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Summary
Today, more and more user devices are accessible to multimedia content via
different networks. Applications based on visual content delivery over networks
have grown rapidly. These applications are designed especially for different
end users or for different networks. There is an interoperability problem between different systems and different networks. Video adaptation is adopted to
solve this problem. The explosive growth of multimedia contents, the accessible worldwide networks, the heterogeneous video-enabled devices, and diversity
of video-related coding standards have expedited the need for efficient video
adaptation.
Video adaptation is to transform the input video to an output in a video
or augmented multimedia form by utilizing manipulations at multiple levels
(signal, structure, or semantic) to meet diverse resource constraints and user
preferences while optimizing the overall utility of video. In order to provide
seamless service for end users, video transcoding has been adopted as an efficient tool to realize manipulations of coded representations and bit allocation,
which is a signal level adaptation. Video transcoder serves as a gateway to convert a pre-coded bitstream to another coded bitstream according to different
requirements. This facilitates the content providers to generate source infor-
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mation without considering the channel conditions and the user requirements.
End users also benefit from this and can receive the information they require.
According to different applications, there are four types of transcoding: raterelated transcoding, format-related transcoding, error-related transcoding, and
information-related transcoding. The main goal of rate-related transcoding is
to change the bit rate of the pre-coded bitstream, and present a “best” output video quality. This is the most commonly used scheme in homogeneous
transcoding. Format-related transcoding employs transcoder to convert the precoded bitstream into different coding standards or different coding format (e.g.
scalable to non-scalable, interlace to progress, etc.). To cope with the channel
error, error-related transcoding is introduced to insert error resilient component
to the pre-coded bitstream. The transcoded bitstream becomes more robust to
the channel error. Apart from these three types, information-related transcoding involves the combination of visual or visual related information to generate
a new bitstream. Here, the visual or visual related information can be the video
signal, logo, or user preference information, etc.
In this work, downsizing transcoding was the first main concern. Two aspects of downsizing transcoding were discussed. First is the resizing algorithm.
Two resizing schemes were proposed to realize arbitrary downsizing in the DCT
domain directly. This helps to improve the video quality compared with spatial
domain schemes. In these two schemes, one is designed for the inter frame and
the other is a more general solution. The second aspect of downsizing transcoding is the frame size selection. With introducing of arbitrary downsizing, it is
desired to select a suitable frame size for the transcoded bitstream to fully make
use of the bandwidth and present higher video quality. In the proposed scheme,
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the frame size selection problem has been converted to a bit rate estimation
problem. This reduces the computation for the selection.
Next, frame skipping transcoding was discussed. In frame skipping transcoding, bits saved from the skipped frames can be used to code those preserved
frames. The spatial quality of those preserved frames is improved. In order
to reduce the jerky effect introduced by frame skipping, the concept of “motion change” was introduced to evaluate the motion continuity. Combined with
the motion activity information, these two parts of information can be used
to determine the skipping pattern of the transcoded bitstream. The nonlinear
motion in the transcoded bitstream is reduced. This will improve the quality of
the reconstructed skipped frames.
In order to enhance the robustness of the transcoded bitstream against the
channel error, error resilient transcoding was investigated. Based on the conventional rate-distortion optimized intra refresh scheme, an enhanced intra/inter
macroblock mode decision scheme was proposed. The proposed scheme considers not only the error propagated from previous frames, but also the error propagated to the next frame. The transcoded bitstream presents higher robustness
when compared with the conventional schemes since it presents a global suboptimal solution. Considering the availability of information of the next frame,
two cases were discussed respectively. They both outperform the conventional
schemes in terms of PSNR.
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Chapter 1
Introduction

1.1

Motivation and Background

With the blossoming of multimedia system and network technology, there has
been an ever-increasing thrust on developing the corresponding applications and
services. Among them, video delivery is one of the most prominent applications
in multimedia communication. Up to now, various multimedia devices have been
developed to display visual contents for different purposes. At the same time,
telecommunication techniques promote more benefits for end users to access to
visual contents from networks. All of these make video delivery more popular
in our daily life.
As multimedia applications are designed for different users or different networks, this gives rise to a serious problem — interoperability. As shown in
Figure 1.1, video contents are obtained from live sources (e.g. video camera
and video surveillant system), and coded with different coding standards (e.g.
JPEG, H.261, H.263, H.264, MPEG-1, MPEG-2, MPEG-4). These coding stan-
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dards are targeted for different applications. Besides, the transmission environments are diversiform as well. For Local Area Network (LAN), the transmission
rate is high enough to guarantee a satisfactory quality. When it comes to wireless network, the transmission rate is quite low, and therefore, the quality of
transmission is dubious. Such diversity of networks makes it very hard to transmit the pre-coded video without any modification.
User
Video Source

PDA
Computer

Live video
(video camera,
Surveillant system)

Laptop

WAN LAN
WLAN CDMA
Ad Hoc GPRS
...

Video
Adaptation

Stored video
(JPEG, H.26X, MPEG)

Hand held computer

Cell phone

Figure 1.1: Environment of video adaptation
In addition, more and more emerging devices are video-enabled. At first,
only TV was available to display video information. It obtains video via cable
line. Then the computer system was used to display digital video. This kind
of devices obtains the video via LAN or wireless LAN (WLAN). Nowadays,
many devices are available to display the video. They obtain video contents
via different ways. Personal Digital Assistant (PDA) and hand held computer
are able to acquire video information via wireless network; Mobile phone can
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display video-related information such as Multimedia Messaging Service (MMS)
or Enhanced Messaging Service (EMS), and it receives video via General Packet
Radio Service (GPRS) or Code Division Multiple Access (CDMA) network.
The explosive growth of multimedia contents, the accessible worldwide networks, the heterogeneous video-enabled devices, and the diversity of videorelated coding standards have expedited the need for efficient video adaptation. On one hand, various kinds of incompatible source coding algorithms that
are characterized by different target bit rates and compression techniques need
inter-network communications and media gateways. On the other hand, the
transmission of video contents is required to accommodate to the different user
preferences. Sometimes, adaptation process may also involve issues related to
copyright or description problem.
Video adaptation tries to ensure a satisfactory service quality for video delivery. As defined in [1], video adaptation is a process to “transform the input
video to an output in video or augmented multimedia form by utilizing manipulations at multiple levels in order to meet diverse resource constraints and
user preferences while optimizing the overall utility of video”. Video adaptation is not a simple video coding process, and there are some differences between
them. First, video adaptation adopts a pre-coded bitstream as input, and the
corresponding output is another coded bitstream or correlated multimedia presentation. Next, video adaptation may be deployed in the intermediate location
between server and users, which facilitates the independent process of video
contents by the server.
Video adaptation can be classified into semantic, structure, and signal levels [1]. In semantic event based adaptation, semantic highlights or events in
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bitstream that are defined by the content provider or derived from user preferences are detected. These events are interpreted as segments with the highest
semantic level utilities. Analysis results can be utilized for different adaptations. Event information can be used to determine the optimal coding scheme.
Important information can be coded with a high quality, whereas unimportant
information can be replaced by still visual, text summaries, and/or audio only.
In structure level adaptation, the relation between structural elements is
studied. It can be used for different applications. First, key frames extracted
from the original bitstream can be used to summarize the information in the
shot. Next, image sequences captured by continuous camera can be used to
generate a panoramic view.
Below the semantic and structural level is the signal level adaptation. In
order to provide seamless service for users, several techniques are designed to
solve the mismatch problem in signal level adaptation. Transcoding has been
adopted as an efficient tool to realize manipulations of representations and issues
of bit allocation. Video transcoder serves as a gateway to convert a pre-coded
bitstream to another coded bitstream according to different requirements. This
facilitates content providers to generate source information independently. Also
for users, they can receive the information they require without further modification. In this thesis, the research is focusing on the signal level adaptation,
especially on video transcoding.
In practical applications, the mismatch between content providers and users
relies on different aspects. First of all, the bit rate mismatch is one aspect.
Traditional video coding methods encode the video at a given bit rate. However,
the received video quality becomes very poor if the channel bandwidth is lower
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than the target bit rate. Also, some users may require a low bit rate bitstream.
To save the bandwidth and fulfill the requirements of users, it is desirable to
reduce the bit rate of bitstream for a successful transmission.
Format mismatch is also a serious problem. End users may not have the
capabilities to decode the bitstreams coded with different coding standards. And
some bitstreams require the decoder with strong computation ability, which is
hard to realize in some mobile devices. There are also some needs to transcode
a scalable video to a non-scalable video to save the bandwidth.
In addition to format and bit rate mismatch, channel condition may also
lead to mismatch. Some bitstreams are coded for error-free network delivery.
When such bitstreams are transmitted over an error-prone network, severe video
quality degradation will be likely to occur. Some efficient schemes should be
applied to solve this problem by adding redundancy information.
In order to solve the above-mentioned problems, video transcoding has attracted a lot of research attention, and many techniques have been proposed to
provide efficient and robust video streaming services. However, there are still
many problems left to be solved. For example, how to improve the performance
of transcoder is still a challenging task. Motivated by this, novel techniques are
expected to improve the current transcoding schemes.

1.2

Objectives and Major Contributions

As described in section 1.1, there are overwhelming demands in video content delivery over networks. At the same time, the mismatch between content
providers and users is a serious problem that obstructs the seamless commu-
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nication. Video transcoding plays an important role in delivering such huge
diverse video sources to accommodate to different requirements.
From the perspective of convenience, the easiest way to transcode a precoded bitstream is to directly decode and then re-encode it. However, this will
incur high computational complexity and quality degradation. Generally speaking, there are two objectives of a transcoder. One is to reduce the computational
complexity, which is a necessity of real time transmission. The other is to improve the output quality of the transcoded bitstream. The desired transcoder,
which can obtain useful information from the pre-coded bitstream, should be
able to outperform the re-encoding process with respect to the above-mentioned
two aspects.
Video transcoding techniques and related works have been extensively studied in this work. Furthermore, some algorithms have been developed to further
improve the current video transcoding schemes. The main contributions of the
present work are summarized below:
1. Propose arbitrary resizing schemes in transform domain.
Arbitrary resizing transcoding is an efficient tool to reduce the overall
bit rate by transmitting a smaller size video. In the resizing process,
information loss may occur inevitably as downscaling filters are applied.
Therefore, low computation and low information loss scheme is desirable.
To overcome these problems, two resizing schemes were proposed in this
work. One is applicable to inter frame downsizing transcoding, while the
other is a more general resizing scheme.
2. Design frame size selection scheme for arbitrary downsizing transcoding.
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With introducing of arbitrary downsizing, fine gradual reduction of bit
rate and video quality becomes feasible. In downsizing transcoding, a suitable reduced frame size is desirable for the transcoded bitstream. Frame
size selection is the key issue to realize arbitrary downsizing transcoding. Based on some simulation results, the frame size selection problem
is converted to a bit rate estimation problem. Furthermore, the bit rate
estimation scheme is solved by estimating the lower bounds of bit rate in
different frame sizes. With these lower bounds, a suitable frame size for
arbitrary downsizing transcoding can be determined.
3. Design motion information based frame skipping transcoding
scheme.
In frame skipping transcoding, one important issue is to reduce the motion
information loss and avoid “jerky” effect. Based on the observation from
human visual perception, motion change was introduced to detect the
scene change in the pre-coded bitstream. It is used to evaluate the motion
continuity information. Combining the motion continuity information and
the motion activity information, a frame skipping transcoding scheme was
designed to minimize the motion information loss, which will benefit the
reconstruction of skipped frames.
4. Propose enhanced intra/inter macroblock mode decision scheme
in error resilient transcoding.
Intra refreshment is an efficient tool to reduce the error propagation in
error-prone network transmission. With the consideration of error propagation to the next frame, an enhanced intra/inter macroblock (MB) mode
decision scheme was proposed, which considers consecutive two frames in
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a sequence, and takes the error propagation to the next frame into account. Moreover, two cases were discussed according to the availability of
the next frame information. The proposed scheme enhances the overall
robustness of the transcoded bitstream against the packet loss.

1.3

Organization of the Thesis

This thesis is divided into seven chapters. It is organized as follows.
Chapter 1 contains a brief introduction on the background of video adaptation and the existing problems in video transcoding. The objective and contributions of this thesis are also introduced.
Chapter 2 gives a brief review on the video coding and video transcoding.
Related techniques and development are introduced. Four types of transcoding
are summarized, i.e. rate-related transcoding, format-related transcoding, errorrelated transcoding, and information-related transcoding.
Chapter 3 presents the proposed arbitrary image/video resizing schemes.
Two schemes are presented to resize picture directly in the DCT domain to
save computation and improve quality.
Chapter 4 discusses the realization problem in downsizing transcoding. An
efficient scheme is designed to choose a suitable frame size for arbitrary downsizing transcoding.
Chapter 5 studies the motion information within the video. Combining motion continuity with motion activity information, a motion based frame skipping
transcoding is presented to determine the optimal frame skipping pattern in the
transcoded bitstream.
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Chapter 6 presents the research on error resilient transcoding. First, a brief
introduction on conventional MB mode decision scheme is given. Then the impact of channel error on the next frame is derived, and the enhanced intra/inter
MB mode decision schemes are presented.
Chapter 7 concludes this thesis. Some recommendations on future work are
discussed in this chapter.
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Chapter 2
Video Transcoding

2.1

Fundamentals of Video Coding

A natural video scene is composed of multiple objects each with its own characteristic shape, color, and texture. The process of digitizing analogue video
involves three basic operations of filtering, sampling and quantization. Digital
video is a representation of a natural visual scene. Presenting and processing
visual content in digital format facilitate the storage and transmission of high
quality visual content with low cost.
Video data is either to be saved on storage devices such as CD and DVD
or to be transmitted over a communication network. However, the bandwidth
requirement of raw video data is quite high, making it impossible to transmit
raw video data in practical applications. For the same reason, to store raw video
data is also a serious problem. Therefore, video compressing is required for the
video storage and delivery.
Video coding is the process of compressing and decompressing a digital video
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signal. The encoder converts the source data into a compressed form (occupying
a reduced number of bits) prior to transmission or storage, and the decoder
converts the compressed form back into a representation of the original video
data. Video coding is an important tool for both video storage and delivery.
Video compression is achieved by removing redundant information in video
data. Many types of data contain statistical redundancy and can be effectively
compressed using lossless compression, so that the reconstructed data at the
output of the decoder is a perfect copy of the original data. Unfortunately, lossless compression of image and video information gives only a moderate amount
of compression. As a result, lossy compression is preferable to achieve higher
compression. In a lossy compression system, the decompressed data is not identical to the source data, so a much higher compression ratio can be achieved
at the expense of a loss of visual quality. Lossy video compression systems
are based on the principle of removing subjective redundancy, elements of the
image or video that can be removed without significantly affecting the viewer’s
perception of visual quality.
Most video coding methods exploit both temporal and spatial redundancy
to achieve compression. In the temporal domain, there is usually a high correlation (similarity) between video frames that were captured at around the same
time. Temporally adjacent frames (successive frames in time order) are often
highly correlated, especially when the temporal sampling rate (the frame rate) is
high. Taking the advantages of this characteristic, motion compensation (MC)
technique is applied to reduce temporal redundancy.
In the spatial domain, there is usually a high correlation between pixels
(samples) that are close to each other, i.e. the values of neighboring samples
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are often very close. In order to reduce the spatial redundancy, transform domain quantization technique and coefficient clipping are adopted. The coding
algorithm used in most of the video coding standards is a combination of transform domain quantization technique and motion compensation algorithm.
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Figure 2.1: Video encoder
Figure 2.1 shows a typical diagram of a video encoder structure. The previous picture is reconstructed in the encoder side by applying inverse discrete
cosine transform (IDCT) and dequantization (Q−1 ), and it is used as the reference frame of the current frame. Motion estimation is used to estimate the
motion by matching each MB in the current picture with the reference picture
and find the motion vector (MV) that specifies the best matching area. The
residue, which is the difference between the current MB and the best matching
MB, has much less energy than the original signal. Discrete cosine transform
(DCT) and quantization are applied to the residue to further reduce the spatial

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library

13

2.1. Fundamentals of Video Coding

redundancy. For intra frame, best predictions are those from the neighboring
pixels within the same frame. It is coded independently, and only spatial redundancy is removed. Finally, the generated symbols are converted into bitstream
by entropy coding (e.g. variable length coding (VLC)).
A typical decoder structure is shown in Figure 2.2. In the decoder side,
inverse operation is applied to the video bitstream to reconstruct the original
video sequence. The received bitstream is first decoded by variable length decoding (VLD), then de-quantized, and finally, the frequency domain coefficients
are inversely DCT transformed to get the decoded image. For inter frame,
the previously decoded images are stored in a buffer as references. The motion compensated image is summed with the decoded residue to generate the
final decoded image. Detailed description about these coding techniques can be
found in some video coding books [2–4].
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+

Input
bitstream
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Motion
Compensation

Frame store

Figure 2.2: Video decoder
Two standard bodies, the International Standards Organization (ISO) and
the International Telecommunications Union (ITU), have developed a series of
video coding standards that have shaped the development of the visual communication industry (see Figure 2.3).
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Figure 2.3: Development of coding standards
H.261 is the first standard that is widely used for video conferencing [5]. It
was developed by ITU-T to support video telephony and video conference over
ISDN channels of p × 64kbps. A combination of inter frame Differential Pulse
Code Modulation (DPCM) for minimum coding delay and DCT is used in this
standard. H.263 is an ITU-T standard designed for low bit rate communication [6]. Half pixel precision is used for H.263 motion compensation. There are
now four options available to improve performance: unrestricted MV’s, syntax
based arithmetic coding, advance prediction, and forward and backward frame
prediction called P-B frames, which is similar to that in MPEG.
MPEG-1 is the first MPEG standard [7]. It is designed for the application of
video storage, such as CD-ROMs. It is able to transmit a bit rate of 1.5M bit/s.
For storage application, coding delay is not a major constraint, so it can be
traded for a higher compression efficiency. MPEG-2 aims to support a large
potential market, and makes a significant impact in a range of applications
such as digital cable TV, digital versatile disc (DVD), and many others [8]. The
target bit rate for MPEG-2 is 4 − 15M bits/s. The MPEG-2 standard does cater
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for scalability, and it is the first standard to introduce the concepts of Profiles
and Levels (defined conformance points and performance limits) as a way of
encouraging interoperability without restricting the flexibility of the standard.
The MPEG-4 standard focuses on providing tools and algorithms for efficient
storage, transmission and manipulation of video data [9]. The intention of
MPEG-4 is to provide a suitable compression scheme for video conferencing,
i.e. data rates less 64Kbits/s. The most fundamental feature in the MPEG-4
standard is the shift towards object based or content based coding, with which
a video scene can be handled as a set of foreground and background objects
rather than just as a series of rectangular frames.
H.264, known variously as Advanced Video Coding (AVC), MPEG-4 part
10, is a new video compression scheme that is becoming the worldwide digital
video standard for consumer electronics and personal computers [10]. In contrast with the highly flexible approach of MPEG-4 Visual, H.264 concentrates
specifically on efficient compression of video frames. Key features of the standard include compression efficiency (providing significantly better compression
than any previous standard), transmission efficiency (with a number of built-in
features to support reliable, robust transmission over a range of channels and
networks), and a focus on popular applications of video compression.

2.2

Introduction of Video Transcoding

With the development of telecommunication technology, many user devices are
accessible to visual content via different networks: LAN, Digital Subscriber Line
(DSL), cable, wireless network, Integrated Services Digital Network (ISDN), and
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dial-up. These different access networks have different channel characteristics
such as bandwidths, bit error rates, and packet loss rates. At the same time,
diverse types of user devices are developed with capability to access to networks.
These user devices are characterized with different application purposes. They
vary significantly in resources such as computing power and display capability.
To flexibly deliver multimedia data to users with different available resources,
through different access networks, and for different applications, multimedia
contents need to be adapted dynamically according to the usage environment [1].
The seamless interconnection of various communication networks has become
a challenging issue in both research and development areas. Video transcoding
has also received its share of attention for the provision of video communication
services [3,11–13]. As illustrated in Figure 2.4, a video gateway embedded proxy
is located at the interconnection point between different networks. The operating video coding standards within these networks can be different from each
other. In such a case, the video proxy performs the necessary syntax translations
between different standards in order to achieve the required interoperability.
Video transcoding converts a pre-coded bitstream into another coded bitstream with different format, size, transmission rate, or simply translates it to
a new syntax [11]. The tool that makes use of this algorithm to perform the
necessary conversion is called a video transcoder. Using transcoding, an improvement in the quality of decoded video can be achieved, and at the same
time, the complexity, processing power, and delay incurred by the necessary
conversion operations are kept in minimal.
The conventional solution of transcoding has been applied by employing a
full decoder/re-encoder pair (see Figure 2.5). This cascaded pixel domain ap-
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Figure 2.4: Video transcoding environment
proach decodes the input bitstream, performs the appropriate post-processing,
and fully re-encodes it subject to new constraints. This scheme involves complex full scale motion estimation operations and DCT/IDCT. Therefore, it has
the highest complexity, processing time and power consumption. In addition,
motion estimation is performed by using the pictures with reduced quality, thus
a low video quality will be presented. So far, many efficient video transcoding schemes have been proposed to reduce the computational complexity and
improve the video quality.
In the following, some topics related to transcoding are introduced.
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Figure 2.5: Conventional transcoding architecture

2.2.1

MV Reusing in Video Transcoding

Video compression employs motion compensated prediction to reduce the temporal redundancy. Motion estimation has to be carried out for motion compensation. However, motion estimation is a computationally intensive operation.
Typically, it consumes 60% of the computation in the encoding process [14]. In
video transcoding, MV reusing and re-estimation have been developed to reduce
the computation cost on motion estimation [14–19]. Transcoder reuses the MV’s
from the input bitstream, and therefore, full search for MV’s is saved. This increases the speed of software based transcoding by more than 100% [15]. MV
reusing is the main tool to reduce the computational complexity in transcoding.
Several schemes have been proposed for reusing MV according to the different applications. When the spatial resolution and the temporal rate of the
transcoded bitstream are the same as those of the input bitstream, the MV’s
in the pre-coded bitstream are very close to those in the transcoded bitstream.
For simplicity, the transcoder can reuse them from the pre-coded bitstream directly. However, due to the variation of texture information, the MV’s from the
input bitstream may not be accurate enough, so they are not optimal for the
transcoded bitstream. Directly reusing these MV’s lowers the coding efficiency
and leads to bad video quality. In order to get accurate MV’s at an acceptable
cost, MV refinement is employed.
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Figure 2.6: Motion vector refinement
In full search motion estimation, to find the MV for an MB in the current
frame, the best matching MB is searched within a predefined search window
in the previously reconstructed reference frame. This searching range is rather
large and it requires quite a lot of computation. For most MB’s, the deviation
of the optimal MV between the input bitstream and the transcoded bitstream
is within a small range. Therefore, compared with applying full scale motion
estimation within ±15 pixels (or larger), the optimal MV can be easily obtained
by refining the incoming MV within a small range (see Figure 2.6), and it can
still produce almost the same video quality as the full scale motion estimation.
In [19, 20], MV is refined within a small range (e.g. ±2 pixels).
When spatial resolution of the transcoded bitstream is different from that of
the input bitstream, MV cannot be reused directly. Multiple MV’s in the input
bitstream are merged into a single MV in the transcoded bitstream. Adaptive
MV re-sampling is proposed for integer downsizing [14]. The final result is
obtained by weighting the original MV’s toward the worst prediction. Weighting
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factor is calculated by counting the number of nonzero AC coefficients.
Scheme for integer downsizing transcoding has been extended to arbitrary
downsizing transcoding [18]. All the MV’s that concern to a downsized MB are
weighted by their related areas. This is because in arbitrary downsizing, some
MB’s may partially contribute to a final downsized MB. Extensive research has
been conducted in this area [18,21,22]. Five fast motion re-estimation methods
are examined in [22]: “Simple average”, “Area-weighted average”, “QB-areaweighted average”, “Maximum QB-area”, and “Median”. “Simple average” is
realized by averaging all the concerning MV’s. “Area-weighted average” is a
weighted average of the related areas. In “QB-area-weighted average”, QB is a
measure of MB coding complexity, which is calculated by multiplying the quantization factors and the generated bits of each MB. It is introduced to calculate
the weighting factor based on “Area-weighted average”. For “Maximum QBarea”, the MV of an MB with the highest QB is chosen as the candidate MV
for the estimated result. And in “Median”, the MV that has minimal Euclidian
distance to other MV’s is selected. Among them, “Maximum QB-area” and
“Median” outperform other methods when no motion refinement is applied.
In downsizing transcoding, the re-estimated MV is not the optimal one
for the downsized bitstream. MV refinement is also specified for downsizing
transcoding [17, 23]. Here, the MV is not simply refined by searching within
a small search window [-2, +2]. In [17], a localization MV (LMV), which is
defined as the average of other MV’s except the re-estimated one, is introduced
to narrow the search range. LMV specifies a search direction, and refinement is
done according to this direction within the refinement window (see Figure 2.7).
In frame skipping transcoding, the frame rate of the input bitstream is re-
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Figure 2.7: Motion vector refinement using LMV
duced. Since some frames are dropped, MV’s of the following frames are not
valid to be reused directly. Several papers have addressed this problem on how
to generate the MV’s when the previous frame is skipped [16,20,24–26]. Generally, MV’s of non-skipped frames are estimated by tracing back to the previously
coded frame. It is obvious that this can only generate a baseline MV that is
close to the optimal one. With the help of MV refinement, an optimal MV can
be reached with less computation.
MB mode decision is another problem related to motion compensation. An
MB can be coded with intra, inter, or skipped mode to generate lowest coding
cost. Some papers address this problem for re-quantization transcoding, downsizing transcoding, and/or format conversion transcoding [22, 27]. Generally,
MB coding mode in the pre-coded bitstream gives a useful indication for the
transcoded bitstream. Especially in H.264, rate distortion optimization is introduced to decide the coding mode of each MB. However, the computation cost
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of mode decision is rather high. A suitable reuse of the information from the
pre-coded bitstream helps to reduce the computation.

2.2.2

Video Transcoding Architectures

The conventional solution of transcoding has been realized by employing a full
decoder/re-encoder pair. A typical cascaded pixel domain transcoding architecture (CPDT) is shown in Figure 2.8. A CPDT decodes the input bitstream,
performs the appropriate post-processing, and fully re-encodes it subject to new
constraints. The computation spending on motion estimation is saved by reusing
MV’s from the incoming bitstream. Nevertheless, it still requires two motion
compensation loops and DCT/IDCT. Therefore, this scheme still involves high
computation, high processing time and power consumption.
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Figure 2.8: Cascaded pixel domain transcoding architecture
Open loop architecture is the simplest architecture with the lowest computational complexity. This approach reuses the MV’s and processes the residue
separately. Here, the residue is derived by applying necessary operation on
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the partially decoded residue information directly. A re-quantization open loop
structure is shown in Figure 2.9. In this process, the original video is not reconstructed. Without doing DCT/IDCT, motion estimation, and motion compensation, most of the computation is saved. However, compared with other
architectures, the drift problem is serious.
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Figure 2.9: Open loop architecture with re-quantization

Drift comes from the non-commutative property of the motion compensation
between the encoder and the decoder. When the reference frames in the decoder
and the encoder are not exactly the same, drift occurs [28]. This error will
further propagate to the following frames until an intra MB/frame is refreshed.
It degrades the overall video quality since it is non-compensable. The drift
problem is serious in some existing transcoding architectures, and has been
analyzed for re-quantization transcoding in [15, 28, 29].
Open loop architecture is not suitable for those applications when no driftstopping scheme is adopted. In video compression, intra coded frames (I frames)
are coded independently. The reconstruction of I frame does not require motion
compensation. Therefore, I frame will not be affected by drift. However, the
drift from I frame will propagate to other frames that refer to it. Inter coded
frames (P frames) require other frames as the reference frame. They may also
be referred to by other frames. Therefore, open loop architecture is not suitable
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for I or P frames. Bi-directionally prediction coded frames (B frames) are not
used as the reference frames for other frames. Any error happening in B frame
will not affect other frames. Open loop architecture can be employed to B frame
to save the computation without leading to drift. As a result, no serious video
quality degradation is occurred.
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Figure 2.10: Simplified pixel domain transcoding architecture

Several other architectures were proposed to reduce the computation [15,
28, 30, 31]. A simplified pixel domain transcoding structure is illustrated in
Figure 2.10. In this transcoder, the incoming bitstream does not need to be fully
decoded. Some loops in the cascaded architecture are merged into a feedback
loop. This feedback loop accumulates the errors introduced by the different
quantization factors and rounding errors, and then adds them together, and
finally feeds them back to the next frame. In such a way, error propagation is
stopped. As the frame store memories and the motion compensation units are
independent, no drift is introduced. In this process, the encoding processing
depends on the decoder part, and drift free coding is achieved by applying the
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feedback loop. One DCT operation is saved in this architecture.
By utilizing the unitary orthogonal characteristic of DCT, a DCT domain
motion compensation method is proposed in [32]. In such a way, it is possible
to perform transcoding in the DCT domain directly. The benefits of DCT domain transcoding lie in two folds: better preserving of video quality and partial
prioritized processing. The former benefit is drawn from the fact that practical
DCT and IDCT implementations use floating point arithmetic, which introduces some round-off errors. These errors can be avoided by performing motion
compensation in the DCT domain. Additionally, DCT domain transcoding can
distinguish the significant signal components and hence facilitate partial priority
channels or limit user processing power, capacity, or time limits.
Several related architectures have been proposed in [29, 33, 34]. A typical
DCT domain transcoding architecture is illustrated in Figure 2.11. In this architecture, the transcoding error, which is the difference between the inverse
quantized input and output DCT coefficients, is accumulated in the DCT domain and kept in the frame store. After motion compensation in the DCT
domain, it is added to the inverse quantized current frame. And the output is
generated by applying re-quantization and VLC to this compensated bitstream.
In this architecture, all the operation are carried out in the DCT domain, and
no DCT or IDCT operation is required.
DCT domain video transcoding is generally more efficient than spatial domain transcoding. However, since the data is organized block by block in the
DCT domain, inverse motion compensation becomes the bottleneck for DCT
domain approaches. Several novel algorithms has been proposed to overcome
this problem [29,33,35–37]. These methods help to reduce the computation and
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Figure 2.11: DCT domain transcoding architecture
make real time processing applicable.
Special architectures are designed for frame skipping transcoding [38, 39].
These architectures separate the different inputs and specify different transcoding loops for them. Motion compensation is saved in some cases by storing
intermediate results without reconstructing the original video.
In [40], four architectures are examined specially for downsizing transcoding:
drift compensation in reduced resolution, drift compensation in original resolution, partial encode architecture, and intra refresh architecture. These four
architectures reduce some operations that are necessary for drift free transcoding. This results in drift to different extent. Drift compensation and drift stop
operations are adopted in these architectures to reduce drift. Drift analysis is
also presented for downsizing transcoding in [41]. In [42], DCT domain downsizing transcoding is studied. A new architecture that employs a submacroblock
motion compensation method is proposed. This method enables a drift compensation loop to be performed entirely in the reduced resolution. The memory
space required for the architecture is significantly reduced since the full resolu-

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library

2.2. Introduction of Video Transcoding

27

tion frame buffer is no longer required.

2.2.3

Video Transcoding and Scalable Video Coding

Scalable video coding (layered coding) is another solution to solve the mismatch
between the content provider and end users. It was originally proposed to increase the robustness of video codec against packet loss in ATM networks [2,43].
The concept of scalability has now been extended to other areas to accommodate to the variation of network condition. The basic scalable tools in scalable
video coding are data partitioning, SNR scalability, spatial scalability, and temporal scalability. Moreover, combinations of these basic scalability tools are also
supported and are referred to as hybrid scalability [2].
Scalable video coding is to compress a raw video sequence into multiple bitstreams. One of the compressed bitstreams is a base layer bitstream, which can
be independently decoded and provides coarse visual quality; other compressed
bitstreams are the enhancement layer bitstreams, which can only be decoded
together with the base layer bitstream and provides better visual quality. The
combination of all the bitstreams provides the highest video quality. End users
with a higher bandwidth could receive more enhancement layer bitstreams, and
consequently they could enjoy a higher quality video. Compared with the traditional non-scalable coding method, scalable video coding is more robust over
the bandwidth variation networks. The most obvious benefit of scalable video
coding is to encode the video only once, and then by simply truncating certain layers or bits from the original stream, lower qualities, spatial resolutions,
and/or temporal resolutions could be obtained.
To make a comparison between scalable coding and transcoding is rather
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complex since they address the same problem from different points of view. Scalable coding specifies the data format at the encoding stage, which is independent
of the transmission requirements, while transcoding converts the existing data
format to meet the current transmission requirements. Although scalable coding can provide low cost flexibility to meet the target bit rate, spatial resolution,
and temporal resolution, it sacrifices the coding efficiency compared with single layered coding. Considering a cascaded transcoding architecture that fully
decodes and re-encodes the video according to the new requirement, its coding
performance will be always better than that of the scalable coding.
There are some drawbacks of scalable coding [44, 45]. First, scalable coding
generates more layers. This requires more bits to code the enhancement layers.
Next, scalable coding requires higher decoding computation. This introduces
high complexity in the decoder part. Some users may have low power and low
computation requirement, which cannot successfully decode the scalable coded
video. Last, scalable coding cannot provide format conversion. This makes it
impossible to realize heterogeneous delivery.
However there are still some benefits of scalable video coding for video delivery over networks. First, scalable coding codes the video only once. When the
network condition is not good enough to transmit all the layers, the only operation is to discard some enhancement layers. No re-encoding is required. Another
important benefit is its application in multicast system. When one bitstream is
delivered to multiusers, scalable coding can code the video with multiple layers
and deliver them to multiusers with different network connections. However,
for video transcoding, a large amount of transcoders are required in the intermediate of the encoder and the decoders to accommodate to the requirements
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of end users.
Video transcoding and scalable coding have their different benefits for video
delivery. They can co-operate to reach a low cost video delivery as introduced
in subsection 2.3.2.

2.3

Classification of Video Transcoding

There are many video transcoding applications. For consideration of simplicity, they are classified into four types according to the purposes and the corresponding operations: rate-related transcoding, format-related transcoding,
error-related transcoding, and information-related transcoding.

2.3.1

Rate-Related Transcoding

The main goal of rate-related transcoding is to change the bit rate of the precoded bitstream, and present a “best” output video quality. It is the most
commonly used scheme in homogeneous transcoding, because there are large
amount requirements of bit rate conversion to fulfill the requirements of the
bandwidth and the user preference.
Content providers for high bit rate and high resolution video applications,
such as DTV and DVD, have already adopted single layer high quality video
coding as the default format. Hence, a large number of high quality coded
video contents already exist. The pre-coded bitstream is coded with highest
quality in the full frame size and high temporal rate. This ensures that the
video content is provided with low information loss. Such multimedia content
is not appropriate for low bandwidth transmission. When transmitting this
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bitstream over bandwidth-limited networks, delay and information loss will be
introduced. This leads to severe quality degradation. To solve this problem, the
bit rate of the pre-coded bitstream may have to be reduced to accommodate to
the network constraint (see Figure 2.12).

Higher bit rate
Higher frame rate
Higher spatial resolution

Transcoder

Lower bit rate
Lower frame rate
Lower spatial resolution

Figure 2.12: Rate-related transcoding

Several techniques can be applied to reduce the bit rate of the pre-coded
bitstream. One solution is re-quantization or truncation of the transform coefficients [15, 29, 46–48]. By applying a coarse re-quantization parameter or
truncating the high frequency coefficients, more DCT coefficients are set to
zero. This reduces the bits allocated to residue. This scheme maintains the
spatial and temporal resolution of the original bitstream, and no motion information loss is introduced. It is also easy to realize since the MV from the input
bitstream can be reused directly. Several fast transcoding architectures are designed for re-quantization transcoding to save the computation. The drawback
of this scheme is that when the quantization parameter is high, artifact may be
serious. Although the bit rate can fulfill the bandwidth constraint, the subject
visual quality is not acceptable. The target bit rate is not guaranteed by this
scheme. Sometimes the generated bit rate cannot reach the target bit rate even
when the largest quantization parameter is applied.
Another way to reduce the bit rate is to reduce the temporal resolution of
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the video (see Figure 2.13). This is realized by coding fewer frames than the
original video [16, 38, 49–53]. Considering a condition of the human eyes called
persistence of vision, frame skipping is often used as an efficient scheme to reduce
the overall bit rate. Some frames are dropped to improve the spatial quality.
Frame skipping allows allocating more bits to the preserved frames, particularly
those frames containing more important information. An acceptable quality for
coded frames can be maintained and limitations imposed by channel constraints
can be satisfied. For those coded frames, a smaller quantization parameter is
applied, which reduces the artifact. In frame skipping, motion information may
be lost because some frames are skipped, and “jerky” effect may be introduced.
In practical application, efficient schemes are needed to reduce the jerky effect
in order to provide satisfactory subjective visual quality. Since some frames are
dropped, MV’s from the input bitstream cannot be reused directly. A new set
of MV’s has to be derived.

.. ..

Skipped
frame
.. .. ..

Figure 2.13: Frame skipping transcoding

Downsizing transcoding is also an efficient scheme to reduce the overall bit
rate (see Figure 2.14). By transmitting the video with a reduced frame size to
the destination, the bit rate required is lowered. In this process, the spatial
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resolution of each frame is reduced to generate a smaller resolution due to the
constraint of bit rate. In the decoder side, users can upsize the video to the
original size. The complexity of this scheme is a bit high for it involves downsizing in the transcoding process. Information will be lost when downsizing is
applied. Moreover, a new set of MV’s is also required to be generated. However,
this scheme can reach very low bit rate without losing any motion information.
It can also reach a fine gradual reduction of the video quality. Many researches
are devoted in downsizing transcoding to reduce the computation and improve
the video quality [14, 18, 21, 35, 40, 50, 51, 54–66].

352*288

256*208

176*144

112*96

Figure 2.14: Various spatial resolution

2.3.2

Format-Related Transcoding

Another type of transcoding is format-related transcoding. Currently, various
video coding standards are available: H.261, H.263, H.264, MPEG-1, MPEG-2,
MPEG-4, and so on. In many applications, video coded in one coding standard
may need to be converted to another coding standard [23,24,27,34,67–70]. This
is because some receiver devices may not have the capability to decode certain
type of coding format. For example, video data may be coded with the most
recently coding standard, H.264, to get the highest compression ratio. Several
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new techniques are used in this standard to improve the compression efficiency.
But these new techniques are not recognizable by the former decoder that adopts
the previous coding standards. Furthermore, some end devices are designed
with low power, low complexity decoding capability. They cannot decode high
profile coding format. Under such circumstances, this kind of bitstream must
be transcoded to other coding standards according to the requirements of the
user.
Apart from transcoding between different coding standards, format conversion is also desirable between the interlaced bitstream and the progressed bitstream. This further increases the requirements of format-related transcoding.
A special case of format-related transcoding is so called transcaling [71–
76]. This kind of transcoding is used to convert a non-scalable video into a
scalable video, or vice verse, or even conversion between two scalable videos
(see Figure 2.15).
Non-scalable video is generally produced at a given target bit rate. When the
bit rate is higher than the bandwidth of network, it is very hard to successfully
transmit it over networks. When the channel bandwidth is not stable, nonscalable video has to be transcoded to a very low bit rate to accommodate to the
lower bound of the bandwidth. However, this results in a waste of bandwidth.
The bit rate of the scalable coded video can be reduced by discarding some layers
of the video without leading to drift. So, this introduces the need to transcode a
non-scalable video to a scalable video (see Figure 2.15(a)). Also, when delivering
non-scalable video to multiusers with different bandwidth capabilities, many
transcoders are required to transcode the bitstream with different bit rates at
the same time. High computation is required in this case. Scalable coding
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Figure 2.15: Different transcaling operation (a) Scalable video to non-scalable
video; (b) Non-scalable video to scalable video; (c) Transcaling between scalable
videos
may be a better solution. When the input video is transcoded into a scalable
video, only one transcoder is required. This saves the devices and reduces the
computation.
However, scalable coding has a lower coding efficiency than non-scalable
coding. In a scalable coded bitstream, there is redundant information. When
network condition is good, the redundant information may waste the bandwidth
and lead to quality degradation. With the same bit rate, single layer coding
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presents higher video quality than scalable coding. Transcoding a scalable coded
video to a non-scalable coded video is adopted when bandwidth condition is
good (see Figure 2.15(b)). This can make full use of the bandwidth and improve
the video quality.
Transcaling between scalable bitstreams is used to adjust bit allocation between the base layer bitstream and the enhancement layer bitstreams (see Figure 2.15(c)). This helps to guarantee the base layer video quality and increase
the flexibility of enhancement layers. In general, there is an inherent trade-off
between the level of scalability and the quality of scalable bitstreams. In other
words, the higher the bandwidth varies, the lower the overall video quality of the
scalable bitstream will be to support the desired bandwidth range. With transcaling, a scalable video, which covers a given bandwidth range, is mapped into
one or more scalable bitstreams covering different bandwidth ranges according
to the channel condition.

2.3.3

Error-Related Transcoding

Compression is used to reduce the spatial and the temporal redundancy of the
video. In order to reach the highest compression ratio, techniques are developed in the traditional coding system to reduce the redundant information in
the video. In this compression process, no transmission error is considered. Dependency between frames is rather high in the generated bitstream, and even
dependency between MB’s is also high. These kinds of bitstreams are highly
sensitive to the channel error. When bit error or package loss happens, it may
not only affect the current frame, but also propagate to the following frames.
This severely degrades the video quality.
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When this kind of bitstreams is transmitted over an error-prone network, it
is necessary to reduce the dependency between frames and MB’s to generate
a more resilient bitstream. As shown in Figure 2.16, error-related transcoding
is adopted at the interface of the error-free network and the error-prone network [77–85]. The purpose of error related transcoder is to insert error resilient
component to the input bitstream. The transcoded bitstream can be resilient
to the error in the network.

PDA

Pre-coded
bitstream

Transcoder

Transcoded
bitstream

Error prone network

Cell phone

Laptop

Figure 2.16: Error-related transcoding

Several error resilient tools can be considered in the coding process, e.g. inserting resynchronization marker between different slices, intra MB refreshment,
reference picture selection, and so on [86]. These components help to reduce
the dependency between frames and MB’s.
Channel coding is another way to protect the video free of errors. In channel
coding, Forward-Error Correction code (FEC) is used to protect different layers
or packets. However, due to the variety of the channel condition, one type
of FECs for certain network condition may not be suitable for other network
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applications. For example, packet loss is the main error in the wired network.
Packet level FEC is designed to provide maximal output video quality. In
wireless network, byte level FEC is adopted since bit error is the main error
source. A gateway is therefore needed in channel coding level conversion [87].
This is another error-related transcoding application.

2.3.4

Information-Related Transcoding

There are still some other applications of video transcoding, which involve the
combination of two and more visual or visual related information to generate
a new bitstream. Here we give three examples to illustrate the applications of
information-related transcoding.
In practical application, one important issue involves intellectual property
management and protection. Actually, the insertion of objects, such as logo,
subtitle, and watermark in the compressed domain has faced a growing interest by broadcasting television networks to provide the possibility of inserting
copyright information in the pre-encoded bitstreams [88–90]. In this process,
additional information is added to the original video (see Figure 2.17(a)). A
new bitstream is generated with necessary information included.
Region of interest based transcoding is another type of information-related
transcoding. As shown in Figure 2.17(b), the transcoder receives the input
bitstream and the instruction from the user. A new bitstream is generated
according to the user preferences and the constraints of users display device.
Another application is the multi-point video conferencing [39, 53, 91–95].
Multi-point video conferencing is a natural extension of point-to-point video
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Figure 2.17: Information-related transcoding (a) Logo or watermark insertion;
(b) Region of interest; (c) Video conferencing
conferencing. It involves networking, video combining, and multiple coded video
signals presenting. In multi-point video conferencing, three or more participants
are involved in a teleconference (see Figure 2.17(c)). The conference participants
are connected to a Multi-point Control Unit (MCU) in a central office. MCU,
which is also referred to as a bridge, is typically used to receive the audiovisual
information from the user terminals, process the received signals, and transmit
the processed signals to the user terminals. There are two typical ways for an
MCU to handle the video signals. In the “switched video” mode, one video

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library

2.4. Summary

39

source is selected as the broadcaster and sent to all the terminals except for
the broadcaster. In this mode, no transcoding is needed in the MCU except
for switching video source. In the “continuous presence” mode, several video
signals are combined into one video signal so that participants can view multiple
persons simultaneously [91–95].
The same technology can also be used for distance learning, remote collaboration, and video surveillance involving multiple sites.

2.4

Summary

Video transcoding has attracted interests in its diverse application areas. The
main purposes of video transcoding are to reduce the computation and improve
the video quality. They have to be reached by reusing the information from the
input bitstream.
One of most important information to be reused is the MV. As discussed
in subsection 2.2.1, reusing the MV’s to generate a new series of MV’s is an
efficient way to reduce the computation. This is only one aspect of MV reusing.
In frame skipping transcoding, motion information can be used to detect the
scene change. It is a good sign to indicate the importance of frame in temporal
rate adjustment. With the consideration of motion information, “jerky” effect
can be reduced according to some criteria. This will be further discussed in
Chapter 5.
At the same time, there is still other information from the pre-coded bitstream: quantization parameter, bit rate, residue distribution, and so on. These
reflect the character of video. They can be used to enhance the coding efficiency
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in the transcoding process.
In conclusion, how to reuse the information and how to improve the output
video quality according to application requirements are the main interests of
video transcoding.
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Chapter 3
Block-Based Image/Video
Arbitrary Resizing

3.1

Introduction

Today, the communication network connects heterogeneous devices together.
Different devices may have different network specifications, and consequently,
different demands for video transmission bit rate and quality. To match the
bit rate of the video source to the channel constraints and the display screen
of end devices, the spatial resolution of the original video needs to be reduced.
For example, when the available bandwidth is limited, the spatial resolution of
the original bitstream can be downsampled and transmitted via networks, then
decoded and upsampled to the original size at the receiver side. Another example is that when display devices of users have different display capabilities. The
input bitstream must be resized to accommodate to the screen size of display
devices. Image/video resizing has a broad range of applications in multimedia
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application environment.
A straightforward approach of downsizing is the bilinear interpolation in
the spatial domain. This approach simply calculates the downsized pixel value
by interpolating its neighboring pixels. In order to reduce the computation and
present a higher picture quality, image scaling in the DCT domain was proposed
by using the distributive characteristic of unitary orthogonal transform [32].
In [35], spatial domain bilinear interpolation scheme is converted into DCT
domain calculation. Matrix decomposition is used to reduce the computation
for matrix multiplication. In [60], the relation between the scaled picture and
the original picture is built, and the resizing process is implemented by mapping spatial domain downsizing into its transform domain version. In [56], a
fast scheme was proposed to realize resizing directly in the transform domain.
The video quality improvement is significant, and the computation is reduced.
Following it, a subband DCT based scheme [57] was proposed by extending the
algorithm in [56]. In downsizing part, these two methods reach similar result.
After that, a method was proposed based on a much bigger block size [61]. All
of these methods are designed for 2 to 1 integer resizing.
In practice, due to the versatility of display devices, an arbitrary resizing
ratio is expected. Arbitrary resizing enables the entire frame to be displayed
in device screen with limited size. To meet the requirements of arbitrary resizing, many schemes have been proposed to resize the original picture with
arbitrary ratio. In [63], a scheme was proposed to combine neighboring blocks
and generate a much larger block. By zero padding or truncating high frequency
coefficients of this big block, a new block is generated. The final result is realized by partitioning this new block into some 8 × 8 blocks. In [64], L/M -fold
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resizing was proposed by upsampling each block to L-fold and then downsizing
it by M -fold. In [54], only pixels contributing to the final 8 × 8 block are extracted. Final result is generated by downsizing these pixels to an 8 × 8 block.
In [62], a scheme was proposed to truncate the original block twice to reduce
the computation in arbitrary downsizing, and in [65], an arbitrary resizing was
proposed based on binDCT, which is a multiplierless DCT. Although some of
these methods can yield a satisfactory result, they give only special cases of
the realization. In addition, these schemes are proposed without anti-aliasing
consideration. A more general description with theoretical analysis is expected.
In this chapter, two resizing schemes are presented. First, an arbitrary DCT
domain downsizing scheme is presented in section 3.2. This scheme utilizes the
information of neighboring MB’s that contribute to a downsized MB. It can be
used to benefit the inter frame resizing. In section 3.3, a more general resizing
scheme is proposed based on a two-stage multirate structure.

3.2
3.2.1

Arbitrary DCT Domain Downsizing
Integer Image/Video Downsizing

In spatial domain integer resizing, the most straightforward approach is the
bilinear interpolation. This approach simply calculates the downsizing pixel
value by interpolating its neighboring pixels (see Figure 3.1). Since the original
video is 8 × 8 blocks, this downsizing operation can be represented in matrix
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notation as follows:

x=

4
X
i=1

hi · x i · g i

(3.1)

where x1 , x2 , x3 , and x4 are four adjacent 8 × 8 blocks in the spatial domain,
and hi and gi are the matrices used to extract, downsize, and shift those four
adjacent blocks. They are defined in (3.2).




1  P4×8 
·

2
04×8

8×8
1  04×8 
h3 = h4 = g2t = g4t = · 

2
P4×8

h1 = h2 = g1t = g3t =

(3.2)

8×8

where


 1 1 0

 0 0 1

P=
 0 0 0


0 0 0



0 0 0 0 0 

1 0 0 0 0 


0 1 1 0 0 


0 0 0 1 1

(3.3)

Many approaches have been proposed to achieve downsizing in the transform domain. By using the distributive characteristic of unitary orthogonal
transform, spatial domain operations can be converted to DCT domain manip-
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Original image

Downsized
image

Figure 3.1: Spatial domain integer downsizing
ulations [32]. From (3.1), it can be derived as,

X = DCT (x) =

4
X
i=1

=

4
X
i=1

DCT (hi · xi · gi )

DCT (hi ) · DCT (xi ) · DCT (gi ) =

4
X
i=1

Hi · X i · G i

(3.4)

where Xi , Hi , and Gi are the corresponding DCT domain matrices of xi , hi ,
and gi .
Some different approaches were also proposed in [56, 57]. However, these
approaches can only achieve downsizing by a factor of two, or the downsizing
ratio must be an integer. Due to the versatility of display devices, an arbitrary downsizing factor is expected. Next, an arbitrary image/video downsizing
method in the DCT domain was proposed. This approach is based on some
works mentioned above.
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Proposed DCT Domain Arbitrary Downsizing Method

In the spatial domain, for an arbitrary downsizing ratio R, which is defined
as the ratio of the original resolution to the desired resolution (note that the
horizontal downsizing ratio Rx can differ from the vertical downsizing ratio Ry ),
more than one pixel in the original frame may contribute to a single pixel in the
downsized frame.
As shown in Figure 3.2, one 8 × 8 output block in the downsized frame can
come from as many as M × N related blocks aij s in the original frame. aij s
are covered by the supporting area b, which size is 8Rx × 8Ry . Therefore, the
original frame can be partitioned into these supporting areas. The proposed
approach realizes the downsizing in two steps: extracting the supporting area
from the original frame, and downsizing it into an 8 × 8 output block.

Figure 3.2: Relation between downsized frame and original frame
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Extracting Supporting Area in the Original Frame

Due to the non-integer downsizing ratio, aij s could be classified into 9 different
cases based on covered locations (see Figure 3.3). They can be fully covered or
partially covered by the supporting area. The partially covered blocks have 8
cases, where the overlapped regions locate at the top, bottom, left, right, top
left, top right, bottom left, and bottom right portions of the block in the original
frame, respectively.

Figure 3.3: Different cases of covered style
In the scenario of integer downsizing, all pixels in the related blocks in the
original frame are used to form the output block in the downsized frame. However, when the downsizing ratio is not an integer, not all pixels of these related
blocks would be engaged in generating the output block. For instance, if the
supporting area covers the bottom right corner of the related block, i.e. case
1 in Figure 3.3, only a portion of the pixels in this block (bottom right p × m
pixels) are used to form the new block.
Assuming that aij s have already been partially decoded, it is desired to

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library

3.2. Arbitrary DCT Domain Downsizing

48

extract the spatial information of the supporting area b from Aij s, where

Aij = DCT (aij )

i = 1 to M, j = 1 to N

(3.5)

Spatial domain representation can serve as the starting point to build the
relation between b and Aij s. Those related pixels that constitute the supporting
area b are extracted from aij s. M × N blocks namely âij are obtained. The size
of âij s may differ and depend on the covered pixels of each related block. For
example, for case 6 in Figure 3.3, only the left q × 8 pixels are covered by the
supporting area b, then the size of âij is equal to q × 8. Next, another M × N
block with the size of 8Rx × 8Ry namely āij is considered. āij s are the zero
padding versions of âij s and can be obtained from aij s as follows:

āij = mijL · aij · mijR

(3.6)

where mijL and mijR are the shift matrices used to extract the corresponding
matrix âij from the related block aij and pad it into the size of 8Rx × 8Ry .
Their sizes are 8Rx × 8 and 8 × 8Ry respectively.
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Then the supporting area b can be represented by combining āij s as follows:

b=

M X
N
X
i=1 j=1

āij



 â11

= 
 0

0
|

 0 0

+ 
 0 0

0 0
|





0 . . . 0   0 â21 . . .
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 (3.7)



. . . âM N
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Due to the distributive property of the DCT, the supporting area b is extracted in the DCT domain, which is defined as

B = DCT (b) =

M X
N
X

DCT (āij )

i=1 j=1

=

M X
N
X
i=1 j=1

=

M X
N
X
i=1 j=1

DCT (mijL · aij · mijR )
MijL · Aij · MijR

(3.8)

where MijL and MijR are the DCT representations of mijL and mijR , respectively.

3.2.2.2

Downsizing the Supporting Area

In a natural image, most of the signal energy is concentrated in the low frequency
part in the DCT domain. A reasonable downsizing scheme is to retain only the
low frequency components and discard the high frequency components of the
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block. Most of the energy of the original block is preserved. As can be seen
above, the size of supporting area is 8Rx ×8Ry . This supporting area contributes
to one 8 × 8 output block. Discarding the high frequency components and
extracting only the low frequency 8 × 8 part will downsize the block B to 8 × 8
in the DCT domain as follows:

Y=



I8 0



8×8Rx





 I8 
·B·

0

(3.9)
8Ry ×8

The block Y is an 8 × 8 DCT block. No further processing is needed. Then
the relation between Aij s and Y is given by:

Y =

M X
N
X
i=1 j=1

=

HijL · Aij · HijR

N 
M X
X
i=1 j=1

|

I8 0



8×8Rx

{z

8×8





 I8 
· MijL ·Aij · MijR · 

0
}
8Ry ×8
|
{z
}

(3.10)

8×8

Here, downsizing is realized from 8Rx × 8Ry to 8 × 8 in the DCT domain.
The sizes of pre-matrix HijL and post-matrix HijR are 8 × 8. These matrices
are independent of the input blocks. All possible combinations of them can be
pre-computed and stored in the memory. With the look-up-table based implementation, no delay is imposed while processing real time video transcoding.

3.2.3

Experimental Results

In this subsection, experimental results are presented for the proposed arbitrary
downsizing algorithm. In the experiments, downsized pictures are upsized to
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the original frame size and compared with the original picture. Frame 40 from
the video “Coastguard” is shown in Figure 3.4(a). The original frame size is
352×288. This frame is downsized to 256×192, where the horizontal downsizing
ratio Rx is 11 : 8 and the vertical downsizing ratio Ry is 3 : 2, respectively.

(a)

(b)

(c)

(d)

Figure 3.4: Coastguard (a) Original; (b) Downsized by the proposed method and
upsized by DCT domain zero padding, PSNR is 34.34dB; (c) Downsized by bilinear interpolation and upsized by bilinear interpolation, PSNR is 28.80dB; (d)
Downsized by bilinear interpolation and upsized by DCT domain zero padding,
PSNR is 30.85dB
For the proposed method, a downsized picture is upsampled to the original
size by the DCT domain zero padding scheme. Figure 3.4(b) shows the picture downsized by the proposed method. The PSNR is 34.34dB. Figure 3.4(c)
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and Figure 3.4(d) show the pictures downsized by the spatial domain bilinear
interpolation. The downsized pictures are upsampled by the spatial domain
bilinear interpolation and DCT domain zero padding, respectively. The PSNR
is 28.80dB by using spatial domain bilinear interpolation upsizing and 30.85dB
by using DCT domain zero padding upsizing. Comparison shows that the proposed DCT domain arbitrary downsizing method can well preserve the most
important information of a picture and present a better visual quality. Less
information is lost in the downsizing process.
44
Bilinear interpolation(1)
Bilinear interpolation(2)
Our proposed method
Mehta’s method [63]

42
40

PSNR

38
36
34
32
30
28

0

20

40

60

80

100

Frame

Figure 3.5: The PSNR performances of different downsizing methods on “Coastguard” (Bilinear interpolation downsizing is upsized by bilinear interpolation (1)
and DCT domain zero padding (2), respectively.)

Figure 3.5 shows the PSNR comparison of the first 100 frames for the video
“Coastguard” by different downsizing approaches. The proposed scheme is compared with bilinear interpolation and Mehta’s method [63]. It is clear that there
is a significant PSNR improvement in the proposed method.
Some other video sequences are tested to compare the performance. The
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Table 3.1: PSNR Comparison for different video sequences downsizing (Bilinear interpolation downsizing is upsized by bilinear interpolation (1) and DCT
domain zero padding (2), respectively.)
Bilinear (1)
Bilinear (2)
Proposed method
Mehta’s method [63]

Foreman
32.28
32.32
36.31
36.02

Suzie
34.83
35.05
38.35
37.99

Mobile
21.20
21.95
23.05
22.62

Dancer
35.28
36.66
39.39
38.89

Coastguard
29.24
31.27
34.94
34.42

Flower
22.57
23.40
25.01
24.63

original 100 frames are downsized from 352 × 288 to 256 × 192. The downsizing
results are shown in Table 3.1, which illustrates that the proposed method
outperforms the spatial domain processing.
When compared the computational complexity with the spatial domain
method, the computation can be reduced by the proposed method. First, DCT
and IDCT can be saved by using DCT domain downsizing. Next, in order to
obtain a high quality downsized video in the spatial domain, a long filter length
for an ideal low pass filter should be applied to downsize the picture. But the
computation will increase depending on the required visual quality. Especially
for arbitrary downsizing, the filter matrix may be less sparse. This also involves
complicated matrix multiplication, which increases the computation cost in the
spatial domain downsizing. Therefore, it is worthwhile to downsize pictures in
the DCT domain for a better picture quality.
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Generalized DCT Domain Arbitrary Resizing

In this section, a general description, called two-stage arbitrary resizing (TSAR),
is introduced to realize block-based image/video arbitrary resizing. This approach is based on the multistage sampling rate alteration system, and a twostage structure is adopted with the consideration of computation and flexibility.
Considering the property of block-based visual content, some constraints are
derived for designing a special filter. These constraints can guarantee the output picture with satisfactory anti-aliasing. In the following, some topics related
to TSAR are discussed.

3.3.1

Fundamentals of Multirate System with Multistage
Implementation

In a multirate system, rate alteration is realized by the expander or decimator [96, 97]. Figure 3.6(a) shows a complete decimator diagram. A low pass
filter is allocated preceding the decimator. It ensures that the signal input to
the decimator is bandlimited. This helps to reduce aliasing. The corresponding
input-output relation is given by
M −1
1
1
1 X
X(z M W −k )H(z M W −k )
Yd (z) =
M k=0

where W = exp(j2π/M ) and j =

√

(3.11)

−1.

Figure 3.6(b) shows a complete expander diagram. An interpolation filter
is inserted following the expander to suppress all the images. Similarly, the
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x (n )
H ( z)

M

Decimation
filter

y d (n )

x (n )
L

Decimator

H (z)

y e (n)

Interpolation
filter

Expander

(b)

(a)

Figure 3.6: Sampling circuit: (a) Downsampling by M ; (b) Upsampling by L
input-output relation is shown in (3.12). In image resizing, a single decimator
or expander can be used for integer resizing.
Ye (z) = X(z L )H(z)

(3.12)

Fractional sampling rate alteration is realized by combining an interpolator with a decimator (see Figure 3.7(a)). This structure realizes an L/M -fold
resizing by cascading an L-fold expander with an M -fold decimator. The inputoutput relation is shown in (3.13). An equivalent form is illustrated in Figure 3.7(b). The corresponding input-output relation is shown in (3.14).

x (n )
L

H (z )

M

y (n )

(a)
x (n )

G( z)

L

(b)
Figure 3.7: Fractional sampling

M

y (n )
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Y (z) =

M −1
L
1
1 X
X(z M W −k )H(z M W −k )
M k=0

(3.13)

M −1
L
L
1 X
Y (z) =
X(z M W −k )G(z M W −k )
M k=0

(3.14)

Multistage implementation gives a flexible solution for sampling rate alteration. This structure can also save the computation for some applications.
Figure 3.8 shows a three-stage implementation of sampling rate alternation. In
multistage implementation, there are two factors to be specified. One is the
level of stages, and the other is the parameter selection. The performance of
multistage implementation depends on the selection of parameters in this structure. Different parameter sets present different outputs. Suitable selection of
the stage level and the parameters is necessary for different applications to reach
a compromise between the computation and the flexibility.

x(n )

l1

h1 ( z )

m1

m2

h 2 (z )

l2

l 1 / m1
l1

l2

l3

h3 ( z )

m3

y(n )

l 3 / m3

l 2 / m2

m1 m 2 m3

l3

=

L
M

Figure 3.8: Multistage implementation for sampling rate alternation

3.3.2

Two-Stage Realization for Arbitrary Resizing

The multirate system is designed for sampling rate alternation [96, 97]. It can
also be used for image resizing. For arbitrary resizing, the resizing ratio is as-
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sumed as L/M (L and M are relatively prime integers). In TSAR, a two-stage
structure is adopted to realize arbitrary resizing. Although a high stage realization presents higher flexibility, it also introduces high computation when
the level of stages increases. Figure 3.9(a) shows a general two-stage structure
for arbitrary resizing. In this structure, four parameters are needed to be de0

0

termined. L and C1 are required for the first sampling stage. M and C2 are
required for the second sampling stage. In the following, the parameter selection
for TSAR is introduced.
x (n )

L'

h1 ( z )

C1

C2

h2 ( z )

y (n)
M'

C2 / M '

L' / C 1

(a)

(b)
Figure 3.9: Two-stage structure for arbitrary resizing

In video transcoding, the input is a pre-coded bitstream and the available
data are 8 × 8 block based DCT coefficients. From [56] and [61], it is observed
that the computation can be saved if one of the parameters in fractional sampling is 8. In a downsampling process, high frequency coefficients of an 8 × 8
block can be truncated to reach (8 − n)/8 downsampling (see Figure 3.10(a)),
or a big block can be truncated to an 8 × 8 block to realize 8/(8 + m) downsam-
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pling (see Figure 3.10(b)). Truncating process is done in the transform domain
directly. In an upsampling process, an 8 × 8 block is padded by zeros to realize
(8 + m)/8 upsampling (see Figure 3.11(a)), or a small size block is padded by
zeros to an 8 × 8 block to reach 8/(8 − n) upsampling in the transform domain
(see Figure 3.11(b)).
8

m

8
n

(a)

(b)

Figure 3.10: 8 × 8 block based downsampling (a) Sampling ratio (8-n)/8; (b)
Sampling ratio 8/(8+m)

8

m

8
n

(a)

(b)

Figure 3.11: 8 × 8 block based upsampling (a) Sampling ratio (8+m)/8; (b)
Sampling ratio 8/(8-n)
Based on this observation, two parameters in the two-stage resizing structure
are fixed. As shown in Figure 3.9(b), C1 and C2 are fixed to a constant value
8. The sampling ratios are L0 /8 and 8/M 0 in the first and the second stages,
respectively. In some applications, the block size of the input signal is not
8 × 8. The constant parameter C1 and C2 may choose other values instead of 8
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according to the actual block size. For example, in H.264, the block size is 4 × 4.
When this two-stage structure is considered, 4 will be used instead of 8 as the
constant parameter. Moreover, in some applications, the transform function is
not DCT. The same structure can still be applied. Only the filter may differ.
0

0

As shown in Figure 3.9(b), the total resizing ratio of TSAR is L /M . The
desired resizing ratio is L/M . Then the constraint I is given in (3.15) for the
0

0

selection of parameter L and M . If this constraint is satisfied, an input picture
is resized to its L/M -fold. This gives a flexible selection of parameters in the
realization of arbitrary resizing.

Constraint I :

0

0

L /M = L/M.

(3.15)

In a decimation process, the stretched version of the signal may overlap with
its shifted replicas. It is very hard to separate the original signal in the overlapped part. This introduces aliasing when reconstructing the original signal.
In order to reduce aliasing, a low pass filter is inserted before the downsampling
process to ensure that the signal is bandlimited. This introduces information
loss. Upsampling is a process to narrow the frequency band. It helps to reduce
aliasing. In TSAR, allocating the upsampling stage before the downsampling
stage will reduce aliasing without introducing high information loss. Based on
this analysis, the constraint II is given in (3.16) for anti-aliasing.

Constraint II :



 M 0 ≥ 8 if L < M

 L0 ≥ 8

(3.16)

if L > M

In the downsizing process (L < M ), there is at least one downsampling stage
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in TSAR. It is desired to allocate this downsampling stage in the second stage.
0

M > 8 ensures that one downsampling process is allocated in the second stage.
0

If M is equal to 8, no resizing is applied in the second stage. In the upsizing
0

process (L > M ), there exists at least one upsampling process. L > 8 ensures
0

that one upsampling process occurs in the first stage. L = 8 means no resizing
is employed in the first stage.

3.3.3

Mathematical Derivation of TSAR

In this part, the relation between the resized picture and the original picture
is given. Let us illustrate it with 1 − D signal in the following three steps. In
this process, the input signal is composed of M blocks with the block length of
8. The output signal is composed of L blocks with the block length of 8. The
resizing ratio is L/M .

1. In the first sampling stage, the length of the input signal is 8M . In a
0

downsampling process (L < 8), high frequency coefficients are truncated
0

for each block; in an upsampling process (L > 8), zeros are padded to
0

0

each block. The output block size is L and the sampling ratio is L /8.
0

The length of the output signal is L · M . This process is described as,
X1(L0 ·M )×1 = P1(L0 ·M )×8M · X8M ×1


 (IM ⊗ [I8 0 0 ]t ) · X8M ×1 if L0 > 8
(L −8)
=
0

 (IM ⊗ It 0 ) · X8M ×1
if L < 8
L

(3.17)

where X8M ×1 and X1(L0 ·M )×1 are the input signal and the output signal,
respectively. I and 0 are the identity matrix and the zero matrix with
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the size indicated by their subscripts. ⊗ means Kronecker product and
P1(L0 ·M )×8M serves as a padding or truncating matrix.
0

2. X1(L0 ·M )×1 is composed of M blocks with the block size of L . Because
0

0

L · M = M · L, X1(L0 ·M )×1 is re-grouped into L blocks with the block size
0

0

of M . It is realized by applying L sample IDCT to each block first, then
0

applying M sample DCT. This process is described by
x2(L0 ·M )×1 = P2(L0 ·M )×(L0 ·M ) · X1(L0 ·M )×1 = (IM ⊗ TtL0 ) · X1(L0 ·M )×1 (3.18)
and
X3(L·M 0 )×1 = P3(L·M 0 )×(L·M 0 ) · x2(L0 ·M )×1 = (IL ⊗ TM 0 ) · x2(L0 ·M )×1 (3.19)
0

0

where TtL0 and TM 0 are L sample IDCT matrix and M sample DCT
matrix, respectively.
3. In the second step, the re-grouped signal X3(L·M 0 )×1 with length of L · M

0

0

is generated. The size of each block is M . In a downsampling process
0

(M > 8), high frequency coefficients are truncated for each block; in
0

an upsampling process (M < 8), zeros are padded to each block. The
0

sampling ratio is 8/M . The length of the output signal is 8L. This process
is described as,
Y8L×1 = P48L×(L·M 0 ) · X3(L·M 0 )×1


0
 (IL ⊗ [I8 0 0 ]t ) · X3 0
if M > 8
(M −8)
(L·M )×1
=
0

 (IL ⊗ It 0 ) · X3 0
if M < 8
M
(L·M )×1

(3.20)
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Based on these three steps, the output signal is composed of L blocks with
the block length of 8. The direct relation between the original picture and the
resized picture is shown in (3.21). The equivalent pixel domain realization can
be seen in (3.22).
0

0

Y8L×1 = H8L×8M (L , M ) · X8M ×1
= P48L×(L·M 0 ) · P3(L·M 0 )×(L·M 0 ) · P2(L0 ·M )×(L0 ·M ) · P1(L0 ·M )×8M · X8M ×1
(3.21)

0

0

y8L×1 = h8L×8M (L , M ) · x8M ×1
0

0

= (IL ⊗ Tt8 ) · H8L×8M (L , M ) · (IM ⊗ T8 ) · x8M ×1

(3.22)

Similar concept can be extended to 2 − D resizing. In (3.23), the inputoutput relation of 2 − D resizing is given. Here, the resizing ratio for another
dimension is assumed as K/N . The pixel domain relation is given in (3.24).
0

0

0

0

G8N ×8K (K , N ) can be obtained in a similar way as that of H8L×8M (L , M ).
0

0

0

0

0

0

Y8L×8K = H8L×8M (L , M ) · X8M ×8N · G8N ×8K (K , N )

0

(3.23)

0

y8L×8K = h8L×8M (L , M ) · x8M ×8N · g8N ×8K (K , N )
0

0

= (IL ⊗ Tt8 ) · H8L×8M (L , M ) · (IM ⊗ T8 ) · x8M ×8N
0

0

·(IN ⊗ Tt8 ) · G8N ×8K (K , N ) · (IK ⊗ T8 )

(3.24)
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3.3.4

Anti-Aliasing and Computation Analysis

3.3.4.1

Anti-Aliasing Analysis

In this part, the anti-aliasing analysis for TSAR is discussed. Aliasing comes
from the overlap of the stretched version of the signal with its shifted replicas
in decimation. When a downsampled signal is upsampled to reconstruct the
original signal, aliasing may degrade the output quality. In image resizing process, anti-aliasing is necessary. In order to reduce aliasing, a low pass filter is
applied to the input signal to ensure that the signal input to the decimator is
bandlimited. For different purposes and expectations, the performance of this
low pass filter is specified differently.
x (n )

h0 ( z )

y( n)
L'

8

8

M'

+
z

h1 ( z )

L'

8

8

M'

+
z

h2 (z )

L'

8

8

M'

L'

8

8

M'

1

+

z
hL 1 ( z )

1

1

+

Figure 3.12: Filter bank structure for TSAR

Similar to [56], a filter bank realization of TSAR is shown in Figure 3.12. It is
a uniform sampling rate filter bank. Based on this realization, the z-transform
description of the output signal is given by using standard results from the
multirate signal processing [96,97]. In (3.25), z-transform of the output is given
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based on 2 − D signal description.
Y(z0 , z1 ) =

L−1 K−1
X
X

z0−l · z1−k ·

l=0 k=0
M
−1 N
−1
X
X

·

m=0 n=0

1 1
·
M N
L

K

L

K

−m
−m
X(WM
· z0M , WN−n · z1N ) · Hl (WM
· z0M ) · Gk (WN−n · z1N )

M −1 N −1
L
K
1 1 XX
−m
=
·
·
X(WM
· z0M , WN−n · z1N )
M N m=0 n=0

·
=

L−1
X
l=0

z0−l

·

−m
Hl (WM

M
−1 N
−1
X
X

1 1
·
·
M N m=0

n=0

L
M

· z0 ) ·

K−1
X
k=0

K

·z1−k · Gk (WN−n · z1N )

L

K

−m
X(WM
· z0M , WN−n · z1N )

L

K

−m
−n
G
M
N
·FH
m (WM · z0 ) · Fn (WN · z1 )

(3.25)

where WM = exp(j2π/M ), WN = exp(j2π/N ), j =

FH
m (z0 )

=

L−1
X

z0

K−1
X

z1

−l· M
L

l=0

√
−1,

− M ·m·l

· Hl (z0 ) · WM L

(3.26)

and
FG
n (z1 ) =

k=0

N
−k· K

− N ·n·k

· Gk (z1 ) · WN K

(3.27)

G
It is observed that FH
m (z0 ) and Fn (z1 ) have the similar structure. In TSAR,

they are separable. For this reason, only the discussion based on one dimensional
analysis is given.
For a clearer illustration, an example based on 2/5 downsizing is presented.
According to the constraint I, the following different parameter sets to realize
2/5 downsizing are chosen.
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0

0

0

0

0

0

0

0

• Case 1. L = 2 and M = 5;
• Case 2. L = 4 and M = 10;
• Case 3. L = 6 and M = 15;
• Case 4. L = 8 and M = 20;
0

0

• Case 5. L = 16 and M = 40.
Obviously, case 1 does not satisfy the requirement of the constraint II. It
is listed here to show why the constraint II is necessary for anti-aliasing. The
filter in Figure 3.12 is defined in (3.22). hl (n) (0 ≤ l < 8L) are 8M -tap filters.
The frequency responses of them for case 2 are shown in Figure 3.13. It can be
observed that each of them serves as an equivalent low pass filter.
Frequency responses (2/5 downsizing)
1.4
H0=H15
H1=H14
H2=H13
H3=H12
H4=H11
H5=H10
H6=H9
H7=H8

1.2

0.8

l

|H (ω)| (dB)

1

0.6

0.4

0.2

0

0

0.1

0.2

0.3

0.4

0.5

0.6

0.7

0.8

0.9

1

frequency (ω/2π)

Figure 3.13: Frequency responses of Hl (ω) (2/5 downsizing)
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Frequency responses (2/5 downsizing)
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(a)
Frequency responses (2/5 downsizing)
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Figure 3.14: Frequency responses (2/5 downsizing) (a) Fm (ω) (case 2); (b)
F0 (ω)
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G
Observed from (3.25), FH
m and Fn build a direct relation between the input

X and the output Y. Figure 3.14(a) gives the frequency responses of FH
m for
case 2. It is obvious that F0 is the dominant signal in the low frequency part.
In Figure 3.14(b), only the performances of F0 between these five cases are
compared. For 2/5 downsizing, F0 is expected to have an ideal low pass property
with the pass band from 0 to 2π/5. In Figure 3.14(b), case 2-5 present a better
low pass property in 0 ≤ ω ≤ 2π/5. The transition region is also narrow.
For case 1, its pass band is around 0 ≤ ω ≤ π/4. More information is discarded by this filter. This leads to a bad picture quality when reconstructing
0

the full size picture. In case 1, M is less than 8. It is an upsampling process in
0

the second stage. This results in L /8 < L/M , which means that the downsampling ratio in the first stage is higher than the overall downsizing ratio. More
information is lost in the first stage than necessary.
From the example given above, it can be summarized that if the parameter
selection satisfies the constraint II, TSAR can satisfy the anti-aliasing requirement.

3.3.4.2

Computational Complexity Analysis

In the realization of TSAR, two schemes are considered.
The straightforward consideration is applying brute force matrix multiplication as shown in (3.23). In this method, for each output pixel, the number of
multiplications required is 8N (M + K)/K or 8M (N + L)/L. The number of
additions required is (8M N + 8KN − K − N )/K or (8M N + 8LM − L − M )/L.
When parameter M , N , K, and L are small, the computation introduced may
also be small.

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library

68

3.3. Generalized DCT Domain Arbitrary Resizing

However, even with some fast matrix multiplication algorithms introduced,
the computation of the brute force matrix multiplication is high. The steps
described in subsection 3.3.3 with DCT and IDCT can be considered. For
simplicity, 1 − D resizing is discussed here. For an L/M -fold resizing process,
0

the input is 8M pixels and the output is 8L pixels. It requires M L -sample
0

0

0

0

0

IDCT and L M -sample DCT. Generally, the smaller L , M , K , and N are,
the lower computation will be involved. With the introducing of some fast DCT
algorithms [98, 99], the computation cost can be reduced significantly.
It should be noted that, with these fast DCT algorithms, large sample DCT
does not means high computation. According to [99], 7-sample DCT requires
18 multiplications and 24 additions. However, 9-sample DCT requires only
8 multiplications and 34 additions. In TSAR, suitable selection of parameter
sets can save the computation by using these fast algorithms. The selection of
parameter sets is a tradeoff between the computation and the video quality.

3.3.5

Illustrative Examples

In this part, a few illustrative examples are presented to show the performance of
TSAR with the analysis of anti-aliasing performance and output picture quality.
At first, a concept used in experiments is introduced: “resizing set”. In the
comparison of resizing results, it is needed to resize them back to the original
size. In TSAR, an inverse resizing process is available similar to the forward
0

0

resizing process. In Figure 3.15(a), the parameter set L and M is adopted for
this two-stage resizing structure. In the inverse resizing process, corresponding
parameter set will also be adopted (see Figure 3.15(b)). These two structures
together compose a “resizing set”. In the following examples, this “resizing set”
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is used in the result comparison. The resizing order is downsizing first, and
upsizing next to reconstruct the picture to the original size.
x (n )

h1 ( z )

L'

8

8

L' / 8

h2 ( z )

y(n )
M'

8/ M '

(a)
x (n )

M'

g1 ( z )

8

8

M '/8

g2 ( z )

L'

y(n )

8/ L'

(b)
Figure 3.15: Resizing set (a) Forward resizing; (b) Inverse resizing

It is true that, the parameter selection for inverse resizing will affect the final
result. This is because inverse resizing is a two-stage structure for arbitrary
resizing too. There are downsampling and upsampling in this process. Aliasing
and image effect are also introduced. However, it is the optimal solution to
reconstruct the downsized video, and has been proved in [100].

3.3.5.1

2/5 Resizing Set

For 2/5 resizing set, the selection of parameter sets has already been introduced
in subsection 3.3.4. Corresponding frequency responses are also shown in Figure 3.13 and Figure 3.14. Methods proposed in [63] and [64] are realized by
TSAR with parameter sets of case 4 and case 5, respectively.
PSNR comparisons are shown in Table 3.2. It is found that with the in0

0

creasing of L and M , the picture quality will not be improved significantly.

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library

3.3. Generalized DCT Domain Arbitrary Resizing

70

Table 3.2: PSNR comparison under 2/5 resizing set
Resizing
PSNR (dB)
0
0
scheme L M
Lena Baboon Barb
Boat Peppers
case 1
2
5 28.313 21.926 24.828 25.929 27.552
case 2
4 10 33.436 24.199 26.269 30.571 32.052
case 3
6 15 33.602 24.227 26.313 30.675
32.12
case 4
8 20 33.579
24.21
26.3
30.652
32.1
case 5
16 40 33.598
24.22
26.298 30.669 32.114

Case 2-5 have similar performance. For the frequency responses of F0 , case 2-5
present the similar low pass performance. But the computation cost for them
may differ. If the lowest computation is required, case 2 presents a satisfactory
solution.
Subjective comparison is given in Figure 3.16 and Figure 3.17. Figure 3.16
shows the downsized pictures of “Lena” under different parameter sets, and
Figure 3.17 shows the pictures after reconstruction by inverse resizing. Except
case 1, all parameter sets present similar picture quality.

3.3.5.2

3/4 and 2/3 Resizing Sets

First, PSNR comparisons are given in Table 3.3 and Table 3.4 for these two
resizing sets, respectively. Corresponding parameter sets are specified in the
same table. PSNR comparisons confirm the conclusion given above. When
the constraint II is satisfied, the qualities of the output picture are similar and
acceptable. For 3/4 resizing set, case 2-5 are all acceptable, and for 2/3 resizing
set, only case 3-5 satisfy the requirement.
Frequency responses are shown in Figure 3.18 and Figure 3.19. For these two
resizing processes, the ideal pass bands of F0 are 0 ∼ 3π/4 and 0 ∼ 2π/3, respec-
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Table 3.3: PSNR comparison under 3/4 resizing set
Resizing
scheme
case 1
case 2
case 3
case 4
case 5

0

L
3
6
9
12
24

0

M
4
8
12
16
32

Lena
31.921
42.988
43.404
43.177
42.895

PSNR (dB)
Baboon Barb
Boat
23.561
26
29.28
31.5
32.813 39.154
31.811 33.198 39.488
31.701 33.071 39.314
31.572 32.929 39.104

Peppers
30.741
40.418
40.786
40.662
40.509

Table 3.4: PSNR comparison under 2/3 resizing set
Resizing
scheme
case 1
case 2
case 3
case 4
case 5

0

L
2
4
6
8
16

0

M
3
6
9
12
24

Lena
28.313
35.35
40.801
40.784
40.653

PSNR (dB)
Baboon Barb
Boat
21.926 24.828 25.929
25.562 27.063 32.212
29.526 30.562 36.802
29.456 30.442 36.775
29.424 30.428 36.702

Peppers
27.552
33.536
38.364
38.243
38.189
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(a)

(b)

(c)

(d)

(e)
Figure 3.16: Lena 2/5 downsizing (a) case 1; (b) case 2; (c) case 3; (d) case 4;
(e) case 5
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(a)

(b)

(c)

(d)

(e)

(f)

Figure 3.17: Lena (2/5 resizing set) (a) original; (b) case 1 (28.313db); (c) case 2
(33.436dB); (d) case 3 (33.602dB); (e) case 4 (33.579dB); (f) case 5 (33.598dB)
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Frequency responses (3/4 downsizing)
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Figure 3.18: Frequency responses of F0 (ω) in 3/4 downsizing
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Frequency responses (2/3 downsizing)
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Figure 3.19: Frequency responses of F0 (ω) in 2/3 downsizing
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tively. Parameter sets that satisfy the constraint II present acceptable low pass
performances for anti-aliasing. This coincides with their PSNR performances.

3.3.5.3

1/2 Resizing Set

At last, 1/2 resizing set is discussed. It is a special case for arbitrary resizing.
Table 3.5 gives the different parameter sets and the corresponding PSNR results.
In these parameter sets, only case 3-5 satisfy the constraint II. It is obvious that
methods proposed in [56] and [61] are realized by TSAR with parameter sets of
case 3 and case 4, respectively. Case 3-5 have similar PSNR performance and
present video quality higher than that of case 1-2.
Table 3.5: PSNR comparison under 1/2 resizing set
Resizing
scheme
case 1
case 2
case 3
case 4
case 5

0

L
1
2
4
8
16

0

M
2
4
8
16
32

Lena
23.535
28.313
35.35
36.229
36.203

PSNR (dB)
Baboon Barb
Boat
20.385 22.234 22.212
21.926 24.828 25.929
25.562 27.063 32.212
25.888 27.083 32.837
25.882 27.082 32.824

Peppers
22.762
27.552
33.536
34.161
34.144

Observing the frequency responses from Figure 3.20, the ideal pass band for
F0 is 0 ∼ π/2. Case 4 and case 5 have much better low pass performances.
Their transit regions are narrower than that of case 3. This explains why case
4 and case 5 present a little higher PSNR than case 3. Case 3-5 have better low
pass performances than case 1-2. This shows again that, a better performance
of the low pass property can present a better picture quality.
From the examples shown above, the following conclusion is reached: when
the constraint II is satisfied, the output picture quality is better. Furthermore,

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library

76

3.4. Summary

Frequency responses (1/2 downsizing)
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Figure 3.20: Frequency responses of F0 (ω) in 1/2 downsizing
a better performance of the low pass property leads to a much better video
quality.

3.4

Summary

The DCT domain decimation method discards the high frequency components
and retains only the low frequency components of the block. Most of the energy
in the original block is preserved. This scheme is adopted in DCT domain
downsizing. Based on this technique, two DCT domain resizing schemes are
introduced in this chapter.
The advantage of the first scheme lies in that it is a block-by-block processing. The partition of supporting area is the same with that used in the MV
re-estimation scheme. This benefits the inter frame downsizing. For inter coded
frame, the residue signal is the difference between the current frame and its reference frame. PSNR improvement of this DCT domain method for downsizing
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the residue may not be the same as that for downsizing the full frame. This is
because the quality of inter coded frame depends on the quality of its reference
frame. In [18], a transcoding method is presented, which can re-estimate MV’s
from the input bitstream for an arbitrary downscaled video. In this method,
the original frame is partitioned in the same way as the approach in section 3.2.
Combined these two methods, an inter coded frame could be arbitrarily downsized in the DCT domain and the MV’s could be re-estimated from the original
MV’s without re-generating it.
TSAR presents a generalized description for block-based arbitrary resizing.
This solution is proposed based on a two-stage structure. All the schemes
presented by existing literatures can be realized by this structure with different
parameter sets. Moreover, a special constraint on the selection of parameter set
is given to guarantee an acceptable picture quality. It is emphasized that, this
constraint is used to guarantee the output picture quality with satisfactory antialiasing. When this constraint is fulfilled, the picture quality is high. This can
be seen from the PSNR comparison between case 1 and case 2-5 in Table 3.2.
However, among those parameter sets that satisfy this constraint, i.e. case 2 to
case 5 in Table 3.2, picture quality will not increase significantly even when the
computation is increased. Illustrative examples and corresponding results listed
in the tables show that, TSAR with appropriate parameter sets can provide a
flexible solution for arbitrary resizing in the transform domain.
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Chapter 4
Frame Size Selection in
Arbitrary Downsizing
Transcoding

4.1

Introduction

In downsizing transcoding, the frame size of the pre-coded bitstream is reduced.
By transmitting a video sequence with a reduced frame size, the overall bit rate
is reduced. This is necessary when a large resolution video is to be delivered to
users with limited display capabilities, or when the bandwidth cannot accommodate a full frame size bitstream.
Downsizing transcoding can reach a very low bit rate without losing the
motion information. To realize frame size reduction, a downsampling filter
within the transcoder is required (see Figure 4.1). Its objective is to clearly
downsample the incoming video. Reducing the resolution of video ensures a
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successful delivery and display of the requested video material without frame
skipping.

transcoder
decoder

downsizing

encoder

Figure 4.1: Downsizing transcoder

In downsizing transcoding, there are two main purposes: reducing the computation and improving the video quality. For reducing the computation, MV
reusing or re-estimation with the related MV refinement is one of the most important tools [14, 17, 18, 21–23, 101]. Furthermore, some downsizing transcoding
architectures have been proposed to reduce the computation cost on decoding
and re-encoding. In [40], several transcoding architectures are evaluated and
drift is analyzed. In addition, an intra refresh architecture was presented to
reduce the drift in the open loop architecture. A new architecture was presented in [42] based on a submacroblock motion compensation method. Drift
compensation is implemented and motion compensation is processed in the reduced frame size, which further reduces the computation cost. For improving
the video quality, one of the main topics is of DCT domain downsizing [56, 57].
By DCT domain downsizing, the video quality can be improved significantly.
Arbitrary downsizing is introduced in downsizing transcoding since it can
make full use of the bandwidth and reach a fine gradual reduction of bit rate
and video quality. Generally, arbitrary downsizing is used to accommodate to
the requirements of users. The other application is that, when the bandwidth is
limited, the transcoder can be used to reduce the original frame size to a smaller
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one. In this process, arbitrary downsizing can help to reduce the information
loss and make full use of the bandwidth.
When arbitrary downsizing transcoding is adopted to reduce the overall
bit rate, one important problem is how to select a suitable frame size for the
transcoded bitstream. In [22], a simple model was presented to select the reduced frame size for downsizing transcoding. It simplifies the rate-Q model
as a linear relation. Some heuristic parameters are introduced. In practical
application, this model is not applicable.
In the following, the frame size selection problem in arbitrary downsizing
transcoding will be discussed in details. The rest of this chapter is organized as
follows. Arbitrary downsizing transcoding process is analyzed in section 4.2. In
section 4.3, some efficient methods are presented to estimate the number of bits
generated in downsizing transcoding. Base on these methods, a suitable frame
size is determined. At last, experimental results are given in section 4.4, and
the conclusion is drawn in section 4.5.

4.2

Arbitrary Downsizing Transcoding

There are two types of application for arbitrary downsizing transcoding. First,
different users have different display devices. The size of display devices may
not have an integer ratio to the original video. In order to exhibit the complete
video in the limited size of display devices, the original bitstream has to be
downsized to a reduced frame size (see Figure 4.2(a)). In this process, the
transcoder downsizes the pre-coded bitstream to the size required by the user
and adopts the rate control according to the bandwidth condition.
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(b)
Figure 4.2: Downsizing transcoding flowchart (a) User preference; (b) Channel
constraint
Next, arbitrary downsizing transcoding is necessary when the bandwidth is
limited. Transmitting a small size video reduces the overall bit rate. However,
the downsizing process may introduce distortion. A high downsizing ratio may
result in high distortion. This distortion may sometimes be higher than the
distortion introduced by a large quantization parameter. There is a tradeoff
between the frame size and the coding parameters.
As shown in Figure 4.2(b), the bitstream in the original size is input to the
transcoder. After downsizing transcoding, the frame size is reduced according
to the bandwidth requirement. This downsized bitstream is transmitted via
bandwidth constrained channel. Lastly, it is decoded and upsized to the original

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library

4.2. Arbitrary Downsizing Transcoding

82

size in the receiver. In this process, there are many options of the reduced frame
size. If a larger frame size is selected, a larger quantization parameter will be
applied in the coding process. To make full use of the limited bandwidth and
provide a high video quality as possible, a suitable frame size is expected for
the transcoded bitstream when arbitrary downsizing transcoding is applied.
Traditionally, integer downsizing is adopted since it is easy to realize and
no frame size selection is required. However, arbitrary downsizing can present
a more flexible frame size than integer downsizing does, and more spatial information is kept when a larger frame size is adopted. Experimental results
show that, with the same bit rate, arbitrary downsizing outperforms integer
downsizing.
In the simulation, the TMN8 rate control scheme is adopted. Only the first
the frame is intra coded, and all the following frames are inter coded. Motion
estimation parameters are set to default values. In Figure 4.3(a), the video
“Stefan” is pre-coded in the full frame size 352 × 288 at a high bit rate. With
the limited bandwidth, it has to be transcoded to 240kbps. In order to realize
this transcoding without frame skipping, the original video is downsized. In
this experiment, it is downsized to 288 × 240, which is an arbitrary downsizing
process, and to 176 × 144, which is an integer downsizing process, respectively.
For arbitrary downsizing transcoding, with a larger frame size, a coarse quantization parameter is applied, while for integer downsizing transcoding, a smaller
quantization parameter is adopted. Even with a coarse quantization parameter,
arbitrary downsizing transcoding presents a higher video quality. An average
improvement of 0.85dB over integer downsizing is presented in terms of PSNR.
In Figure 4.3(b), similar result is observed. The video “Mobile” is pre-coded in
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Figure 4.3: Arbitrary downsizing vs. integer downsizing: (a) Stefan; (b) Mobile
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the full frame size and to be transcoded to 273kbps. It is downsized with an
arbitrary downsizing ratio to 272 × 224, and with an integer ratio to 176 × 144,
respectively. Arbitrary downsizing presents an average 0.5dB improvement over
integer downsizing. Experimental results shown above illustrate the strongpoint
of arbitrary downsizing.
In downsizing process, information will be discarded, which introduces distortion. A high downsizing ratio results in high distortion. Sometimes it may
be higher than the distortion introduced by coarse quantization. In the following, some simulation results are shown to illustrate the relation between the
frame size and the output quality. In this process, the resizing (downsizing and
upsizing) filter introduced in section 3.3 is adopted.
In Figure 4.4(a), the input bitstream is “BBC”. It is transcoded to different
frame sizes with different bit rates. With the same bit rate, the bitstream with
a larger frame size presents a higher video quality. When the frame size is very
small (e.g. 80 × 64), even in a high bit rate, it still cannot generate a high video
quality. This shows that, information lost in the resizing process is higher than
that lost in the quantization process.
In another example shown in Figure 4.4(b), the test video is “Foreman”.
The relation between the frame size and the quality is a bit different from that
of “BBC”. It is observed that, sometimes the bitstream in a larger frame size
does not present higher PSNR than that in a smaller frame size. Comparison is
given between two cases. For case 1, the frame size of 288×240 is adopted to the
transcoded bitstream; for case 2, the frame size is 240 × 192 for the transcoded
bitstream. When the bit rate is larger than 110kbps, case 1 outperforms case
2. With the reduction of the bit rate, the quantization parameter adopted for
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Figure 4.4: Size vs. PSNR: (a) BBC; (b) Foreman
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case 1 increases and reaches a very large value. Most of the AC coefficients in
residue are quantized to zero. This introduces serious information loss. With
the same bit rate, the quantization parameter adopted for case 2 is still not too
large. This results in the output quality of case 1 worse than that of case 2.
Similar results can be observed from other frame sizes.
Based on the experiments shown above, the following conclusion is reached:
for the bitstream coded with certain frame size, when the bit rate is not too
low, it may present higher video quality than when coded with a smaller frame
size. Only when the bit rate is too low, coarse quantization is applied, and
video quality degrades severely. A larger frame size may present lower quality
than a bit smaller frame size does. Similar results have been presented in [102].
In [102], image is coded with JPEG coding standard. In most of the cases,
higher image quality is presented by a larger frame size. Only in the very low
bit rate case, the bitstream with a smaller frame size presents a bit higher PSNR
than that with a larger frame size.
Based on this observation, a scheme is proposed by estimating the bit rate
generated by different frame sizes to decide the transcoded frame size. As shown
in Figure 4.5, bitstreams in different frame sizes generate the bit rates covering
a range of bandwidth. There is a bit rate lower bound (Blow ) for each frame
size. If the bandwidth is lower than Blow , the bitstream with certain frame
size cannot be transmitted via networks; if the bandwidth is higher than Blow ,
this bitstream can be transmitted successfully. In downsizing transcoding, it is
desired to find the bit rate lower bounds (Blow ’s) generated by different frame
sizes. When these lower bounds are available, it is easy to choose qualified frame
sizes for downsizing transcoding.
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Figure 4.5: Selection of the bit rate lower bound
Among those qualified frame sizes, a larger frame size is desirable according to the observation in the simulation. First, the largest frame size within
those qualified candidates is chosen. It can be the most possible frame size for
downsizing transcoding. Next, Blow of this frame size is checked. When Blow is
very close to the target bit rate, it means a very coarse quantization parameter
is applied. In order to avoid the introduction of block artifact and to present
a better visual quality, the secondary frame size in the qualified candidates is
selected. Otherwise, the largest frame size among those qualified candidates
may be chosen. Although this is not an optimal solution, it is a suboptimal
solution for the practical application.
In this work, only the combination of downsizing and re-quantization in the
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transcoding process is studied. The highest video quality is expected to meet
the requirement of limited bandwidth, at the same time, without introducing
any frame skipping. In the following, the detailed description is given on how
to estimate Blow ’s for different frame sizes.

4.3

Bit Rate Estimation

In the analysis of section 4.2, the frame size selection problem is converted to a
bit rate estimation problem. It is required to get Blow ’s of different frame sizes
in the selection of frame size. The estimation process is realized by two steps.
First, the bit rate in the full frame size after re-quantization is estimated. In this
step, bits used for the MV, residue, and header are estimated, respectively. By
the re-quantization analysis, the lowest bit rate generated in the full frame size
is obtained. Second, the bit rate after downsizing is estimated. Bit rate lower
bounds for different reduced sizes are obtained in this step. Detail is discussed
as follows.

4.3.1

Re-Quantization Bit Rate in Full Frame Size

In order to get Blow ’s under different frame sizes after coarse re-quantization,
Blow of the original frame size is first estimated. Because the bitstream is
pre-coded with a fine quantization parameter, statistical information from the
incoming bitstream can be reused to estimate the bit rate with a coarse quantization parameter, i.e. Blow .
The total number of bits allocated to a frame can be divided into three
parts: bits used to code MV, residue, and header as shown in (4.1). In the
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re-quantization process, some of them may change with the increasing of quantization parameter, and some may keep constant. In the following, the detailed
analysis on how to obtain an accurate estimation of Blow in the original frame
size is given.

R = Rmv + Rresidue + Rheader .

4.3.1.1

(4.1)

Bits for MV

As discussed in [21, 103], MV’s are computed with the accuracy (∆) and differentially encoded in raster scan order with lossless entropy coding. The total
number of bits allocated to MV’s is approximated as

Rmv ≈

4e2 B
1
1
1
2
·
log
(
)
+
·
log
(σ
ln(
)).
2
2
v
B2
∆2
B2
ã

(4.2)

where B is the size of motion compensated block for frame residue, σv2 and ã
are the average variance and correlation coefficient of MV’s for a frame, and e
is the natural log. In the coding process, with the MB size B fixed to 16 and ã
set to 0.998, the second part of (4.2) can be approximated to (4.3).
1
1
1
· log2 (σv2 ln( )) ≈
log2 (0.002 · σv2 ).
2
B
ã
256

(4.3)

It is noted that, the value of the second part is very small. The first part in
(4.2) will dominate and contribute to most of the bit rate. It is also observed
that, the first part will not change with the variation of quantization. In another
word, the number of bits used to code MV is almost a constant and has little
relation to the quantization parameter. In the re-quantization process, with the
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same frame size, the number of bits for coding MV’s is treated as a constant
regardless of the changing of quantization parameter.

4.3.1.2

Bits for Residue

Residue is generated by motion compensation, DCT transform, quantization,
and VLC coding. Among them, the quantization process is a lossy process
introduced to reduce the bits allocated for residue, and a large quantization
parameter will generate fewer bits. Many efforts have been invested in estimating the bits for residue. However, it is very hard to get an accurate estimation
before actual coding. In some R-Q models, rate is assumed to have certain relation with the quantization parameter. In general cases, these models cannot
accurately build the relation between the rate and quantization parameter for
it depends on the texture information of the video. Moreover, the statistical
information of residue may vary because of the inter-frame dependency.
In video transcoding, statistical information collected from the pre-coded
bitstream can be reused. It helps to reach an accurate rate estimation in the
re-quantization process. In following, an efficient scheme is presented to estimate the number of bits generated in full frame size with a coarse quantization
parameter.
At first, two transcoding cases are designed (see Figure 4.6).

In these

transcoding cases, the same pre-coded bitstream is used as the input. This
pre-coded bitstream is a fine quantized bitstream with the quantization parameter Q1 .
• Case 1.
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Figure 4.6: Two different transcoding cases
From frame 0 to frame n − 1, the pre-coded bitstream is transcoded with
Q1 . After frame n − 1, a coarse quantization parameter Q2 is applied,
where Q2 is much larger than Q1 . Because different quantization parameters are applied, the statistical information is different before and after
frame n. However, information collected from the pre-coded bitstream
before frame n can be reused since it is a fine quantization process.
• Case 2.
The coarse quantization parameter Q2 is applied to the pre-coded bitstream throughout the transcoding process. Because Q2 is larger than
Q1 , the reconstructed frame is different from the pre-coded bitstream.
The residue collected from the pre-coded bitstream is not suitable to be
reused.
In these two cases, case 2 is the expected re-quantization transcoding process.
The quantization parameter Q2 is applied to the entire bitstream, and the overall
bit rate is reduced. In this work, Q2 is the largest quantization parameter
available under the coding standard. It is expected to get Blow in this coarse
quantization process. In order to estimate the bits generated by case 2, the
number of bits after frame n − 1 for case 1 is estimated first, and the relation
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of bits between case 1 and case 2 is built.
In case 1, because the coding parameter from frame 0 to frame n − 1 is
the same as that in the pre-coded bitstream, the number of bits generated for
each frame is close to the pre-coded bitstream. The residue collected from the
pre-coded bitstream can also be reused for transcoding. Here, the residue of
frame n (fresidue1 (n)) before quantization can be modelled as follows:
fresidue1 (n) = f (n) − fˆQ1 (n − 1).

(4.4)

where f (n) is the value of frame n and fˆQ1 (n − 1) is the reconstructed frame
n − 1 under quantization parameter Q1 . This residue can be assumed to be the
same as the residue obtained from the pre-coded bitstream.
In order to get the number of bits to code fresidue1 (n) when Q2 is applied, the
ρ domain model introduced in [104, 105] is adopted. In [104, 105], the relation
between the percentage of zeros among the quantized coefficients (ρ) and the
bit rate generated (Rρ ) is built as follows:

Rρ = θ · (1 − ρ).

(4.5)

where θ is the relation between them, which can be considered as a constant.
This shows that, if the number of non-zero coefficients in fresidue1 (n) under the
quantization parameter Q2 is available, it is easy to obtain the bits for frame n.
Because fresidue1 (n) is reused from the pre-coded bitstream, DCT coefficients
of the residue are easily generated. Considering the new quantization parameter
Q2 , the number of non-zero coefficients can be counted. In addition, θ calculated
from the pre-coded bitstream can also be reused. In such a way, the number of
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bits generated for frame n in case 1 can be calculated.
Next, the relation of bits generated between case 1 and case 2 can be built.
In [106], a rate model is introduced as shown in (4.6) to build the relation
between the quantization parameter (Q) and the empirical entropy of the quantized coefficient. It is given by

H(Q) =







1
2

2

· log2 (2e2 Qσ 2 )

e σ2
ln 2 Q2

σ2
Q2
σ2
Q2

>

1
2e

≤

1
.
2e

(4.6)

In this equation, H(Q) is used as the approximation of bit rate R(Q), and it
is a function of the variance of coefficient (σ) and quantization parameter (Q).
In low bit rate coding, (4.7) is used as an estimation for the bit rate. This is
because when a coarse quantization parameter, e.g., Q = 31 in H.263, is applied,
the condition

σ2
Q2

≤

1
2e

is always met.

H(Q) =

e σ2
.
ln 2 Q2

fresidue2 (n) = f (n) − fˆQ2 (n − 1).

(4.7)

(4.8)

Now, the transcoding cases discussed above can be considered. As these
two transcoding cases apply the same quantization parameter Q2 to frame n,
the difference between the bit rates generated by these two cases lies in the
difference of residue. In case 1, the residue of frame n is shown in (4.4), and in
case 2, the residue of frame n is shown in (4.8). Since the reconstructed frames
fˆQ1 (n − 1) and fˆQ2 (n − 1) are different, residue data and residue variance (σ)
are also different. Because Q2 is applied to frame n in both cases, the number
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of bits generated has the following relation:
Rresidue1
e σ12 e σ22
σ12
=
/
=
.
Rresidue2
ln 2 Q22 ln 2 Q22
σ22

(4.9)

According to (4.9), the ratio of bit rates between the two cases can be represented as the ratio of coefficient variance. In the coding process, the frame
residue is the motion compensated difference between the current frame f (n)
and the reconstructed previous frame fˆQ (n − 1). The coefficient variance can
be described as
σ 2 = var[f (n) − fˆQ (n − 1)]
= var[f (n) − f (n − 1) + f (n − 1) − fˆQ (n − 1)].

(4.10)

where f (n − 1) is the previous frame. The first part (f (n) − f (n − 1)) can be
treated as the interpolation error between frames, and the second part (f (n −
1) − fˆQ (n − 1)) is the quantization error. Assuming that these two parts are
independent, (4.10) can be further partitioned into two parts:
σ 2 ≈ var[f (n) − f (n − 1)] + var[f (n − 1) − fˆQ (n − 1)].

(4.11)

The first part is the variance of frame difference. This part is easy to get
from the pre-coded bitstream. Under a fine quantization parameter, it is close
to the variance of residue after quantization.
The second part is the variance of quantization error. In [105], transform coefficients are assumed to have a generalized Gaussian distribution with standard
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deviation σ given by
"

#

ν
νη(ν, σ)
− η(ν,σ)
·e
pgg (x) =
2Γ( ν1 )

(4.12)

where

η(ν, σ) = σ −1

"

Γ( ν3 )
Γ( ν1 )

#1/2

,

1 ≤ ν ≤ 2.

(4.13)

When the model parameter ν takes value 2, pgg (x) becomes a Gaussian
distribution given by

pg (x) = √

x2
1
· e− 2σ2 .
2πσ

(4.14)

For a uniform threshold quantizer with a step size q and a dead zone ∆, the
second part can be described as,

var[f (n − 1) − f (n − 1, Q)]
Z ∆
∞ Z
X
2
= 2
x pg (x)dx + 2
0

i=0

(i+1)q+∆
iq+∆

h

i2
1
x − (i + )q − ∆ pg (x)dx.
2
(4.15)

In H.263 inter MB coding, ∆ and q have the relation with the quantization
parameter Q shown as follows:

∆ = 2.5Q.

(4.16)

q = 2Q.

(4.17)
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In (4.14) and (4.15), the only unknown parameter is the standard deviation of transform coefficients σ. As discussed above, under a fine quantization
parameter, it is the same as the variance of residue in the pre-coded bitstream.
With the analysis shown above, the proposed approach is outlined as follows.
First, the number of bits for frame n in case 1 is estimated by (4.5). Next, the
variance of residue can be calculated from (4.11) and (4.15). According to the
relation between these two cases stated in (4.9), the number of bits used to code
the residue of frame n in case 2 is obtained. Based on this result, the number
of bits to code other frames in case 2 is also available.

4.3.1.3

Bits for Header

Header information in each frame is composed of picture layer, Group of Blocks
(GOB) layer, MB layer, and block layer. Most of bits are allocated at MB layer.
Some parts of bits are almost constant under different quantization parameter;
while some will decrease with increasing of the quantization parameter. As
defined in H.263 [6], MCBPY is a variable length codeword giving information
about the MB type and the coded block pattern for chrominance, and CBPB is a
variable length codeword that gives a pattern number signifying those luminance
blocks in the MB. With a large quantization parameter applied, bits allocated
to these two codewords may reduce. Simulation result is shown in Figure 4.7.
It is observed that, the number of bits allocated to these codewords is reduced
with the increasing of quantization parameter. However, this reduction is not
considered in other literatures.
The reduction of bits allocated to these codewords varies for different video
sequences. The more zero MB’s are, the fewer bits allocated to them. Based on
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Figure 4.7: Bits for MCBPC and CBPY
the observation, the following model is adopted to estimate the number of bits
0

for MCBPC and CBPY (Bheader (Q2 )),
0

0

Bheader (Q2 ) = F(Bheader (Q1 ), σ 2 ).

(4.18)

0

where Bheader (Q1 ) is the number of bits for MCBPC and CBPY in the precoded bitstream, and σ 2 is the variance of residue. As shown in Figure 4.7, with
0

similar variance and Bheader (Q1 ), two video sequences produce similar bits for
MCBPC and CBPY after re-quantization. A table can be built to describe this
relation based on extensive simulation. With look-up-table (LUT), the bits for
these two codewords can be roughly estimated for different video sequences.
The other parts of header are seldom affected by the quantization process.
They are assumed to be identical to the pre-coded bitstream.
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Based on the analysis for these three parts of bits, the relation of bits between
the pre-coded bitstream and the transcoded bitstream in full frame size is built.
The bit rate lower bound for the original frame size (Blow ) is available now.

4.3.2

Blow ’s of Different Frame Sizes

In this part, the relation of bit rates between different frame sizes will be discussed. Generally speaking, the overall bit rate has a linear relation with the
frame size. As discussed above, the number of bits allocated to MV and header
is only related to the frame size. Assuming that the variance of residue will also
not change after downsizing, there is a linear relation between the downsized
bit rate and the original bit rate, which is modelled by

Rdown =

Sdown
· Rorg
Sorg

(4.19)

where Sorg and Sdown are the size of the original bitstream and the transcoded
bitstream. This linear relation can be observed from some simulation results
(see Figure 4.8).
Based on the analysis above, the re-quantization process and downsizing
process can be combined. Blow ’s of different frame sizes are available as shown
in (4.20). With these lower bounds, it is easy to select a suitable frame size for
the transcoded bitstream in bandwidth-limited condition based on the scheme
presented in section 4.2.

Blow =

Sdown
· (Rmv + Rresidue + Rheader ).
Sorg

(4.20)
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Figure 4.8: Frame size vs. Bit rate. (a) Foreman; (b) Mobile; (c) Suzie; (d)
Tempete

4.4

Experimental Results

In the following, experimental results are given to verify the feasibility and
accuracy of the proposed method. In Table 4.1, the original frame size is
352 × 288. The coding parameters are the same as described in section 4.2.
These sequences are pre-coded with quantization parameter Q1 = 3. After
re-quantization transcoding, the number of bits generated under quantization
parameter Q2 = 31 is estimated. It is observed that, the proposed method
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presents a satisfactory estimation.
Table 4.1: Estimation of bits allocated to residue
Video sequence
Stefan
Mobile
BBC
Tempete
Hall monitor
Foreman

bits for residue
3858
12806
4463
2678
413
527

estimated bits
3454
11588
4924
2240
365
441

error
10%
9%
10%
16%
11%
16%

For the frame size selection in downsizing transcoding, some experimental
results are shown in Table 4.2. The original frame size is 352 × 288. These
sequences are pre-coded with a low quantization parameter. In each test sequence, the statistical information of each frame is approximately the same
throughout the sequence. The frame size chosen by the proposed method is
presented as “estimated frame size”, and the optimal frame size is obtained by
exhaustive experiments. The resizing filter introduced in section 3.3 is adopted
in the experiments.
Table 4.2: Frame size selection
video
sequence
Bike
Stefan
Foreman
Tempete
Hall monitor

number of
frames
300
150
150
260
280

target
bit rate
128kbps
128kbps
128kbps
128kbps
128kbps

estimated
frame size
208*176
240*192
336*272
288*240
352*288

bit rate
lower bound
107k
96k
108k
111k
101k

optimal
frame size
208*176
256*208
336*272
288*240
352*288

It is observed that, in most of the cases, the frame size chosen by the proposed
method is close to the optimal frame size. For the video “Foreman”, Blow of
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frame size 352 × 288 is 121k. It is smaller than the target bit rate (128k).
However, this lower bound is too close to the target bit rate. Secondary frame
size 336 × 272 is chosen for downsizing transcoding. This coincides to the
exhaustive experimental result. A better visual quality is presented.
For some sequences, the proposed frame size may be a bit deviated from
the optimal one. This is because residue is prone to be affected by different
downsizing filters. With different downsizing filters, the reduction of the bit
rate is not in a rigorous linear relation with the reduction of frame size.

4.5

Summary

In this chapter, frame size selection for arbitrary downsizing transcoding is discussed. Differing from some traditional schemes (e.g. [107]), which try to maximize the output video quality by exhaustive calculation, the proposed scheme
converts a distortion estimation problem to a bit rate estimation problem, which
does not need exhaustive simulation.
In order to reduce the artifact introduced by coarse quantization, the proposed scheme chooses a smaller frame size than the fit one. Although the most
fit frame size can generate a satisfactory bit rate and higher PSNR, the visual
perception may not be as good as a smaller frame size one.
The proposed scheme can be used for real time applications with only a few
frames delay. The delay is caused by information collection and scene change
detection. Comparing with exhaustive trying scheme, this scheme need not
encode and calculate the distortion. This saves the computation significantly.
For video sequences with less scene change, this scheme is only employed once
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before another scene change happens.
At last, the summarization of the proposed scheme is outlined in the following steps:
1. Estimate the variance for case 1 and case 2 from (4.11) and (4.15);
2. Estimate the bit rate of residue in case 1 by (4.5);
3. According to the relation stated in (4.9), estimate the bit rate of residue
in case 2 with a coarse quantization parameter;
4. Calculate the lower bound for full frame size by (4.1);
5. Calculate Blow ’s for different reduced frame sizes by (4.20);
6. Select the frame size for the transcoded bitstream based on the scheme
introduced in section 4.2.
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Chapter 5
Frame Skipping Transcoding
with Consideration of Motion
Information

5.1

Introduction

In the previous two chapters, topics related to downsizing transcoding are
discussed. In this chapter, frame skipping transcoding is studied. In video
transcoding, a high transcoding ratio may result in an unacceptable picture
quality when full frame rate of the incoming bitstream is used. Re-quantization
cannot work well in low bit rate transmission because a large quantization factor
may introduce block artifact. Furthermore, reducing spatial resolution is operationally complicated. Considering the vision persistence of the human eyes,
frame skipping is often adopted as an efficient tool to reduce the overall bit rate.
Frame skipping allows allocating more bits to the preserved frames, particularly
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those frames containing more important information. In such a way, an acceptable quality for the coded frames can be maintained and limitations imposed
by the channel constraints can be satisfied.
Traditionally, frames are skipped according to the buffer constraint [6, 106].
When the buffer occupancy is larger than or equal to a threshold, frames are
skipped until the buffer occupancy is below this threshold. However, this simple
frame skipping strategy does not consider the motion information and the video
quality. The output video may not present a satisfactory effect.
Some other researchers suggested to build the rate-distortion model to determine the frame skipping pattern [50, 51, 108–110]. In [51], a simple relation
is built between the spatial and temporal video quality, and temporal rate is
determined by making a tradeoff between them. A variable frame rate scheme
was introduced in [108], which considers the buffer condition, the desired buffer
level, and the frequency coefficients to determine the frames to be skipped.
In [109], a rate-distortion model was presented based on a distortion estimation
method for the skipped frames. It can reach a tradeoff between the spatial
and temporal video quality. However, these model based schemes do not take
the motion information into consideration. Some high motion frames may be
skipped and the visual quality may be compromised. And in some situations,
these models are inaccurate to present the rate-distortion relation. Although
the method introduced in [110] can present a good result with joint temporalspatial bit allocation, the computation cost is rather high for it requires an
exhaustive search.
In some papers, the motion activity is considered in the frame skipping
schemes [53,111–113]. These schemes consider the motion activity of each frame
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and dynamically skip those frames with low motion activity. Several methods
were proposed to estimate the motion activity. In [111], the motion activity
is estimated by calculating the histogram of difference image (HOD) to detect
motion activities in video. The frame skipping style of each group of picture
(GOP) is determined by a dynamic frame rate control method. And in [112],
motion compensated error (MCE) is selected as the distortion measure to indicate the motion activity. In some other papers, MV’s of the previous coded
frames are used to predict the motion activity of the current frame [53, 113]. In
transcoding, MV’s of the current frame are available before the current frame
is coded. MV’s are adopted as the indication of the motion activity, and frames
are skipped when small motion occurs [38, 49].
These schemes that consider the motion activity in the coding process are
widely adopted because they aim at reducing motion loss. Therefore, higher
temporal quality can be preserved. Especially in high motion case, the generated
bitstream can well meet the requirement of human visual perception. However,
among these methods, jerky effect in frame skipping is not considered. Jerky
effect may introduce a discontinuous motion that affects the visual perception
and degrades the overall video quality. Since the evaluation of jerky effect is
very complicated, it is seldom considered in existing literatures. In this chapter,
the concept of motion change is introduced to evaluate the motion continuity.
Combined with the motion activity, these two parts of information can be used
to determine the importance of each frame. Based on the motion information,
a dynamic frame skipping scheme was proposed to well preserve the motion
information in the transcoded bitstreams and let the user enjoy a better video
quality without increasing the overall bit rate.
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This chapter is organized as follows. Problems existing in the current frame
skipping methods are stated in section 5.2. In section 5.3, the analysis of the
motion information is given. A dynamic frame skipping algorithm is introduced
in section 5.4. Experimental results are presented in section 5.5, and the conclusion is drawn in section 5.6.

5.2

Literature Review

Although the buffer constrained frame skipping scheme is too simple to provide a high video quality, the concept of buffer constraint is adopted in other
frame skipping schemes for it can avoid buffer overflow or underflow. In buffer
constrained scheme, frames are skipped when the buffer occupancy exceeds a
predefined threshold [106,114]. After the current frame is coded, the number of
bits in the buffer is updated as W = max(W + B 0 − R/F, 0), and frame skipping
can be simply described as
W hile W > M
{
W = max(W − R/F, 0)

(5.1)

skip + +
}
where B 0 , M , R, and F are the number of bits for the current coded frame,
threshold for frame skipping, target bit rate, and target frame rate, respectively.
The buffer constrained scheme is convenient to be realized. However, it does
not consider the motion information of video. The resulted video may lead to
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jerky effect. Especially in high motion case, because a large number of bits are
used to code the residue, this scheme may skip more frames, or apply a larger
quantization factor to the next frame to keep the buffer free from overflow. This
leads to more motion information loss in high motion case.
Dynamic frame skipping strategy that considers the motion information is
then developed to determine the frames to be skipped. The motion information
within bitstream can affect the human visual perception as well as the spatial video quality. It is advisable to consider the motion information in frame
skipping transcoding instead of the model based method that considers the
rate-distortion relation only.
In video transcoding, MV’s of the current frame are available before coding
it. The commonly used scheme is considering the MV’s of the current frame as
the indication of the motion activity [49]. In this approach, the motion activity
is defined as the summation of MV values in a picture, which is given by

mvacc =

X

(|mvx | + |mvy |).

(5.2)

where mvx and mvy are the MV’s in x and y direction, respectively.
When the accumulated motion activity after a coded frame exceeds a certain
threshold, the current frame should be coded. As seen from [49], there are some
drawbacks in this frame skipping scheme that considers the motion activity only.
First, it considers only the motion of the current frame. Jerky effect caused by
sudden motion change is not taken into account. Second, in low motion case,
too many frames are skipped. For example, in the experiment of [49], from
frame 209 to frame 223, more than 12 frames are skipped. Although there may
be low motion activity in these frames, skipping too many frames may lead to
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visual quality degradation. In addition, this will cause buffer underflow.
In [38], a frame skipping transcoding architecture has been developed. With
this architecture, a frame skipping scheme was proposed by considering both
the motion activity and the transcoding error. This method skips those frames
with large transcoding error and small motion activity based on the assumption that more distortion will be introduced by coding those frames with large
transcoding error. By discarding those frames, more bits can be saved to code
the following frames. However, this scheme neglects the fact that when MV’s
are accumulated, the transcoding error is hence accumulated. This error will
propagate to the following frames and cause severe quality degradation. Furthermore, this scheme is not applicable to other frame skipping transcoding
architectures.
From the analysis shown above, it is observed that frame skipping scheme
with the consideration of motion activity is an acceptable solution to determine
the temporal rate. But there are still some drawbacks in this scheme. The
most important one is that it does not consider the motion continuity. Jerky
effect caused by sudden motion change may introduce a discontinuous motion.
This affects the visual perception and degrades the overall video quality. In the
following section, the analysis of the motion continuity will be presented and one
method is proposed to evaluate the motion continuity. A new frame skipping
scheme is proposed based on the consideration of both the motion activity and
motion continuity information.
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Motion Information Analysis

Motion information is the information related to motion that occurs at a specified time interval. Traditionally, the motion activity is adopted to indicate the
motion is fast or slow. However, this is not enough. A simple observation is
the swing of the pendulum. It is obvious that the frame in which the pendulum
reaches the highest position is very important, as it provides the information
of height that the pendulum can reach. If this frame is lost, it is very hard to
get this information. If we only consider the motion activity information, the
importance of this frame cannot be highlighted.
This example can be illustrated with Figure 5.1. One object moves from A
to C via B. From A to B and from B to C, there are the same time intervals.
As shown in Figure 5.1(a), an object moves from A to C. The direction and
magnitude of the motion are not changed at B. It is a smooth motion. If
the motion information at B is unavailable, it is very easy to reconstruct its
MV. However in Figure 5.1(b), one motion change is observed at B. Both the
direction and magnitude of the motion are changed. This is a discontinuous
motion. If the motion information at B is lost, it is hard to reconstruct it.
Although the motion activity at B is the same for both cases, there is different
motion continuity information at B.
This example shows that, the motion activity information alone cannot represent all the motion information. Some frames in the video are very important for they contain high motion change information. When these frames are
skipped, it is very hard to reconstruct the original motion information. In
frame skipping transcoding, it is expected to code these frames and preserve
more motion information.
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C
B

B

A

A

(a)

C

(b)

Figure 5.1: Motion continuity: (a) Smooth motion; (b) Abrupt motion
From the analysis above, it is observed that the motion information contained at one frame should consist of two components: motion activity and
motion continuity. Motion activity indicates the motion is fast or slow, and
motion continuity means the movement is smooth or rough. In frame skipping
transcoding, when a frame is skipped, the motion activity information is lost.
Also, the motion continuity information is changed. When a frame is coded,
the motion activity information is preserved. However, the motion continuity
information may be changed due to the previous or next frame skipping. This
leads to the motion information loss.

5.3.1

Motion Activity Information

In order to measure the motion activity, several methods are proposed. Apart
from the motion activity defined in (5.2), another definition of the motion activity is given in (5.3). Here, it is defined as the square of MV. In this work,
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the definition in (5.3) is adopted.

mvacc =

5.3.2

X
(mvx2 + mvy2 ).

(5.3)

Motion Continuity Information

The motion continuity information is seldom discussed in the existing literatures. Here, motion change occurring at one frame is applied to evaluate the
motion continuity. Motion change is calculated by the difference of MV’s between two consecutive frames. Assuming MV’s for a pixel in the current frame
and the next frame are mvcur and mvnext respectively, motion change ∇mv is
given by

∇mv = mvnext − mvcur .

(5.4)

When most of the pixels within one frame present high motion change, it indicates a scene change occurrence. In the following, an experiment is conducted
to evaluate the performance of ∇mv via scene change detection.
Several researches have been done in scene change detection. For uncompressed video sequence, the statistical information of frames and frame difference
are considered as scene change features [115–119]. Instead of working on the
uncompressed video sequence, the approaches for scene change detection in the
compressed domain have been developed [48, 116, 119–126]. In [119–123], DC
sequences are generated from the compressed image, and statistical information
is extracted from these DC sequences. The number of intra MB’s has also been
proposed as a scene change feature [48, 124]. It shows that more intra MB’s
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are introduced in those frames directly after the scene change. For MPEG-2
bitstream, the number of interpolated MB’s (predicted from both previous and
next I-/P-frames) within B-frame is adopted as a scene change feature [125].
Another scene change feature commonly used is the variance of the residue
(var residue). In coding process, high variance indicates a mismatch between
the current frame and the previous frame. When scene change occurs, it is very
hard to reach good matching in motion estimation process. In [116], the summation of MV values in a picture, M V F , is chosen as a scene change feature.
It can represent the motion activity of each frame. In [126], motion smoothness
is considered. This value is infinity at each scene change.
In the following experiments, the variance of the residue (var residue), the
summation of MV (M V F ), and the number of intra MB’s are used for comparison. Here, M V F is one type of motion activity information.
In Figure 5.2, the test video is “Coastguard”. One scene change occurs at
about frame 69 with a camera suddenly upward and another occurs at about
frame 117 with a high motion object disappearance. M V F cannot detect the
scene change occurring at about frame 117. For the number of intra MB’s,
less than 2% MB’s are intra coded in the first scene change and another scene
change is also missed. For the feature var residue, one scene change is missed.
However, ∇mv can successfully detect all the scene changes in the sequence.
Another test video is “Cact”. It has no abrupt scene change. A camera
zooms out following by a horizontal shift gradually. As shown in Figure 5.3,
M V F shows high fluctuation throughout the video; the number of intra MB’s
presents little change; var residue cannot provide any useful information, while
∇mv presents a gradual increasing before frame 90 and a gradual decreasing
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Figure 5.2: “Coastguard”: (a) MVF; (b) Number of intra MB’s; (c) Var residue;
(d) Motion change information
after frame 90. This provides the tendency of the motion continuity information.

Based on the experimental results shown above, it is obvious that, motion
change ∇mv can successfully detect the scene change. It is more efficient than
the other scene change features and quite robust in different cases. In addition,
it can provide useful information for making decision in practical applications.
Therefore, ∇mv provides different information from the motion activity and it
is an efficient tool to indicate the motion continuity.
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Figure 5.3: “Cact”: (a) MVF; (b) Number of intra MB’s; (c) Var residue; (d)
Motion change information

5.4

Proposed Frame Skipping Scheme

Based on the above study, a motion information based frame skipping transcoding scheme (MIFST) is proposed in this section. MIFST aims at reducing the
overall bit rate and mitigating the difference of motion information between the
original bitstream and the transcoded bitstream.

5.4.1

Motion Criterion

First, motion criterion of MIFST is introduced. This criterion is used to reduce the motion loss of the transcoded bitstream. When the motion of the
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transcoded bitstream is close to the original bitstream, key motion information
of the original video is retained. This benefits the temporal video quality.
It is easy to understand that when one frame is skipped, the motion information of this frame is lost. When this frame is coded, the motion information
of this frame may also be lost according to the different skipping modes of the
transcoded bitstream. Example is illustrated in Figure 5.4 to show the different
motion continuity information at a coded frame.
In Figure 5.4(a), all the frames are coded, the motion change occurring at
frame k + 1 is almost the same as that in the original video. In Figure 5.4(b),
frame k is skipped and the other frames are coded. Frame k is directly copied
from the previous coded frame and the MV of frame k + 1 becomes mv10 . The
motion change occurring at frame k + 1 becomes mv2 − mv10 . In Figure 5.4(c),
only frame k + 2 is skipped, then the motion change occurring at frame k + 1
becomes −mv1 . In Figure 5.4(d), frame k and frame k + 2 are both skipped.
The motion change occurring at frame k + 1 is −mv10 . Because frame k + 1 is
coded in these four cases, the motion activity of frame k + 1 is the same. With
different frame skipping modes, there is different motion continuity information
at this frame.
This confirms again that, MV’s of a single frame cannot be used to represent
all the motion information at the current frame interval. The motion activity
information and motion continuity information must be evaluated separately
according to the skipping mode of the transcoded bitstream. In frame skipping
transcoding, both parts of motion information should be taken into account.
When a frame is coded, the motion activity of this frame is preserved; if this
frame is skipped, the motion activity information is lost. The loss of the motion
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Figure 5.4: Motion change occurring at coded frame k+1. (a) All the frames are
coded; (b) Previous frame is skipped; (c) Next frame is skipped; (d) Previous
and next frames are skipped
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activity information D M Vacc can be described as

D M Vacc =



 P(mv 2 + mv 2 ) f rame is skipped
x
y

 0

(5.5)

f rame is coded

For the motion continuity information, motion change defined in (5.4) is
adopted to evaluate it. In frame skipping transcoding, when one frame is
skipped, the reconstructed MV may differ from the original MV. This leads
to the difference of motion continuity information between the original video
and the reconstructed video. In order to measure this, square difference of
motion change (SDMC) is defined to evaluate it, which is given by

SDM C =

X

[(∇mvorg,x − ∇mvtrans,x )2 + (∇mvorg,y − ∇mvtrans,y )2 ]

(5.6)

where ∇mvorg,x , ∇mvtrans,x , ∇mvorg,y , and ∇mvtrans,y are the motion changes
of the original video and the transcoded video in x and y directions, respectively.
When the motion change of the output video does not comply with the original
video, this value may increase, which means the motion continuity is impaired.
Then the difference of motion information between the original video and
the transcoded video is defined as

M I dif f = D M Vacc + w · SDM C.

(5.7)

where w is a weighting factor that indicates the importance of the motion continuity. In the experiments, its value is set to 1. A small M I dif f means that the
motion of the transcoded video is close to the original video. The transcoded
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video is desired to present M I dif f as low as possible.
In MIFST, the motion criterion is selected to determine the skipping mode of
the transcoded bitstream. All the skipped frames between two coded frames are
considered to be in the same GOP with the following coded frame. The average
difference of motion information within one GOP (m(M I dif f )) is calculated
as follows:

m(M I dif f ) =

L
X
1
·
M I dif fi .
L + 1 i=0

(5.8)

where L is the number of skipped frames and M I dif fi is the difference of the
motion information for each frame within this GOP.

5.4.2

Buffer Constraint

The buffer constraint is also considered in MIFST. Buffer overflow may result
in data loss or a larger buffer size; buffer underflow may waste the bandwidth.
When only the motion criterion is considered, there may be such cases where
the frame rate keeps on increasing or decreasing. Buffer overflow or underflow
will be induced.
In MIFST, motion criterion is applied only when the buffer status is under
a satisfied condition. If the buffer overflow occurs under the current skipping
mode, the number of skipped frames will be forced to increase without considering the motion information loss; if the buffer underflow occurs, the number of
skipped frames will be forced to decrease.
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Skipping Length Constraint

As defined in 5.4.1, all the skipped frames between two coded frames are considered to be in the same GOP with the following coded frame. The length of
GOP changes when the number of skipped frames L changes. In MIFST, L is
forced to be less than 6. This is another constraint in MIFST.
Skipping a large number of frames continuously may decrease the visual
quality although it can reduce the overall bit rate. The constraint of L is to
give a better visual perception and to avoid buffer underflow.
In order to mitigate the jerky effect and to present a smooth motion change
when the frame rate is changed, the changing of L is restricted to one level
between neighboring GOPs. This means that L can only increase or decrease
by one between two consecutive GOPs.

5.4.4

Proposed Scheme

Based on the motion criterion, the buffer criterion, and the skipping length
constraint, details of MIFST are illustrated in the following.
After the number of the skipped frames (L) is determined, the corresponding
frame is coded. The current m(M I dif f ) is updated. In order to determine L
for the following frames, a variable length prediction window is designed to precalculate the average difference of motion information for the following frames.
The length of the prediction window is determined by the current L as shown
in Table 5.1. This prediction window contains two GOPs and the total length
is 2(L + 1). A long prediction window length is used to mitigate the variation
of frame rate. The predicted m(M I dif f ) is calculated within this prediction

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library

120

5.4. Proposed Frame Skipping Scheme

Table 5.1: Relation between the number of skipped frames, GOP length and
prediction window length
Number of
skipped frames
0
1
2
3
4
5

GOP
length
1
2
3
4
5
6

Prediction
window length
2
4
6
8
10
12

Coded
frame No.
1, 2
2, 4
3, 6
4, 8
5, 10
6, 12

window.
Let 4 denote the difference between the predicted m(M I dif f ) and the
current m(M I dif f ), the number of skipped frames is adjusted as follows:


 4 ≥ thd
L=L−1

 4 ≤ −thd L = L + 1

(5.9)

where thd is the threshold.

The process is illustrated in Figure 5.5. At time t, after frame k is coded,
MIFST needs to decide how many frames to be skipped for the next interval. According to the current L, the predicted m(M I dif f ) is calculated based on the
prediction window length, which is 2(L + 1). When the predicted m(M I dif f )
is less than the current m(M I dif f ) for a certain threshold, the number of
skipped frames is increased from L to L + 1, and frame k + L + 2 is coded at
time t0 . Now, the prediction window length is 2(L + 2). Because the predicted
m(M I dif f ) exceeds the current m(M I dif f ) for a certain threshold, the number of skipped frames is decreased from L + 1 to L and frame k + 2L + 3 is
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Figure 5.5: Illustration of the proposed frame skipping scheme (MIFST)

The algorithm is outlined as follows:
1. Check the buffer occupancy: if buffer overflow or underflow occurs under
the current L, L is increased or decreased by 1, go to the step 5; otherwise,
continue.
2. Set the prediction window length as 2(L + 1). Calculate the predicted
m(M I dif f ) within this prediction window.
3. Get the difference between the current m(M I dif f ) and the predicted
m(M I dif f ). If the current m(M I dif f ) is larger than the predicted
m(M I dif f ) plus a certain threshold, L is increased by 1; if the predicted m(M I dif f ) is larger than the current m(M I dif f ) plus a certain
threshold, L is decreased by 1; otherwise, L is unchanged.
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4. Check the restriction of L within [0, 5].
5. Skip L frames and code the following frame. Update the current m(M I dif f ).

5.5

Experimental Results

Experiments are conducted to verify the performance of MIFST. This frame
skipping method is implemented based on a commonly used cascaded pixel
domain transcoder (CPDT) (see Figure 5.6). In this architecture, an extra
frame buffer is used to store the input bitstream when calculating the predicted
m(M I dif f ). The TMN8-based frame skipping scheme is used for comparison [6]. And, the bit allocation and MB layer rate control are the same in
MIFST and the TMN8-based scheme.
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+
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MC

Frame
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stream
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Figure 5.6: Specified cascaded pixel domain transcoder

The video “Coastguard” is taken as an example. This video contains mainly
the median motion and a motion outburst around frame 69. The incoming
bitstream is in QCIF format and the frame rate is 30 f rames/s. GOP structure
IPPPP... is adopted and only the first frame is intra coded. After transcoding,
the target frame rate is 10 f rames/s and the bit rate is reduced to 64kbps.
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Table 5.2: Comparison of coded frames by MIFST and TMN8

MIFST
TMN8

Coded frames
60, 63, 66, 68, 69, 71, 74, 77, 80
60, 63, 66, 69, 72, 75, 78

Hence the number of coded frames is less than the original video as a result of
frame skipping.
In high motion area, it is desired to keep more frames to improve the temporal quality and benefit the human visual perception; in low motion area, visual
quality may not decrease significantly even if more frames are skipped. MIFST
is designed in such a way, that more frames are coded in high motion area and
fewer frames are coded in low motion area. Comparing with the TMN8-based
scheme, which treats high motion and low motion cases equally and ignores the
motion information of each frame, MIFST codes more frames in high motion
area without increasing the overall bit rate. Table 5.2 shows the comparison of
the coded frames by two methods from frame 60 to frame 80. In these frames,
there is a sudden camera upward movement; therefore motion around frame
69 is high. The TMN8-based method skips almost the same number of frames
throughout the video. However, by MIFST, more frames are coded around
frame 69. Owing to the prediction window that can well predict the variation
of motion information, the number of skipped frames is reduced from 2 gradually and reaches 0 around frame 68. Therefore, there is no sudden change in the
frame rate. This result shows that, MIFST preserves more motion information
and presents a motion closer to the original video.
Next, the comparison of motion loss between MIFST and the TMN8-based
scheme is given.

The evaluation of motion loss is given by (5.7).

In the
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Table 5.3: Comparison on difference of motion information
Sequence

Target bit rate

Foreman
Coastguard
Stefan
Suzie
News
Table tennis

64kbps
64kbps
64kbps
32kbps
32kbps
32kbps

Difference of motion information
TMN8 MIFST Improvement (%)
10410
9290
10.8
1124
1009
10.2
26527
24005
9.5
1887
1530
18.9
324
320
1.2
4082
3617
11.4

transcoded video of “Coastguard”, the overall M I dif f by MIFST is 1009,
while by the TMN8-based method it is 1124. MIFST presents 115 units of
M I dif f lower than the TMN8-based method does. More results of other
video sequences are shown in Table 5.3. It is obvious that, MIFST presents
much smaller M I dif f comparing with the method adopted by TMN8. The
improvement of MIFST over the TMN8-based method can be calculated as

|

M I dif fproposed − M I dif fT M N 8
| × 100%.
M I dif fT M N 8

(5.10)

Observed from Table 5.3, MIFST can reduce M I dif f significantly for those
sequences with much motion information. For those sequences containing little
motion information, the improvement of M I dif f by MIFST is limited. This is
because for sequences with little motion information, MIFST performs similar
to the TMN8-based approach. Almost the same frame skipping mode is adopted
and the motion information loss is similar. In this comparison, the video “Suzie”
is a low motion video sequence. However, there is a sudden scene change in it.
This is why high improvement by MIFST is presented.
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Table 5.4: Comparison of PSNR for difference video sequences
Sequence
Coastguard
Foreman
Stefan
Suzie
News
Table tennis

Target bit rate
64kbps
64kbps
64kbps
32kbps
32kbps
32kbps

TMN8
27.21
27.59
20.57
31.97
29.79
26.25

Average PSNR (dB)
D M Vacc SDMC
27.21
27.25
27.84
27.82
20.69
20.81
32.00
32.01
29.82
29.80
26.30
26.30

MIFST
27.30
27.87
20.82
32.13
29.86
26.44

By using MIFST, bits saved in low motion area can be used to code more
frames in high motion area. Therefore, the overall visual quality can be improved. The easiest and most commonly used way in displaying the skipped
frames is to directly copy the previous coded frame. In low motion area, the difference between the consecutive frames is low. Even with more frames skipped,
the difference between the reconstructed frame and the original frame is small.
Little distortion is introduced. In high motion area, the difference between
frames is significant. For those skipped frames, the reconstructed version would
be very different from the original one. This introduces high distortion. With
MIFST, more frames are coded in this area, thus distortion can be reduced
significantly.
With MIFST, spatial visual quality is also improved. Table 5.4 shows the
PSNR comparison when the skipped frames are reconstructed by directly copying previous coded frame. MIFST is compared with TMN8-based scheme. The
overall performance of MIFST is better than the others. In this table, video
quality improvement in terms of PSNR is not significant for the video “News”.
This is because “News” is a low motion sequence. The motion information
loss and the spatial quality are very close by these two methods. For other
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sequences, the PSNR improvement by MIFST is about 0.1dB to 0.28dB higher
than the TMN8-based scheme.
Sometimes, the motion compensated interpolation (MCI) is adopted to reconstruct the skipped frames in the transcoded video. MCI can present higher
video quality over the duplicating scheme. It is well known that the decoder is
unaware of the original motion. When the decoder reconstructs a skipped frame
using MCI, it adopts the assumption that the motion between two consecutive
coded frames is a linear motion. When the real motion between two consecutive
coded frames is a nonlinear motion, the reconstructed frame may differ from the
original frame.
When a nonlinear motion appears in the video sequence between consecutive
frames, high motion change will be presented. MIFST may code more frames
in this area to reduce the motion difference between the transcoded video and
the original video. Consequently, little nonlinear motion within the skipped
frames is presented by MIFST when compared with the other scheme. This
benefits the reconstruction of skipped frames based on the motion compensation
interpolation.
In this study, skipped frames in the transcoded video are reconstructed by
MCI proposed in [127] and compared with the other scheme. The comparison of
the output is given in Table 5.5. The PSNR improvement by MIFST is higher
than that by the TMN8-based scheme (see Table 5.6). This proves that MIFST
reduces the nonlinear motion and improves the visual quality.
To further illustrate the importance of the motion activity and the motion
continuity information, two more schemes are applied that consider the loss
of the motion activity and the motion continuity information separately. In
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Table 5.5: Comparison of PSNR for difference video sequences With MCI
Sequence

Target bit rate

Coastguard
Foreman
Stefan
Suzie
News
Table tennis

64kbps
64kbps
64kbps
32kbps
32kbps
32kbps

TMN8
29.51
29.17
22.00
32.72
30.33
27.67

Average PSNR (dB)
D M Vacc SDMC
29.52
29.54
29.50
29.52
22.09
22.13
32.81
32.80
30.48
30.38
27.71
27.71

MIFST
29.62
29.53
22.32
32.91
30.57
27.93

Table 5.6: Comparison of PSNR improvement (in dB)

Sequence
Coastguard
Foreman
Stefan
Suzie
News
Table tennis

TMN8
Duplicating MCI
(dB)
(dB)
27.21
29.51
27.59
29.17
20.57
22.00
31.97
32.72
29.79
30.33
26.25
27.67

Improvement
2.30
1.58
1.43
0.75
0.54
1.42

MIFST
Duplicating MCI
(dB)
(dB)
27.30
29.62
27.87
29.53
20.82
22.32
32.13
32.91
29.86
30.57
26.44
27.93

Improvement
2.32
1.66
1.50
0.78
0.71
1.49

the first scheme, only the loss of motion activity (D M Vacc ) is considered; in
the second scheme, only the loss of motion continuity (SDMC) is taken into
account. From the PSNR comparison in Table 5.4 and Table 5.5, it is observed
that, these two schemes present higher PSNR when compared with the TMN8based scheme in any circumstance. However, they present lower PSNR than
MIFST. This is because only part of the motion information is considered in
these methods.
Another observation is that for some video sequences, the performance of
the first scheme is better that of the second scheme, and vice versa for some
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other video sequences. It is hard to say which one presents higher visual quality
than the other. D M Vacc and SDMC play different roles in the frame skipping
schemes to reduce the motion loss. MIFST takes into account both the motion
activity and the motion continuity information. The quality improvement of
MIFST is the co-operation of these two parts of information.
With the introduction of MCI, the frame by frame PSNR comparison is given
in Figure 5.7. In Figure 5.7(a), the PSNR improvement is not clearly observed.
Figure 5.7(b) gives the comparison from frame 60 to frame 80, which is a high
motion area. It is obvious that MIFST outperforms the TMN8-based scheme
significantly.

5.6

Summary

Frame skipping transcoding has been one of the key techniques for video delivery
over networks. In this chapter, frame skipping scheme with the consideration
of motion information is discussed. The concept of motion change is introduced
to evaluate the motion continuity information. Based on the analysis of motion
information, MIFST is introduced to reduce the motion difference between the
transcoded and the original video.
This scheme has four advantages over the other schemes:
1. Keeping the original motion information. This reduces the jerky effect
within the transcoded video;
2. Improving the spatial video quality. This is because the proposed scheme
codes more frames in high motion area and less frames in low motion
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area. Bits saved in coding residue play an important role in enhancing
the quality of those preserved frames;
3. Benefiting the reconstruction of skipped frames. Especially for MCI, since
the nonlinear motion is reduced, the reconstructed video quality has been
improved significantly.
4. Reducing the frame rate variation. This is because the number of the
skipped frames is restricted within one level between two consecutive GOP.
This further improves the visual quality for human perception.
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Figure 5.7: Frame by frame PSNR comparison with MCI for “Coastguard”: (a)
frame 0-299; (b) frame 60-80.
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Chapter 6
Enhanced Error Resilient
Transcoding

6.1

Introduction

In an error-free network, video content is compressed to reduce the spatial and
temporal redundancy without considering the channel error. In order to reduce
the bit rate and reach the highest compression ratio, techniques are developed
to reduce the redundancy in the video. In the generated bitstream, dependency
between frames is rather high. Even correlation between MB’s is also high. This
kind of bitstream is highly sensitive to the channel error. Unless a dedicated
link that can provide a guaranteed quality of service (QoS) is available between
the source and the destination, data packets may be lost or corrupted, due to
either traffic congestion or bit error that happens in the physical channel.
When bit error or packet loss happens, it not only affects the frame where
error happens, but also propagates to the following frames. This results in
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serious drift. Figure 6.1 shows the effect of error propagation. One slice is lost in
frame 40 of the video “Foreman” (see Figure 6.1(a)). This slice is reconstructed
by directly copying the previous frame in the same spatial location. Since all the
frames are inter coded, next frame may use the reconstructed previous frame as
the reference frame. Although no error happens in the following frames, error
propagates from frame 40 to the following frames via motion compensation.
It can be observed that drift is serious in Figure 6.1(b)-(d). Video quality is
degraded. Therefore, it is important to devise video encoding/decoding schemes
that can make the bitstream resilient to transmission errors. It is also prudent to
design proper interfacing mechanisms between the codec (encoder and decoder)
and the networks, so that the codec can adjust its operations based on the
network conditions.

(a)

(b)

(c)

(d)

Figure 6.1: Effect of error propagation

To deliver video content over an error-prone network, video has to be coded
in a resilient format to endure the channel error and to facilitate the error
concealment scheme in the decoder. Error resilient transcoder is adopted at the
interface of the error-free network and the error-prone network. The purpose
of error resilient transcoding is to insert error resilient component to the input
bitstream. The transcoded bitstream can be more resilient to the errors. It
should be noted that, error resilient transcoding is less efficient because it uses
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more bits to obtain the same video quality in the absence of any transmission
error. The extra bits are used to code the redundancy. The goal of error resilient
transcoding is to achieve a maximum gain in error resilience with the smallest
amount of redundancy.
Several error resilient tools can be considered in video coding: inserting
resynchronization marker between different slices, reversible variable length coding, intra refreshment, multiple description coding, reference picture selection,
and so on [86]. Some of the techniques help to prevent error propagation, while
others enable the decoder to perform better error concealment upon the detection of errors.
Inserting resynchronization marker and reversible variable length coding
(RVLC) are two main schemes used for robust entropy coding [86]. Resynchronization marker can easily be distinguished from other codewords in the bitstream. Inserting resynchronization marker between different slices periodically
can help to identify the position where error happens. When error happens, the
decoder can resume proper decoding upon the detection of a resynchronization
marker. This scheme is used for stopping the spatial error propagation. RVLC
is another tool that enables the decoder to decode bitstream from backward direction. Generally, it is assumed that once an error occurs, the decoder discards
all the bits until a resynchronization codeword is identified. With RVLC, fewer
correctly received bits will be discarded, and the affected area by a transmission
error will be reduced.
Intra refreshment and independent segment prediction belong to another
group of error resilient tools that can be called as error resilient prediction [86].
Intra refreshment is realized by inserting intra MB’s or frames periodically. It

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library

6.1. Introduction

134

is a way to stop temporal error propagation. Intra MB and frame are coded
independently. At the decoder side, they can be decoded without referring
to other frames. Thus propagated error cannot affect them. When intra MB
refreshment is employed for error resilience purposes, both the number of intra
MB’s and their spatial location have to be determined. The number of necessary
intra MB’s is obviously dependent on the quality of the communication network.
For independent segment prediction, error propagation is limited by splitting
the data into several segments and performing temporal/spatial prediction only
within the same segment. In this way, error will only affect the same segment
and will not propagate to other segments.
Layered coding and multiple description coding (MDC) are some techniques
that will cooperate with channel coding [86]. In layered coding, unequal error
protection will be applied to different layers with different importance. The
base layer will be transmitted with the highest protection to guarantee a baseline video quality. MDC also codes a source into several substreams, known as
descriptions. The resulting descriptions are correlated and have equal importance. Any single description should provide a basic level of quality, and more
descriptions together will achieve incremental improvement in visual quality.
Since each description provides a certain degree of quality, it must carry fundamental information about the source for independent decoding.
When feedback channel is available, reference picture selection can be employed to choose the “correctly” received frame as the reference frame. This
ensures that the reconstructed reference frames at the encoder and the decoder
are the same.
Among them, intra refreshment is one of the most commonly used error
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resilient tools by inserting intra MB’s in the coding process [77, 79, 80, 128, 129].
It reduces the temporal dependency between frames and limits the accumulation
of errors in the bitstream. Several papers have addressed intra refreshment in
transcoding application [82–85]. These schemes employ the rate distortion (RD)
optimized scheme in the intra/inter mode decision for each MB. However, they
only consider the channel errors that propagate from previous frames to the
current frame. The impact of channel error on the following frames is not taken
into account.
Motivated by this, channel error propagation between two consecutive frames
is analyzed in this work, and the impact of the propagation is evaluated. An
enhanced RD optimized intra/inter mode decision scheme is proposed, which
further considers the impact of channel errors that propagate to the next frame.
This enhances the robustness of the transcoded bitstream to the packet loss.
Considering the availability of information in the next frame, two cases are
discussed and detailed schemes are specified for them.
The rest of this chapter is organized as follows. Some preliminaries are
presented in section 6.2. In section 6.3, the conventional RD optimized scheme
is briefly introduced and the problem is stated. The proposed intra/inter MB
mode decision scheme is presented in section 6.4. Experimental results are given
in section 6.5 and the conclusion is drawn in section 6.6.

6.2

Preliminaries

In this section, three factors that will affect the overall video quality after the
generation of a bitstream are briefly introduced: sender behavior, channel char-
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acteristic, and decoder behavior [128].

6.2.1

Sender Behavior

Generally, before a bitstream is transmitted over the networks, video packets
are generated. Additional information will be attached to add protection information.
In the encoder, the packetization scheme adopted will affect the decoder
distortion of the video. Here, it is assumed that the size of a packet is larger
than the size of any MB. Based on this assumption, there are three possible
packetization schemes:
- Each packet has the same packet size. In this scheme, an MB may be split
into two consecutive packets.
- Each packet contains only one complete MB.
- Each packet contains a complete GOB/slice.
In this work, each packet is assumed to contain one MB or one GOB only.
No MB is split into two packets. The loss of each MB comes only from the
loss of a packet. Furthermore, in order to make the optimization tractable, no
forward error protection (FEC) is adopted. The variation of channel condition
has the same impact on each packet.

6.2.2

Channel Characteristic

Channel characteristic is very important to the error resilient scheme adopted.
It determines the probability of each packet to be correctly received.
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In this work, channel model is characterized as a Bernoulli path model. The
Bernoulli path model is a special case of the 2-state Markov chain [128]. Under
the Bernoulli path model, the packet loss rate ρ can be obtained by measuring
the number of lost packets Nl and correctly received packets Nr at the receiver
side by

ρ=

Nl
.
Nl + N r

(6.1)

This packet loss rate can be calculated in the receiver side and serve as the
feedback information to the encoder. Under the Bernoulli path model, when no
FEC protection is adopted, each packet is under the same loss probability.

6.2.3

Decoder Behavior

Decoder behavior is another key factor that will affect the output video quality. In the calculation of distortion, error concealment scheme adopted at the
decoder side must be available. In this work, temporal replacement suggested
in H.263 standard [6] is adopted. It is described as follows:
- Missing MB’s are concealed from the previously decoded picture.
- The reconstructed MV of a missing MB is set to the MV of the MB above
the missing one.
- If the MV of the above MB is unavailable, the reconstructed MV is set to
zero.
- The MB from the previous picture at the spatial location specified by
the reconstructed MV is copied to the location of the missing MB in the
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current picture.

6.3

Conventional RD Optimized Scheme

In video coding, the optimization task is to choose the most efficient coded
representation in the RD sense. This task is complicated due to the fact that
various coding options show varying efficiency at different bit rates and with
different scene contents. Intuitively, it is expected to improve the RD performance if the modes can significantly customize the coding for different types of
scene statistics, especially if the modes can be applied judiciously to different
video sequences and channel constraints. The goal of RD optimization is to optimize the overall fidelity: minimize distortion D, subject to a constraint R c ,
as shown in (6.2).

min {D},

subject to R < Rc

(6.2)

This equation can be solved by the Lagrangian optimization [130]. The
Lagrangian formulation of minimization is given by

min {J},

where J = D + λ · R

(6.3)

where cost function J is minimized for a particular value of Lagrange multiplier
λ. The Lagrange multiplier optimization can provide significant benefit if it is
judiciously applied.
The intra/inter mode decision scheme based on RD optimization is an efficient tool to determine the MB mode based on the cost function defined in (6.3).
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In a classical MB mode decision scheme, the cost function of each MB is defined
as,

JM B = DM B + λmode · RM B

(6.4)

where DM B and RM B are the source distortion and bits generated by one MB
under different coding mode. Each MB can select the coding mode of intra,
inter, or even skip. The coding mode that generates the lowest cost will be
chosen. In this optimization process, no channel error is considered.
When transmitting this bitstream over an error-prone network, channel error
propagation cannot be efficiently stopped. Several papers have addressed this
problem. Among them, one scheme that takes the channel errors into account
in the RD optimized MB mode decision scheme is introduced in [80]. In [80],
the overall expected decoder distortion is incorporated into the conventional
RD based framework to dynamically choose MB’s to be intra coded. In this
method, DM B is redefined as the overall expected decoder distortion given by

DM B =

X

djexp

(6.5)

j∈M B

and
djexp = E{(fnj − f˜nj )2 }
= (fnj )2 − 2 · fnj · E{f˜nj } + E{(f˜nj )2 }.

(6.6)

where fnj is the original value of pixel j in frame n, f˜nj is the reconstructed
value at the decoder, and E{·} is the operation to calculate the expectation
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value. In an error-free environment, f˜nj is equal to the encoder reconstruction
fˆnj , whereas in an error-prone environment, f˜nj is a random variable. Its value
may vary according to channel condition and error concealment scheme. E{f˜nj }
and E{(f˜nj )2 } are the first and the second moments of the random variable f˜nj .
Observed from (6.6), the computation of the expected decoder distortion
requires the first and the second moments of the random variable f˜nj . In [80],
these moments are calculated with recursive optimal per-pixel estimate (ROPE).
By ROPE, E{f˜nj } and E{(f˜nj )2 } are calculated with recursive functions. Two
cases are considered depending on whether this pixel belongs to an intra or inter
coded MB.
1. Pixel in intra coded MB.
When the pixel in an intra coded MB is correctly received, its reconstructed values at the decoder (f˜nj ) and the encoder (fˆnj ) are the same.
The probability of this event is 1 − ρ, where ρ is the packet loss rate.
However, when this pixel is lost, it is reconstructed according to the error
concealment scheme adopted. The possible reconstructed value may be
j
k
when the reconf˜n−1
when the reconstructed MV is unavailable, or f˜n−1

structed MV is available. The probabilities for them are ρ2 and ρ(1 − ρ),
respectively.
Combining these cases, the first and the second moments of f˜nj for a pixel
in an intra MB are given by
j
k
EI {f˜nj } = (1 − ρ) · fˆnj + ρ2 · E{f˜n−1
} + ρ(1 − ρ) · E{f˜n−1
}

(6.7)
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and
j
EI {(f˜nj )2 } = (1 − ρ) · (fˆnj )2 + ρ2 · E{(f˜n−1
)2 }
k
+ρ(1 − ρ) · E{(f˜n−1
)2 }.

(6.8)

2. Pixel in inter coded MB.
For the pixel in an inter coded MB, the MV of pixel j in frame n is assumed
to point to pixel i in frame n − 1. The residue is êjn , which is given by
i
êjn = fˆnj − fˆn−1
.

(6.9)

i
where fˆn−1
is the reconstructed value of pixel i of frame n − 1 at the

encoder.
If the pixel in an inter coded MB is correctly received, its reconstructed
value at the decoder is given by
i
.
f˜nj = êjn + f˜n−1

(6.10)

The probability of this event is 1 − ρ. When this pixel is lost, the possible
j
reconstructed value may be f˜n−1
when the reconstructed MV is unavailk
able, or f˜n−1
when the reconstructed MV is available. The probabilities

for them are ρ2 and ρ(1 − ρ), respectively. This is the same with the intra
coded case.
Then, the first and the second moments of f˜nj for a pixel in an inter MB
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are given by
j
i
EP {f˜nj } = (1 − ρ) · (êjn + E{f˜n−1
)} + ρ2 · E{f˜n−1
}
k
+ρ(1 − ρ) · E{f˜n−1
}

(6.11)

and
j
i
EP {(f˜nj )2 } = (1 − ρ) · {(êjn + f˜n−1
)2 } + ρ2 · E{(f˜n−1
)2 }
k
+ρ(1 − ρ) · E{(f˜n−1
)2 }.

(6.12)

Here, the expected distortion at the decoder is calculated recursively at the
encoder. The encoder can exploit this result directly in its coding decision. At
the same time, λmode defined in [130] is not suitable for an error-prone environment. Based on buffer status, λmode is updated per frame via

λn+1 = λn (1 +

1
5Rtarget

(

n
X
i=1

Ri − n · Rtarget ))

(6.13)

where Rtarget is the target bit rate, Ri is the number of bits generated by each
frame, and n is the frame number.
This optimization scheme based on ROPE is called ROPE-RD. It assumes
that, each MB has the equal possibility to be lost. The propagated channel
error is incorporated into RD optimization process, and MB’s are adaptively
intra refreshed. However, it only considers the channel errors that propagate
from previous frames. The impacts of channel errors on the following frames
are overlooked.
In error resilient transcoding, it is highly desired to take into account the
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channel distortion propagated to the following frames in the RD optimized MB
mode decision. This is because, in block-based motion compensation, the reference block is not aligned to the block boundary. As shown in Figure 6.2, some
pixels in the reference frame are referred to more than once, while some pixels
are never referred to. For those pixels that are never referred to, the accumulated channel error will not affect the following frames. Channel distortion
propagation is stopped naturally. For pixels referred to more than once, the
accumulated channel error may spread and aggravate the distortion propagation. Furthermore, channel error may have different impacts when propagated
to different pixels in the following frames.

frame n

MB

MB

MB

MB

frame n+1

Figure 6.2: Block-based motion prediction

It has been shown that, the channel errors accumulated at the current frame
have different impacts on the following frames, which have not been considered
by the previous schemes. However, it is unrealistic to consider the impact of
channel distortion propagation to all the following frames for it is too complicated. Only considering the propagation between two consecutive frames, an
optimal solution for global sequence can be derived. Motivated by the above
reasons, a scheme is proposed that further considers the channel distortion prop-
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agation in intra refresh transcoding. Details are discussed in the following section.

6.4

Proposed MB Mode Decision Scheme

In the proposed MB mode decision scheme, two cases are specified according to
the availability of the next frame information. If the information of next frame is
available, the proposed channel distortion propagation based RD optimization
(CDP-RD) utilizes the MV and pixel values of the next frame. When the
MV and pixel values of the next frame are unavailable, a modified CDP-RD
(MCDP-RD) is adopted based on the predicted MV.

6.4.1

CDP-RD MB Mode Decision Scheme

In this subsection, CDP-RD is discussed with consideration of the channel distortion propagation. Distortion in the next frame that is contributed by the
channel errors of current frame will be counted into corresponding pixels in
the current frame. In CDP-RD, the information of the next frame is available.
Transcoder can collect the MV and pixel values from the input bitstream.
In ROPE-RD, DM B is defined as the expected decoder distortion within MB
as shown in (6.5). In CDP-RD, this distortion is modified to be

DM B =

X

j∈M B

(djexp + djppg )

(6.14)

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library

145

6.4. Proposed MB Mode Decision Scheme

and
djppg =

X

dppg (j, i)

(6.15)

i∈f rame n+1

where dppg (j, i) is the propagated channel distortion in the next frame that
is caused by the channel error of pixel j in the current frame. As stated in
section 6.3, channel error accumulated in the current frame has different impacts
on the next frame. Adding djppg into total distortion takes into account the
impacts of channel error propagated to the next frame. Detailed analysis of the
propagated channel distortion dppg (j, i) is given below.

6.4.1.1

Propagated Channel Distortion djppg

Each pixel in frame n + 1 is possible to be affected by the channel distortion
from frame n due to motion compensation or error concealment. Then dppg (j, i)
is composed of three parts given as
ec1
ec2
dppg (j, i) = dmc
ppg (j, i) + dppg (j, i) + dppg (j, i).

(6.16)

where dmc
ppg (j, i) is the propagated channel distortion due to motion compensaec2
tion, dec1
ppg (j, i) and dppg (j, i) are the propagated channel distortions due to error

concealment.
1. Propagated channel distortion due to motion compensation (dmc
ppg (j, i)):
When the MV’s of pixels in frame n + 1 point to pixel j in frame n, these
pixels may be affected by the channel error in f˜nj through motion compeni
sation. Let fn+1
denote the original value of pixel i in frame n + 1, which
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i
refers to pixel j in frame n, and fˆn+1
denote its encoder reconstruction,

its decoder reconstruction is given by
i
f˜n+1
= êin+1 + f˜nj

(6.17)

i
êin+1 = fˆn+1
− fˆnj .

(6.18)

where

According to (6.6), the expected decoder distortion of this pixel is
i
i
d˜in+1 = E{(fn+1
− f˜n+1
)2 }
i
i
= (fn+1
)2 − 2fn+1
E{êin+1 + f˜nj } + E{(êin+1 + f˜nj )2 }. (6.19)

When there is no channel error in f˜nj , i.e. f˜nj = fˆnj , the expected decoder
distortion is
i
i
)2 − 2fn+1
(êin+1 + fˆnj ) + (êin+1 + fˆnj )2 .
dˆin+1 = (fn+1

(6.20)

The difference between these two expected decoder distortions is given as
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follows:
∆din+1 = d˜in+1 − dˆin+1
i
= E{(f˜nj )2 } − (fˆnj )2 + 2êin+1 (E{f˜nj } − fˆnj ) − 2fn+1
(E{f˜nj } − fˆnj )
i
= E{(f˜nj )2 } − (fˆnj )2 − 2(fn+1
− ein+1 + ein+1 − êin+1 )(E{f˜nj } − fˆnj )

= E{(f˜nj )2 } − (fˆnj )2 − 2fˆnj (E{f˜nj } − fˆnj ) − 2(ein+1 − êin+1 )(E{f˜nj } − fˆnj ).
(6.21)

It is obvious that this difference is caused by the channel error within f˜nj .
In (6.21), ein+1 − êin+1 is the source coding error. Its expectation is zero.
Then the expected value of ∆din+1 becomes
E{∆din+1 } = E{E{(f˜nj )2 } − E{(fˆnj )2 } − 2fˆnj (E{f˜nj } − E{fˆnj })}
−E{2(ein+1 − êin+1 )(E{f˜nj } − E{fˆnj })}
= E{(f˜nj )2 } + (fˆnj )2 − 2fˆnj E{f˜nj }.

(6.22)

The expected value of ∆din+1 is the channel distortion propagated through
motion compensation. Then the value of the propagated channel distortion dmc
ppg (j, i) is given by
i
dmc
ppg (j, i) = (1 − β)(1 − ρ)E{∆dn+1 }

(6.23)

where β is the intra refresh rate and ρ is the packet loss rate. For these
pixels referring to pixel j in frame n, only when they are inter coded and
correctly received, can they be affected by f˜nj through motion compensation. The probability for this is (1 − β)(1 − ρ). In an RD optimized mode
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decision scheme, the intra refresh rate is not a constant value. It is not
available before fully coding each frame. In (6.23), β can be assumed as
the average intra refresh rate of previous coded frames.
For those pixels that do not refer to pixel j in frame n, dmc
ppg (j, i) is set to
zero.
2. Propagated channel distortion due to error concealment I (dec1
ppg (j, i)):
When some pixels in frame n + 1 are lost, their reconstructed MV’s may
point to pixel j in frame n. The corresponding reconstructed value of
these pixels becomes f˜nj . Channel distortion propagates from f˜nj through
error concealment. Similar to (6.19), (6.20), and (6.21), the difference
between the expected decoder distortions when f˜nj has or does not have
channel error is written as
i
∆din+1 = −2fn+1
(E{f˜nj } − fˆnj ) + E{(f˜nj )2 } − (fˆnj )2

(6.24)

i
is the original value of this lost pixel. The expected value of
where fn+1

this difference is given by
i
E{∆din+1 } = E{(f˜nj )2 } − (fˆnj )2 − 2fn+1
(E{f˜nj } − fˆnj ).

(6.25)

This difference is caused by the channel error within f˜nj . The expected
value of ∆din+1 is the channel distortion propagated through error concealment. Then the value of propagated channel distortion dec1
ppg (j, i) is given
by
i
dec1
ppg (j, i) = ρ(1 − ρ)E{∆dn+1 }.

(6.26)
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Here, the probability that a pixel is lost and its reconstructed MV is
available is ρ(1 − ρ). This is considered in the calculation of dec1
ppg (j, i). It
i
should be noted that, this distortion is affected by the pixel value fn+1
.

When the reconstructed MV does not point to pixel j in frame n, dec1
ppg (j, i)
is set to zero.
3. Propagated channel distortion due to error concealment II (dec2
ppg (j, i)):
Pixel j in frame n + 1 has a special relation with pixel j in frame n. They
have the same spatial location. When pixel j in frame n + 1 is lost and the
reconstructed MV is unavailable, it will be replaced by f˜nj according to
the adopted error concealment scheme. This leads to additional channel
error propagation. Similar to dec1
ppg (j, i), the propagated channel distortion
dec2
ppg (j, i) is given by
2
i
dec2
ppg (j, i) = ρ E{∆dn+1 }

(6.27)

where

E{∆din+1 } =



 E{(f˜j )2 } − (fˆj )2 − 2f i (E{f˜j } − fˆj ) i = j
n
n
n+1
n
n

 0

(6.28)

i 6= j

In the calculation of dec2
ppg (j, i), the probability, that a pixel is lost and its
reconstructed MV is unavailable, is ρ2 .
Adding the propagated channel distortion into the corresponding pixel in
frame n, new distortion reflects not only the source coding error and the channel
error from previous frames, but also the impact of channel error on the next
frame. Table 6.1 summarizes the calculation of propagated channel distortion.
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Table 6.1: Relation between pixels in frame n + 1 with pixel j in frame n

case 1
dmc
ppg (j, i)
case 2
dec1
ppg (j, i)
case 3
dec2
ppg (j, i)

6.4.1.2

Relation
MV referring
to pixel j in frame n
Reconstructed MV referring
to pixel j in frame n
In the same spatial location
with pixel j in frame n

Condition
inter coded and
correctly received
lost and reconstructed
MV available
lost and reconstructed
MV unavailable

Probability
(1 − β)(1 − ρ)
ρ(1 − ρ)
ρ2

Modified λmode

Because the distortion model in CDP-RD is different from the conventional
RD based model, the optimal value for λmode may also change. It is observed
that the propagated channel distortion considers the intra refresh rate and the
average packet loss rate. This new term is introduced in the distortion part in
the cost function. To balance the importance of distortion and rate, the initial
value of λmode (λ0 ) in (6.13) is modified to consider the propagated channel error
0

λ0 = λ0 · [2 − β · (1 − ρ)]

(6.29)

where, β and ρ are the intra refresh rate and the packet loss rate, respectively. As
the intra refresh rate is unavailable, we assume its value is equal to the average
packet loss rate in the simulation. For the following frame, λmode is updated in
the same way as (6.13). Based on the proposed RD optimized intra/inter mode
decision scheme, the robustness of the bitstream can be enhanced.
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Computational Complexity Analysis

The performance improvement of the CDP-RD MB mode decision scheme is
obtained at the cost of computation. Compared with ROPE-RD, additional
computation is needed to calculate djppg . In addition to the calculation of djexp ,
about 20 addition/multiplication operations per pixel on average are needed.
This additional computation is comparable with the computation of djexp , which
requires totally 27 addition/multiplication operations per pixel. At the same
time, some intermediate results in djexp can be reused. Therefore, actual computation can be further reduced.

6.4.2

MCDP-RD MB Mode Decision Scheme

In some applications, even a single frame delay is not acceptable. Or, the input
buffer of transcoder is not big enough to accommodate the next frame when
transcoding the current frame. This means that the MV’s and pixel values of the
next frame are not available when transcoding the current frame. However, they
are necessary in the CDP-RD MB mode decision scheme. Therefore, information
has to be estimated or reconstructed to evaluate the error propagation.
In this subsection, a modified CDP-RD (MCDP-RD) is considered to calculate the propagated channel distortion in intra refresh transcoding. In this
method, the MV of the next frame is predicted based on the previous frame
information. Also, because the pixel values of the next frame are unavailable, a
simplified model is adopted to calculate the propagated channel distortion djppg .
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6.4.2.1

Prediction of Motion Vector

Similar to [131, 132], the prediction of MV is based on the motion information
in the previous frames. Here, motion information is collected from the input
bitstream, not from the transcoded bitstream. This is because that, in the
transcoded bitstream, some MB’s are coded in intra mode to stop the channel
error propagation. It cannot provide sufficient motion information for predicting
the future motion. In the input bitstream, most MB’s are coded in inter mode
except scene change. Motion information is accurate. The prediction of MV
includes three steps:
1. Collection of motion information
When coding frame n, MV’s of frame n and frame n − 1 are needed. As
shown in Figure 6.3, for one pixel in frame n, its MV is M Vn . This MV
points to a pixel in frame n − 1. The MV of pixel referred to in frame
n − 1 is M Vn−1 . These two MV’s are used to predict the motion of a pixel
in frame n + 1.
MV n
MV n-1
MV n-1

Frame n-2

MV n

Frame n-1

Frame n

Figure 6.3: Motion vector tracing back

2. Motion projection based on linear model
In motion prediction process, the motion of each pixel is assumed as a
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linear motion. Its motion is based on the model given by

M Vn+1 = M Vn + an · ∆t

(6.30)

an = (M Vn − M Vn−1 )/∆t.

(6.31)

where

Here, an = 0 means that the motion of this pixel is a constant movement;
when an < 0, the motion of this pixel is decelerating; when an > 0, the
motion of this pixel is accelerating. The terms M Vn and M Vn−1 are the
motion information collected from frame n and frame n − 1 corresponding
to a single pixel.
According to this linear model, the calculated MV can be considered as
the MV of a pixel in frame n + 1. Assuming that the pixel in frame n is
located at (xj , yj ), it is projected to the pixel located at (xj −M Vn+1,x , yj −
M Vn+1,y ) in frame n + 1, whose MV is (M Vn+1,x , M Vn+1,y ).
In this motion projection process, there are some special cases:
• M Vn in frame n is unavailable.
This is because that the pixel in frame n is intra coded. In this case,
this pixel is skipped without further calculation.
• M Vn−1 in frame n − 1 is unavailable.
This is because that M Vn points to a pixel in frame n − 1 outside
the frame boundary, or points to a pixel within an intra MB. In this
case, M Vn+1 is set to be the same value as M Vn .
• Pixel in frame n + 1 is unavailable.
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When the calculated pixel position (xj − M Vn+1,x , yj − M Vn+1,y ) in
frame n + 1 is out of the frame boundary, the motion of this case is
not considered.
3. MB based MV modification
From previous steps, MV’s for pixels in frame n + 1 have been predicted.
However, some pixels may not have MV, while some pixels may have more
than one MV. So, there may exist different MV’s that appear in one MB.
In this step, a block-based spatial regulation scheme is designed to assign
one MV to all pixels in one MB.
In block-based coding system, pixels within one MB have the same MV.
Hence, in the prediction of MV, it is desirable that all the pixels within
one MB have the same MV. After motion projections, pixels within one
MB may have different MV’s. The MV adopted by most pixels can be
selected as the MV for this MB. Then all the pixels within this MB have
the same MV.
There may be some MB’s, which do not have MV’s assigned. For these
MB’s, MV’s can be obtained by taking the average MV’s of their neighboring MB’s.
With these three steps, all MV’s of frame n + 1 are reconstructed. They are
used to estimate the propagated channel distortion.

6.4.2.2

Propagated Channel Distortion

In (6.25) and (6.28), the pixel value of the next frame is required to calculate the
propagated channel distortion. In MCDP-RD, a simplified model is adopted to
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estimate the propagated channel distortion when the pixel value is unavailable.
In this simplified model, all MB’s in the next frame are assumed to be correctly received. Channel distortion is propagated through motion compensation
only. Similar to (6.16) and (6.23), dppg (j, i) is redefined as
dppg (j, i) = dmc
ppg (j, i)
= (1 − β)E{∆din+1 }

(6.32)

where E{∆din+1 } is defined in (6.22). This is based on the assumption that the
packet loss rate is low.

6.4.2.3

Simplified λmode

As the distortion model in MCDP-RD is different from that in CDP-RD, the
initial value of λmode will also be modified. Same as (6.29), a new initial value
is defined as
0

λ0 = λ0 · (2 − β).

(6.33)

It is updated in the same way as (6.13).

6.4.2.4

Computational Complexity Analysis

In MCDP-RD, since MV prediction for the next frame is required, 2 more
addition/multiplication operations per pixel are needed. At the same time, as a
simplified model is adopted to calculate the propagated channel distortion, the
computation is saved significantly. It requires only 10 addition/multiplication
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operations, which are much fewer than that needed in CDP-RD.

6.5

Experimental Results

To evaluate the performance of CDP-RD and MCDP-RD, extensive experiments
have been conducted to compare them with the conventional method (ROPERD) [80]. In the experiments, the TMN8 rate control scheme is adopted. GOP
structure IPPP... is adopted and only the first frame is intra coded. Each packet
contains one GOB. A random packet loss generator is used to drop the packet
according to the required packet loss rate (see Figure 6.4).
Input video
Encoder
sequence

Error resilient
transcoder

Random
packet loss

Decoder

Output video
sequence

Figure 6.4: Setup for the experiment
First, a frame by frame comparison between the proposed methods and
ROPE-RD is given (see Figure 6.5). The test sequences are “Dancer” and
“Foreman”. “Dancer” is transcoded from 494kbps to 128kbps and “Foreman”
is transcoded from 540kbps to 300kbps, respectively. The packet loss rate is
10%. In order to give a fair comparison, exactly the same packets are lost in 3
methods. CDP-RD and MCDP-RD do not always present higher video quality
than ROPE-RD through the whole sequence. This is because ROPE-RD is an
optimal scheme for single frame. CDP-RD and MCDP-RD try to enhance the
robustness not only for the current frame, but also for the following frames. It
is an optimal solution for the entire video. For “Dancer”, the average PSNR
for CDP-RD and MCDP-RD are 25.70dB and 25.08dB respectively. They are
higher than that of ROPE-RD, which is 24.96dB. For “Foreman”, the average
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Figure 6.5: Frame by frame comparison: (a) Dancer; (b) Foreman
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Figure 6.6: PSNR comparison under different packet loss rate: (a) Dancer; (b)
Foreman
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PSNR for these three methods are 28.29dB, 28.17dB, and 28.03dB, respectively.
In terms of average PSNR, CDP-RD outperforms ROPE-RD. Although MCDPRD is a simplified scheme with estimation, it also presents improvement over
ROPE-RD.
It is noted that, the intra refresh rate per frame is not a constant value in
these three methods. This is because in RD optimized intra refreshment, the
coding mode of each MB is determined according to the available bandwidth,
the packet loss rate, and the cost function applied. For example, in the last experiment with the video “Dancer”, average intra refresh rates are 24.8%, 25.0%,
and 24.7% for ROPE-RD, CDP-RD, and MCDP-RD, respectively. These average intra refresh rates are very close. However, due to different cost functions
that adopted, different MB’s are intra refreshed in each frame. These different
cost functions result in different performances of error resilient transcoding.
Figure 6.6 shows the error resilient performance of these three methods under
different packet loss rates. In Figure 6.6(a), the test video is “Dancer”, and in
Figure 6.6(b), the test video is “Foreman”. The bit rate conversion is the same
with that in the previous experiment. Under different packet loss rates, CDPRD outperforms ROPE-RD in terms of higher PSNR. Even MCDP-RD can
present higher PSNR than ROPE-RD.
To further evaluate the performance of these three methods, an experiment
is designed to compare them when there is a mismatch between the packet loss
rate assumed by the encoder and the actual packet loss rate in the channel. In
the previous experiments, the packet loss rate is assumed to be available for
the encoder. In practical applications, feedback information may be delayed
from the decoder. The packet loss rate assumed by the encoder in its optimiza-
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Figure 6.7: Dancer: performance comparison of different methods with mismatch (ρ = 10%)
tion may be different from the actual packet loss rate. It is desirable that the
transcoded bitstream is resilient to the mismatch. In this experiment, the estimated packet loss rate is set to 10% in the transcoding optimization. The input
bitstream is transcoded based on this value to generate a resilient bitstream. In
channel transmission, the actual packet loss rates vary from 5% to 20%. Experimental result is shown in Figure 6.7. When the actual packet loss rate is
less than the estimated one, the performance of ROPE-RD is slightly lower than
CDP-RD and MCDP-RD. However, with the increasing of the actual packet loss
rate, especially when it is larger than the estimated one (10%), the output video
quality decreases significantly. This shows that ROPE-RD is not robust enough
to endure the variation of channel condition. On the contrary, the performances
of CDP-RD and MCDP-RD are better than that of ROPE-RD, especially when
the actual channel condition is worse than what is assumed in the transcoder.
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Figure 6.8: Foreman: performance comparison under different bit rate
Next, the performances of these three schemes under different bit rates are
compared (see Figure 6.8). The test video is “Foreman”. The input bitstream is
transcoded to 100kbps, 200kbps, and 300kbps, respectively. The average packet
loss rate is set to 10%. As shown in Figure 6.8, CDP-RD and MCDP-RD present
better video quality in terms of PSNR than that of ROPE-RD under different
target bit rates.
Average PSNR comparison of these methods under different packet loss rates
is shown in Table 6.2. CDP-RD presents higher PSNR over the other two
methods, and MCDP-RD presents a little improvement over ROPE-RD.

6.6

Summary

In this chapter, error propagation is studied for error resilient transcoding. The
proposed scheme utilizes the error propagation to the next frame to evaluate
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Table 6.2: Comparison of average PSNR (in dB) between different intra refresh
methods
Sequence Original
Target
Method
Packet Loss Rate
bit rate
bit rate
5%
10% 15% 20%
ROPE-RD 26.87 24.96 23.46 22.89
Dancer
494kbps 128kbps CDP-RD 27.77 25.70 24.20 23.49
MCDP-RD 26.91 25.08 23.78 22.98
ROPE-RD 21.83 20.44 19.45 18.12
Mobile
1800kbps 300kbps CDP-RD 21.99 20.54 19.54 18.33
MCDP-RD 21.84 20.50 19.53 18.15
ROPE-RD 32.39 31.26 30.88 30.30
Salesman 139kbps 128kbps CDP-RD 32.57 31.44 30.92 30.54
MCDP-RD 32.44 31.34 30.90 30.50
ROPE-RD 29.36 28.03 26.65 25.62
Foreman 540kbps 300kbps CDP-RD 29.54 28.29 26.95 25.81
MCDP-RD 29.42 28.17 26.81 25.72
ROPE-RD 31.08 30.44 29.45 28.88
Suzie
269kbps 128kbps CDP-RD 31.19 30.58 29.70 29.13
MCDP-RD 31.13 30.54 29.48 29.12

the distortion of the current frame. It considers not only the channel error from
previous frames, but also channel error propagated to the following frames. This
gives a global optimization in error resilient transcoding. The application of this
concept is applied in the RD optimized MB mode decision to adaptively intra
refresh MB’s. This enhances the performance of error resilient transcoder, and
also improves the robustness of the generated bitstream against the packet loss.
In the case that the next frame information is unavailable, an MV reconstruction
scheme is proposed to predict the MV of the next frame. This benefits the
calculation of channel distortion propagated to the next frame.
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Chapter 7
Conclusions and
Recommendations
In this thesis, the main purpose is to design quality enhancement algorithms
for video transcoding. In previous chapters, the research works for this purpose
have been presented. In this chapter, the main development of this thesis is
summarized in section 7.1. Several recommendations are discussed for the future
work in section 7.2.

7.1

Conclusions

Video streaming over the Internet has evolved as one of the major technical
fields in recent years. Due to the variety of user devices and the wide variation
of the available bandwidth with different transmission errors over the Internet,
it is desirable to introduce an efficient scheme for video adaptation in practical
applications.
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As an efficient tool to realize video adaptation in real time, video transcoding
has been a hot research topic in recent years. The purpose of research is to
provide qualified service to end users via transcoding. In this thesis, different
transcoding strategies were studied. Several new schemes for transcoding were
proposed. Works are briefly concluded in the following.
1. A literature review of video transcoding scheme was presented.
Various techniques have been described for performing video transcoding in video communication environment. It was observed that in the
transcoding process, the most important thing is how to reuse the information from the pre-coded bitstream to enhance the video quality of the
transcoded bitstream and reduce the computation as possible.
According to the architecture of transcoding, spatial domain and transform domain transcoding were introduced first. Simplified architectures
and the transform domain realization were developed for saving the computation. The most efficient way to save the computation in transcoding,
i.e. MV reusing, was discussed in details. This is because motion estimation is the most time-consuming operation in the coding process. Reusing
the MV’s from the input bitstream can save the computation significantly.
According to the applications, video transcoding has been classified into
four different categories: rate-related transcoding, format-related transcoding, error-related transcoding, and information-related transcoding. A
brief introduction of these four types of transcoding has been given and
related researches were included.
2. Arbitrary resizing schemes in the transform domain were proposed.
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Arbitrary resizing is a useful tool in downsizing transcoding. In order
to reduce the computation and enhance the video quality, resizing in the
DCT domain is preferred. Two schemes were introduced for this purpose.
The first proposed algorithm aims to realize arbitrary resizing especially
for the inter frame. Computation can be saved with the look-up-table
technique. This algorithm benefits the inter frame downsizing since the
block partition style is the same as that of the MV reusing scheme. These
two schemes can co-operate well for downsizing transcoding, which helps
to reduce the mismatch in the downsizing process.
Next, a more general resizing scheme was developed. A two-stage structure was introduced to realize arbitrary resizing. This enables the resizing
process with high flexibility. This scheme can realize all the methods proposed by the other researchers. With the consideration of anti-aliasing,
some criteria were proposed to select parameters. These criteria guarantee
the baseline video quality in arbitrary resizing.
3. A frame size selection scheme was designed for arbitrary downsizing transcoding.
When arbitrary downsizing is adopted, fine gradual reduction of the bit
rate and the video quality becomes feasible. In downsizing transcoding,
a suitable reduced frame size is necessary for the transcoded bitstream.
Frame size selection for arbitrary downsizing transcoding is a key issue to
present a high video quality. Based on some simulation results, the frame
size selection problem was converted to the bit rate estimation problem.
Furthermore, a bit rate estimation scheme was proposed to estimate the
bit rate lower bounds of different frame sizes. With these lower bounds, it
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is easy to select a suitable frame size for arbitrary downsizing transcoding.
4. A frame skipping transcoding scheme was proposed based on
motion information consideration.
For frame skipping transcoding, one important issue is how to reduce the
motion information loss and avoid “jerky” effect. Based on the observation
from human visual perception, motion change was introduced to evaluate
the motion continuity of the video. The motion continuity information is
another aspect of the motion information that should be considered.
With the combination of the motion continuity and the motion activity information, importance of the frame is evaluated. A frame skipping
transcoding scheme based on the motion information consideration was
designed to minimize the motion information loss. This enhances the spatial quality of the transcoded bitstream. Specially, this scheme reduces the
nonlinear motion in the transcoded bitstream. When the motion compensated interpolation is adopted, the proposed scheme benefits the reconstruction process significantly.
5. An MB mode decision scheme was designed for error resilient
transcoding.
Intra refreshment is an efficient tool to reduce the error propagation in the
error-prone network transmission. In previous error resilient transcoding
scheme, rate distortion optimization was introduced to determine the MB
mode adaptively. However, these schemes are the optimal solutions for
single frame only, not for the global sequence. With the consideration
of error propagation to the next frame, an enhanced MB mode decision
scheme was designed for the global sequence. In this scheme, the impact of
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channel error in the current frame to the next frame is taken into account.
This enhances the robustness of the transcoded bitstream over the error
in the channel.

7.2

Recommendations for Future Work

There are many interesting research topics in video transcoding. Although some
research topics have already been studied in this thesis, some possible extensions
of the work in this thesis may be considered for future research studies.
The first problem to be considered is rate-related transcoding. In order to
reduce the overall bit rate, the spatial resolution and temporal resolution of
the video could be reduced. How to evaluate the output visual quality between
different transcoding schemes is a hard research problem. For example, a CIF
bitstream with frame rate 30 f rames/s can be transcoded with several different
solutions: QCIF format with the original frame rate, CIF format with the frame
rate of 10 f rames/s, or CIF format with the frame rate of 15 f rames/s. If
arbitrary downsizing is adopted, the spatial resolution may have more candidates. For those lower temporal resolutions, simply evaluating the visual quality
in terms of PSNR is not an optimal solution due to the vision persistence of the
human eyes. In this process, it is very hard to determine the scaling level for
different schemes. A simple solution can be described as follows.
When the pre-coded bitstream is transcoded, the motion information of this
bitstream can be evaluated. According to some subjective evaluation results,
the preferred temporal resolution can be first decided. Based on this pre-defined
temporal resolution, the spatial resolution of the transcoded bitstream is deter-
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mined. Although in Chapter 4, frame size selection was solved with the proposed
scheme, this is only a solution when the frame rate of the transcoded bitstream
is the same as the pre-coded bitstream. When the frame rate is changing, the
proposed scheme may not be suitable to solve it. This should be solved in future
works.
Developing a global rate control strategy that utilizes the joint spatialtemporal transcoding schemes is another interesting topic. This approach should
be able to maximize the presentation of diverse video sequences under different
channel constraints and user requirements. Especially when the joint sourcechannel coding is considered, how to adaptively allocate bits for each frame is
a crucial step to enhance the output video quality.
Format-related transcoding is also a challenging issue. With the new coding
standard developed, format conversion becomes more popular. The main issue
in format-related transcoding is how to reduce the computation. For example, in
H.264, not only motion estimation is a time consuming process, mode decision
also introduces high computation. With the information collected from the
input bitstream, some modes can be skipped and mode decision can be early
stopped.
Error-related transcoding has also attracted many interests. In Chapter 6,
intra refresh transcoding has been studied and an efficient scheme was proposed
to adaptively insert intra MB’s to generate a more robust bitstream. It is well
known that, there are still some other error resilient tools, e.g. resynchronization marker insertion, reference frame selection, and so on. It is expected to
incorporate these resilient tools together and present a global optimal solution
in coding process.
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