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ABSTRACT

It is necessary to develop new signal processing systems to confer on robots “the ability to
behave in a kansel manner” in response to sounds. In this study, the components of sensorial
decision in response to sound are investigated using an acoustic diagnostics system that
outputs a sensorial decision modelled after the mechanism of processing in humans. The
loudness function is applied to the loudness of the sound, and mel is applied to the pitch. The
averaged result of the frequency spectrum is input into an artificial neural network (ANN).
Samples with only slight differences are used as diagnostic subjects to examine the ability to
differentiate between the sounds. The ratio of correct answers is increased by combining mel
and the loudness function, and there is an optimal loudness of sound to obtain the correct
answer. Only parts of the aural characteristics of humans are utilized in this study, but the

results indicate that it is effective to consider such nonlinear characteristics.
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1. INTRODUCTION

There is increasing research interest in the development of robots capable of sensorial
interaction, a field known as Kansel Engineering, as evidenced by the 2009 Kanve
Engineering International Conference. which featured “KANSE/ Robotics” [1]. In the 20th
century, various types of industrial robot were developed to reduce labour. However, only

the performance of such robots in performing specialised physical tasks was evaluated.
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However, robots now interact closel_y with humans, and studies to develop robots capable of
acting as partners are underway. For example, with the aging of society there is a demand for
robots capable of assisting in home care. In such applications, communication ability is
desirable in addition to the ability to perform physical tasks [2]. In addition, commercial
products developed to ease stress on people through communication, such as paro [3] and
Ifbot [1, 4] have attracted attention. To further expand the communication abilities of such
robots, further studies on “the ability to read sensorial behaviours of humans” as well as the
“ability to behave in a sensorial manner” are required, and therefore there is increasing

research interest regarding different aspects of sensorial behaviour [1, 2].

In this study, we have focused on acoustic sense, which is an important information
receptor, to develop a signal processing system to confer on robots “the ability to behave in a
sensorial manner” in response to sounds. Previously, we examined sensorial evaluation” and
physical characteristics using acoustic and aural signals [6 — 7] to determine the
effectiveness of analysis methods, such as loudness, sharpness, and roughness [8]. However,
these analysis methods must be improved for situations in which the subject sound is very
small, such as differences in the tone quality of musical instruments manufactured in the
same lot and tuned by the same person, or differences in sound with use of different audio
amplifiers. Therefore, we examined an acoustic diagnostics system modelled after the

acoustic process of humans, and searched for components of this sensorial decision system.

In this study, an artificial neural network (ANN) was used to output the sensorial
evaluation of humans [7, 9]. The advantage of this method is that the decision of an
experienced expert can be learned as an instruction signal to attain the ability to recognize
what is learned. In analysis of acoustic signals, frequency analysis is often performed first,
and then an ANN is used [10]. However, incorporating loudness analysis that is effective in
sensorial evaluation has not been taken into consideration. Loudness analysis takes loudness
characteristics (effect that takes place in the outer hair cells of the human auditory organ,
where the amplification would be larger with smaller stimuli) into consideration, and is very
useful when differentiating between soft sounds. In a previous study, we processed the
frequency analysis results according to the loudness characteristics before inputting into an
ANN and found improvements in the ability to differentiate the slightest differences in sound
[11]. In the present study, we also considered nonlinear perception characteristics related to

the pitch of a sound, and investigated its effects.

Our ultimate goal is to develop a signal processing system that can indicate sensorial
evaluation, such as slight differences in tone quality. However, we predicted that it would be
difficult to evaluate the nonlinear effects of aural characteristics using a subject sound with
many potential evaluation axes, such as played back music, at such an early stage in the
research. Here, the sound source was chosen based on whether the instruction signal
necessary for learning of ANN can be obtained accurately, and the differences between tone
quality are small and are difficult to differentiate; we decided to use the tapping sound of a
hammer. The loudness and pitch of the sound were preprocessed according to aural
characteristics, and were input into the ANN to be differentiated. A high ratio of correct

answers was obtained. The results are present in a later section.



2. SIGNAL PROCESSING MODELLED AFTER HUMAN AURAL
CHARACTERISTICS

The flow of the acoustic diagnostics system modelled after the sound processing process of
humans is shown in Fig. 1. The processing of sound at the basal membrane of the inner ear is
equivalent to frequency analysis of acoustic signals [12]. Therefore, we performed FFT
analysis and matched the results to the loudness. Next, we considered the aural
characteristics of the pitch of the sound, and the frequency band was segmented nonlinearly

to match the number of input layer neurons of ANN. The data were averaged, input into the
ANN, learned and differentiated.

2.1. Loudness function

The relationship between the loudness Z and the intensity of the sound 7 is proximate in
the following loudness function [13 — 16].

L=C(1n‘lf] )

Here, ¢, n and /. are constants, and their values differ depending on the frequency.
Threshold of hearing 7, is determined as the sum of effective physiological murmur and
environmental noise; when environmental noise becomes large, 7, also becomes large, and 7,
for neurosensory deafness is also large [15]. As the purpose of this study was to mimic the
function of human perception recognition, the values provided in the loudness level contour
(ISO226) [13] were used as constants ¢, 7 and 7,. However, as the masking effect and others

are not considered in the present system, these values are treated only as approximations.
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Figure 1: Flow of acoustic diagnostics system developed based on sound processing of humans

2.2. Compression of frequency axis

The resonance and perception of the pitch of the sound in the basal membrane shows
nonlinear characteristics. Fletcher proposed scales based on the concept of acoustic sense
filters, such as the Bark scale and ERB scale [17] but in this study, the mel scale was
obtained from perception characteristics to match the number of input layer neurons of ANN.
Mel is a characteristic that indicates the relationship between the intervals of sensorial pitch
of the sound and the frequency, which was found by experiment [18] and is approximated in
equation (2) , where sound with frequency 1 kHz is 1000 mel [19].

Mel=2595log(1+ f/700) 111



Here fis frequency, and it is given in units of Hz. A sound with 2000 mel has a frequency
of approximately 3 kHz, and a sound with 500 mel is 400 Hz, which does not correspond to
double and half of the frequency 1 kHz equivalent to 1000 mel. This mismatch becomes
larger as the frequency becomes higher, e.g., a sound with /' = 10 kHz is only equivalent to
approximately 3000 mel.

2.3. Artificial neural network (ANN)

ANN is a network in computer simulation modelled after the mechanisms of the human
brain. By letting ANN learn the instruction signal (“normal” or “broken”), which act as a
sound identifying standard, the ANN can identify between similar data. In this study, a feed-
forward type ANN comprised of 3 layers—the input, middle and output layers —was used,
and back-propagation was used as a learning rule. A sigmoid function was used for
calculation for each neuron. In this study, effects such as roughness and intensity fluctuation
were not considered, as averages are used in a feed-forward type ANN, without any

consideration of time variation in the tap tone.

3. DIAGNOSTICS

The subjects of diagnostics were chosen based on the following criteria: accurate
instruction signal can be obtained, the difference between tone qualities is small, and difficult
to differentiate, the differences are seen within the audible band, and the samples are readily
available. By trial and error, we decided to use 250-mL bottles of carbonated drinks. Forty
bottles were used as samples. Of these, the top part of the 20 bottles was cracked to create
broken bottles. Normal bottles and broken bottles were differentiated based on the tap tone
and echo (hereafter referred to simply as tap tone) [20]. To maintain the strength of
hammering on the diagnostic subjects, an inspection table was produced using a wooden
stick and metal spring. The samples were collected in a soundproof room with a noise level of
< 22 dBA. Samples were obtained using condenser microphones (SONY ECM-DM5P),
and were recorded onto a PC using a microphone amplifier and A/D converter (Roland UA-

25) with 24 bit — 48 kHz sampling.

4. RESULTS AND DISCUSSION

4.1. Characteristics of the subject tap tone

Tap tone is a damped oscillation, and changes depending on the differences between
individual bottles as well as depending on the location where the bottle is hit. The duration of
tap tone from 95% of maximum amplitude to 5% is approximately 0.1s. To include the
durations of all tap tones examined, FFT analysis was performed on approximately 0.17 s of
each sample. Figure 2 shows a sample of a result displayed in the amplitude spectrum. Large

spectra were observed around 4 kHz and 7 kHz, and components in other areas were small.

Figure 3 shows the results displayed with the sound pressure level of the largest spectrum
in all examined tap tones assumed to be 80 dB SPL, applied in the loudness function of
equation (1), and with frequency axes converted using linear, mel, and logarithmic scales. In

this study, this sound pressure level will be referred to as the input level of the tap tone, with



units in dB. With the amplitude spectrum in Fig. 2 and the results shown in Fig. 3 (a) with
loudness display, we can see how a small amplitude spectrum in Fig. 3(1) has become
relatively large, and the spectrum is observed even around 10 kHz. This indicates that when
ANN is used to differentiate the sounds, even a tiny signal could contribute to the decision.
In addition, it can be seen that the parameters are different depending on the frequency
band, and that there is a frequency band with a large amplification factor. For example, in
amplitude display, the peak value at 7 kHz is larger than that at 4 kHz, but in loudness
display the peak at 4 kHz is larger.

Comparison of the differences in spectrum display due to different frequency axes
indicates how the low frequency region is amplified in mel compared to the linear scale, and
the high frequency region is reduced. The ratio of expansion in mel is small compared to the
logarithmic scale, and therefore we can see that the spectral distribution of mel is between
that of linear and logarithmic scales. Large spectra observed at 4 kHz and 7 kHz are located
on the right side, and can be heard as high-pitched sounds, which matches the perception

sensitivity of humans.
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Figure 2: Sample of amplitude spectrum of tapping sound
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Figure 3: Spectral distribution (input level 80 dB) with different frequency axes. The results with (a)

linear, (b) mel scale and (c¢) logarithmic frequency axes.

Using the loudness function, any spectral component below a threshold becomes 0, but
depending on the frequenc_y axis, the amount of component that becomes 0 changes. When
the audible frequency bands between 20 Hz and 20 kHz are equally divided into 100, and in
each divided part, the values are averaged to be input into the ANN, 23% of the inputs on
the linear scale become 0 with a sound pressure level of 80 dB SPL. In mel and logarithmic
scales, 9% and 30% become 0, respectively. These observations indicate that when mel is

used, the number of inputs contributing to the decision increases.

4.2. Examination results and discussion

Ten bottles were taken from each of 20 normal bottles and 20 broken bottles. Twenty tap
tones were taken from each of these selected bottles, for a total of 400 tap tones as learning
samples. The 400 tap tones from the remaining 20 bottles were used as samples for
evaluation, and we determined the ratio of correct answers. Using the segment averaging
technique, we input 100 data per tap tone. Thus, the number of input layer neurons was 100,
and we set the number of middle layer neurons to 5. The number of output layer neurons was
1, and was either Normal or Broken. The learning of ANN differs depending on the initial
weight, and therefore we provided 5 patterns of random numbers for each round of
processing, then learning and evaluation took place. The criteria to finish learning was for the
sum of squares error of the instruction signal and learning set to reach 0.05; if it did not reach
0.05, the learning ended once the number of times of iterations reached 100,000 times. We
were unable to obtain the ratio of correct answers from an experienced expert with this
hammering test, because there is no such expert. Even for the person who carried out the
experiment, who became very familiar with the tap tone, it was difficult to determine whether

there was damage to the bottle or not by listening to the sound when blindfolded.

Figure 4 shows the ratio of correct answers in the evaluation set when the scale used to
convert the frequency axis was changed to linear, mel and logarithmic. The errors on the
vertical axes in the figures are within the 95% confidence interval of the ratio of correct
answers that depend on the initial weight.Although not shown in this paper, when we simply
divide the frequency band of the amplitude spectrum of the audible frequency band in FFT
analysis into 100 equal parts and input into the ANN using the segment averaging technique,
the ratio of correct answers was 73.3%. As shown in Fig. 4, when the amplitude spectrum
was treated with the loudness function, the ratio of correct answers was 85% with an input
level of 80 dB. In addition, we can also see how as the input level was increased, the ratio of
correct answers increased, reaching the maximum value, followed by a decrease. This
indicated that there is an optimal loudness of the sound to make a decision. When mel was
used as the frequency axis, we were able to obtain an even higher ratio of correct answers,
Le., 91.3% with an input level of 70 dB. As mentioned above, the number of inputs
contributing to the decision increases when the segment averaging technique is performed
with mel, and we believe this effect has a significant contribution. When the logarithmic scale
was used as the frequency axis, the ratio of correct answers decreased in general, and the
changes according to the input level became small. We believe this is because when
conversion takes place using logarithmic axis, the number of low frequency components

input into the ANN increases, and also because many of the frequency components from the



subjects used in this study were high. Based on the above, we were able to confirm that the
ratio of correct answers becomes high when sensorial decision is mimicked with
consideration to mel for the frequency, and by applying loudness function to the loudness of

the sound, and that there is an optimal loudness of sound.
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Figure 4: Diagnostic results

5. CONCLUSION

By examining an acoustic diagnostics system that outputs a sensorial decision modelled
after the mechanism of processing in humans, the components of sensorial decision on sound
was investigated. In this study, the loudness function was applied to the loudness of the
sound, and mel was applied to the pitch. The averaged result of the frequency spectrum was
input into the ANN. Samples with only slight differences were used as diagnostic subjects to
differentiate the sounds. We found that the ratio of correct answers was increased by
combining mel and the loudness function, and there was an optimal loudness of sound to
obtain the correct answer. Only parts of the aural characteristics of humans were utilized in

this study, but the results indicated that it is effective to consider such nonlinear

characteristics.
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