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Preface

In the late sixties we were asked to perform range measurements for VHF-radio systems.
These measurements should make use of (subjective) intelligibility tests. The effort
required for this project was enormous. This was due to the number of individual
parameters included in the test, but also by the time consuming subjective intelligibility
measurements. Therefore, we initiated the use of objective testing in order to predict the
intelligibility by simple physical measurements. Thisfirst step was very much appreciated
and resulted into an objectiveintelligibility measure: the Speech Transmission Index (ST1).
The measurement of the STI was performed with a simple anal ogue real-time measuring
system (STIDAS).

Further developments have led to arobust method that produced an accurate prediction of
the intelligibility for many types of transmission channels and in room acoustics: the STI
method. This procedure was also realised in a specific measuring device (STIDASI,
1978). Twenty-five of these devices, which were based on specific hardwareand aPDP 11-
03 computer, werein use al over the world.

Asaspin-off, ascreening device for measurement of the STI inauditoriawasdevelopedin
1979. The RASTI method (Room A coustical Speech Transmission Index) isdefinedinan
former IEC recommendation IEC 268-16. Several companies built specific hardwarefor the
measurement of RASTI, or incorporated STl-related measures in their own systems.

The accuracy of the STI method has been improved ever since and has been extended to
predict theintelligibility for both male and femal e speech. The application isnot restricted
to specific hardware but has been implemented in a software package. The use of the STI-
method has grown steadily over the past years. Many standards and recommendations on
transmission quality includethe ST1 procedure (1S09921, IEC 60268-16). Inrelationtothis
the RASTI system is often used for assessment of communication systems including
deteriorated sound sources for which the RASTI method is not designed. For this purpose
the STI-PA isrecently designed. This system is applicable for public address systems and
accounts correctly for the distortionsthat are related to public address. Thetest signasare
provided on a CD and a specific hand-held analyser performs the analysis.

This overview describes the principles underlying the STI method and gives a detailed
description of the use of the method, the diagnostics, and examples of a number of
applications.



1 | ntroduction

Speech is considered to be the major means of communication between people. In many
situations the speech signal we are listening to is degraded, and only alimited transfer of
information is obtained. This may be dueto factorsrelated to the speaker, the listener, and
the type of speech, but in most situations it is due to limitations imposed by the
transmission of the speech signa from the speaker’s mouth to the listener’'s ear. The
purpose of the measuring method described in thisoverview isto quantify theselimitations
and to identify the physical aspects of acommunication channel that are primarily related to
theintelligibility of the speech signal passed through such achannel. During transmission,
degradation may occur that resultsin a decrease of the information content™of the speech
signal such as: limitations of the frequency range, the dynamic range, and distortion
components.

All these aspects have been studied in the literature during the past seven decades. Thishas
resulted in design criteria for transmission channels and in the development of speech
quality measures, speech intelligibility tests, articulation tests, and a few diagnostic and
objective assessment methods. Three methods of assessment can generally be distinguished:
(a) subjective measures making use of speakers and listeners,

(b) predictive measures based on physical parameters,

(c) objective measures obtained by measurements with specific test signals.

- (a) Subjectivetests make use of varioustypes of speech material. All thesetestshave
their specific advantages and limitations mostly related to the speech items tested.
Frequently used speech elements for testing are phonemes, words (digits, alphabet, short
words), sentences, and a free conversation in combination with quality rating.

- (b) Predictive measures based on physical and perceptua parametersthat quantify the
effect on the speech signal and therelated loss of intelligibility dueto for instance: alimited
frequency transfer, masking noise, reverberation, echoes, and anon-linear transfer resulting
from peak clipping, quantisation, or interruptions.

From the perceptua (listener) point of view, hearing properties, such as frequency
resolution, auditory masking, and reception thresholds, also define the intelligibility for a
given condition.

One of the first descriptions of amodel to predict the effect of atransmission path on the
intelligibility of speech was presented by French and Steinberg (1947) and | ater evaluated
by Beranek (1947). Thiswork formed the basis for the so-called Articulation Index (Al),
which was described, evaluated and made accessible by Kryter (1962a).

1) Information content: properties of a speech signal that contribute to identification of a speech item
(phoneme, word, or sentence).
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- (c) The objective measurement of speech intelligibility has been studied for many
years. Specific measuring deviceswere devel oped, improvementswere made, and therange
of applications extended. Therefore, in the next chapter, an overview is given of these
devel opments during the past forty years.

One such objective method to predict the speech transmission quality of an existing
communication channel was devel oped by Houtgast and Steeneken (1971), and Steeneken
and Houtgast (1980). Thismethod is based on the application of a specific test signal. The
transmission quality isderived from an analysis of thereceived test signal, and isexpressed
by an index, the Speech Transmission Index (STI). The STI is based on weighted
contribution from a number of frequency bands. For this purpose, the STI uses a fixed
bandwidth (octave bands) with a contribution (weighting factor ay) asindicatedinFig. 1.1.
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Fig. 1.1 lllustration of the long-term spectrum of a speech signal masked by noise, and the
weighted summation to an objective intelligibility prediction.

The ST valueis obtained from measurements on the transmission channel in operation, or
based on a calculation scheme making use of physical properties of the transmission
channel. The STI measurement requires aspecial test signal from which the effective signal -
to-noise ratio in each octave band at the receiving side is determined and used for the
calculation of the STI. The specific features of this approach arethat the test signal design
allows an adequate interpretation of many degradations than just a limited frequency
transfer and masking noise, for example non-linear distortion and distortion in the time
domain. Hence, ailmost al types of distortion and their combinations that may occur in an
analogue or digita (wave-form-based) transmission path are accounted for. However,
distortions such as frequency shifts and voiced/unvoiced decision errors that may occur



5
with certain types of vocoders, are not included in this concept. Up to 1993 the

measurement of the STI for telecommunication channel evaluation made use of a specific
measuring device (Steeneken and Agterhuis, 1982). Over the years, twenty-five of these
devices have been built and have been distributed to many laboratories all over the world.
Fifteen years of experience with the devel opment and the application of the STI have shown
the need for further improvements, for instance when applied to conditions with a very
limited frequency transfer or non-contiguous frequency transfer. Also, effects of speaker
variation, the gender of the speaker, and the individual relation with consonant and vowel
recognition required further attention.

We were able to improve the STI-model and extend the model with respect to
male/femal e speech, the type of speech being assessed, and speaker variations. Steeneken
(1992) describes the results of this study.
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2 Overview of objective measuring methods for predicting speech intelligibility

The first description of the use of a “computational method for the prediction of the
intelligibility of speech and itsimplementation in an objective measuring device” wasgiven
by Licklider et al. (1959). They described a system that could measure the spectral corre-
spondence between speech signals at the input and at the output of the transmission channel

under test, the so-called Pattern Correspondence Index (PCI). This PCI showsaremarkable
similarity with the Al (Articulation Index), athough the approach is quite different. A

spectral-weighted contribution of the similarity between temporal envel opes of the speech
signals at the input and at the output of atransmission channel isused for the computation
of the PCI. A total of 15 minutes of speech wasrequired for thisanalysis. The paper reports
that the results of a comparison between the PCl and human listener evaluation show a
monotonic relation for conditions with an increasing effect of one type of distortion.
Contributions of different types of distortion show a"sufficient agreement”. Schwarzlander
(1959) described the el ectronic design of the system. Licklider proposed an improvement of
the PCI by making use of synthetic signals, physically related to average speech, and witha
duration of about one-second for the total measurement of the PCI.

Five years later Kryter and Ball (1964) described a system caled the Speech
Communication Index Meter (SCIM), which was based on the Al as described by Kryter
(1963). The measurements were mainly concentrated on deriving the signal-to-noiseratio
within a frequency range of 100-7000 Hz and a dynamic range of 30 dB. The auditory
masking corrections according to the Al concept were also included. An evaluation of the
system was performed for severa types of transmission conditions, including low-pass
filtering, noise, frequency shifts, and clipping.

In 1970 we developed a system based on the use of an artificia test signal which was
transmitted over the channel-to-be-tested and which was analysed at the output. The test
signal was an amplitude-modulated noise signal with a square-wave envelope. Hence the
signal level alternated between two values. The difference between thesetwo levelswas 20
dB and the switching rate was 3 Hz (Houtgast and Steeneken, 1971). The noise carrier had
afreguency spectrum corresponding to the long-term speech spectrum. This was the first
approach in which speech-related phenomena, concerning spectral variationsand temporal
variations, wereincluded in an artificial test signal. The essential point of thisapproach was
that theresulting level variation at the output of acommunication system reflectsthe signal -
to-noise ratio, providing a basis for subsequent cal culations according to the Al concept.
The method was based on measurementsin five octave bands (centre frequencies 250 Hz -
4 kHz). The effect of band-pass limiting, noise, peak clipping, and reverberation on
intelligibility was included in the test signal concept and in the evaluation procedure. This
resulted in anindex ranging from O - 1, the so-called Speech Transmission Index (STI). A
measuring device was developed, based (at that time) on analogue circuits, which could
determinethe STI within 10 s. It should be noted that this method is different from the STI
approach published later and described in chapter 3.
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Fig. 2.1 Envelopefunction (panel A) of a10s speech signal filtered for the octave band-with centre

frequency 250 Hz. The corresponding envel ope spectrum (panel B) isnormalised with respect tothe
mean signal intensity (I,).

The next step was to use atest signal with various modulation frequencies instead of the
fixed (3 Hz) square-wave modulation signal. This modulated test signal was based on the
measurement of the fluctuations of the envelope of connected discourse (Houtgast and
Steeneken, 1971). The envel ope fluctuations were determined for separate frequency bands
(octave bands). While the envelope function is unique for a certain combination of
successive speech sounds, the frequency spectrum of the envel ope fluctuations, called the
"envel ope spectrum” proved to be astable and reproducible characteristic of running speech
(for speech tokens of at least 10 s, see Fig. 2.1). This envelope spectrum (with afrequency
range from about 0.2 Hz to 12.5 Hz) was measured in 1/3-octave bands and normalised
with respect to the mean level (intensity).

Thetransfer of these fluctuations of speech by acommunication channel can be obtained by
comparing the envel ope spectra of the same speech signal at the input and at the output of
the channel under test (Steeneken and Houtgast, 1973). For that purpose a 60-second
segment of natural speech can be used asthetest signal. The effect of noise ontheenvelope
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spectrum of speech is independent of the fluctuation frequency, however, thisis not the
case for distortions in the time domain. Reverberation will act as a low-pass filter for
fluctuations and can be predicted for an exponential decay. Sincethereisasimplerelation
between the relative decrease of the fluctuations and the actual signal-to-noise ratio, this
relation can be used to measure the effective signal-to-noise ratio as a function of
fluctuation frequency.

Next to the use of natural speech as a test signal, Houtgast and Steeneken (1972) aso
proposed the use of an artificial test signal, where each relevant fluctuation frequency was
tested separately. Thisresulted in the so-called Modulation Transfer Function (MTF). The
(octave-band specific) MTF representsthetransfer of the (octave-band specific) envelope of
asignal between the input and output of atransmission channel.

The method was extensively eval uated for conditionswith noise, reverberation, and echoes.
The analysis and the generation of the echo conditions, at that time, were performed with a
digital (PDP-7) computer, a system with a 1.75 ps cycle time and 8K-words of memory!

Payne and McManamon (1973) introduced the Speech Quality Measure (SQM) for
communication channels. This system was based on the Al concept. The authors mentioned
limitations for digital encoding, fading, and non-linear distortion. They remarked "when
using the system it should be checked to have none of these distortions present”. The test
signal was based on 20 tones with frequencies at the mid-point of the 20 frequency bands
with "equal contribution to intelligibility” as used for the original Al concept. The paper
al so proposes the use of mini-computersto perform the analysis and to display the results.
No validation was reported.

Steeneken and Houtgast (1980) extended the MTF approach (that had already been
validated for channels with noise, echoes, and reverberation) to channels with distortions
more specific for communication channels, namely band-pass limiting, noise, non-linear
distortion, quantisation errors from digital coders, and reverberation.

Schroeder (1981) devel oped amathematical background of the MTF referredtoasCMTF.
Thisfunctionismore generic asit also includesthe phasetransfer. However, this parameter
isnot used for the STI.

Based on the STI concept, the RASTI method (Room Acoustical Speech Transmission
Index) was developed in 1979 (Steeneken and Houtgast, 1979; Houtgast and Steeneken,
1984). This simplified method was especially developed as a screening device for
applications in room acoustics and restricted to person-to-person communications. The
method was standardised in 1988 by IEC 268-16. Notice that the effect of PA-systemson
the frequency transfer and possible not linear distortion was not accounted for.
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Quackenbush et al. (1988) gave an overview of "Objective measures of speech quality”
especially applied to digital coders. They also evaluated some objective measures, which
were mainly based on signal-to-noise ratios.

A major improvement of the STl method, in use since 1980, was achieved in 1992. The
additive model on which the Al and STI were based was extended with a so-called
redundancy correction. This correction accounts for the correlation of the information
content within two adjacent frequency bands of a speech signal. This essential for systems
with avery limited frequency transfer (PA systems) and adiscontinuousfrequency transfer.
Also, various extensions were added to the STl measuring procedure such as a separate
assessment of male and femal e speech, the type of speech material used for the prediction
of theintelligibility, and amodel for the prediction of speaker variations. Theresultsof this
study are described by Steeneken (1992) and by Steeneken and Houtgast (1999, 20023,
2002b).
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3 M easur ement and calculation of the ST

3.1 Description of thealgorithm

The STI isan objective measure, based on the contribution of anumber of frequency bands
within the frequency range of speech signals, the contribution being determined by the
effective signal-to-noiseratio. Thissignal-to-noiseratio is called effective becauseit may be
determined by several factors. The most obvious one is background noise, which
contributes directly to the signal-to-noiseratio. However, products of distortionsinthetime
domain and non-linearity’s are also considered as noise. This is derived by the specific
design of thetest signal. In Fig. 3.1 anillustration isgiven of the estimation of the signal-to-
noise ratio within each frequency band. The test signal consists of a noise signal with a
frequency spectrum equal to the long-term frequency spectrum of the speech signal. Each
octave-band is modulated with aperiodic signal in such away that theintensity envel opgﬁs
modul ated sinusoidal. Thisisindicated in Fig. 3.1 for the octave band with centre frequency
250 Hz. The modulation index (m) inthisexampleism = 1 at theinput side and reduced to
m = 0.5 at the output side.

2) The addition of uncorrelated signals (echoes, reverberation, and masking noises) is based on intensity
summation. For instance, the addition of two sinusoidal modulated signals (same modulation frequency)
with uncorrelated carriers will consist of asignal with a sinusoidal envelope modulation being the vector
summation of the sinusoidal envelope of thetwo primary signals. This statement isonly valid for intensity
modulations, and not for amplitude modulations.
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Fig. 3.1 Illustration of the effect of interfering noise on the modulation index m of atest signal.

Noise may be added to the test signal and the resulting envel ope is obtained by addition of
the intensity of both signal envelopes. Hence, the resulting envelope of this example is
defined by a steady noise envelope (of a stationary noise signal) and the test-signal
envelope. The resulting modul ation index (m), being the test-signal intensity divided by the
total intensity (test signal and noise), is directly related to the signal-to-noise ratio (SNR)

m
SNR =10log——dB
gl-m (1)

according to:

As described in chapter 2, the envelope function of afluctuating speech signal contains a
range of frequencies, representing the succession of speech eventsfrom the shortest speech
items (such as plosives) up to words and sentences. Due to distortion in the time domain
(reverberation, echoes, and automatic gain control) thisfluctuation pattern may be affected,
in thisway reducing intelligibility. Thisis modelled in the STI procedure by determining
the modulation transfer function for the range of relevant frequencies present in the
envelope of natural speech signals. Asdescribed before (Steeneken and Houtgast, 1980) a
relevant range for these modulation frequencies extends from 0.63 Hz up to 12.5 Hz.
Separation in 1/3-octave steps, yields 14 bands. This results in a measuring procedure
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according to Fig. 3.2 where the modulation transfer index, m, for each octave band (125 Hz
- 8 kHz) and each modulation frequency (0.63 - 12.5 Hz) is determined separately. The
figure gives the measuring set-up for one octave band. A noise signal with the required
frequency spectrum (normally the long-term speech spectrum) isamplitude modul ated by a
signal V{1 + cos (21t fm.t)} which resultsin asinusoidal intensity modulation | *{1 + cos
(2rtfn.t)}. This modulation function can be obtained digitally and can be generated by
computer. At thereceiving side, octave-band filtering and (intensity) envelope detectionis
applied. From the resulting envel ope function a Fourier analysis determinesthe modulation
index reduction, due to the reduction by the transmission channel. This procedure is
repeated for each cell of the matrix given in Fig. 3.2. It should be noted that the block
diagram of Fig. 3.2 represents only one channel corresponding with one octave band. The
original set-up consists of a set of separate channels for all octave bands considered.
With the test signal as described above, distortions such as band-pass limiting, and noise
masking, aswell asdistortion in thetime domain can be dealt with. Non-linear distortions,
however, have to be modelled additionally. If a speech signal is passed through a system
with a non-linear transfer (e.g. peak clipping or quantisation), harmonic distortion
components and inter-modul ation components will be produced in other frequency bands.
For thisreason the test signal should not be modul ated with one and the same modulation
frequency for all octave bandssimultaneoudy. Otherwise, non-linear distortion components
cannot be discriminated from the modul ated test signal in the frequency band considered.
Therefore, in the case of non-linear distortion, all frequency bands, except the one under
test, are modulated with uncorrelated signals so that the envelopes of the distortion
components are not correlated with the test-signal envelope in the octave band under test.
Such distortion components are then considered as noise (they add to thenoisein the octave
band under test) and reduce the effective signal-to-noise ratio in a similar way as would
occur with other interfering signals. Therelative levels of thetest signal in the octave bands
with the uncorrelated (speech-like) envelope were adjusted for optimal prediction of
intelligibility in non-linear transfer conditions. The consequence of this procedure is a
successive measurement for each of the seven octave bands rather than a simultaneous
measurement as can be applied for communication channels with alinear transfer.
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Fig. 3.2 Genera block diagram of the measuring set-up. The modulation index reduction at the
output (m) isdetermined for al cellsof the matrix (7 octave bands and 14 modulation frequencies).
Also the octave levels (1) are obtained, for calculation of the auditory spread of masking.

Besides the masking introduced by the noise in the transmission channel two other factors
have to be taken into account: (1) an additional auditory masking phenomenon™(auditory
spread of masking) and (2) the absol ute hearing threshold. Both effects are modelled asan
imaginary masking noise that leads to a decrease of the effective signal-to-noise ratio.
Hence, resulting in a reduction of the modulation transfer index m. For this purpose not

3) Auditory spread of masking isthe effect, introduced by the hearing organ, that a strong masker in alower
frequency range may reduce the perception of a tone or narrow-band signal. The amount of masking
dependson thelevel difference between masker and masked signal, on the absoluteleve of the masker, and
on their frequency distance. Zwicker and Feldtkeller (1967) give a detailed description.
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only the modulation transfer hasto be determined but also the signal levelsin thefrequency
bands have to be considered. In Fig. 3.3 the effect of the masking by frequency band (k-1)
upon frequency band k is indicated for a signal level of 60 dB SPL. The masking as a
function of the signal level isgivenin Table 3.1.

- slope of masking
~.. -35dB/oct

T

—— dam,k

octave intensity (I,)

k-1 k
octave band

Fig. 3.3 Auditory masking of octave band k-1 upon the next higher octave band k. The slope of the
masking effect versus frequency band corresponds to -35 dB/oct. Thisis equivalent to an auditory
masking factor of amf = 0.000316.

The masking effect, as modelled in the STI approach, does not depend on the frequency
band considered but does depend on thelevel. For exampl e, the slope of masking decreases
with 35 dB/oct for signal levels between 55 and 65 dB. The corresponding auditory
masking factor (amf) of the intensity of the primary masking signal amounts amf =
0.000316 (intensity attenuation of masking signal upon adjacent next higher octave band).
Asthe masking effect by only one lower frequency band is considered, the intensity of the

lamk = la ™ @mf 2

masking signal becomes:

where | .mx represents the intensity level of the auditory masking signal for octave band k,
and Iy represents the signal intensity of octave band (k-1).

In Table 3.1 the slope of the masking as afunction of the octave level is given.
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Table 3.1 Octave level specific slope of masking

Octave level dB 46-55 56-65 66-75 76-85 86-95 >95
Slope of masking -40 -35 -25 -20 -15 -10
Auditory masking 0.000100 0.000316 0.003162 0.010000 0.031622 0.100000
factor

The effect of the absolute hearing threshold is modelled in the STI-approach as the lower
limit of the masking noise level within each octave band (l,sx, See Table 3.2). Thislevel is
only relevant if Iy refersto the presentation level to the listeners.

The auditory spread of masking and the hearing threshold are accounted for by areduction
in the modulation index. The corrected modulation index becomes:

ke ©

Mk = Mt
|k + |am,k + |rsk

where my s represents the modulation index for octave band k and modul ation frequency f,
and m' the corrected modulation index.

The effective signal-to-noise ratio for octave band k and modulation frequency f then
becomes:

SNRy; =10log -2k g (4)
1- M ¢

According to the STI concept a signal-to-noise ratio between -15 dB and 15 dB islinearly
related to acontribution to intelligibility of between 0 and 1. Therefore, the effective signal-
to-noise ratio is converted to transmission index (Tly¢), specific for octave band (k) and
modulation frequency (f), by the equation:

_ SNRy; + shift

Tlr = , where0< T|,; <1.0. ®)
range

The shift equals 15 dB and the range equals 30 dB. In this way a relation between the
effective signal-to-noise ratio and the Tl is obtained as shown in Fig. 3.4.
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Fig. 3.4 Relation between the effective signal-to-noise ratio and the transmission index for ashift
of 15 dB and arange of 30 dB.

All 14 transmission indices related to modul ation frequencies between 0.63 and 12.5 Hzm,
are obtained for each octave band. The mean of these indices results in the modulation

transfer index (MTIy) and is specific for the contribution of octave band k. The MTl is
given by:

1 14
Mle—aéle;- (6)

Finally, according to the revised formula, the ST1, is obtained by aweighted summation of
the modulation transfer indices for all seven octave bands and the corresponding
redundancy correction. Thisis given by:

STl = 0u® MTI1-By* Y(MTL® MTI2) +az* MTI,- ™
BZ. \/(MT|2° MT|3) +,,__+a7o MT|7

4) Thisrange provides an optimal fit for conditions with temporal distortionsin relation to conditions with
noise distortion.
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where,

iak'iﬂk:]" ®

k=1
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The factor ay represents the octave-weighting factor and [ the so-called redundancy
correction factor. This redundancy correction is related to the contribution of adjacent
frequency bands. Steeneken and Houtgast (1999, 2002a, 2002b) describe the optimal
weighting factors and redundancy factorsfor male and femal e speech and different groups

of phonemes.
| Table 3.2 the and values are given for male and female speech, also the level of the

reception threshold (eg. 3) is given in decibel.
A flow diagram of the calculation procedure of the STl isgivenin Fig. 3.5.

Table 3.2. STI, octave-band specific male and female weighting factors and the absolute
reception threshold in decibel.

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

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

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

Absolute Lrsk 46 27 12 6,5 7,5 8 12

reception

threshold dB




19

(k : octave band )
( f : modulation frequency)
measured modulation reduction my ¢
measured levels, 1, —» <«— amf, |,
corrected modulation reduction m’y
effective signal-to-noise ratio SNR,
«— shift, range
transfer index Tl
modulation transfer index MTI,
*«—a, B
speech transmission index STI,

Fig. 3.5 FHow diagram of the STI calculation scheme.

Some simplifications of the procedure described above were madein order to decreasethe
measuring time, but these simplifications restrict the range of applicability. The measure-
ment of a complete matrix of 98 m-values according to Fig. 3.2 and a measuring time for
each m-value of 10 sresultsin atotal measuring time of 15 minutes.

A reduction of the 14 modul ation frequenciesto only three modulation frequencies results
in a total measuring time of less than 4 minutes, but as a consequence no complete
modulation transfer is obtained. This means that distortions in the time domain are not
accounted for correctly. Therefore, this method is normally used only for communication
channel swith no degradation due to echoes or reverberation such aswith person-to-person
communication.

Also, the number of octave bands considered may be reduced. This is the case with the
RASTI method, where only the contributions of the modulation transfer for the octave
bands with centre frequencies 500 Hz and 2 kHz are considered. This can be used as a
screening approach for direct person-to-person applications.

Another 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.
Thisopensthe possibility of applying asimultaneous modulation and parallel processing of
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all frequency bands, thus decreasing the measuring time. This procedure is used in the

STITEL and STIPA method that requires a measuring time of about 15 s.

It should be noted that the STI method can be applied to transmission channels with the

type of distortionslisted before. Due to the specific compilation of the test signals and the

type of analysis some types of distortions are not accounted for. These are:

» frequency shifts (such as obtained with single side-band transmission),

» frequency multiplication (such as obtained with anal oguetaperecorderswhich run at an
incorrect tape-speed), and

» vocoders (systemswhich introduce errorsrelated to voiced-unvoi ced speech fragments
and pitch errors).
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4 Overview methods, test signals, and calculation constants

The'full' STI method includes measurements within seven octave bands and 14 modul ation
frequencies within each octave band. However, certain applications do no require such a
robust measuring scheme. For those measurements specific simplifications of the
measuring method can be applied in order to increasethe measuring efficiency. Thevarious
simplifications of the measuring procedure haveled to different measuring schemesthat are
adapted for specific groups of applications

Respective versions are:

STI-14: A universal measuring scheme, which isapplicableto all types of communication
systems (except vocoders), includes a successive measurement of thefull matrix asgivenin
Fig. 3.2. Thismethod iscalled ST1-14 and refersto the original . For thismethod test signals
for seven octave bands and 14 modulation frequencies are transmitted and analysed
successively.

STI1-3: Asthe STI-14 method is time consuming a limitation in the modulation frequency
domain is applied in order to decrease the measuring time. This version, based on three
modulation frequencies, has limited applicability with respect to conditionswith distortions
in the time domain (the resolution is decreased). The measuring method is referred to as
STI-3.

STITEL: The STITEL (Speech Transmission Index for TELecommunication channels) isa
stripped version of the STl and has no robust coverage for transmission channels with
distortion in the time domain and for non-linear systems.

STIPA: The STIPA (Speech Transmission Index for Public Address systems) isastripped
version of the STI-14 and has a robust coverage for distortions in the time domain and
limitations in the frequency domain. A limited coverage of non-linear distortions is
obtained.

RASTI: The RASTI system (Room Acousti caIﬂSpeech Transmission Index) isbased onthe
MTF for only two octave bands, no coverage for band-pass limiting and non-contiguous
noise spectrais obtained. This method is developed for person-to-person communications
in aroom acoustical environment and does account for distortion in the time domain.

An overview of these methods is given in Table 4.1. The field of application is also
indicated. For some programsthe applicability is condition dependent (e.g. the type of non-

5) Sometimes referred to as RApid Speech Transmission | ndex.
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linear distortion or thetype of reverberation). Thismeansthat atest with the STI-14 or STI-

3 has to be performed in order to verify the applicability.

Table 4.1 Overview of the measuring procedures, the applications, and the corresponding test

signals.
Application Band-pass | Non Linear Reverberation | Test signa types Measuring time
limiting Distortion Echoes
STI-14
(7 octaves, 14 fmod) | yes Yes Yes Malefemae 15 min
STI-3 yes Yes Condition Male, female 4 min
(7 octaves, 3 fmod) Dependent
STITEL yes Condition Condition Male, female, 15s
(7 octaves, Dependent dependent Original,
7 oct. related fmod) Phoneme groups
STIPA yes Condition Yes Male, female 15s
7 octaves, Dependent
14 oct. related fmod)
RASTI no No Yes Origina 15s

(2 octaves, 4-5 fmod)

The frequency weighting and redundancy correction factors are identical for the STI-14,
STI-3, STITEL and STIPA method but different for male and female speech. For the
RASTI only two octave bands are used (500 Hz and 2 kHz).

5 Interpretation of the STI value: relation with subjective measures

The use of the STI-method for more than 30 years, the international application, and the
validation in other studies (Houtgast and Steeneken, 1984; Anderson and Kalb, 1987,
Barnett, 1999; Mapp, 2001; van Wijngaarden and Steeneken, 1999) has led to a robust
qualification of the STI valuein terms of speech intelligibility. Thevalidation of the method
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with different intelligibility testsresulted into arobust relation with avariety of subjective
measures. In Fig. 5.1 this relation for the original STI concept and various intelligibility
measuresisgiven. It should be noted that the earlier experimentswere designed to establish
the optimal relation for CV C words of thetype * phonetically balanced” for Dutch nonsense
words. In later studies CVC words with a uniform phoneme distribution were used. This
introduced a slightly different relation between ST and CV C-word score. All the datain
this manual refer to CVC-word lists with such uniform (equally balanced) phoneme
distribution and nonsense words.

The improvement of the STI method by the introduction of the redundancy
corrections resulted in essentially the same relation between the CV C-word score and the
STI. However, the STI values obtained according to the new method arereferred to as ST,
Theimprovement becomes apparent mainly when transmission channel swith severe band-
pass limitation, non-contiguous frequency transfer or masking noise with a discontinuous
spectrum are tested. In Fig. 5.1 the relation between the STI,, the CV C-word score, and
sentence intelligibility (short simple sentences) is given for male speech. Additionally the
relation between the STI, and the CV C-word score for female speechisgivenin Fig. 5.3.

The relation between the ST, the CV C-word score and phoneme group scores can
also be derived from the expressions given in Table 5.1.

predicted score = {A * €®5™ + C}*100 (%) )

Tableb5.1 Relation between the ST, the CV C-word score, and phoneme-group scoresfor maleand female

speech.
Male Female
Word or phoneme type A B C A B C
CVC words -1.5301 -2.0 115 -1.7584 -1.5 1.37
Fricatives -0.9000 -4.2 0.90 -0.9466 -4.1 0.90
Plosives -1.1531 -4.1 101 -1.1256 -6.0 0.95
Vowel-like consonants -1.4602 -4.2 1.05 -1.3216 -4.0 1.09
Vowels -0.9976 -2.9 1.03 -1.2057 -3.1 1.04
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Fig. 5.1 Quadlification of the STI, (Steeneken and Houtgast, 2002b) and relation with various
subjective intelligibility measures for MALE speech.

Asindicated before, the STI method can also be used to predict theintelligibility scoresfor
certain phoneme groups. For this purpose specific test signals (corresponding to the mean
phoneme-group spectrum) and frequency weightings and redundancy correction factorsare
used. It should be noted that this method couldn’'t be used for all types of channels.
Specifically channelswith a“memory” (such asreverberation or automatic gain control) are
affected by the level of embedded signals that may interact with the various (phoneme-
group-specific) test-signal levels. The relation between the phoneme-group specific STl
(referred to as ST1) and the phoneme-group scoreisgivenin Figs5.2 and 5.3 (for maleand
female speech, respectively). The equations for calculating the various phoneme-group
scoresaregiven in Table 5.1.

Besides a direct estimation of the CVC-word score this score can also be predicted by
combining phoneme-group scores obtained from the ST valuesfor thefricatives, plosives,
vowel-like consonants, and vowels. Thisis performed in two steps: (1) calculation of the
initial consonant and final consonant score (a weighted combination of the plosive,
fricative, and vowel-like consonants scores), and (2) calculation of the CVC-word score
from the product of theinitial consonant, vowel, and final consonant probabilities.
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Fig. 5.2 Relation between predicted phoneme-group scores and the corresponding phoneme-group-
specific STl for MALE speech. The relation for the CV C-word scoreis also given.

The advantage of predicting the word score by a (weighted) combination of the predicted
phoneme-group scoresisthat it is not restricted to the example with the equally balanced
CVC words, but that it can al so be used to predict the word score of PB-words or any other
combination. The restriction is, however, that the word score is indeed defined by
independent phoneme scores.
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Fig. 5.3 Relation between predicted phoneme-group scores and the corresponding phoneme-group-
specific STl for FEMALE speech. The relation for the CV C-word scoreis also given.

The relative test signal spectra for phoneme groups and the embedded CVC test
words are given for males and femalesin Figs. 5.4 and 5.5.
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connected discourse of MALES.
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6 Diagnostic featur es, some examples

The STI-method allowsfor two types of diagnostic analysis (1) based on the anaysisof the
test signal, and (2) based on the type and level of the test signal.

(1) AsshowninFig. 3.2the modulation index reduction (effective signal-to-noiseratio)
isobtained for seven octave bands and 14 modulation frequencies. The contribution of each
octave band to the STI-value represents information on the frequency response of the
system and on the spectrum of a masking signal. Generally, a low modulation index in
combination with alow octave level indicates apoor frequency response. However, alow
modulation index in combination with a high octave level represents a high impact of a
masking signal. In Table 6.1 an exampleisgiven of acommunication systemwith alimited
frequency transfer. The table represents a typical output of the STI-calculation using the
STITEL program. Both the STI, (according to the concept including a redundancy
correction) and the STI (according to the concept given by Steeneken and Houtgast, 1980)
are given. Also the CVC-word score, based on the ST, value and on the test signal type
(male, female) are presented. Thesignal level at theinput of the anal ogue-to-digital system
is given and expressed in dBUV (if no additional calibration correction is applied). This
example refersto the frequency transfer of anormal tel ephone channel. By comparison of
the spectrum of the input signal and the output signal the frequency transfer can be
obtained. This method is only valid if no additional noise is added between input and
output. As mentioned above this can be detected by the reduction of the modulation transfer
(al theTI'sarecloseto '1).

Table 6.1 Example of the STI vaue, levels, and octave-band specific information for a
transmission channel with alimited frequency transfer obtained with the STITEL method.

STI, = 0.89 (Male speech, corresponding CV C-word score 89%)

STI = 0.86

Level = 110.0dB Level correction = 0.0 dB

Level (A) = 107.8 dBA AD/DA range: 6.0 V(pp) equals 16 bit

Octave centre freqg. 125 250 500 1000 2000 4000 8000 Hz
Octave level 70.5 101.8 107.4 103.6 98.4 82.1 52.1 dB
Mod. Index (m) 0.97 1.00 1.03 1.02 1.00 101 0.01
m-correction 1.00 1.00 1.00 1.00 1.00 0.99 0.76

Transm. Index (TI) 1.00 1.00 1.00 1.00 1.00 1.00 0.00

Relative Freg-resp. -40.22 -8.86 0.39 2.63 3.45 -6.85 -30.88 dB
Modulation Frequency 112 11.33 0.71 2.83 6.97 1.78 4,53 Hz
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Table 6.2 Example of the STI vaue, levels, and octave-band specific information for a
transmission channel with alimited frequency transfer and awhite noise masking signal (signal-to-
noiseratio 0 dBA).

STI, = 0.48 (Male speech, corresponding CV C-word score 56%)

STI = 0.48

Level = 108.5dB Level correction = 0.0 Db

Level (A) = 107.3dBA AD/DA range: 6.0 V(pp) equals 16 bit

Octave centre freqg. 125 250 500 1000 2000 4000 8000 Hz
Octave level 67.7 99.1 104.8 102.1 101.0 96.3 53.6 dB
Mod. Index (m) 0.92 0.92 0.95 0.72 0.27 0.02 0.02
m-correction 1.00 1.00 1.00 1.00 1.00 1.00 0.15

Transm. Index (TI) 0.86 0.85 0.92 0.64 0.36 0.00 0.00

Relative Freg-resp. -42.53  -11.04 -1.72 1.66 6.52 782 -28.88 daB
Modulation Frequency 112 11.33 0.71 2.83 6.97 1.78 453 Hz

An example of acombination of band-pass|imiting and additivenoiseisgivenin Table6.2.
Asthenoise signal used for this exampleiswhite noise (increase of 3 dB per octave band)
the modulation indices for the higher octaves are lower than those for the low frequency
bands (the TI’ s decrease from .092 to 0.02).

The modulation transfer function (MTF) offers information concerning the type of
distortion in thetime domain. If only astationary noise is added to the speech or test signal,
the decrease of the modulation transfer will be modul ation-frequency independent. Thisis
illustrated in Fig. 6.1. The reduction of the modulation transfer (m) is also given as a
function of the signal-to-noise ratio.

In the case of distortion in the time domain (automatic gain control, echoes, and
reverberation) a modul ation-frequency specific reduction will be obtained. Reverberation
acts as a low-pass filter on the fluctuations of the envelope. This is shown by the MTF
given in Fig. 6.2. In this graph also the theoretical relation between the modulation
reduction (m) and the reverberation time (T) isgiven according to Houtgast and Steeneken
(1973).

For echoes a rippled modulation transfer is obtained. For a fixed echo delay time (1) the
modulated envelope of the reflected signal (relative level d) will, as a function of the
modulation frequency, vary in phase with respect to the primary signal. This result in a
rippled modulation transfer function (MTF). In Fig. 6.3 an example of suchaMTFisgiven.
The theoretical relation is aso given.
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Fig. 6.2 Example of the modulation transfer function for conditions with reverberation.
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Fig. 6.3 Example of the modulation transfer function for conditions with echoes.

Automatic gain control systems mainly reduce slow level variations, which may be
described as a high-pass filter applied to the envelope fluctuations. Here, the relation
between the modulation reduction and the attack and release time of the AGC is complex
and cannot be represented by a simple formula. It is obvious that for systems with a
distortion in the time domain the full MTF should be determined, hence based on the
complete matrix of Fig. 3.2.

(2) Another method to obtain diagnostic informationisto vary thetest signal level or the
type of test signal. Variation of thetest-signal level will discriminate between signal-level
dependent and signal-level independent distortions. For example, the effect of masking
noisewill increase at lower test signal levelswhilethe effect of reverberation and echoesis
not signal-level dependent. Thisfeature is often used in the evaluations in room acoustics
and becomes even more powerful if it isused in combination with the frequency dependent
analysis as mentioned above.

Asdescribed in section 3.1, aspecific test signal is applied for non-linear communication
channels. While performing an analysis in one of the seven octave bands, uncorrelated
fluctuations are present in the other six octave bands. These may introduce distortion
components within the octave band under test and hence reduce the modul ation transfer.
Thisissimilar as with speech signals. Comparison of the modulation transfer (or the STI)
for a given channel measured with two types of test signals, one with the representative
uncorrelated fluctuations present and one measured without these fluctuations, will show
the effect of the deterioration by the non linear frequency transfer.
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7 Speech and test-signal level adjustment

For reproduci ble experiments concerning the effect of noise on speech transmission quality,
itisimportant to specify the speech levels, the noiselevel s and the corresponding signal-to-
noise ratios.

Various studies (Brady, 1965; Kryter, 1970; Berry 1971; Steeneken and Houtgast, 1978,
1986) have defined speech level measures. It was also shown that a signal-to-noise ratio
variation of only 1-2 dB might have the same effect on the results as typical speaker and
inter-listener variations. We therefore specified amethod for measuring speech levelsand
noise levels, which offers such aresolution. The measure should be robust for the various
speech types (male/female, connected discourse/isolated words), recording conditions
(background noise, frequency transfer), and should al so be applicable to noise signals. We
have devel oped such ameasure (Steeneken and Houtgast, 1978, 1986) mainly for adjusting
the signal level of the STI test signal to the speech level for similar conditions. The
measuring method was made generally available by development of a, platform
independent, digital signal-processing algorithm.

7.1 Speech level measuring method

A high correlation was found between the speech level and the speech intelligibility for
level measures based on frequency-weighted speech signalswith areduced contribution of
frequency components bel ow approx. 250 Hz (Kryter, 1970; Steeneken and Houtgast, 1978,
1986). The standardised frequency-weighting function according to the A-filter was used
for this purpose (standardised for acoustical measurements).

After filtering, the running (intensity) envelope is determined by squaring and low-pass
filtering (47 Hz) the waveform. From this envelope function the envelope distribution
histogram is obtained, and the RMS value can be computed from this histogram. The
advantage isthat the RM S value can a so be obtained for values above acertain level after
sampling. In order to compare the level of short speech tokens (simple words altered with
long silent periods) and the level of connected discourse, alevel threshold for suppression
of thesilent periodsisrequired. Hence, thisthreshold is applied to the envel ope function of
the speech signal rather than to the waveform, and therefore does not affect each zero
crossing of the speech signal. Thethreshold level isdefined to be 14 dB below theresulting
RMS level (iterative procedure). This definition is signal-related and does not strongly
depend on other effects such as background noise level (down to signal-to-noiseratios of 4
dB), shape of the envel ope distribution, etc. The same principle can be applied to stationary
noises but in that case the threshold function is not effective.

The relation between various level measures obtained from two types of speech signals
(connected discourse, and CVC wordsin ashort carrier phrase) isgivenin Fig. 7.1.

The level measures are: the 1% peak level (1% overflow criterion), the mean of the peak
deflections of asound level meter set to "fast" (dBA fast), the RM S values obtained with a



squaring detector from the envelope function (RMS, true rms), the RM S val ues obtained
with direct sampling and by squaring the wave-form samples (RM S, true rms), and the
equivalent peak-level (EPL) according to Brady (1968). Thelast method isnot applicableto
noisesignals. The RMS-Ay,, is obtained with the speech level-measuring program SLM and
isalso used by the former (EU sponsored) Esprit-SAM group. For some of these measures
the use of the A-weighting or athreshold isapplied, thisisindicated by asuffix respectively

(A) or (thr).
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8  Application examples

The ST1 method can be used for speech communi cation systems: (1) radio links, intercoms
or digital (waveform based) speech coders, (2) electro acoustic transducers (microphone
and telephone), and (3) for room acoustics. Although the STI measuring method for al
three types of speech communication systems is the same, some system-specific
simplifications of the measuring method are allowed. Thisleadsto afaster result. Usually
linear communication channels and el ectro-acousti ¢ transducers (used cl ose to the mouth or
ear) can be assessed with the STITEL measuring program. For room acoustical applications
the full STI measurement (STI1-14, or STIPA) should be used. However for some specific
applications (such as public address systems in open environment) we may aso use
STITEL. Thishasto be decided by making areference measurement with ST1-14 and check
that echoes or reverberation does not affect the MTF.

The method of connecting thetest signal to the system under test isdifferent for thevarious
systems. For communication systems an electrical input and output can be used. However,
for applicationswith microphones or in room acoustics an artificial mouth hasto beusedin
order to obtain an acoustically coupled test signal. For testing tel ephones and headsets an
artificial ear is used. It isobvious that also atest of a complete communication system is
possible (including microphone, communication system, headset and acoustically added
background noise).

In the next sections some examples of these applications are given.

8.1 Communication channels

Thefirst example concernsadiver underwater tel ephone system. The evaluation method of
such a system with the STI-approach is similar to the method used for radio links or other
transceivers. The effect of various parameters upon the transmission quality can be studied.
Thefollowing parameters are of interest: the ST1-value as afunction of the range between
transmitter and receiver, propagation conditions, and the input level of the modulator
(especidly if there is no automatic gain control).

The underwater telephone system presented in this example consists of abase stationand a
diver station. At the base-station side the acoustical transmitter receiver (ahydrophone) was
placed in the water of alake at adepth of 3 m. At various distances (4 m, 100 m, and 125
m) the diver set was put into the water at a depth of 3 m. Such an underwater telephone
system is based on an amplitude modulated carrier with a carrier frequency between 8 and
40 kHz. Thisis similar to a radio-communication link but with a relatively low carrier
frequency. The STI-test signal waselectrically connected with the transmitter (base station).
The test signal input level was variable. At the diver station side an electrical output
(headphone) connection was used. In Fig. 8.1 the ST, (obtained with the STITEL method)
is given for the three distances between transmitter and receiver and as a function of the
input level. For this type of application the maximum range is obtained at a STI, of 0.35,
which isrelated to a sentence intelligibility of just 100% (for very simple sentences). For
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the4 mand 100 mdistancethis STI, valueis obtained at variousinput levels. However at a

distance of 125 m, which is a condition without a direct view between the two
hydrophones, avery low ST, is obtained.

In thisexamplefixed conditions (distance between transmitter and receiver, and fixed input
level of the modulator) were used. However, for some applications a continuously
increasing range (e.g. a transmitter in a vehicle moving from or to the receiver) may be
more appropriate. For this purpose acontinuous analysisismade at thereceiving sidewhile
at the transmitter side the test signal can be supplied from tape.
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Fig. 8.1 STl, asafunction of theaudio input level of thetransmitter, for three distances between an
underwater telephone base station and diver station at a carrier frequency of 40 kHz.

A second example of acommunication channel concerns digital wave-form coders. With
wave-form coders, parameters asbit-rate and bit errors are to be considered. We compared
two CV SD systems (Continuous Variable Slope Delta Modulation) at a bit-rate of 8 kb/s
and 16 kb/s. In the connection between the coder and decoder of the systems, random bit
errorswereintroduced. Thebit error rate could be varied in steps of 1%. InFig. 8.2the STI,
for both systems as a function of the bit error rate is given. The measurements were
performed with the ST1-3-method making use of three modulation frequencieswithin each
octave band and suitable for non linear distortion. The results show that system A offersa
better performance than system B. It is also shown that system A gives the same
intelligibility at 8 kb/sas system B at 16 kb/s. The results also show the robustness of these
CV SD systems with respect to bit errors.
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Fig. 8.2 STI, for two CVSD systems, two bit rates as a function of the bit error rate.

8.2 Electro acoustic transducers

Microphones and telephones (headsets) are often used in noisy environments. Therefore,
the assessment of these transducers should be performed in such an environment or by
simulation. A second point of consideration for the use of amicrophoneisitsposition close
to the mouth.

For the assessment of amicrophone, an acoustical coupling isrequired. We developed an
artificial mouth consisting of a (horn loudspeaker) driver unit, artificial head and
connection tube between driver and outlet (mouth). The frequency transfer between the
driver and the mouth is, due to the resonancesin the tube, not flat. Therefore, the tube was
filled with sound absorption material. This resulted in a frequency transfer which is flat
within 10 dB. With the addition of a 1/3 octave equalizer aflat response between 100Hz
and 10 kHz was obtained. The system was built into a box with the shape of atorso (see
Fig. 8.3). At the moment of design no systems with suitable specifications were
commercialy available.



Fig. 8.3 Artificial mouth used for the assessment of microphones.

Theleve at 1 mdistancein front of the mouthistypically 60 dBA. However to simulate a

raised voice level (Lombard effect), the system can produce an undistorted signal with a

level up to 75 dBA at 1 m distance. Theradiation pattern issimilar to that of humans. The

system can also be used in room acoustics as an artificial speaker with a representative

radiation.

Someartificial heads (including an artificial mouth and ears) arecommercially available. It

should be verified that the following specifications are fulfilled:

(1) thefrequency response must cover the frequency range of the STI-test signals (85 Hz -
11.2 kHz),

(2) the maximum level at 1 m distance in front of the mouth must exceed 60 dBA,
preferably 75 dBA,

(3) the radiation pattern (also close to the mouth) must be representative for humans.

The artificial mouth, given in Fig. 8.3, is normally used in a high-noise room where a
diffuse sound field can be produced. The microphone to be tested is placed at the required
positionin front of theartificial mouth. The ST1 ismeasured by connecting thetest signa to
the artificial mouth and by analysing the microphone output. The measurements are
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normally performed at various microphone positions and variouslevels of the background

noise.
In Fig. 8.4 the STI as afunction of the noise level for two microphonesis given.
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Fig. 8.4 STI, for two microphones, at two positions in front of the mouth and as a function of the
background noise level (for noise of adiesel engine).

For the assessment of telephonesan artificial ear isrequired. Especially for the assessment
of headphones mounted in earmuffs the head size, hair and wearing spectacles may
influence the sound attenuation and the intelligibility. Therefore, normally anumber of five
subjects is used with a miniature electret microphone mounted near the ear canal. Thisis
illustrated in Fig. 8.5B. The mounting and wiring of the microphone assembly issuchthat it
does not interfere with the proper use of a telephone handset or a headset.

For measurements in combination with background noise a high-noise room with an
adjustable noiselevel isused. The subject, with the (miniature) sense microphone mounted
close to the ear-canal entrance, is positioned within this room. Special care must be taken
that the subject is not exposed to sound level s above 85 dBA with unprotected ears. In order
to obtain calibrated levels, the gain of the recording chain (microphone, microphone pre-
amplifier and recording system) must beincluded in the STI measuring procedure (thiscan
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be done by adjusting the correction factor in the configuration file of the STI-calculation
program).

In general the presentation level of the speech (test) signal with atelephoneis60 - 75 dBA.
Background noise levels may vary between 50 - 60 dBA (office) to 105 dBA (inside a
fighter cockpit) or even up to 115 dBA (inside an armoured car or helicopter). InFig 8.6 the
STl isgivenfor two types of tel ephone systemsas afunction of the background noiselevel
(STITEL method).

Fig. 8.5 Subject positioned in ahigh-noise room and the mounting of the el ectret microphone near
the entrance of the ear canal.
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Fig. 8.6 STI, for two types of headset asafunction of the background noiselevel. The presentation
level of the test signal was 75 dBA.

8.3 Room acoustics and public address systems

M easurementsin auditoriaor with public address systems are normally performed with the
STI-14 or STIPA method. This includes the measurement of the MTF for 14 modulation
frequencies. If a smooth MTF is obtained, one can decide to decrease the resolution by
skipping modulation frequencies. For some applicationsit is not necessary to measure the
MTF for all the seven frequency bands. The resolution in the frequency domain may be
reduced to two octave bands (with acentre frequency of 500 Hz and 2000 Hz). Thisisonly
valid when no limitation in frequency transfer is effective (no PA-systems) and the
background noise is of minor importance or can be described by sampleswithin these two
frequency bands. The RASTI method isan example of an application with theselimitations.

An example of the use of the RASTI method isgivenin Fig. 8.7. For anumber of positions
in an auditorium the STI was measured and the results were plotted in a lay-out of the
room. Adjacent measuring points with asimilar ST1-value were connected. Thisresultsin
iso-ST1 contours. The contoursare usually made at intervalsof 0.05 STI. A high gradient of
the STI indicates a poor distribution of the intelligibility in the room.
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Fig. 8.7 1s0-STI contours for an auditorium with no background noise.
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8.7 and with the PA-system switched on and off.
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If aPA-system isused, this system may increasethedirect speech level, but it increasesalso
the level of reverberating speech sound. This depends on the directivity and positioning of
the loudspeaker(s) and the presence of sound absorbing materid (e.g., the public). Hencein
some cases the use of a PA-system may be beneficial, in other cases it may reduce the
speech intelligibility. An example of this effect is given in Fig. 8.8. For three positionsin
the auditorium of Fig. 8.7 (A, B,C) thefull STI ismeasured asafunction of the noise level
and for the condition with and without the PA-system. Position B shows an increase and
position C shows a decrease of the STI due to the PA-system.

For position A and B the STI as afunction of the noise level isincreased. The horizontal
shift of thetwo curves (with and without PA-system) showsthe effective gain (the same ST
at higher noise levels). It is obvious that this gain is minimal for position C. This method
can be used to optimise PA-systems.

The MTF and thereverberation timein an enclosure arerelated (theoretically) according to
the formula given in section 6 (Fig. 6.2). Hence, based on the measured MTF, the
reverberation time T can be estimated. This is demonstrated in Fig. 8.9. In this graph the
MTF'smeasured for several conditionsin the same auditorium are given. Two parameters
were varied: (@) the use of the PA-system and (b) additional sound absorbing material
spread on the floor. The MTF given in the graph is measured within the octave band with
centre frequency 2000 Hz. It is shown that for this example the use of the PA-system does
not affect the M TF and hence does not change the reverberation time. The use of additiond
absorbing material however, has a significant effect on the MTF.
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Fig. 8.9 MTFfor one position in an enclosure and based on the octave band with centre frequency 2000
Hz. Four conditions are observed being the combination of a PA-system switched on and off and
the use of additional sound absorbing material.
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In Fig. 8.9 asmall part of the theoretical MTF's corresponding to reverberation times of 1,
2, and 4 s respectively are drawn. These curves are calculated according to the formula
giveninFig. 6.2. Thisformulais based on a ssimple exponential decay curve (no coupled
enclosures). The reverberation time is estimated by fitting the measured MTF with the
theoretical MTF's. In the example the reverberation time T = 4 s for the two conditions
without additional absorbing material and approximately T = 2.2 sfor the condition with
the additional absorbing material. It should be noted that the MTF approach is closely
related to the perception of fluctuations. The predicted reverberation timeisrelated to the
early decay time rather than to the conventional reverberation time.
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