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Abstract

Speech transmission index (ST1) is one of the objective mea-
surements that assess speech transmission quality in the room
acoustics. This paper proposed a method for blindly esti-
mating STI based on the concept of the modulation trans-
fer function (MTF). In this method, STI can be estimated
from the estimated M TFs in the seven octave-bands, by using
our previous method for blindy estimating reverberation time
(RT). Simulations were carried out to evaluate the proposed
method, in realistic environments (SMILE2004 datasets). Re-
sults showed that the proposed method can effectively esti-
mate both RT and STI from these reverberant environments.

1. Introduction

Evaluations for speech transmission quality are required
for designing the desired room acoustics. Therefore, the ob-
jective indexes or measurements are needed for assessing the
speech quality and intelligibility. Thus, some indexes such
as the articulation index (Al) and the contribution degree of
early reflections have been used to assess speech transmission
quality. These indexes, however, cannot be used to assess
them in both reverberant and noisy environments. Speech
transmission index (STI) is the typical index that can assess
the speech transmission quality in these environments[1].

Currently, method for calculating the ST [ 2] has been stan-
dardized by |EC 60268-16 [3]. This method is based on the
concept of the modulation transfer function (MTF) that was
proposed by Houtgast and Steeneken [4]. This concept aims
to account for relationship between the transfer functionin an
enclosure in terms of input and output signal envelopes and
the characteristics of the enclosure such as reverberation. STI
is derived from the weighted summation of the MTFs in the
seven sub-bands (octave-bandwidths) of the room impulsere-
sponse (RIR) [5]. Therefore, measurement of the MTF is an
important key point to calculate the STI.

There are two methods for measuring the MTF [6]. One
is to measure the MTF from the RIR. Another is to directly
measure modulation distortions in the room acoustics using
100% AM-signals. However, these methods must be used in
actual measurements. Therefore, it is difficult to obtain the
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Figure 1: Theoretical curves presenting MTF, m(f,,), under
various conditionswith 7'z = 0.1, 0.3, 0.5, 1.0,and 2.0 s.

STI by using these methods in any sound environments in
which people cannot be excluded from these environments.
Previously, method of blindly estimating reverberation
time (RT) have been proposed by our research group [7] for
various signal processing. This method is based on the MTF
concept and thus estimates the RT from the observed signals
without measuring the RIRs. This paper aims to propose a
blind estimation of the STI using the same approach we used.

2. MTF concept

The MTF concept was proposed by Houtgast and
Steeneken to account for the relationship between modula-
tion index of the power envelope of input and output signals
and characteristics of theroom. Thisrelationshipis defined as
characteristics between the temporal power envel ope of input
and output signals. Thisis also defined as follows:

Input  I2(1 + cos(2m fmt))
Output 12 {1 + m(fy)cos(2mfm(t — 7))}

D
@)

where? and 12 represent the magnitude of the input and out-
put signals. Here, f,, represents the modulation frequency
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Table 1: Relationship between STI and speech quality.

STI 0.0~0.45 | 0.45~0.6 | 0.6 ~0.75 | 0.75~ 1.0
Quality Bad Fair Good Excellent

and 7 representstheinitial phase. m(f,,) represents modula-
tion index, that isthe MTF.

The observed reverberant signal, the original signal, and
the stochastic idealized RMR are assumed to correspond to
y(t), z(t), and h(t). Thesignal isalso assumed to compose of
temporal envelope, e(t), and noise carrier, ¢(t). By assuming
linear systems and the mutual independence between carriers,
in this definition, e (t) can be represented as

€2(t) = €2(t) * e} (). 3)
From Egs. (1) - (3), they are represented as follows:
ex(t) = e2(1+cos(2mfint)) 4
)
) = Z{l+m(fn)cosCafut)} ()

Here, the stochastic idealized RIR (Schroeder’'s RIR [6]),
h(t), is represented as follows:

h(t) = en(t)en(t) = aexp(—6.9t/Tr)cp(t) (6)
From these, the MTF is represented as follows:
(=1/2)
_18] - T \*
m(fm) = ‘E‘ = |1+ (27Tfm13'8) ‘| (7)

Where o and 3 are represented as v = [ h%(t)dt and 8 =
J5° B(t) exp(—jwnt)dt. Here T, is a parameter of RT.

Figure 1 showsthe MTF, m/(f,,), asafunction of T». The
MTF has characteristics of low-passfiltering as a function of
fm. Here, when T is0.5 s, m(f,,,) is0.402 at f,, = 10 Hz.
This means that the modulation index of the input is reduced
to be 0.402 due to reverberation.

3. Calculation of STI

Method for calculating the STI is standardized by IEC

60268-16[3]. Table 1 showsthe correspondence between the
STI and their quality to assess speech transmission quality in
the room acoustics. Figure 2 shows block diagram for calcu-
lating ST1. Calculation process of the STI can be summarized
as the following steps.
(i) Calculating MTFs in the seven octave-bands: MTFs,
my (F;), are measured in the seven octave-bands (the cen-
ter frequencies in these bands are from 125 Hz to 8 kHz,
k = 1,2,3,---,7). This has the fourteen modulation fre-
guencies (the center frequenciesin fourteen one-third octave-
bandsare from0.63 Hzto 12.5 Hz, i = 1,2,3,- - -, 14).
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#
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Figure 2: Block diagram for calculating STI.

(i) Calculating SNRs from the MTFs: SNRs, N (k, ), are
caculated fromMTF, my,(F;). Inthe case of Eq. (6), my(F;)
and N (k, i) are represented as follows:

T\ 2 (=1/2)
mi(F) = |1+ <2ﬂFi%> 1 (8)
N(k,i) = 10logygmk(Fi)/(1 —mg(Fi)) 9)

(iii) Calculating transmission indexes (Tls): Tls, T'(k, 1),
are calculated by normalizing the SNRs, N (k, ), asfollows:

A (L15 < N(k,i) <15)  (10)

1 (15 < N(k,7))
T(k, i) :{ N (ki) +15
0 (N(k,i) < —15)

(iv) Calculating modulation transmission indexes (M TIs):
MTIs, M (k), arecalculated by averaging Tls, T'(k, i), in each
octave-band as follows:

1 14
M(k) = o > T(k,i) (11)
=1

(v) Calculating STI: Finally, STI is calculated as the
weighted summation as follows.

7
STI=> W(k)M(k) (12)
k=1

Here, the contribution rates, W(k), are determined as
W (1) = 0.129, W(2) = 0.143, W(3) = W(4) = 0.114,
W (5) = 0.186, W (6) = 0.171,and W (7) = 0.143.

4. Blind estimation of STI

This section explainshow to blindly estimate the ST| based
on the MTF concept. Figure 3 shows block diagram for esti-
mating the STI from the observed reverberant signals.

First, the observed signal (reverberant signal) is decom-
posed into the seven sub-band components by using the
octave-band filterbank whose the center frequenciesare from
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Figure 3: Block diagram for blindly estimating STI.

125 Hz to 8 kHz (k = 1,2,3,---,7). Second, the MTF
in each octave-band is estimated from the corresponded ob-
served sub-band signal by using the blind RT-estimation
method [7]. Finally, the algorithm described in Sec. 3isused
to estimate the STI from the estimated MTFs.

In this section, we explain clearly an important key-
concept of the proposed method. Figure 4 shows relationship
between the modulation spectra of the input and output sig-
nals. The dashed curvein Fig. 4isthe MTF at Tz = 2.0.
The modulation spectrum of the input has a peak of 1 (or 0
dB) at the dominant modulation frequency of f,, = 5 Hz
Here, there are the three characteristics: (1) TheMTF at 0 Hz
is0 dB. (2) The original modulation spectrum at f,, = 5 Hz
isthe same as that at 0 Hz. (3) The entire modulation spec-
trum of the reverberant signal is reduced as the RT increases,
accordingtothe MTF.

These useful characteristics enabled us to model a strategy
for blindly estimating the RT from the observed signal. This
meant that a specific RT could be determined by compensat-
ing for the reduced modulation spectrum at a dominant f,,
(fm = 5 HzinFig. 4) based onthe MTF being 0 dB (1m(fn)
was restored to 1). Thus, we obtained

E,(0) = E,(0)

E.(0) = Eu(fa) (13)

B4 = B/(0){
where E,(f.) is the modulation spectrum of e2(¢) and
Ey(fm) isthat of e2(t). fa is the dominant modulation fre-
guency. Based on these equations, we obtained:

m(fa) = Ey(fd)/Ei(fd) = Ey(fd)/Ey(O)

Therefore, if the dominant modulation frequency, f 4, of the
observed signal can be detected, the reverberation time, 7',
and MTF, m( f,,), can be estimated by using Eq. (14).

(14)

5. Evaluation

We carried out evaluation simulations using the reverber-
ant signals to confirm whether it worked on blind estimates
based on our concept. We used the reverberant signalsthat are

Modulation spectrum (Input) Modulation spectrum (Output)

T

Normalized power [dB]
5
Normalized power [dB]

0 5 10 0 5 10
Modulation frequency [Hz] Modulation frequency [Hz]

Figure 4: Hints of estimating MTF

generated by convolving AM-noisesignal withrealistic RIRs.
Modulation frequency is5 Hz. Weused 43 RIRsin thesesim-
ulations, producedin SMILE2004 datasets[8]. Table 2 shows
the RIRs information in these simulations (MPH: Multi Pur-
pose Hall, CCH: Classic Concert Hall, GSH: General Speech
Hall, RB: Reflection Board, AB: Absorption Board, and AC:
Absorption Curtain).

Figure 5 shows the estimated STIs. Horizontal axis indi-
cates the directly calculated STIs from the RIRs and vertical
axisindicates the estimated ST1s using the proposed method.
The numerical valuesin Fig. 5 are corresponded to the ID
number of RIRs in Tab. 2. The dotted-line (diagonal line) in
Fig. 5 showsideal estimated value of the STI. Figure 6 shows
the estimated reverberation time. Horizontal axis indicates
the reverberation times described in Tab. 2. Vertical axisin-
dicates the corresponding estimated RT which are averaged
from the estimated RTs in the seven octave-bands using the
proposed method. The numerical valuesin Fig. 6 are corre-
sponded to the ID numbers of the RIRs in Tab. 2.

Figure 5 shows that most of the estimated STIs are located
on the ideal line and the others are almost close to the line.
This means that the proposed method can effectively esti-
mate the STI from the observed reverberant signals. On the
other hand, Figure 6 that the corresponding estimated 7' are
not located on the ideal line and the most of estimated T'rs
tend to be under-estimation. Our previous paper [7] reported
that the degree of approximation of the power envelopes of
RIRs may have affected the accuracy of estimating 7'z, s
pecialy in non-exponential decay of RIRs. Fortunately, this
trend of under-estimating does not greatly affect accuracy
of estimating the STI. It seems to be important for estimat-
ing the STI that the MTF represented in Eq. (7) should be
closeto the measured M TF. In both figures, RM S (root-mean-
squared) error, calculated from the differences between calcu-
lated and estimated values, F.,.s, is caculated and these are
small value in both estimating the STI and RT.

6. Conclusions

This paper proposed the method for blindly estimating the
STI, based on the MTF concept. We carried out the smula-
tions using AM signal and the RIRs in SMILE2004 to eval-
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Table 2: RIRs using simulations of estimating STI blindly

ID No.  Room condition RIRNo. TgI9
1 MRH 1 (with RB) 301 1.09
2 MPH 1 (without RB) 302 0.80
3 MPH 2 (with RB) 303 1.44
4 MPH 2 (without RB) 304 1.04
5 MPH 3 (with RB) 305 1.93
6 MPH 3 (without RB) 306 1.35
7 MPH 4 (with AB) 307 1.42
8 MPH 4 (without AB) 308 1.54
9 MPH 5 (14, 000 m3) 319 1.47
10 MPH 6 (19, 000 m?) 321 2.16
11 CCH 1 (5,600 m3) 309 2.35
12 CCH1(d=6m) 310 2.34
13 CCH1(d =11 m) 311 2.35
14 CCH 1(d = 15m) 312 2.39
15 CCH1(d=19m) 313 2.38
16 CCH 2 (6,100 m3) 314 1.14
17 CCH 3(20,000 m?) 315 1.96
18 CCH 4 (with AC) 316 1.92
19 CCH 4 (without AC) 317 2.55
20 CCH 5 (17,000 m3) 323 2.32
21 CCH 6 (1F front) 324 1.77
22 CCH 6 (2F side) 325 1.74
23 CCH 6 (3F) 326 1.69
24 Lecture room 201 1.36
25 Theater hall (3,900 m?) 318 0.85
26 Meeting room (130 m?) 401 0.62
27 L ecture room (400 m3) 402 1.12
28 Lecture room (2, 400 m3) 403 1.09
29 GSH (11,000 m?) 404 1.54
30 Church 1 (1,200 m3) 405 0.71
31 Church 2 (3,200 m?) 406 1.30
32 Event hall 1 (28,000 m?) 407 3.03
33 Event hall 2 (41,000 m?) 408 3.62
34 Gym 1 (12,000 m3) 409 2.82
35 Gym 2 (29, 000 m?) 410 1.70
36 Living room (110 m3) 411 0.36
37 Movie theater (560 m3) 412 0.38
38 Atrium (4, 000 m3) 413 1.57
39 Tunnel (5,900 m3) 414 2.72
40 Concourse in train station 415 1.95
41 GSH 2 (1F front) 416 1.53
42 GSH 2 (1F center) 417 1.49
43 GSH 2 (1F balcony) 418 1.40

uate the proposed method. Results showed that the proposed
method can effectively estimate the STIsaswell as RTsfrom
the reverberant signals.

In our future work, we will reconsider an optimal estima-
tion of the MTF and T’ and test their blind estimation in the
case of reverberant speech signals.
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