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REVERBERANT ENVIRONMENTS

Tomoko Kitamura, Keisuke Kinoshita, Takayuki Arai, Akiko Kusumoto and Yuji Murahara

Dept. of Electrical and Electronics Eng., Sophia University
7-1 Kioi-cho, Chiyoda-ku, Tokyo, JAPAN

ABSTRACT array approach has been proposed. The microphone-array is
composed of multiple microphones which are spatially ar-

In this paper, we propose a new technique to design moduf@nged to take advantage of spatial information about sound
tion filters to reduce degradation of speech intelligibility in reSources to suppress noise and reverberation [8]-{11].

verberant environments. Using the inverse modulation tran&hsumoto et al. [12] have recently proposed a different tech-

fer function, we design data-derived modulation filters fo%igHe to improve speech intelligibility. They preprocess the

each speech frequency band. These filters preprocess spee dkch signal between the microphone and loudspeaker, be-

signals between a microphone and a loudspeaker that radi ore the speech signal is transmitted into the hall. They em-

speech into a performance hall. Using our modulation fil-> . . . o
. . . pirically designed a@ingle modulation filter to enhance spe-
ters, we conducted perceptual experiments with one hearing

impaired subject and two subjects with normal hearing. Tes fic frequencies of the speech modulation spectrum. Their

results indicate that our proposed method improves the int reference tests indicated that the hearing-impaired preferred

ligibility of reverberant speech. preprocessed speech signals.

In this paper, we design data-derived modulation filters for

each frequency band instead of applying the same modula-
1. INTRODUCTION tion filter to each channel. These filters are designed using

IMTF, following the technique described in [7]. In section

2, we describe the method we design the modulation filters.

Many public halls are designed for multiple purposes such "ﬁ% section 3, we describe our perceptual experiments with a
musical concerts and lectures. Reverberation is usually Prg ’

ferred for musical performances, however, it degrades Speecﬁarlng—lmpalred subject and subjects with normal hearing.
intelligibility.

Previous studies show that there is a relation between the
modulation transfer function (MTF) and the intelligibility of 2. MODULATION FILTERING
speech [1]-[2]. In addition, the rapid speech transfer index
(RASTI) based on the MTF is widely used for measurin

speech intelligibility in auditoriums [2]. Ve use the method of modulation filtering proposed in [12].

Fig. 1 shows the block diagram for the signal processing

Several studies show that the important modulation frequenB¢tween a microphone and a loudspeaker. The input signal
range for speech intelligibility is between 1 and 16 Hz, cenis Splitinto 16 frequency bands corresponding to the critical
tered around 4 Hz [3]-[5]. When speech is reverberant, tH@nds by applying constant-Q band-pass filters (BPFs) with

peak of the modulation spectrum shifts to a lower modulatiof/3-0ctave bandwidths. For each band-passed signal, the en-
frequency and its modulation index declines [2]. velope is extracted using Hilbert transform. After down-sampling

(by the factor ofM = 160), we apply the modulation filters
For enhancement of speech degraded by room reverberatignthe temporal trajectories of the envelope. Up-sampling (by
several studies have been done using a single microphah@ same factor af/) converts the filtered envelope back to
[6]-[7]. Avendano and Hermansky [7] filtered the time tra-the original sampling rate. After up-sampling, we apply half-
jectories of spectral bands of reverberant speech to recowgave rectification to remove any negative value artifacts pro-
original modulation. They applied a technique using the induced by the modulation filtering. By applying BPFs to the
verse MTF (IMTF) proposed by Langhans and Strube [6}esultant signal, we remove frequency components outside
Langhans and Strube applied the theoretically derived IMThe range of the band. Finally, the processed speech signal is
to reduce reverberation [6], while Avendano and Hermanskybtained by summing the output signals from each band.
applied the data-derived IMTF[7]. In other studies, microphone-
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Figure 1: Block diagram of the speech-processing system.

2.1. Designing modulation filters

Houtgast and Steeneken [1]—-[2] defined the MTF in rever-
berant environments as the reduction in the modul ation index
of the intensity envelope of the output signal relative to the
input signal. The input signal is white noise modulated by
asinewave. MTF measured in a reverberant environments
typically shows alow-pass characteristic.

Avendano and Hermansky [7] designed a filter-bank from
training data. Likewise, we design modulation filters from
the sentences used in our perceptual experiments. Unlike
Kusumoto et al. [12] who use the same modulation filter for
each channel, we design four modulation filters for each fre-
guency band.

To design a set of modulation filters using the IMTF, we first
derivethe M TF using speech signalsdivided into 4 frequency
bands (band 1: 0-800Hz, band 2: 800-1600Hz, band 3:
1600—-3200Hz, band 4: 3200-8000Hz) following Arai and
Greenberg [13]. The MTF for each band is averaged over the
60 sentences used in our perceptual experiments. We obtain
the frequency response of the modulation filters by invert-
ing and taking moving averages from the derived MTF. Fi-
nally, each modulation filter isimplemented as a65-tap finite-
response-impulse (FIR) filter. Fig. 2 shows the frequency
characteristics of the derived modulation filters for bands 1
to 4.

3. PERCEPTUAL EXPERIMENTS

Perceptual experiments were carried out individually in the
sound-proof room at Sophia University in Tokyo.
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Figure 2: Frequency response of the modulation filters for
bands 1 to 4.

3.1. Stimuli

The 60 spoken sentences were obtained from the NTT-AT
Speech Database (spoken by male and female speakers in
roughly equal measure and spanning al major dialect regions
of Japanese). The signals were sampled at 16kHz and quan-
tized with 16-bit resolution. We processed these signals us-
ing the system shown in Fig. 1 by applying four modulation
filters (Fig. 2) to each frequency band. To simulatethe rever-
berant environment, the 60 processed speech signals and the
60 original speech signals were convolved with the impulse
response of Osaka Symphony Hall (T=2.1s) in Osaka, Japan.
Weincluded the 60 original speech signals, giving usthe 180
stimuli in total. We presented the stimuli to each subject from
apair of loudspeakers set 0.85 m from the subject’sears. The
speech signal was sent to the loudspeakers from a PC.

3.2. Subjects

Our perceptua tests included one hearing-impaired subject
and two subjectswith normal hearing. All subjectsare native-
speakers of Japanese. The hearing-impaired subject has sen-
sorineural hearing loss (hearing level without hearing aids /
right: 95 dB, left: 105 dB), and wore hearing aids on both
ears during experiments. The subjects with normal hearing
are two females aged of 31 and 33 years old.

3.3. Experiment
3.3.1. The hearing-impaired subject

We wanted to examine speech intelligibility under the condi-
tion that the subject has some preliminary knowledge about



thetopic. Consequently we gave afill-in-the-blank test to the
hearing-impaired subject. After listening to each sentence,
the subject was asked to fill in a single missing word.

The hearing-impaired subject participated in threetesting ses-
sions. Wedivided our reverberant sentencesinto 2 groups, 30
sentences each of the reverberant and reverberant processed
speech signals form group (&) and the remaining sentences
form group (b). They were balanced in terms of the speaker
(male/ female), the missing word's degree of difficulty (high-
predictable / low-predictable) and number of moras.

Thefirst session of perceptual experiment had 60 stimuli in-
cluding reverberant speech signals of group (a) and reverber-
ant processed speech signals of group (b). Thesecond session
had 60 stimuli including reverberant processed speech sig-
nals of group (a) and reverberant speech signals of group (b).
The last session had 60 stimuli that were all original speech
signalswithout reverberation. We presented these 60 stimuli
in random order at each session. Weincluded each sentences
only oncein asession. In addition, the hearing-impaired sub-
ject took 1 day’s recess between these sessions.

3.3.2. The subjectswith normal hearing

The subjects with normal hearing participated in the fill-in-
the-blank test and mean opinion score (MOS) test. In the
MOS test the stimuli were scored on the five point scale:
excellent (4 points), good (3 points), fair (2 points), poor (1
point), unsatisfactory (O point).

For each session, 20 sentences each of the 60 reverberant and
reverberant processed sentenceswere used. We divided these
20 sentences into 2 groups (c¢) and (d) of 10 sentences each.
Each group was balanced in terms of speaker gender, num-
ber of moras, and degree of difficulty. We presented 20 stim-
uli including reverberant speech signals of group (c) and re-
verberant processed speech signals of group (d) for the first
subject. We presented 20 stimuli including reverberant pro-
cessed speech signals of group (c¢) and reverberant speech sig-
nals of group (d) for the second subject. We presented these
stimuli in random order. The stimuli was played at the most
two timesto the subject.

3.4. Resaultsand Discussion

Table 1 showsthe results of the hearing-impaired subject. Ta-
ble 2 showsthe results of the subjects with normal hearing.

We scored the degree of improvement of speech intelligibil-
ity by calculating the number of words, moras, and phonemes
that the subjects identified correctly. In the correct phoneme
calculation, al the phonemes were weighted equally. We did
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Table 1: Accuracy (%) for the hearing-impaired subject.

Sentences Reverb. | Reverb. + | Original
processed

word 15.0 133 80.0
Group (@) mora 31.7 41.1 84.7
phoneme 47.1 50.9 89.2
word 83 6.7 63.3
Group (b) mora 28.4 22.4 71.9
phoneme 37.4 42.8 78.4
word 11.7 10.0 71.6
Total mora 29.6 319 78.3
phoneme 42.2 47.0 83.8

Table 2: Accuracy (%) for the subjects with normal hearing

and MOS on the five point scale.
Reberb. | Reverb. +
processed
Word 75.0 80.0
Mora 813 875
Phoneme 83.7 89.2
| MOS | 13 | 125 |

not include identification errors between |ong and short vow-
elsor consonants.

In regard to the hearing-impaired subject (Table 1), the accu-

racy for the word and the mora shows no striking improve-

ment. Thisispartly dueto thelong reverberation time, which

caused severeintelligibility problemsfor the hearing-impaired
subject. On the other hand, the results for correct phoneme
identification for group (&) and group (b) indicate that our

method improved performance by 3.8% for group (a) and

5.4% for group (b), respectively. We divided 60 sentences
into group (@) and group (b) to observe the effect of stimulus
order on performance. Since each results show the sameten-

dency of improvement regardless of the stimulus order, we
can examine the results without taking stimulus order into

consideration. Correct phoneme identification was raised by

4.8%. This indicates that speech intelligibility was dightly

improved for the hearing-impaired.

For subjects with normal hearing (Table 2), the MOS for the
reverberant processed speech signals was found to be 1.25
on the five point scale, while it was 1.35 for the reverber-
ant speech signals. The MOS does not show any significant
improvement for the processing. On the other hand, identi-
fication accuracy increased by 5% for word, 6.2% for mora
and 5.5% for phoneme, respectively. This indicates that our



method improves speech intelligibility for people with nor-
mal hearing.

4. CONCLUSIONS

In this study we proposed anew technique to improve speech
intelligibility in reverberant environments. We designed sep-
arate data-derived filters for each frequency band to process
the speech signal between a microphone and a loudspeaker.
To examine the effectiveness of our method we conducted
fill-in-the-blank perceptual tests. Our resultsindicatethat this
method improves speech intelligibility for both the hearing-
impaired and people with normal hearing. In future we plan
to evaluate our filtersin various reverberant environments.
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