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ABSTRACT

The complexity of a CELP algorithm is mainly
concentrated in the codebook search procedure. Many
studies show that the algebraic approach for codebook
structures considerably reduces the computational load
with a slight degradation compared to stochastic or
trained codebook performances. We propose a novel
search  algorithm based on a  Hamming
single-error-correcting -code (ECC) structure. The
optimum codevector is directly circumscribed using the
error correction ability of the ECC. This algorithm
requires only 0.7 MIPS which represents a complexity
reduction by a factor of 3 or 4 compared to search
algorithms based on current algebraic codebooks.

1. INTRODUCTION

CELP coded speech for storage purpose often coexists
with additional functionalitiecs (DTMF decoding, Echo
cancellation etc ..) which should provide a fast
response. This implies the subdivision of the coder
algorithm into multiple tasks with short computational
load to enable the interleaving of the precited functions.
The complexity of a CELP coder being concentrated on
the codebook search procedure, a fast algorithm is
needed for this task. A widely used approach to reduce
search complexity is the use .of algebraic codebooks
which consists in the  design of specific ternary
excitations. Salami [1] proposed a definition of the
regularly spaced nonzero entries directly derived from
the binary decomposition of the codebook indices. This
technique, called BCELP (for Binary CELP) reduces
complexity and provides a good robustness against noisy
channels. Lamblin & al. proposed another approach
based on spherical lattice codebooks [2][3] generated
from the theory of error-correction codes. This very
promising technique has been recently applied in the
ITU-T G729 narrow-band speech coding standard
giving toll quality at 8 kbps [4][5]. Our approach is an
alternate solution in which the best codevector,
according to a simplified match score criterion, is
directly circumscribed using the error-correction ability
of a Hamming single-ECC. A detailed description of the
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codebook design will be given in section 2. Derived
from the codebook structure, an appropriate sub-optimal
algorithm called HCELP (for Hamming-CELP) has
been proposed based on the Hamming structured
codebook and will be presented in section 3. An
evaluation of the performance of this algorithm is also
presented comparing its results with those provided by a
full optimal search into the codebook previously
defined. Results on computational load are detailed.
Finally, the proposed search procedure, inserted in a
CELP coder, has been simulated and results on
subjective quality are given in section 4.

2. CODEBOOK DESIGN
2.1 Genera_l review

From a geometric standpoint, a codebook excitation is
considered as an L-dimensional codevector in R*. Each
excitation is ternary-valued {-1,0,+1}. If we consider
that the number of nonzero pulses is constant (N) and
their locations are fixed, one codevector is totally known
by the combination of its successive amplitudes. An
N-bit binary word can so specify the nonzero polarities
by replacing the symbols 1 and 0 with +1 and -1. The
binary word representing the excitation waveform can
either be the index I of the codebook as specified in
BCELP technique or 7(Z) where T denotes an algebraic
transform. 7 may be the coding procedure for an
Error-Correcting Code. We have chosen for our
algorithm the Hamming single ECC H(15,11,3)
knowing that 60 pulse frames with 15 nonzero entries
will be processed.

2.2 Hamming ECC H(15,11,3) description

The binary Hamming H(15,11,3) code may be easily
described in terms of parity-check bits. Each of them 1is
a linear combination in terms of XOR operation of some
of the 11 bits of the data word to be encoded. Figure 1
describes the bits involved in each parity-check bit. The
set of 2*' 11-bit codebook indices 7 (0 <7<2' —1) will
generate a set © of 2" 15-bit binary codes C,
representing the excitation waveforms. Since the
Hamming distance d,, between two codes is the number
of positions in which they differ we have :
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Figure 1. Hamming H(15,11,3) ECC

VA e (0.2Y — 1}, I=J, dg(CLCH23 (1)

Thus any 15-bit binary word will find an element of ®
at a distance of 1, i.e by modifying only 1 bit. We have

also the symetry :
VIe{1.1024}, C;= m
so that
V7e{1.1024}, E; = ~ Exugn (2)
where E; is the excitation vector derived from C;.
2.3 Hamming structured codebook
For this application, speech residuals R of L=60

samples will be modelized by the excitation E which
maximises the match score m :

<R HE; 2 -
m(E) = ————M; 3)

where H is a lower triangular matrix whose columns
contain the truncated impulse response of the LP filter.
Using the parity of function m and expression (2), only
half codebook (1024 vectors) need to be searched. The
index of the codebook is so reduced to 10 bits. Each
excitation vector contains 15 nonzero entries

represented by an element of the subset @/ of ® where
& =(Cre® 1 Ie{0.2°-1})

12-bit index I

2 10

H(15,11,3) encoder; —-1

——>1 First pulse position | @-GOB——-— ..’I“

Figure 2. Hamming excitation design procedure

Furthermore, nonzero pulses are spaced by a distance of
4 and 4 possible positions (2 bits) are allocated for the
first pulse. This regults in a 12-bit codebook in which
each excitation follows the procedure illustrated in
figure 2.
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3. THE PROPOSED HCELP ALGORITHM

3.1 Description

If T, is the backward filtered target [6] to be matched,
the match score (3) becomes :

_ <IppE>?

IHE?

Assuming that the energy of the filtered excitation is
nearly constant, m is reduced to its numerator and the
best polarity combination corresponds to the sign of 7,
at the given positions of the nonzero entries. That is to

" say that the best excitation vector, according to the

simplified criterion, is designed by choosing its pulses to
be equal to the signs of T,, at the nonzero locations.
There are 4 "best combinations” as there are 4 positions
for the first nonzero pulse.

Let V, p e {1..4} be the four 15-bit binary words
corresponding to these combinations. V' will be the
binary word corresponding to the excitation which
maximize the full match score m. We do not necessarily
have Ve ®. If V¢ ® V is then corrupted with one
crror to form a set of 16 words Vf ie{l.15}plus V
itself. V] are the nearest neighbors of ¥ in terms of
Hamming distance. ¥ and each of V7 are then corrected
into a set C; i e {1..16} using the classical H(15,11,3)
correction procedure. So, we obtain a subset of the
codebook containing 16 codevectors among which we
choose the best of them in terms of the full match score
m. Note that if Ve ® (which occurs with a probability
of 1/16) then all V; are equal and V is directly corrected
into C. C is finally decoded into a 10-bit binary word
which is transmitted to the decoder. Even if H(15,11,3)
decoder gives an 11-bit word, the symetry mentionned
in (2) restricts the decoder output to a 10-bit significant
word by a sign inversion. This sign inversion is reported
on the gain to balance the result. The proposed
algorithm is summarized in figure 3.

3.2 Performance of the algorithm
3.2.1 Target identification degree

An evaluation of the algorithm performance has been
carried out comparing its results with those provided by
a full optimal search into the same codebook i.e with the
full match score m. S will denote the search procedure
with the proposed algorithm and S, that with the full
match score. A large speech database (3 min.) has been
converted into a large target database by LP inverse
filtering. The excitations £ from S and E,, from S,
obtained to match target T have been scaled by their
gain. Histogram shapes of normalized energies in dB :

_ B
€1 = 7

have been plotted below (fig. 4).
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Figure 3. HCELP algorithm flowchart
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Figure 4. Histogram shapes of error energies

As we can see, the sub-optimality of the algorithm does
not affect the identification degree of the target in a
sensible manner. We obtained nearly the same curves
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for the exhaustive search procedure and the one using
HCELP algorithm.

3.2.2 Computational load

The complexity break-down of the proposed search
procedure is detailed below : '

V and V7, calculation 195 cycles

C, identification - 1328 cycles
Closed-loop on C, 3632 cycles
TOTAL 5155 cycles

The search procedure being performed every 7.5 ms,
this algorithm requires only 0.7 MIPS. We have
compared this algorithm with the one used in ITU-T
G729 ACELP [5] coder with some modifications on
pulse amplitudes and positions to match the same frame
length and bit-rate as HCELP coder. In that case, the
excitation vector contains 4 nonzerc entries in an
excitation frame. The amplitudes are fixed to +1, -1, +1
and -1, respectively, and their positions are given in the
following table.

amplitudes positions
1 2,9,16,23,30,37,44,51
-1 4,11,18,25,32,39,46,53
1 6,13,20,27,34,41,48,55
-1 8,15,22,29,36,43,50,57

Table I. Amplitudes and potential positions of pulses in
a modified version of ITU-T G729 codebook.

We obtain a 12-bit index codebook and it should be
noticed that the search algorithm for this kind of
algebraic structure is not affected by the modifications
concerning positions and the last amplitude. The search
is performed in four nested loops and the complexity is
adjustable with the number of times the innermost loop
is entered. The version taken as a reference for quality
and computational load evaluations is a 4800 kbps coder
using the 12-bit codebook derived from G729. It
requires 2.6 MIPS of search computational load. The
complexity reduction using the HCELP structure is by a
factor of 3.7.

4, CODER PERFORMANCE
4.1 General description of the coder

The proposed algorithm, inserted in a CELP coder, has
been simulated with the following characteristics. Tyhe
speech signal, digitized at 8 kHz, is subdivised into 30
ms (240 samples). A 10" order LPC analysis is
performed using the autocorrelation method with 50 Hz
bandwith expansion. Pitch analysis and codebook search
are performed every 7.5 ms (60 samples). A two stage
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approach is used to simplify the pitch tracking
procedure. We used the method described by Salami &
al. [4] so that a very small number of excitations are
examined. This method avoids the choice of pitch
multiples. The pitch delay is so encoded with 7 bits in
odd subframes and the relative delay is encoded with 5
bits in even subframes. The characteristics of the

proposed HCELP are summarized in table II.

Spectrum | Piteh Codebook
Frame 30 ms 7.5 ms 7.5 ms
| Analysis Autocorrelatio| Semi-closed | Closed-loop
. n loop on 16 vectors
50HzBE in H(15,11,3)
Bits/Frame 34 LSP ‘Index : Index : 12x4
TH5+7+5
Gain : 4x4 Gain : 5x4
Bit rate 11333 bps | 1333.3bps | 2266.7 bps
(4800 bps)
(2 bits/frame
"not used")

Table II. 4800 bps HCELP description and bit
allocation.

4.2 Postfiltering module

Listening tests on the HCELP coder has shown a slight
degradation probably due to the sub-optimality of the
search algorithm. An adaptive postfilter has been added
to the decoder in order to enhance speech quality. We
implemented a classical scheme now used in most of
standard CELP coders [7]. It consists in the cascade of
three filters (figure 5): a pitch postfilter, a formant
postfilter and a tilt compensation filter. The postfilter is
updated each subframe. One may suppose that the gain
in MIPS for the implementation of HCELP algorithm is
not very attractive due to the need to posfilter the output
which will obviously require additional computation.
However, this additional calculation will take place
during the decoding process which requires much less
MIPS than the coding process, given that our
application is half-duplex.

A\ 4

enhanced
-2 L)A(wau)fA(z/b)]—% w — s

Astormatic gain control

Figure 5. Postfilter structure

The following values have been chosen :
a=05andb=038.
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We have also : P(2) = 1+yz7 in which 7 is the pitch
period and y the pitch gain. 4A(z) is the LP direct filter.
The tilt compensation filter is a first order high-pass
filter : T(z) = 1-0.5z71.

4.3 Speech quality

The quality of the coder has been evaluated, conducting

listening tests on multispeaker material (4males + 4
females + 3 children). The reference coder is the one
using the modified G729 codebook with 30 ms frames
running at 4800 bps. We conducted Paired Comparisons
tests. No major differences have been noticed for male
voices and HCELP seems to be better for female and
children voices (fig. 6). Objective evaluation of the coder
in terms of segmental SNR gave the value of 9.1 dB.

S0HZ

10

Figure 6. Listener Opinion Test - Paired Comparisons
between HCELP and REF (4800 bps ACELP coder
using a modified G729 codebook)

5. CONCLUSION

A HCELP coder has been proposed in this paper. A
Hamming ECC structured codebook is used which
allows the implementation of a fast algorithm based on
H(15,11,3) correction ability. A valuable reduction of
complexity is obtained and the slight degradation due to
the sub-optimality of the algorithm has been bypassed
by an optimized postfilter module.
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