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ABSTRACT

Variable-length codes (VLCs) are widely used in media transmis-
sion. Compared to fixed-length codes (FLCs), VLCs can represent
the same message with a lower bit rate, thus having a better com-
pression performance. But inevitably, VLCs are very sensitive to
transmission errors. In this work, based on the trellis representation
for VLCs and the BCJR algorithm, we present a variable-length soft-
decision decoder utilizing bit-wise channel reliability information
and achieving a better error robustness in contrast to hard-decision
decoding. Given the application of VLCs in audio coding showing
both source correlation and variable block lengths, a strong depen-
dency of performance is observed for both. Therefore, we point out
tradeoffs of (soft-decision) decoded FLCs and VLCs depending on
quantization bit rate, source correlation, and block length. We find
that VLCs over AWGN channels are only recommended for very
low source correlation in combination with very short block lengths
and soft-decision decoding.

Index Terms— VLC, soft-decision decoding, block length, trel-
lis representation, BCJR

1. INTRODUCTION

In digital communications, a robust source decoder is desired for
adverse transmission conditions. Traditional hard-decision source
decoding is often times still widely used in many receivers. In case
of residual bit errors after channel decoding, an additional error
concealment is required, for instance, GSM Enhanced Fullrate [1],
AMR [2], and AMR-WB [3].

Several soft-decision channel decoding schemes have been pro-
posed in [4, 5]. Their soft output in the form of log-likelihood ratios
(LLRs) has been used in soft-decision source decoding approaches
such as [6-11]. Later on, soft-decision speech and audio decoders
have been proposed: G.726 ADPCM [12], A-law PCM and GSM
Fullrate speech coding [13], high-quality PCM audio [14], and
AMR-WB [15]. The aforementioned schemes are based on fixed-
length codewords for the quantized source symbols.

In order to achieve better compression performance for trans-
mission, indices of quantized source symbols can be mapped to a
variable number of bits using variable-length codes (VLCs). While
in error-free transmission, VLCs allow the decoder to identify the
start and end bit positions of each codeword, this is not the case over
error-prone channels. The effect of error propagation becomes a se-
rious problem for a VLC decoder. Some research has already dealt
with error robustness of VLC decoders using soft information. Some
of the approaches are non-trellis-based [16], while some others use
the Viterbi algorithm based on a graphical representation or a trellis
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representation [17-19]. Applying the BCJR algorithm [20], either
a bit-level soft-in/soft-out VLC decoder [21, 22] based on the trel-
lis representation from [23] or a symbol-level soft-in/soft-out VLC
decoder [24] based on an intuitive trellis representation have been
derived. However, the source symbol in [24] is only modeled as
zeroth-order Markov process. Based on the work in [24] and apply-
ing a first-order Markov source model, the VLC soft-decision de-
coder proposed by Kliewer and Thobaben allows a higher robust-
ness [25].

Due to the high compression rate, VLCs are widely used for
image, video, and audio coding. A soft decoder with bit-level trel-
lis representation for Huffman codes has been proposed for itera-
tive decoding of JPEG-coded images [26]. Soft-decision decoding
of VLCs has also been applied to H.264 and H.263+ Recommen-
dations [27,28]. Applying the method in [24], the scale factors of
the MPEG-AAC determining the quantization step size are recon-
structed by soft-decision decoding [29]. It is found that the number
of scale factors, which is called block length in this paper, varies in
each frame. However, only results for a block length of 100 have
been shown in both [24, 25]. Therefore, it is interesting to study
the influence of block length and quantization in VLC soft-decision
decoding.

In this paper, assuming only the total number of bits and symbols
in a block being known, we provide a variable-length soft-decision
decoding framework inspired from [25]. We present new insights by
performing two major simulations for 2 bit and 4 bit quantized Gaus-
sian AR(1) source symbols, each with four different block lengths
and two different source correlations. Moreover, we discuss per-
formance tradeoffs of fixed-length [11, 13] and variable-length soft-
decision decoding for these different conditions.

This paper is organized as follows: In Section 2, we describe the
algorithm for variable-length soft-decision decoding which includes
the trellis representation, the calculation of a posteriori probabilities
(APPs), and source symbol estimation. Section 3 discusses the sim-
ulation results. Finally, some conclusions are drawn in Section 4.

2. SOFT-DECISION VLC DECODER

2.1. Overview

The block diagram of the transmission system is depicted in Fig. 1.
The source symbols inside a block u = (u1,u2,...,Un,...,UB)
are multiplexed and then quantized, with B being the block length
andn € {1,2, ..., B} being the symbol time index. Each quantized
source symbol is represented by a corresponding M bit quantization
codebook index i € Z = {0,1,...,2"—1}, or by a quantizer bit
combination x,, = {0, 1}, Thereafter, the VLC encoder (e. g., a
Huffman code) maps each fixed-length M bit combination x,, to a
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Fig. 1: Block diagram of the transmission system.

variable-length bit combination y,, € {0,1}" “ with N being
the codeword length of quantization codebook index ¢. After demul-
tiplexing, a binary phase-shift keying (BPSK) modulator transforms
the resulting unipolar bit stream to a stream of bipolar modulation
symbols Y{* = (Y1,Y2,...,YR) = (¥1, %2, -, ¥ny---,¥B) =
{—1,4+1}%, with the length R being the number of all bits in
the block, and y, being the bipolar representation of y,,. Subse-
quently, transmission takes place over an additive white Gaussian
noise (AWGN) channel. For hard-decision decoding (HD), the re-
ceived hard-decided bipolar bit combination Y = {-1,+1}7
is analyzed from bit position 1 to R, and the variable-length bit
combinations are transformed to corresponding quantizer indices
i according to a VLC decoder look-up table. In contrast, the
VLC soft-decision decoder expects log-likelihood ratios (LLRs)
LOYF) = (L(Y1),L(Y2),...,L(Yg)) € RE. The LLRs rep-
resenting the channel reliability information, the block length B,
the bit vector length R, will be required by the VLC soft-decision
decoder, in order to calculate a posteriori probabilities (APPs), and
finally source symbol estimations.

2.2. Trellis Representation

In the bitstream Y, we denote the possible positions of the last
bit of y,_1 as state s,—1 = p € Sp—1, and of y, as state
sn = v € &y, respectively. Once the bit combination y, of
length v — p is transmitted at symbol time n, the state changes
from i to v. While the bit stream is transmitted over a noisy
channel, the correct states may not be reconstructed. In order to
increase the robustness of the decoder, all possible states s,, € Sy,
at symbol time n must be considered. Utilizing the trellis rep-
resentation from [24], Fig.2 shows all possible states s, over
symbol time n. We take an example of B = 4, R = 6 for 2
bit quantized source symbols with the Huffman [30] codewords
y(O) = (1507 1),}’(1) = (O)ay(Q) = (171)7}’(3) = (1707 O)
Herein, y@ = (y{", y{7 ...y ... 7}’5\2,)(7:)) denotes the code-
word for the corresponding quantization codebook index ¢, and
v e {0, 1} is the mth bit in y*). This time-varying trellis diagram
reveals three distinct stages: Diverging (the number of states in
S, increases along with n), stationary (the number of states in S,
remains the same), and converging (the number of states decreases
until reaching the known number of symbols and bits in the block
(B, R)). This leads to different definitions of state boundaries in
each stage. Moreover, R— B-min(N® NM N<2M’1))+1 is
the maximum number of states at a symbol time in this trellis repre-
sentation, with min(N (@, N N <2M’l)) being the minimum
length of a codeword y, i € T = {0,1,...,2™ -1}

2.3. A Posteriori Probabilities (APPs)

In the following we present the core of our VLC soft-decision de-
coder, having its roots in [25] and being a modification of the orig-
inal BCJR algorithm [20], in a consistent fashion. According to the
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Fig. 2: Trellis representation for B = 4, R = 6, and the VLC being
y @ =(1,0,1),y" = (0),y? = (1,1),y® = (1,0,0).

BCIJR algorithm, the a posteriori probabilities (APPs) of a probably
transmitted quantizer bit combination at symbol time n, given the
received bit vector Y ¥, can be written as

P(xn = x"[YT) =
SEED DD DR PR NI B A N

HESy_1 VESH

with ap—1(p) = p(sn—1 = p, Y§) computed in the forward re-
cursion, B (v) = p(Y2, 1|s, = v) computed in the backward re-
cursion, and vy, (2, u, v) = P(YZH,xn =x® g, = V|sn—1 =
11, Y4). Herein, x,, at symbol time n takes on the value x(?) be-
ing the bit combination of the quantization codebook index ¢. The
vector of received bits from bit position a to b is denoted by Y. =
(Ya,Yar1,...,Yy) = {—1,+1}>79F. The states yz and v are el-
ements of the state sets S,,—1 and Sy, at previous symbol time n — 1
and current symbol time n, respectively. The constant C normalizes
the sum over the APPs to one.

2.3.1. Forward Recursion

The forward recursion can be processed as

Oén(l/) = Z Z an—l(.u) ) 7n(i7 122 V)7 (2)

HES -1 1ET
with the initial value ap(0) = 1, and
Yo (i p1,v) = P(Y 4130 = xV)

. . 3)
. P(Xn = X(Z,) Sn = V|3n71 = //LaYit)7

which consists of a channel term and a source probability distribu-
tion term.

Assuming a memoryless channel, the probability of the received
vector Y, ., given a possibly transmitted quantizer bit combina-
tion, are determined by the channel term [13]
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Herein, Y .4 denotes the received hard-decided bit at bit position
© + m. The conditional bit probability is formulated as

P(?Z+1|anx<i>) =P(Y H+1|yn—y

. 1 = BERum, if Vitm =50
P(Y,im my ptm = Ym 3
(YVoetmlyie)) { BER,., else, )
. . . _ 1 S(2)
with the bit error probability BER,, = e (L@ ) and ¥,

being the mth bit of codeword y® in bipolar notation. The LLRs
can be acquired by L(Y m) = 4 - f]—s Y ,i4+m, with E, being the
signal energy per bit, Ny being the noise power spectral density, and
Y ,.+m being the real-valued signal observed at the (noisy) transmis-
sion channel output (note that ?;wm = sign({(wm)).

The quantized parameters can be modeled as zeroth-order
Markov process resulting in zeroth-order a priori knowledge (AKO),
or as first-order Markov process, leading to first-order a priori
knowledge (AK1). The AKO and AK1 are obtained by counting the
occurence frequency for different pairs of quantizer output symbols
from a large training database [13]. Thereafter, according to the
chain rule, an AK1 term is calculated by

P(xn =x® x,_1 :X(j>)
Z P(x, —x® x,_, :x(j)) ’

keT
‘ Q)
n = x(’>) is obtained by marginalization of

P(xn =x® |Xn—1 :x(j>) =

and an AKO term P(x
the numerator in (6).

Taking source correlation into account, the source probability
distribution term in (3) can be written as

P(x, = x(i), Sn = V|Sn_1 = M,Yf) =
Z P(x, = xm, Sn = V|Xn-1 = x(jz Sn—1 = ) @)
€T . .
! 'P(anl = X(J)|5n71 = M:Y’f)

According to AK1, the first term on the right-hand-side of (7) can be
computed as follows:

P(x, = x(iz Sn = V|Xn-1 = x(jzsn_1 =p)=
U [P =xDxnor = xD), if v—p=NO, &
ARG else

with the normalization

= Z Z P(Xn = x(i)|xn_1 =

V' €Sy €N =p/—p

X(j)). 9)

Considering the last bit position A = u — N of x,_5 [25], the
latter term on the right-hand-side of (7) can be expressed as

P(xn 1 =xD s 1 = pu, Y :#an, A V103, A
( 1 | 1 22 1) CQ([L) 2( )’7 1(.77 a:u’)v
(10)
with
Co(m) =D anaA=p—N9)) oy 1 (', A=p—NY) p).
J'ET
(11)

It can be seen that A = p — N G js uniquely determined by p and

the codeword length of index j, and each C> value corresponds to
one state y. Moreover, the terms o, —2(A) and v, —1(J, A, p) will be
zero if A ¢ Sp—o.

If AKO is adopted, the latter term of the right-hand-side of (3)
changes to

P(x, = (Z)sn =V|Spn—1 = W, Y“) =

1 [P(x,=x®), if v—p=N® 12
Ci(p) 10, else,

with the normalization (equal to one in the diverging stage)

Z Z (xn = x! ) (13)

v'€Sn ieT:N()=p/— m

Note that not all transitions from s,—1 = pto s, = pu + N(i),
with 4 from 0 to 2 —1, are available both in the stationary and the
converging stage of the VLC trellis representation (Fig. 2) in formu-
lae (9) and (13) (i.e., C1(u,j) and C7 () are not always equal to
one).

2.3.2. Backward Recursion

The backward recursion can be computed as

D) vn(hrw) - Buna(w), (14

wESp1 heT
with the initial value of 8 being Sg(R) = 1, and

7;+1(h7 v, UJ) = P(Yf+1|xn+1 = X(h))

) (15)
. P(xn+1 =X 38n+1 = W|Sn = V)-

The states v and w are elements of state sets S,, and S,41 at the
current symbol time n and next symbol time n + 1, respectively.
The channel term is given in analogy to (4) and (5) as
N(R)

P(Y¥ 1 |xn =xM) = H P(Yytm|y$). (16)

The source probability distribution term is obtained by

P(xn+1 = x") spi1 = wlsn =v) =

I [P(xn41= x(h)), if w—v =N, (17)
Cs(v) 10, else,

with the normalization taking the special case of stationary and con-
verging stages into account again:

Cs(v)= Y > Plxnp =x™). (18)

w' €Spt1 heI:N(hW) =w/ —v

2.4. Source Symbol Estimation

Using the APPs (1) and the quantizer codebook, the source symbol
Un, can now be estimated. As minimum mean-square error (MMSE)
estimation maximizes the value of the signal-to-noise ratio (SNR), it
is adopted in the following and the global SNR is used to evaluate
the performance:

ﬁnfE ul

with ¢ being the entry of the quantization codebook corresponding
to index <.

=x9y ), (19)
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Fig. 3: Simulation results for an M = 2 bit quantized Gaussian
AR(1) process with different block lengths B.

3. SIMULATIONS

3.1. Simulation Setup

The highly correlated samples of a first order autoregressive (AR(1))
Gaussian process with zero mean, unit variance, and correlation co-
efficient being 0.9 are used as source symbols. Loyd-Max quantizers
with 2 bit and 4 bit are utilized in two separate simulations (Fig. 3
and Fig. 4, respectively). The quantizer bit combinations are ob-
tained according to the natural binary code (NBC) [31]. For both
simulations, a number of 10% source symbols is utilized as the train-
ing database to obtain AK1 and AKO according to (6). Besides,
in each simulation, a number of 640000 fixed source symbols are
divided into block lengths of either 8, 16, 32, or 64, respectively.
Moreover, each block is transmitted over different channel realiza-
tions for a given Ej/No. Finally, the performance is evaluated ac-
cording to the global SNR of these 640000 source symbols. To solve
numerical issues in good channel conditions, all terms in the above
formulae are implemented in the log domain; the APPs are trans-
formed to the linear domain just before source symbol estimation
(19).

As VLCs and FLCs have different bit rates, a fair comparison be-
tween VLC and FLC soft-decision decoding requires the energy per
source symbol F, being the same in all simulations'. According to
P(x<i)) (AKO), the variable-length codes are generated by standard
Huffman coding resulting in two separate Huffman codebooks for
M € {2, 4} bit. Two algorithms are compared: The variable-length
soft-decision decoding (VLC/SD) according to Section 2, and fixed-
length soft-decision decoding (FLC/SD) with APPs from the original
BCIR algorithm [20].

3.2. Discussion

In Figs. 3 and 4, HD denotes hard-decision decoding, AKO and AK1
represent soft-decision decoding (SD) with zeroth-order and first-

!This means for the 2 bit quantizer 2 » EF'C = E, = 1.9896 = EYLC,
and the 4 bit quantizer 4 * EFLC = Es = 3.8093 * EYLC, given the average
Huffman codeword length of the respective VLC.
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Fig. 4: Simulation results for an M =4 bit quantized Gaussian
AR(1) process with different block lengths B.

order a priori knowledge, respectively. As can be seen in both fig-
ures, the use of AKO (no source correlation (used), but histogram-
related residual redundancy) leads to obvious improvements versus
HD in all cases. Clear further improvements are obtained when us-
ing AK1 (source correlation used in addition) — both for VLCs
and FLCs. As shown from [13], all SD results show a minimum
of SNR =0dB at worst channel conditions.

Varying the block length, we observe that for both HD and AKO,
the performance for FLC decoders remains constant, while the VLC
decoders loose performance for longer block lengths. For medium to
good channel qualities and short block lengths (B < 16), however,
the VLC/AKO scheme even outperforms the FLC/AKO approach
(compare to [17]). Since using AKO is equivalent to using AK1 in
the case of uncorrelated source symbols, we can state that, in these
conditions, VLC may be a better choice than FLC for uncorrelated
sources on AWGN channels — but only if soft-decision decoding is
employed. This effect is even more prominent for the lower bit rate
(M =2 bit). Using the AK1 scheme for correlated source symbols, it
turns out that FLC/SD is by far more powerful than VLC/SD — for
both quantizers and all block lengths. Moreover, FLC/AK1 shows
increased performance for longer block lengths due to a reduced in-
fluence of initialization. In contrast, the performance of VLC/AK1
decreases again for longer block lengths.

4. CONCLUSIONS

In this paper we have presented a variable-length (VLC) soft-
decision (SD) decoder. It is able to utilize residual redundancy
in the source symbols. Simulations over an AWGN channel showed
that certain degrees of residual redundancy allow for significant
improvements. Compared to fixed-length (FLC) soft-decision de-
coding, the VLC/SD approach exceeds the FLC/SD approach for
uncorrelated sources and short block lengths with medium to good
channel qualities. For correlated sources, FLC/SD turns out to be
the best scheme in all simulated conditions.
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