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ABSTRACT
We have recently proposed a new approach for
speech coding based on the use of the Discrete
Wavelet Transform and Vector Quantization
called the Discrete Wavelet Vector Transform
Coding (DWVTC) [7]. This apprdach, although
it provides results close to the optimal
multiresolution codebook, suffers from the
fixed size of the used codebook. In this paper,
we propose a new scheme based on a
multiresolution hierarchical codebook structure

which gives better results.

1. INTRODUCTION

It is well known that vector cdding gives better
performance than séalar coding. In the Gaussian
source casc, rate distorsion theory stales that
better performances can be achicved by
quantizing vectors instead of scalars [3].

However, the computational complexity of the
vector quantizer grows exponentially with the
vector dimension and the codebook size. There
is a practical limitation in vector quantizers with
the full search algorithm when good quality
quantized spcech is required. Different
approaches can be conducted to achieve lower
computational complexity by organizing

codebook and / or the scarch algorithm so as to

lead to the rate-distorsion performance required.
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Transform coding is one way to organize the
codebook structure since the original signal is
first rearranged by the so-called transform
before coding.

An "optimal" transform is useful to decorrelate
the original highly redundant speech signal
before coding. Wavelet Transform [5] can
perform very close to the Karhunen-Loeve
optimum Transform with the advantage that
Wavelet Transform is signal independant. Also,
like the subband coding, the wavelet transform
coding takes advantage of both the nonflatness
of the speech spectrum and the human
perceptive characteristics to improve system
performance [1]{4].

Recently, we have presented the DWVTC using
optimal bit allocation with spectral masking. We
have shown thc DWVTC performance versus
the Discrete Wavelet Scalar Transform Coding
(DWSTC) as well as the gain obtained with the

-optimal bit allocation procedures [7][8]. These

techniques use multiresolution codebook

designed by different sub-optimal algorithms,

“including Tree-Structured, Shape-Gain and

Multi-Stage Vector Quantization compared to
the large size multiresolution codebook
designed by the optimal LBG algorithm [6].
These mcthods usc fixed size_',mu:lt,ire,solution
codebooks.

In the present paper, the choice of the size of

cach resolution codebook is driven by the
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wavelet coefficient distorsion levels and the
impact of the frequency bands on the human car
sensitivity. The remainder of the paper is
organized as follows: in section 2, we briefly
present the DWVTC. In section 3, the core of
the paper is focused on the prescntation of the
design of the multiresolution hierarchical
codebook and the optimal algorithm for finding
the best size of an associated resolution
codebook. Finally, section 4 presents
experimental results for vector quantization
design examples and the results for discrete

wavelet transformed speech.

2. DISCRETE WAVELET VECTOR
TRANSFORM QUANTIZATION

The system starts by decomposing speech into
different resolutions or frequency bands. The
wavelet coefficients for each resolution are
vector quantized using a product code structure.
We consider that the VQ encoder maps the
wavcelet cocfficients into a noiseless channel
only. At the recciver, the VQ decoder assigns
reproduction wavelet coefficients from
corresponding codebook of cach resolution.
Finally, coefficients are inversc
transformed into the reproduction speech signal
using the Inverse Discrete Wavelet Transform
(IDWT). This procedure is sketched in the
figure below. We briefly review the wavelet
transform implemented with Quadraturc Mirror
Filters (QMF), for more details sec [6][7].
Let x be the input signal; we assume that the
approxifnation of the signal at the resolution
20=1-is-the-signal itself. The decompesition of
this signal into different resolutions is given by

running the following algorithm [6]:
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Xj(n)=2h(2n-k)xj'_ 1K)
k
dj(ﬂ)ng(Zn—k)Xj_ 1(k)
k
and the reconstruction algorithm is

xj-1(m=y hk-2m)x;(k)+ Y gk-20)x;(k)
k k

where g(n) and h(n) are QMF, the impulse
response g(n) is related to the impulse response
of h(n) by the equation g(n)=(-1)Mh(1-n).

The DWT or the wavelet coefficents of the
signal x is the set defined by {XJ,dj;lﬁjSJ}.

Where ] is the resolution level.
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Fig. 1: Block diagram of the DWVTQ

3. MULTIRESOLUTION HIERARCHICAL
CODEBOOK DESIGN

In this work ,the distorsion measure is based on
the Mean Square Error (MSE). Since this

distance measure takes into account only the

objective evaluation of the quantized speech,
perceptual listening must be made to ensure
spcech quality. '

I “other ‘words, subjective criterion must be
added to give subjective good speech quality.
This can be obtained by diffcrcntiatihg the bit
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allocation onto the resolution signals, with more
bits in the lower frequencics, and fewer in the
higher frequencics. Somc frequencies will be
coded with zero bit, e.g, their coefficients will
be just deleted. However, frequency bands or
resolution criterion only is not sufficient to
decide how wavelet coefficients must be
quantized. Because, it leads to selective
phoneme consideration which generally favours
vowels having relative great energy and
growing noise coding in the high frequency
bands simultanecously. One way to avoid this
problem is to use a hierarchical codebook in the
different resolutions to achieve a good
frequency bands representation possibility. The
computational complexity is controlled by an
optimal algorithm to choose the adapted
codebook size. So, the optimal multiresolution
codebook is constituted by the set of the
different adapted size resolution codebooks

according to the different resolutions.

Resolution
Hierarchical Codebook

Resolution / Codebook i _Resqlulion
Signal Codqhonk | Codebook 2 Dlslorsui level
» Size
]
Codebook N

Optimum
Algorithm
Subjective

Caledon

Fig. 2: Onc cecll Resolution Hicrarchical
Codebook Design

The subjectif criterion fixes the
distortion minimum level for each resolution.
As long as the minimum distortion level is not
reached;-the-algorithm adapts the-size of the
codebook. This procedure is similar to TSVQ

mcthod [91. The intermediate codebooks are
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stored in addition to the final codebook. So, we
have not to use the last codebook only as we
used to do [8].

In the coding procedure, the gain of the
input vector is used to choose the codebook
size. If the gain is large, one has to choose the
codebook witch represents the lower distortion

in the sense of the mean square error.
4. EXPERIMENTAL RESULTS

The training sequence containing 409600
samples from a group of five male speakers
sampled at 8 Khz was used to design the codes.
Two other male speakers not included in the
training group were used to test the designed
systems. The decomposition of the training
sequence into four resolutions gives five
training sequences corresponding to the four
details and the last approximation.

The next tables show the rates and the
SNR of wavelet transform resolutions of the

speech signal: "Betty, tu es gentille".

details SNR
detail 1 6.92
detail 2 8.19
detail 3 11.03
detail 4 15.998
approximation 4 17.242
Signal 10.655
details rate (bit/ sample)
detail | 473
detail 2 2
detail 3 , 3/3 -
—detail 4 4 7/2
approximation 4 9/2
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In the next figures, we present the speech signal
"betty, tu es gentille" and its time-scale
representation. Figures 3.1 and 3.2 show the
original signal and figures 4.1 and 4.2 show the
signal after decoding. In figure 4.1, we can
notice that the Jlow magnitudes are well
represented, in particular the "tty' in the word
"betty". In addition, this figure shows that the
coding noise in the high frequencies is

minimised.
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Fig. 4.1
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5. CONCLUSION

In this paper, .we have presented a new speech
coding scheme based on a multiresolution
hierarchical codebook. The results presented
below show the efficiency of DWVTC of the
transformed specch, and the improvement of the

optimal adapted size multiresolution codebook.
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