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This fourth edition cancels and replaces the third edition, published in 2003, and constitutes a
technical revision.

This edition includes the following significant technical changes with respect to the previous

edition:

e development of more comprehensive, complete and unambiguous standardization of the

STI

methodology;

e the term STI, is discontinued. A new function for the prediction of auditory masking effects
is introduced;

e the concept of ‘speech level’ and the setting of the level of the test signal have been
introduced;
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e additional information has been included on prediction and measurement procedures.

NOTE See Introduction for a historical summary referring to the various changes from the first to the fourth
edition (current edition).

The text of this standard is based on the following documents:

FDIS Report on voting
100/1812/FDIS 100/1849/RVD

Full information on the voting for the approval of this standard can be found in the report on

; I TP BT havetalkl
VOtlng FerearetaHrmeapove—tanre:

A list of all the parts in the IEC 60268 series, published under
equipment can be found on the IEC website.

system

The committee has decided that the contents of this publicati Vi i ed until
the stapility date indicated on the IEC web site under "t e data
related|to the specific publication. At this date, the plbligation Wi

* reconfirmed,
* withdrawn,
. replaced by a revised edition, or

* amg¢nded.

A bilindual version of this g
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INTRODUCTION

The Speech Transmission Index (STI) is an objective measure to predict the intelligibility of
speech transmitted from talker to listener by a transmission channel. The STI method has
been the subject of ongoing development and refinement since its introduction in the 1970s.
Major improvements of the STI have been consolidated by incorporating them in successive
revisions of IEC 60268-16.

The history of revisions is as follows.

Revision 1: 1988. In the first version of the STI standard, a gender-independent test
signal spectrum was used

Reyision 2: 1998. Gender specific test signals were introduced, female
talkers, each gender relating to a specific set of weighting factors<{In additi iphtings
werg introduced for redundancy factors. The term STI, was intrqd ight use of

thege redundancy factors.

Reyvision 3: 2003. Important differences between Revisik bre the

introduction of
— |level dependent masking functions,
— [the STI derivative STIPA.

STIPA was specially developed ag a fast(me : thod that could defal with
elegtro-acoustic and acoustic effegts whi S ini issi ality of
PA pystems.

ReVision 4: 2010. The aim of revision) is to provide a more
conmprehensive, complete and unambi u jzation of the STI methodology. The
term STI, is now disceunti ] i for” the prediction of auditory masking

Speech is considered [toNhe\ih 2| communication between humans. Inh many
situations the spéech™si j e y the signal path or the transmission g¢hannel
between talker a Hsté g i a Yéduction of the intelligibility of the speech at the

listenen's location.

To qua
a fast ¢

gpeech intelligibility induced by the transmission channel,
nethod was developed; the Speech Transmission Index (STI).

The ST et od app Nes\a specific test signal to the transmission channel and by analysing
the rege e ;\the speech transmission quality of the channel is derived and
expres i veen 0 and 1, as the Speech Transmission Index (STI). Usling the

obtaing , the potential speech intelligibility can be determined.

Although there are limitations to the STI method, the use of STI has proved useful ih many

situations and has gained mternationat acceptance.

Items that have changed in this revision

Specific changes that have been incorporated in this revision are:

refinement of the STI model with respect to the level dependent masking function;

Room Acoustic Speech Transmission Index (RASTI) has become obsolete and should not
be used;

calculations to add or remove the effects of background noise and to change the speech
level and a worked example;

notes regarding limitations of the STI method;

methods to predict the STI performance of transmission channels based on the predicted
(as distinct from measured) performance of parts or all of the transmission channel;
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e introduction of STI corrections for non-native language listeners;
e introduction of STI corrections for listeners with some specific forms of hearing loss;
o relationships between STI and ‘Listening Difficulty’ scale.

Potential applications of STI

STI may be used to measure the potential intelligibility of a wide range of electronic systems
and acoustic environments. Typical applications include:
e measurement of Public Address and Sound Reinforcement Systems;

ireless

e eva

NOTE
systems)

masking

Potent

The ra
method

ply this

To avo \ anding
of the hasi 9
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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 specifies objective methods for rating the transmission quality of
speech|with respect to intelligibility.

The objective of this standard is to provide a comprehensive manua sers of
the STl method in the fields of audio, communications and acoustics

This stpndard does not provide STI criteria for certificatig s (e.g.
criterialfor a voice-alarm system).

Three methods are presented, which are closely r ed to as STI, [STIPA,
and STITEL. The first two methods are intended fok rating ach trarfsmission perfofmance
with or|without sound systems. The STIXEL me fioa icted uses.

NOTE Irone of the methods are suitable for th S a ent of speech privacy and speech
masking|systems, as STI has not been validated fo tions that\tepresent speech privacy applications 1]1.
The following information is.included:

e measurement techniqu

e pre

2 Narmative@ <

The fol ument.
For dafed ref edition
of the

IEC 61

Amend

ISO 18R33:2006, Acoustics — Application of new measurement methods in building anld room
acousties

3 Te

For the

3.1

rms and definitions

purpose of this document, the following terms and definitions apply.

speech intelligibility
rating of the proportion of speech that is understood

1 Figures in square brackets refer to the Bibliography.
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3.2
speech quality
rating of sound quality of a speech signal

3.3

speech transmission index

STI

metric ranging between 0 and 1 representing the transmission quality of speech with respect
to intelligibility by a speech transmission channel

3.4

speech intelligibility index
Sl
objectiye method for prediction of speech intelligibility based on the Artjcuation Index

3.5
STI method

FULL §TI

objectiye method for prediction and measurement of the sp
14 modulation frequencies over a range of 7 octave band

an index thhat uses

3.6
distortjon
any unfintentional and generally und > g in a
speech|transmission channel

NOTE I

3.7
speech transmission index
STIPA
method obtained by
distortipns foun

sive to

NOTE $TIPA is applieKa

3.8

speech
STITEL
method
distortipnsoun

sive to

NOTE $TITEL is appliedAs a direct method.

3.9
room acoustical speech transmission index

RASTI

method obtained by using a condensed version of the STI method, to be used for screening
purposes only and focused on direct communication between persons without making use of
an electro-acoustic communication system

NOTE 1 RASTI accounts for noise interference and distortions in the time domain (echoes, reverberation).

NOTE 2 RASTI is now obsolete.

3.10

direct STI method

method using modulated (speech like) test signals to directly measure the modulation transfer
function
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3.1

indirect STI method

method using the impulse response and forward energy integral (Schroeder integral) to derive
the modulation transfer function

3.12
speech transmission channel
acoustic or electro-acoustic signal path between a talker and a listener

3.13

public address system
PA

electropic sound distribution system, employing microphones, amplifier
used to reinforce or amplify a given sound (such as an announce
message) and distributing the sound within a building or a space

pakers,
corded

3.14

voice glarm system

VAS

sound distribution system that broadcasts speech message akning~signals, or both, in an
emerggncy

3.15

real spieech level
signaIFFvel of a speech signal in dB A that contribute to the speech
signal are taken into account; pauses and ds and sentences are ignored

NOTE $ee also Annex J.

3.16
refererjce speech levg
speech

3.17
vocal éffort
exertion of the j istance
in front i

3.18
artificial
device
radiatign patternsi

ty and
ilar to those of the average human mouth

NOTE Thewdegree of similarity required cannot be easily specified and depends on the particular application. See
for example ITU-T P.50 [47].

3.19

non-native speaker

person speaking a language which is different from the language that was learned as primary
language during the childhood of the speaker

3.20

absolute speech reception threshold

absolute threshold of hearing increased by the minimal required dynamic range for the correct
recognition of speech
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3.21

auditory masking

process by which the threshold of hearing (audibility) for one sound is raised by the presence
of another (masking) sound

NOTE Within the STI method, auditory masking is also referred to as the upward spread of masking.

3.22
artificial ear
device with similar characteristics as the human ear for the reception of acoustic signals

NOTE See IEC 60318 [2].

3.23
intensity function
the squared amplitude signal as a function of time

3.24
envelope function
envelope of the intensity function

3.25
envelope spectrum
relativeg contribution of spectral compone

3.26
modulation frequency
frequernjcy of the sinusoidal variation ofi the

%el )
in He ).
3.27

modulation inde
value hQetween O d eVdepth of a sinusoidal modulation of the intensity

function

NOTE The modulation freque

3.28

modul
ratio b
depth df

ulation

3.29
modul
MTF
modulafion transfer ratios as a function of the modulation frequency

3.30

octave band weighting factor

a

relative contribution of each octave band to the speech transmission index

3.31
octave band redundancy factor

B

fraction of information overlap between two adjacent octave bands with respect to the speech
intelligibility
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3.32
background noise
all sounds including noise remaining in the absence of the speech or test signal

3.33

fluctuating noise

continuous sound or noise whose sound pressure level varies significantly, but not in an
impulsive manner, during the observation period

3.34
impulsive noise
sound or noise characterized by brief bursts of sound pressure

3.35
signal4to-noise ratio
SNR
differerjce between the sound pressure level of the speech G
pressure level of the background noise where the sound press
a standardized frequency weighting

sound
ed with

NOTE The signal-to-noise ratio SNR is expressed in decibels (dB

3.36
effectiye signal-to-noise ratio
SNR#
differen
distortipns of a received STI test signa

all the

NOTE 1| The effective signal-tg4noi

NOTE 2 | Examples of distdxti s i } bn levels
and masking levels.

3.37 Q

crest factor
differerjce between terval
NOTE The cres

3.38
Lombajrd e
spontanpeous
the spdaker

evel at

NOTE Qlce Ir_\ifr*h shift at highar fall{ing levels is not accounted for here

3.39

fractional-octave-band filter

bandpass filter for which the ratio of upper cut-off frequency f. to lower cut-off frequency f; is
two raised to an exponent equal to the fraction of an octave band

NOTE 1 In symbols, the ratio of the cut-off frequencies is f/f; = 2"°, with 1/b denoting the fraction of an octave.

EXAMPLE 1 For half-octave band filters, the frequency ratio is 2''? = V2.
EXAMPLE 2 For octave band filters, the frequency ratio is 2.

NOTE 2 For further information, refer to IEC 61260.
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3.40
reference sound pressure

Do
sound pressure, conventionally chosen to be equal to 20 yPa for airborne sound

3.41

sound pressure level

twenty times the logarithm to the base ten of the ratio of RMS sound pressure to the reference
sound pressure

NOTE The sound pressure level is expressed in decibels (dB). The notation is Lp.

3.42
equivajent continuous sound pressure level

ten-fold logarithm to the base ten of the ratio of the squared RMS
given time-interval to the squared reference sound pressure.

d pressure level for a

NOTE 1| The sound pressure level Leq T is given by the following equatign:

where
p(t) is th

tis the in

[}

T=t,—1t uous sound pressure level is determined an
po there

The num imMthe given equation is the RMS sound pressure for the gveraging
time T.

NOTE 2 eighting is applied in the determination of the continuoys sound
pressure

NOTE 3

ten-fold agatithm of the ratio of the squared RMS sound pressure leve| being
exceeded’for a given part of the measurement time to the squared reference sound pressure
where i i i i i gquency
weighting, e.g., L1g Or Laqg

NOTE 1 For application within the framework of this standard, the time-weighting “Fast” is to be applied for the
determination of the percentile level.

NOTE 2 Lpqq is the A and Fast-weighted sound pressure level being exceeded in 10 % of the measurement time.

3.44

modulation transfer index

MTI

unweighted mean of the scaled effective signal to noise ratios for a given octave band

3.45
operational speech level
sound pressure level of speech signal that will be used or is found in the applicable situation
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3.46
operational background noise level

sound pressure level of background that will be present or is found in the applicable situation

NOTE This level is used for predictions and post-processing of measurements.

4 Description of the STI method

4.1 General

4.1.1 Rationale for the STI method

The STI method was developed as a fast and objective test method for
speech| transmission quality of speech transmission channels. Using t
index, the speech intelligibility can be predicted for different types
formatq for a wide range of speech transmission systems.

peechMrans

In speegch, the intensity of the signal varies with time producing a -;\
senteng¢e boundaries while fast fluctuations coincide with

Within [the STI concept, preservation of the intensi
utmost|importance.

In contfast to the original approach ofA

termin’L?g the

ission
ntence

intensity

rd and
words.
of the

signal
es the

degree is affected by a transiission
channzl. etermined which quantifies hpw the
channel affects the intensity envelope

The ST|l produces a m
of freqyency bands pr

ission.channel at various locations and for various confitions.

The STI metho i S below) can be used to determine the pptential

intelligipility of a spee

y for a
wever,

In partipular, the effe ghan the” acoustic properties of spaces can be assessed.
4.1.2

The ST S ective and validated measure of speech transmission quali

wide range of acoustis.ang electro-acoustical distortions that influence intelligibility. Hg

as it is| a simglificatign of human speech, the STI model can be limited in its appli¢ability.

Users ¢f the-'STI'meth
intelligipility-predicti
aims td help STl users decide on which STI method is most suitable for their applica
as to obtain the most meaningful and accurate results.

d that apply the method beyond its current limits may obtain inagcurate
ons. An overview of the applications and limitations is therefore gi\]en that

ion, so

The STI method was validated for an acoustic output using a single omnidirectional
microphone. The use of a directional microphone produces different and uncorrelatable

results and is not normally advised. Further information is given in clause 7.10.

If the situation or the transmission channel does not allow the use of STI methods, alte
techniques for assessing intelligibility shall be used. Other methods exist to assess the

rnative
quality

of speech communication, each with their advantages and disadvantages and therefore have

different users. Annex N describes a number of other measures of intelligibility.
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4.2 Background of the STI method
4.21 General

The STI concept is based on the empirical finding that the fluctuations in speech signals carry
the most relevant information relating to speech intelligibility, see [5], [6] and [7]. Fluctuations
in speech result from the acoustic separation of sentences, words and phonemes, which are
the fundamental elements of speech. The fluctuations, termed modulations, can be quantified
as a function of modulation frequency F producing the modulation spectrum. For clear speech,
the modulation frequencies typically extend from 0,5Hz up to 16 Hz with maximum
modulation at approximately 3 Hz.

; nerally
considgred to result in a reductio of the
modulation spectrum corresponds to a reduction of the modulation/dept e gr more
modulation frequencies and is calculated as a modulation transmissio sh|octave
band dver the speech spectral range. Figure 1 shows the concep tion in
modulation that can occur between a talker and listener.

Transmitted speech signal Reseived 8peéch sighal

modulation index = 1 modulatigniindex<s m <1

I1 (1 + Cos 2 nFr) ™ ’
O

b m Co§2 1F (¢ + 1))

MM

%
>
e

IEC 1148/11

Figure 1 — Concept of the reduction in modulation due to a transmission channel

The STI method has been optimised and validated with subject-based intelligibility
experiments using CVC (Dutch)-word scores for a large variety of distortions in transmission
channels. Such distortions include noise, reverberation, echoes, non-linear distortion, and
digital encoding techniques.

Using parameters derived from speech material, the STI test signal was developed. In general,
the STI test signal comprises seven octave band noise signals corresponding with the octave
bands from 125 Hz up to 8 kHz. Each noise carrier is modulated with one or more modulation
frequencies at one-third octave intervals ranging from 0,63 Hz up to and including 12,5 Hz.
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The STI method, described in Annex A, determines the modulation transfer function m(F) of
the transmission channel. A total of 98 results are obtained, corresponding to the 14
modulation frequencies and the seven octave bands (see Figure A.3). The RMS level of each
octave-band carrier matches the relative level of the average, long term spectrum of speech
material (see also 4.5 for further information). Each octave band has a contribution to speech
intelligibility which is weighted according to that band. Using the weighted sum of these
transmission index values, the overall STI value for the transmission channel is determined.

Research [4] has shown that adjacent octave bands contain redundant information with
respect to speech intelligibility. If one octave band does not contribute to intelligibility (e.g. by
masking from reverberation or background noise) then neighbouring octave bands can partly
compensate for this missing contribution. This insight has lead to the use of redundancy
factors[in the STT-methodology.

4.2.2 Theoretical overview

The mgdulation index m; of a test signal is played into a roo ication
channel and received at a listener position as the modulatign inde T re, for

example, the STI for the situation in Figure 1, the test sig ‘ sound
source| simulating a human talker situated at the talker's i W ng test
microphone located at any listener position.

For theg sound source, the important characteristics a i S psition,
sound pressure level and frequency re

The typical test signal consists of a cagrier wit

sinusoifdal intensity modulation with mdulaf'on

Echoes,

ped frequency spectrum and a
. (see Figure 2).

Output
f
M

s

- Time

I (1+ mg cos 27 f,, (¢ + 7))

Modulation transfer function m (f,,)

3
o
o o
(o) [ee)
T T
L !

0 . . L L L .
0 05 1 2 4 8 16

Modulation frequency f,, (Hz) G 114011

NOTE m; and mg are the modulation indices of the input and the output signals, respectively. il and io are the

input and output intensities, the intensities being equal to the square of the sound pressure levels (p2).

Figure 2 — Modulation transfer function — Input/output comparison
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The reduction in the modulation depth at frequency f,, is quantified by the modulation transfer
function m(f,,) which is determined by

-2

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

SNR., =101g L%J

115 dB.
dB are

The va
Values

The sp s from

measul

Annex |A provides a more detailed degsckripti A i the speech transmission
index.

4.2.3 Measurement of STI

The FU

Two simplified forms of ulation

indices| are STIP nd

STIPA i edefined set of two modulations per octave band that
are ger ~

STITEL
per oct

BS, one
Indices.

There &

o dirgct methods tsing modulated test signals;

¢ indirect methods based on the system’s impulse response using the Schroeder equation.

The direct methods using STIPA and STITEL have substantially shorter measurement
durations than the direct FULL STI. Note that the direct FULL STl is rarely used in practice.

Annex B and Annex C provide detailed descriptions of STIPA and STITEL, respectively.
Annex D provides details about the now obsolete method RASTI.

The STI method, whether direct or indirect, has been proven to give valid results for a great
number of linear distortions in both the time and frequency domains. The following distortions
are accounted for by the STI method:

e temporal distortion, e.g. reverberation and echoes;

e noise;

e strong spectral distortion e.g. band-pass filtering.
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NOTE Some types of spectral distortions may not be accounted for, see 4.5.8.

In addition, the direct STI methods account for non-linear distortion, e.g. clipping, whereas the
indirect methods should only be used for linear systems. Additional information about the
effects of non-linear distortion is given in Clause 6. Table 1 gives an overview of the STI test
methods versus the types of linear and non-linear distortion for which they are appropriate.

Table 1 — Comparison of STI test methods for different types of distortion

Type of distortion
Method Noise Reverberation, Non-linear Spectral
echoes distortion distortion?
Direct FULL STI yes yes condition dependen yes
Direct $TIPA yes yes condition deper(\\ &N \(es
Direct $TITEL yes condition dependent | condition de{er\;{\ \ yek\
Indirec FULL STI b s oS s
using MLS® yes y y
N
Indirec FULL STI
using spvept sine nod yes yes
signal® /
NOTE |The term ‘condition dependent’ is used to indicate_that th \‘ces{ygnal type may|or may
not profluce sufficiently accurate results, depending on th¢ exacst dis @typ \For example:

e | centre clipping is unlikely to have an i , whereas peak clipping feduces
the modulation depth but generally ha lligibjlity of speech, so the measufed STI
value may be pessimistic;

. STITEL can be used in reverberant\envi largely
dependent on freque

e | similarly, STIPA ess the
signal is severel

2 The|frequency at is not
adepuately ac

b Sigmpal averaging -shaped.

¢ Thig includes timg delay

d  How ever,

€ Thelpretically \otherinathermatically deterministic pseudo-noise (random phase) signal could be emploled.

~X

S

4.3 Applicability of STI test methods

Table 2 provides an overview as to which forms of STI| are recommended for various types of
application. The + and - symbols are a general indication of the suitability of the method.

If significant parts of the listener population are non-native and/or older listeners, the STI
should be interpreted as noted in Annex H.
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Table 2 — Applicability of test

C Recommended | FULL T Work-
Application test STIA STIPA STITEL Limitations arounds

Assessing suitability

of room acoustics Suitability of
for speech STIPA o - - STITEL

communication (no depends on
electronic reverberation

amplification)

Suitability of
. STITEL
Eva\l/ti\atlngtPA and QTIPA 4 ++ /= depends on
systems reverberati
and ech
Evaluating STIT as
teJecommunication STITEL + " 4 _Qore
channels (phone, diagnosic
radio) (\90\ r
Ghannel features \
amplitude STIPA + +
compression

PA ngt

Difference between m}n
rwale? and female FULL STI T+ fexale (male
voices needs
specific attention 6

spectrum
Strong centre /
2 None AN - none
clipping
+

only)
. Report
Stfongly fluctuating TIPA /_Q el \2_ sevelEJal STI
noise <\ f\
measurements
N\,
\) To be used

Speech and noise N
plearly spatialy Q with caution.
sfrong direc + +/- +/- st;;:c;;ergitlsyed See 7.10
component existsAn methods are
a Righly reverbera .
/\ inaccurate.
\b

environmen

b
Currently speegr?eb:sed
standardised ~re
+/- +/- +/- methods are | ST! test S|g?al
inaccurate. or listene
tests
DY
++| very Wethod, + well suited method, +/- suitable method, — not a suitable method
a8 |SeelTable 1 f uitability of measurement methods.

This is a direct method and may be included in a future addition of the standard.

4.4 Use of direct and indirect methods

Table 3 below compares a number of practical issues relating to the use of direct and indirect
measurement methods.
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Table 3 — Choice of method

Subject Direct method Indirect method
Post processing possible mandatory
Handheld device possible possible

Amplitude nonlinearities

reduce the reliability of the result

reduce the reliability of the result

Frequency nonlinearities
(Uneven spectrum)@

possible

possible

Frequency shift

not possible

not possible

Noise suppression

no

yes

Sample rate accuracy
between the clock

errors less than 20 x 1078

frequencies of the signal
source and receiver

See 4.5.8 for further details.

4.5
4.5.1

The STI method would ideally refle
relevant to speech intelligibility. Ho
approagh is still a simplification of huma
human
o the
e the

e the
(pe
e the

o the
fred

e the
e the

NOTE

As a cpnseqguence,
care shallkbe taken when using the STI. In some cases, intelligibility may suffer little

Limitations of the STI method

General

e STI test signal diffe
ects, such as:

distribution of si
centile e
lack of gaps’ip
carriers |
uencies;

or certain situations and possible (narrow-band) transmission ch

hat are
delling
rs from

signal

ulation

annels,

from a

distortion, whilst the STT shows a significant reduction. In other cases, in which the S1
only minimal changes, the intelligibility can be considerably reduced. The following clauses
discuss potential limitations in more detail.

4.5.2

Frequency shifts

This type of distortion may occur with

e playing a digital signal at the wrong sampling rate,

e devices for preventing acoustic feedback,

e single sideband radio transmissions.

shows

Frequency shifts can have a large effect on STI with generally little effect on intelligibility, so
the STI may underestimate intelligibility for systems with frequency shifts.
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4.5.3 Centre clipping

This type of distortion may occur when low-level parts of a signal are not transmitted faithfully
or are silenced. This could happen in amplifiers and corroded connectors. The STI
overestimates the intelligibility for systems that show effects of severe centre clipping.

NOTE Centre clipping is also known as crossover distortion and origin distortion.
4.5.4 Drop outs

Signal drop-out at regular intervals can result from selective fading patterns in wireless
transmissions and corruption of digital signals. The STl may not be reduced much, but
intelligipili i i i ] signal
is recommended in order to flag drop-outs and where possible allow corhputation of the STI
drop-outs removed.

4.5.5 Jitter
Time shifts of speech, as applied in digital signal transmission\to com B¢ iation in

transmission rate, have no effect on intelligibility but can he STI
may unlderestimate intelligibility for systems with jitter.

4.5.6 Vocoders

Althoug iIity depending on the ftype of
codecs ith Tow intelligibility, the|use of
speech mended.

STI shquld not be used to measur g 2s wocoders that encode speech segments.
For exgmple, linear predi e ) i ich might use code-book related synthesis
or the iptroduction of errors rel 3 d speech fragments and pitch errdrs.
4.5.7 Overesté:?i < ackground noise conditions

It should be note 2 : 3 rently assumes a non-infinite signal to noise|ratio in
each oftave band ds a eception threshold in the model operates as a source of
backgr €. INtF s noise levels or the reception threshold values ar¢ set to

zero dyri

As an ¢xé i arises when mathematically investigating the behaviour of §TI with
changé€ls in_the pesirum op the input signal. If an MTF matrix with every value at unity|((i.e. no
contamjinationfrom xevefrberation or background noise) is used with an input sigral that
deviatels from-the.sperified speech spectrum, the STI result often shows little changg, even
with larges.changes i1 the input spectrum, see [8].

It is therefore essential that STI predictions and measurements should always incorporate a
level of background noise that is realistic for the application. For example, measurements with
an acoustic output should use a realistic background noise as well as the speech reception
thresholds.

4.5.8 Frequency response

Research so far [8], [9], [10], [11], [12], [13] indicates that the frequency response of the
transmission channel (which is manifest as the perceived tonal balance of speech) is much
more important for perceived intelligibility than is indicated by STI measurements, especially
in the presence of reverberation. If the frequency response is not reasonably flat, it is possible
that the STI can indicate values that are too high compared to the perceived intelligibility.

Systems with measured STls exceeding 0,5 have been reported where the perceived speech
intelligibility has been found to be inadequate due to the poor frequency response / tonal
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balance of the system. The application of equalisation to improve the frequency response
improved the perceived intelligibility.

Acknowledging this limitation of the STI-method, a suitable solution for ensuring an even
amplitude response is to perform a separate measurement of the amplitude versus frequency
response of the system, preferably at a higher resolution than one octave bandwidths.
Nonetheless, there are significant factors that may be not included in such measurements.

e The frequency response deduced from impulse response data is highly dependent on the
length of time data used for the measurement and the time window that is applied to that

data.
e The ariety of
acoustlcal enwronments For example in Iow reverberatlon S|tuat|ons the nfluence of the

dirg
eny|

e Thdi

Some
respongse of sound systems that reduce the audible co
degree| of concentration that a listener needs to exer
This cg i

quency
ce the
igibility.
a non-

native peaks
or resd 2 idth as
narrow|as 1/3 octave have proved bengfisi : arcei i igibili ,{[10].

4.5.9 Echoes
Situatigns have been encountered |n ich ible i ighificant

loss of| perceived speech ntelligt s i es are
significhntly higher than the

NOTE This issue is the subj
In situgtions wit udit

measulfe and assess

sed to

4.5.10

Measui es may be altered whenever compression or expansion is
applied 4 owever, experience shows that only minor changes in pefceived
intelligipili appropriate compression or expansion. It is also notgd that
compregssion_schemes\generally alter the perceived tonal balance of speech which in tyrn may

adversgly affect thewpérceived speech intelligibility.

When properly implemenied, companders (complementary compression and expansion
devices) are likely to have no overall effect on intelligibility.

Fast compression reacts on the instantaneous amplitude envelopes of a range of frequency
bands. With this compression, signal level variations above the compression threshold level
(knee point) are reduced according to the compression ratio. As compression reduces the
dynamic range of the signal, the modulation depth may also be reduced.

On the other hand, automatic gain control (AGC) has a fast reaction time, but a very slow
recovery time and does not reduce the short-term dynamic range.

Compression and AGC techniques are often applied to improve speech intelligibility (e.g. for
the hearing impaired who suffer from a limited dynamic range) and can also be applied in
public address systems.
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Sentence intelligibility as measured by the speech reception threshold (SRT) has been found
to increase by up to an equivalent of a 4 dB change in effective SNR, but this is dependent on
the amount and type of compression.

The effect of compression on intelligibility at high signal and noise levels, such as in public
address systems, awaits the outcome of further research.

4.5.11 Non-linear distortion

Although the STI is sensitive to distortion, the result is highly dependent on the measurement
method adopted. (This is discussed further in 6.3.)

4.5.12 | Impulsive and fluctuating noise

Two types of background noise should be distinguished in STl meas

e impulsive;
o flucfuating.
Impulsive noise and undesired short events, such as a ha ey sult in inagcurate

STI redults, especially with narrow band transmissio ¢ S e\incorrect diagnosis of
the contribution of frequency bands.

Fluctud ff or is
cyclica - 3 nd may
also lead to considerable underestimatioh.or i i nts.

than in

If STl n ace of impulsive or fluctuating noise, then the
indirect d be used. Signal averaging with MLS pr slow
sine-sw dluceNhevroise in the measurement. The degrading|effects
of the 1 dded.t e MTF by post-processing the ‘noise-free’ MTF data.

When ihe the STI, a noise-free measurement is requirgd. For
practical purgose IS8 s-measurement is obtained if the SNR in each octave pand is
at least

4.5.13

Without specific corrections, the STl method is not a reliable predictor of the intelligipility of
speech| fér hearing-impaired listeners [15]. The measurement of hearing assistive sysfems or

h o Yo nAccoihla thatinh cnanifin ~arrAntiane Moy ha Alon rnciead 11081
channels-is-pessibletheugh-specific-correctionsmay-bealsorequired{16}-

4.6 Conclusion
In general, the STI method is a conservative approach and may underestimate intelligibility in
some applications, but there are exceptions such as given in 4.5.3.

5 Direct method of measuring STI

5.1 Overview

STI may be measured either directly using a suitably modulated signal or indirectly by means
of mathematical manipulation of a system impulse response using a relationship proposed by
Schroeder [17].
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The research described in [4], [5], [18], [19] and [20] developed the basis and method for the
FULL STI. From subsequent research came the two current simplified forms, STIPA and
STITEL, which require less measuring time. RASTI was also developed but is now obsolete.

FULL STI — consists of 98 separate test signals using 14 different modulation frequencies for
seven octave bands. Each test signal contains only one modulation frequency for only one
octave band noise carrier; the other octave bands contain no signal. The test signals are
generated sequentially. With an average of 10 s per test signal, a FULL STl measurement
requires approximately 15 min. An alternative version of the Full STI signal contains random
modulations in the other octave bands in addition to the modulation frequency and octave
band under test.

STIPA |- consists of only one test signal with a predefined set of two modulati in_each of
the sgqven octave bands. The 14 modulations are generated . One
measutlement takes between 10 s and 15 s.

STITEY — consists of only one test signal with a predefip€d\ st ulation
frequencies, one per octave band, that are generated simu aneouyly. rement
takes gpproximately 12 s. STITEL may be used for its hj i C) but
great care needs to be taken in its use.

RASTI nodulation freqliencies
that ar¢ generated simultaneously, five for the 2 and and four for the [500 Hz
octave ) is now obsolete, [but for
completeness, details are given in Annex Dy

Table 3 ' i signals with that of the FULL|STI for
various| test conditions.

For an|STI to take acgqunt ' ' igndl-to-noise ratios and the absolute speech

level, the mean intens ty ) be equivalent to the normal speech |evel at
the tesf position p S N d j i , gnal is
adjusted to be @ pical Lpgq of the measured continuous speech at the

test position (i.e. a

5.2 3§

The ST implified if the uncorrelated (or speech-like) modulations that are
require terpretation of non-linear distortions are omitted [21]. This| allows
simultal and parallel processing of all frequency bands, thus reducing
measu ement i but this reduces the ability to account for some forms of nop-linear
distortipn, @s,*noted_ih Table 1. For each octave frequency band the modulation fransfer

functiofp.s/determined for two modulation frequencies.

The STIPA method, described in Annex B, employs this simplification and has a measurement
time of between 10 s and 15 s. The STIPA method is suitable for the measurement of natural
speech (room acoustic transmission) as well as sound systems.

The designation STIPA refers specifically to a modulated, speech shaped signal (as described
in Annex B). If STIPA is derived from an impulse response, for example by prediction, this
shall be clearly stated and the designation STIPA(IR) shall be used to avoid confusion. It
should be noted that the standard STIPA signal is based on a male speech spectrum.

Without specific corrections, the STIPA method is not a reliable predictor of the intelligibility of
speech for hearing-impaired listeners [15]. The measurement of hearing assistive systems or
channels is possible, though specific corrections may be also required [16].
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5.3 Application

The direct STI method can be applied to almost any digital, analogue, electro-acoustic and
acoustic speech transmission channel. With the determined STIl-value, the intelligibility of
different types of speech material can be predicted for many types of transmission systems.

For all tests in which reference is made to this standard, the relevant parameters and results
should be stated in a measurement report sheet. A sample report sheet is given in Annex K.

54 Limitations

In addition to the limitations of the STI method described in Clause 4, there are a number of
other limitations to the direct method of measuring the STI.

As the test signal is band-limited random or pseudo-randgn ifion of
measuements does not normally produce identical results, even ¢ steady
interference. The results centre on a mean with a certain deviation mongst
other factors, on the number of discrete measurements of the mod unction

(usually 98 for the STI method or 14 for STIPA) and the mea

Typically, with FULL STI, the maximum deviation is 8 a “measuring ftime of
10 s foy each modulation index m(f,,) and with statiopar iseN e. With STIPA and a

measulement time of 15 s, the maximum devig is” g imately 0,03 STI for rgpeated
measufements.

With fluctuating noise (for example, at ; igher deviations may be|found,
possibly with a systematic error (bias). ment in
the abgence of the test signal, which shou i 20. An

estimafe of the deviation ghould k \ i stricted
set of gqonditions.

It is thgrefore good pra
specifi¢ conditio

Is for a

6 Indi

6.1 Qverv

The md om the
impulse s ansmission channel, using the process known as the Schroeder
method > nt) and

the MTF derived from which the STI is subsequently calculated.

The following equation (of which the first factor is the Schroeder equation), should be used to
calculate the modulation transfer function mg . at modulation frequency f,, in octave band k.

o0

Ihk (t)e 12mSmt gy

my (1) = 10 . 1+10751\/R,{/10T1

o0

j I ()2 dt
0

where

h;(t) is impulse response of octave band k;
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f,» is the modulation frequency;

SNR, is the signal-to-noise ratio in dB.

The indirect method is only applicable to linear, time-invariant systems.

Considerable experience is required to use this method as the measurement systems allow a
variety of parameters to be adjusted, which may affect the final result.

This method is also applicable to the simplified forms of STIl. As the processing time of this
technique is quite short, it is recommended to calculate the FULL STI. However, calculation of
the shorter derivatives of STI can be useful.

STIPA palues derived from impulse response measurements shall be t

6.2 pplication

When deriving STI values from impulse response measurements, itis A noise
free mgasurement and then correct this for the effects of backg § i h level.
However, techniques are available that enable the effects e 9 } directly
accounfed for within the measurement, for example, th S of\a seech shapéd MLS
signal Mmpulse
responsg mation

providdd in ISO 18233.

f)

g)

h)

Measurements of the impulse respo j i 18233.

The
of the reverberation time of the roo

an half

In ¢rder to produce a ; buld be
obtgined in all sev KB signal averaging can be used to achieve
thig.

Thg use of Delay
Spectrometr under
normal circumst guency
spegctrum (— (more
rigq rously, shaped
MLp d noise
on

Imp ground
Nois iiting and non-linear distortion are significant, since the gverage
fred and level distribution of typical speech are not represented in the test

Thg impulse response method is only applicable to linear, time-invariant systemgd. If the
transmission channel has functions with non-linear signal processing, these functions
should be bypassed during the speech intelligibility measurement. If, for instance, the
effective playback sound pressure level is increased by a nonlinear reduction of signal
dynamics, this shall be taken into account by separately measuring the maximum sound
pressure level and applying an appropriate correction.

Time variances due to movements of the air (wind) or climatic changes during the
measurement process shall be avoided (they also invalidate averaging over longer periods
of time). The average wind speed during MLS measurements, for example, should not
exceed 4 m/s. Measurements using maximum length sequences (MLS) are more
vulnerable in this respect than measurements performed with sine-sweeps.

It should be ensured that the components involved in the transmission of sound
(loudspeakers, room surfaces, reflectors, measurement microphone, people) do not move
during the measurement cycle.
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i) Under critical conditions, the repeatability of the measurement results shall be proven by
repeated measurements.

j) The impact of background noise (L,) and operational speech level (Lg) in each octave
band £ shall be incorporated into the result by post-processing (see Annex M).

6.3 Limitations (non-linear distortion)

In addition to the limitations of the STI method described in Clause 4, there are a number of
other limitations to the impulse response method of measuring the STI of which non-linear
distortions are of special importance.

Distorti
correct
distorti
transfo

Critical
influen
compo
techniq'r
recove
reverbd Ii par into

When
readily
echoes

When (ising a sine sweeq s
method shall be edited can be
undertd

7 Me
71
Althoug S t is not
always i S ments.
For exg@n i ions speech
transmission~quak ) njected

and/or received electrically.

It is espgential that in any post-processing of the MTF matrix, a realistic level of background
noise is used [8]. If the output of the transmission channel is acoustic, the hearing reception
threshold shall be used as a minimum.

All relevant parameters should be stated in a measurement report. A sample report is given in
Annex K.

7.2 Acoustical input

Applying the test signal via a special loudspeaker (see below) to the microphone of the
system under test ensures that factors at the microphone location that could reduce
intelligibility (such as ambient noise or feedback, for example) are taken into account. In
addition, some electro-acoustic systems do not have any alternative way of injecting the test
signal. As this procedure requires the test signal to be reproduced acoustically, it is necessary
to use a specific loudspeaker (e.g. an artificial mouth) that emulates a natural talker.
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Correct adjustment of the test signal spectrum to match the standard speech spectrum is also
required for electrical injection of the test signal. When using the direct method, the
standardized test signal shall be used for this purpose.

The following procedure shall be used.

a) Verify the integrity of the test signal (e.g. via means of a loop back measurement). This is
particularly important if the test signal is generated from a CD player, although PCM
(e.g. .wav file) generators should also be checked. (Digitally compressed signal formats
e.g. MP3 should not normally be used, though compression schemes employing at least
128 kbit/s have been shown to work without apparent error). Further information is
available in [9].

b) Ver|fy that the 1/3 octave frequency response of the test signal sour ificial mputh or
suitable test loudspeaker) is within +1 dB over the required f when
me rement
tec
. sponse
° [IPA or

NOTE 1 esponse

measure
If npcessary, adjust the equalisati laker to
satisfy this requirement.

c) Set osition
/ distance and direct it in the norm
In the absence of an artificial r ) source,
hig:l;-quality loudspeake iam [ , d shall
be described with the res

NOTE 2 | Generally, ih a liste |ng space) ; therefore,

a mouthl simulator 3 i e ITU-T

Recommendation P.5M™M43 y pver, the

directionpl characteristjct { gnificant

importanf 5 located
at some fi

When sg d system, a simulator may not be required. However, where the source

microphd e rberant or noisy location or if a close talking or noise cancelling mi¢rophone

is involved Nantalker or mouth simulator should be employed.

d) Set strsignal lev€l at the microphone position to the operational speech level lElhat will
be i e system. The speech and test signal levels shall be matched according to
the [method described in Annex J.

NOTE 3 “Fhistestistikety tostresstheamptiflrer—See 49 of tHEC66268=-3 {24t mmay beconvenmenttoapply the

test signal for 1 min, for example, followed by several minutes of zero signal to allow cooling to take place.

In the absence of a correct match between the test signal level and the operational speech
level, a default equivalent level of 60 dB A at 1 m in front of the artificial mouth or test
loudspeaker should be used for the source.

Smaller talker distances typically result in speech levels of approximately 86 dB A to
94 dB A for handheld microphones (distances of 5 cm to 2 cm), while speech levels of
approximately 80 dB A to 86 dB A result for gooseneck microphones (distances of 10 cm
to 5 cm).

NOTE 4 The above levels are subject to wide variations in practice.

e)

f)

Run the STI, STIPA (or STITEL) test sequence. Normally, and where available, the “with
noise” option should be selected.

If an MLS signal is used to measure the impulse response and if it is required to take
account of the background noise, the excitation spectrum should be adjusted to the
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standardised speech spectrum by appropriate filtering. Signal averaging should be
disabled or a single sequence should be employed [25].

g) If sine-sweeps, MLS or TDS are used to determine the noise-free impulse response,
appropriate adjustments to speech and noise levels at both the microphone and receiver
locations shall be applied to the noise-free MTF by post processing.

h) The test signal shall be fed into the system in such a way as to ensure that all signal
processing components relevant for speech reproduction (equalisers, signal delays, etc.)
are correctly taken into account during the measurement process.

7.3 Acoustical output

The measurement device (microphone/artificial ear/head simulator stically
; ~ nall be
stening

ype.

7.4 Electrical input
Follow
injectio]
includelas much of the system as possible in the test,

ng the
b as to

The ST|I test signal at the point of injection sha ’ G evel of
speech| at that point. The speech levé&lN i rement
method as described in Annex J.

7.5 Electrical output

Since no acoustic conditions e effects,
such a$ masking and the re g € vice. If
this is [not possible, tF 3 i § ‘ sted to

simulate a sound pres where
level-dépendent i levels
should |be A-wel e to a
stated feference, e,g

7.6 E

7.6.1

In the urce is
used t ed and
corresp talking

distance §hould be employed as described in 7.2. A calibrated STI measuring device |s used

at the r caiverlocation to-determine tha STl of tha trancmiccinn channal
e e —1oatoh—to-aeterHhethe—rro+tHetHaRSHHSStoR-GrahRhe -

7.6.2 Electrical input — Electrical output (e.g. assessment of wired and wireless)
communication systems)

Purely electrical STI measurements are generally performed to rate different communication
systems with respect to their speech transmission quality rather than to obtain an absolute
value for the speech intelligibility. It is advisable to perform these measurements at different
input signal levels (e.g. from -10 dB to +10 dB relative to the reference operational level) to
gather information of the influence of the dynamic range, noise floor and signal processing
capabilities on the intelligibility of speech. These types of measurements are likely to be
conducted on wired or wireless speech transmission systems such as telephone lines and
radio communication systems.
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7.6.3 Acoustical input — Electrical output (e.g. assessment of microphones)

To compare microphones with respect to their effect on the intelligibility, the STI test signal
level at the microphone should be calibrated as given in 7.2. Measurements are performed in
combination with the appropriate ambient noise spectrum and as a function of the noise level
to determine the microphone’s noise rejection behaviour. Preferably, measurements should
be made at different speech levels to examine the effect of a lowered or raised voice on the
intelligibility.

NOTE Special methods may be required when measuring the STI| of assistive hearing systems and Audio
Frequency Induction Loop Systems (AFILS), in particular [16]. However, much of the general guidance given in this
clause is applicable.

7.6.4 Electrical input — Acoustical output (e.g. assessment of PA syst

To compare different transducers (loudspeakers, headsets), the can be

electridally injected. The test signal shall be reproduced at the lis sound
pressufe level that is representative of normal operation.

In the qase of a public address or similar sound distributio should
be performed for a representative number of locations. of the
results|can be misleading. A better method, that takes in the
results|is the value obtained by computing the s one

standafd deviation. This is also sometimes know
that a
achievi

to plot

k€ space and indicates
or level of confidg¢nce in
Y. A more precise mgthod is

When & i or an artificial ear should be used.

7.7 Post-processing ofimeagured h
There 4§

e elim
e add

e COn

e corf
The eff]

a) by |manually entéring 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 either the direct signal input to the analyser or a recorded signal.

Annex M gives an example of removing the noise from a measured MTF matrix and adding
operational background noise and desired speech levels. The equations listed in Annex A are
used for this process.

7.8 Issues concerning noise
7.8.1 General

As with all linear systems, the influence of distortions such as reverberation is independent of
the amplitude response. Consequently, the variables that are dependent on the signal level
are the signal to noise ratio in each octave band and the associated upward masking.
Therefore, the STI method can be relatively insensitive to changes in the amplitude frequency
response of the transmission channel, especially when the background noise is low.
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When low levels of background noise are added to the MTF matrix, representing the noise
levels that would occur in practice when using an electro-acoustic system, the overall STI
shows more sensitivity to changes in the input spectrum.

An essentially noiseless situation, where only the auditory hearing threshold acts as a
residual noise source, is usually not a realistic assumption for most practical cases. Even in
quiet environments, such as libraries or court rooms, a residual noise level of 25 dB to
35 dB SPL is not uncommon and should be taken into account. This can be achieved by
applying a suitable criterion, such as NCB, RC or NR curves (see [26]).

Undesired short events (for example impulsive noise) can be detected by analysing the
statistics of the signal. However, it is easier in practice to repeat the STl measurement with
the noige source physically eliminated or use the indirect method and aveyaging jues.

Fluctugting noise is detected by measuring the direct STl in the abgé gnal. If
the ST| is too high (e.g. STI > 0,2), the measurement results akre neous.
Prefergbly, the STI measurement should be carried out witho \ nt. The
noise should then be separately measured (see 7.8.2), and the tically.

7.8.2 Measurement of background noise

To correct an STI measurement with regard to backg
characferize the background noise. The equivale

urately
Leg) of

the ba uld be
measuf of the
measuf at may
affect t

It shou ient to
determ single
broadb 3.
7.8.3

If fluctd ing the
signal bm the
moduldtion indices)\cal¢tla 3 cation.
This m i

If the i tating noise cannot be reduced, measurements should be repelated at
least t)'I ver the
three r

Interpretation of the speech Inteifigibitity in the presence of fluctuating noise 15 extremely
difficult and is currently beyond the scope of this standard. However, it has been found that
listeners listen to speech in the gaps between the fluctuating noise and perceive a higher
intelligibility than the STI would predict, based simply on the Leg of the fluctuating noise.

NOTE If the fluctuation is great (e.g. 15 dB or more), it may be necessary to use the L4 in each octave band.

7.9 Analysis and interpretation of the results

It is important to examine the MTF data in each octave band to determine the reliability of the
results, as follows:

e constant or slightly reducing modulation transfer ratio values as a function of modulation
frequency indicate that noise is the dominant mechanism;
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e modulation transfer ratio values monotonically decreasing with modulation frequency
indicate that reverberation is the main mechanism;

e values that initially reduce and then increase with modulation frequency indicate the
presence of strong reflections arriving later than 50 ms, which may produce an
over-optimistic conclusion with regard to intelligibility. It is recommended that if this effect
is detected, it should be reported with the result.

7.10 Binaural STI measurements

Although the STI is a well-accepted and standardized method for prediction of intelligibility,
the STI model is essentially based on monaural listening. The advantages of binaural listening
to speech intelligibility are disregarded by the model.

easyrement
ion of
ctions.

Subjectively, the binaural advantage might be significant. However,
methods are available. The current STl method may produce
intelligi
This isg

When
approa

hended

8 Us

8.1

During \ vl to predict the STI performange from
the preficted room acoustic parameters. o available:

e calgulation based on<a predj i bined with an exponential revefrberant
decpy and simple i tatistically calculated reverberatioh times
may be used here;

e pre ce.
Predict n. This
method times
(Sabin uneven
distrib

It is cri affects
both th masking effects. A broadband speech signal shall be used [for this

prediction and
operatipnal(spund

ensure that the transmission channel is capable of producing the
pressure level.

8.2 tatistical predictions

Prediction of the STI performance of a sound system shall be based on the MTF matrix that is
calculated from the predicted room acoustic and electro-acoustic parameters and the
measured or estimated background noise levels for each octave band contributing to the STI
version chosen. Calculations shall use the method of Houtgast et al. [28] which is given in
Annex L.

Access shall be available to the MTI values in each octave band and the octave band levels
of the output speech signal.

If the prediction is made using commercially-available software, the results shall state:

o that a statistical estimate has been made using the method of Houtgast et al. [28];

e that the STl has been computed using the appropriate male or female weightings;
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note that:

e RASTI shall not be used as an indication of the predicted STI;
e the STI shall not be estimated by converting a %Alcons value;

e the method of statistical prediction is even less sensitive than direct STI to the effects of
strong discrete early and late arrivals and the possible loss of intelligibility due to poor

frequency response.

8.3 Prediction from simulated impulse response

Prediction of the STI from a simulated impulse response shall be undertaken as follows:

a) the[MTF matrix shall be calculated using the Schroeder equation (s
of the impulse response shall not be less than half the reverberati
1,6[s to ensure a reliable calculation of the modulation indices g
frequency of 0,63 Hz;

b) both the hearing reception thresholds and the measured o
sound pressure levels for each octave band shall then be inttoduce

c) the[speech spectrum and operational speech level
magking corrections listed in Table A.1 applied to t

d) the|octave band specific male and female weighting
applied to the MTI values.

. The. duration
nd at least
ulation

1 noise
matrix;

dquditory

ghall be

For eag¢h prediction location, access shallNye @ alues in each octayVe band
and thg octave band levels of the outpukspeect ith the frequency resporse.

For predictions with multiple listener positi atistical properties and distributiof of the

results |over the listening are

The resgults shall also sts

e thafthe STI}
with the appropria

o the[backgroungnne

sponse
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A1

A1.1

Annex A
(normative)

Speech transmission index (STI) and revised STI methods

Background

Envelope function and envelope spectrum

Connected discourse can be conS|dered as a sequence of the smallest speech fragments,

called phonemes C arac S spectrum. Clarity
requirep pectral
differerjces can be typified by the envelope function within a number of’f is. The

envelope function describes the temporal fluctuations of the intensit ¢ ignall within
a certgi )\ specific
sequenlce of phonemes. Dlstortlon of the speech envelope, sucha QiS® rberation,

results|in a reduction of the spectral differences between phone . is 1s pd by a

reductipn in the degree of fluctuations of the envelope funct

Figure |A.1, panel A shows an exemplary envelope i guency
band. The envelope spectrum gives a more general @escripti i of the
envelope function and results from a one- th|rd QCts b i velope
functiop. Typically a speech excerpt ¢ i pectral
distribdtion of the envelope fluctuations_abb ity. Thi ption of

the mofulation index as a function of modulat 3 ; shown in Figure A.1, panel B,

where {the spectrum is normalized with fespect ta th san intensity /;.

A compari htai irectly from the talker with the corresponding
spectrg i i issi e reduction in fluctuations due|to the
transmissi i podulation transfer function or MTF| which
represe th as a function of modulation frequency

(A)

Interval of 1 s

250 Hz aoctave band

+10 T T T T T T
T B
.dB (B)
Reference 5’ "
——— 0 1,0
s
o
e
5 -10 40,3
kst
=)
e}
(e}
= 20} Jo4
|

! ! ! ! ! !
0,2 0,4 0,8 1,6 3,2 6,3 12,5

One-third octave centre frequency (Hz)
IEC 1150/11

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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A.1.2 Modulation transfer function (MTF)

The rationale underlying the application of the MTF concept to studies of room acoustics has
been described elsewhere [5], [6], [19], [20]. The MTF quantifies the extent of the reductions
in the modulations of the original material as a function of the modulation frequency. The
modulations are defined by the intensity envelope of the signal, as it is in the intensity domain
that interfering noise or reverberation will affect only the depth of modulation of a sinusoidal
modulation without changing its shape. Figure A.2 illustrates this for the octave-band centred
on 250 Hz for two simple transmission systems, one with exponential reverberation only
(case A: T=2,5s) and the other with only interfering noise (case B; signal-to-noise ratio

SNR = 0 dB).
Reverberation (T s) A
Epvelope function Envelope spectrum Modulation trangf Thedry
N
© Il |
c
5
(]
|
0
x 1
i [}
i 2 1
S m (fn) =
‘IWM\!‘V' “h A VB
H 3 13,8
2 NS
3 0
2
£
| 1
m = =———
B | \ LI R e I S I A A B A A 1_'_10(.5]\/1@)/10
‘.K. ‘. oL .
""""" ™ 5 ™2 4 8 16 05 1 2 4 8 16
Modulation frequency f,, (Hz) Modulation frequency f,, (Hz)

re A.2 — Theoretical expression of the MTF

With rgverberation,

IEC

e MTF has the shape of a low-pass filter: the faster fluctuationg
relatively.more affected than slower fluctuations. In the theoretical case of purely expg

1151/11

being
nential

reverberant decay, the MTF can be derived mathematically (see Figure A.Z, case A) and the

product of f, and T determines the roll-off as given by:

m(fm)=

2
1+ 2nf, T
13,8
where

I is the modulation frequency;

T is the reverberation time in seconds.
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For noise, the MTF is defined by the signal-to-noise ratio and is independent of the
modulation frequency (see Figure A.2, case B). The noise, by increasing the mean intensity,
reduces the modulation depth for all modulation frequencies as given by:

1

m= 11 10(-SNRT10)

where

SNR is the signal to noise ratio in dB.

With stfong echoes (pronounced reflections) the MTF shows the shape of/a noteh filter
off firstjand rising again with higher modulation frequencies.

rolling

A.2 BSTI technique

A.2.1 General

The sq bighted
contrib bls, the
contrib bctave-
band w g, proper choice of the form
of test allow for distortiong in the
time dg
Distorti i echoes and automatic gain ¢ontrol)
may deg . ) ice’the intelligibility. This is modelled in
the ST| procedure by de nsfer function for the range of rglevant
frequerjcies present inpthe Bnvetops I these
modulation frequenci bands.
nction,

Figure A.3 illust
m (f,,), IS determ

The md method
uses ofly oneAnod signal
being @ i ses 98
indepe

The ST ulation
frequer do not

containf modulations>’The random modulations were based on energy distributions as fpund in
natural[speech and had an instantaneous level which was approximately 3 dB higher than the
overall speech level for the particular octave band under evaluation.

Since measuring the direct FULL STI is unpractical in many situations, faster methods (STIPA,
STITEL) have been developed. The direct FULL STI method is generally now only used for
background STI research.
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Ufom
/ .
K1 + cos (2nfmt)} ;\ @ / A=A K1+ m cos (2nf,,(t + 1)}
I T
Noise | |
(long-term Envelope | Channel | Band-pass Envelope
speech spectrum) modulation | under test | filter detection
| |
AN, | | N,

Controller
analysis

Octa\ll_iez-band 125|250 [500 | 1k 2k | 4k | 8k

/1=063Hz | m
£2=08Hz

f3=10Hz q
/4=1,25 Hz

f5=1,6 Hz (

@)
f6=2,0Hz (L LIR
AN S,

f8=3,15Hz

fo=4,0Hz /‘\

mo=sorz | | | (] D
(= 6pHT \

f12 240 Hz \

IEC 1152/11
NOTE T ransfet function (m) is determined for all cells of the matrix of seveln octave
bands a Also, the octave intensity levels (I;, equal to the square of tHe sound
pressure ’calculating auditory masking effects.

A.2.2 STFmodulation frequencies

The 14 STI modulation frequencies are at nominal one-third octave intervals and consist of
0,63; 0,80; 1,00; 1,25; 1,60; 2,00; 2,50; 3,15; 4,00; 5,00; 6,3; 8,00; 10,0; 12,5 Hz.

NOTE For frequencies used by STIPA, see Table B.1.
A.3 Auditory effects on the STI

A.3.1 Overview

Hearing related aspects such as auditory masking (the reduction in aural sensitivity by a
stronger, lower frequency sound) [30] as well as the absolute reception threshold are
modelled in the STI calculation by applying appropriate noise terms. The auditory effects will
reduce the effective signal-to-noise ratio in the various octave bands and can be expressed
as a reduction of the modulation transfer function resulting in generally lower STI values.
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STl evaluates the modulation loss and calculates the effective signal-to-noise-ratio in each
octave band independently of the other octave bands. The only parameter that interlinks
adjacent frequency bands with respect to the effective signal to noise ratio is the auditory
masking function, in which aberrations in the amplitude frequency response are reflected
when sound pressure levels are high and the slopes of the masking functions are low, see
also 4.5.8.

NOTE Auditory effects can only be taken into account when test signals are obtained acoustically (in dB SPL). In
general, this is often the case. However, if test signals are obtained electrically, without reference to a sound
pressure level (for example when rating different type of microphones), this should be noted and auditory effects
should be disabled in the measurement.

A.3.2 Level dependent auditory masking

Auditory masking is an inherent effect of the human hearing proce ll]d, low

frequency sound is presented at the ear, it will always mask high ossibly
rendering them inaudible if the difference between their relativg” le given
threshqgld. This phenomenon is referred to as upward spread of i uditory
masking effect also depends on the absolute sound pre S quency
compoments. A low frequency sound at low sound pressure_leyel cauge ing of a
high frequency sound than if it were at a higher sound pr ehoite. t ing slope

at low gound pressure levels is steeper than at high soun

The magin principle of the auditory masking as madelled i ghown in Figurg A.4. It
shows [hat a lower octave band (k — 1) has a maski f next (higher) octave band
(k). The slope of the masking functior(i erall sound pressure lgvel for
octave |pand (k — 1).

The auditory masking as modelled in 00 Hz,
2 000 Hz, 4 000 Hz and wards.
Accord|ngly, the 125 Hz e band

masks the 500 Hz octa[e\b/\d,

ity T

sit
V8

Dctave’int

Octave band IEC 1153/11

Figure A.4 — Auditory masking of
octave band (£ - 1) on octave band (k)
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The masking intensity (7, ;) for octave band £ is given by:

m,k
Lymie = Lj—1 x amf

where

I is the intensity of the adjacent lower octave band (octave band k£ — 1);

amf is the level dependent auditory masking factor which is a function that is dependent on
the intensity (7,_4) of the adjacent lower octave band.

The intgnsity (/;_4) for an octave band k-1 is given by:

Ij_q= 10(Lk71 110)

where

L4 is the overall sound pressure level for octav

The ayditory masking factor amf for/oc gpends on the intensity of
octave |pand £ — 1.

In Table A.1, the level dependent auditory \ en in dB (amdB) for octave band k as
a functlon of the sound pressure level & band k£ — 1. It is noted that the guditory
masking level is a functi G e level in that octave band consisting of
both the test signal levgl a B

Table<Ag— udito i function of the octave band level
Sound pressure level L
of pctave band 263 >63 and <67 >67 and <100 >100
d

B
Audifory maskin dB.

54 L - 65 1,8 x L— 146,9 0,5 x L—-59,8 -10
/\d\B\\\/

The auflitery.masking factor amf for an octave band is given by:

amf = 10(amdB/10)

where

amdB is the octave band level dependent auditory masking value in dB as derived from
Table A.1.

NOTE 1 In the case that a mathematical correction on the STl is made for a different ambient noise situation, the
auditory masking factor depends on both the measured signal intensity and the added ambient noise intensity in a
certain octave band. Both intensities are added to obtain the overall acoustic intensity for an octave band to be
able to derive the appropriate auditory masking factor for that octave band.

NOTE 2 The previous masking scheme was discrete and resulted in non continuous STI results as a function of
the overall sound pressure level. The auditory masking scheme as presented in Table A.1 yields continuous STI
results as a function of the sound pressure level.
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A.3.3 Absolute speech reception threshold

The absolute speech reception threshold is defined by the absolute threshold of hearing and
the minimal required dynamic range for the correct recognition of speech. The absolute
speech reception threshold intensity (/) is modelled in the STI as an intrinsic noise floor
which reduces the effective signal to noise ratio when speech levels are low. The absolute
speech reception threshold is given in Table A.2 (in dB SPL) as a level in each octave band.

Table A.2 — Absolute speech reception threshold level in octave bands

Octave band

Hz 125 250 500 1000 2 000 4 000 8 000

Absolute speech reception

dB SPL a (\

The regeption threshold intensity (/; ;) for octave band  is given\by:

where

ART, 2).
A.3.4

The ST related
factors Since
female speech
is gene

The ST ch are
shown

"X
°°ta":}""d\ 125 250 500 1000 2 000 4000 8 000

a 0,085 0,127 0,230 0,233 0,309 0,224 0,173
Me1les
8 0,085 0,078 0,065 0,044 0,047 0,095 _
a - 0,117 0,223 0,216 0,328 0,250 0,194
Females
B - 0,099 0,066 0,062 0,025 0,076 -

NOTE The weighting factors for male STI contain an artefact which can occasionally appear when performing
predictive calculations. If the modulation transfer ratio of the 250 Hz octave band is equal to or less than 0,08
(equivalent to a transmission index Tl of 0,15) with the other octave bands at maximum transmission index of
(1,0), the STI value will be larger than 1,0. If the contribution of the 250 Hz band is completely removed, the STI
will become 1,03. For this situation, it is recommended to truncate the STI at 1,0. In practical STI measurement
situations, it is unlikely that this artefact will appear, as noise will prevent this from occurring.
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A.3.5 Gender-specific spectra of STI test signals

The spectra of the STI test signals are specified by the octave band mean levels given in
Table A.4. The octave band levels are normalized to an A-weighted level of 0 dB for easy
scaling to an overall A-weighted sound pressure level. This spectrum may instantaneously be
exceeded by 3 dB by a modulated test signal.

Table A.4 — Octave band levels (dB) relative to the A-weighted speech level

Octave band

Hz 125 250 500 1000 2000 4 000 8 000 A-weighted
Mgll?’es 2.9 29 0.8 6.8 12.8 18 8 24 8 0.0

Females
dB - 5,3 -1,9 -9,1 -15,8 -16,7

AN

/5&186\ 0,0
NOJTE 1 The STIPA test signal is based on the male speech spectrum and\only this sig W be
gerjerally employed.
NOJTE 2 For guidance in determining the speech level, see Annex ,~4.
g g p /\4\\\\

N

o

A.4 STI test signal generation

A.4.1 Pink noise source signal

The direct STI method uses test signafs that havwels r spectral and temporal properties to
those found in natural speech. Con S gt signals consist of a number of
frequency bands of noise Whese jrtensi

The STI test signal is niti g pink noise source, which provideg a flat

frequerjcy spectrgﬁ 1
Pink ng p oise using a low pass filter with a —3 dB per|octave

slope dommencing”g Mz. T sf ‘factor of the signal should typically lie between 12 dB
and 14|dB, with the ue lying between 8 dB and 11 dB.

A.4.2 and carrier signals
To genfera noise carrier signals, a pink noise signal is fed into seven half-
octave i rs at centre frequencies 125 Hz up to 8 000 Hz. Between each noise

carrier [signal\there<is”a half-octave band wide gap which should not contain any sigpificant
signal. |The half-octave band filters shall have a stop-band attenuation rate of at leasf 60 dB
per oclavetominimise—the overapbetweenneighbouringcarriers—The rol-off shauld be
continuous and contain no ripple in the stop-band as exhibited e.g. by type Il Chebyshev or
elliptic filters. The ripple in the pass-band should not exceed 0,3 dB.

EXAMPLE 12th order 0,2 dB ripple type | Chebyshev filters can be used for generating the half-octave wide
carrier signals. Other viable methods are frequency-domain related.

A.4.3 Intensity modulation of the carrier signals

Each carrier signal is sinusoidally intensity-modulated with one or more modulation
frequencies, at the maximum possible modulation depth (i.e. m = 1,0). To obtain a sinusoidally
intensity modulated carrier, the carrier signal is amplitude-modulated with the square root of a
raised sinusoidal modulation as given by:
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mfm(t):\/O,So(1+m-cos(27cfm 1))

where

I is the modulation frequency in Hz;

t is the time in seconds;

m is the depth of the modulation (maximally equal to 1).

If more| than one modulation frequency per carrier band is impressed on/a barnd at the same
time, modulation factors shall be equal and the phase relationships an n depth
shall b¢ selected to prevent over-modulation of the carrier.

A.4.4 Applying the speech spectrum to the STI signal

Each carrier signal is assigned a relative octave band levelas ing ectrum
as giveln in Table A.4. Since the carrier signals originate i octave
band lgvels are similar and only need to be derived i K.4. All mogulated

carrier signals are summed to obtain the STI test sighal.

A.5 Analysis of the STI test sig

A.5.1 Signal processing
A.5.1.1 Basic processing steps

The following subclauses\s for analysing the received signal and
calculating the resulta en down into the following basic steps:

o filtey the inp 4 3 aye band filters;

) detIrmine the inté
e det i infens 1 at each modulation frequency f,;

e calgulate
A.5.1.2

When filteri d signal into the seven octave bands, the tolerance limits| of the
filters ghall comply with IEC 61260, class 0 or class 1. The power of the input signal hgs to be
split by the.filter bank into output signals without power loss, so roll-offs of adjaceni filters
shall b¢ eomplementary over frequency and intersect at —3 dB attenuation. r

When applying the direct method, the received modulated noise test signal is filtered into
octave band signals. The octave band filters are one octave band wide with centre
frequencies ranging from 125 Hz up to 8 000 Hz.

The phase characteristics of the analysis filters should be as linear as possible to avoid
distortion of the phase relationship of any of the amplitude modulations. During one
measurement, all intensities should be calculated referring to the same time segment of the
input signal; no implicit time weighting is allowed.

The phase characteristics of the analysis filters should not give rise to a systematic error
higher than 0,01 STI in the end result for the range between 0,1 and 0,9 STI (between -12 dB
and 12 dB SNR).

The intensities are calculated by squaring the outputs of the bandpass filters.
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A.5.2 Derivation of the modulation transfer function (MTF) using the direct method

The calculation of the STI is based on the modulation transfer function. The MTF of a
transmission path can be determined in various ways, the principal being the derivation of the
modulation reduction factor from the comparison of the intensity modulations at the output
and at the input to the path.

The filter outputs are transformed into intensity time signals by squaring the output signals of
the filter. By applying a low pass filter at a cut-off frequency of approximately 100 Hz, the
intensity envelope for each octave band is obtained.

Depending on the test signal, the MTF for each octave band is derived by correlating the
intensij:/ envelope with sine and cosine signals of a specific time fength and. specific
modulation frequencies. The modulation transfer at each modulation f i culated
by first|deriving the modulation depth of the received signal (mdr) for output

(k).

N
B n0-sin@n g, 0] [Fadn-cae@rin)
e DN

where

I is the modulation frequency in\dz;

t is the time in seconds;

I (1) |is the intensity envelope as a f ncti%u e octave band k;
i in

NOTE 1| I;(¢)-sin(2n f,,t) i
sinusoidal modulation f,.

NOTE 2 | The summ n isNnade ove
modulatipn frequen

ensity envelope for octave band 4 and a| specific

duration with a whole number of periods for each specific

Using { ived signal and the transmitted signal, the moqulation
transfer value is often referred to as the m-value. All ferived
moduldtion transfe 3 ikf.) form the so called MTF matrix. The modulation

transfe

mk’fm = mdrk’fm /mdtk’fm

where
d
a1, is the modulation depth of the received test signal for octave band & and
modulation frequency f,;
mdt, is the modulation depth of the transmitted test signal for octave band & and

modulation frequency f,,,.

NOTE The derivation of the modulation transfer function (MTF) using the indirect method is described in Clause 6.

A.5.3 Correction of the MTF using auditory masking

The derived modulation transfer ratio values (m-values) are corrected using auditory masking
effects by applying the following formula:
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Iy
I + Ly + Itk

M, for = T, frn

where

m, , is the derived modulation transfer ratio value for octave band & and modulation
frequency f, .

I, is the acoustic intensity level for octave band k;

Iam,k is the acoustic intensity level for the level dependent auditory masking effect on

octave band k;

It i is the acoustic intensity level of the reception threshold for ocid

NOTE 1 | Modulation transfer ratio values higher than 1,0 should be truncated tq 1,0, Am\m-V igher thlan 1,3 is
very unlikely and may be a result of other than sinusoidal fluctuations or impufsiveNpises.

NOTE 2 | When mathematically applying an additional ambient noise lexel R hould be
extended with 7, , which represents the acoustic intensity level of the ambi is® Note that

also the puditory masking intensity (7, ,) is affected by mathematiCally ag

A.5.4 Calculation of the effective signal to n

The cgrrected modulation transfer ré gnal to

noise ratio SNR 4 (dB) as given by:

where

m . ulation

frequer

Since t hall be

limited

A.5.5

The trgnsmission index (7I) for each octave band and modulation frequency is calfulated
using:

SNReﬁf kyfom +15
30

T[k,fm =

where

SNRefi 1,1, is the effective signal to noise ratio for each octave band & and modulation
frequency f,, expressed in dB.
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A.5.6 Calculation of the STI

The derived transmission indices (77) are averaged over modulation frequencies to obtain the
modulation transfer index (M7TI,) per octave band k using:

1 n
MTL =— DTl g,
m=1

where

Iy 1 is the transmission index for each octave band k and modulation frequency f..;
»Jm

m is the index of the modulation frequency.
n is the number of modulation frequencies per octave band.

With th d using:

where
MTI,
O

B

NOTE In the event that SThyvalue

9,
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Annex B
(normative)

STIPA method

Instead of the 14 modulation frequencies being applied successively to all seven octave
bands as per the procedure for the FULL STI, the STIPA method applies two unique
modulation frequencies simultaneously to each of the seven frequency bands as shown in
Table B.1. A total of 2 x 7 = 14 modulation frequencies are therefore used.

As eagh octave band is modulated by two modulation frequencies
frequerjcy ratio of 5, the modulation index (depth) for each modulation
for a sihusoidal addition of the two components with a phase differ
compoments.

y at a
be 0,55
een the

The ST|IPA method is only validated for the male speech spectkum andi nt time
is apprpximately 15 s to 20 s.

Octave band

H 125/\ xgﬁo/ (1\800 > 2000 4 000 B 000
z
First modulation frequency

250/<
Hz 1,60 LNO\ BQ \2/0(/ 1,25 0,80 2,50
Second modulation frequency
Hz 8,00< G‘BO\ %\Q> 10,0 6,25 4,00 12,5

S
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Annex C
(normative)

STITEL method

General

60268-16 © IEC:2011(E)

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 allows
modulatlon and processmg of all seven frequency bands S|multaneously, thus reducing

measufri
and 15

STITEL

In plac
bands
frequer
all seve

a)
-

for the FULL STI,
cy to each of the seven octave bands as sho
n modulated octave bands, and these are all

Table C.1 - Modulatlwq?(\?s

ween 10 s

100 %

octave
ulation

g; ave band 125 >2_g 00 toso—| 2000 | 4000 | 8odo
Modulation frequency \ QQ 0, \% 83 6,97 1,78 4,58
Hz ’ ’ , ,

Other than the above

for STI

1,12
d ion

[EL. :

\;Jme)\/
e normal STI calculation scheme is

applied

C.2

The ST be used for transmission channels:

a) whi hifts or frequency multiplication;

b) whi (i.e. LPC, CELP, RELP, etc.);

c) whi ce stkong non-linear distortion components

d) for ration time is strongly frequency-dependent

e) haw Fthar—10-dBreferredto-theprimary-sighak

f) if the background noise has audible tones and/or marked peaks or troughs in the octave-

band spectrum;

if the background noise is impulsive and/or the space is not substantially free of discrete
echoes, particularly flutter echoes whose repetition frequency is an integral multiple of
one or more of the modulation frequencies.

If ¢), d), or e) or all three apply, or possibly apply, the STI method should be used instead, or
used to verify the results obtained by the STITEL method.
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Annex D

(informative)

RASTI method (obsolete)

Although now obsolete, details of the RASTI method are shown for the sake of completeness.
The technique was created to provide a faster method of obtaining an STI measurement,
there being an order of magnitude reduction in the data and corresponding computational
effort. The reliance of the technique operating on just two octave carriers was found to be a
serious limitation of the method when testing electroacoustic systems.

As shojn in Table D.1, a total number of nine modulation frequencie plied two

bands is used.

Table D.1 — Modulation frequencies for the %/AST\e h

N
Modulation frequenc

Hz q y J1 S2 Q\N

500 Hz octave band 1,0 2,0 8,0 -
2 000 Hz octave band s 11,2

The frejquency weighting is applied indiret
band ahd five for the 2 kHz octave b
respeclively.

octave

octave
(0,55),
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Figure D.1 illustrates a practical RASTI test signal.

Long-term spectrum

10 L ~ |

Octave band level

| [
\/ T=10s | Time IEC 1154/11

reD.1 — lllustration of a practical RASTI test signal
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Annex E
(informative)

Qualification of the STI and relationships with other
speech intelligibility measures

E.1 Relationship between STl and word/sentence scores

The relationships between the STI and various speech intelligibility measures are given in
Figure E.1. The nonsense word score for equally balanced CVC words | m [32].
The relation with PB words of the so-called “Harvard list” is accordin relation
with sephtence intelligibility is based on SRT (Speech Reception Thres

100

80

[e2)
o

N
o

Intelligibility score (%)

%% \/b,z 04 06 08 10

STI IEC 1155/11

Figure E.1 — Relationships between some
speech intelligibility measures

E.2 Relationship between STI and listening difficulty

In some circumstances, listening difficulty may be a more suitable alternative for the
evaluation of speech intelligibility performance than word or sentence scores, as the listening
difficulty metric is more sensitive to transmission channels that exhibit a high performance
level of speech transmission.

The listening difficulty rating is the percentage of responses indicating a certain degree of
difficulty when listening to speech through a transmission channel. Note that listening
difficulty ratings decrease for conditions with improved speech transmission, contrary to
conventional intelligibility scores [31].

Table E.1 lists the categories which are typically used to describe the listening difficulty.


https://iecnorm.com/api/?name=e0ceec50b1ca419356651fe6a5d0410a

-52 - 60268-16 © IEC:2011(E)

Table E.1 — Categories for listening difficulty

Category Description
0 Not difficult: no effort is required, equivalent to a relaxed listening condition
1 Slightly difficult: slight attention is required
2 Moderately difficult: moderate attention is required
3 Very difficult: considerable attention is required

Figure E.2 shows the relationship between listening difficulty ratings. intelligibility scores in
Figure E.1 and the STI.

A

Y

- 3¢

IEC 1156/11

Key

X axis is|STI

Y axis is [percenfage of cofrect responses and listening difficulty

Curve A s listening difficulty

Curve B is word recognition
Curve Cis CVCgqp

Curve D is PB-Words
Curve E is Sentences (SRT)

Figure E.2 — Relationship between STI, speech intelligibility scores and listening
difficulty ratings [34], [35]
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Annex F

(informative)

Nominal qualification bands for STI

In order to provide both flexibility for different applications and an inbuilt measurement and/or
prediction tolerance, the qualification scale is divided into a number of bands. The STI value
required for a given application or situation may then be obtained from an associated
performance table (for an example, see Annex G). Figure F.1 shows the qualification bands:

0,38 0,42 0,46 0,50 0,54 0,58 0,62 0,66 0,70 0,74

A

Key

Upper ro
Row of I¢

Lower ro

The sp

measufements.

When BTl measu
analysed by examij

0,36 0,40 0,44 0,48 0,52 0,56 0,60 0,64 0,6 72\8& \)
EC 1157/11

pct STI

uld be
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Examples of STI qualification bands and typical applications

The information in the Table G.1 is presented as an example of usage.

Table G.1 — Examples between STI qualification bands and typical applications

Normmimat Typeof message Examples of typical uses
Category STl value information (for natural or reproduced Nmmeﬂt
voice)
i gibility
A+ >0,76 Recording studios vable in
hents
A 0.74 Complex messages,
’ unfamiliar words Tzﬁ?:r':gntsspiec \ High speefh
Complex messages. | intelligibility
B 0.7 plex | ges, Hearing Systems
’ unfamiliar words
Complex messages, Theatr High speefh
Cc 0,66 . tel ; o
unfamiliar words intelligibility
D 0.62 Complex mesdages, ectur theat es, c assrooms, Good spe€dch
’ familiar word cert kalls intelligibility
Complex messdges, C t ha modern . . |
E 0,58 familiar context r chur High quality PA pystems
P syste s in shopplng malls, .
F 0,54 Idings’ offices, VA Good quality PA
systems
[\ ~ syste s, cathedrals
G ompiex messages, Shopping malls, public Target value for VA
/’*‘5\ faphiliagr context >>ui|dings’ offices, VA systems systems
H M implte. message VA and PA systems in difficult Normal lower I{mit for
’/\ amili 0 acoustic environments VA systenms
| 02 'nges, VA and PA systems in very
’ farpiliarcontext difficult spaces
J \ 0}8& ) Not suitable for PA systems
U < \<O, Not suitable for PA systems
NOTE 1| Thes aﬁes s oMe regarded as minimum target values
NOTE 2| Percejved inteltigibility relating to each category will also depend on the frequency response|at each
listening| position.

NOTE 3 The STI values refer to measured values in sample listening positions or as required by specific

application standards.
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Annex H
(informative)

Non-native listeners

Generally, compared to the intelligibility obtained with native listeners, non-native listeners
require a 4 dB to 5 dB improvement of the signal-to-noise ratio for similar intelligibility (see

1ISO 9921:2003 [49]).

Adjusted intelligibility qualification tables for three groups of non-natives can be defined,
based pn experimental data [36]. For this purpose, the non-native profi istener
should [be classified, based on language experience, age of learning use of
the sedond language.
Table H.1 is indicative only. For details refer to ergonomics b]). For
low-prdficiency non-native listeners, good or excellent intelligibNjty can DO
NOTE As a guide, an increase in STI of 0,1 corresponds to 3 dB ¢
Thble H.1 — Adjusted intelligibility qualification S
Non-nat|ve
category lll
STl label range Standard STI _ new learper,
infrequent second
level of second language |use
language use
bad — poor /830~ 0,38 0,44
poor — {air N 0,45 0,60 0,74
fair — gpod l \/’(QB({ \ 0,86 impossible
good — excellent (\ > 025 ,86 impossible impossilhle
NOTE For details\( categgorigsirefer to ISO 9921 [49].
EXAMPLE For a non-nati f category Il and to achieve an intelligibility equivalent to an STI pf 0,45,

the trarjsmission.system hneed

NOTE 2
adjustef

ate the
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Annex |
(informative)

Effect of age-related hearing loss and hearing impairment

on speech intelligibility

60268-16 © IEC:2011(E)

For hearing-impaired persons, deriving adjusted intelligibility qualification tables is more
complex than for non-native listeners and requires defining the type of hearing impairment.

The STlmethod cannot give reliable results for all tvnes of hearing impairment and —in
J PAL J Lad 7

eneral,

it is reqommended that subject-based listening tests or other prediction
speech|intelligibility index (Sll) are used.

For listeners beyond 50 years old, hearing levels and the sp
increasles considerably [37]. Nevertheless, age-related he in
correlation between intelligibility and hearing loss.

As a rdlle of thumb, to reach intelligibility at the critica
(where
require
defined
relative

Table |

[15], [3B]. For more details xefer to oths

Table 1.1 — Ad}juste

as the

\viduals
5 good

igibility
steners

in dB,
,0 kHz,

ng loss

n le old with hearing loss

)\l al listeners Ia‘e{listeners Older listeners Older listgners
STI laljel category

h (Stagpdard’'S PTA=15dB PTA =20 dB PTA = 30,dB
bad — door < \ o\,SQ 0,42 0,47 0,51
poor —fair /] \ \&\45\ 0,57 0,62 0,66
fair — gpo \ \\ \O,GV 0,72 cannot be achieved cannot be aghieved
good — ewe}[\\ >,75 cannot be achieved cannot be achieved cannot be aghieved
NOTE For details on categories, refer to ISO 9921 [49].
NOTE 2 Aypical normal listeners have a PTA of between 0 and 5 dB.
EXAMPLE For an older listener with PTA = 15 dB and to achieve an intelligibility equivalent to an STI of 0,45,
the transmission system needs to achieve an STI of 0,57.
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Annex J
(normative)

Calibration of STI test signal level

J.1 Overview

For performing reproducible STI measurements, speech levels and noise levels should be
carefully calibrated. However speech S|gnals and noise 3|gnals may have dlfferent temporal
i g them.

For defermining the speech -to-noise ratlo a level measurement meth sho d jberequally
¢ for various types of speech (male versus female, versus
words), measurement conditions (background noise, bandwi blso be

The baki nt parts

of the f h level
meter f if less
accura¢ e level
metersyi

J.2 [The concept of 'speech le

The speech level measurement meth 3 (1978,
1986). [ signal
levels ¢losely match a p bighted
filterind of the S|gnal ~ merous
pauses|. atio’ of speech and noise signals based|on the

that the number and the duration of the slilences
or example, speech at exactly the same nominal

measuf
betweeg)

level blit with a diffeyé ; auses will lead to a different L, o4 value being mgasured
and thg iffene S| Itant signal-to-noise ratio.

The sp . 3 ethod deals with this phenomenon by removing all sflences
before i ! el and in a manner such that only the parts of the speech signal
which ¢¢ 9 3 ignal information are taken into account. The A-weighted signal is
therefo ivided(i es of 10 ms to 20 ms in length and the energy per frame is

calcula he energy per frame values are accumulated in a level distfibution
histogr evel distribution histogram, the RMS level of the speech is itefatively

determ|ned, by cumulating all histogram data starting at a threshold that lays 14 dB bejow the
CalCUla ad RBMS |r\\ln| oftha cnanch cianal A~ ||n\nl|nﬂ thic nrnnnrh.r-n than rnlahunly e.ln ]t parts

A~ |\|vnv TV T Ot C—o P T CoT—oTrgrar—T Orowig—triTo—PT cooarcstrcTCT

of the signal are left out and as a result, the signal level will become independent of the
temporal distribution of the signal.

Extensive research [40] carried out on different speech level measures shows that the
difference in RMS level of connected discourse and CVC words embedded in carrier phrases
is minimal (<0,5 dB) when applying the speech level measurement method.

J.3 Test speech level

For measurements on a PA system, the test speech level is the level actually obtained from
the system when working correctly at a specified reference position. If the signal input is from
a talker or other acoustic source, the paragraph below applies when setting the input level to
the system.
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For measurements with a talker or other acoustic source, in the absence of a PA system, the
test speech level shall be set to 60 dB A measured at 1 m distance, on the axis of main
radiation of the artificial mouth or talker. If it is required to simulate a condition with a raised
vocal effort (Lombard effect), the test speech level shall be set to 70 dB A.

J.4 Corrected speech level

An approximate corrected speech level measurement procedure based on a simple
measurement of an A-weighted equivalent sound pressure level (Lp ¢q) is as follows. The

measured level is corrected by an empirically derived factor in order to obtain an estimate of
the real speech level as determined with the method described in Clause J.2. In order to
obtain the approximate corrected speech level, proceed as follows.

e Detprmine the L ¢, of a voice signal, with a length of at least 40 hal is a

recorded announcement of shorter duration.
e Add 3 dB to the result.

NOTE The 3 dB correction factor may vary according to the speech ratg alker.

&
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