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Abstract
This paper describes a new manipulation method of voice qual-
ity which is based on the STRAIGHT analysis-synthesis sys-
tem. This method manipulates voice quality by changing the
vocal tract area function calculated from the PARCOR co-
efficients. The PARCOR coefficients used in the proposed
method is obtained from the auto-correlation function of the
STRAIGHT spectrum. We have implemented a simple speech
morphing system based on the proposed method. As a result,
the morphed spectrum by the proposed method has natural spec-
tral transition such as in human voice even if the formant fre-
quencies of input two speech signals are very different, although
the morphed spectrum by the conventional linear interpolation
method has unnatural spectral transition.
Index Terms: vocal tract area function, STRAIGHT, voice
quality, morphing

1. Introduction
High-quality speech analysis-synthesis systems such as
STRAIGHT are used for various manipulations [1] of voice
quality such as speech morphing [2] in recent years. The con-
ventional manipulation method based on such speech analysis-
synthesis systems can manipulate easily the fundamental fre-
quency (F0) which is associated with a vibration period of the
vocal cords and the spectral envelope which is associated with a
characteristic of the vocal tract. However, the generated sound
sometimes results in degradation because the generated spec-
tral envelope can be unnatural. Therefore, we propose a new
manipulation method of voice quality using the vocal tract area
function [3, 4] which approximates a shape of the human vo-
cal tract. The proposed method can generate a natural spectral
envelope because modification in the vocal tract area function
simulates natural change of a shape of the human vocal tract.

2. Manipulation method of voice quality
based on the vocal tract area function

2.1. Vocal tract area function

Many research groups are investigating a method to estimate
a shape of the human vocal tract from X-ray or magnetic res-
onance imaging (MRI) data [5, 6]. The vocal tract data esti-
mated can be useful for applications such as manipulation of
voice quality. However, measuring the vocal tract data is not
easy because special machinery is required for that. In addi-
tion, an exact shape of the vocal tract is not always needed for
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Figure 1: Procedure of extracting the vocal tract area function
from speech waveform.

such applications. Therefore, we decided to employ the vocal
tract area function, which represents a shape of the human vo-
cal tract simulated by the Kelly’s speech production model, for
the applications. This vocal tract area function can be calcu-
lated easily from the PARCOR coefficients which are obtained
in the Linear Predictive Coding (LPC) analysis procedure [7].
Figure 1 shows the procedure of extracting the vocal tract area
function from an input speech waveform. Although the vocal
tract area function of the normal procedure is calculated from a
waveform, that of the proposed method is calculated from the
STRAIGHT spectrum. This section describes the normal pro-
cedure first, because the proposed method is really related to the
normal procedure.

The speech signal includes characteristics of glottal source
and radiation. Therefore, it is required to remove these char-
acteristics from the input speech signal before calculating the
vocal tract area function. One of the methods to remove the
characteristics is applying the simple filter expressed by

H(z) = 1− z−1. (1)
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Figure 2: Comparison of the analysis result result by the pre-
emphasis method. Method of equation (1) (upper) , Method of
the adaptive inverse filter (lower).

This filter is designed to remove approximately −6 dB/octave
slope characteristics of the spectral envelope [3].

However, the vocal tract shape estimated by this method is
sometimes unnatural as shown in Figure 2. The reason of this
problem is that the characteristic of the filter is time-invariant
though the characteristics of glottal source and radiation are
usually time-variant. Therefore, we decided to remove these
characteristics by the adaptive inverse filtering method proposed
by Nakajima [8]. Nakajima’s method estimates the charac-
teristics and applies the inverse filter of that in each analysis
frame. Figure 3 shows the structure of the adaptive inverse fil-
ter. This filter is structured by two order critical damping sys-
tem, and modified two order and three order system. The value
of εi(i = 1, 2, 4) is determined by the least square method.
That is, the following L is minimized.

L =

N−1X
i=0

„
xt−i − εixt−1−i +

ε2i
4
xt−2−i

«2

, (2)

where xt is a sample value of the waveform at time t, and N is
the length of window. The element in the waveform covariance
matrix is

Cjk =

N−1X
i=0

xt−j−ixt−k−i. (3)

By using the partial derivative equation ∂L/∂εi = 0, the fol-
lowing cubic algebraical equation is obtained.

C22ε
3
i − 6C21ε

2
i + (4C02 + 8C11)εi − 8C01 = 0. (4)

εi is given as the real root, satisfying |εi| < 2 in this equation．
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Figure 3: Structure of the adaptive inverse filter．ρi is the cor-
relation coefficient of the i-th unit delay.
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Figure 4: A model of the vocal tract.

The PARCOR coefficients are calculated from the auto-
correlation function of the filtered waveform by the adaptive
inverse filter. The Kelly’s speech production model [9] is based
on the acoustic tube model as shown in Figure 4. The reflection
coefficient κ of Figure 4 is determined by a cross-sectional area
A. That is,

κn =
An −An+1

An +An+1
. (5)

The PARCOR coefficient kn is corresponding to the reflection
coefficient κn. Therefore, the vocal tract area function can be
obtained by

An =

j
1+kn
1−kn

An+1 (n = p, p− 1, · · · , 1)
const. (n = p+ 1)

. (6)

Ap+1 = 1 is used in our methods. This vocal tract area function
An is employed for manipulation of voice quality.

For high-quality manipulation of voice quality, it is required
that the extracted parameter is hardly affected by sampling rate.
In other words, the parameter must have a sort of stability even
if different sampling rate is used. Therefore, we investigated the
vocal tract area function of speech signals with different sam-
pling rates. Figure 5 shows spectrogram-like display ‘vocal-
tractgram’ of the vocal tract area function. The horizontal and
vertical axes represent time and distance from lips, respectively.
Darkness in a pixel of the figure represents the size of the vo-
cal tract area function; darker value indicates larger size of the
vocal tract area function in particular distance from lips. In this
figure, it is found that locations of the darker areas are stable
even if the sampling rate is different. Thus, it can be concluded
that the vocal tract area function is hardly affected by sampling
rate.

2.2. Vocal tract area function calculated from STRAIGHT
spectrum

This section describes how to calculate the vocal tract area
function from STRAIGHT spectrum. The STRAIGHT spec-
trum also includes characteristics of glottal source and ra-
diation. These characteristics can be removed by multiply-
ing frequency characteristic of the adaptive inverse filter and
STRAIGHT spectrum. The coefficients of the adaptive inverse
filter εi(i = 1, 2, 4) are calculated from the auto-correlation
function ri(|i| = 0, · · · , N − 1) that is converted from the
STRAIGHT spectrum by using Wiener-Khintchine theorem.
That is,

r0ε
3
i − 6r1ε

2
i + (4r2 + 8r0)εi − 8r1 = 0. (7)
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Figure 5: Spectrogram-like display ‘vocaltractgram’ of the vo-
cal tract area function.

εi is given as the real root, satisfying |εi| < 2 in this equa-
tion．r of (7) can be provided by the inverse Fourier transform
of the STRAIGHT spectrum according to Wiener-Khintchine
theorem. By using Levinson-Durbin algorithm, the PARCOR
coefficient can be obtained from the auto-correlation function
which excludes characteristics of glottal source and radiation.
The other procedure is the same as Figure 1. The vocal tract
area function calculated in this way is used for manipulation of
voice quality.

3. Speech Morphing
Morphing is a common technology in the field of computer
graphics in order to vary an image of an object to another object
continuously. Speech morphing is the same kind of technology
of speech processing, it can be defined as speech processing
varying voice quality from a speech signal to another speech
signal continuously. In recent years, a speech morphing system
which uses STRAIGHT as a basic synthesis engine has been
developed. This system continuously changes the STRAIGHT
parameters (F0, STRAIGHT spectrum, aperiodicity measure)
of speech signal A into that of B. A generated STRAIGHT pa-
rameter set ΘM can be expressed by

ΘM = (1− r)ΘA + rΘB, (8)

where r represents morphing rate, ΘA is a STRAIGHT pa-
rameter set of the speech signal A, and ΘB is a STRAIGHT
parameter set of the speech signal B.Simplest morphing
method for STRAIGHT spectrum is linear interpolation be-
tween STRAIGHT spectra or logarithmic STRAIGHT spectra
of speech signals A and B. However, the STRAIGHT spectrum
generated by this method will be unnatural when the formant
frequencies of two speech signals are very different, since the
linear interpolation sometimes divides one original formant into
two formants in the morphed spectrum. The proposed method
does not divide the original formant in the morphed spectrum,
because the vocal tract area function is the parameter that rep-
resents the vocal tract shape. The morphing of the vocal tract
area function can be written as

AM
n =

(1− r)AA
n

rAB
n

(n = 1, · · · , p+ 1). (9)

Figure 6: The envelope of STRAIGHT spectrum morphed by
the conventional linear interpolation method.

(9) is equivalent to linear interpolation of the vocal tract area
function in the logarithmic domain. The number of section p of
the proposed method is 50.

The envelope of STRAIGHT spectrum morphed by the
linear interpolation of the logarithmic STRAIGHT spectra is
shown in Figure 6. The spectrum in Figure 6 whose morphing
rate is 0 % was provided by analyzing the signal of male speech.
Also, the spectrum in Figure 6 whose morphing rate is 100 %
was provided by analyzing the signal of female speech. The
sampling rate of speech signals analyzed is 11025 Hz.The enve-
lope of STRAIGHT spectrum morphed by the proposed method
is shown in Figure 7. This figure indicates that each formant in
the spectrum morphed by the proposed method has natural tran-
sition.

4. Subjective Evaluation
We have constructed a simple morphing system whose proce-
dure is slightly different from that of a normal morphing sys-
tem. Although a normal morphing system interpolates between
series of parameters of speech signals A and B, this morphing
system adds a parameter difference between parameters of sig-
nals A and B in a representative frame into a series of param-
eters of signal A. This morphing system enables to omit exact
time alignment between input two signals required for the nor-
mal morphing system.

In this morphing system, the generated vocal tract area
function AM

n (t) and log F0 log[fM
0 (t)] are expressed by

AM
n (t) =

AA
n (t)

μA
n

(μA
n )

1−r × (μB
n(t))

r

= AA
n (t)

(μB
n(t))

r

(μA
n (t))r

, (10)

log[fM
0 (t)] = log[fA

0 (t)]− r[log fA
0mean] + r log[fB

0mean], (11)

where μ is vocal tract area function in a representative frame.
We have performed a subjective experiment by the opinion

method in order to evaluate a quality as human speech sound
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Figure 7: The envelope of STRAIGHT spectrum morphed by
the proposed method.

of morphed signals generated by the system. Morphed signals
generated by the conventional method based on linear interpola-
tion of the logarithmic STRAIGHT spectra were also included
in the experiment. Listeners judged the degree of quality of the
presented signal using five categories shown in Table 1. Three
listeners with normal hearing participated in this experiment.
Speakers of the input speech signals were four male (m01, m03,
m04 and m05) and one female (f01). Nine pairs of morphed
signals in total, which consist of three pairs of male-female
(m03-f01, m04-f01 and m05-f01), three pairs of female-male
(f01-m01, f01-m03 and f01-m05), and three pairs of male-male
(m03-m01, m03-m04 and m03-m05), were included. The atter-
ance of each speaker was isolated Japanese five vowels /a/, /i/,
/u/, /e/ and /o/. The representative frame was set to the roughly
central frame of each vowel which was segmented manually in
advance. The morphing rate ranged from 0 % to 100 % at 10 %
intervals.

Figure 8 shows the mean opinion scores (MOS) of the sub-
jective experiment. In this experiment, it is found that there
is little difference between the scores of the linear interpola-
tion method and the proposed method, although the generated
sounds by two methods are subjectively different. It is also
found that the scores of both methods gradually decrease as the
morphing rate increases. However, a tendency that the score of
the proposed method decreases more linearly than that of the
linear interpolation does can be observed. This tendency im-
plies that the proposed method can morph sound quality linearly
by simple interpolation of the vocal tract area function, though
the linear interpolation cannot. We have to carry out other ex-
periments to verify this tendency as a next step.

Table 1: Evaluation measures for the subjective experiment.

5 very natural
4 natural
3 fair
2 unnatural
1 very unnatural
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Figure 8: Results of subjective experiment. The error bars are
the ±1σ standard deviation.

5. Conclusions
A new manipulation method of voice quality which is based on
the STRAIGHT analysis-synthesis system has been proposed.
This method manipulates voice quality by changing the vocal
tract area function calculated from the PARCOR coefficients. A
simple morphing system using the proposed method has been
constructed, and has been evaluated by the subjective experi-
ment.
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