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Abstract
A power spectrum estimation method for periodic signals was
proposed to provide temporally stable representation and has
been applied to reformulate STRAIGHT, a system for speech
analysis modiﬁcation and synthesis based on stable spectral envelope estimation. This article proposes a specialized F0 detector based on a ratio between this stable spectrum and corresponding spectral envelope. By allocating multiple specialized F0 detectors and integrating individual clues, the proposed
method selectively detects only fundamental components and
yields a probability measure for each estimate. It also provides
a method to estimate aperiodicity in each frequency band by
making use of estimated fundamental frequency information to
design a quadrature signal on the frequency axis for ﬁltering
periodic spectral component due to the signal periodicity. The
proposed method shed new lights on source ﬁlter representation/decomposition of speech signals.
Index Terms: periodic signal, STRAIGHT, fundamental period, aperiodic component, probability

1. Introduction
It is still amazing to listen to the voice of VODER that was
generated by human operation using pre-computer age technologies. It effectively demonstrated that speech can be transmitted using a far narrower frequency bandwidth, which was
an important motivation of telecommunication research in the
1930s. This aim was recapitulated in the original paper on
VOCODER [1] and led to the development of speech coding
technologies. The demonstration also provided a foundation for
the conceptualization of a source ﬁlter model of speech sounds,
the other aspect of VOCODER.
It is not a trivial concept that our auditory system decomposes input sounds in terms of excitation (source) and resonant
(ﬁlter) characteristics [2]. Retrospectively, this decomposition
can be considered an ecologically relevant strategy that evolved
through selection pressure. This article tries to focus on this
conceptualization, especially on excitation “source,” based on a
recent ﬁnding of a temporally stable power spectral representation of periodic signals.

2. STRAIGHT and its reformulation
3. Temporally stable spectrum
The temporally stable power spectrum of a periodic signal is
calculated as the sum of two power spectra using a pair of time
windows temporally separated for half of the fundamental pe-

riod [3]. Let H(ω) represent the Fourier transform of a timewindowing function. Assume that the width of the main lobe
of H(ω) only covers two harmonic components of the fundamental period T0 . Therefore, it is sufﬁcient to assume that the
test signal δ(ω) + αejβ δ(ω − ω0 ) represents the general periodic signals with fundamental period T0 , where ω0 = 2π/T0 .
Since the Fourier transform of H(ω) yields e−jωτ H(ω) when
the window is temporally displaced by the amount of τ , the
power spectrum of test signal |S(ω, τ )|2 is given by
|S(ω, τ )|2

=

H 2 (ω) + α2 H 2 (ω − ω0 )
(1)
+ 2αH(ω)H(ω − ω0 ) cos(ω0 τ + β).

The third term consists of window location τ and represents the
temporal dependency of the power-spectrum estimation. The
power spectrum of the same signal analyzed by a time window
located at τ + T0 /2 has a third term with an opposite sign because ω0 T0 /2 = π. Therefore, |S(ω, τ )|2 + |S(ω, τ + T0 /2)|2
has no time-dependent term (in this paper, the resultant spectrum is called ‘the ‘TANDEM spectrum”).
3.1. Envelope estimation
The periodic excitation of a set of resonators, such as the vocal
tract, by a pulse train is also a sampling operation of the corresponding transfer function by a periodic pulse on the frequency
axis. In other words, it is an analog-to-digital (discrete) conversion on the frequency axis. By this analogy, the envelope
estimation problem becomes discrete-to-analog conversion on
the frequency axis.
A speech analysis, modiﬁcation and resynthesis framework
STRAIGHT [4, 5] is base on this concept and recently reformulated using TANDEM. It is worthwhile to note that the transfer
function of the vocal tracts is not band-limited on the frequency
axis. This suggests that it is more relevant to adopt a formulation of consistent sampling [6] than to adopt classical sampling
theory. Please refer to our ICASSP’08 article [7] for details.
In short, it is virtually always possible to design a digital compensation ﬁlter to retain spectral information at harmonic frequencies while eliminating periodic variation on the
frequency axis. This procedure is approximately implemented
using the following equations. A stable envelope spectrum,
PT ST (ω) (“STRAIGHT spectrum” below), is calculated from
the TANDEM spectrum PT (ω) using the following set of equa-
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PT (λ)dλ
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ln [C(ω + ω0 /2) − C(ω − ω0 /2)]

(3)
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PT ST (ω)

=

e[q̄1 (LS (ω−ω0 )+LS (ω+ω0 ))+q̄0 LS (ω)] , (4)
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where q̄0 and q̄1 represent the coefﬁcients of the compensation
ﬁlter. (They are numerically optimized because the coefﬁcients
were truncated from a rapidly decaying inﬁnite sequence.)
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4. F0 extraction
0.1

The design objective of an F0 extractor for speech analysis and
synthesis is to extract an F0 trajectory that is identical to the
F0 trajectory generated by a re-synthesized version of the original signal. The fundamental period of the speech signal is updated at every glottal cycle. It is necessary for the F0 extractor
to follow this cycle-by-cycle F0 change. To satisfy this condition, the F0 extractor has to operate pitch-synchronously or
pitch-adaptively with temporal resolution comparable to that of
the fundamental period. Both TANDEM and STRAIGHT spectra simultaneously satisfy a ﬁner temporal resolution requirement and essentially yield pitch synchronous analysis without
the need for precision in window positioning.
Assume that the F0 of a signal is temporally constant and
known. Then deﬁne the ﬂuctuation spectrum PC (ω) using
PC (ω) =

PT (ω)
− 1.
PT ST (ω)

(5)

When the signal is a periodic pulse train and the analysis window for the TANDEM method is a Hanning window with
two pitch period in length, PC (ω) yields a simple sinusoid
cos(2πω/ω0 )/4. The Fourier transform of PC (ω) has a prominent peak at T0 on the lag axis. The sinusoidal modulation of
the frequency axis reﬂecting signal periodicity is completely
suppressed in the STRAIGHT spectrum. Therefore, PC (ω)
consists only of the effect of signal periodicity.
4.1. Specialized periodicity detector
When analyzing actual speech, F0 is not constant in time and is
not known in advance. F0 changes over time introduce amplitude modulation of PC (ω) on the frequency axis. This amplitude modulation is approximately modeled by 1 + cos(cm ω).
Modulation (spatial) frequency cm is proportional to the speed
of the F0 change. This modulation introduces spurious peaks in
the Fourier transform of PC (ω).
This artifact can be removed using the lower frequency portion of PC (ω) with frequency weighting wω0,N (ω) deﬁned in
[−N ω0 , N ω0 ]. N is set to satisfy π/N ω > cm . A practical
implementation of wω0,N (ω) is
wω0,N (ω) = c0 (1 + cos (πω/N ω0 )) ,
(6)
R∞
where c0 is a constant so that −∞ wω0,N (ω)dω = 1.
Considering these factors, a weighted Fourier transform of
the ﬂuctuation spectrum is deﬁned as
Z ∞
A(τ ; T0 ) =
wω0,N (ω)PC (ω; T0 )e−jωτ dω,
(7)
−∞

where the assumed fundamental period T0 is explicitly delineated. The measure A(τ ; T0 ) is considered to be a periodicity
detector.
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Figure 1: Equal probability contour of peak levels of periodicity
score A(τ ; T0 ). Solid line represents the threshold score where
90% of peaks have scores lower than this threshold. The dashed
line represents the threshold for 95%. (Blackman window with
4T0 in length. T0 =40 ms)
Magnitude of this measure A(τ ; T0 ) has band-pass behavior, because time windowing introduces low-pass ﬁltering on the frequency axis and spectral normalization using
STRAIGHT spectrum introduces high-pass ﬁltering on the frequency axis. In other words, it is possible to design its best
response to match T0 by adjusting the length of the time window.
Figure 1 shows equal probability contour of peak frequencies of A(τ ; T0 ) for random signal input. Please note that the
dominant peak is located at 25 Hz and that corresponds to 1/T0
by using a Blackman window with 4T0 in length. Please also
note that there are small peaks in both sides of the main peak.
These are spurious peaks and have to be suppressed.
4.2. Integration of specialized F0 detectors
Since no a priori information about the F0 is available, it is
necessary to provide F0 candidates and to deﬁne a function to
evaluate their possiblities. A weighting function wLAG (τ ; T0 ),
used to suppress spurious peaks and to select the best response
of each periodicity detector, is introduced to integrate each
A(τ ; T0 ) to yield a F0 periodicity score Ā(τ ):
Ā(τ ) =

M
“
”
1−k
1−k
1 X
wLAG (τ ; TL 2 L )A τ ; TL 2 L ,
M

(8)

k=1

where L represents the number of frequency bands in one octave. A constant TL is the longest limit of the fundamental period, and M represents the total number of frequency bands.
The weighting function wLAG (τ ; T0 ) is deﬁned as follows in
the current implementation.
„
„ ««
τ
,
(9)
wLAG (τ ; T0 ) = 0.5 + 0.5 cos π log2
T0
Figure 2 shows equal probability contour of peak frequencies of Ā(τ ) for random signal input. The F0 detectors were allocated from 40 Hz to 600 Hz with a half octave spacing. Please
note that the contour is frequency independent within the region
of interest. In other words, it is possible to represent the probability distribution of Ā(τ ) as a function of peak value.
Figure 3 shows relation between peak level and the probability. This representation enables risk evaluation in periodicity
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Figure 2: Equal probability contour of peak levels of composite
periodicity score Ā(τ ). Solid line represents 90% threshold and
dashed line represents 95%.
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Figure 3: Probability of Ā(τ ) peaks for random inputs to exceed
scores in abscissa.
detection. For example, to limit false alarm rate of periodicity
detection less than 0.1%, the detection threshold has to be set
1.43. Please note that Ā(τ ) has a deterministic maximum value
as a function of analysis window shape and length for purely
periodic signals. Blackman window with 4T0 yields approximately 2 as its upper bound.
The initial estimate of F0 is calculated by applying
parabolic interpolation around the highest peak because cos
weighting makes Ā(τ ) closely approximates a parabolic function in the vicinity of the peak. This initial estimate can be
reﬁned using ﬁxed point analysis of mapping from center frequency to instantaneous frequency of ﬁltered outputs [8].
4.3. Examples
Simulation using a pulse sequence with increasing fundamental period illustrated that candidates corresponding to actual F0
has outstanding values. Figure 4 shows F0 candidates and their
periodicity scores Ā(τ ) using natural speech sound. It also illustrates that Ā(τ ) provides reliable measure for fundamental
component detection. The lower plot of Figure 4 shows that
Ā(τ ) value of the ﬁrst candidate at each frame clearly stands
out in the voiced part by comparing with the overlaid speech
waveform. The probabilities in the same plot strongly suggest
that the primary candidates are not caused by randomness.

100

200

Figure 4: F0 extraction. Upper plot shows F0 candidates. Five
candidates are plotted for each frame. Thick open circles represent the best candidate for each frame. The bottom plot shows
periodicity score Ā(τ ) of each candidate. The score is normalized by the periodicity score of periodic pulse trains. Waveform is also displayed. The percentage annotations on dash-dot
lines represent probabilities of Ā(τ ) to exceed each score. A
Japanese vowel sequence /aiueo/ spoken by a male speaker is
analyzed.

5. Aperiodicity estimation
Speech sounds are not strictly periodic. F0 and amplitude ﬂuctuations introduces FM and AM on each harmonic component.
In addition, the excitation source signal ﬂuctuates cycle by cycle, and the vocal-tract transfer function varies because of the
movement of the articulators. These factors introduce deviations from the precise repetition of the waveform of each cycle.
To deﬁne aperiodicity properly these factors must be separated into two groups. The ﬁrst group consists of factors dependent on F0 ﬂuctuations and STRAIGHT spectral ﬂuctuations.
The second group consists of residual ﬂuctuations. The aperiodicity that has to be deﬁned for ﬂexible speech manipulation
belongs to the second group. Effects caused by the ﬁrst group
have to be removed from the ﬁnal results of aperiodicity analysis in order to prevent double counting, as both the F0 and the
STRAIGHT spectrum are used in synthesizing the speech signals.
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5.1. Normalization of F0 movement
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Non-stationary F0 has to be stabilized prior to the following
analysis, because F0 movement is proportionally magniﬁed
by the harmonic numbers and introduces signiﬁcant side band
power due to frequency modulation in higher frequency range.
Converting the time axis t to τ (t) using the instantaneous frequency of the fundamental component f0 (t) and target F0 fﬁx
Rt
in Equation τ (t) = 0 fﬁx /f0 (λ)dλ, the F0 of the signal converted onto the new time axis has constant value fﬁx [9, 8].
This F0 stabilization procedure eliminates the amplitude
modulation of PC (ω) on the frequency axis mentioned in section 4. Therefore periodicity can be evaluated locally on the
frequency axis irrespective to frequency position.
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5.2. Periodicity extraction using quadrature signal
Since F0 is already known, the only interesting component of
A(τ ; T0 ) is at τ = T0 . Component A(τ ; T0 )|τ =T0 is calculated
using a quadrature signal hN (ω) deﬁned below.
hN (ω) = wω0,N (ω) exp (2πjω/ω0 ) .
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Figure 5: Observed periodic component QC (ω). (This display
uses moving average with 5 frames for post processing to increase TB product.)

(10)

where a signal envelope function wω0,N (ω) deﬁnes spectral resolution of aperiodicity calculation. In terms of timebandwidth (TB) product, the wider the frequency span the more
reliable the estimation is.
In this implementation, the following raised cosine function
is used as envelope hN (ω) for simplicity.
wωC ,N (ω) = c0 (1 + cos (πω/N ωC )) ,
(11)
R
where constant c0 is used to normalize wωC ,N (ω)dω = 1.
Using this quadrature signal, initial evaluation of periodicity is
deﬁned as follows.
˛Z ∞
˛2
˛
˛
Q2C (ω; TC ) = ˛˛
hN (λ; TC )PC (ω − λ; TC )dλ˛˛(12)
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