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1. INTRODUCTION

Following a brief overview of speech intelligibility analysis in general, this
paper concentrates on the Speech Transmission Index {STD and the Articulation
Loss of Consonants (ALcons) methods. In a first attempt at combining these

different methods onto a common set of co-ordinates. the case of pure
reverberation is considered where reasonably good agreement.

The effect of the direct field is then considered for the STI method. for which
relatively simple expressions are derived enabling computation of the index as
a function of reverberation time (1'), direct-to-reverberant ratio (0/11) and
signal-to-noise ratio (S/N), thereby providing the potential for predictive
analysis computations in the traditional way, more in line with the ALcons
method. Close agreement is demonstrated with the ALcons measurement algoriLhm

as employed in the Time Energy Frequency Analyser (Techron/TEF), but poor
agreement noted with the traditional [means predictive formula. The Rapid-5T1

(Bruel A Kjaer/RASTI and the full—STI (Techron TEE) measurement algorithms are
also briefly considered.

The effect of noise is then assessed, where it is demonstrated that caution
should be exercised in interpretation of s/N results from RASTI and TEP.

2. OVERVIEW OF SPEECH INTELLIGIBILITY ANALYSIS TECHNIQUES

2.1 Critical Parameters

Generally recognised causes of reduced intelligibility are: poor S/N; excessive
reverberation,- specular long—delayed echoes (over 100ms-l, higher in level than

the energy near them [1]. The effects relating to 'maski'ng’ (additive noise)
and 'dlstortian’ (reverberation) are now reasonably well-quantified, however,
the effect of ’time—delay’ is much less understood, (although a recent

reference by Peutz [2,3] of him being close to an answer is noted).

other parameters that may be considered in intelligibility analysis include:
distance of listener from the source; source directivity factor; aiming with

respect to high absorption areas in the listener plane; loudspeaker
misalignment between alike devices; misequalisation; non-linear distortion
(clipping. . . ).
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2.2 Quantitative Methods of Analysis

while there generally appears to be agreement on 'identification' of the main

parameters that affect speech intelligibility, controversy still remains on

their relative 'quantitative' effect. Smith [4] gives a comprehensive outline

of the well-established analysis methods, including: articulation loss of

consonants (ALcons),'attributed to Peutz; articulation index (AI), attributed

to Kryter; modified or equivalent signal—to-noise {Eg—S/N}, attributed to

Lochner & Burger; modulation transfer function (MTFJ/speech transmission index

(5T1), attributed to Houtgast 5| steeneken. (Reader is referred to [41 for

references to the original paper). It is briefly noted that:

- ALcons method gives loss of consonants as a function of T, D/R and S/N;

it is restricted to the ZkHz band; 'direct' field computation includes no

integration, and hence makes no allowance for “early” reflections, as

such; empirically derived modifiers may be added to the original Peutz

expression, to account for multiple sources, high absorption in the

listener plane, etc.[1]; percentage values do not easily relate to

different types of subjective test material, as 1 ALcons appears to mean

different things to different users, although Peutz's comprehensive work

in respect of the "information index" should be recognised [2.3];

A1 method gives the articulation index as a function of S/N over the full

band; it is suitable for noise-only cases; it provides index values that

are very well-established for different types of test material (non—sense

syllables, Pn—words, sentences..,);

S/N method gives intelligibility as a function of the system impulse

response (1000Hz band); it is not considered practical for use in

predictive analysis due to complexity of time—weighting but could prove

useful in objective measurements; recent work by Bradley [S] and Jacob

[6] appears very promising, by illustration of the validity of simple

early/late integration by the former, and introduction of the

computationally efficient hybrid energy-decay curve (HEDC) by the latter,

Mith the use of computer in the analysis being necessary;

STI method gives the speech transmission index as a function of

modulation transfer function MTF; it is extremely useful in measurements.

but is not as easy to use in predictive analysis, not being directly

related to the basic parameters of T, DIR and SIN; computer simulation

methods using ray-tracing techniques appear very promising especially

when combined with statistical methods. as attempted by H.F. Rietschote

et Al [7]; the STI method takes the full bandwidth (0.25-8kHz) into

account, rather than a limited 1 or 2 kHz band. and offers therefore the

potential of giving a complete picture of performance, if it is

indeed considered necessary to do so; the serious efforts of Houtgast and

Steeneken in relating the index to different types of test material (and

indeed languages) must also be recognised (8].
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3. MODULATION TRANSFER FUNCTION

Schroeder defines the complex modulation transfer function (CMTF) for linear
passive systems [9] as the normalised Fourier transform of the square impulse
response (i.e, the energy spectral density function normalised with respect to
its value at zero frequency). The real part of this function. the MT, has
been used by Steeneken and Houtgast [9], with it being expressed as a function
of modulating frequency F, as follows:

|fo’”". pz(t).dt| mm(F) = —z— .
f 9 mm

where, p(t) is the instantaneuous sound pressure (N/mz) measured in response
to an impulse, in the absence of ambient noise. For example. in the case of
pure reverberation (exponential ETC decay), as nominally experienced in the
far-field, m(1’-‘) may be easily shown [10] to be:

m(F) = 1/1 1 + (zanf. (2’

As only low modulating frequencies F are of interest in the case of speech
(0.5—16Hz), it is the slope of the very low frequency response of the magnitude *
of the energy spectral density function that is of interest in speech
intelligibility analysis. '

where the test signal comprises a modulated noise carrier (as in RASTI),
thereby enabling also measurement of the SIM effect. the mu’) may be analysed
on the basis of the following expression [10]:

Uaejmn. Dz(t).dtl, 1
m F = ° -_ '( ) “In Deal“ 1+1°.o.us/n (3)

It is also worth noting here that a slightly modified version of Equation (1)
is actually implemented in the TEF analyser as discussed by Keele [12], based
upon the Fourier transform of the square magnitude of the complex analytic
impulse response (doublet response plus imaginary response). This has no
effect on the content of this paper, and is mentioned here for completeness
only, » t

 

4. SPEECH TRANSMISSION INDEX (STI)

From the MTF. the speech transmission index (511) may then be computed as
defined by Steeneken and Houtgast [10-11]. as follows:
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(a) Apparent signal-to-noise ratios (S/N)' are computed at n modulating

frequencies in each band of interest as appropriate to the measuring

device used, and these are then averaged in each band, as follows:

. _ mgr) .
(s/N) lr -10.|og[1_m(F) , m

where (S/N)’ is hard-limited to +/- 15 dB, and then averaged to yield

(S/N) =(1/n)§(S/N)‘Ir. (5)

(b) STI is computed in each band of interest, as follows:

 

(S/NY 4' I5
STI -30— . (6)

An index is computed in each of the seven octave bands from 0.25 to BkHz

inclusive; RASTI however uses the bands soon: and ZOODHz, with 4 modulating
frequencies in the former and 5 frequencies in the latter, averaged to yield an

overall RASTI [11]; i.e., a total of 9 frequencies. The full STI defined by

Steeneken and Houtgast, however, requires a total of BB modulating frequencies
'over the 7 bands, as realised with the TEF analyser [12].

In arriving at an overall 5T1, weighting factors are applied to the STI's

computed at different octave hands. There appears to be a difference between

the weighting factors proposed by Steeneken & Houtgast, and those proposed by
Keele [12] 'as applied in the TEF analyser. Hojberg's implementation using FFT

adopts the former weighting factors [13].

5. COMPARISON WITH OTHER METHODS (PURE REVERBERATION CASE)

‘It would be useful to compare the STI technique with other methods. Figure 1

gives some examples, for the case of pure reverberation. The first set of

curves (a,b,c) are plotted against reverberation time (T), including STI,

Eq—STI by Peutz [14], and Eq-S/N for 70ms integration, respectively. These

would effectively apply in the 1—2kHz band, as necessary.

The second set of curves (x,y,z) are plotted against ALcons (H, including

Eq-STI by Becker [15], A1 (or S/N) based on ANSI 53.5 [16] (or Harris [17]).
and Eq-S/N by Peutz [14], respectively.
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The results of these different methods are considered to be fairly close, inthe range of 5-25% ALcons, O.35-.65 Sn, and 1 to 45 reverberation time (2km),Appendix I gives the equations of the curves discussed.

It is worth noting that the STI/ALcons conversion expression attributed toBecker [15] and followed in this paper coincides almost perfectly with thatexperienced by Houtgast and Steeneken, for phonetically-balanced nonsense wordsembedded in a carrier sentence [10].

6. EFFECT OF THE DIRECT FIELD

In the above analysis the effect of the direct field is neglected, assumingoperation in the far-field. Houtgast and Steeneken considered the effect ofthe direct field for a talker [11], for which simple expressions were derived.In this section we derive a more general expression as a function of 0/11,essentially based on their work.

If a direct field is to be considered, yet maintaining our earlier exponentialdecay assumption, P (t) may be expressed as follows: '

 

1 1 13.3I’2“) :76(‘)._z~e-IJ.BKl-|h|/TI (7)
D Dc T

where D distance from listener to loudspeaker
Dc critical distance = 0.141 [QR = O‘DS'IJQV/T
'1‘ reverberation time (—GOdB)
Q = directivity factor of loudspeaker (taken along the direction of the

listener, assumed on—aim here)
V = volume
t0 = initial delay (between direct contribution and reverberant

componenL)
R = room constant.

Figure 2 gives a representative model of this system, including the idealreverse Schroeder integration.

uoutgast ct Al [11] noted that to has little effect on m(l-‘). This depends onD/R and presence of echoes, as we will show in a separate paper.Neverthelesss, neglecting the effect of initial delay to:

m(F) = [1+ ll/(lmz))z +

 

Z 2mm )] / u + a). (a,
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where,

u = 21lFT/13.B . (9)

_ o.IIn/nl _' 2
B — to (won). (10)

D/R = direct-to—reverberant ratio = 10 log (0/1)“)z

Figure 3a gives the resulting 5T1 as a function of DIR, for various

reverberation times, computed for the six modulating frequencies [11]. This

applies at any octave band of operation, which could be assumed to be STI 2000,

for example.

For the sake of comparison with the “cons method, results based upon the

2000Hz TEF measurement algorithm [13] are also shown in Figure 3a, which when

slightly transcribed to unify symbols may be expressed as follows:

logUALoons) = 2 - 0.64|og(1+IO/8) + Iog(T/12) (H

— c.321ogcr/uznogonola) . ’

Equation (11) is applicable for S/N above 25:13, and D/R in the range +10 to

—12dB; some slight correction is required for values of s/N or DIR outside this

range [2]. The Eq-STI value is derived from Equation (1‘) based upon Becker's

formula [15], for plotting in Figure 33. Figure 3!) gives similar curves for

readers who prefer to work in percentages. The coherence of these different

methods is quite remarkable, especially for D/R values under around des.

Figure 3 gives the ALcons measurement algorithm as applied in TE? (15). It

would also be interesting to include the traditional Peutz prediction formula

in this comparison; this is given as curve (a) in Figure 4 for the case of 25

reverberation time (I). Curves (b) and (c) are identical to those given in

Figure 3b, and are included in Figure 4 for comparison. where it is noted that

they differ substantially from (a). This has also been confirmed by Barnett

and Scarborough [19] under a simulated acoustical environment.

It should be noted that definitions of D/R and T are in accordance with the

assumptions made, with no integration for the former, and pure exponential

decay for the latter (so that T and EDT are assumed to be the same). Peutz

does of-course warn against application of the formula at low EDT (with respect

to R160) [16]. Although the RTSO in TEF should really be EDT [18], based on a

IDdB drop in the ETC, some users of TEF have not followed this, and have found

Ploc.l.0.A. Vol 12 Pan 3 (1990)
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it therefore necessary to compensate by allowing some integration in defining
D/R. Doany and Mapp [20,21] have experimented with these parameters. The
effect'of 'early arrivals' in this context is clear, and the debate 6n how to
really quantify such a parameter will undoubtedly continue for some time.

7. EFFECT OF NOISE

This section considers the effect of noise, as the conditions considered in the
previous sections assume S/N values above ZSdB. The B a K RASTI gives a
facility of taking into account the effect of noise on 511. Equation
(3) gives the expression for m(F), combining both reverberation (EDT, assumed
exponential) and noise. If noise is indeed encountered a RASTI measurement.
the effect is a reduction in the modulation index which is flat over the
modulating frequency range; in combining the effects of different bands
(SUO/ZOOOHz), however, the 9dB difference in the transmitted signal level
should be duly noted. Alternatively the user may use "noise—floor“ entries
[22] to derive the expected performance under conditions noisier than those
encountered during measurement.

The combined effect of D/R and noise analysis can be easily considered based on
Equations (8-10), with the additional multiplier for noise given in Equation
(3); some results are plotted in Figure 5, giving ALcons against s/N at D/R
values of D and —6dB. It is noted that as 5/N exceeds ZOdB, the curves
flatten,

As to the TEF/ALcons algorithm, this is also plotted in the Figure 5 (for the
Zkflz band), based on the following expressioan]:

IoeuiALoons) = 2 - 0.64log(1+10/fl/(1+B')]
+ 0.321og(u~10/B' ).log(T/12l

 

(12)— 0.10log [1+1a/a/(Ha' )] .log(1+10/B' man/12) .

where a is as defined earlier, and

“B
: -0.‘HSIII _ ~U.I(III)

’3 ' T “° ‘ '° ' (13)
Equation (12) applies for a limited range of SIN and D/R [18]. It is clearfrom Figure 5 that uwre is a shift of around 6dB in S/N between these methods.TEF gives the user the required S/N at which a 10% ALcons expected to be isexperienced [18], based on the measured D/R and T; this does_not appear to
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match what RASTI would provide by way of noise floor entries in the same

environment.

It is also worth noting that the traditional predictive analysis formula by

Peutz for taking 5/»! into account only applies at the intelligibility distance

[1]. so this has not been considered here. However, our results do match the

work of Hetkemeijer at Al (excluding the 2.5% value incl) [23]. '

8. SUMMARY AND CONCLUSIONS

In this paper we have attempted to compare $11 and ALcons methods under various

conditions. Ityis concluded that Very good agreement can be expected under the

ideal cases of pure reverberation (T), and presence of a direct field (D/R).

As to noise, caution should be excercised in interpreting results given by TEE

and RASTI equipment on S/N, as the results do not appear to match.

Finally, a brief note is included on the expected trends in both predictive

analysis and objective measurements, for ALcons, STI and 5/" methods. It is

considered that the advent of computer modelling and analysis has the potential

of improving the latter two methods. with increased interaction between

*predictions and measurements [24]; the ALcons method however does not appear to

benefit as much as its appeal has always been its simplicity. The challenge to

the Consultant is to maintain consistency between the various phases of his/her

work. 'Figure 6 illustrates this problem by presenting it in a number of

phases: rudimentary acoustical analysis, where simple expressions are

manadatory at the inception stage of a project; computer modelling and

analysis, the need for which is vital at the advanced design stage; objective

measurements and verification testing, where choice of method is crucial if

extrapolation of results is required such as in acoustically difficult

environments. The appeal of the 571 method is lower in the former stage and

probably higher in the latter; this paper attempts to initiate a redress of

this balance, by highlighting inconsistencies to be pursued in future work.
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APPme I

This Appendix explains the cumes plotted in Figure l. The first set of cuNss (a). (b). and (c) are $110th

against reverberation time I (on early decay time EDT. for exponential decay). and the second set of wives

(x). (y). and (z) are plotted against ALcens (1). as felines}

(n) Sn Method: 511 vs I
1his is denoted (name (a) in Figure 1, and is based upon the expressions fer operatien beyond the

critical distance, Iith exponentia'l decay. as described earlier "1 Eqs (4-6).

(a) mu: Eq-Sll vs I
This is denoted curve (b) in figure 1. and is based upon Peutz‘s [14] expression of thens = 91x.

converted to Eq-STI as derived by Becker [15). so that:

Eq-STI - 41.1945 mm) v 0.9432. (1)

(c) Medicine - SIN: :q-5/N vs I
» This 'is denated curve (c) in Figure l. and is based upon :- mus integration tin-.- (0. so that;

Eq~S/N a lo \og[axo(13.EI/T)-1] as. (H)

()0 Sn tn ALeons Equivalence : Ea—sn vs Aims
ihis is dummd curve (a) in Figure i. and is based on Becker‘s (is) expression:

Eq-Sll = 41.1545 1n(ALoons) 0 0.9402 ' (in)

0) Al in ALnans Equivnlcmn : A] vs Moons (or Eq—S/N vs Atmns)
Yhis is donoth curve (y) l" Figum 1. am is hasd upon an equivalent 5/" va'lim assumd to be equal

over the entire bend. Ihlch explains the scale on the Al axis as fella-s;

All- .0333 [SM 0-12]. - (hr)

Curvn (y) is then transcribed from ANSI 53.5 [lb] (or the case of rhyme tests; a slight shit: 'to the

left is needed for the case or rinno-sy'lhbli: multiple-choice tests [17]. This curve is included for

reference only. as it strictly applies for the case ol S/N. It does however indicate the potential of

an Eq-S/N being considered. based upon a 70-80.“ integratien time (or values at ALcens in the range

5-!51
.

l
(I) [q-S/N to Alums Equiuaienm : Eq-S/N vs Means

lhis is denoted curve (a) in Figure l. and is essentially similar to curve (c). but with an ALcons or

91': based upon Penn as fo'l’lous:

Eq-S/hl a in 1m[exp(l2l.ZI/ALcons)-|] (v)
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Figure 1 Summary ofinlelligibilily parameter: by dlfl'erenl Melinda/a! the can ofpwe reverberalivn
(exponential dccdy):fir.rl m (a.b.c) give; Sl'l, Eq-STI (Penn) and Eq-S/N (70 nu) «gains!
rcvzrbemu‘an limc 'l', respectivzly.‘ second In! (1.1:) gives Eq-STI (Becker). AI (a! SIN) and
Eq»S/N (7D nu) against % ALCOILT. rexpecn'vely. Refer to Appendix I for m: exprcm‘ans.

Mudcl Symm; Square Impulse response p’u)

Revelse inlcsuliun (Shcrmdu): l, =0

+91") » m MgUOMA-I)

' A: curve (dill
o l

 

Figure 2 Ideal modelfor operaliun in a reverbemnt :nw'mnmcnl (exponential dzmy. wllh a direnlfleld
contribulian.
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I

index method
(STI) . -— —/\Lcons method (TEF ulgurilhm

in Eq-S'l‘l)

  

-12 (dB)

 

F[guru 3a 51'] and Eq-STI (from 'I'EF/ALcoru algorithm) against DIR (dB): n'vcrberution time is the
parameter, with SIN>25 (AB.

[00
ALcons

(5%) ‘ mrilllm)

  

DIR
.12 (an)

 
Figun 3b Eq-ALcon: (from ST!) and ALcqu' (TEF algorilllm) ugm'lul DIN (dB); reverberation lime i:

(ll! paramclcr, with SIN>ZS dB.
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'ALcons method (Pcutz
prediction formula)

ST] mcllmd
(in Eq-ALcons)

 

ALcons method
(TEF algorithm)

Figurc 4 Percentage ALca/u against DIR (div/at T=25 (SIN>25 dBU’or three muhadx: (a) i: ALcan:based on the Fun prcdictionfarmulu.‘ (b) i] 57'] method as outlined in this paper (Eqs. 8-10).Imus/armed ta Eq-ALcans; (c) i: ALcon: method based on Iht TEF algorithm. Curve: (1:) and(c) an: aim given in Figurc Jb, but wilh M invented ALcan: .rcalcy
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[‘mclhod (in
Lcons mclhod

 

DIR: 0d”-

 

   
Figure 5 Percentage ALcon: again“ SIN (dB) at two value: afle (0 J: -6 aim/or the 57'] method (in

Equivalcnl ALcaru) and the Mann method (TEF algorithm).
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5T1 5 ALCOnS ANALYSIS
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Various modifier
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‘ Computer Modelling
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Analysis

Not clear how best
to model?

Accurate modelling
potential. with

computationally
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Accurate modelling
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Not clear how to
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Figwc 6 Trend: in Predictive Annlyslr. Objeclt'vc Mcmurenwnts and their inter-rclulionxlu'prer
ALcnnr. S11 and SIN methods.
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