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ABSTRACT

A low-band spectrum envelope reconstruction method was
tested to see if it could improve the sound quality of speech
modified by the PSOLA(Pitch Synchronous OverLap Add)
method. In the conventional TD(Time Domain)-PSOLA
method, the spectrum envelope extracted using a Hanning
window with a two-pitch-period length had no reliable in-
formation in the band of frequencies lower than original F0.
This problem causes the sound degradation of the F0 modi-
fied speech. In the proposed method, the low-band spectrum
envelope was properly modified according to the F0 modifi-
cation rate. The amplitude of the F0 harmonic components
in the low-band was reproduced based on the spectral tilt of
the spectrum envelope. Subjective listening test results sug-
gest this proposed method yields better sound quality than
the conventional TD-PSOLA method when the downward
modification rate exceeds 0.4 octave.

1. INTRODUCTION

Several spectrum envelope representation methods have been
proposed to achieve high quality F0 modification for speech
synthesis[1]-[4]. The spectrum envelope representation tech-
nique plays an important role in obtaining a fine spectrum
envelope free from interference by an F0 and its harmonic
components. In the TD-PSOLA method[1], a short-term
waveform is extracted using a Hanning window with a two-
pitch-period length (this short-term waveform is hereafter
called the ”unit waveform”). To preserve the original sound
quality and personal characteristics of the original wave-
form in the synthesized sound, an extracted unit waveform
should represent the original spectrum envelope as closely
as possible after unit waveform extraction. For the TD-
PSOLA, the spectrum envelope between each F0 harmonic
component is interpolated smoothly using the amplitude spec-
trum of the window function used to extract the unit wave-
form; consequently, the fine spectrum envelope is retained
in the band above the F0. However, it is difficult to repre-

sent the spectrum envelope below the F0 because the orig-
inal unit waveform has no reliable information about that
band. This causes the sound degradation of the F0 modified
speech, especially when the F0 is modified downward.

In this paper, we propose a PSOLA-based F0 modifi-
cation method in which the low-band spectrum envelope of
the unit waveform is reconstructed. In this reconstruction
process, the magnitude of the low-band spectrum peak is
estimated using the spectral tilt. As a result of the subjec-
tive listening test, the effectiveness of the proposed method
was shown.

2. SPECTRUM ENVELOPE MODELING

2.1. Spectrum envelope of the unit waveform

Fig.1 shows an illustration of a spectrum envelope which is
constructed by convoluting F0 harmonic components with
the frequency characteristics of the Hanning window. To
make the problem easier, the harmonics in this illustration
have the same amplitude. For this system, a flat-shaped en-
velope is formed in the band of frequencies higher than F0

because the spectrum envelope between each F0 harmonic
component is interpolated by the influence of the amplitude
spectrum of the window function. In contrast, the spectrum
envelope diminishes abruptly below the F0. It is thought
that there is no reliable spectral information below the orig-
inal F0. The low-band spectrum envelope cannot be repro-
duced by the conventional TD-PSOLA method when the
F0 is shifted downward. It is also thought that the orig-
inal magnitude of the low-band spectrum might cause the
sound degradation when the F0 is modified upward. Conse-
quently, the spectrum envelope modification along with the
F0 modification rate is expected to reduce these problems.

2.2. Spectrum envelope reconstruction procedure

For our system, a spectrum envelope in the target F0 band
is generated, and the F0 modification is performed upon it
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Fig. 1. Spectrum envelope constructed by convoluting F0 har-
monic components with the frequency characteristics of the Han-
ning window.
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Fig. 2. Spectrum envelope reconstruction procedure.

using the PSOLA method. The low-band spectrum enve-
lope is modified at a rate equal to the given F0 modification
rate. The process of spectrum reconstruction is performed
on each unit waveform. The unit waveforms are extracted
by referring to pitch marks determined by a residual corre-
lation method[5]. Fig.2 illustrates a procedure of this pro-
posed method, whose steps are explained in the following
subsections.

2.2.1. Spectrum envelope (FFT)

The amplitude spectrum of the unit waveform is calculated
using short-time FFT. Phase characteristics are stored to use
in the process of the unit waveform representation.
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Fig. 3. Estimation of the spectral tilt.

2.2.2. Spectral tilt estimation

As illustrated in Fig.3, the spectral tilt coefficient α [dB/oct.]
is estimated using an LMS(Least Mean Square) algorithm.
Since the spectrum envelope information below the F0 is
unreliable, the spectrum envelope between F0 and Fs/2 is
used to estimate the tilt(Fs is the sampling frequency). The
spectral tilt coefficient α is defined as follows:

α =

∑
ωi∈Ω

log2

ωi

ω
· ln |S(ωi)|

|S(ω)|∑
ωi∈Ω

(
log2

ωi

ω

)2
(1)

Ω = {ωi|ω0 < ωi < π}
where ω0 is the angular frequency corresponding to the orig-
inal F0, ω is the mean angular frequency, and S(ω) is the
mean spectral amplitude.

2.2.3. Spectrum reconstruction

Fig.4 (a) and (b) show the original spectrum envelopes S(ω)
and low-band reconstructed spectrum envelopes S′(ω) when
the F0 was shifted downward and upward, respectively. The
spectrum envelope S′(ω) reconstructed by convoluting line
spectra with the frequency characteristics of the Hanning
window is defined as follows:

S′(ω) =

⎧⎪⎪⎪⎨
⎪⎪⎪⎩

N∑
i=1

Ai · |Wi(ω)|
Wmaxi

(ω < ω′
0N)

S(ω) (ω′
0N ≤ ω)

(2)

Wmaxi = max|Wi(ω)|, N =
⌈

ω0

ω′
0

⌉
+ 1

where ω′
0 is the angular frequency corresponding to the tar-

get F0, i is the harmonic number of ω′
0, Ai is the ampli-

tude of the i-th target line spectrum, Wi(ω) is the frequency
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characteristics of the window function, and �x� denotes the
maximum integer that does not exceed x.

Fig.5 shows the distribution of the spectral tilt values of
the unit waveforms extracted from voiced sounds in natu-
ral utterances; these sounds cover several F0’s (F0 range is
between 150 and 450 Hz). There is no mutual dependence
between the F0’s and the spectral tilt values. Consequently,
the spectral tilt for each unit waveform should be kept at
its original value independent of the F0 modification pro-
cess. Taking into account these considerations, the target
line spectrum Ai is given by following equation.

Ai =

⎧⎪⎪⎨
⎪⎪⎩

exp{α log2(i · ω′
0/ω0)} · S(ω0)
(i < ω0/ω′

0)

S(i · ω′
0) (ω0/ω′

0 ≤ i)

(3)

In Eq.(3), the line spectra below the original F0 are calcu-
lated using the spectral tilt coefficient α and S(ω0). This
process is only required when the F0 is shifted downward
because all the required line spectrum information above the
original F0 can be obtained from the original spectrum en-
velope S(ω). The frequency characteristics of the analysis
window Wi(ω) are designed in time-domain as follows:

Wi(ω) = F
[
wi(t)

]
(4)

wi(t) = whan(t, T0) · cos(2πit/T0) (5)

where T0 is pitch period, F [·] denotes FFT, and whan (t, τ)
is the Hanning window given by the following equation.

whan(t, τ) = 0.5(1.0 + cos(πt/τ))(|t| < τ) (6)

2.2.4. Reconstructed unit waveform (IFFT)

Finally, each new unit waveform is represented by an IFFT
of the reconstructed spectrum envelope S′(ω) that possesses
the original phase characteristics. After rearranging the re-
newed unit waveforms using the target pitch period, F0 mod-
ification is performed.

3. LISTENING TEST

A listening test was conducted to evaluate the natural qual-
ity of the F0 modified speech whose F0 contour was shifted
by constant rates. The stimuli produced by the proposed
method were compared to those produced by the conven-
tional TD-PSOLA method. Because the results for a prior
test indicated that there was no perceptible difference be-
tween either method at any modification rate for the F0

upward modification, the listening test in this section was
aimed at the downward modification. Six sentences uttered
by a female speaker were used for this test (the F0 of these
sentences ranged between 170 and 350 Hz). The F0 shift-
ing rates ranged between 0.0 and 1.0 octave downward in
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Fig. 4. Reconstracted spectrum envelopes S′(ω) for (a) down-
ward and (b) upward modifications.

0.2 octave steps. Eight subjects were asked to select their
preferred sample from order-randomized pairs.

The preference scores for the listening test are shown
in Fig.6. These results suggest that the proposed method
was preferred to the conventional TD-PSOLA method as the
modification rate increases downward. The subjects com-
mented that the samples modified by the proposed method
were less hoarse than those modified by the TD-PSOLA
method. This subjective evaluation thus suggests the pro-
posed method produces better sound quality than the con-
ventional TD-PSOLA when the downward modification rate
is exceeds 0.4 octave.

4. DISCUSSION

Fig.7 panels (a) and (b) show the spectrum envelopes ex-
tracted from the downward and the upward F0 modified
waveforms, respectively. Fig.7 (a) shows that a spectrum
difference between the proposed and the conventional meth-
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Fig. 5. Distribution of spectral tilts of several unit waveforms
extracted from voiced parts of speech.
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Fig. 6. Result of subjective listening tests. Stimuli modified
downward using the proposed method were compared with those
modified using the conventional TD-PSOLA method.

ods is present in the band below the F0. It also shows that
the enhanced shape of the low-band spectrum which is mod-
ified using the proposed method remains after downward F0

modification; this enhancement is thought to provide the ad-
vantage in sound quality.

In contrast, there is only a slight difference in both low-
band spectrum envelopes observed in Fig.7 (b). Shortening
the pitch period by the OLA using either method results in
similar spectrum envelopes. Consequently, it is thought that
the amplitude spectrum below the target F0 is canceled even
if the conventional TD-PSOLA method is used. This results
in no perceptible difference between two methods when the
F0 is shifted upward.

5. CONCLUSION

We proposed a new PSOLA-based F0 modification method
in which the spectrum envelope below the F0 is estimated
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Fig. 7. Spectrum envelope extracted from F0 modified speech.
(a) downward modification, and (b) upward modification.

based on the spectral tilt. In conclusion, the results of a
subjective listening test suggest that a proposed F0 modifi-
cation method offers better sound quality than conventional
TD-PSOLA when the downward modification rate exceeds
0.4 octave.
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