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ABSTRACT

Auditory filters that simulate function of the human auditory organ are introduced for the evaluation of a sound and sound
field. Three applications are discussed in this report. The first examines the similarity of sound fields. Music signals
convolved with different impulse responses are compared subjectively and quantitatively. The output of the auditory filter
indicated high correlations with subjective evaluation. The second example examines the decay process of the sound
field, especially in rather dead conditions. Impulse responses measured in recording studios are passed through both
an auditory filter and a conventional band-pass filter. Decay processes are then calculated by inverse integration. The
responses after passing through the auditory filter show more stable decay curves and the obtained reverberation times
are closer to the early decay time, which is closely related to human perceived reverberance. The timbres of musical
instruments are used as the third example. The signals from instruments with different means of sound production (such
as reed or mouthpiece) are processed by auditory filters and normal band-pass filters. Statistically-obtained characteristics
such as kurtosis of the waveform again show higher correlation with subjective evaluation when employing the auditory
filter. All the results shown in this report strongly suggest the superiority of an auditory filter in the qualitative evaluation
of sounds and sound fields.

INTRODUCTION

Recently, various acoustical indices, such as reverberation time,
clarity and inter-aural cross-correlation, are often used to eval-
uate the sound field[1]. These indices basically evaluate the
properties of the sound field base concerning human percep-
tions, such as reverberance, the intelligibility of the music or
speech, listener envelopment, and so on[2, 3, 4]. Moreover,
most of the indices are calculated from the impulse responses
measured with microphones.

In the present work, we have applied an auditory filter that
simulates the functions of the human auditory organ to process
the impulse response and also some real music signals. The
following three subjects are used as examples.

First, we focused on the perceived similarities between sound
fields. In this examination, some music signals that have been
convolved with different room impulse responses are analyzed
by using the Gammatone filter[5]. Comparison of the results
with experiment involving subjective evaluation indicated the
importance of time-domain similarity, i.e., similarity in wave-
forms, which is processed by the gammatone filter, rather than
similarity in frequency characteristics.

In the second example, the reverberation process is examined.
In this case, the dynamic compressive Gammachirp filter[6] is
applied instead of a conventional band-pass filter in evaluating
impulse responses. The focus has been on the shapes of decay
curves calculated from the impulse responses, which have been
inversely integrated and on the 60 dB decay time obtained from
these curves. The relation between the shapes of decay curves
and the early decay time (called EDT hereafter) was examined.

The dynamic compressive Gammachirp filter is then used for
evaluating the timbres of musical instrument sounds in the

third example. The sounds from three kinds of musical instru-
ments with several conditions are processed with a dynamic
compressive Gammachirp filter. As the perception of timbre
is subjective, we have compared statistically processed values
from waveforms with two kinds of subjective evaluation experi-
ments.

AUDITORY FILTER

The basic characteristics and the practical implementation of
filters are introduced. The Gammatone filter and its modified
forms, the Gammachirp and the dynamic compressive Gam-
machirp filters, have been used in this work.

Gammatone filter

Patterson introduced the auditory filter named “Gammatone”
to the human auditory model[5]. This Gammatone filter was
originally developed to characterize the impulse response data
of the basilar membrane, and the filter shape was derived using
“notched-noise” masking data. This filter has an envelope of
the gamma distribution function and the carrier of the complex
exponential function, and simulates the passive vibration of
a basilar membrane. The complex impulse response can be
expressed as

gt(t) = atn1−1 exp(−2πb1ERBN( fr)t)
×exp( j2π frt + jϕ1), (1)

where a is the amplitude, n1 and b1 are parameters defining the
envelope of the gamma distribution, ϕ1 is the initial phase, fr
is the carrier frequency in kHz and ERBN ( fr) is the equivalent
rectangular band that can be expressed as

ERBN( fr) = 24.7(4.37 fr +1). (2)
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Gammachirp filter

Subsequently, Irino developed the “Gammachirp” filter, which
was the optimum auditory filter in terms of minimal uncer-
tainty when the human auditory system is expressed in the
time domain[7, 8]. He demonstrated that the gammachirp filter
showed better fit to the data in psychological experiments than
the original gammatone filter. The complex impulse response
can be expressed as

gc(t) = atn1−1 exp(−2πb1ERBN( fr)t)
×exp( j2π frt + jc1 ln t + jϕ1). (3)

The difference compared with the original gammatone filter (Eq.
(1)) is the term of jc1 ln t in the second exponential function.
The Gammachirp filter uses the product of chirp factor c1 and
the natural logarithm of time. When c1 = 0, the gammachirp
filter is reduced to the gammatone filter. The gammachirp filter
provides the optimum filter function in terms of calculation
theory and is able to approximate the physiological and psycho-
logical data.

Dynamic Compressive Gammachirp filter

Irino and Patterson also devised hc(t) to simulate the nonlinear
compression characteristics of the human auditory system[6]
and proposed the complex impulse response of the dynamic
compressive gammachirp filter (dcGC filter hereafter) gcc(t) by
convolving hc(t) with gc as

gcc(t) = ac ·gc(t)∗hc(t). (4)

The hc(t) is the impulse response of an asymmetric high-pass
filter HC( fa)[8] to control the gain of gcc(t) with an additional
term ac. HC( fa) simulates the asymmetric function such that

|HC( fa)| ∼= exp(c2 ·θ)

θ( fa) = arctan
( f − fa

b2ERBN( fa)

)
. (5)

The center frequency fa of HC( fa) shifts, depending on the
input signal level. In short, the gain of the dcGC filter depends
on the input signal level, and the dcGC filter can simulate the
auditory compression characteristics with non-linearity. Table 1
shows coefficient values for the dcGC filter used in this report.

Table 1: Coefficient values

a,ac n1 b1 c1 ϕ1 b2 c2
1 4 1.81 −2.96 0 2.17 2.20

These auditory filters are composed of a bank of band-pass
filters, and the user can arbitrarily set an individual center fre-
quency for this auditory filter-bank.

EVALUATION OF SOUND FIELD SIMILARITY

First, we applied the Gammatone filter to the evaluation of the
similarity of sound fields. The validity of the auditory filter
described in this chapter has been studied by comparing the
result of the analysis with the result of a subjective evaluation
experiment.

Evaluation Method

The number of the filters in the Gammatone filter-bank was set
to sixteen. The lowest and highest center frequencies were set
to 50 Hz and 16000 Hz, respectively. These frequencies were
divided on an“ERB-Rate” scale.
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Figure 1: The correspondence of subjective judgment and the
Gammatone filter output, LDave.

The filtered signal by the Gammatone filter was converted to
a decibel scale and the comparisons were carried out by the
differences between levels. Practically, a simple averaged value
of level difference, LDave, was defined as

LDave =
1
M

1
N

M

∑
m=1

N

∑
n=1

|La(m,n)−Lb(m,n)|, (6)

where m is the number of bands, n is the time sample data, M
and N are the total number of m and n respectively, and La and
Lb are the levels of filtered signals obtained by convolving two
different impulse responses.

Correlation between LDave and Subjective Evaluation

The experiment for subjective evaluation was carried out simul-
taneously. Twelve subjects aged 22 to 25 years were asked to
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Figure 2: Difference of subjective evaluation between two tunes.

Table 2: Correlation coefficients between LDave and subjective
evaluation.

Music number S1 S2 S3 S4 ave
Gammatone filter 0.87 0.91 0.83 0.87 0.85
band-pass filter 0.84 0.89 0.66 0.77 0.79

judge the similarity of two acoustic signals that formed the stim-
ulation pair, and the averaged score from a five-step judgment
was calculated for all subjects. Five different room impulse
responses were convolved with the same music signals to gener-
ate the paired acoustic signals. Ten evaluation pairs (5C2 = 10)
were obtained in total.

We then calculated the correlation coefficient between the aver-
aged scores of subjective evaluation and the LDave value. The
trial was repeated using four kinds of music. The music indi-
cated as S1 was a kind of Rhythm and Blues, S2 was orchestral
music, S3 was Irish music, and S4 was Big Band Jazz.

Figure 1 shows the results. In each figure, the horizontal axis
indicates the averaged score of subjective judgment and the
vertical axis indicates the distribution of LDave. The correlation
coefficients are indicated on the graphs and the averaged value
for all four songs was 0.85.

The genre of music seriously affected the subjective evaluation.
Figure 2 shows the result of subjective evaluation when the
evaluation objects in this example were S3 and S4. The hori-
zontal axis indicates different combinations of the five impulse
responses and the vertical axis indicates the averaged scores.

For example, the two evaluated values for the combination of
“3-4” or “3-5” showed quite different values for the tunes. In
this particular case, the conventional band-pass filter could not
follow the variation in subjective evaluation. Table 2 shows
the correlation coefficients between subjective evaluation and
LDave from both Gammatone and conventional band-pass filters.
It is apparent that the Gammatone filter scored more highly than
the conventional band-pass filter, even in the case of S3 and S4.

EVALUATION OF THE REVERBERATION PRO-
CESS

We also have adopted the dcGC filter in the evaluation of the
reverberation process. In the proposed method in this chapter,
the dcGC filter and a band-pass filter has been used in the
calculation of the reverberation curve, and we have compared
EDT (Early Decay Time) obtained from both filters.

Analysis method

The analysis system proposed in this report filters the room
impulse responses and calculates reverberation curves. Thus
most of the method is the same as in the traditional method

Impulse Response

1 Octave Band Filters

Dynamic Compressive
           Gammachirp Filters Schroeder Integration

Reverberation Curve

dcGC
Oct.

Figure 3: Block diagram of the analysis method

of calculating reverberation curves. However, we use here two
filters for analysis: the conventional octave-band filter (Oct filter,
hereafter) and the dcGC filter outlined above.

Figure 3 shows the block diagram of the analysis system. First,
the filters are applied to the impulse responses. The center
frequencies of the two types of filters were set to 500 Hz, 1,000
Hz and 2,000 Hz. Additionally, in the process of dcGC filtering,
an equal-loudness contour filter, which was implemented as a
FIR filter, was used to simulate the outer- and mid-ear transfer
functions for preprocessing[7, 9]. Two kinds of filtered signals
were then obtained and reverberation curves were calculated by
Schroeder integration[10]. The impulse responses measured at
a recording studio were used.

Results and discussion

The reverberation time of the studio measured was around 0.12
to 0.14 sec. As mentioned in the section “AUDITORY FILTER”,
the impulse response of the dcGC filter can be time-varying,
depending on the magnitude of the input signal. Therefore, the
magnitude of the impulse response affected the shape of the de-
cay curves and the decay time. To examine this relationship, the
magnitude of the impulse response was modified by multiplying
by arbitrary constants.

Figure 4 shows the decay curves obtained for impulse response
after passing through the Oct and dcGC filters. Since the im-
pulse response of the studio has rather ‘sparse’ characteristics,
the initial part of the decay process in the Oct filter (around 0 to
2 ms) showed a shape integrated with the impulse response of
the band-pass filter itself. These parts were therefore omitted
from the evaluation process for the decay times.

For convenience, the waveforms used in our examination were
assumed to be pressure waves having the dimension of Pa
(N/m2), to demonstrate behavior of the dcGC filter at different
intensities of sound. In practice, the magnitude of the response
was scaled as the peak value of the waveform corresponding
to the levels of 50 dB and 80 dB re 2×10−5 Pa, the reference
sound pressure.

As shown in the figure, when the signal level was 80 dB, the
gradient of the decay curves obtained with the Oct filter was cal-
culated using a rather early decay process, for example, within
−5 dB to −12 dB, which is similar to the range for calculating
EDT, 0 to −10 dB. It has been said that EDT is closely cor-
related with the human perception of reverberance. The 80dB
level is also close to that used in the psychology experiment.
When comparing these two facts with the analysis result us-
ing a dcGC filter, it may be said that the proposed method is
evaluating the reverberance.
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Figure 4: Reverberation Curves by using Oct and dcGC, at the
recording studio.

Stepwise changes in the decay process and changes in the slope
(the individual decay process is referred as decay mode, here-
after) are apparent in the case of the Oct filter, before and after
around 25 ms. The gradients obtained using the dcGC filter,
particularly in the case of 80 dB, attenuate linearly and are
almost parallel with that of the first decay mode in the Oct filter
and therefore all decay times tend to be similar. These results
indicate the possibility that the dcGC filter can enhance the
important initial decay mode (which is of a similar duration)
for evaluating EDT. Moreover, the decay time obtained from
the dcGC filter varied around 40 % to 70 % with changes in
the magnitude of waveforms. These results also showed the
capability of this method to indicate the perceived reverberance
at various sound pressure levels.

To verify the function of dcGC filter more generally, an ex-
tremely ‘sparse’ impulse response was introduced. Figure 5
shows the original and the artificially created sparse impulse
response, which was made by following procedures; (1) picking
up the extreme peak positions within the initial 30 ms; and (2)
adding the reflection sound (pulse) element at these positions
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Figure 5: The original and sparse impulse responses.

after removing all other reflections. The overall energy of re-
sponse was kept constant and the reverberation time observed
from each impulse response was almost identical.

Figure 6 shows the decay curves obtained by dcGC (the level
was set to 80 dB) and Oct filters. The Oct filter generated several
decay modes corresponding to the sparse reflections. The dcGC
filter, on the other hand, resulted in smoother decay curves at all
the calculated frequencies. These ‘dull’ characteristics of filters
might be a convenient way to discuss perceived reverberance in
dead conditions such as a recording studio or car cabin.

EVALUATION OF THE TIMBRES OF MUSICAL
INSTRUMENTS

The dcGC filter is then applied to the evaluation the timbres of
musical instruments. Similar methodology of analysis is used
to that in the previous section, i.e., the outputs of an auditory
filter are compared with the output of conventional band-pass
filters.

Analysis by using dcGC filter

The sounds of musical instruments (clarinets, trumpets, and
violins) are recorded in rather dead acoustics where the rever-
beration time is about 0.3 sec. Different instruments are used
in the recording process, and ten waveforms for C major scale
are prepared for each instrument. “Different” in the above sen-
tence means the differences of instrument’s maker, parts (reeds,
mouthpieces, and the rest), and nuance that comes from how
to perform. There are ten kinds of combinations of these differ-
ences for each instrument. Outputs of both dcGC and band-pass
filters are compared by using statistical methods. In practice, a
frequency-distribution (here, a mathematical function showing
the number of instances in which a variable takes each of its pos-
sible values) is calculated and the kurtosis of this distribution,
which indicates the degree of sharpness, is examined. Larger
kurtosis corresponds to smaller fluctuation in the waveform,
and vice versa.

The results are shown in Fig. 7 in which the horizontal axis
indicates the filter number (which collectively cover the range
50 Hz to 16,000 Hz). Systematic changes of the kurtosis can be
observed in the case of dcGC outputs. Especially at lower(the
filter number from 1 to 3) and higher(14 or above) frequency
ranges, the kurtosis value does not randomly interchange, and
these frequency ranges include fundamentals and higher har-
monics, respectively. On the other hand, the results of using
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Figure 6: Reverberation curves of sparse impulse response.

band-pass filters gave more random kurtosis value.

Subjective Evaluation

Subjective evaluation was carried out employing Multi-Dimensional
Scaling (MDS) and Semantic Difference (SD) methods. Both
methods were used to examine the similarity of stimuli and
the characteristics of timbre. Fifteen subjects who had normal
hearing ability were involved.

In the MDS experiment, degree of similarity was judged for
randomly presented paired stimuli with seven-step scaling. In
the SD method, nine pairs of adjective were introduced. These
adjective pairs are shown in the Table 3.

The median of the data from all subjects was adopted as the
representative value.

Comparison with Filter Output

Correlations between kurtosis of filter output signals and subjec-
tive evaluated values were examined. The results indicated that
higher correlations were obtained with the dcGC filter for both
MDS and SD methods. Table 4 shows an example of clarinet
sound, and the results of using the SD method. The upper and
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Figure 7: Kurtosis of histogram obtained by waveforms after
passing through dcGC and conventional band-pass filters.

Table 3: Adjectives used in the semantic difference experiment.

adj. 1 : smooth ↔ rough
adj. 2 : clear ↔ cloudy
adj. 3 : shiny ↔ non-shiny
adj. 4 : soft ↔ hard
adj. 5 : clear ↔ muffled
adj. 6 : deep ↔ metallic
adj. 7 : powerful ↔ poor
adj. 8 : heavy ↔ light
adj. 9 : loud ↔ calm

lower tables correspond to the dcGC and conventional band-
pass filters, respectively. The colored cells indicate that the
correlation was higher than 0.7. For convenience, the values of
correlation are drawn as graphs for each adjective.

In the low frequency bands of dcGC filters, such as 1 and
2, and in the high frequency bands (14 or above), systematic
differences in the kurtosis can be observed. High correlations
were observed in such frequency bands in Table 4. In contrast,
low correlations were obtained in the middle range at where the
kurtosis expressed rather random characteristics for different
sounds.

The results for adj. #1 indicated good correspondence with
dcGC filter output for all three instruments. Especially in the
case of clarinets(Table 4), the adj. #4 or #6 resulted in the higher
correlations in many frequency bands.

The results obtained here indicated that it is possible to evaluate
timbre effectively by using auditory filters such as dcGC. More
detailed analysis of the results obtained and also examinations
of other sounds are currently being carried out.
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Table 4: Correlation coefficients of subjective evaluation (SD method) and Kurtosis of histogram of dcGC filtered waveform (Cl), in
which the yellow and red cells indicate the coefficient is greater than 0.7 and 0.8, respectively. Nine lines in the left graph correspond to
nine adjectives.
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CONCLUDING REMARKS

In this report, we have applied an auditory filter for the eval-
uation of similarity of sound fields, the reverberation process,
and timbre of several musical instruments. The Gammatone and
Gammachirp filters with dynamic compressive characteristics
are used instead of conventional band-pass filters.

Throughout the examination, it was demonstrated that the pro-
posed methods using auditory filters showed higher correlation
with subjective evaluation than did conventional methods. In the
examination of reverberation process using the room impulse
response, the decay times obtained by the integrated response
after passing through an auditory filter were similar to the early
decay times, which correspond to the perceived reverberance of
the sound field.

The results shown in this report strongly suggest the superiority
of auditory filters in the qualitative evaluation of sounds and
sound fields. Systematic examinations for other conditions are
currently under discussion.
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