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Preface

The IEEE Chapter on Consumer Electronics in the Benelux has been founded recently
and supports events that are related to the application area of Consumer Electronics.
This application area is growing continuously, because computing and storage devices
are shrinking by means of advances in technology development. An example of
technology improvement is the increased density of transistors in a chip, which
enables advanced functionality inside e.g. portable systems. Another example of
technology improvement is the increased density of media for storage applications.
This phenomenon allows Gigabyte hard disks in personal computers, high-quality
movies on an optical disk or very small cassettes in camcorders. Both examples
provide important fundaments for the attractive consumer electronics products
currently existing in the market.

In the past decade, digital coding of video signals has resulted in a number of
significant standards and most of these standards are used in practice. This is because
after the tremendous success of digital audio on Compact Disc and all its derivatives
(CD-ROM, etc.), there was a need of digital video and the consumers were willing to
step into digital video technology, where it was proposed in a cost-efficient way. The
most important standard for moving digital video signals is beyond doubt the MPEG
standard, of which the MPEG-2 video standard is most widely applied.

In parallel with this, computers were connected and grouped inside networks and the
Internet emerged. Portable computers were embraced and the connection to video
equipment such as camcorders became apparent. This is just an example how
computers and conventional consumer electronics are merging. The communication
paradigm from computer networking is gradually becoming part of the consumer
electronics area, leading to communicating consumer video over the Internet. This
reasoning has brought us to the theme of the workshop: Streaming video technology
(MPEG-4) and the Internet.

MPEG-4 is a very recent standard proposal from 2000 and positions itself in the
middle of the developments mentioned above. It is a standard intended for a broad
range of video applications, from low-rate video conferencing at 64 kbit/s up to
broadcast TV in the Mbit/s range. One of the focus points of the workshop is that the
Internet channel suffers from packet loss, so that digital video is interrupted possibly
leading to severe errors in the recovered bit stream. MPEG-4 offers various
techniques, e.g. scalability, to cope with such errors without decoding problems while
maintaining running video.

The robustness and scalability theme is addressed in the lecture of Dr. Mihaela van
der Schaar of Philips Research Briarcliff when the fine granular scalability concept of
MPEG-4 1s discussed. She has participated actively in the MPEG-4 committee and
was personally involved in special extensions of the standard. We are pleased that the
consumer electronics division of Philips also contributes by the lecture of Jan van der
Meer, who 1s internationally acknowledged for his contributions to MPEG for more
than 10 years. He will present an overview of the MPEG-4 standard, and relate it to
other international developments.
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We are particularly honoured that Prof.dr. John Woods will address specific
extensions and technologies for robust packetized transmission of digital video. Prof.
Woods, affiliated with the Rensselaer Polytechnic Institute in the USA, is a leading
expert in video coding and well known in the field via numerous publications, awards
and a number of books. His book about Subband Coding from the early nineties is
widely accepted as a standard textbook on image coding. We are very happy to have
him participating in the workshop program.

The current Internet and related techniques for solving network problems (packet loss
and congestion) using advanced channel coding, are discussed by Prof. Han Vinck of
the University of Essen, Germany. Prof. Vinck has been working on networks and
channel codes since the eighties. He is the organizer of numerous events on coding
topics, a founder of the power line communication research in Germany, a leading
person in the coding community and he is the upcoming president of the IEEE
Information Theory Society. We are pleased that he contributes to the workshop. Dr.
Warner ten Kate of Philips Research Eindhoven is addressing Internet streaming as
the central theme. He has become well known for his work on MPEG audio coding,
contributions to the MPEG standard and for his early Internet streaming experiments.
His contribution fits perfectly in the workshop program.

The workshop was organised by the IEEE Benelux Chapter on Consumer Electronics.
The Chapter is part of the international IEEE CE Society. In the past year, the Chapter
has contributed to other events and is now widening its activities. A liaison with the
Audio Engineering Society is under consideration. The Chapter gratefully
acknowledges the Eindhoven Embedded Systems Institute (EEST) of the University of
Technology Eindhoven for its contributions to this workshop (e.g. these proceedings)
and co-hosting the day. The theme of the workshop and various issues in the MPEG-4
standard such as FGS framework are perfect examples of embedded systems and
therefore the co-operation was smoothly established. The Chapter also acknowledges
the co-sponsoring of CMG Eindhoven.

These proceedings contain a mixture of slide copies and recent papers addressing the
themes of the individual lectures (as well as a paper from E.G.T. Jaspers about a
prospective contribution to the preliminary program). This mixed approach was
chosen to give maximum flexibility to the authors with minimum effort, thereby
allowing the input of the latest material. Material from the workshop can also be
found on the EESI web site (www.eesi.tue.nl).

Peter H.N. de With
Board member IEEE Benelux Chapter on Consumer Electronics,

Eindhoven Embedded Systems Institute (EESI),
University of Technology Eindhoven, The Netherlands.
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Domain-based multiple description coding of
images and video
John W. Woods and Ivan V. Bajic

Center for Next Generation Video
Rensselaer Polytechnic Institute, Troy, NY
woods@ecse.rpi.edu, ivanb@cipr.rpi.edu

Overview

+  Motivation for multiple description (MD) coding and previous work
*  Domain-based multiple descriptions

»  Applications: dispersive packetization of images and video

»  Concatenated multiple descriptions

+  Conclusions

Motivation for MD coding

*  Multiple descriptions are a form of joint source-channel coding, well
suited for real-time data transmission over lossy packet networks

*  MD:s can be made “equally important” - matched to the nature of
Internet traffic, which is not prioritized

»  They offer low sensitivity to assumptions about network state

*  Graceful degradation; any subset of descriptions can produce a
useful approximation to the source message - fidelity improves as the
number of received descriptions increases




Previous work on MD coding

MD scalar quantization (Vaishampayan IEEE Trans. IT, 1993;
Servetto et al. IEEE Trans. IP, 2000)

Overlapping quantizer cells encoded independently

MD correlating transforms (Wang, Orchard, and Reibman /EEE
MMSP workshop, 1997)

Introduce controlled correlation after decorrelating transform
MD tight frame expansion (Goyal et al. IC/P, 1998)
“Increase the number of basis vectors”

MD forward error correction (Puri and Ramchandran Asilomar
1999; Mohr, Riskin, and Lander ICIP, 1999)

Rate-distortion optimized unequal error protection (UEP) for
embedded bitstreams

Domain-based multiple descriptions

Advantages
No FEC, hence bandwidth efficient
No assumptions about channel state
Easy error concealment

Graceful degradation

Disadvantages
Requires modification of the codec

Error concealment by interpolation, so only approximate recovery of
lost information is possible
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Domain-based multiple descriptions
Each description is a subsampled version of the signal

Sampling by domain (lattice) partitioning

To ensure having as many
neighbors for error concealment
as possible, maximize the
minimal distance between
samples within each partition

Equivalent to sphere packing on
a lattice

Design of domain-based MDs

Possible solution: lattice partitioning by squaring construction (for
TCM code design)

But it works only for 27 partitions

R A N
WA /N
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Design of domain-based MDs (cont.)

Better solution: look for sublattices of Z? which are approximately
hexagonal

Works for any number of partitions, at least as good as squaring
construction

AV

Domain-based multiple descriptions for images

* Each block corresponds to a

pixel o1t [a]s5]o]1]4]5
+ Number in the block is the 3 716 |3 {27 |6

number of the packet where that 4 (50 (1 |4 0|1

pixel should be stored. 716 13 1217 3 -
* Dispersion — like numbers are far ol1 |4 5 0 4

from each other in the matrix 3 gw 7 16 |3 17
+ Example: dividing an 8x8 image 41s5lol1 141510

into 8 titi

into 8 partitions e I3 7 Ts |3
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Domain-based multiple descriptions for

subbands

o[1]2]s[1]2][3]ofo]*[2]3]0]1]2]3
2{8jo[1|3f@[1]2|z[3]o]1[2][3]o]1

ol1[2[3]1]2[3]o]o[1 0[1]2]3

+ Create partition for one subband, [2][3]o[1]3]o[1]2]2][3 2[3]o[1
then extend by modulo shifting 2|3|of{1]3loj1]|2]o]1]2|3]0]1]2|3
m231 3]0]|2[3]o[1]2]3]0]1

» Example: partitioning an 8x8 2[3[o|1]3[0|1[2]o0f1}2{3]|0[1{2]3
image into 4 partitions ayiia aje]ais ol oie 1121301
1]2[3[0(1]2]3]0]2]3]0]1]2[3]0]1

» Observe: coefficient “trees” are |3/0(1/2f3|0j1]2]0]1/2]3/0[1|2]3
: 1|2 8101 [2][3]0[2]3 2[3c]1
dispersed across packets sToR R ToT T2 Tol s BRE o T1 1215
1]2[3]o[1]2]3]0]2[3]0]1]2][3]0]1
3lo[1]2]|3]o[1]2[0]1]2][3]0]1]2]5
1(2[3[o[1[2[3[0[2[3[0o[1]2]3]0]1
3[o[1[2[3]0[1[2|o[1[2[3]0]1[2]3

9

Illustration of error concealment
*  512x512 Lena, encoded at 0.21 bpp, packetized into 16 packets

* 12.5 % packet loss, bilinear error concealment

Lena at 12.5% packet loss Lena at 12.5% packet lass
no concealment, PSNR = 16.5dB bilinear canceakment, PSNR = 26.94B
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Comparison with PZW on Lena
512x512 Lena image, encoded at 0.21 bpp
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512x512 Peppers image, encoded at 0.21 bpp
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Domain-based multiple descriptions for
intraframe video

Create partition for one frame, then extend by modulo shifting

Example: partitioning two 8x8 frames into 4 partitions

1]2]3]oJ2]3Te]1] 1 [2[3Te1]2]3]0
3f0 1 2o 2[3]s]o]1]2]3]o]1]2
112|[oT1]2]3[1T2[3]o [o]1[2][3]0[1]2]3
A3loi2fslol1 3@ 1 [22]3]o[1]2]3]0]1
310flo]1[2]3]1]2[3]|0]o]1 0{1]2|3
1 2|3|of1]3]of1]2]2]3 2i3{0[1
3[oil2]|3]o[1|3]o]1]2]o]1]2]|3[0]1]2]3
V2o 231 Z3{o[2][3]o][1]2]3]0]1
2)13|/2]3[o]1]3]of1]2]o]4]2[3[0[1]2]3
olt|[ofa]2]31[2[3]o|2]3]o]]2]3]0]1
2|31 [2]3fo[1]2]3]0]2]3]o[1[2]3]0]1
o11f3fol1]2[3[o]1]2]o]1]2]|s]o]1]2]5
1213 11 ]2 f8F6]1]|2]3[o]2]3 2[3(0]1
. 10/1l13]0 3jof1]2]o]1 o[1[2]3
2431 [2[3(|o[1[2[s[o]2]3|o]1]2]3(0]1
frrmet |81 |[370l1]2[3]0[1]2]o]1]2]3]0[1(2]3
1]2]3]o]1]2]3]o]2]3]0]1][2]3]0]1
fame0 |3|0|1]2|3|c[1[2|o[1]2]3]0[1]2]3

compensated video

Domain-based multiple descriptions for motion-

GOP structure in the motion compensated 3-D subband video coder

has 5 data layers

J L)

® ® €
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Domain-based multiple descriptions for motion-

compensated video (cont.)

In each layer, extend the partitions from high frequency frames to
motion vector fields by modulo shifting

-+ o
1 2= 3 0 N
~2 N
-~
i ] \
of1]2[3[1]2]sJoJo1]2]3o]1]2]3
3 -1 2 > -
) 2 o1 [3[@]1{2]|21s]e]1]2[3]o]1
2 ol1]2[3[1]2[3[o]o 1 EZIF 0] 1]2]3
2[3Jo[1]3]o[1]=2]2[3[0f4]2][3 0]
2[3(o[1]3]|0]1]2]of1[2]|3[oft]2]3
—
i 2 3 /Q’ offiz[3| 1213 (o]2][3[0o]1]2[3]0]1
~ z[3[o[1[3[o]1[2]|o[1[2]3]e]t[2]3
T of1[z[3[71]2{3]0o]2]3]o]1[2]3]0]1
s 1]2[3]0|1]2[3]o]2[a]o[1[2]3]0]1
3 40 1 2 3[o[7]2[3[of1[2[o[1[2[3[o}t[2[3
s o 0 &4 . :
= 1|2 i1]2]slo]2[sfof4]2]3]0]1
: N 3lofaj2{3[of1][2]o]1[2}8{0[1]2]3
domiin‘eftherroboayecton iad 1[z[3]o[1[2{3[0]2[3|c]1]2[3]0]1
s[o[1]2[3]o]1[2]o[1[2]3]o]1[2]3
1]2[3[o]1]2]|s[o]2]s]o[1[2]3]0]1
3[o[7]z[3[ol1{2[o[1[2({3]0|1[2]3
prediction residual
15
.
Experiment

Football sequence (SIF resolution, 30fps)
Encoded at 973 kbps, GOP of 4 frames, average PSNR of 26.3 dB

Simulated transmission of 96 video frames in two scenarios:
*  Lower loss (5.4%)
*  Higher loss (10.4%)

Compared against slice-based packetization (H.323)

In both cases, missing data (subband samples or motion vectors)
estimated as the median of however many of the 8 nearest neighbors
are available

Loss PSNR for SP | PSNR for DP | Gain (DP over SP)

5.4% 24.0dB 24.6 dB +0.6 dB

10.4% 21.8dB 23.2dB +1.4 dB




Frame-by-frame PSNR results
5.4% loss

CHpana i 0l Sosd wil M-S M I

Frame-by-frame PSNR results
10.4% loss
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Experimental results, playout @ 30 fps
SP, 5.4 % loss DP, 5.4 % loss

Experimental results, playout @ 10 fps
SP, 5.4 % loss DP, 5.4 % loss

20




Dispersive packetization benefits error concealment

¢ Frame 80, 20 % loss

Slice-based packetization

PSNR =15.8dB

Dispersive packetization

PSNR =19.5 dB

21

Next step: combination with FEC

*  Use domain-based MD and FEC-based MD in concatenated fashion,

similar to concatenated coding

Source

encoder

Source
decoder

Outer Inner
encoder encoder
Outer Inner
decoder decoder

Network

*  Domain-based MD acts as the outer code, FEC acts as the inner code

*  Error concealment attempts to correct errors which cannot be

corrected by FEC

22
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Creating concatenated multiple descriptions

Dispersively packetized frame-rate scalable video bit stream divided
into sections

Each section assigned appropriate amount of FEC (RS codes)

Layer Ty fagor Tyt Lagec ¥
=Bechion 14— Sechion— Section3
Section 1 Section 2 Section 3
I Y Description 1
NN 777]  Description2
Description 3
7/77)  Description 4

23

Example of error resilience of concatenated
multiple descriptions

Packets 9 and 12 are decodable (VLC does not cross packer
boundaries)

Packets 4 and 5 recovered by FEC
Packet 3 recovered by error concealment in layer 2

Packet 6 recovered by error concealment in layer 3

Section 2 Section 3

Description 1
Description 2

Description 3

Description 4
24
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Design of concatenated multiple descriptions
Let D, be reduction in distortion carried by packet i
Want to create N descriptions

Divide packet stream into M sections

Section j has N;— N, _, data packets and K;= N (N;- N,;_,) FEC
packets

Let p be the packet loss probability
Forj=1,2, ..., M, we have

SN & Nk Probability that section j can be
= g‘)[ k ]p 1=p) recovered by FEC
DY = %’: D Reduction in distortion
i=N ,.|+1i in section j

25

Design of concatenated multiple descriptions
(cont.)

Assume that in any given section, each packet carries approximately
the same reduction in distortion

Expected reduction in distortion at the receiver is
S
E[D]=3.D"(g,+(-p)1-q,))
j=)

The term in summation associated with g; accounts for sections
which are recovered by FEC

The term associated with (1 - p)(1 - q;) accounts for the data packets
(information symbols of RS codewords) which are received in the
sections which cannot be recovered by FEC

Error concealment not explicitly included in this model

26
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Design of concatenated multiple descriptions
(cont.)

Problem: given the number of descriptions N, maximal allowable
rate R .., and the packet loss probability p, find M and N\, N,, ..., Ny,
S0 as to

M ;
maximize E[D]= ZD(’)(qj +( —p)(l—qj))
j=1
subjectto Ny=1,andforj=1,2,...,. M
K=N-®-N,_)

K. N
q,-=z(kjp"(l—p)”"‘

k=0
. N
D(J) = ZDl
=N, +1

N, integer
total rate SR 27

Design of concatenated multiple descriptions
(cont.)

Simplification: assume the number of FEC packets decreases by 1 in
each subsequent section (similar to Puri & Ramchandran’s scheme)

Simplified problem involves only two integer variables: M and N,

Can be solved by exhaustive search in O(N?) steps

28
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Experiment

»  Football sequence (SIF resolution, 30fps), with a GOP of 4 frames,

maximal allowable rate R ,, = 1.2 Mbps

e N=16 descriptions for each GOP

*  Operational distortion-rate curve was obtained by encoding the video

at 1.2 Mbps, and then decoding layer by layer, with the assumption

that all the packets in the same layer carry the same reduction in
distortion (due to dispersive packetization)

+  We solved the problem for various packet loss probabilities in the
range 0 <p <09

*  Optimization procedure gave M = 3 sections in all cases
= 3x16 = 48 packets per section, about 420 bytes each

* N, decreases as p increases

29

Experimental results

«  Plot: optimal value of N, as a function of packet loss probability p
» Note: lower N, means more FEC

Sy 1 periat Cut ety
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Experimental results (cont.)

Plot: percentage of the rate assigned to channel coding as a function
of packet loss probability
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Experimental results (cont.)

Transmission was simulated for four different packet loss realiztions

Table: Average PSNR results for 96 frames

The system benefits from both FEC and error concealment

Loss PSNR for EC | PSNR for FEC | PSNR for FEC+EC
3.8% 25.7dB 254 dB 25.9dB

8.9% 242 dB 25.1dB 25.5dB
12.1% 23.4dB 25.1dB 254 dB
15.9% 22.6dB 244 dB 25.0dB
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Experimental results (cont.)
*  Plot: average PSNR vs. packet loss
*  Concatenated system better than either of the two components
mummmmarw_
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Experimental results, playout @ 30 fps
EC only, 15.9 % loss FEC only, 15.9 % loss

FEC + EC, 15.9 % loss No loss
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Experimental results, playout @ 10 fps
EC only, 15.9 % loss FEC only, 15.9 % loss

No loss

35
What if packet loss probability estimated incorrectly?
*  Experiment: FEC designed for 8.9% packet loss, but actual packet
loss varies = error concealment helps
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Conclusions

Domain-based multiple descriptions offer bandwidth-efficient way
for image/video transmission at low loss rates (~5%)

Can provide 0.5 — 1 dB advantage over other packetization methods
using equivalent error concealment algorithms

Can be integrated with other forms of MD codes to handle higher
packet loss

Dispersive packetization and error concealment help reduce the
effects of imperfect channel estimation used for FEC design

37

Ideas for future work

More advanced error concealment algorithms

Extension to embedded coders (e.g. EZBC) to provide higher degree
of scalability

Integration with transport protocols

38
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Abstract

In this paper we present a method of creating domain-based multiple descriptions of images and video.
Descriptions are created by partitioning the domain of the signal into sets whose points are maximally
separated from each other. This property enables simple error concealment methods to produce good
estimates of lost signal samples. We present the approach in the context of Internet transmission of
subband /wavelet-coded images and scalable motion compensated 3-D subband/wavelet-coded video, but

applications are not limited to these scenarios.

Keywords

Multiple descriptions, robust video coding, error concealment, set partritioning.

I. INTRODUCTION

Internet video streaming is becoming an increasingly important way of world-wide dis-
tribution of information. Delivery of high quality video over a wide area network with
large number of users poses great challenges for the video communication system design.
To ensure network stability, video servers must share the network bandwidth fairly with
other users. Hence, video needs to be encoded within the rate limit set by the network oc-
cupancy. On the other hand, in the face of variable network conditions and occurrence of
packet losses and random delays, the compressed video bitstream needs to be sufficiently
robust and flexible. This creates the need for new approaches to video coding, which
combine high compression efficiency and robustness.

Multiple descriptions have recently attracted a lot of attention as a way of encoding
and communicating visual information over lossy packet networks. In such a scenario,
a multiple description (MD) coder separates the source message into several bit-streams
(descriptions) which are then separately transmitted over the network. Each description
is individually decodable so that loss of some of the descriptions will not jeopardize de-
coding of those descriptions that are correctly received. Fidelity of the received message
improves as the number of received descriptions increases. Another desirable property is
that descriptions can be made "equally important” or “balanced.” This is important in the
context of Internet transmission, where none of the packets receive preferential treatment.

Among the popular MD coding schemes is multiple description scalar quantization

(MDSQ) [1], whose application to subband/wavelet image coding was reported in [2].
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A typical MDSQ system is based on a set of so-called side quantizers which are used to
produce different descriptions. At the receiver, the signal is de-quantized through the
quantizer whose bins are intersections of quantization bins of all received descriptions.
Redundancy is introduced due to the fact that side quantizers overlap, but their outputs
are encoded independently. Other MD schemes introduce redundancy in different ways:
through correlating transforms [3], frame expansions [4], or FEC [5].

In this paper we consider domain-based multiple descriptions which are created by par-
titioning the domain of the signal. The method is targeted at signals defined on discrete
domains (specifically integer lattices), such as digital images or video frames. Each de-
scription is a subsampled version of the signal. The method is bandwidth-efficient since no
FEC is used and no extra redundancy is introduced. Descriptions are designed to enable
easy recovery of lost samples using very simple error concealment techniques (e.g. bilinear
or median interpolation), which are suitable for low-complexity receivers.

The paper is organized as follows. In Section 2 we introduce domain-based multiple
descriptions and analyze some of their properties. The choice of optimization criteria
used in the design is explained and solution to the optimization problem is discussed.
In Section 3 we explain how the concept of domain-based multiple descriptions can be
applied to robust image and video and transmission. Sections 4 and 5 contain results and

conclusions, respectively.

II. DOMAIN-BASED MULTIPLE DESCRIPTIONS

A. Preliminaries

Consider a signal f : D — R that we wish to transmit, with domain D and range D. In
the case of digital images, the domain is typically a subset of the Z? lattice. For example,
for an Ny x N, image, D = {0,1,.., N, — 1} x {0,1,...,N; — 1}. Suppose we wish to
create P descriptions of the signal. This would amount to constructing P non-empty sets

So, S1, .-, Sp_1, such that
P-1
s =
i=0

Collection C' = {Sp, Sy,...,Sp_1} is a cover of the domain D. Constructing C' which

maximizes some suitably defined objective function is known as a set covering problem in
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integer programming [6]. In the special case when S; are disjoint, that is
SinS; =0,i#j,

C defines a partition of the domain D. Consequently, finding optimal C in this case is a
set partitioning problem. Both set covering and set partitioning problems are NP-hard
in general. Sets S; are identified with descriptions of the signal, in the sense that signal
samples at points in S; form the -th description. Formally, i-th description is (S;, F;),
with

F,={fx):x€ S5},t=0,1,..,F -1

In case of packet-based transmission, each description is a packet, or equivalently, each
packet is considered to be a description.

If C is a cover but not a partition, then at least one signal sample appears in more than
one description. This represents simple repetition coding in the signal domain and provides
a method of adding extra protection to ”important” signal samples. If some descriptions
are corrupted or lost, copies of ”important” samples may be available in other descriptions
that are correctly received. The level of ”importance” of any given sample can be used
as an indication of the number of descriptions it should be included in. This is a way of
achieving unequal error protection on a sample-by-sample basis.

On the other hand, if C is a partition of D, then there is no added redundancy in
representing the signal by its P descriptions. This does not mean that samples from lost
or corrupted descriptions cannot be recovered. On the contrary, there is usually enough
redundancy in the signal itself to estimate the data which is missing, provided partitions
are carefully designed. The estimation process is commonly referred to as the (passive)
error concealment. This case is particularly attractive as no extra redundancy is added.
Here we focus exclusively on this case which, in a way, represents a worst-case scenario. Of
course, by extending partitions to covers, one can achieve higher level of error resilience,
at the expense of increased bit rate.

Consider the case when no error concealment is used. Suppose that a zero-mean signal
has been quantized at the encoder to a distortion of Dy, and suppose that we have created

P descriptions of the signal, each encoded into a separate packet, so that i-th description
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(packet) carries with it a reduction in distortion of D;. Let Dg be the distortion at the
receiver. Before receiving any of the packets, decoder approximates the source signal by
a zero-signal and has a maximal distortion Dr = Dy, equal to the signal variance. As
the packets arrive at the decoder, the approximation of the source signal improves. If all
packets arrive correctly, distortion at the decoder will be the same as the distortion at the
output of the encoder, Dp = Dy;,, and we have Ef:ol D; = Dpax — Dmin. Let X; be the
indicator variable for the reception of i-th packet, so that X; = 1 if ¢-th packet is received,
and X; = 0 otherwise. Then p; = E[X;] is the probability of reception of the i-th packet,
and 1 — p; is its loss probability. If no packets receive preferential treatment, as is the
case in the Internet today, then the probability of reception is the same for all of them, so
pi=pforalli=0,1,..,F — 1. The expected distortion at the receiver is

P-1
Dnax — »_, X:D;

i=0

E[Di] = E

P-1
= Dmax — pZDz = poin + (1 _p)Dma.x
i=0

Hence, without error concealment, expected distortion at the receiver does not depend on
the specific values of D;. Since each description (packet) has the same probability of being
lost, each signal sample has the same probability of being lost, regardless of the packet in
which it is stored. When error concealment is used, the distortion will depend on the ability
of decoder to estimate the missing samples from those that are available. Therefore, in this
context, optimal descriptions are those which allow the best error concealment. Design of

such descriptions is discussed next.

B. Optimal domain partitioning

In order to formulate the partitioning problem as an optimization problem, one must
choose the objective function. Ideally, for a given number of partitions P (and given all
other necessary parameters), we wish to come up with a partition C = {S;, S1, ..., Sp-1}
which will minimize the expected distortion under all possible transmission scenarios. This
seems like an extremely difficult task. In a typical transform coding application, expected
distortion at the receiver will depend, among other things, on the interplay between the
type of signal, the type of transform applied to the signal, the type of entropy coder,
and the error concealment algorithm applied at the decoder. Apart from presenting a

modelling problem, any particular choice of the above mentioned components may have
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its own (different) optimum. For this reason we will choose a much simpler objective
function which is likely to give good results in all cases.

First, note that successful estimation of missing signal samples relies on the correlation
(autocorrelation) of the signal. The correlation is typically a decreasing function of dis-
tance, so we expect that whatever the choice of the estimation method, we should get the
best results if we estimate the missing sample from its immediate neighborhood. Second,
the quality of the estimate should not decrease as we increase the size neighborhood. This
is easy to see by considering two nested neighborhoods of a missing sample. Let x be the
location of the missing sample, with x € D; C D, and let f\l)i(x) denote the estimate of
f(x) from the samples in D;,i = 1,2. Then ?D\z(x) can be at least as good an estimate of
f(x) as fp\l(x), since we can always choose not to use any samples in D,\D;, and thus
obtain E(x) = E(x). Hence, we can expect that the distortion at the receiver will be a
non-increasing function of the size of the available neighborhood of a missing signal sam-
ple, for typical estimation algorithms. Experimental evidence supports this observation
[7].

Based on the analysis above, we choose the objective function to be the overall minimal
intra-partition distance, to be defined below. Such a choice is aimed at enabling successful
error concealment for any error concealment algorithm. Minimal intra-partition distance

of i-th partition is defined to be

) = min d(xy), (1)
x,y€S;
x#y

where d(x,y) is the distance between x and y, here chosen to be the Euclidean distance.

The overall minimum intra-partition distance (subsequently referred to simply as the min-

imal distance) is the minimum of all dr(;)in, that is
dmin = min dfi)in. (2)
i=0,1,..,F~1

Obviously, dmi, is a function of C, i.e. dyin = dmin(C).
Given the number of partitions P, the optimal (in terms of minimal distance) partition
C” of the signal domain is

* ) 3
C* = arg lrél\ialg Amin (C) (3)
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Fig. 1. Example of two-dimensional lattice partitioning into 15 partitions.

where |C| is the number of elements in C. The solution to this problem in two dimensions,
based on lattice partitioning, was proposed in [8]. In a later section we explain how it can be
extended to higher dimensions. The solution is based on the observation that this problem
is equivalent to sphere packing in Z2. Partitions produced by the algorithm in (8] are
intersections of translation-equivalent sublattices of Z? with the signal domain D. In this
case minimal intra-partition distance is uniform across partitions, i.e. dg)in = d,(f;i)n,Vi, J-
Also, partitions are uniformly distributed across the domain, so each description will
contain approximately the same number of signal samples, ensuring that descriptions are
equally important (balanced).

As an example, Figure 1 shows how Z? lattice can be partitioned into P = 15 partitions,
with dmin = V17 &~ 4.12. The pattern of black dots (enclosed in the parallelogram, labelled
0 through 14) is repeated throughout the lattice, and then domain D is cut out of the
lattice. This operation of cutting out D from Z? does not increase dmin. The label assigned
to the point shows the index of the partition to which the point belongs, e.g. if the point
is labelled *7’, it belongs to Sy. This labelling defines the partitioning function p : Z?
— {0,1,..., P — 1} which we use in a later section to describe the partitioning of image
and video data. In the remainder of this section we analyze descriptions produced in this

way and typical scenarios in their transmission over lossy packet networks.
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C. Analysis of domain-based multiple descriptions

If dppin is the minimal distance of C = {Sy, S, ..., Sp-1}, then each point x in the domain

D is surrounded by the ball

Bdmin (X) = {y : d(X, y) < dmin})

of radius dp;n, centered at x, which does not contain any points from the partition con-
taining x. Now suppose that one description, say (Sy, Fm), is lost/corrupted during trans-
mission. Every x € S; is surrounded by a certain number of available neighbors which
can be used to estimate f(x). Table I shows how many neighbors are available around any
missing sample, as a function of dy;,. The first column of the table contains the first few
values of dp;n. The second column shows the minimal number of partitions P needed to
achieve the corresponding d,;,. The third column shows the number of available neighbors
(assuming single lost description) around any missing sample in the interior of the domain,
and the last column shows the order of the interpolation method which can be used to
estimate the missing sample. The ”"order” of the method refers to the maximal order of
the surface which can be fit to the available signal samples for interpolation purposes. Of
course, there are many ways, other than surface fitting, that can be used for interpolation.
Hence, the last column is just an indication of how powerful the interpolation method can
be used in each case.

Having large dmin also helps when more than one packet is lost. Figure 2 illustrates
the situation when two packets (packet 1 and packet 2) are lost. The sample at point
x is in packet 1, while the samples at y; and y, are in packet 2. The circle shows the
possible location of samples from packet 2 closest to y;. Suppose we want to estimate the
missing sample at x and we want to know how many of its neighbors are also missing.
Samples in packet 1 are at a distance of at least dp;, from x, so they are not in the
immediate neighborhood. The only points in the neighborhood of x which may be missing
are those from packet 2. With reference to Figure 2, from the triangle inequality we have
dy + dy > dpin, 8O

dy > diin — d1.

With dnin fixed and sufficiently large, the lower bound on d; increases as d; decreases.
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dpmin | minimal P | number of neighbors | interpolation method order
V2 2 4 1

2 4 8 1
V5 5 12 3
V8 8 20 3

3 9 24 3
V10 10 28 5
V13 12 36 5

4 15 44 5

TABLE I

THE SIZE OF AVAILABLE NEIGHBORHOOD AS A FUNCTION OF MINIMAL DISTANCE

Hence, if d; is small (meaning y; is close to x), then d, is large (meaning y» is not close
to x). The argument can be extended to more than two lost packets. In simple words, we
may expect that for each additional lost packet, only one additional point will be missing
from the neighborhood of x.

The following sections explain our application of this type of MD coding to robust image

and video transmission.

III. APPLICATION TO DISPERSIVE PACKETIZATION OF IMAGES AND VIDEO

In this section we discuss the creation of descriptions (packets) from the lattice partition.
We refer to this procedure as dispersive packetization (9], due to the fact that samples from
any given packet are maximally dispersed across the domain of the signal. In this paper
we consider subband/wavelet-transformed images and video, although concepts introduced
here can be readily modified to suit other transforms or raw data.

Given the total encoding rate and the maximal allowed packet length, we can deter-
mine the suitable number of packets, say P, and construct a suitable lattice partition
as described in the previous section. The next step is to use this partition to construct

partitions of subbands, which we discuss next.
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Fig. 2. The case of two lost descriptions.

A. Dispersive packetization of images

Figure 3 shows a two-level subband/wavelet decomposition of an image. One low-low
(LL) band coefficient is shown in black and its neighborhood in the space-frequency domain
is shown in gray. In case the sample shown in black is lost, it would be helpful to have as
many of its neighbors as possible, to facilitate error concealment. Hence, we proceed in
the following way.

Let the size of the LL subband be N, x N,. From the integer lattice divided into
P partitions, we cut out the region Dy = {0,1,..., N2 — 1} x {0,1, ..., N; — 1}, so that
each point in Dy corresponds to one sample in the LL band. Restriction of the partition-
ing function p(-) to Dy tells us how to packetize the LL band: if p(3, ) = n, then the sample
at (4, ) is stored in the n-th packet. For higher frequency bands, we use modulo-shifted
partitioning functions. If there are N subbands, indexed 0 through N — 1 in increasing
order from low frequency to high frequency bands, then with k-th subband we associate

the modulo-shifted partitioning function p®*) : Z? — {0, 1, ..., F — 1} defined as

PP (x) 2 (p(x) + k)mod P,  k=0,1,..,N—1. (4)
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Fig. 3. Neighborhood of one low-low band coefficient in the space-frequency domain.

Equation (4) defines a one-to-one mapping from the set of partitions {Sp, Si, ..., SnN-1}
into itself. The points that were assigned to S, under p(-) will be assigned to Sinik)mod P
under p¥)(-). Therefore, p*)(-) has the same distance properties as p(-) (i-e. dupin is the
same for both functions), but their values repeat in different patterns.

For the k-th subband we cut out the region Dy (of the same size as the subband) from
the lattice, and packetize according to the restriction of p*)(-) to D;. The purpose of
using modulo-shifted partitioning functions for different subbands is to disperse samples
from the spatial orientation tree across the packets. For an M-level subband/wavelet
decomposition, there are a total of 4¥ samples in each tree, which is usually higher than
the desired number of packets, so some of the samples from the same tree will have
to appear in the same packet. Nevertheless, the construction of partitions ensures that
approximately the same number of samples from each subband appear in every packet,
and that no region of the image is favored by any of the packets. This makes the packets
"equally important”, which results in very low variation in reconstructed image quality
for the fixed packet loss rate, as will be seen in the next section.

An example illustrates the above procedure for M = 2 level subband decomposition
(N = 7 subbands) of a 16 x 16 image, partitioned into P = 4 partitions. In this case, seen
in Figure 4, we have dpin = 2. Numbers 0 through 3 indicate the partition to which the
corresponding subband/wavelet sample belongs. Assume the subbands are ordered in a

zig-zag manner from the lowest frequency band to the highest frequency band, and indexed
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o[1]2][3]1]23To]o 1 o[1]2]3
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Fig. 4. Example of partitioning 7 subbands into 4 partitions.

0 to 6. Given the partitioning scheme for the lowest frequency band, the partition for each
higher frequency band is obtained by adding its index (modulo 4) to the partitioning
function for the lowest frequency band, as given by (4). One spatial orientation tree
of subband/wavelet samples is shown in gray. It is apparent from the figure that each
description contains the same number of samples from each tree and also the same number
of samples from each subband. This makes the descriptions "equally important.”

After partitioning, each description (packet) is encoded independently of other descrip-
tions. Our implementation of the domain-based MD image codec is based on the sub-
band/wavelet layered PCM codec from the ” Wavelet image compression construction kit”
[10]. A set of embedded quantizers is designed for each subband and samples are quan-
tized in a layered manner. Subband samples are first partitioned into descriptions, then
quantized and finally each description (packet) is encoded using a context-based adaptive
arithmetic coder. For each subband sample, the encoding context is made up of sym-
bols for that sample from previously processed bit planes, which are encoded in the same
packet. In this way context boundary matches the packet boundary and makes the packets
individually decodable. Information theory tells us that conditioning does not increase en-
tropy and we can expect that increased coding efficiency can be achieved if the context for

encoding a given sample is increased to include its neighborhood in space and frequency.
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But in that case, the entire context would have to be stored in the same packet, which
would reduce the degree of dispersion and make error concealment more difficult. Hence,
we have sacrificed coding efficiency for robustness. This coding efficiency loss due to con-
text restriction is not very large, however, and our coder compares favorably to PZW [15]
(which is a robust version of SPIHT [16]), as will be seen in the results section.

Error concealment is carried out in the three subbands (LL, HL and LH) at the lowest
decomposition level, where most of the signal energy is usually concentrated. Missing
samples in the LL subband at the lowest decomposition level are interpolated bi-linearly
from the four nearest non-missing neighbors in the horizontal and vertical directions, and
missing samples in the LH and HL subbands at the lowest decomposition level are inter-
polated linearly from nearest non-missing samples in the direction in which the subband
has been low-pass filtered. Missing samples in the higher frequency bands are set to zero.
Simulation results for dispersive packetization of images are given in part A of section IV.

Here we extend domain partitioning to dispersive packetization of video.

B. Dispersive packetization of video

In the case of video, we focus on the invertible motion compensated 3-D subband/wavelet
video coder (IMC-3DSBC) from [11]. A typical group-of-pictures (GOP) of this coder
contains 16 frames and its structure is shown in Figure 5. The top level represents the
video at full frame rate. Neighboring frames are decomposed using a motion-compensated
filter bank to produce the temporal low frequency bands (solid lines) and temporal high
frequency bands (dashed lines) at the next lower level. Motion vectors are shown as arrows.
Low temporal frequency bands are effectively the motion-compensated (MC) averages of
two neighboring frames at full frame rate, and they occur at half the frame rate. The
process is repeated until we obtain the MC average of all 16 frames in the GOP which
occurs at 1/16 of the full frame rate. Transmitted data in this case is naturally divided
into five layers, labeled (1) through (5) in the figure, and is suitable for scalable multicast
transmission. Receivers which receive layer (1) can reconstruct the video at 1/16 of the
full frame rate, those which receive layers (1) and (2) can reconstruct the video at 1/8 of
the full frame rate, and so on.

If we think of a video as a signal whose domain is Z*, then the packetization scheme
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Fig. 5. The GOP structure of the MC-3DSBC video coder.

for video can be obtained by solving the sphere packing problem in Z®. However, besides
being more difficult than the problem in two dimensions, it is not clear whether such
model is appropriate in our case. In two dimensions it seems intuitively clear that the
horizontal and the vertical direction are of the same importance. In the case of video,
however, the importance of the temporal direction in relation to the horizontal and vertical
directions depends on several parameters, such as the frame rate and the sensitivity of the
human visual system to the errors in the temporal direction. The layered structure of the
subband/wavelet transform brings in additional complexity. For these reasons, we have
chosen a simpler method of extending the previously described 2-D packetization, wherein
each layer is packetized independently.

Within each layer, data is packetized dispersively, so that each packet contains approx-
imately equal amount of information about every frame in that layer. Layer (1) consists
of a single frame and is packetized as an image, as discussed in the previous subsection.
Other layers consist of a sequence of temporal high-frequency frames, with a motion vector

(MV) field between each pair of frames. Suppose we constructed a packetization scheme
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for one frame of a given layer as described before. The packetization scheme for the other
frames and MVs in that layer can then be obtained using equation (4), where k now indi-
cates the time-index of the frame or MV field on the temporal axis. This is a simple way
of extending 2-D packetization scheme to 3-D and ensures that samples (or MVs) which
are at the same spatial location, but neighboring in time, appear in different packets. This
feature enables simple error concealment.

Tllustration of how the packetization scheme is extended to 3-D is shown in Figure 6
for intraframe video. Two neighboring 16 x 16 frames, each decomposed by a two-level
subband/wavelet transform, are shown in the figure. These represent the temporal high
frequency frames in one of the layers. Frame 0 is partitioned into 4 descriptions in the same
manner as the image in Figure 4. The partitioning scheme for the next frame (frame 1) is
then obtained by adding 1 (modulo 4) to the number in each coefficient location in frame
0. The process is then repeated for the following frames. Again, one spatial orientation
tree of coefficients is shown in gray in both frames, to illustrate that coefficients with the
same space/frequency localization but different temporal localization appear in different
descriptions (packets).

In a motion-compensated video there is a motion vector field between the neighboring
frames. Motion compensated temporal subband analysis produces one low temporal fre-
quency band and one high temporal frequency band from each pair of frames. All low
temporal frequency bands from a GOP are effectively compacted into the frame at layer
(1) (see Figure 5), while high temporal frequency bands together with motion vectors rep-
resent enhancement layers needed to synthesize the video at higher frame rates. Hence,
at each of the layers (2) - (5) we are transmitting a sequence of high temporal frequency
bands and their corresponding motion vector fields. Partitioning of this data structure is
carried out in the same spirit as before - if a motion vector and a subband sample have
the same spatial localization (i.e. motion vector references the subband sample), then we
try to put them in a different description. The procedure is illustrated in Figure 7. The
figure shows a prediction residual (i.e. high temporal frequency band) which has been
further decomposed through spatial subband /wavelet transform. One spatial orientation

tree of subband/wavelet samples is shown in gray. On the left side of the figure we show
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the domain of the motion vector field. Within this domain, the location of the motion
vectors which reference the indicated spatial orientation tree is also shown in gray. If the
number of descriptions (packets) was larger than the number of the motion vectors in the
shaded region plus the number of samples in the tree, we could arrange that none of them
appear in the same packet. However, as mentioned above, the number of samples in the
tree alone is usually larger than the number of packets we would practically want to use,
so each motion vector will end up in the same packet as a fraction of the subband samples
which it references. This does not seem to cause much problems in practice. Partition
for the domain of the motion vector field is obtained by modulo-shifting the partitioning
function of one of the subbands. Figure 7 shows the result when the partitioning function
for the LL subband is shifted by 1 modulo 4. Our implementation uses the same method -
shifting the LL partitioning function by 1 modulo P, where P is the number of descriptions
(packets), although one could use partitioning function subbands other than LL and/or
shift by any number k, 1 < k < P — 1. It should be noted that prediction residuals (high
temporal frequency bands) are not natural images and we cannot know in advance which
subbands contain more energy than others (i.e. which subbands are more important).

At the receiver, missing data (samples or motion vectors) are estimated from the avail-
able spatially neighboring data from the same subband/frame only. While it is possible
to use both spatial and temporal neighborhoods in the estimation process, in this work
we focus on the simpler and faster algorithms which utilize only the spatial neighborhood.
This gives good results in practice, because of the nature of the packetization schemes
proposed here - they have been designed to maximize the number of available neighboring
samples for any missing sample in the case of a single lost packet. It was also argued that
in the case of more than one lost packet, the number of available neighbors is still large.
Having sufficiently many spatial neighbors around every missing piece of data improves
the quality of the estimate.

Missing samples from the high temporal frequency bands are estimated as the median of
however many of the 8 nearest neighbors are available. If none of the 8 nearest neighbors
are available, missing sample is set to zero. Missing motion vectors are estimated using

the vector median filter [12]. The estimation process for motion vectors is as follows.
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First, available motion vectors in the neighborhood of the missing vector are collected, as
shown in Figure 8. Let V £ {vq,vy,...,vas_1} be the set of M available motion vectors
in the neighborhood of the missing motion vector v. If M = 0 (i.e. all vectors from the
neighborhood are also lost) we set Vv = 0, otherwise we proceed to find the vector median.
The p—norm vector median of the vectors in a set V' is defined as the vector v,,,, € V such

that

M-1 M-1
Yo vem =vill, <3 vi—will,, §=0,1,..,M - 1. (5)

The choice of the norm influences the result of vector median filtering. The most popular
choices are 1 —norm and 2—norm. Here we use the squared 2—norm (i.e. squared Euclidean
distance) in which case the vector median is the vector v,,, € V that is closest to the mean
of the vectors in V' [13]. This choice is motivated by the speed of the resulting vector

median filtering algorithm. The estimate of the missing motion vector v is obtained as

~ . 2
v = argmin lu — Vieanlls s (6)

M- . ‘ . .. .
where V,,eqn = Al{ Y ico v, Alternatively, one may choose to estimate the missing motion

vectors using an iterative MAP estimate from the neighboring motion vectors, or the
temporal-spatial approach [14] based on finding the best match in the previous frame
of the boundary of the region referenced by the missing motion vector. However, both
these approaches are much more complex than median filtering and hence not suitable for
simple receivers. Results in [14] indicate that they may provide about 1 dB advantage over
median filtering, while in turn median filtering is about 0.5—1 dB better than replacing the
missing motion vector by the average of its neighbors. Results in [14] seem to indicate that

vector median filtering provides a good trade-off between complexity and performance.
IV. REsvuLts

A. Image transmission

The process of creating domain-based multiple descriptions described above does not
introduce any extra redundancy. For a given signal and desired quality under no-loss
conditions, it produces bit-streams of much lower bit rate than other MD image coding

methods, [2]-[5] which makes direct comparison difficult. Hence, we compare our method
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Fig. 8. Tllustration of motion vector concealment - shaded area is the location of the missing motion

vector and arrows indicate its neighbors.

against another similar state-of-the-art subband/wavelet method for robust image trans-
mission, called Packetized Zerotree Wavelet (PZW) [15].

There are two major differences between our method and PZW. First, PZW is a tree-
based coder (hence all subband samples from a spatial orientation tree are encoded in
the same packet), while we make effort to disperse samples from tree across the packets.
Second, our method is based on domain partitioning which maximizes the distance between
the samples in the same packet, while the method used in PZW appears to be suboptimal
in this sense. Both methods use similar error concealment algorithms for missing samples
in the LL band - in our case missing samples are interpolated bi-linearly from the four
nearest non-missing neighbors in the horizontal and vertical directions, and in the case of
PZW they are estimated as the average of however many of the 8 nearest neighbors are
available.

We carried out a set of experiments on 512 x 512 grayscale Lena and Peppers images.
They were encoded into 16 packets, each of about 430 bytes in size, with a total rate of
0.21 bpp. In each experiment we fix the number of lost packets out of a total of 16 packets
and reconstruct images for all possible combinations of lost packets.

Table II shows average PSNR results in dB and its standard deviation in brackets.
Results in the table show that PSNR does not vary much at a fixed packet loss rate, as
indicated by the low values of the standard deviation. This is very desirable since it enables
the decoder to estimate the image quality purely from the number of received packets. It
also illustrates the ”equal importance” of the packets. Average PSNR results are also

plotted in Figures 9 and 10, along with the PZW results from [15]. While the performance
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Fig. 9. Comparison of our method with PZW on Lena image.

of the two methods at lowest packet loss is similar, the figures show the advantage of our
method over PZW of 0.5 — 1 dB at packet loss above 10%. This gain is expected to be
mainly due to a higher degree of dispersion of data across packets, which enables better

error concealment.

%loss | 0 6.25 12.5 18.75 25

Lena |32.2|28.7(0.3) | 26.7 (0.3) | 25.2 (0.3) | 24.0 (0.3)

Peppers | 31.6 | 28.0 (0.4) | 25.8 (0.4) | 24.2 (0.4) | 22.9 (0.4)
TABLE II

PSNR RESULTS FOR Lena AND Peppers AT 0.21 BPP

There is also a qualitative difference between images produced by our method and PZW,
arising from the fact that in PZW subband trees are either completely lost or completely
available, while in our case each packet usually contains at least one sample from every
subband tree. This qualitative difference is illustrated in Figure 11 where we show the

Lena image compressed at 0.21bpp and subject to 25% packet loss. Figure 11(a) shows
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Fig. 10. Comparison of our method with PZW on Peppers image.

the image packetized in a manneer similar to PZW, where every subband tree is confined
to only one packet, and hence completely lost if that packet is lost. Figure 11(b) shows
the dispersively packetized image. In both cases, error concealment is the simple bi-linear
interpolation from the four nearest non-missing neighbors in the horizontal and vertical
directions, as mentioned before. The specific combination of lost packets was chosen so
that the resulting images have nearly the same PSNR (up to the first decimal point),
hence suffering from nearly the same mean-squared error distortion. We observe that the
distortion in the image in part (a) is concentrated in the positions of the missing subband
trees, and in those areas some important details (such as the left eye) are completely
missing. In the image of part (b) distortion is more evenly distributed across the image,

and all details, although somewhat distorted, are still visible.

B. Video transmission

In our simulations of video transmission we used a simple 2-state Markov model (Figure
12) to simulate network behavior. As discussed in [17], this model can reasonably ap-

proximate Internet transmission. In the ’good’ state G, all packets are correctly received,
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Fig. 11. Tllustration of the effects of dispersion: Lena image compressed at 0.21bpp with 25% packet loss
(a) PZW-like method, PSNR = 22.9dB; (b) our method, PSNR = 22.9dB.

PcB

! |
(1) G
|

PrG

Fig. 12. A simple 2-state Markov model of network transmission.

while in the 'bad’ state B, all packets are lost. Transition probabilities pgp of going from
G to B, and pp¢ of going from B to G are sufficient to specify the model. In [17], several
experiments were performed by sending data between US and Germany, and the above
model was fitted to the results. Instead of transition probabilities, two other quantities
were reported: average packet loss probability Pg = pes/(pcs +Pbc), and average packet
loss burst length Lg = 1/pge.

Results of four experiments are reported in this section. Experiments are divided into
three groups. The first group (experiments 1 and 2) are based on the grayscale Mo-
bile calendar sequence (SIF resolution, 30fps) encoded at 0.45 Mbps with a GOP of
16 frames and the average PSNR of 22.3 dB. The second group (experiments 3 and 4)
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are based on grayscale Football sequence (SIF resolution, 30fps) encoded at 0.97 Mbps
with a GOP of 4 frames and the average PSNR of 26.3 dB. In each group of exper-
iments we simulated video transmission in two scenarios: first corresponding to net-
work parameters (Pg, Lp) = (0.1,3) (experiments 1 and 3), and second corresponding
to (Pg, L) = (0.15,2) (experiments 2 and 4). We compare our packetization scheme to
the interleaved slice-based packetization scheme, which is part of the H.323 recommen-
dation for packet-lossy environments, and is described in [18], [19]. In such a scheme,
slices (which correspond to one row of DCT macroblocks) are packetized in an interleaved
manner, i.e. n-th row of macroblocks is packed into (nmod P + 1)-th packet. We kept
the number of packets the same as in the dispersive packetization case. The slices were
generated by collecting all subband coefficients that correspond to a row of 16 x 16 mac-
roblocks. In all cases, lost coefficients and lost motion vectors were estimated as described
in the previous section.

Average PSNR results in dB are shown in Table III. SP stands for slice-based packe-
tization and DP stands for dispersive packetization. Frame-by-frame PSNR is shown in
Figures 13 - 16. It can be seen that our method (dispersive packetization) can provide
over 1 dB advantage on average over slice-based packetization, using the same concealment
algorithm. The gain is achieved simply by sending data in a different way, which enables
better error concealment. In certain rare instances, for example for frames 1 to 8 in Fig-
ure 13, slice-based packetization can offer some advantage over dispesive packetization in
terms of PSNR. This occurs when the lost slices are particularly easy to conceal, in which
case no advantage is achieved by distributing the loss uniformly across the frame as done
in DP. These events seem to be rare, however, and on average, advantage of DP over SP
is on the order of 1 dB.

As an illustration, in Figure 17 we show frame 87 of the Football sequence from experi-
ment 4. Parts (a) and (b) show the original and coded version of the frame with no loss,
respectively. Part (c) shows the frame reconstructed from the slice-packetized sequence,
while part (d) shows the frame from the dispersively packetized sequence, both at the same
packet loss rate. Parts (e) and (f) are segments of the pictures in (c) and (d), respectively.

In the case of slice-based packetization, when a piece of data (either subband sample or
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Fig. 16. Experiment 4 - transmission of Football sequence at 10.4% average packet loss.
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Experiment | Avg. packet loss | PSNR for SP | PSNR for DP | Gain of DP over SP
1 8.2% 18.9 dB 19.7 dB +0.8 dB
2 12.4% 17.8 dB 19.1dB +1.3dB
3 5.4% 24.0 dB 24.6 dB +0.6 dB
4 10.4% 21.8 dB 23.2dB +1.4 dB
TABLE III

AVERAGE PSNR RESULTS IN DB FOR SIMULATED VIDEO TRANSMISSION.

MYV) is lost, its nearest neighbors in the horizontal direction are also lost, which reduces
the size of the neighborhood available for concealment. This generally lowers the quality
of the estimate and may cause the loss of some important details, as illustrated in the
figure. The dispersively packetized frame is not free from the problems of this type, but
they occur less often, and the overall quality of the frame is better, both visually and in

terms of PSNR.

V. CONCLUSIONS

We have presented a method of creating domain-based multiple descriptions for robust
image and video coding and transmission. The method is based on partitioning the domain
of the signal into sets, such that points within each set are as far from each other as possi-
ble. This dispersive packetization of images enables simple error concealment algorithms
to produce acceptable results in low to moderate packet loss scenarios, without using FEC
or other forms of extra redundancy. Experimental results indicate that dispersive packeti-
zation is suitable for image and video transmission over lossy packet networks. In the case
of image transmission, advantages of up to 0.5 — 1 dB in PSNR were achieved with respect
to PZW over a range of packet loss rates. In case of transmission of motion compensated
video, average gains of up to 1.4 dB over the conventional slice-based packetization were
observed.

The method presented here can be extended to handle higher packet loss rates, by
introducing some redundancy through error correction codes and/or by combining it with

MDSQ. It would be interesting to study trade-offs between different MD coding methods
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Fig. 17. Frame 87 of the Football sequence: (a) original; (b) coded, no loss, PSNR = 25.7 dB; (c) slice-
based packetization, 10.0 % loss, PSNR = 20.2 dB; (d) dispersive packetization, 10.0 % loss, PSNR

= 21.7 dB; (e) and (f) are segments of pictures in {(c) and (d), respectively, showing the results of
error concealment.
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under various network conditions, and find ways of combining them to achieve improved

robustness. These are the topics for future research.
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OSI problem solving layers

» Application: everything else
* Presentation: convert, compress, secure
» Session: managing users dialogue
 Transport: organize packet transmission
LIP /
* Network: route packets
+ Data link: reliable transmission
* Physical: transmit “bits”
December 20, 2001 ) ﬁéf)‘\ﬁnck, Essen University

Application layer FTP
Source/Dest. PORT address telnet
gequence #
request # |
l lconn’ol v
v[Y M TCP data
transport layer
32 bit wide
+ ?pl 1)1y
type of schice ‘ checksum
ification, flags _
»
IP datagram data 14
time to live layer

protocol, header check

Al

opuons
Hestination address
soufce address

Network access laye]

Ethemnet frame header frame data
X25
=
01 111110 T Architecture of TCP/IP protocols
P CRC-16

December 20, 2001 Han Vinck, Essen University




Research problems

- all optical processing:
* transceiver + switching
* avoid going to electrical - optical memory -

* synchronization:
 burst versus continuous transmission
« different detection rule

* pulse position modulation
» coded PPM for narrow and broadband noise

* (optical power +)
December 20 2Q01 B B Han Vinck, Essen University

signature

1

Other
users

»

A
U

noise

Sesiees 1
J @ .

111

OPTICAL TRANSMITTER/RECEIVER
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Example for two weight 3 sequences

* correct signature * in-correct signature
000000000001011 000001000010001
000000000001011 000001000010001
000000000001011 000001000010001
auto-correlation 3 Cross correlationﬁ 1
December 20, 2001 - o vH?lvl \ﬁnc{x, Essen University

for good signatures x and vy

* Property: x,y e {0, 1}

AUTO n-1 S
CORRELATION thxt+‘t <1 t21 (t +’C) modn
t=0
CROSS n-l
> XVt <1 120 (t+7)modn
CORRELATION =0

December 20, 2001 Han Vinck, Essen University




Signature Construction problem

« large set with low-weight signatures

20 _ S| S{ n-1 J
‘ WZ(W—I)z w(w—1)

« example:n=15,w=23, |S|=2 OPTIMUM!

» Research problem: |S| for correlation A > 1

December 20, 2001 Han Vinck, Essen University

Optical Switching

* Time division: = maximum efficiency 1
—L om0
A — [
U——’ J—' N L

L

» for random access: max. efficiency = 0.69

December 20, 2001 Han Vinck, Essen University




R:= 0.69 also for random access PPM

« ex; 2 active users out of 4

HEEEN |

112 —

121 II
Oorl

211
122

AW N -

-ex: receive (1L{1,2L2h= | W I

- R(TDMA)=2/8  R(PPM) = 2/6

December 20, 2001

Han Vinck, Essen University

Comparisons for access

 Time Division Multiple Access (TDMA)

» for T users maximum rate: T/N
* needs transmitter synchronization

« Retransmit if collision (CSMA, ALOHA)

* maximum rate 0.5 bit /dimension
* needs feedback; needs parameter for delay

« Random Access PPM

* maximum rate 0.69/dimension
* no feedback needed; low density input

December 20, 2001 Han Vinck, Essen University




Synchronization of packets

e continuous transmission

‘ data ! data - data - ooe

* look for sync position in the data
« use bit-stuffing

» bursty traffic: we need another rule

noise - data noise

December 20, ?001 ‘ ) - Han \ﬁpck, Essen University
. Y . 2
Synchronization Rules: l N(0,6%)
]
. -
L N-L +/-1 @ T;
» Massey: continuous: over L positions
_ |
Ll—Il erici/c2 / (eri /o? +e—ri/0'2) \
i=0

» for bursty traffic: over N positions

L-1 _ , 2 N-1 ,2 2
Herlcl/c *H(erl/cs te r1/0')

i=0 i=L

December 20, 2001 Han Vinck, Essen University




More on synchronization

» Continuous * Bursty

* bit-stuffing required * no stuffing required
* no sync in data

. non-inpreasing » algorithm for detection
behaviour « gain 10log(N /L ) dB

p(e) [ /\

p———

December 20, 2001 Han Vinck, Essen University

narrow-band and broad-band noise

i time

frequency

SOLUTION: FREQUENCY and TIME DIVISION

December 20, 2001 Han Vinck, Essen University




PPM Code Example

* 6 code words: 123 231 312 132 213 321
» distance: =2

: [ J @

December 20, 2001 Han Vinck, Essen University

General Results
» for coded PPM :

» distance d correction of d-1 disturbances
M?
IS| < -1}

* application to coded OFDM, FH, WDM

* many interesting research topics left
* code constructions, optimum detection

December 20, 2001 Han Vinck, Essen University




Own recent references:

» Correlation 1 codes
* “On Optical Orthogonal Codes with Correlation 1,” to be published in the IEICE
Transactions on Communications, January 2002, Japan, with Samwel martirosyan
» Multi-Access

* "On the Capacity of the Asynchronous T-User M-frequency noiseless Multiple
Access Channel,” IEEE Trans. on Information Theory, pp. 2235-2238, November
1996, with Jeroen Keuning.

« Synchronization

* “On Synchronization for Burst Transmission,” /EICE, Transactions on
Communications, November 1997, pp. 2130-2135, with A. van Wijngaarden

* Power line and permutation codes
+ Coded Modulation for Power Line Communications, AEU Journal, 2000, pp. 45-49,
Jan 2000.

December 20, 2001 Han Vinck, Essen University

Our goal is: Communication over 220V

in HomeNet2Run

December 20, 2001 Han Vinck, Essen University
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Fine-Granularity-Scalability (FGS)
for wireless transmission

Mihaela van der Schaar

PHILIPS

Outline

s FGS - general description
Benefits & short-comings
Adaptive Motion-Compensated FGS
Gateway processing (Transcaling)
Adaptive Modulated FGS
Outlook

Pl PHILIPS




Universal Media Access Paradigm

To An Dé\)ice
(home & away)

= Encoding & transmission process should be separated
(transmission bit-rates do not need to be specified at encoding-time)

= Decoupling of network and terminals

BECERYIIMAMS WM CEEBITIS~IMMIMISYmTmEERY

T PHILIPS

Scalability in Existent Video Standards

s MPEG-1 - no scalability

s MPEG-2 - data partitioning, temporal, spatial,
SNR scalability

s MPEG-4 - most flexible scalability provided:
temporal, spatial, SNR, FGS, object scalability,
still-image coder (wavelet-based)

= H.261 - no scalability
= H.263+ -temporal, SNR, spatial scalability
= H.26L — temporal scalability (so far)

D PHILIPS



Conventional Scalable Coding for
Transmission over Internet/wireless networks

Alternative solution to simulcast
Operate at a discrete set of bit-rates
Supported bit-rates determined at Encoding-Time

Overhead increases with the number of layers

a Not ideal for Packet Networks

Philips

PHILIPS

An adaptive Solution for Internet Video

Easy bandwidth adaptability

Encoding & transmission process should be
separated (transmission bit-rates do not need to be
specified at encoding-time)

Packet-loss robustness
Low server complexity

Possible Soiu‘iéon: Fine-Granularity-Scalability

Philips
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Fine-Granularity Scalability (FGS)

RMax

Philips

Research ":—fu:‘ p H I I-I ps

Fine-Granularity Scalability (FGS)

A Single Enhancement Layer

Base Layer (e.g. MPEG-4 non-scalable codec)

Philips

Research pH I I-I ps




Internet Video Streaming with FGS -
Server Side

FGS Enhancement Layer

Base Layer

Research =  PHILIPS

Internet Video Streaming with FGS -
Decoder Side

FGS Enhancement Layer

Philips

Research pH I I-I pS




An all FGS Temporal-SNR Scalability

Pk = PHILIPS

Advantages of the FGS structure

s Fine granular scalable enhancement layer

s Encoding & Transmission processes - separated
s Easy rate-control on multiple-streams for VOD

= Resilience to packet-losses

s Efficient for both unicast & multicast

Philips

Research « pH l I-I ps




Multicast scenario using FGS

At the streaming server

Enhancement Layer
with multicast channels

Philips
Research

At the streaming server

Enhancement Layer
with multicast channels

Philips

Research pH I I-I p S




Fine-Granular-Scalability (FGS) in MPEG-4

s FGS - most recently standardized scalable video
compression standard

= July'98 MPEG-4 approved an FGS core-experiment

= Dec'98 FGS Requirements formally established
s July ‘00 FGS reaches FPDAM-status
s March ‘01 FGS is an IS (MPEG-4 v4)

s AFGS for MPEG-21 video?
e PHILIPS

ol & PHILIPS




Single-Layer Switching (SLS)

phlpe ©  PHILIPS

Performance of MPEG-4 FGS vs.SLS

under Lossless Conditions

Foreman-CIF-10Hz-2secGOP
PSNR (dB) 5 MPEG-4 SLS (10)
. —
i@_ D |

MPEG-4 SLS (3)

_» Bit-rate (kbit/s)
800 1000

Philips
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Why does FGS perform worse than SL?

s No MC within the enhancement-layer

e =  PHILIPS

FGS vs. SL

FLYING - FGS with different base-layers
(Base-layer bit rates around 200, 300, 500, 1000 kbit/sec)

100 200 300 400 500 600 700 800 900 1000
Bitrate (kbit/sec)

e = PHILIPS




STEFAN - FGS with different base-layers
(Base-layer bit rates around 200, 300, 500, 1000 kbit/sec)

100 200 300 400 500 600 700 800 900 1000
Bitrate (kbit/sec)

pie = PHILIPS

FGS vs. SL

STEFAN - FGS with different base-layers
(Base-layer bit rates around 200, 300, 500, 1000 kbit/sec)

100 200 300 400 500 600 700 800 900 1000

Bitrate (kbit/sec)

T © PHILIPS
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How to minimize gap between FGS and
single-layer coding?

coses S PHILIPS

SL vs. FGS

500 600 700 8
bit rate

Research &  PHILIPS




SL vs. FGS

100 200
bit rate

Philips i
Reslech @ pH I I-I ps

SL vs. FGS

600 700 800 900 1000
bit rate

Philips

PHILIPS




Original FGS Scheme

Philips
Research

PHILIPS

Single-Loop MC-FGS

Fine granular scalable Enhancement Layer

'Prediction-bas,ed video Base Layer

Ples =  PHILIPS




PSNR difference
1MC-loop FGS all frames - Original

—e— Coastguard

—=— Foreman
— — Mobile

PSNR-difference

bit-rate (kbit/s)

Philips

= PHILIPS

Single-Loop MC-FGS

Fine granular scalable Enhancement Layer

Prediction-based video Base Layer

Philips
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Results

PSNR difference
1MC-loop FGS B-frames - Original FGS

1.5

—e— Coastguard
—s— Foreman
— — Mobile

Y]
O
C
e
£
9
0 d
Z
7
o

600
bit-rate (kbit/s)

Philips
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Determination of FGS Quality Gap Based on
Sequence Temporal Correlation

Temp. JBE
correl. |} | w BBC-Sequence

50 100 150 200 250 300 350 400 450 500
Frame number

Philips
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Determination of FGS Quality Gap Based on
Sequenc Temporal Corrltion

T

BBC-SL
BBC-FGS

Philips
Research

Video Sequence/
Standard FGS Stream

Code
using FGS

Code
Device(s) have
: using 14oop MC-FGS
low complexity? for all-frames

Code
using 1-loop MC-FGS
for B-frames

Device(s) have
low complexity?

Philips Cod

e HILPS)
Research using 2-loop MC-FGS @ p H I L I p S
B

for B-frames




Adaptive MC-FGS

1-loop MC-FGS all frames
Switching between 1-loop MC-FGS all frames and “basic” FGS

PHILDS

Philips
Research
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Outlook - heterogeneous networks

s Convergence of different wireless and mobile
networks with the Internet is creating a whole
new level of heterogeneity

This is leading to wider bandwidth variation
Consequently this emphasizes the need for

adaptive and scalable multimedia solutions for
the wireless Internet

Research = PHILIPS

Gateway processing: Motivation

m Higher level of scalable coding leads to lower
overall video quality

m Solutions are needed to:

« Provide highly scalable video

« Maintain good video quality over the whole
bandwidth range needed

Philips

Halid = PHILIPS




Example of gateway processing:
TranScaling

e IranScaling is a mapping of a scalable stream
into one or more scalable streams

e[S iS a generalization of (non-scalable)
transcoding

TS provides new design options and a level of
flexibility that does not exist with non-scalable
transcoding

Rescarch = PHILIPS

Example: Receiver-driven Layered
Multicast (RLM)
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TranScaling based RLM

E% Router

Philips
Research

[ I ] \
3 @ ﬁ:ﬁ?ﬁfk \,‘

TranScaling Attributes

Distributed nature of TS
The “Fall back” option — Hierarchical TS
TS with multiple scalable streams

Classes of TS

= PHILIPS



Distributed TranScaling

~ Tran-
- Scalar

— === Lower Complexity

£ : ‘\
/ .

Wireless
LAN

o PHILIPS

Distributed TranScaling

~ Tran-
_ Scalar

Lower Bandwidth
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TranScaling with the Fallback Option

. | \
Wireless
i

{

9 . I o
 with = LAN -
% Router ~ % /
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e = PHILIPS

TranScaling with Multiple Scalable
Streams
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TranScaling: Conclusions

TranScaling is a mapping among scalable streams

m 1S provides a framework for improving content

quality while maintaining a high-level of scalability

s [ S can be done with a distributed architecture —

trading off complexity versus bandwidth

e Initial results with MPEG-4 FGS are promising

Philips
Research

=  PHILIPS

Gateway processing:
Hierarchically modulated FGS (HFGS)

Scalable coding + Adaptive Modulation -> Adaptation basec
on the channel conditions

Simultaneous Transmission: The base layer data can be
mapped to the MSBs of the transmitted signal and the
enhanced layers can be mapped to the LSBs. The channel
coding on the different layers can be different (i.e., more
robust coding on the BL).

Time Division Multiplexing: The BL could be mapped to a
lower level constellation than the enhancement layer (i.e., 4
level QAM for the BL and 16 level QAM for the EL). The
channel coding again would be different for each layer.

Philips
Research

PHILIPS




Graceful Wireless Video Transmission
using HFGS

Algorithm(Channel,
terminal class, QoS)

s B @ , p|.|||_|p5

Hierarchically modulated FGS - Results

Best joint source-

O, 30.95

Bit-rates
(mbps)

50.36,37.88

e e N W S ————

Philips
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OQutlook

B
code once and then access content
4
» from (i.e. using any access network -
wireless, internet etc.)
+ and by (i.e. with any terminal
complexity)
Scalénlghet e(i::ded : Nejwork i
Research PHILIPS

Outlook
is desirable for

heterogeneus networks and different-capability terminals
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Outlook

is one research frontier of video coding

Constraint : Scalability shall not cost much in terms of data
rate and complexity

Popular video coding techniques like MC prediction bear
inherent problems, mainly due to drift

Flexible switching between all scalable modes —
e.g. spatial resolution, temporal resolution, SNR,
localization for content

Scalability of rate and complexity over wide range

Efficient embedded scalability of spatial and temporal
resolution is key issue to achieve this

e = PHILIPS

Outlook — Prospective Technologies

Limitation of drift within the loop
Optimum tradeoff between drift and coding efficiency
More efficient solutions for multiple-loop encoders

Bitplane approach has certain deficiency due to integer
precision of bit planes

Possible solutions to achieve "fractional" bit planes
— Development of relevance criteria for sequel of encoding
— Vector quantization

Scalable entropy coding

Philips
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Internet Streaming
Transporting Continuous Media

Warner ten Kate

ABSTRACT

In this document we summarize the main problems encountered in implementing streaming capabilities in the
Internet. We look at the problem from the perspective of the end-to-end transport. We discuss the functions
needed to support streaming transport, where we assume the internet's best-effort service. This print contains
part of the complete paper.

Table of Contents
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Data & Streaming - The Problem

The Internet has been designed for data traffic. Data traffic is characterized by flowing in bursts and being
satisfied with elastic transport, i.e. the data is submitted in irregular patterns and it may be transmitted at
varying speeds. In each burst a certain amount of information is transmitted and the average throughput at
which the entire information is transmitted is the figure of merit.
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The delivery of audio, or, more generally, the transmission of content for media presentations, extends the
Internet design to support for streaming traffic. The streams are characterized by flowing with a fixed time
profile and requiring real-time throughput guarantees such as instantaneous forwarding capacity. They
require the network to preserve time integrity.

The Internet is a packet switching network. In packet switching the network resources (buffers, routers, link
capacity) are shared dynamically. This provides for greater speed and flexibility in setting up connections, and
for a more efficient use of the resources after the connections have been established. Hosts can be "always
on" the network. Packet switching also facilitates the interconnection of networks with different architectures
through relying on the minimal service abilities of the networks. It provides, however, little control over the
packet delay at the switches. If the user demands exceed the network capacity, congestion can occur if no
measures are taken to control the flow.

The opposing approach is that of a circuit switching network. In circuit switching the network resources are
allocated to a user for the duration of a session. Hosts connect to the network after passing admission control.
Circuit switching eases the accommodation for QoS provisioning and control, but reduces the flexibility in
connecting over various network architectures and in adapting for varying resource allocations.

In order to support for streaming traffic three major types of functions have to be added to the traditional
Internet:

1. Transport for streams.
A packetizing scheme is needed to enable the transport by IP. The main functions are to provide for
packet delivery, keeping track of their order, and to enable for synchronization of these packets, i.e. to
keep track of their temporal order. This includes the control of the reliability of the delivery, the timely
delivery and the adaptation of the delivery rate to the available bandwidth. Secondary functions
concern the identification of the session, like administration of media source and destination, media
type and media encoding. (Note that the packet flow doesn't need to be necessarily a one-to-one
correspondence with the media representation stream. For example, the instantaneous packet rate
may differ from the instantaneous coding rate.)

2. QoS guarantees.
Because of the real-time characteristics the transport needs guarantees on the timely delivery of the
packets and the capacity available for transport. A consequence of providing such guarantees is that
additional functions for admission control and resource reservation are to be added to the network. (An
alternative approach is to ensure the network is overprovisioned, such that resources are always
available.)

3. Management & Control.
The additional functions require ways to manage and control them. MIB schemes are needed to store
and interchange the configured settings. Policy signaling and enforcing schemes are needed to
configure and provision for QoS settings. Last, but not least, protocols are needed to announce and
control streaming sessions. The session set-up information needs to be announced, as well as ways
are needed to control the course of a streaming delivery (play, pause, continue and stop).

providing rot
assumption [D

An important operational aspect concerns the notion of fairness. Fairness requires that all users of a
resource get a same share of that resource. For data traffic, which operates under elastic transport, TCP
implements a distributed protocol for fair utilization of the network resources. The introduction of different
transport types requires a generalization of that concept. Commonly, TCP behavior is used as the yardstick to
measure fairness. Traffic that does conform to the TCP behavior is called TCP-friendly. (More strictly, it
suffices that the other, TCP-friendly, traffic does not push out the TCP flows.)

Two other classes of conditions to be observed concern matters like the scalability and distributed operation
and the support for secure and accountable operation. In particular scalability and security apply not only to
the data plane but also to the control plane of a solution.
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In the following sections we briefly summarize some of the fundamentals of the Internet design. In the
subsequent sections we discuss the major solutions for providing streaming transport and Quality of Service
as being developed in the Internet community.

The Internet

The Internet - Its Basic Design Philosophy

The Internet is a network of networks [InternetModel]. It connects networks, yielding global connectivity such
that applications running on one host that is connected to one local network can communicate with
applications running on another host that is connected to another local network. The different networks are
connected to each other through relays. The local networks may implement a different communication
technology, providing different types of service. The name “Internet” (capital "I") stems from the term

1 AS = Auloromous System

LAN = Local Area Nebwork
WAN = Wide Area Network

The(e exist several Local Area Networks, LAN, which are connected through a Wide Area Network, WAN,
that is performing the internetworking. In the Internet the WAN typically performs the function of backbone,
and the LAN is a LAN indeed, like an Ethernet network, or is an access network, like a PPP telephone or
cable link.

Each of these subnets is called an Autonomous System (AS). They associate with two important basic
characteristics. The first is that each of these networks is administrated and managed by a different,
individual party, leading to different policies in operating the networks. The second is that each of them may
operate a different communication technology and protocol, providing different types and levels of service.
F):ampltes of an Autonomous System are a university campus network, a backbone, an ISP's network, and an
ntranet.

Given this environment of autonomous and heterogenous networks, expressed through these two basic
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characteristics, the Internet was designed to connect them, such as to provide [DesignPhii]

This has conducted to the principle of a datagram based network design.

Interconnected
The networks to be interconnected are heterogeneous. A minimum link service assumption has to
be made, such that the interconnection protocol runs over any network. Any link service like QoS or
connection-oriented support cannot be relied upon. The datagram is the largest common unit that any
link connection can transport. The datagrams are transported through a store & forward protocol
operating at a layer on top of the local network protocol.

Multiplexed
A packet switched network design enables for the multiplexing. The alternative would have been to
adopt the circuit-switched approach as known from telephony communication services. The use of
packet switching, however, is more natural to bursty accessing, "always on" type of applications.

Effective
Robustness is a fundamental requirement for the network, a.o. because of its (highly expanded)
distributed character of ownership and management. The transport must provide good reliability
against node and link failure. The network must support multiple types of communication service. The
datagram is a basic transport building block to all service types, inciuding the request-reply transaction.

These goals have lead to the layered protocol stack for the Internet as depicted in Figure 2 [CerfKahn,
InternetModel].

of) the TCP/IP protocol pair.in fact, their concept that the Intemet isa network of
networks builds on the assumptlons that the networks are heteroger eous packet
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application | gateway applic ation

transpont : transport

network natwork

The link layer represents the subnets, both local and backbone. As they belong to the various Autonomous
Systems they are heterogeneous and they are only required to be able to forward (single) datagrams.

The network layer performs the forwarding of the datagrams, routing them to their destination host. It
assumes a single (global) logical address space [RFC2775]. The forwarding is a best-effort delivery: the order
of delivery or even the successful delivery of the packets is not guaranteed. The protocol runs on top of the
Iink layer protocols i.e. it is using their (minimal) service but is staying independent of them by not integrating

connect over multiple networks.

The transport layer turns the best-effort datagram service of the network layer into the end-to-end transport
service that the communication application is requiring. The protocol runs essentially at the end hosts; the
network's protocol communications are not part in this. As RFC 1958 state it [RFC1958]:

it is the Transmission Control Protocol (TCP) that mainly operates at this layer [TCP]. TCP segments the
data to be transmitted into [P packets and numbers the bytes. Using these numbers the receiver of a TCP
connection reorders the received packets, in case IP has delivered them out of order. It further sends an ACK
packet (acknowledgement) back to the sender per received packet of which the preceding packets have also
been received. The TCP sender uses these ACKs to determine which packets need to be resend in order to
repair for losses, and by that to turn the IP best-effort delivery into a reliable end-to-end transport. A packet is
retransmitted after a timeout period having been expired in which an expected ACK has not been received, or
when its previous packet has been ACK-ed three times. The timeout period is based upon an estimate of the
Round Trip Time (RTT). Duplicate ACKs indicate that packets succeeding the missing one do have been
received, which in turn is an indication that there is no further congestion in the transport channel. (Other
strateg)les to inform the sender on missing packets is by sending NAKs, Negative ACKs, or SACKs, Selective
ACKs

TCP also uses the ACKs to determine its transmission rate. This latter follows as the number of outstanding
packets that need acknowledgement, the window, relative to RTT. The window is increased upon successful
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transmissions, while lost packets reduce it again. In this way TCP adapts its transmission rate to the available
bandwidth, as is explained in the section on congestion control.

Communication applications that cannot build on TCP, can make use of the User Datagram Protocol (UDP)
that is a providing the application with a minimal transport layer interface, viz. the datagram service [UDP].
Multicast and streaming are typical applications in this class. A more traditional example is the request-reply
type of application, although T/TCP has been designed for those purposes. (Also HTTP, which is of the
request-reply type, has been built on top of TCP.)

The application layer provides the communication service tailored to the particular application (domain). The
traditional examples are file transfer (FTP), email (SMTP), and remote login (Telnet). Since the Web's
invocation HTTP has been added. RTP is the champion in the streaming application domain. Less known is
the range of control and management protocols which make use of the services offered by TCP to exchange
their control commands and data.

It is clear that the network and transport layer form the core of the Internet protocol stack. IP/TCP forms the
base of the Internet's transport system. Table 1. compares the network layer and transport layer in their
complementary characteristics.

TABLE I: THE COMPLEMENTARY CHARACTERISTICS
OF NETWORK AND TRANSPORT LAYER OF THE
INTERNET'S IP/TCP TRANSPORT SYSTEM.

. network layer;
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Other principles that have guided the design of the Internet are the end-to-end arguments [EndArg], and,
more recently, the application level framing and integrated layer processing [ALF].

The end-to-end arguments conclude that any functionality that treats an effect that can (also) occur at an
using function, is better implemented at that using layer. This may improve performance and efficiency. For
example, receiving and sending hosts need to verify the reliable transport of their data, and thus reliability at
the link level does not contribute. (This example needs some nuance: a link layer is assumed not to corrupt
the content of the packets it does transport.) More generally stated, a service should only be implemented in
the network if the network can provide the full service, and if the service is useful for all the applications. (As
the example above indicates, the end-to-end arguments are not intended as an absolute. There are functions
that can only be implemented in the core of the network, such as policing against selfish user behavior, and
issues of efficiency and performance that may motivate core-located features, such as assuring some form of
QoS.)

ALF and ILP are design principles on which Internet streaming is based. The principles derive from the
conclusion that for certain applications it is better to leave some lower layer decisions to the upper layer, since
the decisions are strongly dependent on the type of application. In case of streaming applications, for
example, it is better to leave decisions on loss and out-of-order reception, which are traditionally associated
with transport layer functionality, to the application layer process. (The function may still be executed at the
transport layer, however.) The performance optimization for a human-human communication will emphasis
low delay, while in a one-way broadcast reception delay can be traded for reliability and quality
enhancements. The ALF principle states that it is better to packetize the transmission segments along
application-related boundaries, and to let each packet bear an absolute address in the total data space. It is
the application layer that performs the segmentation, rather then the transport layer. This allows for
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independent processing of the packets, including error concealment measures and moving the received data
into the storage/presentation space. The ILP principle combines the processing steps from the stacked
protocol layers, yielding significant gain in (end-to-end) efficiency. For example, while packetizing an audio
frame, the addition of each protocol layer's header in separate processing steps introduces latency related to
the subsequent copying of the data. In ILP this copying is saved by adding the headers in an integrated
manner. Moreover, a function like retransmission is combined over the (traditional) application and transport

layer.
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The Internet - Congestion Control

he Internet Protocol is a best-effort protocol. The network accepts all packets that are submitted and does
he best it can in delivering these. However, it does not guarantee the delivery, the latency it consumes for
elivery, and the order in which it delivers the packets. In other words, there are no QoS guarantees. Any party
an start a communication at any time. There is no admission control. Since the rate at which a source can

ubmit packets and the number of sending sources are unbounded, the network may become overloaded, over
ven congested, and a congestion control mechanism is needed.

stable congestion control mechanism operates according to the principle of negative feedback: the
ubmission rate is reduced when the network signals a load exceeding a reference value, while it is increased
hen the load drops below that target value. Next to stability, it is usually required that the congestion control
echanism converges to a fair distribution of resource usage, that is, all sessions converge to the same rate
sing an equal share of the network's resources. The fairness problem can be understood as to maximize an

llocation objective function, derived from a fairness policy, under the constraint that no links in the network are
eing congested [Faimess].
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Figure 3. depicts schematically how throughput and delay are affected by the network load.
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In the first phase the network is unloaded and the throughput increases proportional with the submitted data

load. The delay stays fairly constant and is mostly determined by the routing processes and the link

propagation speeds.

In the second phase, at the Knee, the network becomes loaded and the throughput increases less fastly. Part
of the data load is absorbed by the queueing buffers in the routers instead of being in transmission across a
link. The waiting time in the queueing buffers becomes significant and is added to the total delay.

Occasionally, a packet may be dropped when it arrives at a fully filled queue.

In the third phase, at the Cliff, the network becomes congested and the throughput saturates or even may
collapse. Packets in the queues are dropped and the delay explodes. Congestion collapse is a stable

condition, assuming fair dropping treatment by the network.

Congestion collapse is believed to be due fo the fact that packets newly submitted to the - -
network are retransmissions of packets which have been dropped earlier. These. =~ .
retransmitted packets get dropped as well, and effectively there is no throughput traffic

through the network. Congestion collapse occurs when a packet is more than once in the
network, or has already been received, i.e. when the Yetransmissio me. '
RTT. . oy . : - S 5 !

There exist other forms of collapse. One arises when bandwidth is wasted by submitting
packets that get dropped before arrival. This can happen by flooding the network, or,’
even more severe, when the flooding is increased in an attempt to compensate for
unsuccessful arrivals, e.g. through the addition of (more) redundancy to a corrupted audio
stream. This type of collapse is not stable, in the sense that it recovers when the load is
released. : e

Note, the subtle difference between users submitting packets at a too a high rate and too
many users attempting to access the network. In the first case the resulting congestion
can be solved by applying admission control and/or flow control, in the second case only
admission control will help (or, the network needs fo be provisioned with increased

127




capacity).-

It is also interesting to note that, unlike the rate-based transmrsszon schemes the wmdow~
based schemes, such as TCP, are self-limiting: The source stops submitting packets .once:
it has a full window of data standing out. Thls propen‘y makes the wmdow-based schemes"
intrinsically stable. g

As said, a control mechanism is needed to prevent the network from a congestion collapse occurring.
Because the Internet Protocol provides a best-effort service, it is the protocol at the transport layer, or
otherwise the protocol at the application layer, that is assumed to take care of this. TCP belongs to the first
category; applications using UDP belong to the second.

The approach fits with the Internet design principle of pushing complexity to the end hosts. There is no per
flow reservation or control by the network. It does introduce the assumption of non-selfish, cooperative
behavior, however. The sending host is expected to adjust its data submission rate according to the sensed
state of network load, such in a fair manner. Another implication is that the control mechanism must allow for a
distributed implementation.

A control mechanism operating at the "cliff", i.e. the network enters a collapse and the control mechanism
recovers, is referred to as congestion control, while one that operates at the "knee" is referred to as
congestion avoidance. The other approach is to reserve the network resources for the sessions at hand, and
to require new sessions to gain access through an admission control procedure. See the section on
streaming QoS.
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in other words A/MD rather Ieads to a certam allocatlon dlstnbutlon than bemg the result of
realizing a faimess objectlve such as optzmlzrng the utility function leading to proportional fairness.
For example, asymmetry in the feedback, in partlcular differences in feedback delay (RTT), leads -
to another distribution in the allocations. This is a consequence of the AIMD implementation and,
depending on the actual confi gurat:on of flows, is not necessarily in line with the optimal solution
that would derive from the propon‘lonal fairness policy [FairBWSharing]. In fact, a rate(window)-
based flow control scheme is independent on RTT in case its fairmess is rate(window)-oriented, but
will depend on the RTT in case of a window(rate)-oriented fairness [WindowRate Control].

The ba]sic glgorithm to realize fair submission rates in a distributed manner while maximizing the network
utilization, is given by the principle of Additive Increase Multiplicative Decrease (AIMD) [AIMD]. The

129



sending host increases its submission rate in an additive way up to when it detects congestion. Upon
reception of such a congestion signal it decreases the submission rate in a multiplicative way, after which it
starts increasing the rate additively again. {The terminology "additive" and "multiplicative" refer to the type of
adaptation in window or rate. When expressed in terms of the changes over time, the adjectives would have
been "linear” and "exponential”, respectively.)

This additive-increase/multiplicative-decrease process causes the submission rates of different hosts to
converge to an equal, i.e. fair, rate. This can be understood as follows. Assume the rates differ. Upon each
decrease this difference is reduced by the multiplication factor, while during the increasing phase the
difference stays constant.

A consequence of the AIMD algorithm is the resulting sawtooth kind of data transmission rate, as illustrated
by Figure 4.

In case of elastic traffic this does not pose a problem, but in case of streaming traffic the algorithm is less
suitable. On the other hand, AIMD has resulted from the requirement for congestion prevention by control of
the submission rates to a best-effort network in a distributed, fair manner. Some form of admission control,
associated with reservation of network resources, is implied otherwise.
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wmms;}!y reterred io A4S en epoch ;%{ he heginning of the epoch, just after a ;:;acket 10 s h
occurred, the window has been halved lo w/2. i.e. the transmission rate has dropped from w/R‘rr
ta halve that value {hare, wis Used to indicate the window size at m nmxzmaw} ‘Since the window
increases by-1-each RTT, it takes w/2 RTTs to return 16 the full size w dgain. So, the average
thwoughput rate is 0. 75 W/RTT. The number of packels rangmitied duri ing poch is W/2 RTT
times 0.75 W/RTT, or 3/8 w2, There is ohe r;acket eimg per epoch, and thus the packet loss
probability Pfollows as 1 ¢ 3/8 we. {More generally, Pisio be undersiood as the cangestion
ﬂ{}*'?’é{: ition rate.) Eliminating w from the throughout rate shows that the throughput rate is inversely
sroportional (o the square rool of P, Because of the qsev ing delays induged by the associated
largar network load, the RTT will Increase with the drop p%’ﬁbﬁbﬁi{“ &‘ffemveiy it causes the
throughput to decrease more than (inversel y} proportionel fo the square root of P This can be
acmunte(‘ for by adopting the R”f"i" %a; ih%?} valug as memweé by th@ comest on.

The original version of TCP did not include congestion control [Cen‘Kaim] It did provide for flow
control, however. Flow control concems the transmission rate of a single connection between two
hosts, such as to balance with the processes and buffers at either side of the connection.’
Congestion control concerns the submission rate to the network, such as to balance the
network's load. (Rate control relates to flow control, usually indicating the use of a rate- i.s.o. a

window-based control scheme, and being applled on streaming, the transmission of continuous
media.)
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Streaming

Streaming - Transmission of Continuous Data over the Internet

Basically, there are two approaches to deliver continuous media over the Internet. The first approach uses the
existing Store & Forward method of data delivery. The media is downloaded before being reproduced.
Figure 6. depicts the scenaric in a Web environment.

Web - il veb
browser ' M server

The media data are delivered through a HTTP request-reply sequence. TCP is used as the transport layer
protocol, which ensures the reliable delivery. Because the media is first delivered before being reproduced,
this scenario is only useful in case of pre-recorded material that is being stored in files of small size (small is
relative to the available bandwidth).

Assuming that the average throughput of the TCP connections stays constant during the session, the
reproduction can be advanced by starting to reproduce when a certain amount of the data has been received.
This is commonly referred to as HTTP streaming. Because the transport is using TCP, there is poorly control
to optimize for the streaming performance. TCP is designed for elastic traffic, and does not support
synchronization. TCP adapts to congestion in an autonomous way, which disables throughput control
optimized for streaming. (Alternative solutions must still satisfy the faimess criterion.) TCP provides reliability
based on ARQ and is order constrained: TCP delivers packets to the application in correct, i.e. transmission,
order. This causes additional delay in packet reception, and, for example, an audio segment received in time
may be withhold by TCP, awaiting arrival of a previous packet, possibly causing both packets to be delivered
to the application after their deadline.

In fact, streaming delivery implies new functions to be added to the Internet. These include:

1. A streaming transport protocol for packetizing and synchronizing the data segments.

2. Aprotocol to control the course of streaming delivery (pause/resume type of functions).

3. Mechanisms to control the delivery performance (QoS): rate control, reliability and latency
control/concealment.
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The second approach to deliver continuous media over the Internet is to use a transport method that is
optimized for streaming delivery according to these new requirements. Figure 7. depicts the scenario in a
Web environment.

Weab sah o o DEP S T Web
browser ; sarver

Again, the media data are requested through an HTTP request. However, the HTTP reply contains a redirect,
where a.0. the client is instructed to start a streaming session. (Instead of HTTP, RTSP can also be used in
this step.) The redirect initiates a RTSP request-reply sequence between the streaming client and the
streaming server. RTSP is used to control the course of the streaming. The first request (reply) is to start
(successfully) the streaming; the final pair stops the streaming. Intermediate requests include pausing and
seeking type of control. A consequence is that the server and client maintain state in an RTSP session. In a
sense, the continuous nature of the streaming delivery has implied for a generalization of the "discrete”
request-reply pair into something continuous. Another consequence is that the actual data transport is
(commonly) not part of the "reply" message, but through a separate delivery protocol (such next to the
implications imposed by the packetizing requirements).

Streaming - Transporting the Continuous Data

As said, in general, when the reply on a request for continuous data is streamed to the client, the data
transport is separated from the request-reply (course of stream) control protocol. RTSP is the protocol
designed for the control of the course of the stream. RTP, the Real-time Transport Protocol, has been
designed for the streaming transport [RTP].

.

TCP is the transport protocol for unicast, elastic traffic. It is not suitable for multicast, and not optimal for
streaming traffic. UDP is the alternative transport protocol. UDP adds port addressing to the IP protocol, i.e. it
adds multiplexing of applications on the host (IP addressing provides muitiplexing of host addresses on the
Internet). UDP enables the application layer to build its own transport service on top of the network layer's
datagram-based, best-effort service (which has been identified as the common denominator to all types of
traffic). RTP builds on UDP, using its port addressing for associating the host's media streaming processes
within the total multiplex of communication traffic.

RTP extends UDP with generic packetizing and synchronization functionality. It adds sequence numbering
and timestamping for identifying packet order and sampling order, respectively. It is the responsibility of the
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~ application to act on these order informations to realize reliability and congestion control, and (re)
synchronization and buffer management. In order to assist the application in this control task, RTP is
augmented with a secondary protocol, RTCP, the RTP Control Protocol, to monitor the performance of the
transport: At regular intervals the participants in the streaming session report, among other data, their
observed performance in terms of packet loss and jitter. Work is under way to also use RTCP as a general
format for requesting retransmission of iost packets.

Figure 8. shows the resulting protocol stack for streaming media over the Internet, and Figure 9. displays the
header format of an RTP packet.



Media Multiplex
Player address (port)

Delivery Maltiplex
NMachine address [host)

The packet sequence numbers are incremented by one for each consecutive packet. They enable the
detection of congestion and packet loss. They also allow the application to (re)order received packets; in
particular, when the packets share the same timestamp, which, for example, might be the case in a video
frame's encoding that has been segmented over multiple packets. Note, that the timestamps may increment
non monotonously with packet order. For example, if video frames are predicted from future frames, the latter
can be sent first, such that the decoder can operate more efficiently. Also, the pattern of timestamp
increments might be irregular. For example in the case of speech transmission, packet traffic can be absent
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during intervals of silence.

The synchronization source identifier SSRC, see Figure 9., associates with the input device at the senders
terminal (microphone and camera). There is one SSRC per input device. The SSRC identifies a timing and
sequence number space within and across the IP-address/UDP-port space. For example, an accompanying
FEC stream or the various layers in a layered encoding can be collected and synchronized via the SSRC. (in
principle, the UDP-port also provide for identification, since per port one media type is streamed. RTP also
supports the notion of mixers, where several (speech) streams are muitiplexed in a new stream. In that case
the SSRC identifies the mixed stream, while the CSRC fields identify the original SSRC.)
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LowPassFilter receiver systemnclock
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The system clock at the transmitter is sampled and these sample values are sent to the receiver. The
receiver's clock is running at about the same rate as that of the transmitter. At initiation its value is set to the
first value received from the transmitter (not shown). The subsequently received values are compared with
those of the receiver clock, and the difference is used to adjust the receiver's clock rate. By low-pass filtering
this difference signal the adaptation speed and accuracy is controlled, i.e., the time before the receiver clock
gets in synchronization on the one hand is traded with the sensitivity to jitter in the clock arrivals on the other
hand. In terms of the buffer control the PLL adapts for the wander or long term variations in the clock,

RTP is a generic protocol, providing the functions any type of streaming transport needs. Some of its
semantics is left open and is required to be specified by a profile. Within a profile a further specification is
required to detail for the particular media type that is being transported. These are the payload specifications.
A payload specification usually adds additional header fields, and possibly dedicated transport semantics.

Currently, there exists one profile specification, which is the RTP/A VP, Audio Video Profile [AVP]. The AVP
profile specifies that the marker field takes one field, and the payload type field seven, see Figure 9. For
speech media types the marker bit is set at the first packet of a talkspurt, in case during silence periods the
packet transmission is suppressed or occasionally sends a packet containing data for comfort noise
generation. It helps recognition of (non)lost packets. The marker bit can be used to start a new
synchronization period of the jitter buffer, where the silence periods are used to adapt the buffer's operating
point. In case no silence suppression, i.e. packet transmission suppression, is applied the marker bit must not
be set. For video media types the marker bit is set at the last packet of a video frame, i.e. the last packet
sharing the same timestamp, such that decoders can use that to synchronize their (frame) decoding (all
packets of the frame received; decoding can start). The bit is cleared otherwise. In case of audio media types,

the target packetization interval is 20 ms or one frame, whichever is longer. Within AVP many payloads have
been and are being specified.

Streaming - Providing the Quality of Service

The support of streaming transport has lead to new performance requirements, collectively referred to as
Quality of Service (QoS):



o Guaranteed throughput rate (average over a small time interval)
+ End-to-end in finite time (response time, jitter)
» Reliable (recover erasures in finite time)
(collapses with the requirement on finite latency: loss is a special case of late arrivals.)

A boundary condition is the requirement of fairness under congestion, where TCP's behavior provides the
reference. Applications that adapt in a similar way as TCP, i.e. that do not push out the TCP flows, are called
TCP-friendly. An approach is TCP Friendly Rate Control (TFRC) [TFRC]. TFRC estimates the equivalent rate
to which a TCP connection would converge, and adapts accordingly. TFRC yiels a more continuous rate, but
adapts slower to network state. The estimation is using an equation that models the TCP rate [TCPRate], see
also the section on TCP congestion control.

been designed to add reliability and congestlon control to that. Because of its real-time, non- elastlc nature,
streaming introduces these new requirements on throughput, delay/jitter and reliability, which relate to the
operations congestion/rate control, buffer control and erasure recovery, respectively. RTP does not solve for
these, but assumes the application to adapt the sending rate (in a fair manner), to buffer packets, and to
conceal errors.

best-effort and behave accordmgly) and; - . o L
o if RTP is operated on a best-effort network, RTCP shouid be used to monitor. the o
loss and to reduce the transmission rate if the average throughput is greater than
what TCP would get (or stop transmlttlng lf the loss rate i i

The user may want an RTP stream to get more than its share of the ban
narrow link near the user. It is expected that QoS support should be used in
that appropnate senhce can be requested as in the fii rst case hsted above ‘

Another approach is to solve these QoS requirements by adding the corresponding functionality to the
network layer, as explained in the section on QoS. However, it is the challenge to preserve the Internet
design philosophy, as explained in the section on ihe bhasic design philosophy, and in particular to preserve
to-end arguments. This suggests that only basic QoS assurance is added at the network |é§éf (bandw;dth and
delay bound), while the full optimization happens at the transport and/or application layer (reliability and
rateljitter).

The IP philosophy is based on the end-to-end arguments [EndArg] and is characterized by stateless datagram
transport. This philosophy has shown the Internet to be robust, flexible, scalable, and simple. Complexity is
pushed as much as possible to the edges of the network. At the network layer the routers perform the routing
and forwarding functionality, at the transport layer the end hosts construct the service.

Conclusion

We discussed the basic principles of Internet transport. The Internet has been designed for data transport
over multiple, heterogeneous networks. At the network layer IP provides the packet forwarding, in a best effort
manner. At the transport layer TCP adds reliability and congestion control, in a fair manner.

For streaming both layers need extensions. At the transport layer the RTP, Real-time Transport Protocol, is
added. Next to providing a packetizing format its main function is to provide synchronization information.
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Congestion control and reliability are devised to the application layer. At the network layer Differentiated
Services is added. It provides QoS in the form of service assurance (bandwidth or loss probability).

Given the level of QoS, including best-effort, the problem of adding streaming capabilities to the Internet falls
apart in managing the throughput and the end-to-end delay in a real-time, i.e. instantaneous, manner. Delay
includes the aspects of delay variation (jitter) and packet loss (erasure). Managing these can be through
adding control and through creating adaptation mechanisms.

Managing the throughput can be characterized in terms of the following control-aspect pairs:

1. congestion control - fairness, AIMD
2. rate control - TCP-friendly
3. admission control - utility, selfish independent users

TCP/IP are designed in concert for data traffic. The challenge is to divide the support for streaming and QoS
over both layers also in concert, and to tune the streaming with the data delivery. It implies that the network is
not solely responsible in supporting the streaming delivery, and that the end hosts contribute in realizing the
required performance.
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Compression for Reduction of Off-chip Video Bandwidth
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ABSTRACT

The architecture for block-based video applications (e.s. MPEG/JPEG coding, graphics rendering) is usually
based on a processor engine, connected to an external background SDRAM memory where reference images
and data are stored. In this paper, we reduce the required memory bandwidth for MPEG coding up to 67% by
identifying the optimal block configuration and applying embedded data compression up to a factor four. It is
shown that independent compression of fixed-sized data blocks with a fixed compression ratio can decrease the
memory bandwidth for a limited set of compression factors only. To achieve this result, we exploit the statistical
properties of the burst-oriented data exchange to memory. It has been found that embedded compression is
particularly attractive for bandwidth reduction when a compression ratio 2 or 4 is chosen. This moderate
compression factor can be obtained with a low-cost compression scheme such as DPCM with a small acceptable
loss of quality.

Keywords: multimedia systems, embedded compression, transfer overhead, adaptive DPCM, data burst, band-
width reduction, MPEG, memory communication
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Figure 1: A video system with embedded compression.

1. INTRODUCTION

The processing architecture for block-based video processing functions such as compression standards (MPEG
/IPEG), 3-D graphics rendering and field-rate conversion, is usually based on a processor engine consisting of
various processors, which is connected to an external background SDRAM memory for the storage of images.
This system represents a flexible multimedia platform with a shared memory, that enables simultaneous execu-
tion of scveral high-throughput stream-oriented video processing tasks (see Fig. 1). Due to the fast increase of
required computational power of consumer systems, the data communication to and from the off-chip memory
has become the bottleneck in the overall system performance (memory wall problem).

In recently developed systems, the memory communication and bandwidth problem was combated by commu-
nicating to several memory devices in parallel. However, this leads to the use of multiple memory controllers,
more data connections requiring expensive chip packages, and therefore increased system costs. In this paper, we
propose the combination of two techniques for substantially reducing the required memory bandwidth, thereby
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keeping system costs low. First, we apply the newly developed technique for optimal mapping of the video
into the memory by analyzing the actual memory accesses [1][2]. Sccond, we exploit an embedded compression
technique in combination with our optimized mapping with the aim to further reduce the memory bandwidth.

Let us briefly consider why memory bandwidth is so scarce in video coding and processing systems. Most
bandwidth-consuming tasks in multimedia platforms such as high-level MPEG coding and 3-D graphics, can
be classified as video processing tasks with block-based pixel access at more or less random positions in the
(off-chip) memory. These tasks, requiring large amounts of pixel data and intensive memory access, result in
a large bandwidth overhead, due to the burst-oriented data transfer for currently available SDRAM devices.
Particularly when the burst size approaches or exceeds the size of the required data block, such as eg. a
macroblock (MB) for MPEG coding, the overhead can be significant and double or even triple the required
bandwidth. This paper shows the feasibility of an embedded compression technique to reduce the communica-
tion bandwidth and combines this with an optimal mapping of pixels into data bursts.

Although many compression techniques have been introduced, their usage for reducing the data bandwidth of
the memory is not trivial. For example, a problem in computer systems is that the throughput of an application
can degrade significantly when the working space of that application does not fit in the main memory. This
results in an increased number of memory page faults so that the background memory on hard disk is accessed
more often. As a possible solution, Roy et al. |3] implemented a concept of compressed memory pages to reduce
the amount of disk accesses for the computer system. Although this may be true, the compressed memory pages
need to be decompressed and written back into the memory when they are requested by the application. This
process consumes extra memory access, so that the potential bandwidth reduction is influenced in a negative
way. Moreover, it will be shown in the next section that a large grain size of compressed data packets such
as the proposed memory pages, does not result in bandwidth reduction. Another application for embedded
compression is presented in [4]. This approach applies lossless compression to relatively large data packets of
1 Kbyte in a high-complexity memory-controller chip to increase the memory capacity and is mainly intended
for gencral-purpose computer servers. This functionality is located between the main memory and a large
cache memory. Because the data traffic between the cache and the main memory is usually based on relatively
large-grain packets. For the same reasoning as in the previous example, the compression gives a penalty in
bandwidth, but because the large packet size there may be sufficient net gain. In this paper, where we concen-
trate on stream-based media processing, caching techniques offer only limited improvement because streaming
data is commonly used only once within a limited time interval. Our objective is to develop an inexpensive
solution without the need for substantial cache memory.

transferred data
data burst  requested incl. overhead

data block

Figure 2: Memory access of a macroblock including the transfer overhead.

The use of compression for embedded memory applications has been studied primarily for reducing the required
memory space. The usage of such techniques for memory bandwidth reduction, is not straightforward. For
example, in [5], segments of nine macroblocks (MBs) were compressed into a fixed-sized block. Consequently,
additional memory accesses are necessary to address individual MBs. In [6], a simple embedded DPCM technique
is applied in HDTV decoding for memory capacity compression. Although this paper presents the measurement
of bandwidth to derive the utilization memory bus, it does not further analyze the reduction in bandwidth. Van
der Schaar et al. {7] proposed similar low-cost compression algorithms without bandwidth optimization and
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showed later [8] that the obtained compression factor only partially aids in bandwidth reduction. In our paper,
we quantify results on the feasibility of low-cost compression schemes (e.g. [9]) for reduction of the memory
commaunication. Furthermore, we propose an optimization technique to find all feasible compression factors that
reduce the bandwidth between the memory and the video processing. This reduction which can be as high as
67% for a compression ratio of four, can be exploited to enhance the system quality, reduce costs and/or add
extra functionality.

Recent SDRAM devices use relatively large data bursts (e.g. 8 words) to improve the effective bandwidth
at the expense of overhead, particularly when the aforementioned burst size approaches or exceeds the size of
the required data block, e.g. a MB for MPEG coding. The overhead is caused by fetching more data than
strictly required, i.e. all underlying data bursts (see Fig. 2). An embedded compression technique can be used
to store more video pixels into a single data burst. However, as already mentioned, the reduction in bandwidth
is not proportional with the compression ratio. Since the compression technique increases the amount of pixels
contained in a single data burst, an additional overhead is introduced which has to be compensated by the
compression ratio. The results in this paper show that the bandwidth can be substantially reduced for newly
developed media systems with a wider memory bus (> 32 bits). We have obtained a reduction of the memory
bandwidth by 38% in an MPEG decoding system without sacrificing visual picture quality (limited compression
ratio two).

The paper is divided as follows. Section 2 discusses the behaviour of SDRAM memory and explains how pixels
can be mapped into the memory. Section 3 addresses the compression algorithm and proves the feasibility
of embedded compression. Section 4 briefly outlines our new mapping optimization technique {1][2] which is
extended for use with embedded compression. Section 5 explores all possible solutions. Finally, we will conclude
with the results.

2. MAPPING OF PIXELS INTO THE MEMORY

The efficiency of the memory access depends on two principal elements: the burst-oriented communication
and the memory segmentation into separated banks. With respect to the first element, the utilization can be
optimized when video data is accessed at the grain size of data bursts (e.g. a 64-bit bus and a burst length
of eight words, leading to 64 bytes). These data bursts represent non-overlapping memory blocks that contain
pixel data and which can only be accessed as an entity, referred to as data units. Consequently, small data-block
accesses result in a large amount of pixel overhead, because complete data units need to be fetched from memory.
Moreover, the amount of pixel overhead also depends on the aspect ratio of the data units. For example if a MB
of 16 x 16 samples is requested, data units of 64 x 1 result in more overhead than data units of 8 % 8, although
the size is equal. In [10], a technique is proposed to determine the optimal aspect ratio of the data units by
analyzing the application software model only, without considering data dependencies. In our initial work [1][2]
an optimal mapping of the video into the memory is determined by analyzing the actual memory accesses, so
that data dependencies are taken into account. Note that for our objective, the size S of a data unit does not

32 lines

wem Bank 0 ——Bank 1 === Bank 2 Bank 3

Figure 3: Mapping of video onto memory data units considering both progressive and interlaced accesses.
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coincide with the size B of a data burst. For example, data units of 32 x 4 pixels can be compressed into a
64-byte data burst.

The second principal element for bandwidth efficiency is the organization into memory banks, commonly applied
in all modern memory devices. Efficient communication can only be achieved when the memory banks are
accessed alternately. Consequently, adjacent video pixels are interleaved in the memory banks. Furthermore,
the successive odd and even lines of an interlaced video signal are mapped in different banks of the memory to
prevent additional overhead when both progressive and interlaced video data blocks are requested by the video
processing. The resulting mapping strategy evaluated for an MPEG-2 decoder, using 16 x 4 data units, is shown
in Fig. 3. Note that an interlaced field requires interleaved access to all banks. Hence, alternating addressing
of the memory banks for both progressive and interlaced video is achieved. A more detailed overview of pixel
mapping into banks is given in [1][2].

3. EMBEDDED COMPRESSION

The previous section discussed how burst-oriented memory communication influences the optimal mapping of
pixels onto the address space. This section will show that such a constraint is exploited to make embedded
compression feasible for reduction of memory bandwidth.

Since compression techniques exploit spatial correlation between pixels, it is usually applied for a group of
pixels. For example, when nine MBs are encoded as one entity [5], the entity has to be partially decoded
before the value of a certain pixel can be determined. For retrieval of an arbitrary MB in the picture, several
compressed data entities may have to be decoded because they all contain part of the requested MB. Obviously,
this does not help in the reduction of the memory bandwidth, particularly if random access to the memory is
required.

Let us consider an example that shows why embedded compression for bandwidth reduction is not easily
obtained. We have measured the memory bandwidth of an MPEG-2 decoder.

If groups of 16 x 8 pixels are clustered as an access entity, 113% more data is transferred than was strictly
required for the decoding process. Consequently, a compression ratio of 2.13 is necessary to accomplish the break-
even point and even more for a net bandwidth reduction. However, when using an SDRAM-based memory,
an overhead is already present due to burst-oriented storage. Table 1 indicates this overhead, dependent on
the size of the communicated data bursts. For these numbers, the aspect ratio of the data-units are optimized
for minimum transfer bandwidth. The bandwidth percentages show the transfer bandwidth relative to the
bandwidth that is strictly required for the decoding. In the sequel of this paper we call these numbers the
relative transfer bandwidth (RTB). Since the data-burst size is given by the architecture, compression becomes

Table 1: RTB requirement for data units with increasing sizes and the optimal dimensions.

size optimal requested | transferred data
[bytes] | dimension | data [%] 5-100%
16 (16 x 1) 100 131
32 (8 x4) 100 149
64 (16 x 4) 100 172
128 (16 x 8) 100 213

more feasible: only the additional overhead due to compression needs to be compensated. For example, if data
units of 16 x 8 are compressed into 64-byte data bursts, the RTB increases from 172% to 213%. Therefore, the
break-even compression ratio changes to 2.13/1.72 = 1.24, which is feasible.

Up to this point, we discussed the properties of an SDRAM memory that result in block-based (bursts) storage
of data and therefore increase the bandwidth requirement significantly. Furthermore, we have explained how
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For the bandwidth calculation, the set of possible data-block requests V has to be divided into a subset of
progressive data block requests V, and a subsct of interlaced data block requests V;, such that V = V; U V.
This separation is necessary because the calculations for both contributions are slightly different. We denote
the average RTB of progressive data-block requests by a,(M, N, V,) and for interlaced data-block requests by
0;(M, N,V;). Both contributions are already probability weighted, so that the total average RTB is:

o(M,N,V)=0;(M,N,V;) + 6,(M,N, V). (2)

To achieve the minimal bandwidth requirements for a given application, the dimensions of the data units (M, N)
are optimized.

In this paper we consider an MPEG-2 decoder as an example for our experiments. For this application the set
of data blocks is:

I

{(16 x 16), (17 x 16), (16 x 17), (17 x 17), (16 x 8), (18 x 8), (16 x 9), (18 x 9)}
{(16 x 16), (17 x 16), (16 x 17), (17 x 17), (16 x 8), (18 x 8), (16 x 9), (18 x 9),
(17 x 8), (17 x 9), (16 x 4), (18 x 4), (16 x 5), (18 x 5), (M x N)}

The large variety of data-blocks requests is caused by the MPEG standard and depends on field/frame predic-
tion, luminance/ chrominance data and the sub-pixel accuracy. In our experiments, we consider the reading of
prediction data for motion compensation, the writing of the motion-compensated result, (16 x 16) € V;, and
the reading for interlaced display of the video, (M x N} € V;. For the last aspect, it is assumed that the display
unit contains line memories to read the block-based data units of (M x N) € V; and to display the video lines
sequentially. To acquire representative results for an average MPEG-2 bit stream, a large set of test bit streams,
containing in total 732 frames, is used to derive the optimum.

i

Ve
Vi

To determine P(B; x By), the amount of occurrences of each type of data-block, all requests are measured
at the memory interface, thereby feeding one of the data dependencies into the model.

The probability distribution of the positions of the data blocks Pp,x g, (m,n), is defined as the probability that
the upper-left corner pixel of a requested data block B x By is positioned at any location (z,y), satisfying the
condition: {x mod M =m) AND (y mod N = n). Hence, a low-complexity bookkeeping of the occurrences at
position (z mod M,y mod N) is used to determine Pg_x B,(m,n). This probability distribution highly depends
on the dimensions of the data units. Large differences may occur in the result, due to the 16 x 16 MB grid for
MPEG and the high probability of the zero-motion vectors. For example, if (M, N) = (32,2), the probability
that (r mod 32 = 0) AND (y mod 2 = 0) is relatively high. However, for data-unit dimensions that are not
aligned with the MB grid, e.g. (M, N) = (12, 5), the probability distribution of the positions of the data-blocks
is totally different (see both examples in Fig. 4).
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Figure 4: 32 x 2 (a) and 12 x 5 data units (b) overlaid on a MB grid.



this block-based storage can be exploited to reduce the bandwidth requirement by means of compression. How-
ever, the suitability of compression schemes is bounded by the constraints we have developed so far. Firstly,
we found that the burst size determines the size of the compressed data entity. Secondly, the data must be
easily accessible at regular address positions, thereby leading to a fixed compression ratio. Hence, this leads
to fixed-sized input data units (data-units size S) and output blocks (data-burst size B). Let us now discuss
a compression algorithm that satisfies the aforementioned constraints, presented by Bayazit et al. [9]. This
technique is based on an adaptive DPCM algorithm, which can achieve a 50% memory compression ratio with
no distinguishable loss of visual quality. The paper describes the independent compression of one data block
consisting of one luminance block of 16 x 2 samples and two chrominance blocks of 8 x 1 samples, thus 48
bytes in total. Because our system assumes separate storage of the luminance and chrominance data, it is
required to independently compress luminance and chrominance components. This requirement does not limit
the suitability of the algorithm and no performance degradation is expected for this reason. Another difference
for the applicability of the proposed algorithm is the size of the data units. Data units of 48 bytes are rather
small for obtaining sufficient compression. Section 5 will show that most suitable data-unit sizes for 32-byte
data bursts (B = 32) are S = 64 bytes (and larger). For larger data bursts the most suitable size is even larger.
Consequently, the algorithm will be able to exploit more correlation when applied for our purpose.

The experiments as described in the above-mentioned paper show that the compression scheme was not matched
to the size of the memory bursts. The 48-byte data blocks were compressed with a factor 1, 1.33, 1.6, and 2,
resulting in compressed data entities of 48, 36, 30, and 24 bytes, respectively. Because the sizes of these
data entities do not match with the alignment grid of the data bursts, these compression ratios lead to sub-
optimal solutions; i.e. more data bursts are transferred to access a compressed data entity. The results of the
experiments show a bandwidth reduction of 12.5% for a compression ratio of two. The corresponding results
on picture quality show a degradation of 0.97 dB for a MP@ML MPEG-2 video decoder, when decoding a
high-quality 9—Mbps bitstream. For a bitstream that was coded at 4 Mbps, the quality degraded with only
0.34 dB. Subjective tests revealed high-quality video with imperceptible artifacts. For our system we target to
decorrelate larger data blocks and hence expect an even better picture quality. Moreover, the results in the
next section will show a significantly higher bandwidth reduction than in [9].

4. BANDWIDTH CALCULATIONS

In our experiments we used the implementation of an MPEG-2 decoder to statistically analyze the behaviour
of the data communication. In this section we elaborate on the communication dependencies for computing the
overhead. To derive the memory bandwidth, the calculation model as proposed in [1]{2] is used. The calculated
result from this model represents the transfer bandwidth relative to the bandwidth that is strictly required for
the decoding (RTB). However, in this model, embedded compression is not considered. Consequently, the size
S of a data unit is assumed to be equal to the data-burst size B (S = B). In the following, we extend the
above-mentioned model for the use of embedded compression. For this purpose, we introduce the compression
ratio cg, where S stands for the data-unit size. The value of the compression equals the ratio between the
data-unit size and the data-burst size, thus:

s =5 (1)

Below, we list the parameters on which the calculations for the RTB depend, including the compression ratio
Cs:

e the dimensions of the requested data blocks, B, X By;

¢ the dimensions of the data units, (M, N);

o the interlace factor of the requested data blocks;

e the probability of their occurrence, P(B; x By);

e the probability distribution of their positions, Pp, x5, (m, n);

s the compression ratio, cg.
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At this stage, we have discussed the parameters that are necessary for the calculations and can derive the RTB.
For the set of interlaced data-block requests, the following equation applies:

> P(B, x By)H(M,N,V))
B, xByeV;

cs- 3, P(B:xBy) By-B,
BZXByGVg

6i(M) N) 1/1) = (3)

with

H(M,N,V;) = %IASPB;,(L;U(M, N)- (1 + [BI;;——lD - (1 + [By—x’——lj) .

m=0 n=0

The summation in numerator in Eq. (3) represents the amount of transferred pixels including the overhead,
whereas the summation in the denominator represents the amount of pixels that is strictly required for the
decoding without the overhead. c¢s indicates the compression ratio. Note that the calculation without cg
resembles the amount of transferred pixels relative to the amount of pixels that are strictly required for the
decoding. Since this is directly proportional to the bandwidth, the equation with c¢g points to the effective
bandwidth relative to the bandwidth that is strictly required for decoding without compression. The RTB
calculation for the set of progressive data-block requests is similar to Eq. (3) but V; becomes V,, and H(M, N, V)
is defined according to:

HOM, N, V;) =
)

5. EXTRACTION OF FEASIBLE SOLUTIONS

The results of the previous section present a calculation model for the memory communication, featuring the
data dependencies and the usage of embedded compression. Although the feasibility of embedded compression
for reduction of the memory bandwidth is already proven by the example in Section 3, this section uses the
calculation model to identify all feasible solutions. The method to systematically determine these solutions
comprises of the following steps:

e determination of the optimal data-unit configuration for zero compression;
¢ determination of the optimal data-unit dimensions for an incremental value of the compression ratio;

¢ pruning of the non-feasible data-unit configurations.

The outcomes of the first step is already presented in Table 1. For example, the optimal dimensions (Mg, Ng)
for 64-byte data bursts (B = 64) and a data-unit size S = B, are formalized as follows:

(Mp,Ng) = (myny : m€ [1..B),n € [1..B] :| 6(m,n,V)Am-n=B), (4)

where | denotes the minimum. For example, the minimum RTB for data units containing 64 pixels equals
6(Mg,Np,V) = 172%.

In the second step, the optimal data-unit dimensions are determined for increasing compression ratic. Note
that the compression ratio cg is given by Eq. 1. Thus, for a fixed data-burst size (B = 64) the data-unit size is
incrementally increased from the size of the data burst up to four times the burst size. Note that this resembles
an incremental increase of the compression factor. For each S € (B..4B] the optimal data-unit dimensions can
be determined by:

(Ms,Ng) = (E(m,n) cm € [1..5],n € [1.5]:] a(m,n, V)Am -n= S) . (5)



As a result from this calculation the RTB value for the optimal dimensions (Mg, Ng) for each S is 6,(Mg, N5, V).
Fig. 5 shows these values as function of the data-unit size. Because most solutions do not result in less data
transfer than in the case without compression, they have been removed for an improved visualization of the
results. Consequently, all shown solutions satisfy the following equation:

01(Ms,Ns,V) < 6,(Mp,Ng,V) with S € (B..4B]. (6)
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Figure 5: Minimal RTB as function of the data-unit size S and a burst size of B = 64 bytes.

In the third and final step, pruning of the found solutions can be applied. This pruning means in Fig. 5
that, starting at the left side and going to the right, only those solutions are adopted that give a lower RTB
than the previously selected point. This means that all solutions with a larger compression ratio than other
solutions while having less bandwidth-reduction gain, are removed. Since the picture quality as function of the
compression ratio is generally a monotonic decreasing function, it can be concluded that the removed solutions
have a lower picture quality than the remaining solutions while consuming more bandwidth. After the pruning
process all remaining solutions satisfy the following condition:

(Va.wsl,zvsl,v>,at<Msz,N52.v) . $) € (B.4B], 5 € (S1.4B] : 6(Ms,, Ns,, V) > 5(Ms,, Ns,, V) ) .M

The remaining data-unit configurations represent feasible solutions and are shown in Fig. 6. The label at each
point indicates the optimal data-unit dimension giving the result. This picture enables a tradeoff between
compression ratio and bandwidth reduction. Note that data units of 16 x 8, reduce the relative transfer
bandwidth from 172% to 106%. This compression ratio provides the largest amount of bandwidth reduction
per unity of compression. Moreover, the data-unit dimensions are powers of two, which makes it even more
attractive from an implementation point of view.
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Figure 6: Feasible data-unit configurations for compression into 64-byte data bursts.
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Figure 7: Feasible data-unit configurations for compression into 32-byte data bursts.
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Figure 8: Feasible data-unit configurations for compression into 16-byte data bursts.

To explore the complete design space, the above-described method is also applied to an MPEG-2 decoder system
with a external memory having 32-byte and 16-byte data bursts; i.e. B = 32 and B = 16, respectively. The
outcomes are depicted in Fig. 7 and Fig. 8. Notice that the graphs in Fig. 6, 7 and 8 look very similar. For
example, in all figures, the maximum amount of bandwidth reduction per compression unit is positioned at
compression ratio two. For this compression ratio, the optimal data-unit dimensions are aligned with the MB
grid in both horizontal and vertical direction, thereby enabling memory requests with low overhead at relatively
high probability. Moreover, also the size of the data unit is an important parameter for feasibility. A data unit
of 16 x 8 can easily be compressed with a factor two, while maintaining a high picture quality. For data units
of 8 X 4 this is less straightforward.

6. RESULTS AND CONCLUSIONS

Many current multimedia systems intended for applications such as e.g. MPEG coding and 3-D graphics
rendering, feature double-data-rate (DDR) SDRAM with bus widths up to 64 bits. These expensive memory
configurations are adopted to obtain sufficient communication bandwidth, which is demanded by the continuous
increase of computational power. This paper shows the feasibility of embedded compression for reducing the
previously mentioned costly bandwidth bottleneck.

Our experiments with an MPEG-2 decoder show that the amount of data transferred to and from the memory
is 172% of the data that is strictly required for the decoding, using the optimal mapping of groups of pixels
(data units) to be compressed into data bursts. However, in most currently used systems a straightforward
linear mapping of 64 x 1 pixels into data bursts is applied, resulting in a relative transfer bandwidth of even
341% [1][2]. Due to the trend of increasing bandwidth requirements, the memory data bus is becoming wider.
Consequently, the size of the data bursts grows, leading to even more transfer overhcad. Fortunately, larger
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blocks can be decorrelated more efficiently, which makes the use of embedded compression for memory band-
width reduction increasingly attractive.

Unfortunately, it has been found that compression not necessarily leads to reduction of the memory band-
width. Due to the block-based storage of compressed data entities, the bandwidth may even be increased
instead of reduced. This phenomenon limits the amount of feasible solutions for using embedded compression.
Moreover, it has also been found that certain data-unit sizes offer less bandwidth reduction than other solutions,
while giving less picture quality. Obviously, these solutions are therefore not attractive and have been omitted
for feasibility. This has resulted in a limited amount of feasible compression ratios corresponding with a limited
amount of optimal data-unit dimensions.

For our consumer application, it is required to provide a low-cost compression scheme to reduce bandwidth
without sacrificing visual picture quality. For a compression factor four, a bandwidth reduction is established
of 53%, 64% and 67% for 64-byte, 32-byte and 16-byte data bursts, respectively. However, for all three burst
sizes, a compression ratio of two gives the largest amount of bandwidth reduction per unit of compression. For
this compression factor an algorithm from Bayazit et al. [9] that is based on adaptive DPCM has been proven
to be feasible. We propose to slightly modify the algorithm by matching the dimensions of the independent
data units to the properties of the burst-oriented SDRAM memory, thereby enhancing the bandwidth reduction
from 12.5% to approximately 40%. More precisely, for a compression ratio of two, the bandwidth is reduced
with 38%, 42% and 43% for 64-byte, 32-byte and 16-byte data bursts, respectively. Summarizing, our data-
dependent communication model decreases the memory bandwidth of the MPEG decoder from 341% to 172%
and the embedded compression accounts for a further reduction to 106%, thereby gaining a total bandwidth
reduction of 69%.

With respect to picture quality, the following conclusion applies. For data-burst sizes of 64 and 32 bytes,
we compress 128 and 64 bytes, instead of the 48 bytes as presented in [9]. Therefore, we can expect the picture-
quality degradation in the MPEG decoder caused by the embedded compression to be less than 0,34 dB as
indicated in the same paper.

A side benefit of using an embedded compression scheme with a fixed compression ratio is that it reduces
the required memory size proportionally to the compression ratio. Thus where usually three picture memories
are required for MPEG decoding, only half of it is necessary when applying embedded compression with a factor
two.

The proposed techniques for reducing the bandwidth bottleneck of external memory can be applied to a broad
class of block-based video processing applications. When adopting embedded compression for decoding of high-
definition video pictures, the bandwidth reduction is as high as 165 or 275 MB/s for a compression ratio of
two or four, respectively. Since this substantial improvement in memory bandwidth is guaranteed, it can be
exploited easily for reducing the system cost, to improve the picture quality, or to extend the functionality.
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