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Abstract
In this paper a new variant of HMM named distributed
VQ HMM (DVQHMM) is presented. Its main
characteristic is the use of a code books distributed on
HMM states with a new manner of HMM parameters
estimation. Procedures for training and HMM
evaluation of each recognition unit are described.
Comparative results on an isolated phoneme recognition
system are shown, between DVQHMM and
conventional VQ HMM. The use of the proposed
method improves the performance of the system.

1. Introduction
HMM (Hidden Markov Model) is a model which
ensures a probabilistic description of different sequence
of speech (Word, syllable, phoneme,......). This model is
characterized by a discrete output probabilities or
continuous output density functions and a topology
defined by a number of states, state transition
probabilities and initial state distribution. In discrete
Hidden Markov Model a conventional vector
quantization is used[ ], in this methode the codewords
are designed to minimize the average quantization
distorsion for all training vectors. In order to improve
the discrimination ability of HMM’s by minimizing the
loss information of signal in the coventional VQ
procedure, we propose a new vector quantization
method where, the VQ codewords are extracted from the
HMM state segment of recognition units. Hence, the
codebooks are distributed on HMM states. The
recognition accuracy of the HMM based recognition
system using the proposed VQ method is evaluated and
compared to the case using the conventional codebook.

The results indicate a better recognition rate with the
new VQ HMM.

2. Conventionnal VQ HMM
The conventionnal VQ codebook design is often
associated to LBG or MKM algorithm[1].

HMM parameters estimation
Let the states of HMM be S={S1, S2,.........,SN} and the
output symbols Y = {Y1, Y2,..............,YM} respectively.
Then, an first order HMM is define by aset of states
transition probability A = {aij}, a set of output symbol
observation probability B = {bj (k)} and initial states
probability Π = {πi}.

Given
an
output
symbol
sequence
T
Y1 = y1 , y 2 ,..... y T for training and λ an HMM
model, HMM parameter aij and bj(k) can be reestimated
by Baum-Welch algorithm[2].

{

}

To describe the procedure for reestimation HMM
parameter, we first define define εt(i,j), the probability
of being in state i at time t, and state j at time t+1, given
the model and the observation sequence, i.e.

εt ( i , j) = Pr(St = i , St +1 = j| Y1T , λ )
From the definition of the forward αt(i) and backword
βt(i) variables [2], we can write εt(i,j) in the form

α t (i ) a ijb j (Yt +1 )β t +1 ( j)
εt ( i , j) = N N
α t (i ) a ijb j (Yt +1 ) βt +1 ( j)

∑∑
i =1 j=1

Using the above formulas, we can give a method for
reestimation of the parameters of an HMM. A set of
reasonable reestimation formulas for A and B is:

HMM parameters estimation
It is known that the effect of the output symbol
observation probability on the performance of the HMM
is greater than that of a state transition probability. So,
we have reestimated in our work, only the discrete
output probabilities. The restimation formula for bj(k) is
given by:

b j (k ) =

T −1

∑αt (i)aijb j (yt +1)βt +1( j)

a ij = t = 0

T−1

∑αt (i )βt (i )
t =0

( j)
Nk

(1)

Nj

where:
Nk: :number of vector in the class represented by the
centroïde k.
Nj : total number of vector in state j.

where
N

γ t (i ) =

∑εt (i, j)
j=1

T−1

∑γ t ( j)

t =1,O = Y

b j (k ) = T−1t k
γ t ( j)

∑
t =1

3. Distributed VQ HMM
From the idea that the discrimination ability of the
HMM model can be improved if the codewords of
codebooks are observed with concentration in certain
state, we have built a seperate codebooks distributed on
HMM states. The steps which permit the codebooks
construction are as follows:
• vector quantize all the training data in a single
codebook by using LBG algorithm and estimate,
HMM parameters of each recognition unit.
• divide each recognition unit into state segments by
the Viterbi algorithm (backtracking).
• group all the segments of similar state and then
build a codebook for each state.

4. Recognition System
The main parts of the recognition system based on
DVQHMM are:

Signal Processing
The overall observation vector used is the 12 MFCC
coefficient and the weighted corresponding delta
cepstrum coefficients.

Structure of HMM
Recognition units are the four arabic emphatic
consonants /s/, /d/, /∂/ et /t/. The model used for
eachrecognition unit is first order, left-to-right, Markov
model with five states (Bakis Model).

Generating Phoneme Reference Model
In order to generate phoneme models from a training
data set of labeled speech obtained by using the APHAK
software[8], first the conventional VQ and BaumWelch algorthm are used to estimate HMM’s. Secondly,
each recognition unit is divided into state segments by
using Viterbi algorithm, and grouped per state, hence a
codebook for each state are generated. HMM
parameters, especially bj(k), are estimated by using
equation (1).

Recognition

5. Conclusion

In the recognition, we first perform vector quantization
for each frame using all codebooks of all states. Thus,
T

for a frame sequence x1 of lengh T frames, we have
( j)
the symbol sequence { Ot ,1 ≤ t ≤ T ,1 ≤ j ≤ N }(2).
We, then, perform a conventional Viterbi search but
using symbol in sequence given by (2).

This work is contributes to speech recognition based on
HMM techniques. We have presented a new variant of
VQ quantization and parameters estimation for HMM
system recognition. The first experiments carried out
for consonants, specific to arabic language,have shown
that the proposed method has contributed to improve the
recognition rate of the system.
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Table-1: multispeakers results

Recognition rate (%)
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Present
CVQ

DVQ

/d/
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/t/

172

60

66

/s/

224

70

78

/∂/

56
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62

Table-2: speaker independant results
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