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Abstract 

A fine-grain pipelined adaptive differential vector  
quantizer architecture i s  proposed f o r  low-power speech 
coding applications. T h e  pipelined architecture is  de- 
veloped by employing the relaxed look-ahead technique. 
The  hardware overhead due t o  pipelining i s  only the 
pipelining latches. Simulat ions with speech sampled 
at 8 h'hz show that ,  f o r  a vector  dimension o 8, the 
degradation in  the signal-to-noise ratio (,!"/due t o  
pipe lin ing is negligible. Furthermore, t his degradation 
is  independent of the level of pipelining. Thus ,  the 
proposed architecture is attractive from an integrated 
circuit implementat ion point of view.  

1 Introduction 

In the past, pipelined digital signal processing 
(DSP) algorithms have been developed for high-speed 
applications such as video compression. However, in 
[l] the use of pipelining for reducing power consump- 
tion in VLSI chips has been described. This fact mo- 
tivates the need for designing pipelined a1 orithms for 
low-power applications such as speech cofecs for per- 
sonal communication systems. Vector quantization 
(VQ) [2] is an attractive technique for source coding 
at low bit rates. However, for a fixed rate, the encoder 
complexity increases exponentially with the vector di- 
mension. The adaptive differential vector quantizer 
(ADVQ) [3]-[4] belongs to the class of feedback vector 
quantizers, which have reduced complexity and are at- 
tractive from an implementation point of view. 

The recursive structure of ADVQ along with the 
predictor adaptation makes it difficult to pipeline it. 
Unlike [3]-[4], we consider continuous predictor adap- 
tation. In the past, algorithm transformation tech- 
niques [5] such as look-ahead [6] have been succesfully 
employed for pipelining of numerous recursive DSP al- 
gorithms at  expense of a hardware overhead. Recently, 
in [7], we proposed an approximate form of look-ahead 

called the relaxed look-ahead, which results in negligi- 
ble hardware overhead. The relaxed look-ahead main- 
tains the functionality of the algorithm instead of the 
exact input-output behavior and, therefore, results in 
hardware efficient pipelined algorithms with negligi- 
ble degradation in performance. Employing the re- 
laxed look-ahead technique, we proposed a fine-grain 
pipelined ADVQ (PIPADVQ) architecture [8] for real- 
time video compression. In this paper, we apply the 
PIPADVQ algorithm in [8] for low-power speech cod- 
ing at rates R = 8 Kbps and R = 6 Kbps [9]. 

There are significant differences between the PI- 
PADVQ architecture in [8] and the PIPADVQ archi- 
tecture addressed in this paper. The PIPADVQ ar- 
chitecture in 81 exploited the two-dimensional nature 

der and a linear vector topology. This cannot be done 
in the present context of speech compression. In this 
paper, we show that the degradation in the signal- 
to-noise ratio (SNR) due to pipelining for any rate R 
decreases as the vector dimension is increased and is 
negligible for a vector dimension of 8. Furthermore, 
the SNR degradation remains more or less constant as 
the speed-up increases. This is verified by simulations 
on real speech data sampled at  8 KHz. 

of video signa I s by employing a row-by-row vector or- 

2 The Pipelined ADVQ Architecture 

The derivation of PIPADVQ using relaxed look- 
ahead is given in 81. A M-level PIPADVQ coder (see 
Fig.l(a)) is descri b ed by the following equations 

S;(n + M )  = WT(n - l)Si(n - 1) i = 1 to Ii- 
(2.1) 

e(.> = ~ ( n )  - S ( 7 t )  (2.2) 

e d n )  = P(r(e(7,))) (2.3) 

S ( n j  = S ( n )  + eq(72) (2.4) 
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i = 1 to K .  (2.5) 



Figure 1: The PIPADVQ : (a) coder and (b) decoder. 

where n is the time index, S ( n )  = 
[ s l ( n ) ,  s ~ ( n ) ,  . . . , s?(n)IT is the input vector, IC is the 
vector dimension, S(n)  = [sl(n), Zz(n), . . . , i ~ ( n ) ] ~  is 
the predicted vector, e(n)  is the prediction error vec- 
tor and S(n) = [;I(.)! ? Z ( R ) ,  . . . , S,(n)lT is the recon- 
structed signal. In addition, the encoder function 7( .) 
assigns to each e(n the codeword index as the chan- 
nel symbol and ,f3( .] is the decoder read-out function 
which returns a value from the reproduction alpha- 
bet for a given channel symbol. The predictor weight 
vector for the it" dimension ( i  = 1, ..., IC) is denoted 
by Wi n) .  Finally, S;(n)  is the vector of past recon- 
structe 6 samples employed for predicting si(n) .  

We employed an improved version of the stochastic 
gradient algorithm (SGA) in [lo]. This algorithm was 
also employed in [8]. Our al4orithm adapts the predic- 
tor to minimize the prediction error (see (2.5), while 
the codebook adaptation (given below) minimizes the 
reconstruction error. 

c ( n )  = c ( n  - 1)  + p e ( e ( n )  - c(n  - l)), (2.6) 

where p c  is the codebook adaptation step-size and 
c n is the codevector to which the prediction error 
e [ n ]  has been mapped. This algorithm has the ad- 
vantage of being less sensitive to the changes in the 
step-sizes p and pc and also offers an SNR improve- 
ment. FurtIermore, analysis for joint stability of the 

M 

Figure 2: A S N R  vs. M a t  R = 8 Kbps. 

predictor and codebook adaptations was also carried 
out in [SI. 

In Fig.1, the prediction error vector quantizer VQ, 
the codebook CB, the vector predictor VP and the 
weight-update block WUD are shown. The PI- 
PADVQ has A4 delays in the most critical loop and 
these can be retimed to pipeline all the computational 
blocks aiid the two vector adders. Note that, the only 
hardware overhead due to relaxed look-ahead are the 
2 M K  pipelining latches. However, employing relaxed 
look-ahead has resulted in the use of M + 1 vector- 
step forward prediction (see Fig.1). This corresponds 
to M + 1)K scalar s t ep  forward prediction. Clearly, 
as L (or I<) increases, the output SNR would degrade 
due to the increase in the prediction error power. How- 
ever, from rate-distortion theory [ l l ] ,  the output SNR 
should improve as I< increases. Thus, it is important 
to investigate whether the degradation in SNR due to 
increase in A4 is offset by an increase in the value of 
K .  

As a measure of performance, we employ the rela- 
tive SNR degradation AS.VR defined as 

, (2.7) 
SNRserial - SNRpipe 

SNRseriol 
A S N  R = 

where SNRseriol and S N R  i e are the SNR's of the 
serial ADVQ and the PIPAheQ, respectively. 

Simulations with speech data sampled at 8 KHz in- 
dicate (see Fig.2) that as the vector dimension K is 
increased from 4 to 8 (at R = 8 Kbps , A S N R  drops 
from approximately 12.22% to 5.01 d 0. Furthermore, 
for a given vector dimension I<, A S N R  is approxi- 
mately constant for pipelining levels of up to 10. We 
have confirmed that ASN R for Ii' = 8 does not change 
even at values of M as high as 20. Note that M = 20 
(with I< = 8) corresponds to a 168 scalar-step for- 
ward prediction. Clearly, the increased vector dimen- 
sion compensates for the increased prediction error. 
To further confirm these results, we repeated the sim- 
ulations for R = 6 Kbps. Again (see Fig.3), we find 
that the average A S N R  drops from 13.88% for K = 4 
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Figure 3: A S N R  vs. A4 a t  R = 6 Kbps. 

to  7.66% for I( = 8 .  Furthermore, with I( = 8 ,  the 
A S N  R remains approximately constant for values of 
M upto atleast 20. 

3 Summary and Conclusions 

The PIPADVQ architecture derived by the appli- 
cation of relaxed look-ahead offers substantial speed- 
ups at  no extra hardware cost (except for the pipelin- 
ing latches). Furthermore, the SNR degradation due 
to  pipelining is independent of the speed-up. The 
shorter critical path in the pipelined architecture can 
be charged or discharged at  the same speed as the non- 
pipelined system using a lower supply voltage. This 
voltage reduction can lead to  low power consumption. 
Furthermore, the pipelined architecture can also be 
unfolded [12]-1131 systematically to  design parallel or 
block processing architectures which can also be used 
for low-power speech coding though at  the expense of 
an increase in silicon area. Thus, the PIPADVQ can 
be employed in a low-power speech coding environ- 
ment,. 
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