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ABSTRACT

We introduce a point to point video transmisston scheme
over the Internet combining a low-delay TCP-friendly
transport protocol in conjunction with a novel compres-
ston method that is error resilient and bandwidth scal-
able. Compressed video is packetized into individually
decodable packets that are of equal expected visual im-
portance. As a result, relatively constant video quality
can be achieved at the receiver under lossy conditions.
The packets can be truncated to meet the time varying
bandwidth imposed by the transport protocol. Actual In-
ternet erperiments together with simulations are used
to evaluate the performance of the overall scheme.

1. INTRODUCTION

Supporting low latency video communication over the
Internet is an important yet challenging task. A few
possible applications include video conferencing, tele-
medicine, and interactive access to pre-recorded videos
stored in remote databases. However, most video com-
pression methods used for Internet communications are
neither bandwidth-scalable nor error-resilient. This pro-
duces a constant volume of inter-dependent packets
that are prone to error propagation.

Producing non-adaptive streams with constant rate
has two disadvantages. First, it would lead to con-
gestive collapse when the aggregate bandwidth of the
video traffic exceeds network capacity. Second, it com-
petes unfairly with other adaptive traffic, such as TCP,
that reduces transmission rate in face of network con-
gestion.

Current approaches to error resilient video commu-
nication include error control mechanisms at the trans-
port level. This typically takes the form of retransmis-
sions or forward error correction (FEC). Retransmis-
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sion based error control methods often fail to be real-
time, particularly when round-trip propagation delay
1s large. FEC schemes on the other hand, are often
ineffective when losses are bursty [1].

To address the above problems of flow and error
control, one possible solution is to re-engineer the net-
work to provide the necessary quality of service (QOS)
guarantees via reservations and admission control. Be-
sides requiring changes in the current infra-structure,
this approach also introduces call blocking when re-
sources become temporarily over-subscribed. Further-
more, even when such QOS guarantees are widely avail-
able, it is likely to be more costly than the plain old
best-effort service.

An attractive alternative is to use bandwidth scal-
able video with feedback rate control whereby trans-
mission sources adjust their rates in response to chang-
ing network conditions. This would solve the flow con-
trol problem while the error control problem can be
solved by further requiring the compression method to
be resilient to packet losses. In this paper, we will
introduce one such compression method based on 3D
subband coding. Taubman and Zakhor [6] have de-
scribed 3D subband coding schemes that allow decod-
ing at many finely grained rates without sacrificing
compression efficiency. Later, Tan, et.al. [4] have fur-
ther demonstrated the feasibility of real-time imple-
mentations. In this paper, we propose new packetiza-
tion schemes for the basic compression algorithm in [4]
in order to make it error resilient. This is accomplished
by imposing the requirement to produce individually
decodable and equally important packets. We will show
via actual Internet experiments and simulations that
the resilient compression performs significantly better
than its otherwise equivalent non-resilient scheme. Be-
cause the proposed compression method is finely scal-
able, it is compatible with virtually any flow control
algorithms. However, in order to be fair to TCP traf-
fic, we have chosen to use a TCP-friendly transport
protocol [5] for our Internet experiments.



2. RESILIENT SCALABLE COMPRESSION

Traditionally, scalable video compression algorithms are
designed with transport prioritization in mind and of-
ten produce packets that are inter-dependent. For ex-
ample, earlier 3D subband based video compression al-
gorithms [6, 4] produce packets that are linearly de-
pendent, i.e., for every K frames N packets are pro-
duced so that if packet 7 is lost, error propagation would
prevent decoding of packets i+ 1,...,N. This is undesir-
able for Internet transmissions where the lack of priori-
tized transport causes packet losses to appear random,
resulting in large variability in received video quality.
To see why linearly dependent packets yields large vari-
ability under random loss, consider independent packet
reception rate of p. The probability that we can decode
exactly ¢ packets out of a total of N transmitted pack-
ets is then (1 — p)p’ for i # N, and pV fori = N, a
bimodal distribution that is geometric but with a tall
spike at 1+ = N. For example, for N = 20 and p = 0.9,
over 70% of the time we can either decode all 20 or at
most 6 packets.

To eliminate error propagation, we need every packet
to be individually decodable. One way to achieve this is
to employ a forward decomposition of the source mate-
rial into M components and then compress each com-
ponent independently to form a packet. Each packet
can then be decoded to a co-image where the sum of
all co-images form the original images.

There are many such decompositions for still im-
ages. One example is the polyphase decomposition
which takes every M consecutive pixels and distributes
one pixel to every component. Each component then
would clearly be individually decodable and approxi-
mately of equal importance. This scheme suffers from
low compression efficiency. Another approach is to
use block based coding in the pixel domain. However,
when one packet contains all information about a spa-
tial location, its loss will cause all information in that
location to be lost. Yet another approach is to use
subband decomposition to divide source into subbands
that can be compressed independently. However, the
DC-subband contains most of the energy for natural
images. If each subband goes into a packet, this skew-
ness would cause large variability in decoded picture
quality under lossy conditions.

To overcome the problems of the above approaches,
we use an alternative data partitioning scheme for sub-
band based compression: instead of making each sub-
band a component, we partition each subband into an
equal number of coefficient blocks. Each coefficient
block in a subband carries information about some lo-
calized region in the original frames. The components
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are then formed by grouping from each subband, equal
number of coefficient blocks that correspond to differ-
ent spatial regions of the source. As an example, Fig. 1
shows the formation of one component out of a total
of nine. Since there are seven subbands, it would take
at least seven packet losses to completely eradicate a
particular spatial region.

|

Figure 1: Grouping coefficient blocks from different
subbands to form a component.

Each coefficient block is progressively quantized and
compressed independent of other blocks using layered
block coding [4]. However, subsequent quantizer out-
puts of the same block are compressed inter-dependently.
To achieve error resilience, the compressed quantiza-
tion layers are packed in a pre-determined order based
on the relative importance of the subbands while pre-
serving the dependency between quantization layers.
Because the decoder will decode in the same order, the
packet length can be truncated to suit any targeted
transmission rate.

Fig. 2(a) shows original “Lena” image at 512 x 512.
Five levels of spatial decomposition, using a 5/3-tap
biorthogonal filter, are performed on the image to get
16 subbands. Each subband is then divided into 256 co-

(a)

(b)

Figure 2: Original Lena (a) and Lena at 0.3 bits/pixel
and 22% loss (b).



efficient blocks. The largest coefficient block is 16 x 16
while the smallest is 1 x 1. We form 256 components
and compress each component using layered block cod-
ing method described in [4] to get 256 packets which
are then subjected to a 22% random packet loss. The
image reconstructed from the survived packets is shown
in Fig. 2(b). No error concealment has been applied to
the image. We see that errors are dispersed over a wide
support and while the image is uniformly blurred and
the total energy is diminished, all features of the orig-
inal image are still visible. Furthermore, even though
block based coding is employed, there are no sharp dis-
continuities because data partitioning is performed in
the frequency domain instead of the pixel domain.

To extend the framework from still image to video,
one possible way is to use 2D subband decomposition
with motion compensation. However, since motion com-
pensation does not perform well when required to pro-
duce finely scalable video, but also introduces error
propagation, a scheme based on 3D subband coding
is used. A Haar filter is used to generate temporal
subbands. A component then is formed by getting co-
efficient blocks of different spatial locations from the
set of spatio-temporal subbands.

3. PERFORMANCE

In this section, we evaluate the performance of the
proposed error resilient compression scheme by con-
sidering (1) its compression efficiency when there is
no packet loss, (2) its performance when subjected to
packet losses, and (3) its performance compared to sys-
tems using FEC. We also experimented with using FEC
with the proposed scheme.

Compression Efficiency: Since the proposed com-
pression method is required to produce independently
decodable packets and be bandwidth scalable, it is nec-
essarily more restrictive than compression schemes that
do not. In particular, it lacks the motion models of
MPEG and H.263 and does not exploit correlation be-
tween subbands, as is done in Shapiro’s embedded zero-
tree scheme [3]. Furthermore, correlation between co-
efficient blocks within the same subband is also deliber-
ately ignored. As a result, there is in general a decrease
in compression efficiency when there is no packet loss.

We compare PSNR. for two sequences: “Raider of
the Lost Arc”, and “Mother and Daughter”, with 600
and 300 frames respectively. The Raider sequence is
a high motion fighting scene whereas Mother is a low
motion head and shoulder sequence. The MPEG re-
sults are generated using an MPEG-1 software [2] with
10 slices per frame, GOP size of 4, and exhaustive
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search. While our method can produce one embed-
ded bit-stream which can be decoded at many differ-
ent rates, MPEG requires a different bit-stream to be
generated for each rate. The results are shown in Ta-
ble. 1. We see that the two compression methods have
comparable rate-distortion performance. Because tem-
poral subband decomposition of our proposed scheme
(P) is more restrictive than the block based motion
compensation of MPEG (M), scheme (P) suffers a loss
in compression efficiency at low bit rates such as 500
kbps and below. At high bit rates such as 3 Mbps, (P)
typically outperforms (M) because the more efficient
residue coding of (P) makes up for the inefficiency of
the motion model.

|7131t Rates (kbps) | 500 l 1000 ] 1500 | 3000J
Raider (P) 320 | 348 | 37.1 | 41.0
Raider (M) 32.0 | 34.8 | 36.9 | 40.0
Mother (P) 35.4 | 38.7 | 40.9 | 43.0
Mother (M) 36.7 | 39.7 | 41.3 | 42.7
Table 1: Compression Performance for proposed

scheme (P) and MPEG-1 (M).

Packet Loss Resilience: We next compare the per-
formance of our proposed scheme (P) under 5% sim-
ulated packet loss. Besides scheme (M), two other
schemes are considered: (S) 3D subband coding where
every packet contains one subband and, (T) the scal-
able compression scheme of [5] which produces linearly
dependent packet. The results are shown in Fig. 3.
We see that only scheme (P) enjoys a uniform high
quality of received video. Even though packets under
scheme (S) are independent, the skewness in their en-
ergy causes large variability in received video quality.
Schemes (T) and (M) suffer from error propagation and
show even greater variability. In particular, as a conse-
quence of motion compensation in MPEG, we can see
from Fig. 3 that errors have longer “tail” with longer
GOP pattern. For scheme (P), simple error conceal-
ment is performed on the DC-subband where every
missing coefficient is estimated by the average of its
surviving neighbors. Similar concealment techniques
are not applicable to scheme (T) under which the all
spatial locations in the DC subband are compressed
and transmitted together.

We next compare the simultaneous Internet trans-
mission of scalable video compressed under schemes (P)
and (T). The Raider sequence is repeatedly transmit-
ted from Hongkong to Berkeley at 12 fps. A TCP-
friendly rate-based transport protocol (TFRP) [5] is
used to carry the traffic. The packet loss rate is mea-
sured in 1/3 second intervals and is shown in the top
graph of Fig. 4. There are moderate and bursty packet
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Figure 3: Variability of quality at 5% simulated random
packet loss. From top to bottom: (P), (S), (T), (M)
with GOP 2, (M) with GOP 15.

losses, with an average around 3.8% and variation be-
tween 0 to 23%. We see that scheme (P) out-performs
(T) significantly both in having a lower average MSE
of 105 versus 244, and in having smaller variability.
Visually, packet losses under (P) appear as blurred
patches in different locations in different frames ver-
sus the uniformly blurred frames of (T). However, the
data dependency between packets in (T) causes high
temporal variability in quality, resulting in oscillations
between high quality and very poor quality pictures.
Such wild oscillations do not exist for scheme (P) since
the packets do not depend on each other. As a result,
scheme {P) produces much more visually pleasing de-
coded video than scheme (T).

Comparison with FEC schemes: We will next con-
sider the incorporation of FEC to non-resilient com-
pression methods. We will restrict our discussion to
the comparison between schemes (P) and (T) because
both can be easily used in conjunction with rate con-
trollers for Internet experiments, and are similar in that
both employ hierarchical block coding in addition to 3D
subband analysis.

Fig. 5 shows the distortion-rate characteristics when
the Raider sequence under schemes (P) and (T) are
subjected to different simulated losses and with no FEC
added. We see that the two schemes have comparable
performance when there is no loss. However, the per-
formance of scheme (T) deteriorates much faster than
that of scheme (P) as loss rate increases. If we were to
know the packet loss rates a priori, one possible way
to improve the quality of scheme (T) transmission is
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Figure 4: Simultaneous video transmission from Hong
Kong to Berkeley with rate-control. (3 pm on
10/20/98). Top shows loss rate, middle and bottom
correspond to MSE for schemes (P) and (T) respec-
tively.

to omit the transmission of less important packets in
favor of duplicates of more important one. Specifically,
at any time, the transmission budget R is dictated by
the flow control algorithm according to the estimated
channel conditions. Assuming a total of N linearly de-
pendent packets and that p; is the probability that all
packets up to packet i are received while packet 7 4 1
is lost, then the expected distortion is given by:

M
ED =3 piD; (1)
i=1

where D; 1s the expected distortion when the first
packets are decoded and is approximated by the 0 loss
curve in Fig. 5. M is the least important packet that
is being transmitted and is given by the bandwidth
constraint:

M
> mRi<R (2)
i=1

where n; is the number of copies that packet 7 is trans-
mitted and R; is the size of packet i. R; is chosen to be
300 bytes to yield fine grained bandwidth-scalability.
Decreasing R; further will provide finer granularity at
the expense of higher transmission overhead. p; is cal-
culated assuming independent, identically distributed
packet losses according to a running estimate of packet
loss rate that is updated 3 times every second. The n;
are pre-computed using exhaustive search for 16 fixed
loss rates ranging from 0.25% to 20%.

Similarly for our proposed scheme (P), given a fix
rate to code a component, it is possible to reduce that
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Figure 5: Distortion-rate characteristics of schemes (P)
at 0, 1 and 5% packet loss.

rate to make room for piggy-backing low rate versions
of other components. Following a formulation similar
to that of Equations. 1 and 2, an optimal FEC scheme
can be obtained for every assumed packet loss rate.

We carry out an actual Internet experiment again
between Hongkong and Berkeley. The results are shown
in Fig. 6. The average MSE for schemes (P) and (T)
are 100.53 and 201 respectively. Both show an improve-
ment over the case when FEC is not used. A compari-
son of Figs. 4 and 6 indicates that FEC reduces the vari-
ability in the decoded video for scheme (T). However,
scheme (T) with FEC still shows higher average distor-
tion and larger variability compared to scheme (P) with
or without FEC. The better performance of the error
resilience scheme compared to that of the non-resilient
scheme with FEC is due to the mismatch between the
assumed and actual packet loss rates. Since only de-
layed channel estimates are available for the Internet,
such mismatch is unavoidable. However, FEC schemes
are typically optimized only for a fixed assumed loss
rate and are sensitive to such mismatch. The proposed
error-resilient compression scheme however, is designed
without assuming a packet loss rate and therefore tends
to perform better when the channel states are not pre-
cisely known.

Complexity: For Mother sequence of size 320 x 224
on a 400 M H z Pentium machine, the encoding speeds
are given by 35 to 21 frames per second in the range of
200 kbps to 2 Mbps respectively. The decoding speeds
in the same range varies from 55 to 25 frames per sec-
ond. The reported times exclude disk access and dis-
play time [4].
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Figure 6: Simultaneous video transmission from

Hongkong to Berkeley with rate control and FEC. Top
is scheme (P) and bottom is (T).

4. CONCLUSION
In this paper, we devise a new packetization scheme for
scalable video compression {4] that is well suited for low
delay Internet communications. It offers a finely lay-
ered representation that facilitates the use of arbitrary
flow control algorithms, and produces individually de-
codable packets so that error propagation is practically
eliminated. We carried out simulation and actual Inter-
net experiments, and found it to out-perform schemes
that produce inter-dependent packets.
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