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Aged or hearing-impaired people demand better acoustical environments for higher QOL. Many methods
of evaluating acoustical environments with echoes focusing on speech quality have been developed. How-
ever, since these methods mainly focus on speech quality in bad acoustic conditions, they are not suitable
for evaluations of acoustic environments with high intelligibilities such as normal houses or public facilities
for aged people. Therefore, we proposed a new evaluation method using deteriorated speech sounds. In
this method, signal-processed speech sounds are presented to subjects in target acoustic environments.
In this study, in order to simulate the architectural acoustic environments, Japanese monosyllabic speech
sounds were convoluted by the impulse responses of room reverberations, and were presented through a
headphone. As a result, it was shown that this new method could detect the small differences of acoustic
environments, which the conventional methods could hardly evaluate.

1 Introduction

Aged or hearing-impaired people demand better acous-
tical environments for higher QOL. Many methods of
evaluating acoustical environments focusing on speech
quality have been developed. However, since these meth-
ods mainly focus on speech quality in bad acoustic con-
ditions (e.g. environments with huge noise or long rever-
beration), they are not suitable for evaluations in com-
monplace environments such as normal houses or public
facilities for aged people.

For instance, the score of D50 value (deutlichkeit)
[1] and speech transmission index (STI) [2, 3, 4] are
saturated and not sensitive enough to distinguish such
environments. Moreover, perceptual tests on speech in-
telligibility cannot clarify the differences of room envi-
ronments because the intelligibility scores always reach
almost 100 percent in ordinary room environments.

Morimoto et al. and Sato et al. investigated the eval-
uating method using the index of “listening difficulty
ratings” [5, 6]. The method requires subjects to answer
how it is difficult to listen the speech sound in each en-
vironment. They claimed that the “listening difficulty”
index shows good correlation to the STI. However, this
method requires many well-trained subjects to evaluate
an acoustic environment.

Therefore, we propose a new evaluation method us-
ing deteriorated speech sounds. In our method, signal-
processed speech sounds are presented to subjects in tar-
get acoustic environments to evaluate. In order to sim-
ulate the architectural acoustic environments, Japanese
monosyllabic speech sounds are convoluted by the im-
pulse responses of room reverberations, and are pre-
sented through a headphone. In this report, we aimed at
clarifying the feasibility of our new method focusing on
detecting the small difference of acoustic environments,
which the conventional methods could hardly evaluate.

2 Materials and Methods

2.1 Subjects

Seven subjects were employed (23-29 years old). They
were native-Japanese speakers with normal hearing lev-
els.
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Figure 1: Block diagram of MNRU (modulated noise
reference unit) processing. The output is the mixture
of the original sound and the white noise whose
envelope is equal to that of original sound.

2.2 Speech materials

The 67 Japanese monosyllables pronounced by a pro-
fessional female speaker included in the speech sound
dataset “FW03”[7] were used as speech materials. The
monosyllables used in this study consist of 44 resonant
sounds, 18 voiced consonants, and 5 semi-voiced conso-
nants. The sound levels of the original speech materials
were calibrated based on their perceptual loudness ac-
cording to the calibration database constructed by Na-
gatani et al.[8]

2.3 Signal processing of speech materi-
als

For the deterioration of speech sounds, the MNRU (mod-
ulated noise reference unit) processing [9] was used. Fig-
ure 1 shows the block diagram of the MNRU processing.
The output is the mixture of the original sound and the
white noise whose envelope is equal to that of original
sound. The instantaneous S/N ratio of MNR signal are
constant at any slight time, therefore, the qualities of
the stimuli are easy to be controlled by choosing the
quality factor (S/N ratio) of MNRU-processing. The
quality factor used in this study was 0 dB.

2.4 Acoustic environments to reconstruct

In order to simulate the real acoustic environments, the
nine types of impulse responses were picked up from the
sound source database for environmental/architectural
acoustics, “SMILE 2004” [10]. In addition to these,
the anechoic condition was also used. The experiments
were performed using these ten environments. Table 1
shows the physical properties of these 10 acoustic envi-
ronments: The speech transmission indexes, D50 values,
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Table 1: Physical properties of acoustic environments
used in this study. Speech transmission indexes, D50

values, and reverberation times are derived form the
impulse responses. The STI insists that the best

environment may have a score of 1.0, which is anechoic
condition.

No. Environments STI D50 [%] Rev. [s]

1 Anechoic room 1.00 100.0 0.00

2 Normal house
made with wood

0.85 92.7 0.35

3 Movie theater 0.84 92.8 0.29

4 Classroom 0.70 77.9 1.06

5 Multi-purpose
hall

0.57 56.5 1.12

6 Hall for lecture
meetings 1

0.56 51.7 1.22

7 Hall for classical
music 1

0.56 60.0 2.29

8 Hall for lecture
meetings 2

0.54 46.5 1.25

9 Hall for classical
music 2

0.47 33.1 1.21

10 Event hall 0.43 28.5 2.64
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Figure 2: Relationship between the D50 value, the
reverberation time and STI of each acoustic

environment. The D50 values show good correlation to
the STI. The reverberation time doesn’t correlate to

the STI nor D50 values in some cases.

and reverberation times at 500 Hz derived form the im-
pulse responses are shown. Figure 2 shows the relation-
ship between the D50 value, the reverberation time and
STI of each acoustic environment. The STI varies from
0.4 to 1.0. The D50 values show good correlation to the
STI.

USB audio interface
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Figure 3: Measurement system. The Japanese 67
monosyllables digitally signal-processed by PC are

presented to the subjects in a random order through a
headphone in a sound-proof room via an USB audio

interface.

2.5 Procedure

In order to reduce the effect of the differences of hear-
ing abilities of each subject, the sound level of stimuli
were set to 30 dBSL, where 0 dBSL was the hearing
threshold of the intermittent 1 kHz sound. (The inter-
mittent sound were edited using the calibration sound
included in FW03 dataset, whose equivalent continuous
sound pressure level is equalized to the speech sounds in
FW03.) In this study, no ambient noises were presented
to the subjects.

The 67 signal-processed speech sounds were presented
in a random order to the subjects. The stimuli were pre-
sented to both ears from a headphone (SONY, MDR-
7506) in a sound-proof room. The subjects were asked
to write the monosyllables onto the answering sheet as
they heard.

Figure 3 shows the measurement system. The im-
pulse responses were convoluted to the speech sounds
by PC. The stimuli were played through an USB audio
interface (EDIROL, UA-101).

3 Results and Discussions

3.1 Speech intelligibilities without any
echoes

The intelligibilities of each subject without any echoes
or reverberations are shown in Table 2. The values in-
dicate the ratio of correct answers among the 67 sylla-
bles. When the original speech sounds were presented,
the intelligibilities of the all subjects were always al-
most 100%, which means that the scores are saturated
so that they are not sensitive enough in those cases. On
the contrary, the scores of the MNRU-processed speech
sounds were consistently lower than those of original
speech sounds. This implies the possibility that the
MNRU-processed speech sounds are suited for the pre-
cise evaluation of acoustic environments.

3.2 Speech intelligibilities with echoes

The intelligibilities in each acoustic environment were
normalized to those in the anechoic condition, whose
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Table 2: Speech intelligibilities of each subjects
without any echoes. The original (not deteriorated)
speech sounds and MNRU-processed speech sounds are

presented in a sound-proof room. The scores of
MNRU-processed speech sounds were consistently
lower than those of original speech sounds.

Subjects
Score [%]

Original MNRU

1 98.5 79.1

2 95.5 79.1

3 95.5 76.1

4 91.0 77.6

5 95.5 76.1

6 97.0 79.1

7 94.0 79.1

Average 95.3 78.0

STI is 1.0. (The normalized values are called “intelli-
gibility ratio” in this study.) The relationship between
the STI and the intelligibility ratio is shown in Fig.4.
The all intelligibility ratios of the original (not deteri-
orated) speech sounds are almost 100%, irrespective of
the acoustic environments. This fact indicates that the
scores are saturated and can not reflect the difference of
environments. On the contrary, the intelligibility ratios
of MNRU-processed speech sounds were distinguished
from 80 to 100% and showed clear differences between
environments compared to that of the original speech.
This tells us the perceptual tests using MNRU-processed
speech sounds successfully distinguish the acoustic en-
vironments.

The intelligibility ratios did not correlate with the
STIs in several environments. Onaga et al. also claimed
that the early energy of the multiple reflections will
cause the discrepancy between the intelligibility and STI
[11]. The results suggest that our new method can pre-
cisely evaluate the acoustic environments with high in-
telligibilities, where the STI is not suitable.

In this study, all monosyllables had same weights
when calculating the intelligibilities, however, the ten-
dencies of subjects’ responses were different on each
monosyllable. Therefore, we should check if each mono-
syllable should be weighted for the scoring. We also
have to confirm the reproducibility within each subject
for the purpose of practical use of this method. We are
also interested in the applicability of our new method to
the other languages in addition to Japanese.
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Figure 4: Relationship between the STI and
intelligibility ratios in each acoustic environment. The
scores in each environment are normalized to that in
anechoic condition, whose STI is 1.0. The differences

of the scores can be seen only when the
MNRU-processed stimuli were presented. The error
bars indicate the standard errors of the subjects.

4 Conclusion

We proposed a new method for evaluating the acous-
tic environments with echoes or reverberation. In this
method, the deteriorated speech sounds are presented to
subjects in target acoustic environments. As a result, it
was shown that our new method could distinguish the
small differences of acoustic environments, which the
conventional methods could hardly evaluate.
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