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Abstract

This paper addresses the transmission of low bit-rate video image sequences through mobile satellite channels to
provide portable communications services to remote areas. The particularly challenging aspects of this transmission
channel include (1) rapid fading and log-normal shadowing, (2) low signal-to-noise ratio (SNR) due to the noise-limited
channel, (3) the satellite’s geostationary orbit which incurs a large 250 ms roundtrip propagation delay, (4) limited existing
bandwidth near 2 GHz; the video service is to overlay existing Mobile Satellite (MSAT) voice service using a minimum
number of 6 kHz (analog bandwidth) channels, and (5) the use of travelling-wave-tube amplifiers which preclude the
bandwidth-efficient quadrature amplitude modulation (QAM) proposed for terrestrial high-definition TV (HDTV)
broadcast. In the proposed concatenated system, the inner codec is compatible with both voice as well as future-oriented
error-resilient, scalable video compression schemes. The key issues are the joint design of on-line channel estimation,
soft-decision decoding, trellis-coded modulation (TCM), interleaving depths, and error correcting codes. We have shown
through end-to-end bit-level simulation, that highly reliable transmission of 24 and 64 kbps video (H.263) can be realized
at 15 and 40.5 kBd, respectively, with low delay, power and modest overall system complexity. © 2001 Elsevier Science
B.V. All rights reserved.
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1. Introduction protection [12,3] in which a coded video data
stream is split, prioritized and separately protected
using forward error correction or an automatic
repeat request (ARQ) protocol. However, a mobile
satellite channel that employs a geostationary satel-
lite link has delay requirements that are too strin-
gent to support an ARQ feedback-re-transmission
iteration. It is also worth noting that the multi-
stream data partitioning overhead may increase as
the bit-rate is lowered. Although a multi-layer error

Although a number of systems have been pro-
posed for the transmission of video over terrestrial
mobile channels subject to multipath fading, none
are particularly suited to mobile satellite transmis-
sion. One possible approach involves layered error
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protection approach has been shown to be promis-
ing for personal communications systems, at least
for very low (1 Hz) pedestrian Doppler fading rates
[12], the performance in the more rapid fading
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encountered at vehicular speeds in general mobile
satellite applications is an open question.

Both error control coding and ARQ can be
avoided by expanding transmission bandwidth
through subband source coding with built-in error
resiliency [17]. However, this proves costly in nar-
rowband applications, as will be quantified later.
Although the approach in [17] results in a low
power receiver implementation, the problem of low
power transmission also needs to be addressed,
a capability required for video conferencing of re-
mote video links from moving platforms.

The mobile satellite channel has different modula-
tion requirements than that of terrestrial systems
which has impact on overall system design. Stedman
et al. [20] and Streit and Hanzo [21] have proposed
a mobile video transmission system based on
highly bandwidth efficient quadrature amplitude
modulation (QAM) for cellular application. QAM
constellations have also been proposed for terres-
trial HDTYV broadcast. However, QAM transmis-
sion cannot be applied to the satellite channel since
constant envelope modulation is required to allow
travelling wave tube power amplifiers on the satel-
lite transponder to operate in their linear region.

Other related research on robust transmission of
video over mobile channels involve the develop-
ment of subband coding algorithms optimized for
low bit-rates [17-19,22]. Error resiliency can be
achieved by a fixed length coding of quantized
subband image blocks. Their main advantage is
scalability. To increase the bandwidth efficiency of
subband codecs, motion compensation-subband
codecs have been proposed [18,22] with overall
complexity approaching that of hybrid motion-
compensated codecs. Their primary advantage
over hybrid codecs, however, is scalability rather
than bandwidth efficiency.

The objective of this paper is to evaluate the
impact of integrating different source and channel
coding strategies for video transmission over mo-
bile satellite links. Previous studies have been car-
ried out to determine the applicability of TCM to
voice transmission over the mobile satellite chan-
nel, including [16,23], where bit error rates (BER)
of 1073-10"* have been achieved at an SNR, in
terms of E,/N,, ranging from 9 to 11dB. A much
lower BER is required for video. A well-studied

method to improve transmission reliability is
by employing concatenated coding. In [26],
a Reed-Solomon (RS) code, concatenated with
TCM, is proposed for Rician and Rayleigh multi-
path fading channels. However, the analytical and
experimental results in [26] are limited to the case
of perfect fading phase information. In this paper,
we address channel estimation to enable the use of
coherent phase modulation in the fading channel.
More significantly, rather than treating video in-
formation as generic data with a target BER, we
have undertaken a subjective evaluation of image
quality through a complete end-to-end bit-level
simulation. Besides increased rate-distortion in-
formation, a further advantage of end-to-end simu-
lation over many analytical performance studies is
that finite interleaving performance can be directly
evaluated so that the actual transmission delay can
be traded-off against performance.

In the following, the channel model is first
described in Section 2, two concatenated coding
systems are proposed in Section 3, including an
assessment of different channel state estimators.
Section 4 reports the results of a complete end-to-
end software emulation of the full concatenated
coding system, including comparisons with an er-
ror resilient combined source and channel coding
scheme of [17] as well as its 3D extension. In
Section 5, the final discussion comments on low
power implementation issues.

2. Channel model

Mobile satellite channels are distorted by multi-
path fading, Doppler frequency shift and attenu-
ation of line-of-sight (LOS) from foliage [15].
Rician or shadowed Rician [15] fading can be used
to mathematically model the distortion on the
channel, which is often referred to simply as fading.
The distortion is particularly severe in northern lat-
itudes such as in Canada where the angle between
the LOS and the horizon is 15-20°. Typically,
a Rician model assumes a constant LOS, whereas in
a shadowed Rician process the LOS is lognormally
distributed. It has been shown that a third-order
Butterworth low pass filter [23] gives a close match
with experimental second-order statistical satellite



W.X. Wang, S.D. Blostein | Signal Processing: Image Communication 16 (2001) 531-540 533

Table 1
Shadowed Rician model parameters

Parameter Light Average Heavy

bo 0.158 0.126 0.0631

Uo 0.115 —0.115 —391
/d, 0.115 0.161 0.806

channel measurements [15]. At time k, the received
symbol y, is related to the transmitted symbol x; by

Vi = X + g, (1)

where ¢, is the complex fading channel gain and
n, is complex additive white Gaussian noise. The
¢ are generated by three independent random vari-
able sequences. The 3dB cutoff frequency of the
third-order Butterworth filters is equal to the nor-
malized Doppler frequency f, and the filter fre-
quency response is
) 3 1

P =20 T+ (o)™ 2

This filter spectrum has unit energy gain; that is,
the total area under |H(f)* is unity. Given the
above fading frequency spectrum, the output nor-
malized autocorrelation is given by [27]

p(x) = Hlexp( — 9/3sin((/39)
+ cos(\/39)], (3)

where 3 = |nfy1]. The complex channel gain ¢, for
the shadowed Rician model is given by [15]

29 + exp( —

lee? = expuo + 2do) + 2b. (4)

The model parameters pg, dy, and b, have been
determined experimentally and are given in Table 1
for light, average as well as heavy shadowing. Our
investigation concentrates on light and average
shadowing indicative of a light to medium forested
area.

3. Concatenated coding system

The source-channel coding theorem [8, The-
orem 8.13.1] which applies stationary sources and

discrete memoryless channels, states that source
code and channel codes can be designed separately
and then concatenated to achieve optimal perfor-
mance. However, the sources and channels con-
sidered here are not stationary or memoryless. In
fact, performing source and channel coding jointly
may decrease system complexity, as demonstrated
in [17]. Wei [29] proposed an unequal error pro-
tection scheme for additive white Gaussian noise
channels (AWGC) with a nonuniformly spaced sig-
nal constellation. In [29], the data from video
source encoders are classified into different priority
classes and each class is coded differently. This
scheme, however, is not applicable for fading chan-
nels because transmission of video over a wireless
link differs from a physical link in that there is
no guaranteed reliable transmission rate in which
higher priority information would experience
a much lower BER than lower priority data;
rather, mobile links are subject to deep fades where
all data is equally subject to loss. Secondly, when
the source is highly compressed, any extra over-
head arising from prioritizing data streams
becomes more significant. Finally, a joint
source—channel coding system may be inflexible
with respect to different sources, channels, source
coding techniques, and channel coding techniques,
which is required to support the transmission of
multimedia.

Trellis-coded modulation (TCM) conserves
bandwidth while achieving high coding gain. For
example, it can be shown that a coding gain of
3.6dB is achievable using 8-state, 8-PSK TCM
over uncoded quadrature phase-shift keying
(QPSK) [5,27]. The decoding of TCM is typically
based on the Viterbi soft-decision decoding algo-
rithm [5]. Trellis decoding branch metrics are com-
puted over all possible data symbols x;, e.g., we
minimize
m(yi, Xi) = |y — Eexil?, )
where ¢, is the estimated fading channel gain and
the other quantities are defined in Eq. (1). We
remark that TCM has not been shown analytically
to be optimum in channels with memory [11], as is
the case where channels experience fading and
finite interleaving is employed.
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3.1. Channel estimation

Motivated by the need for bandwidth efficiency
and coding gain within the constraints of the satel-
lite channel, we propose 8-PSK modulation. Here,
a phase reference is required to correctly demodu-
late the signal, i.e., we must estimate the complex
gain ¢, in Eq. (1), for all k. In the following, it is
assumed that correct symbol timing information is
received. It has been previously shown that for
DSP-based satellite modems, the system degrada-
tion due to imperfect timing is less than 1dB [4].
Rather, we incorporate the effects of imperfect
channel estimation on system performance as well
as compare five different techniques.

Pilot symbol-assisted techniques are both simple
and well suited for channel estimation and involve
periodically transmitting known symbols x; to ob-
tain estimates of ¢ if n; is small [6]. The simplest
pilot-symbol-assisted (SA) technique, involves lin-
ear interpolation of the ¢, between training sym-
bols. To improve SNR (E,/N,) performance at the
cost of increased delay, symbol-aided decision-di-
rected (SADD) channel estimation can be used by
incorporating decision feedback at the data sam-
ples [11]. As an alternative to linear interpolation,
decision feedback with adaptive linear prediction
(DFALP) has been shown analytically to improve
BER performance for the case of fast Doppler fad-
ing channels [13]. A minimum delay channel es-
timator, the optimum one-step linear Kalman
predictor, also has been proposed [9,27]. This
scheme can be further enhanced with soft decision
feedback using the multiple model algorithm [2,27].
All five techniques have been implemented and
tested on the mobile satellite channel described in
the previous section. Although space limitations
prohibit detailed comparison among these five dif-
ferent techniques, Fig. 1 shows a representative plot
of the BER performance of the different techniques
as applied to the mobile satellite channel for the
case of uncoded QPSK modulation. A detailed
comparative study can be found in [27]. From
Fig. 1, it can be seen that the simplest technique,
SA, is the preferred compromise for the mobile
satellite channel. We note that the added delay of
all channel estimation schemes are all small (no
more than 20 ms) as compared to that of the chan-

+SA[21]

0 SADD [22]
*DFALP [23]
x Kalman [24]

. Multiple Model [15]

Error Probability

. .
20 25 30 35
Eb/No (dB)

Fig. 1. BER for SA, SADD, DFALP, Kalman filtering, multiple
model algorithm in light shadowed Rician fading, normalized
fading bandwidth at 0.05, pilot symbol rate at 5, uncoded QPSK
modulation.

nel roundtrip delay. As a result, the added complex-
ity and SNR performance cost of DFALP as well as
the Kalman-based predictors to reduce the delay
further cannot be justified. In addition, Fig. 1 gen-
erally agrees with the conclusions in [11,13] that
decision feedback cannot improve BER perfor-
mance appreciably at these low SNR values.

In the SA channel estimator employed in later
sections, one training symbol is sent for every
9 data symbols (k, = 10), a value that is able to
track the fading gain of high-speed vehicles while
adding only modest transmission overhead. The
normalized Doppler frequency, f,, corresponding
to a carrier frequency of 2.5GHz and a vehicle
speed of 100 km/h for 24 and 64 kbps data rates are
0.015432 and 0.005787, respectively.

3.2. Error-control coding

It is well known that in fading channels employ-
ing soft-decision decoding of convolutional codes
such as in TCM, errors tend to occur in bursts.
Multiple error correction capability of forward er-
ror correcting (FEC) codes such as that of the RS or
Bose-Chaudhuri-Hocquenghem (BCH) codes [14]
are therefore required. Fig. 2 shows the concat-
enated coding block diagram, consisting of video
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Fig. 2. Concatenated coding system block diagram. Source coding (compression) is followed by outer (RS or BCH) error control coding,
outer interleaving, trellis coding, pilot symbol insertion, inner interleaving.

image compression followed by outer FEC, op-
tional outer interleaving, inner TCM, pilot symbol
insertion, inner interleaving and 8-ary phase shift
keying (8-PSK) modulation. The inner interleaving
is performed to spread the TCM-induced error
bursts. Also, in satellite communication systems,
the long roundtrip delay severely limits the possible
depth of outer interleaving.

We propose a concatenated coded modulation
scheme where the inner code is a 2/3 rate, 8-state
8-PSK TCM [24], SA channel estimation, an inner
interleaver with depth dependent on symbol rate,
no outer interleaving and an outer FEC consisting
of a (255,223) standard NASA RS code. We refer to
this as System 1. In System 1 no outer interleaver is
used due to the large delay incurred by the RS code.
We note that the RS block code (255 x 8 bits) can
correct 16 8-bit symbol errors, ie., 128-bit burst
errors.

We have compared System 1 to an alternative
concatenated system design that employs a simpler
(255,233) BCH outer code that can correct four
bit errors. As expected, at comparable delays,
the greater error correction capability of RS codes
was observed. Therefore, an outer interleaver
was added to the BCH system. When the outer
interleaving depth exceeded 20 symbols, corre-
sponding to a delay of 196 ms at 64 kbps, the BER
performance of the BCH system started to exceed
that of System 1, which has an overall delay of

89ms at 64kbps. For example, at 10dB SNR,
BERs 0f 2.90 x 10~ ° and 5.81 x 10~ > were observed
in light and average shadowing conditions, respec-
tively, as compared to 3.84 x 107> and 7.41 x 10>
for System 1. Similar results were observed at
12dB SNR.

Motivated by the above, System 2 was chosen for
detailed investigation that differs from System 1 in
that the RS code is replaced with an outer (255, 223)
BCH code combined with an outer interleaving
depth of 80, which provides for improved SNR
performance with a much greater delay penalty.
Although not presented here, we note that the use
of shorter outer codes are possible such as the BCH
(31,16), which enables simpler implementation and
low delay but at a cost of significant bandwidth
expansion.

3.3. Inner coding performance

To quantify the effect of concatenated coding on
the mobile satellite channel, Fig. 3 indicates that
BERs of 107 °-10~* can be achieved by inner codes
alone at SNR in the range of 9-11 dB. Inner inter-
leaving depths of 30 and 60 symbols were used, for
24 and 64 kbps transmission, respectively.

By way of comparison, we have evaluated the
inner-coded system performance in more con-
ventional Rician and Rayleigh fading channels
found in terrestrial systems. Although the Doppler
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Fig. 3. Inner TCM code performance for 24 and 64 kbps, inner
interleaving depths are normalized fading bandwidth at 0.0154
and 0.0057, respectively, SA channel estimation with pilot sym-
bols every k, = 10.

+ 24kbit/sec
0 64kbit/sec

Error Probability

10 . . . .
10 12
Eb/No (dB)

Fig. 4. Inner TCM code performance for 24 and 64 kbps over
a Rayleigh channel with k, = 10.

frequencies are the same under shadowed Rician,
Rician and Rayleigh fading channels, the low-pass
filter bandwidth used in the SA channel estimation
algorithm must be set differently for the three dif-
ferent channels to assure maximum performance.
Based on exhaustive search, it was found that the
low-pass filter bandwidth should be set largest (no
filtering) for Rayleigh fading, smallest (0.22) for the
Rician (K = 10dB) channel and 0.36 for shadowed

Rician fading channel, where a bandwidth of 0.5
corresponds to a frequency of © rad/s. Comparing
the results in Figs. 3 and 4 we note that a Rayleigh
channel requires an additional channel SNR of
approximately 5 dB to achieve the same inner TCM
code performance. In addition, an extra SNR
margin of 2dB is required for a conventional
Rician channel with a K-factor of 10dB. See [27,
Fig. 3.25].

3.4. Concatenated coding performance

In Fig. 3, the different normalized fading band-
widths result from different data rates of 24 and
64 kbps. The results in Figs. 5 and 6 show that for
System 2 BER performance is around 1.5 dB better
than that of System 1. We note that the BER results
for System 2 at 24 and 64 kbps cannot be directly
compared due to the use of different inner interleav-
ing depths in each case. We also note that since the
Doppler fading is faster for 24 rather than 64 kbps
transmission, the error bursts are shorter resulting
in more effective error correction by the RS code
since no outer interleaving is employed in System 1.
We note that the delay penalty for interleaving is
too high for interactive video; the delay for the
combined BCH-outer-interleaving-TCM system

10° T T T T T T
+ Light shadow, RS & TCM
* Light shadow, BCH & TCM
107 o Average shadow, RS & TCM E
x Average shadow, BCH & TCM
2107k ]
=
[+
Q
[
a
o
510°k 4
107F 3
10’7 1 1 1 1 1 1
75 8 8.5 10 10.5 1

9 9.5
Eb/No(dB)

Fig. 5. Concatenated system performance at 24kbps, nor-
malized fading bandwidth at 0.0154, RS and TCM refers to
System 1 while BCH and TCM refers to System 2. System 2 has
depth 80 outer interleaver.
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* Light shadow, BCH & TCM

o Average shadow, RS & TCM
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Fig. 6. Concatenated system performance at 64kbps, nor-
malized fading bandwidth at 0.0057, RS and TCM refers to
System 1 while BCH and TCM refers to System 2. System 2 has
depth 80 outer interleaver.

was 1.54s and 615ms, for 24 and 64 kbps, res-
pectively, while for the RS-TCM system, the
corresponding delays were only 145 and 89 ms,
respectively. From Figs. 3, 5 and 6, further im-
provement of more than two orders of magnitude
in BER performance at 9dB SNR can be obtained
over the inner coding system by employing either of
the outer FEC codes.

For System 1 employing 24 and 64 kbps com-
pressed image bit streams, respectively, the outer
(255,223) RS code yields a total bit-rate of 27.44
and 73.18 kbps, respectively, which correspond to
symbol rates of 13.72 and 36.59 kBd respectively.
After adding the pilot symbols (k, = 10) the system
baud rates become 15.2 and 40.5kBd, respectively.
The respective analog signal bandwidths are 15.2
and 40.5kHz not including approximately 30%
excess bandwidth required for pulse shaping to
reduce intersymbol interference.

4. Overall system performance

We now describe the subjective image quality
evaluation of System 1 proposed in the previous
section. Monte-Carlo simulations of colour video
image sequences at QCIF resolution (176 x 144
pels) in 4:1:1 YUV format were performed

(Fig. 7, top left). Sequences of 150 frames, each at
30 frames/s, subsampled to 50 frames each at
10 frames/s, were transmitted repeatedly for
25min (15000 frames) of motion video at 24 kbps
and 8 min of video at 64 kbps, respectively. The test
video sequences included the well-known Miss
America, Susie, Salesman, Mother and Daughter,
Grandma, Carphone, Foreman, Claire, Stennis,
and other sequences digitized locally.

The subjective video quality results revealed vir-
tually error free performance at SNRs above 10dB
in light and average shadowing mobile satellite
channels. Here, the BER was below 10~ ¢ and chan-
nel errors were rare and had negligible effect on
image quality. Thus, a 10dB link margin seems
to be a minimum for video satellite transmission,
with inner FEC voice transmission compatibility.
Fig. 7 shows one of the worst 200 error frames
decoded out of a total of 15000 video frames trans-
mitted through an averaged shadowed mobile
channel at a channel signal-to-noise ratio of
10dB and BER of 14x107° Above 11dB,
these visible errors had disappeared completely.
From examining the video sequences, there are
different error patterns present for different video
sequences. For the low error rates encountered here
(BER less than 6 x 10~ %), the H.263 source codec’s
periodic intra-frame updating strategy is robust
enough to recover from errors. Because of the low
channel BER, only a few frames, representing 20
s total duration in a 25 min sequence, exhibit visible
burst errors (Fig. 7, bottom) and the remaining
frames are error free and are reconstructed as in
Fig. 7, top right. When the channel SNR is greater
than 11dB, the BER is less than 10~ 7 and there
were no channel errors in the 25min video se-
quences. The distortion displayed at the 10dB
point for average shadowing therefore represents
a threshold SNR where the distorted bit stream can
still be recovered by the codec. It is also interesting
to observe the types of visible distortion that occur
at 10 dB. This may be useful for designing error
concealment techniques in the future.

We now compare the concatenated system
(System 1 above) to one that employs error-resilient
subband video image compression, as proposed in
[17], which we refer to as System 3. We have also
modified the subband codec in [17] by extending
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Fig. 7. Top-left: Original luminance frame 108 of Susie at 9.1 mbits/sec. Top-right: Susie at compressed 24 kbps in average shadowed
fading channel at 12dB SNR, 15kBd, 145ms delay channel. This top right image is visually indistinguishable from the case of an
error-free channel. Bottom-left: worst-case channel distortion in 15000 frames at 10dB SNR, 15kBd, 145ms delay channel.

the 2D subband decomposition to a 3D decompo-
sition to obtain some performance improvement, as
described in [28], which we refer to as System 4.
The advantage of the subband codec relative to the
concatenated Systems 1 and 2 is reduced imple-
mentation complexity; for the subband codec FEC
is not required, while the inner TCM system re-
mains the same. A comparison among Systems 1,
3 and 4 for the case of zero channel noise, in terms
of PSNR and bit-rate, is shown in Table 2, where
the 9-tap symmetric filter proposed in [1], is used
for subbanding. First, it can be seen that where the
2D and 3D subband systems have the same PSNR,
the 2D system’s bit-rate is 28% greater. Second, we
note that concatenated coding (System 1) achieves
the same image quality at almost in order of magni-
tude savings in bit-rate; 112kbps were required to

transmit the same quality video without FEC by
System 4 as 24 kbps using concatenated coding via
System 1. Note that although there is a modest
saving of FEC overhead in the case of the subband
system, this does not offset the joint source/channel
coding inefficiency. For the case of the average
shadowed fading satellite channel described earlier,
the threshold SNR for acceptable performance was
2 dB higher than that of the concatenated system.

5. Discussion

Our investigations using a software H.263 24 and
64 kbps codec, concatenated FEC coding and on-
line channel state estimation show that robust
moving-image transmission through shadowed
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Table 2

539

Average PSNR performance comparison of error-resilient subband joint source/channel coding (Systems 3 and 4) and concatenated

H.263 coding (System 1)

Video Joint source/channel Concatenated H.263

2D Subband 3D Subband (System 1)

0.6 bpp 0.6 bpp 0.47 bpp 0.063 bpp 0.095 bpp 0.25 bpp
Miss(QCIF) 31.73 33.88 3223 36.66 37.95 39.82
Susie(QCIF) 30.29 32.14 30.49 31.46 33.16 36.28
Miss(CIF) 33.27 35.19 33.86
Susie(CIF) 32.15 33.24 32.44
Mark 31.38 32.23 31.31

22D and 3D subband coding achieve similar PSNRs at 0.6 and 0.47 bpp, respectively, while concatenated coding (System 1) has an

order of magnitude lower bit-rate at similar PSNRs.

mobile satellite channels is feasible at low power,
bandwidth and delay. Concatenated codes and
pilot symbols result in a 15.2kBd and 40.5kBd
rates, respectively, allowing for a near error-free
image transmission at channel SNR above 10dB.
Depending on different system delay requirements,
RS or BCH coding combined with 8-state 8-PSK
TCM with symbol-aided channel estimation can
be used for interactive transmission or one-way
broadcasting applications, respectively.

A critical factor in the overall system design is
power consumption, which determines the port-
ability of the resulting video transceiver. Assuming
that the majority of the power is consumed by (1)
discrete cosine transform (DCT), (2) half-pel motion
estimation (ME), (3) RS decoding and (4) TCM, and
assuming the CMOS power dissipation model [7]:

P~ CV?, (6)

where C denotes the effective loading capacitance,
V the supply voltage (above least 2.9V [31]) and
f the operating clock frequency, and scaling the
clock frequency according to (6) for operation at
data rates corresponding to 24 and 64 kbps, respec-
tively, we obtain the power consumption estimates
shown in Table 3, assuming the entire system was
integrated onto monolithic CMOS VLSI techno-
logy in the 1-1.8 um range [10,25,30,31]. We note
that low power consumption is mainly due to the
low data rate, which lowers the operating system
clock frequency. Thus, low bit-rate video can
achieve low power despite the apparently high al-

Table 3

CMOS power requirements in mW

Algorithm DCT ME RSD TCM  Total
power

24 kbps 0.70 1.54 0.17 2.26 4.67

64 kbps 1.86 4.11 0.46 6.04 12.47

gorithm complexity. This conclusion is interesting
in light of [17] where it was assumed from the
outset that low power design should be achieved
through a simple customized error resilient joint
source and channel coding scheme. In the perfor-
mance evaluation section, we showed that subband
coding based on [17] requires approximately an
order of magnitude greater data rate for the same
amount of distortion.
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