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Abstract

This paper tries to introduce a new strategy and tools for voice
quality research that complements conventional approaches.
A very high-quality speech analysis, modification and syn-
thesis procedure STRAIGHT, which is basically a channel
VOCODER based on a pitch-synchronous analysis synthesis
framework, was extended to implement auditory morphing in
terms of spectral, pitch and voice quality parameters. This ex-
tension enables voice quality modification by parametric trans-
formation using STRAIGHT. It also enables an exemplar-based
research strategy for perceptual aspects of voice quality analysis
and control. In other words, manipulated synthetic voice hav-
ing virtually equivalent naturalness to natural voice introduces
a mean to perform a unique research strategy called system-
atic downgrading, that is suitable especially for para and non-
linguistic aspects of human vocalization. In addition to morph-
ing procedure, a set of visualization techniques were introduced
based on fixed-point analyses in the time and the frequency do-
main for assisting exploratory data analysis that is indispensable
in voice quality research.

1. Introduction
Voice quality is an important attribute that makes speech far
richer than a mere acoustic instantiation of its corresponding
textual transcription. There has been a large body of investiga-
tions on voice quality in terms of speech production and per-
ception. Research strategies employed in these investigations
can be grouped into two categories. One is the analytical ap-
proach and the other is the synthetic approach. However, it is
still a hard problem to control voice quality of synthetic and/or
enhanced speech in terms of perceptually relevant control pa-
rameters and to provide natural and vivid voice quality to pro-
duced speech. This article tries to propose the other alternative,
an exemplar-based approach, for voice quality research and ap-
plications to provide an complementary methodology to attack
this hard problem.

The exemplar-based approach requires a certain set of pa-
rameters to be able to precisely reproduce a given example and
a mean to traverse between examples in the parameter space.
In other words, it requires a high-quality auditory morphing,
which was recently implemented based on STRAIGHT [1].

This article explores necessary extensions to the original
STRAIGHT for making it applicable to morphing voice quality
related parameters and demonstrates its use. It also introduces
an event based analysis and visualization technique [2] to facil-
itate exploratory data analysis in voice quality research.

2. Brief introduction to STRAIGHT
It is worthwhile to briefly introduce STRAIGHT (Speech Trans-
formation and Representation based on Adaptive Interpolation

of weiGHTed spectrogram) [3, 4], that was originally designed
for speech perception research using a source filter architec-
ture. STRAIGHT is basically a channel VOCODER based on
F0 adaptive procedures. The procedures are grouped into three
subsystems; a source information extractor, a smoothed time-
frequency representation extractor, and a synthesis engine con-
sisting of an excitation source and a time varying filter. Un-
derlying principles and implementation of the second and the
third component are given in the following paragraphs. Those
for the first component, source information extractor, which are
the central issues in this paper, are described in the following
sections.

Separating speech information into mutually independent
filter parameters and source parameters is important for flexible
speech manipulations. A F0 adaptive complimentary time win-
dow pair and F0 adaptive spectral smoothing based on a cardi-
nal B-spline basis function effectively remove interferences due
to signal periodicity from the time-frequency representation of
the signal. The filtering component is implemented as the min-
imum phase impulse response calculated from the smoothed
time-frequency representation through several stages of FFTs.
This FFT-based implementation enables source F0 control with
a finer frequency resolution than that is determined by the sam-
pling interval of the speech signal. This implementation also
enables suppression of “buzz-like” timbre, which is common in
conventional pulse excitation, by introducing group delay ran-
domization in the higher frequency region. However, in pre-
vious studies, there was no dependable methodology to extract
control parameters of this group delay randomization from the
speech signal under study. This paper introduces new proce-
dures to extend the source information extractor and the exci-
tation source of STRAIGHT to solve these problems. The pro-
cedures also provide useful means to visualize quality related
source parameters [4, 5, 2].

STRAIGHT is capable of resynthesizing various voice
quality from a set of parametric representations. The cur-
rent implementation, that is introduced in this paper, consists
of a smoothed time-frequency representation, F0 and a time-
frequency aperiodicity index. It indicates that voice quality is
embedded in combinations of these parameters. It is possible to
correlate these parameters with conventional voice quality re-
lated indices. For example, spectral tilt can be calculated from
the time-frequency representation and HNR also can be calcu-
lated from the aperiodicity map. However, they are summarized
indices and are not sufficient to reproduce vivid quality. It is
important to find a way to control “vivid”-ness of voice quality.
That is our main interest and the reason why an exemplar based
approach is proposed.

A new methodology, exemplar based approach and a new
research tool, auditory morphing based on STRAIGHT have
been introduced. It is important to provide a research strategy
to take advantage of these elements. “Systematic downgrading”
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is one such strategy we have been adopting.

3. Systematic downgrading
A strategy called systematic downgrading was originally pro-
posed in the context of research on scat singing [6, 7, 8], where
non-linguistic and pare-linguistic information plays indispens-
able roles. The central idea of “systematic downgrading” is to
keep test stimuli as ecologically relevant (in other words, highly
natural) as possible. It is important to use ecologically rele-
vant stimuli, because human perceptual systems can be highly
nonlinear, meaning it is generally difficult to draw dependable
conclusions for human responses to highly complex signals (for
example speech) only based on responses to elementary stimuli
such as tone, tone bursts, clicks, noise and synthetic speech. 1 It
is also important to have means to manipulate physical param-
eters of the stimuli in a well-defined manner. The STRAIGHT-
based morphing fulfils requirements on ecological relevance
(high quality resynthesized speech) and precise control of phys-
ical parameters simultaneously.

The following steps outline “systematic downgrading” in
case of investigating regularities in voice quality.
(1) Prepare the reference speech and the target speech having
typical voice quality.
(2) Morph the reference speech to the target speech by careful
manual transformation of parameters.
(3) Extract regularities in the manual transformation and design
series of approximation functions of the transformation.
(4) Morph the reference speech by the approximation functions
AND refine it with additional manual modifications.
(5) Repeat step (3) and (4) until satisfactory approximation
function is designed.

The procedure is a generalized version of the “null point
procedure”, which is a common practice to minimize distur-
bances to the system under study. It keeps the critical subjective
evaluation to be performed only for high-quality (ecologically
relevant) stimuli. This is especially important in voice quality
research, because quality is the most fragile attribute against
various kinds of distortions. It also should be noted that the step
(3) inevitably is exploratory, even though multivariate analysis
may help acquire insights. The first step of such exploratory in-
vestigation would be to implement selective morphing. Similar
examples can be found in our Eurospeech’30 paper [9] and a
literature on emotional speech [10].

4. Auditory morphing
Morphing is a procedure to regenerate a signal from a repre-
sentation on a shortest trajectory between anchor points in an
abstract distance space with a distance metric dfx. When there
is no ambiguity, it is also possible to extrapolate the shortest
trajectory outside the anchor points.

It is necessary to introduce an approximation that yields
practical implementation of this general morphing procedure.
One such approximation for speech morphing is to define the
new distance dcp

2 as a composite operations of a coordinate
transformation T and a localized distance metric dpp.

dfx � dcp = dpp(sref (λ, τ )), stgt(T (λ, τ ))) (1)

where ref and tgt represents “reference” and “target” respec-
tively. If the transformation T does not have any penalty due

1Synthetic speech made from formant synthesizers and LPC or low
order cepstral vocoders excited by pulse and noise source are too simple
to represent variabilities of speech quality.

2Strictly speaking, this approximation does not define distance met-
ric. The approximation does not satisfy the requirement for distance
metric; dcp(a, b) = dcp(b, a). However, until it is inevitable, this sim-
plified definition is used in this article.

to the transformation, and if the localized distance metric is Eu-
clidean, the morphing procedure is reduced to a linear interpola-
tion on representations represented on the reference coordinate.
The proposed procedure described below is based on this ap-
proximation. This procedure is analogous to visual morphing
when the time-frequency coordinate and the attributes on the
coordinate system are replaced by the shape and color (includ-
ing intensity and texture).

There are several technical issues to implement the pro-
cedure. Specifically, the coordinate system and the localized
distance metric must reflect auditory perceptual characteristics,
and the transformation must be as simple as possible. In this
article, the time-frequency plane is used as the coordinate sys-
tem. The transformation is represented as a simple piecewise
bilinear transformation, because, unlike the image morphing,
the time-frequency coordinate is not isotropic. In our prelim-
inary experiences, it was found that for morphing emotional
speech samples digitized at 44.1 kHz 16bit, only up to 5 an-
chor points on a frequency axis at one temporal location and up
to 4 temporal anchor points for one CV syllable were sufficient.
3 For the fundamental frequency, it is relevant to morph the
parameter in the log-frequency domain, because the F0 dynam-
ics is represented in terms of a linear dynamical equation in the
log-frequency domain [11]. For the spectral density, morphing
is calculated on dB representation, because it is one of relevant
approximations of intensity perception. The time-frequency pe-
riodicity index [4, 2] is also transformed by the same mapping
function. That is one of important cues for voice quality rep-
resentation and control that will be introduced in the following
section.

4.1. Illustration of the method

Figures illustrate how to define and to use anchor points for au-
ditory morphing based on STRAIGHT. Figure 1 shows anchor
points that were manually defined for morphing two speech
samples of a word spoken under different emotional context.
The information given by Figure 1 is used to deform time-
frequency coordinate system of the target speech to make it
aligned with the reference speech. Figure 2 shows how the tar-
get uniform time-frequency grid is deformed. By using this de-
formation, all spectral and source parameters in two end points
(two speech examples) are made aligned in the target’s time-
frequency coordinate system. This alignment makes morphing
simple interpolation at each time-frequency location.

5. Source information extraction and
control

This section briefly introduces tools for source information ex-
traction using instantaneous frequency and group delay as key
concepts[12]. Source information extracted in this stage con-
sists of the F0 and aperiodicity measures both in the frequency
and in the time domain.

The frequency domain parameters, F0 and aperiodicity in-
dex are used to extend STRAIGHT to be able to morph voice
quality related parameters. However, the time domain param-
eters are not implemented as a component of STRAIGHT to
control voice quality. It is introduced here to provide a tool
to visualize source information that is possibly related to voice
quality.

3However, it was found by morphing examples provided by VO-
QUAL’03 that the number of anchor points on the frequency axis some-
times exceeded 8 and for morphing vibrato, there may be a chance that
it requires temporal anchor points for each cycle of vibrato.
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Figure 1: Smooth spectrographic representations of words
played by a male actor under neutral (upper) and angry (lower)
emotional conditions. Anchor points in the time-frequency do-
main are plotted as open circles and temporal anchors are
plotted as vertical dash-dot lines. (Lower frequency portion
(≤ 5000 Hz) of time-frequency representations are shown to
clarify contrasts.) (This figure is the excerpt from our ICASSP
paper [1].)
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Figure 2: Regular time-frequency grid in the target coordinate
transformed into the reference coordinate. (This figure is the
excerpt from our ICASSP paper [1].)

5.1. Frequency domain analysis

Speech signals are not exactly periodic. F0s and waveforms are
always changing and fluctuating. The instantaneous frequency

based F0 extraction method used in this paper was proposed[4]
to represent these nonstationary speech behavior and was de-
signed to produce continuous and high-resolution F0 trajecto-
ries suitable for high-quality speech modifications. The esti-
mation of the aperiodicity measures in the frequency domain
is dependent on this initial F0 estimate, which is based on a
fixed point analysis of a mapping from filter center frequencies
to their output instantaneous frequencies.

5.1.1. F0 estimation

The F0 estimation method of STRAIGHT assumes that the sig-
nal has the following nearly harmonic structure.

x(t) =

NX
k=1

ak(t) (2)

cos
ˆ Z t

0

(kω0(τ ) + ωk(τ ))dτ + φk(0)
˜
,

where ak(t) represents a slowly changing instantaneous ampli-
tude. ωk(τ ) also represents slowly changing perturbation of
the k-th harmonic component. In this representation, F0 is the
instantaneous frequency of the fundamental component where
k = 1. The F0 extraction procedure also uses instantaneous fre-
quencies of other harmonic components to refine F0 estimates.

By using band-pass filters with complex number impulse
responses, filter center frequencies and instantaneous frequen-
cies of filter outputs provide an interesting means for the sinu-
soidal component extraction. Let λ(ωc, t) be the mapping from
the filter center angular frequency ωc to the instantaneous fre-
quency of filter output. Then, angular frequencies of sinusoidal
components are extracted as a set of fixed points Ψ based on the
following definition.

Ψ(t) = {ψ | λ(ψ, t) = ψ, (3)

− 1 <
∂

∂ψ
(λ(ψ, t) − ψ) < 0}.

This relation between filter center frequencies and har-
monic components were reported by number of authors[13, 14].
Similar relation to resonant frequencies was also described in
modeling auditory perception[15]. In addition to these findings,
a geometrical properties of the mapping around fixed points was
found very useful in source information analysis[4].

The signal to noise ratio of the sinusoidal component and
the background noise (represented as C/N: carrier to noise ra-
tio hereafter) is approximately represented using ∂λ

∂ψ
and ∂λ

∂ψt
.

Please refer to [4] for details. Combined with this C/N esti-
mation method, the following nearly isotropic filter impulse re-
sponse is designed.

ws(t, ωc) = (w(t, ωc) � h(t, ωc)) ejωct , (4)

w(t, ωc) = exp(−ω2
c t2/4πη2),

h(t, ωc) = max


0, 1 −

˛̨
˛̨ ωct

2πη

˛̨
˛̨ff , (5)

where� represents convolution and η represents a time stretch-
ing factor, that is slightly larger than 1 to refine frequency res-
olution (1.2 is used in the current implementation). With a log-
linear arrangement of filters (6 filters in one octave), fundamen-
tal harmonic component can be selected as the fixed point hav-
ing the highest C/N. Finally, the initial F0 estimate is used to
select several (in our case, lower three) harmonic components
for refining F0 estimate using C/N and the instantaneous fre-
quency for each harmonic component.
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Figure 3: Three dimensional representation of the filter center
frequency to the output instantaneous frequency map. The sur-
face represents the mapping. Red dots represent the fixed point
of the mapping. F0 can be found as fixed points on the unique
flat surface. Note that other fixed points are not stable in time.
Speech material is the sustained Japanese vowel /a/ spoken by
a male speaker. Temporal stretch parameter η = 1.1 was used.

Figure 3 shows an example to illustrate how the log-linear
filter arrangement makes the fundamental component related
fixed point salient. It is clearly seen that the mappings stay flat
only around the fundamental component.

Figure 4 shows an example of the source information dis-
play of STRAIGHT. It illustrates how C/N information is used
for finding the fundamental component. C/N information is
shown on the top panel and the bottom panel. Please refer to
the caption for explanation.

As mentioned in the previous paragraph, this F0 estimation
procedure consists of the C/N estimation for each filter output as
its integral part. It is potentially applicable to aperiodicity eval-
uation. However, application of this procedure to higher har-
monic components is computationally excessively expensive. A
simple procedure given in the next paragraph is proposed to ex-
tract the virtually equivalent information.

5.1.2. Aperiodicity measure

Time domain warping of a speech signal using the inverse func-
tion of the phase of the fundamental component makes the
speech signal on the new time axis have a constant F0 and
regular harmonic structure[4]. Deviations from periodicity in-
troduce additional components on inharmonic frequencies. In
other words, energy on inharmonic frequencies normalized by
the total energy provides a measure of aperiodicity.

Similar to Eq. 4, a slightly time stretched Gaussian func-
tion, convoluted with the 2nd order cardinal B-spline basis func-
tion that is tuned to the fixed F0 on the new time axis, is de-
signed to have zeros between harmonic components. A power
spectrum calculated using this window provides the energy sum
of periodic and aperiodic components at each harmonic fre-
quency and provides the energy of the aperiodic component at
each in-between harmonic frequency. This enables aperiodicity
evaluation to be a simple peak picking of the power spectrum
calculated on the new time axis. A cepstral liftering to suppress
components having quefrencies greater than F0 is introduced to
enhance robustness of the procedure.

Let |SS(ω)|2 represent the smoothed power spectrum on
the new time axis. Then, let |SU (ω)|2 and |SL(ω)|2 represent
the upper and the lower spectral envelopes respectively. The up-
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Figure 4: Extracted source information from the French singing
file CT2-ppc-p-m1.wav. The top panel represents fixed
points extracted using a circle symbol with a white center dot.
The overlaid image represents the C/N ratio for each filter chan-
nel (24 channels/octave center frequency allocation covering
from 80 Hz to 600 Hz in this example). The lighter the color the
higher the C/N. The middle panel shows the total energy (thick
line) and the higher frequency (> 3 kHz) energy (thin line). The
next panel illustrates an extracted F0. The bottom panel shows
the C/N ratio for each fixed point. Note that one C/N trajectory
is outstanding. It corresponds to the fundamental component.

per envelope is calculated by connecting spectral peaks and the
lower envelope (bottom line) is calculated by connecting spec-
tral valleys. The aperiodicity measure is defined as the lower
envelope normalized by the upper envelope. The bias due to
the liftering in the proposed procedure is calibrated by a table-
look-up based on the simulation results using known aperiodic
signals. The actual aperiodicity measure PAP (ω) in the fre-
quency domain is calculated as a weighted average using the
original power spectrum |S(ω)|2 as the weight.

PAP (ω) =

R
wERB(λ; ω)|S(λ)|2T

“
|SL(λ)|2
|SU (λ)|2

”
dλR

wERB(λ; ω)|S(λ)|2dλ
(6)

where wERB(λ;ω) represents simplified auditory filter shape
for smoothing the power spectrum at the center frequency ω.
T ( ) represents the table-look-up operation.

5.2. Time domain concentration measure

Signals having the same aperiodicity measure may have percep-
tually different quality. This difference is associated with the
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Figure 5: Time domain event extraction. The original speech
waveform is plotted at the top of the figure. The figure shows
the onset of a Japanese vowel sequence /aiueo/ spoken by a
male speaker. The solid line, which is close to the diagonal
dashed line, represents the mapping from the energy centroid
to the window center location. Small circles represent the ex-
tracted fixed points.

temporal structure of the aperiodic component and can be ex-
tracted using the acoustic event detection and characterization
method based on a fixed point analysis of a mapping from time
window positions to windowed energy centroids[5].

5.3. Group delay based event extraction

Speech can be interpreted as a collection of acoustic events. The
response to vocal fold closure characterizes voiced sounds, and
a sudden explosion of the vocal tract characterizes stop conso-
nants. Fricatives can also be characterized as a collection of
temporarily spread noise bursts.

Similar to the F0 extraction based on fixed points, acoustic
events are extracted as a set of fixed points T (b) based on the
following definition.

T (b) = {τ | τ (b, t) − t = 0, (7)

− 1 <
∂

∂t
(τ (b, t) − t) < 0},

where τ (b, t) represents mapping from the center location t of
the time window to its output energy centroid, and ”b” repre-
sents the parameter to define the size of the window. For the
sake of mathematical simplicity, Gaussian time window is used
in our analysis.

Figure 5 illustrates how the energy based event detection
works. The energy centroid trajectory crosses the identity map-
ping upward at several locations; they are fixed points4.

A group delay based compensation of event location was
introduced, because the event location defined by Eq. 7 is in-
evitably consists of a delay due to impulse response of the sys-
tem under study. Usually, the interesting location is not the
energy centroid; instead, it is the origin of the response. The
proposed method[5] uses the minimum phase impulse response

4To make representation intuitive, the horizontal axis of the figure
represents the energy centroid instead of window center. This illustrates
how energy centroid is attracted by local energy concentration.
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Figure 6: Scale dependency of the detected event. The lower
plot shows extracted event locations for different scale parame-
ter σw. The upper plot shows the corresponding waveform.

Figure 7: Polar plot of event locations and its salience with
multi resolution analysis. Angle in the left polar plot repre-
sents the phase of the fundamental component at event loca-
tion. Right plot represents phase of the fundamental component
as the horizontal axis. In both representations, salience is rep-
resented as the color (hot: strong, cool:weak) of symbols and
radius represents the logarithmic scale (the outer the finer).

calculated from the amplitude spectrum to compensate this in-
evitable delay. A test using a speech database with simultane-
ously recorded EGG(ElectroGlottoGram) signals[16] revealed
that the proposed method provides estimates of vocal fold clo-
sure timings with the accuracy of 40 µs to 200 µs in terms of
error standard deviation depending on the temporal spread of
the events[5].

The analysis parameters of the event analysis method are
an analysis window scale and a viewing frequency range. A
systematic scale scanning in event analysis yields a hierarchical
excitation structure of the signal[5].

Figure 6 shows an example of multi resolution event anal-
ysis. The same material was analyzed using scale parameters
ranging from 0.1 ms to 10 ms. The vertical axis of the lower
plot represents the scale parameter. Note that majority of fixed
points are located at vocal fold closure instants.

Figure 7 shows the distribution of fixed points in terms
of the phase of the fundamental component in two alternative
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ways. The plots overlay fixed points extracted using 13 differ-
ent window scales for one second of sustained vowel /a/ spoken
by a male speaker. Radius of the right plot represents the scale
parameter using logarithmic conversion 20 log(σwF0) + 30. A
clear alignment of fixed points around 240 degree corresponds
to closure of vocal fold and the other alignment around 0 degree
seems to corresponds to its opening. By using these hierarchical
representations and the frequency domain aperiodicity measure,
a method to design excitation source can be derived.

6. Morphed sound files
Examples of auditory morphing using the French singing
database provided by VOQUAL’30 can be found on the follow-
ing URL.
http://www.sys.wakayama-u.ac.jp/˜kawahara/VQdemo/

Please check which aspect of voice quality is morphed rea-
sonably and which is not. At this point, vibrato was not mor-
phed reasonably, partly because direct interpolation of two dif-
ferent FM modulation on F0 does not yield intermediate FM
modulation and yields beating F0 modulation.

7. Discussion
There are many open questions to proceed this research direc-
tion further. First of all, redundancy in control parameters of
voice quality suggests need for a unified framework to organize
and translates findings done in different disciplines.

The aperiodicity index introduced in this article is closely
related to HNR (Harmonic to Noise Ratio). It also is related
to the decomposition method of speech signals into periodic
and aperiodic components [17, 18]. It is important to inves-
tigate relations of these indices and to find the best combina-
tions/selections of these indices for each applications such as
diagnosis, control for synthesis and morphing. It also will be
important to find a way to approximate complex time-frequency
aperiodicity indices using a small number of parameters.

The time domain energy concentration parameter does ac-
tually modifies perceptual impression of noise. However, reli-
able extraction of the parameter and proper representation (for
example time-frequency resolution) are not understood well. It
is also a unsolved problem how to allocate perceptual aperiodic-
ity into the frequency domain index and the time domain index.

8. Summary
An exemplar based approach on voice quality research was in-
troduced using a high quality morphing procedure based on
STRAIGHT. This approach will serve as a complementary tool
to the conventional methods. Even with simple representations
used in the original STRAIGHT still be able to provide authen-
tic voice quality control. However, it was also pointed out that it
is necessary to introduce a parametric representation of vibrato
for morphing singing sounds realistically.
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