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Abstract

For the purpose of a flexible coded video transmission over a heterogeneous
network, we propose a new packetization method for coded video data. The
proposed method achieves small degradation of coded picture quality in case of
packet discard at the network node and does not require heavy processing load for
bitrate control operation. Computer simulation results show that the bitrate
reduction from 384 kb/s to 192 kb/s does not cause severe degradation in picture

quality.

1. Introduction

The Internet is growing at an enormous speed,
and the LAN is expanding in every office. In these
situations, video applications attract people’s
attention and there are many kinds of products for
video conferencing and broadcasting[1][2].

As these applications are all point-to-point
based, extension to a multipoint network
environment is required in order to utilize network
resources effectively. However, as the network
resources {ex. available bandwidth) may not be
uniform throughout all networks, there are various
requirements for video streams including bitrates
which are difficult to satisfy completely. For
example, if one terminal in a “rich” environment
generates a high bitrate video stream, it may cause
congestion in a “poor” network and the received
video quality at the poor network terminal may be
severely degraded. On the other hand, if one
terminal generates a stream conforming to the
“poor” network limitation, all the receivers will
receive poor quality video.

To cope with this problem it is necessary to
convert the bitrate of the video stream at a network
node (ex. gateway or router) which connects one
network domain to the other[3]. In other words,
bitrate reduction is needed when the stream enters
the poor bandwidth network domain.

In this paper, we propose a bitrate reduction
method that is applicable for not only point-to-point
communication but also multicast communication.
The feature of our method is that does not cause
severe degradation in picture quality and it is easier

to implement than other methods. In the next
section, various bitrate reduction and control
methods are introduced and discussed. In Section 3,
the proposed method is described in detail. The
proposed method is evaluated by a computer
simulation in the following section and the resuylt is
discussed in Section 5. Section 6 gives conclusions.

2. Review of various bitrate control
methods

In this section, various bitrate reduction methods
are introduced and discussed concerning their
advantages and disadvantages.

2.1 Control of encoding bitrate

In this method, the encoder controls the bitrate
of the generated video stream according to the
network congestion, demand from receivers and so
on.

The advantages of this method are:

1) Arbitrary bitrate reduction is possible.

2) Network utilizing efficiency is high.

3) Encoding and decoding algorithms are simple.

4) A rate conversion function is not needed in
the network node.

The disadvantages are:

1) Some communication mechanism is required
between the encoder and a large number of
receivers for bitrate negotiation.

2) All receivers must receive the same bitrate
video stream.

This causes congestion in poor networks or

unreasonable low quality video in rich networks as
described in Section 1.



2.2 Simulcast

In this method, multiple video streams are
transmitted simultaneously on the network and the
network node selects the appropriate bitrate
stream.

The advantages are:

1) Enceding and decoding algorithms are simple.

2) Rate conversion at the network node is

achieved just by selecting the stream.

The disadvantages are:

1) Network utilizing efficiency is low.

2) Arbitrary bitrate reduction is difficult.

In order to leave choices to the end receivers in
poor networks, each network node must relay a low
bitrate stream best suited for its own network
domain. Therefore the number of streams is limited.

2.3 Transcoding

In this method, the video stream is decoded and
re-encoded at the network node in order to adjust
the bitrate to the bandwidth of the network domain.

This method has the following advantages:

1) An arbitrary bitrate can be chosen at the

network node.

2) Encoding and decoding algorithms at both

ends are simple.

3) Network utilizing efficiency is high.

On the other hand, the following disadvantages
are raised:

1) The network node has a heavy load in

performing transcoding.

2) Video quality is inferior to direct coding due

to transcoding loss.

2.4 Layered coding

In this method, the source video is encoded as a
layered stream on the encoder side, in which one
stream contains core information and other
stream(s) contain additional information to improve
the video quality. Bitrate reduction is achieved by
dropping the additional stream(s) at a network
node.
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Fig.1 Proposed method

This method has the following advantages:
1) The bitrate reduction process is simple at the
network node.
2) Network utilizing efficiency is high
On the other hand, the following disadvantages
arise:
1) Encoding and decoding algorithms are
complicated.
2) The choice of reduced bitrates is limited.
Practically, layered coding may lose coding
efficiency when many layers are employed,
therefore the number of layers is limited to some
extent.

3. Proposed method

In this section, we first consider the requirement
for multicast over a heterogeneous network
environment. Then, we propose a new video
multicast architecture and its controlling algorithms
which meet the above requirement.

3.1 Requirements

A multicast protocol is very generic, and it can
be used in both small networks and huge networks
such as MBONE. It can be foreseen that the range
of available bandwidth for each network domain is
large, the number of network nodes is huge, and the
number of receivers is enormous.

With the above considerations, we defined the
requirements as follows.

1) Arbitrary bitrate reduction is mandatory.

2) The rate reduction process performed by the

network node should be simple.

The function of network nodes should be limited
to the transport layer.

3) The decoding process must be simple and be

executable only by software.

4) Coding efficiency should be high.

5) Video quality should be maintained to some

extent even in the case of poor bandwidth,
compared with direct coding.

3.2 Proposed architecture

3.2.1 Encoder

An MC+DCT video encoder such as H261[4] is
used. In this algornithm, a video signal is encoded in
units of pixel blocks. The block video data is first
predicted using the previous video frame, and the
prediction error is DCT-transformed and quantized.
The quantized data is zigzag-scanned and encoded
with a Huffman code.



Here, DCT coefficients corresponding to high
frequency have less importance in subjective picture
quality compared with the lower frequency
coefhicients. This means severe degradation does
not occur in subjective picture quality when the
higher frequency coefficients are discarded. On the
other hand, if the prediction parameters such as
motion vector or the lower frequency coefficients
are damaged, it may severely deteriorate the
decoded video quality. For this reason we employ a
data partitioning method that separates the zigzag-
scanned data into lower and higher frequency parts.
Thus, important data and less important data are
separately packetized based on the above data
partitioning. It should be noted that the minimum
bitrate, which 1s achieved by discarding all less
important packets, is decided at this stage.

3.2.2 The network node

A function of the network node here is
discarding the less important packets to reduce the
bitrate, while the important packets must be
protected. Although there may be wvarious and
complicated discarding methods, we employ a very
simple method in which a discarded packet is
selected regularly: one out of two less important
packets or one out of three and so on.

3.2.3 Decoder

The decoder reconstructs a video signal from the

received data. When only an important packet is
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received, the decoder adds an EOF code at the end
of zigzag-scanned data and decodes it by the usual
decoding process. When both important and less
important packets are received, the decoder
concatenates them to make the complete zigzag-
scanned data and decodes them.

3.3 Control algorithm of data partitioning[5][6]

Classification of zigzag-scanned data has a
definite impact on the decoded video quality when a
packet discard occurs. In this subsection, we
propose two different algorithms. It must be noted
that the difference between the data partitioning
algorithms does not have any effect on the network
node and the decoder, because they treat data only
as a packet.

3.3.1 Method 1

In this method, the boundary of important and
less important coefficients in the zigzag-scan is
fixed over all blocks as depicted in Figure 3. In
addition, a kind of rate control mechanism is needed
at the encoder to keep the minimum bitrate to the
target value. Such a mechanism will employ a
virtual buffer for the important packets, and when
the buffer is full the boundary is changed to the
lower frequency and vice versa.

3.3.2 Method 2

The basic idea for this method is to minimize the
degradation of picture quality caused by the packet
discard. In order to estimate the degradation, the
sum of each DCT coefficient importance index is
calculated. Here, we use the visually-weighted
DCT coefficient energy[7] as a visual importance
index. The weighting function is Equation (1).

, = 2:46(0.1+ 0.25 N exp(-0.25 /) )

J2.02log,, §

Here, §'is the AC power of the block, and fis the
spatial frequency. Therefore the weighting factor
changes according to the frequency and local
luminance activity, which reflects human visual
sensitivity.

The minimization of degradation is achieved by
the following procedure for a set of DCT blocks
such as a macroblock.

1) calculate the importance index of each DCT

coefficient

2) arrange them in a zigzag-scan order for each

DCT block

3) select the least index among the last

coefficients of the arranged set and move the




corresponding DCT coefficient to the less
important packet
4) reduce the number of bits for that DCT
coefficient
5) go back to step 3) until the total reduced bits
reaches the target bits
The advantage of this method is that the data
partitioning can be completely achieved to meet the
target minimum bitrate.

4. Computer simulation

In this paper H.261 is employed as a coding
algorithm for the computer simulation. The coded
frame rate is about 11 frames/sec. Intra-refresh
macroblock method is used and its refresh period is
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Fig. 3 Control algorithm of data partitioning

132 frames, that is, 3 macroblocks per frame are
encoded in an intra-frame mode for a CIF picture.
The test sequences are CLAIRE and SALESMAN
in a CIF format of 150 frames. When the proposed
methods are applied, intra-refresh macroblocks are
excluded from the packet discard.

The simulation is carried out in order to examine
the decoded video quality in case of packet discard.
Figure 4 shows the coding characteristics for H 261
in which the proposed methods reduce the bitrate of
the video stream originally encoded at 384 kbps to
the minimum bitrate of 128 kbps. Figure 5 shows
the decoded picture of the 100th frame in the case
of a target bitrate is 192 kbps.

Figure 4 shows that the proposed method 2
gives 2 dB higher SNR than the proposed
method 1. From subjective evaluation of Figure 5,
method 2 also gives better quality than method 1.

5. Discussion

The MC+DCT coding system has a premise that
synchronization of the frame memory is maintained
between the encoder and the decoder. Such a
synchronization is destroyed in case of data loss.
Once synchronization is destroyed, it continues
until the frame memories at both ends are refreshed.

Although the proposed methods use the packet
discard approach and may cause this mismatch of
the frame memory, the decoded video is not
destroyed. A compensation mechanism is necessary
for improving picture quality in our system, and the
candidates are macroblock refresh and LPF inside
the MC+DCT loop.

First, we analyze the mismatch effect. In order to
evaluate the mismatch effect, the SNR of the 150th
frame is calculated for a bitrate reduction of from
384 kbps to 192 kbps in the case 1) H.261 direct
coding, 2) proposed methods (packets for the last
frame are not discarded), and 3) H.261 direct
coding (packet discard is applied only to the last
frame). 2) shows the effect of the mismatch, while
3) shows the instantaneous effect of the packet
discard without the mismatch. Table 1 shows that
the SNR of 2) is much worse than 3), therefore it
can be concluded that frame memory mismatch is a
dominant factor in video degradation in our system.

Next, we consider the loop filter and refresh
protection. Macroblock refresh was originally
employed in H.261 for the purpose of reduction of
IDCT mismatch. As it refreshes the frame memory
by intra-frame coding, it is also effective for
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Fig. 4 Coding characteristics

(b) Method 1 (192 kbps)

(2) Decoded picture at 384 kbps in case
of the whole packets are received.

(c) Method 2 (192 kbps)

Fig.5 Decoded pictures




Table 1 Comparison of the picture quality

SNR (dB)
packet discard effect 41.7
mismatch effect 348
direct coding 46.8

reduction of mismatch caused by packet discard
Meanwhile, a loop filter is originally employed in
H261 for the purpose of improving coding
efficiency by suppressing the high frequency energy
of the prediction picture where quantization noise
energy may be higher than the signal energy. In our
proposed methods, the noise is limited to high
frequency coefficients, and the loop filter can
suppress that noise too. To evaluate their effects,
the proposed methods without the protection of
macroblock refresh or without a loop filter are
compared in Figure 6. The results of the proposed
methods without both are also shown in Figure 6.
Figure 6 shows that the effects of each factor are
almost the same, and employing these methods
improves the video quality considerably.

6. Conclusion

New video packet transmission schemes are
proposed. The key techniques employed here are
the efficient data partitioning at the encoder and a
clever control algorithm, which have the
advantages of simple packet discard at the network
node and a simple video decoder conforming to the
standard. These techniques achieve very flexible
traffic control and easy implementation of multicast
video. Computer simulation shows that the
proposed method gives good video quality even in
the case of packet discard.

The reason why the standard decoder can
manage the packet discard was also considered.
Ths is because techniques employed in the decoder
for other purposes are also effective to reduce the
frame memory mismatch between the encoder and
the decoder.
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