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ABSTRACT 

In this paper, we propose a scalable soft VLC decoder to 
significantly reduce the complexity. Generally, the soft VLC 
decoder needs to maintain many states for the correct decoding. 
Our approach reduces the complexity by reducing the table 
size. We reduce the table size by merging two symbols with the 
same prefix into one. Experimental results show that our 
proposed adaptive scheme can averagely save 15% of memory 
access compared with the state-of-the-an algorithms [I]. 
Furthermore, our proposed scalable soft VLC decoder has 
more than IdB PSNR gain as compared with hard decoding. 

1.  INTRODUCTION 

Variable Length Codes (VLCs) are commonly used to 
approach the entropy rate of a given data source. They are 
extensively used in today's image and video coding standards. 
However, most of VLC designs are highly sensitive to error 
disturbances. Straightforward table-look-up hard decoding may 
lose synchronization and induce error propagation over a noisy 
channel. To improve the error resilience, the soft VLC 
decoders with joint source and channel design have been 
proposed 121-[5]. Such algorithms generally need to maintain 
many states when the sequence length or table size grows. 
Hence, soft VLC decoders have problems of high complexity 
and intensive memory access. 

Reduced complexity algorithms with sub-optimal solution 
have been made in [I]. However, the improvement of this 
proposed scheme [I]  is not significant with larger VLC table. 
In this paper, we propose a scalable soft VLC decoding 
algorithm to significantly reduce the complexity. Particularly, 
our approach includes algorithm simplification and table size 
reduction. To simplify the algorithm, we translate the metric 
derivation in Soft-Input Soft-Output (SISO) algorithm [6] into 
the symbol-constrained directed graph [1][3] for the symbol- 
based VLC trellis decoding [7][8]. Through the help of graph 
representation, we develop a modified sorting scheme that can 
achieve the same decoding performance with fewer states. To 
reduce the table size, we propose a symbol-merging scheme. 
We merge two symbols with the same prefix into one symbol. 
By the symbol merging, we can greatly reduce the table size as 
well as complexity at the cost of minor performance loss. 

The proposed scalable soft VLC decoding is verified with 
not only a simple VLC table but also a practical MPEG-4 table. 
From the analysis of simple VLC source data, our algorithm 
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can averagely save 15% of memory access in comparison with 
the state-of-the-art algorithms. Further, in our simulation using 
MF'EG-4 table, OUT scheme shows more than IdB PSNR 
improvement compared with the table look-up hard decoding. 

The rest of this paper is organized as follows. Section 2 
briefly introduces the SlSO algorithm [6] and presents our 
proposed odnplive AMAP-2 for reducing the number of 
memor/ access. Section 3 shows our symbol-merging method 
for complexity reduction. Section 4 presents the complexity 
and performance evaluation. Finally, section 5 summarizes our 
work and draws the conclusions. 

2. PROPOSED APPROXIMATED DECODING OF 
SISO ALGORITHM 

2.1. Graph representation of SISO 

SISO decoding technique [6] is considered as an exhaustive 
decoding procedure to resist the error disturbance in the noisy 
channel. It estimates and searches on the tree-like path in the 
existence of additive white Gaussian noise (AWGN). The input 
sequence is transmitted by packets, We don't exploit sofi 
output for the iterative decoding because of the consideration 
of real-time video lransmission. It uses L bits and equivalently 
N symbols to represent the priori information in one packet. 
Thus, based on the similar estimation, we use the graph 
representation to simplify the SISO algorithm when the table 
size or decoded symbol grows. 

lstsymbol 2ndsymbol 
Figure I .  The proposed translation between 

symbol-constrained directed graph and the SISO algorithm 
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Figure 2. The original and real case of VLC table. 

To help the understanding of our simplified algorithm, we 
use a symbol-constrained directed graph representation [3][7]. 
Assume we have a simple VLC table with only 3 symbols 
(0,10,1 I )  and a packet that includes 3 bits (and equivalently 2 
symbols) with content as ‘0 W. After BPSK modulation, the 
modulated sequence is (-l,+l,-l].  When the packet is 
transmitted over the AWGN channel, the received packet may 
become (-0.8,-0.05,-0.2). 

Figure 1 depicts the graph representation for this example. 
The intermediate metric D*(ij) denotes the cumulative square 
error of i-th symbol and j-th hit in each symbol-state. S(m,n) is 
the symbol state decoded with m-symbol and have the index of 
n among the identical value of m. The number inside each 
square is just the same as the ’j’ of D*(ij). The operation of 
‘minimum’ is exercised in the states S(2,1), which is entered by 
more than 2 arrows for the same states. Furthermore, the 
minimal metric after the comparison is survived and the others 
are pruned. There is no need to calculate the state metric D’ of 
S(2,3) and S(2,5), and retum the null value because the 
decoded bit pointer exceeds the priori bit information (i.e. 4>3 
bits). Therefore, we can decide the shaded squares as the final 
candidates. The S(2,2) is the minimum among them, survives 
and traces back to the S(1,O) to decode the bitstream as (0,lO) 
for the correct decoding. 

2.2. Modification of VLC table 

To apply our algorithm in MPEG-4 standard [9], we introduce 
the ‘sign’ and ‘LAST’ field from the original Huffman table. 
The extra fields of ‘sign’ and ‘LAST’ are essential for the 
decoding procedure of SlSO in MPEG-4. In Figure 2(a), we 
modify the simple VLC table as Figure 2(h). In our proposed 
approach, we exploit the number of ‘LAST’ in one packet to 
represent the modified priori information. The number of 
‘LAST’ in one packet is defined by MPEG-4 standard and 
extracted from the packet header. Thus, it is available to the 
user without requiring any side information to be transmitted. 

To deal with the “s” parameter appended in each symbol, 
we use a simple hard decoding with table-look-up method. The 
induced ‘sign’ field in Figure 2(b) represents the number of “s” 
in each symbol. The ‘sign’ field is 1 when the “s” of each 
symbol is appended by I-bit. More discussion about the ‘sign’ 
field is provided in section 3. 

2.3. The proposed adaptive AMAP-2 

Because the practical MPEG-4 tables have many entries, the 
SlSO algorithm requires many states. It becomes inadequate 
for the VLSl implementation when the number of survival 
states grows. To reduce the number of states as well as memoly 
access, we propose an adopfive AMAP-2 (i.e. A-AMAP-2) for 
reducing the memory access. 

In [I], the author introduced the approximated decoding 
method 2 (AMAP-2) to improve the coding performance with 
low complexity. However, their approach is not robust to the 
variation of channel condition. They induce more states to 
retrieve the metric in the error-occurred region and increase the 
penalty to error-free region. They tried to find the fixed ‘ M  

state in the sense of smaller state metric D* and sorted among 
them in each symbol step. 

. .  
Figure 3. The graph representation of coding procedure in 

approximated decoding 2 [I]. 

thresho!d l, fL 

1 (b) A-AMAPd 
Figure 4. The comparison between the AMAP-2 [ I ]  and the 
proposed Adaptive AMAP-2. 

To against the variation of channel condition, we propose 
to adaptively select the states and reduce the number of 
survival states. Our adaptive scheme is more robust to the 
channel observance and provides the variable states in each 
symbol step to select the best states. To exhibit nw 
improvements and differences as compared with [I], we use 
the simple VLC table in Figure 2(b) as an example. The 
corresponding graph representation is developed in Figure 3(a). 
To clearly show the meeic variation in each state, we just omit 
thc arrows and the indication of ‘LAST’. In Figure 3(b), we 
show the sorting algorithm via the number of states in 
AMAP-2. By pruning the square of the same bit-position in 
Figure 3(b), we obtain Figure 3(c) that can be used in 
comparison with our A-AMAP-2. 

From Figure 4, we can see that the main difference of 
AMAP-2 and A-AMAP-2 is the sorting scheme in the Y-axis. 
Figure 4(a) shows that AMAP-2 requires at least 3 (i.e. 
MW.J states for correct decoding given the threshold 
specified. The correct states are labeled with the shaded region. 
In Figure 4(b), by employing the D* in the sorting algorithm 
instead of the numbet of states, the state metric range above the 
minimal metric for the correct decoding is 4 (i.e. 
6-2). As a result, we can find that there are totally 9-state and 
8-state survived in AMAP-2 and A-AMAP-2 respectively for 
the correct decoding. Such improvement on thc state number 
reduction increases when the errors occur infrequently. More 
simulation results are provided in section 4. (see Figure 9(a)) 

3. SCALABLE SOFC VLC DECODING 
ALGORITHM 
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Figure 5 .  The scalable algorithm with hard and soft decoding. 
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(c) Merge-.? 
Figure 6. A simple VLC table with ‘sign’ and ‘LAST’ field. 

The main problem of soft VLC decoding is the many states and 
the complicated computation when the sequence length or table 
size grows. To apply the SISO algorithm in MPEG-4, it is 
essential to reduce the table size. Thus, we propose a scalable 
scheme with symbol merging algorithm. 

We utilize the redundancy exhibiting in different symbols 
to perform the merging algorithm. We consider a simple VLC 
table as a tree-structure in Figure 5(a). The proposcd symbol- 
merging scheme searches the symbols with identical prefix and 
merges them into single merged-symbol. In Figure 5(b), the 
original SISO decoding algorithm is a special case that is when 
z is equal to 0 (i.e. Base To). In other words, there is no hard 
decoding performed except ’sign’ bit. Such case achieves the 
highest performance with the penalty of the largest complexity. 
However, the code-length of prefix symbol with sofl decoding 
will decrease when the index $2’ increases. Meanwhile, the 
number of bits with hard decoding will increase. As a result, it 
can be considered as a hybrid Scheme that combines the hard 
decoding and the soft decoding. 

We use a simple example to illustrate the proposed 
scheme in Figure 6 where ‘T,’ represents the number of 
symbols after the operation of Merge-i. As shown, after the 
operation of ‘Merge-l’, the table size is decreased by 2. 
Further. with the ’Meree-2’ overation. the total number of 

MPEG-4. As shown in table 1, we find that the higher of the 
B.D., the more reduction of the table size. The B.D. value of 
non-intra table is lager than that of intra one. It can be 
explained by the fact that non-intra table has more redundancy 
exploited in terms of symbol-structure. 

Table 1. The reduction oftable size by symbol-merging 

Figure 7. The evaluation of performance and execution time 
with different symbol-merging table in Figure 6. 

We propose the scalable method to reduce the table size at 
the expense of little performance loss. There are tradeoffs 
between the complexity reduction and performance loss. In 
Figure 7(a), the complexity in terms of execution time reduces 
greatly at the cost of link performance degradation. Figure 
7(b) describes that the performance loss will dominate the 
overall system performance when ‘ i ’  is larger than 2(i.e. 
Merge-2). 

4. SIMULATION RESULT 

We verify our proposed scalable soft VLC decoder over the 
AWGN channel using BPSK modulation. Simulation results 
include two main parts. The first part uses the simple VLC 
table for analyzing the performance and complexity between 
AMAP-2 and A-AMAP-2. The second part uses the practical 
table of MPEG-4 for the video transmission. 

4.1. Analysis with simple VLC table 

symbols becomes 3. ThTheintrodiced ‘sign’ field represents the 
number of ’Y’ appended in the corresponding symbol. The 
‘sign’ field will increase when both of symbols have been 
merged into one. 

To quantify the number of Symbols after the symbol- 
merging scheme, we propose the metric of ’Balance Degree’ 
(B.D.) in Equation ( I ) .  The metric of B.D. is between 0 and I .  

as well as a special table with complete tree-slructure. It leads 
to “zxO.5” after the z times of summation where the ratio of 
Ti+, over Ti is fixed at 0.5. Therefore, the branch degree of 
Figure 6 is 58% in the condition of “ ~ 2 ” .  

From the analysis of performance and complexity, it.s 
imperative to decide the of GM to be swived (see 
Figure 4), The larger achieves the higher prrfomance at the 
price of high complexity. The problem occurs also in the 
maller M, nus, inappropriate M will be harmful to the 

The empirical value of M is determined from experiments. 
complexity, . 

In Equation (11, the denominator represents the maximal value we define the and convergence point to approach 
the optimal value, Given a simple table in Figure 6(a), Figure 
depicts the measurement of M’ sconvergence 
M .  The symbol error rate will decrease with the increasing 
‘ M ,  Intuitively, we select the convergence point as ’ M  for the ,& 2 ,-.. ( I )  tradeoffs between performance and complexity. We also use 
the convergence point in the verification of MPEG-4 standard. 

The proposed A-AMAP-2 adaptively selects the number 
of &tes in each symbol step and reduces the number of 
m m r y  access. In Figun 9, we =Sume that one s w i v e d  state 
Will cost one access of memory element. We compare the 

NO/ redudion z( T, ) ,.o( ] = ~ = -  S.D.(z)- 
o m p k f e  reduetion g(,-o.5) l X O . 5  

j.0 

TO prove that B.D. is a meaningful number to our merging 
scheme, we measure the B.D. using the table in W E G - 2  and 
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performance of our proposed A-AMAP-2 and the A M P - 2  
versus channel condition. Obviously, given the same 
performance, our algorithm averagely saves 15% of memory 
access as compared with AMAP-2 in [I]. 

.-. .-. 
Figure 8. The performance with convergence and saturation 

point. 

Figure 9. The comparison of pcrformancc and memory acccss. 
( i  c proposcd A-AMAP-2 vs. AMAP-2 [ I ] )  

4.2. Analysis with MPEG-4 VLC table  

In addition to simplc VLC tablc. wc also verify our schcmc 
with practical MPEG-4 V1.C rable. Our simulation modcl is 
consvuctcd as follows The input video scqucnce is MPEG-4 
191 cncodcd uith thc re-s)nchronimtion markcrs and data- 
panition. In data panition mode, we have thc tcxturc pan, 
composed of a icqucnce of V1.C codc-words, be cormptcd by 
AWGN. The othcr p a t <  arc of error free by employing the 
UEP [ I O ] .  To thc ESCAPE code, x c  simply use hard decoding. 

Finally, wc usc foreman (QCIF) as our tcst scqucncc and 
cncodc thc sequence at 64kbilss. 15fps and intra interval 12 
for the wirelcss or mobile communication. Each vidco packet 
conlains 300biu There is no any sidc information to hc 
uansmined and the proposcd dccodcr IS bandwidth cffucnt  In 
Figure I O ,  our proposed scalable soft VLC decoder is standard 
compliant and shows murc than IdB PSNR gain as comparcd 
with thc uaditional lablc look-up hard decoding whcn the 
BER=IO’(i c SNRLIOdR). The pcrfurmancc improvcmcnt of 
our schcme uill become mure promincnt when thc uppcr 
bound of ‘No crror’ is incrcascd. In thc subjcctivc quality 
comparison of Figure 1 1. our schcmc shows bcttcr quality. 

5. CONCLUSION 

In this paper, we prcsent an efficient and scalablc scheme of 
sofl M C  decoding algorithm to rcducc thc complcxity. We 
proposc an oJapaprrve AMAP-2 tu rcducc the numbcr of mcmory 
access and dcwlop a .symbol-merging schcmc to rcduce the 
table SILO. Expcrimenral rewlu show that our adaptive 
AMAP-2 can savc 15% of mcmory acccss as comparcd with 
uaditional A M P - 2  [ I ]  In addition, togcthcr with our symbol- 
merging schcme, wc can averagely improvc thc PSNR by IdB 
and offcr hencr subjective quality as comparcd with hard 
dccoding. To cope with thc high crror ratc in thc band-limitcd 
system, our mcthod provides bandwidth cffmicncy and error 
rccovcry. Furlhcr. our proposcd scalablc sofl VLC decoding 
algorithm schicves high pcrformancc and low complcxity over 
thc traditional sofl VLC decoding algonthm. 

(a)- k d b .  @) SulnbleSoftIkcodiaL 

Figure 11. The comparison result on the la frame of video 
sequence at SNR=lOdB. 
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