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ABSTRACT In this paper, direct and indirect methods of speech transmission index (STI) estimation are
compared. Two versions of the indirect method of the STI estimating are considered. In the first version of the
indirect method, a pair of signals is used as a test signal. It is a Maximum Length Sequence (MLS) signal with a
uniform spectrum and a noise signal with a speech spectrum. In the second version of the indirect method, the test
signal is an MLS signal with a speech spectrum. The comparison is carried out by means of computer modeling and
by carrying out a field experiment in a medium sized university auditorium. Both versions of the indirect method use
the same basic computer programs for STI calculating. It is shown that for the second version of the indirect method,
the average values of the STI estimates differ from ones for the direct method by no more than 0.06 for signal-to-
noise ratios from minus 20 dB to plus 20 dB. For the first version of the indirect method, this difference is

significantly larger and reaches 0.24.
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I. INTRODUCTION
he assessment of speech intelligibility in premises and
communication lines is an important task, as it allows
identifying deficiencies in the acoustic characteristics of the

objects being tested and to develop reasonable
recommendations for correcting these deficiencies.
The most common method for assessing speech

intelligibility is the modulation method [1], the important
advantage of which over the formant method [2] is the ability
to take into account the distortion of the speech signal not
only by noise, but also by reverberation.

In the full direct modulation method, the measure of
speech intelligibility is the STI [1]. In addition, there are a
number of so-called "rapid" full direct methods, such as
STIPA (STI for Public Address systems), STITEL (STI by
Telecommunication) [1]. The disadvantage of the full direct
method is the need to use 98 test signals, each of which has a
duration of at least 10 seconds, as a result of which the
duration of STI measurements is close to 15 minutes with an
estimation error of 0.02 [1]. Rapid methods, where only one
test signal is used, can reduce the duration of STI
measurements to 10-15 seconds.

STI can also be calculated using an indirect method. The
indirect method of STI measurements, based on the
preliminary assessment of the room impulse response and the
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use of the Schroeder equation, is also more advantageous than
the direct method, since the duration of measurements is
significantly reduced [1]. However, there is no information
regarding the accuracy of STI measurements by the indirect
method in [1], and there is no discussion of an alternative
version of the indirect method, when two test signals emitted
in series are used for measurements. The purpose of this
article is to find answers to these questions.

ll. STATE OF THE ART STUDIES

There are two possible ways of implementing the indirect

method of STI measurement using test MLS signals:

1) the use of MLS signal with a uniform spectrum and a
separate noisy test signal with speech spectrum (this
variant of the indirect STI measurement method will be
referred to as IN1);

2) the use of MLS signal with speech spectrum (this indirect
method will be referred to as IN2).

The ability to measure STI by an indirect method is
implemented in a number of commercial hardware and
software applications.

In the DIRAC system [3], [4] it is recommended to use the
IN2 method instead of the linear sweep or exponential sweep
signal. The AURORA software application [5] can use the
IN1 or IN2 method.
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The CLIO software [6] implements only the IN2 method.

The measuring instrument XL2 Audio and Acoustic
Analyzer [7], unlike the systems mentioned above, allows one
to measure STIPA by a direct method.

It is possible to indicate a set of studies [8], [9], [10], [11],
where the comparison of direct and indirect STI assessment
methods was carried out using the applications mentioned
above.

Note that the software scripts of all mentioned above
applications are not available to the end user, so comparison
of the accuracy of STI estimates obtained using these
applications appears to be incorrect. A research method where
the researcher does not completely control the algorithm and
the calculation program is difficult to consider correct.
Another shortcoming of the above studies is the absence of
information on the difference in indirect STI estimates
obtained using IN1 or IN2 methods. Moreover, in these
studies, it is not clearly indicated which variant of the indirect
method was used, IN1 or IN2.

To eliminate these shortcomings, a multicomponent test
signal and algorithms for its processing are proposed in [12].
A trial comparison of IN1 and IN2 methods with the direct
rapid formant-modulation (RFM) method was performed in
[12].

Il. PROBLEM STATEMENT

A general shortcoming of studies [8], [9], [10], [11] is the lack
of information about the type of implemented indirect
method, IN1 or IN2. As a result, there is no explicit
comparison of STI assessment results according to IN1 and
IN2 methods. In addition, the authors of these studies did not
have full control over the software scripts of commercial
hardware and software applications when evaluating STI.

A trial comparison of IN1 and IN2 methods performed by
means of computer simulation is realized in [12] using
author's computer programs. This comparison showed that
both indirect methods lead to underestimated STI values
compared to ones for the direct method. At the same time, it
turned out that the use of IN2 method leads to a smaller error
of the STI estimate, compared to the use of IN1 method. A
disadvantage of the studies carried out in [12] is the lack of
modeling of STI estimation for different values of the signal-
to-noise ratio (SNR). Another drawback is the use of
simplified model of speech distortion by noise and
reverberation, which does not take into account possible
nonlinear sound distortions in the room and in the sound
equipment.

The objective of the paper is to eliminate these
shortcomings by simulating the STI estimation procedure over
a wide range of SNR values, and by conducting field studies
estimating STI at different points in a real room.

ll. EXPERIMENTAL SETUP

A. TEST SIGNAL
A multicomponent test signal [12]

xtest (t) = xsil (t) (_B xMLS (t) @ xsil (t) @
@ xnspch (t) (-B xsil (t) @ xAMspch (t) @ 4 (1)

Dx,, (1)@ XMLS speh (1) D x,; (1)
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was used for the studies, X,,¢(f) is MLS signal with
uniform spectrum lasting 7, MLS = 6 s, Xy speh () is a segment

of Gaussian noise with speech spectrum lasting Espch =4,

X gp1 pe(£) is amplitude-modulated noise (1) with speech
spectrum lasting TAMSpch =16 s, XL speh () is MLS signal
with speech spectrum lasting Ty ¢o ., =24 s, x;(2) is

pause lasting 7, =2 s, @ is a symbol of concatenation of

individual signals and pauses into a single multi-component
test signal.

The structure of the test signal (3) is shown in Fig. 1, and
its form is shown in Fig. 2.

IN1
| \ direct IN2

MLS [ Nspch ] AMspcn ] L MLSspchn ]

Figure 1. The structure of a multicomponent test signal [12]

The advantage of the test signal is the ability to perform
STI measurements by different methods under the same
interference conditions. Components of the multicomponent
test signal are separated by 2-second pauses. This duration of
pauses is sufficient for STI measurements in classrooms and
offices, where the reverberation time usually does not exceed
1 s. Indeed, in this case, the pauses will be guaranteed to have
intervals lasting at least 1 s, where the effect of reverberation
is practically absent. The intervals are required for SNR
estimating.
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Level
o

-0.5

I I
0 10 20 30 40 50 60
Time (s)

Figure 2. Form of multicomponent test signal X, (f) [12]

The variances of all components of the test signal are the
same, which ensures further correct comparison of
measurement results.

B. DIRECT METHOD OF STI ESTIMATION
The RFM method was used as a direct method of STI

evaluating [13]. The test signal in this case has the form of an
amplitude-modulated random process

X 4M speh ()= f(t)\/ f5(@), 2)

5
f5(H)=1+0,32-> sin27zFy

i=1
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Sedln

F =iF,

m?

F =0,7 Hz,

where £(f) is a stationary random process with a speech
spectrum, f5(?) is the law of £(¢) variance modulation with

the basic modulation period Tm = 1/ Fm =1.43 s. Signal (2) is

the third part of the multicomponent test signal in Fig. 1.
The processing of the signal y(f) received by the

microphone is aimed at calculating the STT:

7 6
STI=Zak -MTI, _Zﬂk NMITI -MTI, , (3)
k=1 k=1

E_+15 1
MTI, =k3_0, E, :§;SNR4,,k,i,
; 6.25| 4 (F,
SNReﬂrkIZIOIg mk,l , mki — | k( 1)|’
o 1-m, ’ | 4,(0) |

1T 2 —j2nFt
Ak(E)—;lykme dt,

where MTI ¢ 1is modulation transfer index in the k th
frequency band, &, and ,Bk are weighting factors [1],
SNR,; , ; is effective signal-to-noise ratio expressed in dB, i

is modulation frequency number (I = 1,_5 ) Vi (¢) is filtered

signal () in the k th octave filter.

C. INDIRECT METHODS OF STI ESTIMATION
The basis of the indirect method is modulation transfer
function [1]

m,=m,,,, (F;) My oise =

]jh,f (t)exp(—j2xFt)dt @

_ _ . (1 1070 )’1 >
j B (¢)dt
) k

m,, (F) and m,, . i=114, k =1,_7 are modulation

transfer ratios of reverberation-distorted speech and
modulation transfer coefficient of noise-distorted speech,

respectively, 7, (¢) is the result of the filtering of RIR A(¢)

with the k th octave filter, F, is i th modulation frequency,

1

SNR, is SNR in the Kk th frequency band expressed in dB.

For IN1 method, a pair of signals emitted sequentially is
used as a test signal. They are the first (MLS signal with a
uniform spectrum) and the second (noise segment with a
speech spectrum) parts of the multicomponent test signal
shown in Fig. 1 and designed to estimate the modulation
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coefficients m, , () and m, ., respectively.

Another variant of the indirect STI measurement method,
recommended in [1], is IN2 method using a test signal in the
form of a MLS signal with speech spectrum. The MLS signal
is shown in Fig. 1 as the fourth part of the multicomponent
test signal.

Each of the variants of the indirect method has its own
characteristics. For example, an obvious advantage of IN1 is
the ability to perform calculations in strict accordance with
(4). The disadvantage is the need to use a test signal
consisting of two components. This drawback is absent in the
IN2 method, where the test signal is single-component.
However, the disadvantage of IN2 is the distortion of the
shape of the RIR A(¢) estimate, caused by the use of the

MLS signal with the speech spectrum, which raises the
question of the influence of the m, ., (E ) estimation error

on the STI assessment results.

Method IN1 is implemented according to (3)-(4), while
the MLS signal X, ¢(#) and stationary noise X, ., (f) with
the speech spectrum are used for STI calculations. The
maximum level of the side lobes of the autocorrelation
function of the signal X,,¢(¢) lasting L = 2'8 —1 samples
is minus 54 dB [12], which makes it possible to estimate the
RIR /() with high accuracy.

The IN2 method is also implemented according to (3)-(4),
while the MLS signal X, ¢ ., (f) with the speech spectrum

is used for STI calculations. The maximum side lobes level of
the autocorrelation function of the signal X, ., () lasting

L =2 —1 samples is minus 40 dB [12]. Although the level
of the side lobes is close to minus 45 dB at an interval of £2 s
in the vicinity of the maximum of the autocorrelation
function, the main lobe of the autocorrelation function is
extended and has a rather complex shape [12]. This means
that the RIR estimate in the IN2 variant is inferior to the IN1
variant in terms of accuracy.

D. MODEL STUDIES
Signal recordings y(#) distorted by reverberation and noise

were simulated in model studies
y(t)=x(t) ® h(t) +n(t), (5)

where A(t) is the RIR, n(¢) is noise, & is the convolution

symbol.

Two cases of interference were considered, namely, no
reverberation (T60 = 0 s) and reverberation present (T60 = 0.8
s). The pink noise 7n(¢f) model was used, as well as an

estimate of the left channel RIR /(#) of the fourth point of a
university auditorium in Aachen (Germany) was used [14].

E. FIELD STUDIES

Field studies were carried out in auditorium 209 of building
12 of the National Technical University of Ukraine “Ihor
Sikorsky Kyiv Polytechnic Institute” (Ukraine). The plan of
the room and the location of the artificial head with two
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measuring microphones attached to it are shown in Fig. 3.

The measuring complex consisted of an active speaker
Genius SP-HF 2.0 500 (Taiwan), a pair of measuring
condenser microphones Superlux ECM-999 (Taiwan), an
external sound card Steinberg UR242 (Germany-China) and a
notebook.

The signal-to-noise ratio during field studies was 10-20
dB. The sampling frequency of the signals recorded from the
microphone outputs was 44.1 kHz, with a bit depth of 24 bit.

@

®

©

@

@
=

Figure 3. The room plan and locations of the artificial head

IV. RESEARCH REZULTS

The results of computer simulation based on model (5) are
presented in Figs. 4-7. For each SNR value, 20 samples of the
test signal (1) were generated, the average STI values and the
corresponding 95% confidence intervals (vertical lines) were
estimated (Fig. 4).

T60=0s

direct

o
o

STl score
o
»

0.2

SNR (dB)

(a)

T60=0.8s

STl score

SNR (dB)
(b)
Figure 4. STI scores for noise (a) and noise plus
reverberation (b)

214

Graphs of differences

A, =STI,,~STI, .. A, =STI,,—STI, ..(6)

direct >

for average values of STI estimates are presented in Fig. 5.
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STl scores difference
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b

Figure 5. The difference in STI scores for noise (a) and noise
plus reverberation (b)

It is accepted that the permissible error of STI estimation
is the so-called just noticeable difference JND=0.03 [15].
Analyzing Fig. 4, it can be seen a somewhat strange behavior
of the graphs for the direct method. These graphs for <-15 dB
stabilize, not even reaching STI=0.05, although they should
approach zero. This fact can be explained by the bias of the
STI estimate, inherent in the direct RFM method at low SNR
and at a finite duration of the test signal (1) [13]. Estimates of
this bias dependence on the duration of the signal and the
SNR for the case of the exclusive effect of noise are shown in
Fig. 6.

The bias was calculated relative to the predicted STI score
obtained by the formant method [16], [17], [18]. The average
STI scores for 100 samples, as well as the predicted values of
STI are shown in Fig. 6a. The differences between averaged
scores and predicted STI values are shown in Fig. 6b.

As can be seen in Fig. 6b, the bias does not exceed 0.03 at
T > 32 s in a wide range of SNR values from minus 28 dB to

plus 20 dB. At 7' =16 s, the range of SNR values, at which
the bias does not exceed 0.03, starts with minus 15 dB.
Graphs of differences

8, = STl — STI 8, =STI,,, — STI

predict ° predict °

between averaged, over 20 samples, values of STI estimates
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obtained by indirect methods, and predictive estimates, is
presented in Fig. 7.

Pink noise, FM vs formant

1
0.8
206
Q
(5}
12}
%04
0.2
Predicted |
0
-30 -20 -10 0 10 20
SNR (dB)
(a)
0 Pink noise, FM vs formant
—T=4s
-==T=8s
***** T=16s
0.15 - --T=32s

T=64s

STl score differences
o

-30 -20 -10 0 10 20

Figure 6. Averaged and predicted STI scores (a) and
corresponding differences (b)

Comparison of IN1 and IN2 estimates with predictive
estimates (Fig. 6a and Fig. 7) allows obtaining not only more
accurate, but also more optimistic results at very small (less
than minus 10 dB) signal-to-noise ratios. For SNR>-10 dB,
the comparison of IN1 and IN2 estimates with the scores of
the direct RFM method leads to almost the same results as the
comparison with predictive estimates.

Pinkv noise, IN1&IN2 vs formant

St —1
---52
12
[0
(8]
$ -0.05 ]
[}
b=
©
o
o]
[$]
2 0.1
|_
(7]
-0.15

-20 -10 0 10 20
SNR (dB)

Figure 7. The difference between IN1, IN2 and predicted STI
scores

B. FIELD STUDIES

For each of the 6 points of the room (Fig. 3), five two-channel
recordings were obtained using a multicomponent test signal
(1). The results of the signals processing are presented in Fig.
8. The obtained results show that the STI estimates obtained
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by the IN2 method are little different from those for the direct
method, while the estimates of the IN1 method are noticeably

biased to a smaller value.
Graphs of differences (6) for the STI estimates averaged
over 5 samples are presented in Fig. 9.

Left channel

STl score

04
1 2 3 4 5 6
Point number
(a)
Right channel
09—
0.8
o
= 0.7
3
2}
%06

o
3}

04

1 2 3 4 5 6
Point number
(b)
Figure 8. STI scores in room for left (a) and right (b) channels
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@ \\ - T T T —a - -
g -0.05 o
©
o -0.1
o
3-0.15
5 02
-0.25
03k ‘ : : :
1 2 3 4 5 6
Point number
(b)
Figure 9. The difference in STI scores in room for left (a) and
right (b) channels
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As can be seen from the graphs, the difference does not
exceed 0.07 for the IN2 method, while for IN1 the difference
can reach 0.24.

Comparing the results of field and model experiments, one
can see that in the case of IN2 the results agree quite well and

the difference A2 did not exceed 0.06 in both cases. In the
case of IN1, such agreement is absent. Indeed, if in the model
experiment the difference Al did not exceed 0.13 (Fig. 5), in

the field experiment this difference was in the range of 0.14-
0.24 (Fig. 9). Such an increase in the difference can be
explained by the inconsistency of the simple model (5) with
the sound distortion in real room conditions.

V. DISCUSSION

In this paper, STI evaluation is performed by direct and
indirect methods in the Matlab environment using the
developed software, and a comparison of the obtained results
is made. The advantage of this approach is the controllability
of the software at the script level, which provides certain
guarantees regarding the correctness of the obtained results.
The obtained study results show that, unlike IN2, the IN1
method leads to significantly underestimated results (by 0.13
in the model experiment and by 0.14-0.24 in the field
experiment) compared to the direct method. The absence of an
error in STI calculations by indirect methods IN1 and IN2 can
be guaranteed by using the same software modules. This
means that the resulting difference in STI scores is not caused
by the difference in the software used, but by the difference in
the estimation methods.

It should be noted that if in model studies the
reverberation time was close to 0.8s, in the field experiment
the reverberation time was somewhat lower. The values of
T20 estimates of the reverberation time obtained for the room
in Fig. 3 according to the results of processing the MLS signal
and the MLS signal with the speech spectrum are shown in
Fig. 10.

Averaged over all room points and across both channels,
the value of T20 estimates for the MLS signal (used in IN1
method) is close to 0.6 s, while for the MLS signal with the
speech spectrum (used in IN2 method) T20 value is
significantly lower and close to 0.53 s. Since indoor speech
intelligibility decreases with increasing reverberation time,
these values of reverberation time estimates are in good
agreement with the results of the model and field experiment,
where lower intelligibility was obtained for IN1 method. This
agreement can be considered as another proof of the
correctness of the results obtained in this paper.

A similar agreement can also be seen when comparing the
results of STI evaluation obtained from model and field
studies. Indeed, during field studies, the integrated signal-to-
noise ratio was 10-20 dB, and for estimates of T20 = 0.53-0.6
s, STI values were obtained in the range of 0.7-0.75 (Fig. 8).
In model studies, the reverberation time was longer and close
to 0.8 s, while for signal-to-noise ratios of 10-20 dB, STI
estimates were smaller and were in the range of 0.5-0.6 (Fig.
4b).
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For meeting rooms and offices, the reverberation time is
usually shorter and close to 0.2-0.4 s, which is an intermediate
case between the absence of reverberation and the
reverberation time 0.8 s [14]. Therefore, the results presented
in this paper can easily be extended to these cases as well. As
for rooms with reverberation time T60>1 c, this case remains
unexplored.

The influence of the long-term average speech spectrum
(LTASS) shape on the STI measuring also remains
unexplored. A number of papers aimed at evaluating the
LTASS can be pointed [19], [20], [21]. It was noted in [19]
that for the task of evaluating speech intelligibility it would be
desirable to have a certain averaged speech spectrum,
although at the same time it is obvious that there is a
difference between the speech spectra of different languages
and dialects, as well as between the speech spectra of men and
women. It was proposed in [20] to use a new form of the
English men speech spectrum instead of the one proposed in
the standard [1]. Estimates of the spectrum of various
languages, including the spectrum of Ukrainian speech, were
obtained in [21]. At the same time, the influence of the shape
of the speech spectrum on STI estimates was not investigated
in the above-mentioned works. Thus, the specified direction
of research also seems to be promising.

It should be noted that the issue of speech intelligibility
assessment in classrooms is relevant and therefore has been
considered quite often recently [22], [23].

At the same time, the effectiveness of STI prediction [24],
as well as the effectiveness of STI assessment by analyzing
the form of speech signals [25], [26] remains insufficiently
studied.

Left channel
0.8
—MLS
-=-M h
07 [===NiBepon
06 X\R——X/X\X_——K
2 Yoo R Ao
Fosig-"T 4
x
04
0.3
1 2 3 4 5 6
Point number
(a)
Right channel
0.8 . .
—MLS |
= —==MLSspch|
0.7

=z LB
8 x”’ ‘*‘~\ —"u\\
Fos = <F
A
04
0.3
1 2 3 4 5 6
Point number
(b)
Figure 10. Reverberation time T20 estimates for left (a) and
right (b) channels
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VI. CONCLUSIONS

In this paper, a comparison of STI estimates obtained by the
direct and indirect method is made, while two variants of the
indirect method are considered. A rapid formant-modulation
method is used as a direct method of STI estimation. In the
first version of the indirect method, called IN1, the test signal
is a couple of MLS signal and a noise signal with a speech
spectrum, while in the second version, called IN2, the test
signal is single MLS signal with a speech spectrum. The
comparison of STI estimates is made using computer
simulation and by carrying out a field experiment. The same
basic algorithms and computer programs are used for STI
calculating in both variants of the indirect method. It is shown
that for IN2 the average values of STI estimates are close to
ones for the direct method and differ from them no more than
0.06 for SNR values from minus 20 dB to plus 20 dB. For IN1
method, this difference is significantly larger and can reach
0.24.
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