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Abstract—We present a novel symbol-based soft-input a poste-
riori probability (APP) decoder for packetized variable-length en-
coded source indexes transmitted over wireless channels where the
residual redundancy after source encoding is exploited for error
protection. In combination with a mean-square or maximum APP
estimation of the reconstructed source data, the whole decoding
process is close to optimal. Furthermore, solutions for the proposed
APP decoder with reduced complexity are discussed and compared
to the near-optimal solution. When, in addition, channel codes are
employed for protecting the variable-length encoded data, an iter-
ative source-channel decoder can be obtained in the same way as
for serially concatenated codes, where the proposed APP source de-
coder then represents one of the two constituent decoders. The sim-
ulation results show that this iterative decoding technique leads to
substantial error protection for variable-length encoded correlated
source signals, especially, when they are transmitted over highly
corrupted channels.

Index Terms—Iterative decoding, joint source-channel coding,
residual source redundancy, variable-length codes (VLCs).

I. INTRODUCTION

THE mobile access of multimedia data has recently
emerged as an attractive application for current and

future wireless systems. Since many source-coding standards
employ variable-length codes (VLCs) for increasing the source
compression performance, a reliable transmission of such
variable-length encoded source signals over wireless channels
has become an active area of research during the last years.
Especially joint-source channel coding techniques seem to be
attractive because the classical separation between source and
channel coding appears not to be justified in practical systems
with limited block lengths. Some of these approaches focus on
robust decoding of such variable-length encoded streams using
joint source-channel decoding techniques.

In [1], a soft-input dynamic programming approach is
presented, which uses the probability distribution of the
source-encoded indexes and the number of source symbols
as a priori information in the decoding process. However, in
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[2] and [3], the authors follow a different strategy and present
a trellis representation for VLCs, which allows them to uti-
lize the Bahl–Cocke–Jelinek–Raviv (BCJR) algorithm [4] for
soft-input a posteriori probability (APP) decoding. This has
the advantage that reliability information for the source indexes
can be obtained at the output of the decoder. A similar trellis is
used in [5], where maximum a posteriori probability (MAP)
and sequential decoding for MPEG 4 reversible VLCs are
compared.

Whereas these approaches only consider memoryless
sources, the methods introduced in [6]–[10] use a first-order
Markov model for the source and exploit the correlation of the
source symbols in the decoding process. In [6], an extension
of the list Viterbi algorithm to VLCs is presented, where the
source data is protected by a nonbinary convolutional code
prior to Huffman encoding. On the other hand, being similar to
[1], the method in [9] uses a MAP sequence estimation with dy-
namic programming based on an unidirectional graph. In [10],
the VLC decoding problem is treated within the framework of
Bayesian networks.

In this paper, we present a joint source-channel decoding ap-
proach for packetized variable-length encoded source indices,
which is based on the VLC trellis representation from [2]. As
a new result, we show for the first-order Markov source model
that by modification of the BCJR algorithm the source corre-
lation can be included in the VLC trellis [11]. This leads to a
novel soft-input APP source decoding algorithm, which uses
implicit residual source redundancy after source encoding to in-
crease the robustness of the variable-length encoded source in-
dexes against channel errors. For an additional error protection
by channel codes, one important issue in this paper is to utilize
the proposed source decoder as constituent decoder in an iter-
ative source-channel decoding scheme. Therefore, we focus on
symbol-by-symbol VLC decoding throughout this paper since
in contrast to a sequence estimation approach (e.g., as in [7]) a
symbol-by-symbol decoding approach (as the BCJR algorithm)
is especially well suited to generate soft output in the form of
true APPs. These APPs can then be used as soft input for sub-
sequent (iterative) decoding steps. Additionally, since the com-
putational complexity of the proposed VLC decoding scheme
may become quite high, especially if the source indexes are en-
coded with a large number of bits, we also present methods for
complexity reduction.

The outline of the paper is as follows. Section II introduces
the overall transmission scenario and specifies the model for the
transmission channel. In Section III, the soft-input APP VLC
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Fig. 1. Model of the transmission system.

decoder is derived, where the near-optimal behavior in combina-
tion with a mean-square (MS) or MAP estimation is shown. Sec-
tion IV discusses possibilities for reducing the computational
complexity of the proposed VLC decoding approach. In Sec-
tion V, we address the case when an additional forward error
correction is used and present the corresponding iterative de-
coder. Finally, Section VI refers to the simulation results.

II. TRANSMISSION SYSTEM

Let us consider the block diagram of the transmission system
depicted in Fig. 1. One packet of the
source signal consists of source symbols , where de-
notes the time instant. After subsequent (vector-) quantization,
the resulting indexes from the finite alphabet

are represented with bits. We can gen-
erally assume that there is a certain amount of redundancy in
the index vector due to delay and com-
plexity constraints for the quantization stage. In the following,
the correlation between the indexes is modeled by a first-
order stationary Markov process with index transition probabil-
ities for .

The VLC encoder in Fig. 1 now maps each fixed-length index
to a variable-length bit vector using the

prefix code . Concatenating these bit vectors leads to a binary
sequence of length , where repre-
sents a single bit at bit index . The interleaved bitstream is
then encoded with a rate- channel code. The resulting code-
words form the bit vector and are eventually transmitted over
the communication channel, where both Rayleigh and additive
white Gaussian noise (AWGN) channels are employed in the
sequel. The Rayleigh channel serves as a good model for a mo-
bile radio channel without a direct line-of-sight component. For
the sake of simplicity, we consider a narrowband system and
assume that the channel is flat and fully interleaved, i.e., arti-
ficially made statistically independent. In addition, we assume
coherently detected binary phase-shift keying (BPSK) for the
modulation. Then, the conditional pdf of the received soft-bit

, , at the channel output given the
transmitted bit is Gaussian-distributed with mean

where and can be written as 1

(1)

Herein, denotes the channel noise variance,
where is the energy to transmit each bit and the one-sided
power spectral density of the noise. The Rayleigh-distributed
random process associated with the amplitude variation factors

1In the following, we assume that perfect channel state information is avail-
able at the decoder.

is white due to the assumed statistical independence of the
channel. Equation (1) can also be expressed using the condi-
tional log-likelihood ratios ( -values)

(2)

If for all , we have the special case of an AWGN
channel.

III. SOFT-INPUT SOFT-OUTPUT SOURCE DECODING

In this section, we only deal with the error correcting capabil-
ities of the implicit residual source redundancy after quantiza-
tion and derive a soft-input APP decoder for the resulting vari-
able-length encoded sequence. Thus, in this special case, our
general source-channel encoder in Fig. 1 just contains the quan-
tizer and the VLC encoder, and we therefore have .

A. Trellis Representation

While in the absence of transmission errors, variable-length
encoded sequences can easily be decoded by parsing the bit-
stream, the decoding of corrupted VLC sequences is rather dif-
ficult due to a possible loss of synchronization between bit and
symbol time. In this case, the position of a codeword cor-
responding to a source index at symbol time may
not be exactly localized in the received variable-length encoded
sequence . Therefore, all possible bit positions for
a given time instant , which are represented by the index set

, must be considered as the starting point for the codeword
. This can be realized by setting up an appropriate trellis

for the VLC sequence, where we utilize the VLC trellis repre-
sentation derived by Bauer and Hagenauer [2] for the proposed
APP VLC source decoding approach. The trellis states are given
by , where refers to the state at time instant , and

represents a hypothesis for the actual bit position in the
encoded bit sequence .

An example for this trellis representation is given in Fig. 2 for
, , and the Huffman code

As we can observe from Fig. 2, a transition from state
to is caused by the source symbol ,

, and the corresponding variable-length codeword with
length , respectively. A code table which con-
tains two or more codewords having the same length leads to
parallel transitions between the states and
in the VLC trellis. In addition, Fig. 2 shows that the packetized
nature of our transmission scheme leads to a time-varying trellis
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Fig. 2. Trellis representation for K = 5, N = 10, and C = fc = [1]; c = [0; 1]; c = [0; 0; 0]; c = [0; 0; 1]g [2].

with a diverging, a stationary, and a converging section due to
the termination of the trellis after source symbols and
codebits in the source packet.

B. Soft-Input APP Source Decoder

In the following, we are interested in soft-input soft-output
VLC source decoding which generates, instead of an optimal
sequence, reliability information for the source indexes ,

, in form of index-based APPs . These
APPs can be obtained by the following soft-input decoding al-
gorithm operating on the VLC trellis from above. As a new re-
sult, we also include the source correlation modeled by the index
transition probabilities of the Markov
source model into the decoding algorithm.

In the first step, the APPs can be decomposed
analogous to the BCJR algorithm [4] by using the Bayes the-
orem as

(3)

where a subsequence from bit position to of the vector is
denoted as . The constant in
(3) ensures that the are true probabilities.

1) Derivation of the Forward Recursion: Let us consider the
term from (3), which can be written as a forward re-
cursion according to [4] as

(4)

with

(5)

The channel term in (5) can be calculated from the conditional
channel pdf in (1) by utilizing the memoryless property of the
channel as

(6)

Herein, denotes the th bit in the variable-length codeword

. The second term on the
right-hand side of (5) takes the source correlation into account
and can be written as

(7)
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The conditional probability
represents the transition probability of the sta-

tionary first-order Markov source adapted to the time-varying
VLC trellis according to

for
otherwise

(8)

with the normalization factor

(9)
The normalization in (9) takes into account that in both the
stationary and the converging region of the VLC trellis, not
all transitions from to for

are possible anymore. This can be ob-
served, for instance, in the example from Fig. 2 for all states
with .

Furthermore, the conditional probability
in (7) can be ex-

pressed with the quantities and for previous
time instants, as we will show in the following. First, applying
the Bayes theorem yields the decomposition

(10)

Since the index is uniquely determined by
for the hypotheses and , the

pdf from the right-hand side of
(10) can be stated with the definitions of and in (3)
as

(11)

Inserting (11) into (10), we finally have

with (12)

By combining (5), (7), and (12), we now obtain a relation for
according to

`` ''

(13)

with

and

We can see from (13) that , which can be re-
garded as a weighting term for the trellis branches, also
contains a priori knowledge about the correlation between
adjacent source indexes and index-based reliability values

for time instant in addi-
tion to the bit reliability information from the channel. This can
be regarded as an extension of the forward recursion (4) of the
BCJR algorithm to variable-length encoded first-order Markov
sources.

2) Derivation of the Backward Recursion: The term
in (3) is obtained with the so called backward recursion from
[4]

(14)

where due to the memoryless property of the transmission
channel we have

(15)

In contrast to (13), the term
only contains information about the distribution of the

source indexes due to the causal definition of the transition
probabilities for the first-order Markov source. It can be speci-
fied analogous to (8) as

for
otherwise

(16)

with

(17)

where the normalization in (17) again takes the special structure
of the VLC trellis into account.

We now have all quantities available in order to calculate the
APPs for according to (3),
where compared to the classical BCJR algorithm the forward
and backward recursion contain additional normalizations due
to the time-varying structure of the VLC trellis. Furthermore,
the forward recursion [(4) with (13)] now utilizes the first-order
Markov source model for obtaining the values. However, this
also leads to an increased computational complexity for the for-
ward recursion and therefore, suboptimal approaches for a com-
plexity reduction will be discussed in Section III-C.

C. Optimal Estimation

The APPs can now be used for optimally
estimating the source symbols in such a way that the value of
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the MS distortion or the symbol error rate (SER) is minimized
in the reconstructed data packet at the
decoder output. In the following, we therefore consider an MS
and MAP estimation, respectively.

An MS estimation can be obtained by minimizing the average
distortion over , i.e.,

(18)

which directly corresponds to the maximization of the recon-
struction SNR (RSNR). From (18), we obtain [12]

(19)

with denoting the entry of the quantization table corre-
sponding to the index . This estimator is especially useful
for waveform-like signals where an SNR maximization is de-
sired for the reconstructed signal.

The MAP estimation leads to classical symbol-by-symbol de-
coding and minimizes the symbol error probability, where the
estimated values are given as

for all (20)

Note that using these two estimators in combination with true
APPs generated by the soft-input VLC decoder from the pre-
vious section leads to a near-optimal decoding process in the
MS or MAP sense.

IV. COMPLEXITY REDUCTION

In the following, we consider techniques for reducing the
computational complexity of the proposed VLC APP source de-
coder.

A. Max-Log-Map Algorithm

The Max-Log-MAP algorithm assumes that the APP calcu-
lation in (3) is carried out completely in the logarithmic do-
main. Then, the following approximation [13], based on the Ja-
cobian logarithm, is used for computing the logarithmic APPs

and the corresponding logarithmic values of
the -, -, and -terms in (3):

(21)

For example, for the forward recursion in (4), the variables ,
, correspond to , where

the summation over in (21) refers to both summations over
and in (4). Clearly, by applying the right-hand side of (21) the
computational complexity is reduced, since now a simple max-
imum operation replaces the computational costly calculation
of the exponential terms and the final logarithm. An alternative
interpretation is that by applying the approximation in (21), the
number of trellis paths used in the decoding process is reduced
[13]. Whereas the BCJR-based decoder considers all possible
paths for obtaining the APPs, the Max-Log-MAP algorithm in

our case only takes paths for each time instant into ac-
count. Here, each path corresponds to a hypothesis ,

.

B. Reduction of the Number of Trellis States

Since the quantities and can be regarded as
reliability information for every state , a reduction
of the number of trellis states and thus also a reduction of the
computational complexity may be carried out depending on the
actual values of both and . In the following, we
consider two different strategies [14].

1. The first method (BCJR-T) utilizes a trellis state re-
duction based on a threshold, where in the first step,
the forward recursion is carried out with (4). All states

for which the corresponding logarithmic values
are smaller than a given threshold , that is, if

for all

holds, are removed from the list of trellis nodes for
each . Then, the backward recursion in (14) is cal-
culated on this reduced trellis, where the trellis may be
further truncated, if

for all

2. In the second approach (BCJR-Q), we do not specify
a certain threshold, instead we only consider the
largest values with

for all

for every time instant . The remaining values are ne-
glected and the corresponding states are removed from
the VLC trellis. The resulting truncated trellis is then
utilized for the backward recursion. However, com-
pared to the BCJR-T method, the BCJR-Q approach
has a higher complexity, since for every the states
with the highest reliability have to be determined by
sorting the values instead of a single com-
parison with a threshold value.

V. ITERATIVE DECODING WITH CHANNEL CODES

Due to the high sensitivity of the variable-length encoded bit-
stream-to-channel noise, using the residual source redundancy
for error protection may not be enough in many cases. There-
fore, we now assume that the interleaved output of the VLC en-
coder is protected by a systematic convolutional channel code
prior to transmission, as it is depicted in Fig. 1. The interleaver
is responsible for the decorrelation of the individual bits before
the channel encoding is carried out. Since this encoding scheme
is highly similar to a serially concatenated code, however, with
the difference that the redundancy provided by the first channel
encoder is replaced with the residual source redundancy, we
can apply a similar iterative decoding strategy [15]. In this de-
coding scheme, the outer constituent decoder is replaced by the
soft-input APP source decoder from the last section.
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Fig. 3. Iterative joint source-channel decoder.

Fig. 3 shows the structure of the proposed decoder. The APP
channel decoder calculates reliability information for the vari-
able-length encoded index bits using the conditional -values
[16]

(22)

for . is defined analogous to (2) for
the interleaved information bits and the corresponding am-
plitude variation factors . The term also refers to

and denotes the a priori information which is available to the
APP channel decoder and which is set to zero at the beginning of
the decoding process. In (22), refers to the extrinsic
information [16]. After subtraction of the a priori term, we ob-
tain the -values , which
are used as a priori information for the
VLC source decoder after deinterleaving. Note that this a priori
term contains both the soft information at the channel output
and the extrinsic information of the APP channel decoder for
the information bit . It can be converted back to an APP

for

for
(23)

for each information bit, where denotes a normalization con-
stant. When we now assume that all bits are independent, the
index-based APP for a certain can be obtained by multi-
plication of the individual bit APPs in (23) with representing
another normalization constant

(24)

Since the index-based APPs and are calculated
for all possible bit positions in the binary sequence , the source
hypotheses now depend on the bit position and are denoted
as for clarity.

The extrinsic information in (24) con-
tains extra information about the index from the channel de-
coding process. This can be used in order to improve the relia-
bility of the APPs at the output of the APP VLC source decoder
by inserting as an extra weighting
term in (5), where due to the use of systematic channel codes
the received bit vector in (5) now has to be replaced with the
corresponding vector for the information bits

(25)

The term in braces can be identified as
from (24). Likewise, we have for the

-term of the backward recursion in (15)

The APP source decoder now issues index-based APPs
, where the bit-based APPs for the information bits can

be calculated according to (26), seen at the bottom of the page,
where denotes the set of all possible states for bit position

, and the constant is the same as in (3). The conditional a
posteriori -values are then obtained with

(27)

(26)
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Fig. 4. On the calculation of the bit-based APP P (w = i j v̂).

Note that the summation in (26) is carried out over all trellis
branches which correspond to bit at bit posi-
tion . Fig. 4 shows an example for bit at bit position with

, where the corresponding branches
included in the summation are marked with solid lines and the
corresponding states with black nodes, respectively.

By subtracting the source a priori information
from the -values in (27), we finally obtain the ex-
trinsic information , which is used after interleaving
as a priori information in the next
channel decoding round. Note that only after the first half-iter-
ation “exact” APPs are obtained at the output
of the VLC source decoder [16]. In subsequent iterations, only
APP “approximations” are available since correlations between
the a priori -values and the extrinsic information

in (22) emerge.

VI. SIMULATION RESULTS

In order to assess both the performance of the soft-input APP
source decoding approach and the iterative source-channel de-
coding technique, including their complexity-reduced versions,
simulations were carried out for AWGN and Rayleigh transmis-
sion channels. In all simulations, it was assumed that perfect
channel state information is available for the channel signal-to-
noise ratio (SNR) and the amplitude variation factors . The
source redundancy was modeled by an AR(1) source process
with correlation coefficient quantized with bits by
a uniform scalar quantizer. Besides, we used packets of length

over 50 different realizations of the source signal,
where each packet was interleaved and transmitted indepen-
dently. The source transition probabilities

were obtained from a training set of 500 source realizations.
Each of the 50 source packets was averaged over 100 channel
realizations for a given channel noise variance. We furthermore
assumed that the sensitive parameters and are protected by
a strong channel code and thus are transmitted without errors to
the decoder.

A. APP Source Decoder

In this section, we consider the performance of the full-state
APP decoding approach from Section III and its complexity-re-
duced versions from Section IV. In addition to the simulation

Fig. 5. Occurrence of symbol errors in data packets (AWGN channel with
E =N = 4 dB, one single channel realization, K = 100 for 5000 different
realizations of the source signal).

parameters mentioned above, a standard Huffman code with
and an AWGN channel was used.

First, we illustrate the influence of the source statistics on the
distribution of symbol errors in a data packet. Fig. 5 shows a
profile of occurring symbol errors for the AWGN channel with

dB, where 5000 source realizations were simulated
with the full-state APP VLC decoder. The BCJR(0) approach
exploits the probability distribution of the source indexes cor-
responding to a zeroth-order Markov source and is essentially
the method presented in [2] and [3], whereas the BCJR(1) de-
coder additionally considers the first-order Markov property of
the source. It can be seen from Fig. 5 that for the BCJR(0) de-
coder the number of symbol errors increases to the middle of
the packet and, due to the merging VLC trellis, decreases again,
when we proceed further to the end. However, for the BCJR(1)
decoder, taking the index correlation into account, a flat distribu-
tion of the symbol errors is obtained. This is due to the fact that
by additionally exploiting the first-order Markov property of the
source, the mean deviation of all used paths in the VLC trellis
from the optimal one is reduced, leading to a smaller number of
symbol errors.

We now address the complexity-reduced APP VLC decoding
approaches in Section IV and estimate the complexity by com-
paring the required number of trellis states. Table I shows the
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TABLE I
AVERAGE NUMBER OF TRELLIS STATES AT TIME INSTANT k IN THE STATIONARY TRELLIS SECTION FOR THE

BCJR-T AND THE FULL-STATE VLC BCJR DECODER (AWGN CHANNEL, K = 100)

Fig. 6. Comparison of efficient VLC source decoding approaches, transmission over an AWGN channel [K = 100 for 50 different realizations of the source
signal, averaged over 100 AWGN channel realizations; M = 4, AR(1) process with source correlation a = 0:9]. (a) MAP estimation and SER. (b) MS estimation
[except for MAP-SE(0)] and reconstruction SNR (RSNR).

average number of trellis states at time index in the stationary
trellis section for the BCJR-T and the full-state BCJR-based
APP decoder from Section III, where the number of states in
the forward recursion (4) and backward recursion (14), resp.,
is considered separately. The BCJR-Q method is not shown in
Table I, since it has a fixed complexity with always states per
time instant in the stationary trellis section. It can be observed
from Table I that the average number of states decreases with in-
creasing . This is due to the fact that a decreasing channel
noise variance increases the bit reliability at the channel output,
such that for a larger number of states the corresponding -
and -values are below the given threshold .

Finally, the error-correction performance of the presented
APP VLC source decoding approaches is addressed in Fig. 6.
Here, the Max-Log-MAP algorithm as well as the BCJR-T and
BCJR-Q techniques are only applied to the BCJR(1) decoder
and thus are denoted with Max-Log-MAP(1), BCJR(1)-T, and
BCJR(1)-Q, respectively. Fig. 6(a) refers to a MAP estimation,
where the SER is plotted over the channel parameter .
The result for a MAP sequence estimation for the zeroth-order
Markov case is denoted with MAP-SE(0), where its perfor-
mance is almost identical to that of the BCJR(0) technique. We

can also observe from Fig. 6(a) that all BCJR(1)-Q methods
reach the performance of the full-state decoder for larger
channel SNRs. Due to the high reliability of the received bits
in this channel SNR region, only certain states contribute to the
APP calculation in the BCJR algorithm. The other ones may
be neglected and thus, may be removed from the trellis without
any loss in performance. In our simulations, we have observed
that the Max-Log-MAP algorithm has approximately the same
complexity as the BCJR(1)-Q approach for . The
direct comparison in Fig. 6(a) shows that the Max-Log-MAP
algorithm yields a lower SER only for highly distorted channels
with dB. Due to the smaller number of states, the
BCJR(1)-T approaches perform worse compared to all other
approaches. For , the results are comparable to the
BCJR(0) technique, however, the complexity is highly reduced
as we can observe from Table I.

Fig. 6(b) shows the results for a MS estimation of the recon-
structed source signal, where now the RSNR is used as error
measure. Again, it can be observed that for highly corrupted
channels with dB the Max-Log-MAP algorithm ap-
plied to the BCJR(1) technique represents the best complexity-
reduced decoder in terms of RSNR.
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Fig. 7. Simulation results for the iterative source-channel decoder, transmission over a fully interleaved flat Rayleigh channel (K = 100 for 50 different
realizations of the source signal, averaged over 100 channel realizations; M = 4, AR(1) process with source correlation a = 0:9). (a) MAP estimation and SER.
(b) MS estimation (except for BCJR-RSC) and reconstruction SNR (RSNR).

B. Iterative Source-Channel Decoder

Next, we simulated the iterative source-channel decoder
from Section V for the fully interleaved BPSK-modulated
flat Rayleigh channel. After VLC encoding, the resulting
bitstream was interleaved using an S-random interleaver [17].
The channel code used in the simulations was a terminated
rate recursive systematic convolutional (RSC) code,
which was obtained from an optimal memory-4 rate-1/2 mother
code with free distance and the generator matrix [18]

Puncturing was carried out with the pattern
which was selected via a computer search. All other simulation
parameters and constraints were chosen as stated at the begin-
ning of this section.

Fig. 7 shows the simulation results for a Huffman code with
, where the channel parameter is now with

. In the JSCD(0) technique, the APP VLC source
decoder in Fig. 3 is based on the BCJR(0) approach from Sec-
tion VI-A, whereas the source decoder for the JSCD(1) method
also exploits the index correlations of the first-order Markov
source. Protecting the variable-length encoded bitstream only
with the rate-3/4 RSC channel code without considering
any source statistics leads to the BCJR-RSC method, which
employs the BCJR algorithm as channel decoder followed
by a hard decision decoding for the variable-length encoded
bitstream. Furthermore, efficient realizations by means of the
BCJR(1)-T and BCJR(1)-Q approaches with the parameters

and , respectively, are also included in
the comparison. The “JSCD(1), MAX” technique uses the

Max-Log-MAP algorithm in both channel and source decoder,
whereas in all other approaches the channel decoder employs
the full-state BCJR.

As we can see from the result of the MAP estimation in
Fig. 7(a), for dB and the JSCD(1) approach, we
achieve a SER being at least one order of magnitude lower than
that for the JSCD(0) technique, even if only the first half-itera-
tion (“zeroth” iteration) is carried out. However, increasing the
number of iterations over two, a further gain is only observed
in the “waterfall” region of the SNR-SER relation in Fig. 7(a).
When the less complex BCJR(1)-T or BCJR(1)-Q source de-
coders are employed as outer constituent decoders in the iter-
ative decoding scheme from the last section, we almost reach
the performance of the full-state iterative decoder for moder-
ately distorted channels. However, for worse channels, a perfor-
mance degradation can be observed. Note that the performance
of the BCJR-RSC approach is almost identical to APP channel
decoding followed by a maximum-likelihood sequence estima-
tion for the Huffman-encoded sequence. This is due to the fact
that a Huffman-encoded binary sequence still corresponds to a
valid code sequence after a single bit error except the final bits
in the sequence which may not be valid Huffman codewords.

Fig. 7(b) shows the results for the MS estimation. We can
see that with full-state iterative joint source-channel decoding
we achieve almost clear-channel quality for dB.
This verifies the good performance of the proposed transmission
system.

Finally, a more practical example is considered, where the
one-dimensionally scanned lowpass subband image obtained
from a three-level wavelet decomposition of the “Lena” image
is transmitted over a Rayleigh channel. Here, we used a sym-
metrical reversible VLC (RVLC) [19], which has additional in-
herent redundancy due to the symmetry requirements for the
codewords. The image data was uniformly quantized with
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Fig. 8. MS estimation and reconstruction SNR (RSNR) for the lowpass
subband signal of the wavelet-decomposed “Lena” image encoded with an
RVLC (fully interleaved flat Rayleigh channel; K = 64, averaged over 100
channel realizations;M = 5).

and packetized with a block length of corre-
sponding to one row of the lowpass subband image. From the
results for a MS estimation in Fig. 8, it can be seen that most
JSCD(1) approaches lead to clear-channel quality for

dB. When considering moderate channel SNRs, the Max-
Log-MAP algorithm applied to both source and channel decoder
performs only slightly worse or even almost identically com-
pared to the full-state iterative approach. The reason is that the
additional redundancy of the RVLC improves the reliability of
the states associated with the optimal trellis path in the source
decoder. By exchanging extrinsic information, this reliability in-
crease is also transferred to the channel decoder. Therefore, ap-
plying the Max-Log-MAP algorithm, where a lower number of
trellis paths compared to the full-state approach is considered,
only leads to a small performance degradation for moderately
distorted transmission channels.

VII. CONCLUSION

We have shown that by starting from the classical BCJR algo-
rithm, a soft-input APP decoding technique for packetized vari-
able-length encoded source data can be derived by modification
of the BCJR forward recursion and adaptation to the nonsta-
tionary VLC trellis. As a new result, the proposed APP VLC
decoder considers residual source index correlations modeled
by a first-order Markov model as a priori information and leads
to a near-optimal decoding process, when a subsequent MS or
MAP estimation is carried out. Besides the transition probabili-
ties of the Markov model and some channel information, also
the number of source symbols and the number of bits in the
packet are used as a priori knowledge in the decoding process.
A complexity reduction of the proposed APP source decoding
approach may be carried out by reducing the number of trellis
states or by using the Max-Log-MAP algorithm. For moderately
distorted transmission channels, we obtain only a minor perfor-
mance degradation, however, for stronger channel distortions a
state reduction always leads to a decrease in performance.

When the variable-length encoded bitstream is additionally
protected by channel codes, an iterative decoder consisting of an
APP decoder for the channel code and the proposed APP VLC
source decoder can be derived in the same manner as for seri-
ally concatenated codes. The simulation results show that for a
variable-length encoded autoregressive source transmitted over
a flat Rayleigh channel and a MS estimation of the reconstructed
source symbols the full-state iterative source-channel decoder
leads to almost clear-channel quality for an being larger
than 4 dB. This result also holds for real image subband data
being encoded with a symmetrical reversible VLC.
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