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Abstract

High-resolution F0 analysis using a speech database with si-
multaneously recorded EGG (Electroglottogram) signals indi-
cated that there are systematic F0 glitches around nasal-vowel
transitions. The durations of the glitches are 10 to 20 ms and
they introduce 5 to 10 Hz F0 shifts. A detailed series of anal-
yses of these glitches indicated that the major contributing fac-
tor of these glitches is sudden changes of group delay values
of the vocal tract transfer function in the vicinity of the funda-
mental frequency at nasal-vowel transitions. It is also suggested
that the Doppler effects due to apparent changes of vocal tract
length are marginal, even if they exist. Finally, issues in evalu-
ating high resolution F0 extraction algorithms and applications
to high quality speech manipulation methods are discussed.

1. Introduction

Systematic F0 downward shifts in consonantal production asso-
ciated with vocal tract constriction are commonly known. How-
ever, more subtle but also systematic F0 glitches were found to
exist. This finding introduces interesting issues: how to evalu-
ate high-resolution F0 extraction algorithms and application for
high-quality speech modification.

A high-resolution F0 extraction method was developed [5]
by one of the authors to provide reliable source information
for a versatile speech analysis, modification and synthesis sys-
tem, STRAIGHT[4] and was crucial for finding this systematic
glitch. This method was evaluated using a speech database with
simultaneously recorded EGG signals[2]. The comparison of
F0 values between speech-based F0 and EGG based F0 indi-
cated that there are systematic discrepancies, especially around
nasal-to-vowel and vowel-to-nasal transitions.

Before investigation, two analysis methods for source in-
formation are introduced: one is the high-resolution F0 extrac-
tion method mentioned above and the other is a high-resolution
event extraction method based on group delay compensation.
Then, typical examples of F0 glitches are introduced and ana-
lyzed. A hypothesis about how these glitches are made is then
proposed. Finally, relation to evaluation of F0 extraction algo-
rithms and implications to high-quality speech manipulation are
discussed.

2. Analysis tools

This section briefly introduces tools for source information ex-
traction using instantaneous frequency and group delay as key
concepts[1].

2.1. Instantaneous frequency based F0 extraction

Speech signals are not purely periodic. Waveforms and funda-
mental frequencies are always changing and fluctuating. The
instantaneous frequency based F0 extraction method used in
this paper was proposed [5] to represent these nonstationary be-
havior of speech and designed to produce continuous and high-
resolution F0 trajectories suitable for high-quality speech mod-
ifications. The proposed method assumes that the signal has the
following nearly harmonic structure:
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where ak(t) represents a slowly changing instantaneous ampli-
tude. ωk(τ ) also represents a 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 proposed method also uses instantaneous frequen-
cies of other harmonic components to refine F0 estimates.

By using band-pass filters with complex numbered impulse
response, filter center frequencies and instantaneous frequen-
cies of filter outputs provide an interesting means for sinusoidal
component extraction. Let λ(ωc, t) be the mapping from the fil-
ter center angular frequency ωc to the instantaneous frequency
of filter output. Then, angular frequencies of sinusoidal com-
ponents are extracted as a set of fixed-points Ψ based on the
following definition:

Ψ(t) = {ψ | λ(ψ, t) − ψ = 0

∂

∂ψ
(λ(ψ, t) − ψ) < 0} (2)

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

∂ψ
and ∂2λ

∂ψ∂t
.

Please refer our previous paper[5] for details. Combined with
this C/N estimation, the following nearly isotropic filter impulse
response is designed.

ws(t, ωc) = (w(t, ωc) � h(t, ωc)) e
jωct , (3)
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where � represents convolution and η represents a time stretch-
ing factor, that is slightly larger than 1 to refine frequency res-
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olution (a value of 1.2 for η is used in the current implementa-
tion). With log-linear arrangement of filters (6 filters in one oc-
tave), the best filter for extracting fundamental harmonic com-
ponent can be selected as the filter having the highest C/N ratio.
Then, the initial estimate of F0 is obtained as the instantaneous
frequency of the filter output. Finally, the initial F0 estimate is
used to select several (in our case, lower three) harmonic com-
ponents for refining the F0 estimate using C/N ratio and instan-
taneous frequency for each harmonic component.

This tool is used to illustrate where and how F0 glitch is
present.

2.2. Group delay based event extraction

Speech can be interpreted as a collection of acoustic events. Re-
sponse to vocal fold closure characterizes voiced sounds, and
sudden explosion of the vocal tract characterizes stop conso-
nants. Fricatives can also be characterized as a collection of
temporarily spread noise bursts. A simple energy based defini-
tion of acoustic events and a group delay based compensation
of event locations were proposed by the authors[3].

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

P (b) = {τ | τ (b, t) − t = 0

∂

∂t
(τ (b, t) − t) < 0}, (5)

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

A group delay based compensation of event location was in-
troduced, because the event location defined by Eq. 5 inevitably
consists of a delay due to impulse response of the system under
study. Usually, the interesting location is not the energy cen-
troid, instead, it is the origin of the response. The proposed
method uses the minimum phase impulse response calculated
from the amplitude spectrum to compensate this inevitable de-
lay.

A test using the database mentioned below[2] was con-
ducted to evaluate the accuracy of the proposed method[3]. It
was found that the proposed method provides estimates of vo-
cal fold closure timings with the accuracy of 40 µs to 200 µs
in terms of error standard deviation depending on the temporal
spread of the events.

This tool is used for investigating the source of the glitches.

2.3. Database

The database was originally designed for evaluation of F0 ex-
traction algorithms[2]. It consists of 30 Japanese sentences
spoken by 14 male speakers and 14 female speakers. Speech
sounds and simultaneously recorded EGG signals were time
aligned and digitized at 48 kHz. These signals were downsam-
pled to 16 kHz and the voiced/unvoiced (V/UV) labels were
added. Only the speech track and the EGG track are used in the
current study.

3. F0 glitch examples
Figure 1 shows how F0 was extracted. In the initial estimate
of F0 , 40 Hz to 800 Hz were log-linearly covered by filters
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Figure 1: Source information display for a Japanese sentence
/imanimo ame ga fuQte kisou desu/ spoken by a male speaker.
(Translation: It’s very likely to start raining.). The top panel
shows C/N map with overlayed fixed-points. Darkness repre-
sents high C/N. The second panel shows the total segmental en-
ergy (upper line) and the high frequency (namely higher than
3 kHz) energy (lower line). The third plot shows extracted F0

trajectory. The bottom panel shows C/N for each fixed point.

mentioned before. (In this figure, 24 filters for one octave were
used to provide a better visual representation of the C/N map.)
F0 trajectories were extracted at the frame rate of 1 ms. The
F0 trajectories can be easily seen as continuous salient lines in
the C/N map. The fixed points corresponding to the fundamen-
tal component always pass through the darkest area where the
highest C/N is obtained. The C/N map representation has rich
information for characterizing vocal fold vibrations. The C/N
plot in the bottom panel also provides useful information about
the strength of periodicity. Two solid lines represent C/N for
the initial F0 estimates and that for the refined F0 estimates.
Further discussions about source feature characterization will
be presented elsewhere

Figure 2 illustrates two examples of F0 glitches in the word
/imanimo/. It is clearly shown that the transition from vowel
to nasal introduces F0 downward shift and the transition from
nasal to vowel introduces F0 upward shift. It is important to
note that the glitches are found as the differences between F0

trajectories extracted from the speech signal and the EGG sig-
nal. Generally, F0 extracted from EGG signals has smoother
trajectory. No salient glitches are found in the F0 extracted from
the EGG signal.
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Figure 2: Examples of F0 glitches for the word /imanimo/ of
the japanese sentence shown in the figure 1. (a) Speaker: male,
(b) Speaker: female. For each plot, the top panel shows F0

trajectory extracted from the speech signal (solid line) and that
from the EGG signal (dashed line). The second panel shows the
F0 difference between the speech signal based F0 and the EGG
based F0Ṫhe bottom panel shows the speech waveform.

Similar patterns are found in the other sentences consisting
of nasal consonants. Even though the durations of glitches are
rather short (around 10 ms to 20 ms), the amount of shift is not
negligible (10 Hz for example). It is important to investigate
patterns and causes of these glitches for high-resolution speech
analysis designed for high-quality speech modification systems.

4. Analysis
Figure 3 shows how investigations were performed. Firstly,
vocal fold closure events were extracted from EGG signals to
provide temporal reference points for further analysis. The F0

adaptive Fourier analysis using Blackman window was con-
ducted to test the relative phase differences between the speech
signal and the EGG signal on F0 trajectories. The estimated
vocal fold closure locations were used as the window center
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Figure 3: Timing relations between the speech signal based fun-
damental components and the EGG based ones. The speech
signals are same as the previous figures. (a) Speaker: male, (b)
Speaker: female. The top panel shows the timing difference of
the fundamental component. The bottom panel shows the timing
difference of the estimated vocal fold closure.

points. The phase differences are represented in terms of timing
differences by multiplying corresponding fundamental period
divided by 2π.

It is clearly shown that nasal consonants have larger phase
lags in the plots using Fourier analysis (lower plot of each
speaker). This result is consistent with the results shown in Fig-
ure 2. As shown in the definition of the model, phase of a signal
is calculated by integrating instantaneous frequency. Actually,
by integrating F0 differences between speech signal based ones
and EGG based ones, similar phase lag patterns are obtained.
All speech samples showed increases in phase lag at nasal con-
sonants in the Fourier analyses.

However, event based analyses provided mixed results. In
this example, the male speech shows corresponding latency in-
creases at nasal consonants. On the contrary, female speech
does not show the similar pattern. In total, 18 out of 42 con-
sonantal positions showed latency increase for male samples,
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and 7 out of 42 for female cases. Positions where no clear la-
tency increase were found showed approximately constant la-
tency and sometimes showed a decrease in latency. Because the
event location used in the analyses consist of minimum phase
compensation, the latencies have to stay constant, that is if the
system under evaluation is a minimum phase system. If the
system only consists of delay and minimum phase system, the
extracted latency represents only a delay component.

The results showing latency increases at consonant loca-
tions seem consistent with this expectation. However, the
amount of latencies found in these cases are too large and incon-
sistent with the anatomical knowledge of speech production[6].
The amount of expected latency increase in nasal consonants
are around 120 µs, because the difference of vocal tract lengths
between vowels and nasal consonants are typically 4 cm.

If the contributions due to changes in vocal tract lengths
are marginal or negligible, it is concluded that the phase differ-
ences are mainly due to group delay differences between trans-
fer functions of vowels and nasals.

The results showing rather constant latencies seem to be
consistent with this alternative hypothesis. An observation that
latency differences between /i/ - /m/ and /n/ - /i/ are generally
smaller than differences between /m/ - /a/ and /m/ - /o/ supports
this hypothesis. This is due to larger group delay differences at
F0 frequencies in the latter pairs.

Based on these observations and analyses, inspite of the fact
that EGG waveforms are not necessarily similar to the volume
velocity of the glottal source signals, it is safe to conclude that
the apparent delay is mainly due to group delay differences be-
tween the transfer functions of vowels and nasals. The contri-
butions due to the Doppler effect caused by the apparent change
in vocal tract length can be consistent with the current findings
but are only marginally significant.

5. Discussion
It is safe to state that systematic F0 glitches are actually ex-
isting around transitions between vowels and consonants. It
may be reasonable to expect that similar F0 glitches can ex-
ist in rapid transitions between consonants and vowels. Then, it
is important to test perceptual contributions of these glitches in
high-quality speech re-synthesis and manipulations, which are
our main interest. Group delay manipulation of the excitation
source signal for speech re-synthesis was introduced by the first
author and implemented in the STRAIGHT procedure[4]. Per-
ceptual tests on the manipulation[9] revealed that humans are
highly sensitive to random group delay manipulations in lower
frequency region. Due to the lack of a proper control model
and analysis procedures, constant group delay is used in the
STRAIGHT system. It is a practical compromise. However, si-
nusoidal models[7] are potentially capable of implementing this
findings on F0 glitches. Especially, a sinusoidal model based
resynthesis using the proposed event extraction method[10] can
take full advantages of this finding, because direct manipula-
tions are easily implemented in that scheme.

The finding is also important in benchmarking F0 extrac-
tion algorithms. Usually, EGG signal is used as the reference for
evaluating F0 extraction algorithms. It is reasonable to use this
for evaluating gross pitch errors (for example, in cases where F0

discrepancies are larger than 20%). However, careful analysis
is necessary when there is a fine pitch error under investigation,
because EGG signals and speech signals can have systematic F0

discrepancies due to group delay modulations caused by transi-
tions described in this report.

6. Conclusion
Systematic F0 glitches at nasal to vowel and vowel to nasal
transitions were found and analyzed. It is interesting to test
how these F0 glitches are contributing to our naturalness judg-
ment in case of very high quality speech modifications. It also
introduces an important discussion on how to evaluate high-
resolution F0 extraction algorithms[8].
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