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Abstract
A periodicity extraction method is introduced to analyze voiced
sounds with a complex excitation behavior. Although general
voiced sound has only one periodicity, some voiced sounds such
as the pathological voice and the singing voice often have mul-
tiple periodicities. A method for estimating multiple periodic-
ities from voiced sounds to deal with these kinds of voices is
proposed in this article. At first, a definition of the multiple
periodicity and its causes are explained, and then the principle
of the proposed method is introduced. The proposed method
was evaluated by using several artificial signals and pathologi-
cal voices recorded in a real environment. The analysis results
from the artificial signals indicated that the proposed method
can extract multiple periodicities, and that of the pathological
voices shows a similar tendency. These results suggest that the
proposed method is effective at extracting the multiple period-
icities.
Index Terms: speech analysis, fundamental frequency, period-
icity extraction, pathological voice

1. Introduction
The fundamental frequency (F0) of a voiced sound is defined as
the shortest period of the glottal vibrations, and it is one of the
indispensable parameters in speech processing such as speech
synthesis [1]. Almost all the conventional methods, for exam-
ple the Cepstrum [2, 3], autocorrelation based method [4], and
average magnitude difference function (AMDF) based methods
[5], have tried to extract a specific periodic structure represented
by a single F0 [6]. More recently, not only new features such
as instantaneous frequency [7] and waveform symmetry [8], but
also new approaches such as YIN [9], SWIPE [10], neural net-
work based method [11], and combination of these features [12]
have been proposed to improve the estimation accuracy. How-
ever, some characteristic voices such as the pathological voice
[13] and the singing voice [14] often contain a complex exci-
tation behavior represented by multiple periodicity. However,
conventional speech processing methods do not deal with mul-
tiple periodicity. Being able to analyze and synthesize them
would therefore provide a new technique for expanding speech
processing [15].

A conventional method [16] has been proposed that deals
with multiple periodicities by adding several periodic signals
with different F0. On the other hand, the multiple periodic-
ity using a repetition interval modulation (RIM) of the glottal
vibrations has been observed for pathological voices [17]. In
pathological voices, events such as vocal fold closure seem ran-
dom, but there are some structures in interval between events
even in such voices. For example, in diplophonia, each short
interval is coupled with a long interval to form a longer unit.
It is a source of subharmonic component. This paper proposes
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Figure 1: Characteristic structure caused by repetition interval
modulation.

a method for extracting the RIM of glottal vibrations to deal
with these types of excitation behavior. The proposed method
is based on the TANDEM-STRAIGHT [18] idea, which can es-
timate the temporally stable power spectrum. The performance
of the proposed method is verified by using several artificial sig-
nals and pathological voices recorded in a real environment, and
the effectiveness of the proposed method is also discussed.

2. Definition of the multiple periodicity
This section discusses the definition of the multiple periodici-
ties caused by RIM. It is defined as the time shift of every other
glottal vibration, as shown in Fig. 1. The signal in Fig. 1 repre-
sents an example, where three period (T0 + τ , T0 − τ , and 2T0

as subharmonics) are extracted at the same time.
The proposed method extracts all three periods as candi-

date intervals and assigns each periodicity score representing
salience of repetition. When the waveform shifted to the time
of a candidate interval is close to the original waveform, high
salience value is assigned. The candidate intervals are rank or-
dered using associated salience values and the primary one is
selected as the best candidate to calculate F0. Details of the
definition of the salience are given in the following sections.

3. Proposed method
Figure 2 illustrates the structure of the proposed method. It uses
many detectors to calculate the F0 candidates and saliences.
Since one detector is designed to extract them in a narrow fre-
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Figure 2: Structure of proposed method.

quency band, many detectors are used to cover a wide range of
frequency bands.

3.1. Basic theory

The proposed method is based on the method to estimate a tem-
porally stable power spectrum and spectral envelope [18]. The
temporally stable power spectrum PT (ω, t) is given by

PT (ω, t) =
1

2

(
P

(
ω, t− T0

4

)
+ P

(
ω, t+

T0

4

))
, (1)

where P (ω, t) represents the power spectrum of the waveform
windowed at time t. T0 represents the fundamental period
(= 1/f0), and ω represents the angular frequency. TANDEM-
STRAIGHT uses a pitch synchronous analysis [19] to remove
the time varying component and to obtain the temporally sta-
ble power spectrum. Since the PT (ω, t) estimated by using
TANDEM-STRAIGHT is constant without relying on the tem-
poral position for windowing [18], PT (ω) without t is used in-
stead of PT (ω, t) in the following discussions.

A smoothed power spectrum PS(ω) is given by the follow-
ing equation.

PS(ω) =
1

ω0

∫ ω0
2

−ω0
2

PT (ω − λ)dλ, (2)

where ω0 represents the fundamental angular frequency
(=2πf0). PS(ω) is the spectrum that does not contain any peri-
odicity information. On the other hand, PT (ω) consists of not
only the periodicity information but also the spectral envelope
information. Therefore, PP (ω), which is the basis of the detec-
tor, is given by

PP (ω) =
PT (ω)

PS(ω)
− 1. (3)

PT (ω)/PS(ω) contains a bias that is removed by subtract-
ing 1. PP (ω) contains only the periodicity information and
equals a sine wave cos(2πω/ω0) [18]. A unique peak at T0

is therefore observed by using the inverse Fourier transform of
PP (ω).

3.2. Detection of F0 and salience

Since F0 in the input voice is unknown before processing, a
frequency fc(= 1/Tc) is used to calculate the F0 candidates
and saliences in a given frequency band around fc. The detector
is defined as the inverse Fourier transform of PP (ω; fc). When
the target F0 is close to fc, the detector peaks at the target T0.
Many detectors are therefore used to detect a wide range of F0.

The energy of a voice in a high frequency band is lower
than that in a low frequency band, and using all the frequency
bands causes a decrease of performance. Before using the in-
verse Fourier transform, PP (ω; fc) is weighted to reduce the er-
ror in the high frequency band. The detector rA(τ ; fc) is given
by the following equation.

rA(τ ; fc) =

∫ ∞

−∞
wB(ω; fc)PP (ω; fc)e

jωτdω, (4)

wB(ω; fc) =

⎧⎨
⎩

1 + cos

(
πω

Nhωc

)
|ω| ≤ Nhωc

0 |ω| > Nhωc,

where ωc represents the angular frequency of fc, and Nh rep-
resents the number of harmonics used for weighting. In the
proposed method, rA(τ ; fc) is converted into the spectral rep-
resentation rA(f ; fc) = rA(1/τ ; fc).

The frequencies that indicate the peaks in a detector
rA(f ; fc) show the F0 candidates, and the values at the frequen-
cies represent the saliences. For fc equal to the target F0, the
rA(f ; fc) value at the target F0 is maximum, and the rA(f ; fc)
value decreases in proportion to the difference between fc and
the target F0. The following processes are carried out to main-
tain the saliences equality without relying on the difference be-
tween fc and the target F0.

In this paper, rA(f ; fc) is shaped into a raised cosine shape.
The bandwidths of a raised cosine are determined so that the
overlap of each detector is 50%. The shape is modified to meet
the requirement given by the following equation.

wL(ν) =

{
0.5 + 0.5 cos(πνL) |Lν| ≤ 1
0 |Lν| > 1,

(5)

ν(f ; fc) = log2

(
f

fc

)
,

where L represents the number of detectors per one octave and
ν represents the logarithmic frequency normalized by fc. ν
and rA(ν; fc) are introduced to normalize the bandwidth of the
window function because the length of the window function de-
pends on F0 in TANDEM-STRAIGHT.

The shape of the detector is modified by the following equa-
tion.

r(ν) = eαν(wL(ν) + βwS(ν))rA(ν), (6)

wS(ν) =

{
0.5− 0.5 cos(2πνL) |Lν| ≤ 1
0 |Lν| > 1,

where α and β are the parameters to shape the detector. The
salience is normalized to indicate one when the input signal is a
pulse train.

All F0 candidates and saliences are obtained by adding all
the modified detectors.

rI(ν) =
∑
k∈Fc

r(ν; fc(k)), (7)

where r(ν; fc(k)) represents the output of the kth detector. The
indexes that have peaks are F0 candidates, and the values for
the F0 candidates represent saliences. Since rI(ν) has many
peaks, a threshold is used to remove the unwanted peaks that
were fortuitously caused.
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Figure 3: Distribution of periodicity score’s peak value. Solid
line: primary peak for periodic signal, dashed line: second peak
for periodic signal, and dotted line: primary peak for white
noise.
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Figure 4: Analysis results of proposed method (F0: 200 Hz,
maximum ratio: 0%)

3.3. Determination of parameters

The proposed method has several parameters that affect the ex-
traction performance. In this article, the parameters are deter-
mined by the results of a preliminary experiment. These pa-
rameters are determined to meet the noise and RIM tolerance.
White noise and periodic signals with many different F0s in-
cluding various RIM patterns are used for the experiment. The
number of detector M is set to 15 (3 ch/oct. from 32 to 812.7
Hz). As a result, these values are determined; the number of
detectors per octave L is three, the window function is a Black-
man window with the length of 2.5Tc, the number of harmonics
Nh is eight, α is 1.0132, and β is 0.0364.

The threshold to remove the unwanted peaks is determined
by conducting another experiment. Figure 3 illustrates the cu-
mulative distribution. The test signals are white noise and the
periodic signals with several F0s randomly given from 30 to
1000 Hz. The horizontal axis represents the salience used for
the threshold, and the vertical axis represents the probability
that the peak exceeds the threshold (solid line) or falls below it
(dashed and dotted line). The solid line represents the cumula-
tive distribution of the primary peak for the periodic signal, and
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Figure 5: Analysis results of proposed method (F0: 200 Hz,
maximum ratio: 5%)
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Figure 6: Analysis results of proposed method (F0: 200 Hz,
maximum ratio: 10%)

the dashed one represents that of the second peak for the peri-
odic signal. The dotted line represents that of the primary peak
in the white noise.

Figure 3 shows that the salience of the second peak for the
periodic signal is lower than that of the primary peak for the
white noise, which suggests that the proposed method can re-
move the unwanted peaks by appropriately setting the threshold.
When the threshold is set to 0.6, the probability that a wrong F0
is fortuitously detected is 2.7%

4. Evaluation
Two experiments were carried out to demonstrate the effec-
tiveness of the proposed method. In the first experiment, sev-
eral artificial signals were used, while two pathological voices
recorded in a real environment were used in the second exper-
iment. The effectiveness of the proposed method was verified
by both experiments.

4.1. Experiment by artificial signals

The basic F0 is set to 200 Hz, and three modulation patterns
are used. Modulation patterns are based on the maximum ratio
of τ/T0, and 0% (without modulation), 5%, and 10% are used.
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Figure 7: Analysis results of proposed method (F0: 100 Hz,
maximum ratio: 10%)
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Figure 8: Extracted periodic components by using proposed
method. The input voice was a vowel /e/ spoken by a female
patient with polypoid vocal folds.

Another condition (F0: 100 Hz, maximum ratio: 10%) is used
to verify the dependence in F0.

Figs. 4, 5, 6 and 7 illustrate the analysis results. The middle
represents the F0 candidates, the bottom represents saliences,
and the marker size of F0 represents the size of salience. In Fig.
4, only the target F0 (200 Hz) is extracted with high salience
close to 1.0. In Figs. 5 and 6, the three F0s (Two F0s around
200 Hz and one at 100 Hz as the subharmonics) are extracted,
and most of the saliences of these F0s are more than 0.6, which
is the threshold necessary to remove the unwanted peak. In Fig.
7, same tendency is observed even if the F0 is different. These
suggest that the proposed method can extract RIM at a high
level of accuracy.

4.2. Evaluation by the pathological voices

An evaluation using pathological voices recorded in the real en-
vironment was carried out. The voices used were the patholog-
ical voices attached to a Japanese book [13] and selected by a
listening test of sound quality. The sampling of these voices
was at 44.1 kHz and 16 bits. This article shows the results of
typical two patterns to discuss the effectiveness of the proposed
method.
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Figure 9: Extracted periodic components using proposed
method. The input voice was a vowel /i/ spoken by a female
patient with scarred vocal folds.

Figure 8 illustrates the results for the voices pronouncing
the vowel /e/ spoken by a female patient with polypoid vocal
folds. The marker size represents the size of the salience. The
F0 candidates around 200 Hz and the subharmonic of 100 Hz
are observed in the timeframe from 0.5 to 1.5 sec, and saliences
were indicated around 0.8. Figure 9 illustrates the results for
the voices pronouncing the vowel /i/ spoken by a female patient
with scarred vocal folds. This figure also indicates the three F0s
in the timeframe from 0.8 to 0.9 sec.

4.3. Discussion

These results seem to show that the pathological voices used in
the experiment contain multiple periodicities caused by RIM.
The saliences in Figs. 8 and 9 spread at a wide range from 0.4
to 1.0. However, since most of the F0 candidates that should be
observed were extracted with more than 0.5 saliences, we can
manually extract the RIM without needing to carefully watch
the waveform, which suggests that the proposed method is use-
ful as a diagnostic tool to extract such pathological voices in
the medical field. This paper does not deal with the automation
of the extraction, and this is one of our more important future
works.

5. Conclusions
We proposed a method for extracting the multiple periodicities
caused by RIM from a voiced sound. The proposed method uses
the TANDEM-STRAIGHT idea and extracts several F0 candi-
dates and saliences. In this article, the voice experiments in-
cluding RIM were carried out to verify the effectiveness of the
proposed method. The analysis results from the artificial sig-
nal indicated that the proposed method can extract typical F0s
caused by RIM, and the analysis results of pathological voices
show results similar to those from the artificial signal. The re-
sults suggested that the proposed method can observe the RIM
from the three F0s caused by RIM.
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