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Abstract
For speech synthesizers, enhanced diversity and improved qual-
ity of synthesized speech are required. Speaker interpolation
and voice conversion are the techniques that enhance diversity.
The PUSF (plural unit selection and fusion) method, which we
have proposed, generates synthesized waveforms using pitch-
cycle waveforms. However, it is difficult to modify its spectral
features while keeping naturalness of synthesized speech. In
the present work, we investigated how best to represent speech
waveforms. Firstly, we introduce a method that decomposes a
pitch waveform in a voiced portion into a periodic component,
which is excited by vocal sound source, and an aperiodic com-
ponent, which is excited by noise source. Moreover, we intro-
duce the FWF (formant waveform) model to represent the peri-
odic component. Because the FWF model represents the pitch
waveform in accordance with formant parameters, it can control
the formant parameters independently. We realized a method
that can easily be applied to the diversity-enhancing techniques
in the PUSF-based method because this model is based on vocal
tract features.
Index Terms: plural unit selection and fusion method, peri-
odic/aperiodic component, FWF model, formant parameter

1. Introduction
For a speech synthesizer, two principal features are required.
One is generation of natural synthesized speech. The other
is enhancement of diversity by introducing techniques such as
speaker interpolation [1] and voice conversion [2]. The PUSF
method [3] can generate natural synthesized speech while keep-
ing stability. This method is a hybrid method of a unit-training-
based method [4] and a unit-selection-based method [5]. In ad-
dition, this method is characterized by selecting plural speech
units and fusing them. The PUSF method, however, cannot eas-
ily modify spectral features of speech units because selected
plural speech units are fused in the time domain.

The FWF model [6] represents a periodic component wave-
form in a voiced portion as the sum of formant waveforms. Each
formant waveform is modeled by formant parameters such as
formant frequency and its spectral shape. The FWF model can
easily modify spectral features of speech units because formant
parameters are controlled. The FWF model, however, cannot
properly represent aperiodic components. Threfore, firstly, we
refer to a method that decomposes pitch-cycle waveforms into
periodic and aperiodic components and properly fuses them
in the time domain. In this paper, we call this method the
Per/Aper (Periodic/Aperiodic) PUSF method. Then, we pro-
pose a method that introduces the FWF model to the Per/Aper
PUSF method.
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Figure 1: Diagram of the PUSF method

The remainder of this paper is organized as follows. The
PUSF method is described in Section 2, the Per/Aper PUSF
method is described in Section 3, a method that introduces the
FWF model to the Per/Aper PUSF method is presented in Sec-
tion 4, experimental result is reported and discussed in Section
5, and a conclusion is presented in Section 6.

2. The PUSF method
Figure 1 shows the diagram of the PUSF method. It consists
of a speech unit selection process, a speech unit fusion process
and a speech unit concatenation process [3]. First, a phoneme
sequence and prosody (duration, f0 contour) information are
input to the speech unit selection process. Next, in the speech
unit selection process, plural speech units are selected. Speech
units are selected that are suited to the phoneme sequence and
the prosody information by using a cost function for each pro-
cessing speech unit. Then, in the speech unit fusion process, a
fused speech unit is generated by fusing selected plural speech
units. Finally, in the speech unit concatenation process, synthe-
sized speech is generated by concatenating fused speech units.
In this paper, the word “fusion” means generating waveform
which represents the selected plural speech units.

The cost function, in the speech unit selection process, con-
sists of a target cost and a concatenation cost. The target cost
is defined by the weighted sum of f0 target cost, duration tar-
get cost, and phonetic context cost. The concatenation cost is
defined by the weighted sum of f0 concatenation cost, spec-
trum concatenation cost, power concatenation cost, and adja-
cency cost (set to 0 when two consecutive units are adjoining in
the speech unit database, otherwise 1).

In the speech unit fusion process, synthesized speech of the
unvoiced portion is not generated by fusing speech units, but
synthesized speech of the voiced portion is generated by fusing
speech units. Synthesized speech units in the unvoiced portion
are used for the speech unit that has the minimum cost calcu-
lated in the speech unit selection process. Selected plural speech
units of the voiced portion are divided into pitch-cycle wave-
forms and fused by the respective pitch-cycle waveforms. The
pitch-cycle waveform is the waveform whose spectrum shape
represents the spectrum envelope of speech signals. The fused
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pitch-cycle waveform is generated by decomposing into several
bands, averaging in each band, and adding the bands averaged
waveforms.

3. The Per/Aper PUSF method
In the FWF model, periodic components are represented prop-
erly, but aperiodic components are not represented properly.
Therefore, a speech unit waveform is decomposed into the two
components in order to introduce the FWFmethod to the PUSF-
based method. Firstly, we refer to a method that decomposes
pitch-cycle waveform of the speech unit into periodic and ape-
riodic components, and properly fuses them. In this paper, we
call this method the Per/Aper PUSF method. This method can
improve the quality of synthesized speech because synthesized
speech is generated based on an acoustic source.

3.1. Decomposing periodic and aperiodic components

For decomposing the pitch-cycle waveform, we use the PSHF
(Pitch-Scaled Harmonic Filter) method [7]. The PSHF method
can decompose the pitch-cycle waveform, which is composed
of mixed periodic and aperiodic components in full band, into
the two kinds of components by utilizing the harmonious struc-
ture of the spectrum of a periodic component. The decompos-
ing performance of the PSHF method is satisfactory except in
the case of rapid variation of pitch.

3.2. Fusion of aperiodic components

In the Per/Aper PUSF method, fused aperiodic components are
generated from two features to avoid attenuation of aperiodic
components. One feature concerns the acoustic source, the
other feature concerns the vocal tract filter. These features are
extracted from aperiodic components of pitch-cycle waveforms
for selected plural speech units as follows:

Vocal tract filter feature extraction step:

1. Concatenate temporally aperiodic components.

2. Extract fused LPC coefficients from concatenated
aperiodic components by LPC analysis.

Acoustic source feature extraction step:

1. Extract LPC coefficients from each aperiodic com-
ponent by LPC analysis.

2. Extract linear prediction residual from LPC coef-
ficients.

3. Extract power envelope from each linear predic-
tion residual.

4. Generate fused power envelope by averaging ex-
tracted power envelopes with phase alignment.

Fused aperiodic component is generated from the above two
features as follows:

1. Excite white noise for each pitch-cycle waveform.

2. Generate waveform of acoustic source by modulating
amplitude according to the fused power envelope.

3. Generate fused aperiodic component by filtering with the
fused LPC coefficients.

=

+

f

t

1
ω

2
ω

3
ω

( )tu

f

t

1
ω

( )tf
1

f

t

2
ω

( )tf
2

+

= ����

t t
����1a

����

t t
= ����2a

( )
ii

dts − ( )
ii

t φω +cos

f

t

3
ω

( )tf
3

����

t t
= ����3a

Figure 2: Diagram of the FWF model

3.3. Fusion of periodic components

In the Per/Aper PUSF method, fused periodic components are
generated in the same way as with the speech unit fusion pro-
cess in the PUSF method. The fused pitch-cycle waveform is
generated by adding the fused periodic component and the fused
aperiodic component.

4. The FWF model parameter fusion
method

In the Per/Aper PUSF method, the spectral features can no
longer be modified easily because of fusion of periodic com-
ponents in the time domain. To overcome this problem, we pro-
pose a method that introduces the FWF model.

4.1. FWF model

Assume that a voiced portion of synthesized speech is gener-
ated by the pitch synchronous overlap addition process of a se-
quence of pitch-cycle waveforms composing a speech unit. The
pitch-cycle waveform is represented by the FWF model defined
below. A pitch-cycle waveform u (t) is composed of sum of
formant waveforms fi (t) as follows:

u (t) =

Nf∑
i=1

fi (t) (1)

whereNf is the number of formants. Each of the formant wave-
forms fi (t) has one formant. It is defined by windowed cosine
waveform as follows:

fi (t) = aisi (t− di) cos (ωit+ φi) (2)

where ai, si (t), di, ωi and φi are a formant amplitude, a win-
dow function, a position of the window function, a formant fre-
quency and a formant phase, respectively. By this modeling,
frequency, amplitude, phase and spectral shape of each formant
can be controlled independently. The spectral shape is repre-
sented by the spectrum of the window function. Figure 2 shows
the diagram of the FWFmodel in the case ofNf = 3. In the fig-
ure, blue line shows waveform in the time domain and red line
shows logarithmic power spectrum in the frequency domain. In
the above formulation, the window function is generalized by
arbitrary function si (t). The freedom of this model is too great
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Figure 3: Diagram of the proposed method
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Figure 4: Diagram of the extracting FWF model parameter

for robust estimation of the parameters. It is reasonable to re-
duce the freedom by limiting bandwidth of the window func-
tion because its spectral shape represents a formant. Therefore,
we introduced the constraint that the window function is repre-
sented by the weighted sum of the bases as follows:

si (t) =

Nb∑
j=1

wijbj (t) (3)

where bj (t), wij and Nb are the bases of window functions,
weight of each basis and the number of bases, respectively. The
basis function is defined by product of Hanning window and
DCT basis as follows:

bj (t) =
1

2

(
1− cos

2πt

Lw

)
cos

(j − 1)πt

Lw
, (4)

where a constant Lw indicates the length of the window func-
tion. The aim of this formulation is that the spectrum of each
basis has a single narrow peak and small sidelobes.

4.2. Basic architecture

The FWF model cannot represent aperiodic components appro-
priately, but can represent periodic components of pitch-cycle
waveforms. Therefore, we propose a method that generates
fused periodic components from fused FWF parameters. Ape-
riodic components are generated in the same way as with the
Per/Aper PUSF method. Figure 3 shows a diagram of the pro-
posed method.

4.3. Extracting FWF model parameters

The proposed method requires the FWF model parameters for
the periodic component in the voiced portion. The FWF model
parameters are extracted from periodic component of the pitch-
cycle waveform. When extracting the FWF model parameters,
it is assumed that the window function si (t), which represents
the detailed spectral shape of each formant, is common to all
training data for the the same formant of the same phoneme,
while the formant frequency ωi varies among training data sam-
ples. The window function si (t) is culculated under this as-
sumption, and therefore a single function is extracted for each
formant of each phoneme. The other parameters of the FWF
model are extracted for every training data sample. For each
pitch-cycle waveform, the FWF model parameters are extracted
as follows:

1. Optimize window function si (t) and reconstruct pitch-
cycle waveform u (t) using equation (1).

2. Evaluate distortion between reconstructed pitch-cycle
waveform u (t) and pitch-cycle waveforms r (t) of train-
ing data.

3. Optimize the other FWF parameters, ai, di, ωi, and φi,
and reconstruct pitch-cycle waveform u (t) using equa-
tion (1).

4. Evaluate distortion between reconstructed pitch-cycle
waveform u (t) and pitch-cycle waveforms r (t) of train-
ing data.

The above procedure is repeated until the distortion is con-
verged. Square error of waveforms is used as the distortion
criterion in the above procedure [8].

4.4. Fusion of FWF parameters

Fused FWF parameters are generated from FWF parameters
corresponding with pitch-cycle waveforms of selected plural
speech units. Assuming the number of selected speech units
isN , each component of fused FWF parameters in i-th formant
is generated as follows:

aFi =
N∑

n=1

an
i

N
dFi =

N∑
n=1

dni
N

ωFi =

N∑
n=1

ωn
i

N
φFi = tan−1

∑N
n=1 a

n
i sinφn

i∑N
n=1 a

n
i cosφn

i

(5)

where aFi , dFi , ωFi and φFi are a fused formant amplitude,
a fused portion of the window function, a fused formant fre-
quency and a fused formant phase, respectively. And, an

i , dni ,
ωn
i and φn

i are a formant amplitude, a portion of the window
function, a formant frequency and a formant phase of the n-th
FWF parameter, respectively. Fused window function sFi (t)
is generated by averaging with phase alignment between win-
dow functions. Figure 5 shows the time-series variation of ωFi
( i = 1, 2, 3 ) in the input Japanese sentence “/H-o-o-s-o-o-ch-
u-u-n-o/”, meaning “on-air” in English. And it shows ω1

i , ω2
i ,

ω3
i when the number of plural units N is 3. A vertical line in
Figure 5 indicates boundaries between phonemes.

5. Experiment
To evaluate the proposed method, we implemented a prototype
system and conducted MOS (Mean Opinion Score) evaluation.

5.1. Experimental conditions

We used half phones as speech units, and the half phone bal-
anced speech database for a female speaker and a male speaker
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Figure 6: Result of MOS evaluation

is used. The MOS evaluation was conducted through a loud-
speaker and a headphone. For each MOS evaluation, 10 sub-
jects evaluated 10 Japanese utterances. 5 utterances were from
car-navigation sentences. The rest were from news articles. For
each subject, the utterances were shuffled and played in a dif-
ferent order so that each subject eventually evaluated 10 utter-
ances, and was given a 5-point MOS value. Synthesized speech
in the case of the PUSF method, the Per/Aper PUSF method
and the proposed method was generated from the same prosody
information. The number of plural speech unitsN is 10 and the
sampling frequency fs is 22.05 kHz.

5.2. Experimental result

Figure 6 shows the MOS evaluation result. The bars in the fig-
ure show two-sided 95% confidence intervals. The result for
a loudspeaker is almost the same the result for a headphone.
From Figure 6, the performance of the Per/Aper PUSF method
was higher than that of the PUSF method in most conditions ex-
cept in the case of the male speaker. The unsatisfactory decom-
posing performance for the male speaker is mainly attributable
to the leaking of periodic components to aperiodic components,
and consequently, aperiodic components are not fused properly.
On the contrary, the performance of the proposed method was
worse than that of the PUSF method and the Per/Aper PUSF
method in all conditions, owing to the low accuracy in the ex-
tracting of the FWF model parameters. Window function si (t)
of the FWF model parameters is extracted by setting it to be
common for all training data in same phoneme. Therefore, the
spectrum of u (t), which was reconstructed from the extracted
FWF model parameters using equation (1), cannot accurately

represent the spectrum of the pitch-cycle waveform of training
data. Therefore, the result for the proposed method was inferior
to those for the other methods.

6. Conclusions
We proposed a method introducing the FWF model to represent
the pitch-cycle waveform for enhancing diversity of a speech
synthesizer. The experimental result does not show the effec-
tiveness of the proposed method in terms of the quality of the
synthesized speech. However, we achieved enhanced diversity
in the case of the PUSF-based method by introducing the FWF
model, because formant parameters can be controlled indepen-
dently in the case of the FWF model. One of the subjects for
future work is the realization of diversity-enhancing techniques
such as speaker interpolation and voice conversion in a method
based on the proposed method. Since the FWF model is highly
flexible for diversity-enhancing techniques, we can easily apply
them to the proposed method. Other subjects for future work are
improvement of the accuracy of extracting the FWF parameters
and of decomposing the pitch-cycle waveform.
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