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ABSTRACT

Liang, Liang. Ph.D., Purdue University, August, 2009. Error Resilient Video Stream-
ing Algorithms Based on Wyner-Ziv Coding. Major Professor: Edward J. Delp.

Compressed video is very sensitive to channel errors. A few bit losses can derail
the entire decoding process. Therefore, protecting compressed video is always neces-
sary for reliable visual communications. In recent years, WynerZiv lossy coding has
been applied to error resilience and achieved superior improvement over conventional
techniques.

In our work, we first proposed an unequal error protection method for protecting
data elements in a video stream, via a Wyner-Ziv encoder that consists of a coarse
quantizer and a Turbo coder based lossless Slepian-Wolf encoder. Data elements that
significantly impact the visual quality of decoded video, such as modes and motion
vectors as used by H.264, are protected more by assigning a higher parity data rate
than the coarsely quantized transform coefficients. This results in an improvement
in the quality of the decoded video when the transmitted data was corrupted by the
transmission errors, than the results obtained by using equal error protection.

In our later work, we described an improved technique by adapting the parity bit
rates of the protected video information to the video content. The parity data rates
are assigned to the motion information and the transform coefficients according to
their impact on the visual quality of each frame. This results in an efficient way of
improving the quality of the decoded video when it has been corrupted by transmission
errors.

We also proposed a feedback aided error resilience technique, based on Wyner-
Ziv coding. By utilizing feedback regarding current channel packet-loss rates, turbo

coders can adaptively adjust the amount of parity bits needed for correcting corrupted
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slices at the decoder. This results in an efficient usage of the bit budget for Wyner—
Ziv coding while maintaining good quality decoded video when the data has been
corrupted by transmission errors.

Finally we studied the case of combining the content adaptive function at the
encoder side and utilizing the feedback of the current channel packet losses conveyed
from the decoder side to adjust the protection level of the protection video infor-
mation at the same time. A new parity data rates assignment table is given. The
experiment results showed the improvement on the rate distortion performance of this
combined method, comparing to the case of utilizing the content adaptive function or
the decoder side feedback information individually. An analysis and modeling of the
system have also been studied, which aim to find the theoretical basis for finding the

optimal data rate allocation between the primary coding and the Wyner-Ziv coding.



1. INTRODUCTION

Channel errors can result in serious loss of decoded video quality. Many error resilience
and concealment schemes have been proposed [1]. However, when large errors occur,
most of the proposed techniques are not sufficient enough to recover the loss. In recent
years, error resilience approaches employing Wyner—Ziv lossy coding theory [2] have
been developed and have resulted in improvement in the visual quality of the decoded
frames [3]- [13]. Other works applied distributed source coding onto error resilience
include [14], [15], [16], [17].

In 1976, Wyner and Ziv proved that when the side information is only known to
the decoder, the minimum required source coding rate will be greater or equal to the
rate when the side information is available at both encoder and decoder (see Figure
(1.1)). Denoting the source data by X and the side information by Y, where X and Y’
are correlated, but the side information Y is only available at the decoder, the decoder
manages to reconstruct a version of X, X', subject to the constraint that at most a
distortion D is incurred. It was shown that R"#(D) > Rxy (D) [2], where R"#(D)
is the data rate used when the side information is only available to the decoder and
Rxy (D) represents the data rate required when the side information is available at

both the encoder and the decoder.

Source Data X Reconstructed X'

Encoder Decoder |—————p

%
Side Information Y % m

Fig. 1.1. Side Information Available at Decoder Only

v
h 4




Wymner and Ziv also proved that equality can be achieved when X is Gaussian
memoryless source and D is mean square error distortion D(X, X') = (X — X')?, as
well as when the source data is the sum of an arbitrarily distributed side information
Y and independent Gaussian noise U. In addition, they derived the rate boundary
RY% = Ryy(D) = %log% that can be achieved when 0 < D < %, and
where of and 0% are the variances of the Gaussian noise U and the source data X [2].

One of the earliest work of applying Wyner-Ziv lossy coding theory for error
resilient video transmission is proposed in [3], 2003. The general approach is to use
an independent Wyner—Ziv codec (as shown in Figure (1.3)) to protect a coarse-
version of the input video sequence, which can be decoded together with the side
information from the primary MPEG-x/H.26x decoder. The basic system structure
is shown in Figure (1.2). The approach proposed in [3] is known as systematic lossy
forward error protection (SLEP).

SLEP, in addition to an MPEG-2 encoder, uses a Wyner—Ziv encoder made up
of a coarse quantizer and a lossless Slepian—Wolf encoder that utilizes Turbo coding.
The input to the Wyner-Ziv encoder consists of the reconstructed frames obtained
from the MPEG-2 encoder. These are initially coarsely quantized and then passed
onto a Turbo encoder [18], [19], which outputs selected parity bits. At the receiving
end, a Turbo decoder uses the output of the MPEG-2 decoder, as side information,
and the received parity bits to recover the lost video data. In the absence of any
channel errors, the output of the SLEP decoder will be the same as that of the
MPEG-2 decoder. If however, channel errors corrupt the MPEG-2 stream, then SLEP
attempts to reconstruct a coarse version of the MPEG-2 stream via the received parity
bits, which may have also been corrupted. The quality of the reconstructed version
depends on the quantization step used by the coarse quantizer as well as the strength
of the Turbo code.

Improvements to SLEP have been proposed in [9], [12], and have resulted in a
lower data rate for Wyner—Ziv coding as well as improved decoded video quality. It

is noted that the SLEP method has been applied to H.264 in [12].
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Another approach of using Wyner—Ziv coding for robust video transmission was
proposed in [20], in which the Wyner-Ziv encoder consisted of a discrete cosine trans-
form, a scalar quantizer and an irregular repeat accumulate code as the Slepian—Wolf
coder.

Our approach to unequal error protection is also based on Wyner—Ziv coding and
is motivated by the SLEP approach. The overall goal of our schemes is to correct
errors in each frame by protecting motion information and the transform coefficients.
The primary codec is an H.264/AVC codec and the Wyner—Ziv codec utilizes coarse
quantization and a Turbo codec. Instead of protecting everything associated with
the coarsely reconstructed frames, we separately protect motion information, and
transform coefficients produced by the primary H.264 encoder. The idea being that
since the loss of motion information impacts the quality of decoded video differently
from the loss of transform coefficients, both should receive unequal levels of protec-
tion that are commensurate with their respective contributions to the quality of the
video reconstructed by the decoder [21]. The motion information is protected via
Turbo coding whereas the transform coefficients are protected via Wyner—Ziv coding.
This approach is referred to as unequal error protection using Pseudo Wyner—Ziv
(UEPWZ) coding.

We improve the performance of our unequal error protection technique by adapting
the parity data rates for protecting the video information to the content of each frame.
This is referred to as content adaptive unequal error protection (CAUEP) [22]. In
this scheme, a content adaptive function was used to evaluate the normalized sum
of the absolute difference (SAD) between the reconstructed frames and the predicted
frames. Depending on pre-selected thresholds, the parity data rates assigned to the
motion information and the transform coefficients were varied for each frame. This
resulted in a more effective and flexible error resilience technique that had an improved
performance compared to the original UEPWZ.

Another approach to improve the proposed unequal error protection is to send

feedback regarding the current channel packet loss rates to the Pseudo Wyner—Ziv



encoder, in order to correspondingly adjust the amount of parity bits needed for
correcting the corrupted slices at the decoder [23]. This approach is referred to as
feedback aided unequal error protection (FBUEP). At the decoder, the current packet
loss rate is estimated based on the received data and sent back to the Pseudo Wyner—
Ziv encoder via the real-time transport control protocol (RTCP) feedback mechanism.
This information is utilized by the Turbo encoders to update the parity data rates
of the motion information and the transform coefficients, which are still protected
independently. At the Wyner—Ziv decoder, the received parity bits together with the
side information from the primary decoder are used to decode and restore corrupted
slices. These in turn are sent back to the primary decoder to replace their corrupted
counterparts. It is to be noted that simply increasing the parity bits when the packet
loss rate increases is not applicable, since it will exacerbate network congestion [24].
Instead, the total transmission data rate should be kept constant, which means that
when the packet loss rate increases, the primary data transmission rate should be
lowered in order to spare more bits for parity bits transmission.

In out latest work [25], we propose to combine the use of a content adaptive
function, implemented at the encoder, with the channel loss feedback provided by the
decoder. The new method is named FBCAUEP. In FBCAUEP, both the content of
the video sequence and the latest channel packet loss rate are known by the encoder,
therefore, the Turbo encoder can do a more precise parity data rate allocation decision
on transform coefficients and the motion information. The data rate ratio between
H.264 primary data transmission and Wyner-Ziv parity bits transmission can reach
10 : 1 to 11 : 1 due to the efficient parity data rate allocation with assistance from
both the video content and the channel packet loss rate. The experiment results also
demonstrate that the rate distortion performance and the visual quality of the decode
videos can both be further improved compared to those from CAUEP and FBUEP.

Our proposed error resilience schemes [21], [22], [23], [25], [26] aim to improve
both the rate distortion performance as well as the visual quality of the decoded

video frames when video has been streamed over data networks such as wireless



networks that experience high packet losses. In our experiments, we only consider
packet erasures whether due to network congestion or uncorrected bit errors. The
main focus of our scheme is for applications such as video conferencing, especially
in a wireless network scenario, where serious packet losses will result in unpleasant

distortion during real time video streaming.

1.1 Overview of H.264/AVC Video Standard

H.264/AVC(advanced video coding) is the latest video standard for the coded
representation of visual information. It outperforms the earlier MPEG-4 and H.263
standards by providing higher compression of the video images [27].

H.264/AVC defines the syntax of an encoded video stream rather than explicitly
defining a Codec. It also defines the decoding methods of the bit stream. A set
of practical system structures of the encoder and the decoder are shown in Figure
1.4 and Figure 1.5 [28]. H.264/AVC includes the basic functionality of motion com-
pensated estimation, transform, quantization, entropy coding as in previous MPEG
and H.263 standards, but the details of each function block have been modified to
achieve a higher compression gain. The main features of the H.264/AVC in achieving
significantly coding efficiencies include multi-frame motion prediction, multiple mac-
roblock partition size choices for motion estimation, generalized B frame concepts,
quarter pixel motion estimation resolution, multiple choices for intra coding modes,
deblocking filter and efficient entropy coding methods.

H.264/AVC includes a forward encoding path and a backward reconstruction path.
The input video sequence is processed in units of macroblocks (a block of 16 pixels).
On the forward encoding process, motion estimation is first applied to each mar-
coblock to evaluate the best encoding mode (intra or inter, sub-block sizes) based on
a rate distortion algorithm. The mode achieves the lowest rate distortion is chosen
as the best mode for the macroblock. After the best mode has been chosen, the dif-

ference between the predicted blocks and the reference blocks are computed to form
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Fig. 1.6. Seven Macroblock partition Modes of H.264 Inter Prediction

the prediction error blocks which are then transformed and quantized. Different from
previous video standards, H.264/AVC applies 4 x 4 integer transform, which can be
carried out using integer arithmetic without loss of decoding accuracy. The quantized
transform coefficients are reordered and entropy coded.

At the decoder side, the compressed data stream is entropy decoded, inverse quan-
tized and inverse transformed, together with the decoded prediction block, to form

the decoded frames.

1.1.1 Inter Prediction

H.264/AVC includes total of 7 macroblock partition modes: 16 x 16, 16 x 8,
8 x 16, 8 x 8 8 x4, 4 x8, 4 x4, as shown in Figure 1.6. The data rate and
the caused distortion of each mode is evaluated and compared. The one results in
the lowest rate-distortion (evaluated in Equation 1.1)is chosen as the best partition
mode. The motion vectors of each sub-blocks of the macroblock are then encoded and
transmitted. High prediction accuracy can be achieved due to more flexible block-size

choices, however it also results in high complexity process of motion estimation.



a = argmin(D; + AR;) (1.1)

Where D is the distortion function which can be the sum of the squared prediction
error or the absolute value of the prediction error. R is the total bits used for encoding
in mode 7. A is a Lagrange parameter which depends on the quantization parameter
in use.

It can be noticed that if the large partition size is chosen, fewer bits are needed
to encode the choice of the motion vectors and the type of partition, however, the
prediction error signal may contain high energy. If a smaller partition size is chosen,
the prediction error signal may contain low energy while requiring more bits to sig-
nal the motion vectors and the type of partitions. The choice on the partition size
therefore has large impact on the compression performance. For homogeneous region,
large block size is more preferred and for the area containing high motion or edging
details, a smaller partition size will result in more accurate prediction and therefore
achieve better rate-distortion performance.

In H.264/AVC, the motion vector can have as high as quarter pixel resolution for
luma components and one-eighth resolution for chroma components, which was not
featured in the previous standards.

Due to the importance of the motion vectors, no transformation and quantization
should be applied. When small partition sizes are chosen, it may cost significant
amount of bits for encoding. As is known that neighboring motion vectors often have
high correlation. It therefore can be employed to reduce the necessary bits used for
encoding the motion information. H.264/AVC includes the feature of motion vector
prediction: each motion vector is predicted from the neighboring motion vectors. The
method of obtaining the prediction motion vector (MVp) depends on the partition size
of the current and neighboring blocks, also the availability of the neighboring motion
vectors. Two examples of current (16 x 16 case) and neighboring block partition sizes

are shown in Figure 1.7.



Fig. 1.7. Two Examples of Motion Vector Prediction in H.264/AVC
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If the current block (A) has the same size as the neighboring blocks of left side
(B), the one on the top (C) and the one at the position of top-right (D) are used to
predict the motion vector of the current block. Otherwise, the first block (on the top
of the other blocks) immediately to the left (B) of the current block, the first block
(scanning order) on the top (C) of the current block and the one immediately on the
top-right side (D) of the current block are used for prediction. Except the partition
size of 16 x 8 and 8 x 16, motion vector prediction is computed as the median of the
motion vectors of blocks B, C and D. If a macroblock has the partition size of 16 x 8
blocks, the motion vector predictor of the upper 16 block is predicted from C and
motion vector predictor of the lower sub-block is predicted from B. If a macroblock is
partitioned into two 8 x 16 blocks, the motion vector predictor of the left sub-block is
predicted from B and the right side sub-block is predicted from D. For skipped mode
macroblocks, the motion vector predictor is generated as the median of motion vectors
of B, C and D. If one or more neighboring blocks (B, C, D) are not available, the
choice of obtaining motion vector predictor is modified accordingly. The difference
between the motion vector of the current block and the motion vector predictor
are calculated and the resulting value is named motion vector difference (MVD).
Instead of motion vectors, the motion vector difference of each block are encoded
and transmitted which saves large amount of bits comparing to direct encoding of
motion vectors. At the decoder side, it exploits the same pattern of motion vector
prediction and therefore can decode the motion vectors of each block from received
motion vector differences. For macroblocks encoded in skip mode, the motion vector

predictors are directly used as the motion vectors to decode these macroblocks.

1.1.2 Intra Prediction

In H.264/AVC, there are total 9 intra prediction modes for 4 x 4 luma blocks and
4 modes for luma 16 x 16 blocks. At encoding process, all the prediction modes are

compared and the one results in the lowest difference between prediction block and
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Fig. 1.8. Nine Intra Prediction Modes for 4 x 4 Blocks in H.264

the current block is selected. The nine prediction modes for 4 x 4 blocks are shown

in Figure 1.8.

1. In mode 0 (vertical prediction mode), the upper samples (A, B, C, D) are

extrapolated vertically.

2. In mode 1 (horizontal prediction mode), the left samples (I, J, K, L) are ex-

trapolated horizontally.

3. In mode 2 (DC prediction mode), all samples in prediction block are predicted

by the mean of samples A, B, C, D and I, J, K, L.

4. In mode 3 (diagonal down-left prediction mode), the samples are interpolated

at 45 degree between lower-left and upper-right.

5. In mode 4 (diagonal down-right prediction mode), the samples are extrapolated

45 degree down and to the right.
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Fig. 1.9. Four Intra Prediction Modes for 16 x 16 Macroblocks in H.264

6. In mode 5 (vertical-right prediction mode), extrapolation is at approximately

26.6 degree to the left of vertical.

7. In mode 6 (horizontal-down prediction mode), extrapolation is at an angle of

about 26.6 below horizontal.

8. In mode 7, the extrapolation is at an angle of about 26.6 degree to the right of

vertical.

9. In mode 8 (horizontal-up prediction mode), the interpolation is at an angle of

about 26.6 degree above horizontal.

The illustration for 4 types of 16 x 16 intra prediction modes are given in Figure

1.9.
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1. In mode 0 (vertical prediction mode), the extrapolation is obtained from the

upper samples

2. In mode 1 (horizontal prediction mode), the extrapolation is obtained from the

left samples

3. In mode 2 (DC prediction mode), The prediction block is formed by the mean
of the upper and left-hand samples.

4. In mode 3 (Plane prediction mode), A linear plane function is fitted to the

upper and left-hand samples. (for smoothly varying luminance area)

1.1.3 Deblocking Filter

Different from previous video standards, H.264/AVC exploits deblocking filter to
reduce the blocking distortion of the decoded macroblocks. It smooths block edges
and aimed to improve the visual quality of the decoded frames. At the encoder
side, a deblocking filter is used in the backward reconstruction path right after the
inverse transform and before reconstructing and storing the decoded macroblocks
for future reference. At the decoder side, the deblocking filter is used after inverse
transform and before reconstructing and displaying the macroblocks. Because the
deblocked macroblocks have better quality than the blocky ones, they are used for
future motion prediction, which improves the compression performance.

The deblocking filter is applied to the edges of each 4 x 4 blocks in a 16 x 16
macroblock in an order of left-to-right for vertical boundaries and top-to-bottom for
horizontal boundaries. The amount of the filtering depends on the current quantiser,
coding modes of neighboring blocks and the gradient of image samples across the

boundary. [28]
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1.1.4 Transform and Quantization

While most of the previous video standards use DCT (discrete cosine transform)
transform, two types of transforms are applied for luma components in H.264/AVC.
In intra predicted macroblocks, a Hadamard transform is used for 4 x 4 array of luma
DC coefficients. For all the other 4 x 4 residual blocks, a DCT-based integer transform
is applied.

There are several advantages of using the integer transform. First of all, all oper-
ations can be carried out using integer arithmetic without losing decoding accuracy.
Second, by using integer arithmetic, it is possible to ensure zero mismatch between
encoder and decoder inverse transform. Thirdly, the core part of the transform can
be implemented using only additions and shifts. Last, the scaling multiplication is
integrated into the quantizer which reduces the total number of multiplications. At
the decoder side, without loss of accuracy, the inverse quantization and inverse trans-
form are carried out using 16-bit integer arithmetic with only a single multiply per
coefficient.

The complete transform, quantization, inverse quantization and inverse transform

process can be summarized as follows: At the encoding side:

1. Forward transform:

1 1 1 1 1 2 1 1

T 2 1 -1 =2 1 1 -1 =2
W=_CrXCp = [X] (1.2)

1 -1 -1 1 1 -1 -1 2

1 -2 2 -1 1 -2 1 -1

Where X is the input 4 x 4 residual data.
2. Quantization process:

Z = W.round(PF/Qstep) (1.3)

Where Qstep is the quantizer step size and PF’s value depends on the pixel
position as listed in Table(1.1).



Table 1.1

Position PF

(0,0), (2,0), (0,2), 2,2 2 —
2
(1’1>’ (173)7 (371)7 (373> bZ =
Other positions ab _

At the decoder side:

1. Decoder scaling:

W' = Z.Qstep.PF.64

2. Inverse transform:

X =ctw'c;

Where C; =

— = =
=
|
—_
|
—

3. Post scaling:
X" = round(X'/64)

Where X is the output 4 x 4 residual data

1.1.5 Error Resilience Features in H.264/AVC

In H.264/AVC, several error resilience features are included.

16

(1.6)

In flexible macroblock ordering (FMO), macroblocks are allowed to be assigned

into different slice groups according to certain mapping procedures, such as box-

out, raster scan. Inside each slice group, the coding order is still in scanning order.

Each slice group is encoded independently and can be decoded independently too.

Effectively using flexible macroblock ordering feature can largely improve robustness
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Fig. 1.10. Checker Board Mapping

to video data loss. An example is shown in Figure 1.10, where the checker-board
mapping is used. The shaded macroblocks belong to one slice while the rest belong
to the other slice group. It can be noticed that if one slice group got lost, each lost
macroblock still has three to four decoded macroblocks that can be used to error
conceal the lost one. However, the coding efficiency might be lowered due to the
broken in-picture prediction along the slices edges.

Redundant picture is also a new error resilience feature used to enhance the ro-
bustness to data loss by sending redundant information of the important video data.
Different from resending a same copy of the primary data, H.264/AVC allows the
redundant slices to be encoded with different parameters and therefore it is not nec-
essarily the same representation as the primary video encoded data. For example, it
can be a coarse version of the primary encoded data by changing the quantization
parameter which uses less bits.

Data partition is used to give higher protection to more important video data while
video transmission. It allows the syntax of each slice to be partitioned into at most
three partition groups. In H.264/AVC, header information, including macroblock
mode, quantization parameters and motion vectors are put in the highest protected

partition (partition A) since they are most important information for decoding the
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video stream. The intra coded data is put into the second level partition (partition
B), which is decodable based on the availability of partition A. The inter coded data
is sent in partition C, which can only be useful if partition A is available. If data
partition is used, the three different partitions are put into three individual bit buffers.
At the decoder side, all three types partitions need to be available to start decoding
process. If partition B or C got lost, partition A can still be useful by applying error
concealment method to recover the lost slices.

Synchronization/switching pictures (SP) is a new feature in H.264/AVC which
provides special types of pictures (SP/SI). Identical SP frames can be reconstructed
when difference frames are used for predictions. This property makes SP frames
similar as intra frames but with more compression efficiency. SP frames can be used
for splicing, random access, and error resilience/concealment. SI frames are used in
conjunction with SP frames [29], [30].

Other than the above techniques, H.264/AVC allows intra predicted macroblock

in the P frames.

1.2 Structures of H.264/AVC data Stream

The output of the H.264/AVC encoder is a series of NAL units. On packet net-
works, each NAL can be sent in different packets. Fach NAL unit contain a RBSP.
The types of the RBSP are listed as follows:

e Parameter Set: global parameters for a sequence such as picture dimensions,

video format, macroblock allocation map, e.t.c.
e Coded slice: header and data for a slice which contains the coded video data.

e Picture delimiter: boundary between video pictures. If it is not present, the

decoder infers the boundary based on the frame number within each slice header.

e Supplemental enhancement information: Side messages that are not essential

for correct decoding of the video sequence.
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e Data partition: it is used for error resilience purpose. Partition A contains
header data for all macroblocks in the same slice. Partition B contains intra

coded data and partition C contains inter coded data.

e End of Sequence: it indicates that the sequence is end or in another word the

next picture is an IDR picture.
e End of Stream: it indicates that there is no more video data in the bit stream.

The parameter sets defined in H.264/AVC contains information of a large number

of coded frames.

e Sequence parameter set: it contains the parameters for a video sequence, which
includes an identifier, limits on frame numbers, number of reference frames,

picture width and height, choice of interlaced or progressive coding format.

e Picture parameter set: it contains parameters for one ore more decoded pic-
tures, which includes an identifier, a flag for signaling VLC/CABAC, number
of reference frames, quantization parameters, a flag signaling the modification

of the deblocking filter parameters.

One or more sequence parameter sets and picture parameter sets are normally sent
to the decoder prior to decoding of slice headers and encoded video data.The slice
header activates a selected picture parameter set for encoding the coded video data
within this slice. If a different picture parameter set is needed for encoding a different
slice, the slice header activates the corresponding picture parameter set. In the same
way, each picture parameter set in use activate a corresponding sequence parameter
set in need. The advantages of using parameter set is to signal the important but
infrequently changed parameters separately from the coded slices data and therefore

save large amount of bits.
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1.3 Transmission of H.264/AVC Data Stream over Internet

Video coding layer (VCL) and the network abstraction layer (NAL) are two con-
ceptual layers included in H.264/AVC standards, where video coding layer contains
the representation of the coded video data and network abstraction layer defines the
interface between the video codes and the transmission channel. NAL units are sent
in packets and therefore it fits packet based networks. Several NAL units can be put
into one aggregation packet. Each NAL unit can also be sent in separate packet.
One NAL unit can also be fragmented into several packets. NAL units are sent in
decoding order. If there is any data loss happened during transmission, an error flag
in the NAL unit header will indicate that [31].

There are two kinds of typical transmission errors: bit inversion errors and packet
losses. Most of the multiplexing protocols include packet loss or bit-error detection
and therefore it can be assumed that the erroneous transmission packets can be
detected. In H.264/AVC, the bit-erroneous packets are considered as being discarded
at the decoder. One reason for it is that handling the bit erroneous data normally
complicates the decoding process.

When transmission loss happened, error resilience or error concealment techniques
need to be used to minimize the distortion caused by the lost video data within the
frame and the error propagation to other frames.

One way to reduce the packet loss rate is to reduce the packet size since the
probability of a bit error hitting a short packet is normally lower than for large
packets. Moreover, short packets reduce the amount of lost information. The slice or
slice group feature in H.264/AVC is to divide a frame into several independent slices
which means no intra prediction can be conducted along the slice edges. Each slice
is sent in individual packet and the loss of one of them does not affect the decoding
of the the other slices within the same frame. It both reduced the packet length and
enhanced the decoding ability of the different area in one frame. It also facilitates

successful error concealment. However, on the other hand, more packets means more
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bits are used for header information of each packet. Also the restricted range of intra
prediction reduced the compression efficiency. Therefore, the choice on the packet
size plays an important role in dealing with transmission loss while keeping coding
performance.

Flexible macroblock ordering is also one of the slice group methods. It allows
different ways of mapping a group of macroblocks into one slice group, such as checker-
board pattern, interleave pattern, sub-picture within a picture. Flexible macroblock
ordering is known to be effective in conjunction use with error concealment techniques.
For example, in checker-board pattern, if one slice group got lost during transmission,
the macroblocks neighboring the lost macroblock may be received (in another slice
group) successfully. Therefore, the neighboring decoded macroblocks can be used to
error conceal the lost macroblocks.

The sub-picture mapping is useful if it is combined with a technique that can
detect the background area and the motion area. The picture is then divided into
several slice groups of different importance. Unequal error protection can be applied
to different slice groups to enhance error resilience (motion content slice needs more
protection than the background slice since homogeneous background area is easier to
be error concealed than the motion area).

When transmission loss happened, the loss statistics are normally unknown to the
encoder side. In order to resend the lost information for error resilience purpose, a low-
bit-rate feed back channel from decoder to encoder is helpful. This feedback channel
can be available for H.264/AVC video transmission using RTP/RTCP protocol. The
feed-back channel, depending on the available data rate, can report a b-frame delayed
channel loss information observed at the decoder side to the encoder. In RTP/IP
protocol, the feedbacks are supported by RTCP messages.

At the decoder side, the successfully received packets are decoded while the error
concealment has to be applied for the lost video data. If inter motion prediction is
used for the frame with data loss but error concealed, and it is used as the reference

for decoding the following frames, error propagation will then occur in those follow-
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ing decoded frame, which causes a long-term visual quality degradation. Therefore
packet loss has significant impact on the visual quality of the decoded sequence be-
fore intra coded frames are used. It has been mentioned that because of using motion
compensated prediction, the decoded picture quality depends not only on the lost
video data in the current frame but also on the entire lossy sequence decoded before
it (if no intra frames have been inserted to stop the error propagation).

A robust decoder should be able to detect the transmission loss and apply the ap-
propriate error concealment technique to recover the lost information. For H.264/AVC
decoder, it assumed that before decoding, the erroneous slices are discarded and the
correctly received video data are arranged in a correct decoding order. However, the
decoder has to detect the the temporal and spacial location of the lost slices. These
are usually signaled in the slice or frame header.

Two well-known error concealment methods are applied in H.264/AVC decoder:
weighted pixel value averaging for intra frames and boundary matching based motion
vector recovery for inter frames. In weighted pixel value averaging method, if a
macroblock got lost, the neighboring correctly decoded macroblocks (at least Two)
are used for error concealment. Otherwise previously error-concealed neighboring
macroblocks will be used for error concealment too. The pixel values in the lost
macroblocks are obtained by calculating a weighted sum of the available boundary
pixels. The weight of each boundary pixel is relative to the inverse distance between
the pixel to be concealed and the boundary pixels.

For inter predicted slices, the correctly decoded motion information is evaluated
and if the average length of the motion vector is smaller than a predefined threshold,
the lost slices are copied from the co-located positions of the reference frame. If it
is greater than the threshold, the motion compensated error concealment method is
used. If a block has adjacent blocks whose motion vectors are correctly decoded, these
motion vectors are used to obtain the error concealed blocks. If none of the adjacent
blocks are available, the neighboring concealed blocks are used instead. The candidate

blocks has the smallest boundary matching error, which is the sum of absolute pixel
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difference of the adjacent luminance pixels in the concealed block and its decoded or
concealed neighboring block, is chosen.

Three types of video application can be categorized by using network protocols:
conversational application such as video conferencing, which has high restriction on
delays and always limited to point to point or small scale multi-points communication.
It also requires real-time video coding and therefore prefer low complexity encoding
and decoding process. The second application is downloading or storage pre-coded
video streams. For this application, it is not necessary to consider delay and real-time
coding requirement. The third application is named IP-based streaming and its delay
requirement is somewhere in middle of the first two application.

Maximum transfer unit size (MTU) is an an important parameter when deciding
on the packet size. The packet size should never be bigger than the MTU but close to
it. In this way, it optimizes the header overhead while minimize the loss probability
at the same time. For wired network, the MTU is normally assumed to be around
1500 bytes while only about 100 bytes for wireless transmission environment.

Error resilience method usually add redundancy in order to cope with the trans-
mission loss. However, when error loss rate is high (high congestion network), the
congestion control mechanism start to reduce the network load by decrease the en-
coding data rate by reducing frame rate, picture quality or completely dropping the

encoded video data.

1.3.1 Feedback Information Used in H.264/AVC

Feedback information can be used in H.264/AVC video streaming. Decoder can
send back the received video data information by acknowledging the correctly re-
ceived slices and not-acknowledged message for lost slices. The feedback is normally
a delayed information but a immediate feed back message is also possible depending
on the available bandwidth for transmitting the feedback data. The feedback infor-
mation can be assumed as error-free and the overhead is assumed to be negligible [32].

The lost data is therefore can be re-transmitted if the encoder received the message
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of the loss, however, a delay may exist. Although the transport protocol is not the
focus of the H.264/AVC, the flexibility of the H.264/AVC gives the motivation of
using feedback in system design.

There are three feedback modes and three kinds of feedback messages defined
in [32]. In feedback mode I, the encoder receives the messages about the acknowledged
slices that have been successfully received. Encoder then restrict the reference areas
of encoding the following slices to be those acknowledged slices. If not such a reference
is available, the intra mode is used. In the feedback mode II, the reference slices in
the encoder are those acknowledged area and also the not-acknowledged area with
the same error concealment method applied on as the decoder used. In feedback
mode III, the reference area is not restricted but an expected distortion is computed
and updated at the encoder side. The channel is deterministic by receiving feedback

messages.

1.4 Error Resilience Based on Wyner-Ziv Lossy Coding Theory

In 1970s, Wyner and Ziv proved that the minimum source encoding rate for a
given distortion, when the side information is only known to the decoder, is greater
or equal to the the rate obtainable when the side information is available at both
encoder and decoder sides. Therefore Wyner-Ziv coding is also referred to as lossy
compression with side information at the decoder. This distributed source coding
theory implies two important applications, the low complexity encoding and error
resilient transmission. In our work, we developed the application of the Wyner-Ziv
theory on error resilience.

Conventional video transmission uses forward error correction (FEC) systems for
error resilience. However, when the channel error rate exceed the error-correction
capability, a highly unacceptable video quality, known as cliff effect, can be observed.
One improvement on solving this problem is using unequal error protection method,

which give higher error protection to more important video information. However,



25

this requires to use layered video coding, which is not used in practice because of the
inefficient rate-distortion performance.

By adding an independent Wyner-Ziv encoder which processes the same video
source as the primary video encoder, e.g, MPEG encoder, and using the decoded
video signals from the primary decoder as the side information to the Wyner-Ziv
decoder, an error-resilient transmission can be achieved. This achievement is based on
the error correction capability of the Turbo Codec (or Reed-Soloman code, or LDPC
code), which serves as the lossless Slepian-Wolf’s codec block inside the Wyner-Ziv
codec. Turbo code has been proved that can come close to the Slepain-Wolf bound
in [33]. Another part inside the Wyner-Ziv codec is a coarser quantizer, comparing to
the one used in the primary codec. Therefore the Wyner-Ziv description output from
the coarser quantizer uses less data rate. It is then sent to the Turbo encoder and
output the parity bits which use even less bite rate and is transmitted to the decoder
side. The Turbo decoder uses the side information and the parity bits to recover
the coarser description of the video signals. When the unacceptable large channel
error happened, this coarser reconstructed signal could limit the upper bound of the
error and therefore avoid the cliff effect. Plenty results have shown that this error
resilience approach gives much better visual quality than using conventional forward
error correction in the transmission of primary video sequence. The basic block

diagram of this algorithm is given in Fig(1.4).

1.4.1 Improvements on Wyner-Ziv Error Resilience Algorithms

The first result in Wyner-Ziv error resilience application is presented in [3], 2003,
in which the systematic lossy forward error protection (SLEP) coding scheme was
first time proposed to mitigate the channel error effects in digital video broadcasting.
The improvements on Wyner-Ziv error-resilient transmission based on SLEP system

are summarized in the following sections.
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First Result on Wyner-ziv Error Resilient Video Transmission

The simplest method by using pixel domain Wyner-Ziv coding in SLEP system
and the first results of applying Wyner-Ziv codec for error-resilient transmission were
introduced in [3]. The system part contains the primary MPEG codec, which does
not use conventional FEC during transmission over the error-prone channel. The
Wyner-Ziv codec in this system consists of a coarse quantizer and a turbo encoder
at the encoder side; a turbo decoder and a reconstruction block at the decoder side.
The system structure is shown in Fig(1.4.1). Wyner-ziv encoder is independent of
the MPEG encoder, both of which have the same input video sequence. Wyner-ziv
decoder is dependent on the MPEG decoder by using its output as the side information
to reconstruct the video information and limit the error up to a residual distortion.
The results of this technique were shown in [3], which gave good visual quality in the
decoded frames than those using the conventional FEC algorithm.

In no channel error case, the Wyner-Ziv codec outputs the same data as those
from the MPEG decoder, therefore is completely redundant. Only when the channel
error corrupts part of the bit stream, the Wyner-Ziv codec can do its help to limit
the error to an upper bound which depends on the coarse quantizer.

The advantages of using SLEP system are: it can potentially achieve a much
lower data rate than the conventional channel coder, e.g. FEC, since the SLEP system
allows for some distortion by the channel errors. At the same time, Wyner-Ziv codec
guarantees stronger error protection, especially for high distortion case.

The drawback is that since the pixel domain Wyner-Ziv coding does not exploit
any spatial and temporal correlation in the input video source, the required Wyner-

Ziv Data rate is still high.

Embedded Wyner-Ziv Codec

An improvement on the basic Wyner-Ziv coding for error resilience is proposed in

[4], by exploiting the trade-off between the allowable transmission errors and Wyner-
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Ziv data rate, to construct an embeded Wyner-Ziv codec. The system block diagram
is shown in Figl.4.1.

At the encoder side, the system part set-up is the same as before. The Wyner-
Ziv codec (I) used a coarser quantization and the Wyner-Ziv codec (II) used a finer
quantizer. Wyner-Ziv codec (I) has stronger error protection capability due to that
the coarsely quantized data stream is easier to decode. The concealed signal from
primary decoder is sent to the Wyner-Ziv decoder (I) as the side information to
reconstruct the output video sequence, whose distortion is upper bounded by the
Wyner-Ziv codec (I). If the channel error is not too sever, the spare data rate can be
used to decode the Wyner-Ziv data stream (II). The decoded signal from Wyner-Ziv
decoder (I) and the primary decoder is served as the side information to Wyner-Ziv
decoder (II) and yielded an improved reconstructed signal Y5.

The simulation results shown in [4] demonstrated that when the channel error
is not too sever and the data rate is more than enough to correctly decode all the
frames by only using the first level Wyner-Ziv coder, the peak signal to noise ratio
(PSNR) was improved limitedly due to the coarse quantizer. Therefore, for this
case, the embedded system could be more effective by encoding and decoding a finer

Wymner-Ziv description by Wyner-Ziv codec (II).

Wyner-ziv Coding Applied to Temporally Subsampled Source Sequence

This technique is simple but necessary to be mentioned. The basic system struc-
ture is the same as the one level pixel-domain Wyner-Ziv codec. The only difference
is that only every n-th frame is transmitted by the Wyner-Ziv codec. The data rate
used by Wyner-Ziv coding is decreased to total — data — rate/n. However, this is
at the expense of an increase in the average distortion due to transmission errors.
The simulation results were give in [4]. The trade off between the temporal sub-
sampling versus Wyner-Ziv data rate should be an important consideration in the

further improvement.
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Hybrid Video Codec

Further improvement on SLEP system is using Reed-solomon (RS) codec instead
of the Turbo codec in the Wyner-Ziv codec [5]. RS code is usually used in conventional
FEC in MPEG video transmission. The name of hybrid video codec comes from this
reason. In this system, the input video frames to the hybrid video code uses the same
slice structure as that of MPEG video code. The Wyner-Ziv description output from
the coarser quantizer is then sent to RS coder which applies systematic RS codes
across the slices of an entire frame. Only the RS parity symbols were transmitted
to the receiver. RS code also has error correct capability. It uses the received RS
parity bits and the error-prone Wyner-Ziv description from the MPEG decoder to
obtain an error-free Wyner-Ziv description. Since the location of the lost slices is
known, the RS decoder can perform erasure decoding across the error-prone slices. A
fall back mechanism substitutes the lost slices in the main video sequence with their
correct but coarser versions. The coarse fall back causes some prediction mismatch
which propagates to the subsequent frame but the visual examination of the decoded
sequence showed that this small error is imperceptible [5]. To prevent prediction
mismatch between the two coarse video encoders (one at encoder side and the other
on in the decoder side as shown in Fig(1.4.1)), it is necessary to ensure that they use
the same reference frame for predictive coding. This is done by requiring the coarse
encoder inside the Wyner-Ziv encoder to use the locally decoded reference frame from
the main MPEG encoders as a reference frame for predictive coding.

It is the first time mentioned in [5] that the redundant slice feature in H.264
software can be used to generate the second Wyner-Ziv description.

The simulation results showed that this scheme could achieve a much lower data
rate used for Wyner-Ziv encoding and a better visual performance in the decode
frames than the conventional FEC.

The trade off between the Wyner-Ziv data rate and the residual distortion can

be exploited to add an embedded Wyner-Ziv coder that helps to achieve a graceful
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degradation of the decoded video frames. This idea resulted in the pixel domain
embedded SLEP system in [4], which could also be implemented for hybrid video

codec as given in [5].

1.5 Overview of The Thesis

1.5.1 Contribution of The Thesis

In this thesis, we developed error resilience techniques based on Wyner-Ziv coding

21], [22], [23], [25], [26]. The main contribution of the thesis are:

e Unequal Error Protection Based on Wyner-Ziv Coding

Our work on unequal error protection [21] using Wyner—Ziv coding is motivated
by the SLEP system. However, there are two major differences from SLEP.
First, instead of protecting everything associated with coarsely reconstructed
frames, we separately input motion information and the transform coefficients
from a primary H.264 encoder to our Wyner-Ziv encoder and protect them
independently. Second, since motion information and the transform coefficients
are processed independently, different parity data rates can be assigned accord-
ing to their impact on the quality of the decoded frames. This results in an
efficient way of protecting the video elements based on their importance level.
Experimental results show that proposed scheme significantly improved the vi-

sual quality of corrupted frames at the expense of a small increase in data rate.

e Content Adaptive Unequal Error Protection Based on Wyner—Ziv Coding

In this work, we improved the performance of our unequal error protection
technique by adapting the parity data rates of the protected video information
to the content of each frame [22]. A content adaptive function was used to
evaluate the sum of the absolute difference (SAD) between the reconstructed
frame and the predicted frame. Depending on pre-selected thresholds, the par-

ity data rates assigned to the motion information and the transform coefficients
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were varied for each frame. This resulted in a more effective and flexible er-
ror resilience technique that had an improved performance compared to our
original work.Experimental results show that the proposed scheme significantly
improved the quality of corrupted frames and efficiently utilized the available

data rate.

Feedback Aided Unequal Error Protection

In this work, we developed a feedback aided error resilience technique based on
the previously proposed unequal error protection method. At the decoder, the
current packet loss rates are estimated based on the received data and sent back
to the Wyner—Ziv encoder via the real-time transport control protocol (RTCP)
feedback mechanism. This is utilized by the Turbo encoder, as a Slepian—Wolf
lossless coder inside the Wyner—Ziv codec, to update the parity data rates of the
motion information and the transform coefficients, which are still protected in-
dependently. At the Wyner—Ziv decoder, the received parity bits together with
the side information from the primary decoder are used to decode the corrupted
slices. These in turn are sent back to the primary decoder to replace their cor-
rupted counterparts. It is to be noted that simply increasing the parity slices
when the packet loss rate increases is not applicable, since it will exacerbate
network congestion [24], [34], [35]. Instead, the total transmission data rate
should be kept constant, which means that when the packet loss rate increases
the primary data transmission rate should be lowered in order to spare more
bits for parity bit transmission. Also, considering the advantage of unequal
error protection, when the packet loss rate is high, more data rate should be
allocated to motion information parity data rate since motion vectors mostly
have higher importance than the transform coefficients. Whenever feedback is
used in a communication system, the amount of delay it incurs needs to be
taken in consideration. In our feedback system, an RTCP packet is sent back

to the Wyner—Ziv encoder by using the immediate/early RTCP feedback mode,
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whenever possible. The immediate RTCP feedback mode is the mode that is
capable of reporting every loss event immediately back to the receiver. How-
ever, the success of sending the feedback message in such a timely manner also
depends on the available bandwidth [36], [37]. The proposed method resulted in
an efficient allocation of the data rate by the Wyner—Ziv codec for the purpose
of error resilience and consequently provided good quality decoded video when

data had been corrupted by transmission errors.

e Feedback Aided Content Adaptive Unequal Error Protection

In this work, we studied the case of combining the content adaptive function in
the encoder side and the channel loss feedback aided from the decoder side. In
this method, a new content adaptive function directly analyzing the statistics
of the motion information and the transform coefficients is implemented in the
Wyner-Ziv encoder. The improved rate distortion performance is shown from
the experiment results. Further more, the analysis and the modeling of the
whole system is studied in order to find an optimal data rate allocation. The
experiment results showed the improved performance on both the rate distortion

and the visual quality of the decode video frames.

1.5.2 Organization of The Thesis

In Chapter 2, we presented an error resilient scheme that utilizes a Wyner-Ziv
codec to protect mode data, motion vectors and reference frames’ indices produced
by an H.264/AVC coder more than coarsely quantized transformation coefficients.
Experimental results show that proposed scheme significantly improved the visual
quality of corrupted frames at the expense of a small increase in data rate.

In Chapter 3, we presented an error resilient scheme that utilizes a Wyner-Ziv
codec to protect important video information produced by an H.264/AVC coder with
unequally assigned parity data rates. The motion information and the transform

coefficients are protected independently. The parity data rate settings are updated
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for each frame according to the frame content. Experimental results show that the
proposed scheme significantly improved the quality of corrupted frames and efficiently
utilized the available data rate.

In Chapter 4, we presented a feedback aided unequal error protection technique
that is based on our previous unequal error protection method. Both used Wyner—Ziv
coding for error resilience. In this technique the parity data rates allocated to motion
information and the transform coefficients were adjusted adaptively depending upon
feedback received from the decoder regarding packet loss rates. The proposed method
resulted in an efficient allocation of the data rate by the Wyner-Ziv codec for the
purpose of error resilience and consequently provided good quality decoded video
when data had been corrupted by transmission errors.

In Chapter 5, we presented the technique of combing the content adaptive function
in the encoder end and the feedback on packet loss rate from the decode end. The
content adaptive function is also improved by analyzing both the residual frames and
the sum of the difference on motion vector lengths.

Chapter 6 concludes the thesis.
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2. UNEQUAL ERROR PROTECTION BASED ON
WYNER-ZIV CODING

Our work on unequal error protection [21] using Wyner—Ziv coding is motivated
by the SLEP system. However, there are two major differences from SLEP. First,
instead of protecting everything associated with the coarsely reconstructed frames,
we separately input motion information and the transform coefficients from a primary
H.264 encoder to our Wyner—Ziv encoder and protect them independently. Second,
since motion information and the transform coefficients are processed independently,
different parity data rates can be assigned according to their impact on the quality of
the decoded frames. This results in an efficient way of protecting the video elements
based on their importance level.

To further reduce the data rate of the Wyner—Ziv encoder’s output, it is necessary
to use unequal error protection. This can be achieved by increasing the parity data
rate assigned to the data elements that have the strongest impact on the visual quality
of the decoded video. Experimental results have indicated that correctly decoded mo-
tion vector differences with poorly reconstructed residual transform coefficients have
more effect on the visual quality of decoded video frames than properly reconstructed
residual transform coefficients with corrupted motion vector differences. Thus, more
parity data rate should be used for motion vector differences than those used for the
coarsely quantized transform coefficients. The same was observed for mode differ-
ences, that is mode differences impact the visual quality of a decoded frame more
than the transform coefficients. An exception however, occurs when there is a scene
change or the video sequence contains motion that is not properly accounted for by
the motion vectors. In this case, the residual transform coefficients can adversely
effect the quality of the decoded video if not properly reconstructed, and hence they

should be allocated more parity data rate.
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This chapter is organized as follows: Section(2.1) provides a detailed description
of the unequal error protection system. Experimental results are provided in Section

(2.2), followed by the conclusion in Section (2.3).

2.1 Unequal Error Protection Using Wyner—Ziv Coding

In this work, rather than using a Wyner—Ziv encoder as an independent supple-
mentary video codec, we propose to use it as a second layer encoder to protect the
important video information produced by an H.264/AVC encoder as shown in Figure
2.1. The Wyner—Ziv codec uses a Turbo coder to perform Slepian—Wolf coding.

The primary codec of the system is an H.264/AVC codec. Associated with it is
a Wyner—Ziv codec that utilizes coarse quantization and two pairs of Turbo codecs.
Instead of protecting everything associated with the coarsely reconstructed frames,
we separately protect motion information and transform coefficients produced by
the primary H.264 encoder. The idea being that since the loss of motion information
impacts the quality of decoded video differently from the loss of transform coefficients,
both should receive unequal levels of protection that are commensurate with their
respective contributions to the quality of the video reconstructed by the decoder [21].
The block diagram depicting the unequal error protection system is shown in Figure
2.1.

In H.264/AVC, there are 9 modes used for predicting a 4 x 4 block in an I frame
and 4 modes for predicting a 16 x 16 block from its neighbors [28], [27]. The mode
index and the transform coefficients are critical for proper frame reconstruction at the
decoder. In the case of P and B frames, the H.264/AVC standard allows the encoder
the flexibility to choose among different reference frames and block sizes for motion
prediction. In particular, the standard permits block sizes of 4 x 4, 4 x 8, 8 x 4, 8 X §,
8 x 16, 16 x 8, and 16 x 16. Since motion vectors belonging to neighboring blocks are
highly correlated, motion vector differences (MVD) are encoded and transmitted to
the decoder side, together with the reference frame index, mode information and the

residual transform coefficients.
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In our unequal error protection scheme, important video information is protected
through a Pseudo Wyner—Ziv coder. In the case of I frames, mode information (MI)
as well as the transform coefficients are protected whereas motion vector differences,
mode information and reference frame index (RI) are protected for P and B frames.
These are used to create long symbol blocks that are sent to the Turbo encoder.

In order to mitigate the mismatch between the transform coefficients input to
the Wyner—Ziv encoder and the corresponding side information at the Wyner—Ziv
decoder, an inverse quantizer, identical to the one used in the H.264/AVC decoder, is
initially used to de-quantize the coefficients. These are then coarsely quantized by a
uniform scalar quantizer with 2 levels (N < 8), and used to form a block of symbols
that is passed onto the Turbo encoder. The quantization step size for processing

8=N)_ In all cases, the output of the Turbo

the transform coefficients is therefore 2(
encoder is punctured to reduce the overall data rate.

Due to the importance of maintaining its accuracy the motion information is not
quantized, instead, the Turbo encoder accepts the motion information directly and
outputs the selected parity bits. It can be noticed that without using quantization, the
processing of Turbo coding motion information itself is not strictly speaking Wyner-
Ziv coding. Therefore, we name the whole secondary encoder a Pseudo Wyner-Ziv
encoder instead of Wyner-Ziv encoder, and we refer to this scheme as unequal error
protection using Pseudo Wyner—Ziv coding (UEPWZ). However, the application of
Turbo coding in our schemes is different from straight forward error control coding. In
our application, only the parity bits p produced by the Turbo encoder are transmitted
to the decoder. The output data stream wu from the first branch is not transmitted
to the decoder side. This is illustrated in Figure 2.2. The corresponding decoded
error prone primary video data from the H.264 decoder will be used to co-decode the

parity bits received by the Turbo decoders.

The Turbo encoder used consists of two identical recursive systematic encoders

2. P34t
LD 4D ED®  The

(see Figure 2.2) [38], each having the generator function: H(D) = =S5k

input symbols sent to the second recursive encoder are interleaved first in a permuter
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before being passed to it. A puncture mechanism is used to delete some of the parity
bits output from the two recursive encoders, in order to meet a target parity data
rate. Only parity bits are transmitted to the decoder side. The first branch of data,
indicated by the dashed line in Figure 2.2, is not transmitted. The error correction
capability of the Turbo coder also depends on the length of the symbol blocks. In
our scheme, the symbol block length is proportional to the size of a frame instead of
a slice. Each packet contains the video data corresponding to one slice. Therefore, if
a packet is lost, the video information for this slice is dropped.

For the transform coefficients, the symbol block length is 25344 for a QCIF se-
quence. In the proposed scheme the motion vectors are obtained for each 4x4 blocks,
which makes the symbol block length of 3168. The experimental results also show
that the Turbo encoder maintains strong error correction ability for such a symbol
block length.

The Turbo decoder utilizes the received parity bits and the side information from
the H.264/AVC decoder, to perform iterative decoding using two BCJR-MAP (max-
imum a posteriori) decoders [38]. The error corrected information is then sent back
to the H.264/AVC decoder to replace the error corrupted data. In this process, the
decoded error-prone transform coefficients are first sent to a coarse quantizer, which
is the same as the one used at the Pseudo Wyner—Ziv encoder side. The reason is
that at the encoder side, in order to save data rate usage by the Wyner-Ziv coding, a
coarse version of the transform coefficients is Turbo encoded. However, only the out-
put parity bits are transmitted to the decoder side. The video data u output from the
Turbo encoder is not transmitted. Instead, the H.264 decoded error prone transform
coefficients are used as is, together with the received parity bits of the Turbo encoded
coarse-version transform coefficients, to decode the error corrected coarse version of
the transform coefficients. Therefore, it is necessary to coarsely quantize the H.264
decoded error prone transform coefficient before passing them to the Turbo decoder.

When using the real-time transport protocol (RTP), packet loss can be inferred

at the decoder easily by checking the sequence number field in the RTP headers, thus
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Wyner-Ziv decoding is only performed when the decoder detects packet losses. When
no packet loss happens, the H.264 decoded transform coefficients are used for decoding
the residual frames. However, when packet loss happens, the coarser version of the
transform coefficients decoded by the Turbo decoder is used to limit the maximum
degradation that can occur.

Similarly, the error corrupted motion information received by the H.264/AVC de-
coder is sent directly to the corresponding Turbo decoder, together with the received
corresponding parity bits, to decode the error corrected motion information. This
is then sent back to the H.264/AVC decoder to replace the error-corrupted motion
information. The reconstructed frames can be further used as reference frames to
decode subsequent frames. Therefore, the final version of the decoded video sequence
is obtained based on the error corrected motion information and the transform coef-
ficients.

In the case of serious channel loss and/or limited available data rate for error
protection, the Pseudo Wyner—Ziv coder might not be strong enough to recover all
the lost video information. At this point, UEPWZ takes advantage of allocating
different protection levels to different protected video data elements depending on
their overall impact on the decoded video sequence. Experiments have shown that
by assigning unequal data rates for protecting motion information and the transform
coefficients, the rate distortion performance can be improved compared to the equal
parity data rate allocation case.

A similar approach is adopted for B frames except that in this case the indices of
the reference frames have to be passed onto the Wyner—Ziv encoder as well.

The total data rate allocated for transmitting the parity data is obtained as:

N N
WZDRuy =Y TCi+ Y MVD, (2.1)

i=1 j=1
= PDRTC X HTC’ X WTC’ X PNsymbol x FFR (22)

+ PDRMVD X HMV X WMV X PNsymbol x FFR (23)
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Fig. 2.1. Unequal Error Protection Using Wyner-Ziv Coding For Error Resilience
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where Hpo and Hyvp are the height of the TC' and MV D blocks, respectively.
The Wre, Wiy p is the width of the T'C' and MV D blocks, P Ngymper is the number
of the symbol plane and the F'R is the current frame rate for transmitting the video
packets. N is the total number of the frames in the video sequence. PDRyp¢ is the
parity data rate allocated to transform coefficients and PD R,y p is the parity data
rate allocated for protecting motion vector differences. For UEPWZ, the parity data
rate is fixed for processing the whole video sequence. In UEPWZ, the data rate ratio
between transmitting H.264 encoded video data and the parity bits can go as low as
14% to correct enough lost data so that the visual quality of the decoded video looks
well. Depending on the total data rate limit, the ratio between TC and MV can be
different. At very low total data rate range, there are not enough data rate allocated
to both TC and MV parity bits transmission. In these cases, since protection on MV
is more important than TC, the data rate allocated to TC can be zero. When the
total data rate is higher, the parity rate ratio between TC and MI can be 1 : 2 to
1: 3 or higher depending on the total available data rate.

2.2 Experimental Results

To evaluate the current approach, experiments were carried out using version
10.2 of the H.264/AVC reference software on various sequences. All sequences were
compressed at 15 frames per second with a GOP structure I-P-P-P.... Each frame
in a sequence was divide into 9 slices that were packetized into individual packets.
The parity bits corresponding to each slice were also placed into individual packets,
and both data packets and parity packets were sent over a channel and subjected to
random losses ranging from 1 packet/frame to 8 packets/frame.

Data networks suffer from two types of transmission errors: random bit error and
packet drop. In our experiments, we only consider the case of packet erasures, whether
due to network congestion or uncorrected bit errors. Lowering the total data rate to
reduce the network congestion is a realistic solution when packet loss is very high.

However, since our main application is for video streaming over wireless networks in
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which case the packet loss situation is more complicated, we did not consider it in
our current experiments. It is to be noted that simply increasing the parity bits when
the packet loss rate increases is not applicable, since this will exacerbate network
congestion. Instead, the total transmission data rate should be kept constant, which
means that when the packet loss rate increases, the primary data transmission rate
should be lowered in order to spare more bits for parity bits transmission. Finally, it
was assumed that packet losses were uniform.

In the experiments, the parity data rates were fixed. The parity data rate assigned
to Turbo encoding the transform coefficients is 0.5 bpp and the parity data rate
assigned for protecting motion information is 0.125 bpp. The total data rate used to
transmit the parity bits was 71.28 kbps when the data rate used for transmission of
the primary H.264 data was 408 kbps. This amounts to a ratio of 1 : 5 for the data
rate used in transmitting the parity bits and the primary H.264 video data.

It was observed after extensive testing that a ratio of 1 : 5 achieved the best
performance, in PSNR, for the various packet loss rates that were simulated.

We compare the performance of our technique using both equal error protection
(EEP) and unequal error protection (UEPWZ) with an implementation of SLEP [3]
that uses Turbo codes, and operates at the same data rates. In addition, we use
error concealment (any lost slice is replaced by the co-located slice from a previously
decoded frame) to circumvent the effect of channel errors.

Figure 2.4 depicts the PSNR curve of the first 100 frames of the foreman sequence
when 4 packets/frame were lost. In this case the data rate of the H.264/AVC encoder
was 408 kbps, with a corresponding Wyner-Ziv data rate of 71.28 kbps. The SLEP
encoder was operated at the same data rate, and when error concealment was to
be performed the H.264/AVC encoder alone was operated at the combined rate of
479.28 kbps. As can be seen using UEPWZ outperforms EEP, SLEP, and the use
of error concealment only. This is because more parity data was allocated to the
mode differences, motion vector differences, and reference frame indices than were

allocated to the transform coefficients for a given target data rate. In addition,
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using the proposed technique in an EEP mode performed better than SLEP. This
is because the Wyner-Ziv encoder in the particular implementation of SLEP used
accepted coarsely quantized pixels as input, whereas the proposed technique utilizes
mode and motion data which have a more compact representation.

Figure 2.5 and 2.6 exhibit the performance of the four strategies when the packet
losses range from 1 packet/frame to 8 packets/frame, in the case of foreman and
carphone respectively. Again, UEPWZ outperforms the other three techniques. It is
interesting to note that when the H.264/AVC coder data rate is increased, the use of
error concealment results in a performance close, in the PSNR sense, to that of SLEP
even though for the most part SLEP generated better looking images than could be
obtained using error concealment. It was also observed that none of the four methods
could yield visually pleasing images at loss rates exceeding 7 packets/frame. In this
case more data was lost than could be corrected by the Turbo decoder.

Figure 2.19, 2.20, 2.21, and 2.22 depict a frame from foreman and table tennis
respectively, that has been decoded by the four strategies. As can be seen unequal
error protection scheme achieves the best visual quality compared to other methods.
It was also observed that using unequal error protection resulted in a more graceful
degradation, compared to the others, even when the packet loss rate was as severe as
6 packets/frame.

Figure 2.7-2.18 show the results of rate distortion performance for QCIF and CIF
video sequences at packet loss of 1, 2, 3 packets per frame. It can be seen that
UEPWZ always performance better than EEP and H264EC due to effective unequal

parity data rates allocation for transform coefficients and the motion information.

2.3 Conclusion

In this chapter we presented an error resilient scheme that utilizes a Wyner-
Ziv codec to protect motion vectors and reference frames’ indices produced by an
H.264/AVC coder more than coarsely quantized transformation coefficients. Experi-

mental results show that proposed scheme significantly improved the visual quality of
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Rate-Distortion Performance for foreman.qcif (fixed packet loss rate =3p/f)
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Fig. 2.7. Rate Distortion Performance for foreman.qcif sequence at
packet loss = 3ppf
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Rate Distortion Performance of mobile.qcif (fixed loss = 2p/f)
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Rate-Distortion Performance for foreman.cif (fixed packet loss rate =2p/f)
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Rate Distortion Performance of mobile.cif (fixed loss = 3p/f)
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(b)

Fig. 2.19. Visual depiction of a frame from the foreman sequence when
4 packets/frame are lost. (a) Error Concealment performance when
the sequence was compressed at a data rate of 479.28 kbps; corre-
sponding PSNR = 24.185dB. (b): SLEP with 4 level, parity data rate
WZ rate = 71.28 kbps, H.264/AVC rate = 408 kbps; corresponding
PSNR = 27.94dB)

(b)

Fig. 2.20. Visual depiction of a frame from the foreman sequence
when 4 packets/frame are lost. (a) Equal Error Protection, WZ rate
= 80.19 kbps; H.264/AVC rate = 408 kbps; corresponding PSNR
= 33.33 dB ). (b)Unequal Error Protection, WZ rate = 71.28 kbps,
H.264/AVC rate = 408 kbps; corresponding PSNR = 39.55 dB)

95



Fig. 2.21. Visual depiction of a frame from the table tennis sequence
when 5 packets/frame are lost. (a) Error Concealment performance
when the sequence was compressed at a data rate of 479.28 kbps;
corresponding PSNR=22.83dB. (b): SLEP with 2 level, parity bit rate
WZ rate = 71.28 kbps, H.264/AVC rate = 408 kbps; corresponding
PSNR=23.82dB)

Fig. 2.22. Visual depiction of a frame from the table tennis se-
quence when 5 packets/frame are lost. (a): Equal Error Protec-
tion, WZ rate = 80.19 kbps; H.264/AVC rate=408 kbps; correspond-
ing PSNR=29.11dB). (b)Unequal Error Protection, WZ rate = 71.28
kbps, H.264/AVC rate=408 kbps; corresponding PSNR=35.08dB)
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corrupted frames. Over the quality of competing techniques such as equal error pro-
tection, SLEP, and H.264 with error resilience and error concealment. This, however,

came at the expense of a small increase in data rate.
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3. CONTENT ADAPTIVE UNEQUAL ERROR
PROTECTION BASED ON WYNER-ZIV CODING

In this chapter, we improve the performance of unequal error protection technique
described in Chapter 2 by adapting the parity data rates of the protected video
information to the content of each frame [22]. A content adaptive function is used to
evaluate the sum of the absolute difference (SAD) between the reconstructed frame
and the predicted frame. Depending on pre-selected thresholds, the parity data rates
assigned to the motion information and the transform coefficients are varied for each
frame. This results in a more effective and flexible error resilience technique that has
an improved performance compared to the original work.

This chapter is organized as follows: Section 3.1 provides a detailed description
of the content adaptive unequal error protection (CAUEP) system. Experimental

results are provided in Section 3.2, followed by the conclusion in Section 3.3.

3.1 Adaptive Unequal Error Protection

In the previous method UEPWZ, the parity data rates for Turbo coding mo-
tion information and the transform coefficients are always set in advance and fixed
throughout. However, in a video sequence, different video content in each part of
the sequence may require different amounts of protection for the corresponding video
data elements. The amount of the motion contained in each frame may change over
time, which means part of the video sequence may contain a large amount of motion
while some other parts may only contain slow motion content. For this type of video
sequences, fixed parity data rate assignment may result in inefficient error protec-

tion. When motion content increases in the video sequence, the pre-assigned parity
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data rate may become insufficient to correct the errors or it may result in sending
redundant parity bits when the motion content decreases in the same video sequence.

The goal of developing an efficient error resilience technique is to make the algo-
rithm applicable to all types of video sequences. Therefore, a mechanism needs to be
embedded in the Wyner—Ziv coder to analyze the video content, such as the amount
of the motion, in each frame. This improves UEPWZ by adapting the protection
levels of different video data element, to the content of each frame.

At the encoder side, a content adaptive function (CAF) is implemented in order to
help make decisions regarding the parity data rate allocation for protecting different
video data elements. As shown in the system structure diagram (See Figure 3.1), the
motion information and the residual frame information are passed to the CAF block.
An estimation on the average SAD of the residuals in each frame and the average
SAD of the motion vector lengths in each P(B) frame is conducted, both of which
indicate the motion content in each frame. The description of the two estimates is

given as follows:
i=N,j=M

S — 1
SADfe = 5—— DX — X (3.1)

i=0,j=0
where X; ; denotes the reconstructed pixel value at position (i, j), X, ;) is the value
of the predicted pixel at position (4, 7), and W represents the average value of
SAD of the n-th frame in the sequence. M and N are the width and the height of
each frame.

The SAD of the motion vector length is given by:

i=Q,j=P

_ 1

SAD = QxP > \/ (MVei))? + (MVyi j))? (3.2)
i=0,5=0

where MV, ;) and MV, ;) denote the motion vector’s x-axis and y-axis values at
block position (i, 7). @ and P are the coordinates in vertical and horizontal direction
of the block index in each frame.

Based on these estimates, the suggested parity data rates assignment are sent to

the two Turbo encoders.
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The SADEes and SADMV of each frame is compared to three pairs of the pre-
defined thresholds 77¢, TMV Tyes TMV and T5, Ty (see Table (3.1)), in order to
decide the importance level between the motion information and the transform coef-
ficients. The thresholds and the corresponding sets of parity data rates assignments
were chosen experimentally.

The experimental results given in section 3.2 demonstrated that by using the par-
ity data rate allocation and the threshold decisions in Table (3.1), content adaptive
unequal error protection can provide a better rate distortion performance and visual
quality of the decoded video sequences, when compared to our previously proposed
unequal error protection UEPWZ. Both techniques outperform the equal error protec-
tion case and H.264 with error concealment case as shown in Section (3.2). However,
depending on the channel conditions, it may not guarantee perfect recovery of the lost
data in all cases. The calculation of the SADs and the comparisons to the thresholds
are straight forward, therefore do not add much complexity to the system. The rate
allocated to the transmission of the second layer parity data is kept always equal
to or less than one fifth of the amount allocated to the primary video information
transmission.

In content adaptive unequal error protection (CAUEP), the total data rate allo-
cated for transmitting the parity data is obtained as in Equation3.3. The data rate
allocated to error protection is always kept around 14% of the total data rate. Among
this 14%, the data rate is allocated again for protecting TC and MI according to the

following equations.
N N
WZ = DReuey = » _TCi+>_ MI (3.3)
i=1 j=1
N
1
= (% > PDRzc,) x Hre x Wre X PNyl X FR (3.4)
=1

N
1
+ (NZPDRMIJ) X HMI X WMI X PNSymbol x FR (35)

j=1
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Fig. 3.1. Content Adaptive Unequal Error Protection Based on Wyner-Ziv Coding

Table 3.1
Setting of Parity Data Rate(PBR)

SAD range PBR assignment

SADRes < TRes; GADMV < TMV PDRy; = i,PDRTC

T < SADRes < Tftes; TMV < SADMV < TMV | PDRy; = 5,PDRrc
Tyes < SADRes < Tftes; TMV < SADMYV < TMV | PDRyy; = 2, PDRrc
SADZRes > TRes: SADMV > TMV PBRy; = 3,PDRrc

(I
= o= O O

where Hre, Hyr are the height of the transform coefficients and the motion
information data packet. Wre, Wy, are the width of the transformation coefficients
and motion information data packet. PNgympo is representing number of the symbol
plane, F'R is the current frame rate for transmitting the video packets, and N is the
total number of the frames in the video sequence.

Two pairs of the Turbo coders are used for encoding the coarse version of the
transform coefficients and the motion information output from the H.264 encoder.

The parallel Turbo encoder consists of two same recursive systematic encoders, each
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1+D2+D34+D*

having the following generator matrix: H(D) = “H55h

. The input symbols to
the second recursive encoder are interleaved before being passed to it. Puncturing is
used to delete some of the parity bits from two encoders, in order to meet a target
parity data rate. The turbo decoder utilizes the received parity bits and the side
information from the H.264/AVC decoder, to perform the iterative decoding using
two BCJR-MAP decoders (see Figure 2.3) [38]. The error corrected information is
then sent back to the H.264/AVC decoder to replace the erroneous data.

For I frames in H.264/AVC, there are 9 modes used for predicting a 4 x 4 block
and 4 modes for predicting a 16 x 16 block from its neighbors. The mode index and
the TC are therefore critical for proper frame reconstruction at the decoder.

In the case of P and B frames, since motion vectors belonging to neighboring blocks
are highly correlated, motion vector differences (MVD) and TCs are encoded and
transmitted. In addition, the H.264/AVC standard allows the encoder the flexibility
to choose among reference frames and block modes of 4 x 4, 4 x 8, 8 x 4, 8 x 8,
8 x 16, 16 x 8, and 16 x 16. In a Wyner-Ziv encoder, the MVD are obtained for
each 4 x 4 block in order to get a fixed block length of symbols, which are then
passed onto the turbo encoder. Also this way knowing the mode used for each block
is not necessary for decoding the MVD in the Wyner-Ziv decoder. For all three
kinds of frames (I, P and B), whether the TCs are protected or not depends on
the content adaptive function. The Turbo decoder then utilizes the received parity
bits for mode/MVD+RI and/or quantized TC, together with the side information
(the channel corrupted mode/MVD+RI and/or TCs) from the H.264/AVC decoder
to correct for transmission errors. The Turbo decoder corrects any errors and then

transmits the corrected data back to the H.264/AVC decoder.

3.2 Experimental Results

To test the efficiency of the described method, the experiments were carried out
using the same JM10.2 H.264/AVC reference software used previously on various

sequences. As in Chapter 2 all sequences were compressed at 30 frames per second
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with a GOP structure I-P-P-P.... Each QCIF frame in a sequence was divided into 9
slices that were packetized into individual packets. Total number packet per frame is
9packets/frame for QCIF sequence and 18packets/frame for CIF. In another words,
each slice of the frame belongs to one packet, so the total packet number is (N-slices)
packets/frame. The parity bits of the MI and TCs of each slice were also placed into
individual packets. The packets were sent over a channel and subjected to random
losses ranging from 1 packet/frame to 8 packets/frame.

The probability of the packet being corrupted and therefore discarded is propor-
tional to the length of the packet [39]. Assume the length of the H.264 data packet
is [, and the lengths of the Wyner—Ziv MI and TC packets are l,,,, and [,;, respec-
tively. If the probability of packet loss of H.264 data is rj, then the probabilities of
the packet loss of the MI and TC packets are ry;, = rplwm/ln, and ryp = rhle/ln,
respectively. This is implemented in our packet loss simulation.

We compare the performance of the adaptive unequal error technique (CAUEP)
with the original unequal error protection (UEPWZ) and equal error protection
(EEP). The performance of CAUEP, UEPWZ and the EEP methods are also com-
pared to that of H264 when the error resilience feature of using slice groups and error
concealment using the co-located slice from a previously decoded frame to replace the
lost slice are applied. For EEP the MI and the TC are assigned equal parity data
rates.

All four methods use the same total transmission data rate, which means, for
Wyner—Ziv based error resilience methods, the total data rate is divided into two
parts, one part for the primary encoder and the other part for Wyner-Ziv coding.
Figure 3.2 through Figure 3.19 depict the rate distortion performance for the QCIF
format foreman, carphone mobile, coastguard, table-tennis, stefan sequences at the
loss rates of 1, 2, 3 packets per frame.

It can be seen that CAUEP outperforms UEPWZ by around 0.2-0.4 dB for fore-
man at a packet loss rate of 1 packet per frame, by around 0-0.4 dB at a packet
loss rate of 2 packets per frame, and by around 0.2-0.3 dB at a packet loss rate of 3
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Rate-Distortion Performance for foreman.qcif (fixed packet loss rate =3p/f)
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packets per frame. CAUEP outperforms UEPWZ by around 0.1-1 dB for carphone
at a packet loss rate of 1 packet per frame, by around 0.4-0.6dB at a packet loss rate
of 2 packets per frame and around 0.4-0.5dB at a packet loss rate of 3 packets per
frame. For mobile, CAUEP outperforms UEPWZ by around 0-0.4 dB at a packet loss
rate of 1 packet per frame, by around -0.1-0.4 dB at a packet loss rate of 2 packets
per frame, by around 0-0.4 dB at a packet loss rate of 3 packets per frame. For
coastgquard, CAUEP outperforms UEPWZ by around 0.1-0.2 dB at a packet loss rate
of 1 packet per frame, by around 0.1-0.3 dB for a packet loss rate of 2 packets per
frame and by around 0.3-0.5 dB at a packet loss rate of 3 packets per frame. For
table, CAUEP outperforms UEPWZ by around 0-0.1 dB at a packet loss rate of 1
packet per frame, by around 0.3-1 dB at a packet loss rate of 2 packets per frame
and by around 0.3-0.8 dB at a packet loss rate of 3 packets per frame. For stefan,
CAUEP outperforms UEPWZ by around 0.1-0.3 dB at a packet loss rate of 1 packet
per frame, by around 0.2-1.5 dB at a packet loss rate of 2 packets per frame and by
around 2-2.4 dB at a packet loss rate of 3 packets per frame.

For foreman, most of the frames contain high motion, and therefore require pro-
tection of both MI and TC. This corresponds to the third entry in Table(3.1). In
this case the overall performance is very close to that of UEPWZ. In the case of car-
phone, the number of frames containing fast motion and the relatively slow motion
are evenly distributed. This results in the even distribution of the parity data rate
(PBR) over the second and third entries of Table(3.1). This flexible decision makes it
outperform UEPWZ. More experiments have been carried out for different sequences
and CAUEP always attains a better rate-distortion performance than UEPWZ, espe-
cially for sequences that have a mix of both fast and slow motions. As can be noticed,
the CAUEP outperforms EEP by around 1.5-2 dB for foreman and 2.7-3.5 dB for
carphone.

Figure 3.20 and Figure 3.21 exhibit the performance of the four strategies when
the packet loss ranges from 1 to 7 packets/frame for foreman and carphone. Again,

CAUEP outperforms the other three techniques. However, compared to UEPWZ,
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Rate Distortion Performance of carphone (fixed loss = 1p/f)
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Fig. 3.5. Rate Distortion Performance for the carphone sequence

CAUEP gains about 0.2-0.3 dB only for foreman and 0.5-1 dB for carphone, and its
performance converges to that of UEPWZ as packet losses become severe.

Figure 3.22-3.26 depict the rate distortion performance for CIF format sequences.
Again it can be seen that CAUEP performs better than UEPWZ because the parity
data rate allocation can be adjusted due to the content of each frame and therefore
makes the scheme more efficient for error protection.

For visual quality comparison, the decoded frames of table-tennis sequence are
provided in Figures 3.28- 3.39. As can be seen CAUEP improves the performance of
UEPWZ by adapting the parity data rate allocation to the content of the frame.

3.3 Conclusion

In this chapter we presented an error resilient scheme that utilizes a Wyner-Ziv

codec to protect important video information produced by an H.264/AVC coder with
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Rate Distortion Performance of mobile.qcif (fixed loss = 3p/f)
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Rate Distortion Performance of table (fixed loss = 1p/f)
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Rate Distortion Performance of table (fixed loss = 3p/f)
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Rate Distortion Performance of stefan.qcif (fixed loss = 2p/f)
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Fig. 3.18. Rate Distortion Performance for the stefan sequence
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Fig. 3.20. PSNR vs Packet Loss Performance for the foreman sequence
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unequally assigned parity data rates. The motion information and the transform
coefficients are protected independently. The parity data rate settings are updated
for each frame according to the frame content. Experimental results show that the
proposed scheme significantly improved the quality of corrupted frames and efficiently

utilized the available data rate.
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Rate-Distortion Performance for foreman.cif (fixed packet loss rate =2p/f)
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Fig. 3.22. Rate Distortion Performance for the foreman.cif sequence

Figure 3.27 shows the ten runs of the PSNR curves of the foreman.qcif sequence
for the first 100 frames. The channel packet loss is at a dynamic packet loss pattern
in which case, the packet loss is randomly varied from 0 to 5 packets per frame. The

straight line represents the average PSNR of all the runs.
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Fig. 3.23. Rate Distortion Performance for the carphone.cif sequence
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Fig. 3.24. Rate Distortion Performance for the table.cif sequence

Rate Distortion Performance of carphone.cif (fixed loss = 2p/f)
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Rate Distortion Performance of coastguard.cif (fixed loss = 3p/f)
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Fig. 3.25. Rate Distortion Performance for the coastguard.cif sequence

Rate Distortion Performance of mobile.cif (fixed loss = 3p/f)
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Error Curves of CAUEP 10 Runs with Dynamic Loss (foreman.qcif)
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Fig. 3.27. Error Curves of CAUEP 10 Runs with Dynamic Loss (foreman.qcif)

Fig. 3.28. CAUEP: Visual Quality of the 73th frame in table sequence
at 3 packets per frame loss
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Fig. 3.29. UEPWZ: Visual Quality of the 73th frame in table sequence
at 3 packets per frame loss

Fig. 3.30. CAUEP: Visual Quality of the 67th frame in table sequence
at 3 packets per frame loss
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Fig. 3.31. UEPWZ: Visual Quality of the 67th frame in table sequence
at 3 packets per frame loss

Fig. 3.32. CAUEP: Visual Quality of the 66th frame in table sequence
at 3 packets per frame loss
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Fig. 3.33. UEPWZ: Visual Quality of the 66th frame in table sequence
at 3 packets per frame loss

Fig. 3.34. CAUEP: Visual Quality of the 58th frame in table sequence
at 3 packets per frame loss
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Fig. 3.35. UEPWZ: Visual Quality of the 58th frame in table sequence
at 3 packets per frame loss

Fig. 3.36. CAUEP: Visual Quality of the 57th frame in table sequence
at 3 packets per frame loss
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Fig. 3.37. UEPWZ: Visual Quality of the 57th frame in table sequence
at 3 packets per frame loss

Fig. 3.38. CAUEP: Visual Quality of the 50th frame in table sequence
at 3 packets per frame loss



Fig. 3.39. UEPWZ: Visual Quality of the 50th frame in table sequence
at 3 packets per frame loss
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4. FEEDBACK AIDED UNEQUAL ERROR
PROTECTION

In this chapter, we present a feedback aided error resilience technique based on the
previously proposed unequal error protection method. At the decoder, the current
packet loss rates are estimated based on the received data and sent back to the Wyner—
Ziv encoder via the real-time transport control protocol (RTCP) feedback mechanism.
This is utilized by the Turbo encoder, as a Slepian-Wolf lossless coder inside the
Wyner—Ziv codec, to update the parity data rates of the motion information and the
transform coefficients, which are still protected independently. At the Wyner—Ziv
decoder, the received parity bits together with the side information from the primary
decoder are used to decode the corrupted slices. These in turn are sent back to the
primary decoder to replace their corrupted counterparts.

It is to be noted that simply increasing the parity slices when the packet loss rate
increases is not applicable, since it will exacerbate network congestion [24], [34], [35].
Instead, the total transmission data rate should be kept constant, which means that
when the packet loss rate increases the primary data transmission rate should be
lowered in order to spare more bits for parity bit transmission. Also, considering the
advantage of unequal error protection, when the packet loss rate is high, more data
rate should be allocated to motion information parity data rate since motion vectors
mostly have higher importance than the transform coefficients.

Whenever feedback is used in a communication system, the amount of delay it
incurs needs to be taken in consideration. In our feedback system, an RTCP packet
is sent back to the Wyner—Ziv encoder by using the immediate/early RTCP feedback
mode, whenever possible. The immediate RTCP feedback mode is the mode that is

capable of reporting every loss event immediately back to the receiver. However, the
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success of sending the feedback message in such a timely manner also depends on the
available bandwidth [36], [37].

The chapter is organized as follows. Section(4.1) details the proposed feedback
aided error resilience technique. Experimental results are presented in section(4.2),

followed by the conclusion in section (4.3).

4.1 Feedback Aided Unequal Error Protection

Another approach to improve the unequal error protection is to exploit the feed-
back information of the channel loss rate from the decoder side. The parity data
rates assigned for Turbo encoding the protected video information can accordingly
be adjusted.

It is to be noted that data networks suffer from two types of transmission errors,
namely random bit errors due to noise in the channels and packet losses due to
network congestion. When transmitting a data packet, a single uncorrected bit error
in the packet header or body may result in the whole packet being discarded [31]-
[42]. In the current work, we only consider packet losses, whether due to network
congestion or uncorrected bit errors. When using the real-time transport protocol
(RTP), determining which packets have been lost can be easily achieved by monitoring
the sequence number field in the RTP headers [24], [32]. Therefore, the packet loss
rate of each frame can be easily obtained at the decoder.

Figure 4.1 depicts a block diagram of the FBUEP. At the H.264/AVC encoder,
each frame is divided into several slices. Both the motion information and the trans-
form coefficients of each slice are sent to the Pseudo Wyner—Ziv encoder to be en-
coded independently by the two Turbo encoders. As for UEPWZ, the parity data
rates allocated to protecting the different elements of the video sequence are assigned
independently.

At the decoder, the packet loss rate of each frame is evaluated based on the
received video information. It is then sent back to the two Turbo encoders via the

RTCP feedback packets. Depending on the channel packet loss rates conveyed, the
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Fig. 4.1. Feedback Aided Unequal Error Protection Based on Wyner—Ziv Coding.

two Turbo encoders adjust the parity data rates for encoding the motion information

and the transform coefficients of the current frame.

RTCP Feedback

In the decoder, the channel packet loss rate is obtained based on the received
data and sent back to the Pseudo Wyner—Ziv encoder. If the available bandwidth
for transmitting the feedback packets is above a certain threshold then an immediate
mode RTCP feedback message is sent, otherwise the early feedback RTCP mode is
used [43]. The two Turbo encoders update the parity data rates for encoding the
motion information and the transform coefficients based upon the received RTCP
feedback conveying the packet loss rates. This way the Pseudo Wyner—Ziv encoder
attempts to adapt to the decoder’s needs, while avoiding blindly sending a large
number of parity bits that may not be needed when the packet loss is low or zero. In

the case of high channel packet loss rate, the Pseudo Wyner-Ziv encoder enhances
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the protection by allocating more data rates to the Turbo encoded data, especially
the motion information, while decreasing relatively the data rate used for encoding
the main data stream by the H.264/AVC encoder. In this way, the total data rate
is kept as a constant so that it won’t exacerbate the possible congestion over the
network transmission.

According to the RT'CP feedback profile that is detailed in [43], when there is suf-
ficient bandwidth, each loss event can be reported by means of a virtually immediate
RTCP feedback packet. In the RTCP immediate mode, feedback message can be sent
for each frame to the encoder. In our scheme an initial parity data rate value is set
at the beginning of transmitting a video. When the channel loss condition changes,
the immediate mode RTCP feedback packet sends the latest channel packet loss rate
to the Turbo encoders to adjust the parity data rate assignment. If we let N, denote
the average number of loss events to be reported every interval T' by a decoder, B
the RTCP bandwidth fraction for our decoder, and R the average RTCP packet size,

then feedback can be sent via the immediate feedback mode when:

BxT
R

In the RTCP protocol profile [43], it was assumed that 2.5 percent of the the RTP

N < (4.1)

session bandwidth is available for RTCP feedback from the decoder to the encoder.
For example, for a 512 kbits/s stream, 12.8 kbits are available for transmitting the
RTCP feedback. If we assume an average of 96 bytes (768 bits) per RTCP packet

and a frame rate of 15 frames/second, then by Equation4.1, we can conclude that

1
12800+ 1
768

Ny < = 1.11. In this case, the RTCP immediate mode can be used to send
one feedback message per frame to the encoder. 2.5% is the maximum that can be
allocated for feedback information from the decoder side to the Wyner-Ziv encoder.
Depending the channel packet loss rate, the percentage can be different but always

under 2.5%.

When N, > BI’;T, the available bandwidth is not sufficient for transmitting a

feedback message via the immediate mode. In this case, the early RTCP mode is
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turned on. In this mode, the feedback message is scheduled for transmission to the
encoder at the earliest possible time, although it can not necessarily react to each
packet loss event. In this case, a received feedback message at the encoder side may
not reflect the latest channel loss rate. We therefore propose to send an estimate
average channel packet loss rate based on packet loss rates of the previous £k frames.
It gives a better estimate of the recent channel packet loss rate. This scheme is
detailed in Section(4.1).

When the Pseudo Wyner—Ziv encoder does not receive feedback regarding the
current packet loss rates (the feedback packet got lost during transmitting back to
the Turbo encoders or the available bandwidth is not sufficient for immediate mode
feedback), the Turbo encoders keep using the last received channel packet loss rate to
decide the parity data rates for encoding the motion information and the transform

coefficients of the current encoded frame.

Delay Analysis

Delay must be considered when feedback is used. In our system, a RTCP feedback
message is transmitted via the immediate mode, if the available RTCP transmission
data rate is above the threshold as defined in Equation4.1. Through this mechanism
the decoder reports the packet loss rate associated with each received frame to the
encoder. The Pseduo Wyner-Ziv encoder then utilizes this information to select the
parity data rates for encoding the motion information and the transform coefficients
of the current encoded frame.

In early feedback mode, rather than sending feedback on a frame by frame basis,
we propose to send the feedback packets to the Pseudo Wyner—Ziv encoder every k
frames (kK = 1,2,...,n). The feedback in this case is the average channel packet loss
rate (L}") evaluated based on the history of the received video information of the
past k frames, as given in Equation4.2. m represents the m-th set of the k frames
received at the decoder. In this equation .S;; is a counter counting the number of

the error corrupted slices in the ¢-th received frame. 7 is counted in terms of every k
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frames (i = 0,...,k). j is the index of the received slice and each frame is assumed
to be partitioned into n slices. The parity data rates assignment, for Turbo encoding
the motion information and the transform coefficients of the next k& frames, is then

updated once every k frames and therefore has higher resilience to the delay problem.

k n
Lyt = % D Se (4.2)

i=1 j=1

0 the error free packet is received;
Stig) =
1 the error corrupted packet is received.

Furthermore, in the frame by frame based feedback strategy, if the packet loss rate
of the current decoded frame is the same as the previous frame’s, no feedback message
needs to be sent back to the encoder. In the same way, if the average channel packet
loss rate of the current received k frames (L}") is equal to the average packet loss rate
of the past k frames (L,(j”‘”), no feedback is needed to be sent back to the Pseudo
Wyner—Ziv encoder. In other words, the feedback message is only sent back to the
encoder when the packet loss rate is changed. Therefore, there are three scenarios
when no feedback is received by the Turbo encoders. One is that the channel packet
loss rate is kept as a constant at the moment. Another case is that the feedback packet
got lost during transmitting back to the Turbo encoders. The third case is that the
available bandwidth is not sufficient for immediate mode feedback. Accordingly, the
Turbo encoders only update the parity data rates for encoding the motion information

and the transform coefficients when they received the updated feedback regarding the

latest packet loss rate.

Data Rate Assignment

When packet loss rates increase, simply increasing the parity data rates for Turbo
encoding the motion information and the transform coefficients while keeping the

same data rate for the primary video data coding would only exacerbate channel
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congestion [24]. A better way would be to reduce the data rate allocated to the
primary video data transmission slightly and correspondingly increase the data rate
allocated to the transmission of parity bits, so that the total transmission data rate
at any packet loss rate is kept constant.

Furthermore, more efficient use of the data rate can be achieved by assigning
different protection levels to the motion data and the transform coefficients in the
Pseudo Wyner—Ziv encoder at different channel packet loss rate. For example, when
the packet loss rate is very high and the available data rate for Psudo Wyner—Ziv
coding is not enough for transmitting the required amount of the total parity bits, it is
always more effective to allocate enough data rate for protecting the parity bits of the
motion information first since the accuracy of the motion information normally plays
a more important role in decoding the video sequence compared to the transform
coefficients.

In our scheme, the parity data rates assigned to the motion information and the
transform coefficients were evaluated experimentally. The parity data rates settings
at different range of channel packet loss rate were tested by extensive experiments
on different video sequences. The experiment results showed that the enough lost
information can be corrected for reconstructing a visually good quality decoded frames
(See Table(4.1)).

In the FBUEP, the total data rate allocated for transmitting the parity data is

calculated as in Equation4.3

N N
WZ—Dbeuep = ZTCZ+ZMVDJ (43)
i=1 j=1
N
1
- (N ZPDRTC%) x HTC X WTC X PNsymbol x FR (44)
1=1

N
1
+ (5 > PDRyvp,) x Hyy x Wary X PNaympt X FR - (4.5)

j=1
Where Hre, Hyvp is the height of the TC' and MV D data packet. The Wrp¢,
Wuvp is the width of the T'C' and MV D data packet. PNgympo is the number of
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Table 4.1

Setting of Parity Data Rate(PDR) for FBUEP Method

Packet Loss Rate | Parity Data Rate Assignment
0<N<I11% PDRy = 1%, PDRpe = 136
11% < N < 22% PDRy; = 1%, PDR7c = 136
22% < N < 33% PDRy; = 1—76, PDRpc = %
33% < N < 44% PDRy; =<, PDRyc = &
44% < N < 55% PDRy = %2, PDRpc = 116
55% < N PDRy; = %, PDR7c = 1%

the symbol plane and the F'R is the current frame rate for transmitting the video
packets. N is the total number of the frames in the video sequence. In FBUEP
technique, parity data rate assigned for protecting TC and the MVD are different for
each frame. Therefore the parity data rate assigned for TC and MVD are summed

up for all frames.

4.2 Experimental Results

To evaluate the proposed techniques, experiments were carried out using the
JM10.2 H.264/AVC reference software. The frame rate for each sequence was set
at 15 frames per second with an I-P-P-P... GOP structure. In our experiment, each
QCIF frame is divided into 9 slices. The primary encoded video data output from the
H.264 encoder are packetized into 9 packets per frame, each containing the video in-
formation of one slice. The Turbo encoded parity bits of the motion information and
the transform coefficients corresponding to each slice are also sent in separate packets.
All three types of the packets are subjected to random losses over the transmission
channel. We did not attempt to make all packets the same size. Since the packets
containing the parity bits of the motion information or the transform coefficients are

much smaller in size comparing to the H.264 packets, the possibility of getting lost
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over a wireless network transmission is therefore much smaller. All the experiments
results were averaged over 30 lossy channel transmission realizations.

Data networks suffer from two types of transmission errors: random bit error
and packet drop. In our experiments, we only consider the case of packet erasures,
whether due to network congestion or uncorrected bit errors. Lower the total data rate
to reduce the network congestion is a realistic solution when packet loss is very high.
However, since our main application is for video streaming over wireless networks
in which case the packet loss situation is more complicated, we didn’t consider it
in our current experiments. It is to be noted that simply increasing the parity bits
when the packet loss rate increases is not applicable, since it will exacerbate network
congestion. Instead, the total transmission data rate should be kept constant, which
means that when the packet loss rate increases, the primary data transmission rate
should be lowered in order to spare more bits for parity bits transmission.

In our experiments, channel packet loss is simulated by using uniform random
number generators. Our algorithm focuses on wireless network application in which
case severe packet loss could happen. In the case of wireless network transmission,
the probability that the packet arrives in error is approximately proportional to its
length [44]. Assume the length of the H.264 data packet is [;, and the lengths of the
parity bits packets containing the motion information and the transform coefficients
are l,, and [, respectively. If the probability of the packet loss of H.264 data is ry,
then the probabilities of the packet loss of the motion information and the transform
coefficients packets are 7y, = Thlwm/ln and 1y = rilye/ln, respectively. This is
implemented in our packet loss simulation.

For the UEPWZ technique, the protection level provided for the motion informa-
tion and the transform coefficients was fixed for the entire video sequence, and was
not changed to cater for different video content or varied channel packet losses. For
CAUEP, the protection level of the motion information and the transform coefficients
is always adapted to the content of each frame, that is the parity data rates allocated

to the protected video information in the Pseudo Wyner—Ziv coder were adjusted
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according to the content of each frame. The rate, however, was not adjusted to deal
with variable channel losses.

In the case of FBUEP, the packet loss rates were evaluated by the H.264/AVC
decoder and sent back to the Pseudo Wyner-Ziv encoder via RTCP feedback pack-
ets. In the case that there is not enough bandwidth for immediate mode feedback
transmission, feedback message is transmitted to the encoder for every k frames only
(k>1).

In the event that the RTCP feedback packets got lost during transmission, the
Turbo encoders will keep using the last received channel loss rate to decide the parity
data rate allocation for the next k£ frames. It is noted that the protection level in
the Pseudo Wyner—Ziv encoder is not adjusted according to the frame content in the
case of FBUEP. In all three proposed schemes, the error concealment is not applied
on the H.264 decoded data before being passed to the Wyner-Ziv decoder.

In our Wyner-Ziv based schemes, different parity data rate settings have been
tested extensively for different types of video sequences. For the tested sequences,
the final decision on the parity data rate assignments that are given in the paper can
achieve a better rate distortion performance, the visual quality of the decoded frames
and the overall data rate usage comparing to other values of the parity date rates.

Figure 4.14 shows the ten runs of the PSNR curves of the foreman.qcif sequence
for the first 100 frames. The channel packet loss is at a dynamic packet loss pattern
in which case, the packet loss is randomly varied from 0 to 5 packets per frame. The
straight line represents the average PSNR of all the runs.

In general, channel conditions change over time, resulting in variable packet loss
rates. In the following experiments, the channel packet loss rates were varied during
the transmission time of the video sequences. In our simulation, the lowest packet
loss rate is 0 while the highest possible packet loss rate is 55%. The mean of the
overall channel packet loss is at 23.2%. The parity data rates allocated to the mo-
tion information and the transform coefficients, in the case of FBEUP, are shown in

Table(4.1).
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Fig. 4.2. Rate Distortion Performance (foreman-qcif) (Dynamic Packet Loss Case)
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Fig. 4.4. Rate Distortion Performance (table.qcif) (Dynamic Packet Loss Case)
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Rate Distortion Performance of mobile.qcif (Dynamic Packet Loss Rate)
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Fig. 4.6. Rate Distortion Performance (mobile.qcif) (Dynamic Packet Loss Case)
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Rate Distortion Performance for foreman.cif (Dynamic Packet Loss Cass)
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Rate Distortion Performance of coastguard.cif (Dynamic Packet Loss Rate)
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Fig. 4.15. Visual comparison between the original 85th frame (left)
and that produced by CAUEP (right: PSNR=38.42dB).
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Fig. 4.16. Visual comparison between the 85th frame produced
by FBUEP( left: k = 5, PSNR = 39.75dB ) and UEPWZ(right:
PSNR=37.15dB).

Fig. 4.17. Visual comparison between the 85th frame produced by
EEP(left: PSNR=34.64dB) and H264+EC(right: PSNR=29.12dB).
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Figure 4.2-4.13 depict the results for the dynamic packet loss case. As can be seen
in the dynamic packet loss case, the CAUEP and UEPWZ schemes achieved lower
PSNRs at the same data rates compared to PSNRs in the fixed loss cases. One of the
reasons is that the CAUEP and the UEPWZ schemes were not able to allocate enough
parity bits for protecting the important video information when the channel packet
loss rates became higher. Furthermore, distortion is accumulated over a sequence
of successive P frames due to motion compensation, until a new I frame is inserted.
unlike the other schemes, FBUEP attempts to be aware of the varying packet loss
rates and is therefore able to adjust the parity data rates accordingly.

For visual comparison, the 85th frame from foreman, which was protected via
the various schemes described above, has been decoded and depicted along with the
original frame in Figure 4.15, (4.16), and (4.17). The results presented are for dynamic
packet losses. It can be seen that both UEPWZ and CAUEP produce block artifacts
on the left and right cheeks of the person in the figure, with CAUEP generating less
artifacts than UEPWZ. It is also observed that the use of feedback, as in FBUEP,
produced the most visually pleasing image. It also has higher PSNR values than the
others.

Figure 4.17 compares the results from using EEP and the H.264/AVC with error
concealment applied to the decoded frames. Both the visual quality and the PSNRs
are much worse than those of UEPWZ, CAUEP and FBUEP.

4.3 Conclusion

In this chapter, we presented a feedback aided unequal error protection technique
that is based on our previous unequal error protection method. Both used Wyner—Ziv
coding for error resilience. In this technique the parity data rates allocated to motion
information and the transform coefficients were adjusted adaptively depending upon
feedback received from the decoder regarding packet loss rates. The proposed method

resulted in an efficient allocation of the data rate by the Wyner-Ziv codec for the
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purpose of error resilience and consequently provided good quality decoded video

when data had been corrupted by transmission errors.



107

5. FEEDBACK AIDED CONTENT ADAPTIVE
UNEQUAL ERROR PROTECTION

The system structure of the feedback aided content adaptive unequal error protection
(FBCAUEP) is shown in Figure 5.1. FBUEP and CAUEP have been described in
the previous chapters. The advantages of using FBUEP are that the encoder is aware
of the latest channel packet loss rate which helps the Turbo encoder adjust the error
protection strength accordingly. For the CAUEP, the error protection strength is
adjusted by an analysis on the content of each frame while no channel packet loss
information is known to the encoder. In FBCAUEP, both the content of the video
sequence and the latest channel packet loss rate are known by the encoder, therefore,
the Turbo encoder can do a more precise parity data rate allocation decision on
transform coefficients and the motion information. The data rate ratio between H.264
primary data transmission and Wyner-Ziv parity bits transmission can reach 10:1 to
11:1 due to the efficient parity data rate allocation with assistance from both the

video content and the channel packet loss rate.

5.0.1 Pseudo Wyner-Ziv Encoder

The primary codec of the system is an H.264/AVC codec and the Wyner-Ziv codec
utilizes coarse quantization and two pairs of Turbo codecs. Instead of protecting
everything associated with the coarsely reconstructed frames, we separately protect
the motion information and the transform coefficients produced by the primary H.264
encoder. The idea being that since the loss of motion information impacts the quality
of decoded video differently from the loss of transform coefficients, both should receive
unequal levels of protection that are commensurate with their respective contributions

to the quality of the video reconstructed by the decoder [21].
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In H.264/AVC, there are 9 modes used for predicting a 4 x 4 block in an I frame
and 4 modes for predicting a 16 x 16 block from its neighbors [28], [27]. The mode
index and the transform coefficients are critical for proper frame reconstruction at the
decoder. In the case of P and B frames, the H.264/AVC standard allows the encoder
the flexibility to choose among different reference frames and block sizes for motion
prediction. In particular, the standard permits block sizes of 4 x 4, 4 x 8, 8 x 4, 8 X §,
8 x 16, 16 x 8, and 16 x 16. Since motion vectors belonging to neighboring blocks
are highly correlated, motion vector differences (MVD) are encoded and transmitted
to the decoder side, together with the reference frame index, mode information and
the residual transform coefficients. In the case of I frames, mode information (MI)
as well as the transform coefficients are protected whereas motion vector differences,
mode information and reference frame index (RI) are protected for P and B frames.
These are scanned and used to create long symbol blocks that are sent to the Turbo
encoder.

In order to mitigate the mismatch between the transform coefficients input to
the Wyner-Ziv encoder and the corresponding side information at the Wyner-Ziv
decoder, an inverse quantizer, identical to the one used in the H.264/AVC decoder, is
initially used to de-quantize the coefficients. These are then coarsely quantized by a
uniform scalar quantizer with 2V levels (N < 8), and used to form a block of symbols
that is passed onto the Turbo encoder. The quantization step size for processing the

transform coefficients is therefore 26=N),

Turbo Encoding

Due to the importance of maintaining its accuracy the motion information is not
quantized. Instead, the Turbo encoder takes in the motion information directly and
outputs the selected parity bits. It can be noticed that without using quantization, the
processing of Turbo encoding motion information itself is not strictly speaking Wyner-
Ziv coding. Therefore, we name the whole secondary encoder as Pseudo Wyner-Ziv

encoder instead of Wyner-Ziv encoder. However, the application of Turbo coding in
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our schemes is different from straight forward error control coding. In our application,
only the parity bits p produced by the Turbo encoder are transmitted to the decoder.
The output data stream u from the first branch is not transmitted to the decoder side.
This is illustrated in Figure 2.2. The corresponding decoded error prone primary video
data from the H.264 decoder will be used as it to co-decode the parity bits received by
the Turbo decoders. Because of the independent processing of the motion data and
the transform coefficients in the Pseudo Wyner—Ziv encoder, the parity data rates in
the corresponding Turbo encoder can be assigned separately.

The Turbo encoder we used consists of two identical recursive systematic encoders

2. p34pa
LD+ D°+D%  The

(see Figure 2.2) [38], each having the generator function: H(D) = “H 5k

input symbol blocks sent to the second recursive encoder are interleaved first in a
permuter before being passed to it. The puncture mechanism is used to delete some
of the parity bits output from the two recursive encoders, in order to meet a target
parity data rate. Only parity bits are transmitted to the decoder side. The first
branch of data, symboled by the dashed line in Figure 2.2, is not transmitted. The
error correction capability of the Turbo coder also depends on the length of the symbol
blocks. In our scheme, the symbol block length is in the unit of a frame instead of a
slice. Each packet contains the video data corresponding to one slice. Therefore, if
a packet got lost, the video information for this slice is dropped. For the transform
coefficients, the symbol block length is 25344 for a QCIF sequence. In the proposed
scheme the motion vectors are obtained for each 4x4 blocks, which makes the symbol
block length of 3168. The experiment results also show that the Turbo encoder still

maintains strong error correction ability for such a symbol block length.

Content Adaptive Function

At the encoder side, a content adaptive function (CAF) is implemented in order
to help making decisions on the parity data rate allocation for protecting different
video data elements. As shown in the system structure diagram (Figure 5.1), the

motion information and the residual frame information are passed to the CAF block.
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An estimation on the average SAD of the residuals in each frame and the average
SAD of the motion vector lengths in each P(B) frame is conducted. The equation

description of the two estimation is given as follows:

_ | =N
SADy = o7 > X — X (5.1)
i=0,j=0

where X ; denotes the reconstructed pixel value at position (i, j), X, ;) is the value
of the predicted pixel at position (i,7), and SADZEes represents the average value of

SAD of the n-th frame in the sequence.

i=Q,j=P

R — 1

SAD}V = OxP > \/(MVx(i,j)P + (MVyi.,5)? (5.2)
i=0,j=0

where MV, ;) and MV, ;) denote the motion vector’s x-axis and y-axis values at
block position (i, 7).

After this estimation, the suggested parity data rates assignment are sent to the
two Turbo encoders. Together with the received feedback message of the current
channel packet loss, the final decision on the parity data rates allocation can be made
to Turbo encode the protected motion information and the coarse version of the

transform coeflicients in each frame.

5.0.2 Pseudo Wyner-Ziv Decoder

The Turbo decoder utilizes the received parity bits and the side information from
the H.264/AVC decoder, to perform the iterative decoding using two BCJR-MAP
decoders [38]. The error corrected information is then sent back to the H.264/AVC
decoder to replace the error corrupted data. In this process, the decoded error-prone
transform coefficients are first sent to a coarse quantizer, which is the same as the
one used at the Pseudo Wyner—Ziv encoder side. The reason is that at the encoder
side, in order to save data rate usage of the Wyner-Ziv coding, a coarse version of the
transform coefficients is Turbo encoded. The coarsely quantized transform coefficients

then served as the side information to the Turbo decoder, together with the received
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parity bits of the Turbo encoded coarse-version transform coefficients, to decode the
error corrected coarse version of the transform coefficients.

When using the real-time transport protocol (RTP), packet loss can be inferred
at the decoder easily by checking the sequence number field in the RTP headers.
Wyner-Ziv decoding only performs when the decoder detects packet losses. When no
packet loss happens, the H.264 decoded transform coefficients are used for decoding
the residual frames. However, when packet loss happens, the coarser version of the
transform coefficients decoded by the Turbo decoder is used to limit the maximum
degradation that can occur.

In the parallel process, the error corrupted motion information received by the
H.264/AVC decoder was sent directly to the corresponding Turbo decoder, together
with the received corresponding parity bits, to decode the error corrected motion
information. It is then sent back to the H.264/AVC decoder to replace the error-
corrupted motion information. The reconstructed frames can be further used as
the reference frames in the following decoding process. Therefore, the final decoded
video sequence are obtained based on the error corrected motion information and the
transform coefficients, which resulted in good quality decoded frames as shown in
Section (5.2). However, in the case of serious channel loss and/or limited available
data rate for error protection, the Pseudo Wyner-Ziv coder might not have enough
strength to recover all the lost video information. On this point, the unequal error
protection takes the advantage of allocating different protection level on different
protected video data elements depending on their overall impact on the decoded video
sequence. The experiments showed that by assigning unequal data rate for protecting
motion information and the transform coefficients, the rate distortion performance can

be improved compared to the equal parity data rate allocation case.

Feedback Message Modes and Transmission

It is to be noted that data networks suffer from two types of transmission errors,

namely random bit errors due to noise in the channels and packet losses due to
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network congestion. When transmitting a data packet, a single uncorrected bit error
in the packet header or body may result in the whole packet being discarded [31]-
[42]. In the current work, we only consider packet losses, whether due to network
congestion or uncorrected bit errors. When using the real-time transport protocol
(RTP), determining which packets have been lost can be easily achieved by monitoring
the sequence number field in the RTP headers [24], [32]. Therefore, the packet loss
rate of each frame can be easily obtained at the decoder.

At the H.264/AVC encoder, each frame is divided into several slices. Both the
motion information and the transform coefficients of each slice are sent to the Pseudo
Wyner—Ziv encoder to be encoded independently by the two Turbo encoders.

At the decoder, the packet loss rate of each frame is evaluated based on the received
video information. It is then sent back to the two Turbo encoders via the RTCP
feedback packets. If the available bandwidth for transmitting the feedback packets
is above a certain threshold then an immediate mode RTCP feedback message is
sent, otherwise the early feedback RTCP mode is used [43]. The two Turbo encoders
update the parity data rates for encoding the motion information and the transform
coefficients based upon the received RTCP feedback conveying the packet loss rates.
This way the Pseudo Wyner—Ziv encoder attempts to adapt to the decoder’s needs,
while avoiding blindly sending a large number of parity bits that may not be needed
when the packet loss is low or zero. In the case of high channel packet loss rate, the
Pseudo Wyner—Ziv encoder enhances the protection by allocating more data rates to
the Turbo encoded data, especially the motion information, while decreasing relatively
the data rate used for encoding the main data stream by the H.264/AVC encoder.
In this way, the total data rate is kept as a constant so that it won’t exacerbate the
possible congestion over the network transmission.

According to the RT'CP feedback profile that is detailed in [43], when there is suf-
ficient bandwidth, each loss event can be reported by means of a virtually immediate
RTCP feedback packet. In the RTCP immediate mode, feedback message can be sent

for each frame to the encoder. In our scheme an initial parity data rates is set at
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the beginning of transmitting a video. When the channel loss condition changes, the
immediate mode RTCP feedback packet sends the latest channel packet loss rate to
the Turbo encoders to adjust the parity data rate assignment. If we let N, denote
the average number of loss events to be reported every interval T" by a decoder, B
the RTCP bandwidth fraction for our decoder, and R the average RTCP packet size,
then feedback can be sent via the immediate feedback mode when N, < B—;f.

In the RTCP protocol profile [43], it was assumed that 2.5 percent of the the RTP
session bandwidth is available for RTCP feedback from the decoder to the encoder.
For example, for a 512 kbits/s stream, 12.8 kbits are available for transmitting the
RTCP feedback. If we assume an average of 96 bytes (768 bits) per RTCP packet

12800% -1

and a frame rate of 15 frames/second, we can conclude that Ny, < o> = 1.11. In

this case, the RTCP immediate mode can be used to send one feedback message per
frame to the encoder.

When N, > BI’;T, the available bandwidth is not sufficient for transmitting a

feedback message via the immediate mode. In this case, the early RTCP mode is
turned on. In this mode, the feedback message is scheduled for transmission to the
encoder at the earliest possible time, although it can not necessarily react to each
packet loss event.

When the Pseudo Wyner-Ziv encoder does not receive feedback regarding the
current packet loss rates (the feedback packet got lost during transmitting back to
the Turbo encoders or the available bandwidth is not sufficient for immediate mode
feedback), the Turbo encoders keep using the last received channel packet loss rate to
decide the parity data rates for encoding the motion information and the transform

coefficients of the current encoded frame.

5.0.3 Parity Data Rate Allocation for FBCAUEP

In the FBCAUEP scheme, the parity data rate allocation is decided by both the
current channel packet loss situation and the content of each frame. A systematic

experiments have been conducted for four types of the video sequences: slow motion,



115

mid-slow motion, mid-motion, fast motion, under different amount of packet loss
cases. From the statistical results of these experiments, the parity data rate allocation
is assigned as in Table(5.1).

In the FBCAUEP, the total data rate allocated for transmitting the parity data

is calculated as in Equation5.3

N N
W2z — Dbecauep = ZTCZ + Z MVDJ (53)
i=1 =1
N
1
- (N ZPDRTC@) X HTC X WTC X PNsymbol x FR (54)

i;l
+ (% > PDRyyp,) x Huy X Wary X PNyymp X FR - (5.5)
j=1

Where Hre, Hyvp is the height of the TC' and MV D data packet. The Wype,
Wrvp is the width of the T'C' and MV D data packet. PNgympo is the number of
the symbol plane and the F'R is the current frame rate for transmitting the video
packets. N is the total number of the frames in the video sequence. In FBUEP
technique, parity data rate assigned for protecting TC and the MVD are different for
each frame. Therefore the parity data rate assigned for TC and MVD are summed

up for all frames.

5.1 Analysis and Modeling of the Unequal Error Protection

In this section, the proposed unequal error protection technique based on Wyner-
Ziv coding is analyzed theoretically. An end to end video quality distortion model is
derived for the system. An optimization method of the data rate allocation between
the primary H.264 encoding and the Wyner-Ziv encoding is proposed.

There are several factors result in the decoded video quality distortion: the pri-
mary layer video reconstruction distortion; the quantization mismatch resulted from
the coarse quantizer used in the Wyner-Zic encoder; the channel packet losses; the

error propagation in the frames that are predicted from the previous decoded frames.
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The distortion analysis for the P frames is described as follows and the derivation
for I and B frames can be obtained similarly. In a P frame, if we describe the original

pixel value in the k-th frame as Y7*

org(id) and the corresponding reconstructed pixel

value in the H.264 encoder as Y*

rec(ig) , the encoder’s reconstruction of the original

pixel can be given by [7]:

Vi) = Yove(rg + Res(i (5.6)

rec(i,j) — ~rec(f,9)

Where Res’(“i’, represents the residual component, and Ymc( f)g

the current pixel value from the previously reconstructed (k — z)-th frame at position

) is the prediction of

(f,g). Since H.264 allows the reference frame range from the previous 16 recon-
structed frames for P frame prediction, we have z <= 16.

Similarly we model the Wyner-Zic encoder’s reconstruction of Y* o(ij) BS°

wz(k) _ y(k
Y;ec(i,j) - Y;ec(fg

+ Res(\ (5.7)

Where Reszzj() ) is a coarser version residual value as a coarse quantizer is imple-
mented in the Wyner-Ziv encoder.

To model the H264 decoder’s reconstruction, we have:

Tk vk-z
}/;ec(i,j) - Y;*ec(fg + ReS(ZJ (58)

Similarly, the model for the Wyner-Ziv decoder’s reconstruction is:

/wz\k h—2) wz (k)
Y;ec((i,j)') = Y;(ec(fg + Re 8 ( (59)

If we assume the channel packet loss probability is P*(I) for transmitting the k
the frame, (1 — P¥(1)) represent the loss free case. In our study, we focus on the video
streaming over wireless network in which case, P*(l) mainly depends on the packet
size and the channel loss characteristics. We represent the percentage video data that
the Wyner-Ziv coding can successfully recovered as P¥z(s), which depends on the
amount of channel packet losses and the allocated data rate R,,. for transmitting the

parity bits.
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In our current system, no error concealment is applied on the decoded video data.
Therefore, there are two end to end video distortion cases.

When no packet loss happens ( (1—P*(1)) ), Wyner-Ziv coding is not necessary, the
overall distortion is contributed only from the primary H.264 encoding and decoding.
In the case of the inter frame prediction, the error propagation is the main source of

the distortion. If we represents the distortion in this case for the k the frame as D% p)

Dhp = B[V — Vo)) (5.10)
= BV~ YVieon) + Vi) = Viin)’) (5.11)
= BV — Yoo+ Bl = Vi) (5.12)
+ 2E[(Y i) = Yoot Vi) — %c(z\]))] (5.13)
= DE+ E[(VE ) — Vi) (5.14)
= D} I~ Vi) (515
= Dy Bl(Y iy — Yr(fc(f 0+ Vi)~ Yorgiro)] (5.16)
= DH(H264) + E((Yyy 70 — Vi) + ELVG0) — Y] (5:17)
= 2B((Y,1, 5 = Viees) Vecetrn) ~ Yorary) (5.18)
=Dy + Dig” + D9 —2B((Y, ) 7)) = Vi) (5.19)
2B, — VT D vy (5.20)
= D+ DYp? + D=2 — 2 pk=2) (5.21)
= Df + D, — D) (5.22)

Where D}’; represents the distortion in the k-th frame from the primary H.264
encoding process and DgE_Z) denotes the end to end distortion in the (k — z)-th
frame. It is assumed that the quantization mismatch between the original pixels and
the reconstructed pixels (Y( Y(k

org(f.9) rec(f,g)

distortion introduced by the channel (Y;ekc(]fg — Y- Z)). With these assumptions,

) has zero mean and is independent of the
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the step (10) and (17) in the above derivation become zero. If we assume that
the quantization parameters are fixed in the primary layer H.264 encoder and the
resulted quantization mismatch distortion in each reconstructed frames is almost the
same (Dk D(k 2 ). The overall distortion resulted from the error propagation can
be simplified as:

Dk, = D7) (5.23)

When channel packet loss happens (P*(1)), the Wyner-Ziv coder protect the video
information by using the proposed algorithm. In this case, the distortion is con-
tributed from the coarse quantization mismatch, the percentage lost information that
can be recovered by the Wyner-Ziv coding and the error propagation from the inter

frame prediction.

Dy = E(Yh 5 — Yor )2 (5.24)
BV — Y 4 vy g (5.25)

= B[(YE o — Yoy + B[yl — veeth ey (5.26)

+ 2B[(V (i) = Yor ) ) (VorEh = Yodih )] (5.27)

= D+ Bl — v g (5.28)

= D+ BV, -V g (5.29)

= Dk, + D%z? + DY) — 2 p{k==) (5.30)
=Dk, + Diyy” — D=2 (5.31)

Where Dﬁ}z(e) represents the distortion resulted from the Wyner-Zic encoding pro-
cess and the same assumptions while deriving D%, hold.

To summarize, the overall distortion can be modeled by the following function:

Dyp = (1= P*(1))Dip + P*(1) Dy (5.32)
_ k k (k z) k—z k k (k z) k—z
= (1= P*())Dk + Digy™ — DS + PE()(DE ) + D™ — D)) (5.33)



119

Where, we assume that Wyner-Ziv coding can always successfully recover the packet
losses.
From the analysis in [40], the rate distortion performance of the primary H.264

encoder and the Wyner-Ziv encoder can be modeled by the following parameter equa-

tions:
0
Df=D, +—"—— 5.34
P "’ "R, (5:34)
0
DF =D, +—""— 5.35
wz(e) + sz(e) _ Rm ( )

It is noted that the transmission data rate for the Wyner-Ziv encoded parity bits
is:
Ry. = PDR X Ry (5.36)
where PDR < 1.
The overall transmission data rate is therefore:

R=R,+ Ru. (5.37)

We represent the average end to end distortion for a GOP of frames as:

N
1
D= > Dk (5.38)
k=1

where N is the number of frames in a GOP
Based on the above equations, an optimization on the data rate allocation between
R, and R,,. can be derived which results in the minimum end to end distortion (D)

at a given channel packet loss rate.

5.2 Experiment Results

To evaluate the proposed techniques, experiments were carried out using the
JM10.2 H.264/AVC reference software. The frame rate for each sequence was set
at 15 frames per second with an I-P-P-P... GOP structure. In our experiment, each

QCIF frame is divided into 9 slices. The primary encoded video data output from the
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H.264 encoder are packetized into 9 packets per frame, each containing the video in-
formation of one slice. The Turbo encoded parity bits of the motion information and
the transform coefficients corresponding to each slice are also sent in separate packets.
All three types of the packets are subjected to random losses over the transmission
channel. Since the packets containing the parity bits of the motion information or
the transform coefficients are much smaller in size comparing to the H.264 packets,
the possibility of getting lost over a wireless network transmission is therefore much
smaller. All the experiments results were averaged over 30 lossy channel transmission
realizations.

Data networks suffer from two types of transmission errors: random bit error
and packet drop. In our experiments, we only consider the case of packet erasures,
whether due to network congestion or uncorrected bit errors. Lower the total data rate
to reduce the network congestion is a realistic solution when packet loss is very high.
However, since our main application is for video streaming over wireless networks
in which case the packet loss situation is more complicated, we didn’t consider it
in our current experiments. It is to be noted that simply increasing the parity bits
when the packet loss rate increases is not applicable, since it will exacerbate network
congestion. Instead, the total transmission data rate should be kept constant, which
means that when the packet loss rate increases, the primary data transmission rate
should be lowered in order to spare more bits for parity bits transmission.

In our experiments, channel packet loss is simulated by using uniform random
number generators. Our algorithm focuses on wireless network application in which
case severe packet loss could happen. In the case of wireless network transmission,
the probability that the packet arrives in error is approximately proportional to its
length [44].

The results of the FBCAUEP is compared to those from the unequal error protec-
tion (UEPWZ), the content adaptive unequal error protection (CAUEP), the feedback
aided unequal error protection (FBUEP), the equal error protection (EEP) and the

H.264 with error concealment for the decoded frames.
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For the UEPWZ technique, the protection level provided for the motion informa-
tion and the transform coefficients was fixed for the entire video sequence, and was
not changed to cater for different video content or varied channel packet losses. For
CAUEP, the protection level of the motion information and the transform coefficients
is always adapted to the content of each frame, that is the parity data rates allocated
to the protected video information in the Pseudo Wyner—Ziv coder were adjusted
according to the content of each frame. The rate, however, was not adjusted to deal
with variable channel losses. In the case of FBUEP, the packet loss rates were eval-
uated by the H.264/AVC decoder and sent back to the Pseudo Wyner—Ziv encoder
via RTCP feedback packets.In the event that the RTCP feedback packets got lost
during transmission, the Turbo encoders will keep using the last received channel loss
rate to decide the parity data rate allocation for the next frame. It is noted that
the protection level in the Pseudo Wyner—Ziv encoder is not adjusted according to
the frame content in the case of FBUEP. In all three proposed schemes, the error
concealment is not applied on the H.264 decoded data before being passed to the
Wyner-Ziv decoder.

The results of the dynamic packet losses for transmitting video sequences foreman,
carphone, mobile, coastquard, table, stefan are shown from Figure 5.2 to Figure 5.7.
It can be seen that for foreman, FBCAUEP outperforms FBUEP by around 0.2-0.6
dB and it outperforms the CAUEP by around 1.2-2.1 dB. For carphone, FBCAUEP
outperforms FBUEP by around 0.1-0.4 dB and it outperforms the CAUEP by around
0.4-2 dB. For mobile, FBCAUEP outperforms FBUEP by around 0.1-0.3 dB and it
outperforms the CAUEP by around 0.5-1 dB. For coastguard, FBCAUEP outperforms
FBUEP by around 0.2 dB and it outperforms the CAUEP by around 1 dB. For table,
FBCAUEP outperforms FBUEP by around 0.1-0.2 dB and it outperforms the CAUEP
by around 1-1.3 dB. stefan, FBCAUEP outperforms FBUEP by around 0.1-0.3 dB
and it outperforms the CAUEP by around 0.8-1.2 dB.

The visual quality of the decoded frames are shown from Figure 5.14 to Figure

5.19 for video sequence table.qcif, stefan.qcif and foreman.qcif at a total data rate of
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Rate Distortion Performance for foreman.qcif (Dynamic Packet Loss Cass)
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Fig. 5.2. Rate Distortion Performance of foreman.qcif

512 kbps with dynamic packet losses. It can be seen that FBCAUEP can reconstruct
a better visual quality compared to that of FBUEP.

Figure 5.13 shows the ten runs of the PSNR curves of the foreman.qcif sequence
for the first 100 frames. The channel packet loss is at a dynamic packet loss pattern

in which case, the packet loss is randomly varied from 0 to 5 packets per frame.

5.3 Conclusion

In this chapter we presented an error resilient scheme that combines the content
adaptive unequal error protection and the feedback aided unequal error protection.
By adapting the parity data rates to both the content of each frame and the current
channel packet losses, it improves the rate distortion performance as well as the visual

quality of the decoded frames.
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Rate Distortion Performance of mobile.gcif (Dynamic Packet Loss Rate)
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Rate Distortion Performance of stefan.qcif (Dynamic Packet Loss Rate)
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Fig. 5.9. Rate Distortion Performance (carphone.cif) (Dynamic Packet Loss Case)
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Fig. 5.11. Rate Distortion Performance (table.cif) (Dynamic Packet Loss Case)
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Error Curves of FBCAUEP 10 Runs with Dynamic Loss (foreman.qcif)
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Fig. 5.13. Error Curves of FBCAUEP 10 Runs with Dynamic Loss (foreman.qcif)

Fig. 5.14. FBCAUEP: Visual Quality of the 97th frame in table se-
quence at Dynamic Packet Loss



Fig. 5.15. FBUEP: Visual Quality of the 97th frame in table sequence
at Dynamic Packet Loss

Fig. 5.16. FBCAUEP: Visual Quality of the 33th frame in stefan
sequence at Dynamic Packet Loss
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at Dynamic Packet Loss



Table 5.1

Parity Data Rate Allocation for FBCAUEP

Feedback Messages

Frame Content

Parity Data Rate (PDR)

0< N <11% SADZRes < TRes
SADMV S T1]V[V PDRTC == 0; PDR]\/[V == %
0<N <11% | I7 < SADF™ < I
TlMV < SADMV < TQNIV PDRTC = 0; PDR]\/[V = %
0<N<11% | 17" < SADF < TFe
T2MV < SADMV < ng\/lv PDRTC = 0; PDR]\/[V = %
0< N < 11% SADR® = TFe

SADMV > TMV

PDRTC = 0; PDRMV =35

11% < N < 22%

SADHes < TRes
SADMV < TMV

PDRTC = 0; PDRMV =3

11% < N < 22%

THes < SADRes S TRes
TMV < SADMYV < 11V

PDRTC = 0; PDRMV =4

11% < N < 22%

T2Hes < SADRes S T?’Res
TV < SADMY < TMV

PDRTC = 0; PDRMV =35

16

11% < N < 22%

SADTe > T
SADMV > TMV

PDRTC == 0; PDRMV =5

22% < N < 33%
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Fig. 5.18. FBCAUEP: Visual Quality of the 93th frame in foreman
sequence at Dynamic Packet Loss

Fig. 5.19. FBUEP: Visual Quality of the 93th frame in foreman se-
quence at Dynamic Packet Loss
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6. CONCLUSIONS
6.1 Contribution of The Thesis

In this thesis, we developed error resilience techniques based on Wyner-Ziv coding

[21], [22], [23], [25], [26]. The main contribution of the thesis are:

e Unequal Error Protection Based on Wyner-Ziv Coding

Our work on unequal error protection [21] using Wyner—Ziv coding is motivated
by the SLEP system. However, there are two major differences from SLEP.
First, instead of protecting everything associated with coarsely reconstructed
frames, we separately input motion information and the transform coefficients
from a primary H.264 encoder to our Wyner-Ziv encoder and protect them
independently. Second, since motion information and the transform coefficients
are processed independently, different parity data rates can be assigned accord-
ing to their impact on the quality of the decoded frames. This results in an
efficient way of protecting the video elements based on their importance level.
Experimental results show that proposed scheme significantly improved the vi-

sual quality of corrupted frames at the expense of a small increase in data rate.

e Content Adaptive Unequal Error Protection Based on Wyner—Ziv Coding

In this work, we improved the performance of our unequal error protection
technique by adapting the parity data rates of the protected video information
to the content of each frame [22]. A content adaptive function was used to
evaluate the sum of the absolute difference (SAD) between the reconstructed
frame and the predicted frame. Depending on pre-selected thresholds, the par-
ity data rates assigned to the motion information and the transform coefficients

were varied for each frame. This resulted in a more effective and flexible er-
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ror resilience technique that had an improved performance compared to our
original work.Experimental results show that the proposed scheme significantly
improved the quality of corrupted frames and efficiently utilized the available

data rate.

Feedback Aided Unequal Error Protection

In this work, we developed a feedback aided error resilience technique based on
the previously proposed unequal error protection method. At the decoder, the
current packet loss rates are estimated based on the received data and sent back
to the Wyner—Ziv encoder via the real-time transport control protocol (RTCP)
feedback mechanism. This is utilized by the Turbo encoder, as a Slepian—Wolf
lossless coder inside the Wyner—Ziv codec, to update the parity data rates of the
motion information and the transform coefficients, which are still protected in-
dependently. At the Wyner—Ziv decoder, the received parity bits together with
the side information from the primary decoder are used to decode the corrupted
slices. These in turn are sent back to the primary decoder to replace their cor-
rupted counterparts. It is to be noted that simply increasing the parity slices
when the packet loss rate increases is not applicable, since it will exacerbate
network congestion [24], [34], [35]. Instead, the total transmission data rate
should be kept constant, which means that when the packet loss rate increases
the primary data transmission rate should be lowered in order to spare more
bits for parity bit transmission. Also, considering the advantage of unequal
error protection, when the packet loss rate is high, more data rate should be
allocated to motion information parity data rate since motion vectors mostly
have higher importance than the transform coefficients. Whenever feedback is
used in a communication system, the amount of delay it incurs needs to be
taken in consideration. In our feedback system, an RTCP packet is sent back
to the Wyner—Ziv encoder by using the immediate/early RTCP feedback mode,
whenever possible. The immediate RTCP feedback mode is the mode that is
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capable of reporting every loss event immediately back to the receiver. How-
ever, the success of sending the feedback message in such a timely manner also
depends on the available bandwidth [36], [37]. The proposed method resulted in
an efficient allocation of the data rate by the Wyner—Ziv codec for the purpose
of error resilience and consequently provided good quality decoded video when

data had been corrupted by transmission errors.

e Feedback Aided Content Adaptive Unequal Error Protection

In this work, we studied the case of combining the content adaptive function in
the encoder side and the channel loss feedback aided from the decoder side. In
this method, a new content adaptive function directly analyzing the statistics
of the motion information and the transform coefficients is implemented in the
Wyner-Ziv encoder. The improved rate distortion performance is shown from
the experiment results. Further more, the analysis and the modeling of the
whole system is studied in order to find an optimal data rate allocation. The
experiment results showed the improved performance on both the rate distortion

and the visual quality of the decode video frames.

6.2 Future Work

In this work, we aimed to develop efficient and effective error resilience techniques
consuming as less data rate as possible for protecting the important video data via
Wyner-Ziv coding. The unequal error protection, content adaptive unequal error pro-
tection, feedback aided unequal error protection and feedback aided content adaptive
unequal error protection have been proposed in our work and the experimental results
showed the significantly improved visual quality in the decoded video frames when
the packet loss happened during video stream transmission.

In order to further reduce the data rates consumed by encoding the motion in-

formation and the transform coefficients, an error resilient entropy coding method
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should be applied on the protected video data before they are processed by the turbo

coders. This will be studied in our future work.
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