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Abstract

A comprehensive computational model of the human auditory 
peripherals was applied to extract basic features of speech 
sounds.  The auditory model extracts features by the auditory 
temporal coding mechanism in addition to features by the 
auditory place coding mechanism which has traditionally been 
used as spectral features.  It also considers the nonlinearity of 
human auditory responses.  Several speech databases of 
different talkers for a concatenative synthesis system were 
analyzed by the auditory model, and segmental characteristics 
were estimated by calculating the averages, standard 
deviations, and trends of individual feature parameters. The 
results were compared with results obtained by a physical 
model.   A preliminary perceptual test suggested an advantage 
of auditory-based distances over physical distances.

1. Introduction

In a text-to-speech system based on a unit-concatenation 
technique, the output sound cannot perfectly match to the 
ideal sound all the time, and units are selected so that their 
distances from the ideal sounds might be minimized. 
Therefore, one of the important factors for improving the 
sound quality of synthesized speech by a unit-concatenation 
technique is to design an appropriate distance measure 
between units.  In addition, because the synthesized output is 
evaluated by the human perceptual system, the distance 
measure needs to reflect human perceptual properties.  To 
achieve this goal, there are two important requirements in 
extracting feature variables as a basis of distance measures.  

The first requirement is to consider the dimensional 
mismatch between the physical space and the perceptual 
space.  Let’s assume that a single perceptual attribute P1 is 
controlled by two physical factors D1, and D2, as shown in 
Fig. 1a.  If one presumes that a perceptual judgment is 
dependent exclusively upon D1, the optimal selection C1 is 
faultily made by the criterion of minimum distance from T 
along D1.  However, there may be a real optimal selection C2, 
that should be selected on the perceptual dimension, P1, i.e., a 
combined dimension of D1 and D2.

The second requirement is to consider the nonlinear 
relationship between physical dimension D1 and perceptual 
dimension P1.  Let’s assume that a certain perceptual quantity 
is a compressive function of a physical quantity as shown in 
Fig. 1b, and that two candidates are flanking the target point.  
On the physical dimension, the lower candidate C1 is closer to 
the target than the higher candidate C2, but the relationship is 
reversed on the perceptual dimension.

To get a better objective measure for unit selection in 
concatenative speech synthesis, several attempts have been 
made [1, 2, 3].  Wouters and Macon [2] showed effectiveness 
of frequency warping based on the mel scale, or on the Bark 

scale, while Klabbers [3] showed that distance measures based 
on the partial loudness model [4] give a better prediction of 
the subjective distance than mel-frequency cepstral 
coefficients.  The frequency resolution of the human auditory 
system was simulated for both the mel transformation and in 
the partial loudness model, .  

In the partial loudness model, considerations were also 
made on the frequency response of the ear and the nonlinear 
growth of the loudness.  However, the auditory model was 
applied in the frequency domain, and the basic spectra were 
standard LPC spectra obtained by a fixed window for all  
frequency channels.  This indicates that the temporal 
resolution of the auditory system may not have been 
considered in the analysis.  In the current paper, a bank of 
gammatone filters with a constant Q was used to execute the 
frequency analysis to simulate more realistic signal processing 
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Figure 1: 
(a) Ignorance of a relevant physical dimension.  [D1: 
physical dimension considered; D2: physical dimension 
ignored; P1: perceptual dimension; T: target; C1:
candidate closest to T on D1; C2: candidate closest to T 
on P1.]
(b) Nonlinear mapping from a physical dimension to a 
perceptual dimension.  [D1: physical dimension; P1: 
perceptual dimension; T: target; C1: candidate on the 
lower side of T:  C2: candidate on the higher side of T.]
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of the human auditory peripheral system.
Wouters and Macon [2] argued that the addition of delta 

features does not significantly improve distance measures. 
However, their results were obtained with relatively stable 
vowel portions, because they are interested in the perceptual 
discontinuity at diphone boundaries, i.e., middle points of 
vowels.  In the current paper, the contribution of the time 
varying characteristics of phonemes was also investigated.

2. Analysis of Speech Databases

2.1. Method

2.1.1. Feature Extraction by Auditory Model

A simulation package program, AIM (rel. 8) [5, 6], provided 
by Patterson and his colleagues was used to extract 
preliminary feature variables.  The input waveform was 
filtered with characteristics of the outer and middle ear, and 
went through the bank of gammatone filters with a constant Q 
factor and with center frequencies distributed equidistantly on 
the ERB scale.  At this stage, the time-frequency resolution of 
the cochlea mechanics was simulated, and a signal was 
represented by multi-channel waveforms.  This corresponds to 
the place (tonotopic) coding of the auditory system.  In the 
next stage, the activity pattern of the auditory nerve firings 
was simulated.  The waveform pattern of each channel was 

half-wave rectified and compressed in a logarithmical manner.  
Characteristics of neural adaptation were also implemented.  
(This is the main source of the nonlinear characteristics of the 
current simulation.)  In the third stage, a temporal summation 
of these activities was achieved by setting the local peaks in 
the activity packets as the origin of the summation.  This 
preserves the temporal information conveyed by the neural 
firing pattern (temporal coding).

An example of the output of this third stage is shown in 
Fig. 2.  The frequency channels are aligned in the depth 
direction.  The horizontal axis is the time interval axis 
between neural firings.  By taking a summation along the 
interval axis, an "auditory" spectrum can be obtained.  By 
taking a summation pooled with the frequency channels, a 
summary periodicity pattern can be obtained.  Based on the 
"auditory" spectrum, the spectral tilt, spectral centroid, and 
spectral variation were estimated.  In addition, spectral peaks 
were picked out after applying a moving median of 11 points 
(1.17 ERB points).  The position in ERB points and the level 
of each spectral peak were parameterized.  Based on the 
summary periodicity pattern, the dominant periodicity was 
estimated by measuring the interval between the origin and 
the first peak.  The dominant pitch was parameterized by a 
logarithm of the inverse of this interval.  In addition, the 
degree of periodicity salience was also estimated by the 
relative activity of the first peak.   The quantity corresponding 
to the loudness was estimated by taking the summation of all 
activities.  The frame rate of the auditory analysis was set at 
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Figure. 2  (a) Auditory image by "strobed temporal Integration"; (b) auditory spectrum; (c) periodicity 
summary.



 Eurospeech 2001 - Scandinavia

10 ms.

2.1.2. Feature Extraction by Physical Model

As a comparison to the auditory model, LPC-based smoothed 
spectra were obtained by using the ESPS software package 
(Entropic).  The LPC analysis was based on the 
autocorrelation method, and the analysis order was 14.  The 
window size was set at 25 ms.  The frame shift was set at 10 
ms as in the case of the auditory analysis.  In addition, the F0 
parameter was estimated by the RAPT algorithm [7], and the 
RMS power was calculated with a 30 ms Hanning window.   
The basic feature parameters were extracted in a similar way 
as in the case of the auditory analysis.

2.1.3. Speech Database

Four speech databases by four talkers (MHO, MHT, FNA, 
FKS) were analyzed.  Each database consisted of 503 
phoneme-balanced continuous sentences.  Each database 
contained approximately 27,500 phonemes.   The waveform 
data was stored as 16-bit, 12 kHz sampling rate data.

2.1.4. Segmental Statistics

Each of the auditory/physical parameters obtained with a 10 
ms frame rate was summarized for each phoneme by referring 
to the label information in the database.  The summary 
statistics were the mean, standard deviation, and trend.  

2.1.5. Principal Component Analysis

A set of multivariate features including segmental duration 
estimated for each phonemic segment in the database of each 
talker was subjected to a principal component analysis.  A 
feature parameter was excluded from the analysis if it failed to 
be estimated in more than 10% of the segments.  A segment 
having a missing value for any of the remaining parameters 
was also excluded from the analysis.  Therefore, the number 
of parameters and the number of observations varied 
depending on the database as well as the analysis model.  Two 
stages of the principal component analysis were performed.  
After the first stage, several segments with component scores 
beyond 3σ were excluded.  The second stage was performed 
on this new set.

2.2. Results

2.2.1. Total variability explained and interpretation of 
principal components

The percentage of the total variability explained by a certain 
number of principal components was larger by the auditory 
model than by the physical model.  Table 1 shows the 
percentages explained by the first ten components.  For each 
talker, the auditory score was larger than the physical score.  

Generally speaking, the variation between the talkers 

appeared less with the auditory model than with the physical 
model.  The mean of the segmental loudness tended to 
contribute highly to the first principal component for all  
talker databases.  The coefficients for the level of each 
spectral peak were positive.  Therefore, this component was 
interpreted as a loudness factor.  The contribution of the 
standard deviation of the spectral centroid to this component 
was also high but negative.  This indicates that a louder 
phoneme has a more stable spectral structure.  The second  
component had a high coefficient for the standard deviation of 
the loudness.  It also had high coefficients for the mean level 
of the spectral peaks.  Therefore, this component was 
interpreted as a loudness fluctuation factor.  In addition, this 
component had a high-positive coefficient for the duration, 
and a high-negative coefficient for the power trend.   This 
indicates that a longer phoneme tends to reduce its loudness.  
The third component had a high coefficient for the mean 
pitch, and high coefficients for the position of each spectral 
peak.  This component was interpreted as a pitch factor.

2.2.2. Differences as a distance measure

To investigate whether the parameters obtained by the two 
models actually produce differences in the distance measures 
between phonemes, distances between 500 phonemes were 
calculated using component scores obtained for both the 
auditory and physical models.  Five hundred phonemes were 
randomly sampled from each database.  The distance for each 
of the 22,450 pairs was calculated as a Euclidean distance of 
the scores for the first ten principal components.

Figure 3a shows the distribution of the distances for 
talker MHT.  The distances based on the auditory model gave 
larger means and larger variations than those based on the 
physical model.   Figure 3b is a scatter plot of the 22450 pairs, 
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Figure 3
(a) Histograms of distances between 500 randomly selected 
phonemes based on an auditory model and a physical model.
(b) Scatter plot of the relationship between the auditory 
distance and the physical distance.
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Table 1.  Cumulative percentage explained by the first ten 
principle components.
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where the abscissa is the distance based on the physical model 
and the ordinate is the distance based on the auditory model.  
There are several pairs for which the distance based on the 
physical model is small but that based on the auditory model 
is large, and vice versa.  

3. Listening Test

These results indicate that several mismatches might exist 
between "auditory" distances and "physical" distances. 
However, one cannot conclude which of the two is better.  To 
address this problem, a preliminary listening test was done.  

3.1. Stimulus and Procedure

The experimental technique was similar to that of Wouters 
and Macon’s [2].  A participant was required to judge the 
"goodness" of the concatenation applied to one phoneme 
segment in an excerpt of sentences on a seven-point scale.  
First, a database search was performed for phonemes of the 
same category sharing both the right and left contexts.  
Second, the mutual distances between these selected 
phonemes were calculated based on each of the auditory and 
physical distances.  Third, the closest pair was selected, and 
the segments were cross-spliced.  The cross-splicing was 
achieved digitally in the waveform domain.  To avoid the 
click, the waveforms were tapered at the concatenation point 
with a 2.5 ms linear slope.  As the experimental stimuli, a 1.5s 
portion centered at the replaced phoneme was extracted from 
the sentence and used.  Two hundred and forty stimuli were 
prepared for each of the auditory and physical distances.

3.2. Results and Discussion

Figure 4 shows the histograms of each categorical scale value 
for the cross-spliced stimuli.  White bars indicate the 
frequencies of responses for the pairs predicted to be the 
"closest" on the basis of the auditory distance.  The black bars 
indicate those for the pairs predicted to be "closest" on the 

basis of the physical distance.  The lower the point on the 
categorical scale, the worse the perceptual evaluation.  The 
number of "-3" (the worst) and "-2" responses for the auditory 
condition is one-half of that for the physical condition.  In 
addition, the number of "3" (the best) responses is larger for 
the auditory condition than for the physical condition.  These 
results suggest the advantage of the auditory distance over the 
physical distance.

In the future, it will be necessary to replicate the 
experiment for more participants to reach a more reliable 
conclusion.  There is still room for improvement in making 
use of the temporal interval information.  Currently, it is 
simply used to estimate the global pitch and its saliency.  The 
distortion by the concatenation is assumed to be caused by 
abrupt changes in the pitch, loudness, and spectral envelope.  
Such abrupt changes can disturb the temporal interval 
structure and can also be detected efficiently from it.  Further 
investigations are necessary on how one should cope with this 
information.

4. Summary

(1) Feature extraction based on an auditory model was 
performed on speech databases for a text-to-speech 
synthesizer by a unit-concatenation technique.
(2) The results were compared with those based on a physical 
model.
(3) The auditory model provided more stable results than the 
physical model.
(4) For several phoneme pairs, the distances measured by the 
auditory parameters conflicted with those measured by the 
physical parameters.
(5) The results of a preliminary perceptual experiment 
suggested that auditory distances have an advantage over  
physical distances.
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Figure 4: Histograms of goodness ratings on a 7-point 
scale for cross-spliced speech stimuli.  The pairs for 
cross-splicing were selected with a minimum distance
criterion either by an auditory measures or by a

auditory model

physical model


