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Abstract—Comparing of the full speech transmission index method and full formant-modulation method
of speech intelligibility measurement has been made. The methods were compared according to the
accuracy of the measurements under the conditions of noise interference. The dependences of the STI
estimates errors on the signal-to-noise ratio and on the duration of the test signals were obtained by
means of computer simulation. It is shown that the accuracy of speech transmission index estimates is
practically the same for both methods. In particular, it is shown that the use of test signals with a
duration of 4 s is minimally acceptable and provides an estimation error of 0.03. Using 8 s and 16 s test
signals reduces the speech transmission index estimation error to 0.02 and 0.01, respectively, for a wide
signal-to-noise ratio range from minus 28 dB to plus 28 dB. The obtained results are close to those for

the case of the joint action of noise and reverberation.

Index Terms—Speech transmission index; measurement method; formant-modulation method; bias;

standard deviation.
I. INTRODUCTION

Since noise interference is always present in flight
control and navigation centres, one of the important
hardware and software components of flight control
and navigation systems should be a system for
evaluating the intelligibility of speech masked by
noise interference. The presence of such a system
will allow not only to assess the quality of the
acoustic characteristics of control centres, but also to
provide recommendations for improving these
characteristics.

In addition, measurement and prediction of
speech intelligibility in speech information
transmission channels is necessary when testing
communication lines and during acoustic
examination of premises [1], [2], [3], [4]. The
modulation method for evaluating speech
intelligibility [3] is the most common today due to its
versatility. Unlike the formant method [1], the
modulation method allows taking into account not
only the effect of noise, but also the effect of
reverberation on speech intelligibility. The formant-
modulation (FM) method proposed in [5] is also
universal, as it is a type of modulation method. The
advantage of the FM method is the possibility of
calculating both the speech transmission index (STI)
index and the articulation index (AI). Note that the
FM method got its name precisely because of the
ability to calculate both STI and the Al.

The disadvantage of the FULL STI [6] method is
the long duration of the measurement procedure.
Therefore, simplified “fast” methods STIPA and
STITEL are used in practice instead of the FULL STI
method [6]. The FM method also exists in full
(FULL FM) and fast versions. However, the cost of
using fast methods is a decrease in the accuracy of
STI estimation [7]. Taking into account this fact, the
possibility of performing STI measurement using the
FULL STI method has been realized in some modern
measurement systems [8].

When measuring STI by the FULL STI method,
the duration of the test signal is chosen to be close to
10-15 seconds [6]. However, it is very difficult to
find a justification for such a choice in the literary
sources in the form of the dependence of the STI
measurement error on the duration 7' of the test
signals. For the FULL FM method, such
dependencies are also unknown. In addition, the
ratio of STI estimation errors by FULL STI and
FULL FM methods is unknown. The objective of
this paper is to eliminate these shortcomings.

II. PROBLEM STATEMENT

A. FULL STI Method

Before STI measurements by the FULL STI
method, 14 test signals are generated
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x, () =&V £(), (1) =1+sin2nFt, i=1,14, (1)

F, =0.63,0.8,1,1.25,1.6,2,2.5,3.15,...
...4,5,6.3,8,10, 12.5 Hz,
E(r) is a stationary noise with speech spectrum,

F is a modulation

1

f:(¢) is a modulation function,
frequency. In  speech  transmission
measurements, the signals x;(¢) are alternately
emitted by a sound source located at the point where
the speaker is usually located.

At the point where the listener is located, a signal
v, (t) =x,(t)+n(t), n(?) is the noise interference, is

index

formed for everyone x,(f) with a certain signal-to-

noise ratio (SNR). The signals y,(¢) are then filtered
by a seven parallel-connected octave filters, resulting

in a set of 98 signals y, ,(¢), k= 1,_7, i=1,14.
The speech transmission index is calculated as

; 6
STI = Zak -MTI, - ZBk YMTL-MTL,,, (2)
k=1 k=1

in  kth
are the weight

1S a modulation transfer index

and 3,

MTI,

frequency band, o,
coefficients [6].
Values MTI, are calculated as

1 14
MTI, = ﬁZTI,”., (3)
i=1

SNR ., +15

30
0, SNR,, <-I5, (4)

I, SNR,,,>15,

, —I15<SNR <15,

eff k,i

TI, , =

ki

SNR iy = 101glin#’ (5)
i

_214,(F)|

IT 2 —j2nF,;
m, . = , A (F)=— (e "™"dt, (6
ki | [k,i(o)l k,z( z) T.([yk,l() ( )

TI,, is a transfer index, SNR ;,, is an effective

signal-to-noise ratio, |-| is a module symbol, ~ is an
estimate symbol.

B.  FULL FM Method

The algorithm of the FULL FM method differs
from the above algorithm of the FULL STI method
only in calculation of modulation transmission index
as

E S sop <us,
30
MTI, =40, E, <-15, 7
1, E, =215,
1 14
E, ZﬁZSNReffk,i 3

i=1

C. Comparison of FULL STI and FULL FM
methods

It can be seen that the difference between the
FULL FM method and the FULL STI method is the
interchange of linear and non-linear operations.

Indeed, in the FULL STI method, the SNR ;.

values are first subjected to a nonlinear
transformation according to (4), and then averaged
according to (3). In the FULL FM method, the

opposite is done: the SNR ;,, values are first

averaged according to (8), and then subjected to a
nonlinear transformation according to (7).

The usefulness of the change in the operations
order lies in the ability to calculate not only the STI,
but also the Al [1]

A=Y p,-P(E,), )

k=1

P, 1s the probability of formants presence in the kth
frequency band, P, (E,) is the perception coefficient,
E,=10IgD,/D,, is the signal-to-noise ratio in the
kth frequency band, D, and D, are signal and noise
variances, respectively, in the kth frequency band.

Given the piecewise linear nature of (4) and (7)
dependencies, it can be expected that in a certain

neighborhood of SNR ;. = 0 dB, the average

values and variances of STI estimates obtained by
full modulation and full FM methods will be close.
However, outside this range, the differences can be
significant. Since this issue has not been investigated
to date, the objective of this paper is to fill this gap.

III. SET UP OF THE STUDY

The research was carried out by means of
computer simulation. Signals y,(¢) =x,(?)+n(?),
n(t) is stationary pink noise, were generated with a
sampling frequency of 22050 Hz. During each
calculation session, the duration 7 of the signals was
varied to 4, 8, 16, 32, and 64 seconds, and the SNR
was varied from minus 28 dB to plus 28 dB in 4 dB
increments. For each combination of SNR and T
parameters, 30 STI estimates were calculated, which
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made it possible to estimate the expectation and
standard deviation of STI estimates with sufficient for
practical applications accuracy. The signals y,(f) were
filtered by a seven parallel-connected bandpss octave
filters with center frequencies of 125, 250, 500, 1000,
2000, 4000, 8000 Hz and a transmission coefficient
outside the passband of minus 60 dB.

The software proposed in [5] was used for STI
calculations by the FULL FM method. This software
has been modified to calculate STI by the FULL STI
method. Calculations were performed in the Matlab
R2022a.

IV. RESULTS OF THE STUDY

A. FULL STI Method

The results of estimating the expectation, bias and
standard deviation of the STI estimates for the FULL
STI method are shown in Fig. 1.
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Fig. 1. FULL STI method: estimates of expectation (a),
bias (b) and standard deviation (c)

Expectation estimates (Fig. 1a) indicate the
presence of a bias of STI estimates, which decreases
with increasing duration 7. To obtain quantitative
values of the bias magnitude, the predictive STI
estimate for the case of noise interference obtained
using (2), (7) and (8) was used as a benchmark.

As can be seen in Fig. 1b, the STI estimate
obtained by the FULL STI method is some shifted
towards higher values at SNR <—15 dB. At SNR > —

15 dB, the STI estimate is also somewhat biased, but
the magnitude of the bias decreases with increasing
SNR. For T = 16 s, the value of the bias does not
exceed 0.01 in the range of SNR values from minus
28 dB to plus 28 dB.

The standard deviation of the STI estimate
(Fig. 1c) has a maximum in the range of SNR values
from minus 20 dB to minus 10 dB and decreases to
very small values as the SNR approaches 28 dB.

A slight decrease in the standard deviation of the
STI score also occurs as the SNR approaches minus
28 dB. For T = 165, the value of the standard
deviation does not exceed 0.003 in the range of SNR
values from minus 28 dB to plus 28 dB.

B. FULL FM Method

The results of estimating the expectation, bias and
standard deviation of the STI estimates for the FULL
FM method are shown in Fig. 2.
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As can be seen in Figs.2a and 2b, the STI
estimate obtained by the FULL FM method is
noticeably biased towards higher values at SNR<—15
dB. At SNR > —15 dB, the STI estimate is also
slightly biased, but the magnitude of the bias
decreases with increasing 7 and SNR. For 7' = 16 s,
the value of the bias does not exceed 0.006 in the
range of SNR values from minus 28 dB to plus 28 dB.

The standard deviation of the STI estimate
(Fig. 2¢) has a maximum in the range of SNR values
from minus 20 dB to minus 8 dB and decreases to
very small values as the SNR approaches 28 dB. A
slight decrease in the standard deviation of the STI
score also occurs as the SNR approaches minus
28 dB. For T = 165, the value of the standard
deviation does not exceed 0.004 in a wide range of
SNR values from minus 28 dB to plus 28 dB.

C. Comparison of the Methods

The above results indicate a significant similarity
in the accuracy of STI measurements between FULL
STI and FULL FM methods. In order to compare
more clearly the STI estimates for these methods, the
difference in the expectation estimates was calculated

(10)

STIpv and STL.a are average values of STI
estimates obtained by FULL FM and FULL STI
methods, respectively (Fig. 3a).

In addition, the ratio of the estimated standard
deviations was calculated

AFM,mdl = ﬁFM _ﬁmdl,

Apstar = STl /mwﬂ > (11)
6STIew and  oSTL., are estimates of the
corresponding standard deviations (Fig. 3b).

Shown in Fig. 3a results mean that at 7= 16 s the
difference in the average values of STI estimates
does not exceed 0.005 in a wide range of SNR values
from minus 28 dB to plus 28 dB. Shown in Fig. 3b
results of calculations according to (11) mean that the

standard deviations of the estimates also differ little
because their ratio is close to 1. A graph in Fig. 3¢
shows the dependence of the averaged, over the SNR
interval from minus 20 dB to plus 20 dB, values of
the ratio (11) on the duration 7 of the test signals (1).
It can be seen that the standard deviations of the STI
estimates for the FULL FM method are only 10-30%
higher than those for the FULL STI method.

V. DISCUSSION

Some obtained results for 7=4 s, T= 8 s and
T=16 s are summarized in the Table I, where A is
the maximum bias within the interval -
28 dB <SNR <28 dB, X is the maximum standard

deviation, Q=vA’+X* is the maximum total
measurement error.
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TABLE L. ERRORS FOR NOISE DISTURBANCE The obtained results are close to those for the case
Method TG | A 5 o) of the Jom‘F action of noise and reverbergtlon. N
2 Test signals duration 7 = 4 s is minimally
FULL STI 4 10033 | 0005 | 0.03 acceptable and provides an estimation error of 0.03.
8 10020 10003 | 0.020 The use of test signals durations of 8 s and 16 s
16 | 0010 | 0.003 | 0.011 allows reducing the STI estimation error to 0.02 and
4 0027 [ 0.006 | 0.028 ng :
FULL FM s 10002 10004 10018 0.01, respectlvely._ _ . . .
16 10006 10004 10007 In the future, it is appropriate to investigate the

Since the value of just noticeable difference
(JND) for STI is 0.03 [8], it can be seen from the
Table 1 that this requirement is practically satisfied
even at T=4s, where the maximum total error of
STI estimation is close to 0.03 for both methods. At
T =8 s and T=16s, the maximum total STI
estimation error for both methods is close to 0.02 and
0.01, respectively.

Similar results were obtained in [10] for the case
of the combined action of noise and reverberation. In
this case, the model of the signal to be analyzed has
the form y,(¢) =x,(t) ®h(t)+n(t), h(t) is the room
impulse response (RIR), ® is the convolution
symbol. The record of the RIR of a real university
auditorium with a volume of 370 m® and a
reverberation time of 0.8 s was borrowed from [11].

Some results from [10] for T=4 s, T= 8 s and
T=16s are shown in the Table II. However, it is
noted in [10] that the case of the combined action of
noise and reverberation is verified for the situation
when the reverberation time in the room does not
exceed 1 s. The case of a longer reverberation time
requires additional verification.

TABLEIL. ERRORS FOR NOISE AND REVERBERATION [10]

Method TGs) | A ) Q

4 0032 |0.004 |0.032
FULL STI 8 | 0016 |0004 |0016

16 | 0.007 | 0.003 | 0.008

4 |0.022 |0.007 |0.023
FULL FM 0.011 | 0.006 | 0.013

16 | 0.004 | 0.004 | 0.006

Note that the results from Tables I and II are in
good agreement with [6] where it is specified that the
FULL STI estimation error be close to 0.02 for a test
signal duration of 10 s.

VI. CONCLUSION

The FULL STI and FULL FM methods provide
almost the same STI measurement accuracy in the
range of SNR from minus 28 dB to plus 28 dB and in
the range of test signals duration from 4 s to 64 s.

influence of the shape of the long-term speech
spectrum on the results of STI assessment [12], [13].
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A. M. IIpoaeyc, O. O. ABopuux, A. C. Haiina, O. Il. I'pebinb. IlopiBHSIHHSI ABOX MeTOAiB BUMipHOBAHHSA
Po30ipJaMBOCTi MOBJIEHHS

BukoHaHO 3iCTaBJEHHS IOBHOTO METOJAY BHMMIPIOBAaHHS IHAEKCY Iiepeiadi MOBJECHHS Ta MOBHOTO (POPMaHTHO-
MOAYJISIIIITHOTO METOAY BUMIpIOBaHHS PO30ipIMBOCTI MOBJICHHs. MeTOAM OPiBHIOBAINCS 32 TOYHICTIO BUMIPIOBaHb B
yMoOBax Aii 1ryMoBoi 3aBaan. 3aJeXHOCTI MOXMOOK OIIHOK 1HAEKCY Iepenadi MOBJICHHS BiJl BIIHOLICHHS CUTHAJ/IIYyM
Ta TPUBAJIOCTI TECTOBMX CHUTHAIIIB OTPUMAHO 32 JIOIIOMOIOI0 KOMIT' IOTEpHOT0 MojeioBanHs. [loka3aHo, 0 TOYHICTH
OIIIHOK 1HJEKCY TIiepenadi MOBJICHHA € TMPaKTUIHO OJHAKOBOIO JUIsi 000X METOMIB. 30Kpema, ITOKa3aHo, IIo
BUKOPHCTAaHHS TECTOBHX CUTHAJIIB TPUBAIICTIO 4 C € MiHIMaJIBHO NPHUITYyCTUMUM W 3a0e3neuye nmoxubky ouinku 0,03.
BukopucranHsi TeCTOBUX CUTHaliB TpuBajiicTio 8§ 1 16 ¢ 103BOJS€ 3MEHIIMTH NMOXMOKY OLIHKHM IHJEKCY mHepenayi
mosienas g0 0,02 ta 0,01, BignoBimgHO, IS MIUPOKOTO JTiala30Hy BiTHOIICHHS CUTHAJ/IIYM Bix MiHyc 28 nb mo 1utoc
28 nb. OTpuMaHi pe3yabTaTh € OJU3BKUMH 10 TAKUX JJIs BUTIAAKY CITIIBLHOIL Iil mrymy i peBepOepartii.

KarouoBi cioBa: iHzexc mepenadi MOBJIEHHS; METOJ BHMIpPIOBAaHHS; (POPMAHTHO-MOIYJISLIMHUI METOX; 3MILCHHS;
CTaHJAPTHE BiJAXUIICHHS.
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