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Abstract

A new method for source information extraction is proposed.
The aim of the method is to provide optimal source infor-
mation for the very high quality speech manipulation system
STRAIGHT. The method is based on both time interval and fre-
quency cues, and it provides fundamental frequency and peri-
odicity information within each frequency band, to allow mixed
mode excitation. The method is designed to minimize percep-
tual disturbance due to errors in source information extraction.
A preliminary evaluation using a database of simultaneously
recorded EGG and speech signals yielded very low gross error
rates (0.029% for females and 0.14% for males). In addition,
the method is designed so as to minimize the perceptual distur-
bance caused by any such gross error.

1. Introduction
Recent interest [1, 2, 3] in extremely high-quality manipu-
lation of speech has motivated us to refine and extend our
speech manipulation system STRAIGHT [4, 5, 6]. The core
of STRAIGHT is a pitch-adaptive spectral envelope extractor
that provides a smooth, artifact-free time-frequency representa-
tion of the spectral envelope of the speech signal (Fig. 1). The
envelope extractor depends critically on accurate tracking of the
fundamental frequency and estimation of source characteristics.
The quality of this stage is critical for the quality of resynthe-
sized speech. An instantaneous frequency-based source infor-
mation extractor was developed to meet these requirements [7].
However, while that method is adequate for most applications,
its limitations become apparent when applying it to some forms
of expressive speech, animal vocalizations, and musical instru-
ment sounds. The nearly “missing fundamental” nature of such
sounds sometimes causes failure in fundamental frequency (F0)
extraction. Based on a principled analysis of design objec-
tives of source extraction, which is the primary focus of this
manuscript, a multiple cue scheme was developed to expand the
applicability of the procedure for extremely high-quality speech
manipulations.

2. Background
High-quality speech manipulation is of use for two purposes:
for research, and as a substrate for applications. For a research
tool, quality is crucial in studying non- and para-linguistic
speech aspects that might not be robust against artifacts intro-
duced by manipulations. For applications, the quality of the
embedded speech manipulation system obviously determines
the quality of the whole system. The STRAIGHT method has
been found to address well these needs. For example, in a study
of expressive speech involving interpolation and extrapolation

Figure 1: STRAIGHT is basically a channel VOCODER with
enhanced parameter modification capabilities and very high
quality. Manipulated parameters are a) smoothed spectrogram,
b) fundamental frequency, c) time-frequency periodicity map.
Frequency resolution of the periodicity map is one Equivalent
Rectangular Band (ERB). STRAIGHT offers a graphical inter-
face for analysis, modification, and synthesis, and also allows
direct access to Matlab functions. Refer to the introductory web
pages [8, 9].

between speech sounds (morphing), the morphed sounds were
judged to have equivalent naturalness to the originals [5, 10]. As
another example, a synthesized chorus based on morphing using
STRAIGHT won first place among four singing synthesis sys-
tems in a blind listening contest [11]. These encourageing re-
sults do not imply that STRAIGHT does not need refinements.
In spite of the high quality of recording of the original signals,
errors in source information extraction were sometimes found
around voicing boundaries, resulting in perceptual disturbance,
such as noise, coloring, interruption, and so on.

Even with a huge modification of parameters such as F0
or spectral envelope (more than a factor 3), the speech sounds
manipulated using STRAIGHT usually preserve intelligibility
and quality. This observation inspired an interesting hypothe-
sis on human auditory perception that states that a preemptive
mechanism in audition extracts size and shape information of
the sounding body [12, 13]. Research into this hypothesis has
created the need for the manipulation of sources other than hu-
man voice, such as animal vocalizations and the sounds of mu-
sical instruments. Unfortunately, the fundamental component
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of such sounds is sometime nearly missing (for example, the
energy of the second and third harmonic components of a bull-
frog is 30 dB higher than the fundamental component), and this
tends to introduce errors in F0 extraction in the current imple-
mentation.

3. Design objectives
An extremely high-quality system has to reproduce perceptu-
ally identical sound when no parameter modifications are intro-
duced. This does not directly imply reconstruction of an iden-
tical waveform, because there are sets of sounds perceived as
identical while having completely different waveforms. In other
words, equivalence classes useful in parametric sound manipu-
lation can be derived based on perceptual equivalence and in-
dexed: This is the underlying idea behind STRAIGHT [4]. One
such index is pitch, the perceptual correlates of F0.

Based on these considerations, the design objective of F0
extraction for extremely high-quality sound manipulation sys-
tems is defined to extract F0 that yields identical perceived pitch
and pitch related perceptual attributes (roughness, jitter, tremor,
vibrato, etc.). This definition immediately eliminates pitch per-
ception models as candidates because they introduce a double
count of perceptual processes when used in the reproductions
described above. The objective can be subdivided into a set of
requirements: a) The F0 extractor is required to have equivalent
temporal resolution to the fundamental period; b) The F0 ex-
tractor must be capable of F0 extraction for the missing funda-
mental sounds; c) Extracted F0 trajectories have to be extended
into the unvoiced regions without discontinuities.

Computational efficiency does not have primary importance
for extremely high-quality manipulations because careful man-
ual editing of speech parameters to remove quality deficiencies
is generally far more expensive than machine time. As a first
step, our goal is to develop an extremely high-quality offline
procedure that reduces (ideally eliminates) the need for human
intervention.

4. Architecture
Figure 2 outlines the proposed method designed to replace
STRAIGHT’s “source information extractor” method (Fig-
ure 1). The roles of subsystems are briefly introduced prior to
the descriptions in the following sections. The instantaneous
frequency based extractor, primarily responsible for require-
ment a), and the interval based extractor, primarily responsible
for requirement b), generate F0 candidates with side informa-
tion representing confidence. The F0 and side information from
these subsystems are combined to generate mixed F0 candidates
and side information and fed into a F0 tracking procedure to
yield the most likely F0 trajectory that satisfies requirement c).
Then the extracted trajectory is used as an initial value for refin-
ing the F0 estimate to recover its temporal resolution and satisfy
requirement a).

4.1. Implementation of subsystems

The instantaneous frequency based F0 extractor is basically
identical to our previous article [7], extended to generate multi-
ple candidates with carrier to noise ratio (C/N) as side informa-
tion, rather than a single estimate as previously. In this imple-
mentation, 104 channel pitch synchronized isometric Gaussian
filters were used to cover from 40 to 800 Hz.

The interval based F0 extractor was implemented using
FFT to calculate sub-band autocorrelation. Prior to such calcu-

Figure 2: Architecture of proposed source information extrac-
tor based on multiple cues. This replaces “source information
extractor” in Figure 1.

lations autocorrelation, power spectra were normalized by their
spectral envelope calculated by nonlinear spectral smoothing.
Autocorrelation at each frequency band was then averaged us-
ing the weight that is a function of the local S/N. This averaged
autocorrelation is used to generate F0 candidates. Generally,
speech sounds, animal voices, and the sounds of musical instru-
ments consist of multiple harmonic components. The averaged
autocorrelation of such sounds has multiple cues at integer mul-
tiples of the fundamental period. A suppression mechanism that
does not require prior knowledge of the fundamental period was
introduced to increase the reliability of F0 candidate selection.

Mixing multiple candidates derived from different cues was
implemented using the normalized empirical distribution of side
information. Each candidate was assigned a potential function
(Gaussian was used in this implementation), and its hight was
determined using the corresponding normalized side informa-
tion. A nonlinear mixing function was designed to maximize
the distance between the most probable candidates and other
candidates.

A tracking procedure was implemented using several
heuristics. The cost function was designed to minimize discon-
tinuities in the resulting trajectories and to maximize plausibil-
ity based on the side information associated with F0 candidates.
Tracking for each voiced segment was bidirectionally started
from the most reliable candidate.

The F0 refinement procedure after this tracking is identi-
cal to that in [7]. In this implementation, F0 is calculated as a
weighted average of instantaneous frequencies of the first three
harmonic components extracted from F0 adaptive short-term
Fourier transform using the F0 candidate as the approximate
F0 value. The weights are determined based on the C/N of each
harmonic component.

4.1.1. Additional details

A preprocessor for eliminating line spectral noise based on a
frequency domain fixed point analysis [7] was added to the
instantaneous frequency based subsystem. The entire source
information extractor algorithm was implemented on Matlab
without using machine dependent coding for portability. The
current code size is about 3,000 lines.



Figure 3: Extracted F0 and V/UV information (lower plot) with
EGG based voicing marks (upper plot). The trajectory in the
upper plot shows power of lower frequency region.

Table 1: Gross error rate comparison. Note that results of other
methods are without post processing. (TEMPO: STRAIGHT,
ac: Auto-correlation, fxcep: Cepstrum;) Please refer to refer-
ences for details on YIN [15], which also includes extensive
lists of performances of other well-known PDAs using other
databases (Abbreviations are adopted from this reference).

DB proposed TEMPO YIN ac fxcep
DB1 0.09 % 0.77 % 0.29 % 2.7 % 4.5 %
DB2 0.35 % 2.8 % 1.4 % 7.3 % 12.5 %

5. Evaluation
A database of Japanese sentences containing simultaneously
recorded speech and Electroglottograph (EGG) signals [14] was
used for evaluation. The database consists of 30 sentences spo-
ken by fourteen male and fourteen female university students
(840 sentences in total). Each utterance was stored as a separate
file with three channels (speech, EGG, and V/UV information).
F0 extracted from the differentiated EGG signals was used as a
reference for evaluating F0 extracted from the speech signals.
The V/UV information was used as a mask for evaluating per-
formance. F0 calculation was performed every 1 ms.

Figure 3 shows example plots for inspecting results. The
dark rectangles in the upper plot represent voiced regions de-
termined by using the EGG information. The estimated V/UV
information is used to highlight the voiced region on F0 tra-
jectory. F0 extraction errors were evaluated in the EGG-based
voiced regions. Note that no discontinuities on the F0 trajectory
are located at the V/UV boundaries.

Figure 4 shows the distribution of relative F0 values. Devi-
ation from 100% represents relative F0 estimation error. F0 es-
timation error greater than 20% was labeled gross error. Table 1
shows the gross error rates of the proposed and other meth-
ods [15]. The gross error rates in the table are averaged scores of
both male and female results. (The proposed method was scored
0.029% for females and 0.14% for males using the database de-
scribed above and labeled DB1.)

Figure 4: Distribution of relative F0 error. (Black line: male,
gray line: female
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Figure 5: Sorted plot of gross error rate for each sentence among
840 test sentences.

The perceptual disturbance that may result from these er-
rors depends on their distribution in each sentence. Figure 5
shows the gross error rate of each sentence, indicating that 78%
of the sentences are without gross errors. For small gross error
rates (for example, less than 0.3%), these errors are not per-
ceptually disturbing because they are mainly located around the
V/UV boundaries where F0 trajectory is continuous, and their
total duration is less than 10 ms. In other words, 92% of the
manipulated sentences are perceptually error-free when the pro-
posed method is used. However, fifteen sentences out of 840
have gross error rates exceeding 1%.

5.1. Anomalies in natural speech

Sentences with exceptionally high gross error rate were closely
inspected. It appears that errors were caused by irregular vocal
fold vibrations. Figure 6 shows one such example. The dif-
ferentiated EGG (d-EGG) signal clearly indicates that the vo-
cal fold vibration period distribuition is bimodal. (Please refer
to the d-EGG signal from 1890 to1950 ms. ) Such bimodal
mode may be reliably identified using low frequency energy and
mixed side information, and left for future research.
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Figure 6: Irregularity in vocal ford vibration. Sharp peak in
d-EGG plot corresponds to vocal fold closure timing. (upper:
speech waveform, lower: differentiated EGG signal)

6. Discussion
Even in the absence of gross error, extracted speech-based F0
trajectories deviate somewhat from corresponding EGG-based
trajectories. The primary source of this deviation is group delay
associated with vocal tract resonance frequencies (formants).
This deviation can be compensated for if the interference-free
spectral envelope only consists of minimum phase components.
However, this is not the case. Multiple excitation epochs due
to glottal waveform shape introduce non-minimum phase com-
ponents that vary period-by-period in a probabilistic manner.
Preliminary perceptual tests indicate that compensation based
on minimum phase group delay degrades reproduced sound in-
stead of improving it.

7. Conclusion
A new source information extraction method was proposed
based on human auditory perception principles, for the purpose
of extremely high-quality manipulation of speech. Comprehen-
sive subjective listening tests to evaluate the effectiveness of the
proposed method are currently under study. Integration with
YIN [15] also is an interesting topic for future research.
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