Stmulation results and conclusions: The proposed VLC coding
method was compared with the VL.C coding method in the TML-
1 codec. To demonstrate the validity of the proposed algorithm,
the algorithm was applied to two syntax clements, the macro
block (MB) type and coded block pattern (CBP). The test
sequences were composed of 300 frames of ‘Foreman’, ‘Hall’,
‘News” and ‘Container ship’ sequences in the guarter common
intermediate format (QCII) (176 x 144 pixels) at 10 framo/s. A
fixed quantisalion step size, i.e. Qsiep = 4, 5, 7, 10, 15, 25, was
used for all the sequences according to the common test condi-
tions of the H.26L standard [4]. Table | shows the VLC table for
the MB type in the TML-1 codec. Note that the VLC code for the
INTRA MB type was 0000011, i.e. 7bits and a decimal value of
three. Tn Table 2, the probabilities for each MB typc arc pre-
sented to show the statistical variations according to sequence and
cading parameter, i.e. Qstep. To measure the performance of the
VLC tables, we computed the average number of bits per symbol
(bit/symbol):

I—1

B =" s(pli) (5)

20

For comparison, we also performed computalions using the entropy
and mapping-based method by replacing s(7) with —log,p(f) and
s(m(i)), respectlively. Table 2 shows that the symbol probabilitics
are drastically changed with respect to the sequence and quantisa-
tion step size. Also, the coding performances measured in terms of
the average number of bits pet symbol show that the TML-1
coder gives a relatively poor performance compared with the
entropy, which is the theoretically optimal performance valuc and
that there is a high probability that the proposed mapping method
can be used to improve the coding efficiency. Note that this map-
ping-based result is obtained when the symbol probability is
known.

Table 3: Average bit rate and percentage reduction in number of
bits for MB Lype

Container Foreman Hall News
TML | Prop | TML | Prop | TML | Prop | TML | Prop

Q
p
4 460 | 3153 | 555 | 279 | 448 | 270 [ 385 | 26l
5
7

457 | 320 | 557 | 279 | 441 | 261 | 364 | 282
360 | 276 | 511 | 314 | 350 | 161 | 319 | 279
10 ] 324 | 236 | 488 | 327 | 333 | 150 | 296 | 275
15 | 264 | 226 | 455 1 324 | 259 | 212 | 264 | 260
25 168 | 170 | 373 | 275 | 145 | 142 | 198 | 194
[o] 24,10 38.82 39.47 15.06

Table 4: Average bit rate and pereentage reduction in numbet of
bits for CBP information

Container Foreman Hall News
TML | Prop | TML | Prop | TML | Prep | TML | Prop

Q
P
4 761 | 407 | 675 | 275 | 7ol | 237 | 564 | 404
5
7

734 | 413 | 676 | 301 | 795 | 304 | 515 ] 370
683 | 387 | 668 | 349 | 828 | 429 | 455 | 317
10 | 634 | 444 | 661 | 433 | 781 | 581 | 419 | 317
[5 | 458 | 395 | 604 | 500 | 408 | 367 | 347 | 300
25 140 | 132 | 363 | 343 | §7 80 | 181 | 170
[ 36.15 39.65 4541 2431

The results in Tables 3 and 4 are obtained by applying the pro-
posed algorithm presented in the preceding Section, using the
probabilities computed from the previously encoded data. The
parameters (L, W) for the MB typc and CBP arc (9, 1) and (48, 5),
respectively. Table 3 shows the average bit rale comparison for
the MB type between TML-1 and proposed method. Each value in
Table 3 represents the average number of bits per frame and the
columns and rows represent the Qstep size and coding method
used in the simulation, respectively. From these results, the pro-
posed mcthod gives a ~30% reduction in the overall bit rate over
the TML-1 method. In the Table, the improvement is reduced as
the quantisation stcp size is increased, implying that TML-I

method is designed for low bit rate applications, though H.26L
covers high bit rate applications [4, 5], A similar trend is also
observed for CBP information, as shown in Table 4.

From thesc simulation results, we conclude that the symbol
probability is drastically changed by the sequence and coding
parameters and that the proposed method gives a remarkable
improvement over the conventional VLC coding method.
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Adaptive type Il hybrid ARQ scheme using
zigzag code

K.S8. Chan, Li Ping and S. Chan

The authors propose a new hybrid type 11 ARQ scheme based on
the simple multidimensional concatenated zigzag code. Owing (o
the [act that the crror-correcting capability of zigzag codes is far
better than that of conventienal convolutional codes, the
throughput of our scheme is better than existing hybrid ARQ
schemes.

Introduction: Automatic repeat-request (ARQ) schemes are com-
monly used in data communication systems in order to provide
reliability of communication. Many recent research projects have
focused on type II hybrid ARQ schemes [1, 2]. In communication
systems where the channcl state temporarily varies, it s preferable
to change the error-correcting capability in the hybrid ARQ
scheme according to the channel state. In [1], the author proposed
a new hybrid ARQ scheme with adaptive forward crror correction
called the adaptive incremental redundancy (ATR) scheme, This
scheme is based on the punctured and repetition convolutional
code, The basic idea is that the coding rate for error correction is
varied according to the system parameters. It has been shown that
the performance of this scheme is better than that of other ARQ
schemes [l]. However, there are still two issues for this scheme.
The first is the error-correcting capability of the convolutional

. code. The convolutional code is not the best forward error correct-

ing code. The coding gain of the turbo code may be much higher.
Since the throughput of the ARQ scheme is related to the coding
gain of the code used, a better choice of code may lead to further
improvement in the throughput. Another issue is related to the
decoding complexity of the punctured code. The decoding com-
plexity of the punctured code is almost the same as the non-punc-
tured code. This means the decoding complexities arc the same for
both the good and bad channels. However, intuitively, we would
expect 4 lower decoding complexity for a good channel since a
simpler code can be used in this case.

In this Letter, we propose a new adaptive hybrid ARQ scheme
o address the above {wo issues, We will adopt the multidimen-
sional zigzag code proposed in [3]. The simulation results in [3]
show the error-correcting capability of this code is comparable to
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that of two-dimensional turbo codes, while the decoding is much
simpler. The decoding complexity is also lower for a higher coding
rate. The simulation results show the improvement in the through-
put is substantial compared to the AIR scheme, As the decoding
of the multidimensional zigzag code is much simpler than that of
the convolutional code, our scheme is also easy to implement.

d(i,1) d(i2)

P

pl)

Fig. 1 Graph representation of zigzag code

Scheme description: The zigzag code is illustrated in Fig. 1. Here
white nodes represent information bits: {d(i, J}, i=1,2, ., L j =
1, 2, ..., J. Black nodes represent parity bits: {p()}, i= 1,2, .., I.
We refer to [p(i - 1), i, 1), d(i, 2), ..., di, J), p(] as a segment,
The parity bits are chosen such that each segment on the graph
contains an even number of ones. The multidimensional concate-
nated zigzag code is shown in Fig. 2. In this Figure, D is an I x J
array of information bits, and B, = ®,(D) is an [ x J artay
obtained from D using interleaving m,, #n = 1, 2, ..., N. The zigzag
coding scheme is applied to produce the parity check vectors p,
for each D,. The overall encoding and decoding algorithms of the
concatenated zigzag code can be found in {3].

e — P "
Py Pa P
# N
1] o p, | ... oy |4
o
—J—
1| o
il Ay
t
b P, P, Py

Fig, 2 Multidimensional zigzag code

« Encoding process
h Overall codeword

We now describe our type I ARQ scheme. As in [1], an (, k)
block code is used for error detection. Error correction is achieved
using the multidimensional zigzag code shown in Fig. 2. It is
assumed that a noiscless feedback link is available so that the
receiver can reliably inform the transmitter of the packets that can
be successfully decoded. Thus when a k-bit information packet
needs 1o be sent, it is first encoded as an (s, k) block code B. This
code is then used as the information packet to be encoded in the
- form of an N-dimensional concatenated zigzag code. If the trans-
mission of the packet includes & levels, the N parity vectors P, P,,
...y Py are divided into & groups: G, includes P, to Py; G, includes
P+l 1o Py, .. Gy includes Py, 4 to Py. The operation of the

transmitter at different levels encountered during the transmission
of a packet § is described below:

Lewvel 1: Initially, B and the parity vectors included in group G, are
transmitted in the channel. At the receiver, the received packet is a
ky-dimensional concatenated zigzag code. After the decoding prog-
ess, the receiver decodes the (n, k) block code to see if it is error
free. If it is, the transmission of B is complete. Otherwise, f§ moves
up to level 2.

Level i, 2 < < k: At this level, the transmitter sends all parity vee-
tors included in group G, At the receiver, the received sequence is
combined with the previously reccived sequences for the same data
packet for decoding, If the decoding process is successful, trans-
mission of B is complete. Otherwise, f moves up to level 7 + 1 for
i<korlevel 1 fori=k.

The above hybrid ARQ scheme can work both for the stop-
and-wait and go-back-N ARQ protocols. For the stop-and-wait
protocol, the transmitter will not begin transmitting another
packet unless the current packet is received correctly. In the go-
buck-N ARQ protocol, the transmitter will send new packets when
the transmitter is waiting for acknowledgement. However, the
receiver will not begin decoding new packets before the current
decoding packet has been declared successful.

1.0

0.9
08

07

throughput

0.8

06L""

0.4 T T T T [ T T
-2 -1 0 1 2 3 4 [+ 8

Fig. 3 Throughput ageinst channel SNR for siop-and-wait ARQ scheme
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To cvaluate the performance of our scheme, we have performed
some simulations and compared the results of our scheme with
other ARQ schemes. In our simulation, we assume it is a white
Gaussian channcl, and packets are transmitted in the channel
along with 7, overhead bits required for synchronisation, address-
ing, cte. The number of channel bits that can be sent during a
round-trip delay is denoted by Sp. We assume » = 500, S, = 5,000

“and 1y, = 50. We have carried out simulations for stop-and-wait

and go-back-N ARQ schemes. Fig, 3 shows the results for the
stop-and-wait scheme, while Fig. 4 shows the results for the go-
back-N scheme. Both scts of resulis are measurcd against the
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channel signal-to-noise ratio. The normalised throughput of our
scheme, the adaptive incremental redundancy (AIR) scheme pro-
posed in [i], the type TT hybrid ARQ scheme with code combining
in [2], and the Sastry scheme with multiple copy decoding (MCDY)
are plotted in these Figures. It can been seen that for a channel
SNR of < 5dB, our scheme performs much better than other
ARQ schemes. The lower the SNR, the better the improvement.

Conclusions: In this Letter, we have proposed a new type II hybrid
ARQ scheme, The new scheme is based on the simple multi-
dimensional concatenated zigzag code, The scheme can be easily
implemented. The scheme can also automatically adapt to varying
channel quality. The simulation results show our scheme is better
than other hybrid type II ARQ schemes.
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Fast nearest neighbour searching algorithm
using L, norm

Seongjoon Baek, SangKi Kang and Koeng-Mo Sung

Simple but effective fust codebook searching algorithms for vector
quantisation are presented. The Buclidean distznce (I, norm)
calculation requires a number of multiplications, The proposed
algorithms use the [, norm between the input vector and
codeword to discard many unlikely codewords. Since the
proposed algorithims  significantly reduce the number of
multiplications, a considerable reduction i encoding time is
achieved. Simulation vesults confirm the effectiveness of the
proposcd algorithms.

Introduction: Computational complexity is a critical problem of
vector quantisation (VQ). The number of multiplications is often
used as a measure of the computational complexity of minimum
distortion encoding, since it is usually the dominant compulation
[1]. The average number of multiplications per sample, ¥, required
for full search VQ minimum mean squared error encoding is given
by
N = okil

where k is the dimension of the vector and R is the rate in bit/sam-
ple, This exponential growth in dimension and rate severcly
restricts the size of implementable codebooks. In this Letler, we
propose a fast encoding algorithm which significantly reduces the
number of multiplications.

Proposed algorithms: We will first give a lemma which plays a koy
role in the proposed algorithm,

(i) Lemma 1: Let x = (x), Xy, ..., x3) be an input vector and y =

(31, Y2, ..y Vi) be a codeword. If the distortion is the Euclidean dis-
tance, then

dix, y)* > (Z |5 — yil) /k

(i) Proof of lemma 1: The above equation, Z5, |x; — y,|, can be
rewritten as £F, p; |4, — |, where p; is defined as

) +1 w2y
PEE -1 w<y

We introduce two variables for the proof:
k&
w=piwi-pyi B= 9 (i — i) [k
=1

We start with the following inecuality:

& k k

DAai=BP =3 "ol =28 i+ k20

=1 i=1 =1
Since Tf, oy = kP, the above inequality is reduced to Tf, o2 >
k[’ Substituting the following two equalions into this inequality
gives

k [ B
doal =) piai - =) (@i —u)’ = d(y)
=1 =1 i=1
k 2 & 2
k32 = k(Z(p-iﬂii —psyi)/k) = (Z(Mmf plyl)) /k
i=1 i=1
and we now have the inequality we want to prove. (]

With lemma 1 available, we now describe the proposed algo-
rithm, The algorithm consists of two steps. The first is a checking
step which determines whether the distance calculation is required
or not and the second step is the distance calculation step.

In the first step, for a given vector x, the algorithm checks if

& 2
(Z |"1jz - ?f@|) /}c > d:zm.'m
i=1

where d,,;, is the minimum distance so far. If the answer is yes, the
codeword is rejected without calculating the Euclidean distance.
Otherwise, the distance is caleulated,

We now investigate the number of operations required for the
proposed algorithm in detail. We assume that the size of the code-
book is N and the number of distance calculations needed is M.
The full search algorithm requires N(2K — 1) additions (including
subtractions) and NK multiplications. The proposed algorithm
requires 2N + MK multiplications, N(2K — 1} + M(K - 1} addi-
tions, and NK comparisons. When we compare the two algo-
rithms, the proposed algorithm saves MK - 2) - MK
multiplications and loses M(K — 1) additions and NK compari-
801Ss.

Consequently, the proposed algorithm reduces the number of
multiplications but increases the number of additions and compar-
isons. Since multiplications require much more time to execute
than additions and comparisons, the proposed algorithm reduces
the overall enceding time.

It should be noted that the algorithm can be effectively com-
bined with cxisting fast algorithms. When the proposed algorithm
is combined with a fast algorithm such as the ENNS algorithm
{2, 3], the required number of distance calculations M becomes
very small. As a consequence, the encoding time of the proposed
algorithms would be reduced further.

Experimental results: Experiments have been performed using four
USC images (Lena, Boat, Man, Baboon) to evaluate the efficiency
of the proposed algorithm, The images are 512 x 512 menochrome
with 256 grey levels. The ‘Lena’ image was used as the tramming set
to generate the codebook with dimension 16(4 x 4).

In Table 1, the average number of distance calculations is com-
pared and shown for various codebook sizes. Tt is apparent that
the average number of distance calculations of the proposed algo-
rithm is only a small portion of the full search algorithm. Even
when compared to the ENNS algorithm, the proposed algorithm
requires the smallest distance calculations.

As an example, when the codebook size is 256 and Lena is the
input image, the average number of distance calculations is 5.76.
In this case, the proposed algorithm saves 3491.84 (= 256 x (15 -
2) — 5.76 x 16) multiplications and loses 86.4(= 5.76 x (16 — 1))
additions and 4096(= 256 x 16} comparisons. In addition, since
the execution time of multiplications and additions depends on the
type of the processor, it should be noted that exact savings of
encoding time would be different according to the processor type.
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