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ABSTRACT

The transmission of compressed video over channels with different capacities may
require a reduction in bit rate if the transmission channel has a lower capacity than the
capacity required by the video bit-stream, or when the channel capacity is changing over
time. The process of converting a compressed video format into another compressed
format is known as transcoding.

This thesis adflresses the specific transcoding problem of dynamic bit-rate adaptation for
transmission over low bandwidth wireless channels. Transmitting compressed video over
lower bandwidth wireless channels require accurate and efficient rate-control schemes. In
this thesis, we propose several techniques to improve transcoding performance. Based on
our experimental results, we present an approximate linear bit allocation model and
macroblock layer rate-control algorithm, which can achieve accurate transcoding bit-rate.
By reusing useful statistics information from the incoming compressed video, the bit-rate
of the transcoded video can be determined according to the video scene context.
Considering a specific bursty error wireless channel, we propose a solution which
combines video transcoding and an ARQ protocol to transmit compressed video over this
channel. In order to make sure that the end decoder can decode and play the transcoded
video within the required end-to-end delay, we analyze the rate and buffer constraints of
the transcoder and derive the conditions that have to be met by the transcoder. In order to
test the proposed solution, we use a statistical channel model to simulate the wireless
channel and use this model and channel observation to estimate the effective channel

bandwidth, which will be fed back to the transcoder for better rate control.



In this thesis, we discuss two applications. For real time video communication over
wireless channel, we propose an algorithm that determines the transcoding scaling factor
considering end-to-end delay, buffer fullness and effective channel bandwidth. For vpre—
encoded video distribution over wireless channels, we propose an algorithm which can
determine the transcoding bit budget based on end-to-end delay, effective bandwidth, and
original video bit profile. The proposed algorithm outperforms H.263 TMNS in terms of

video quality and buffer behavior with the same computational requirements.
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Chapter 1. Introduction
1.1 Motivations

In the last decade, both mobile communications and multimedia communications have
experienced rapid growth and commercial success. Recent advances in computing and
communication technology have stimulated the research interest in digital techniques for
encoding and transmitting visual information. Many video services use encoded video for
the distribution over channels with different capacities, which may require a reduction in
bit-rate, if the transmission medium has a lower capacity than the capacity required by
the video bit-stream, or when the channel capacity is changing over time. The process of
converting a compressed video format into another compressed format is known as
transcoding. With the capability of dynamically changing coding parameters of the
compressed video, it is expected that video transcoding will play an important role for
Universal Multimedia Access (UMA) by the users with different access links and
devices. What differentiates the transcoding techniques from conventional encoding
techniques is that the input coded video stream is readily available in the transcoding
process. Valuable coding parameters and statistics of the video can be easily obtained
from the input video stream, and be reused to facilitate the transcoding process by
reducing its computational complexity and improving the coded video quality.

This thesis addresses the specific transcoding problem of dynamic bit-rate adaptation of
compressed H.263 video bit-streams for transmission over low bit-rate wireless networks.
On one hand, pre-compressed videos are usually compressed with high quality or high

bit-rate. Furthermore, after compression, the video bit-rate and formats are fixed. On the



other hand, wireless channel bit-rate is low and also changing over time due to
interference, signal power, retransmission, etc. In order to transmit pre-compressed video
to the end users through wireless channels, the following challenges have to be solved.
First, high bit-rate videos have to be converted into low bit-rate ones by transcoding.
Second, the transcoded video bit-rates have to be adjusted dynamically according to the
changing channel bandwidth. Third, the end-to-end delay has to be controlled within the
application requirements. Therefore, in this thesis, we use the concept of bit-rate
adaptation to combine these three problems instead of using the concept of bit-rate
conversion as in previous research works.

In this chapter, we will first give a brief introduction of the transcoding related works.
After that, we will provide the objective of this research and summarize its main
contributions and related publications. Finally, the organization of this thesis will be

presented.

1.2 Related Works

1.2.1 Video transcoding for bit-rate adaptation

Bit-rate adaptation transcoding has been the most popular research topic among all the
different video transcoding research topics. The idea of compressed video bit-rate
adaptation is initiated by the applications of transmitting precoded video streams over
heterogeneous networks. Due to the variety of different networks comprising the present
communication infrastructure, a connection from the video source to the end user may be
established through links of different characteristics and capacities. In interactive video
applications, the bit-rate of the compressed video was usually adjusted by the source
encoder to match the available capacity of the most stringent link used in the connection.

The visual quality has to be sacrificed because the encoded video bit-rate has to match



the “weakest link”. On the other hand, when pre-encoded video needs to be distributed to
users with different connections, such as in Video on Demand (VoD) applications, this is
hard to implement because the target transmission channel conditions are generally
unknown when the video is originally encoded. Since the encoding process needs to
know the channel characteristics, these have to be assumed and given to the encoder
while it is running. A great lack of flexibility arises when these bit streams are
transmitted through different channels. Alternatively, some service providers encode and
store several copies of the same video program, each one encoded with a different target
bit-rate assumption. Depending on the number of different channel capacities, the
implementation of such a solution may imply keeping a large number of replications of
the same material stored in the server. Nevertheless, if the transmission capacity is
allowed to change, as it happens in wireless channels, this solution still does not provide
the desired flexibility. A similar problem arises in broadcasting and multicasting live
encoded programs through channels with diverse characteristics. In this case, the encoder
can receive several conflicting requests from distinct switching nodes, according to their
own level of congestion or permanent constraints. The encoder has to comply only with
the most restrictive node and other users that do not experience any constraints in their
transmission paths are unnecessarily penalized [9].

Scalable coding schemes provided in current video coding standards were originally
targeted for dynamic bit-rate adaptation. Scalable coding supports a variety of scaled
video quality with different peak signal-to-noise ratios (PSNR scalability), frame-rates
(temporal scalability), or spatial resolutions (spatial scalability). To achieve different

levels of video quality, the video source is first encoded with a low PSNR, low frame-



rate, or low spatial resolution to form a base layer. The residual information between the
base layer and the original input is then encoded to form one or more enhancement
layers. Successful transmission of the base layer results in a video sequence with basic
quality. Additional transmissions of the enhancement layers enhance the quality by
adding the residual information. However, this can only provide limited number of
enhancement layers, which results in limited levels of video quality. In many networked
multimedia applications, a much finer scaling capability is desirable. At the same time,
more syntax overhead and complexity is introduced. Recently, fine-granular scalable
coding schemes have been proposed to support a fine bit-rate adaptation [55]. However,
the schemes still need enhancement layers and require additional complexity and syntax
overhead. Furthermore, besides bit-rate adaptation, future video applications require more
functions, such as frame size conversion, frame rate conversion, error resilience, coding
syntax conversion, etc.

Alternatively, in both of the above cases, a video transcoder can be used at the video
source or an intermediate node to convert the video bit-rate. Similar to source encoders,
video transcoders can modulate the data they produce by adjusting a number of
parameters, including bit-rate, frame rate, and resolution. Using transcoders gives us a
second chance to dynamically adjust the video bit-rate according to channel bandwidth.
This is particularly useful when there are time variations in the channel characteristics.
Compared to scalable coding, converting a previously compressed video bit-stream to
another rate bit-stream through transcoding can provide finer and more dynamic
adjustments of the bit-rate of the coded video bit-stream [118]. In most bit adaptation

cases, a pre-encoded video with high bit-rate and fine visual quality needs to be



converted into low bit-rate video with gracefully degraded visual quality. The ideal result
is to achieve visual quality as good as the quality of a video stream that is compressed by
a standalone encoder at the lower bit-rate.

Besides downscaling bit-rate, a video transcoder must have the ability to dynamically
control the output bit-rate according to the channel bandwidth. This is the subject of
video rate-control. All existing video coding standards assume that the compressed video
will be transmitted over a CBR (Constant Bit-rate) channel and the rate-control scheme
of these standards is based on this assumption. However, this is not the case in reality.
For example, if compressed video is transmitted over the Internet, which currently cannot
provide a guaranteed constant bit-rate channel for a specific application, when the
network is congested, most video packets will be dropped, which results in unacceptable
video quality if no other mechanisms are used to protect the video stream. Another case is
transmitting video over a wireless channel, which is characterized by high BER (Bit
Error Rate) and channel fading effects. A lot of research works have been done to solve
these problems, from different aspects, while video transcoding could be one of the
effective solutions. Rate-control for transcoding differs from standalone rate-control in
that the relationship between quantizer step-size and bit-rate for the previously coded
video stream is known. This relationship provides extra information for setting the target
bit-rate and quantizer step-size on a frame, slice or macroblock basis. Some research
works have been done for bit-rate adaptation and bit-rate downscaling using transcoding.
In [6-10], transcoding is regarded as a down conversion process, where the bit-rate of a
compressed video bit stream is reduced according to a given constraint. Assuncéo et al.

proposed a frequency domain transcoder structure and a rate conversion scheme, in



which the problem of optimal transcoding is formulated in an operational rate-distortion
context and solved by using a Lagrangian algorithm. New quantizer scales are selected
based on classic Rate-Distortion theory for transcoding each MB (Macroblock) or group
of MB’s such that the output rate does not exceed the given constraint while producing a
minimum average distortion. In [11], Assunc&o et al. continue their work by considering
different frame types of MPEG-2 video and using different compression ratios for each
type of picture. In [9], video transcoding is utilized as a mechanism capable of
decoupling video encoders from network constraints and providing congestion control of
pre-encoded video traffic over ATM networks for video distribution applications. This
mechanism provides an effective method of shaping video traffic independent of the
initial video encoder’s constraints. By using transcoders, video traffic can be controlled at
any point along the transmission path and thus the Quality of Service can be maintained
without relying on on-line encoders. In [31], Dogan et al. addressed the problem of traffic
planning for mobile video communications and proposed a video transcoder bank to
resolve congestion and/or bandwidth limitation. The proposed architecture presented a
layered structure of multiple video rates as required by various networks. The paper also
introduces an adaptive method for resolving congestion. The designed system monitors
the congestion with a feedback loop within a network and adaptively produces necessary
transmission rates while providing the best available service quality. In [110], Xin et al.
investigate how to use the useful coding statistics from the incoming video stream to
perform the picture bit-allocation for transcoding a pre-encoded video bit stream. They
proposed a scheme for estimating the complexities of the pictures of the output video

using the coding statistics computed from the input video stream. Based on the estimated



picture complexity, a picture bit allocation algorithm is proposed for the rate-control of
the transcoding process.

Another problem introduced by bit-rate adaptation transcoding is the transmission buffer
requirement and delay. Since video transcoders are introduced in conventional video
based applications, the side effects have to be investigated. For compressed video
communication, the overall delay has three fundamental components: computational
delay, algorithmic structure delay, and buffering delay. As pointed out in {67] and other
research works, computational delay and algorithmic structure delay can be overcome
with more advanced technology and are not a fundamental barrier to low delay. However,
buffering delay is actually caused by the nature of the video. All compression algorithms
in which the local compression ratio depends on the characteristics of the input signal
inherently generate coded data at a varying rate. The varying rate from the encoder has to
be matched to the transmission link by a buffer which smoothes out short term variations.
To prevent this buffer from overflowing or under-flowing the rate of coded bits must be
controlled. Usually, this is accomplished by monitoring the state of the buffer fullness
and deriving a feedback control signal to alter coding parameters such as a quantizer step
size. The delay caused by buffering is actually the most significant part of the end-to-end
delay of a video system. Since smoothing buffers play a key role in the transmission of
CBR coded video, if a transcoder is inserted between an encoder and the corresponding
decoder, some modifications are expected to be required in the existing buffering
arrangements of a conventional CBR system, which is primarily defined for being used
without transcoders. In [12, 13], Assun¢o et al. analyze the buffering implications of

inserting a video transcoder within the transmission path. For transcoders with either



fixed or variable compression ratio, the authors show that the encoder buffer size can be
maintained as if no transcoder existed while the decoder has to modify its own buffer
size. The authors derive the conditions that have to be met by both the encoder and
transcoder buffers for preventing the decoder buffer from underflowing or overflowing.
Then, based on these conditions, two effective bit-rate-control algorithms for transcoding
MPEG-compressed video are proposed.

1.2.2 Video transcoding for spatial resolution downscaling

Video spatial resolution downscaling is important since most current handheld devices
are characterized by limited screen sizes. For downscaling the video into lower spatial
resolution, motion vectors from the incoming video cannot be reused directly, but have to
be re-sampled and downscaled. Based on the new motion vectors, predictive residues are

recalculated and compressed. For transcoding a compressed video stream with M x N

spatial resolution into a stream with smaller spatial resolution, such as ]‘% x% or

MA x N 45 there are two problems that have to be addressed:

= How to downscale four 8x8 DCT blocks into one 8x8 DCT block (using downscaling
by 2 as an example)?

= Given the motion vectors for a group of four 16x16 macroblocks of the original
video, how to estimate the motion vectors for the 16x16 macroblocks in the
downscaled video? This problem is very important because the accuracy of the new
motion vectors directly affects visual quality of the reconstructed images.

For the second problem, there are several methods that have been proposed in the

literature. In [82], Shen et al. proposed an Adaptive Motion Vector Re-sampling

(AMVR) scheme to approximate the optimal motion vectors using the original motion



information from the incoming bit stream of the MxN video sequence. The DCT block
activity is calculated for adaptive motion vector estimation. In [114], Yin ez al. proposed
an algorithm to recalculate the motion vectors for the outputting video from the incoming
video, considering the motion activity of the four macroblocks and the eight neighboring
macroblocks. In [104], Wong et al. proposed a motion vector re-sampling algorithm also
considering the original motion vector. In [80], Shanableh et al. compare several motion
vector re-sampling methods for spatial resolution down sampling, such as average,
median, AMVR, etc. These methods only have good effect on videos with little motion.
However, for video streams with high motion and complicated camera operations, such
as scene cut, zooming and panning, the re-sampled motion vectors are not accurate
enough, which results in unacceptable video quality. To solve this problem, re-sampled
motion vectors have to be refined to accurately describe the motion of new video.
Refinement is carried out around the re-sampled motion vectors to yield more accurate
values of predicted motion. Thus, transcoding with the motion vector refinement scheme
does not involve complex full-scale motion re-estimation operations. Different
refinement algorithms have been proposed in the literature. In refinement algorithms, the
refinement window has conventionally been chosen to be small to avoid the high
complexity operations of the motion re-estimation process in the video transcoder.
Indeed, small window sizes give reasonable quality improvement and achieve a good
trade-off between complexity and transcoding quality. If the refinement window size is
increased, only a small degree of quality improvement can be achieved. In [116, 117],
Youn et al. proposed a fast-search motion vector refinement scheme that is capable of

providing video quality comparable to which can be achieved by performing a new full-



scale motion estimation but with much less computation. In their work, motion vectors
from the incoming video are refined to minimize the sum of the quantization error.

Motion vector refinement can only be accomplished in the pixel domain with the use of a
locally reconstructed video frame, and therefore DCT-domain transcoding algorithms fail
to provide an acceptable motion data refinement [79]. There are also some other research
works investigating other aspects related with spatial resolution downscaling. In [100],
Vetro et al. presented a detailed complexity-quality analysis of various MPEG-2 to
MPEG-4 transcoding architectures that perform spatial resolution reduction. In [2],
Alshaykh et al. proposed a technique for decoding a full-resolution video bit-stream at
low memory cost and displaying the signal at a lower resolution. It minimizes the
accumulation of drift errors by tracking the decoded pixels. In [115], Yin et al. analyze
the drift error to identify the source of quality degradation when transcoding to lower
resolution. Two types of drift error are considered: a reference picture error, and error due
to the non-commutative property of motion compensation and down-sampling. In [90,
91], Vetro et al. investigate the possible means of down converting an incoming HDTV
signal into one which is suitable for display onto an NTSC monitor. The authors
proposed a novel frequency synthesis algorithm which constructs a set of 8x8 DCT
coefficients from four original 8x8 DCT blocks. A down-conversion decoder employing
a unique adaptive motion compensation algorithm is presented. In [101], Vetro ef al.
proposed a new technique to compensate the drift error based on the principle of intra-
block refresh, which actually converts some percentage of inter-coded blocks to intra-
coded blocks to control drift propagation. Some other related research work can be found

in [16, 17, 43, 44, 89, 98, 103, 113, 121]. For this topic, most existing work focuses on
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the case of downscaling by 2 or 3. How to downscale the incoming video into any factor
still needs to be addressed. In the pixel domain, this can be easily implemented by down-
sampling or pixel interpolation. However, this requires fully decoding the incoming
video. Spatial resolution downscaling in the DCT domain is still a challenge.

1.2.3 Video transcoding for temporal resolution conversion

To transcode an incoming compressed video bit-stream for a low bandwidth outgoing
channel, such as a wireless network, a high transcoding ratio is often required. However,
high transcoding ratios may result in unacceptable video quality when the incoming bit-
stream is transcoded with the full frame rate as the incoming bit-stream. For example, in
a narrow-band wireless network, which may have a less than 20 kbps bandwidth, the
quality degradation due to the low bit-rate is significant at 25 or 30 fps. Frame-rate
conversion or frame-skipping is often used as an efficient scheme to allocate more bits to
the remaining frames, so that acceptable quality can be maintained for each frame. In
addition, frame-rate conversion is also needed when an end system supports only a lower
frame-rate. For example, some handheld devices can only decode and display at most 15
video frames per second. Frame rate conversion can be simply accomplished by arbitrary
frame dropping. For instance, dropping every other frame in a sequential order leads to a
half rate reduction in the transcoded sequence. As discussed in the previous sections,
usually the motion vectors decoded from the bit-stream are reused in transcoders to speed
up the re-encoding processing. However, when frames are skipped, the motion vectors
cannot be directly reused because the motion vectors from the incoming video frame are
pointed to the immediately previous frame. If the previous frame is dropped in the
transcoder, the link between two frames is broken and the end decoder will not be able to

reconstruct the picture by these motion vectors. One solution for this problem is to
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perform a full-scale motion re-estimation based on the previous non-skipped frame. In
this case, the incoming frame has to be completely decoded and reconstructed into the
pixel domain, and the full-scale motion estimation also requires numerous computations.
To overcome this motion vector reuse problem, a linear interpolation method can be used
to estimate the motion vectors from the current frame to its previous non-skipped frame if
some frames between them are skipped [47]. The basic idea is that the motion vectors of
the currently transcoded frame are re-estimated by interpolating their values using motion
vectors in previous frames till the previous non-skipped frames.

In [119], Youn et al. proposed a Forward Dominant Vector Selection (FDVS) scheme to
overcome some drawbacks in the bilinear interpolation method. The proposed method
selects one dominant motion vector from the four neighboring macroblocks. A dominant
motion vector is defined as the motion vector carried by a dominant macroblock, which is
a macroblock that has the largest overlapping segment with the block pointed by the
incoming motion vector. However, both the bilinear interpolation and FDVS have to be
combined with a refinement scheme to produce accurate motion vectors. In [21], Chen et
al. proposed an algorithm called Activity Dominant Vector Selection (ADVS), which
utilizes the quantized discrete cosine transform coefficients of residual blocks for
composing a MV from the incoming ones. In addition, a motion-vector refinement
algorithm called variable step-size search is presented. In [35], Fung et al. proposed a
frame-skipping transcoder in which direct summation of the DCT coefficients for
macroblocks coded without motion compensation reduces most complex modules of the
transcoder. The authors proposed a criterion which employs incoming motion vectors and

re-encoding error for dynamically adjusting the frame rate. In [99], Vetro et al. consider
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the rate-distortion models to adjust the transcoding frame rate and optimize the output
visual quality. Since the major challenge in temporal resolution transcoding is producing
new motion vectors, which is similar as the challenge in spatial resolution transcoding,
some algorithms in spatial resolution transcoding can also be used for temporal resolution
transcoding. However, when the MPEG standard is used, in which the bi-directional
predicted frame (B frame) uses the previous I and successive P frame as reference,
temporal resolution transcoding is still a challenge. At the same time, a reordering
operation has to be carried out in the transcoder when some frames are skipped.

1.2.4 Video transcoding for error resilience

An area of increasing importance in personal communications is error resilience in
compressed video as video emerges as a new medium in the error prone network
environment, e.g. mobile communication networks. In a video bit stream, improved
compression performance is often achieved using variable length code words to represent
both transform coefficients and motion vectors. Clearly protection of the bit stream from
errors can be added to the bit stream but this is done by re-introducing some of the
redundancy that has been removed during the compression process. Furthermore,
conventional error detection or error correction codes added to the bit stream are often
simply insufficient to detect or correct bit errors due to their capability limitation. Video
transcoding can be used as an alternative solution to protect the video against the channel
errors and network congestion by dynamically introducing error resilient features in the
video stream. For error resilience purposes, the video transcoder can apply data
partitioning and insertion of re-synchronization markers into the incoming bit stream.
Furthermore, the transcoder can apply unequal error protection to various segments of

video data. Thus, the header data are assigned the highest protection, whereas the DCT
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coefficients are transcoded with a negligible level of protection. In [30], Dogan et al.
proposed a video transcoding algorithm, called Adaptive Intra Refresh (AIR), which
adaptively convert some INTER blocks in the video frame into INTRA mode ones to
provide temporal resilience between transcoded video frames and prevent the error from
propagating to the following frames. In [86], Swann et al. proposed a transcoder to
transcode the MPEG-II video stream into a more resilient stream without increasing the
bit-rate by using the Error-Resilient Entropy Coding (EREC) approach. In [74, 75], Reyes
et al. use a transcoder to modify the resilience of the encoded bit stream by using source
coding techniques to provide appropriate level of resilience.

1.2.5 Video transcoding for multipoint video bridging

An important application of video transcoders is the Multipoint Control Unit (MCU) in
multipoint video conferencing applications. Multipoint video conferencing is a natural
extension of point-to-point video conferencing. For a multipoint videoconference over a
wide-area network, the conference participants are connected to an MCU in a central
office. A video combiner in the MCU combines the multiple coded digital video streams
from the conference participants into a coded video stream that conforms to the syntax of
the video coding standard and sends it back to the conference participants for decoding
and presentation.

One approach used in the video combiner to combine the multiple coded digital video
streams is the coded domain combining approach. In this approach, the video combiner
modifies the headers of the individual coded video bit-streams from the conference
participants, multiplexes the bit-streams, and generates new headers to produce a legal
coded and combined video bit-stream conforming to the video coding standard. Despite

its simplicity, the coded domain combining approach offers limited flexibility for users to

14



manipulate the video bit-streams. Since the coded domain combiner simply concatenates
bit-streams, the combined bit-rate will be about the sum of the bit-rates of all the
individual bit-streams. Thus, for each conference participant, the upstream and
downstream video bit-rates are highly asymmetrical. Also, with the coded domain
combining approach, it is difficult to utilize the video characteristics in a multipoint
videoconference, where only one or two persons are active at one time while other
persons are just listening and have little motion. It is difficult to dynamically allocate
extra bandwidth to active persons using the coded domain approach. When using the
transcoding approach for video combining, the video combiner decodes each coded video
stream, combines the decoded video streams, and re-encodes the combined video at the
transmission channel rate. The transcoding approach allows each conference participant
to encode the video using the full bandwidth of the transmission channel. Since each user
can use the full bandwidth, and in the re-encoding process the rate-control strategies in
video coding algorithms will dynamically allocate more bits to the active frames or areas,
the overall quality can be more uniform compared to the coded domain combining
approach where the quality of the active person may be much worse than the inactive
persons. In [60-63], Lin et al. proposed a dynamic rate-control method that operates in
the video transcoder to enhance the visual quality and allow Region of Interest (ROI)
coding in multipoint video conferencing. The proposed method first identified the active
participants from the multiple incoming video streams by calculating the temporal and
the spatial activities of the participant sub-windows. The sub-windows of inactive
participants are dropped and the saved bits are allocated to the active sub-windows by

using a rate-distortion optimized bit allocation approach. In [108], Xin et al. proposed an
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approach to estimate the picture-complexity of the transcoded output video streams from
the input streams. Based on the picture-complexity estimation, a bit-allocation strategy
was presented for joint transcoding of multiple pre-encoded MPEG video streams. Other
related discussions can be found in [83, 85, 107, 109].

1.2.6 Video transcoding for syntax conversion

Video transcoding for syntax conversion is usually called heterogeneous transcoding,
which transcodes the video stream compressed by one codec standard into a video stream
that can be decoded by another codec standard, such as MPEG-to-H.261/H.263. Because
most current codec standards, such as H.261, H.263, MPEG-1, 2, 4, are all based on
DCT, the syntax conversion can be performed without changing the DCT coefficients.
The conversion algorithm for these standards mainly consists of the following steps:
¢ Video frame header adjustment;
= Video data translation from one syntax to another;
s Necessary bit stream stuffing for different synchronization requirements of different
standards.
Video data translation is the major process of the entire transcoding process. This process
consists of enhanced mapping operations that involve transforming video parameters
from one type of syntax to another. However, this mapping processing is still a much less
complex and hence less time and power consuming scheme than other transcoding,
because of the fact that syntax conversion does not involve any computational intensive
transformation between the pixel and frequency domain, or any motion estimation and
compensation process. In {80, 811, Shanableh et al. presented methods for transcoding
pre-encoded MPEG-1, 2 video into H.261/H.263 video with different bit-rates, and

spatio-temporal resolutions. In [106], Wu et al. used transcoding algorithms to transcode
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a Motion JPEG encoded video stream into a MPEG video stream. This can be used in
current video editing software. In [28, 29], Dogan ef al. presented a mapping processing
between the MPEG-4 simple profile bit-stream syntax and the H.263 bit-stream syntax.
In [33, 103}, Feamster ef al. presented a MPEG-2 to H.263 transcoder that accepts an
interlaced MPEG-2 bit-stream as the input and produces a lower-bitrate progressive
H.263 bit-stream as the output. The potential application scenario is the transmission of a
digital television signal, which is encoded by MPEG-2, over a wireless medium. The
proposed algorithm exploits the properties of the MPEG-2 and H.263 compression
standards to perform interlaced to progressive (field to frame) conversion with spatial
downscaling and frame-rate reduction. In [40], Guo er al. addressed the problems of
transcoding MPEG-2 video into MPEG-4 compliant bit-stream in the compression
domain to meet low complexity and low latency real-time applications. In [64], Lin ef al.
presented transcoding techniques to convert multiple layer bit-streams to a single-layer
format targeted MPEG-4 FGS-to-Simple Profile transcoding. Other research works
related to cross-standards transcoding can also be found in {1, 39].

1.2.7 Object based video transcoding
With the standardization of MPEG-4, arbitrary-shaped objects may be encoded and

decoded as separate Video Object Planes (VOPs). At the receiver, these video objects are
composed to form compound objects or scenes. For a MPEG-4 compressed video stream
with several VOPs, various transcoding techniques can be used. Different bit budgets can
be allocated to different VOPs according to their priorities, or certain VOPs can be
dropped. In [95], Vetro et al. proposed a framework that considers an adaptive means of
transcoding each of the objects in the scene based on available bandwidth and complexity

of each object. Within the object-based framework, various transcoding strategies can be
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employed. [96] dealt with encoding and transcoding multiple video objects at different
temporal rates. The authors proposed a solution based on changes in the shape boundaries
over time. This shape feature, or shape hint, can be used to vary the temporal resolution
of multiple video objects. The newly proposed standard MPEG-7 aims to standardize a
set of descriptors and description schemes that can be used to describe multimedia
content for a variety of applications, such as content navigation, content management and
fast search and retrieval. For video, the descriptors are low-level features of the content,
such as color, texture and motion. These low-level features can be organized and referred
by higher-level description schemes. The description schemes may refer to various levels
of the program, such as a segment or frame, and may also be used to facilitate video
summarization, specify user preferences, and support the annotation of video segments.
Besides using meta-data for searching and browsing applications, it is also of interest to
consider meta-data that would be suitable to guide the operation of a transcoder. Such
meta-data are referred to as a Transcoding Hint within the MPEG-7 standard. In [52],
Kuhn ez al. describe several transcoding hints that have been adopted by the MPEG-7
standard. These meta-data can be used for a number of tasks, including anchor frame
selection, encoding mode decisions, frame-rate and bit-rate-control, as well as bit-rate
allocation among several video objects for object-based MPEG-4 transcoding. In [92],
Vetro et al. presented an adaptive transcoding system for improved delivery of visual
content. The system is adaptive in that it makes use of meta-data to identify key objects
in the scene, and, depending on the network conditions, delivers only the most interesting

objects. Given the objects to be transmitted, meta-data are also used to improve the bit
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allocation among the objects of interest. Some other discussion related to object based

transcoding and transcoding hints can be found in [93, 94, 97].

1.3 Summary of Thesis Contributions

The objective of this dissertation is to develop a framework for controlling the bit-rate of
transcoded video stream for transmitting over wireless networks. Towards this objective,
three major issues are addressed: macroblock layer bit allocation model and algorithm,
transcoding rate and buffer analysis, and frame layer rate-control for video transcoding
over wireless channels.

1.3.1 Macroblock layer bit allocation model and algorithm

The bit allocation models reported in the literature try to use some statistics of the input
source data, such as variance, to describe the input video data [25, 37, 42]. They also try
to analyze and model each step of the coding algorithms and formulate an explicit
expression of the coding bit-rate. To achieve high coding performance, an efficient
coding algorithm must often employ a sophisticated data representation scheme as well as
an entropy coding scheme. To model these coding algorithms more accurately, these bit
allocation models are getting more and more complex [25, 34, 42, 111], and the
estimation and rate-control process becomes increasingly complicated and even unstable
with the image-dependent variation [57]. As mentioned in the previous section, the rate-
control of the video transcoding is different from that of the standalone video coding,
because the coding statistics of the incoming video have been calculated during the first
generation encoding and can be reused during the transcoding process. It would be ideal
to develop a simple and accurate bit allocation model for video transcoding. Based on
this simple model, we could reuse the coding statistics and then develop a simple rate-

control algorithm for transcoding. Practically, this simple bit allocation model and control
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algorithm based on it would enable us to control the video transcoder accurately and
robustly with very low computational complexity and implementation cost. In this
research, we developed a new bit allocation model for macroblock layer rate-control
based on the experimental results and analysis. It serves as an alternative to the traditional
model used in the TMNS rate-control algorithm for H.263 standard. With Shannon’s
source coding theorem [26], we give a theoretical proof for this bit allocation model.
Based on that model, we develop a rate-control algorithm for H.263 video transcoding.
The proposed algorithm has low computational complexity and implementation cost.
When compared to the TMNS rate-control algorithm, our rate-control algorithm provides
much more accurate rate-control, buffer regulation, and improved picture quality.

1.3.2 Transcoding rate and buffer analysis

Traditional video transmission systems are designed without using transcoders. When
transcoders are introduced into the existing systems, some problems need to be
addressed. For transmitting video over wireless channels, the buffer and rate constraints
at the encoder, transcoder, and decoder need to be analyzed. At the same time, for real-
time applications, the end-to-end delay of a video transmission system with transcoders is
also an important issue. In this thesis, we provide a rate and buffer model to analyze the
problem in the transcoding system. By using this model, we can derive the conditions for
the encoder, transcoder, decoder buffers, and hence the transcoding scaling factor for
every frame in order to satisfy these conditions.

1.3.3 Frame layer rate-control for video transcoding over wireless channels

Most previous transcoding research only focuses on transcoding video for constant bit-
rate channels. In this case, the frame layer rate-control is relatively simple, because the

frame bit budget is only determined by the channel bit-rate (which is constant), frame
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rate, and buffer fullness. However, the nature of a video stream is variable bit-rate,
considering the visual content of a video itself, Different video texture, motion activity,
scene change, etc, will make the video stream to be variable bit-rate. Therefore, in order
to get consistent visual quality, video is better to be compressed at the variable bit-rate.
As mentioned above, in the case of transmitting video over wireless channel, the channel
bandwidth is also changing over time, so the problem becomes how to transcode a
variable bit-rate video into another variable bit-rate video matching the channel
bandwidth. In this work, we propose several algorithms to reuse the video statistics
information, such as scene change, video traffic profile, etc, from the compressed video
for the frame layer transcoding rate-control. Our experimental results show that the
transcoded video quality can be improved without violating the buffer and delay
constraints.

1.3.4 Publications resulting from the thesis
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Thesis Organization

The thesis is organized as follows:

Chapter 2 first overviews the basic building blocks of the general DCT based video

coding systems. Then, typical transcoding architectures are summarized, major issues of

developing different transcoders are discussed, and performance and complexity of

different transcoder architectures are compared.

Chapter 3 shows that the amount of generated bits during encoding and the number of

non-zero AC coefficients in a frame can be modeled by an approximate linear

relationship. Based on our extensive experiments, it is shown that the model parameters

obtained from the incoming video frame can be reused for the rate-control in the
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transcoding process. A theoretical justification for this linear model is provided. The
physical meaning of the model parameters is also discussed.

Chapter 4 presents a rate-control algorithm for H.263 video transcoding. Complexity
analysis is provided to show that the proposed algorithm has very low computational
complexity. The implementation details are discussed. Experimental results and
comparisons with other rate-control algorithms are provided.

Chapter 5 first introduces a framework for analyzing the rate, buffer, and delay
constraints of transcoders. By using a two-state Markov model, wireless channels are
simulated and effective bandwidth is estimated. Based on the channel model and
estimated effective channel bandwidth, we propose an algorithm targeted for real-time
video transcoding and transmission over wireless channel. In this case, the frame layer bit
budget is determined considering the buffer fullness, channel bandwidth and end-to-end
delay.

Chapter 6 studies the problem of transcoding and transmitting pre-encoded video over
wireless channels. In this case, the frame layer bit budget is determined considering the
buffer fullness, scene content of the video, and channel bandwidth.

Chapter 7 presents an implementation of a video transcoding gateway demo system,
which serves as a prototype application of video transcoding.

Chapter 8 summarizes the studies presented in this thesis. Concluding remarks are

provided, and future research directions are discussed.
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Chapter 2. Video Transcoding Techniques
2.1 Overview of Digital Video Coding

2.1.1 Digital video representation

For compression to be meaningful, a standard representation should be defined for the
data to be compressed. In order to be processed by computers, analog video that is
captured by a light sensor is digitized, which consists of three steps: 1) spatial sampling,
2) temporal sampling, and 3) quantization. After digitization, the continuous video in
both the spatial and temporal domains becomes a set of discrete picture elements,
commonly called pixels or pels, represented by a fixed number of bits. The following
properties are used to characterize the digital representation of the video:

= Color spaces

Representing color requires multiple numbers per sample. There are several alternative
systems for representing color, each of which is known as a color space. Most common
color spaces for digital image and video representation are RGB (red/green/blue) and
Y CrCb (luminance/red chrominance/blue chrominance). In the RGB system, each pixel is
represented by three numbers indicating the relative proportions of red, green and blue.
However, since the human visual system is less sensitive to color than to luminance, in
order to take advantage of this characteristic, the YCrCb color system is used more often
to represent color efficiently. The key advantage of YCrCb over RGB is that the Cr and
Cb components may be represented with a lower resolution than Y because the human
visual system is less sensitive to the chrominance components. This reduces the amount
of data required to represent the chrominance components without having an obvious

effect on visual quality.
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= Sampling patterns

In order to represent different color components with different resolution, different
sampling patterns are used. As illustrated in Figure 2-1, 4:4:4 means that the three
components have the same resolution and hence a sample of each component exists at
every pixel position. In 4:2:2 sampling, the chrominance components have the same
vertical resolution but half the horizontal resolution. 4:2:0 means that Cr and Cb each

have half the horizontal and vertical resolution of Y.

O O ® O @ O
O O o O O O
O O D @ O
O O o O O O

O Y sample b sample Cr sample

Figure 2-1. Color sampling patterns

= Temporal frequency

A moving video image is formed by sampling the video signal temporally, taking a
rectangular snapshot of the signal at periodic time interval. A higher temporal frequency
(frame rate) gives a smoother appearance to motion in the video scene but requires more
samples to be captured and stored.

To promote the interchange of digital video date, several formats for representing video
data have been standardized. Some of the popular standard representations are listed in

Table 2-1 [102].
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Table 2-1. Digital video formats for different applications

Video Y Color Frame Raw Data
Format Size Sampling Rate (Mbps)
HDTV over air, cable, satellite, MPEG2 video, 20-45 Mbps
SMPTE 296M 1280x720 4:2:0 24P/30P/60P 265/332/664
SMPTE 295M 1920x1080 4:2:0 24P/30P/60| 597/746/746
Video Production, MPEG2, 15-25 Mbps
BT.601 720x480/576 4:4:4 601/50( 249
BT.601 720x480/576 4:2:2 601/501 166

High quality video distribution (BVD, SDTV), MPEG2, 4-8 Mbps

BT.601 ] 720x480/576 | 4:2:0 i 601/50! [ 124

Intermediate quality video distribution (VCD, WWW), MPEG1, 1.5 Mbps

SIF I 352x240/288 [ 4:2:0 I 30P/25P [ 30

Video conferencing over ISDN/Internet, H.261/H.263, 128-384 Kbps

CIF ! 352x288 ! 4:2:0 ] 30P [ 37

Video telephony over wired/wireless modem, H.263, 20-64 Kbps

QCIF | 176x144 | 4:2:0 I 30P [ 9.1

2.1.2 Transform coding

Transform coding has become a dominant approach for image and video compression. In
transform coding, an image is divided into blocks of pixels. Each block is mathematically
transformed into a different representation, which is further quantized and coded to
achieve compression. The mathematical transform is chosen so as to redistribute most of
the image information into a small set of less correlated coefficients. Usually, the
transform is linear and orthogonal. Through quantization, most of the “unimportant”
coefficients are 0 and can be ignored, while the “important” coefficients are retained. In
the decoder, an inverse quantization process is followed by an inverse transformation.
The motivation for why transform coding has relatively good capability for compression
comes from the following:

s Not all transform coefficients need to be retained to maintain good image quality.

= Coefficients that are coded need not to be represented with full accuracy.
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As the transform coefficients are generally related to the spatial frequencies in the image,
compression techniques can take advantage of the psychovisual property of the human
visual system by quantizing more coarsely the higher frequency coefficients.

For image and video, the two-dimensional discrete cosine transform (2D-DCT) is the

popular block transform that is used in most standards. The 8x8 2D-DCT transforms a

block {x(n, m)}z,,m=O in the spatial domain into a block of frequency components

{X (k,l)},z,,ﬂ) according to the following equation

77
X(k,0) = 5@9—@2 " x(n,m) cos(Z L kryeosE™ L 1) @2-1)
2 2 n=0 m=0 16 16
L
where c(k)={2" . The inverse transform is given by
L, k>0

2m+1

x(n,m)ziif(—]f—)-fgiX(k,l)cos(—zﬁl—g—l-kn)cos( In) (2-2)

k=0 1=0 2
In a matrix form, define the 8x8 DCT matrix S = {s(k,n)}; ,_, , where

c(k)

s(k,n) = —2——cos(2’—1—t—l— .

kz) (2-3)
Then,

X =SxS’ 2-4)
where the superscript # denotes matrix transposition. Similarly, let the superscript —#

denotes transposition of the inverse. Then,

x=8"XS" =S'XS 2-5)
where the second equality follows from the unitarity of S. In the 8x8 2D-DCT, the

coefficient X(0,0) is known as the DC coefficient of the block and is 8 times the average
of the input block samples. Other coefficients of the transform are known as the AC

coefficients.
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2.1.3 Motion estimation and motion compensation

Successive frames in a video sequence are typically highly correlated, especially for
scenes where there is little or no motion. Motion estimation and motion compensation are
used to take advantage of this temporal redundancy that exists between frames. Motion
estimation creates a model of the current frame based on available data in one or more
previously encoded frames (“reference frames™). Using this model, the encoder performs
motion estimation to determine the motion that exists between reference frames and the
current frame. These reference frames may be “past” frames or “future” frames. The
current frame is motion compensated by subtracting the model from the frame to produce
a motion-compensated residual frame, which is coded and transmitted, along with the
information required for the decoder to recreate the model (typically a set of motion
vectors). At the same time, the encoded residual is decoded and added to the model to
reconstruct a decoded copy of the current frame (which may not be identical to the
original frame because of the coding losses). The reconstructed frame is stored to be used
as a reference for further predictions. The whole process is illustrated in Figure 2-2.

As can be seen from this figure, in order to correctly reconstruct the encoded frame at the
decoder side, both the encoder and decoder must have the same reference frames. Since
the original frames are not available at the decoder side, therefore, the encoder usually
includes a decoding loop to reconstruct the encoded frame. Then, the previously
reconstructed frames, instead of the original frames, are used as references frames in the
encoder. In this way, both the encoder and the decoder will have the same reference
frames. However, if there is a mismatch between the reference frames in the encoder and
decoder, drift error will happen. Since the distorted reconstructed picture is also used for

the future prediction, the drift error propagates to the future reconstructed pictures.
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Therefore, even a small mismatch at one frame can cause significant quality degradation

over time. In this case, quality of the reconstructed video will degrade rapidly.

Current Encoded |
frame residual
Predicted
frame
7] Reference w|  Motion |
1| frame(s) Estimation
] MV
Decoded Motion P Decoded
frame  |¢ | Compensation residual [€

Figure 2-2. Motion estimation and compensation block diagram.

In the popular video coding standards, motion estimation and compensation are carried
out on 8x8 or 16x16 blocks in the current frame. Motion estimation of complete blocks
is known as block matching. For each block of luminance samples in the current frame,
the motion estimation algorithm searches a neighboring area of the reference frame for a
“best matching” block. The best match is the one that minimizes the difference between
the current block and the corresponding block in the neighboring area of the reference
frame. The area in which the search is carried out may be centered on the position of the
current block, because (a) there is likely to be a good match in the immediate area of the
current block due to the high similarity between subsequent frames and (b) it would be
computationally intensive to search the whole reference frame.

Figure 2-3 illustrates the block-based motion estimation process. A current frame is
divided into blocks. The location of each block is given by the (m, n) coordinates of its
left-top comer. To predict a block in a current frame, a search window centered at the
current block is identified in the reference frame. The size of the search window

is(N +2w)x (N +2w). This region is then searched for the best matching block. Let
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(m+i, n+j) be the location of the best match. The vector from (m n) to (m+i, ntj) is
referred to as the motion vector associated with that block. Typically, the motion vector is

expressed in relative coordinates as (i, j).

N+2W

Search window in
f the reference frame
W ¥

MVEGj) ()

(m+i,n4)

N J 2

Best matching block in
the reference frame

Reference frame

Figure 2-3. Block-based motion estimation process.

For each block in a current frame, the corresponding best matching block in the reference
frame is calculated by minimizing a cost function. Two widely used cost functions are the

Mean Square Error (MSE) defined as:

N N
MSE(i,j)=~—I—ZZ[SE(m+k,n+l)~Sr(m+k+i,n+l+j)]2 (2-6)
NxN 733

and the Mean Absolute Difference (MAD) defined as:

N N
MAD(i,j)=ﬁZZISC(m+k,n+Z)—SV(m+k+z',n+l+j)] (2-7)
X

k=1 I=l
where S, and S, are pixel values of NxN blocks in current and reference frames,

respectively, and —w<i,j<w.
In order to find the best match with a maximum displacement of w, an exhaustive search
would require (2w+1 )2 evaluations of the cost function. If MSE is used, every evaluation

associated with a N x N block corresponds to two additions and one multiplication for

the N° elements of each block. Therefore, the total complexity for a block is
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(2w+1)*(3N*-1). To reduce processing cost, MAD is preferred to MSE, and hence is used
in all the video codecs. However, for each block of N pixels we still need to carry out
(2w+1 )2 tests, each with almost 2N’ additions and subtractions. In fact, studies have
shown that in the H.261 and MPEG-1 codecs, motion estimation comprises almost 60-
70% of the total computation in a video codec. Hence fast motion estimation techniques
are highly desirable. In the past two decades a number of fast search methods for motion
estimation have been introduced to reduce the computational complexity. The basic
principle of these methods is that the number of search points can be reduced, by
selectively checking only a small number of specific points, assuming that the distortion
measure monotonically decreases towards the best matched point.

So far, we have assumed that the best match can be found at a region offset from the
current block by an integer number of pixels. Thus, the motion vector would be pixel or
pel-accurate. Since the true frame-to-frame displacements are unrelated to the sampling
grid, and a moving object will not necessarily move by an integral number of pixels
between successive video frames, thus, one would expect improved prediction if
displacement estimates were obtained at a finer resolution. This implies that we need to
determine motion vectors with fractional or sub-pixel accuracy. In fact, for many blocks a
better match can be obtained by searching a region interpolated to sub-pixel accuracy,
such as in H.263 and MPEG-2 standards, half-pixel precision motion estimation is used
to get more accurate motion vectors, and hence, higher compression. In this case, the
search algorithm is extended as follows:

= Interpolate between the samples of the search area in the reference to form a higher-

resolution interpolated region.
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= Search full-pixel and sub-pixel locations in the interpolated region and find the best
match.

= Subtract the samples of the matching region (whether full- or sub-pixel) from the
samples of the current block to form the difference block.

Half-pixel interpolation used in the H.263 and MPEG?2 is illustrated in Figure 2-4. The

original integer pixel positions are shown in black. Samples a and b are formed by linear

interpolation between pairs of integer pixels vertically and horizontally, and samples ¢

are interpolated between four integer pixels.

A+C
a=
2
_A+B
2
C_A+B+C+D
4

. original integer samples ertical interpolated samples

orizontal interpolated samples “ horizontal and vertical interpolated samples

Figure 2-4. Half-pixel interpolation.

In order to obtain the half-pixel interpolated block from the original block of samples, the
following processes are applied on the original block. We define x as the original block,
Xy, as the vertically interpolated block, x; as the horizontally interpolated block, and x,, as

the block with both vertical and horizontal interpolation. Then we have

x,=f %, x,=x"f,, X, =f,xf, (2-8)
where
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As we can see, searching on a sub-pixel grid obviously requires more computations than
the integer searches described earlier. Some simplified methods have been proposed, but
such computations are not completely avoidable [15]. In order to limit the increase in
complexity, it is a common practicé to find the best matching integer position and then to
carry out a search at half-pixel locations immediately around this position [76]. Despite
the increased complexity, sub-pixel motion estimation and compensation can
significantly outperform integer motion estimation/compensation.

2.14 Quantization

In a transform-based video codec, the transform stage is usually followed by a
quantization stage. Theoretically, the transforms described eatlier are reversible, i.e.,
applying the transform following by its inverse to image data results in the original image
data. This means that the transform process does not remove any information; it simply
represents the information in a different form. However, the quantization stage removes
less “important” information, i.e., information that does not have a significant influence
on the appearance of the reconstructed image, make it possible to compress the remaining
data. In block-based video coding standards, such as H.263 and MPEG-2, the
quantization stage maps the values of the DCT transformed coefficients to a smaller

range of values. The class of quantizer is based on the so-called Uniform Threshold

34



Quantizer (UTQ). It has equal step sizes with reconstruction values pegged to the center
of the steps as illustrated in Figure 2-5.

Reconstruction
tevels

th+5q/2
-+

th+3q/2

th+q/2
-th-2q -th-q  -th | R , Decision levels
L) L]

] th thtq th¥2q

[ -th-qf2

T -th-3q/2

T -th-5q/2

Figure 2-5. Quantization characteristics
A further two sub-classes of UTQ can be identified within the standard codecs, namely

those with and without a dead zone and will be hereafter abbreviated as UTQ-DZ and
UTQ respectively. They are illustrated in Figure 2-6. The term dead zone commonly
refers to the central region of the quantizer, where the coefficients are quantized to zero.
Typically, UTQ is used for quantizing intraframe DC coefficients, while UTQ-DZ is used
for the AC and DC coefficients of interframe prediction error. This is intended primarily
to cause more non-significant AC coefficients to become zero, so increasing the

compression. In UTQ, coefficients F(u,v) are quantized by their division to the quantizer

F(u,v)* g
step size g with rounding towards the nearest integer as /(u,v) = Round 2
q

Such a ratio, I(u,v), is called the quantization index, and is sent to the decoder. At the

decoder, the reconstructed coefficients, F¥(u,v), after inverse quantization are given by

F%(u,v) = I(u,v) x g . Quantization indices employing UTQ-DZ are obtained by using
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integer division, which will truncate the resultant towards zero as/(u,v) = [MJ In

the inverse quantization, depending on the polarity of the index, an addition or

subtraction of half the quantization step is required to deliver the central representation as

Filuv)y={I(u,v)t1}xq.

index index
34 —— 34 e
2+ 24
14 14
0 g9 petp| | e Sz 3wz q2 ot
deadizone 29 3q q/2 3q/2 5qf2
+-2 +-2
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(a) {b)
Figure 2-6. Uniform quantizer with (a) and without (b) dead zone.

The design of the quantization process has an important effect on compression
performance and image quality. In order to support compatibility between encoders and
decoders, the image and video coding specify the levels produced by the encoder and the
set of reconstructed coefficients. However, they do not specify the quantization process,
i.e., the map between the input coefficients and the set of levels. This gives the encoder
designer flexibility to design the quantizer to give optimum performance for different
applications [76]. In H.263 standard, a quantization scheme based on UTQ is used. The
following equations show the quantization and inverse quantization process performed by
the H.263 encoder and decoder, respectively. COF is the transformed coefficient to be

quantized, LEVEL is the absolute value of the quantized coefficient and COF’ is the
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reconstructed coefficient after inverse quantization. QP is called the quantization

parameter, and 2 x QP is the actual quantization step size [77].

Quantization
E%EJ, INTRA DC coefficient
|COF| _
LEVEL = 4| ———|, INTRA AC coefficient
| 2xQP
|COF|~ or
2 | INTER coefficient
2xQP

Inverse quantization
e INTRA DC coefficient :
COF'= LEVEL <8
o INTRA AC or INTER coefficients :
0, if LEVEL=0
}COF '[ ={20Px LEVEL+QP  if LEVEL #0,QP is odd
20Px LEVEL + QP -1 if LEVEL #0,QP is even

The sign of COF is then added to obtain COF'= sign(COF) xICOF ‘|.

As we can see, the quantization for INTER coefficients and INTRA AC coefficients are
different. The design of this quantization process is based on the distribution of the DCT
coefficients. In the INTER frame, most DCT coefficients are clustered about zero,
therefore, in this quantization design, the quantizer “bias” the reconstructed coefficients
towards zero for INTER coefficients; this means that, on average, the reconstructed
values will be close to the original values. This in turn reduces the error introduced by the
quantization process. Depending on the source video material, the transform coefficient
may have different distributions. It is possible to redesign the quantizer to suit a particular

set of input data and achieve optimum image quality [76].
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2.1.5 Entropy coding

A video encoder contains two main functions: a source model that attempts to represent a
video scene in a compact form that is easy to compress and an entropy encoder that
compresses the output of the model prior to storage and transmission. The source model
is matched to the characteristics of the input data, whereas the entropy coder may use
general-purpose statistical compression techniques that are not necessarily unique in their
application to image and video coding. In a typical transform-based video codec, the data
to be encoded by the entropy coder fall into three main categories: transform coefficients,
motion vectors and syntax information. The method of coding syntax information
depends on the standard. Motion vectors can often be represented compactly in a
differential form due to the high correlation between vectors for neighboring blocks or
macroblocks. Transform coefficients can be represented efficiently with run-length
coding, exploiting the sparse nature of DCT coefficient array.

An entropy encoder maps input symbols to a compressed data stream. It achieves
compression by exploiting redundancy in the set of input symbols, representing
frequently occurring symbols with a smaller number of bits and infrequently occurring
symbols with a larger number of bits. The two most popular entropy coding methods
used in video coding standards are Huffman coding and arithmetic coding. Huffman
coding represents each input symbol by a variable-length codeword containing an
integral number of bits. It is relatively straightforward to implement, but cannot achieve
optimal compression. Arithmetic coding maps an input symbol into a fractional number
of bits, enabling greater compression efficiency at the expense of higher complexity.

Entropy coding used in the H.263 standard consists of three main steps:
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Reordering: the non-zero quantized coefficients are clustered around the top left of the
block and this step groups these coefficients together. The optimum method of reordering
depends on the distribution of the non-zero coefficients. If the original data is evenly
distributed in the horizontal and vertical directions, then the significant coefficients will
tend to be evenly distributed about the top left corner of the block. In this case a zigzag
reordering should group together the non-zero coefficients.

Run-length coding: this step attempts to find more efficient representation for the large
number of zeros. The output of the reordering process is a linear array of quantized
coefficients. Non-zero coefficients are mainly grouped together near the start of the array
and the remaining values in the array are zero. Long sequences of zeros can be
represented as a (run, level) code, where run indicates the number of zeros preceding a
non-zero value and level indicates the sign and magnitude of the non-zero coefficient. For
the final run of zeros in a block, a special code symbol, “end of block” or EOB, is
inserted after the last (Pun level) pair to indicate that there are no non-zero coefficients
remaining. In the H.263 standard, a “last” flag is encoded with each (run, level) pair;
thus, each code now represents three values (run, level, last). This “last” flag signifies the
final (7un, level) pair in the block and indicates to the decoder that the rest of the block
should be filled with zeros.

Huffman coding: this step maps each (run, level, last) symbol into a variable length
codeword, which should be uniquely decodable. Ideally, the design of the Huffman
coding map should be based on the probability distribution of the symbols in the specific
video. However, this has two disadvantages for a practical video codec. First, the decoder

must have the same probability distribution table to be able to decode the bit stream.
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Second, calculating the probability distribution for a large video sequence is a significant
computational overhead. For these reasons, the H.263 standard defines sets of codewords
based on the probability distribution of a large range of video material. Since the
codeword table is “generic”, compression efficiency is lower than that obtained by pre-
analyzing the data to be encoded, especially if the sequence statistics differ significantly
from the “generic” probability distributions.

2.1.6 Block diagram of the H.263 codec
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Figure 2-7. Block diagram of H.263 video codec.
Figure 2-7 illustrates a block diagram of H.263 video codec. The INTRA/INTER

decision module determines a video frame should be encoded as an INTRA (I) frame or
an INTER (P or B) frame. Motion estimation and motion compensation are only applied
on INTER frames. For INTER frames, after motion estimation and compensation, the
motion information and prediction error are transmitted to the decoder, which
reconstructs the predicted frame from the motion information and the decoded reference

frames. In this figure, the dashed box encloses the local decoding loop in the encoder.
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The function of this decoding loop is to ensure that both the encoder and the decoder will

have exactly the same reference frame.

2.2 Video Transcoding Architectures

In this section, we will review several typical transcoding architectures and compare their
performance. These architectures are mainly used for bit-rate adaptation. For other
purposes, such as spatial size downscaling, error resilience, etc., extra modules need to be
inserted into these architectures.

2.2.1 Open-loop transcoding

For fast scaling video bit-rates, some open-loop transcoding architectures have been
proposed in the literature. In these architectures, the incoming video streams are variable-
length decoded and dequantized without further decoding. Two approaches can be used
in the open-loop transcoder for bit-rate scaling:

= Cutting high frequency AC codewords.

VLD Bit Allocation
Parser Analysis
Rate Buffer v
R, e VLD Rate Controller R,
Parser (Frequency Cut)

Figure 2-8. Open loop transcoder by cutting high frequencies

As illustrated in Figure 2-8, the incoming precoded stream enters a decoder rate buffer. A
variable length decoder is used to parse the bits for a frame in the buffer and identify all
the variable length codewords that correspond to AC coefficients used in that frame. No
bits are removed from the rate buffer. The codewords are not decoded, but just simply
parsed by the VLD parser to determine codeword lengths. The bit allocation analyzer
accumulates these AC bit-counts for every macroblock in the frame and creates an AC bit

usage profile. A second VLD parser accesses and removes all codeword bits from the
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buffer and delivers them to a rate-controller. The rate-controller has memory to store all
coefficients associated with the current macroblock. The rate-controller only keeps first
part of the AC codewords according to the AC bit usage profile and scaling factor. The
other higher frequency AC codewords will be dropped.

s Increasing Requantization step.

Bit Allocation &

Rate Control
Rate Buffer

VLD > Q" Q > VLC {—2
4

Figure 2-9. Open loop transcoder by increasing the requantization step.

v

[N

As illustrated in Figure 2-9, this method of bit-stream scaling is based on increasing the
requantization step. This method requires an additional dequantizer/quantizer and
variable length coding as compared to the first approach. Like the first approach, it also
makes a VLD pass on the bit stream and obtains a similar scaled profile of target
cumulative codeword bits versus macroblock count to be used for rate-control. After the
VLD is made on the bit-stream, quantized DCT coefficients are dequantized. A block of
finely quantized DCT coefficients is obtained as a result and is requantized with a coarser
quantizer scale. The value used for the coarser quantizer scale is determined adaptively
by making adjustments after every macroblock according to the target bit-rate. In both the
above approaches, the motion vectors, coding mode and other syntax elements from the
incoming video stream are reused by the transcoder.

2.2.2 Pixel domain transcoding

The most straightforward structure for video transcoding is a cascaded pixel domain
video transcoder (CPDT) [48], which connects a standard decoder with a standard

encoder together as illustrated in Figure 2-10. At the decoder, the motion-compensated
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image from the previous frame is added to the decompressed prediction error, which was
encoded at a bit-rate R; to reconstruct the original image. This reconstructed image is sent

to the encoder for compression at a different bit-rate R;.
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VLD: Variable Length Decoding P: Predicted Frame MV: Motion Vectors
Q': De-quantize MC: Motion Compensation ME: Motion Estimation
{DCT: Inverse DCT F: Reconstructed Frame E: Quantization Error
R: Bit Rate diff: Predication Difference VLC: Variable Length Coding

Figure 2-10. Cascaded pixel domain transcoder

If the picture types are the same before and after transcoding in this cascaded

architecture, a significant simplification can be achieved by the following steps:

= If the frames are not skipped at the encoder, the decoded motion vectors can be
directly reused so that the motion estimation module (ME) in the CPDT can be
removed. Since motion estimation is the most time-consuming module in the encoder,
removing it will significantly reduce the computational complexity of the transcoder.

= Motion compensation is a linear operation. Assuming MC(x) is the function of
performing motion compensation to a variable x of a macroblock, then we have

MC(x + y) = MC(x)+ MC(y) (2-9)
Referring to Figure 2-10, we can simplify the architecture as follows:

43



'

diff s = Fp = Py = diff 1 + MC(F,) - MC(P, + diff, + E,)
= diff,, + MC(F,) ~ MC(F, - diff, + diff, + E,)
= diff,,, + MC(F,) ~ MC(F,) ~ MC(E,)
= diff,., - MC(E,)

In this equation, » represents the current frame number and n+/ represents the

(2-10)

following frame number. Thus, the motion compensation module and the frame
buffer at the decoder can be discarded. At the encoder, only the second quantization
error, E,, needs to be stored, and motion compensation on quantization error needs to
be performed for the following frame.

After the above two steps, the simplified architecture is illustrated in Figure 2-11.

DCT(diff,) DCT(diff +E,)

.
R v sl an v o 1 J Ve LRey

diff

n

Motion Vectors

Figure 2-11. Simplified CPDT

In this architecture, we still need to decode the incoming video frame F),; and keep a
copy of a local decoded frame F),.;". Since the motion estimation is no longer needed
and the decoders are much simpler than encoders, the scheme of Figure 2-11 is much
simpler than the one depicted in Figure 2-10 [5].

In Figure 2-11, F,.;  is inverted, hence transcoded DCT coefficients can be inverted
prior to IDCT and the resultant —F),.; added to F,;. Therefore, both incoming DCT
coefficients and inverted transcoded DCT coefficients follow the same decoder and

hence they can share it. Since the DCT and IDCT are also linear operations, the
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decoder can be further simplified. The simplified architecture is illustrated in Figure

2-12. Please notice here the content of buffer F, , is not the reconstructed frame, but
the reconstructed requantization error diff, [118].

DCT(diff,) DCT(diff,')

R
S w5 ol Pl

DCT

MC F_,

MV

Figure 2-12. Fast pixel domain transcoder

In the above architectures, all other syntax information, such as frame header, passes
through the transcoder without any change.

2.2.3 DCT domain transceding

As can be seen in the simplified architecture derived in the previous section, the whole
transcoding process is performed in the DCT domain except the motion compensation
loop. In this simplified architecture, the most time-consuming part is in the DCT and
IDCT modules. It is highly desirable that these two modules be removed from the
architecture.

2.2.3.1 Motion compensation in the DCT domain

The basic motion compensation consists of predicting each 8x8 spatial domain block x
of the current frame by a corresponding reference block x from a previous frame and
encoding the resulting prediction error block e=x—x by using the DCT. The best
matching reference block ¥ may not be aligned to the original 8x8 blocks of the

reference frame. As illustrated in Figure 2-13, in general, the reference block may

45



intersect with four neighboring spatial domain blocks, denoted asx,,x,,x;, andx,, that

together form a 16 x16 macroblock.

Figure 2-13. illustration of motion compensation

The goal of DCT domain motion compensation is to compute the DCT X of the current

block x =X +e from the given DCT E of the prediction error e, and the DCT’s Xj,..., Xy
of xj,..., x4, respectively. Since X = X+E s X being the DCT of x, the main problem
that remains is that of calculating X directly from Xj,..., Xy

Let the intersection of the reference block X with x; form a Axw rectangle, where
1<h<8 andl <w<8. This means that the intersections of X with x,,x;, andx, are
rectangle of sizes i x (8 — w),(8 — A) x w, and (8 — #) x (8 — w), respectively. Therefore, the
MC block x comprises four pixel subblocks, one from each intersected block x;. These
subblocks can be extracted from the respective blocks by multiplying the latter with

appropriate matrices that perform window and shift operation as described in [18, 19, 65,

66]. In [19], Chang and Messerschmitt firstly used some geometrical transforms to derive
the relationship among the elements of the DCT blocks X and X |seees X, from the spatial

geometric relationship among the associated pixel-domain blocks X and x,,..,x, so that

the elements of the target block X can be computed from the elements of the
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neighboring blocks X, .., X, directly in the DCT domain without the need of full
decompression of the DCT blocks into the pixel domain. As illustrated in Figure 2-14, in
the pixel domain, the target pixel domain block, %, can be represented as the sum of four
component blocks which are denoted as x,,,%,5,%5,, and x,, corresponding to the four

adjacent pixel blocks respectively.

X=X+ Xgs + X3 + Xy

Figure 2-14. Formation of the target block X from parts of x, ~ x, through geometrical
transform.

Here the pixel block Xx,,%y,%5,%, are the windowed and shifted version

of x,,x,,%,,%, , 1.€., the operation, in the pixel domain, is given by

4
= Ry x; b, 1<hwsT. (2-11)
=1

The matrices 4, , h,, have the structure of u,,/,

0 I,
hy =hy, =u, = 0 0
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0 O
hwl:hw:’v:lw:{ jl

and
By =hy, =ug,
h,=h,=I_,
where I, and I, are identity matrices of size sxh and wxw respectively. By applying

the distributive property of matrix multiplication with respect to DCT, i.e.,

DCT(AB)= DCT(A)DCT(B), one can use the DCT matrices H, =DCT(h,),

H,, = DCT(h,,) to extract the DCT block X =DCT (x) directly from the DCT blocks

X, = DCT(x;) of the reference frame, i.e.,

4
X=YH, X,-H,, 1<hw<T. (2-12)
i=1

where H,, and H , are constant so they can be pre-computed and stored in a memory.

2.2.3.2  Half-pixel precision motion compensation

When an MV with half-pixel precision is used, either two or four pixels are needed to
calculate the actual prediction of one single pixel. In terms of blocks, this is equivalent to
computing the average, for each pixel, of either two or four blocks. In the DCT domain,
this needs the extraction of two or four blocks from the reference frame; hence, Eq.(2-12)
is applied either twice or four times to obtain the final predicted block. Since the blocks
involved in half-pixel prediction are displaced from each other only by one pixel, the
extraction of four different DCT blocks can be avoided by applying a linear filter to the

MC-DCT MB reconstructed with the integer component of the motion vector. Vertical
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filtering should be used when half-pixel accuracy exists in the vertical direction, while
horizontal filtering is used when half-pixel accuracy exists in the horizontal direction.

Let us consider the DCT blocks X, i=1,...,4 of an MC-DCT luminance MB ordered
according to their location within the MB (top left: X, top right: X, , bottom left: X,
bottom right: X, ). Suppose also that all of these blocks are spatially adjacent in the pixel
domain. The horizontally filtered blocks X l.’“ , in the DCT domain, are obtained from the

Eq. (2-13), while the vertically filtered blocks X, are obtained from Eq. (2-14).

h XiFlh +Xi+1F2h> i= 193
X = i _ (2-13)

X,F/, i=24

, |FX+FX,, i=12
Xy =4 , (2-14)

F'X,, i=34

The filter coefficient matrices ", F,” of these equations are the DCT of pixel-domain

filters defined in Eq. (2-8). The details of DCT domain motion compensation used in
transcoders can be found in [10], including filters for interlaced video. In the case of both
horizontal and vertical half-pixel prediction, vertical filtering should follow the horizontal
filtering or vice versa.

2.2.3.3  Structure of the DCT domain transcoder

Follow the DCT-domain motion compensation procedures described in the previous
section, the DCT and IDCT can be removed from the transcoding architecture in Figure

2-12. The simplified transcoding architecture is illustrated in Figure 2-15.

49



DCT(diff ) DCT(diff )

Byl vio ) o L»@ ¢> Q, [ vic 2»

7\ A 4 A
Q,
—
DCT .
MC n Fn-1
A
MV

Figure 2-15. DCT domain transcoder

2.2.4 Performance comparison of various transcoding architectures
2.2.4.1  Drift error and visual quality
For bit-rate adaptation, the objective of video transcoding is to convert the video stream

into low bit-rate while maintaining low complexity and achieving the highest quality
possible. Ideally, the quality of the reduced rate bit-stream should have the quality of a
bit-stream directly generated at the reduced rate. This is somewhat difficult, but very
close approximations have been reported. In open-loop transcoding architectures, simple
transcoding of compressed video into lower bit-rates can be done by the requantization of
DCT coefficients or just dropping some of them. However, dropping high frequency
coefficients and requantization error will cause the visual quality to degrade. At the same
time, drift error is also a severe problem of OLT. The closed-loop architecture eliminates
the mismatch between predictive and residual components by introducing a motion
compensation loop in the transcoder. However, [120] shows that, in real implementation,
small drift error still exists due to several reasons, such as clipping function, precision of
half pixel motion compensation, and finite precision of DCT/IDCT transforms, etc.
Generally speaking, in terms of drift error, CPDT usually has better visual quality than

that of FPDT, DDT and OLT.
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In order to compare the performance of different transcoding architectures, we

implemented several transcoding architectures as follows:

»  CPDT-ME: this is a cascaded pixel domain transcoder as illustrated in Figure 2-10.
In this architecture, the incoming video stream is fully decoded into the pixel domain.
A full-search motion estimation is performed based on the decoded bit stream. Then
the decoded bit stream is re-encoded with a new quantization parameter to generate
the transcoded bit stream.

= CPDT-ReuseMYV: this architecture is the same as CPDT-ME, except that the motion
vectors from the incoming video stream are reused.

s CPDT-Refine2: this architecture is the same as CPDT-ReuseMV, except that the
original motion vectors are refined in a small search window [-2, 2].

= DDT-ReuseMV: this is a DCT domain transcoder. The original motion vectors are
reused without refinement.

In all of the above transcoding architectures, the motion vectors are at the half-pixel

precision. In our experiments, two test sequences: “foreman” and “carphone” were used

for simulation. Each incoming sequence was encoded with QP=3 and transcoded with

QP.=5, 10, 15, 20, respectively. The PSNR comparison results of QP,=5 are illustrated in

Figure 2-16. In this figure, “SNR-Q5” standards for the PSNR result obtained by directly

encoding the test sequence with QP=5. This PSNR result is used as a benchmark for

other PSNR results. As we can see from the figure, “CPDT-ME”, “CPDT-ReuseMV”,

and “CPDT-Refine2” have almost the same PSNR results. The PSNR result from “DDT-

ReuseMV” is worse than that of all pixel domain transcoders, but the difference is very

small (less than 0.5 dB). All PSNR results obtained by transcoding is close to that
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obtained by directly encoding the test sequence with coarser QP, and the difference is

less than 1 dB.
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Figure 2-16. PSNR comparison of different transcoding architectures.
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Figure 2-17. Visual quality comparison of encoded and transcoded test sequences.
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Figure 2-17 shows the 123th frame of encoded and transcoded “carphone” sequence and

the 140th frame of encoded and transcoded “foreman” sequence. As we can see, it is very

hard to see any difference between the encoded and transcoded frames with different

transcoders.

Table 2-2. Performance comparison of average PSNR and bit-rate with four different
transcoders. The incoming sequences were encoded with QP,=3, and transcoded using
QP,=5, 10, 15, and 20, respectively.

(a) CPDT-ME (b) CPDT-ReuseMV
Average Average Average Average
Sequence | QP ! PSNR Bit-rate Sequence | QP | PSNR Bit-rate
(dB) (Kbits/s) (dB) (Kbits/s)
5 35.17 347.26 5 35.16 345.94
Foreman 10 | 31.72 135.41 Foreman 10 | 31.52 137.70
15 | 29.96 81.84 15 | 29.57 83.07
20 | 28.72 59.63 20 | 28.13 59.50
5 36.57 223.64 5 36.54 224.25
Carphone 10 | 3292 84.51 Carphone 10 | 32.74 87.89
15 | 30.93 49.68 15 | 30.68 53.05
20 | 29.56 34.86 20 | 29.17 38.00
{c) CPDT-RefineMV (d) DDT
Average Average Average Average
Sequence | QP | PSNR Bit-rate Sequence | QP | PSNR Bit-rate
(dB) (Kbits/s) (dB) (Kbits/s)
5 35.19 345.39 5 35.04 357.92
Foreman 10 | 31.61 135.10 Foreman 10 | 3148 140.75
15 | 29.75 81.37 15 | 29.54 84.10
20 | 28.35 58.44 20 | 28.14 60.06
5 36.55 224.26 5 36.32 232.76
Carphone 10 | 32.82 86.51 Carphone 10 | 32.66 89.82
15 | 30.82 52.34 15 | 30.67 54.07
20 | 29.39 37.46 20 | 29.19 38.40

Table 2-2 shows the average PSNR values and bit-rate of the transcoded videos using

four transcoding architectures for the two test sequences. The resultant PSNR-bit-rate

pairs form the plots in Figure 2-18.
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Figure 2-18. Performance comparison of average PSNR with four different transcoders.
2.24.2 Complexity
For video transcoding, the complexity of the transcoding architectures is an obvious

metric to reduce. From the above introduction of transcoding architectures, we can easily
get the idea that the cascaded pixel domain transcoder is the most complicated one in
terms of the overall structure. The open loop transcoder is the simplest one. However, if
the motion vectors from the incoming video stream are reused for transcoding, a
significant part of computation is reduced. From this point of view, reusing motion
vectors is the most significant step for reducing transcoders complexity. From the
algorithm structure point of view, the DCT domain transcoder has less processing
modules than the pixel domain transcoder. Most of the computational complexity of the
DCT domain transcoder comes from Eq. (2-12). In fact, the brute-force computation of
Eq. (2-12), in the case where the MC block is not aligned in any direction with the block
structure, requires six matrix multiplications and three matrix additions. Some methods
for reducing the computation involved in Eq. (2-12) have been proposed in [10]. The
authors claim that the DCT domain transcoder becomes less complex than its pixel

domain counterpart.
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2.3 Summary

Video transcoding is an efficient method for rate adaptation and video format conversion
in networked video applications. In this chapter, we first overviewed some preliminary
knowledge and techniques of video codecs. Then, we discussed various architectures and
related issues for implementing video transcoders. A straightforward approach to
implement a video transcoder is to cascade a video decoder followed by a video encoder.
This cascaded architecture can avoid the drift problem, while its high complexity is
unacceptable in real-time applications. Based on a motion vector reuse scheme, a
simplified pixel-domain video transcoder achieving significant computation saving can
be constructed, though it may not perform as well, in video quality, as the cascaded
architecture. The simplified transcoder architecture can also be implemented in the DCT
domain without performing the DCT/IDCT computations. Instead, this approach uses an
interpolation method to estimate the DCT coefficients of a shifted macroblock. We have
implemented several transcoders mentioned above and compared their performance. Our
experimental results show that the simplified pixel- and DCT-domain transcoder can
achieve computation savings when compared to the cascaded pixel-domain transcoder,
while the visual quality of the simplified transcoders is very close to that of the cascaded
pixel-domain transcoder. In addition, we have to say that there is always a trade-off
between visual quality and complexity. In most cases, the visual quality will be degraded
due to simplifying some modules in transcoders. Therefore, choosing which kind of
transcoding architectures will be used depends on the dedicated applications and user

requirements.
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Chapter 3. Model Based Bit Allocation
3.1 Classic Rate-Distortion Theory

Existing video applications require high compression ratios, over an order of magnitude
higher than what is typically possible with lossless compression methods. These high
levels of compression can be realized only if we accept some loss in fidelity between the
uncompressed and compressed representations. There is a natural tradeoff between the
size of the compressed representation and the fidelity of the reproduced images. This
tradeoff between coding rate and distortion is quantified in rate-distortion theory.

Let D be a measure of distortion according to some fidelity criterion. In classical Rate-
Distortion theory, a rate-distortion function, R(D), is defined to be the theoretical lower
bound on the best coding rate achievable as a function of the desired distortion D for a
given information source, by any compressor. In general, the fidelity criterion can be any
valid metric; in practice, Mean Squared Error (MSE) and Mean Absolute Difference
(MAD) are often used.

Assuming X is a random variable following a distribution probability density function
fr(x), let X be the uniform quantized version of X using a quantizer step size Q, and

X' be the reconstructed version of X, then the quantization error measured by MSE is:

lcQ+g

D(Q) = MSE(Q) = E[(X - X'F]= [-x)f,dr= 3 [(x—kQ) fr@d (-1)
-0 k=—aokQ_%

while the quantization error measured by MAD is:
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kQ+g

D(Q) = MAD(Q) = E[X - X'|= [le—x|f, (x)ax = i flx-kQfe(ax  (3-2)

k=—co o]
kQ~£

For a discrete source, R(0) is simply the entropy of the source and corresponds to lossless
coding (D=0). In case where the distortion is bounded from above by D, then
R(Dpax)=0. Furthermore, it can be shown that R(D) is a non-increasing convex function
of D [26].

For some specific information sources and distortion measures, closed form expressions

for the rate-distortion function have been determined. For example, for a zero-mean i.1.d

Gaussian source with variance o2, i.e,

ﬂm=mbfﬂﬂ (3-3)

and a mean squared error distortion measure,

L1og,

log, —, if 0<D<c?;
Ry =128 7 (3-4)
0, if D>o”.
For a Laplacian source, i.e.,
A i
fr()=Ze (3-5)

and a mean absolute difference distortion measure,
R(D)=1lo (—E—j (3-6)
22 D

By combining the R(D) and D(Q) function, the rate-control algorithm based on rate
distortion theory needs to find the quantization parameter , which minimizes the

distortion D, while keeping the produced bit-rate lower than R. In practice, classical rate-
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distortion theory is not directly applicable to complex encoding and decoding systems
since sources are typically not well-characterized and R(D) is difficult, if not impossible,

to determine.

3.2 Rate-Control for Video Coding and Transmission

3.2.1 Model based bit allocation and rate-control

Generic rate-control belongs to the budget-constrained bit allocation problem [46], which
is stated below:

Given a set of quantizers {Q;,Q>...,0umf, a sequence of N macroblocks, and a

target bit budget B, determine an assignment of quantizers Q=<Q,,0s,......,On>

to each macroblock that minimizes a distortion measure D and uses R < B bits.

In typical transform coding, both R and D are controlled by quantization parameters of
the quantizer. The generic rate-control problem can be separated into the following two
steps:

(1) Allocate target bits for each frame according to image complexities and buffer
fullness for a given channel bit-rate. This step is usually called Frame-Layer
Rate-control.

(2) Derive the actual quantization parameter for each macroblock in the picture, and
make the number of produced bits meet the bit target. This step is usually called
Macroblock-Layer Bit Allocation.

In this chapter, we only focus on the macroblock-layer bit allocation problem. For this
problem, methods based on Lagrangian optimization [23, 54, 58, 69, 72, 105] or
Dynamic Programming [68, 112] have been considered in the literature to solve it. These
methods typically perform a pre-analysis of future video frames to measure their Rate-

Distortion characteristics before applying a rate allocation strategy. The advantage of the
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R-D techniques is that they can achieve better performance in video quality. The
drawback is the increase of encoder complexity. If frame dependences are taken into
account, the complexity can become very high, as increasing numbers of R-D operating
points have to be measured, thus making some of these methods only suitable for off-line
encoding [59].

An alternative approach for reducing the complexity of R-D techniques is to rely on the
R-D model introduced in the previous section. It is able to predict the compressed bits
when a certain quantization step size is in use before the real quantization and VLC are
actually applied to. There are two approaches in constructing a bit production model: 1)
the analytic approach that constructs a mathematical model based on the information
theory and 2) the empirical approach that derives the input/output relationship of a coder
based on the observed data.

As introduced in the previous section, for the first approach, the distribution of the DCT
coefficients has to be assumed known. In [42], the anthors have provided the derivation
of R-D functions for uniform, Gaussian, Laplacian distributed signals quantized with step
size Q. Based on rate distortion theory, different forms have been proposed to
approximate the classical R-Q formula. In [42], Hang and Chen proposed an exponential
R-Q model with two parameters based on the formulas of R and D for uniform, Gaussian,
and Laplacian distributions. However, those formulas are only accurate for medium and
high bit-rates. In [27], Ding and Liu proposed another exponential model with the third
parameter to control the curvature of the function. In [87], Tao et al. proposed a
logarithmic model applying a theoretical R-D function. In [22], Chiang and Zhang use a

quadratic bit allocation model, etc. The theoretical bit-allocation models based on rate
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distortion theory have two assumptions. First, the DCT coefficients are uncorrelated and
have a closed form distribution function [42] .‘ Second, the coding Dbit-rate is
approximately equal to the entropy. However, the first assumption is invalid for DCT
coefficients in the motion compensated difference frame. Closed-form expressions of
entropy and distortion for arbitrary probability distributions are generally unavailable. In
transform coding of image or videos, especially at very low bit-rate, there is a large
mismatch between the theoretical entropy and the actual coding bit-rate [45].
Additionally, complex formulas would likely make the optimization computationally
expensive.

In the second approach, bit production models are derived based on test data. In [71], Puri
et al. select the quantization step size of an image block according to its activity measure,
variance of all DCT coefficients, and a pre-trained table. The entries in this pre-trained
table are computed from the statistics of training images coded using the same coders.
The activity of a frame can also be measured by the sum of all the DCT coefficients’
absolute values with or without DC component, etc. Such as in [20], an empirical first-
order bit model indicates that the number of coded bits is approximately proportional to
the sum of the AC coefficients absolute values and is inversely proportional to the
quantization step size. In [45], a bit allocation model describes the relationship between
the produced bits and the percent of zeros in a macroblock.

3.2.2 Standard rate-control algorithms

Current video coding standards, such as H.26x, MPEGx, did not define what rate-control
algorithm should be used. This is left open for codec providers to use different rate-
control algorithms. However, these standards define some constraints that have to be met

by the coded bit-streams. For example, in MPEG?2, a Video Buffer Verifier (VBV) was
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defined as a hypothetical decoder, which is conceptually connected to the output of an
encoder. It is required that MPEG2 compliant coded bit-streams should not cause the
VBV buffer to overflow. In the reference software for current coding standards, some
well-known rate-control algorithms have been adopted as Test Model rate-control
algorithms. In the following, we provide a brief review of three rate-control algorithms

and the rate distortion models they used.

3.2.2.1 TMS rate-control algorithm
The Test Model 5 (TM5) rate-control algorithm is designed for bit-rate-control in MPEG-

2 video coding. In the MPEG2 coding standard, the input video sequence is segmented
into groups of pictures (GOP). The first frame of each GOP is intracoded and called I-
frame. The rest are either predicted coded frames (P-frames) or bidirectionally
interpolated frames (B-frames). The TMS5 rate-control algorithm consists of two major
steps. In the first step, the target bit-rate for each video frame inside the GOP is obtained
by a frame layer rate-control scheme. In the second step, the quantization parameter for
each macroblock is determined from the buffer status and the spatial activity of the
macroblocks.

The whole rate-control algorithm is based on the following assumptions:

1. the distortion D increases linearly with the quantization parameter Q.

2. to maintain a consistent video presentation quality, the average quantization

parameters for I, P, B frames, denoted as Q,,0,,0;, are related by

9 _ 9 9 G-7)
10 K, K,

where Kp, Kp are constant and they are set to be 1.0 and 1.4 by default, respectively.

3. the coding bit-rate R is inversely proportional to the distortion D. In other words,
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R - D =constant
At the frame layer, after each picture is coded by using allocated target-bits, the
respective complexity (X ,,X,,X,) , which is the relative complexity measure of three

kinds of previous picture and used in allocating target-bits for the next picture, is

calculated as follows.

X, =80, Xp=8p-0p, Xp =850 (3-8)
where S,,S,,S, are the number of bits generated after encoding each picture and
0,,0,,0, are average quantization parameters computed by averaging actual

quantization values used in coding of all the macroblocks for each type of picture. Target

bits for each picture in the GOP are calculated as follows:

T = max R bit rate
! 1_|_NP'XP+NB-XE’Sxpicturemte
X, K, X, K,
R bit rate
T, = maxs , 3-9
i N +NB'XB'KP 8x picturerate 3-9)
i Xp Ky
T = max R bit rate
5 +NP'XP'KB’8><picturerate
X, K,

where Np and Np are the number of P-pictures and B-pictures remaining in the current
GOP. R is the bit budget for the remaining frames.
At the macroblock layer, before encoding j-th macroblock, the virtual buffer fullness is

computed as follows.
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T i—1
dywzdyﬁ+3,_Jﬁ£ﬁL_Z (3-10)

j_l mCﬂl
where d,"? is the initial virtual buffer fullness for corresponding picture types. B, is
the number of bits generated after encoding the previous j-1 macroblocks, and MB,,, is

the total number of macroblocks in a frame. The buffer fullness d jI 2 is then fed back

and used to adjust the quantization step size for the j-th macroblock as

d j' 8 % 31x picturerate

0, 3-11)

2 x bit rate

There is a known problem with TMS5. The target bit for an I-picture, P-pictures, and B-
pictures are set based upon only the information obtained from encoding of previous
pictures. This is not proper for a picture in a new scene that differs significantly from the
previous scene. In addition, it can be seen that extremely simplified R-D models are used
in the TMS5 algorithm. Therefore, it can not achieve accurate rate-control.

3.2.2.2 TMNS rate-control algorithm
The Test Model Near term 8 (TMNB8) rate-control algorithm was designed for H.263

video coding standard. Since H.263 was designed for low delay video communication, I
frame and B frames are seldom used, which is different from the MPEG-2 standard. At
the frame layer, the target number of bits for the current frame (P frame) is determined as
follows.

R
B==-A 3-12
7 (-12)

where R and F are the channel and frame rate, respectively. A is defined as:

w
z, W27 M
A={F g (3-13)

W —Z-M, otherwise
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where W is the encoder buffer fullness, Z is set to 0.1 by default. A is a small value that
provides feedback from the buffer fullness W. If W is larger than 10% of the maximum
M, the target B is slightly decreased. Otherwise, B is slightly increased. A correction will
help maintain a small number of bits in the buffer without underflowing the buffer. After
the current frame is encoded, the buffer fullness is updated as:

W =max(W,, + B'—-I{g,o ) (3-14)

prev

where B’ is the actual number of bits used for encoding the frame, W, is the previous
buffer fullness. If W is larger than or equal to the maximum value M, the encoder skips

encoding frames until the buffer fullness is below M. For each skipped frame, the buffer

fullness is reduced by an additional % bits.

At the macroblock layer, the coding statistics of previous macroblocks are utilized to
update the model parameter for the current macroblock. The TMNS algorithm is based on
the following logarithmic R-D model,

2

1 , C Lot 1
Elogz(Ze Zz‘;), lf§{>5;»
R(Q)=~H(Q)= R X (3-15)
e s i <L
n2Q*’ 0* 2’

where H(Q) is the empirical entropy of the Q-quantized coefficients, and o’ is the
variance of the DCT coefficients. This model is a modified version of the classical R-D
formula, and assumes that the DCT coefficients of the motion-compensated difference
frame are approximately uncorrelated and Laplacian distributed with variance c’. The

distortion introduced by quantization is modeled as:

D(Q)=%,—§a?%— (3-16)
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where N is the number of macroblocks in a frame and o, is the distortion weight of the i-

th macroblock. By using Largrangian multiplier, the optimized quantization step size for

every macroblock can be obtained as:

N
o= |—2K _Si$.s,  i=lL..N. 3-17)
B—ANC «, =

where A is the number of pixels in a macroblocks, K and C are model parameters. The
details of TMNS8 rate-control algorithm can be found in [25]. Similar to other models
based on information theory, this model assumes the DCT coefficients are uncorrelated
and Laplacian distributed. Actually, there is usually some correlation left among the DCT
coefficients. On the other hand, at the lower bit-rate, the syntax overhead will be a
significant part of the frame bit budget. The estimation of the bit budget for encoding
syntax overhead information has to be considered.

3.2.2.3 VMBS rate-control algorithm
In [22], Chiang and Zhang proposed a quadratic formation of the rate distortion function.

The algorithm based on this model is adopted by MPEG4 in the Verification Model (VM)
8. By assuming the DCT coefficients are Laplacian distributed and using the mean
absolute difference as distortion measure, the following rate distortion function is

obtained:

X, *MAD _X,*MAD

R(O)=
(0) 0 %

(3-18)

where MAD is the mean absolute difference between the original frame and the
reconstructed frame, which is an indication of encoding complexity, Q is the quantization
parameter of the frame, and X;, X are the first and second order model parameters. After

a video frame is encoded, the average quantization parameter and the total coding bit-rate
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are known. Such coding statistics of a number of previous frames are then used to
estimate the model parameters X; and X, for the current frame. Similar to TM5, VM8
suffers from severe performance degradation at scene changes. Besides this, the VM8
algorithm also suffers from relatively large control error due to the limited accuracy and

robustness of its rate model.

3.3 Linear Bit Allocation Model

3.3.1 Experimental studies

Through our experiments, we found out that the relationship between the produced bit
count and the number of VLC code words in a frame or a macroblock can be
approximated by a linear function. Based on the quantization scheme in H.263, as we
have explained in Chapter 2, only the INTRA AC coefficients (INTRA MBs) and INTER
coefficients (INTER MBs) are quantized using quantization parameter OP. INTRA DC
coefficients are divided by a constant to generate the quantization indices, which has
nothing to do with the selection of the quantization parameter. Therefore, in order to treat
the coefficients differently, we define code words as the non-zero quantized indices of
INTRA AC and INTER coefficients. In our experiments, we encode several test
sequences with a series of quantization parameters (QP=5, 10, 15, 20, 25, 30) with an
H.263 video codec [88]. Let B be the number of produced bits for encoding codewords

in every frame, and C the number of the code words in every frame. In Figure 3-1, we
plot (é, C) for several test cases. We also use linear curve fitting to obtain the estimated

linear functions for every test cases, which are also listed in this figure.
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It can be seen that, at the frame layer, B is approximately a linear function of C, and this
linear relationship is independent of test sequences and quantization parameters. We also
notice that, at the lower bit-rate (larger QP), the approximate linear relationship still

holds. To examine this approximate linear relationship, we calculate the Pearson’s

Correlation Coefficient S (C,E) ,of Cand B , which is defined as:

The value of Pearson’s Correlation Coefficient varies from 0 (random relationship) to 1
(perfect linear relationship) or -1 (perfect negative linear relationship). In Table 3-1, we

list the Pearson’s Correlation Coefficient values of different test cases.

Table 3-1. Correlation coefficients of each test case

Foreman Carphone Container
QP=1 0.9994 0.9997 1.0000
QP=5 0.9997 0.9996 0.9999
QP=10 0.9987 0.9988 0.9997
QP=15 0.9976 0.9978 0.9996
QP=20 0.9970 0.9962 0.9991
QP=25 0.9964 0.9935 0.9986
QP=30 0.9952 0.9875 0.9989

From Table 3-1, we can see that the correlation coefficient is very close to 1, which

means the relationship between C and B is an approximate linear relationship.

This linear relationship can also be examined by how the DCT coefficients in a
macroblock or a frame are quantized and entropy coded. As we know, in the H.263
standard, every macroblock includes 6 blocks — 4 Luminance blocks and 2 Chrominance

blocks. After DCT, most energy of a block is compacted into the low frequency part of
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the block. The DCT coefficients are further quantized to achieve more compression. The

quantization scheme in H.263 is illustrated as follows:

EQF—J, INTRA DC Coefficient
|COF| _
LEVEL =<{| ———|, INTRA AC Coefficient (3-19)
| 2x QP

cor|-2F
‘——il@)—é— , INTER Coefficient
X

where LEVEL is the quantized indices of DCT coefficients, QP is the quantization
parameter, and COF is the DCT coefficient. For INTRA AC and INTER coefficients, the
quantization results are truncated to the nearest integer. During entropy coding, indices of
the quantized coefficients in INTER and INTRA mode macroblocks will be variable
length coded according to the VLC table, which is designed based on the probability of
codewords. In H.263, a 3-dimensional variable-length coding table is used to encode
(LAST, RUN, LEVEL) of each non-zero coefficient, where RUN is the number of
successive zeros preceding the coefficient, LEVEL shows the non-zero value of the
quantized coefficient, and LAST indicates if the coefficient is the last non-zero
coefficient in a block. The less probable combinations of (LAST, RUN, LEVEL) are coded
with a 22-bit fixed-length codeword. Part of the variable-length codes is given in Table 3-

2 [41].
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Table 3-2. Variable-Length code table for transform coefficients

INDEX LAST RUN |JLEVEL| BITS VLC CODE
0 0 0 1 3 10s
1 0 0 2 5 1111s
2 0 0 3 7 010101s
11 0 0 12 12 00000100000s
12 0 1 1 4 110s
58 1 0 1 5 0111s
59 1 0 2 10 000011001s
60 1 0 3 12 00000000101s
61 1 1 1 7 001111s
102 ESCAPE 7 0000011
Examples of 22-bit fixed-length codeword (7 bits ESCAPE, 1 bit LAST, 6 bits RUN, and 8 bits LEVEL).
0 0 13 22
0 1 7 22
1 0 4 22

Note: the last bit “s” denote the sign of the level, “0” for positive and “1” for negative

Figure 3-2 illustrates the quantization result for the same DCT coefficients in a INTER
block with different quantization parameters, QP. Here, C is the number of the non-zero

codewords, and B is the number of produced bits for variable length encoding these

codewords.
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Figure 3-2. Relationship between the number of code words and the generated bits count.

If we know the probability distribution of every possible code word and the bit count for

encoding this code word, we can calculate the average length of the Table 3-2, i.e.,

a= f p.L (3-20)

P
where p; is the probability of the i_th codeword, N is the total number of code words in
the VLC table, and L; is the bit count for encoding the code word [36]. If we define a; as
the average bit count that is used to encode the code words in a macroblock, then the total

bit count for encoding a macroblock is:
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B, =a,C(QF)+ §; (3-21)

where i is the index of the macroblock, Ci(QP;) is the number of code words with
quantization parameter QP; , f; is the bit count for coding the overhead information,
which includes the INTRA DC coefficients (if MB is INTRA mode), Motion Vectors,
and some other syntax information. Similarly, at the frame level, if we define a as the
average bit count for encoding a frame, we can get the total bit count for encoding a

frame is
N N
B=aC+f=) B =Y |a,C,(OP)+p] (3-22)
=1 i=1
where C is the total number of code words in a frame.

According to Eq. (3-19), for a specific quantization parameter QP, the number of code

words in a MB is:

K 63
C,(QP) = ».> C,(k,n,QP) (3-23)
k=1 n=0
where
1, |COF|=2.50P for INTER MB,or |COF| > 2QP for INTRA AC;
C.(k,n,QP) = ’
0, otherwise;

COF is the n_th AC coefficient in the k_th block of a MB, K (=6) is number of blocks in
a macroblock. As mentioned before, the objective of rate-control is to determine the
quantization parameter, QP, for every macroblock. As we can see from Eq. (3-23), there
exists a one-to-one mapping between the number of code words, C;, in a MB and the
quantization parameter, OP;, of this MB. Therefore, if we know the target number of
code words for a macroblock, we can easily get the quantization parameter for this
macroblock by looking up this mapping table. Different from the rate-control models

adopted in standards, which directly create a closed form formula between rate and
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quantization parameters, the linear bit allocation model creates a relationship between
rate and the number of code words. The one-to-one mapping between the number of code
words and the actual quantization parameters are then created by pre-analyzing the DCT
coefficients of the frame. Because the pre-analysis can get more accurate estimation of
the number of produced bits, this linear model is more accurate than other models
introduced before.

3.3.2 Theoretical justification
In DCT-based image/video coding, [53] have mathematically derived that the DCT

coefficients have a Laplacian distribution given by

plo) = e (3-24)
Considering a uniform quantizer, for a given quantization step size g and dead zone
threshold 0.5g, the number of code words of a Laplacian source is

0.5¢
C=N- j ie‘*l"'dxﬂv-[l— j ie—’l|xlde=N-(1~2_[—;—e"“de
[1}

|x[20.5q |xl<0.5q

(3-25)
24
=N-e ?

where N is the number of coefficients.
For a Laplacian source, let us define the distortion measure as D(x,X) = lx —)Ncl (MAE)

where x is the input symbol and X is the output symbol of quantizer. According to [26],
if a distortion D is allowable, the minimum number of bits to represent a symbol from a

Laplacian source is given by

R(D) = 1og2[—}D—) (3-26)

Considering a uniform quantizer, for a given quantization stepsize g, the corresponding

distortion is
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05¢g w (i+05)g

D(q)=2 j p(x)xde+23 j P(x)|x ~ ig|dx (3-27)
0 =l (i-0.5)g

With Eq. (3-24), we have

Dlgy= {16 (o hsin _ gt 05t (3-28)
A (I1-e™)
With Eq.(3-25), we have
I1N-C
D(C)y=——7— 3-29
© AN+C ( )
With Eq.(3-26) and Eq.(3-29), we have
1+ ¢
N+C N
R =] — = —_ -
(C)=log ¢ =logs| —¢ (3-30)
N
For % close to zero, a Taylor expansion of Eq. (3-30) yields
2C cy
R(C)= +0|| — 3-31
©)=12 (( N) j (331)

which is approximately a linear function.

The H.263 quantization scheme is given by Eq. (3-19). If we define D, (x)and D,(x) to
be the distribution of the code words in the INTRA and INTER macroblocks,
respectively, for any quantization parameter OP, the number of non-zero code words in a

frame can be obtained as follows:

C(QP)= [D,(x)dx+ [Dr(x)dx (3-32)
[xjz20P |xjz2.50P

Since in H.263 codec, the DCT coefficients are rounded to integers, D,(x) and D,(x)

are actually histograms of the DCT coefficients, and Eq.(3-32) becomes

C= > D;x)+ ».Dp(x) (3-33)

|x[z20P |x|z2.50P
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3.3.3 Model parameters
The only parameters of the proposed model in Eq. (3-22) are a and f. The physical

meaning of the model parameters, « and f, is the average length of the code words in a

frame and the bits used for encoding the overhead information in a frame, respectively. In

our experiment, we also calculate the model parameters, a and f, of every frame. Figure

3-3, and 3-4 show the results.

In Figure 3-3, we can see that, if we encode the same video sequence with different

quantization parameter QP, the model parameter a for different streams is approximately

the same. On the other hand, from Figure 3-4, we can see that the model parameter f

changes drastically within a stream. However, for different streams encoded with

different quantization parameters, S follows the same profile and, at the lower bit-rate

(OP>10), the model parameter § of a frame is similar to that of the other streams coded

with a different OP.

In summary, based on the experiments and analysis, we can reach the following

conclusions:

=  For each frame in a video stream, the relationship between the number of produced
bits and the number of code words in a frame can be approximated by a linear
function.

= When encoding the same video sequence with different quantization parameters, the
model parameter a for different streams is approximately the same.

= When encoding the same video sequence with different quantization parameters, the
model parameter f§ for different streams is different. At the lower bit-rate, § of the

same frame in different streams have a similar value.
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Based on these results, the produced bits for encoding a frame can be estimated from the
number of code words in this frame. For the same video, the model parameters from the
incoming video stream can be reused for the transcoder bit allocation and rate-control.

The detailed algorithm is described in the next chapter.

3.4 Summary

In this Chapter, we first reviewed the problem of video rate-control and some existing
model-based solutions. Based on our extensive experiments and analysis, we developed a
new bit allocation model for macroblock layer rate-control. With Shannon’s source
coding theorem, we provided a theoretical proof for this bit allocation model. We have
also discussed the physical meaning of the model parameters, and how these parameters
can be reused in transcoding. In the next chapter, based on this model, a rate-control

algorithm for H.263 video transcoding will be developed.
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Chapter 4. Rate-control for Video Transcoding
4.1 Macroblock Layer Bit Allocation Algorithm

4.1.1 Algorithm based on the linear bit allocation model

An efficient transcoder should be able to reuse as much information from the incoming
video as possible. Such information includes motion vectors, modes of macroblocks, and
other syntax information. Based on analysis in Chapter 3, we prove that the model
parameters, a and f, from the incoming video stream can be reused to control the output
bit-rate of the video transcoder. In the video transcoder, after decoding an incoming video
frame, we know the number of bits that are used for encoding the whole frame, B, and
bits that are used for encoding frame header information, code words, motion vectors,

and other syntax information. In this work, what we are interested in is the number of

code words, C, and the number of bits for encoding these code words,]?. Then we can

calculate the model parameters, a and f, of an incoming frame as

_B_B-p )
a=c=—7o" @1

Based on our analysis in the previous chapter, we know that o is independent of the
quantization parameters. Therefore, during the encoding phase, parameter a from the
incoming video stream can be reused as a reference to estimate the produced bit count of
every frame. In order to estimate the produced bit count by using Eq. (3-22), we have to
know the number of code words for every possible quantization parameter,

{C(OP),0<i<N-11<QP <31}, where i is the macroblock index, QP; is the

quantization parameter, and N is the number of macroblocks within a frame. According
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to Eq. (3-23), after transcoding and obtaining a new set of DCT coefficients, we can

analyze the DCT coefficients and get the table of Cy(OP)).

N-1
Let C(QP) be the total number of code words for a frame, i.e. C(QP) = Z C.(OP),and B

i=0
and B; (i=0,1,...,N-1) the target bit number to be allocated to a frame and the i_th
Macroblock respectively. If we use the same frame layer rate-control scheme as TMNS,

B is determined by the target bit-rate R, the target frame rate F, and the buffer fullness

B=%-A [24], and B; is adaptively determined for each macroblock. The goal of

macroblock layer bit allocation is to match the sum of B; to B. From the incoming video
stream, we can get the average « as in Eq. (4-1). Here, we first assume that we can know
the total bit count, B, for encoding the overhead information of the output frame.
Actually, this information can only be obtained after encoding the whole frame. In a later
part, we will introduce a heuristic method for estimating f. We define B as the bit target

for encoding the total code words in a frame, i.e.
B=B-B, . -BN (4-2)

where Bheader is the number of bits for encoding the picture header, which can be known

before encoding a frame, B is the average bit number for encoding the overhead

information in a macroblock and N is the total number of macroblocks in a frame.

Then, initially, we can estimate the total number of the code words in the output frame

by:

C(oP) = (4-3)

R | o

By searching the table {C,. (QP, )}, we can get a reference quantization parameter QP as
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OP,, =argmin|C(QP,) - C(QOP)| (4-4)

and the reference code words number of the output video frame C(OP, as

C(OP,) =Y C/{QP.) @-5)

i=0
QOP,.s is used as the reference quantization parameter for the frame and is a syntax

element in the frame header. QP, is also used for encoding the first macroblock. After
encoding the i th macroblock, we can know the produced bit number, Ei , for encoding
the code words, C;, in this macroblock. Then we can calculate the bit budget for encoding

the remaining macroblocks, ﬁ,’il ,as
BE =BF-B, i=0--N-1, BF=B (4-6)
If we define Ei" as the total produced bits for encoding the code words in the previous i

macroblocks, and C? as the number of code words in the previous 7 macroblocks, we can

update the model parameter, a4, for the remaining macroblocks as
., =—— (4-7)

where B? = B?, + B, Br =0,C? =C?, +C,,C? =0,a, = i=0--N-1.

Then the estimated number of code words in the remaining macroblocks, C,, can be
calculated as
Bf
Ch ==L @*8)

Using a similar method as in Eq. (4-4) and Eq. (4-5), we can calculate QP;.; for encoding

the (i+1)_th macroblock as
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QP,, = argmin|C(QP,) - C}

i+l

, r=i+l-,N 4-9)
After selecting the QP;., the (i+1) th macroblock will be quantized and entropy coded.

In this scheme, the quantization parameter QP; is only determined by the bit allocation
algorithm. However, in order to keep a smooth video quality, the H.263 standard requires
that the difference between quantization parameters for two successive macroblocks not

be greater than 2 [41], i.e,

OP,, - QEl <2, 0<i<N-1. Therefore, if the difference

between the quantization parameter obtained from Eq. (4-9) and the previous
quantization parameter is greater than 2, the new quantization parameter has to be
adjusted. This constraint can also help us save some computational cost. After encoding a
macroblock with quantization parameter QP;, the quantization parameter for encoding the
next macroblock could only be in {QP-2, OP~1, QP; QPi+1 QP;+2}, so, in Eq. (4-9),
we do not have to search the number of the non-zero coefficients for the other
quantization parameters. In this scheme, after encoding every macroblock, we adaptively
update the model parameter « according to the statistical information from previous
encoded macroblocks to ensure the linear relationship between the bit budget and number
of code words for the remaining macroblocks, which makes the number of produced bit
meet the bit budget accurately.

In the above analysis, we assume that, before encoding a frame, we already know the
produced bits, 8, for encoding the overhead information, which includes frame header,
motion vectors, DC coefficients, and other macroblock-layer syntax information.
However, B can only be known after encoding the whole frame. For example, m the
H.263 basic option, if the quantization parameter of a macroblock is different from that of

the previous macroblock, there is a 5-bit penalty for changing the quantization parameter.
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Specifically, 2 bits are used in the syntax element DQUANT to indicate the difference
between the values of two quantization parameters, and three additional bits are needed
on average in the syntax element MCBPC to indicate that the value of QP in the current
macroblock is different from that in the previous macroblock [25]. In this case, before
getting the quantization parameter, OP, for the macroblock, we can not know if a
DQUANT field is required in the macroblock header. At a high bit-rate (smaller OP), the
amount of B is only a small part of the total bit budget, but at a lower bit-rate (larger OP),
B is a significant part of total bit budget. For example, in our experiments, if we set the
target bit-rate to 20Kbps, frame rate to 10 frame/s, then the bit budget for encoding every
P frame is about 2000 bits. After encoding, the average /5 is about 1000 bits, which is half
of the total bit budget. Therefore, estimation of § has a significant effect on the bit
allocation. In this work, we use a heuristic method based on linear regression to estimate
the model parameter . Based on the analysis in Chapter 3, we know that, at the lower
rate, § of the same frame in different video streams has a similar value. Therefore, we can
reuse the B information from the incoming video stream. At the higher rate, we can pre-
assign an average value as an initial . Before encoding a frame, we can know the total
bit number for encoding the picture header, so we only consider £ as the bit number for
encoding the overhead information of the macroblocks in a frame. Then, before encoding

a frame, we can calculate the average § of every macroblock as

— B
= 4-10
B N (4-10)
After encoding the i_th macroblock, we can get the actual bit number of §;. We define

B as the total bit number for encoding the overhead information in the previous i

macroblocks, i.e.
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Bl =pL+B,i=1-N, B =0 (4-11)
Then we can calculate the average f; for the previous i macroblocks as
B, =+ (4-12)
and calculate the average B; for the remaining (N-i) macroblocks as

—Rr iinP +(N—i)><-,3—
B = B

(4-13)

Finally, Ef

is used to estimate the total bit number for encoding the overhead

information in the remaining (N-i) macroblocks as

BE =B, x(N=i) (4-14)

The above procedure for the proposed bit-rate-control algorithm is summarized as

follows:

Stepl: Decode the incoming P frame into DCT coefficients; calculate the model
parameters a and f of the frame. Perform transcoding and get the new DCT
coefficients of the frame;

Step 2: Analyze the DCT coefficients of every MB and calculate the table of the code

words {C,(QP),1<QP <31, 0<i< N -1} asin Eq. (3-23); Calculate the target

bit count, B, reference quantization parameter QP,.;, and reference code words
count, C(QP,p as in Eq. (4-2), Eq. (4-3), and Eq. (4-4); Calculate the average B
for all macroblocks as in Eq. (4-10);

Step 3: Calculate the model parameter a;, quantization parameter OP; as in Eq. (4-7) and

Eq.(4-9). Transcode the current macroblock.
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Step 4:Let S, and ]3’,. be the number of bits produced for encoding overhead information

and code words in the current macroblock. Update ﬁf and Tli"fe as in Eq. (4-6)
and Eq.(4-13).
Step 5: Let i=i+1. If i<N, go to step 3, otherwise go to step 1 for the next frame.

4.1.2 Algorithm implementation and complexity

In this algorithm, the model parameters, a and f, are updated after encoding every
macroblock. The only extra complexity introduced is the calculation of the code word
table, {Cy(QP;), 0<i<N-1, 1<QP;<31}, by pre-analyzing the DCT coefficients. As
indicated in Eq. (3-23), we only need to compare the absolute value of DCT coefficients,

|COF|, t02.50P or 2QP , but do not have to really quantize the coefficients. Moreover,

due to the non-increasing property (for the same DCT coefficients set in a MB,
quantization with a larger QP will always have fewer or equal number of code words) of
quantization, the pre-analysis can be optimized in the real implementation. When we find
that the code word number at a certain QP; is zero, then, instead of calculating the code

word number at other OPs that are larger than QP;, we can directly set them to zero. The

algorithm for initializing the code word table is described as follows.




As we can see from the algorithm, since in INTER frames, DCT coefficients are zero or

very close to zero, most comparisons in the algorithm can be skipped. Since in most low
bit rate encoding cases, the smaller QPs are never used, the algorithm can be further
optimiied by reducing the QP candidate set. In addition, step 3 searches the code word
table and finds a QP; that can make the produced bits close to the bit budget. As
mentioned above, due to the constraint of the QP range in the H.263, we only need to
search {QP;; ~2, QP:; —1, QPii, QPi.i +1, QP +2}, instead of searching the whole set
of quantization parameters.

4.1.3 Performance evaluation and analysis

The proposed rate-control scheme has been implemented in a H.263 video transcoder
based on [88]. Comparisons between results achieved by our rate-control method and by
the TMNS8 rate-control method are discussed in this section.

For our experiments, several test sequences in QCIF format are used. The test sequences

are first encoded with unified quantization parameter QP=1. Every test sequence is
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encoded with only 1 I frame followed by P frames without any rate-control scheme.
Table 4-1 shows the average PSNR, achieved average output bit-rate, and average frame

bit count of these test sequences.

Table 4-1, Test sequences for transcoding.

Frames PSNR(Y, dB) | Bit-rate (Kbps) | Bits/frame
Carphone 11,250 P 48.50 2002.69 66,756
Foreman 11,250 P 48.81 2366.82 78,893
Salesman 11,250 P 48.34 1192.54 39,751
Suzie 11,149 P 48.54 1442.68 48,089

Then, the resulting H.263 test sequences are sent into the video transcoder, which uses
TMNS8 and the proposed rate-control schemes. The transcoding output frame rate is set to
10 fps.

First, we want to examine the bit allocation based on the proposed model and the model
of the TMNS. Figure 4-1 shows the bit allocation at different channel bandwidths with
the proposed allocation scheme and the TMNS. For a fair comparison, we did not use any

frame-layer rate-control scheme in this experiment, so the bit budget for every frame is

constant,%, in both the TMNS and the proposed bit allocation scheme. With the

proposed algorithm, the number of bits produced by each frame is well matched to the
target bit-rate or the channel bandwidth. Especially at the lower bit-rate, the bit allocation
with the proposed scheme is more accurate than that with the TMNS.

To measure rate-control performance, we define the normalized deviation as

Actual bit counts — Bit budget
Bit budget

%x100% . The normalized deviation with different rate-

control schemes is plotted in Figure 4-2. It can be seen that when compared to the TMN8
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rate-control algorithm the proposed algorithm yields a much smaller deviation at all

target rate levels.
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Figure 4-1. Bit allocation resuit at different channel bandwidth with the proposed scheme
and TMNS. In this figure, the x-axis is the number of frames, and the y-axis is the number
of produced bits (x10%).
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the x-axis is the number of frames, and the y-axis is the value of normalized deviation (%).

In Figure 4-3, we plot the number of bits in the buffer for each transcoded frame when

the proposed rate-control algorithm and the TMN8 algorithm are applied. From these
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experimental results, we can see that the proposed rate-control algorithm can keep a
stable buffer occupancy level.

In this experiment, we assume the maximum buffer delay is one frame. When the buffer
occupancy is larger than the size of one frame% , the following frame will be skipped.
In the “Salesman, 20K” test case, when using the TMN8 rate-control scheme, there are
two frames which are skipped: frame 169 and frame 178. However, with the proposed

rate-control, no frame is skipped at these two points.
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Figure 4-3. Comparison of the number of bits in the buffer. In this figure, the x-axis is the
number of frames, and the y-axis is the number of bits in the buffer (x1 0°). The dash line is
the threshold (R/F) of skipping frame.
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Table 4-2 summarizes the result of the Average PSNR, the achieved bit-rates, and

average normalized deviation for our proposed method and the TMNS.

Table 4-2. Result of average PSNR, bit-rate, and normalized deviation

Target Bit TMNS Proposed
bit | budget “Average [ Achieved | Average | Average | Achieved | Average
rate | /frame | pgNR | Bitrate | Normalized | PSNR | Bitrate | Normalized
(Kbps) (dB) | (Kbps) | Deviation(%)| (dB) | (Kbps) | Deviation(%)

Carphone | 128 | 12800 | 38.60 | 128.80 0.74 38.87 | 128.09 0.15

96 | 9600 | 37.47 | 9648 0.58 3751 | 96.06 0.18

64 | 6400 | 3574 | 64.44 0.65 35.76_| 64.05 0.20

56 | 5600 | 35.19 | 56.49 0.84 3519 | 56.05 0.22

48 | 4800 | 34.58 | 48.40 0.86 34.56 | 48.06 0.23

32 | 3200 | 33.04 | 3244 1.39 33.03 | 32.04 0.41

20 | 2000 | 31.29 | 20.46 2.40 31.34 | 20.11 1.05

16| 1600 | 30.561 | 16.49 413 3059 | 16.33 2.87
Foreman | 128 | 12800 | 36.41 | 128.88 0.69 36.59 | 127.74 0.48

96 | 9600 | 3541 | 96.83 0.97 3538 | 95.78 0.51

64 | 6400 | 33.87 | 65.03 1.58 33.80 | 63.81 0.61

56 | 5600 | 33.38 | 57.05 1.82 33.32 | 55.84 0.63

48 | 4800 | 32.81 | 49.01 2.04 32.76 | 47.91 0.59

32 | 3200 | 3140 | 32.93 2.81 31.33 | 32.01 0.65

20 | 2000 | 29.64 | 20.85 4.09 20.70 | 20.07 0.68

16| 1600 | 28.75 | 16.80 4.78 28.88 | 16.24 1.63

From Table 4-2, we can see that for all test cases, the proposed algorithm can provide
accurate bit allocation and improved video quality. In all test cases, the achieved bit-rate
of the proposed algorithm is lower than that of the TMNS, but the corresponding PSNR
value of the proposed algorithm is higher than that of the TMNS. At low bit-rate, the

average normalized deviation of the proposed algorithm is much smaller than that of the

TMNS.

4.2 Scene Context Based Frame Layer Rate-control

4.2.1 Scene context based frame layer rate-control for transcoding

In the previous rate-control algorithms adopted by standards, the frame layer rate-control
did not consider the visual content of a video sequence, or only use a simple measure,
such as variance or complexity, to adjust the bit allocation. These rate-control strategies

work well for normal video sequences. However, they can not handle the non-stationary
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nature of digital video efficiently. In most existing rate-control schemes, the information
obtained from previously coded pictures is utilized for estimating the target bits for the
current picture. However, if a scene change occurs, information obtained from previously
coded pictures is no more useful and even can cause visual quality degradation in the
pictures following the scene change [70]. A scene change represents any distinctive
difference between two adjacent video frames. It includes rapid motion of moving objects
as well as changes to different visual content. Saw [78] has classified scene variations
into different categories, including general scenes, rapid motion, panning, zooming, and
scene cuts. Different metrics have been introduced in the literature to describe the non-
stationary nature and scene variation of digital video scene.

In order to measure the visual content of a video frame, different measurements are used,
such as complexity in MPEG-2, variance in H.263, and average motion vectors, etc.
Similar as in [25], in this work we use the average variance of a frame as the energy

measure of a frame, which is defined as

1N—1 N-1 6x64
ave var)=—» o 4-15
_vark) NZO = e N;;(p, ok (4-15)

where p; is the pixel value of the luminance and chrominance components in a
macroblock, ; is the mean value of the macroblock, and N is the number of macroblocks
in a frame. Because the DCT is an orthogonal transformation, o7 is also the variance of

the DCT coefficients of a macroblock. By using the energy preservation property of DCT

transformation, we can easily calculate ¢} in the DCT domain. Figure 4 shows the

average variance of three test video sequences with different visual content and

movement.
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Figure 4-4. average variance of different test sequences.

Besides visual content, scene change is another critical element that affects video quality.

In [78], the variance between two pictures is used to detect the scene change. It is defined

as.
ROW -1 COL-1 )
Z Z(d!f(kals.])*#dzf)
dif (k) = —=2I=° 4-16
var_dif (k) ROW x COL (4-16)

where the indices i and j represent the pixels in the row and column directions
respectively, ugs is mean value of the difference picture, diffk), which is obtained by
subtracting the previous picture from the current picture on a pixel-by-pixel basis. ROW

and COL represent the number of pixels of a row and column. In [70], the signed
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difference of mean absolute difference (MAD) is used to detect the scene change. It is

defined as:

SDMAD (k) = MAD (k) - MAD (k —1)
ROW —-1COL -1

Y. 2 (dif (ki j) - dif (k =14, /) (4-17)

i=0  j=0

ROW x COL
In these two schemes, we must have the picture pixel value to detect scene changes.
However, in DCT domain video transcoder, we can only get the DCT coefficients of the
incoming video. In this work, we simply use the percent of INTRA mode blocks in an
INTER frame to detect the scene change, i.e.

Number of INTRA Coded Macroblocks
Number of Macroblocks in a Frame

SCD =

x100% (4-18)

SCD can be calculated after variable length decoding the incoming video. In our
experiment, we cascaded several different test sequences, and use this scene change

detection method. Detection results are plotted in Figure 4-5.
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Figure 4-5. SCD of a typical H.263 coded video sequence.
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In this work, we select 40% as the scene change detection threshold, i.e., if the percent of
INTRA block in a frame is higher than 40%, a scene change occurs. By utilizing the
scene change detection and frame variance, we can allocate bits to every frame based on

its variance and type. The detailed algorithm will be introduced in the following section.

4.2.2 Frame-layer bit allocation for H.263 video transcoding

For video transcoding, the INTRA (I) frames are very important for the quality of
reconstructed frames because motion compensation of the following frames is dependent
on the quality of INTRA frames. Considering that INTRA frames appear seldom and
irregularly, we should transcode the INTRA frames at high quality. In the proposed
scheme, if the incoming video frame is an INTRA frame, we use unified quantization
parameter (QP=5) to transcode it. Since encoding INTRA frames will produce large
number of bits, physical size of the buffer must be larger than the bit number of the
INTRA frames. To keep lower buffer delay, several frames after the INTRA frame may
have to be skipped.

After variable length decoding the incoming video frames, we calculate the percent of
INTRA blocks in the INTER frames. If the percent of INTRA blocks is greater then 40%,
a scene change occurs. In this case, we encode the first INTER frame after the scene
change as INTRA frame. Therefore, the quality of frames after the scene change is not
affected.

At the frame layer, instead of making the bit target of every frame meet channel
bandwidth, as in the TMNS, we make the bit budget of a group of picture (GOP) meet the

channel bandwidth. Different from the GOP structure in the TM3, the length of a GOP N
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is predefined and a GOP only contains INTER frames. Then, the bit budget for encoding

a GOP is defined as:
Boop = (%)xN+A (4-19)

where 4 is the number of left bits from encoding the previous GOP. Here, we should
know that the Bgop includes bits for encoding DCT coefficients in a frame and bits for
encoding frame header, motion vectors and syntax information. For simplification, we
only consider Bgop as bit target for encoding all DCT coefficients in a GOP. Inside a
GOP, the bit budget is allocated according to the energy and frame types of individual
frames. Inside a GOP, P frames are allocated more bits then B frames. In this work, the
bit budget for the first B frame is half of that of the first P frame. Based on this rule, we
can know the bit budget for all P frames and B frames in a GOP respectively. For the
frames with the same type, bits are allocated to every frame according to its energy,

which is measured by the average variance of a frame. Then, for P frames, we have

~  Blopxave_var() Bl ave_var(i)

B, = 2< = (4-20)
Z ave _var(i) P ave_var
i=1

1

where 13’,. is the bit budget for encoding DCT coefficients of the i-th P frame in a GOP,

and ave var is the average variance of all P frames in a GOP. In the proposed scheme,
we define B gop(i) as the total bit number for encoding the first i P frames in the GOP,
Le.,

Bgc)P ()= B(};OP (i-D+ B,

4-21)
BL.(0)=0, i=012--N (
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Because the average variance of the GOP is unknown, we use the average variance of the
previous i P frames with the same type as ave_ var and updated it after encoding every

frame, i.e.,

ave var = ! > ave_var(j). (4-22)

L
Then, we have the bit budget for the (i+1)_th P frame as

~ Bl ave var(i+1)
i+l ’

, (4-23)
l ave_var

The bit allocation equation for B frames can be obtained similarly. Similarly as in TMNS,
we use the average of the previous frames to estimate the number of bits used for
encoding the overhead information. In order to keep the buffer delay, when the buffer
occupancy exceeds a predefined threshold, which is used to control the maximum buffer
delay, the following frame is skipped until the buffer occupancy is lower than the
threshold.

4.2.3 Performance evaluation and analysis

The proposed rate-control scheme has been implemented in a video transcoder. The
structure of the transcoder is illustrated in Figure 4-6.

In this transcoder, after variable length decoding the incoming frame, the percent of
INTRA blocks in the INTER frames is calculated in the Scene Change Detection (SCD)
module. After de-quantizing the code words and getting DCT coefficients, we calculate
the average variance of the video frame as the frame variance. Frame layer rate-control
module (FRC) combines the scene change, frame energy, and buffer feedback to allocate
the bit budget for every frame. At the macroblock layer, proposed algorithm in the

previous section is used. Comparisons between results achieved by our bit allocation
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method and by the bit allocation in the TMNS rate-control method are discussed in this

section.

e R
=eruffer H)

Figure 4-6. Structure of the rate adaptation transcoder.

In our experiments, several test sequences with different scene variations in QCIF format
are used. The test sequences are first encoded with unified quantization parameter QP=3.
Every test sequence is encoded with only 1 INTRA frame followed by INTER frames (B,

P) without any rate-control scheme. The results are summarized in Table 4-3.

Table 4-3. Test sequences

Sequence Name | Frame Patterns | Achieved PSNR (dB) Achieved Bit-rate (kbps)
Carphone IBBPBBP.. 40.89 432.02
Foreman IBBPBBP.. 39.55 754.04

Table tennis IPPPPPP.. 39.31 786.01
Cascaded IPPPPPP.. 41.25 274.02

The resulting H.263 test sequences are sent into the video transcoder, which uses TMNS
and the proposed bit allocation schemes. If the incoming frame is an INTRA frame or an

INTER frame after the scene change, it is transcoded as an INTRA frame with OP=5.
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Figure 4-7. Comparison of transcoding video quality. In this figure, the x-axis is the frame
number, the y-axis is the PSNR (dB).

Figure 4-7 plots the achieved PSNR per frame for two of the test cases. We can see that
the proposed rate-control can obtain better visual quality than the bit allocation scheme in

the TMNS. In the “Cascaded” test case, the proposed scheme detects scene changes and
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encodes the first INTER frame after the scene change as INTRA frame. The visual

quality after scene change is much better than that of the TMNS.
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Figure 4-8. Rate-Distortion of different test cases. In this figure, the x-axis is the achieve
bit-rate (Kbps), the y-axis is the achieved average PSNR(dB) for INTER frames.

Figure 4-8 illustrates the approximate Rate-Distortion curve of different test cases and
rate-control schemes. Because the proposed rate-control allocates more bits to the frames
with higher scene variations and frames at scene changes, and allocates fewer bits to
frames with lower scene variations, the achieved PSNR is higher than that of TMNS at

the same achieve bit-rate.
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Table 4-4. Result of average PSNR, bit-rate, and normalized deviation.

TMNS Proposed
Target PSNR | Achieve Average PSNR | Achieved Average
Bit-rate (dB) Bit-rate | Normalized | (dB) Bit-rate Normalized
{kbps) {kbps) Deviation {kbps) Deviation
Carphone 64 36.26 61.94 0.87 39.07 62.20 0.17
48 35.00 46.74 1.01 37.43 46.77 0.22
32 33.36 31.14 1.48 35.54 31.34 0.38
Foreman 64 31.49 59.97 1.19 34.04 65.97 0.53
48 30.53 45.94 1.52 32.76 48.91 0.52
32 29.32 32.29 2.49 31.09 32.72 0.84
Table 64 34.15 64.01 1.76 35.32 63.97 0.50
Tennis 48 32.34 48.45 2.10 33.47 47.97 0.63
32 30.47 32.71 3.40 31.64 31.98 1.62
Cascaded 64 43.76 64.64 1.21 46.52 63.99 0.46
48 41.81 48.98 2.07 44.40 48.00 0.41
32 39.04 33.23 3.83 41.98 32.00 047

Table 4-4 summarizes the average PSNR, the achieved bit-rate and average normalized
deviation of the proposed rate-control scheme and the TMNS. For all test cases, the
proposed algorithm can provide accurate bit allocation and improved video quality.
Especially for test sequences with higher scene variations, the average gain of PSNR is

more than 1dB.

4.3 Summary

In this chapter, we have presented a new macroblock layer bit allocation algorithm based
on the bit allocation model proposed in the previous chapter. We also proposed a
heuristic method to estimate the coding syntax overhead. Furthermore, assuming a CBR
target channel, we proposed a frame layer rate-control algorithm, which allocates more
bits to frames with higher scene variations and frames after scene changes. Experimental
results show that the proposed algorithm effectively alleviates visual quality degradation
of frames with higher variations and frames after scene changes. For the macroblock
layer rate-control, the proposed scheme can provide accurate control and stable buffer

occupancy. Because all information required by frame bit allocation and macroblock
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layer rate-control can be calculated from the incoming video on the DCT domain, the
proposed scheme can be used for DCT domain video transcoders for transmitting digital

video over heterogeneous networks.
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Chapter 5. Real-Time Video Transcoding and
Transmission over Wireless Channels

5.1 Rate-control for VBR Transcoding

Due to the variety of different networks comprising the present communication
infrastructure, a connection from the video source to the end user may be established
through links of different characteristics and capacities. In the interactive video
application, the bit-rate of the compressed video was usually adjusted by the source
encoder to match the available capacity of the most stringent link used in the connection.
The visual quality has to be sacrificed because the encoded video bit-rate has to match
the “weakest link”. Recently, the increasing demand for mobile communications has
resulted in the extensive use of wireless communication technology. Transmission of real
time video over wireless networks is challenging because of the delay constraints
involved, and because of the negative impact of channel errors on the perceptual quality
of video at the decoder. Uncorrected channel errors may result in significant quality
degradation at the decoder. To achieve high video quality at the decoder requires error
control techniques to be used for video communications. These techniques can be
roughly categorized into open-loop (e.g., forward error correction, FEC) and close loop
(e.g., automatic repeat request, ARQ). FEC codes can be chosen to guarantee certain
error rate requirements for the worst channel conditions. However, this causes
unnecessary overhead and wastes bandwidth when the channel is in a good state. In
addition, for bursty error channels, i.e., errors tend to occur in clusters during fading
periods, FEC can not correct the error if the whole packet is corrupted. Using ARQ error

control for video communications over wireless channels has been selected as an
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alternative to a purely FEC-based approach, because retransmission is only required
during periods of poor channel conditions.

In the current wireless video communication systems, the wireless link is usually an
extension of the wired network, i.e. the wireless access point is a node of the wired
network and mobile terminals connected to the access point through a point-to-point link.
Moreover, the video source encoder is not generally located right at the wireless access
point or base station. Through a video transcoder located at the wireless access point, the
video bit-rate can be adapted at the wireless access point without the delay that could be
incurred in transmitting the channel information back to the source encoder. In this
chapter, we concentrate on how a real time wireless video system can be supported by an
ARQ error control scheme and rate adaptation transcoding techniques. To take full
advantage of the error control capabilities of the ARQ scheme, we propose to combine
the ARQ feedback mechanism with the transcoding mechanism at the video transcoder,
by which one can achieve an intuitively appealing result: the rate for the transcoded video
is reduced during the periods of poor channel conditions.

5.1.1 Delay and buffer constraints on transcoding

Video Source Wireless Access Point Video Client
Video Video Encoder High bandwidth, Transcoder Decoder Video
Input Encoder low error rate, output
_CBRchaanel__ _ g \ gl » |
] Wireless b
Video channet Video
Transcoder Decoder
| De ] De_b ] Dec | Dt | Dtb I Dtc Ddb | Dd §

|
I | f I 1 ] 1 T 1

Figure 5-1. Wireless video communication system with transcoder

In this chapter, we define a wireless real time video transmission system with a
transcoder as illustrated in Figure 5-1. In this system, the video source is connected to the

wireless access point through a high bandwidth, low error rate, CBR channel, therefore,
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the transmission between the video source and access point is assumed to be error-free.
The video client is connected to the wireless access point through a wireless channel. The
video transcoder, which is located at the access point, is responsible for dynamically
adapting the video transmission rate from the high bit-rate channel to the lower bit-rate
channel. For real time captured video, each frame is captured, processed and finally
displayed in real time within a predefined delay interval. Such delay interval is referred to
as the end-to-end delay of video transmission. We assume here video frames are played
at the same frame rate as they are encoded at the video source. Under these conditions,
the end-to-end delay per frame, D, will have to be constant. Each frame captured at the
video source at time 7 will have to be decoded and available for display before time #+D.

In the defined system, an ARQ error control scheme is used on the wireless channel. The
effective channel rate is variable due to the retransmission when the channel is in a bad
state. Therefore, a buffer is also needed at the transcoder to smooth out the mismatch
between the transcoding rate and the effective wireless channel rate. Intuitively, the
transcoder should adjust its transcoding ratio according to the effective channel rate in
order to keep the buffer without overflow. Traditionally, rate-control has been studied
from the point of view of memory, i.e., rate-control was required to avoid overflowing
the available buffers at the encoder and decoder. However, in what follows we will
assume that sufficient physical memory is available and formulate the problem only from
the point of view of end-to-end delay. In the defined system, the video transcoder will
drop a frame, if it arrives at the decoder too late to be decoded. Clearly, frame skipping at
the transcoder results in quality loss, especially when motion compensated video coding

is used.
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Let us assume that a video is encoded and transmitted at a fixed frame rate F. At the
decoder side, the video is decoded and displayed at the same frame rate F. As illustrated
in Figure 5-1, the end-to-end delay each frame experiences (from the time it is obtained
from the video input to the time it is placed in the video display) consists of several delay
components as in Eq (5-1).

D = D, (Encoding Processing Delay)
+ D,, (Encoder Buffer Delay)
+ D, (CBR Channel Delay)
+ D, (Transcoding Processing Delay)
+ D, (Transcoder Buffer Delay)
+ D, (VBR Channel Delay)
+ D, (Decoder Buffer Delay)
+ D, (Decoder Processing Delay)

(5-1)

As introduced in the previous section, in the above equation, the processing delay in the
encoder, transcoder or decoder depends on the computer power, and the transcoding
complexity can be much lower than that of the encoding process. Therefore, we can
assume the processing delay components are constant and can be neglected. Since we
assume that the link between the video source and wireless access point is a high
bandwidth, CBR channel, and the link between the access point and the video client is a
point-to-point wireless channel, the variation of the channel delay is comparably small.
Thus, we assume the channel delay components are also constant and can be neglected.
Under these assumptions, the end-to-end delay will only consist of the buffering delay
components as in Eq. (5-2).

D=D,+D,+D, (5-2)
After the first frame is encoded, it will be sent into the encoder buffer, which is empty at

this time. In general, it is possible for encoder buffer underflow to occur if transmission
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starts at the same time as the encoder puts the first bit into the buffer. On the other hand,
at the decoder buffer, which is also empty for the first frame, underflow will occur if
decoding starts at the same time as the first bit of the first frame arrives. In practice, this
is prevented by starting the transmission and decoding after a certain initial delay. The
same initial delay is also necessary for the transcoder buffer. Therefore, the end-to-end
delay for the first frame is given by the sum of the initial delays. To simplify the analysis,
we define the system initial delay D, i.e., the first frame will be encoded at time ¢ and will
be decoded and displayed at time ¢+D. The overall delay that any following video frame
will experience has to remain constant as D. Under this constraint, the system will
function normally as long as the decoder buffer does not overflow and underflow, which
prevents the video data from being lost and guarantees that the decoder has received the
data of a video frame before it is scheduled to be displayed, respectively. Since, in the
most general case, the decoder is capable of removing bits from its buffer faster than bits
arrive, therefore, decoder buffer overflowing will not occur; hence, the goal of the system
will be to avoid decoder buffer underflow. The decoder buffer is said to underflow when
the decoder must display a new frame (which happens for real-time video applications),
but no new frame has been decoded, i.e., the end-to-end delay of this frame exceeds the
required delay.

5.1.2 Buffer analysis of VBR transcoders

In this section, we will analyze the conditions that the encoder buffer and transcoder
buffer have to meet in order to prevent the decoder buffer from underflowing within the
end-to-end delay constraints. In [73], Reibman et al. have proven that for a CBR video
system without transcoder, it is possible to prevent the decoder buffer from overflowing

or underflowing simply by ensuring that the encoder buffer never underflows or
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overflows. Therefore, when the decoder buffer underflow does not occur,

i.e.,B,(t+D)>0, the encoder buffer occupancy should be B,(f) < B, . On the other

hand, when the decoder buffer overflow does not occur, ie.,B,(+D)< B? . the

max 2

encoder buffer occupancy should be B,(#) > 0. Therefore, the decoder buffer underflow

and overflow can be prevented by simply controlling the encoder buffer occupancy such

that 0 < B,(f) < B:, at any time 7. Note that the maximum buffer occupancy B, is

determined by the end-to-end delay, D, rather then by physical memory considerations,
given that there is sufficient memory available at the encoder and decoder. In [13],
Assuncio et al. have analyzed the effect of inserting a transcoder along the CBR
transmission path. For transcoders with either fixed or variable compression ratio, they
proved that the encoder buffer size can be maintained as if no transcoder existed while
the decoder has to modify its own buffer size according to both the bit-rate conversion
ratio and transcoder buffer size. They also derived the conditions that both the encoder
and transcoder buffers have to meet in order to prevent the decoder buffer from
overflowing or underflowing. However, if the target channel is a VBR channel, the buffer
constraints of the encoder and transcoder need to be analyzed. In this section, we will
derive the corresponding buffer constraints for the encoder and transcoder. Different from
[13], in which the encoder and decoder buffer size is a major concern, in this work, we
focus on the delay involved by inserting a transcoder and the transcoder buffer

constraints for preventing the decoder buffer from underflowing.
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Figure 5-2. Buffering with variable transcoding ratio for VBR channel

As illustrated in Figure 5-2, the encoded video is sent into the encoder buffer at rate r(z),
and the video data in the encoder buffer are transmitted to the transcoder at the constant
rate R;. At the transcoder, the transcoding is modeled as a scaling function A(r) which is
multiplied by #(?) and produces the transcoded video at rate r,ie.,

r ()= @) r(t) (5-3)
The effect of multiplying £(z) by r(f) can be seen as equivalent to reducing the number
of bits used in the video frame encoded at time ¢z. The output of the decoder buffer
consists of a delayed version of #'(f). In the system of Figure 5-2, transcoding is
performed on the CBR R; which consists of the video data units of r(z) after the encoder
buffering delay, defined as the delay D,(?) that a video frame encoded at time ¢ waits in
the encoder buffer before being transmitted.
If we define the initial delay of the transcoder buffer as Dy, the buffer occupancies of the

encoder, transcoder, and decoder buffers are given by

Q@:ﬂn@w-&¢ (54)

Er'(r)dr, t< D,
B()=1",
E“w@m-ﬂmmm, t>D,
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.ERZ (t)dr, t<D

B,(t)= )
_[:Rz (0)dr - _‘; r (7)dr, t>D

(5-6)

Let us now verify that under normal conditions, where neither of the three buffers

underflows or overflows, the total delay between encoder and decoder is still constant. A

video data unit entering the encoder buffer at time ¢ will arrive at the transcoder at #+D,(1)

and will be decoded at 7+D. Since the processing delay in the transcoder is neglected,

t+D.(?) is also the time at which the video data unit is transcoded and put into the

transcoder buffer. Therefore, in order to calculate the total delay of the system, the

encoder, transcoder and decoder buffers should be analyzed at instants ¢, 7+D.(t), and

t+D respectively, which are given by.

B(0)= [ r(r)dr - Rt
B,t+D,0)= [ r@dz- [ "R, (5)dz

B,(+D)=[" R,)dr~ [ r(@ydr
d 0 2 0
From Eq. (5-9), we can derive the following relation:

B,t+D)=["" R,()dz-B,(t+D,1)- " Ry @)de

=" R,(t)dr-B,(t+D,®)

t+D,(8)

Since the decoder buffer must not underflow, then we have the following result:

D-D, (1)
B,(t+D)>0 = jo R,(t)d7 -B,(t + D,()) > 0

= B,(+D,0)< [

t
t+D,

" R,(t)dr
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Therefore, the condition that transcoder buffer occupancy has to meet is

t+D

0<B,(t+D,(1) < j

t+D,(t

) R,(z)dr (5-12)

Since the connection between video source and transcoder is a CBR channel, according
to [84], the encoder buffer at the video source must meet the following condition to

prevent the transcoder buffer from underflow:
Dy
B(t)< | Rdr=R-D; (5-13)

If we define Dy as the maximum encoder buffer delay and use it to substitute D,(2) in Eq.

(5-11), we can have a more strict condition for the transcoder buffer as
+D
0<B,(t+D,(t) < j  Ry(v)dr (5-14)
+g

In summary, for live captured video, in order to keep the end-to-end delay less than D,
and decoder buffer does not underflow, the encoder buffer and transcoder buffer must

satisfy the following conditions:

0<B,(t+D,()< ;’ R,(7)dr (5-15)
0<B,(t)<R,-D, (5-16)

As we can see, if we know the end-to-end delay and the effective channel bit-rate Rx(%),
then the transcoding compression ratio S(¢) can be selected according to Eq. (5-8) and
Egq. (5-15).

In this work, we only consider the VBR link between the wireless access point and video
client as in Figure 5-2, because it is the real target channel for the video transcoder. Let
us assume that a video sequence with a total of M frames is transmitted at a fixed frame

rate F. For simplification purpose, time is measured discretely in units of number of
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frames. Let B; be the number of bits assigned to the i-th frame by the transcoder and #,=0
be the time at which the first bit of the video sequence is received by the decoder. Thus,

t;=i cotresponds to i frame intervals having passed, where one frame lasts &, seconds,

ie., o, = % . Let C; be the number of bits received correctly by the decoder buffer during

the i-th frame interval. For this specific ARQ channel, C; is the number of bits that are

transmitted and acknowledged during the i-th frame interval. Note that C; does not
correspond necessarily to compressed data for the i-th frame. This is because data for a
particular frame could be transmitted over several frame intervals, depending on
bandwidth conditions and the number of bits used to code the frame. We will assume that

the end-to-end delay, D, is AN, frame intervals, and the maximum encoder delay, Dp, is
AN, frame intervals. Then, we define AN, =AN,—AN, as the delay between the
transcoder and the decoder. (Here, the end-to-end delay, AN,, is determined by the
applications, while AN, is calculated according to the end-to-end delay and the

maximum encoding buffer delay.) Thus, the first frame will be decoded and displayed at

timet, = AN ,, assuming that frames are instantaneously decoded and displayed. Since

we assume that frames are played back at a constant rate, it follows that the i-th frame

must be available at timei~1+ AN, ie., (i—1+AN, )-8, seconds. In order to prevent

the decoder from losing frames the transmitter has to ensure that all the information

corresponding to frame i has arrived to the decoder beforef, =i-1+AN,. This is

equivalent to the channel rates having been sufficient to transmit all the necessary data,
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Ce2 2 Ry, Vi (5-17)

i.e., the total channel rate used up to time i —1+ AN, , has been enough to transport the

first i frames. Parallel to Eq. (5-15), we can get the condition that the transcoder buffer
has to satisfy as
i+AN,
0<B,(i+AN,)< ).C, (5-18)
=i+l
We can introduce the concept of effective buffer size, B, (i), which we define as the
maximum level of buffer occupancy that the transcoder can reach at time 7 such that the
channel rate is adequate to transport all the bits without violating the end-to-end delay

constraint. From Eq. (5-18) the effective buffer size is

i+AN,
B,(H=)> C,. (5-19)
j=it+l

The effective buffer size depends on the frame interval, i, and is equal to the sum of the

future AN, channel rates. We can guarantee that if the transcoder buffer fullness B, (7) is
always smaller than B, (i) , then the decoder buffer will not underflow.

If there is no knowledge about the channel, very little can be done, other than perhaps
assume the worst case behavior. On the other hand if we have an a priori model of the
channel and/or some online observation of its current state then it is possible to attach a
likelihood of achieving a certain channel rate.

Let us call P(c) = B(c|a priori channel model, channelobservatim), the probability of the

available channel rate being ¢ at time i. Note that this model could be discrete or
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continuous, and will depend on specific channel characteristics. Given the model Pi(c),

the effective transcoder buffer size is given by

B, ()= E[f CJ} (5-20)

=i+l

where E[] indicates the expectation with respect to the probabilities Pi(c).

In a VBR channel operating at a channel rate R(2), which is not deterministically known,
the key difficulty in dealing with this scenario is that the transcoder has to make a
decision on the transcoding ratio, by taking into account the random behavior of the
channel. The channel behavior is such that the data may arrive to the receiver but, due to
the need of retransmission, they may arrive at the decoder too late to be decoded in time
for display. Thus, while the transcoder cannot control the channel behavior, it can use
whatever knowledge of the channel is available in order to avoid decoder buffer
underflow.

In the following section, we will show how to make use of a probabilistic model of the
channel and the observation of the current channel state in the context of this rate-control

problem.

5.2 Wireless Channel Model

5.2.1 Wireless channel behavior and statistical model

Errors in the wireless environments occur both as random bit errors and as clusters of
errors in long and short bursts. These errors are generally attributed to phenomena such
as multipath fading, shadowing, ground wave path loss, noise, and interference from
other users [14]. To achieve high video quality at the decoder requires a robust
transmission scheme. The classic technique to combat transmission errors is Forward

Error Correction (FEC). The concept of FEC is to add redundancy bits to the block of
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video data for the purpose of error detection and correction. However, in order to correct
long bursts of errors, a significant amount of redundancy bits need to be added. This
reduces the effective channel bandwidth for the video data, causes unnecessary overhead
and waste of channel bandwidth when the channel is in good condition. On the other
hand, closed-loop error techniques like ARQ have been shown to be more effective than
FEC and successfully applied to wireless video transmission [49]. Previously, the
throughput for different ARQ schemes has been investigated [3, 32, 50, 56]. From the
video transmission point of view, when ARQ is used, the channel becomes a variable bit-
rate channel with throughputs depending on the channel conditions. When the channel
becomes poor, the retransmissions use up bandwidth and thus reduce the effective
channel rate (the effective channel rate is defined as the rate of the information that is
correctly transmitted). For the purpose of simulation, a Markov chain was used to model
bursty errors during transmission based on collected network traffic traces [14, 38, 51,
123]. Previous studies show that a first-order Markov chain, such as a two-state Markov
model or a finite-state model provides a good approximation in modeling the error
process at the packet level in wireless channels [122]. Using these models, one can
dynamically estimate the situation of the specified channel and use this knowledge to
help designing corresponding algorithms. At the same time, one can generate artificial
network traces for the network under study and use the traces to simulate, and thus, better
understand the performance of existing and new protocols and applications.

In [4], a two-state Markov model was used to estimate the channel states, and an adaptive

rate-control algorithm was proposed based on the channel estimation. A more general N-
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state Markov model was also used for channel estimation. To simplify the analysis, here
we use a two-state Markov model, similar to [4], to emulate the process of packet errors.
The specific channel under consideration is a wireless CDMA spread spectrum system
for a mobile transmission environment, where the wireless channel consists of two radio
links, namely uplink (mobile-to-base) and downlink (base-to-mobile). The transcoded
video stream is packetized into constant-size packets for transmission. In our scheme, a
selective repeat ARQ is used, where the reception of a packet is acknowledged by the
receiver by sending either an acknowledgment (ACK) or a negative acknowledgment
(NAK) to the transcoder. Only the erroneous packets are retransmitted. A time-out
mechanism is used so that, if the feedback information is corrupted, data are
retransmitted anyway. Packets that have been sent are stored in the ARQ buffer until they
are acknowledged. Packets awaiting transmission are stored in the transcoder buffer.
Since video transmission is subject to a delay constraint as discussed in the previous
sections, the retransmission of any packet is attempted only while it’s decoding and
playing time has not been exceeded. Data loss occurs during the channel fading intervals
whenever the data cannot be retransmitted before their decoding and playing time.

In the channel model under study, the channel switches between a “good state” and a
“bad state,” Sp and S, as illustrated in Figure 5-3.

PO1
POO P11

Good channel state P Bad channel state
(no error) (error occurs)

Figure 5-3. Two-state Markov channel model
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A packet is transmitted correctly when the channel is in state Sy, and errors occur when
the channel is in state S;. Py for i, j € {0,1} are the transition probabilities. The packet-
error statistics will vary according to the values of the transition probabilities. The
transition probabilities can be calculated from the collected channel statistics (such as the
average packet-error-burst length and the packet error-rate) generated from the wireless
channel simulator. The channel state-transition probability matrix for this channel model

can be set up as

P, P 1-P P,
Pz[ 00 01}:[ o1 ot } (5_21)
Plo Pn Pm 1"Pm

The transition probability, Po; and Py, can be derived using the assumption of Gilbert’s

Markov model. The run lengths of error-bursts have a geometric distribution with

mean y . Thus, we have
Py

1
 Mean __Burst _Length

(5-22)

Bo

We can obtain the mean-burst-length statistics from the packet error-pattern obtained
from the wireless channel simulator. According to [123], the average packet error rate is
given by

PER=—To__ (5-23)
Fy + Py

Therefore, Py; can be derived from two parameters, P;y and packet error rate (PER), as

N P, x PER

“ " (1- PER) (>-24)

For example, in this work, we use a transition matrix which has been calculated based on

a set of transceiver’s parameters in [4]. The transition probabilities are Ppy=0.9909,
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Pyp;=0.0091, P,;;=0.0526, P;;=0.9474. This corresponds to an average error-burst length
of 19 packets and a packet-error-rate of 0.1475.

5.2.2 Effective channel bandwidth of ARQ protocol

Based on the channel feedback information from the client and the channel model
introduced in the previous section, the future effective channel rate can be estimated.
From the transitional probability matrix and a given initial state, the expected future
channel throughput, i.e., the average of the probability of the correct transmission in the
next i packets, can be calculated as in [4]. We use this information to adjust the target
number of bits in the video rate-control algorithm. In the following discussion, all the
time periods motioned are normalized with the time to transmit a packet. From the
ACK/NACK at time ¢, the channel state at time #-b, S(7-b), is known, where b is the
round-trip delay. Based on the transmission probability matrix P, we define the state-
probability vector at time &

k| SE—-b)=S,)=[7,(k|St-b)=S,), m,(k|St-Db)=S5)], ne{0]} (5-25)
as a row vector formed by the two-state probabilities, i.e., the probabilities for the
channel to be in state Sy and S; at time £, respectively, given that it was observed to be in
state S, at time z-b. Note that ¢, b, and k are all discrete values. The initial state probability

z({t—b|S(E—-b)=S,) attime 7-b is set as

o l, wheni=j
L,je{0}, 7,(1-b|S(t-b)=S§;)= 0. otherwise (5-26)

The state probabilities at time k can be derived from the state probabilities at time k-1

2k |SGE-b)=S)=nr(k-1|S¢-b)=8,)*P (5-27)
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By recursively using Eq. (5-26), the channel state probabilities at time k, where k >¢-b,

can be calculated from the initial state probability and the transition probability matrix

7(k|S¢t-b)=5)=n(t-b|S(t-b)=S8,)* P*"* (5-28)

In this channel model, packets are transmitted correctly (C bits are transmitted) when the
channel is in state Sy, while errors occur (0 bits are transmitted) when the channel is in
state S;. The expected channel rate E[C(k)|S(t—b)] given the observation of channel
state S(z-b) can be calculated as

E[C(k)|8(t —b)] = Cx 7, (k | S(t - b)) (5-29).

5.3 Video Transcoding for Real Time Transmission over
Wireless Channel

5.3.1 Channel adaptive transcoding algorithm

The frame-layer rate-control uses the channel model to estimate the future channel

condition and adjust the frame target. We propose the following scheme for the frame-

layer bit-allocation.

Step 1: Calculate the transcoding buffer occupancy. If we define C as the number of bits
which are successfully transmitted during the previous frame interval, then the
buffer occupancy is given by

W =max(W ,, +B,,, ~C, 0). (5-30)

prev T P prey
In Eq. (5-30), C can be calculated according to the channel feedback information
(ACK/NAK) during the previous frame interval.

Step 2: Calculate the encoding buffer delay, D.(?), that is experienced by the incoming
video frame according to Eq. (5-4). Then the maximum transcoding buffer delay

for the current frame is determined by
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D™ (t)=D-D,(t) (5-31)
If the estimated effective channel rate of the next frame interval is R(z), then the
frame skipping threshold, 4/, is given by

M =D"™ () R(t) (5-32)

Step 3: If the buffer occupancy, W, is larger than the threshold M, the current frame is

Step 4:

skipped. Go to Step 1; otherwise, go to step 4.

Determine the current channel states. Before we start transcoding each frame, we
first determine the current channel state. If we based it on only a single packet
feedback information to determine the channel state, it will not be reliable.
Instead, we calculate the average ratio of successfully transmitted bits to the
average number of transmitted bits in the past N frame-intervals. If the ratio is
greater than a threshold H, we decide that the channel is in the good state, Sp;
otherwise, the current channel is in the bad state, S;. The window-size parameter
N affects the tradeoffs between the response time of the algorithm to changes in
the channel conditions and the reliability of the prediction. In our simulations, N
is chosen to be 3, which corresponds to the average burst-length statistics
estimated from the wireless channel error-patterns. The threshold H is selected
empirically based on the fact that the higher the threshold, the faster the encoder
will react to prepare for the bad state in advance, in order to prevent buffer

overflow and frame skipping. A value of 0.7 is used in the simulations.

Step 5: Calculate the estimated effective channel rate of the next frame interval

Depending on the current channel-state information, we can use the Markov

model to find the probability of the correct transmission in the next frame interval.
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In order to have a more stable estimation, we actually calculate the probability of
the correct transmission in the next L frame intervals. Since the probability
parameters we have derived before were at the packet level, we need to translate
the L frame intervals into the equivalent number of packets. The average number
of packets per frame interval can be calculated as

R

P=— (5-33)
F = PSize
where PSize is the packet size. We can then estimate the average number of

successfully transmitted bits per frame interval as
. .~ R :
SBits(i) = 7 * p(l | Current _State = Sn) (5-34)

where p(i|Current_State=S,) is the probability of the successful transmission in
the next L frame intervals. In the simulations, we choose L depending on the
transcoder buffer-size. Since a buffer-size corresponding to three frame periods is
used, we choose L=3. The effective channel rate of the next L frame intervals is
given by

i SBit(i)

R, =& xR 5-35
T Lx®RL) -39)

Step 6. Calculate the frame bit target B for the current frame. The condition that the

transcoder buffer must meet is:

R
(no underflow) 0 <W + B — Ijj’” < D,(1y* R, (no delay violation) (5-36)

Then, we can have the condition that the frame bit target, B, must meet as given

by
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R, R
max T_W’O <B<D,®)*R; + P -W (5-37)

~ e
B B,

. max
min

Bmin +Bmax
5 .

By default, the frame bit target is setto B =

Step 7: Transcode the incoming video frame. Allocate B to every macroblock according
to the macroblock layer bit allocation algorithm, which will be introduced in the
next section.

Step 8: If there are more frames to be encoded, go to step 1, otherwise, stop.

5.3.2 Performance evaluation

In order to show the effectiveness of the proposed rate adaptation transcoding algorithms,
we implemented them and performed simulations using some channel error traces
generated by the channel state model described in Section 4. 200 frames of the test video
sequences including “Foreman,” “Carphone,” “Salesman,” and “Table tennis” in QCIF
format (176x 144 pixels/frame) are used in our experiments. In this section, we will

introduce the experiment setup and performance of the proposed algorithms.

5.3.2.1 Simulation approaches
At the encoder side, the test sequences are encoded at R;=128kbps, which is the target

bandwidth of the CBR channel, with a frame rate of 10 fps. The default TMNS rate-

control algorithm is used, in which the frame skipping threshold, A, is set to the average
size of a frame, i.e, M = R%, , and Z is set to 0.1 as described in Section 5.1. The first

frame of the sequences is encoded as an I frame with uniform QP=10. The transcoder
will transcode the I frame with uniform QP=15. All the other frames are encoded as P

frames, and the encoder and transcoder calculate the frame bit target and QP according to
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their rate-control algorithms. In order to simulate the wireless channel with the ARQ
protocol, we use a random number generator to generate a random number r, which is
uniformly distributed in {0, 1}. Based on the introduced Markov model, if the current
state is Sp, when 7 is less than Py, the transition from state Sy to S; occurs. If the current
state is S;, when 7 is less than Pjy, the transition from S; to Sy occurs. In this way, we
generate 4 channel error traces with 20,000 packets for each trace. Two of the traces start
with the “good” state; while the other two traces start with the “bad” state. The
performance of rate-control algorithms is evaluated by the average of the results on these

four traces.

In the transcoder, the proposed rate-control scheme is used at the frame layer and
macroblock layer. We do not consider channel coding overhead, and define the packet
payload size as 40 bits. We assume the target wireless channel bandwidth is 32 kbps, in

which the selective ARQ scheme is used as transport protocol.

53.2.2 Performance of the proposed algorithms

First, we want to evaluate the effectiveness of the rate adaptation transcoder with channel
model knowledge. In one case, the transcoder will transcode the incoming video assuming
the effective channel bandwidth is 32kbps, and the TMNS rate-control scheme is used in
the transcoder. In the other case, where the effective channel bandwidth is calculated based
on the channel observation and statistical model, the proposed rate-control scheme is used.

The end-to-end delay is assumed to the period of one frame interval, i.e., 100ms.

Table 5-1 shows the comparison of the number of frames skipped. Since the first frame of
every test sequence is encoded as I frame and transcoded also as I frame, which has much

higher bit number than P frames, so several P frames after the first frame are skipped in
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order to meet the end-to-end delay requirement. As we can see, with the help of the
channel model, we are able to save more than 60% of the frames skipped for all the test

sequences.

Table 5-1. Comparison of the humber of skipped frames in different algorithms

Video TMNS without | Proposed Scheme | Percentage of Frames
Sequence Channel Model | with Channel Model | Skipped Reduction
“Carphone” 24 8 66.7%
“Foreman” 27 8 70.4%
“Salesman” 29 7 75.9%

“Table tennis” 27 10 63.0%

Second, we want to assess the resulting performance degradation, when the channel
model is inaccurate. We still use the error patterns generated by the transition probability
matrix P as defined in Section 4, i.e.,

_[0.9909 0.0091
100526 0.9474

},Packet Error Rate =0.1475

However, the transcoder uses inaccurate two-state models that are different from the

correct model in transition probabilities as

0.0053 0.9947

_[0.9998 0.0002
low 10.0526 0.9474

0.9909 0.0091
high = ,Packet Error Rate =0.6319

}, Packet Evror Rate= 0.0038

Phign corresponds to a channel with higher packet error rate than that of P, while Py
corresponds to a channel with lower packet error rate than that of P. The rate-control
scheme uses the mismatched probability matrix to control the output bit-rate. Based on the
packet size and frame numbers, we can calculate the average channel capacity of the four
channel traces. The result is 27.39Kbps. We then compare the number of frame skipping,
the number of underflows occurred in the transcoder buffer and the actually generated bit-

rate. The result is illustrated in Table 5-2.
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Table 5-2. Comparison of the number of skipped frames with different probability matrices

Video P Prign Piow
Sequences | Skipped Bit-rate Skipped Bit-rate Skipped Bit-rate
frames underflow (Kbps) frames underflow (Kbps}) frames underflow | (Kbps)
“Carphone’ 8 1 28.46 7 172 20.05 8 1 28.63
“Foreman” 8 1 28.51 8 164 20.79 9 1 28.68
“Salesman” 7 1 28.42 7 172 1977 8 1 28.59
“Tabletennis” 10 2 28.82 1 155 21.68 12 2 29.15

From Table 5-2, we can see that when Py, is used in the rate-control scheme, the
transcoder is pessimistic about the channel. Therefore, a lot of underflow occurs in the
transcoder buffer, and the generated bit-rate is much lower than the channel capacity,
because the transcoder shoots fewer bits than what can actually be transmitted by the
channel. While when Py, is used, the transcoder is optimistic about the channel. The
generated bit-rate is close to the channel capacity, but more frames are dropped than
when P and Pyg; are used because more bits are generated than what can actually be
transmitted by the channel. From the above experimental results, we can see that the
accuracy of the channel model directly affects the performance of the proposed rate-

control scheme.

5.4 Summary

In this chapter, we proposed to use a video rate adaptation transcoder in a retransmission
based real-time wireless video system. By analyzing buffering implications of inserting a
video transcoder within the real-time wireless video system, we derived the conditions
that the transcoder buffer has to meet in order to prevent the decoder buffer from
underflowing. Based on these conditions, we proposed a new rate-control scheme for
transcoding and transmitting a H.263 encoded real-time video stream over a wireless
channel with bursty channel errors. In the proposed algorithm, the effective channel

bandwidth of the target VBR channel is estimated based on a Markov model and channel

127



observation. At the frame layer, the target bit for every frame is determined considering
the estimated channel bandwidth and end-to-end delay requirements. At the macroblock
layer, the frame bit budget is allocated to every macroblock through the bit allocation
algorithm proposed in Chapter 4. Experimental results have shown that the proposed
algorithm can effectively determine the frame bit target according to the variable channel
bandwidth. Therefore, fewer frames are skipped than the TMNS§ scheme. The proposed
algorithm can be integrated in a wireless video transmission system and provide flexible

control over the bit-rate of compressed video streams.
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Chapter 6. Joint Source and Channel
Transcoding and Streaming over Wireless
Channels

In this chapter, we concentrate on using rate adaptation transcoding techniques and ARQ
error control scheme for transmitting pre-encoded video over wireless channels. Different
from real time video applications, in networked playback applications, the video source is
already encoded and stored on the server side. Therefore, more information, such as
video bit profile, scene variance, etc., is available after the video is originally encoded.
By sending this information to the transcoder, it can be used to get better transcoding
quality and control. In addition, in this kind of application, a longer initial delay is usually

acceptable, which gives the transcoder more flexibility.

6.1 Buffer and Rate Analysis

In this chapter, we define a pre-encoded video streaming system in which the pre-
encoded high quality video program is transcoded, transmitted, decoded and displayed
within some delay interval. A block diagram of the whole system is illustrated in Figure
6-1. In this section, we will analyze the effect of the delay and buffer constraints on the

transcoding ratio.

Video Source Video Client

Pre-encoded

. Transcoder Decoder Video
Video

quf output

Wireless
channel
Video Decoder
Dtc IDde Dd |

J I |

Figure 6-1. Basic component of the defined video streaming system
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In the defined system as illustrated in Figure 6-1, we assume that a video is transcoded
and transmitted at a fixed frame rate F. At the decoder side, the video is decoded and
displayed at the same frame rate F. Similar to the analysis in the previous chapter, in the
studied system, we are primarily concerned the delays introduced by the transcoder
buffer and decoder buffer, because they can be much larger than the transmission delays
and the amount of buffering in the video system can strongly affect the video quality and
end-to-end delay.

After the first frame is transcoded, it will be sent into the transcoder buffer, which is
empty at this time. In general, it is possible for transcoder buffer underflow to occur if
transmission starts at the same time as the transcoder puts the first bit into the buffer. On
the other hand, the decoder buffer, which is also empty for the first frame, underflow will
occur if decoding starts at the same time as the first bit of the first frame arrives. In
practice, this is prevented by starting the transmission and decoding after a certain initial
delay. Therefore, the end-to-end delay for the first frame is given by the sum of the initial
delays. To simplify the analysis, we define the system initial delay D, i.e., the first frame
will be transcoded at time ¢ and will be decoded and displayed at time ¢+D. Then, the
maximum delay that any following video frame will experience has to remain constant as
D. In real-time interactive applications, the end-to-end delay, D, must be kept less than a
certain limit, such as 100ms in video conferencing application. In precoded video
streaming applications, the end-to-end delay can be much longer. However, short initial
delay is still a desired target. At the same time, long initial delay is equivalent to larger
decoder buffer, which we want to avoid. Under this constraint, the system will function

normally as long as the decoder buffer does not overflow and underflow, which prevents
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the video data from being lost and guarantee that the decoder has received the data of a

video frame before it is scheduled to be displayed, respectively.
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Figure 6-2. Buffering with variable transcoding ratio for VBR channel

As illustrated in Figure 6-2, the precoded video is sent into the transcoder at the source
coding rate r(#). Actually, because all data of the pre-encoded video are available at the
server side, the transcoder can work much faster than F frames per second. To simplify
the analysis, here, we assume that the transcoder only transcodes F frames in one second.

Similar as in the previous chapter, the transcoding is modeled as a scaling function A(z)

which is multiplied by 7(2) produces the transcoded video at rate r, ie.,

r{)=pw r@ (6-1)

The effect of multiplying B(¢) by r(¢) can be seen as equivalent to reducing the number
of bits used in the video frame transcoded at time . We define B, and B/ as the

instantaneous occupancy of the transcoder and decoder buffers, respectively. First, we
discretize the problem by defining E; (i=1, 2, ...) to be the number of bits generated by
the transcoder in the i-th frame interval [(i-1)7, iT), where T is the duration of one frame

interval. Therefore,
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T
E, = th)T r ()dt. (6-2)
Similarly, let R; be the number of bits that are transmitted during the i-th frame interval:
R=[ RO
P v[i—l)T (@)dr. (6-3)

Assuming the transcoder buffer is empty at time =0, then the transcoder buffer

occupancy after transcoding the i-th frame is
B/=YE -YR =B +E —R,. (6-4)
j=1 j=1

After the decoder begins to receive data, it waits D frame intervals before starting to

decode and play. Then, the decoder buffer occupancy after the i-th frame interval is
>R, i<D

j=t

B

I

(6-5)

-

iR, —Sij =B’ +R,—~E,p, i>D
j=1

J=1

The transcoder can calculate the decoder buffer fullness if D is predetermined or sent

explicitly as a decoder parameter. The system will function normally as long as the

decoded buffer does not underflow within the end-to-end delay constraint. Therefore, B
should be greater than zero at any time.

6.2 Transcoding Ratio Constraints

We now combine equations from section 6.1 to obtain conditions necessary to prevent
transcoder and decoder buffers underflow. To prevent transcoder buffer underflow, from
Eq. (6-4), we have

B/ =B, +E -R >0

, (6-6)
=E, >R, ~B,,
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which is a constraint on the number of bits of every transcoded frame.

In order to prevent the decoder buffer underflow, from Eq. (6-5), we have

B! =B} +R -E_, 20
=E, ,<Bl +R, i>D

= E ,<Bi, +R.,, i>1 (6-7)

i+D-1

=E < )R, —iEj +R,\p =ij —iEj =
j=1 j=1 J=1 j=t

-1 i+D i-1
R+ R, -~ E,
Jj=l j=i j=1
i~1
As we can see from Eq. (6-7), ZR . is the total bits that have been transmitted in the
j=l
i—l
past (i-1) frame intervals, and ZE . is the total bits of the past (i-1) transcoded frames.
Jj=l
i+D
These two terms are known by the transcoder. However, ZR ; is the total bits that will
J=i
be transmitted in the future (D+1) frame intervals, which is not available at the transcoder
if the channel bandwidth is variable.

Therefore, the condition that the bit number of the i-th transcoded frame has to satisfy is

i-1 i+D i-1

max(0, R, —BL,)<E, <3 R+ YR~ E, (6-8)

=l =i Jj=1
Under this condition, there will be maximum D frames stored in the whole system,

because the maximum end-to-end delay is D frame intervals. Then, we have

B/+B'< Y E, Vi>D (6-9)

J=i-D+1

6.3 Adaptive Transcoding Based on Video Content

6.3.1 Frame types and source video traffic

Current video coding standards, such as MPEG-x and H.26x, use motion compensation to

reduce the temporal redundancy between successive frames. Usually, in MPEG-x, one
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Group of Pictures (GOP) contains one INTRA (I) frame and several INTER (P, or B)
frames in a certain pattern. An I frame has no motion compensation performed on it but it
is very important because motion compensation of the following frames is dependent on
the quality of the I frame. P frames use the previous I, or P frames as reference for motion
compensation and also are used as reference frames for other INTER frames. B frames
use both the previous and successive I, or P frames as references for motion
compensation but B frames are not used as reference frames for INTER frames. Because
of this hierarchy in coding, visual quality for different frame types has different effect on
the quality of the whole video stream with the priority being / > P > B. Therefore, an
effective rate-control scheme should treat different types of frames unequally, in order to
improve the quality of the whole video.

For wireless applications, the H.263 standard is more popular due to their focus on low
bit-rate. Different from MPEG-1, 2, in which I frames are periodically used mainly for
indexing, in the H.263 standard, I frames are seldom used, just to refresh the visual
quality.. When a fixed quantization parameter is used for coding all frames in a video
sequence, the visual objective quality (PSNR) will tend to be near constant while the
generated bit-rate will be liable to fluctuate due to the scene content and different frame
types. Thus, if the pre-encoded bit-stream generated by the encoder is kept very close to a
constant rate, usually the purpose of doing so is for easy transmission over a CBR
channel, there will be a penalty in terms of quality. In one of our experiments, we
encoded a video sequences with unified quantization parameters for all I, P, B frames.
Only the first frame is coded as an I frame and all other frames are coded as B, and P

frames in a certain pattern (IBBP). Figure 6-3 shows the number of bits per frame of this

134



stream. As we can see, | frames usually have the largest amount of bits, B and P frames
have much fewer bits than an I frame. We can also notice that when scene changes
happen, the bit-rate of the first INTER frame (we called it anchor frame) after the scene
change is very close to that of the I frame. This is because when a scene change happens,
motion estimation can not find the best matching blocks in the previous frame, thus most
MBs are encoded as INTRA blocks. We also found that the average bit number for B

frame is usually half of that for P frame within a scene segment.

5= R e
o Scene Change
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1
1
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Figure 6-3.Source coding rate of a typical H.263 coded video.

The source bit-rate can be recorded when the original video is encoded and saved with
the encoded video as side information. Some research [25] has shown that for the same
type of frame encoded with a unified quantization parameter, the generated frame size
indicates the scene variations and motion activities. Therefore, in the proposed scheme,
we directly use the source bit-rate as a parameter to measure the video content and to

calculate the transcoding bit budget for every frame.
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As pointed out by [13], in transcoding of precoded video, the bit target for every frame
should not be simply calculated as the product of the number of bits of the incoming
frame and the ratio between the output and input bit-rates of the transcoder. In one of our
experiment, we encoded the same video sequence with two different quantization
parameters and the bit-rates of the generated bit streams are 263kbps and 667kbps. The
obtained bits/frame ratios are illustrated in Figure 6-4. The scaling factor d of the two

video streams is about 0.4, however, as we can see from Figure 6-4, the number of bits

B|,B; used to encode the corresponding picture of each video stream are not related

through the same scaling factor & , i.e., N, # aN,.

0.5

0.45 AR IR
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Bits/frame ratio
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0.25 : ; E S
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200
Frame Number

Figure 6-4. Relation between the bits/frame of two bit sireams encoded at two different
rates.

If the objective of transcoding is to make the quality of pictures to be near constant at the
reduced rate, then the scaling factor of such a transcoder should follow the curve shown

in Figure 6-4.
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6.3.2 Adaptive frame layer rate-control

Different from real time interactive video applications, such as video conferences, in
which the end-to-end delay of each frame must be kept within certain limit, the
requirement for end-to-end delay in the streaming and playing precoded video application
is relaxed. In this type of application, an initial startup delay is allowed and a buffer at the
decoder will smooth the delay jitter. Therefore, as long as the decoder buffer is not
underflowing, the end-to-end delay for every frame can be different.

The current frame layer rate-control schemes in the H.263 standard, such as TMNS, are
dedicated for transmitting real time video in low delay over a constant bit-rate channel.
The frame budget for every frame is only determined by the buffer occupancy and
channel bandwidth. Therefore, nearly constant bit budget is allocated to each frame and
each frame will experience similar end-to-end delay. Different from the frame layer rate-
control scheme in TMNS, the proposed scheme determines the transcoded frame bit
budget considering the scene change, frame types and source coding rate of the pre-
encoded video. In the design of the bit-rate-control algorithm, since an exact curve such
as the one in Figure 4 is not available to the transcoder, the following rules are adopted to
determine the transcoded frame bit budget.

= If the incoming frame is an INTRA coded frame, it will be transcoded as an INTRA

frame with unified quantization parameter used for every MB.
= P and B frames are treated differently by the transcoder. The bit budget for B frames
will be half of that for P frames, on the average.
= For the same type of INTER frames, the frame bit budget is determined considering

the effective channel bandwidth, end-to-end delay and the original source traffic.
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= If a scene change is detected, the anchor frame will be transcoded as an INTRA frame
with unified quantization parameter for every MB.

At the frame layer, we first determine the bit budget for a GOP, which has a fixed

number of frames. Since the INTRA frames are seldom used in H.263, we assume here

that the GOP only includes INTER frames (P and B) in a certain pattern. The bit budget

for encoding a GOP is defined as:

(N +aD)xR
F
_[0.7, first GOP (6-10)

“{0, otherwise

+A

BGOP =

where N is the number of frames in a GOP, R is the effective channel bandwidth, F is the
frame rate, D is the required end-to-end delay measured in frame intervals, and A is the
bit budget unused from the previous GOP. In order to take full advantage of the initial
delay D, we introduce parameter ¢ , which is empirically set to 0.7 for the first GOP. As
we can see in Eq. (6-10), for the first GOP, N frames will have more bit budget than that
the channel can actually transmit in the first N frame intervals. Then, when the end-to-end
delay is relaxed by the application, the visual quality will be improved. For other
following GOPs, Eq. (6-10) assumes that N frames in a GOP will be transmitted within N
frame intervals. The calculation of the effective channel bandwidth, R, will be introduced
in the following section. Inside a GOP, the frame bit budget is determined according to
frame types and the original source bit-rate following the above rules. Based on the above
rules and the pattern of P, and B frames within a GOP, we can know the bit budget for all

P frames and B frames in a GOP respectively as follows:

138



N, 2N

BGOP—B = mBGopa BGOP—P = mBGOP (6-11)
B P

where N, , N, are the numbers of P, and B frames in a GOP. For the same type of frames,

bits are allocated to every frame according to the original source bit-rate. Then, for P

frames, we have

Bp()= N_}f—jg)"‘BGop—m By (i) = };gj(iBGOP—B : (6-12)
Y Br(j) 2.B5()
Jj=0 j=0

where B, (i), B, (i) are the bit budgets for the i-th P and B frames, Ep(i),—l_i_s (i) are the
bit-rates of the i-th P and B frames in the precoded video, respectively. When the frame
bit budget is determined, the macroblock layer bit allocation algorithm is responsible for
calculating the quantization parameter for every MB and make the generated bits as close
as possible to the bit budget. However, we believe that the varying quality produced by
varying quantization parameters is far less than that produced by varying the frame bit
budget. Therefore, in this work, we directly use the macroblock layer bit allocation
algorithm in TMNS. Details about the macroblock layer bit allocation in TMNS8 can be
found in [25].

6.3.3 Adaptive frame skipping

As indicated in Eq. (6-9), at any given time, the sum of transcoder buffer and decoder
buffer occupancy must be greater than the bits for the D frames that have been transcoded
but not yet decoded. Otherwise, some frames will experience longer end-to-end delay
than D. The reason of violating Eq. (6-9) is as follows. First, due to the control error of
the macroblock layer bit allocation algorithm, the generated frame size may not be exact

as the bit budget. Second, due to the frame type change, such as transcoding P frames to I
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frames, the generated frame size may be much greater than the frame bit budget. Third,
because the algorithm has to estimate the effective channel bandwidth of the future D
frame intervals, the accuracy of the estimation will also affect the result of Eq. (6-10). In
order to guarantee that the end-to-end delay of every frame is less than D, in the proposed
algorithm, after transcoding every frame, we will evaluate Eq. (6-9). If there are more
than D frames stored in the transcoder and decoder buffer, the next frame may be
dropped according to its type.

Frame to Next unskipped Frame to Next unskipped
skip frame skip frame

Transcode to Transcode to
| frame P frame
(b)
Frame to Frame to Frame to
skip skip skip
P B B P

B B B B P B B P
t- -1 t
' 2ot +3 t 2 1 t+3

skip ; ¢
Transcode skip Transcode skip
to | frame to P frame

(c) (d)

Figure 6-5. Adaptive frame skipping
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For example, if the original video was encoded in IPPP pattern and the frame that needs
to be skipped is an I frame, then this I frame will be skipped and the next unskipped
frame (P) will be transcoded to an I frame with unified quantization parameter as in
Figure 6-5 (a). If the frame that needs to be skipped is a P frame, then this P frame will be
skipped and the next unskipped frame will be transcoded to a P frame as in Figure 6-5
(b). If the original video was encoded in IBBP pattern, we have to consider the frame
reordering that will happen at the decoder. As illustrated in Figure 6-5 (c), suppose the I
frame will be displayed at time 7, then the following two frames that need to be displayed
will be B frames at time 7+/ and +2. However, when the original video is encoded, the P
frame, which is scheduled to be displayed at time #+3, is encoded and stored prior to the
two B frames. When the decoder decodes this video stream, it will first decode the P
frame, and then the following two B frames can be decoded and displayed. Therefore, in
our transcoder, if the frame that needs to be skipped is an I frame, we will skip this frame
and transcode the following P frames as an I frame. At the same time, the following two
B frames will also be skipped as in Figure 6-5 (c). If the frame that needs to be skipped is
a P frame, then instead of skipping this P frame, we keep this frame but skip the
following two B frames as in Figure 6-5 (d), because, as we mentioned before, the bit-
rate for a P frame is usually two times of that of a B frame. If the frame that needs to be
skipped is a B frame, we then simply skip this frame as in Figure 6-5 (e). When the frame
scheduled to be skipped happens to be an anchor frame, based on the same idea, the

following rules in Table 6-1 will be applied for frame skipping.
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Table 6-1. Adaptive frame skipping decision’

?;i’:e tsocgﬁ%ﬂed SCD>=40%? | Action

! Yes Yes Keep the | frame, skip the next PBB frames

| Yes No N/A.

| No Yes Keep the | frame.

| No No N/A.

P Yes Yes Transcode the P frame as | frame, skip the next BB frames.
P Yes No Keep the P frame, skip the next BB frames.

P No Yes Transcode the P frame as | frame.

P No No Keep the P frame.

B(1) Yes Yes Skip the 2 B frames, transcode the next P frame as | frame.
B(1) Yes No Skip the B frames.

B(1) No Yes Skip the 2 B frames, transcode the next P frame as | frame
B(1) No No Keep the B frame

B(2) Yes Yes Skip the B frame, transcode the next P frame as | frame
B(2) Yes No Skip the B frame.

B(2) No Yes Skip the B frame, transcode the next P frame as | frame
B(2) No No Keep the B frame.

: Assume the frame pattern is IPBBPBBPBB... B(1), B(2) stand for the first and the second B
frame in a PBBP pattern, respectively.
: when the frame type is |, the SCD will be definitely greater than 40%.

6.3.4 Algorithm

Combining the ideas in the previous sections, we propose the joint source-channel rate
adaptation algorithm. In this section, we summarize the whole process of the algorithm.

The following notations are used:

Beop target number of bits assigned to a GOP;

F target frame rate in frames per second;

N frame number in a GOP;

—]\7; number of uncoded P frames in a GOP;

]—VZ number of uncoded B frames in a GOP;

Biop target number of bits left for the uncoded frames in a GOP;
Biopr target number of bits left for the uncoded P frames in a GOP;
Beops target number of bits left for the uncoded B frames in a GOP;
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B.(i) bit target for the i-th P frame;
B () bit target for the i-th B frame;

The detailed algorithm is as follows:

Step 1. Determine the current channel state: we calculated the average ratio of
successfully transmitted bits to the average number of total transmitted bits in the
past L frame intervals. If the ratio is greater than a threshold H, we decide that the
channel is in the good state. In our simulation, we set L as 10 and H as 0.9
empirically.

Step 2: Calculate the estimated channel bandwidth: Depending on the current channel
state, we can use the Markov model to find the probability of the correct
transmission in the next D frame intervals. Then we can calculate the estimated
channel bandwidth, R, for the next D frame intervals as introduced in the previous
chapter.

Step 3: Calculate the bit budget for a GOP. At the beginning of every GOP, we first
calculate the bit budget for the GOP as in Eq. (6-10). In our experiments, we set N

to 30. At the beginning of a GOP, the bit budget for the uncoded frames in the
GOP, B;,p , is equal to B,

Step 4: Calculate the bit budget for every frame within a GOP according to frame types,
scene context and source coding rate. If the incoming frame will be transcoded as
INTER frame, the frame bit target for this frame will be calculated according to
the source coding rate. Since the original source rate and frame pattern are known
when the original video is coded, the frame bit target can be calculated by

applying the rules in section 4.3. Similarly as Eq.(4-19) and (4-20), we can have
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2xN,xB N, xB
By = 2N Boor o NpXBaor 6-13
GOP-P IxN,+N, GOP-B IxN.+N, ( )
«  Br()) —— . Bs()
BP(’)zjv—:fl:L‘”BGop-Pa BB(Z)=%‘BG0P—B (6-14)
> Br(j) 2.Bs()
= i

Step 5: Adjust the frame bit budget. By using Eq. (6-9), the frame bit budget needs to be
adjusted considering the buffer and end-to-end delay constraints.

Step 6: Transcoding the incoming frame. In this work, the TMN8 macroblock layer bit
allocation algorithm is adopted to calculate the quantization parameter of every
MB.

Step 7: Update. Transcoder and decoder buffer occupancy is updated as in Eq. (6-5) and

(6-6). Other parameters, such as B, 7\7;, 7\1—; are also updated. Eq. (6-10) will

be evaluated to see if the total number of frames stored in the transcoder and
decoder buffer is greater than the maximum end-to-end delay, D, or not. If there
are more than D frames stored in the system, the successive frame is scheduled to
be skipped. The action will be decided according to Table 1. If there are more
frames that need to be transcoded, go to Step 1, otherwise, stop.

6.3.5 Performance evaluation

In this work, we implement the rate adaptation transcoder and the proposed algorithm
based on the public domain software for H.263 [88]. In our experiments, the test
sequence as in Figure 6-3 is encoded with using unified quantization parameters, OP=5,
for every frame with a frame rate of 10 fps. Only the first frame of the sequences is

encoded as an I frame and other frames are encoded as B or P frames. This sequence is
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created by cascading several test sequences with different scene content and serves as a
high quality pre-encoded video.

In order to simulate the wireless channel with the ARQ protocol, we use a random
number generator to generate a random number 7, which is uniformly distributed in {0,
1}. Based on the Markov model and transition matrices introduced in the previous
chapter, if the current state is Sy, when 7 is less than Py, the transition from state Sp to S;
occurs. If the current state is .S;, when r is less than P,g, the transition from §; to Sy
occurs. In this way, we generate 6 packet level channel error traces with length of 50,000
packets, as shown in Table 6-2. Every trace represents a possible channel with a specific
packet error rate. We do not consider channel coding overhead, and define the packet
payload size as 40 bits and the mean burst length is 18 packets. In our experiments, we

will use these transition matrices to estimate the effective channel rate.

Table 6-2. Summary of the transition matrices used in our experiments

Mean_Burst_Length = 18 Packets
Packet Size = 40 bits
Average Packet
ErrorgRate (%) Poo Por P1o P
5 0.9971 0.0029 0.0556 0.9444
10 0.9938 | 0.0082 0.0556 0.9444
15 0.9902 | 0.0098 0.0556 0.0944
20 0.9861 0.0139 0.0556 0.9444
25 0.9815 0.0185 0.0556 0.9444
30 0.9762 0.0238 0.0556 0.9444

In the transcoder, the proposed joint source-channel adaptive transcoding scheme is used
to transcode the original video according to the estimated channel conditions. We assume
the channel bandwidth for video payload is 64kbps, 48kbps and 32kbps. Based on the
channel feedback and the same channel model that is used to generate the error trace, the

transcoder will estimate the effective channel bandwidth after every frame interval. We
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simulate the channel coder, transmitter and decoder buffer. Whether a video packet is
transmitted successfully to the decoder will be determined by the error trace. A simplified

simulation scenario is shown in Figure 6-6.

Transcoded Stream Rate
Pre-encoded

Video

Channel Coder

(Packetizer, Generated packet
ARQ FEC, error fraces
Interleaving) (...010111011000...)

Channel Decoder

Effective Rate with Retransmissions

Figure 6-6. System diagram of the proposed ARQ-based transcoding and streaming
scheme.

In order to compare the video quality, we also encode the source video sequence at the
same rates of 64kbps, 48kbps and 32kbps by using the TMNS rate-control scheme. At the
frame layer, TMNS allocates near constant bit budget to every frame without considering
the frame types and scene context. A frame is skipped if the number of bits accumulated
in the buffer after encoding the previous frame is greater than a threshold. To get a fair
comparison, we change this threshold to allow longer end-to-end delay, and then there
are will be no frame skipping in the encoded video.

The visual quality is measured by calculating the Peak Signal Noise Ratio (PSNR) of the
transcoded video and the encoded video. The PSNR comparison result for different

effective channel rate and end-to-end delay is illustrated in Figure 6-7.
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PSNR (dB)

ol o o | R=32Kbps |
j ! ' D = 30 frame intervals
3 : E —e— transcoded version
1 ; | —— encoded version
0 | t i
0 40 80 120 160 200

Frame

Figure 6-7. PSNR comparison of transcoded video and encoded video at different channel
bandwidth and end-to-end delay.

As shown in Figure 6-7, by controlling the number of bits assigned to each frame
considering the frame types, we can obtain higher PSNR result as compared with
encoding the original video at the same low channel bandwidth, and maximum end-to-
end delay. Especially when a scene change happens at the 100-th frame, because the
INTER frame at the scene change is transcoded to an I frame, the visual quality of the

following frame is much higher than the encoded version.
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Figure 6-8. Comparison of frame arrival time and scheduled display time.

We also calculate the time of every frame arriving at the decoder buffer and scheduled to

be displayed. The comparison result is illustrated in Figure 6-8. At the right side, we also
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calculate the result of the encoded video being transmitted over the same channel. As we
can see, by rate adaptation transcoding, the arrival time of every frame is very close to the
display time. The decoder will not have to suspend decoding and displaying for a long
time. However, if the test sequence is encoded with low bit-rate (64kbps, 48kbps,
32kbps) as the target bit-rate, since the effective channel rate is changing over time, after
several frames the frame arrival time will be late than its display time, as we can see in

Figure 6-8. Therefore, the decoder will have to wait for the next frame coming.
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Figure 6-9. Average PSNR vs. end-to-end delay and channel bandwidth.

Figure 6-9 shows the relation among the average PSNR of the whole sequence, the end-
to-end delay and the target channel rate. As we can see, for the same target channel rate,
when the end-to-end delay is relaxed, the average PSNR increases. Therefore, the
proposed trasncoding scheme will be able to take full advantage of the end-to-end delay.

However, if we just encode the test sequence at the target channel rate, the video quality
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will be fixed after encoding. No matter what the end-to-end delay will be, the quality of

the decoded video sequence will not change.
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Figure 6-10. Average PSNR vs. average PER and channel bandwidth.
Figure 6-10 shows the relation between the packet error rate and the average PSNR at the

same end-to-end delay.

6.4 Summary

In this chapter, we investigated the impact of a video rate adaptation transcoder in a
retransmission based wireless video system. By analyzing buffering implications of
inserting a video transcoder within the wireless video system, we derived the conditions
that the transcoder buffer has to meet in order to prevent the decoder buffer from
underflowing and overflowing. In the proposed algorithm, at the frame layer, the target
bit for every frame was determined considering the estimated channel bandwidth, end-to-
end delay requirements, and visual content. Experimental results have shown that the

proposed algorithm can effectively determine the frame bit target according to the
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variable channel bandwidth. Therefore, for pre-encoded video transmission scenario,
effective channel bandwidth is allocated according to the visual content of the video,

hence the transcoded video quality is improved.
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Chapter 7. Implementation of a Video
Transcoding Gateway Demo System

In order to enable users to access video through wireless networks and handheld devices,
we propose using a transcoder as a gateway to dynamically convert the video according
to user devices and network connections. In this approach, a content provider provides
only one video stream, which is pre-encoded at high quality. The video transcoding
gateway performs transcoding dynamically for each user and provides converted video
streams. The architecture of the video transcoding system is illustrated in Figure 7-1. In
this system, the transcoder is integrated into the video streaming server. It can also be

placed as an intermediate node along the transmission path.

Video Streaming Server

User Client

Frame Size

Streaming P Decoder

A

Bit Rate :
, Adaptation | Encoding method Measurement

Conversion

Quality value of throughput
Frame Rate Encoding bit rate e
Conversion 1 j Transmission
Profile
Error
Resilience Device Profile
s
| Coding Syntax User Profile
Conversion
Transcoding Output
Parameters
Video |- } ————————— Feedback
Source ’l Control module I:

Figure 7-1.Video transcoding system architecture
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7.1 System Modules and Features

7.1.1 Client profile

The client profile maintains the following components:

= Device profile includes hardware and software information on the devices, such as
display size, processing power and decoder information.

= User profile includes user preference information.

= Transmission profile is responsible for monitoring the dynamic condition of the
transmission channel, such as effective channel bandwidth, channel error rate, etc.

The information included in the device profile and user profile will be transmitted to the

video stream server before the start of the session. The information included in the

transmission profile will be sent to the stream server periodically to control the bit rate

adaptation in the transcoder. All of the information in the client profile will be used as

parameters for the transcoding process.

7.1.2 Video transcoder

The video transcoder is the actual conversion engine of a video stream. It decodes a video
stream, which is pre-encoded at high quality and stored in the video source, and then
performs transcoding and re-encoding. Multiple conversions can be realized
simultaneously, including frame size conversion, bit rate adaptation, frame rate
conversion, error resilience, coding syntax conversion, etc. When fast transcoding
architectures are used, it is possible to execute transcoding in real time.

7.1.3 Control module

The control module is responsible for creating a transcoding plan according to the client
profile and other information. The transcoding plan will include some transcoding

paraineters. In order to decide appropriate transcoding parameters, decision must be made
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by considering all the factors intelligently. For example, when connection throughput is
low, the bit rate of the video needs to be converted. At the same time, in order to ensure
the video quality, the frame rate of the video also needs to be reduced. In this way, every

frame will have enough bit budget to maintain acceptable visual quality.

7.2 System Design

Based on the system architecture, we implemented the video transcoding gateway demo
system. In the implemented system, the transcoding gateway is implemented together
with the streaming server, where the pre-encoded videos are stored. The frame size
conversion (downscale by 2, from 4CIF to CIF, and CIF to QCIF), frame rate conversion
(from 30 fps to 30, 25, 20, 15, 10, 5 fps), and bit rate adaptation modules are
implemented. Moreover, we also implemented the feature of color-to-grayscale
conversion module, which will convert a color video into black-and-white video. The
clients connect to the server through TCP/IP. The TCP is used as the transport protocol
considering its reliability. The clients based on desktop and handheld devices (iPaq with

WinCE PocketPC 2002) are implemented for decoding and displaying videos.
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7.2.1 Server design
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Figure 7-2. Server module class diagram

The main classes at the server side are illustrated in Figure 7-2. The transcoding and
streaming server is a multithread socket server. Through a set of threads, multiple client
requests are dispatched and processed by calling different transcoders. A set of socket
classes are responsible for streaming the transcoded video to different clients. The user

interfaces are implemented by a set of window classes.
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7.2.2 Client design
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CTelnetSocket Chisplaywind
CBlockingSocket Ownd
CSockAddr

Figure 7-3. Client module class diagram

The classes at the client side are illustrated in Figure 7-3. Similarly, the socket class is
responsible for communicating with the server and receiving the transcoded video data.
Decoding thread is responsible for decoding the received video and window class is

responsible for displaying the decoded video.

7.3 System Screenshots

Figure 7-4 shows a server screen shot when two videos are requested and streamed to two
clients. At the lower left corner, a list shows information for all pre-encoded video on the
server. The upper left part lists all information about every session, which includes the
client IP address, socket ID, video that is requested, current frame number and frame bit
rate. By pressing the “Transcoding” button, the transcoding parameters will be displayed.

By pressing the “Channel” and “Error Control” buttons, the different channels can be

157



simulated and different error control parameters can be applied. Please note that this part
of function has not been implemented yet. In the session statistics window, the frame bit
rate and PSNR will be plotted in two charts. For every session, a page will be inserted

into the session statistics window. At the right side, the requested pre-encoded video will

be decoded and displayed.

played at the server side

Figure 7-4.Server screenshot with two pre-encoded video are transcoded and streamed

At the client side, the transcoded video is decoded and played. The desktop client
screenshot is illustrated in Figure 7-5. The handheld client screenshots are illustrated in

Figure 7-6, in which the same video is transcoded into different formats.
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Figure 7-6. Handheld client decoding and playing a video stream with different formats
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Figure 7-7. Handheld client menu and setting interface.

The user menu and client profile setting interface of the handheld client is illustrated in
Figure 7-7.

This demo system can be downloaded from http://www.discover.uottawa.ca/demos.
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Chapter 8. Conclusions and Future Research
Directions

8.1 Thesis Conclusions

With the increasing number of applications using compressed digital video for
transmission over heterogeneous networks, transcoding is becoming an important issue
for bit-rate adaptation to meet channel capacities. Transcoding provides flexible bit-rate
adaptation, especially if the bit-rate is only known at transmission time and the bit-rate is
changing over time. This flexibility is very important when the coded video is transmitted
over channels with different capacities. Moreover, wireless video transmission,
transcoding is a key technology for providing dynamic adaptation of the bit-rate of
compressed video to the effective channel bandwidth.

Motivated by the importance of transcoding in current video technologies, this thesis
mainly investigated rate adaptation issues related with transcoding. First, Chapter 2
overviewed typical video transcoding architectures, their performance and complexity.
Considering low bit-rate of wireless channels, the bit-rate-control at the macroblock layer
must be accurate and tight. Chapter 3 presented an approximate linear bit allocation
model based on extensive experimental results. This model indicates that there is an
approximate linear relationship between the number of non-zero quantized AC
coefficients in a frame and the generated bits. We also provided a theoretical proof of the
proposed model. Based on this model, the bit allocation statistics from the incoming
compressed video can be reused for the transcoding bit allocation. In Chapter 4, a novel

bit allocation algorithm based on the linear bit allocation model was implemented. The
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implementation issues were addressed and performance was compared. Considering the
visual content and scene variations, we also proposed a frame layer rate-control algorithm
for transcoding video based on scene variation and scene changes for CBR channel. The
main focus of this thesis was on the problem of transcoding and transmitting of
compressed video over wireless channels. In Chapter 5, we first presented a framework
for analyzing buffer and rate constraints when a transcoder is introduced in a wireless
video transmission system. Based on a simplified Markov model, we presented a
methodology for estimating the effective wireless channel bandwidth. Considering the
buffer fullness, end-to-end delay requirements, effective channel bandwidth, we proposed
a rate-control algorithm for transcoding real-time video over wireless channel. In Chapter
6, for pre-encoded video distribution, we proposed another rate-control algorithm, which
dynamically adjusts the frame bit budget considering the original video scene variations,
end-to-end delay, and buffer fullness. Chapter 7 presents the implementation of a video
transcoding gateway demo system, which serves as a prototype application of video

transcoders.

8.2 Future Research Directions

8.2.1 Rate-Distortion optimized multi-functional transcoding

A number of architectures and techniques for video transcoding have been introduced in
this thesis. However, given delivery constraints, such as bandwidth limitation, display
size constraint, and/or processing speed available on a give client, there may be multiple
transcoding methods available that satisfy the constraint. For example, for transcoding
video to meet certain bandwidth constraint, we have multiple choices. We can use simple
rate adaptation transcoding techniques. If the bandwidth is too low, directly using rate

adaptation transcoding will not get acceptable quality. We can use a down-sampling
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transcoder to change the video resolution, which will reduce the bit-rate significantly. At
the decoder side, the decoded lower resolution video can be up-sampled to get the full
resolution video. Furthermore, if the video quality is still not good enough, we can skip
some frames and down-sample the video temporally. At the decoder side, the decoded
video can be interpolated to get full resolution video. Consequently, it is desirable to
develop a means to examine the performance of each transcoding option. The ultimate
goal is to select appropriate transcoding strategy based on the requirements imposed by
the server, network, client, and to maintain the best possible end-to-end video quality. To
solve this problem, we need an analytical model to describe the relationship among rate,
distortion and quantization parameters of video transcoding output. Under the given
delivery constraint, and optimal transcoding method can then be selected, where
optimality is defined in the rate-distortion sense.

8.2.2 Transcoding to H.264
H.264 (MPEG-4 AVC) is the emerging video coding standard. It offers significant higher

efficiency than earlier standards, including other profiles of MPEG-4 and MPEG-2.
However, the improved compression efficiency comes at a price. The computational
complexity of an H.264 encoder is much higher than other standards. The increase in the
computational complexity comes mainly from the new prediction modes introduced in
H.264: multiple reference frames, variable block-sizes, and various intra prediction
modes, etc. For transcoding, e.g., from MPEG-2 to H.264, it is interesting to investigate
how the input coding statistics can be intelligently utilized to calculate the new prediction
modes with minimal computational requirement but can achieve optimal video quality.
Intuitively, the various motion refinement techniques should be used to perform the

multiple reference frame prediction in the H.264.
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