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ABSTRACT

In automatic speaker identification, the re-
duction of dimensions of template is a key to
realize a quick identification and to save stor-
age. In this study, we extract some glottal wave
parameters which does not seem to be susceptible
to mimicry and combine them with some LPC vocal
tract parameters to make a smaller sized template.
In the extraction of feature parameters of glottal
wave, the multipulse excitation model is adopted
under modifying the pulse search algorithm.

According to experimental results obtained
from 30 speakers’ 5 vowels, 94% identification
rate with a template of 10 feature parameters (8
vocal tract and 2 glottal parameters) and 99% with
a template of 36 feature parameters (14 vocal
tract and 22 glottal parameters) are obtained re-
spectively. In comparison with the number of
parameters to get same identification rate only
with a formants' template, the number of feature
parameters is reduced by 5 in case of getting 94%
identification rate and 7 in case of getting 99%
identification rate.

1. INTRODUCTION

As feature parameters of template which
represents speaker’s characteristics, long time
power spectrum[1], linear prediction coeffi-
cients{2], pitch contours[3]) and Cepstral analysis
[4] are reported. To get high identification rate
with these parameters, a large number of
parameters is required. In automatic speaker
identification within large speaker population,
the reduction of dimensions of template is
required to realize quick response and to save
storage. This means that parameters in the
template should be orthogonal each other.
Furthermore, parameters should be stable over time
and not be susceptible to mimiery.

In the investigation of speech synthesis, it
is reported that the multipulse glottal model{5]
nmakes synthesized voice natural and gives
individuality. This means that the locations and
sizes of pulses involves individuality. This
glottal parameter also seems to be orthogonal to
the vocal tract parameter and be susceptible to
mimicry.

In this paper, we describe the pulse search
algorithm which is modified to match our aim,
i.e., searching pulses not in a frame but in a
pitch, and the reduction of dimensions of
template. And, we also show the relation between
identification rate and the number of parameters
based on multipulse excitation and LPC vocal-tract
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model.
2. PROCEDURE FOR EXTRACTING FEATURE PARAMETERS

2.1 EXTRACTION OF VOCAL TRACT PARAMETERS

Fig.1l shows a flow of extracting individual
feature parameters from speech signal. In order
to get vocal tract parameters, speech signal is
pre-emphasized and weighted by Hamming window.
The emphasized and weighted signal is framed in
25.6ms and analyzed to get 12 LPC coefficients.
When the signal is vowel, we can regard the
transfer function H(z) of vocal tract as an all
pole model and write H(z) as

G

H(z)= (1)
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is the i-th LPC
From this equation, the formant
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Fig.1 flow of extracting feature parameters
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frequencies F; and bandwidths B; are given by
complex roots as follows,

1

Fj= tan-1[Im{z;}/Re(zys)] (2.1)
27ETS
1
B;= Inlz;] (2.2)
7 Ts
where z; is one of complex roots and Ts is

sampling period. We define 5 pairs of F; and Bj;
as the vocal tract parameters.

2.2 EXTRACTION OF GLOTTAL, WAVE PARAMETERS

To get glottal wave parameters, we adopt the
multipulse excitation glottal model[5]. In this
model, pulse train 1s determined to minimize
squared error between original speech and
synthesized speech by A~b~S method. This method,
however, requires much calculation time. So, we
use correlation technique to search pulses
successively[6]. As shown in Fig.l, the
emphasized speech and the LPC filter’s impulse
response which is derived from eq. (1) are
perceptually weighted respectively. By obtaining
cross correlation function of the weighted speech
and the weighted response, the amplitude ai of 1-
th pulse is successively calculated as follows
(0<1<L-1, Linumber of pulses),

256 1-1 256
¥ sw(n)hw(n-mi)-3 {ax? hwin-mx)hw(n-m)]
a:(m1)=“=‘ k=1 n=1

(3)

256
EPw(n—ml)hw(n~m1)
e

where m; is location of pulse a1, sw(n) is the
weighted speech and hw(n) is the weighted impulse
response. In the original pulse search algorithm,
pulses are determined in one frame. However, this
is not suitable for our application, because we do
not require natural sounding speech but need the
information of locations and sizes of pulses per
pitch. Therefore, we modify the algorithm to
search pulses in one pitch period.

Fig.2 shows the procedure to get 10 pulses
including main pulse (pitch pulse) per one pitch
and the waveform, when the speech is vowel /a/.
After getting 10 pulses, locations and sizes of
pulses are normalized by those of main pulse and
plotted on the polar-plane as shown in Fig.3 with
cause of treating the pulse at rTp (0£r<1,Tp:pitch
period) and the pulse at (1-r)Tp, as the same
pulse.

We define 9 pairs of abscissa x) and ordinate
v1 of plots of subpulses in Fig.3 as the glottal
wave parameters (1=1,2,..,9).

3. EVALUATION OF FEATURE PARAMETERS

In order to effectively reduce the amount of
feature parameter, we measure the F-ratio ,i.e.,
inter-speaker variance to intra-speaker variance
ratio for each parameter[7].

Table 1 shows the F-ratio of vocal tract and
glottal wave parameters of 5 vowels (/a/,/i/,/u/,
/e/,/0/), when 30 persons’ 20 times utterances are
used as sample. Parameters are sorted in order of
F-ratio and 10 significant parameters in each
vowel are listed. From Table 1(a), it is found
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Table 1 F-ratio of vocal tract and glottal wave
parameters of 5 vowels

(a) vowel /a/ (b) vowel /i/
paramtrs. F-ratio  paramtrs. F-ratio
Fi 7.2 Fi 7.6
Fa 3.8 B2 2.5
Xg 3.3 Fs 2.3
X7 3.2 Y1 1.8
Xg 2.6 X1 1.7
X6 2.4 Fa 1.6
Xs 1.9 Xz 1.6
Bs 1.9 X3 1.5
X1 1.6 X4 1.1
X34 1.6 V2 1.1
{c) vowel /fu/ (d) vowel /e/
paramtrs. F-ratio  paramtrs. F-ratio
Fs 4.4 X7 2.8
B, 3.7 Xsg 2.7
hA') 3.5 Xe 2.6
F. 3.4 Xo 2.3
Xo 2.8 Xs 2.1
Fi 2.2 F1 2.0
X1 2.1 y1 1.6
Y1 2.1 Xa 1.5
X7 1.8 F4 1.4
Xs 1.7 Vs 1.3

(e) vowel /o/
paramtrs. F-ratio
F, 5.9
Fi
X9
Xs
Yo
F3
X1
X1
B:
Ba

IO TN WO

fod et ek = et B PO GO

that vocal tract parameters Fi, F: and B; of vowel
/a/ have high F-ratio but that other 7 parameters
are glottal wave parameters. From Table 1(b) to
Table 1(e), 4 vocal tract and 6 glottal wave
parameters in case of vowel /i/, 4 vocal tract and
6 glottal wave parameters in case of vowel /u/, 2
vocal tract and 8 glottal wave parameters in case
of vowel /e/ and 5 vocal tract and 5 glottal wave
parameters in case of vowel /o/ is significant
parameters. The fact that many glottal wave pa-
rameters rank relatively high means the avail-
ability of the parameters in speaker identifi~
cation.

4. SPEAKER IDENTIFICATION

By combining glottal wave parameters and
vocal tract parameters, we attempt to reduce
dimensions of template for speaker identification.
The reference template is made from 5 times
utterance of each vowel., In the identification,
every Mahalanobis’ distance between a template
obtained from unknown spesker’s 5 vowels and 30
reference templates is calculated and an unknown
speaker is identified as the speaker who has a
most similar template in the Mahalanobis space.
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Table 2 Feature parameters in reference template

num. of feature paramtrs feature paramtrs
paramtrs (combined) (vocal tract only)
1 /a/ Fy /a/ Fi
2 /i/ Fi /i/ Fa
3 /o/ Fga /o/ Fa
4 /o/ Fi /o/ Fa
5 /u/ Fa /u/ Fa
6 /a/ F2 /a/ F2
7 /u/ By /u/ By
8 // ye /u/ F2
9 /u/ Fa /i/ B2
10 /a/ xs /i/ Fs
11 /a/ X1 /u/ Fi
12 /o/ Xo /e/ Fi
13 /u/ xe /a/ Bs
14 /e/ xq /o/ Fa
15 /e/ Xs /l/ Fa
16 /e/ xs /o/ B
17 /a/ xe /u/ Ba
18 /i/ B2 /u/ Fs
19 /a/ xe /o/ Bs
20 /i/ Fs /e/ Fa
21 /o/ Xs /u/ Fa
22 /e/ Xs /e/ Fs
23 /o/ ye /a/ Fa
24 /u/ Fy /e/ B
25 /e/ xs /o/ Ba
28 /u/ X1 /e/ Fs
27 /u/ v /i/ F2
28 /e/ Fi /a/ F3
29 /a/ xs /e/ F2
30 /a/ Bs /u/ Bz
31 /i/ ¥y /e/ Bs
32 /o/ Fs /i/ Bs
33 /u/ xq /u/ Ba
34 /i/ xa /e/ Ba
35 /u/ Xs /e/ Bz
36 v/ Xe /a/ Bs
37 /o/ xa1 /1/ Ba
38 /el v /u/ Bs
39 /o/ X7 Jo/ Fu
40 /i/ Fa /a/ Bi
41 /a/ xi /o/ Fs
42 /i/ x2 /o/ Bs
43 /o/ Bi /e/ Bs
44 /u/ X2 /o/ B2
45 /a/ xa /a/ Fs
46 /e/ xa /a/ Bs
a7 /i/ xa /i/ Bs
48 /a/ vo /a/ Bz
49 /u/ Ba /1i/ Ba
50 /u/ Fs /i/ Fs

Table 2 shows what kind of feature parameters
are selected in the reference template as number
of parameters is increased. The left table
consists of glottal wave and vocal tract parame-
ters and the right table consists of vocal tract
parameters only. The table shows that no differ-
ence is found in both templates when the number of
parameters is 7 or less. According to identifi-
cation test, the identification rate is 16% by 1
parameter, 35% by 2 parameters, 49% by 3 parame-
ters, 67% by 4 parameters, 77% by 5 parameters,
81% by 6 parameters and 83% by 7 parameters.
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Fig.4 Relation between identification rate and number of parameters

Fig.4 shows the relation between the
identification rate and number of parameters with
the combined parameters and only with the vocal
tract parameters. From the figure, the identi-
fication rate using combined parameters exceeds
the identification rate using only vocal tract
parameters by 0.5% to 2% when number of parameters
is 24 or more. When number of parameters is
between 17 and 23, however, the identification
rate using only vocal tract parameters is better.
This is caused by sorting parameters not in
optimum order but in F-ratio order.

It is also found, from Table 2 and Fig.4,
that 94% identification rate with a template of 10
feature parameters (8 vocal tract and 2 glottal
parameters), 96% with a template of 16 feature pa-
rameters (8 vocal tract and 8 glottal parameters)
and 99% with a template of 36 feature parameters
(14 vocal tract and 22 glottal parameters) are
obtained. In comparison with the number of pa-
rameters to get same identification rate only with
formants’ template, the number of feature param-
eters is reduced by 5 in case of getting 94% iden-
tification rate, 1 in case of getting 96% identi-
fication rate and 7 in case of getting 99%
identification rate.

5 .CONCLUSION

For the purpose of making a smaller sized
template, we extract some glottal wave parameters
which does not seem to be susceptible to mimicry
and combine them with some LPC vocal tract
parameters. As glottal parameters, abscissa and
ordinate of subpulses plotted on a polar plane are
used.,

According to experimental results obtained

from 30 speakers’ 5 vowels, glottal parameters
show relatively high F-ratio. In comparison with
the number of parameters to get same
identification rate only with a formants'’
template, the number of feature parameters is
reduced by 5 in case of getting 94% identification
rate, 1 in case of getting 96% identification rate
and 7 in case of getting 99% identification rate.

Further improvement of identification rate
might be done by adaptive subpulse treatment.

The authors wish to thank Masayuki Abe, a
graduate student of the Science University of
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