ultimedia communications is one of the most challeng-

ing rescarch areas emerging recently, due to the advance

of multimedia compression and coding technologics.

With the recent successes in the establishment of some multimedia commu-
nications standards as well as the rapid proliferation of the uses and de-
mands, we can predict the creation of a vast number of applications destined
to offer users new, efficient, and sophisticated services in the near future.
The word “multimedia,” in general, is considered to mean simultaneous
consideration of a mixture of signal types, such as speech/andio, im-
age/video, graphics/animation, and text. In particular, video conferencing,
multimedia mail, video-on-demand, HIDTV broadcast, and many other
multimedia applications through the Internet—cither by wircline such as
asymmetric digital subscriber line (ADSL), ISDN, or by wireless net-
works—post new problems with a distinctive nature, making multimedia
communications one of the mostinteresting and challenging rescarch fields.
In this tatortal, we study the problem of reliable and vet efficient multi-
media communications over ADSL through joint consideration of com-
pression/coding and channel transmission rechniques. ADSL will be
delivering multimedia services to millions of users, The transmission of dig-
ital multimedia data requires the existing systems to be augmented with
functions that can handie not only ordinary {(nonmultimedia) data. In addi-
tion, the high volume of multimedia data can be handled efficiently only if
all available system resources are carefully oprimized. Here we consider the
special characteristics of ADSL channels to formulate optimization criteria,
We present a system where the encoder consists of a layer coder rhar divides
and compresses the source dara into coded layers of multimedia data with
ditferent performance and quality-of-service requirements. The encoded bit
streams arc then transmitted over a noisy channel, where channel noise may
distort the data. The decoder undoes all the coding and compression applied
in the encoder to obtain as closc as possible the original data. It is
conceivable that for such a system the loss of information occurs not

Haitao Zheng and K.J. Roy Lin only during the source compression but also in the channel trans-

mission, The source coding scheme and bit stream arrangement
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have a direct impact on the channel distortion. Therefore,
the joint consideration of source/channel coding design
will be ideal to reduce the overall information loss.

Introduction

Layer Coding Schemes

and Recent Multimedia Standards

Source coding considers mainly the compression of data,
ineither a lossless or lossy way. Source coding for muld-
media data benefits from recent dramatic developments
in compression algorithms and their implementations.
Compression is necessary and important to reduce the
volume of multimedia data for storage and to limit the bit
rate to provide efficicnt transmission over normally band-
width-limited networks, Ordinary digital data cannot af-
ford to lose any information, as such the compression
schemes used are mainly lossless. The multimedia data
such as image, video, speech, and audio are subject o hu-
man perception, which translates to the loss of some fidel-
ity as long as not perccivable. Therefore, such
compression may discard some information to achicve
more compactness, corresponding to the well-known
lossy schemes.

In the past, multimedia soutce coding schemes were
developed mostly with the assumption of error-free chan-
nels. Therefore, the objective of compression is purely on
reducing the informarion rate as much as possible. Only

recently, rescarchers started to realize the importance of

joint considerations of the distortion induced in the chan-
tiel into the source coding design. As such, layered and
scalable coding have now been widely recognized and
used since they can provide more error resilience for noisy
channel transmissions.

In layered or scalable coding [1], [ 2], source data is de-
composed into hierarchical relevant layers, with each re-
sulting in a distinet data stream. Different layers may have
distinetly different tolerances to channel errors and delay
and thus should be handled differently by the transmitter
or network, Layers containing high spatial-frequency
components are generally more tolerant to channel error
effects than layers conraining low spatial-frequency com-
ponents and thus may receive less protection for channel
induced crror.

Subband-based coding schemes have been the major
class of approach for accomplishing layered coding.
Subband coding uses filter banks to divide the source data
into subbands corresponding to ditferent frequency
ranges 3], [4]. After transformation, the most significant
parts of the information, ¢.g., the coefficients containing
most of cnergy, are packed and easily identified. The en-
coder is then designed to present those significant (im-
portant) coefficicnts more accurately. Certain coefficients
may also be neglected to achieve more compression. It in-
volves a quantizer design and a rate allocation problem,
which has been extensively studied in the licerature

(5]-18].

JULY 2000

vwaveleb-h

A varfant of subband cading uses waveler transform
and filter banks to present the data in multiresolution
contents, Similar to subband coding, the image and
video is decomposed into a set of subbands of different
resolutions. The low spatial and temporal subbands car-
ried more information and thus are more important
compared to the high spatial or temporal subbands. Ex-
tensive rescarch has shown that the images obtained
with wavelet-based methods yield very good visual qual-
ity [9]-[15]. Recently, by exploiting space-frequency
property, signiificant improvements have been achieved
in the new generation of wavelet-based encoders includ-
ing wavelet packets [17], [18], embedded zerotree
wavelet (EZW), and sct partitioning in hicrarchical trees
(SPIHT) [19], [20].

Joint Photographic Experts Group (JPEG) [21], Mo-
tion Picture Experts Group (MPEG-1, MPEG-2) [22],
[23]and H.26x [25], [26] are all classified as block-based
coding techniques, which divide the image or video
frames into small blocks and apply a combination of dis-
crete cosine transtorm (DCT), quantization, run-length,
and variable-length coding (VLC) techniques as well as
interframe motion prediction and compensation o re-
move both spatial and temporal redundancy, VLC helps
to increase the compression efficiency. However, if chan-
nel error oceurs and the decoder wrongly decodes a code-
word of length different from the transmitted one, the
decoder may lose the synchronization and the bit stream
tollowed cannot be decoded correctly until the synchroni-
zation is regained, A way to overcome such a problem is
the use of error resilicnce [16].

H.263 [26] is a low bit-rate video coder which is a hy-
brid of interpicture prediction, transform coding, and
motion compensation. Half-pixel precision is employed
in motion compensation to further reduce the temporal
redundancy. H.263- carries an option for layered video
coding, or scalability, i.e., SNR and spatial/ftemporal
scalability. Spatial scalability generates multiresolution
bit streams. Increasing the picture resolation by a factor
of two in the vertical, horizontal, and/or both directions
can cahance the picture quality. Temporal scalability en-
hances the picture quality by increasing picture display
rate. SNR scalability generates multirate bit streams
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where the enhancement layer carries the finely quantized
difference of the base layer and original picture 28], Re-
cently, H.263++ is proposing a data partition option
which greups all the macroblock headers, motion vec-
tors, and DCT coctlicients separately with a synchroniza-
tion word in between. The headers and motion vectors
arc reversible VLC (RVLC) coded so that more informa-
tion can be extracted from the corrupted bitstream | 29].
MPEG-4 [24] is an objecr-based approach designed
tor both low bit-ratc video communications and mixed
multimedia data such as video, image, graphics, texe, au-
dio, and speech. By multiplexing and synchronizing the
streams associated with different data defined as audiovi-
sual objects (AVOs), they can be transported over net-
works with appropriate quality of scrvice (QoS)
matching the natare of the AVOs. Such a layered struc-
ture also permits error resilience to enable robust trans-
mission of conmpressed data over noisy channels. For low
bit-rate video, a data partition option is proposed for
MPEG-4 where the tmportant information such as
header, motion vector, and DC component in DCT coef-
ficient is separated from texture (other DCT cocfficients)
and grouped separately with synchronization words
placed regularly in between. This allows for the isolation
of errors and helps the decoder to regain synchronization,
The groups are deemed as layers and reated ditferently.
The popularity of the Internet is fueling the emergence
of multimedia applications. A mixture of data, speech,
and video can provide entertainment, online services, in-
teractive shopping, video conterencing, etc. Those ser-
vices are associated with different dara rates and different
QoS requirements. A typical example is shown inTable 1,
which involves video conferencing, speech data, and
e-mail. Thosc services can be viewed as data sources of
difterent layers with different bit rates and bit error rate
(BER) requirements. As specified by MPEG-4, inee-
grated services 1n terms of AVOs can also be achieved.

Joint Considerations of

Source and Channel Schemes

Most of the channel coding schemes in the past consid-
ered primarily (nonmultimedia) data transmission. Such
data communication has a strict low BER requirement,
but can tolerate latency well. In addition, every informa-
rion bit is of the same importance. Theretore, the perfor-
mance meastire is mainly on BER. Unlike ordinary digital
data, muleimedia data such as image, video, and audio

Table 1. Data Rate and BER for Various Services.
Service Data Rate BER
Video Conferencing 200K bfs 10
Speech 10K bfs 10%
E-mail 64K bfs 10°%
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have a high tolerance to error and distortion. A low per-
centage of bit crrors can usually be tolerated. Some por-
tion of the content can even sustain high BER without
causing too many visible fidelity distortions. Thercfore,
the BER requircment of multimedia communications is
much relaxed compared to data communications, typi-
cally ranging from 107 to 107 The performance metric
is usually audio/visual quality and measured as the mean
squared error (MSE) between the original and received
data, The performance evaluations abour multimedia
dara can be found in [30] and [31}. On the other hand,
multimedia data is usually delay sensitive. In data trans-
mission, automatic retransmission (ARQ) is often em-
ployed to retransmit corrupted or lost data until
successfully received. Nevertheless, in real-time multime-
dia communications, the number of ARQ operations is
quite limited since it yiclds additional delay. Shannon’s
separation principle states that it the minimum achiev-
able source coding rate is below a channel’s capacity, then
the source can be reliably transmitted through the chan-
nel [32]. Such theory allows separate design of source
coding and channel coding, without any loss of the per-
formance for the overall system. It also relics, however,
on the availability of an appropriate long source signal as
well as high computational cost and associated delays. In
practice, due to limited resources, such conditions can not
be met.

It has been proved that, in practice, combining source
and channel coding design has led to a substantial gain in
performance. Due to layered coding, multimedia data
consist of different layers with different error sensitivities.
One way to cfficiently combar channel errors is to employ
unequal error protection (UEP) to layers of different im-
portance. For example, it has been shown that by separat-
ing the source material into a base layer and an
enhancement layer and applying priority quening or dif-
terent loss probabilitics, the resuits are superior to the sin-
gle layer approach obtained from statistically multiplexed
nctworks [33]. In addition, it is generally argued upon
that, in practice, most multimedia applications involve
stationary uscrs or users moving at relatively slow speeds,
which results in a fixed or slowly changing channel. Pow-
erful channel equalization and estimation techniques al-
low transmitters to obtain the current channel condition
correctly. Therefore, joint source and channel coding is
applied ro adapt the source coding, channel coding, med-
viation, and power control according to the current chan-
nel condition and the coded layer to be transmitted.

Typical joint source and channel coding designs in-
clude the following.

& Souree Oriented Channel Coding Design

A popular form of joint source and channel design is
based on choosing appropriate channel coding tech-
niques for different source components. UEP is achieved
by allocating different source coding rate and channel
coding rate to different layers. For example, the joint de-
sign of rare compatible-punctured-convolutional
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(RCPC) codes and bit-rate assignment in source coders
[34]-[40] is a typical example.

# Sourvee Qvienged Power Control

For power constrained channels, such as wireless chan-
nels, power control schemes can be employed. Layers as-
stgned with higher transmitted power experience lower
channel BER than those with lower transmitted power.
The objective of the power optimization is to cfficiently
distribute the transmitted power to the layers to minimize
the overall channel effect {42].

& Source Oriented Modulation Design

Another critical part of joint source and channel design is
the mapping between quantized source code word and
their representative channel modulation symbols [43].
The mapping from source codeword space to two-dimen-
sional signal space is designed in such a manner that the
close code vectors in the modulation space are assigned to
the close points in the input space. Therefore, most chan-
nek errors lead ro the ourpur code-vecrors within the near-
est neighbors of the input vectors [43]-[45], [47]. The
design of quantization code book can take into account
both source distortion and channel noise affect to improve
robustness [48]-[51]. A detailed survey of joint source and
channel coding can be found in [53].

The Goal of this Tutorial

ADSL services are available in many places in the world.
Soon ADSL will deliver multimedia services to millions
of users. Such a demand motivates us to understand how
to best deliver multimedia data over ADSL channels.
Most of the recent research on ADSL focuses on reliable
nonmultimedia data delivering at very low BER such as
107 with equal crror protection. We will re-examine why
it is not such a good idea to do so and then discuss what
we think will be a better approach.

Our discussion centers around the development of a
multimedia communications framework for ADSL chan-
nels, We emphasize the channel resource allecation prob-
lems needed to achieve required performance and quality
using minimum amount of channel resources, Providing
UEP, rather than equal error protection, in a resource-ef-
ficient way is the key aspect of most algorithms in discus-
sion, The basic principle is to match the characteristics of
telephone line channels to the ervor performance require-
ments of source layers.

ADSL Fundamentals

ADSL [54], which evolved during the early 1990s, uses
the existing twisted-pair copper loops to offer an effective
alternative to the next generation of broadband access
networks and to support high speced communications at
very affordable prices. It is specifically designed to sup-
port asymmetric data traffics to cxploit the one-way na-
ture of most multimedia communications where large
amounts of infortmation flow toward the subscribers
(downstream) and only a small amount of interactive
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control information is returned (upstream). ADSL
transmits more than 6 Mb/s (optionally up to 9 Mb/s)
downstream to a subscriber, and as much as 640 kb/s (op-
tionally up to 1 Mbys) upstream.

The ADSL systemn can place the upstream and down-
stream frequency band separate from each other to avoid
the self-crosstalk or overlap them to reduce transmis-
sion bandwidth. It opcrates at the frequencies above
those of standard telephony, allowing simultancous data
and voice services on the same pair. Typical applications
of ADSL are fast access to Internet facilities (e.g., web
services) and fast delivery of multimedia services [e.g.,
video on demand (VoD), digital TV, streaming
video/audio].

Channel Characteristics

We first examine the channel characteristics of the
twisted-pair copper loop, namely the ADSL channel, Ma-
jor impairments in the rwisted pair phone lines are the at-
tenuation and crosstalk, The attenvation comes from the
loop transfer function, e.g., insertion loss. It forms a large
variation of signal levels over frequency and makes digital
transmission very difficult. Crosstalks are generally
caused by elecrromagnetic radiarion of the phone lines.
Typical crosstalks include the so-called ncar-end crosstalk
(NEXT) and far-end crosstalk (FEXT). NEXT is the
transmitted signal that leaks into the receiver via capaci-
tive and induction coupling paths. It increases with fre-
quency. Recently, many efforts have been taken to
suppress or cancel NEXT [56]. In contrast, FEXT occurs
when signals from the transmitters on other pairs within
the same cable leak into the transceiver at the other end.
FEXT is proportional to |H(f)|*+d- f*, where H(f)is
the loop transfer function, 4 is the line length, and f rep-
resents frequency. Therefore, symmetric transmission
would vield a significant amount of FEXT interference
while the asymmetry of ADSL resolves the limitation of
the downstream data rate and increases the delivering dis-
tance, In addition to crosstalks, a variety of sources pro-
ducing short electrical transients could generate the
impulse noise that is random in frequency, duration, and
amplitude, Together, the impairments tend to increase as
a function of frequency and distance except for the im-
pulse noise. The resulting ADSL channels are spectrally
shaped. A typical ADSL channel is shown in Fig, 1., Inter-
ested readers can find more detailed informarion about
ADSL in [55] and [57]-[60].
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Channel Modulation Scheme

The wide variations in the ADSL channel lead to increased
difficulty and complexity for channel equalization, which is
necessary for any single-carrier system. Multicarrier modu-
lation (MCM) [61] is currently considered as a standard
channe! coding scheme for ADSL. The basic function ofan
MCM system is to partition the channel into a set of inde-
pendent subchannels, each with a smaller bandwidth. At
the transmitter, a block of input bits is modulated as asetof
quadratare amplitude modulated (QAM) symbols and
passed to an inverse fast Fourier transform (IFET), which
combines the complex symbols into a set of real-valued
time domain samples. The receiver applies FFT to convert

the received (possibly corrupted) time domain samples
into the QAM symbols and performs demodulation. In
practice, the so-called cyclic prefix is added to remove the
intersymbol interference (I8I) among the subchannels
[65]. Other subchannel partitioning techniques are sum-
marized in [55].

When the number of the subchannels is large, each
subchannel is sufficiently narrow and the Gaussian noise
is shown to be independent among the subchannels.
Therefore, each subchannel can be approximated as an
additive white Gaussian noise (AWGN) channel which
requires little ot no equalization. The subchannel rransfer
function can be approximated as a set of rectangles using

the value at the center frequency in the

Subchannel Number

subchannel. As such, any subchannel can be com-
pletely described as
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where T, and S, represent the received and
transmitted signal at the kth subchannel, and
1 H,and N, represent the subchanncl gain and
noise at the same subchannel, respectively. A
remarkable feature of the MCM system is that
it allows dara rate, transmitted power, as well
4 as channel encoder/decoder at each sub-
channel to be changed flexibly without affect-
ing the others. This not only achieves the
optimal transmission, but also allows the fast
. adaptation to the time-varying phone linc
channels,
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& 1. Typical spectrally shaped ADSL channels, The channel gain is defined
as the square of the amplitude of the loop transfer function, while the

noise represents the tofal effect of the crosstalks. The ADSL band resides
in 40 KHz to 1397 KHz, which is further partitioned into 256 subchannels

The optimal use of the ADSL channels is
achieved by making the optimum use of all the
subchannels. Each subchannel is associated with
two transmission parameters: transmitted powcer
and data rate. Data rate is defined as the number
of bits per transmission, e.g., four if QAMIO is

of 4.3125 KHz each.
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used and six if QAM64. Assigning equal data rate
and transmitted power to all the subchannels
clearly does not provide the optimal subchannel
usage. From the information theoretic view, wa-
ter-filling [67] can achieve the ultimate system
capacity, where different transmitted power is al-
located to the subchannels according to their
channel gain and noise variance. Larger amounts
of transmitted power arc assigned to the
subchannels with higher channel gain and lower
noise variance. We name those subchannels as
the good subchannels. As a result, the good
subchannels should transmit at a higher data ratc
to maximize the overall transmission data rate for
a given power limit,

There has been extensive study on the alloca-

& 2. Multicarrier basic model,
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tion of power and data ratc to the subchannels,
known as the loading algorithm [61], [68], [69],
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[71], [72]. We will review the loading algorithms in the
following sections.

Multimedia over ADSL

The primary motivation behind ADSL is the delivery of
multimedia services. Farly ADSL system designs empha-
size providing video dial tone (VDDT) MPEG-1 and
MPEG-2 video to end-users. Given the fast growth of
Internet and multimedia applications, the widespread ac-
ceptance of ADSL systems will depend on the ability to
provide efficient delivery and a refined quality of multime-
dia data to the subscribers. As we described carlier, multi-
media data has quite different characteristics compared to
general data, One major characteristic is the layer coded
structure where multimedia dara is constructed into sepa-
rate data streams, each representing a layer. The lavers have
different QoS requirements,

and one/multiple cnhancement layer{s), The basc layer
represents the basic shape of the picture and is the most
important information, while the enhancement layers
carry the details. The layers should be transmitted in such
a way that channel loss is concentrated in the enhance-
ment layer(s). For most communication systems, this can
be accomplished by assigning enough channel resources
to support the basc layer transmission before considering
the enhancement layers. The design of an ADSL system
should follow the same criteria.

There are two rransmission schemes for multimedia

data over ADSL.,

Serial Transmission:

Time Division Multiplexing

ADSL transmission is divided into time slots. In each
time slot, only data from a single layer is transmitted. As

Le., data rate and error per-
formance [BER, symboal cr-
ror rate (SER}].

With limited commumni-
cation resources, c.g., band-
width and transmitred
power, a key design issue in
multimedia communica-
tions is to handle the layers - -,
differently and, therefore, . “
cliiciently. A larger amount
of channel resources should
be assigned to the layers
with higher importance. For
instance, it is well known
that the use of scalability can
enhance the error robust-
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A 3, Serial transmission: Every four time slofs are grouped into a frame, therefore T= 4. This exam-
ple assumes three source layers, where layer I is transmitted in sfot 1,2 and layer 2 in slot 3,and
layer 3 in slot 4. The power and bit-rate allocation in slot 1,2 and 3,4 are different.
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& 4., Error performance across the time slots and subchannels for (a} serial and (b} parallel transmission.
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transmission parameters. We
will study the loading algo-
rithm in the next section.

Parallel Transmission:
Frequency Division
Multiplexing

Most ADSL channels are slow
varying or static. The channel
gain and noise differcnces
across frequency are more se-
vere compared to those across
the time. The serial transmis-
sion copes with such differ-
ences through the power and
bit-rate loading, which elimi-
nates the difference. Such dif-
ferences, however, can be
adopted to provide different

Subchannels

Subchannels
Transmitting Layer
3

4. 5. Parallel transmission: The three source layers are transmitted in the same slot, each occupying
a set of subchannels. Although the time slots are still grouped into frames, for every time slotin a

frame, the power and bit-rate allocation remains the same,

such, the layers are time-division multiplexed. The design
task is thus finding a time slot to layer assignment to
achieve high cfficiency transmission and provide an ac-
ceptable QoS8 to the users, Such a system is named as serial
transmission in [83] and [85]. The tme slot as well as
subchannel structure for the serial transmission is shown
in Fig. 3. For three source layers, time slots 1 and 2 are as-
signed to transmit layer 1 while slots 3 and 4 are transmit-
ting layers 2 and 3, respectively. The subchannel power
and bit-rate distributions arc different in slots 1 and 2
compared ro 3 and 4. It is important to note that within a
single time slot, the power and bit rate are allocated so
that all the usable subchannels perform at the same error
rate. For two time slots transmitting ditferent layers,
however, the subchannels error performances are com-
pletely different. An error performance distriburion
across the time slots and subchannels is illustrated in Fig,
4(a) with the system configuration of four layers from
single or multiple sources, 256 subchannels, and ten time
slots. The BER is constant within the same time slot and
different across the time slots,

The design of the loading algorithm is to find the opti-
mal time slot to layer assignment and then distribute the
power and bit rate among the subchannels differently for
each layer. In this case, the loading algorithm needs to
compute the power and bit-rate allocations for every
layer. In general the layers differ greatly in data size and
error performance requirements, therefore the
subchannel power and bit-rate allocation varics greatly
trom layer to layer. This leads to not only increased com-
putational complexity but also difticulty in the transmit-
ter/receiver design due to the frequent changes of the
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error performances to the lay-
ers, which inspires the parallel
transmission [83], [87].

The essence of the paralkcl
transmission is to utilize the special ADST. channel char-
acteristics by transmitting multimedia layers simulta-
neously, each occupying a set of subchanncls. As shown
in Fig. 5, it is equivalent to frequency division
multiplexing the dara streams corresponding to different
multimedia layers, The parallel transmission relics on a
subchannel-to-layer assignment that groups the appro-
priate subchannels together for the layers. In general, data
from the important layers are transmitted through the
subchannels with better channel performance, i.e., larger
channel gain, lower noisc variance, or simply the good
subchannels. Such assignment provides reliable transmis-
sion to the most important layers without large power
consumption, It could be more advantageous under low
power constraints, In contrast to the serjal transmission,
the parallel transmission can integrate various traffic
flows with different QoS requirements without any fre-
quent channel parameter changes.

The error performance distribution of the parallel
transmission is quite different from that of the serial
transmission, as can be seen from Fig. 4(b). It achicves
constant error performance across the time slots bur dif-
ferent error performances at the subchannels transmit-
ting different layers. For this reason, the associated
loading algorithim is different from that of the serial
transmission, It consists of a subchannel-to-layer assign-
ment scheme which assigns the optimal number of
subchannels to each layer, and a subchannel power and
bit-rate allocation scheme which realizes different error
performances across the subchannels. The loading algo-
rithm is described together with the serial loading algo-
rithm in the following section.
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Channel Loading Algorithms

Here we describe the loading algorithuns for the serial and
parallel transmissions. In general, the optimization prob-
lem has two forms: minimizing channel resource usage
for a given QoS requirement and maximizing media qual-
ity for a given amount of the channel resourees.

Problem I: Channel Resource Consumption
Minimization for a Given QoS Requirement

The success of multimedia business depends on how to
provide user satistied services at low service cost. Toa com-
mumication system, the service cost would mainly depend
on the channel resource consumption. Hereby we inter-
pret power consutption as a major and informative indi-
cator of the channel resource consumption and emphasize
the loading algorithm design on tinding the appropriate
time slot/subchanncl-to-layet assignments as to minimize
the total transmitted power usage, The constraints of the
problem are the targeted throughput and error perfor-
mances, defined differently by cach layer. A typical applica-
tion in this case would be an integrated aundio, video, and
data service where each service is classified as a layer. Or, it
can be multple andiovisual objects from the same source
as in the interactive multimedia applications, i.e., MPEG-4
| 24], where cach object defines a layer. In both cases, each
layer is associated with a targered data rare and BER. The
cotresponding throughput in terms of the number of bits
per transmission can be determined from the data rates and
the system sampling rate.

The stot/subchannel-to-layer assighments rely on a
novel yet simple bit-rare and power allocation scheme
which achieves the same BER across the subchannels to
be optimized. For the parallel transmission, these
subchannels are simply the ones that transmir the same
laver in a single ADSL transmission. This allocation
scheme is cssential since for each layer itcan effectively re-
duce the transmitted power consumption and achieve the
throughpur and BER requirements. Scveral algorithms
have been proposed in this arca [61), [684, [71], [72].
These techniques assume that all the usable subchannels
perform at the same error performance, which stands for
the optimal solution for data transmission. We hercby re-
fer to them as data loading algorithms, The algorithms
are developed based on the water-filling approach.

Each independent subchannel is equivalent to an
AWGN channel, with SNR valued E, G where E| repre-
sents the transmiteed power and GG repr cqcnrs the channel
gain to noise ratio (CGNR) G = H|* /N . The rate bpro-
vides a measure of the subchannel throu ghput and is com-
puted as

(3)

I measures the SNR distance from the capacity
(C=log, (1+SNR)). For uncoded QAM, T is directly re-
lated to the bir error performance. For instance, fora BER
of 1078, T =88 dB. Rased on the water-filling result [671,
the power allocated to cach subchannel is proportional to
r/G,, where G, represents the CGNR of subchanncl Z.
Subchannels with large G, referred as the good
subchannels, are allocated with higher amount of power.
The corresponding &, can be computed from (2), which
can be any real number. The current transmission systems,
however, support only discrete bit rate, The
Hughes-Hartog algorithm suggested a greedy algorithm
which assigns the bits successively to the subchannels unil
the data theoughput is reached [61]. Tn [71], the bit-rate
distribution is computed by rounding of approximate wa-
ter-filling resuits and finding the optimal . Another power
allocation algorithm based on table-lookap is described in
[72]. A technique that appeared recently is the Campello
algorithm, which achieves the optimal system perfor-
marnce and provides adaptation to channel variations [68].
An important feature of this kind of loading algorithm is
that different toral power constraints results in different
mumber of the usable or “on™ subchannels. A subchanncl is
usable or “on” if it is assigned with nonzero bit rate there-
fore carrics information.

Serial Transmission: Time Slot Assignment

Time slor assignment generates a set of time slot distribu-
tions. For rcal-time services, a set of T time slots are
gr()upcd together into a time frame, where the slot assign-
ment is repeated frame by frame. This is similar to the
time division multiplexing (TDM). Within a single time
frame, that is T slots, the channel is assumed to be static.
In this case, the time slots 1saignmmt is to find the opti-
mal distribution of {T }f ,with a constraint of

SNR
b=log, (1 + 217 T, =T for N source hycrs The optimization can be
(2) Ltpru;cntcd mathematically as follows:
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Gi S
iven Qo {R 1 BER

Requirement # J =t
N
1 N
Find {T, 1}, . where ETM =T to
ar=1
inim i
Minimize E= Z E, (Km +HBER G ),
i?i l
C s
— Z m r BE]'{#H (2 ok )
m k=1
JH
where me =R

(4)

where E_ s the power consumption of all the usable
subchannels when transmitting laver sz, and E represents
the average power consumption per fransmission; R, is
the throughput requirement of layer s and C |, represents
the number of subchannels that are “on” during layer z’s
transmission; g,and &, represent the CGNR and bit
rate at subchannel %, respectively.

For each distribution, the throughput and BER to be
achicved in each time slot can be computed based on the
required data rate and the number of time slots assigned
to the layers. Then, within each time slot, the data loading
algorithm is applied to compute the power and bit-rate al-
location based on the layer’s requirements. The optirmal

time slot assignment is the one with minimum amount of

the transmitted power. Figure 6 shows the structure of
the serial loading algorithim. An exhaustive search can be
applied to find the solution.

Parallel Transmission: Subchannel-to-Layer Assignment
The subchannels are first sorted in a decreasing CGNR or-
der, and the layers are sorted in an increasing BER order.
The subchanncls-to-layers assigmment is to compute the
optimal number of subchanncls defined as {C, }" _ for N
souree hycm to minimize the total power consumption.
Foragiven{C,, }" ,,subchannels 1 toC, transmit layer 1
while subchannels C; +1to C, +C, transmit layer 2, and
so on. The corresponding oprimization problem is then

Given QoS
_Q {R.. BER,,
Requirement =1
N
Find {C,.}. ., where yC,<C, to
m=1
Minimize E= zEm (R a1 BER, Ol
L & T(RER
-3 3 MR )
wm=lh=C, 41
where ibk o
b=y 21 ' (5)
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Here E represents the total power consumption per
ADSL transmission.

For the subchannels transmitting each individual layer,
the data loading algorithm allocates the power and bit ratc
and computes the overall power consumption, The
subchannel-to-layer assignment picks the optimal assign-
ment as the onie with minimal overall power consumption.
The paralle] loading algorithm is shown in Fig. 7.

An exhaustive search can be applied to find the best
{C,,}"_ distribution by comparing the power consump-
tion. In [84], a successive scarch algorithm was devel-
oped. It defined two cfficiency measures to detect
whether the optimal solution is reached.

Subchannel Distribution Efficiency

For a given number of total subchanncls in use, if no
movement of a single subchannel from one layer to an-
other, excluding layer N +1, can reduce the power con-
sumption, then the subchannel distribution efficiency is
achicved.

Total Subchannel Efficiency

This is to decide what is the optimal number of
subchannels occupiced by all the layers. If no movement of
a single subchannel from layer N'+1to layer /[T, N]can

T internet %ﬁi%ﬁ:m&s,
ﬁg@g}n{% efficient

N

To provide fast
ADSL should s
image fransnissions.

reduce the power consumption, then the total subchannel
efficiency is achicved.

Here the (N +13th hycr is introduced to represent the
subchannels that are “off.” The optimal solution must
satisfy the above two efficiencies. The loading algorithm
starts from a particular subchanne! distribution
LSNP G b, where C i is the minimal
number of subchannels to carry layer £ This initial distri-
bution satisfics the subchannel distribution efficiency. It
it also satisfics total subchannel efficiency, the solution is
reached. Otherwise the algorithm finds the layer that
yields the maximal power reduction by adding one
subchannel to it. After updating the layers, the
subchannel distribution efficiency may not held and, if
s0, {C,} ¥ is optimized by moving the subchannel from
layer to layer except layer N + L. This is repeated until the
distribution satisfics both the subchannel distribution cf-
ficiency and the total subchannel efficiency. The detailed
optimization can be found in [84].

TemlETRRER
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Ouiput: Power Consumpnon
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B T 6B e
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A 7. Loading algorithm of paralfe! transmission.
JULY 2000 IEEE SIGNAL PROCESSING MAGATZINE 53



Problem Ii: 34

Quality Maximization for a
Given Amount of Channel Resources Kiehy

~— Parallel
-=+ Serial

This optimization problem is usnally asso-
ciated with single media applications such
as image downloading and streaming
video and audio. For image video and au-
dio, the receiving quality is usnally mea-
surcd as the distortion berween the
original and the reconstructed data. The
overall distortion depends on both source
coding and channel transmission. Since
our interest resides in the study of the of-
fectiveness of ADSL channel transmission,
the channel distortion provides a sufficient
indicator in the cvaluation of the receiving
quality. Less distortion indicates better

PSNR (dB)

quality. The channel distortion can be ap- 4

proximated as [75]

5 10 15 20 25
Average Power Consumption Eavg (dB)

N
Dt = Zl)em WW (6)
=1

4 8 Received PSNR performances as a function of the average subchannel power
consumption. Both parallel and serial transmissions are shown and compared.

Image Lena is compressed to 0.5 bpp and 0.1 bpp using four-level subband cod-

where W, represents the average distor-
tion caused by a single bit error at layer m
and Pe,, is the BER for layer s, which is a
function of power, bit rate, and channel
gain. While the W, is determined mainly by the source
layer, the loading algorithm can find the optimal Pe,, dis-
tribution se that the distortion D, can be minimized.
The loading algorithms are based on the fact that the
subchannels transmitting the same layer should have the
same BER performance, For this optimization, however,
the designing criteria of the power and bit-rate allocation

lations.

scheme is to minimize the BER for a given amount of

power consumption while achieving the throughput, As
such, the BER for cach layer is unknown prior to the opti-
mization. A simple loading algorithm addressing this
problem is proposed in [69]. Define R, as the
throughput associated with layer 2 in a single ADSL
rransmission. Using the bit rate and power loading algo-
rithm in [69], Pe,, can be computed as

IJB (Rm T m,T TGJ» )Cm )
(7)
where
C
Gp=—

m

22(11 £, /ﬂ;

Lkl

e

is the rate averaged channel gain to noise ratio
(RACGNR} for layer # and
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ing combined with vector quantization scheme. The simulated ADSL channel is
configured as 256 subchannels, 512 bits throughput, QAM4, 8, 16, 32, 64 modu-

T (:M
E, . =YY" E
m, 1€ i

PR

represents the total power consumption of the
subchannels transmitted layer m. We refer £, . as layer
power. And the power constraint is defined as
Zm IEm » < E, where E_ represents the total power con-
sumption, a mq]or mdlmton of the channel resource usage.

Under the above assumption, the optimization func-
tion for this type of problem can be formulated as

. N
Given throughput {R T ,Wm} o

Fll'ld {Etu N 3(‘1)1 3Tm } =1 ’
Minimizc D zljgm (Rm ﬂbm 3Cm Y )Wm 2
1
- . 7 = N
subject to Zib‘m SE,., ZCm =C,
m=1 w=1
(8)

where E,.is the total power constraint, C,, is the maxi-
mum number of subchannels allowed to use, and Pe is the
BER function.

Parallel Transmission

From (7}, fora given subchannel-to-layer "mignment and
the layer throughput requirements {(,m, o wo» thE
BER and thus the power and bit-rate assignment depend
on E, ,and E,. According to [83], E s are derived

through a layu lcvcl power allocation as
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E,. =0 (M, /W,)

w, T o,

(9
wherc
@, (=% expiea)
X (10)
and A, satistics
N o ‘
WZ:I(DFL,,, (?\’ npt/Wm )= b"}‘
M 3(; i
with o, =——— ey .
2C’m (2’ . ; 41) (11)

The major task in the loading algorithm is to find the
optimal {C’, }¥_ distribution to minimize the channel
distortion 1, . Similar to the parallel loading algorithm
for the resource minimization problem, a successive
search can be applied. In this case, the total subchannel
efticiency and subchannel distribution efficiency are de-
fined with respect to the goal of distorrion
minimization. The loading algorithm starts from
{C,, =C,, 1o - Theoptimal {E, .} _ is derived us-
ing {9). The algorithm then examines the total
subchannel efficiency to decide whether to increase the
occupicd subchannels. Any change in subchannel as-
signment would yield a different {£,  }>  and thus a
different subchannel power and bit-rate assignment.
The algorithm then examines the total number of
subchannel efficiency and repears the same procedure
until both efficiencics are satisfied. To further reduce the
computational complexity, several suboptimal algo-
rithms have been developed in [83].

Serial Transmission

The time slot-to-layer assignment also requires a layer
level power allocation to achieve different error perfor-
mance during different time slots. We define the sum of
subchannel power during layer #2’s transmission to be
¢,,and the number of slots assigned to layer m be T, For
agiven{T, " . the optimal{e, " _ can be resolved by

=l ? w=l

finding the A such that

N . A
Ep =y 2o
=l T (1 _p 'l )Wm +pm+] Wer]
(12)
where
BIH :(I)&I x T
" (l - pm )Wm +pm+1 Wm-\-l
3
Bm = By 1 C, ] s .
Cm i=l ﬂi
R, . represents the throughput during the time slots

transmitting layer s, and C , represents the total number
of usable or “on” subchannels to transmit layer # [83].

Some Applications

Having studied the optimization algorithms for both sc-
rial and parallel transmissions, we will present some typi-
cal applications that utilize those two schemes for ADSTL
transmission,

Log10 (BER)

BER Distribution
{a)

35 : . : .

207

15(

107

Power (dB) and PSNR (dB)

3
BER Distribution
o)

& 9. Subband image simulation results: (a) Image subband BER distributions created based on user requirements and (b} average
channel power usage for image subbands at different BER distributions. Image Lena is compressed to 0.5 bpp using four-level
subband coding, vector quantization scheme. The simulated ADSL channel is configured as 256 subchannels, 512 bits throughput,
QAM4-64 modulations. The PSNR of the reconstructed image is also illustrated for reference purpose.
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A 10. Performance comparison of the parallel and serial transmissions combined with EREC using 60 frames of (a) “Trevor” and (b)
“Miss America” sequences. The performance measure is the averaged PSNR over 60 frames versus average pawer consumption per
subchannel. (Note: For a color picture, PSNR is an average of ¥, C,, and C, components, that is PSNR = 4PSNR, + PSNR,., + PSNR, /6.)

Image Transmission

Today’s key Internet activities such as E-commerce re-
quire significant amounts of image downloading. T'o pro-
vide fast Internet access, ADSL should support efficient
image transmissions. Subband/wavelet coding has been a
well-known scheme for image compression [4], [75],
[82]. The compressed image consists of a set of subbands
with different levels of perceptual importance. Therefore,
they can be classified into layers, We use a typical
grayscale image “Lena” in the simulation. The ADSIL sys-
tem consists of 256 subchanncls, employing both serial
and paralle]l transmission schemes. The bit rate that cach
subchannel can transmit is bounded by R =6 and
R . =2. The corresponding modulations are QAM64,
QAM32, QAM16, QAMS, and QAM4,

First, the “Quality Maximization” problem is consid-
ered where the image quality is measured in terms of
peak signal to noise ratio (PSNR =10log(255% /MSE)).
MSE represents the mean squared error between the
original image and the reconstructed image, a distortion
measure widely used. The power constraint is repre-
sented as the average power consumption per
subchannel £, = E../C. where C,. is the toral number
of subchannels in the ADSL system, in this casc,
C, =256. We refer to the throughput for cach ADSL

Table 2. QoS Requirements.
Requirement gggv;gi 1 | Service2 | Service ,3
/s | 64 Kbys 0 Kb/s
QoSl 107 107 L0
QoS2 107 1073 107
QoS3 197 107 1076
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transmission as B,.. For the parallel transmission, the
amount of data from cach layer in a single transmission
is computed proportionally to the bit size of the layer.
Figure 8 illustrates the received peak signal-to-noisc ra-
tio (PSNR) versus E, performance. The paralle! trans-
mission outperforms the scrial transmission.
Particulacly, for B, =512, it achieves a 8-10 dB PSNR
improvement at 0.5 bits per pixel (bpp) source rate and
4-6 dB at 0.1 bpp source rate. We observe that for the
same power constraing, increasing throughput B re-
sults in decreased PSNR performance, since carrying
mote information using the same power would sufter
trom degraded error performance. We also observe that
the parallel transmission yields increased performance
improvement as the throughput increascs, especially for
B, valued at 10 dB and higher,

Next, we want to define the Qo8 requirement in terms
of the subband BER. For instance, subband 1 requires
BER1, subbands 2 and 3 require BER2, and the rest re-
quire BER3. In Fig. 9(a), four BER distributions arc
shown ranging from 107 to 107, The resulting average
power K, s for both the scrial and parallel transmissions
are computed and compared in Fig. 9(b). We obscive
that the parallel transmission maintains superior perfor-
mance tor all the scenarios, Comparing the performance
improvement achieved for distributions 2 and 3 to that of
distributions 1 and 4, we can conclude that the parallel
transmission is very uscful for delivering a mixture of lay-
ers with large BER differences.

H.263 Low Bit-Rate Video

The recent development of video coding emphasized im-
proving the error resilience of compressed video streams.
One of the key features in crror resilience is being able to
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11 Transmitted power consumption versus data throughput for (a)

256 subchannels and using QAM modulations with R , = 2.

extract and separate the important information and uti-
lize unequal error protection. Within a video bit stream,
information bigs arc of different importance. Using
H.263 low bit-rate video as an cxample, low frequency
coetticients, particularly DC coefficients, represent more
impeorgant information compared to high frequency coef-
ficients; motion vecrors have more impact on the de-
coded video quality than DCT coctficients if corrupted.
The error-resilient entropy code (EREC) was applicd to
separate the informartion bits into the layers [86]. EREC
was originally proposed in [76] and [77] to provide in-
creased resilience to random and burst errors while main-
taining high compression. It reorganizes variable length
blocks to fixed length slots such that cach block starts ar a
known position and the begimning of cach block is more
immune to crror propagation than those at the end. In
[86], cach slot is further divided into layers and both the
parallel and serial transmission arc applied to achicve dif-
terent error performances for ditferent layers. Figure 10
shows the decoded video quality in terms of PSNR based
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& 12, Performance comparison of coded and uncoded system
using “Lena.”
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R. =6and (b) R, =12. The ADSL system is configured to have

max

on 6{} frames of the standard QCIF {176 x 144 pels} color
sequences “Trevor™ and “Miss America.” We observe that
the parallel transmission with the EREC system achicves

2-4 dB gain over the system relying on the serial transmis-
sion with EREC [86].

Integrated Service of Video, Speech, and Data
To cover a wide varicty of multimedia services, we select
three services with data race 200 kb/s, 64 kb/s, and 10
kby/s, respectively. The QoS requirements are listed in Ta-
ble 2. The QoS1 corresponds to the integrated video,
speech, and data scenario in Table 1. The power con-
sumption for the serial and parallel transmission systems
are studied in Fig. 11, Clearly, the parallel transmission
results ina 0.5-1 dB power reduction compared to the se-
rial transmission. It is not surprising that as the throngh-
put increases, so does the power consumprion [88].

We arce interested in examining the effectof R for a
fixed R . By comparing Fig. 11(a) and (b), the power
consumption with (R, —R . =11) modulators avail-
able at transmittet/receivers is 2-3 dB lower than thar
with five modulators, This i1s duc to the fact that al-
though the subchannels with higher channel gain are as-
signed with more power to transmit at higher rate,
R puts a constraint on the highest bit rate, so that any
assigned bit rate higher than R is truncated. Instead,
the system has to assign the subchannels with lower
channel gain to carry the information which results inan
increased power consumption.

Further Channel Optimization

Through Coding

Powerful coding techniques, such as trellis codes, are fea-
sible means for further improving the system perfor-

mance [79]. There can be many ways to concatenate
trellis codes onan MCM system. Most of the existing ap-
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proaches use a single encoder/decoder which codes across
the subchanncls [81]. It has the advanrage of low decod-
ing latency and complexity. Ttalso propagates the error in
one subchannel to others. As a result, the subchannel per-
formances depend upon one another. This is not feasible
in the parallel transmission system.

Inn |83], it is proposed to use separate encoder/decod-
ers for the subchannels transmitting differenc source lay-
¢rs, Since the number of source layers is usually small,
this will not yicld great increase in complexity and la-
tency. Figure 12 shows the performance comparison of
the uncoded system the coded system using Wei’s
four-dimensional, 16 state codes combined with trellis
shaping [80].

Summary and Discussion

This tutorial describes the present transmission systems
for delivering multimedia services over ADSL, We em-
phasize two transmission techniques; the parallel trans-
mission that wilizes frequency division multiplexing and
the serial transmission that urilizes time division
multiplexing, We have defined two optimization prob-
lems: 1) minimizing channel resources for a given sct of
QoS requirements and 2) maximizing receiving quality
for a given amount of channel resources. We then studicd
the corresponding channel loading algorithms for both
scrial and parallel transmission. The algorithms are ap-
plied to a subband coded image, H.263 video, and infe-
grated services. From the simulation results, the parallel
transmission outperforms the serial transmission by
matching the channel characteristics to the multimedia
characteristics. It achieves uncqual error protection natu-
rally and efficiently. We observe that the performance de-
grades as the channe! throughput increases, for a given
amount of ¢channel resource. Furthermore, the number
of modulators R puts a limit on the system capacity.
Such limitation can be resolved by sophisticated hard-
ware cvolutions which allow a large number of moduta-
tor/demodulators in the transmirter/receivers. In
conclusion, iris clear thar an ADSIL system with the paral-
lel transmission can provide reliable and yet resource effi-
cient transmissions for both single and integrated
multimedia services,
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