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ABSTRACT -- SCALABLE VIDEO CODING TECHNIQUES, SUCH AS MULTIPLE
DESCRIPTION CODING (MDC), NOT ONLY EFFECTIVELY ADDRESS THE ISSUE OF
DELIVERING VIDEOS OVER ERROR-PRONE NETWORKS BUT ALSO PROVIDES
SOLUTIONS OF SERVICING SCALABLE VIDEOS FOR HETEROGENEOUS CLIENTS.
WHEN MULTIPLE DESCRIPTION CODED VIDEO CHUNKS ARE RECEIVED AT A
CLIENT, THEY MUST BE BUFFERED BASED ON NETWORK CONDITION AND ALSO
BE TIMELY DECODED AND MERGED IN ORDER TO PROVIDE SMOOTH PLAYBACK.
In HIS PAPER, WE PRESENT THE DESIGN AND IMPLEMENTATION OF A NOVEL
H.264 PLAVER FOR MULTIPLE DESCRIPTION CODED VIDEOS. |HERE ARE TWO
MAJOR BUFFERSs IN our MIDC PLAYER, WHICH ARE DECODED CHUNKS BUFFER
AND MERGED CHUNKS BUFFER. TO AVOID BUFFER OVERFLOW OR UNDERFLOW,
MERGING CONTROL AND TRANSMITIING RATE CONTROL MECHANISMS ARE
PROPOSED. EXPERIMENT RESULTS SHOW THAT WITH THE AIDS OF PROPOSED
CONTROL MECHANISMS, NO BUFFER OVERFLOW OR UNDERFLOW WAS
EXPERIENCED DURING THE PLAVBACK. MosT IMPORTANTILY, BASED ON OUR
MEASUREMENT, THE OVERHEADS OF DECODING A CHUNK AND MERGING
CHUNKS ARE NEGLIGIBLE COMIPARED TO RENDERING TIME OF ONE CHUNK,
WHICH WOULD NOT AFFECT THE SMOOTHNESS OF PLAYBACK AT ALL.

InpEx Terms -- Mumpie Descripmion Coping, SREAMING,
Scaiasiut, H.264, Burrer MIANAGEMENT..

[. INTRODUCTION

To effectively address the issue of delivering videos over
error-prone networks, many multiple description coding
MDCQ) [1]-[5] schemes have been proposed in the last few
years. These MDC schemes aim to reduce the effects of
transmission errors by coding video signals in two or more
independent sub-streams, called descriptions. Descriptions are
separately transmitted over separate channels by exploiting
path diversity of the multicast tree on peer-to-peer (P2P)
networks [6]-[12]. When all descriptions arrive at a receiving
side without errors, the fidelity of a video is maintained. In
cases of transmission error due to broken links or a substantial
data loss, any arbitrary numbers of received descriptions can
be combined and decoded to obtain certain levels of video
fidelity.

In addition, MDC can also provide scalable Quality of
Service (QoS) for heterogencous clients with various
downloading/forwarding bandwidth. The perceived QoS of
watching videos depends on the number of descriptions a
client receives. Any subset of descriptions can be received and
decoded by a peer to reconstruct the original video content
with fidelity commensurate to the number of descriptions it is
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capable of receiving. The more descriptions are received, the
higher the quality the reconstructed video content is. The
flexibility of MDC enables peers with heterogeneous
downloading capacity to receive a limited number of
descriptions, but still enjoy a limited level of viewing quality
according to the individual downloading capacity [4], [13],
[14].

There has been a lot of research into the realization of
MDC technique with existing coding standards. In particular,
a great deal of effort has gone into developing an H.264/AVC
standard-compliant multiple description (MD) encoders, such
as Sub-sampling Multiple Description Coding (SMDC) [15],
Multiple Description Motion Coding (MDMC) [16], Multiple
State Video Coder (MSVC) [17], and the Motion-
Compensated Multiple Description (MCMD) [18] video
coding. However, there is no significant work to elaborate the
design and implementation of decoder for MD coded videos.
In our previous work [19], we used SMDC to encode a video
source into multiple descriptions in preprocess phase and
studied the feasibility of the proposed Loopback-MDC scheme
on the streaming system on P2P-CDN network, named
TuBeck. In the SMDC, each input frame is sampled along its
rows and columns with a sampling factor of 2. Let x(i, j) be

the luminance sample of the current frame at position (i, j),

then the four sub-sequences as descriptions are formed with
pixels x(2i,2j), x(2i+1,2j), x(2i,2j+1), and x(2i+1,2j+1),
respectively. In this way, four sub-sequences with halved
resolution on both spatial directions, and a quarter of the
original size, correspond to each input sequence [15]. Figure 1
shows an example of coding a 4x 4 luma samples into four
2x2 descriptions by SMDC. Since the video source was
acquired in planar YUV format of with chroma subsampling
4:2:2, each U and V component whose amount is only half of
the amount of Y component needed to be evenly distributed to
descriptions by SMDC as well. Figure 2 shows an example of
SMDC for evenly coding a 4x4 frame in YUV format with
4:2:2 chroma subsampling into 4 descriptions. As shown in
the figure, each description is encoded into 2x 2 frame with
luminance samples of four Y, chrominance samples of two U
and two V.

Figure 3 shows the data flow of preprocessing a video into
multiple descriptions. In TuBeck, a video source was acquired
in planar YUV format with chroma subsampling 4:2:2. It was
preprocessed into four multiple descriptions by SMDC and



16 International Journal of Science and Engineering

each was then sent to a separate H.264/AVC encoder to
output compressed H.264 videos for efficient video repository
and network delivery. We used the JM encoder module,
lencod.exe, developed by Joint Video Team (JVT) of ISO/IEC
MPEG and ITU-T VCEG [20]. Because the restriction of JM
encoding process, the width and the height of a video must be
a multiple
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Fig. 1. An example of coding a 4x4 luma samples into 4 descriptions by
SMDC.

AX4 frame with 4:2:2 ¢lunma Description @ bescnpton |
subsanipling ¥ al o 1|3

v

- (L2 N T 2 s >
Tsle s U'lo s 1]s
& 41 1l . 0 1 : >

U 12013 1418 EMDL Deseription 2 Deseription 3
a1 1023 116 517

y 40506 7 1214 I3 115
¢} 1 2 i 2 & 3 7
415167 206 307

2X2 frames with 4:2:2 clromg
subsampling

Fig. 2. An example of SMDC for coding a 4x4 frame in YUV format
with 4:2:2 chroma subsampling into 4 descriptions.

of 16 and therefore we only adopted CIF (352x 288) and
QCIF  (176x144) In TuBeck,

description was partitioned as a series of chunks which
contains 10 frames, one group of pictures (GOP). The frame
rate is set to be 30 fps. These important factors were fed into
the JM encoder along with the default coding parameters to
transcode a description in YUV format into a series of video
chunks in H.264 format. These descriptions were stored in
hard disks and then accessed for network delivery by requests.

When a peer requests a certain number of descriptions,
selected source peers should be distinct to avoid cascade effect
on losing viewing quality at child peers when it is failed. Since
requested descriptions come from different source peer and
travel different network path, they may arbitrarily arrive at the
requesting peer. The received chunks of a description are

resolution videos. each

decoded into YUV format and buffered waiting for merging.
Intuitively, as long as chunks of various descriptions with the
same ID arrive, they should be immediately merged for
rendering. However, they probably arrive at the requesting
peer at the same time due to network delay or even link
broken. The carly-coming chunks wait for the late-coming
chunks to merge until they are called for playback. Apparently,
when to merge chunks of various descriptions with the same
chunk ID will affect the viewing quality. On the other hand,
since the buffer space is limited, rate control should be applied
to avoid buffer overflow and underflow. Based on the above
observations, in addition to introducing the system
architecture of the proposed player for MDC videos, in this
paper we also proposed and studied two control mechanisms,
Merging Control Mechanism and Transmitting Rate Control
Mechanism to ensure smooth playback without buffer
overflow and underflow. Experimental result showed the
decoding time of chunks is affected by the number of
descriptions, the size of a frame, and the size of a chunk. In
addition, the merging time is also affected by size of a frame
and size of a chunk. Based on above observation, the size of a
chunk equal to 10 frames results in better QoE of users.
Furthermore, the proposed transmitting rate control
mechanism and merging control mechanism can effectively
climinate the buffer overflow and underflow, which
guarantees the smoothness of playback MDC videos. It is
noted that our previously proposed TuBeck [19] discuss the
system architecture of streaming MDC videos on peer-to-peer
networks with the Loopback-MDC, and in this paper we
primarily focus on the design and analyses of the performance
of the proposed MDC player.

The remainder of this paper is organized as follows. In
Section II, we describe the system architecture of the player
for MDC videos. In Section III and Section IV, we elaborate
the merging control mechanism and transmitting rate control
mechanism in detail. In Section V, we present the performance
study to evaluate the efficiency of merging control mechanism
and transmitting rate control mechanism. Finally, we conclude
this paper in Section VI.

II. SYSTEM ARCHITECTURE

The system architecture of H.264 MDC player shown in
Fig. 4, is functionally divided into modules which are JM
H.264 Decoder, Merger, Renderer, Transmitting Rate
Controller, and buffer spaces including Merged Chunks Buffer
and Decoded Chunks Buffer. The JM H.264 decoder module is
responsible for decoding the incoming chunks from H.264
format to YUV format by utilizing the decoding module of the
IM [20]-[22], a H.264/AVC reference software published by
the JVT, which was exported as dynamic-link library and
linked in our C#.net program. The decoded chunks are then
stored in decoded chunks buffer, which is implemented as a
hash table for expediting chunk merging process. The merger
module is responsible for continuously merging the chunks
with the same ID of various descriptions in decoded chunks
buffer. The merged chunks are put into merged chunks buffer
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which is implemented as a circular queue for efficient memory
usage. The timing of merging chunks with the same chunk id
depends on the latest merged chunk id and rendered chunk id
which are sent by the merged chunks buffer and the renderer,

SMDC

YUV video source
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respectively. The renderer continuously fetches chunks

from the merged chunks buffer based on the playback rate for
rendering. We use threaded timer component to periodically
get a frame for rendering in the render module. Since the
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Fig. 3. Data flow of preprocessing a video into multiple descriptions.
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Fig. 4. The system architecture of MDC player.

video is playback at 30 fps, the timer would trigger a signal to
get a frame from merged chunks buffer for rendering every
%0 second. The transmitting rate controller is responsible for

flow control of chunk reception, and the rate adjustment is
based on the latest decoded chunk id and merged chunk id
which are sent by the decoded chunks buffer and the merger.
Based on the above statement, apparently there are two major
issues to be addressed to avoid buffer overflow and underflow
in order to provide hiccup-free playback. The first one is the
timing for merging chunks of description into a video block
ready for playback. If the merging of a particular video block
is triggered too early, the late-coming chunks of that video
block may be left behind and dropped due to network
congestions, leading to the reduction of viewing quality. The

overflow of merged chunks buffer and the underflow of
decoded chunks buffer might also happen. On the other hand,
if the merging is too late, the merged chunks buffer might be
underflow and the renderer would hunger for video blocks to
playback. As a result, the user might experience video freezing.
Consequently, it would probably cause the overflow of
decoded chunks buffer due to the late merging. Secondly, the
transmitting rate of source peers would also affects the status
of decoded chunks buffer. If it is too fast/slow, the
overflow/underflow of decoded chunks buffer would happen.
The availability of chunks in decoded chunks buffer would
directly affect the merging quality, it is crucial to control the
transmitting rate to match up with the merging speed. In this
paper, we propose the Merging Control Mechanism and
Transmitting Rate Control Mechanism to address these two
issues, which are elaborated in the following Section III and
Section I'V.

[II. MERGING CONTROL MECHANISM

The purpose of merging control mechanism is to
determine the timing of merging process in order to timely
provide video chunks for smooth playback. In general, the
smoothness of playback directly depends on the status of
merged chunks buffer. As long as the number of merged
chunks is kept within a certain range while playing, the QoE
of watching this video can be guaranteed. In this paper, the
merged chunks buffer was implemented as circular queue with
the capacity of 60 chunks. To efficiently control the merging
time, we use two flags. One is Merged Chunk ID, which
indicates the latest merged chunks ID. The other is Rendered
Chunk ID, which indicates the latest viewed chunks ID by the
user. The “gap” of these two IDs indicates the number of
chunks in merged chunks buffer not yet to render. The purpose
of the merging control mechanism is to maintain the certain
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number of chunks in merged chunks buffer to provide
smooth playback. Fig 5 shows an example of a gap of 38
chunks in merged chunks buffer.
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Fig. 5. An example of a gap of 38 chunks in merged chunks buffer.
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merged chunk ID from the merged chunks buffer and
computes their gap to determine whether the merging process
which is executed by the SMDC merger shall be triggered.
The value of a gap represents one of the four states of the
merged chunks buffer, shown in Fig. 6. First, when the gap is
greater than 35, it means the number of chunks in merged
chunks buffer is adequate and no merging process is
triggered. It is in “do nothing” state. Second, if the gap is
within 25 and 35, it is in "safe” state. It means the number of
chunks in merged chunks buffer is still adequate but merging
these chunks with same chunk ID and the merged quality
equal to full quality is necessary now. These chunks are meant
to be merged since no chunks with that chunk ID would arrive
hereafter. Third, if the gap is within 20 and 25, it means the
number of chunks in merged chunks buffer starts to become
inadequate and it is in “warning” state. Threads are spawned
to concurrently merge 5 chunks to intentionally move the gap
back to the “safe” state. It is noted that the merged chunks
may not be the one with the full quality. It is our intention in
this state to provide partial quality of a chunk if necessary in

order to catch up the rendering rate instead of totally missing it.

Finally, if the gap is less than 20, it is in “dangerous” state that
the small number of chunks in merged chunks buffer would
jeopardize the smoothness of the playback. Immediate safety
precaution must be taken to avoid buffer underflow. In this
state, we spawn threads to merge 10 chunks and try to move
the state of the gap back to “warning” state or even “safe”
state.

IV. TRANSMITTING RATE CONTROL MECHANISM

The purpose of transmitting rate control mechanism is to
avoid the overflow and underflow of decoded chunks buffer
due to the mismatch of merging rate and transmitting rate of
chunks. When a player receives a chunk, the JM H.264

decoder immediately decodes the received chunks and inserts
it into the decoded chunks buffer. There are two flags on
decoded chunks buffer, decoded chunk ID and merged chunk
ID, which represent the latest decoded chunk inserted into the
buffer and the next merging chunk, respectively. In our
implementation, the capacity of the decoded chunks buffer is

N'x20 decoded chunks, where N denotes the number of
descriptions of a video. Each time a decoded chunk is inserted
into decoded chunks buffer, the transmitting rate controller
estimates the number of chunks in the buffer by computing the
difference (gap) of decoded chunk ID and merged chunk ID.
Our intention is to control the gap within a safe to avoid buffer
overflow and underflow by rate adjustment. To avoid
excessive rate adjustment, we classifies the status of the
decoded chunks buffer based on the value of its gap into states
0, 1, 2, 3, and 4, which represents the gap within the range of
[1, 15], [5, 20], [10, 20], [10, 25], and [15, max], respectively.
States 0, 1, 2, 3, and 4 represent the value of a gap of 5, 10, 15,
20, and 25, respectively. As long as the updated gap is still
within the current state, there is no rate adjustment occurred.
On the other hand, if the updated gap is not within the range of
the current state, the state transition occurs and the
transmission rate is then adjusted. Figure 7 represents the
states of transmission rates. When a state transition occurs, the
transmission rate is adjusted based on the following equation,

( 8aPy1q ~ 84Pnow ) x chunk _ size

>

ratenew = rateol d +

t t

now ~lo)q

where t denotes the state transition time. It is noted that the
rate is measured by frames per second (fps) and initially, the
rate equals to 30 fps. We also set the upper bound and the
lower bound of transmission rate which are 90 fps and 10 fps.
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V.PERFORMANCE STUDY

We deployed experiments to measure the decoding time
and the merging time of various frame size and chunk size
with respect to various number of descriptions in a video. The
video source haves 100 frames with two types of frame size,
CIF (352 % 288) and 4CIF (704 x576) . The SMDC was applied
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to generate descriptions for a video. Because the JM H.264

encoder only accepts the frame size which must be the
multiple of 16, in our experiments, videos with CIF format
was encoded as two and four descriptions, and videos with
4CIF format was encoded as two, four, cight, and sixteen
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Fig. 8. The emulation environment for the performance study of the MDC
Player.

descriptions. Two computers were used to emulate the
experiments, one for the source server and the other for the
client, which were interconnected in a local-arca network.
Each requested description was transmitted on a distinct
channel with the default transmitting rate of 30 fps, which
equals the playback rate. Both equips with Intel Core 2 Quad
CPU Q8400 @2.66GHz with 2GB RAM. The experiment
lasted 300 seconds. Figure 8 shows the emulation environment
for performance study of the MDC player. When a chunk
arrives at the MDC player, it must be decoded and merged
with other chunks before playback. The overhead of decoding
a chunk and merging chunks would definitely affect the
quality of the video playback. Figure 9 shows the decoding
time of a chunk for different frame sizes and chunk sizes with
respect to various numbers of descriptions. The 704 x 576 (10)
denotes the 704 x 576 video with the chunk size of 10 frames.
As shown in the figure, the decoding time of a chunk
decreases along with the increase of the number of
descriptions and with the same frame size, the decoding time
of a chunk increases along with the increase of chunk size. As
expected, regardless of the number of descriptions encoded,
the chunk of 352288 (10) has the lowest decoding time and
the chunk of 704x576 (30) has the longest decoding time.
Note that even the 704x576 (30) video encoded as two
descriptions whose rendering time of one chunk equals one
second (1000 ms), the decoding time of one chunk is merely
0.36 ms, which is less than 1/1000 of the rendering time.
While the same video encoding as 16 descriptions, the
decoding time of one chunk is as low as 0.05 ms. Furthermore,

to various numbers of descriptions. Since the SMDC encodes
a video into multiple descriptions in spatial domain, no time-
consuming computation is involved during the decoding
process. As shown in the figure, in general, the merging time
of chunks of the same ID for a video almost remains the same
regardless of the number of descriptions encoded. For the
same frame size the smaller the chunk size, the less the
merging time. For the same chunk size, the smaller the frame
size, the less the merging time. It is interesting to see that the
merging time for the 704 x576 (30) video is only about 0.17
ms. Based on the experiment results of Fig. 9 and Fig. 10,
even at the worst case of the 704 x576 (30) video encoded as
two descriptions, the overheads of decoding a chunk and
merging chunks are negligible compared to rendering time of
one chunk.
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Fig. 9. The decoding time of one chunk for different frame sizes and chunk
sizes with respect to various numbers of descriptions.
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Figure 11 shows the gaps of decoded chunks buffer and
merged chunks buffer, and the corresponding rate adjustment.
Conceptually, the value of a gap represents the number of
chunks in decoded/merged chunks buffer. In Fig. 11(a), we
can clearly observe the oscillation patterns of decoded and
merged chunks buffers. After the initial buffering, the gap of
merged chunks buffer decreases along with the decrease of the
gap of decoded chunks buffer, and vice versa. The gaps of
decoded chunks buffer and merged chunks buffer were nicely
controlled within [5, 122] and [62, 38], respectively. No buffer
overflow or underflow was shown during the experiments.

Figure 11(b) shows the rate adjustment triggered by the
transmission rate controller. In the figure the length of each
horizontal segment represents the duration of transmission
rate without adjustment. It is obvious that the design of states
of transmission rates effectively reduces the number of rate
adjustment and the rate is well controlled within [10, 90] fps.

VI. CONCLUSION

In this paper, we present the design and implementation
of H.264 player for multiple description coded videos. A video
is assumed to be encoded into multiple descriptions by the
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SMDC. The decoder module of JM is utilized to decoding the
received h.264 chunks from the networks. To avoid overflow
or underflow in decoded chunks buffer and merged chunks

buffer,

merging control and transmitting rate control

mechanisms are proposed. Experiment results show that with
the aids of proposed control mechanisms, no buffer overflow
or underflow was experienced during the playback. The
overheads of decoding a chunk and merging chunks are
negligible compared to rendering time of one chunk, which
would not affect the smoothness of playback at all.
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