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Abstract

We have previously proposed a method for restoring the
power envelope from the observed speech (noisy reverber-
ant speech). This method is based on the concept of modu-
lation transfer function (MTF) and does not require that the
impulse response and noise conditions in the room acoustics
be measured. In the previous report, the proposed approach
was evaluated by carrying out evaluational simulations in arti-
ficial noisy reverberant environments. In this paper, we com-
prehensively evaluate the proposed method for speech power
envelope restoration in both artificial and realistic noisy re-
verberant environments to investigate the availability and ap-
plicability of the proposed method for speech restoration in
realistic environments. As results, we found that the proposed
method can reasonably restore the power envelope from noisy
reverberant speech in noisy reverberant environments.

1. Introduction

In real environments, significant features of speech signal
are smeared due to the effects of noise and reverberation,
therefore the speech recognition rate and speech intelligibility
are significantly degraded. Restoration of noisy reverberant
speech is an important issue for various applications such as
automatic speech recognition (ASR) and hearing aid systems.

Unoki et al. have previously proposed methods for restor-
ing the power envelope based on the modulation transfer
function (MTF) [1]. These methods are a power envelope in-
verse filtering method based on MTF for reverberant speech
[2, 3] and the noise suppression method based on MTF for
noisy speech [4]. The MTF concept enables additive noise
and reverberation to be simultaneously suppressed. Then,
we proposed a method for restoring the power envelope from
noisy reverberant speech [5]. In our previous study, the pro-
posed approach was evaluated by carrying out evaluation sim-
ulation in artificial noisy reverberant environments.

In this paper, we comprehensively evaluate the proposed
method for the power envelope restoration in both artifi-
cial and real noisy reverberant environments to investigate
the availability and applicability of the proposed method for
speech restoration in real environments.

2. Modulation Transfer Function (MTF)

The MTF concept was proposed by Houtgast and
Steeneken to predict speech intelligibility in the room acous-
tics [1]. The MTF can be characterized as the modulation
index that accounts for a relationship between the degree of
modulation of the envelopes of input and output signals and
the characteristics of the enclosure. They defined input and
output temporal power envelopes as

I2(1 + cos(27 funt))
I2{1+m(fn) cos(27 fun(t — 6))}

Input =
Output =

(1)
@

where 72 and I?2 are the input and output intensities, f,, is
the modulation frequency, and @ is the phase information.
The modulation index of the power envelope is m(f,,) and
referred to as MTF.

2.1. Noisy and reverberant model based on the MTF

We assume that the input, the output, the impulse response,
and the noise signal to be =(t), y(t), h(t), and n(t), respec-
tively. They are modeled based on the MTF as [6]

y(t) = h(t)*x(t) +n(t) ®)
z(t) = ea(t)eal(t) (4)
h(t) = en(t)en(t) = aexp(—6.9t/Tr)en(t) (5)
n(t) en(t)en(t) (6)

where e, (t), en(t), and e, (t) are the temporal envelopes of
x(t), h(t), and n(t). c.(t), cn(t), and ¢, (t) are the carrier
of x(t), h(t), and n(t) that is random noise has characteristic
of white gaussian noise. Here, {¢;(t),c;(t — 7)) = 6(7) and
(-) is an ensemble average operation. T is the reverberation
time. In this method, 2 (¢) can be derived as [?]

(1) = (Rt = 2*(1) + (n*(t)) (7)
ey(t) = en(t) xer(t) +en(t) (®)
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Figure 1: The results of improvement of restored power en-
velope in artificial noisy reverberant environments (T =
0.5,2.0sand SNR =10, 0 dB).

3. Power envelope restoration

In this section, we explain the power envelope restoration
method based on MTF concept [5]. This method consists of
(i) power envelope extraction, (ii) power envelope subtrac-
tion, and (iii) power envelope inverse filtering with parameter
estimation. Here, the constant bandwidth filterbank was used
to analyze the signal.

The power envelope ei(t) from y(t) is extracted by

e;(t) = LPF [|y(t) + jHilbert(y(t))[?]

©)

where LPF[-] is low-pass filtering and Hilbert(-) is the Hilbert
transform. This method is based on a calculation of the in-
stantaneous amplitude of the signal with low-pass filtering
(cut-off frequency of 20 Hz) as pre-processing to keep low
modulation frequency components which contribute to the
speech intelligibility [2].

Power envelope subtraction on the basis of the MTF con-
cept is done to suppress the effect of additive noise. The
modulation index and the averaged power are only affected
by noise. To restore the first term in Eq.(8) from the power
envelope of noisy reverberant signal ef} is utilized as follows.

— 1
~2 _ 2
éz(t) = e2|1l+mn(fm)cos(2mfmt xi)
0 (1 mon ) cos(zmn o) -t
= - (10)
Here, a robust VAD method is used to calculate average

power of noise e2 (N) and noise intensity in speech section
(2 +€2) (SN) from the observed e? () in noise duration and
signal+noise duration respectively.

On the basis of this results, e2(¢) can be recovered by in-

x

verse filtering e2 () = eZ(t) * e;(t) in Eq.(8) from with

e?(t). Here, the transmission functions of power envelope
E.(2), Exn(z), and E,,(z) are assumed to be the z-transform
of e2(n), e3(n), and e2(n). Thus, the £, (z) can be deter-

mined from
E,(z) 13.8 4
2 {1 — exp (_TR : fs) z } (1)

where f, is the sampling frequency. The power envelope
e2(n) can then be obtained from the inverse z-transform of

E,(z). Two parameters (T and ) are obtained [6].

E.(z) =

4. Experiments and evaluations

4.1. Evaluation of the proposed method in artificial noisy
reverberant environments

We carried out the following simulations to evaluate the
proposed method in artificial noisy reverberant environments.
Three Japanese sentences (/ichi/, /san/, and /roku/) uttered
by ten speakers (five males and five females) from the
AURORA-2] speech database [7] were used (denoted as
x(t)). 100 artificial impulse responses (denoted as h(t)) and
100 white noise signals were used for making the noisy rever-
berant speech. Two reverberation times (T = 0.5 and 2.0
s) were used for simulating the reverberation effect. Signal
to noise ratios (SNR) between «(¢) and n(t) were fixed at 10
and 0 dB. All reverberantsignals (6,000 = 10 x 3 x x2 x 100)
were generated by convoluting z(¢) with h(t) and adding
n(t). All noisy reverberantsignals y(¢) (10x3x2x2x100 =
12,000) were also used. The sampling frequency of signal
fs = 8 kHz. Filterbank (100 Hz band-width)was used to de-
compose 40 sub-bands.

In this paper, in order to measure the accuracy of the speech
restoration on the power envelopes, we used (i) correlation
(Corr) and (ii) SNR (S was power envelope of original sig-
nal and N was power envelope of recovered power envelope).
Improvements in these measures, therefore, show the extent
to which using our method improve accuracy of the restora-
tion. The improvements in Corr and SNR are calculated from
Corr(e2, e2)—Corr(e2, e2) and SNR(e2, e2)—SNR(e2, e2).

The improvement in Corr (panel al - a4) and SNR (panel
b1 - b4) in each frequency band under the noisy reverberant
environments are shown in Fig.1. The improvement, Corr
increased as reverberation time increased, and the SNR in-
creased as the power of additive noise increased. These im-
provements proved that the proposed method can be used to
restore the temporal power envelope from the noisy reverber-
ant signals be i.e., the method can simultaneously reduce the
effects of reverberation and additive noise.

4.2. Evaluation of proposed method in realistic noisy re-
verberant environments

We simulated our proposed method in many realistic noisy
reverberant environments to investigate the possibility of ap-
plying the proposed method in real environments. We used
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Table 1: Improved SNR and improved correlation in realistic noisy reverberant environments (White noise, Pink noise (sta-
tionary noise) and RIRs). IRdata No.is File No. of SMILE2004 [8].

Room condition (Impulse response) IRdata | Tr Av. Improved SNR Av. Improved Corr
No. (s) white pink white pink

SNR (dB) 0 10 20 0 10 20 0 10 20 0 10 20
MPH1 (with RB)(capacity: 2,000 m?) 301 109 | 221 125 58 |179 92 40 021 023 023|022 024 0.23
MPH1 (without RB) 302 | 080|213 121 56 |170 88 4.0 018 0.20 0.20 | 020 0.21 0.19
MPH2 (withRB)(capacity: 5,700 m3) 303 144 1231 130 561|184 93 38 022 024 023|024 025 0.23
MPH2 (without RB) 304 104 (220 123 54178 89 37 (019 020 019|021 0.20 0.19
MPH3 (with RB)(capacity: 7,200 m?) 305 | 193|239 137 59198 99 39020 023 024|024 026 023
MPH3 (without RB) 306 135|229 130 57|183 94 38 021 021 021023 022 0.18
MPH4 (with AB)(capacity: 12,000 m?) 307 | 142|235 132 57 (190 97 34018 0.14 0.08 |0.18 0.12 0.05
MPH4 (without RB) 308 | 154|236 135 59193 100 3.7 0.19 015 0.9 |0.19 0.14 0.05
MPHS5 (capacity: 14,000 m?) 319 147 | 233 134 60188 97 39020 020 015|022 018 0.12
MPHS6 (capacity: 19,000 m3) 321 | 216|244 142 65201 109 43| 021 021 015|023 020 0.13
CCH1 (capacity: 5,600 m?) 309 [235[240 136 59[195 99 39023 025 025]025 026 0.25
CCH1(d=6m) 310 234 | 240 138 6.0 196 100 39020 021 018|024 021 0.17
CCH1 (d=11m) 311 | 235|242 137 6.1 (198 101 41| 022 024 022|025 025 022
CCH1 (d=15m) 312 239 (242 141 6.6 |197 104 46 | 023 025 025|026 0.26 0.25
CCH1 (d=19m) 313 | 238|242 139 6.0 198 100 4.0 022 0.25 0.26 | 025 0.27 0.26
CCH2 (capacity: 6,100 m?) 314 | 314|225 130 6.1 (181 95 43 020 0.23 021023 023 020
CCH3 (capacity: 20,000 m?) 315 196 | 238 135 55|194 96 36 020 022 025|024 026 0.24
CCH4 (with AC)(capacity: 7,100 m?3) 316 | 192|239 140 6.6 |199 104 46| 020 021 0.18 | 023 0.21 0.16
CCH4 (without AC) 317 255 (241 139 6.2 199 102 42022 022 021|025 024 0.20
CCHS5 (capacity: 17,000 m?) 323 232|243 138 58199 99 38021 022 020|023 023 0.20
CCHB6 (1F front)(capacity: 17,000 m3) 324 | 177|236 135 6.1 |194 100 4.2 | 019 021 021|024 023 020
CCH6 (2F side) 325 174|234 132 57193 96 37 018 019 0.18 | 022 0.21 0.16
CCH6 (3F) 326 | 169|236 137 6.2 194 101 43| 020 025 025|026 026 024
Lecture room (with flatter echo) 201 136|227 128 51183 89 28019 0.17 0.09 | 018 0.13 0.05
Theater hall (capacity: 3,900 m?) 318 085|211 116 49168 82 35019 022 022|022 023 0.23
Meeting room (capacity: 130 m3) 401 0.62 | 206 117 49 |165 83 29014 0.13 0.07 | 014 0.10 0.05
Lecture room (capacity: 400 m?) 402 112 (221 126 50)|17.7 87 30 018 0.17 0.10|0.17 0.14 0.07
Lecture room (capacity: 2,400 m?3) 403 | 109|221 125 53178 89 32 018 0.16 0.11]|0.17 0.14 0.08
GSH (capacity: 11,000 m?3) 404 154|235 134 591|191 97 39020 019 015|021 0.18 0.14
Church1 (capacity: 1,200 m3) 405 071209 115 57 |164 82 34017 018 0.16 |0.18 0.17 0.15
Church2 (capacity: 3,200 m?) 406 | 130 | 226 127 54182 91 37 023 025 024|024 025 0.24
Event hall1 (capacity: 28,000 m?3) 407 303|242 134 54195 95 34019 0.17 016|022 019 0.16
Event hall2 (capacity: 41,000 m?3) 408 3.62 | 240 135 54195 94 34019 018 0.16 | 0.20 0.19 0.15
Gym1 (capacity: 12,000 m?) 409 282|240 134 53196 94 331|019 021 023|024 024 0.23
Gym2 (capacity: 29,000 m?) 410 | 170 | 235 134 6.0 191 99 42 020 021 020|025 023 0.20
Living room (wooden)(capacity: 110 m3) | 411 | 036 | 195 109 48 |154 7.8 32| 011 010 0.07 | 012 0.09 0.06
Movie theater (capacity: 560 m?) 412 038|195 106 44 |153 73 28012 013 0.11 012 0.12 0.10
Antrum (capacity: 4,000 m?) 413 | 157 | 340 125 44 184 84 25020 021 024|022 024 024
Tunnel (capacity: 5,900 m?) 414 272|240 135 43195 93 33018 0.18 0.19 |0.20 0.20 0.19
Concourse in train station 415 195|239 141 6.8 |199 107 48| 021 0.23 021|025 0.24 0.19
GSH2 (1F front) 416 153|232 131 58189 96 39 020 021 020|023 023 0.19
GSH2 (1F center) 417 | 149|233 135 59190 96 39 022 022 020|024 022 0.19
GSH2 (1F balcony) 418 140|231 135 6.3 |187 100 43 021 0.22 019|023 021 0.17

the same speech database and evaluation measure as used in
previous section. 43 room impulse responses (RIRs) h(t)s
from SMILE2004 [8] were used for reverberation, and 5
noises (noise of white, pink, babble, volvo, and F16) n(t)s
from NOISEX-92 [9] were used for additive noise. Three
types of SNRs were used as 0 dB, 10 dB, and 20 dB. Because
the reverberation time is different according to the h(¢). All
noisy reverberantsignals y(¢)s (10x3x43x5x3 = 193, 500)

were also used. The improvements in terms of Corr and SNR
in the noisy reverberant environments are shown in Table

1 (for two stationary noisy reverberant environments), and
Table 2 (for three nonstationary noisy reverberant environ-
ments). The values in the table are the average improvements
of all frequency band in each conditions. From the results, we
can see that most values showed positive in this results. This

proved that the proposed method can be used to improve the
temporal power envelope restoration from noisy reverberant
speech in many realistic noisy reverberant environments.

5. Conclusion

In this paper, we carried out simulations to evaluate our
proposed method in noisy reverberant environments (both ar-
tificial environments and realistic environments) to investi-
gate possibility of applying the proposed method. As the
results, we found that the proposed method can reasonably
restore the power envelope from both the artificial and realis-
tic noisy reverberant speech In the future, we will apply the
proposed method as pre-processing algorithm for ASR.
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Table 2: Improved SNR and improved correlation in realistic noisy reverberant environments (Babble,

Volvo, F16 noise

(nonstationary noise) and RIRs). The format of table is the same as Tablel.

[1]

(2]

(3]

[4]

IRdata | Tx Av. Improved SNR Av. Improved Corr
No. (s) babble volvo f16 babble volvo f16

0 10 20| 0 10 20 0 10 20 0 10 20 0 10 20 0 10 20
301 109 | 125 52 26|24 21 20|141 66 31| 011 018 022 (022 022 022|019 022 0.22
302 080|108 45 25|25 22 21|136 66 31| 003 013 018|019 019 019|017 020 0.19
303 144 | 137 56 24|22 18 17150 70 30| 015 019 023|023 023 023|022 024 023
304 104 | 123 50 24|21 18 117|141 56 29| 009 015 018 (019 019 018 |0.18 0.19 0.18
305 193|164 67 26|21 17 16160 74 31| 020 024 024|022 022 022|022 025 023
306 135|133 55 24|22 18 02150 70 30| 011 016 018|018 0.17 0.17 |020 0.20 0.19
307 142 | 139 53 18|14 09 08153 73 26| 008 0.07 0.04|002 002 002|015 011 0.04
308 154|145 58 20|16 11 09158 75 29| 011 0.09 0.05|003 0.03 022|016 012 0.05
319 147 | 140 56 23|20 16 15153 73 30| 013 012 011010 0.09 0.09 |019 017 011
321 216 | 169 73 28|23 19 18|161 79 34| 020 020 014 (011 011 0.10|020 0.18 0.13
309 235|165 68 26|21 17 16158 74 30| 021 024 025|025 025 025023 026 025
310 2341168 70 25|20 16 141|159 75 30| 020 021 019 (017 016 0.16 |022 021 0.18
311 235|166 70 28|23 19 17160 76 32| 022 024 023|022 021 021|023 024 022
312 239|170 74 32|28 23 22162 80 37| 023 026 025|024 023 023|024 026 024
313 238 167 70 27|22 18 117|160 77 32| 021 025 025|025 025 025|024 024 024
314 | 314|130 57 30|28 24 23|144 71 35| 011 017 021|021 020 020|019 022 021
315 196|161 64 23|19 15 14157 72 28| 019 024 026|024 023 023|022 025 025
316 192|168 73 32|27 22 20163 81 37| 021 022 017|014 013 013|020 0.20 0.16
317 255|166 70 28|23 19 17163 78 34| 020 023 020017 017 0.17 |022 0.22 0.19
323 232|166 66 24|20 16 14160 73 30| 019 021 020|019 019 019 | 021 0.21 020
324 177 1162 69 28|25 20 19|155 75 33| 020 023 021019 019 0.19 |021 0.22 0.20
325 174|159 64 23|19 15 14155 71 28| 018 0.20 018|015 0.14 0.14 | 019 0.19 0.16
326 169|159 69 30|26 22 21155 76 35| 020 024 024023 023 022|023 025 023
201 136|131 46 11|08 04 03146 66 20| 007 0.07 0.04|003 002 002015 0.12 0.05
318 085|112 45 21|21 17 116|133 60 26| 006 015 021|026 023 023|019 022 0.22
401 062 99 34 12|11 07 06131 61 20| -007 -0.02 0.02|003 003 0.03]|010 0.08 0.05
402 112 | 123 44 15|12 08 07142 63 22| 005 0.06 0.06|004 004 004|014 012 0.05
403 109|121 44 17|01 11 10141 63 24| 004 0.06 0.07 006 006 006|014 012 0.08
404 154 | 145 60 24|19 15 14 |155 75 30| 014 015 014|013 012 0.12 | 019 017 0.14
405 071|101 40 19|19 15 15|131 6.1 26| -002 008 014|015 015 015|014 0.16 0.15
406 130|133 54 24|22 17 116|146 68 29| 013 019 023|023 024 024|021 024 024
407 3031163 63 21|16 12 111|159 70 26| 015 014 014|013 013 013|020 0.18 0.16
408 362|164 64 21|17 13 112|159 71 26| 015 014 014|014 013 0.13 |0.20 019 0.16
409 282|162 61 20|15 11 11158 71 25| 018 020 0.22)]022 022 022|022 023 023
410 170 | 158 66 28|23 20 19|155 75 32| 019 021 020 (019 018 0.18 |0.21 0.21 0.9
411 036 | 97 37 17|17 14 13|121 56 23| -004 002 0.05]|006 005 0.05]0.08 008 0.06
412 03892 31 15|17 14 113|117 50 22| -003 0.02 0.07|009 009 009|009 011 0.09
413 157|141 49 13|10 07 06148 60 18| 014 018 021|022 021 021|021 022 024
414 2721162 62 21|16 12 12|160 71 26| 015 016 0.17 (016 0.16 0.16 | 020 0.20 0.20
415 195|170 76 34|29 24 23164 83 39| 021 023 020018 018 0.17 |022 0.22 0.18
416 153|141 56 24|21 18 16153 71 30| 015 017 019|019 018 0.18 | 020 0.21 0.19
417 149 | 139 57 24,20 17 161|154 72 31| 014 017 018 (018 0.18 0.18 | 020 0.20 0.18
418 140 | 138 59 28|25 22 21153 75 33| 012 015 0.16|016 015 0.15|020 0.19 0.17
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