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Abstract

In this paper, we propose a joint source-channel content-
based multistream video coding scheme to combat the trans-
mission errors. By coupling with our ground breaking inno-
vation frequency-hopping OFDM at the physical layer, our
proposed multistream design provides better error protec-
tion than the conventional design. Note that the frequency-
hopping OFDM provides a significantly superior platform to
all other existing technologies including the cdma2000 and
WCDMA for the wireless services. Simulations demonstrate
that our design outperforms those single stream layered de-
sign by 3 — 7dB under the harsh network conditions.

I. Introduction

Currently, the focus of IP transport continues to be the data-
oriented via the packet switches while it used to be speech-
oriented via the circuit switch infrastructures. With the ad-
vances in digital compression technology and the steady de-
ployment of broadband networks such as the fiber optics,
cable, xDSL and third-generation wireless CDMA systems,
multimedia services such as the packets (data/voice/video
over IP) through the broadband networks have been emerg-
ing as a new technologies for the new millenniym. However,
before we can realize the full potential of those multimedia
services, we have to address the challenges of how to deliver
the multimedia applications over networks cost effectively,
ubiquitously, and with sufficient quality.

Due to the large variety of existing network technologies,
it is most likely that the hybrid networks are used to support
video services as shown in Fig. 1. Many error control and

Access \
&
L
Access Links:
Twisted Pair, Cable,

XDSL, ISDN, Cellular
Fiber to the curb

SONET/WDM Rings

Figure 1: Hybrid networks needed to support the streaming
video.

concealment techniques have been proposed for video com-
munication such as Error concealment by preprocessing [1],
Error concealment by postprocessing [2], and Error conceal-
ment by interaction [3]. However different networks have dif-
ferent characteristics. To optimize the performance of those
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multimedia systems with the given Quality of Service (QoS)
requirements, we should JOINTLY consider the video com-
pression and delivery schemes based on the network alterna-
tives, capacities, and characteristics. For the multimedia ser-
vices, the real-time/interactivity requirements introduce an-
other level of difficulties in multimedia transmission because
the intolerance of extra delay sometimes excludes the deploy-
ment of some well-known error-recovery techniques such as
Automatic Repeat-Request (ARQ). In addition, issues such
as the audio-visual synchronization and multipoint commu-
nications further complicate the problem of the error recov-
ery. However, as the video segmentation techniques become
more mature [4], it enables us to view, access, and manip-
ulate video objects rather than the frame of pixels, which
enables the great error robustness at a large range of bit
rates. In this paper, we will address the challenge of deliv-
ering video over IP or packet video in a bandwidth efficient
and error resilient manner. And, our contributions in this
paper is:

e A joint source-channel content-based multistream
video coding scheme built on top of our ground break-
ing innovation frequency-hopping OFDM to combat
transmission errors under the harsh network condi-
tions.

The remainder of the paper is organized as follows. In
Section 2, we describe our joint source-channel content-based
multistream video coding scheme to combat transmission er-
rors. The simulation results are then revealed in Section 3.
Finally, we conclude our work in Section 4.

II. Design Details

Our frequency-hopping OFDM is designed specifically for the
delivery of advanced Internet services. This delivery is en-
abled by the vertical integration of layers 1 (physical layer)
to 3 (network layer), while layers 3 and above are purely
IP-based infrastructures to allow internetworking with the
peer networks and applications using the standard IP pro-
tocols. In OFDM [5], the spectrum is divided into a num-
ber of equally spaced subcarriers or tones, and each carries
a portion of a user’s information. The OFDM tones en-
joy the property of being orthogonal, in that the individual
tones do not interfere with each other. In contrast, the direct
sequence CDMA codes used in the 2G/3G systems do not
have this nice property, and are not orthogonal under the
multipath. Our system couples the inherent advantages of
OFDM with Frequency-Hopping Spread-Spectrum, as well
as a jointly source-channel design of multistream video cod-
ing that is highly efficient for the data communications and
its usage of the spectrum. Our design advantages are sum-
marized as following:

o Packet-over-the-air architecture that is ideal for the
IP-based communications,
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¢ Frequency re-use of one and no intra-cell interference.
In addition, the fast hopping minimizes inter-cell in-
terference,

o Frequency diversity and multistream video coding re-
duce the impact of fading and improve the quality of
service,

o Low signaling overhead using compressed PPP (Point-
to-Point Protocol) [6] header leads to high efficiency
and system throughout.

The following paragraphs describe the design in more detail.

A. Physical Layer Design

At the physical layer, a fast frequency hopped version of
Orthogonal Frequency Division Multiplex (OFDM) is em-
ployed. Fast hopping turns our design into a spread spec-
trum technology that maintains CDMA’s average interfer-
ence between cells and frequency re-use of one. At the same
time, it has no in-cell interference (same as the TDMA sys-
tem), making the overall system superior since it combines
the most significant advantages of both its predecessors. The
frequency-hopping OFDM system is designed for the paired
frequency division duplex (FDD) operation and supports the
spectrum allocations in the multiples of 1.25 or 5 MHz band-
width. The system is frequency-independent and supports
the practical mobile applications in the range of frequen-
cies between 220 MHz and 3.5 GHz. In our simulation, we
target in the 700-900 MHz band, which is the license-free
spectrum. In each cell, the same spectrum is divided into a
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Figure 2: The Physical layer design.

set of subcarriers, and time is divided into the symbols as
shown in Fig. 2. A number of those subcarriers are assigned
to each user when there is data to send or receive. The sub-
carriers that comprise a user’s channel hop over the entire 5
MHz or 1.25 MHz band as time goes by: the tone pattern in
time/frequency space is referred to as the hopping sequence.
Tone hopping provides frequency diversity, which helps re-

duce the effects of fading. The salient feature of this physical -

layer is the absence of in-cell interference, due to the orthog-
onality of user tones being preserved even in the presence of
multipath. Inter-cell interference is caused by the tones being
re-used from cell to cell. However, this interference is aver-
aged across cells, since user tones employ fast hopping. For
example, the frequency-time squares labeled 'A’ in the cell
one is rarely transmitted in the same frequency-time squares
labeled ’a’ in the cell two. These nice properties of averaged
out-of-cell interference and zero in-cell interference lead to

improved the physical layer spectral efficiency (three times
that of the wideband CDMA), and more efficient support of
bursty traffic for packet-over-the-air architecture.

B. The Layer 3 and above Design

By taking advantage of the content-based video coding, here
we propose a joint source-channel multistream video cod-
ing technique to combat the transmission errors. In prin-
ciple, the video objects are encoded into the different IP
video streams (multistream) as shown in Fig. 3. Each video
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stream is encoded differently based on its perceptual im-
portance. The perceptual importance of a video sequence
can be determined based on the outputs of segmentation [4].
For instance, in “Akiyo” test sequence as shown in Fig. 6,
we simply refer the primary video stream to the foreground
video object in the sequence. The transport coder with the
“transport prioritization” used in Fig. 3 refers to an ensemble
of devices performing channel coding, packetization and/or
modulation. In other words, the term transport prioritiza-
tion here refers to the various mechanisms to provide dif-
ferent quality for different video streams in transport, in-
cluding using the unequal error protection [7], and assigning
different priorities to different video streams. Therefore, the
router will make the best effort to deliver those high prior-
ity packets associated with the primary video stream under
the harsh network conditions. The MUX controller in Fig. 3
controls whether those video packets are transmitted in the
normal mode or in the error resilient mode based on the net-
work conditions. Here the feedback information about the
network condition can be obtained by using the delay and
loss-rate statistics at the decoder (8], [9]. Under the nor-
mal mode, those IP packets are multiplexed and sent out
alternatively. When the network condition deteriorates then
the MUX controller switches to error resilient mode, and the
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IP packets of primary video stream are repeated once and
then sent out as shown in Fig. 3. The rest of secondary video
streams are coarsely quantized, less error protected coded
and transmitted at the low priority. Sometimes, we can even
stop transmitting those secondary video information to give
the resource to the primary video stream.

This error resilient scheme works based on the fact that
there are several parallel paths between the source and des-
tination such as the wireless multihop network or the mul-
tipath fading in mobile wireless channels. The probability
that all paths simultaneously experience losses is small. Even
when only one single physical path exists between the source
and destination, the path can be divided into several virtual
channels by using the time interleaving scheme as shown in
Fig. 3. Under the adverse channel conditions, the decoder
therefore can still reconstruct the original video sequence de-
pending on the stream which is received correctly or least
distorted. Unlike the conventional multiple-description cod-
ing [10], we apply the content-based video coding instead of
the layered coding (In the layered video coding approach,
we treat all video objects within a frame equally important
and allocate the bandwidth evenly to transmit those coded
information). In our content-based video coding, the video
information is partitioned into more than one video object
and encoded into multiple different video streams with differ-
ent transport priorities. Under the harsh network condition,
we allocate more resource to error protect those important
video information. In principle, we trade the quality of the
least significant video objects for the quality of the most sig-
nificant ones. As a result, we can reconstruct a close approx-
imation of the original video (at least for the primary video
object) and make the output video at the decoder least ob-
jectionable to human eyes.

li!ead Compressioﬂ
Our video over IP packet is shown in Fig. 4, which in-
cludes both the payload and PPP header. In contrast to
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Figure 4: Compressed vs. uncompressed IP packet.

the uncompressed IP packet as in Fig. 4 (a), we propose
the compressed IP packet as in Fig. 4 (b) to save the band-
width for video transmission. The difference between these
two formats is that the address (0xFF) and control (0x03)

are eliminated from the PPP header in the compressed IP
packet. Based on the recent studies of data traffics over In-
ternet [11)], nearly half of data streams have the packet size of
40 to 44 bytes. With the average IP packet size of 40 bytes,
we can save up to 5% of bandwidth using the compressed
PPP header. The reason why we can use the compressed IP
packet is as following: the PPP supports the multiprotocol
encapsulation and we can classify the incoming data stream
into two groups: the control signals and real datum. Those
two types of traffics can be distinguished based on the pro-
tocol numbers embedded in the PPP header. For the control
signals, which are transmitted prior to the real data traffic,
are not allowed to strip those address and control fields off
to save bandwidth because the information is critical for es-
tablishing the connections and not retrievable once they are
discarded. Once the connections established, the real datum
such as video bit-stream can flow through the networks. For
those IP packet, the control and address fields are no longer
important. Therefore, we can periodically strip those fields
off to save the bandwidth.

III. Simulation Results

To test our joint source-channel content-based multistream
video coding technique built on top of our frequency-hopping
OFDM to combat the transmission errors, we ran several
experiments using the MPEG-4 test sequences at both the
CIF and QCIF resolutions (Each sequence containg 300 video
frames). In our simulation setup as shown in Fig. 5, the
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Figure 5: The simulation setup to test the performance our mul-
tistream video coding scheme for the wireless multimedia commu-

nication.

quantization parameters and channel coding rates are chosen
so that the combined output rate of video streams is constant
(around 128 kb/s). The rate-compatible punctured convo-
lutional (RCPC) [12] code is employed in our simulations
to provide an efficient means of implementing a variable-
rate error control for different video streams so that only a
single encoder/decoder pair is needed. In addition to that,
our fast-hopping OFDM is used for the modulation and it
achieves the robustness against the frequency selective fad-
ing or narrowband interference. At the decoder side, the
soft-decision Viterbi decoding scheme is utilized to correct
the erroneous subcarriers. Our simulations are performed
under both the added white Gaussian noise (AWGN) and
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Figure 6: Transmission errors affect the video quality under
different coding schemes.

fading channel conditions (Here we adopt the Rayleigh fad-
ing channel to model the bursty channel condition caused by
multipath fading [13]).

The transmission errors affect the video quality by us-
ing different coding schemes as shown in Fig. 6. For sim-
ple cases such as “Akiyo” and “Mother and Daughter” test
sequences in which the foreground scenes change while the
background scenes remain the same, we allocate all resource
under the harsh network condition to transmit the primary
video object because it dominates the whole video scene.
Our multistream works extremely well for those simple test
cases. For the complicate cases such as “Coastguard” test se-
quence in which both the foreground and background scenes
change, we allocate more resource to transmit the primary
video object than the secondary ones as network condition
deteriorates. Compared to the conventional layered coding
mechanism, our multistream works better in terms of error
resilience as shown in Fig. 7. From the simulation results,
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Figure 7: Comparison of proposed multistream design to the
single stream design in terms of Signal to Noise ratio.

we observe that the multistream approach outperforms the
single stream approach by 3 — 5 dB under noisy channel

conditions. Under the multipath fading condition (we use
the carrier frequency of 900 MHz and the mobile velocity
of 10 — 60 miles/hour with upto 6 propagation paths), the
simulation demonstrates that our multistream works better
than the single stream design by up to 5 — 7 dB with the
data throughput rate at 128kb/s. As a result, the decoder
can reconstruct a better original video sequence depending
on the stream which is received correctly or least distorted
by taking the advantage of multipath between source and
destination.
IV. Conclusion

In this paper, we propose a joint source-channel content-
based multistream video coding scheme to combat the trans-
mission errors for the delay-sensitive multimedia services.
Simulations demonstrate that our multistream design out-
performs those single stream layered design in terms of the
error resilience under the harsh network conditions because,
in our design, the IP packets of primary video stream are
repeated once and then sent out under harsh network condi-
tion. And, the dual description of primary video stream in-
dependently travels through the different fading paths. Since
the chance that all paths simultaneously experience informa-
tion losses is small, the sum of the signal level at the receiver
antenna in our multistream design is, therefore, stronger
than that in the single stream design thus better recon-
structed video quality. In addition, our frequency-hopping
OFDM eliminates the intra-cell interface and averages the
inter-cell interface. Owverall, our design provides a robust
airlink and the packet-over-the-air design is ideal for the IP-
based communications.
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