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INTERNATIONAL ELECTROTECHNICAL COMMISSION

SOUND SYSTEM EQUIPMENT -

Part 16: Objective rating of speech intelligibility
by speech transmission index

FOREWORD

1) The lEC (International Electrotechnical Commission) is a worldwide organization for standardizati mprising
all ngtional electrotechnical committees (IEC National Committees). The obJect { promote
interpational co-operation on all questions concerning standardization in the ele ields. To
this énd and in addition to other activities, the IEC publishes International 8taR . ration is
entrusted to technical committees; any IEC National Committee interested \ipn the j ith may
partigipate in this preparatory work. International, governmental and nop<goyer j b liaising
with IEC also participate in this preparation. The IEC collabo ates s10s i International
Orgahization for Standardization (ISO) in accordance with conditions k t betyveen the
two drganizations.

2) The formal decisions or agreements of the IEC on techmc rIy as posgible, an
interpational consensus of opinion on the relevant subjects bentation
from fall interested National Committees.

3) The documents produced have the form of recommend i i se and are published in|the form
of stpndards, technical specifications, te { are accepted by the |National
Commnittees in that sense.

4) In orfer to promote international unification, ndertake to apply IEC International
Stanglards transparently to the maximum 3 Sk their national and regional standafds. Any
diverpence between the IEC Standard ang \ng national or regional standard shall be clearly

indicgted in the latter
5) The |EC provides no markifig p ) e_ihdi approval and cannot be rendered responsibl¢ for any
equigment declared to be in sonfo
6) Attention is drawn to thg pessibih 9 S nts of this International Standard may be thg subject
of patent rights. The IEC shafl no y le for identifying any or all such patent rights.
International Stan S ¢ 3 been prepared by IEC technical committee 100:
Audio, video and p i i
This third e A\ replaces the second edition, published in 1998. Thjs third
edition gVisi

The teX

based on the following documents:

FDIS Report on voting
100/650/FDIS 100/677/RVD

Full information on the voting for the approval of this standard can be found in the report on
voting indicated in the above table.

This publication has been drafted in accordance with the ISO/IEC Directives, Part 2.
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The committee has decided that the contents of this publication will remain unchanged until
2005. At this date, the publication will be

* reconfirmed;

* withdrawn;

+ replaced by a revised edition, or
*+ amended.

A bilingual edition of this standard may be issued at a later date

@%
o
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SOUND SYSTEM EQUIPMENT -

Part 16: Objective rating of speech intelligibility
by speech transmission index

1 Scope

This part of IEC 60268 defines objective methods for rating the transmission quality of speech
with respect to intelligibility. The four methods, which are closely related, are referred to as
the “ST[I,” the “STITEL”, the “STIPA” and the “RASTI” methods (see Clayse Theynethods
are intgnded for rating speech transmission with or without sound syste

A surv

included,
togethe

The fol ument.
For dated references, only the edition cited applies. » edition
of the 1

ISO 48

~

S

ITU-T F

For the

3.1
speech
physica ibility
3.2
speech
index d
found i

ortions

3.3
speech transmission index for public address systems (STIPA)

index obtained by a condensed version of the STI method but still responsive to distortions
found in room acoustics including public address systems

3.4

room acoustics speech transmission index (RASTI)

index obtained by a condensed version of the STl method, to be used for screening
purposes and focused on direct communication between persons without making use of a
communication system. RASTI accounts for noise interference and distortions in the time
domain (echoes, reverberation)
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4 Description of the methods

4.1 General

The methods can be used to compare speech transmission quality at various positions and for
various conditions within the same listening space, in particular for assessing the effect of
changes in the acoustic properties. This includes effects from the presence of an audience or
of changes in any sound system [1]1).The methods are also able to predict the absolute rating
of the speech transmission quality with respect to intelligibility when comparing different
listening spaces under similar conditions or assessing a speech communication channel.
Annex A provides a more detailed description of the basis of the speech transmission index.

The defermination of the transmission quality of speech with respect to i teII| ibili based
on thel reduction of the modulation index m; of a test signal, speech
characteristics of a real talker, when sounded in a room or through 3 hannel.
The tept signal is transmitted by a sound source situated at . iop to a
microphone at any listener's position, where the modulation indeg
For thg sound source, the important characteristics are the phy: ivity, the
positiomp and the sound pressure level
The typical test signal consists of a noise carrier ectrum
and a ginusoidal intensity modulation with modul@ati
Input
1/F
]
e \\)\/
e - Time
;e
t) G Io(1+ mq cos 21 (¢ +1))
Modulation transfer function m (F)
021 i
0 . . . . . .
0 05 1 2 4 8 16
Modulation frequency F Hz
IEC 1572/03

NOTE m; and m, are the modulation indices of the input and the output signals, respectively. i. and fo are the

input and output intensities, the intensities being equal to the square of the sound pressure levels (pz).

Figure 1 — Modulation transfer function: input/output comparison

1) Figures in square brackets refer to the bibliography.
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The reduction in the modulation index is quantified by the modulation transfer function m(F)
which is determined by

m(F)="%
mi

and is interpreted in terms of an apparent signal-to-noise ratio (SNR), irrespective of the cause
of the reduction which can be reverberation, echoes, non-linear distortion components or
interfering noise, determined by

SNR,,, = 10|9(LF))

1 (E)
N

The vajues of the apparent signal-to-noise ratio are limited to the rangé . les less
than —15 dB are given the value of —15 dB and values greater than 15 ! e value
of 15 dB.

4.2 The STI method
4.2.1 General

The STl method, described in Annex A, is based/on S 9 on of the modulation
transfef function m(F) for 98 data points, obtained for 14 i requencies at one-third
octave [intervals ranging from 0,63 Hz bands
with ceptre frequencies ranging from

4.2.2 Precision of the STI method

ban-lim'tedom onpseudo-random noise, repetition of
S L idedtical results, even under conditions of|steady
»with a) Certain standard deviation. This dgpends,
iscreté measurements of the modulation {ransfer
he measuring time involved. Typically, the value
measuring time of 10 s for each m(F) apd with

ting noise (for example, a babble of voices), higher

Becauge the test signal /i
measufement does not
interfer
amongs$t other factors
functiop (usually 9

of the ;tandard [

stationary noise i

standafd deviatiops s 3s%ibly with a systematic error. This can be chegked by
carryin e he apsence of the test signal. This should result in a residual
STI val Mhn e tlmate of the standard deviation should be made by repeating
measu

4.2.3

Due to e test signals and the analysis, the types of distortion not accounted for

are freqquéney shifts’(such as those found with devices for preventing acoustic feedbgack and
with sipgl€” sideband radio transmissions), frequency multiplication (for example, analogue
tape recordings played at incorrect speed) and systems such as vocoders that encode speech
fragments (for example, linear predictive coding which might use code-book related synthesis
or the introduction of errors related to voiced/unvoiced speech fragments and pitch errors).

The method should not be used for transmission channels

a) which introduce frequency shifts or frequency multiplication, or
b) which include vocoders (i.e. linear predictive speech coder (LPC), code-excited linear
predictive coder (CELP), residually excited linear predictive coder (RELP), etc.).

Without specific corrections, the STI method is not a reliable prediction measure of the
intelligibility of speech for hearing-impaired listeners [17] or to the wearers of ear defenders.
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4.3 The STITEL method
4.3.1 General

A simplification can be applied to the test signal if the uncorrelated (speech-like) modulations
required for the correct interpretation of non-linear distortions, are omitted. This opens up the
possibility of modulating and parallel processing all seven frequency bands simultaneously,
thus reducing measuring time. The STITEL method, described in Annex B, employs this
simplification and takes 10 s to 15 s for a measurement.

4.3.2 Precision of the STITEL method
As with-the-STH-method{see 422} +resulsare-mean—valves—with-a-certath-otendard viation,
due to [the randomness of noise. The standard deviation depends on t iscrete
measutements of the modulation transfer function (typically seven f hethod)
and the measuring time involved. The standard deviation should b orming
repeat¢gd measurements, at least for a restricted number of conditio

4.3.3 Limitations of the STITEL method

The ST

a) whi

b) whi

c) whi

d) for ent. Over the range of| centre
freg e_octave-band early decay times and
sig itted atea shown in Figure 3;

e) haVing echoes strong ; the primary signal;

f) if the background i i € and/or marked peaks or troughs in the pctave-
bard spectrum;

g) if the backg ise isCimpulsive angd/or the space is not substantially free of discrete
echoes, particular c ose repetition frequency is an integral multiple of

ong

Ifc), d
used td

pOssibly apply, the STI method should be used insfead, or
d by the STITEL method.
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4.4 The STIPA method
4.41 General

A simplification can be applied to the test signal if the uncorrelated (speech-like) modulations,
required for the correct interpretation of non-linear distortions, are omitted. This opens up the
possibility of modulating and parallel processing of all frequency bands simultaneously, thus
reducing measuring time. For each frequency band the modulation transfer is determined
for two modulation frequencies. The STIPA method, described in Annex C, employs this
simplification and takes 10 s to 15 s for a measurement

4.4.2 Precision of the STIPA method

As with the STI method (see 4.2), results are mean values with a certai
due to |the randomness of noise. The standard deviation depends on iscrete
measu nd the
measuring time involved. The standard deviation should be estimatex i peated
measutements, at least for a restricted number of conditions.

standaxd depiation,

4.4.3 Limitations of the STIPA method
The ST|IPA method should not be used for public addtes

a) which introduce frequency shifts or
b) which include vocoders (i.e. LPC,

c) if tHe background noise is impulsive;

d) which introduce strong non-linear distortiqn co
If d) applies, or possibly. i c

b verify
the resplts obtained by the
4.5 The RAS@t
4.51 General
Another S|mpI|f|c i n ke applied is a reduction in the number of octave bands. This
is the gase wjth the R 7 described in Annex D, in which the analysis is reptricted
to only N gntre frequencies 500 Hz and 2 kHz, and to only four gnd five
modulation fre Q actively, in these bands. This implies that bandpass limiting and
backgrgt nQlsewith an irregular spectrum are not accounted for correctly, nor is the effect
of nondlinear_di iomNpcluded. The RASTI method can, however, be used as a scfeening

approa son-to-person communications in room acoustic applications. As with
the ST|l method, “sertain distortions, particularly those from reverberation, if smodth and
monotdnic,7are accounted for correctly [8].

4.5.2 Precision of the RASTI method

As with the STl method (see 4.2), results are mean values with a certain standard deviation,
due to the randomness of noise. The standard deviation depends upon the measuring time
involved, amongst other factors. The standard deviation should be estimated by performing
repeated measurements, at least for a restricted number of conditions. In practice, a
measuring time of 10 s is a useful compromise between speed and accuracy. Figure 2
illustrates the accuracy obtainable with a measuring time of that order.
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Megqsured RASTI index

1 1 1
0,4 0,6 0,8
Theoretical RASTI index

L |

-15 0

4.5.3

The a speech

transm cted to

cases

a) No

b) No

c) Ess iSsion (any amplitude compression or expansion limited to
1d Qf a sinusoidal signal giving the same sound pressure |evel at
the e test signal.

d) Ovegrall sy equency response between the octave bands centred on 125 Hz and
8 k j i the difference in transmission between any two adjacent|octave
ban

e) Bagkground noise is free of audible tones and of marked peaks or troughs in the pctave-
band epnr-frnm

f) Background noise is not impulsive and the space is substantially free of discrete echoes,
particularly flutter echoes whose repetition frequency is an integral multiple of one or more
of the modulation frequencies [2].

g) Reverberation time is not strongly frequency-dependent. Over the range of centre

frequencies 125 Hz to 8 kHz, the uniformities of the octave-band early decay times (first
5 dB) and signal-to-noise ratios should fall within the permitted area shown in Figure 3.

Background noise does not vary substantially with time.
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1,6
o 1,4
IS
g 1.2
3 § Acceptable area
>
< &
SE 10
w
0,8
7o 2 4 6 8

Aggregate deviation of the
signal-to-noise ration dB

lences of
hd 8 kHz

NOTE 1| The absolute aggregate deviation of the signal-to-noise ratio is th
the octaye-band signal-to-noise ratios in the five octave bands centred on 1

from thelarithmetic mean of the signal-to-noise ratios of the 500 Hz and se ratios
which exiceed +15 dB are set to +15 dB or —15 dB, respectively.

NOTE 2 ntred on
125 Hz, z octave
bands.

The ST e) are
not me

s necessary to use another methgd such
words in a carried phrase as phonetically

In casgs where conditions
as sub
balanc
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4.6 Methods of measurement

Any compression or non-linear amplitude or non-stationary frequency or temporal processing
should be bypassed before carrying out RASTI measurements, but it is essential to ensure
that any consequent effects on the sound pressure levels produced by the system under test
are compensated.

Generally, in a listening space, speech intelligibility depends upon the directivity of the
source; therefore, a mouth simulator having similar directivity characteristics to those of the
human head/mouth (see ITU-T Recommendation P.51) should be used for the highest
accuracy when assessing the intelligibility of unamplified talkers. When speech is relayed
through_a sound system. a simulator is not normally required unless a close talki r noise
ng microphone is involved.

4.6.1 Method of measurement using an acoustic
excitation signal via microphone input

a) Set opriate
midrophone at the normal speaking distance (measured thedipscircle for the artificial
mouth) and direct it in the normal speaking direction.

b) Setl the test signal level at the microphone pogi 3 h level
under normal operating conditions. The sound : t using

A-weighting and the level should be 60 dB i or test
lougispeaker (66 dB at 0,5 m).

c) Check that the test signal spectru
+1 (B over the range 88 Hz to 11,3

Adjust the equalization (if any) of the agtificia
satisfy this requiremen

d) Run the STI, equeric
noise” i

within
bands).
sary, to

e “with

4.6.2 iréct (electrical) injection of the test signal

a) Fol
inje
as

b) Set c 50 that an A-weighted sound pressure level, equal to the LAeq114
of t ystem ¥ linuous speech, is produced.

aCing step b) by step b) below, and select|ng the
s close as possible to the normal microphone irput, so
em as possible in the test.

4.6.3 Simutation of occupancy noise

The effect/of occupancy noise can be determined either

a) by manually entering noise data into the noise data table used by the measuring
equipment; or

b) by mixing an artificial or recorded noise signal of the correct spectral content and level
with the signal input to the analyser.

4.6.4 Measuring method using maximum length sequence (MLS) analysis equipment

The limitations given in 4.2.3 (STI), 4.3.3 (STITEL), 4.4.3 (STIPA) or 4.5.3 (RASTI) also apply
with this equipment.

NOTE If the MLS test signal is first passed through a linear filter of sufficient impulse-response duration to result
in an approximately Gaussian amplitude distribution (for example, the speech filter that is used when compensating
for noise (see 4.5.6b)) distortions, such as those due to slewing rate limitations in the amplifier, are correctly
treated as noise, rather than as a false echo. See also [4].
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a) Measurements may be made direct or by digital recordings of the test signals and the
system response (from the test microphone) for post-processing. If the system input is via
a close-talking microphone, the test signal should be applied from an artificial mouth (see
ITU-T Recommendation P.51). If the design of the microphone makes this physically
impracticable, a suitable transducer, such as a small, single-source, high-quality loud-
speaker (cone diameter not exceeding 100 mm), should be used and described with

the

results.

b) The test equipment should be set up to provide a sample length of at least 1 s, and the
speech-shaping filter should be used. For an STI test, the 1 dB bandwidths of both the
test signal (prior to the speech-shaped filter) and of the receiving section should be at
least 88 Hz to 11,3 kHz.

c) Sp

cific tuynes of moasurina gauinmaent mav rganirag thg imnasition_af othaor
HH A —ReasUHRg S —Ray—FequH R HRP HHO43 . -84

special

me

NOTE

4.6.5

This m

a) If
dis
the

b) If d
as

poS

(se

NOTE
3 dB hig

4.6.6

The m

estimafe of the stangd

4.6.7

It is im
results

As aru
frequer
Large

then ir

. e LN
bsuring conditions.

A\veraging and ripple-reduction techniques are not appropriate for this measut

Simulation of occupancy noise
hy be accomplished as follows.

€ same §

pasureme

cy. (ConstantOr slightly reducing values in a column indicate the presence of
eductions indicate that reverberation is the main effect. Values that first redu

pectral
gnal at

Fibution

brior to
5e ratio

ise level

so, an
Bsults.

of the

ulation
noise.
ce and

crease wilh modulalion Tfrequency Indicale the presence O periodic or

strong

reflections, which may produce an over-optimistic conclusion. It is recommended that if this
effect is detected, it should be reported with the results and an estimated correction applied.
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5 Methods of determining intelligibility

NOTE 1 In spoken tests, embedding the words in carrier phrases results in representative reverberation/echoes
during the presentation of the test words.

NOTE 2 See also [5].

5.1 Word tests

The limitations are given in ISO 4870. It should be noted that, because the method is based
on the perception of words by listeners, there are no limitations in respect of the
characteristics of the sound system or those of the environment. It is essential that the words
are embedded——a—carrter—phrase—r—case—ofuse—n—ecombinrattonr—with—termporat—disfortions
eration, echoes, automatic gain control).

5.2 Modified rhyme tests

ise the
pect of

The linjitations are similar to those given in ISO 4870. It sho
method is based on the perception of words by listeners, thete a
the chgracteristics of the sound system or those of the enw

5.3 $peech Intelligibility Index
NOTE The speech intelligibility index is also referred to a

The linfitations are given in [6].

5.4 Articulation loss of consonants

The ligitations are simjifa t i \ at the
measutement procedure (ot inch \A or with
respect to word tests , there
are no| limitations in of the

enviroriment.
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Annex A
(normative)

Speech transmission index (STI) and revised (STI;) methods

A.1  Background

A1.1 Envelope function and envelope spectrum
Connegted discourse can be considered as a sequence of the small gments,
called phonemes. Each phoneme is characterized by a specific freqdency (s .| Clarity

requires that the spectral differences of the phonemes are
differences can be typified by the envelope function within a ands.
Distortion of the speech signal, such as by noise or reverberati n of the
spectrdl differences between phonemes and this is reflected\in ‘a reduction\i uations
in the gnvelope function.

pectral

Intensity

Ik

\>terval of1s

250 Hz octave band

1 I I |
(B)

Refer "
8 1,0
b]

[&]
8
5 -10 | —0,3
©
>
ie]
O
S -20} 0,1
| |

| | | | |
0,2 04 08 16 32 6,3 12,5

One-third octave centre frequency Hz
IEC 1575/03

NOTE The spectrum is normalized with respect to the mean intensity /.

Figure A.1 — Envelope function (panel A) of a 10 s speech signal for the 250 Hz
octave band and corresponding envelope spectrum (panel B)
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Figure A.1 (panel A) shows the envelope function for the 250 Hz octave frequency band. The
shape of the envelope function is unique for a specific sequence of phonemes. The envelope
spectrum gives a more general description of the fluctuations of the envelope function and
results from a one-third octave-band analysis of the envelope function. Typically a 1 min
speech excerpt is analysed to reflect the spectral distribution of the envelope fluctuations
about the mean intensity so giving the modulation index as a function of modulation frequency
(see Figure A.1 (panel B)).

Comparison of the envelope spectra obtained direct from the speaker with corresponding
spectra obtained via a transmission path gives the reduction in fluctuations due to the path
and leads to the modulation transfer function or MTF, which represents the reduction factor of
the modulation index as a function of modulation frpqnpnr‘y

A.1.2 Modulation transfer function (MTF)

The rafionale underlying the application of the MTF concept to studi s has
been described elsewhere [3], [7], [8], [9]. The MTF quantifies b ions in

the mqdulations of the original material as a function of th y. The
modulations are defined by the intensity envelope of the sigha ' e intensity domain
that interfering noise or reverberation will affect only th C ion of a sinusoidal
modulgtion without changing its shape. Figure A.2 illuStrate i g octave-band gentred

on 250 Hz for two simple transmission systems, onIy (case A T =
2,5 s) gnd the other with only interfering noise (ca .

With re S 5 being
relative . ical case ef purely exponential reverberation, the MTF
can be ulation
frequer defined
by the ise, by
increaging the mean inten 8.Mm hior i i ies.

A1.3 Determining
The MTF of a s@ F 3l being
the defivation of H i duction factor from the comparison of the iptensity

moduldtions at t
respong

impulse
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NOTE an output signal (A or B) relative to th¢ original
signal cd S|dered (reverberatlon A, or noise interfefence, B)
lead to ¢
heoretical expression of the MTF
a) The & has thg advantage that the MTF can be determined under fully
realisti ition 5 Wple,/a live performance, but is only applicable for tgmporal
disfortio i
b) Thq i : e can/be used to determine the MTF and the effect of reverleration
or § i
NO not suitable where background noise, bandpass limiting and non-linear distortion
(soupd dlstnb jon systems) are significant since the average speech spectrum and level distributiof are not
reprgsented,in theste
c) Apgroepriate artificial test signals allow the determination of the modulation reduction factor

for each modulation frequency and measurements are performed for octave-band centre
frequencies typically from 125 Hz to 8 kHz. For a determination representative of the
signal-to-noise ratio, the mean intensity of the test signal should be equivalent to
of the test signal is adjusted to the

the normal speech Ievel at the test position, i.e. the Ly

typical Lg of on-going speech in that position.
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A.2 The STl method

A.2.1 General

The speech transmission index (STI) is an objective measure, based on the weighted
contribution of a number of frequency bands within the frequency range of speech signals, the
contributions being set by the effective signal-to-noise ratio. Its description and the octave-
band weighting factors are given in [11]. By proper choice of the form of test signal, this
effective signal-to-noise ratio can include and allow for distortions in the time domain and
non-linearities as well as background noise, etc.

Distortiopminthe-time—domain<{reverberation; 3 rttome
the flugtuating speech signal and reduce intelligibility. This is m
by detgrmining the modulation transfer function for the range of releva
in the| envelope of natural speech signals. The relevant range
frequencies extends from 0,63 Hz to 12,5 Hz in 14 one-third ogtawve
illustrales, diagrammatically, a measuring arrangement in whi
function, m(F), is determined separately for each modulation freguencyigce

fm

2 )
K1+ cos (21¥mt)} - [ A= A .
= 4= A
. AL /
I
Noise | |
(long-term Envelope | | hd-p Envelope
speech spectrum) modulation i
|
AN ) N
N/ X ! ANA >+

Channel
dervest detection
Controller >

lysis

9,

P2
ave-b\aﬁa\@/ 250 (500 | 1k 2k | 4k | 8k
Hz
}}\=0,}3~HV m
2 =\8>8 Hz

M,O Hz

f2=125Hz

f5=1,6Hz
f5=2,0Hz
f1=25Hz
78 =315 Hz

fo=4,0Hz

f10=5,0Hz
f11=63Hz

f12=8,0Hz
f13=10Hz

f14=12,5Hz|

Ik

IEC 1577/03

NOTE The modulation transfer function (m) is determined for all cells of the matrix of seven octave bands and
14 modulation frequencies. Also, the octave intensity levels (I, equal to the square of the sound pressure levels)
are obtained for use in calculating the auditory spread of masking, and the absolute reception threshold.

Figure A.3 — The measurement system and frequencies for the STI method
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A.2.2 Non-linearity distortions

A speech signal that passes through a system with a non-linear transfer function (for example,
with peak clipping) acquires harmonic and intermodulation components in other frequency
bands. For this reason, the test signal should not be modulated with the same modulation
frequency simultaneously for all the octave bands, because, in that case, the distortion
components due to non-linearity cannot be distinguished from the modulated test signal in the
frequency band under consideration.

However, by modulating with uncorrelated signals all the other frequency bands except that
under test the distortion components appear as noise, reducing the effective signal-to-noise
ratio, just as with linear distortion (uneven frequency response).

A.2.3 Other auditory effects

Auditorfy masking (the reduction in aural sensitivity by a stronger, la
and the¢ absolute reception threshold are allowed for by modeHling\ap i is¢ terms
and ajding them in, thus reducing further the effective &i i i
modulgtion transfer function. For this, the signal levels in ege

be consgidered.

nds have to

NOTE The auditory masking depends on the signal level. See T4

NOTE The absolute reception threshold is defined by the absolute(thyeshold\of heaking and the minimalfrequired
dynamic|range for correct recognition of speech sounds. Q
ctave.bana-by

Figure |A.4 shows the effect of masking in\ofie o

lower gnd for an octave level between dBand. 65 4B . SPL,
Slope of masking
—35 dB/octave

e octave band immediately

e intensity
/
/
/
/
]

—— Iam, k (See A.2.3.a)

/4%
/
/
/
/
/
/

Octave band
IEC 1578/03

NOTE The slope of —35 dB per octave equates to an auditory masking factor (amf) of 0,000 316.

Figure A.4 — Auditory masking strength of
octave band (k — 1) on that above (k)
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a) Modelled in this way, the effect is independent of the band frequency but depends on the
absolute signal level [14]. The masking response is seen to be a straight line with a slope
depending on the signal level (see Table A.1). The corresponding auditory masking factor
(amf) is also given in Table A.1. This factor, applied to the intensity in one octave band,
gives the masking effect on the octave band immediately above, namely:

lamk = k-1 - amf

where

[ amts-the-rtensity-of-theaudio-masking-H-estave-band Kk

I,_4| is the intensity of the masking signal in band (k — 1).

b) Thg modelling of the absolute reception threshold is as the | asking
noige level within each octave band (/.4 ) and only applies i is the
operational, i.e. normal (listening) level (see Table A.2).

Table A.1 — Octave level specific sl
and corresponding auditory m}sking\

Octape level dB 46-55 56-65 63-\7:{ (7 76-\55\ . 86-95 195
Slope df masking —40 358 A-zéx\/ /5;0 \> _15 110
Auditorly masking 0,000100 0,000316 ,003162 0,0700 0,031622 0,1p0000
factor

Applyin

and k and modulation frequency f;
octave band k and modulation frequency |f then
SRt = 10lg—"*1dB
’ 1_mk’f
According"ta the STI concept, signal-to-noise ratios in the range —15dB to +15 0B are

linearly related to contributions to intelligibility in the range 0 to 1. Therefore the effective
signal-to-noise ratio is converted to a corresponding transmission index (71 ¢), specific for

octave

band k and frequency f, by the equation:

_ SNR ¢ * shift

Tlk
range

This makes 0 < 77y ¢ < 1,0 if shift is 15 dB and range 30 dB.

Figure A.5 shows this graphically.
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al-to-noise ratio a
5 dBuanda range of 30 dB

Finally, i € i index, STI,, which takes account of auditory
and the i g staiged by a weighted summation of the modulation
indices . g the corresponding redundancy corrections.

n=1

where

factors|ay represe e octave weighting factors;

B are {he,so-called redundancy correction factors.

hd

Hz are

asking
ransfer

This redundancy correction is related to the contribution of adjacent frequency bands.

A.2.4 Factors for male and female speech

The optimal weighting factors and redundancy factors for male and female speech are shown

in Table A.2 along with the threshold correction.


https://iecnorm.com/api/?name=e7a41c4a65a92a501bb4f601cd51ebe5

60268-16 O IEC:2003(E)

— 23 —

Table A.2 — STI, octave band specific male and female weighting factors

Octave band Hz 125 250 500 1k 2 k 4 k 8 k

Males a 0,085 0,127 0,230 0,233 0,309 0,224 0,173
B 0,085 0,078 0,065 0,011 0,047 0,095 -

Females a - 0,117 0,223 0,216 0,328 0,250 0,194
B - 0,099 0,066 0,062 0,025 0,076 -

Absolute Lgy | 46 27 12 6,5 7,5 8 12

reception

threshold dB

A.3 [The test signals

A.3.1

The ted
be exc
an A-w

Spectra of STI, STITEL, and STIPA signals

t signal spectra are specified by octave band mean lev
=eded by 3 dB by a modulated test signal) The oct

tapeously
rmalized to
speech

level. For male speech, seven, and for female, six, uded in the test
signals
Tablg A.3 — Octave band levels (dB elatlye\@)\F ong-term speech|level
Ogtave band 125 250 00 \&k_/ 4k 8 k A-
Hz wejghted
Males 2,9 2,9 \-0.q] —Kq 28 | -188 |-248 |00
Femalds \,9 9,13 -15,8 -16,7 -18,0 0,0

A.3.2
The ST

6,30; 8§
bands.

A.3.3

The noj
from agj

speech

; 0,80; 1,00; 1,25; 1,60; 2,00; 2,50; 3,15; 4,00; 5,00;

octave

) octave band has a bandwidth of half an octave to avoid spillover

bands\and to allow for practical filters in the analyser. Therefore, fqr male

The intensity envelope of the noise carrier for each octave band is sinusoidally modulated
with the modulation frequency or frequencies.

In the amplitude domain,
function is the square root of the desired intensity envelope. For example:

J1+cos2ly ¢

the modulation
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