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ABSTRACT

This paper describes a text-dependent speaker
verification system based on the use of DTW and VQ
connected in series. It describes the algorithms and the
extraction of the used LSF parameters. This way of
using two classical algorithms makes it possible to
reach high discrimination rates and particularly to
eliminate the most dangerous category of impostors :
those who could enter without knowing someone else's
key. By this means, the system performances obtain a
95% recognition rate versus 2.3% false admission rate
for a database recorded over telephone lines.

1. INTRODUCTION

Speaker recognition systems are likely to be widely
used in a near future. But as they could be used for
applications demanding a high level of security, such as
bank transactions, the most important point is to
prevent impostors from being accepted. Then, it is
reasonable to adopt a text dependent configuration which
brings additional security to the system; as each speaker
has his own sentence or keyword, we may distinguish
and process separately two different types of
impostors : those who access the system knowing the
key of someone from inside the system ('with-key'
impostors) and those who may enter with a foreign word
(‘without-key' impostors). The latter is obviously the
most dangerous category. So our objective is to obtain a
very high rejection rate concerning this kind of
impostor. For this, we propose a robust system based on
both DTW and VQ connected in series. But we have also
to take into account the problem of the memory used:
the system developed has to use very little memory so
that it could be possible to use big databases. So, the
first part describes the chosen parameters and how they
are extracted from the speech signal. The second part
explains the way DTW and VQ are used together, then
the determination of the thresholds is explained and the
last part shows the database and the results of the
experiments.

2. FEATURE EXTRACTION

The sclection of the speaker's voice features was
based on [1] which has shown the effectiveness of the
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Line Spectrum Frequencies (LSF or Line Spectrum Pairs
LSP) in comparison to other parameters such as LPC or
Cepstrum coefficients.

In speaker recognition, the problem is to find a
parameter in the speech signal which can give a reliable
representation of each speaker's characteristics but which
can also take into acccount the intrinsic variation of the
human voice (due to stress or a cold...).The LSF
coefficients own these properties because they are
characteristic of the resonance frequencies of the vocal
tract. )

The extraction of these parameters is based on a short
term analysis. This short term prediction aims at
modeling the vocal tract by a transfer function. In an
autoregressive model, this function is represented by an

1 L,
all-pole filter H(z)= m where A,(z)=1+ ; a;z

The set of parameters {ai} are the predictor

i=l---p
coefficients (for a prediction order p). The polynomials
A;(z) associated with order j, satisfy the following

recursive equation :
A=A (@) +k; -z A (T =1 p.

The lattice filter which represents this is equivalent
to an acoustic tube representation of the vocal tract; the
speech signal is then the superposition of a positive and
a negative going (a reflected) signal. The parameters

{k;} . are called PARCOR coefficients. They
J=bep

represent the reflexion coefficients at the boundaries of
the vocal tract acoustic tube model. But one disadvantage
of the PARCOR system is its relatively large spectrum
distortion when interpolating in a long frame interval.
Line Spectrum Pairs have been suggested to correct this
weakness. For j = p+1, we obtain :

Apn (D)= A () +k,y SR A, ™"

_ Pp+1 () + Qp+1 ()
2

The boundary condition that the lips are open to the
air can be interpreted as an infinitely long tube with an
infinite cross section; the radiation impedance at the lips
is then null. This gives the initial conditions Ay(z) =1.
At the glottis end, the boundary condition is that another
tube of infinite length is connected. The excitation
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source is directly connected to the vocal tract under a
matched impedance condition. System stability is
guaranteed so long as the reflexion coefficients are
bounded by +1 and -1 which corresponds to a complete
opening or closure of the glottis. So, for &, =+1, we

can have the following polynomials for P and Q:
Py (D)=A,(@+2 PPA, ) fork,,, =+1

0,1(2)=A,(2) - z_(p“)Ap (z71) for kyy =-1

The zeroes of the two polynomials are of the form

¢/ where o; are the LSF. The zeroes of P(z) and Q(z)

are the resonance frequencies of, respectively, the
positive and the negative going wave. The formant
frequencies correpond to the superposition of the two
waves and this is why the LSF are concentrated on the
formant positions and why they are so effective in
speaker characterization.

Fig.1 : The Line Spectrum Frequencies

Different algorithms exist for the extraction of the
LSF. The classical one is the Kabal & al method based
on the Levinson-Durbin algorithm to compute the g;
coefficients, followed by the Tchebytchev development
of the P and @ polynomials to find their roots. In our
method, first described by Saoudi & al[2], we use the
split Levinson algorithm to compute coefficients 0,

and these coefficients will allow, by means of two
tridiagonal matrixes, to compute the cosine of the LSF.
The advantages of this method, described in [3] are
mostly its intrinsic reliability but also the gain in
computation time (many less operations).

3. FEATURE COMPARISON

Once have been chosen the parameters which
represent the speaker, it is necessary to find methods
which allow a fast and reliable comparison of one
pronounced sentence to a certain number of references.
But as it is not feasible to compare the sentence to each
reference and select the minimum distance, we have to
build a representative mean reference with the different
recorded sentences. Once has been built this reference, we
have to compare the two sets of parameters by an
apropriate method. The problem is that most of the
efficients recognition methods such as VQ or HMM are
intrinsically text-independent methods. So, as it was

EUROSPEECH ’95, Madrid, Spain, September 1995

decided to use a text dependent system, we had to
separate the recognition process into two stages : first, a
kind of speech recognition to eliminate mainly the
‘without-key' impostors, and second an efficient speaker
recognition stage which can separate between the real
speakers and the impostors knowing someone else's key.
The verification system is described on figure 3.

3.1 D.T.W.

The first stage aims at rejecting the 'without-key'
impostors by computing the distance between the
pronounced sentence and the stored reference. It is made
by a classic Dynamic Time Warping (DTW) algorithm
and performs a kind of speech recognition. The DTW
algorithm allows us to align two signals so as to give
them the same rhythm. In fact, as each signal is
represented by a series of vectors, we are going to seek,
for each vector of the pronounced sentence, the
corresponding vector of the reference which minimizes
the distance between the two vectors. So, at the same
time the two signals are aligned and the distance between
the two aligned forms is computed. The distance
measurement used was the Euclidean distance because of
its simplicity and rapidity. The constraints used to
choose the vector of the reference signal were the Itakura
ones. For this reason, this operation allows us mainly to
align signals which are fairly close. As a consequence,
two close signals will give a very small distance,
whereas two different sentences would give a bigger one.
So this first operation clearly deals with the 'without-
key' impostors. It also eliminates part of the 'with-key'
impostors whose voice features are not too close to the
claimed reference. Moreover, as DTW is a dynamic
algorithm, it can be computed in real time.

As we have said before, the problem is not only to
reach high discrimination rates, but also to use as little
memory as possible for each speaker. This is the main
reason why we have used quantified references. By this
means, we are obtaining two benefits : a reduction of the
allocated memory for each speaker, because each
reference is stored in terms of an index of the codebook,
but also, it realizes a good smoothing between the
different sentences recorded for each speaker and then
makes the system more reliable. After the DTW, a
decision is madeas to whether the speaker is rejected or
not which corresponds to a distance measure above or
under a threshold. The computation of the threshold will
be described in §3.3.

3.2 Vector Quantization

As we have to reduce the allocated memory, using
Vector Quantization (VQ) for the fine recognition stage
obviously appeared as the better solution. This method
was first introduced by Soong & al [4] and aims at
compressing a large set of spoken short-time spectral
vectors representing spoken utterances into a small set of
vectors. The set of compressed vectors is refered to as a
codebook. Given a training set consisting of vectors
extracted from the different references recorded for each
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decided to use a text dependent system, we had to
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recognition stage which can separate between the real
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The verification system is described on figure 3.
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The first stage aims at rejecting the 'without-key'
impostors by computing the distance between the
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by a classic Dynamic Time Warping (DTW) algorithm
and performs a kind of speech recognition. The DTW
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them the same rhythm. In fact, as each signal is
represented by a series of vectors, we are going to seek,
for each vector of the pronounced sentence, the
corresponding vector of the reference which minimizes
the distance between the two vectors. So, at the same
time the two signals are aligned and the distance between
the two aligned forms is computed. The distance
measurement used was the Euclidean distance because of
its simplicity and rapidity. The constraints used to
choose the vector of the reference signal were the Itakura
ones. For this reason, this operation allows us mainly to
align signals which are fairly close. As a consequence,
two close signals will give a very small distance,
whereas two different sentences would give a bigger one.
So this first operation clearly deals with the 'without-
key' impostors. It also eliminates part of the 'with-key'
impostors whose voice features are not too close to the
claimed reference. Moreover, as DTW is a dynamic
algorithm, it can be computed in real time.

As we have said before, the problem is not only to
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memory as possible for each speaker. This is the main
reason why we have used quantified references. By this
means, we are obtaining two benefits : a reduction of the
allocated memory for each speaker, because each
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but also, it realizes a good smoothing between the
different sentences recorded for each speaker and then
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not which corresponds to a distance measure above or
under a threshold. The computation of the threshold will
be described in §3.3.
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Fig. 3 : Operations of the speaker verification system

A second experiment was then conducted using the
whole system : DTW, VQ and automatic calculation of
the thresholds. At first a 64 classes codebook was
computed for each speaker using 6 sentences from their
personal sentences. Then, for each speaker, a reference
for the DTW algorithm was chosen using a criterion of
maximum intra-speaker distance and this reference was
quantified using the codebook computed before (see
figure 4). A serie of codebook indexes were stored for
each speaker. The threshold values were calculated
computing the distances of all the sentences used as
references to build the codebooks of the other speakers to
the reference chosen for the DTW and to the codebook
for each speaker. The other sentences were then used to
evaluate the performance of the system. The results are
the following :

Real speaker 95% recognition.
2.2% false acceptance with
Impostors the key.
0.085% false acceptance without
the key.

The benefits are clearly shown by these results : the
introduction of text-dependence and DTW increase the
recognition rate and mostly decrease the impostors
acceptance rate.

The advantages of this system, apart from this high
discrimination rate, are that, as the thresholds and the
reference for the DTW are calculated automatically, it can
be updated regularly and then, the performance of the
system will not decrease with time. Moreover the
amount of memory used for each speaker is not really
important because we only need about 4 Kbytes to store
the centroids of the codebook, the matrixes for the
mahalanobis distance, the indexes for the DTW's
reference and the thresholds.

5. CONCLUSION

This paper has described a text-dependent speaker
-verification system which uses both DTW and VQ. The
parameters used are the Line Spectrum Pairs which have
shown their effectiveness in speaker recognition. Their
extraction from the speech signal is described using a
method developed by Saoudi & al. This kind of speaker
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Fig. 4 : Computation of the references.

recognition systems are bound to be used for
applications that need a high degree of security. So the
important thing was to prevent impostors of all kind to
cheat it and the results show that the use of DTW and
VQ connected in serie has succeeded in this. The
recognition accuracy under telephone lines is quite good
and at the same time the rejection rate of impostors is
high, especially for the 'without-key' impostors. So, this
system has been shown to be very efficient in text-
dependent speaker verification.
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