamically. Within each group of two CQ algorithms, one of them uses frame-
level QP control, and the other uses MB level QP control. Section 5.5 summarizes this

chapter.

S.1. Quality Matching and Bit Matching Algorithms

This section presents quality matching and bit matching algorithms. They are used
to find the QP(s) such that the resulting compressed frame best matches a given target
quality or bit budget. Two types of QM/BM algorithms are presented in this section. The
Frame-level Laplacian QM/BM (FLQM/FLBM) [99] algorithms are presented in Section
5.1.1 and 5.1.2. They use the MPEG-4 Laplacian distortion/rate model for encoders
developed in Section 3.1 to find the best QP for the entire frame. The Macroblock-level

Viterbi QM/BM (MVQM/MVBM) [99] algorithms are presented in Section 5.1.3 and
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5.1.4. Instead of using the Laplacian distortion model, they use real MSE (mean squared

error) data and the Viterbi algorithm to find QPs for each macroblock.

5.1.1. Frame-Level Laplacian Quality Matching (FLQM) Algorithm

The FLQM algorithm is used to determine the QP that best matches the given
target quality (MSE rarger):

Step 1: Use (21) to estimate the Laplacian parameters (a;;) of the current frame,
where a;; is the estimated Laplacian parameter of DCT frequency (i,)).

Step 2: The selected QP is the QP with MSE (defined in (17)) that is closest to the
target MSE, 1.e.,

> MSE(QP|a,,) (39)

j=1

. 1<
QRS‘elecled = argQ[[l:lln MSE Target -
=1

i

where QP= 2,4, 6... 62.

In practice, some frames/DCT coefficients will not follow the Laplacian
distribution. A correction factor (Jusg) is added to Step 2 to compensate for any deviation.
The correction factor is defined as the difference between the analytical MSE and the real

MSE of the previously encoded frame of the same type. Thus, (39) becomes

) 13
QRS‘elected = arg min MSE Target - 5MSE +
or 643

iMSE(QP e, 1))

Jj=1

i

- (40)
1
8,y = ActualMSE,, , - EZE > MSE(QP,,.,., | @ _ Previous, )

i=1 j=1

where ActualMSEprevious 5 QPprevious and o Previous are the actual MSE, QP, and

Laplacian parameters of the previously coded frame of the same type.
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5.1.2. Frame-level Laplacian Bit Matching (FLBM) Algorithm

Similar to the FLQM, the FLBM algorithm is used to determine the QP that best
matches the given bit budget (Bitzarger):

Step 1: Use (21) to estimate the Laplacian parameters (a;) of the current frame,
where ¢ is the estimated Laplacian parameter of DCT frequency (i,j).

Step 2: The selected QP is the QP with the estimated number of bits that is closest
to the target bits, 1.€.,

Bity, . — (53,., + iiBit(QP | ai,j)]

i=t j=I

QPSelected = arg min
oP

(41)
§ 8

Oy, = ActualBit,,, . .. — Z Z Bit (QPPrew.ous | & _ Previous, )
-

i=l j=1
where QP = 2, 4, 6. 62, and Bi(QP|a;;) is defined in (20),
ActualBitpreyious » OPprevious and a_Previous are the actual number of bits,
QP, and Laplacian parameters of the previously coded frame of the same

type.

5.1.3. Macroblock-level Viterbi Quality Matching (MVQM) Algorithm

In order to meet the target distortion more accurately, a macroblock level quality

control algorithm is derived to solve the following problem:

l oM
arg min| MSE —_ A MSE. P 4
QP%.‘QPM Target M Zz:l i (Q ,) ( )
where MSE7.q. 1s the target MSE of the current frame, QP; is the quantization parameter

for macroblock i, M is the number of macroblocks, and MSE{(QP;) is the MSE of

macroblock i when quantized with OP;. Note that (42) can be reformulated as

arg min
OR ...0Fy

oo (7, - MSE, (0P) | (43)

where T; is the target MSE of macroblock i, and
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Unlike in MPEG-2 where the standard does not put any limitation on the
transition between OP; and QP;+1, MPEG-4 allows only limited changes (referred to as
dquant for 1-/P- VOPs (video object planes), and dbquant for B-VOPs) between OP; and
QP;,. For I- and P-VOPs, dguant can have values of -2, -1, 0, 1, and 2, l.e., one can at
most change the QP by +2 from one MB to the next. Note that for P-VOP MBs with four
motion vectors (InterdV mode), no dquant is allowed, i.e., one cannot change the QP for
Inter4V macroblocks. As for B-VOPs, dbquant can have value of -2, 0, and 2. Thus,
fewer choices for QP are available. All these constraints are considered in the MVQM
algorithm.

Since there are a maximum of 5 possible QPs for each MB in I/P VOPs, if
exhaustive search is used, for N macroblocks, there are approximately 31x5"™" possible
choices of QPs (paths). Similarly, there are maximum of 3 possible QPs per each MB,
and about 31x 3" ' paths for B-VOPs. Since N is usually in the order of hundreds or

thousands, the complexity of an exhaustive search is clearly too large. The well-known.

Viterbi Algorithm (VA) [113]{114] is used to reduce the search complexity as is detailed

in the next section.

5.1.3.1.  Using the Viterbi Algorithm in MVOM
The Viterbi algorithm is a dynamic programming algorithm. It can be used to find
the most likely path in a finite-state trellis of memoryless noise. Its complexity grows

linearly with the length of the trellis. It is often used to solve the minimum path problem
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in a trellis, where the distance between each state is non-negative. Since each summation
term in (43) could be either positive or negative, the VA cannot be used directly.
One way to address this problem is to alter (43) so that summation terms are non-

negative, i.e., approximate (43) with

argmin " |T. — MSE, (QP)| (45)
OR...0Py
The VA can then be used to find the optimum solution for (45). Note that since (43)
allows cancellation of positive and negative summation terms but (45) does not, the
optimum solution given by (45) is suboptimum with respect to (43). Simulation results
indicate that (45) provides reasonably good results (see Section 5.2.4) for the problems
studied in this thesis.
Since the global target (MSEr,4.) is used to generate macroblock targets (7;), for
any MSET,reer, there are a large number of ways to assign the 7;. With (45), the VA only

gives the optimum solution for each set of assigned 7;. The choice of the 7, of course,

affects the global optimality. In the next section, a method for setting the 7; is discussed.

5.1.3.2.  Setting the Macroblock Target MSE (T)
Three trivial ways to set the macroblock target MSE (7)) are:
e Averaging function: T; = MSE7,z..
¢ Normalized MSE from the optimal frame QP:

The optimum frame QP is the constant QP for all MBs resulting in the closest

MSE to the target MSE, i.e.,

) 1
QPOptimum = arg mn MSETarget - _M_ZZI MSEt (QP) (46)
QP
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Since the MSEs of all MBs and QPs must be known in order to use this algorithm,

it is very easy to find the optimum frame QP. Set the 7; to be the normalized MSE
of the optimal frame QP path, i.e.,

MSE, ( OPpyiimm)
7 S MSE (P

e Normalized MSE from the optimal frame QP=+1:

T = x MSE (47)

Target

Similar to the previous case, instead of normalizing the MSE of the optimal frame
QP, normalize the MSE of the adjacent QP that encloses the target MSE. To be
more specific, if the MSE of the optimal frame QP is smaller than target MSE,

normalize the MSE of QP-+1. Otherwise, normalize the MSE of QP-1.

Note that all three methods of setting the initial 7; satisty equation (44). Since
these trivial ways to set the T; are simple to compute and the VA uses low computation as
well, one may try all three, and then select the result that gives the best match.

Further refinement is possible. This is done by running the VA repeatedly with a
refined set of 7; in each iteration. For each iteration, the new set of 7; is obtained by

normalizing the selected path MSEs of the previous iteration. The MVQM algorithm is

outlined as follows.

Step 1:  Set the initial 7; using one of the methods as described above.

Step 2:  Run the VA to minimize (45).
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Step 3:  If the selected QPs are the same as those in the previous iteration, or if the
difference of the resulting MSE between the current and the previous
iteration is smaller than a threshold, stop the algorithm.

Step 4:  Set the new 7; to

MSE,(QP,)

0 x MSE.
M
—AZZileSEi(QR’)

Target

T - (48)

where OP; is the QP of macroblock i selected in Step 2 of this iteration.
Note that the new set of T; still averages to MSETarger.

Step 5:  Go to Step 2.

By running Steps 2-5 repeatedly, it is possible to narrow the gap between the
selected path MSE and the target MSE. In the simulations, all three trivial initial settings
of the T; are used. Out of the three selected paths, the one with the closest MSE to the
target MSE is chosen to encode the frame. Although the MVQM algorithm gives a

suboptimal solution to (42), simulations indicate that the algorithm meets the target MSE

very well (See Section 5.2.4).

5.1.3.3.  Complexity issues to compute MSE for all macroblocks in MVQOM

The MVQM algorithm achieves the target quality by finding a path such that the
difference between the overall MSE and the target MSE is minimal for a given set of 7.
Instead of using exhaustive search (about 31x 5" additions), the VA (about 5x31x N

additions, for each time VA is run) is used to reduce the complexity of the search for N
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macroblocks in the case of I/P frames. Simulations indicate that, in general, the MVQM
converges in 4~6 VA iterations.

The main complexity of the MVQM algorithm is the computation of the MSEs of
all macroblocks for all QPs. In the simulation, this information is obtained by doing the
following 31 times: quantizing and de-quantizing the DCT coefficients, and computing
the MSE of the entire frame. Since the DCT is an orthogonal transform, instead of
computing the MSE in the pixel domain, the MSE is computed in the DCT domain. The
computational complexity of each 8x8 block is modeled as follows.

e Quantization and de-quantization: 128 multiplications and 128 additions.
¢ Compute MSE: 64 multiplications and 64 additions.

By repeating this process 31 times, obtaining the complete MSE information of
each 8x8 block would require 5952 multiplications and 5952 additions. This process is
computationally expensive and time consuming. For applications that have limited
computation power or a limited encoding time constraint, it may not be feasible to do this.
Several alternatives may be used to reduce the complexity further by sacrificing the MSE
accuracy.

The main idea behind the fast (and suboptimum) alternatives is to reduce the
number of candidates (either the number of QPs or length of the trellis). As an example,
instead of quantizing/de-quantizing 31 times, one may quantize fewer times and
interpolate the missing MSE data points. If quantization is only performed for QP=1, 6,
11, 16, 21, 26 and 31, the computational complexity may be reduced by 4.4 times.

One may also completely avoid the computationally-intensive quantization by

using the MSE model derived in (17) to estimate the MSE. Since Laplacian parameters
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are estimated from the DCT coefficients of the same frequency, and there are only four
Juminance blocks in each macroblock, the Laplacian parameter (hence the MSE) may not

be estimated correctly since only a few samples are used. Thus, instead of allowing QPs

to change for each macroblock, one may decide to change QPs for each group of k
macroblocks (k > 1). By doing so, one can get a better estimate of the Laplacian
parameter and the MSE by sacrificing the number of opportunities that QP may change.
As an example, for CIF (352x240) sequences, if one decides to estimate the
Laplacian parameters for groups of 4x4 non-overlapped macroblocks, one only needs to
estimate the MSEs of 24 groups. Within each group, the computational complexity to
estimate the MSE is the same as the FLQM algorithm. Since the computational
complexity of FLQM is small, this alternative would provide a significant complexity
improvement compared to the original. As a final remark, as the number of MBs in each

group increases, both the computational complexity and the MSE accuracy approach to

the FL.QM (all MBs belong to one group).

5.1.4. Macroblock-level Viterbi Bit Matching (MVBM) Algorithm

The MVBM algorithm is used to determine the QPs for all MBs that best match to
a given bit budget. In MVQM, the actual MB MSEs are used to compute the best MB
QPs. However, this is not the case in MVBM.

In MPEG-4, the actual number of bits spent depends on whether the quantized
DCT coefficients are differentially coded or not. Since the decision of whether to use
differential coding is made after the quantization, it is not possible to know the exact

number of bits before quantization and before determining the QPs. As an alternative to
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counting the actual bits, the MVBM uses the Laplacian rate model discussed in Section
3.1.3 to estimate the bits.

The macroblock QPs are determined by searching for the highest target quality
(PSNR):) that matches closest to the bit budget (Bifrug.). For each target quality
searched, MVQM is first used to determine the macroblock QPs. The average MB QP is
then fed into (20) to estimate the bits required for coding that quality. In short, given a
target PSNR, subroutine Compute QPs_and Bits is used to find the MB QPs and

estimate the bits required.

[MB_QPs, EstimatedBits] = Compute_QPs_and_Bits (TargetPSNR)
Begin
MB QPs =MVQM(TargetPSNR);
EstimatedBits = Estimated bits using (20) with input QP set to average MB_QPs;

End.

The MVBM uses a combination of linear search (used to find an appropriate

target PSNR range for this Bifr.g.) and binary search (to refine the target PSNR) as

described below.

Step 1:  Linear Search:

a. Algorithm Initialization:

Set PSNRpow t0 PSNRinia; for the first frame, and the PSNR of the previous

frame for all other frames. Set PSNR1igi=PSNR,w+0Ls dB. Then, set
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[QP PSNRLows BitpSNRLOW] = Compute_QP s_and_Bits(P SNRLOW), and
[QP PSNRHighs B itPSNRHigh] = Compute_QPs_and_Bits(P SNRLOW).
In the simulations, &;s = 1 dB.

b. Stopping condition:

If |BitpsnrLow—BitTurged/Bittarger < ThresholdRatio% (close enough to the bit
budget) or |Bitpsnrrow—BilpsnrLowPreviouselteration] < ThresholdBit bits (no more
improvement), stop the MVBM. The MB QPs corresponding to PSNRj,,
(QPpsnrrow) are used to code the frame. In the simulation, ThresholdRatio 1s
set to be 5, and ThresholdBit 1s set to be one bit.

¢. Move to Refinement Stage:

If BitPSNRLow < BitTarget < BitPSNRHighs £go to Step 2.

d. Inmitialization for the next iteration:

1. If Bitpsnriow > Bitrarger, S€t PSNRpigh=PSNR v, Bitpsngrign=Bitpsnriow,
and OPpsnruigi=QPpsnriow- Then, decrease PSNR;,, by 6 dB, and set
the new OPpsyrrow and Bitpsyrriow a8
[OPpsnriow , Bitpsnriow] = Compute QPs_and Bits(PSNR,,,,).

.. Otherwise (i.e. Bitpsnrrigh < Bitrarge), set PSNR4,=PSNRHigh,
Bitpsnrrow=Bitpsnrrigh, and  QPpsnrrow=OPpsnriigh. Then, increase
PSNRpign by 6 dB, and set the new QPpsyrrign and Bitpsngaigh as
LOPrsnrHigh » Bitpsnprign] = Compute_QPs_and_Bits(PSNRigh).

e. Goto Step 1.b.

Step 2:  Binary Search:
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Binary Search is used to refine the target quality (bounded by PSNRL and
PSNR i) further. The search stops either when it reaches the maximum iteration
Iterationy,, or when the estimated bit is within ThresholdRatio% of the target bit.
Again, subroutine Compute_QPs_and_Bits is used in Binary Search to compute
the MB QPs and to estimate bits for the refined target PSNRs. In the simulation,
Iterationyg. = 10. The MB QPs corresponding to PSNR yux (OPpsnriax) are used to

code the frame.

The convergence rate of the MVBM algorithm is pretty fast, usually within 2 to 5

iterations. Thus, the computational complexity is not great.

5.1.5. Using Other Quality Measures in the QM/BM Algorithms

The quality metric used by FLQM, MBQM, and MVBM (implicitly used) is MSE
(converted from PSNR). However, it does not mean that the algorithms will not work for
other non-MSE based quality metrics.

As discussed in Section 2.2.2, MSE is a statistical quality measure. There also
exist many other kinds of subjective quality predictors, such as the Watson’s DVQ
(digital video quality) metric shown in Section 2.2.3. In order to apply other kinds of
quality metrics to the QM/BM algorithms presented in this section, the quality metric
must have the additive property. This means that the total frame error must be the same
as simply adding the errors of every DCT coefficients and of every macroblocks. Thus,

the Watson’s DVQ metric can be used as the quality measure in QM/BM algorithms if
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the pooling method (final step) is linear, i.e., use simple addition to add all JNDs (Just
noticeable differences) together to produce the quality.

The additive property of the quality metric is essential since all proposed QM/BM
algorithms rely on it. As an example, the MVQM needs the additive property to break
down the global distortion target into macroblock distortion targets in order to find a best
combination of macroblock QPs. It also needs the additive property to add all macroblock
distortions together to obtain the frame distortion. Thus, the proposed QM/BM
algorithms will work for any quality metric as long as it has the additive property.

This also means that any rate control algorithm that uses the proposed QM/BM
algorithm can use non-MSE based quality measures. However, for all CQ rate-control

algorithms presented in this and the next chapter, MSE is used as the measure of quality.

5.2. MPEG-4 Constant-Quality VBR Algorithms with Fixed
Target Quality

In all CQ algorithms reviewed, a bufter constraint is applied. The advantage of
having a constrained buffer is to avoid overflow and underflow, which is very important
for CBR coding. However, because the constrained buffer limits the bit budget, it affects
the quality as well. To have a constrained buffer, rate-control algorithms need to spend
more bits (increase the quality) when the buffer occupancy is low, and to spend fewer bits
(reduce the quality) when the buffer occupancy is high. This introduces variations in the
output quality, which is undesirable for CQ coding. To avoid this problem, the CQ

algorithms presented in this section are VBR algorithms. They assume that the buffer has
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infinite size, i.e., they assume an unconstrained buffer. Note, if these algorithms are used :
in a limited buffer size scenario (CBR), neither buffer overflow nor buffer underflow will
be protected. The only goal of these algorithms is to achieve constant quality.

It should be remarked that even if the buffer size is said to be infinite; the buffer
size is always bounded by the size of one uncompressed frame. Although having such a
large buffer size is not suitable for video streaming, this condition is still good for offline
video storage and when the channel bandwidth is very high.

Two CQ VBR algorithms are proposed in this section. The FLCQ algorithm
presented in Section 5.2.1 controls the quality at the frame level, while the MVCQ
algorithm presented in Section 5.2.2 controls the quality at the macroblock level. Section
5.2.3 discusses the reference CQ VBR algorithms used to evaluate the performance of the

proposed algorithms. Simulation results and discussions are presented in Section 5.2.4.

5.2.1. MPEG-4 Frame-level Laplacian Constant-Quality (FLCQ) VBR
Algorithm with Fixed Target Quality
Since neither the bitrate nor the buffer occupancy is important, the FLCQ VBR

algorithm is simply the FLQM algorithm derived in Section 5.1.1. For the given fixed

target quality, this algorithm only needs to use the FLQM to determine the best frame QP

for all MBs within the frame.
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5.2.2. MPEG-4 Macroblock-level Viterbi Constant-Quality (MVCQ)
VBR Algorithm with Fixed Target Quality

Similarly, the MVCQ VBR algorithm is simply the MVQM algorithm derived in
Section 5.1.3. For the given fixed target quality, this algorithm only needs to use the

MVQM to determine the best QPs for every macroblocks.

5.2.3. Reference Constant Quality Rate Control Algorithms

In order to evaluate the performance of the proposed CQ algorithms, two frame-
level reference CQ algorithms are used. The first reference algorithm applies a constant
QP for all macroblocks in all frames, and is referred to as the constant QP (CQP)
algorithm in this thesis.

The second reference algorithm is referred to as the optimum QP (OQP) algorithm
in this thesis. The QP is obtained by first quantizing/dequantizing/IDCT the frame 31
times, and then selecting the QP that produces the closest PSNR to the target PSNR. The
term optimum is used because it is truly the best quality achievable for a frame-level

quality control algorithm (one QP per frame).

5.2.4. Simulation Results and Analysis

Two CIF (352x240) test sequences (table tennis and football) of 151 frames are
used in the simulations. Three types of GOV structures are used: Pure I-VOP, IPPP...
(only the first frame is I-VOP), and IBBPBBP... (with intra period of 15). For each GOV

structure, these sequences are first MPEG-4 coded using the CQP algorithm with QP =5,
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10, 15, 20, 25, and 30. The average luminance-channel PSNR of the encoded sequence 1s
used as the target PSNR for the other three algorithms. Simulation results of each GOV
structure are shown in Table 5.1 to Table 5.3. Four sample PSNR/QP graphs are shown in
Figure 5.1 to Figure 5.4. Note that the shaded columns in all tables indicate the target
PSNR used by the other three algorithms. The bold typeface in the tables indicates
situations when the average PSNR is the same as the target PSNR (with 2 decimal

precision) and when the PSNR variance is zero (with 2 decimal precision).

Table 5.1: Pure I-VOP PSNR (dB) Mean and Variance over the Entire Sequence
of CQP, OQP, FLCQ VBR and MVCQ VBR algorithms

Average PSNR (dB PSNR Variance
QP FLCQ | MVCQ FLCQ | MVCQ
CQP OQP VBR VBR cQp OQP VBR VBR
Table Tennis

36.57 | 36.60 | 36.59 0.16 0.16 0.18 0.00
32.03 | 32.04 | 32.13 1.24 0.03 0.04 0.00
2997 | 30.06 | 29.99 1.60 0.01 0.01 0.00
28.66 | 28.70 | 28.64 1.40 0.01 0.01 0.00
27.74 | 27.76 | 27.75 1.18 0.15 0.15 0.13
27.12 | 27.15 | 27.12 1.11 0.47 0.45 0.44
Football
3645 | 36.52 | 36.81 0.51 0.09 0.18 0.00
31.99 | 3199 | 32.14 1.55 0.04 0.05 0.00
2977 | 29.74 | 29.74 1.96 0.05 0.06 0.02
28.33 | 28.34 | 28.32 2.11 0.19 0.19 0.18
2735 | 2736 | 27.34 2.19 0.47 0.47 0.46
2677 | 26.78 | 26.77 2.18 0.93 0.93 0.91
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Table 5.2: IPPP PSNR (dB) Mean and Variance over the Entire Sequence
of CQP, OQP, FLCQ VBR and MVCQ VBR algorithms

Average PSNR (dB) PSNR Variance
QP FLCQ | MVCQ FLCQ | MVCQ
cQP oQP VBR | VBR CQP | OQP VBR | VBR

Table Tennis

35.75 | 35.80 | 35.62 0.39 0.09 0.09 0.00

3140 | 3140 | 31.37 1.24 0.02 0.04 0.00

29.51 | 29.61 | 29.50 1.41 0.01 0.13 0.00

28.35 | 28.74 | 28.30 1.19 0.06 0.37 0.04

27.73 | 28.23 | 27.60 1.07 0.20 0.53 0.21

27.28 | 2797 | 27.07 1.14 0.44 0.96 0.54

Football

35.55 | 35.74 | 35.49 0.64 0.25 0.25 0.00

30.87 | 30.84 | 30.86 1.28 0.02 0.02 0.00

28.85 | 28.82 | 28.80 1.54 0.04 0.05 0.04

2749 | 2748 | 2747 1.56 0.18 0.18 0.19

26.67 | 26.67 | 26.66 1.54 0.39 0.40 0.40

26.18 | 26.18 | 26.18 1.54 0.72 0.72 0.72

Table 5.3: IBBP PSNR (dB) Mean and Variance over the Entire Sequence
of CQP, OQP, FLCQ and MVCQ algorithms

Average PSNR (dB PSNR Variance
QP FLCQ | MVCQ FLCQ | MVCQ
cQp OQP VBR | VBR cQP | oQp VBR | VBR
Table Tennis

35.77 | 35.73 | 35.72 0.45 0.06 0.09 0.00

31.52 | 31.58 | 31.53 1.30 0.01 0.08 0.00

29.62 | 29.73 | 29.65 1.54 0.01 0.09 0.00

28.48 | 28.63 | 28.50 1.29 0.06 0.13 0.06

2779 | 27.94 | 2781 1.20 0.25 0.28 0.24

2727 | 27.42 | 27.30 1.20 0.55 0.54 0.54

Football

35.77 | 36.00 | 35.59 0.73 0.19 0.13 0.00

3095 | 31.00 | 30.94 1.35 0.02 0.03 0.00

28.83 | 28.86 | 28.86 1.49 0.06 0.07 0.06

27.52 | 27.52 | 27.51 1.47 0.17 0.19 0.17

26.69 | 26.70 | 26.70 1.44 0.38 0.39 0.38

26.17 | 26.18 | 26.18 1.43 0.70 0.70 0.70
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Figure 5.1: PSNR and QP of CQP, OQP, FLCQ VBR, and MVCQ VBR algorithms
for Tennis (GOV: Pure I-VOP, Target Quality: 32.13 dB)
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Figure 5.2: PSNR and QP of CQP, OQP, FLCQ VBR, and MVCQ VBR algorithms
for Football (GOV: Pure I-VOP, Target Quality: 32.14 dB)
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Figure 5.3: PSNR and QP of CQP, OQP, FLCQ VBR, and MVCQ VBR algorithms

for Tennis (GOV: Pure I-VOP, Target Quality: 27.59 dB)

Pure I-VOP: Football, QP = 25 (Target PSNR: 27.10 dB)
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Figure 5.4: PSNR and QP of CQP, OQP, FLCQ VBR, and MVCQ VBR algorithms

for Football (GOV: Pure I-VOP, Target Quality: 27.10 dB)
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As shown in Table 5.1 to Table 5.3, the proposed FLCQ VBR algorithm
outperforms the CQP reference algorithm significantly as the quality variance is reduced
significantly for all GOV structures.

When the FLCQ VBR algorithm is compared against the OQP algorithm, both
algorithms control the quality at the frame level. The FLCQ VBR algorithm uses the
Laplacian distortion model to estimate the distortion, which requires very little
computation. On the other hand, the OQP method needs to quantize and de-quantize the
frame 31 times to obtain the optimum QP, which is much more complex and time
consuming. As expected, the performance of the FLCQ VBR algorithm is slightly worse
than the OQP algorithm. However, its computational complexity 1s significantly lower
than OQP.

For the MVCQ VBR algorithm, as shown in the tables, the performance is quite
good. It meets the target PSNR with almost no error, and zero variance (in the order of
10"% is achieved in many cases as highlighted in bold typeface in the tables and in
Figure 5.1 and Figure 5.2. In fact, the non-zero variance is caused by running outside of
the quantization parameter limits (see Figure 5.3 and Figure 5.4). Since one cannot set the
QP larger than 31 (for 5-bit precision quantizer), it is not possible to lower the PSNR for
some macroblocks/frames to the target, hence the variance increases. Note that this
phenomenon does not happen for small QPs, because it is possible to increase the QPs in
order to lower the PSNR. As QP increases (target PSNR decreases), there is less freedom
to change the QP. Eventually, when QP reaches 31, it is not possible to lower the PSNR

any further to the target PSNR.
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As a final observation, because the MVCQ VBR algorithm relies on the OQP
method to set up the initial target MB distortions, its performance is always better than
the OQP method for pure I-VOP cases. For IPPP and IBBP cases, because of the
dependencies among intra and inter frames, it is more difficult to compare the results.
However, in general, the MVCQ VBR algorithm gives better/similar performance
compared to the OQP method with little extra computation (running the Viterbi

algorithm).

3.3. MPEG-4 Constant-Quality CBR Algorithms with Fixed
Target Quality

The CQ VBR algorithms presented in the previous section achieve true constant
quality by ignoring the buffer constraint. That assumption is valid for some offline or
high bandwidth applications, but is not suitable for applications with limited buffer size.
For such applications, it is critical that buffer overflow should never occur. Buffer
overflow would lead to loss of information and thus a corrupted bitstream. Therefore, the
algorithms proposed in this section are designed to avoid buffer overflow. Buffer
underflow is not prevented. These algorithms aim at producing CBR bitstreams that meet
a fixed target quality (FTQ) whenever possible. The target quality is also the highest
quality that these algorithms will produce.

Two CQ CBR algorithms are proposed in this section. Similar to the previous
section, the FLCQ CBR algorithm with FTQ [99] controls the quality at the frame level,

and is presented in Section 5.3.1. The MVCQ CBR algorithm with FTQ [99] controls the
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quality at the macroblock level, and is presented in Section 0. Besides using different
QM/BM algorithms, these two algorithms share the same overall control structure to
achieve CQ while avoiding buffer overflow for CBR channels. Simulation results and

discussions are presented in Section 5.3.3.

5.3.1. MPEG-4 Frame-level Laplacian Constant-Quality (FLCQ) CBR
Algorithm with Fixed Target Quality (FTQ)

The first CQ-CBR algorithm is called Frame-level Laplacian Constant Quality
FTQ (FLCQ FTQ) CBR algorithm. It controls the quality at the frame level (one QP per
frame) by using the FLQM and FLBM algorithms developed in Section 5.1.1 and 5.1.2.

The FLCQ FTQ algorithm 1s described as follows.

Step 1: Compute the target PSNR (PSNR7y) for the current frame:

a) For the first frame, set PSNR, = PSNR;,

arger » Where PSNRrage 1s the constant
quality goal for the entire sequence. Go to Step 2.

b) Since the purpose of the algorithm is not only to keep the quality constant, but also
to avoid buffer overflow, PSNRr needs to be adjusted based on the buffer

occupancy (0 < Buffer, . <1). With this in mind,

atio

PSNR, = min(l{ x PSN. RSIidingWina’OW’P SNR; argef) (49)

where PSNRgiidingwindow 1 the average PSNR of the W frames coded in the past, and

Kk is a scaling factor affected by the buffer occupancy, and is defined as
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& = min(max (K, Ky ) Ky )

> max

Kmax BujferRatio = O (50)
Kl - BuﬂerTarget/BuﬁerRalio O < BufferRan’o S 1

where Kpin (Knin<l) and Kuax (Kmao>1) are the minimum and maximum scaling
factor respectively, and Bufferra g is the target buffer level. In simulations, W, &nis,
Kinax, and Bufferrarge; are set to be 5, 0.8, 1.2, and 0.8 respectively.

Step 2:Use the FLQM algorithm defined in Section 5.1.1 to set the frame QP with
MSE 440 set to be the MSE corresponding to PSNRy, i.e.,

MSE,_ =2552/10""% "0

Target

Step 3: Use the Laplacian rate model developed in Section 3.1.3 to estimate the bits for

the QP selected in Step 2.

Step 4: If the buffer is expected to exceed the critical ratio (bcriica=95% in the

simulations) after adding this frame (with the QP set in Step 2) and removing the

average bit per frame, i.e.,

TargetBitrate

BufferOccupancy + EstimatedBit — > beyiea % BufferSize (51
FramePerSecond

Then, use the FLBM to set the new QP(s) for the bit budget (Bitrag.) given by

Bity, . = max{ (52)

BitPerFrame,
be,iica % BufferSize — BufferOccupancy + BitPerFrame
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5.3.2. MPEG-4 Macroblock-level Viterbi Constant-Quality (MVCQ)
CBR Algorithm with Fixed Target Quality (FTQ)

The second CQ-CBR algorithm is referred to as Macroblock-level Viterbi
Constant Quality FTQ (MVCQ FTQ) CBR algorithm. It controls the quality in the
macroblock level (one QP per macroblock) by using the MVQM and MVBM algorithms
derived in Section 5.1.3 and 5.1.4.

The MVCQ FTQ algorithm shares the same control structure as the FLCQ FTQ
algorithm. It is obtained by simply changing the QM/BM algorithms used in the FLCQ
FTQ algorithm, i.e., replacing FLQM by MVQM (in Step 2) and FLBM by MVBM (in
Step 4). Note that in Step 3, instead of using frame QP, the average macroblock QP is

used in the Laplacian rate model to estimate the bits.

5.3.3. Simulation Results and Analysis

To evaluate the performance of the proposed CBR algorithms, Q2 [7] (frame-
level control) and TMS (Test Model 5) [8] (macroblock-level control) are used as the
reference algorithms. Four test sequences (table tennis, football, flower garden, and
mobile calendar) of 150-frame long and 30 frame/sec are used in the simulations. The
first three sequences have frame size 352x240, and the last sequence has frame size
352x288. Each sequence is MPEG-4 encoded using three GOV structures (pure I-VOP,
[PPP with intra period of 30 frames, and IBBP with intra period of 15 frames) at 1000,
2000, 3000, and 4000 kbps. The buffer sizes are set to be 0.5 second (15 frames) of the

target bitrate. For each sequence and bitrate, five target PSNRs are tested (PSNRyarger =

106



max(PSNR g2, PSNRzus), PSNRarge£0.5dB, and PSNR 14r5e+1.0dB) for FLCQ FTQ and
MVCQ FTQ algorithms. However, due to the large amount of data, Table 5.4 and Table
5.5 only show the simulation results for IPPP and IBBP GOV structures at 1000, 2000,
and 4000 kbps with target PSNR (shaded) set to be the highest average PSNR of Q2 and
TMS. Two sample plots are also shown in Figure 5.5 and Figure 5.6 that provide
information on PSNR, bits, and buffer occupancy for each frame over time. The vertical
dotted lines in these figures are GOV boundaries (location of the I-VOP).

To make a fair comparison, the frame-level QP control algorithms (Q2 and FLCQ
FTQ) and macroblock-level QP control algorithms (TMS and MVCQ FTQ) are compared
separately. In most instances, as demonstrated in the results, within each category, the
proposed algorithms provide a similar average PSNR while having lower PSNR variance
and lower bitrate than the reference algorithms. For some instances, (close to) zero PSNR
variance 1s achieved. Note that due to the constraint defined in (49), the target PSNR for
each frame 1s always smaller than or equal to the PSNR744.: (shaded). Hence, the average
PSNR of the proposed algorithm is always smaller than or equal to PSNR7,,... When
combined with (51), another consequence of (49) is that the proposed algorithms tend to
have lower actual bitrate than the target bitrate. This is because the algorithms will not
spend more bits if the target PSNR can be achieved (even if the buffer occupancy is low),
but will spend fewer bits if buffer occupancy is high. In other words, the proposed

algorithms will prevent buffer overflow, but not buffer underflow.
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Figure 5.5: PSNR, bits per frame, and buffer occupancy plots of football for

Q2, TMS5, FLCQ FTQ, and MVCQ FTQ algorithms (GOV: IPPP, Rate: 2000 kbps) {99]
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Figure 5.6: PSNR, bits/frame, and buffer occupancy plots of flower garden for

Q2, TM5, FLCQ FTQ, and MVCQ FTQ algorithms (GOV: IBBP, Rate: 4000 kbps) [99]
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Table 5.4: Selected Simulation Results for [PPP GOV Structure for sequences
table tennis (S1), football (S2), flower garden (S3), and mobile calendar (S4) [99]

Actual Bitrate (kbps) Average PSNR (dB) PSNR Variance
Si S2 S3 S4 S2 S3 34 S S2 S3 S4
Tar
Q2 1187 996 1001 1002 593 086 096 0.25
T™S 1006 999 1001 1000 . . 583 080 0.87 0.15
FLCQFTQ] 880 1000 1005 995 | 33. 44 30.57 25 86 26.781 2.28 005 0.03 0.02
MVCQFTQ} 878 1001 1021 1014 |33.33 3048 2572 2669 268 004 024 0.10
Target Bitrate: 2000 kb
Q2 1859 1989 2003 1999 33 352 1.07 112 0.20
T™S 2001 1999 2000 2000 | 36.63 33.51 28.74 29.58}| 492 076 124 0.17
FLCQFTQ| 1663 1941 1990 2015 |36.50 33.84 29.61 3035( 1.71 021 0.07 0.03
MVCQFTQ| 1654 2009 2057 2041 | 3631 33.85 29.56 3020| 1.69 009 0.14 0.15
Target Bitrate: 4000 kbps
Q2 2802 3983 4001 4017 : 034 216 196 0.73
T™S 3996 3999 4001 4000 . 231 073 155 0.26
FLCQFTQ| 2799 3963 3960 4097 39.50 37.73 34.68 35021 0.14 127 005 0.02
MVCQFTQj 3170 4055 4127 4121 {39.79 37.46 34.46 34.62| 043 030 036 021
Table 5.5: Selected Simulation Results for IBBP GOV Structure for sequences
table tennis (S1), football (S2), flower garden (S3), and mobile calendar (S4) [99]
Actual Bitrate (kbps) Average PSNR (dB) PSNR Variance
Sl S2 S3 S4 S S2 S3 S4 S1 S2 S3 S4
Target Bitrate: 1000 kbps
Q2 1002 1002 1011 1007 |32.55 29.80 24.82 2624{ 1.54 132 194 1.19
T™MS5 1000 1000 1001 1000 16 426 252 091 050
FLCQFTQ| 839 994 999 1021 {33.32 30.17 26.11 27.66| 1.20 0.13 0.02 027
MVCQFTQ{ 865 1000 1012 1027 |33.18 30. 07 26.09 2762 1.03 023 002 0.30
Q2 1928 2004 2014 30521 375 213 3.04 1.09
T™S 2001 2000 2001 455 329 190 098
FLCQFTQ| 1711 1968 1933 . 1.03  0.14 006 0.04
MVCQFTQ| 1707 1995 2018 2010 | 36.19 33.37 29 62 3094 132 020 0.00 0.00
Target Bltrate 4000 kbps
Q2 2903 4021 4021 4010 021 3115 425 274
T™MS 4000 4000 4001 4001 | . 406 424 358 217
FLCQFTQ| 3000 3775 3893 3729 |39.80 37.30 34.56 35.13] 042 102 026 005
MVCQ FTQ| 3338 4036 3975 4073 | 39.60 37.18 34.16 3534] 0.69 028 000 0.00

Note that when the buffer permits, the MVCQ FTQ algorithm meets the PSNR

more accurately and gives lower PSNR variance than the FLCQ FTQ algorithm since it

can change the QPs at the macroblock level. Thus, (close to) zero PSNR variance is often

produced by the MVCQ FTQ algorithm, but rarely by the FLCQ FTQ algorithm (see

Table 5.5 and Figure 5.6). On the other hand, because of the extra degree of freedom in
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macroblock QP control, extra headers are inserted to keep track the QP changes. Thus, in
general, macroblock QP control algorithms spend bits less efficiently than frame-level
QP controls. As a result, for the same bitrate, frame-level QP control algorithms tend to
give higher average PSNR than the macroblock QP control algorithms. An example of
this phenomenon can be observed in the buffer occupancy plot in the bottom of Figure
5.5. In that figure, the buffer occupancy of the MVCQ FTQ algorithm is always higher
than the FLCQ FTQ algorithm. One undesirable implication of this is that the MVCQ
FTQ algorithm is more likely to reach a fuller buffer state. This may force a reduction in
PSNR due to (50). The PSNR curve in Figure 5.5 between frame 90 and 120 is an
example of this effect.

Since the actual PSNRs given by MVCQ FTQ and FLCQ FTQ algorithms are
generally smaller than the target PSNR, one easy way to raise the average PSNR is to
raise the target PSNR. Although not shown in Table 5.4, simulation results suggest that
by increasing the target PSNR, the average PSNR can also be increased (up to a certain
point). However, the PSNR variance would also be increased at the same time. A higher
target PSNR usually requires the spending of more bits and causing the buffer to reach
high status faster (with the same bitrate and buffer size). When the buffer is high, the
target frame PSNR is forced to drop, and this causes an increase in PSNR variance. Thus,
an increase in target PSNR is usually followed by an increase in both average quality and
quality variation.

As a final remark, setting good target PSNRs is not trivial. Decreasing the target
PSNR may lower the PSNR variance, but it may also lead to a lower video quality and

waste of channel bandwidth. On the other hand, increasing the target PSNR usually
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provides better average quality with the expense of higher quality variance. For both CQ
algorithms proposed in this section, the target PSNR is a constant value (maximum
average PSNR of Q2 and TM5) determined before encoding. However, whether it is too
low or too high is unknown until the sequence is actually encoded. Thus, the two CQ

CBR algorithms presented in the next section are designed to solve this issue.

5.4. MPEG-4 Constant-Quality CBR Control Algorithms with
Dynamic Target Quality

In the previous section, the CQ CBR algorithms use a fixed target quality for the
entire sequence. As mentioned in Section 5.3.3, setting a good target quality for the entire
sequence is not an easy job. Because the encoding difficulty changes for different
sequences, 1t is unpractical to find one single good target quality for all sequences even 1f
they were encoded at the same bitrate. Also, since the encoding difficulty changes for
different parts of one sequence, a good target quality for one part of a sequence may not
be as good for another part of the same sequence. To handle this issue, the target quality
1s adjusted dynamically as outlined in this section. Note that one undesirable effect of
changing target quality dynamically is that the quality variance would also increase.

Both CQ CBR algorithms presented in this section use a dynamic target quality
(DTQ) [115]. They are developed from the FTQ algorithms proposed in the previous
section. The only difference is in Step 1, where the target quality is computed.

Similar to the previous section, the FLCQ CBR algorithm with DTQ [115]

controls the quality at the frame level (one QP per frame). The MVCQ CBR algorithm
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with DTQ [115] controls the quality at the macroblock level (one QP per macroblock).

Besides using different QM/BM algorithms, these two algorithms share the same overall

control structure to achieve CQ while preventing buffer overflow. The FLCQ/MVCQ

DTQ algorithms are described as follows.

Step 1:

Step 2:

Step 3:

Step 4:

Compute the target PSNR for the current frame (see Section 5.4.1 below for
details).

Use the target PSNR set in Step | and the QM algorithm (FLQM for FLCQ
DTQ, and MVQM for MVCQ DTQ) to set the frame/macroblock QP(s).

Use the Laplacian rate model (see Section 3.1.3) to estimate the bits for the
QP(s) computed in Step 2. Note for MVCQ DTQ, the average QP is used by
the rate model.

If the buffer is not expected to exceed the critical ratio (bcriticarr95% in
simulations) after adding this frame (with the QP(s) set in Step 2 and the bits
estimated in Step 3) and removing the average bits per frame, i.e.,

BufferOccupancy + EstimatedBit — BitPerFrame < b, , x BufferSize

; TargetBitrate
BitPerFrame = &

FramePerSecond
Then, end the algorithm with output QPs as computed in Step 2.
Otherwise (buffer exceeding critical ratio), use the BM algorithm (FLBM for
FLCQ DTQ, and MVBM for MVCQ DTQ) to set the new QP(s) for the bit
budget (Bitryge) given by

. BitPerFrame,
Bity,.., = max (53)

beyiicar % BufferSize — BufferOccupancy + BitPerFrame

Then, end the algorithm with the new QPs.
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5.4.1. Setting the Target PSNR

As mentioned in the introduction of this chapter, a CQ CBR control algorithm
should minimize the PSNR variance while meeting the target bitrate and maximizing the
PSNR. In many cases, not all goals can be satisfied simultaneously. Thus, a weighting

factor for these conflicting goals is used. The cost function (C, ) for frame k is defined as

_ 2
C,=-AS(b)T} + {ﬁ&;}fj _W—(Wl—iﬂ(gﬂ"‘) },21 >0,W>0  (54)
where Ty and Py are the target and actual PSNR of frame & respectively, S(b) is a function
of buffer occupancy (b), W is the sliding window size used to estimate the sample
variance, and A, is the weighting factor.

The first term of (54) is used to maximize the target PSNR (-7}%) while

maximizing the buffer utilization S(b) defined as

SLow bLf—_—b 0 = b < bLow
Low
S(b)= 0 bLow SbSbHigh (55)
b-b,
~S gy 22— by <b<bg,.
High bcrmwl _ bHigh High Critical

where  b1ou/brigh/beriear are thresholds when the buffer is low/high/very high, and
Srow/Skign are the scaling factor when the buffer is low/high. A sample plot of S(b)
function is shown in Figure 5.7. Note that when the buffer is low, S(b) 1s positive, and
the target PSNR tends to increase. On the other hand, when the buffer is high, S(b) is
negative, and the target PSNR tends to decrease. Thus, (55) means that the T should be
increased/not changed/decreased if buffer is low/normal/high. In the simulations,

bLow:0-27 bHigh:0-7; bCritt'cal:O-g’ SLow:SHithO-S-
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Figure 5.7: Buffer utilization function S(b)

The second term of (54) is the sample variance [116] of the actual PSNRs within
the sliding window. Note that instead of computing the sample variance from the
beginning of the sequence, only the current and the past W-1 frames inside the sliding
window are used. A smaller window size would be appropriate if the sequence is
changing rapidly, but would result in a less accurate estimation of the variance of a
slowly changing sequence. In the simulations, #=30 is used.

Since the actual PSNR (Py) of the current frame (frame k) cannot be known before
actually encoding the frame, it is assumed that Py = T As a result, (54) can be

approximated as

i=1

__ > 1 (o S B 1 - ’
G =~AS(b)1; +{W_1(T,C+ZPH) ———————W(W_I)(m;a,,” (56)

2
Minimizing Cj by setting 9, =0 and 0 Cz" >0, the best target quality 7} for frame k is
o7, o7,
T, = ! ! WZ_ZIP and 0< 4 < ! &Y
Col-ams(b\w -1 T ws(p)
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Because A, is a function of S(b) and W, it is non-trivial to determine the range of

Ai in practice. Thus, in the simulations, instead of using A; directly, a normalized A

1
= i A= d0<A<l.
(=474, )1sused, where 4 . — {S (b)} an

Note that when A=0, only the second term remains in (56), and the goal 1s to
minimize the variance disregarding the buffer usage (except for buffer overflow that is
handled in Step 4). When A~1, the first term will dominate (56). Hence, the goal becomes
maximizing PSNR and buffer utilization, which is like the traditional CBR algorithm.
Thus, as A increases from 0 to (nearly) 1, the aim of the cost function changes from
purely constant-quality (and not caring too much about the rate) to pure constant-bit-rate
(and not caring too much about the variation in quality). In other words, A provides an

extra degree of freedom to control quality variations that is not present in the traditional

CBR and CQ algorithms.

5.4.2. Computational Complexity of FLCQ DTQ and MVCQ DTQ

Since there are no loops in FLCQ DTQ and MVCQ DTQ, the computational
complexity of these algorithms is the complexity of FLQM/MVQM plus the complexity
of FLBM/MVBM. In FLQM, FLBM, and MVQM, the Laplacian rate/distortion models
are used. Since the Laplacian models use very few computations, the computational
complexities of FLQM, FLBM, and MVQM are negligible. For the MVCQ DTQ
algorithm, due to the complexity in the MVQM algorithm, it has a higher computational

complexity. Note the computational complexity analysis of MVQM is discussed in

Section 5.1.3.3.
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5.4.3. Simulation Results and Performance Analysis

To evaluate the performance of the proposed CQ CBR algorithms, Q2 (frame-
level control) and TMS (macroblock-level control) are used as reference algorithms. Four
test sequences (table tennis, football, flower garden, and mobile calendar) of 150 frames
in length and 30 frames/second are used in the simulations. The color format is YUV
4:2:0. The first three sequences have frame size 352x240, and the last one has frame size
352x288. Each sequence is MPEG-4 encoded using two GOV structures (IPPP with intra
period of 30 frames, and IBBP with intra period of 15 frames) at 1000, 2000, 3000, and
4000 kbps. The buffer sizes are set to be 0.5 second (15 frames) of the target bitrate.
Frame skipping is disabled in all simulations. Default motion compensation search range
(16 pixels) is used.

For FLCQ DTQ and MVCQ DTQ, because A is used to control how constant the
quality is, A is swept from 0 to 1 (exclusive) to evaluate its effect. A total of 29 different
As (0.00, 0.01, 0.02 ... 0.10, 0.15, 0.20 ... 0.95, and 0.999) are simulated. Due to the
large amount of data, only the critical portions of the simulation results are shown in
Table 5.6 (IPPP) and Table 5.7 (IBBP). More details can be found in the attached CD.
Four sample figures illustrating the effect of A are shown in Figure 5.8 to Figure 5.11. In
each figure, the top three subplots show the effect of 4 over the average PSNR, PSNR
variance, and bitrate. The bottom subplot shows the average PSNR versus the PSNR
variance. Since the goal is to have high PSNR while having low PSNR variance, the

lower-right corner of this subplot is the best area. Since A 1s swept from 0 to 1, the

starting point of the curve (1=0) is marked with a circle for FLCQ and a square for
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MVCQ. The solid curves show how the average PSNR and PSNR variance are affected
as A changes from 0 to 1.

To make a fair comparison, the frame-level QP control algorithms (Q2 and FLCQ)
and macroblock-level QP control algorithms (TM5 and MVCQ) are compared separately.
In general, as demonstrated in the results, within each category, the proposed algorithms
provide a similar or higher PSNR while having lower PSNR variance than the reference
algorithms. For some instances, (close to) zero PSNR variance is achieved.

Note that the frame-level QP control algorithms tend to have higher average
PSNR and higher PSNR variance than the macroblock-level QP control algorithms.
Larger PSNR variance in frame-level QP control algorithms is expected since they allow
only one QP to control the quality. Thus, the frame-level QP control cannot meet the
target quality as well as the macroblock QP control. On the other hand, because of the
extra degree of freedom in macroblock QP control, extra headers are inserted to keep
track of the QP changes. Thus, the macroblock QP control spends bits less efficiently
than the frame-level QP control. Note that the same phenomenon has been observed in
the previous section.

As shown in the tables and figures, as A increases from 0 to (nearly) 1, the actual
bitrate meets the target bitrate more accurately, the average PSNR increases, but the
PSNR variance increases. For most cases, the lowest PSNR variance occurs when A is 0,
which is expected from (56). Also, as A increases, the dominant term in (56) shifts from
low PSNR variance to high PSNR and accurate bitrate. This phenomenon is also clearly
shown in the results. Generally speaking, 4=0.15 seems to give good compromise among

accuracy to the target bitrate, high PSNR, and low PSNR variance.
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As a final remark, note that for cases where the PSNR variance is (close to) zero,
the results appear to be independent of A. This is due to the way the buffer is controlled.
As shown in (55), when buffer occupancy (b) is between by, (20%) and byigr (70%), S(b)
is zero. This in turn zeros out the first term of (56) which tries to maximize the PSNR.
Hence, the target PSNR is never being changed, and 4 has no effect on the results. For all

simulation results that are independent of 1, the buffer occupancy is always between 20%

and 70%.
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Table 5.6: Selected Simulation Results for [PPP GOV Structure
for table tennis (Seq. 1), football (Seq. 2), flower garden (Seq. 3), and mobile calendar (Seq.4)

Actual Bitrate (kbps) Average PSNR (dB) PSNR Variance

A [Seq.1 Seq.2 Seq.3 Seq.4|Seq.1 Seq.2 Seq.3 Seq.4 Seq.1 Seq.2 Seq.3 Seq.4

Target Bitrate: 1000 kbps

Q2 — 11042 996 1001 1003 |34.34 30.53 25.83 26.77| 6.68 086 0.97 0.20
TM5 1005 999 1001 1000 {33.30 3036 25.14 2631|583 0.80 087 0.15

000 | 638 882 985 911 [31.88 29.96 25.76 26.36) 026 0.02 129 0.01
0.05 | 820 982 982 967 |33.23 3039 2576 26.63| 2.04 028 104 0.03
FLCQ| 0.10 | 969 965 975 969 [34.01 30.25 2573 26.64| 454 0.62 1.0l 0.03
DTQ | 0.15 | 997 961 972 973 |34.11 30.25 2572 26.65| 5.18 0.62 098 0.04
0.20 | 1018 961 970 971 |{34.26 3024 2572 26.65]| 6.09 0.65 098 0.04
0.999 | 1009 966 972 977 |34.04 30.27 2575 26.67] 6.16 070 0.99 0.04

000 | 634 919 989 992 {31.66 30.14 2573 26.65| 032 001 1.19 0.00
005 | 847 998 984 992 {33.20 3047 2571 26.65| 228 0.11 1.04 0.00
MVCQ| 0.10 | 992 982 980 992 {33.90 3036 2570 26.65| 436 021 053 0.00
DTQ | 0.15 [ 1013 972 978 992 [34.03 3030 2571 2665 484 030 083 0.00
020 | 1012 970 976 992 |34.04 3029 25.70 26.65| 495 0.30 0951 0.00
0.999| 1019 968 978 992 |34.13 3032 2571 26.65; 823 076 09 0.00

Target Bitrate: 2000 kbps

Q2 - 1858 1990 2002 1999 |37.05 3396 29.58 3026% 340 1.04 122 021
TMS - 2001 1999 2000 2000 |36.63 33.51 2874 2958|492 076 124 0.17

0.00 | 1454 2001 1957 2016 {35.76 33.94 29.52 3026 0.34 042 007 0.79
0.05 | 1584 1879 2046 1978 |36.34 33.62 29.73 3021| 139 047 021 033
FLCQ| 0.10 | 1940 1896 2013 1990 }37.29 33.69 29.62 30.25) 534 048 050 025
DTQ | 0.15 | 1993 1911 2003 2003 |37.47 33.74 29.59 30.29] 638 034 052 020
0.20 | 2015 1909 1994 2007 |37.53 3373 29.55 3031{ 6.79 056 060 0.18
0.999 12020 1967 1966 1989 {37.64 33.87 29.48 30.25| 820 047 1.03 036
0.00 | 1434 1990 1866 2015 ]35.54 33.80 29.14 3021} 0.09 0.18 000 054
0.05 | 1687 1942 2041 1987 [36.53 33.67 29.62 30.19]| 192 027 029 025
MVCQ| 0.10 | 1916 1921 2009 1988 |37.26 33.62 29.52 30.19] 558 030 060 0.21
DTQ | 0.15 | 1993 1918 1992 1989 |37.53 33.62 29.48 30.19) 7.08 031 076 022
0.20 | 2013 1920 1979 1992 {37.61 33.62 29.44 30.19| 754 031 091 021
0.999 1 2011 1930 1965 1992 [37.57 33.67 29.40 30.20{ 7.88 0.39 1.03 040
Target Bitrate: 4000 kbps
Q2 - 12754 3963 4012 4008 {39.39 37.74 34.57 34.82| 0.19 213 1.89 0.37
T™MS — 13995 3999 4001 4000 [39.94 37.04 33.39 33.65] 231 0.73 155 0.26
0.00 | 2761 3968 3956 4093 {3932 37.69 34.67 3501 0.12 148 0.04 0.02
0.05 | 2778 3741 3960 4092 |39.44 3737 3468 3501) 0.12 135 0.04 0.02
FLCQ| 0.10 | 3971 3861 3960 4082 {4145 37.57 34.68 3499|569 179 004 0.06
DTQ | 0.15 | 3987 3835 3975 4072 {4141 37.55 3470 3497|597 171 006 0.10
0.20 | 3927 3833 3993 4071 |41.36 37.55 3472 34964 556 149 0.10 0.10
0.999 13935 3893 3998 4057 {4133 3761 3473 3493 6.15 144 011 025
0.00 [ 2710 3878 3975 4088 139.22 37.46 34.70 34951 007 1.04 0.03 0.02
0.05 | 3295 3782 3980 4089 |40.61 3732 3471 3492 188 0.78 0.03 0.03
MVCQ| 0.10 | 3849 3798 3987 4080 |41.11 37.36 3472 3491284 075 003 0.04
DTQ | 0.15 | 3915 3818 3995 4072 {41.13 37.37 3473 34.89{ 294 058 003 0.05
0.20 | 3919 3891 3998 4066 |41.13 37.49 34.73 3488|294 038 0.04 0.07
0.9991 3931 3863 4011 4049 [41.24 37.44 34.75 3484} 570 060 006 0.22
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Table 5.7: Selected Simulation Results for IBBP GOV Structure
for table tennis (Seq. 1), football (Seq. 2), flower garden (Seq. 3), and mobile calendar (Seq.4)

Actual Bitrate (kbps) Average PSNR (dB) PSNR Variance

A [Seq.1 Seq.2 Seq.3 Seq.4[Seq.1 Seq.2 Seq.3 Seq.4{Seq.1 Seq.2 Seq.3 Seq.4

Target Bitrate: 1000 kbps

Q2 - 1016 1002 1005 1006 |32.94 29.74 24.67 2635| 3.07 118 168 0.75
TMS 1000 1000 1001 1000 |33.76 30.25 26.11 27.88} 426 2.51 091 0.50

000 | 587 852 892 949 [3131 29.10 2524 27.27| 046 0.53 123 0.0l
005 | 826 937 950 972 [32.89 29.67 2556 2743|223 056 1.01 0.02
FLCQ! 0.10 | 954 950 1004 977 |33.66 29.87 2594 27.48 299 023 094 0.03
DTQ | 0.15 | 964 957 987 979 |33.49 29.90 26.11 2747|283 022 055 0.03

~ 020 | 965 979 983 984 |33.75 30.01 26.19 27.50| 3.16 020 0.63 0.04
0.999| 965 973 982 1003 {33.67 30.00 26.29 27.58] 3.60 0.20 0.74 0.12

000 | 521 861 890 981 [30.17 29.12 25.11 27.39| 105 053 124 0.00
0.051 759 936 955 983 |32.30 29.65 25.58 2742{ 337 045 098 0.01
MVCQ| 0.10 | 933 951 1001 981 |33.36 29.89 2591 2742} 471 0.16 081 001
DTQ | 0.15 | 964 966 986 980 |33.69 29.96 26.19 27.43| 348 0.1 052 001
020 | 964 971 983 981 [33.70 30.00 2622 2744 3.16 0.09 060 001
0999| 970 978 982 1010 |33.66 30.04 2625 27.65| 397 0.12 0.76 0.19
Target Bitrate: 2000 kbps
Q2 - 1952 2002 2007 2009 |36.41 33.16 28.85 3044 442 152 215 075
T™5 ~ 12001 2000 2001 2001 {36.84 33.33 29.61 3093|455 323 190 098
0.00 | 1443 1910 1874 1959 | 3538 33.07 29.04 30.63| 041 055 186 094
0.05 | 1595 1924 1916 2003 |36.01 33.30 29.25 31.09| L.55 032 1.80 0.32
FLCQ! 0.10 | 1883 1926 1946 1999 |36.88 3338 29.43 31.07| 383 026 141 028
DTQ | 0.15 | 1925 1956 1980 2002 |37.32 3345 29.66 31.06} 598 024 118 028
020 | 1925 1971 1980 2000 ;37.25 3349 29.67 31.06| 542 024 118 029
0.999 | 1938 1960 1971 1990 |37.08 3345 29.85 31.021 490 020 125 062
0.00 | 1368 1936 1872 1947 {35.03 33.31 2896 30.67| 023 002 190 088
0.05 | 1692 1936 1947 2006 |36.39 3331 29.41 31.06} 230 0.02 119 031
MVCO) 0.10 | 1887 1936 1998 1997 {37.07 3331 29.85 31.05| 491 0.02 0.77 029

0.15 | 1968 1936 1987 1999 |37.26 33.31 29.85 31.04| 590 002 0.77 028
0.20 | 1937 1936 1988 1993 |37.19 33.31 2986 31.03| 547 002 075 031
099911936 1936 1971 1980 [37.14 33.31 29.84 3100 6.18 002 1.13 0.61
Target Bitrate: 4000 kbps
Q2 — 12868 4034 4007 4008 {39.46 37.39 34.02 3507 0.26 323 3.15 1.25
TM5 — 1 4000 4000 4001 4001 {39.93 36.76 33.69 34.59]| 4.06 424 358 2.17
0.00 { 2880 3772 4031 3927 }|39.32 37.01 34.47 3528} 0.13 136 3.52 1.64
0.05 | 2887 3731 4088 3912 ]39.56 37.06 34.82 3528 024 129 230 1.61
FLCQ| 0.10 | 3864 3831 4038 3900 {41.26 3733 34.78 3534 477 165 233 139
DTQ | 0.15 | 3828 3845 4033 3884 {41.14 37.38 34.77 3530 3.72 1.67 230 142
0.20 | 3886 3849 4037 3871 |41.06 37.37 34.80 3529 472 1.64 222 140
0.999 | 3864 3867 4025 3873 141.39 3745 34.89 3539 739 178 1.88 L.lI5
0.00 {2830 3573 4051 40453933 36.72 3437 3544} 007 129 283 085
0.05 | 3370 3796 4019 3962 |40.57 37.10 34.63 3547| 1.89 136 183 036
MVCQ, 0.10 {3751 3846 4038 3943 |41.01 37.23 3477 354441270 121 100 034
DTQ | 0.15 | 3844 3848 4004 3927 141.17 37.23 34.74 35421 3.73 105 1.06 032
0.20 | 3860 3851 4002 3926 41.19 37.22 3474 3542391 101 105 032
0.999 { 3907 3869 4027 3979 |41.25 37.28 34.81 35461 528 136 123 0.71
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Figure 5.8: Effect of A for Mobile Calendar for Q2, TM3,
FLCQ DTQ, and MVCQ DTQ algorithms (GOV: IPPP, Rate: 1000 kbps)
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Figure 5.10: Effect of A for Table Tennis for Q2, TMS,
FLCQ DTQ, and MVCQ DTQ algorithms (GOV: IBBP, Rate: 1000 kbps)
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Figure 5.11: Effect of A for Flower Garden for Q2, TMS,
FLCQ DTQ, and MVCQ DTQ algorithms (GOV: IBBP, Rate: 4000 kbps)
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5.5. Chapter Summary

In this chapter, three sets of constant quality control algorithms are proposed.
Within each set, two algorithms are proposed that control the QP at either the frame-level
or at the macroblock level. The key difference between the proposed CQ algorithms and
the previously reported CQ algorithms is that the quality is controlled directly through the
QM algorithm instead of indirectly through the target bit allocation. As demonstrated in
the results, this approach provides accurate control in quality.

Although these algorithms all aim at reducing the quality variation, the exact goal
is slightly different for each set. The only goal for the CQ VBR algorithms presented in
Section 5.2 is to meet one target quality for the entire sequence. Since a buffer constraint
is not considered, these algorithms are only constrained by the size of QP. For a
reasonable and achievable target quality, these algorithms can meet the target with very
little or no quality variation. Simulation results suggest that the performance of the FLCQ
VBR algorithm approaches the OQP algorithm, while the MVCQ VBR algorithm gives
even better performance than the OQP algorithm since it controls the quality at the MB
level.

Two sets of CQ CBR algorithms are proposed in Section 5.3 and 5.4 — one set
with fixed target quality and another set with dynamic target quality. Because of the
buffer constraint, in general, the quality variations of these algorithms are higher than the
VBR case. For both sets of algorithms, simulation results indicate that the proposed
FLCQ/MVCQ algorithms outperform Q2/TMS5 by offering similar or higher PSNR and

lower PSNR variance. FLCQ tends to generate higher average PSNR but larger PSNR
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variance than the MVCQ. For some instances, zero (very small) PSNR variance is
achieved.

As discussed in Section 5.3, because setting a good target quality 1s not trivial, the
algorithms proposed in Section 5.4 allows the target quality to be changed dynamically.
An extra degree of freedom (A) is introduced to balance the weighting among higher
PSNR, lower PSNR variance, and the accuracy to the target bitrate. This extra degree of
freedom allows a continuous transition of the optimization goal from low PSNR variance
(purely CQ) to constant bitrate with high PSNR (as in the traditional CBR algorithms).

In this chapter, CQ control algorithms are designed for MPEG-4 encoding. In the
next chapter, the concept of direct-quality-control used in this chapter will be extended to
MPEG-4 transcoding. As will be shown in the next chapter, this approach is not only

good for video encoding, but is also good for video transcoding.
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Chapter 6
Constant-Quality CBR Rate-Control Algorithms for

MPEG-4 Video Transcoding

In Chapter 5, constant quality (CQ) rate-control algorithms for MPEG-4 video
encoding were studied. In this chapter, the method to reduce quality variations taken by
these algorithms will be extended to CQ CBR (constant bit rate) control for MPEG-4
video transcoding. Similar to the two algorithms proposed in Section 5.4, the algorithms
proposed in this chapter adjust the target quality dynamically at runtime. The transcoder
architecture used in this chapter is the cascaded decoder-encoder pixel-domain

architecture (see Figure 6.1) as mentioned in Section 2.3.1.

Input Qutput
Stream Stream

&
—){ VLD }—»{ Q,’ f—b{ IDCT + DCT H Q, }———»{ vLC t-»
N j Y
Frame
I Me Store Rate Control
Y

Frame
Mc Store
3

Motion Vectors

Figure 6.1: Cascaded decoder-encoder pixel-domain transcoder architecture [72}{76]
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Although many rate control algorithms for video transcoding were proposed in
the past, most of them aimed at CBR applications with the highest possible quality. The
quality variation of the transcoded bitstream was not considered. There is only one rate-
control algorithm reported in [117] that attempts to have a constant distortion (i.e.,
constant quality) transcoded bitstream. It uses an open-loop transcoder architecture, and
achieves constant quality by using frame dropping (FD) and coefficient dropping (CD)
techniques. This means that the temporal resolution is changed. In this chapter, two
constant-quality control algorithms are proposed that aim at reducing the bitrate, without
changing neither temporal nor spatial resolution.

This chapter is organized as follows. Similar to the previous chapter, the quality-
matching (QM) and bit-matching (BM) algorithms are presented in Section 6.1. The
QM/BM algorithms compute the best quantization parameters (QPs) for a given target-
quality/bit-budget. They are used by the two CQ CBR transcoding algorithms proposed
in Section 6.2. These CQ CBR transcoding algorithms are developed based on the CQ
CBR encoding algorithms presented in Section 5.4, and they adjust the target quality
dynamically. Simulation results are presented and analyzed in Section 6.3. Section 6.4

summarizes the chapter.

6.1. Quality Matching and Bit Matching Algorithms for

MPEG-4 Video Transcoding

Following a similar approach to that taken in Section 5.1, this section presents

quality matching and bit matching algorithms for MPEG-4 video transcoding. They are
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used to find the QP(s) such that the resulting compressed frame best matches a given
target quality or bit budget. Note, since the transcoder lacks information about the
original uncompressed video, the QM/BM algorithms presented in this section are not
exactly the same as the ones presented in Section 5.1. Different methods are used to
estimate the quality and number of bits.

Two types of QM/BM algorithms are presented in this section. The Frame-level
Laplacian QM/BM Transcoding (FLQMT/FLBMT) algorithms are presented in Section
6.1.1 and 6.1.2. They use the MPEG-4 Laplacian distortion/rate model for transcoders
developed in Section 3.2 to find the best QP for the entire frame. The Macroblock-level
Viterbi QM/BM Transcoding (MVQMT/MVBMT) algorithms are presented in Section
6.1.3 and 6.1.4 respectively. Like their counterparts in video encoding, they use the

Viterbi algorithm to determine QPs for each macroblock.

6.1.1. Frame-Level Laplacian Quality Matching Transcoding (FLQMT)

Algorithm

The FLQMT algorithm is used to determine the frame QP that best matches the
given target quality. The main difference between FLQMT and its counterpart FLQM
proposed in Section 5.1.1 is that it uses the Laplacian distortion model for transcoding

derived in Section 3.2.1 rather than the Laplacian distortion model for encoding. The

FLQMT algorithm is described as follows:

Step 1: Use (36) to estimate the Laplacian parameters (¢;;) for DCT frequency (i,f)

of the current frame where i=0..7, and j=0..7.
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Step 2: The selected QP is the QP with the estimated MSE (mean squared error)
closest to the target MSE (MSEurger):

> MSE(QR.OP, |, ;)

8
i=l

(38)

1 8
MSE.
=l

QP Selected — ar g min Target - —6_4_
op, i

where QP is the average QP of the encoded input frame, 0P, is the QP to

be used at the transcoder (OP>=2, 4, 6... 62), and the MSE function gives
the estimated MSE for DCT frequency (/). It is derived in (24) and is

defined as:

MSE(Q,,0, |a)=§+ ; e [(sz -Tf_l)—z(sj +%J(Tj —TH)} (59)

As mentioned in Section 3.2.1, not all frames/DCT coefficients will follow the
Laplacian distribution. For the FLQM algorithm (for encoding), this is not a big issue
since one can compensate for the deviation. However, the FLOMT can no longer
compensate for the estimation error. This is because one cannot obtain the actual MSE of
the transcoded frame. Computing the actual MSE requires the original frame, which is
inaccessible at the transcoder. As a result, the FLQMT algorithm for transcoder is

expected to be less accurate than its counterpart FLQM for encoding.

6.1.2. Frame-level Laplacian Bit Matching Transcoding (FLBMT)

Algorithm

The FLBMT algorithm is used to determine the frame QP that best matches the
given bit budget (Bitrag.). It is very similar to its counterpart FLBM (for encoding)

presented in Section 5.1.2. The only difference is that it uses the Laplacian rate model for
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transcoding (Section 3.2.2) rather than the Laplacian rate model for encoding (Section

3.1.3). The FLBMT algorithm is described as follows.

Step 1: Use (36) to estimate the Laplacian parameters (a;,) for DCT frequency (i)
of the current frame.
Step 2: The selected QP is the QP with the estimated number of bits that is closest

to the target bits:

QPSelected = arg min
op

8
BitTarge! - [gBit + Z Z Blt (Q})l 4 Q})ZZ I ai,j )J

i=1 j=1

(60)
8 8
&, = ActualBit,, .  — Z‘}:Bit(PrerR,PrerP2 | Preva; j)

i=l j=l

where QP = 2, 4, 6... 62, and Bi(QP|a;;) is defined in (25),
ActualBitpyevious, PrevQP;, PrevQP;, and Preve are the actual number of

bits, average input QP, transcoder QP, and Laplacian parameters of the

previously coded frame of the same type.
Note that unlike the FLQMT algorithm presented in the previous section, the

estimated number of bits can be compensated to increase its accuracy. This is because the

actual number of bits of the transcoded bitstream is still available at the transcoder.
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6.1.3. Macroblock-level Viterbi Quality Matching Transcoding
MVQMT) Algorithm

The MVQMT algorithm is very similar to its counterpart for encoding (MVQM)
presented in Section 5.1.3. They both attempt to find the macroblock QPs that best match
a given target quality. The main difference is that the encoding algorithm requires the
actual MSE of each macroblock. However, this information is no longer available at the
transcoder since the original video is not available. To handle this problem, the Laplacian
distortion model for transcoding derived in Section 3.2.1 is used.

Let Xy denote the random variable of the uncompressed samples, X; denotes
random samples at the input of the transcoder, and X7 denotes the transcoded samples at
the output of the transcoder. The total MSE (MSEr..) at the output of the transcoder

relative to the original uncompressed sequence is

MSEy,,, = E| (Xy - X, ) ] 61)
Equation (61) can also be expressed as
MSEpy = E[ (X, =X, ) | = B| ((Xy = X,)+ (X, - X, )) |

(62)
= El:(XU _XI)2 +(X, "'XT)2 +2(X, - X)X, _XT)J

or

Cl Cc2
C

MSE,, , = E[(XU ~X, )2] + E[(X, ~ X, )2] + 2E|i(XU - X,)(X, - X, )} (63)

A B

Note that in equation (63), the first term (4) is the MSE presented at the input of
the transcoder, the second term (B) is the MSE at the output of the transcoder relative to

its input (not the original uncompressed input), and the third term (C) depends on the
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correlation between the error at the input of the transcoder (C/) and the error introduced
by the transcoder (C2). Note that only B and C2 can be computed at the transcoder.

To further simplify (63), it is assumed that the error at the input of the transcoder
(CI) and the error introduced by the transcoder (C2) are statistically independent. Note
that in both encoding and transcoding, the main cause of error is the quantization error.
For bitrate reduction transcoding, transcoder normally needs to use different quantization
step sizes than the encoding step sizes. As a result, the assumption that the encoding
quantization noise is independent of the transcoding quantization noise is generally true.

With this assumption in mind, equation (63) can be expressed as:

MSE, . = E[(XU - X, )2]+ E[(X, - XT)z}L 2E[X, - X, E[X, - X,] (69

4 B D1 D2

In general, the error at the input and the error introduced by the transcoder are
introduced by quantization of DCT coefficients. If the input of the quantizer has zero
mean and 1s symmetrically distributed about zero, the expected quantization error is also
zero when a generalized uniform quantizer is used. As a result, the terms D/ and D2 in
equation (64) are assumed to be zero. Thus, equation (64) becomes:

MSETomI = M SE Input + MSE Trans (65 )

where MSE .. (term A4) is the MSE present at the transcoder input relative to the original
uncompressed samples, and MSE7,,,s (term B) is the MSE introduced by the transcoder.

Since the MSE at the transcoder input is not available, in the MVQMT, MSEj,,.
is estimated using the Laplacian distortion model, i.e.,

1 8
MSE,,,,, = 2.2 MSE(Q |, ) (66)

i=] j=}
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where O is the quantization step size used at the input, and the MSE function gives the
estimated MSE of DCT coefficient (i,j), and is defined in (17). On the other hand, since
all information required to compute MSE7,.,s is available, it is computed by using the
actual MSE in the MVQMT algorithm.

With (65) in mind, the MVQMT is basically the same as the MVQM algorithm.
The only difference is that it needs to deduct the input MSE from the target MSE. In

other words, (44) should become:

1 M
MSENewTarget = v]\_l-‘ Zi:l T; (67)
MSENewTarget = MSETargei - MSE[nput

where MSENewrareer 15 the target used by the MVQM algorithm for encoder, MSE7,g., 18
the overall MSE at the output of the transcoder relative to the original uncompressed

input, and MSE ., 1s the estimated input MSE defined in (66).

6.1.4. Macroblock-level Viterbi Bit Matching Transcoding (MVBMT)

Algorithm

The MVBMT algorithm for transcoding is almost the same as the MVBM
algorithm for encoding defined in Section 5.1.4. There are only two differences:
e The MVBMT algorithm uses the MVQMT algorithm instead of using the
MVQM algorithm.
e The MVBMT algorithm uses the Laplacian rate model for transcoding to

estimate the number of bits instead of using the Laplacian rate model for

encoding.
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6.2. MPEG-4 Constant-Quality CBR Transcoding Rate-
Control Algorithms with Dynamic Target Quality

Two CQ CBR algorithms for MPEG-4 video transcoding (FLCQT and MVCQT)
are presented in this section. They are developed based on the FLCQ and MVCQ
algorithms with dynamic target quality (DTQ) for MPEG-4 encoding developed in
Section 5.4. The only difference is that they use the QM/BM algorithms for transcoding
instead of QM/BM algorithms for encoding. This means that the FLCQT algorithm uses
the FLQMT and FLBMT as the quality/bit matching algorithm, and the MVCQT

algorithm uses the MVQMT/MVBMT as the quality/bit matching algorithm.

6.3. Simulation Results and Analysis

To evaluate the performance of the proposed transcoding CQ algorithms, four
reference bitstreams are used for each target bitrate. Two reference bitstreams are
encoded directly from the original sequence to the target bitrate using Q2 [7] (frame-level
control) and TMS5 (Test Model 5) [8] (macroblock-level control) as the rate control
algorithms. The other two reference bitstreams are transcoded using Q2 and TMS
algorithms from the compressed bitstreams. Note that Q2 and TMS5 were originally
designed for video encoding. They are extended to transcoding in the simulations. To
distinguish the transcoding Q2/TMS with the encoding Q2/TMS5, the Q2 and TMS5
algorithms for transcoding is denoted as Q2T and TMS5T in this chapter.

The input bitstreams of the transcoder are TMS5 encoded at 4 Mbps using two

GOV) structures (IPPP with intra period of 30 frames, and IBBP with intra period of 15
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frames). The input bitstream are transcoded to 1, 2, and 3 Mbps with the same GOV
structure as the input. Four input sequences are used: table tennis (352x240 300 frames),

football (352x240 210 frames), flower garden (352x240 150 frames), and mobile

calendar (352x288 300 frames). They all have frame rate of 30 frame/second and color
format as YUV 4:2:0. The buffer sizes are set to be 0.5 second (15 frames) of the target
bitrate. Frame skipping is disabled in all simulations.

Since the behaviour of the transcoder FLCQT and MVCQT algorithm depends on 4, A 1s
swept from 0 to 1 (exclusive). A total of 19 different As (0.00, 0.01, 0.02, 0.03, 0.04, 0.05,
0.06, 0.08, 0.10, 0.12, 0.14, 0.15, 0.16, 0.18, 0.20, 0.40, 0.60, 0.80, and 0.999) are
simulated. Simulation results for IPPP GOV structure are listed in Table 6.1 to Table 6.3.
Simulation results for IBBP GOV structure are listed in Table 6.4 to Table 6.6. Three
sample figures that illustrate the effect of A are shown in Figure 6.2 to Figure 6.4. Two
sample figures that illustrate the actual and the estimated PSNR (peak signal-to-noise
ratio) at the output of transcoder are shown in Figure 6.5 and Figure 6.6.

As shown in the tables, when comparing the results of transcoding with direct
encoding, a general observation is that the average PSNRs of the transcoded bitstreams
are about 1~2 dB lower than those that are directly encoded. One reason for this drop is
that the transcoders do not perform motion estimation again. Thus, motion vectors reused
in transcoding may not be as good as recalculated motion vectors. Another cause of the
quality degradation is the requantization error introduced by the second quantization.
However, despite having a slightly lower average PSNR, the transcoded bitstreams
(especially the ones using the proposed algorithms) generally give a lower quality

variation than bitstreams that are directly encoded by the reference algorithms.
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When the proposed transcoding algorithms (FLCQT and MVCQT) are compared
with the transcoding reference algorithms (Q2T and TMST), it can be observed that the
proposed algorithms provide lower PSNR variance while having similar average PSNR
and lower bitrate than the reference algorithms. This normally happens when A is small
(1<0.10 for instance). Note that the proposed algorithms generally have better
performance than the reference algorithms for the IBBP GOV structures. For IPPP
structures, the proposed algorithms give similar performance to the reference algorithms.
However, it should be noted that the proposed algorithms still offer a way to control the
quality variations through A. This extra degree of control does not exist in the reference
algorithms.

As shown in the tables and figures, as A increases from O to (nearly) 1, the actual
bitrate meets the target bitrate more accurately, the average PSNR increases, but the
PSNR variance increases. For most cases, the lowest PSNR variance occurs when A is 0.
This 1s expected since the target PSNR is determined by using the cost function defined
in equation (56). Also, as A increases, the dominant term in the cost function shifts from
low PSNR variance to high PSNR and accurate bitrate. This phenomenon is also clearly
shown in the results. Generally speaking, 4=0.10 seems to give good compromise among
accuracy to the target bitrate, high PSNR, and low PSNR variance.

As a final observation, in Figure 6.5 and Figure 6.6, the actual and the estimated
PSNR for two sequences are shown. It can be observed that the prediction made by the
FLCQT is less accurate than the one made by the MVCQT. This is expected since the
estimation made by FLCQT is based only on the Laplacian parameters estimated from

the quantized DCT coefficients. When there is a fewer number of non-zero DCT
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coefficients, or when input coefficients do not follow the Laplacian distribution, the
estimation made by the Laplacian rate/distortion model is expected to be less accurate.
On the other hand, the estimation PSNR made by MVCQT follows more closely to the
actual PSNR. The reason for this is that the MSE used by the MVCQT is obtained from
both the estimated the input MSE (using the Laplacian distortion model) and the actual
MSE introduced by the transcoder. Since actual MSE is used as part of the estimation, it

1s expected that the MVCQT algorithm gives a more accurate prediction than the FLCQT

algorithm.
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Table 6.1: Simulation Results for IPPP GOV Structure @ 1000 kbps
for table tennis (Seq. 1), football (Seq. 2), flower garden (Seq. 3), and mobile calendar (Seq.4)

Actual Bitrate (kbps) Average PSNR (dB) PSNR Variance
A {Seq.1 Seq.2 Seq.3 Seq.4|Seq.1 Seq.2 Seq.3 Seq.4{Seq.1 Seq.2 Seq.3 Seq. 4
Q2 — 11057 1014 1003 1002 }32.88 31.92 2590 27.07( 774 6.65 095 0.1
TMS — 11001 1000 1000 1001 131.84 31.70 25.18 26.701 721 6.54 0.87 0.62
Q2T — |1 1045 1007 1000 1002 {3227 31.54 25.15 26411699 646 123 050
TMST { - [ 1000 1000 1001 1000 {31.29 31.38 2447 26.00| 7.57 6.58 1.11 0.61

0.00 | 786 812 965 797 |30.78 30.38 24.96 2545|094 071 095 0.12
001 | 799 844 965 875 |30.87 30.54 2496 25.85) 236 086 095 0.16
0.02 | 836 862 967 927 |31.12 30.64 2497 26.09] 351 1.12 095 021
0.03 ] 863 870 967 952 |31.31 30.69 2497 2620 404 122 094 029
0.04 | 872 883 966 978 |31.42 30.73 2496 2631{ 462 149 095 036
0.05 | 887 901 964 963 |31.50 30.81 24.95 2625|499 177 097 032
0.06 | 911 905 964 972 |31.64 30.77 24.95 2628|574 217 097 036
0.08 | 935 927 962 977 |31.73 30.85 2495 2629 598 277 0.97 0.44
0.10 | 948 937 965 975 |31.76 3095 2496 2626 621 3.11 095 039
FLCQT| 0.12 | 966 946 966 978 |31.87 31.00 24.97 2628]| 691 3.46 095 043
0.14 1 984 954 963 978 131.91 31.06 24.96 26.28| 7.14 376 096 0.58
0.15 1 980 961 963 977 [31.94 31.10 2496 26.29| 733 395 096 0.59
0.16 | 980 962 963 978 {3191 31.12 24.96 26.29| 735 4.00 096 0.60
0.18 | 982 972 967 981 |31.88 31.18 2497 26.29| 6.89 440 094 045
020 | 985 980 967 982 |31.97 31.23 2497 2633| 7.81 469 094 0.65
0.40 | 990 1006 969 984 132.00 31.49 2497 2633|819 7.13 096 048
0.60 | 998 1017 971 985 [31.98 31.53 24.98 26.33] 7.66 7.87 099 0.66
0.80 | 999 1017 982 987 [31.86 31.53 25.00 26.32] 6.73 7.66 1.04 0.50
099911002 1015 982 985 |31.78 3140 2499 2631} 683 667 099 057
0.00 | 820 858 1006 879 |30.84 30.50 25.02 25.73| 087 065 155 031
0.01 | 847 867 998 909 {31.04 30.58 25.00 2590 137 072 1.55 028
0.02 | 861 875 995 944 |31.18 30.63 25.01 26.08| 235 091 146 030
003 | 873 892 992 956 |31.18 30.73 25.02 26.13| 3.60 1.16 131 026
0.04 | 898 903 990 965 |31.37 30.80 25.02 26.18| 438 145 129 026
0051 919 919 988 969 [31.49 30.88 25.02 26.19| 499 176 124 028
0.06 | 943 933 986 975 |31.60 30.95 25.02 26.22| 548 205 121 028
0.08 | 967 961 985 977 |31.71 31.08 25.02 26.22| 622 249 1.18 026
0.10 | 981 968 981 979 |31.80 31.13 25.00 2623|639 283 122 025
MVCQT| 0.12 | 993 979 981 980 |{31.80 3120 25.01 26.23| 622 323 1.17 024
0.14 1 995 983 981 980 |31.80 31.23 25.01 2623|624 353 1.15 025
0.15 1 994 994 980 981 [31.81 31.29 2500 26.23| 637 368 1.16 025
0.16 | 997 998 980 983 |31.82 31.32 25.00 2624|642 386 1.16 024
0.18 | 996 1000 979 982 {31.84 31.33 25.00 26.23| 6.68 435 1.14 025
0.20 | 997 1005 978 982 {31.84 31.36 24.99 26.23| 6.50 4.64 1.15 025
040 | 997 1017 977 984 {3178 31.46 24.98 2624|637 6.07 1.16 025
0.60 | 1000 1018 981 985 |31.80 31.47 2498 26.24| 671 6.15 1.12 028
0.80 | 1016 1018 982 987 |31.71 31.39 24.99 26.24| 646 557 1.10 032
099911026 1016 981 985 |31.61 31.34 2498 2623|559 549 1.13 037
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Table 6.2: Simulation Results for [PPP GOV Structure @ 2009 kbps
for table tennis (Seq. 1), football (Seq. 2), flower garden (Seq. 3), and mobile calendar (Seq.4)

Actual Bitrate (kbps) Average PSNR (dB) PSNR Variance
A ]Seq.1 Seq.2 Seq.3 Seq.4{Seq.1 Seq.2 Seq.3 Seq.4]Seq.1 Seq.2 Seq.3 Seq. 4
Q2 — 12006 2056 2002 2002 }36.25 3522 29.64 30.59) 48! 6.03 1.07 0.76
T™S — {2001 2000 2001 2001 |35.22 34.73 28.76 2999} 635 548 127 0.75
Q2T —~ (2010 2057 2001 2003 35.14 34.61 28.70 29.72| 3.52 6.18 122 0.57
TMST | - 2001 2000 2001 2001 [34.33 34.19 2791 29.16] 6.15 580 131 0.70

0.00 | 1566 1581 1922 1906 |33.94 33.22 28.28 29.41; 048 059 126 055
0.01 | 1648 1511 1920 1908 3430 32.83 28.28 2942} 1.13 0.60 124 0.55
0.02 | 1651 1560 1921 1909 |34.31 32.99 2828 2942 140 065 124 0.55
0.03 | 1664 1571 1921 1916 |34.37 33.08 28.28 29.44| 3.14 081 124 0.58
0.04 | 1707 1586 1921 1930 |34.55 33.11 2828 29.48| 3.17 097 124 067
0.05 | 1736 1585 1921 1934 |34.56 33.16 2828 29.49| 328 1.15 1.24 069
0.06 | 1820 1634 1926 1933 |34.73 33.34 28.30 2949 420 148 123 0.68
0.08 | 1881 1803 1920 1948 |34.86 33.78 28.28 29.53| 459 280 1.23 0.80
0.10 { 1906 1819 1928 1946 |34.88 33.82 2830 29.52| 532 327 124 0.79
FLCQT{ 0.12 | 1920 1853 1927 1958 |34.91 33.92 2830 29.54| 555 370 125 083
0.14 | 1933 1872 1926 1959 134.92 3398 2830 29.54| 5.58 407 125 0.86
0.15 | 1954 1894 1931 1959 |34.94 34.04 2831 2955|536 428 124 087
0.16 | 1964 1918 1931 1962 134.92 34.12 2831 2955} 5.11 484 124 088
0.18 | 1974 1925 1931 1963 {3499 34.14 2831 2955|542 523 124 089
0.20 | 1983 1940 1944 1963 |34.94 34.24 2834 2955|540 563 126 0.90
0.40 | 1998 2003 1937 1971 {34.95 3436 28.32 29.57| 521 666 128 0.95
0.60 | 2001 2007 1939 1967 {34.99 3437 28.33 29.55| 553 6.65 126 0.93
0.80 | 1990 2008 1959 1969 |34.96 34.34 2834 2955|549 662 132 096
0.999] 1996 2014 1959 1969 |35.07 3434 28.34 29.55| 6.17 638 132 0098
0.00 | 1677 1587 2027 1860 |34.10 32.98 2858 2924|033 034 164 030
0.01 | 1763 1609 2008 1890 {34.29 33.10 28.53 2934|092 027 1.78 03]
0.02 | 1782 1641 2013 1917 |34.38 3322 2856 29.43| 1.98 025 153 038
0.03 [ 1813 1670 2004 1930 [34.51 33.33 28.56 29.46| 258 040 142 041
0.04 | 1839 1708 2004 1937 |34.56 33.46 28.59 2948|378 061 123 044
0.05 | 1878 1741 1999 1944 {34.71 33.55 28.60 29.51| 404 088 1.16 044
0.06 | 1903 1775 1995 1950 {34.76 33.64 28.59 29.53| 431 1.17 1.11 047
0.08 | 1945 1867 1988 1958 |34.82 33.89 28.58 29.55| 435 188 1.11 0.49
0.10 | 1965 1928 1985 1962 |34.84 34.06 28.56 29.57| 458 237 1.10 052
MVCQT] 0.12 | 1988 1948 1982 1964 |34.90 34.12 28.55 2957 451 281 1.10 052
0.14 | 1996 1965 1979 1965 |34.94 34.17 28.55 29.58| 460 324 1.10 0.53
0.15 12002 1974 1981 1966 [34.96 3421 28.55 29.58| 446 347 108 053
0.16 | 2004 1987 1979 1967 {3495 3425 2855 29.58| 434 363 107 054
0.18 [ 1997 2001 1980 1967 |34.93 34.26 28.56 29.59| 459 395 1.05 0.53
0.20 {2003 2005 1979 1968 [34.92 34.26 28.55 29.59| 435 4.18 1.07 054
0.40 | 2004 2039 1977 1970 |34.80 34.39 28.54 29.58| 452 535 1.07 059
0.60 | 2001 2035 1981 1970 {34.60 34.34 28.54 29.59| 4.13 486 1.08 0.0
0.80 | 1992 2033 1983 1987 |34.69 34.36 28.54 29.56| 4.19 542 109 056
0.999 | 2008 2038 1981 1990 |34.54 34.27 28.54 29.55| 4.54 522 1.10 0.55
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Table 6.3: Simulation Results for IPPP GOV Structure @ 3000 kbps
for table tennis (Seq. 1), football (Seq. 2), flower garden (Seq. 3), and mobile calendar (Seq.4)

Actual Bitrate (kbps) Average PSNR (dB) PSNR Variance
A {Seq.1 Seq.2 Seq.3 Seq.4|{Seq.1 Seq.2 Seq.3 Seq.4[Seq.1 Seq.2 Seq.3 Seq. 4
Q2 ~ | 3105 2999 3004 2999 {39.06 37.24 32.34 33.00| 096 445 154 032
T™MS5 -~ 13001 3000 3001 3001 [3746 36.63 3132 3228|471 478 144 0385
Q21 — | 2887 2898 3002 3006 |36.85 36.06 3082 31.67| 1.08 424 126 0.78

TMST 3001 3000 3001 3001 [36.29 35.8% 30.17 31.27| 440 510 163 054

0.00 | 1919 2272 2847 2107 |34.92 34.50 3033 29934 197 0.64 103 0.50
0.01 { 2013 2299 2929 2153 |35.06 34.61 3037 30.05| 223 059 092 0.66
0.02 | 2416 2326 2917 2202 |35.81 34.72 3038 30.19] 273 0.65 146 0.5
0.03 | 2428 2382 2911 2218 |35.83 34.86 3035 30.25| 2.67 0.73 1.51 0.89
0.04 | 2540 2455 2910 2258 |36.02 35.05 30.36 30.34| 326 098 152 097
0.05 | 2595 2585 2896 2859 |36.10 35.30 30.32 31.33] 350 158 1.59 0.88
0.06 | 2619 2617 2882 2857 |36.13 3539 30.32 31.34] 359 181 1.78 0.82
0.08 | 2780 2698 2891 2865 |36.40 35.54 30.30 3135|391 238 1.77 0.88
0.10 | 2892 2797 2892 2934 136.54 3572 30.33 3144|425 318 176 1.09
FLCQT| 0.12 | 2959 2840 2886 2939 |36.58 35.82 3033 3145|432 368 168 1.09
0.14 } 2996 23839 2886 2951 |36.62 35.88 30.33 3142|420 394 168 126
0.15 | 2933 2857 2886 2951 |36.63 35.92 3033 3143 4.12 4.17 168 131
0.16 | 2935 2910 2896 2951 |36.61 3597 30.34 3143|417 443 169 1.28
0.18 } 2936 2920 2896 2952 |36.61 36.00 30.34 31.42| 418 459 169 134
0.20 | 2938 2924 2896 2952 |36.63 36.04 30.34 3143|428 479 169 131
0.40 | 2937 3014 2905 2955 ]36.59 36.13 30.34 3143|422 552 177 132
0.60 | 2939 3017 2906 2956 |36.65 36.13 30.31 31.44| 442 548 168 1.34
0.80 | 2907 3019 2905 2957 |36.64 36.11 30.30 3143} 453 541 181 142
0.999 | 2903 3014 2914 2958 {36.65 36.10 3030 31.45| 436 539 182 1.35
0.00 | 2381 2354 2931 2751 {35.36 34.50 30.12 31.22} 093 023 228 0.17
0.01 | 2521 2417 2926 2825|3565 34.69 30.11 31.35{ 1.26 0.10 237 025
0.02 | 2634 2472 2928 2886 {3593 34.86 30.15 31.47{2.18 0.17 2.10 0.3}
0.03 [ 2704 2549 2916 2913 |36.07 35.04 30.14 3152|274 040 2.13 037
0.04 | 2751 2631 2927 2918 {36.16 3520 3021 31.52| 326 0.79 182 0.37
0.05 | 2844 2679 2930 2925 {36.25 35.30 3022 31.53| 344 107 1.74 039
0.06 | 2918 2762 2921 2933 |36.33 3540 3020 31.54! 372 140 1.79 038
0.08 | 2979 2867 2930 2940 |36.44 35.52 30.27 31.55{3.73 200 137 039
0.10 | 3008 2918 2952 2944 |36.48 35.59 3038 31.55| 354 249 090 0.35
MVCQT] 0.12 | 3021 2930 2945 2946 [36.41 3559 3037 31.55| 404 294 094 031
0.14 13042 2967 2941 2947 |36.45 35.71 30.36 31.55| 3.64 3.09 096 033
0.15 | 3036 2974 2938 2949 |36.47 35.70 30.35 31.56| 3.58 3.48 099 0.30
0.16 {3037 2996 2939 2948 [36.39 3576 30.36 31.55| 3.94 345 095 03]
0.18 } 3035 3015 2937 2951 |36.42 35.76 30.36 31.56| 3.71 3.66 093 0.30
0.20 | 3034 3009 2934 2951 |36.45 35.73 30.36 31.55| 336 390 096 030
0.40 | 3038 3054 2924 2955 |36.37 35.86 30.35 31.56| 3.58 4.40 101 030
0.60 | 3034 3050 2916 2962 |36.35 3585 30.32 31.57|3.77 460 1.13 034
0.80 | 3033 3050 2913 2955 (36.31 35.70 30.31 31.53|3.67 375 120 0.46
0.999 | 3044 3045 2908 2956 |36.27 35.72 30.29 31.53]| 407 420 129 054
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Table 6.4: Simulation Results for IBBP GOV Structure @ 1000 kbps
for table tennis (Seq. 1), football (Seq. 2), flower garden (Seq. 3), and mobile calendar (Seq.4)

Actual Bitrate (kbps) Average PSNR (dB) PSNR Variance
A |Seq.1 Seq.2 Seq.3 Seq.4|Seq.1 Seq.2 Seq.3 Seq.4[Seq.1 Seq.2 Seq.3 Seq. 4
Q2 — | 1602 1014 1005 1004 [31.74 31.28 24.68 26.32] 399 748 160 092
TMS5 ~ | 1000 1000 1001 100013239 3163 26.14 2842] 5.62 831 091 095
Q21 ~ {1003 1011 1007 1002 |31.33 30.89 2447 26.12| 350 741 146 0.72

TMST 1000 1000 1001 1000 |32.12 3144 2592 28.19] 533 8.00 092 096

0.00 | 767 842 970 706 |31.12 30.23 2595 26.13} 049 120 036 0.07
0.01 | 812 851 970 875 |31.40 30.28 2595 27.05] 1.09 129 036 042
002 | 862 864 977 938 |31.61 3036 26.08 27.39| 1.82 155 029 039
0.03 ] 900 875 978 944 |31.79 30.44 26.10 2743|294 1.73 029 042
0.04 | 925 882 977 957 [31.91 30.49 26.08 27.47] 294 208 031 045
005 | 941 896 979 970 |32.08 30.53 26.09 27.52| 3.76 231 030 047
0.06 | 951 909 975 974 {32.09 30.60 26.03 27.53| 4.05 263 034 047
0.08 | 982 933 975 980 |32.25 30.64 26.03 2749|447 3.19 034 0.68
0.10 {1 985 937 975 982 |32.32 30.71 26.03 27.50| 4.65 363 034 0.67
FLCQT| 0.12 { 997 948 969 981 [32.41 30.76 25.98 27.53| 481 397 042 0.70
0.14 1 997 963 979 982 13234 30.82 26.08 27.49 465 447 037 067
0.15} 999 968 979 981 {3235 30.87 26.09 2749 483 462 036 061
0.16 § 1000 971 979 981 {3230 30.87 26.09 27.52| 442 460 036 065
0.18 | 1001 978 979 981 |32.33 30.93 26.07 27.53| 434 513 039 0.64
0.20 | 1002 989 979 982 |32.33 31.00 26.07 2759 431 592 039 0.77
0.40 | 1000 1014 974 985 {3240 31.19 2595 2757|475 1735 045 0.83
0.60 | 1000 1016 966 985 |32.28 31.21 2594 27.71) 464 788 044 0.89
0.80 | 1001 1018 964 987 |32.28 31.20 2597 27.63| 432 8.02 041 0.78
0.9991 1002 1015 967 986 {3230 31.17 25.96 27.60} 490 7.66 056 088

0.00 § 782 761 878 732 |30.34 29.40 24.84 26.05| 041 1.74 128 1.03
0.01 | 873 774 889 808 |30.82 29.56 24.90 26.45| 093 187 122 081
0.02 | 899 801 904 921 |30.97 29.75 25.01 27.13| 183 230 1.14 046
0.03 |1 925 837 917 983 |31.14 30.00 2509 27.48| 244 268 122 037
0.04 | 974 865 923 987 |31.40 30.19 25.10 2750} 3.15 285 128 0.36
005 | 980 889 936 988 |31.45 3036 25.13 27.51|3.52 3.15 107 037
0.06 | 988 916 954 989 |31.43 30.49 2532 2755|350 3.69 089 033
0.08 | 997 951 992 990 |31.50 30.66 2578 27.55| 3.34 448 041 034
0.10 | 1006 970 985 990 |31.56 30.80 25.78 27.55| 3.05 536 0.50 034
MVCQT]| 0.12 [ 1011 986 984 989 |31.64 30.88 25.84 27.55{ 324 585 050 034
0.14 {1 1009 993 983 989 {31.53 30.94 2584 27.55|3.09 628 050 034
0.15 1 1014 997 983 990 [31.61 30.96 2584 27.55| 329 640 051 0.35
0.16 | 1013 1001 982 990 |31.66 30.98 25.84 27.56| 322 6.53 053 035
0.18 | 1015 1003 982 990 [31.65 31.02 2584 27.57| 3.14 6.84 051 036
0.20 | 1013 1003 982 990 [31.67 31.03 2584 27.56{ 326 6.88 051 035
040 | 1009 1018 983 990 [31.64 31.09 2586 27.57{ 345 828 055 032
0.60 | 1002 1016 983 993 [31.55 31.06 2587 27.55{ 337 8.18 0.64 045
0.80 | 1000 1016 982 996 [31.55 31.04 2586 27.56{ 3.72 7.66 0.64 057
0.999] 1001 1015 981 995 |31.47 30.89 25.82 27.56| 349 6.79 066 033

143




Table 6.5: Simulation Results for IBBP GOV Structure @ 20().0 kbps
for table tennis (Seq. 1), football (Seq. 2), flower garden (Seq. 3), and mobile calendar (Seq.4)

Actual Bitrate (kbps) Average PSNR (dB) PSNR Variance
A |Seq.1 Seq.2 Seq.3 Seq.4{Seq.1 Seq.2 Seq.3 Seq.4|Seq. 1 Seq.2 Seq.3 Seq. 4
Q2 — 2005 2036 2008 2006 |35.07 34.64 28.70 3056} 352 7.62 196 0.75
TM5 — 2001 2000 2001 2000 {3576 34.61 29.62 3153|469 751 184 1.74
Q2T — 12004 2039 2012 2003 {3446 33.84 28.06 29.87| 2.69 691 134 0.5
TMS5T | — | 2000 2000 2001 2000 {35.19 34.15 29.03 3098| 546 732 162 148

0.00 | 1654 1178 1940 1582 {3443 3144 29.06 29.74| 088 081 0.83 0.27
0.01 {1702 1370 1933 1638 |34.64 3230 29.10 29924 135 134 0.78 0.33
0.02 { 1740 1550 1944 1717 |34.73 32.88 29.26 30.06 1.56 196 0.86 041
0.03 | 1778 1537 1925 1848 {3493 32.81 2924 3051214 193 085 0.56
0.04 | 1822 1562 1913 1913 |35.08 32.97 29.23 30.75{ 2.7t 225 083 091
0.05 | 1928 1555 1946 192113523 3299 29.29 30.79| 3.63 228 093 098
0.06 | 1953 1644 1963 1944 {3527 3321 2934 3082 3.55 2.85 099 0.85
0.08 | 1965 1771 1963 1954 {3534 33.48 29.37 30.82| 3.84 338 0.93 0386
0.10 | 1977 1851 1956 1958 |35.28 33.65 2928 30.79{ 3.71 388 0.92 0.93
FLCQT| 0.12 | 1984 1908 1954 1967 |35.32 33.78 29.27 30.97| 3.73 483 090 1.10
0.14 11936 1916 1958 1960 {3532 33.82 29.32 30.84{3.79 500 1.10 1.08
0.15 | 1987 1930 1960 1967 |35.32 33.91 29.41 30.94| 3.79 515 1.19 1.00
0.16 | 1988 1933 1962 1963 |35.27 33.94 29.33 30.78 | 4.02 553 101 092
0.18 | 1988 1994 1957 1964 |35.46 34.01 29.27 30.81| 432 6.07 085 0.95
0.20 § 1999 1994 1960 1966 {35.35 34.02 29.39 30.85| 375 6.06 107 096
0.40 | 1999 2043 1959 1972 |35.50 34.28 29.38 3090 437 760 123 0098
0.60 | 2002 2036 1954 1977|3543 34.23 29.33 3093|396 7.87 120 1.09
0.80 | 2000 2034 1953 1977 {3526 34.14 29.30 30.96| 3.67 7.56 1.05 151
0.999 | 1999 2030 1960 1981 |3542 34.21 29.28 30.97| 444 727 117 1.78
0.00 | 1434 1153 1681 1706 {32.80 31.02 27.59 29.79( 047 0.59 196 0.18
0.01 | 1605 1276 1916 1962 {33.15 31.59 28.46 30.33| 1.55 099 0.85 047
0.02 | 1731 1414 1905 2014 |33.54 32.08 28.44 30.36| 243 182 0.89 0.50
0.03 | 1864 1594 1996 2016 |33.95 32.60 28.79 30.36| 293 292 078 049
0.04 | 1936 1678 1993 2020 |34.04 32.76 28.80 3038|399 3.19 0.76 0.50
0.05 | 1968 1733 1993 2013 |34.04 32.89 2883 30.36| 3.87 3.62 0.66 045
0.06 {1984 1767 1986 2015 |34.07 32.89 2885 30.35| 363 349 061 046
0.08 12007 1881 1981 2024 |34.06 33.04 2888 30.39| 345 431 0.55 055
0.10 } 2020 1910 1981 2024 |34.16 33.19 28.87 30.38| 351 511 053 053
MVCQT] 0.12 | 2029 1944 1978 2027 |34.18 33.28 28.87 30.38| 3.57 5.62 053 0.60
0.14 1 2031 1976 1976 2028 |34.22 33.40 28.87 30.38| 3.43 645 054 062
0.15 | 2030 1984 1974 2027 |34.20 33.42 28.87 30.37| 3.57 672 055 057
0.16 | 2031 1990 1973 2028 |34.22 33.45 28.86 30.37| 3.43 680 055 0.59
0.18 | 2030 1992 1976 2027 {3422 33.45 2888 3037|340 7.13 051 063
0.20 } 2028 2003 1969 2028 |34.22 33.52 28.87 30.40| 342 761 057 0.6l
0.40 [ 2031 2037 1967 2026 |34.02 33.53 28.87 3036|462 794 0.60 0.64
0.60 [ 2022 2033 1964 2026 |{34.02 33.44 2885 3034 4.17 739 065 0.71
0.80 | 2001 2033 1959 2007 {33.82 33.28 28.82 30.30| 3.79 729 0.72 0.77
0.999 | 1990 2045 1951 2004 |33.72 33.21 28.80 30.26]| 480 657 085 082
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Table 6.6: Simulation Results for IBBP GOV Structure @ 3000 kbps
for table tennis (Seq. 1), football (Seq. 2), flower garden (Seq. 3), and mobile calendar (Seq.4)

Actual Bitrate (kbps) Average PSNR (dB) PSNR Variance
A {Seq.1 Seq.2 Seq.3 Seq.4{Seq.1 Seq.2 Seq.3 Seq.4|Seq. 1 Seq.2 Seq.3 Seq. 4
Q2 — 13130 2993 3017 301039.00 36.85 31.65 33.12| 1.36 554 254 124
TMS5 — 13000 3000 3001 3000{37.93 3644 3191 33.65] 486 7.10 281 237
Q2T — 12841 2900 3018 2999 {36.67 3522 30.06 31.80] 0.98 543 141 0.7

TMS5T 3001 3000 3002 3000 |36.99 35.82 31.17 33.03] 435 6.76 243 213

0.00 | 2181 2242 1889 1644 |35.43 34.64 29.00 2992| 0.84 141 089 052
0.01 | 2232 2295 1998 1727 |35.67 34.71 29.39 30.15] 1.02 1.53 093 0.59
0.02 | 2633 2555 2243 2673 |36.57 3518 29.86 3245|244 273 114 189
0.03 {2695 2655 2280 2775 |36.76 3536 2998 3259|301 360 121 184
0.04 | 2832 2721 2576 2790 |36.90 3543 3048 32.62| 3.14 4.14 146 1.72
0.05 | 2886 2672 2709 2892 137.08 3540 30.73 32.77| 381 355 185 153
0.06 | 2892 2721 2732 2886 |37.13 3546 30.80 32.79| 3.80 3.88 201 1.66
0.08 | 2897 2833 2798 2904 |37.15 35.64 30.93 32.86| 3.97 494 222 1.69
0.10 12933 2897 2847 2916 ]37.28 3575 31.07 32.89] 428 533 257 165
FLCQT| 0.12 | 2957 2928 2842 2931 |37.25 35.83 31.07 3289|430 562 262 1.77
0.14 12934 2906 2862 2931 137.29 3580 31.13 32.89| 432 528 277 1.77
0.15 | 2934 2891 2876 2931 137.29 35.81 31.15 32.89) 432 536 275 1.77
0.16 | 2978 2970 2862 2934 |37.34 35.88 31.12 3294|458 577 267 175
0.18 | 2924 2942 2869 2933 |37.32 35.86 31.13 3293|443 561 265 1.76
0.20 1 2989 2976 2874 2934 {37.35 3593 31.14 3295|449 603 266 18]
0.40 | 2990 3018 2893 2934 |37.34 3598 31.17 32.89| 465 648 279 1.78
0.60 | 2992 3022 2921 2937 {37.33 3592 3123 3294|482 620 286 1.89
0.80 | 2998 3026 2918 2938 137.33 3598 31.23 32.94| 482 647 286 194
0.999] 2996 3016 2958 2939 [37.34 3594 31.27 32.96| 480 642 271 202
0.00 | 2135 1695 2920 2207 |34.05 32.47 2997 30.79| 1.08 045 222 024
0.01 | 2449 1916 2930 2891 {34.55 33.09 30.06 31.77| 2.11 079 1.83 0.71
0.02 | 2690 2140 2946 2925 {3495 33.60 30.16 31.81] 3.58 1.52 0.65 0.66
0.03 | 2839 2401 2911 2954 |35.15 34.00 2998 31.85| 4.11 247 203 067
0.04 | 2866 2495 2915 2973 {35.18 34.02 30.10 31.85{ 4.13 248 143 068
0.05 12929 2578 2922 2985|3528 34.14 3021 3187|428 295 1.10 0.70
0.06 | 2972 2705 2893 2994 {3535 34.28 30.10 31.87| 447 374 137 0.71
0.08 | 3021 2893 2960 2996 |35.36 3443 30.32 31.88| 4.77 6.10 060 0.71
0.10 | 3047 2960 2956 2997 {3536 34.54 30.35 31.88| 443 694 062 0.73
MVCQT] 0.12 | 3041 2985 2946 2998 |35.32 34.65 30.31 31.88| 442 659 062 073
0.14 | 3046 3005 2884 2996 |35.36 34.64 30.04 31.88]| 393 739 135 074
0.15 13045 3000 2922 2995|3536 34.68 30.21 31.89| 407 6.74 079 0.75
0.16 | 3046 3007 2890 2990 |35.31 34.69 30.06 31.88] 4.12 685 121 0.74
0.18 | 3047 3030 2889 2991 {3545 34.63 30.06 31.88| 3.83 7.74 124 0.77
0.20 | 3048 3049 2914 3000 {3541 34.78 30.19 31.89| 400 720 086 0.76
0.40 | 3036 3059 2903 2990 |35.38 34.72 30.11 31.85| 406 662 1.07 08l
0.60 | 3035 3057 2911 3015|3521 34.62 3024 31.81| 442 652 080 093
0.80 | 3034 3051 2901 2994 |35.15 3435 30.07 31.78| 443 654 134 101
0.999 ] 3032 3054 2899 2989 |35.08 34.31 30.08 31.84| 526 6.06 1.17 059
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Figure 6.2: Effect of 4 for Football for Q2, TMS, Q2T, TM5T,
FLCQT, and MVCQT algorithms (GOV: IBBP, Rate: 1000 kbps)
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6.4. Chapter Summary

In this chapter, two CQ CBR rate-control algorithms for MPEG-4 video
transcoding are proposed. The FLCQT algorithm controls the quality at the frame level,
and the MVCQT algorithm controls the quality at the macroblock level. These two
algorithms are extended from the CQ CBR algorithms for MPEG-4 encoding proposed in
Section 5.4. The main difference is that the transcoding algorithms use the QM/BM
algorithms for transcoding while the encoding algorithms use the QM/BM algorithms for
encoding.

As shown in the results, the proposed algorithms give smaller PSNR variance and
similar (or slightly lower) average PSNR at a lower bitrate when A is small. As A
increases, the actual bitrate meets the target bitrate more accurately, and both the average
PSNR and the PSNR variance increase. This is expected since the quality variance
becomes less dominant in the cost function as A increases. The same phenomenon is also

observed in the CQ CBR encoding algorithms (see Section 5.4.3).
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Chapter 7

Conclusions

7.1.

Summary of Research Contributions and Publications

The following list summarizes the contributions of this thesis. For each

contribution, related publications are also listed.

Development of the Laplacian Rate/Distortion Model for MPEG-4 Video
Encoding:

The Laplacian rate/distortion (R/D) model for MPEG-4 video encoding is
developed in Section 3.1 and published in [108] (for intra frame only) and [99]
(for both intra and inter frames). This model is developed based on assuming the
DCT (discrete cosine transform) coefficients of the original sequence have
Laplacian distributions. Except the SQBCBR algorithm proposed in Section 4.2,
this model is used by all encoding algorithms proposed in this thesis. Simulation
results suggest that this proposed R/D model predict the number of bits and
distortion quite accurately. Also, since temporal stationarity is not required nor
assumed, this R/D model can deliver consistent performance for both stationary
and non-stationary sequences.

Development of the Laplacian Rate/Distortion Model for MPEG-4 Video

Transcoding:
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Since the transcoder input contains quantized DCT coefficients, which are
requantized by the transcoder, the Laplacian R/D model for encoding cannot be
applied to transcoding directly. However, by using the same assumption as in the
encoding case, the Laplacian R/D model for MPEG-4 video transcoding 1s
proposed in Section 3.2. It is used by all CQ (constant quality) transcoding
algorithms proposed in Chapter 6. Due to the requantization effect, unlike in the
encoding case, the transcoding R/D model has only numerical solution. However,
as indicated in the thesis, the computational complexity is not great. Also, since
the Laplacian parameters are estimated from quantized coefficients (and many of
them are quantized to zero), the transcoding R/D model is less accurate than the
encoding model. Despite this, the proposed R/D model can still give prediction
accurate enough for the rate-control algorithm. This contribution has been
submitted to [119].

Development of six Constant Quality (CQ) rate control algorithms for MPEG-4
video encoding:

In Chapter 5, a total of six CQ rate control algorithms are developed for MPEG-4
video encoding. They provide solutions for three CQ problems with different
channel requirements: VBR (variable bit rate) with FTQ (fixed target quality),
CBR (constant bit rate) with FTQ (published in [99] and [118]), and CBR with
DTQ (dynamic target quality) (published in [115]). For each CQ problem, two
algorithms are proposed that control the quality either at the frame level (using the
Laplacian R/D model), or at the macroblock level (using real distortions). Unlike

all previously reported CQ algorithms that control the quality indirectly through
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target bit allocation, the proposed CQ algorithms controls the quality directly
through the quality matching (QM) algorithms. Simulation results indicate that
the FTQ algorithms can meet the target quality quite accurately while having a
lower PSNR (peak signal-to-noise ratio) variance than Q2 and TMS5 (Test Model
5). For the DTQ algorithms, an extra degree of control is offered (1) that allows
users to change the emphasis from having lower PSNR variance to meeting the
target bitrate more accurately. Simulation results indicate that the DTQ algorithm
can give a lower PSNR variance while having a similar average PSNR at a
similar/lower bitrate when compared to Q2 and TMS5.

Development of two MPEG-4 CQ rate control algorithms for MPEG-4
transcoding:

With the success of encoding CQ algorithms, the concept of direct quality control
is further extended to MPEG-4 video transcoding. Two CQ DTQ transcoding
algorithms are proposed in Chapter 6. They use the transcoding Laplacian R/D
models to control the rate and quality. Simulation results indicate that the
proposed CQ algorithms give lower PSNR variance and about 1~2 dB drop in
average PSNR when compared with direct encoding using Q2 and TMS5. This
drop is expected due to the requantization error introduced by the transcoder.
When the proposed algorithms are compared with the reference transcoding
algorithms (Q2T and TMS5T), simulation results indicate that proposed algorithms
give lower PSNR variance and similar average PSNR. Simulation results indicate

that the extra degree of control also works well in these algorithms. One
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conference paper about this contribution has been submitted to [119]. Another
journal paper [120] is under preparation that will be submitted in the near future.
Development of a MPEG-4 CBR rate-control algorithm using the Laplacian rate
model.

A CBR rate-control (LPECBR) algorithm for MPEG-4 encoding is proposed in
Section 4.1, and published in [108]. Although it uses the same target bit allocation
algorithm as Q2 does, it uses the encoding Laplacian rate model to determine the
QP (quantization parameter) to code the frame. As indicated by the simulation
results, this algorithm offers a similar/higher PSNR and a lower variation in
bitrate than Q2.

Integrating Watson’s DVQ (digital video quality) metric into TM5 for MPEG-2
video encoding:

This contribution corresponds to the SQBCBR algorithm presented in Section 4.2.
This algorithm was first presented in [109] and [121]. It is the only algorithm in
this thesis for MPEG-2 encoding and uses Watson’s DVQ (digital video quality)
metric as the quality measure. Due to the low-pass filters used in Watson’s DVQ,
it gives better DVQ for low spatial activity sequences, but equal or worse DVQ
for high spatial activity sequences. Since Watson’s DVQ is not yet a standard way

to predict the subjective quality, PSNR is still used as the quality measure in the

rest of this thesis.
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7.2.

Conclusions

Based on the analysis and simulation results of this thesis, the following

conclusions can be made:

The Laplacian R/D models predict the number of bits/distortion quite accurately.
The most important property is that the Laplacian model does not require the
input to be temporally stationary, as implicitly assumed in many previously
reported R/D models.

The concept of controlling CQ directly is more intuitive and seems more efficient
than previously reported CQ algorithms that control quality indirectly through
target bit allocation. This concept is not only applicable for video encoding, but
can also be extended for video transcoding.

Although the MVQM algorithm gives suboptimum selection of macroblock QPs,
simulation results indicate that it matches the target quality with a very high
precision. It works by breaking a global target (target quality in this case) into
smaller local targets for each stage of trellis. The Viterbi algorithm is used to find
the minimum path in the trellis, where the distance between nodes is the absolute
difference between the node value (macroblock distortion) and the local target.

Note that the same approach can also be extended for other applications where a

best matched distance path is needed.
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7.3.

Future Research Directions

Some recommendations and possible improvements for future research endeavors

are discussed below.

Define a better measure of CQ:

In this thesis, PSNR variance is used as the measure of CQ. It is computed from
the PSNR of the entire video sequence. However, since the encoding difficulties
change over time, the target quality may also need to be adjusted over time. In
such case, variance over the entire sequence may not be a good measure. As an
example, assume that the PSNR curve is composed of two piecewise constant
lines. From a user’s point of view, there is only one sudden change in the entire
video. Although the quality is constant in each segment of the video, if variance
is measured from the entire sequence, it would probably be large, and would not
reflect the true quality variation perceived by viewers. Thus, a better measure of
CQ is necessary. As an example, it would be better to measure CQ as the average
PSNR measured from a fixed-size sliding window. If this measure is used, the
transition effect would not dominate the overall CQ measure. Another possible
way to define CQ is to guarantee the minimum quality. From user’s point of view,
slightly poorer average (but nearly constant) quality is better than higher average
quality but with occasional low qualities. These occasional low qualities could
give bad impression to the viewers. Thus, it would be nice that the CQ measure

could ensure a minimum quality as well as minimizing quality variations.
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Use other objective quality measures:

The main quality measure used in this thesis is PSNR. Although it is the most
commonly used quality measure, it is well known that PSNR does not necessarily
reflect the perceptual quality in some situations. As discussed in Section 5.1.5, the
proposed CQ algorithms are capable to use other quality measures as long as it
has the additive property. This means that if other quality measure could give a
better prediction of perceptual quality than PSNR, the performance of the
proposed CQ algorithms can also be improved with little or no effort.

Use region—of—interést (ROI) in the MVQOM and MVQOMT algorithms:

In the MVQM and MVQMT algorithms, the actual macroblock MSEs (mean
squared errors) are used. The distortions of all macroblock are treated equally.
However, from end-user’s point of view, not all regions in a frame are equally
important. There is usually one or more ROI that is important to the viewers. Thus,
it would be nice to emphasis the distortions in the ROI and deemphasize
distortions for the rest. One possible way to achieve this is to scale the
macroblock MSEs based on their importance.

Extend the concept of CQ control to joint coding and joint transcoding:

In the thesis, the concept of CQ control has been extended from encoding to
transcoding. However, it can be further extended to joint coding and joint
transcoding. Joint coding is used to transmit multiple sequences over a single
communication channel, such as satellite communalization. Joint transcoding is
joint coding with transcoding, i.e., multi-program transmission with format

conversion. To extend the CQ DTQ algorithms to work from single sequence to
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multiple sequences, it is essential to consider all sequences simultaneously. To be
more specific, one would need to modify Step | (set the target quality) and Step 4

(prevent buffer overflow) of the algorithm presented in Section 5.4. One way to

set the target qualities simultaneously is to minimize a new cost function. This
new cost function needs to maximize the PSNRs and buffer usage while
minimizing the PSNR variances. This could be done by adding a new sample
variance term for each sequence into the cost function. As for Step 4, since the
buffer is shared by all sequences, buffer overflow will also need to be prevented
simultaneously. Thus, if buffer overflow is expected to happen after adding al/
current frames of multiple sequences and removing the average number of bits per
frame (leaky-bucket), the remaining bit budget (Bifrarger, defined in equation (53))
will need to be split to all sequences. One way to split the bit budget is to use the
relative magnitude of target quality. Thus, sequences with higher target quality
will receive more bit budget than sequences with lower target quality. Bit

matching algorithm can then be used to reset the QP(s) for each sequence.
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