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ABSTRACT 
In analysis-by-synthesis coders the problem of apprarimating the 
original signal by the synthesized signal is solved over a limited 
time interval only. Zn this contribution a systematic investigation 
of pssibk improvements by using extended or even unlimited 
intervals is presented 

1. INTRODUCTION 
In linear predictive d i n g  using analysis-by-synthesis tech- 
niques 11, 21 the quantization e m r  at the output of a synthesis 
filter shall be minimized as depicted in Figure 1. 
The signal is sequentially processed in block mode. For each 
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Figure 1: Basic structure of analysis-by-synthesis coders 

whole block or interval I, consisting of ~5 samples the quantized 
exatation sequence cy(,) is determined, so as to minimize the 
perceptual quantization error Pe. In the state-of-the-art schemes 
the error is computed just over the same time interval I, (analy- 
sis interval), ignoring the influence of the quantization on future 
intervals I,+1, I,+1 etc. In [3] this influence is taken into con- 
sideration to a certain extent only as the influence of excitation 
c,(k)  on one future frame I,+1 is considered, but by using an 
emt Pe independent of c,+l(k). 
In this paper a joint optimization technique is proposed, tak- 
ing into account the contribution of the excitation sequences 
cy(,), c,+l ( k ) ,  to the expected distortion computed over 
all future frames. A theoretical solution for the described prob- 
lem is derived and applied to a fixed grid Regular Pulse Excita- 
tion codec @PE, e. g. 121) and a Code Excited Linear Predictive 
codec (CELP, [l]). With this new systematic analysis, the infiu- 
ence of analysis time limitation in the traditional schemes can 
be evaluated. 

2. SEQUENTIAL QUANTIZATION 
The synthesis filter cascade in interval Iy is described by its 
impulse responses h,(k) which can be truncated to R 5 L 
samples. At first we consider the case that an FIR synthesis filter 
is used or that the coeffiaents of an IIR filter did not change from 

Z,-1 to Iy i. e. h,,l = h,. The synthesized signal in frame 
I ,  is denoted by &(k) and the input by c,(k).  Then the vector 
I ,  = (L(l), . . . , &(L))= E RL is given by 
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In the general case the matrices need not consist of time invariant 
shifted versions of the same impulse response, but all effeds of 
time variation of the synthesis filter can be covered by proper 
specification of Hi and Ht . The target vector s, is equivalently 
substituted by s, = Hi rv-l +HErv with t , , (k)  denoting the 
prediction residual sequence. 
Exploiting the often existing delay of LPCcodels, a general 
premise shall be that for frame I, all target signals represented 
by ri ( i  < v + l )  and quantized excitation vectors ci ( i  < v-1 )  
are known. 
The speech signal begins in frame I1 thus ro = CO = 0. While 
M may be arbitrary large we obtain Pe summed over M frames 
as 

3. MATHEMATICAL SOLUTION 
Since the signal is only described statistically, the expeded value 
of Pe shall be minimized by choosing the optimal excitation 
signal cy in each frame. I. e. the task is to find a set of rules 

cy = pv(rv--l -cv- l ,  rv ,  rv+l) for U = 1, .. . ,M (3) 

that minimizes the expected value E{Pe} .  The function p, has 
only three arguments due to the limited length of the impulse 
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response. Pa is a Function of M random variables ri and M 
Functions pi 

E{Pe) = E{Pe{ri,. -. , rv, PI,. - PM)) = f(pi,  -. ,PM) 
(4) 

since the expectation value represents averaging over rl,. . .,rM. 
The desaibed problem is of the class treated by the calculus 
of variations. 1471 the 
existence of a solution is generally not guaranteed, therefore 
usually necessary conditions are imposed first. 
A set of solution Functions shall be ( p i , .  . . , (OM with c7’ = 
(pdr+l-c*l,rwr,,+l). By using the minimum conditions For 
(pv and pv+l some inequalities can be exploited as shown in [SI 
to derive a necessary condition For a solution c p v .  The essential 
result is stated below: 
IF A(cv, c”y”) is defined as 

A(cv,c;p‘)=IIH:(rv--I -%-I) + ~ ( r Y - c Y ) l \ 2 +  

Following this theory e. g. [4, pp. 

IIHt+, (rv-cv) + HO,+l( rut1 - 
~{‘P~+l(rv--ct?~‘,r~+l,r~+2)1r”-Ct~‘~ .el>) 11’ 

(5) 
with the given Function ( p v + l ,  the Following relation 

holds For all cv E RL. This is an implicit criterion for ct”. In- 
serting a test vector ?$?‘ leads to A(cv, CEP‘). IF the minimum of 
this Function is taken For cv = E;?‘, then the necessary condition 
for Etp‘ being an optimal value is fulfilled. With this criterion 
the problem can generally be solved; at least theoretically. Be- 
ginning with c p ~ ( .  - .) and ending with . .) all functions can 
be obtained recursively. Practically, approximations were found 
that allow a Forward directed proceeding. 

4. APPLICATION 
By using condition (6) For the fixed grid RPEapproach an ana- 
lytical solution was derived [SI, which was applied to a speech 
codec based on the G S M d e c  and provided an improvement 
of 0.2 dB averaged SNR but 3 dB for sine signals. 
In the case of vector quantization when cv is a codevector chosen 
from a codebook, analytical solutions can not be expected. 
However equation (9 and (6) can be interpreted in an instructive 
way: IF the expected value of the Future optimum excitation 
vedor E{c$ 1. } were given, the optimum c;’‘ could be 
computed by minimizing the special squared error over two 
Frames as noted in (5). 
Using estimated values For E{ cg; 1.. } provides the basis 
to develop new improved sequential quantization methods as an 
approximation of the theoretic solution. One proposed scheme is 
derived as Follows: itself is determined by condition (5) and 
(6) for index v+l .  In parallel. in this condition E{c$l- - e }  

is used. IF the vector czi is now approximated by r,+2 the 
equation r w  - E { c $ l - . . }  = 0 holds. Consequently. the 
condition reduces to minimizing 

which leads to 82:. If this 52; is used For determination of2Ep’ 
From (5) and (6), an approximate solution For ctp‘ can be found. 
This must be done by iteration since in (7) cv is already induded. 
The iteration starts with rv-cv = 0 in (7). Then (5) is used to 
find an iteration value of E.7‘ which in turn can be used in (7) 
to improve the iteration value of a2:. IF C!;?’ does not change 
any more (fixed point), the iteration stops and is taken as 
the quantized excitation sequence For frame I”. 
This method was implemented For simple 8 lrHz CELPGodecs 
without noise weighting nor long term predictor [6]. In 99% of 
all blocks one or two iterations were sufficient to reach a fixed 
point. So the number of iterations was always limited to two. 
To judge the gained improvements the absolute maximum thresh- 
old €or quantization with the given codebook was determined. 
It is computed by an exhaustive search over all codeword com- 
binations For an entire file which implies that the whole signal 
must be known before the quantization starts. 
We made simulations For block lengths L = 20, L = 40 and 
different codebook sizes. The Following values For this simple 
codec operating at approximately 5 dB SNR will exemplify 
the general trend. The difference in SNR between the search 
with time limited analysis interval and the noncausal absolute 
threshold was only 0.39 dB. From this margin the proposed 
algorithm achieves already 0.34 dB. 
Using the proposed algorithm will raise the SNR without chang- 
ing an existing decoder or the channel structure. Since it 
promises more improvement for smaller block lengths, it was 
implemented for the CCIl’T standard G.728 LD-CELP codec 
and increased the SNR by 0.6 dB on the average and 1 dB in 
good cases starting from approximately 17 dB. The introduced 
delay was just 0.625 ms. Therefore it is a Feasible addition 
compatible with existing systems. 

5. SUMMARY AND CONCLUSIONS 
A systematic approach For judging the performance of the time 
limited analysis-by-synthesis is given. 
The conventional algorithm is not very Far away From the non- 
causal absolute optimum. The new proposed optimal sequential 
quantization practically comes up to the absolute optimum while 
exploiting solely one Future frame. 
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