
 Monitoring of the Natural Voice Variation

Frequency Warped AR

Pedro J. Quintana-Morales, Juan L. Navarro
& Fernando D. Loren

Departamento de Señales y 

Universidad de Las Palmas de G
pquintana@dsc.ulpgc.es, jnav

Abstract

The objective of this paper is to propose the use of a speech

model with psychoacoustical information to distinguish between

the open and closed phases of the vocal folds, in order to

monitor formants as phonetic speech characteristics. Taking a

frequency warped ARMA model for each one of the phases, the

aim is to integrate the information of various consecutive

periods in which the poles and the zeros that form the vocal tract

can be considered common due to its slow variation. To analyze

the capacity of phonetic monitoring, different phonetic voice

transitions of speech registers are used from a database that

provides information on glottal closings. First, we show the

dependency with the warping factor. Then, the consistency and

reliability of the method is demonstrated, as well as its better

performance compared to no warped ones. And finally, we will

see the well behavior against moderate noise.

Index Terms: ARMA modeling, frequency warped, voiced

speech analysis, glottal phases, formant monitoring

1. Introduction

The modeling of speech signal which takes into account the

variation of the excitation in the voiced speech production

system, when the vocal folds open and close periodically [1],

can be very useful in applications where we seek an efficient

monitoring of the speech features. Also, the inclusion of an

auditory model has revealed an important issue for applications

in speech recognition [2] and coding [3].

The classical estimation methods usually work over local-

stationary equally spaced frames during 30 msec approximately

and include some pitch periods. However, the consideration of

the different characteristics that we can observe in both closed

and open phases - with stable features for the closed one since

the system is composed of vocal tract only and with variable

features for the open one because the system is composed of the

vocal tract, the trachea and lung - shed doubt on the value

usefulness of the average characteristic of the classical results

[1]. The need to carry out monitoring of those natural variations

of the voiced speech suggests the use of a model for each phase

and a synchronous analysis with the instants of glottal closure.

Some studies, like [1] and [4], have proposed ARMA

models per phase with special care given to the small analysis

frame length due to the possible inconsistency in the results. If

we look at slow variations of the speech production system

characteristics, the estimations could be improved using the

phases of several consecutive periods jointly. Therefore, a least-
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ares solution with a rough average of the covariance matrices

cerning those periods was proposed in [1]. Also, in [4], we

posed an ARMA model formulation to directly integrate the

se information of consecutive periods. We found a least-

ares solution to be suitable for estimating the common pole

 the particular or common zero structure of the periods and it

performed other classical ones based on averaging sample

ariance matrices.

We have also introduced the auditory perception point of

w into common pole and particular zeros ARMA model of

secutive periods [5]. This was achieved by applying a

ping function that controls the frequency resolution in a

cho-acoustical manner. The analysis was based on the idea

sing first-order all-pass dispersive sections instead of delay

ts in the difference equations of an ARMA model. This

ion also had been introduced for warped linear predictive

ing [3] in frame-by-frame analysis.

Now, continuing our work, we propose to develop a pitch-

chronous frequency warped common-pole common-zero

CPCZ) model associated to several adjacent periods to

imize the reconstruction error. We study the speech natural

netics variations across the tracking of the formants

formance. We show the dependence on the warping factor

 display the consistency of the estimations in the sense of

ularity in the estimated formants dynamic and their

sitions. We also study the reliability in the sense of the

mated formants accuracy. The behaviour of the new method

tested in relation to non warped ones. We use different

netics transitions belonging to the database Keele and their

responding glottal closure instants.

In the next section we review the warped method which

forms over one period. In section 3 we expose the new

uency warped ARMA model with common poles and

mon zeros to several periods. In section 4 we carry out the

eriments and display the results. And in section 5 we write

 conclusions.

. Frequency warped ARMA model over

one period

y(n,k) be the signal associated to a given phase (open or

sed) within the n-th period. The expression for the pole-zero,

MA process, model is as follows

1 0

( , ) ( , ) ( , )
p q

n n
i i

i i
y n k a y n k i b u n k i                  (1)
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where u(n,k) is the excitation signal within the n-th period of

any phase, {k=0,...,Nn-1}, Nn is the phase length and

{ai
n, i=1,...,p} and {bi

n, i=0,...,q} are the AR and MA

coefficients of orders (p,q), respectively. In Z domain, the

expression (1) transforms to

1 0

( ) ( ) ( )
p q

n i n i
n i n i n

i i
Y z a z Y z b z U z                  (2)

Frequency warped ARMA model is obtained by replacing

the units delay 1z with all-pass first-order sections like this:
1

1
( )

1

zD z
z

                              (3)

where, –1< <1, is the warping factor. Then, we obtain

1 0

( ) ( ) ( ) ( ) ( )
p q

n i n i
n i n i n

i i
Y z a D z Y z b D z U z              (4)

where ( )iD z  is a generalized delay operator in the Z domain. In

the time domain, this operator over a given signal x(n) can be

defined by

( ) ( )* ( )* * ( )* ( )i

i times

d x n d n d n d n x n                (5)

Transforming (4) to the time domain and applying (5) we

can obtain the extended expression of (1) by

1 0

( , ) ( ( , )) ( ( , ))
p q

n n
i i i i

i i
y n k a d y n k b d u n k             (6)

Let’s now define the reconstruction error signal as:

1 0

( , ) ( , ) ( ( , )) ( ( , ))
p q

n n
i i i i

i i
e n k y n k a d y n k b d u n k      (7)

Using a matrix notation and assuming that u(n,k) is known

or appropriately estimated, the error associated to all instants of

the given phase corresponds to

n n n n n n n ne y Y U h y H h                  (8)

( ,0), , ( , ' 1)n
T

n ne e n e n N N

, ( ' ) 1( ,0), , ( , 1),0, ,0 n n
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n n N Ny y n y n N

1 0

Tn n n n
n p qh a a b b
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1 2

1 2
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n n p n
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d y n d y n d y n

Y
d y n N d y n N d y n N

d y n N N d y n N N d y n N N

0 1

0 1

0 1
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( ( ,0)) ( ( ,0)) ( ( ,0))
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n n q n

n n q n

d u n d u n d u n
d u n d u n d u n

U
d u n N d u n N d u n N

d u n N N d u n N N d u n N N

where ne , ny  and nh are the error, signal and  coefficients

vectors respectively, nY and nU are the signal and excitation

matrices respectively and N’n is an extension where there are

non-zeros error terms.
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3. Frequency warped common-pole and

common-zero over M periods

his section we make use of the fact that the natural variations

the characteristics of the vocal-tract system are slow with

ect to the pitch period. We can assume that for each phase

 for some, M, consecutive periods of speech, its zero

cture (antiresonants) and its pole structure (resonants), keep

stant from period to period. In this case [4], we can redefine

ation (8) in order to make an estimation of the n-th period

fficients over those periods.

nM nM nM nMe y H h                                     (9)

0 1, , , ( ) 1
TT T

nM n n M nMe e e MxN x

0 1, , , ( ) 1
TT T

nM n n M nMy y y MxN x

, , ( ( 1)) 1
TT T

nMh a b p q x

1 0, , , , ,
T Tn n n n

p qa a a b b b

0 0

1 1

1 1

, ( ) ( ( 1))

n n

n n
nM nM

n M n M

Y U

Y U
H MxN x p q

Y U

ere the error vectors n je  and signal vectors n jy  are

ilar to those of equation (8), n jY  y n jU  are the signal and

 excitation matrices corresponding to the given phase of the

j)-th period, {j=0,...,M-1} and NnM = max{[Nn+0, …, Nn+M]).
The coefficient vectors nMh  continue having p+(q+1)

ents obviously. The first ones, {ai
n}, correspond to the

mon pole structure and the remainder ones, {bi
n},

respond to the common zero structure.

We use the cost function defined as the square sum of the

onstruction error for time index k of the signal of a given

se within the M consecutive periods starting from the n-th
.

1
2

0 0

( ) ( , )
M L

M
j k

C n e n j k                        (10)

The coefficients nMh that minimize CM(n) in (9) using the

t-squares method can be represented, therefore, in vector

 as
1( )T T

nM nM nM nMnMh H H H y                           (11)

ng the solution in (8) a particular case, hn=hn0.

This leads us to the least squares solution of the frequency

ped common-pole common-zero (WCPCZ) model over M

iods.

On the other hand, we have the non-warped multicycle

rnatives solutions. One is the extended common-pole

mon-zero model (ECPCZ) [4] - the non warped version of

PCZ, obtained from (1), not from (6). Another is a classical



one, given by a covariance method, averaging over M periods

[1], which we call MCC and it is obtained by resolution of:

1 1

0 0

M M

n n
n n

C a c           (12)

where nC  and nc are the n-th period covariance matrix and

vector, respectively.

4. Experiments and results

Our goal with the following experiments was to analyze the new

proposed method, WCPCZ, for tracking the speech phonetic

features, like the formants. Therefore we used different phonetic

transitions uttered by men and women. The study is centered on

the consistency and trustworthiness with regard to spectrogram.

We show the behavior with the warping factor and compare the

new method to the alternatives ones, ECPCZ and MCC. Also,

we use them in noisy environments to establish their robustness.

We used some voice recordings stored in the database Keele
to carry out the experiments. The database contains 5 male and

5 female recordings (each one is about 40 seconds long) with

their corresponding laryngogram. The sampling frequency fs is

20 KHz. Prior to the experiments we used the laryngogram

signals to mark the correct glottal closure instants (GCI) (29292

were obtained), voiced/unvoiced intervals and pitch. The open

and the closed phases are extracted from the GCI. In each

period, the closed and opened phases represent  40% and 48%
of each period length, respectively. As suggested in [1] the open

phase ends an arbitrary (12% is our compromise value) instant

before the excitation. In all experiments M is set to 3. Also, the

(q,p) order is set to (11,12). This seems a good choice if we

consider that in 10 kHz there are about 8 formants.

The formants are obtained from the roots of the AR part in

each ARMA model, whenever they are higher than 200 Hz, or

smaller than 9.8 kHz and their modules are larger than 0.8. We

represent the closed phase formants by symbol “*” and the

open phase ones by symbol “.”. We display them in the same

graphic to check the spectral tracking of voice segment and

observe the different characteristics of each phase. We also

show the speech wave to notice the transitions and the

spectrogram to see the formant way clearly.

In figure 1.a we show a voice segment /aveller/ uttered by a

man and composed of vocal-consonant and consonant-vocal

transitions. In this figure we can check as the WCPCZ method

depends on the warping factor to track the formants. We have

tried some values and put the most representative ones: 0.25 in

fig. 1.c, 0.45 in fig. 1.d and 0.65 in fig. 1.e. We can see that the

higher the warping factor, the better the resolution (more

important perceptually) in lower frequencies (under turning

point [5]) leaving few formants to track the higher frequencies.

A warping factor of 0.45 is a good compromise to follow the

most important phonetic characteristics for the hearing (lower

band) and at the same time, to be able to track higher

frequencies features (good for intelligibility). Hereafter we‘ll

use this value as warping factor.

In the figure 2.a we display the vocal-consonant transition

/an/ pronounced by a woman. In the figure 2.c we can see the

variations of the estimated formants with the proposed method

WCPCZ.
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Figure 1. a) Phonetic register /aveller/ by man.    
b) Spectrogram. c) WCPCZ , =0.25.

d) WCPCZ, =0.45. e) WCPCZ, =0.65.

We can observe that the formant track the spectrogram

urately (fig. 2.b), with better resolution in lower frequencies

n the non warped method ECPCZ (fig. 2.c.) In higher

uencies the performance is very acceptable if we bear in

d that the spectrogram does not provide perceptual

rmation. We also can see, as its behaviour is more regular

n the classical MCC (fig. 2.e). The formants of the open and

sed phases follow the spectrogram with their own differences

 they are able to define the transition clearly.

Figure 2. a) Phonetic register /an/ by woman.
b) Spectrogram. c) WCPCZ estimation, =0.45.

d) ECPCZ estimation. e) MCC estimation.



In figure 3.a we show the voice segment /ndmei/ uttered by

a man which contains a consonant-consonant, consonant-vocal

and vocal-vocal transitions. In the figure 3.c we observe the

estimations of the WCPCZ method. We also can see an efficient

tracking of the formants in relation to the spectrogram (fig. 3.b)

and a good consistency for both the transition and the

diphthong. The warped method has a better performance than

the non warped estimations, carried out by ECPCZ (fig. 3.d) and

MCC (fig. 3e).

Figure 3.   a) Phonetic register /ndmei/ by man.
b) Spectrogram. c) WCPCZ estimation, =0.45.

d) ECPCZ estimation. e) MCC estimation.

Finally, we use the methods in a moderate noisy

environment, with 20 dB of noise a signal relation and a

maximum of 3 samples of random error in the GCI’s. The figure

4 shows the first example into the Gaussian noise, the voice

segment /aveller/. The noisy spectrogram (fig. 4.b) can be

compared with the clean spectrogram of the figure 1.b. We can

realise the estimations of the proposed method WCPCZ over

noisy signal (fig. 4.c) are well done. They are similar to the

estimations achieved over the clean signal (fig. 1.d) and better

than those obtained by non warped methods (fig 4.d y 4.e),

specially in lower frequencies. The better resolution of the

warped method in that band is the reason of its robustness,

because of the high signal level and the accurate of the GCI not

have to be so strict.

5. Conclusions

We have approached the problem of common voice parameters

in several consecutive periods from the auditory perception

point of view to track the speech natural phonetics variations.

We adopted a formulation that is a good frame to define

different approaches of coefficients estimates associated to polo

and zero structures. This is good for both open and closed

phases. The experiments have proved that the integration of the

several periods with perceptual information improves the

consistency and the robustness against moderate noise and

provides greater reliability to both men and women, and also in

phonetic transitions of a different nature.
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Figure 4.   a) Noisy phonetic register /aveller/ by man.
b) Spectrogram. c) WCPCZ estimation, =0.45.

d) ECPCZ estimation. e) MCC estimation.
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