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Abstract—This study focuses on identifying effective features
for controlling speech to increase speech intelligibility under
adverse conditions. Previous methods either reduce noise and
reverberation throughout speech presentation or enhance speech
before presenting it by controlling its intensity and/or spectral
properties to increase intelligibility. Among them, a method
based on modulation transfer function theory, in which the
environmental effects are inverted to anticipate attenuation of
the modulation spectrum of speech, shows excellent potential
due to its systematic and explicit derivation of intelligibility
enhancement against environmental smears. However, directly
obtaining that inversion requires estimating the modulation
transfer function. The estimate seems complicated and tolerant
under realistic variable conditions. This study takes a different
approach: analyzing the relations of smeared modulation spectra
by the environments for intelligibility to extract effective modify-
ing features. First, we conduct listening tests for intelligibility
in noise with different types of enhanced speech. Next, we
extract acoustic and modulation frequency components in the
smeared modulation spectra by noise showing high correlation
with intelligibility scores. Finally, we examine the intelligibility
benefits of modifying these components by performing listening
tests. The results show that these components effectively increase
intelligibility by at most 20%, which demonstrates that our
concept is valid.

Index Terms: Speech intelligibility, modulation spectrum,
modulation transfer function, smeared modulation spectrum.

I. INTRODUCTION

The presence of noise and reverberation in public announce-
ments in train stations and airports often smears the speech
spectra, thus making it hard for listeners to understand the
announcement. Speech intelligibility could be maintained by
reducing noise and reverberation throughout the presentation.
However, this is impractical due to the complex architectures
of such locations and the cost of installing the necessary
devices. A more practical and efficient approach is to enhance
the speech before presentation to compensate for degradation
in intelligibility due to smearing.

Models such as perceptual models, compressing models,
and room acoustic models can be used to estimate the equiv-
alent amount of environment phenomena such as the signal-
to-noise ratio (SNR) and noise level needed to compensate
for degradation in intelligibility. Speech intelligibility has been
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improved in noisy environments [1], [2], [3], [4] by optimizing
the index of the perceptual model used for intelligibility
measurement such as the Speech Intelligibility Index (SII)
[5], the Speech Transmission Index [6], and the high energy
glimpse portion (HEGP) [7]. Further analyses of the speech
after index optimization indicated that increasing the spectrum
above 1 kHz increases intelligibility [4]. Compressing models
as an typical operation of dynamic range compression (DRC)
[8] has been used to reduce the speech amplitude on the basis
of an input-output energy curve. Different configurations of
the curve make the DRC act differently. The DRC emphasizes
loudness in the voice onsets and offsets and in the stops and
nasals, thereby increasing intelligibility. A method based on
a room acoustic model uses the modulation transfer function
(MTF) to control the speech modulation spectrum (MS) and
has demonstrated a systematic and explicit derivation to en-
hance speech intelligibility against environmental smears.

In the MTF concept, which was proposed by Houtgast and
Steeneken [9], [10], the reduction of the fluctuations in the
envelope of an output signal relative to the envelope of the
input signal during transmission in a room is described as
MTF. In the MS concept, the speech MS is produced by
spectral analysis of the temporal amplitude envelope of the
frequency spectra. The dominant MS component of continuous
speech lies between modulation frequencies of 1 and 16 Hz,
with a peak around 4 Hz [9], [11], [12]. The higher the
MS index in these modulation frequencies, the better the
intelligibility. That is, speech is intelligibly presented if its
MS resists smearing of the MTF by the environments. If a
smeared MS (M Sgpeared) 18 given by

MSymeared = MS x MTF )

where MS is the MS of the original speech, then an
optimally resistant MS (M S°P!) can be calculated using

res

MSPt = MS x MTF~L. )

Tes

If M S% is presented in an adverse environment with such

an MTF, the MS of the speech reaching the listeners should
be MS as MS = MS° x MTF, which has the original

res
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Fig. 1: Proposed concept and implementation of present study

intelligible MS. Several studies tried to estimate MTF~! [12],
[13]. However, directly obtaining MTF~! is complicated,
especially in realistic environments where backgrounds are
diverse and varying because it requires estimating MTF. This
estimation is unsuited to realistic environments.

The present study aimed to extract effective features to
modify the MS of the original speech by analyzing the
relations of M Sgmeareqa for intelligibility. The formation of
an M Ssmeareqa and our proposed concept and implementation

In general, the M Sgpecareda at O Hz modulation shows the
effect of noise on the frequency features. The M S cqreq at
over 0-20 Hz modulation shows the effect of reverberation on
the time features.

III. PROPOSED CONCEPT AND IMPLEMENTATION

As shown in Fig. 1 our concept is based on three steps:
feature extraction, feature modification, and evaluation.

are described in the following sections.

II. FORMATION OF SMEARED MODULATION SPECTRUM

This section explains the methods used to estimate M S,
MS,es, MTF, and M Sspeareqa With provided source signals
of clean speech, noise and reverberation for the proposed
concept and implementation of this study, especially in feature

extraction.

As was used in Zhu et al.’s studies [14], [15], we used a

A. Extraction of modulation spectral features

As shown in the feature extraction portion of Fig. 1, aiming
to capture different information in M S, ../M Sspcared, We
collected variable speech enhancement methods and applied
them to increase intelligibility, then investigated the properties
of the enhanced speech. Each method mainly modified differ-
ent acoustic and modulation frequency regions. The resulting
intelligibility scores differed. Then, we identified significant
acoustic and modulation frequency regions to modify the MS

more by using correlation, as described below.

First, we synthesized enhanced speech from plain speech
using the enhancement methods of Ngo et al. [17] (increasing
spectral regions from 2-6 kHz by 13 dB as C2 speech), Tang
et al. [4] (increasing spectral regions above 1 kHz by 45
dB, decreasing regions below 1 kHz by 45 dB as HEGP
speech), and Zorila ef al. [8] (increasing spectra from 1-4
kHz by 12 dB with pre-emphasis, formant sharpening, and
DRC, cumulatively defined as SS, SSFS, SSDRC speech). The
plain speech was three-mora Japanese words (about 350-450
ms for each), taken from the male speech of A-set in ATR
dataset [18]. Then, we conducted listening tests in a noise
environment that followed the same designed as in Tang et
al.’s study [4] with seven-teen native Japanese people to obtain
the intelligibility scores of the plain and enhanced speech (as
shown in Fig. 2a). As can be seen that, different enhanced
methods yielded variable intelligibility improvements in dif-
ferent noise. Perhaps, it was lots of increases for SS, SSFS,
and SSDRC, and slightly increases or decreases for C2 and
HEGP. DRC are often expected to add much improvement.
However, in this study the speech materials were three-mora
Japanese words with short durations and, perhaps a quite
balanced phoneme structure in a mora (the consonant and
the vowel in a mora seem have balanced power envelopes).
Therefore, the DRC was still beneficial but lightly presented
within short durations and such the phoneme structure when
aiming to emphasize abrupt regions as voice onset, offset and
consonant parts. Next, we estimated MS/MS,..,, MTF to

modulation filtering technique to estimate the M S/M S,..s of
speech. The filtering was done using an acoustic filter bank
concatenated with a modulation filter bank. The former was a
bank of 18 filters: 1/37¢ octave band-pass filters with band-
widths of 160-8000 Hz, which followed the SII specifications.
The latter was also a bank of 18 filters: a low-pass filter with
cutoff frequency Fc = 0.4 Hz and 17 1/37¢ octave band-pass
filters with bandwidths of 0.5-20 Hz. Houtgast et al. [10] also
used 0.5-20 Hz band-pass filters to estimate the speech power
envelope spectrum. Our estimated M S/M S,..s thus contained
0 Hz modulation and showed as frequency features. The time
features were above 0 Hz up until a modulation frequency of
20 Hz.

The MTF is fully determined mathematically for stationary
noise by the signal-to-noise ratio [10], [16]. For each band-
limited acoustic frequency, i.e, f,, the MTF is independent of
the modulation frequency, i.e., f,,, and defined as my (fao, fin)-
In this study, the MTF for reverberation noise was defined
as mg(fa, fm) using the modulation filtering technique for a
provided delivered room impulse response (RIR). The MTF
under noisy reverberant conditions was calculated using

m(favfm) - mN(fa:fm) X mR(fa’fm)- (3)

From (1) and (3), M Ssmearea can be calculated using

MSsmeared(favfm) - Ms(favfm) X m(favfm)' (4)
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Fig. 2: (a) Intelligibility scores of analyzed speech for pink noise at —9.5 dB SNR, speech-modulated (SM) noise at —10.5 dB
SNR, high-pass (HP, the high-pass filtered pink noise with cutoff frequency 500 Hz) noise at —12 dB SNR, and low-pass (LP,
the low-pass filtered pink noise with cutoff frequency 4 kHz) noise at —13 dB SNR, (b) M Sgnearea at 0 Hz modulation of
analyzed speech for pink noise, and (c) M S,.s over 0-20 Hz modulation using DRC (difference between M S,..; of SSDRC

and SSFS) for SM noise at the acoustic frequency of 5 kHz.
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Fig. 3: Pearson correlation between M Sgeareqa and M Syes
for each acoustic frequency band (0, 0-8, 8-20 Hz modulation
bands) and intelligibility scores for analyzed speech in all
tested noise.

calculate M Ssmeareqa from the speech and noise in the tests
by the methods described in Sec. II. We decomposed the
enhancements on the basis of the relationships between M S,..s
and intelligibility and between M Sgcareq and intelligibility
to unfold their essential characteristics in “MS features.”

(i) The M Sgeqrea at 0 Hz modulation showed the effect
of noise on the frequency features. As shown in Fig. 2b,
M Sgmearea presented a lot of information about what was
increased in the M Sgpeareq Of enhanced speech from the
M Sgmearea Of plain speech and reached to the MS of plain
speech to contribute to intelligibility Fig. 2a. In general, the
better intelligibility for the enhanced speech of SS, SSFS and
SSDRC (Fig. 2a) might be because their M Sgycareq indexes
of the frequency regions around 500 Hz, around 2 kHz, and
around 5-6 kHz were increased.

(ii) The MS,.s obtained using DRC, which modified the
time features, was the difference between the M S,.s of

SSDRC and SSFS for 0-20 Hz modulation. As typically shown
in Fig. 2c, it had two peaks, one at around 4 Hz and one at
around 20 Hz.

(iii) The Pearson correlations between M S, cqreqa and
MS,..s for each acoustic frequency band over three mod-
ulation frequency bands and the intelligibility scores were
calculated. Each acoustic frequency band for M Sgpcareq at
0 Hz modulation was used in the calculation. Given that the
environment was noise only, the effects of the environment
on MSgpmearea for 0-20 Hz modulation were equal; we thus
needed to consider the M S, for 0-20 Hz, i.e., the M Sres
by DRC. Also, due to the two peaks, we used each acoustic
frequency band of M .S, for the modulation frequency bands
of 0-8 and 8-20 Hz of DRC in the calculation. The correlation
values could be interpreted like that the more positive cor-
relation coefficient, the more correlation between increasing
M Ssmeareal M Sres indexes and increasing intelligibility and
vice versa. From the positively correlated regions (Fig. 3) and
the typical M Sgpmearea and M S,..s properties of the analyzed
speech [as described in (i) and (ii)], we tentatively used two
MS features. The frequency features could be increased in MS
at 500-2250 Hz (acoustic frequency (AF) region 1) and 4.5-
6.5 kHz (AF region 2). The time features could be increased
in MS at 2-6 Hz (modulation frequency (MF) region 1) and
8-20 Hz (MF region 2) in the acoustic spectra of 300-750,
1250-2250, and 4500-6500 Hz. In the time features, the region
between 750 and 1250 Hz got a negative correlation while
they were positive in the frequency features. We thought that
this was reasonable because the 750-1250 Hz region could
be the dip between formants I} and F>, when making so
many fluctuations by increasing the MS indexes above 0 Hz
within this region, it might affect to reduce the prominence
of formants. Therefore, we should avoid increasing the MS
indexes at this region for the time features.

B. Modification of modulation spectrum

As shown in Fig. 1, to synthesize MS-modified speech, an
analysis-synthesis method was developed to modify the MS of
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plain speech. It should be noticed that this developed method
was for synthesis based on a multi-rate signal processing tech-
nique. It was different from the modulation filtering technique
described in Sec. II, which was mainly used for the estimation
of MSIMS,cs, MTF, and M Sgcareq in Sec. III-A. In this
modification, we only used the modulation filtering technique
for the estimation of MTF. The details are described as follows.

To imitate the MS analysis, enabling reconstruction, we
used a multi-rate signal processing technique [19] for the
MS analysis, modification, and synthesis steps (Fig. 4). An
acoustical analysis bank was used to filter plain speech into
band-limited signals, and then the power envelopes of the
band-limited signals were extracted. Next, to avoid modifying
non-speech segments (modifying them might cause noise),
VAD was used to mask the speech-absent portions of these
power envelopes with a silence threshold of 0.005 on the max-
value-normalized power envelopes. A modulation analysis

bank was then applied to each speech-segment power enve-
lope. Afterward, a processing unit with gain control amplified
specific acoustical bands and modulation bands (as described
in Sec. III-A). It sequentially applied gains to the acoustic
frequency regions (all 0-20 Hz modulation regions) and the
modulation frequency regions (0-20 Hz, excluding 0 Hz).

The amplified values were consulted from the averaged
MTF~! calculated from the estimated MTF of the provided
reference noise and RIR by using Eq. (3) within these acoustic
and modulation frequency regions of the MS features. As
was indicated in the introduction section, our method aimed
to tackle the variable environments. In realistic situation, the
estimation of MTF was always tolerant in changing envi-
ronments, which led the estimation of MTF~! also to be
tolerant. We thus corrected these averaged estimated M7 F~!
within limited ranges to preserve the voice quality of the plain
speech. AF regions 1 and 2 were limited to 5-15 dB and 15-
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TABLE I: SNR (decibels, dB) under various conditions used
in HC 2.0 listening tests.

Reverberation SNR German English  Spanish
near (1 m) low —15.0 —13.0 —17.0
mid —12.5 —8.5 —14.5
high —10.0 —4.0 —11.5
mid (2.5 m) low —13.0 —11.0 —17.0
mid —10.0 —5.0 —14.0
high -7.0 -1.0 —-11.0
far (4 m) low —13.0 —10.0 —18.0
mid —9.0 —4.0 —14.0
high —5.0 2.0 —10.0

25 dB, respectively (an incremental response as the analyzed
M Ssmeared of SSDRC). MF regions 1 and 2 were both limited
to 6-10 dB.

Finally, to obtain the modified speech, the reconstruction
was processed in reverse order from the analysis with the
modulation synthesis bank, VAD, and acoustical synthesis
bank. The processes are illustrated in Figs 5a and 5b.

C. Evaluation

As shown in Fig. 1, we evaluated the effects of the ex-
tracted MS features on intelligibility under various conditions
for three languages. The speech material was provided by
Hurricane Challenge 2.0 (HC 2.0) [20] in German and Spanish
(100 sentences each) and English (90 sentences) as recorded
by native male speakers and was used as plain speech. Two
speech types were used: the plain speech and speech modified
using the MS features described in Sec. III-A modified using
the technique described in Sec. III-B. The latter type is referred
to as “MS500 speech.” The evaluation was performed by HC
2.0 with about 180 listeners. They created stimuli for the
experiment using the MS500 speech and their plain speech,
babble noise, and the RIR. The clean speech was filtered
using the RIR, and then the noise was added to obtain the
targeted global SNR. Table I shows the evaluated SNRs and
reverberation conditions in terms of the distance between the
loudspeaker and the listener.

IV. RESULTS AND DISCUSSION

The results of the listening tests are shown in Figure 6.
They indicate that the MS500 speech had better intelligibility
than the plain speech under all noisy reverberant conditions
for English and Spanish (5-20%). The higher first and third
quartiles for MS500 further support the substantial improve-
ment obtained. However, intelligibility was not improved in
other cases for the German dataset. So far, one possible reason
could be that German words often contain plosive consonants,
and modifying their MS is a delicate operation. It might
be also due to the criteria to proceed VAD during the MS
modification could not be well suited to all Germain speech.
Moreover, all the noise used for evaluating enhanced speech
were stationary, perhaps more types of noise should be added
to investigate M S,..s and M Sscared better. Furthermore, in
recent study, because the experiments were carried out by
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HC 2.0, they might have their own comparison results of our
methods with others. In future, we will aim to improve all the
remaining aspects in our techniques more and compare with
other methods to justify our methods more.

V. CONCLUSION

This study presented a method for improving the intelligi-
bility of speech under noisy reverberant conditions. Smeared
modulation spectra of the speech signals by the environments
were derived on the basis of the modulation spectrum and
modulation transfer function concepts. Concerning listening
tests, correlated acoustic, and modulation frequencies in the
MS with intelligibility under noise were extracted from differ-
ently enhanced speech and considered as modulation spectral
features. We then modified plain speech by controlling these
features. Listening tests under various conditions demonstrated
that the extracted features effectively increased the intelligi-
bility of the modified speech. In other words, our proposed
concept, obtaining significant characteristics from different
enhancement methods by relations of smeared modulation
spectra for intelligibility, is valid. Building on these findings
for stationary noise, we can investigate additional features
contributing to intelligibility for all kinds of noise. In addition
to investigating intelligibility, our method can be used to
investigate other speech qualities.
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