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Abstract—This paper presents a multi-closure-interval linear
prediction (MCLP) analysis based on phase equalization in order
to remove the effect of subglottal resonance in speech signals for
estimating a vocal-tract spectrum. The validity of this method
is evaluated by using a vocal-tract simulator that models vocal-
tract losses and the subglottal system. Results show that the
proposed method improves the estimation accuracy of a vocal-
tract spectrum compared with the conventional MCLP method.

I. I NTRODUCTION

Linear prediction coding (LPC) is a fundamental technique
for estimating a vocal-tract spectrum from speech signals.
However, the estimated vocal-tract spectrum of voiced speech
is affected by imperfect cancellation of source characteristics,
such as harmonics and subglottal resonance. To overcome
the problem, a pitch synchronous analysis [1], multi-closure-
interval LP (MCLP) [2], and discrete all-pole (DAP) modeling
[3] have been proposed. In these methods, a periodic impulse
excitation is assumed for the voiced speech, and it is there-
fore possible to estimate a vocal-tract spectrum with small
harmonics effect.

The subglottal cavity consists of the trachea and lungs.
Usually, the analysis window length of 10-20 msec is used
for LPC. However, it is known that a vocal-tract spectrum
varies in the open/closed phase of the glottis due to the
subglottal resonance [4][5]. Miki et al. [4] have proposed a
very short-time analysis of speech signals based on the Fejér
kernel mapping and shown that the vocal-tract spectrum of
Japanese vowel /a/ varies depending on the closure/opening
intervals of the glottis. Kitamura et al. [5] have analyzed vocal-
tract MRI data of Japanese vowels and found that the vocal-
tract spectrum in the frequency region from 3.0 to 3.7 kHz
disappears when the glottis is open, but appears when it is
closed. Recently, the second subglottal resonance was used
for speaker adaptation since the subglottal resonance varies
depending on the speaker [6].

In MCLP, several time-segments of speech signals corre-
sponding to the closed phase of the glottis were utilized in or-
der to get stability in vocal-tract spectrum estimation as well as
to remove the effect of subglottal resonance. However, because
natural speech signals include complex phase characteristics,
there is some doubt whether speech signals corresponding to
the closed phase of the glottis can be determined properly.

We have proposed an LP method based on phase equaliza-
tion [7]. The phase equalization was proposed by Moriya and
Honda to compensate for the phase characteristics of speech
signals using a matched filter [8]. They found both the speech
spectrum and the quality of the phase-equalized speech are
almost equivalent to those of the original speech. The phase-
equalized speech signals can be considered to be the output of
the LPC filter whose input is the impulse train spaced at the
pitch period. Therefore, we used the almost perfect impulse
excitation properties of phase-equalized speech to remove the
effects of harmonics in voiced speech. From our findings, we
expected that phase equalization would be beneficial even for
extracting speech signals corresponding to the closed phase of
the glottis.

In this paper, we propose an MCLP based on a phase
equalization from speech signals. This method consists of
phase equalization for original speech signals and MCLP for
the phase-equalized speech signals.

II. SPEECH SYNTHESIZER WITH SUBGLOTTAL SYSTEM

To verify the proposed method, we need to know the ‘true’
vocal-tract and subglottal resonances in speech signals. A
‘true’ vocal-tract (supra-glottal) resonance for natural speech
can be obtained by MRI measurements, but it is still difficult to
measure a ‘true’ subglottal resonance. Thus, in this study, we
used a speech synthesizer with the subglottal system proposed
by Hayashi and Miki [9]. The vocal-tract shape data used
are Japanese vowels /a/, /i/, and /u/ and extracted from MRI
data of a Japanese male subject. A high-order FIR filter
with frequency-dependent losses, such as viscous friction, heat
conduction and wall admittance, was used for the vocal-tract
model. The transmission line model was used for subglottal
system. The infinite baffle model [10] was used as the radiation
impedance and the two-mass model [11] as the vocal folds
model. The synthesizer can generate steady-state vowels at
a sampling rate of 179 kHz since the length of one section
of the vocal tract is 0.2 cm. The results showed that the
approximation accuracy is sufficient up to 6 kHz.

Figure 1(A), (E), and (F) show examples of the syn-
thesized speech signals, the volume velocity at the glottis,
and open/closed phase of the glottis of Japanese vowel /a/,
respectively. The closed phase was delayed 0.45 msec from
the closing instance of the glottis since the distance between
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Fig. 1. Examples of synthesized speech signals for the Japanese vowel /a/.
(A) Original (synthesized) speech signals; (B) LPC residual signals; (C)
phase-equalized speech signals; (D) phase-equalized LPC residual signals;
(E) Volume velocity at the glottis; (F) open/closed phase of the glottis. O and
C indicate open and closed phase, respectively.
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Fig. 2. Spectra of the volume velocity at the glottis for vowels /a/ (red), /i/
(green) and /u/ (blue).

the glottis and lips is 16 cm. The sampling rate was converted
to 16 kHz. In MCLP, speech signals corresponding to the
closed phase of the glottis are used, but large amplitudes in
the open phase in Fig. 1(A) are seen for synthesized speech.
Figure 2 shows spectra of the volume velocity at the glottis
for Japanese vowels /a/, /i/, and /u/. These were obtained for a
one-pitch period. Spectral peaks can be seen around 1000 Hz
for /a/ and 2300 Hz for /i/ and /u/. These peaks would affect
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Fig. 3. Vocal-tract spectra of the Japanese vowel /a/. ‘True’ spectrum from
MRI data (green). FFT spectra from one-pitch speech signals (blue) and from
closed phase (red).

the estimation of the vocal-tract spectrum. Figure 3 shows the
‘true’ vocal-tract spectrum computed with MRI data (MRI-
VT) and FFT spectra of synthesized speech signals for a one-
pitch period and for a closed phase period of Japanese vowel
/a/. The first two formant frequencies of the one-pitch period
seem to be affected by the subglottal resonance. Therefore,
multi-closure-interval analysis would be useful for estimating
the vocal-tract spectrum.

III. PROPOSED METHOD

In this section, we describe the method for estimating a
vocal-tract spectrum from the phase-equalized speech signals,
based on the multi-closure intervals.

A. Phase equalization

In phase equalization, the idea is to convert the phase
characteristics of the original speech signals to the minimum
phase. This is done by applying an adaptively matched filter
and converting the LPC residual signals to a nearly zero phase
[8]. In the voiced speech frame, the LPC residual signalse(t)
are considered to be the impulse train of the pitch period:

e(t) = s(t)−
p∑

i=1

a(i)s(t− i), (1)

wheres(t) represents the original speech signals,a(i) repre-
sents the LPC coefficients, andp is the dimension of the LPC
coefficients. However, the LPC residual signals for natural
(and even synthesized) speech are not a zero-phase [Fig. 1
(B)]. Therefore, the impulse train is reconstructed from the
filter output using theM + 1 tap FIR filter h(t) as follows.
Provided one pulse exists at a known positiont0 in the frame
for the sake of simplicity, the modeled input is represented as
δ(t− t0) and the reconstructed inputg(t) is expressed as

g(t) =

M/2∑
τ=−M/2

h(τ)e(t− τ). (2)



The optimum filter coefficientsh are derived by minimizing
the mean squared error betweeng andδ(t− t0) in the frame:

argmin
h

∑
t

(
M/2∑

τ=−M/2

h(τ)e(t− τ)− δ(t− t0)

)2

. (3)

If the autocorrelation function ofe is a delta function for the
time delay up toM + 1, then

h(t) = e(t0 − t)

/√√√√√ M/2∑
τ=−M/2

e(t0 + τ)2. (4)

That is, the LPC residual is converted into a positive impulse
train through the FIR filter whose coefficients are the values
of the LPC residual itself, which is reversed at a reference
position in the time domain. For the obtainedh, the phase-
equalized speech signalsx are computed with

x(t) =

M/2∑
τ=−M/2

h(τ)s(t− τ). (5)

Here, the number of filter tapsM+1 matches the pitch period
in the frame. The positions of pitch markst0, t1, · · · in the
frame are detected on the basis of the LPC residual signals as
in [8].

Figure 1 shows an example of the results of phase equal-
ization. The phase-equalized LPC residual signals show very
sharp pitch spikes at the instant corresponding to the pitch
mark [Fig. 1 (D)]. The phase-equalized speech signals are
considered to be the output of the LPC filter whose input is
the impulse train spaced at the pitch period [Fig. 1(C)]. Large
amplitudes are not shown in the open phase of phase-equalized
speech.

B. MCLP

MCLP is based on a covariance method for estimating a
vocal-tract spectrum from speech signals. In the covariance
method, the LPC coefficientŝa are computed by minimizing
the following prediction errors:

f(t) = x(t)−
p∑

i=1

â(i)x(t− i); (6)

that is, by solving the following simultaneous equation:

ΦTΦâ = ΦTφ, (7)

where

φ = (x(p+ 1), x(p+ 2), · · · , x(L))T (8)

Φ =


x(p) x(p− 1) . . . x(1)

x(p+ 1) x(p) . . . x(2)
...

...
...

x(L− 1) x(L− 2) . . . x(L− p)

 . (9)

Original speech signals s

Phase equalization

MCLP

Phase-equalized speech signals x Pitch mark ti

LPC coefficients â

OQ

Fig. 4. Algorithms for the proposed method.
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Fig. 5. Vocal-tract spectra of the Japanese vowel /a/. ’True’ spectrum from
MRI data (green). Spectra from MCLP based on phase-equalized speech (PE-
MCLP) (red), from MCLP (blue), and from conventional LPC (black).

In MCLP, we defineφj andΦj as

φj = (x(nj + p), · · · , x(nj +Nj − 1))T (10)

Φj =

 x(nj + p− 1) . . . x(nj)
...

...
x(nj +Nj − 2) . . . x(nj +Nj − p− 1)

 ,

where nj is the initial point of j-th closure phase interval
in the analysis window, andNj is the length ofj-th closure
interval (See Fig. 1). The LPC coefficientsâ are computed by
solving the following simultaneous equations:

[Φ1
TΦ1 + · · ·+ΦK

TΦK ]â = [Φ1
Tφ1 + · · ·+ΦK

TφK ]. (11)

C. Algorithms

Figure 4 shows the algorithms of the proposed method. For
voiced speech of original speech signals, the phase-equalized
speech signals and the pitch mark are computed. Pitch marks
are obtained by using the LPC residual signals [12]. MCLP
is applied to the multi-closure intervals of phase-equalized
speech signals, which are computed with a predetermined open
quotient (OQ) and pitch marks.

IV. EXPERIMENTS

We evaluated the proposed method using synthesized
steady-state vowels /a/, /i/, and /u/ obtained by the vocal-tract
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Fig. 6. Vocal-tract spectra of the Japanese vowel /i/.
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Fig. 7. Vocal-tract spectra of the Japanese vowel /u/.

simulator. The speech signals at a sampling rate of 179 kHz
were converted to 16 kHz and pre-emphasized with first order
differentiation. Eighteen LPC coefficients were obtained. We
show results for intervals of steady-state oscillation of vocal
folds. The fundamental frequencies were estimated from the
instantaneous frequency amplitude spectrum [13] and were
155, 147, and 149 Hz for /a/, /i/, and /u/, respectively. The
OQs obtained from the volume velocity were 62, 65, and 64
% for /a/, /i/, and /u/, respectively.

Figure 5 shows the ‘true’ vocal-tract spectrum computed
with MRI data (MRI-VT) and the spectrum estimated using
MCLP of the phase-equalized speech (PE-MCLP), MCLP of
original speech (MCLP), and the covariance method of the
original speech (LPC) of the Japanese vowel /a/. Analysis
window length was a two-pitch period for PE-MCLP and
MCLP, and 32 msec for LPC. We can see the second formant
frequency (F2) of MCLP was affected by the subglottal
resonance, but that of PE-MCLP was improved compared with
the other methods. Figures 6 and 7 show the results for /i/ and
/u/, respectively, which indicate there is not a large difference
between PE-MCLP and other methods. These results indicate
that the proposed method is beneficial for removing subglottal
resonance around the frequency of 1 kHz.

V. D ISCUSSION

We applied MCLP to phase-equalized speech signals in
order to reduce the effect of subglottal resonance. The results
showed that the proposed method improved the estimation
accuracy of vocal-tract spectrum compared to conventional
MCLP: The phase equalization would be beneficial for re-
ducing the effect of subglottal resonance.

Estimation of the vocal-tract spectrum based on phase
equalization does not work well for a standard autocorre-
lation or covariance method. Therefore, a combination of
phase equalization and source modeling, such as LPC with
a modeling of excitation signals or multi-closure-interval LP,
is important for the phase equalization-based analysis.

In this experiment, we predetermined the OQ. However, the
finding that F4 is modulated depending on the open/closed
intervals of speech signals [5] would be useful for determining
the OQ from speech signals. Moreover, the F1 bandwidth of
PE-MCLP in Fig. 5 was wide, which is most likely because
the data length was insufficient for PE-MCLP. Further studies
are needed.

VI. CONCLUSIONS

We presented a novel vocal-tract spectrum estimation
method and showed that it is superior to conventional MCLP
in terms of reducing the effect of subglottal resonance.
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