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ABSTRACT

There are various alternatives for secondary excitation
formulation for CELP type speech coders. In this paper
we present a secondary excitation codebook generation
and search algorithm based on the information derived
from the linear prediction filter. Source-filter interrela-
tion is extracted using Kohonen Learning algorithm and
filter parameters (LSFs) are clustered according to to-
pographic neighbourhood. For each cluster a secondary
excitation shape-gain codebook is generated. Using the
class information that current LSFs belong, only the as-
soclated codebook is searched. Shape codebooks of size
128 and gain codebooks of size 32 lead to statistically
indifferent synthetic voice quality according to listening
test when compared to FS1016 CELP coder.

1 INTRODUCTION

CELP (Code Excited Linear Predictive) coder which be-
longs to linear predictive analysis by svnthesis class of
speech coders, is one of the most popular speech cod-
ing algorithms for bit rates 4800 bits/second to 9600
bits/second. In CELP type speech coders, after the
short term characteristics of speech is modelled by the
linear prediction filter and long term characteristics are
modelled by the pitch predictor (adaptive codebook),
the remaining characteristics are modelled by a fixed
codebook. So the source to excite the filter to repro-
duce the speech synthetically, comes from two code-
books. Adaptive and fixed codebooks.

"At 4-5 Kbits/second rates, CELP coders efficiently
reproduce the unvoiced speech, but the reproduced syn-
thetic voiced speech is noisy and hoarse. To overcome
this problem several solutions are proposed: multi-mode
excitation, multi-stage codebooks, increasing the size of
fixed codebook, decreasing the frame length so increas-
ing the convergence rate of adaptive codebook. The last
three methods increase the bit rate. At 4 Kbits/second
multi-mode excitation results in good performance [1].
In multi mode excitation either speech is phonetically
classified, and for each class a different codebook (glot-
tal pulse, stochastic, single pulse, regular pulse) is used,
or all types of codewords are stored in a single codebook
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and an exhaustive search is performed.

The techniques mentioned above increase the quality.
and in this paper some results for further Improvement
in quality and/or bit rate by using the source and filter
interrelation will be reported. The clue about the inter-
relation comes from some speech recognition techniques
where LPC information is used to extract phonetic fea-
tures and satisfactory results are obtained although no
emphasis is put on excitation. It is known that phonetic
character of speech determines the character of excita-
tion. This fact is an indcator of the relation between the
source and the filter such that phonetic information ob-
tained from filter parameters, in particular LSFs, may
be used in determining the source (excitation vector) [2].
In the present work Kohonens Self Organising Maps are
used for extracting the required information about the
source filter interrelation [3].

2 CLUSTERING OF LSFs USING SELF
ORGINIZING MAPS (SOM:s)

Kohonens Self Organising Feature Map (SOM) [4] is an
on-line vector quantisation technique, which also pre-
serve the similarity information of input vectors. SOMs
use, the organisation of brain neurones according to ex-
ternal stimulus being sensed, as a model. In SOMs
weights are adjusted from common input nodes to M
output nodes, where the output nodes are usually rep-
resented as a rectangular grid. Outputs are extremely
interconnected with many local connections. Close in-
put vectors (where closeness is a function of the distance
function used) are quantised as close nodes on output
grid. Similarity/closeness of input vectors is preserved.
The density of the code vectors tends to approximate
the density of input vectors.

SOM can be used to quantise LSFs while phonetically
close LSFs will be neighbours in the map (3]. If LSFs
are not only vector quantised but clustered according to
phonetic similarity as well, source-filter relation can be
extracted. Each cluster can be considered as a phonetic
class and associated with its own codebook. This will
lead to a multi-mode excitation and each mode has its
own trained codebook. In such a coding scheme since



both encoder and decoder know which cluster does the
current LSFs belong, the mode information need not be
transmitted to decoder.

In our work, we did not put emphasis on transparent
quantisation of LSFs using SOMs. We used SOMs Jjust
to cluster the LSFs. Training of SOMs is usually as
follows:

e Initialize weights to small random numbers

e Present new input

Compute distance to all output nodes

Select the node with minimum distance

Select the neighbourhood of the output node
* Update weights from input to selected output nodes
¢ Repeat by going to step 2

Definition of neighbourhood is critical in the perfor-
mance of the SOM. Neighbourhood is a function of time.
Best results are obtained when the neighbourhood is se-
lected fairly wide in the beginning and then let to shrink
with time. If the radius defined for neighbourhood is se-
lected using the distance function, a good minimum of
VQ distortion is achieved. The distance function we
used is the one in [5].

We have tried three different SOM approaches to
achieve the minimum spectral distortion output map
which is not folded. The output map was 16 by 8 (7 bit)
with dimension of 10 (no splitting of LSFs). In Classi-
cal Kohonen Self Organising Map (CSOM) approach [4]
with conscious term, the neighbourhood was determined
using the Cartesian distance of nodes on map. The
second algorithm which is very similar to CSOM uses
the distance function on output nodes to determine the
neighbourhood. The last technique we used was the Sta-
tistical Kohonen Self Organising Map [6] (SSOM). The
worst results are obtained with CSOM both for spectral
distortion and folding as shown in Figure 1. Folding of
the map makes us unable to extract the neighbourhood
relation of LSFs. The second approach resulted better
for spectral distortion, but the map was still very folded
as can be seen in Figure 2. Using SSOM approach we
achieved both the best spectral distortion measure and
nearly unfolded map as in Figure 3. Spectral distortion
1s 3.5 dB for training and 4.5 dB for test sets. These
are 3.8 dB for both training and test sets for the first
stage (7 bit) of a multi stage VQ that quantise LSFs
with transparent quantisation.

In most of the speech coders where phonetic labelling
(voiced/unvoiced etc.) is done, acoustic parameters
are used for phonetic classification. We only used the
short-term spectral information, and need not label the
classes. The map is clustered according to distance func-
tion used. Plotting the distances of neighbouring nodes

enable us inspection of "bubbles” in Figure 4. Bubbles
will show us that member nodes of the bubbles are pho-
netically close nodes. So LSFs with different phonetic
character will be in different bubbles. Each bubble is
considered as a cluster and we have seven of them.

The performance of the SSOM as a vector quantiser is
not as good as the one which is trained using LBG algo-
rithm. Although it is reported that this can be achieved
with SOMs(3], we couldn’t end up with such a quantiser.
Another approach may be the use of “soft competition
scheme” proposed by Yair et.al. [7]. We found it hard
to implement, due to numerical problems. Even a small
change in initial temperature resulted the codebook to
merge to same point or a training time that tends to be
infinite. We will discuss the use of first stage of a multi
stage VQ with transparent quantisation for clustering of
LSFs in the conclusion part.

3 SECONDARY EXCITATION CODEBOOK
TRAINING

After the LSFs are clustered looking at the bubbles on
the map, for each bubble a different gain-shape code-
book is trained. The number of clusters does not change
the computational complexity of the coder. since clus-
tering is done via a simple look-up table, if the first
stage of vector quantiser is used for clustering (which
1s currently not the situation). The excitation vector 18
the sum of the outcome of the adaptive codebook and
outcome of the fixed codebook, which is the codebook
of the phonetic class the current LSFs belong.

We have trained both 64 codeword and 128 codeword
shape codebooks with 16 codeword (becomes 32 when
sign information is added) gain codebooks for each of
seven classes of LSFs. The training sequence is obtained
using inverse filtering the speech training set with linear
prediction filter and removing the adaptive codebook
(self-excitation) contribution. We did the training using
initial codebooks which are composed of the codeword
that were randomly selected from training sequence. We
run the training algorithm many times to achieve small
distortion. It is believed that better codebooks would
be obtained if splitting technique was used.

4 RESULTS

We used an FS1016 CELP coder for comparison with
our scheme. In both configuration a tenth order linear
prediction filter is used. The filter parameters are scalar
quantised using a 34 bit quantiser. Both configurations
use an adaptive codebook with fractional resolution and
delta coding as the pitch predictor. In FS1016 coder the
secondary excitation is extracted using a 9-bit. stochas-
tic, ternary valued, overlapped codebook. In our scheme
after LSFs are calculated and interpolated, the class in-
formation of the current frame’s LSFs is extracted. The
search for secondary excitation is done only in the code-
book that is generated for that class. We have compared



the outputs of the coders for both 6-bit and 7-bit shape
codebooks in our configuration. We conducted listening
tests with 8 listeners, using test speech both from male
and female speakers. As an objective comparison basis
segmental SNR is used. Using 6-bit shape codebooks
resulted 1.5 dB decrease in segmental SNR compared to
FS1016 coder. Contrary to high difference in segmen-
tal SNR., listening tests show that for male speakers the
outcome of coders were statistically indifferent, but for
female speakers FS1016 performed better. Using 7-bit
shape codebooks resulted 0.8 dB decrease in segmen-
tal SNR compared to FS1016 coder. But listening tests
show that both for male and female speakers the out-
come of coders where statistically indifferent.

5 CONCLUDING REMARKS

Our present work on Code Excited Linear Predictive
Coders demonstrated that the filter information can be
used in determining the secondary excitation. This in-
formation can be used to construct many small sec-
ondary excitation codebooks ‘which will result not only
decrease in bit rate but also decrease in search complex-
ity. We have shown that for 128 codeword codebooks
the performance achieved with FS1016 can be achieved.
This means a decrease in bit rate of 267 bits/second and
also a decrease in search complexity of nearly 75autocor-
relation technique is used which unfortunately requires
increase in the need of storage capacity.

We could not achieve the performance of a multi stage
vector quantiser (MSVQ) for LSF's as the one in [8] using
SSOM. We believe that the first stage of a multi stage
VQ can be used for LSFs clustering. Three methods
can be used. If splitting technique is used for training
of the first stage of the coder, taking care of topograph-
ical neighbourhood relations while splitting, will result
a coder that is not folded and with good spectral distor-
tion. The second approach may be grouping the code-
words according to their distances to each other using
appropriate threshold levels.: The third approach may
be training a SSOM and placing the codewords of the
MSVQ on a two dimensional map using the closeness to
the nodes of the map of SSOM. Using a MSVQ will re-
sult further decrease in bit rate and better performance.
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