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This thesis presents a systematic study on the speech intelligibility ¢ 
(he hearing impaired under everyday Listening conditions. The study wag 

“prompted by the frequently noticed complaint of hearing-impaired persons 

of having diffieulties primarily in understanding speech in a noisy 

environment as in group conversation, public halls and traffic. Under these 

sonditions hearing aids appear to be of little or no benefit, as a result 

of whieh many users are rather disappointed about the performance of their 

aldo. 
A major part of the study has been focused on the psychoacoustical 

fiodelling of the effect of noise and reverberation on the unaided and 

aided Speech=Reception Threshold (SRT; defined as the speech level at 

whieh 50% of speech is correctly understood) for conversational sentences. 

‘Vhe models were tested by means of SRT values measured against a background 

of continuous noise with a spectrum identical to the long-term average 

- fpectrum of the sentences. The SRI's were measured both on elderly subjects 

without hearing aids and on younger subjects (age below 65) with and with- 

out behind=the-ear hearing aids. The SRI's of the elderly were measured 

monaurally over headphones, In addition, part of the elderly also partici- 

pated ip an experiment, where binaural hearing was tested under free-field 

eonditions, using different types of interfering sound sources positioned 

in front or laterally to the subjects. In all investigations reference 

values for SRT were measured on young normal-hearing listeners tested under 

‘the same conditions. 

: The main results, given below, are ranked in the order of presentation 

in the Chapters I to V of this thesis: 
(1) by means of the Speech-Transmission-Index (STI) model reverberation can 

be replaced by an equivalent noise in predicting the effects of room 

aeousties on the SRT of elderly hearing-impaired persons situated in 

the diffuse sound field; 

J (2) in rooms, the most effective way of reducing the handicap of elderly 

hearing-impaired persons is by decreasing the reverberation time rather 

7 than by raising the presentation level of the speech; 

(3) for any individual, the hearing loss for speech (SHL) can be accurately 

deseribed, as a function of ambient noise level, by a model which is 

hased on two independent loss components, viz. SHL in quiet, and SHL 

in noise at high levels (> 70 dBA); 
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Lderly 

lone of primary ape 

: © not really benefit from the relatively allent 4 

periods 1 ‘ting apeech (single speaker), in contrast to a gain 1 

of 7 dB for young subjects relative to the condition of continuous j 

interfering noise; a 

for any hearing-impaired individual, the effect of a hearing ald on a 

SRT can be sufficiently characterized by two components, via, the 2 

functional gain in quiet, and the functional distortion in noise at 

higher Levels (>55 dBA); in modern hearing aids an average funetlonal 

distortion corresponding to an increase of the aided SRY in noise of 

more than | dB has been found; thus, the aids provide no benefit in 

noise, since they are detrimental to the signal-to-noise ratio, 
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PLON 

it ie an irrefutable fact that speech te a vital and efficient way to 

conmmuniaate, This explaina why paople whose apeech=hearing ability ia 

vedueed ave wo obviously handicapped in daily life, Despite a vast amount 

Of Yanearch on numerous details of hearing impairment (cf. the review by 

Viomp,1978), the question of how hearing-impaired people are exactly 

Handicapped in terms of disability to understand speech under everyday 

tonditions, has not yet been studied systematically. This lack of know- 

ledge manifests itself, for example, in the routine manner in which 

lwaringeimpaired subjects are provided with a hearing aid. The primary aim 

of the present investigation is to gain a quantitative and systematic 

\nowledge of hearing impairment as a communicative handicap, and to explain 

in what respect a hearing aid can be of rehabilitative potential. 

This thesis is basically a collection of five successive papers in 

whieh the results of the investigation have been published (given in 

ehvonological order in Chapters I to V). Before introducing these papers, 

two general remarks should be made. The first concerns the symptoms and 

type of auditory handicap. It has been known for a long time that the first 

fymptome of a hearing impairment are that the individual has difficulty in 

understanding speech in church, at the theatre, or in group conversation, 

but Gan hear speech at close range without any artificial assistance (cf. 

Neanley, 1940), Apparently, even moderately hearing-impaired subjects are 

eauily disturbed by interfering noise and reverberation. Nevertheless, in 

the paut decades most attention has been focused on hearing difficulties 

in quiet, at the expense of research into impaired speech intelligibility 

in everyday listening situations. This has had a marked, adverse effect on 

the dewign of hearing aids, and it has created immoderate expectations of 

thelv effectiveness. Indeed, the aids are satisfactorily effective in quiet, 

but generally of no use in a noisy environment (Carstairs, 1973; Nielsen, 

1976), Bupecially individuals with sensorineural hearing impairment derive 

vather Limited benefit from a hearing aid, as compared to subjects with 

eonduetive or mixed losses. 

‘The second remark concerns the prevalence of this auditory handicap. 

Vrom a literature survey (Plomp,!978) we may conclude that as much as 7.5% 

of the population has difficulties in understanding speech in noisy 

environments, The next stage of a hearing handicap, which implies diffi- 

eulttes both in noise and in close-range conversation in quiet (cf. Beasley, , 
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of the population, Slightly more than 1% even 
han ditt tout 1 all ordinary sound intensities, and thus needa very loud 

speech or avilflolal asviavance. Other figures given by Plomp (1978) show 

that at the age of 65 no less than 24% of the population ia more or lens 

handicapped, af Gofipared to 1% at the age of 20, Furthermore, the oumula= 

    

tive distribution of hearing handicap as a function of age indleaten that 

almost half of the handicapped is over 65. This means that preabyacusla Le 

a major source of hearing difficulties, and that elderly subjects deserve 

our special attention. 

It is the above-described state of affairs that prompted us to the 

research being introduced next. In Chapter I it is shown how, in cases of 

elderly listeners with various degrees of hearing loss, the Speech=keception 

Threshold (SRT; level at which 50% of speech is correctly understood) for 

conversational sentences is affected by noise and reverberation. A syalben 

atic concept for evaluating the combined effects of reverberation and nolae 

on the SRT of hearing-impaired subjects is presented, which iu based on the 

Speech Transmission Index (STI) (Houtgast and Steeneken, 1973). The STL 1a 

a practical, single measure by means of which reverberation can ba replaced 

by an equivalent noise in predicting the effects of room acousties on 

speech intelligibility. 

In Chapter II the implications of the reverberation study have heen 

elaborated with regard to room acoustics for the aged. The susceptibility 

to noise and reverberation found on elderly subjects implies that the 

acoustical requirements for rooms frequented by the aged have to be nore 

stringent than for normal-hearing persons. Based on results obtained from 

the STI concept, supplemented with data on the hearing loss for speach in 

quiet and in noise as a function of age (Plomp and Mimpen, 1979), a quantile 

tative specification of the acoustical requirements of elderly subjects 

. is given, which pertains to speech intelligibility both in the direct 

sound field and the diffuse field of a speaker. 

The study presented in Chapter III is focused exclusively on the 

effect of noise on the SRT's of the same, aged subjects, who partioipated 

in the reverberation study. Five noise levels from 0 dBA up to 73 dA were 

applied. This systematic way of measuring SRI in noise enables a teat te 

be made of a model of hearing losses for speech developed by Plomp (197M), 

This model describes SRT as a function of noise level by means of two 

parameters specific for hearing loss. 

 



Beh yenmie t tn Chapter IV it is investigated 
two observations also hold for slightly to moderately 

elderly subjects, Their binaural free-field SRI's for 

ai) are seriously handicapped under these noisy conditions, and 

ng aid does not alleviate this aspect of their handicap. A basic 

Impaired. In Chapter V of this thesis an experimental basis is 

Plomp's model, and the validity of the model is demonstrated, 

i the frequency responses of the hearing aids involved and 

hearing impairment considered. Furthermore, data are presented 

mance of hearing aids in relation to their electroacoustic 

as measured in a test box. 

stion "Final discussion" the implications of the most essen- 

‘presented in Chapters I to V, will be considered. First, the 

STI is briefly reconsidered, with emphasis on listening 

ith fluctuating, instead of continuous, interfering sounds. In 

the experimental results presented in Chapter IV are quite 

@condly, on the basis of both the systematic quantification of 

ditory handicap of hearing-impaired persons and their re- 

respect to hearing aids, it is discussed what the prospects 

‘Near future, of mitigating their handicap by a hearing aid 

tty than is possible at the moment, 

san two methods are described for calibrating 

ty of SRT values obtained for conversational 

Co-author: Prof.dr.ir. R.Plomp 

Paper published in: 

Journal of the Acoustical Society of America 

Volume 68, August 1980, pp 537-544, 

 



  

    ARSTRAGT 

Yor 80 male wubjecta (age 60°90) and 30 female subjecta (age 71689) the 

Honsural SpeecheReeaption Threshold (SRT) for sentences was investigated 

wider five reverberation conditions at a constant noise level.The rever- 

Weration times used were between O and 2.3 5. The noise, with the long- 

fermi average speech spectrum, had a level of 52.5 dBA. Each subject was 

Auslgned to one of several subgroups formed on the basis of the maximum 

Veverberation time at which the subject was still able to understand the 

Hertenees correctly. The mean SRT''s and the standard deviations are given, 

per subgroup, as a function of reverberation time. It is shown that, for 

enol subgroup, the SRT in different reverberant sound fields can be ex- 

pressed af o single number, namely the required Speech Transmission Index 

(W711) an introduced in room acoustics by Houtgast and Steeneken (Acustica 

20, 66-73 (1973)). Furthermore, it is shown that a model of SRT as a function 

of noise level, developed by Plomp (J.Acoust.Soc.Am.63,533-549 (1978)), can 

be combined with the STI model and can thus include the effect of reverber- 

ation, 

INTRODUCTION 

eavingelmpaired subjects often complain of being unable to understand speech 

ii) & Veverberant room. This paper presents a systematic approach for eval- 

watlog the extent to which, for the hearing-impaired, conversational speech 

te interfered with by a combination of reverberation and noise. The approach 

la bawed ou the Speech Transmission Index (STI), introduced by Houtgast and 

fteoneken (i973)! (see also Houtgast, Steeneken, and Plomp”), which is an 

appropriate measure for describing the combined effects of reverberation and 

Holwe on speech intelligibility. As subjects suffering from presbyacusis re- 

Present a large percentage of the hearing-impaired, our study is focused on 

(hat group. 

The effeet of reverberation on the intelligibility of speech for hearing- 

lnpatved subjects has been studied by only a few investigators. Bullock 

(1967)" investigated word intelligibility in quiet for reverberation times 

(1) up to 2 #, Nibelek and Pickett (1974)* tested subjects wearing hearing 

aida; they studied combinations of noise and reverberation (T=0.3 s and 0.6 s), 

ae did WinitworHieber and Tillman (1978)° for T up to 1.28 . Gelfand and 

Hoohberg (1976)° presented their subjects with word material in quiet, to 

hieh artificial veverberation (Tel, 2, or 3 8) consisting of a series of 

    

     

  

   ad, Ndbolok and Robinette (1978)? have recently 
Hummer ived 9 te publinhed on word intelligibility under diffare 

ent reverberatlon gonditions. 

Hecauae of thele fragmentary character, it da difficult to draw ayae 

tematic conelugtons fom these studies. In general, the ragultse for normale 

hearing subjeets imdicate that the decrease in word intelligibility scores 

in quiet is moderate for T increasing up to 2 8 (scores typleally above 

80% for T=1 8); in the presence of masking noise the scores decrease more 

rapidly. Hearing-impaired subjects prove to be more hindered by increasing 

reverberation than normals. When noise is added, they are seriously handl= 

capped. re) 

A more systematic approach seems to be necessary in order to gain a 

clear insight into the effect of reverberation and noise on speech intelli 

gibility. For the case of normal hearing some attempts have been made to 

find a theoretical framework in order to generalize the results, 

Lochner and Burger (196198 presented a method to compute speech intel= 

ligibility under reverberation conditions from acoustic measures, taking 

ambient noise into consideration. In essence, the technique consists of 

splitting the sound reflections in a room into early componenta to be 

regarded as useful signals, and late components acting as masking noise, 

All echoes arriving within a period of 95 ms are integrated with the diveet 

sound in accordance with a weighting function which defines, as a funetion 

of echo intensity and delay time, the fraction of the echo intensity to be 

integrated with the direct sound. By means of this technique the effective 

signal-to-noise (S/N) ratio in a room could be computed from the impulme 

response known as the echogram; from this ratio word intelligibility waw 

predicted. The calculated scores agreed very well with the results from 

word tests in three rooms with T=0, 0.8, and 1.8 s, respectively. 

Peutz and Klein (1973)? introduced the Articulation Loss for consonants 

(ALc) as a measure for predicting speech intelligibility, It was experiment= 

ally found: that, without noise, ALc gradually increases as a function of 

distance from the source up to a limiting distance of approximately 0,2(V/1) 

(V=volume of the room in si At larger distances ALc is almoat constant, 

depending merely on T. 

Bolt and MacDonald (1949) !° developed a statistical theory, in whieh 

speech is regarded as a series of discrete impulses, the heights of whieh 

are uniformly diatributed over a range of 30 dB of sound=pressure level in 

any given audloefrequency band. By considering the extent to which an impulae Le 

 



    
  

   
   

  

pulwe durations and intervala ned ei spectrograns divided into seven 

frequency bands with widths of $00 We, unmasked portions were calculated as 

a function of reverberation time and masking nolse=level. By making use of 

data veported by French and Steinberg qoa7y!! word intelligibility scores 

ould be predicted from these portions. The predicted values agreed encourag- 

ingly well with the experimental data which were, it is true, limited in 

Humber at that time. 
Vreneh and Steinberg (1947) 1! introduced the Articulation Index (AI) as 

4 tieasure for predicting speech intelligibility. Hitherto, results confirming 

the merit of Al under reverberation conditions have not been reported. 

A promising new measure is the Modulation Transfer Function (MTF), intro- 

diced In room acoustics by Houtgast and Steeneken (1972, 1973)! - Essentially, 

the Ml te the Fourier transform of the impulse response. For many cases, a 

Wathenatical expression representing the MIF as a function of room volume V, T, 

§/N vatlo and distance can be given. From the MTF a single number, the Speech 

Vvanemiasion Index (STL), can be derived. This index is a very convenient 

wedwure for quantifying systematically the combined effect of noise and rever- 

beration on speech intelligibility. In the next section the derivation of the 

1 will be explained for a simple case. . 

Ly THHORETICAL ASPECTS OF SPEECH TRANSMISSION IN A ROOM 

The influence of the acoustical environment on the transfer of acoustic signals 

Gonsiate, essentially, of a smoothing effect on the temporal envelope of the 

aignal caused by masking noise, reverberation and echoes. Houtgast and Steene- 

ken (1973) introduced a noise signal with a sinusoidally modulated intensity 

(oO determine the smoothing properties of a room. These properties can be 

quantified as the MPF, representing the degree of modylation depth of the 

temporal envelope as a function of modulation frequency. cently the method 

ide been deseribed in full detail (Steeneken and Houtgast! a In this paper the 

method will be discussed as far as needed. 

let us consider a room with volume V and reverberation time T. A speaker 

and an interfering noise source with equally shaped sound spectra are both 

{ Located far enough from the listener to make the direct sound negligible com- 

to the reverberant sound reaching the listener after a large, variable 

v of reflections (diffuse sound field) (according to Peutz and Klein 

79) the distance between the listener and the sound sources should be 

    

   

    

a it Le the mont wensitive way of teating vhe 

on fpeech intelligibility, The apeaker ia replaced 

by a nolee input signal with intensity y(t), varying oinusoldally between 
0 and ai, 

I, (t) = T,(iteos2nrt) = T;{1+Re(exp(j2mre)) ), a) 

where i, = long-term average of T,(t), measured at a distance of | m from the 

source (free field condition), and F = modulation frequency. The interfering 

noise source has a constant intensity I, at a distance of | m. Tt ie clear from 
Eq.(1) that the input signal is modulated 100%. Noise and reverberation will 
reduce the modulation depth near the listener. The output signal at the 

position of the listener is equal to 

Tit) = T, {I+m(P)Re (exp {j2nr(t-at) })}, (2) 

where m(F) = modulation reduction index depending on I, and At » time delay 

relative to the input signal, reflecting the phase response of the trana= 

mission path. Index m(F) constitutes the MIF. For the specific condition 

considered the MTF can easily be calculated on the assumption of an exponent 

ially decaying sound field. In that case, 1, (t) is the sum of the exponent= 

ially weighted contributions from all past moments: 

ic 

T(t) = J i,t") + 1)¢ exp Fa(e-t"))} at’, (3) 
—s 

where C = a constant, depending upon the properties of the room, 

L 
n 

constant intensity of the interfering noise source, measured al a 

distance of | m from the source (free field condition), and 

a = a factor defined by T: et 30°%, viz. a=13.8/T, 

Substitution of 1; (t) from Eq.(1) into Eq.(3) yields successively: 

It) =C(f, +h) [° exel ~(13.8/T)t Jat’ +CF, Re {exiany i exp{ -(/2nl? + 18,8/1) 1a} 

_ Oa T_ (13.8/7)Re[ oxpj 2aF (i ~ (1/290 )arctan(2nF7/19,8 
= SE dainfes 19,877)" + (an \. (4)



  

equal bo 

mcr) (T,/ Ey.) { (1348/0) ((13.8/0) 242m?) “4 

m (1107 8/10) Cag 2o7ren?yt , (5) 

Thiie equation shows that the MTF is the product of two independent factors, 

one depending on 1 (and Ff) and the other on the signal-to-noise ratio 

W/N * 10 log(T,/t,). 
With respect to speech, the essential modulation frequencies in the 

tonporal envelope are between 0.4 and 20 Hz, as is illustrated in Fig.1. The 

solld curve represents the envelope spectrum of connected discourse obtain- 

ed by performing a 1/,-octave frequency analysis on the envelope originating 

from the audio=frequeney octave band centered at 2 kHz (other octave bands 
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M1G,1, The solid curve is the envelope speetrum (root-mean-square of the 

Stuetuatione within '/3 -octave bands) for the 2-kHe octave band of a 60-s 

sample of aonneeted discourse of a single speaker. The dashed curves are 

ebbaindd by miltdplying the solid curve with m(F) values calculated in ac- 

lula with Ba. (5) with v as the paranetar and a notee with intenstty 

#0, (Adopted from Plomp and Duquesnoy, 1080,74 pig.s.) 

  

    oft i of words (2, 5 worda/a) and the frequency of 

syllables (4 ithaiien) of the speech analyzed. The dashed curves are obe 
tained by multiplying the solid curve with m(F) according to Bq.(5) for dif= 
ferent reverberation times T (independent of audio frequency), The curves 
giving the envelope spectrum at the location of the listener situated in the 
diffuse sound field, show that the speech modulations are tranaferred rather 
accurately for T<0.25 s, but that they are strongly reduced for Tad #, 

In order to achieve an optimal agreement between the MIT and Duteh word 

intelligibility scores from normal-hearing Listeners, Houtgast, Steensken, and 
Plomp= developed a weighting function, the Modulation Transfer Index (MIT), 
The MTI controls the contribution of the MTF's to speech intelligibility for 

the modulation frequencies involved. It was optimized for a wide variety of 

rooms by analyzing scores from 80 combinations of noise, single echoes and 

reverberation times, The resulting procedure consists of the following atepar 
(1) express the MTF, for each of the 18 modulation frequencies fF (i from 0.4 to 

20 Hz in !/3-octave intervals), in terms of an equivalent 8/N ratio: 

S/N.) = 10 log {m(F)/(1-m(F)] } in aB. (6) 

(Thus, each modulation reduction index m(F) is interpreted as if it had 
been caused by interfering noise only); 

(2) compute the average $ STN, q resulting from the above obtained 18 S/N, (Pr) 

values after having a, clipped when exceeding the range from =15 “au to 
+15 dB; 

(3) convert the average SIN, into a normalized index MTT according to 

MTI = (SIN, +15) /30, where OsMTIs1. (7) 

In our case (see Sec. IIA) T and S/N are independent of audio frequency, ae 
that MTI = STI (Speech Transmission Index). In other cases, however, m(I') has 
to be calculated for seven audio-frequency octave bands in order to obtain 
STI as a weighted average of the MTI values specific to these bands. further= 
more, in cases of nonexponential reverberation, the simple Bq. (5) does not 
‘hold. Houtgast and Steeneken!> have shown experimentally that such cases are, 
nevertheless, reliably described by the MTF. 

In our simplified conditions STI has been computed for various valueu of 
T and $/N inserted into fq.(5). In Fig.2 the stl ia plotted as a funetion of 

 



  

of removable absorbers the reverberation time, being alawa sl of 

audio-frequency between 125 Hz and 4 kHz, could be varied, Uslng a decay~ 

curve averaging method (average of 20 curves, octave banda with center fre- 

quencies of 500 Hz and 2000 Hz) the reverberation times were calculated from 

(le slopes of the curves in the range from 0 to ~10 dB ee decay time, most 

relevant in speech transmission, see Houtgast and Steeneken! oN The reverber- 

Ation times used were 0.4, 0.5, 0.7, 1.0, 1.3, 1.9, and 2.3 s. Additionally, 

the Mii’ was measured for the various conditions. The reverberation times 

computed from the MIF (see Eq.(5)) agreed with those measured directly with~ 

in * 5%, 

he Procedure 

he recordings made for various reverberation times were used for measuring 

fil for sentences. The following adaptive procedure was applied. The first 

wentence of a list was repeatedly presented at, successively, 2 dB higher 

sound=pressure levels until the listener was able to reproduce the sentence 

correctly, Then, the second sentence was presented at a 2 dB lower level. Tf 

thie sentence was correctly understood, the level of the next sentence was, 

again, decreased by 2 dB; if it was not, the level was increased by 2 dB. All 

yewaining sentences were handled in this manner. The average of the senete 

adjusted after presentation of sentences 4, 5, etc. was accepted as an esti- 

mate of the SRT for sentences. The sentences | to 3 were discarded to avoid 

4 possible bias of SRT caused by the first sentence being accidently under- 

stood at too high or too low a level. 

The procedure implies that a correct reproduction of the entire sentence 

ie vequived for a positive response. If a listener's speech reception is so 

poor that he is unable to reproduce sentences correétly even under excellent 

‘Uatening conditions, an adaptive procedure as the above cannot be applied. 

None of our subjects belonged to that category. 

In two separate experiments (Duquesnoy, 1977) 

the veliability of SRT values obtained with the lists was investigated. The 

“2 values found had a standard deviation of approximately | dB. 

18 

OG. Uxperimental conditions 

‘the sentences were recorded on one track of a tape. On the other track the 

1 
: (Plomp and Mimpen, 1979) 
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the same nolwe wae ivenovied for easy calibration of ait ratioa, The levela 
of the output algnale of both tracks of the tape recorder could be separaler 

ly adjusted by means of two attenuators. After attenuation the signals 

were mixed and fed monaurally into an earphone fitted with eireumaural eupa 

with liquid-filled cushion, which attenuates ambient noise effectively (ear= 

phone Sharpe-Seintrex Mk IV, attenuation >35 dB at 1000 Hz), 

The tests, which took 35 to 45 min,were partly carried out in an anechole veo 

in our laboratory and partly in a reasonably quiet room (noise level «35 did) 

in a home for the aged,. First, air-conduction tone audiograms flor boll eare 

were determined, which took about 15 min. Then, the ear with the smaller 

average hearing level (500, 1000, and 2000 Hz) was chosen to measure Shi under 

five reverberation conditions, using one sentence list per condition, Varylig 

reverberation times including T=0 s and a constant noise lovel of 52,5 dBA 

were used. 

Tt was expected that several hearing-impaired subjects would be unable 

to understand sentences presented with much reverberation.In order to teat the 

subjects for the reverberation range best adapted to their capacities, evel 

subject was assigned to one of several subgroups by using the following 

selection procedure. Apart from the sentence lists, a supplementary lint of 

six sentences was recorded three times with T=1.3, 1.9, and 2.3 9, reapec= 

tively. The greatest T for which at least four of the six sentences, presented 

against a background noise of 52.5 dBA, were understood correctly determined 

to which subgroup a subject was assigned. When a subject was unable to under= 

stand sentences for T=1.3 s, the maximum T to be considered was apparently 

1.0 s or less. In this manner we arrived at the following subgroups with 

corresponding maximum Ts: subgroup A (laxn2s3 s), B(1.9 8), C(1.3 a), and 

D(1.0 s). Per subgroup, the five reverberation conditions were distributed 

as evenly as possible over the range of T applicable to this subgroup, 

The five lists were always presented in the same order, To eliminate the 

effects of training and fatigue as much as possible, the test conditions weve 

counterbalanced for every ten subjects tested successively. 

D. Subjects 

The elderly people were recruited from two different populations. The fivat 

group consisted of 50 male employees (age 60-67) of the Pree University, The 

. 

 



      
ddttuee au seretite with sound veflectore agi teow ge ty means 

of removable absorbers the reverberation time, being almoat independent of 

audiowfraquency between 125 Hz and 4 kHz, could be varied, Ualng a decay- 

durve «veraging method (average of 20 curves, octave bands with center fre= 

quencies of 500 Hz and 2000 Hz) the reverberation times were calculated from 

the slopes of the curves in the range from 0 to -10 dB peeery decay time, most 

Yelevant in speech transmission, see Houtgast and Steeneken ~). The reverber- 

Beden times used were 0.4, 0.5, 0.7, 1.0, 1.3, 1.9, and 2.3 s, Additionally, 

the MI was measured for the various conditions. The reverberation times 

computed from the MIF (see Eq.(5)) agreed with those measured directly with- 

in 5%, 

Bootrocedure 

The recordings made for various reverberation times were used for measuring 

aul for sentences. The following adaptive procedure was applied. The first 

sentence of a list was repeatedly presented at, successively, 2 dB higher 

pound=pressure levels until the listener was able to reproduce the sentence 

correctly. Then, the second sentence was presented at a 2 dB lower level. If 

this sentence waa correctly understood, the level of the next sentence was, 

again, decreased by 2 dB; if it was not, the level was increased by 2 dB. All 

remaining sentences were handled in this manner. The average of the Levels 

adjusted after presentation of sentences 4, 5, etc. was accepted as an esti- 

tate of the SRT for sentences. The sentences | to 3 were discarded to avoid 

a possible bias of SRT caused by the first sentence being accidently under- 

atood at too high or too low a level. 

The procedure implies that a correct reproduction of the entire sentence 

iu vequired for a positive response. If a listener's speech reception is so 

poor that he is unable to reproduce sentences correctly even under excellent 

iintening conditions, an adaptive procedure as the above cannot be applied. 

None of owe subjects belonged to that category. 
2 1 

In two separate experiments (Duquesnoy, 1977) 18, (Plomp and Mimpen, 1979) 

the reliability of SRT values obtained with the lists was investigated. The 

Oi? values found had a standard deviation of approximately | dB. 

erimental conditions 

  

Whe sentences were recorded on one track of a tape. On the other track the 

   

  

standard ja | exactly the wame Intenelty and spectrum as the 

‘the sentences wan recorded, Preceding the sentences 

the same nolae waw veeorded for easy calibration of 8/N ratlou, The Lavele 

of the output olgnala of both tracks of the tape recorder could be separates 

ly adjusted hy means of two attenuators, After attenuation the algnale 

were mixed and fed monaurally into an earphone fitted with elroumaural cups 

with Lliquid-filled cushion, which attenuates ambient noise effectively (oars 

phone Sharpe~Scintrex Mk IV, attenuation >35 dB at 1000 Hz). 

  

The tests, which took 35 to 45min,were partly carried out in an anedhole room, 

in our laboratory and partly in a reasonably quiet room (noise level «35 dA) 

in a home for the aged. First, air-conduction tone audiograms for both ears 

were determined, which took about 15 min. Then, the ear with the smaller 

average hearing level (500, 1000, and 2000 Hz) was chosen to measure ShT wader 

five reverberation conditions, using one sentence list per condition, Varying 

reverberation times including T=0 s and a constant noise level of $2.5 dBA 

were used. 

It was expected that several hearing-impaired subjects would be unable 

to understand sentences presented with much reverberation.In order to teat the 

subjects for the reverberation range best adapted to thelr capacities, eaeli 

subject was assigned to one of several subgroups by using the following 

selection procedure. Apart from the sentence lists, a supplementary lint of 

six sentences was recorded three times with T=1.3, 1.9, and 2.3 8, reapace 

tively. The greatest T for which at least four of the six sentences, presented 

against a background noise of 52.5 dBA, were understood correctly determined 

to which subgroup a subject was assigned. When a subject was unable to undere 

stand sentences for T=1.3 s, the maximum T to be considered was apparently 

1.0 s or less. In this manner we arrived at the following subgroups with 

corresponding maximum Ts: subgroup A (Tax 23 s), B(1.9 8), C(1.3 a), and 

D(1+0 s). Per subgroup, the five reverberation conditions were distributed 

as evenly as possible over the range of T applicable to this subgroup, 

The five lists were always presented in the same order. To eliminate the 

effects of training and fatigue as much as possible, the test conditions weve 

counterbalanced for every ten subjects tested successively. 

D. Subjects 

The elderly people were recruited from two different populations. The {iret 

group consiated of 50 male employees (age 60-67) of the Free University, The 

 



    
  

   

           
cond group consiated of 30 male subject 

30 ieacle: wbistts Tapa} Hinbd, mean age ‘ae Peri: 

home for the aged, f 

The tone audiograms of both aroun were atudded Ko | foatations 
of presbyacuais, As Schuknecht (1974)! ? pointed oOuby feue types of presbya- 

(unin Gan currently be identified, which show an enormous variety in audio- 

Wetvle patterns. This makes identification of presbyacusis solely based 

on the audiogram rather precarious. With proper restrictions, however, it 

gould be concluded from the audiograms that 26 subjects had predominantly con- 

duetive hearing losses, whereas only four subjects (3.5%) had losses mainly due 

to nolve injuries. The remaining 80 subjects were supposed to suffer from 

presbyacusis. 

In addition to the elderly people, 20 young normal-hearing subjects 

(individual bearing losses for the frequencies 500, 1000, 2000, 4000, and 

NOOO Me 615 dB re 180-389) were tested in order to obtain a standard of hearing 

performance, Ten subjects (4 female, 6 male, age 19-27, mean age 21.5) were 

wilveraity students and the other ten (7 female, 3 male, age 18-35, mean age 

71,0) were employees of the home for the aged. Criteria for inclusion in this 

relevence group were no history of ear pathology and the ability of the sub- 

jeet to manage the most arduous condition in our test, being the correct under- 

standing of sentences recorded for T=2.3 s and presented against a background 

nolwe of 52.5 dBA, 

ait. RESULTS 

The Speeeh=Reception Threshold (SRT) was measured under conditions all includ 

‘Ing 4 tasking noise with a constant level of 52.5 dBA. For the elderly sub- 

jects who had an SRT in quiet of 50 dBA or more, this noise was nearly inaudi- 

ile #o that the SRT values found were partially due to their absolute thres- 

jiold yather than to the noise and reverberation. Therefore, these subjects 

‘were exeluded from our further analysis. This applied to one subject from sub- 

‘group A, Hone from subgroup B, five subjects from subgroup C, and five sub- 

jects from subgroup D. Furthermore, all 14 subjects, for which T,, ,<0.7 8, 

‘weve left out of consideration, because 12 of them had an SRT in quiet of more 

than 50 dBA, 
st Table 1 the averages of air-conduction tone audiograms for frequencies 

i 500 to 8000 1% are given for the reference group and for subgroups A to D. 

‘The dat vefer to the ear with the smaller average hearing level (500, 1000 and 

PANLE lavia fod) 

up» The yo of aubfeata tale we dhe. mean age 

ping losseu refer to the ear with the uae 

1000, and 9000 Ha). 

  

audtograma 

are aloo gee 
average load 

  

   

  

   
  

Subjects Number Mean Hearing logs (dB re [80-389) 

age 500 1000 2000 4000 8600 Ux 
  

Refer. gr 20 226° «mean. <“S¥5" Oui > Bui Die 

Buds; Fe2s Vedi Ono seve orn7 

Subgr.A 14 65.3 mean 13.2 12.9 18.2 2614 31.4 

Body Fed: 1083 Ted TAN ieeagen 

Subgr.B 29 64.9 mean 7.9 9.3 18.4 34,1 45,3 

Sede 7.4 8.8 10.4° 16.4 22.0 

Suber.C 25 74.6 mean 18.0 16.0 24.0 46.6 69,2 

sods ATA S59) 12.4 Maes Obie 

Subgr.D 17 76.7 mean 22.6 22.6 35.6 57,1 74.7 

s.d. 9.2 1032 13)..6 19.0: 2306 
  

  

In Table TT the means and standard deviations (s.d.) of the individual 

SRT values, expressed in S/N ratio, and the means and standard deviations (9.4, 

and s.d.2) of the corresponding STI values are summarized for the reference 

group and for subgroups A to D. The STI values were derived from the individual 

S/N ratios by means of the Eqs.(5) to (7), and s.d.! is the standard deviation 

of the original STI values. In particular for subgroups C and D, s.d.1 in lang 

compared to the reference group. This is due to considerable differences in liv 

dividual performance. Since we are interested in the more general aspects 

rather than in the interindividual differences, we corrected for thease differan= 

ces. This was done by subtracting, for each reverberation time tested, the meal 

STI for a subject (average of five different reverberation times) from the ace 

tual STI value found. The standard deviation of the STI values thus obtained | 
is called s.d.2. for subgroups B, C, and D s.d.2 is substantially smaller than 

8.d,1,



         

     
    

  

da), and the dormeaponding St? valuee fem v 

    

     
   
       

  

  

  

  

    
       

  

   

  

  

  

  

| ) 

cr f : , Ml - 7 

alderly oubjeata grouped in aubgroupa A to D fon th = 

ton tines applied, Por each oubgroup the nunben of! eS | 
given, With respect to the STT values two atandard dav 19 are Ranidened: Ss 

(1) a.d. of the original str vatuea, and (2) a.d. of the snr values from ae PON 1 

whtoh the aubject means have been removed. r s Li al - ae | | 

< fe Pre SOSS 

ea 2 p> SNS ; 
‘Hubjects Reverberation time (s) g Be 

— E soos 
Hafer.gr 0.0 0.4 0.7 1.3 2.3 2 Ee J 

- _ 

(20 $6) S/N mean -4.4 -1.9 -0.8 Be 5.5 dB = | 

8.d. Lied Lev 1.0 1.7 2.7 dB 3 

STL mean 0.355 0.37 0.36 0.36 0.34 a 

s.d.1 0.035 0.05 0.03 0.04 0.035 a 

g.d.2 0.03 0.035 0,025 0.03 0.025 

fubgr.A 0.0 0.4 0.7 123 23 

(14 8a) 8/N mean -3.1 -0.1 0.9 2.9 i i 
ckshe 1.4 get Les 1.8 -5 dB 1 

; 0.395 0.415 0.405 0.375 0.385 a 0516 
STI mean ‘ . * : ‘ p : 

i sede] 0.045 0.04 0.03 0.035 0.025 Reverberation time (sec) 
3.4.2 0,035 0.03 0.025 0.04 0.025 J 

FIG... i p 
Subgr.B 0.0 0.4 0.7 1.3 1.9 The cashed curves show STI as a funetion of reverberation time tf! 

with S/ll ratto as paraneter. For each subgroup the mean SIT valuea for 
(29 80) = 8/N eee ce ; te oe ae a - various reverberation times, as reported in Table IT, ave plotted and oen- 

ca ao 0.425 0.45 0.425 6.418 7 noted with solid lines. The vertical bars represent the reduced atandand 

8.d.1 0.05 0.05 0.03 0.05 0.025 deviatton s.d.2 (shown one-stded). 

6.d.2 0.025 0.035 0.025 0.035 0,03 - 

i fiber. 0.0 0.4 0.7 1.0 1.3 In Fig.3 STI has been plotted as a function of 1, with 8/N ratio am the 

ae 2 . a ; ie . 
. as ao). a/N - mean 26.6 3.3 5.2 6.6 13.8 dB parameter In this figure the mean STI values with corresponding o.d.2, aa ; 

, 8.d, 202 30:1 4.0 @ 4.4 7.2 dB summarized in Table Il, are shown for the reference group and four subgroupl, 

r STI mean 0.48 0.51 0.49 0.46 0.49 All results given thus far refer to groups of subjects. In addition, 

eta ag ae fee — ee the applicability of the STI approach will be shown for the individual gage, 
gd, ; ‘ 3 i ‘ . 

H Each subject was presented with five reverberation conditions, including 0s, 

- flubgr.D 0.0 Ost 0. ee Gait tat The predictive power of the single STI, measured for T=0s5, is shown in Wigs, 

ay fu) $/N mean 1.9 8.2 8.9 13.1 20.1 dB In this scatter diagram the mean (Y) of four STI values corresponding to the 

exe i ay se 240 Ls 88 four SRT values for T>0sis plotted, per individual, as a function of ST for 

as 01085 0.03. 0.08 0.085 Does | T=0 6 (X), The linear regression of Y on X is given by Y= 0,4540.82(Xe0, 

0.045 0.03 0.03 0.04 0.05 the correlation coefficient is 0.90. The standard deviation in $11 of indivi 

 



      

  

     

      

for T=08 (x).    
   

    

  

    
    

    

       

    

   

  

     

  

    

  

          

     

      
   

/ 7 vecceea } the vegreceton es te given by 
a. pete Y=0.45+0.82(X- 0.44). ad yt 

a ae 
1h Peder 
    

ON 035 04 045 05 055 O68 065 
= STI (T=0s) 

points from the estimated regression line is 0.037. For the condition T=0 s 

uch a standard deviation would correspond to a standard deviation in $/N 

ratio of 1,1 dB, indicating that the fit of the individual points to the re- 
    : greveion line is not worse than that given by the measurement error. In prac- 

 tlee, the simple regression line Y=X can be used, since the standard deviation 

- of individual points from this line is 0.042, corresponding for T=0 s to a 

wh Jad deviation in S/N ratio of 1.3 dB. 

4 
   
   
   

imed in Sec.I, SRT values of normal-hearing subjects obtained 
   

nt T, should be ordered along a horizontal line in Fig.3. From 

‘ction of the data points for the reference group it appears that 

    

@ well with such a line. This also holds rather well for the data 

    

_ for each of the four subgroups of hearing-impaired subjects. The de- 

          

   

§RI elevation is reflected in a parallel shift of the subgroup cur- 

larger STI values. 

; ‘YO s, which would have given standard deviations of STI equal to    

  

The small A(S/N) values, expressed in dB, suggest that it is justifi- 

present the subgroups shown in Fig.3 by straight horizontal lines 

er fon eo whton uote given wih 1-9] of 

ual to odd. 

       Bustecte A(S/N) (AB) 
  

    

  

Refer. gr OL G57 0.011 0.33) ft 

Subgr.A 0.395 0.016 0.47 

Subgr.B 0.425 0.015 0.46 

Subgr.C 0.486 0.018 0.54 

Subgr .D 0.576 0.019 0.55 : g 1 = et 
  

  
a 

We tested whether the slight deviations of some experimental data po. ni 

from STI are systematic or not. This was done by means of the NewnaneKeuls 

statistic with which comparisons (contrasts) were made, for all groups, bee 

tween the STI at a certain T and the mean of the STI values from the remalne= 

ing Is. In subgroups B and C the contrasts for T=0.4 9 are dignifieant at 

the 5% level. The contrasts for all other Ts are not signifieant at thin lew 

vel, except for T=1.0 s in subgroup C. Typically, the somewhat inferior per 

formance (STI consistently larger) for sentences recorded with T#0,4 ® may 

be related to a slightly deviating frequency response-curve of the recording 

room for this condition, as compared to the other ‘I's. we 

The general conclusion from the foregoing discussion may be that the oe 

fect of T on STI does not seem to be systematic and that the STL 1a bear 

venient single number for systematically quantifying the combined effect of 

noise and reverberation on speech intelligibility both in normel+hearieg Aa 

in presbyacusis populations. . “1 

The validity of STI as a single number for determining the combined wf! 

of noise and reverberation on a in case of presbyacusis implies that a 

model, developed by Plomp (1978)7 ee describing the hearing lows “wpa 

as a function of noise level can be easily extended in order to in 

   

      

      
   

  

   



   
rin ‘ for speech In qu By i sh ary CANT | > BHTL, GD) 

can be caloulated, The value D can be oxpronved ae a ahife tn t wet by con= 

widering that every 3 dB of D corresponds with an inereade of 0.1 in STL for 

‘TsO # (nee Pig.3, graduated scale along ordinate). This means that, on the 

banio of SL), it is also knowwhich combinations of noise and reverberation 

will represent acceptable listening conditions for the hearing-impaired. In 

 atother publication (Plomp and Duquesndy-") the implications of the above 

‘uve been elaborated with regard to room acoustics for the aged. 
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Vor 110 subjects (age 60-90, 80 male, 30 female) | 

Reception Mirewhold (SRT) for sentences was Inve 

heration conditions at a constant noise level. TY timed used 

wore between 0.05 s and 2.3 8. The noise, with the longetorm average speech 

spectrum, had a level of 52.5 dBA. It is shown that the Speech Transmission 

Index (STL), as introduced by Houtgast and Steeneken (Acustica 28, 66-73, 

1974) for normal-hearing subjects, is also in cases of presbyacusis an 

    
  

appropriate measure for describing the combined effect of reverberation and 

nolae on speech intelligibility. The SRT can be easily expressed in the STI 

value required at the listener's position. Furthermore, it is shown that, 

in order to compensate for a hearing loss for speech in noise of | dB, the 

Yeverberation time of a room has to be reduced by 18% if the listener is 

wituated in the direct sound field, and by 254% in the case of a diffuse field. 

       

  

lL, Introduction 

Hearing-impaired subjects often complain of being unable to understand 

wpeech in a noisy or reverberant environment. This is particularly the case 

with elderly subjects suffering from presbyacusis. As these subjects re- 

present a large percentage of the hearing impaired, our attention has been 

focused on the consequences of presbyacusis for the intelligibility of 

speech, This paper presents a systematic approach for evaluating the extent 

to which conversational speech is interfered with by a combination of 

yeverberation and noise. The approach is based on the Speech Transmission 

Yndex (STT) (Houtgast and Steeneken, 1973), which is a practical measure 

fox the prediction of speech intelligibility in rooms. 

The susceptibility of elderly subjects to noise and reverberation 

(mplies that the acoustical requirements fr rooms frequented by the aged 

have to be more stringent than for normal-hearing subjects. In practice, © 

the design of the acoustical environment is attuned ta the large majority 

of normal-hearing listeners. This means that in most situations the 

lintening conditions are marginal or insufficient for the hearing impaired. 

Hawed on the results of the above-mentioned study, supplemented with data 

on the hearing loss for speech in quiet and in noise as a function of age 

(Plomp and Mimpen, 1979a), this paper gives a very applicable quantitative 

wpecifleation of the acoustical requirements of hearing-impaired subjects. 

      

    LOY dn a reo 

tical environment on the transfer of speach wige 
| ng effect on the temporal envelope of the algnal 

and reverberation. In ordor to quantify theae 

#) Houtgaae and Steeneken (1973) calculated the degree to 

which sinusoidal intensity variations at the speaker's position are pro= 

served at the listener's position. For an input signal 1, (t) » Th * oon 

2rft), where I’ = modulation frequency, the output signal ist 

MW I(t) = 1, {1 + m(F).cosdnF(t-at)} , () 

where m(F) t modulation reduction index depending on I, and 

At = time delay relative to the input signal, reflecting the phase 

response of the transmission path. 

In this paper we will restrict ourselves to the case of ambient nolee 

, due to interfering speakers, since they form a very frequent amblent=nolwe 

condition. In that case the noise source has roughly the same spectrum as 

the speech signal. From the equations presented by Houtgast and Steeneken 

(1973) the index m(F) at the listener's position can be expressed In the 

parameters characteristic of the listening situation considered: 

  

  

4 2q 5% 5 

2 2 
9,4, )2 rer, ( 1. T q «| 

m(F) = < + PT ere es =| Dap sh | 
2 2 222) 2 2 = 2 2 

; fx, | 1 + 0.207F°T [E Ir, Ty ‘ry, Ir, (2) 

Where r = speaker-to-listener distance, 

r< critical radius of the room (distance from the speaker at whieh 

the intensity of the indirect sound, reflected one or more 

times, is equal to the intensity of the direct sound), 

n 7 distance from listener to interfering noise or speech source(s), 
F = modulation frequency, 

T = reverberation time, 

T, = long-term average vocal intensity of the interfering sources, 
measured at a distance of 1 m (free-field condition), 

t,- Lane na average yocal intensity of the primary apeaker, . an 

        at | m in front of the speaker (free=fleld condition),



Where O<sttet ¢ ee) 
i=e 

| procedure an optimum relationship between sil and 
Tor the rest of this paper it is implicitly ed that q.=2 (primary 

facing the listener), qy=1-5, and q=1 (randomly oriented competing 
SeePatie ee tical cadius a rule-of-ehunb may be ty . For Ronee eaeat ine Mere an STI below 0.4 is considered a poor dae 

tening condition, values between 0.4 and 0.6 are fair, values between 0.6 
| OT and 0.8 are good, and values greater than 0.8 are excellent, 

iy In Fig.1 it is shown how STI depends on the various variables inelude 
in Eq. (2). In this figure STI is plotted as a function of the normaliaed. © 

speaker-to-listener distance t/t os with T and S/N ratio as the parametera 

    

            

    

1.0   
ad ein (1973) the distance between the listener and the sound sources 

‘sheuid bo larger than 0.2/V/T (i.e. r> 4x, and re 4r ds For this condi- 

tion dt holda: x 2asy? and = sor sa trae Eq. 2) is reduced to: 

| 
  wt) : (4) 

tr 

    

: rae O04 
1 + T/T, (1 + 0.2078°T*) 
      

   log (T, /T,). 

ec cording to Houtgast and Steeneken (1978) the Speech Transmission 

) is obtained from 18 valtes of m(F), measured for F from 0.4 Hz >? 

Th 
wpeech), by first expressing these values into equivalent S/N 

dt 

   

  

          3J-octave intervals (these 18 frequencies cover the envelope 
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(F) = 10 log {mar)/Ci-m(F))} (5) 

   

    

       
   

¥ each B/N, fF) value: that exceeds the range from -15 dB to +15 

n replaced by the limit, the average value S7N.g of the 18 
   

    

ditton) ae the 

field of the



      

sitiasie:1 may have to ttaven to a au sini who ll 

wecond one, Even for 0.5 8, intelligibility im only 

‘tangen from the speaker (r <r), and it deteriorates rapidly for increasing 

dintances, Yor fair to good intelligibility at all positions in the room, 

an 8/N ratio of 10 4B or more is demanded. The condition S/Ns-10 dB fits 

particularly ‘to rooms like lounges and restaurants in which many local 

‘conversations take place. In that case, fair to good intelligibility is 

only found in the direct sound field (r <0.8r.). 

In Fig.2 it is shown how STI depends on T and S/N ratio for the situa- 

tion in which Eq.(4) holds. In this figure STI is plotted (dashed curves) 

‘ay a function of 1, with S/N ratio as the parameter. As all conditions on 
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PIG.8. The dashed curves show STI as a function of reverberation time T 

with S/N ratio as the parameter (listener situated in the diffuse sound field 

of both apeaker and noise source). The data potnts and solid lines refer to 

the averagé speech intelligibility scores for normal-hearing Lltateners (line 

Ry and for four groups of elderly subjects (lines A to D). The vertical bars 

+ the atandard deviation of the points, shown one-sided. 

al from Duqueanoy and Plomp, 1980). 

‘noise and reverberation on the intelligibility of sentences can be syater . 

Note that the curves only. hold for teva ‘ 

‘ce larger than about ans 

  

Tt is evident that for normal-hearing subjects the Speech=Receaption Threw . 

hold (SRT), defined as the sound-pressure level at which 50% of the apooch =i 

material is correctly understood, can be represented by a defined horlean= ¥ 

tal line in Fig,2. Recently, Duquesnoy and Plomp (1980) demonstrated that 

this also holds in cases of presbyacusis. They investigated the monaural 

SRT of elderly subjects for sentences with added reverberation, ‘Ten Liate 7" 

of 13 sentences each, developed by Plomp and Mimpen (1979b), which give _ 

reliable SRT values (standard deviation about | dB) by using an adaptive 

procedure for the presentation levels of successive sentences, ware taken 

as the speech material. These lists, and an interfering nolee with the sane 

spectrum as the long-term average spectrum of the 130 sentences, were rem 

produced by the same equipment in an anechoie room and in a room (65 tn”) 

with variable reverberation time. Recordings of the lists and the nolae 

were made for T=0 s and for various reverberation times between 0.4 @ and 

2.3 s. Except for the condition T=0 s, the microphone was poaitionad in the 

indirect sound field. The reverberant sentences were presented by earphone 

together with a background noise with a constant level of 52,5 dia, | 

In Fig.2 the results are shown by the drawn lines marked Rk, A, Bb, Gy 

and D. The data points connected by these lines give the average SRI valiea, : 

expressed in STI, for a reference group of 20 young normal=hearing listen= | 

ers (line R) and for four subgroups of elderly subjects (linea A to D) who, 

even at a very favourable S/N.ratio, were unable to understand more than 

50% of the sentences for reverberation times larger than 2,3, iv9y FoR and 

1.0 s, respectively. The vertical bars represent the standard deviation x 

(shown one-sided) of the points. 

Application of the Newman-Keuls statistic for testing on differences 

between means (5%-level of significance) revealed that it is justified to 

fit the data points of both the reference group and the four subgroupa to 

horizontal lines. We may conclude, therefore, that the combined affect of 

atically quantified by a single STI value both in normal=hearing and



prewbyounte pop sand . = 

‘of acountie aa on copie intel pth 

by comparing the ST values charactertatio of thems ny) 

‘WIT required in accordance with the SRI (measured dn me ; 

‘the hearing impaired, Although the above conclusion ia based ET ests 

in the diffuse sound field, it reasonably holds for any listening situation 

covered by Hq. (2), All conclusions refer to groups of subjects. The appli- 

wabliley of the SL approach for the individual case hag not been definite- 

ly evtablished to date. 

in a wtudy by Plomp and Mimpen (1979a) data have been published on 

“iu? in noiwe (for T*0 s) as a function of age. The data were described in 

torme of a model (see Plomp, 1978) in which every hearing loss for speech 

(HL) 1a interpreted as the sum of a loss of class A (attenuation of the 

Jevels of both speech and noise) and a loss of class D (distortion, com- 

parable with a decrease in S/N ratio). In Fig.3 the average percentages of 

wale and female subjects with speech hearing losses in noise (SHL)) exceed- 

ing a value of | dB, 2 dB, etc., are given as a function of age. 
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needed for 
     

a mm, corresponds to an increase of out in an 

for ai we ae iW that, on the basis of SHLy, dt ta also known whieh 

combinations of eine and reverberation will represent acceptable Listening 

conditions for the aged. From Fig.3 we may conclude, for example, that sube 

jects aged between 80 and 90 need an SI1 which te 0.2 to 0.3 higher than 

required by normal-hearing subjects. 

at 

4. Implications with regard to room acoustics for the aged 

The higher STI values needed to compensate for an increased SRT in nolae 

can be achieved by improving the S/N ratio and by reducing I. The 8/N ratio — 

increases when the speaker raises his voice level and when the handicapped | 

subject shortens his distance to the speaker. The best way, however, of 

helping the hearing impaired is by reducing the reverberation time aa 1a 

discussed by Plomp and Duquesnoy (1980a). They studied the effect of reduce 

ing T for two rather diverging rooms: 

in the indirect field of the speaker. The interfering sound may originate 

from an interrupting speaker or from local conversations in a low voloa, 

For conditions where the listener is situated in the diffuse sound field 

of both the speaker and the noise source, the slopes of the dashed curves 

in Fig.2 indicate how a given loss SHL) can be compensated for by reducing 

T, Let us consider a room with T=] s and S/N=9 dB, resulting inan Sil of 

0.51. Then, a listener with SHEL), =3 dB (ASTI=0.1) needs an STI of 0.61 ta 

obtain the same enbartretneieey as normal-hearing listeners foran S11 of 

0.51. Following the curve of S/N=9 dB, T has to be reduced to 0.48 a 

for the STI to be equal to 0.61. For the most relevant area of slopel «| 

(0. 5 s<T<2.5 8) an average reduction factor of 0. C for T per dB of Sih, 

has been derived (e.g. for SHL, =3 dB a factor of 0. 75° v0.42 applies). 

wuexiere has to be considered. It is assumed, however, that the noise sour | 

ces are at such a distance that their direct sownd can be neglected, Under 

these conditions a variation of T affects only the level of the indirect 

sound of the noise source. By means of the Eyring-Norris reverberation 

formula a reduction factor of 0.82 for T per dB of SHL.,, was found, 

A better inaight into the benefits of reducing ta be obtained from
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ni ition for | dB in SHL, reduces the quneee 68 Raed Sepped sub- 

to 25%. In view of P foregoing the authors consider it 

dable to give more attention to the acoustics of rooms 

y elderly people. 
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      ani a ABA. The iad had the Anette average spectrum of speech. i is 

“shown that a model developed by Plomp (J.Acoust.Soe.Am.63, 533-549, 1978), 

a whieh interprets any hearing loss for speech (SHL) ag a combination of a 

Lows of class A (attenuation of both speech and noise) and a loss of class 

D (distortion of the sound signals), enables an accurate description to be 

wade of the SRT values measured. Fitting this model, for each individual, 

to the SRE data yielded values for SHL in quiet (=A+D) and in noise (¢D). 
‘These individual SHL values were studied in relation to one another and in 

elation to such parameters as the pure-tone average (PTA), the Fletcher 

Index (FI), and the increment in intelligibility score per dB near SRT. It 

wan found that (1) subjects with the same SHL in quiet may differ consider- 

aul is their SHL in noise; (2) for an individual, PTA and FI are inaccurate 

measures for predicting SHL in quiet and in noise, and (3) the higher an 

individual's SHL in noise, the lower is the increase per dB of the intelligibi- 

lity weore for sentences in noise. 

INTRODUCTION 

Jevly subjects often complain of being unable to understand speech in 

    

  

‘or Yeverberant environments. It has been shown previously (Duquesnoy 

fearing losses are mainly aeeeibucable to presbyacusis. 

Several authors have published results on speech intelligibility in 

nolue for elderly listeners. In the majority of cases clinical populations 

- were Preeivad (see e.g. Olsen and Carhart, 1967; Groen, 1969; Tillman, Car- 

hart and Olsen, 1970; Jerger, 1973; Surr, 1977; Hayes and Jerger, 1979), 

 ¢onaiuting of patients with substantial hearing losses attributable to mul- 

tiple pathological processes rather than to genuine presbyacusis. Van der 

‘Waal (1962) reported that only 3% of 604 elderly patients (age 65-74) 

' ing an audiological center had hearing losses meeting the eriterion of 
       

| hinehels , cuehe, ty ii 1, MOM l\ tat |       otudien mont bear 

draw up Hep ‘wan 

how SRI (50% 
pressure Le ¥ 

Hitherto, only a few investigators have studied in more dotall the 

effect of noise on the speech intelligibility of aged personw. Kell at aly 

(1971) presented, as a reference, data on SRT in quiet and in nolue for 96 

0 40 fragmentary that tt de Amposatbie a) to 

orminew=intensity tunetiona, or (2) to determine 

re) of the patients changes as a function of sounde — 
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subjects (mean age 64.5) free from aural diseases. The SRY in nolwe wae & 

measured in a sparsely furnished room, as a result of which the data are 

biased with an unspecified reverberation. As the detrimental effeot of rae 

verberation depends on both the amount of reverberation and the alae of a . 

subject's hearing loss in noise without reverberation (see Duquesnoy and   Plomp, 1980), the data are less suitable, unfortunately, for studying hear 

ing losses in noise. 

Jokinen (1973) investigated 100 subjects (age 30-87, prouped by deca 

“des) free from aural diseases other than presbyacusis. Por disyllablea he 

measured the monaural SRT in quiet and four discrimination scores in white 

noise. The words in noise were presented at a level 30 dB above an indivie 

dual's SRT in quiet. Four different signal-to-noise (S/N) ratios were 

applied. Reference values from 20 normal-hearing listeners (age 20°29) ware 

also included. Jokinen's data will be presented and discussed in Sec. IV. 

Orchik and Burgess (1977) published mean scores on synthetic sentence 

identification for ten subjects (age >60, individual hearing losses <40 di 

up to 4000 Hz, re ANST-1969). 

fixed level of 40,dB above an individual's SRI in quiet, against a back 

The sentences were presented monaurally at @ 

ground of continuous discourse. Five different S/N ratios were used, Relae 

tive to a reference group of ten subjects (age 20-29, individual hearing 

losses <25 dB up to 4000 Hz, re ANSI-1969), the elderly subjects had a 

mean hearing loss of 10 dB in terms of S/N ratio. 

Kalikow et al. (1977) presented ten elderly subjects (age 60°75, indie 

vidual hearing losses <20 dB up to 4000 Hz, re ANSI-1969) with highepredlat= 

ability (HP) and low-predictability (LP) sentences against babble=type nolue 

at various S/N ratios. Relative to ten normal-hearing subjects (age |B=24%), 

the elderly subjects had a score reduced by about 14%, corresponding to hear 

ly 1 dB for the HP sentences and 2 dB for the LP sentences in terms of S/N pb 

ratio. 1 

The ommazia 
a 

   conditions in the three last-mentioned studies are   



    

  

   

  

    

  

   

quite itferent and the results present 

good: {nwkght into what nolae Levelw are det 

Antelligibilicy of elderly (presbyacusie) nub 

‘wtudy measurements of SR for sentences were pexforined 

Manking nolwe at four different sound-pressure Jevele up oo: 1 reve Measuring, 

ORT in thin systematic way makes it possiblé to teat a model of hearing losses 

for speech developed by Plomp (1978). This model deseribes SRI as a function 

‘of noise level by means of two parameters specific to hearing loss. Plomp and Hy 

‘Mlimpen (19790) applied the model in a study of SRT as a function of age. In 

the present paper its applicability is tested in more detail by means of a | 

          

parameter-estimation procedure presented in Sec.I. 

Le VURIRTCATION OF A NEW MODEL OF HEARING LOSSES FOR SENTENCES 

A. A model of hearing losses for speech 

It wan experimentally verified by Hawkins and Stevens (1950) that for normal- 

Wearing listeners SRT is governed by the S/N ratio, According to Plomp (1978), 

the data of Hawkins and Stevens agree excellently with 

Lf10 CL Bragg) / 10 
i ] an apa, ay. BRT = 10 log (10 

wheres lg = SRT in quiet for the normal-hearing (in dBA), 

My = sound-pressure level of the masking noise (in dBA), and 

t Mien = the number of decibels that SRT in noise for the normal-hearing 

is below L N? my ; 
normal-hearing. 

- RT in noise for the i thus Ly ALey represents SRT 1 ’ 

‘we assume that Lg=(Ly-ALen) » poere L; is the internal noise level of the 

our, it is evident that SRT is determined by the combined masking effects of 

the internal noise L; and the external noise Ly In Fig.l the lower curve, 

marked R, shows the SRT for sentences as a function of noise level L, for 

horwal-hearing listeners tested in the present experiments (details in Sec.III). | 

Plomp extended the above model in order to describe the effect of hear- if 

dng impairment on SRT in quiet and in noise. To this end, any Speech-Hearing 

Lows (SHL) was interpreted as caused by a combination of two formalistic im- 

palrmenta: (1) attenuation of all sounds entering the inner ear, resulting 

the definition of a class A loss, and (2) distortion of the sounds, result- 

in a class D loss. A loss of class A manifests itself in a threshold     
  

f Riaring the ear, A ice of claws D sy irr eae 

intelligibility wiet and in nolee, The distortion hampers diseriml> 
nation beby resented simultaneously. Therefore, a lows of elaae t 

can be compen ibed for by improving the S/N ratio, provided that itm effeot on 

intelligibility da not too detrimental. Assuming that the required inorenae 

in S/N ratio is independent of noise level, a loss of class D manifeuen tt= 

          

        

self in a threshold shift, both in quiet and in noise. Hence, for the hearing 

impaired the SRT as a function of noise level Ly can be described by (nee ; 

Plomp, 1978): 

(LotA+D) / 10 Chay “dle ytd) /10 
SRT = 10 log [10 + 10 | in dBA, (a) 

where: Lo» Ly? and ALen as defined in Eq.(1), 

A+tD = Speech-Hearing Loss in quiet (=SHL) 41) re lig» and 

D = Speech-Hearing Loss in noise (=SHL,)) re Ly ble 

In Fig.! it is illustrated how SRI changes, according to Mq.(2), an a 

function of masking noise level Lys with the losses A and D an parameters, 

As can be seen, Eq.(2) represents curves similar to Kq.(1), with slopes of 

0° in quiet (Ly=0 dBA) and slopes of 45° at high noise levels (Ty 60 dBA). 

In other words, for low noise levels SRT is fairly constant, as it ia lare 

gely determined by SHL in quiet (=A+D). At higher noise levals SRT [nareanes 

proportionally to the increment of the noise level, independently of the 

given value for SHL in noise (=D). This theoretical approach suggests that, 

in principle, any hearing loss for speech can be reliably characterised by 

measuring just two thresholds, namely SRT in quiet and SRT at a single 

(high) noise level. 

B. Test procedure for the model 

The above theoretical considerations have to be verifiod experimentally, 

Two aspects are of particular interest. First, does any given hearing loas 

of class A lose its influence on the SRT of hearing-impaired listeners, 

for increasing noise level Ly» in the same way as the internal noise of 

the ear loses its influence on SRT for normal-hearing listeners? In other 

words, has any experimental SRT curve a turning point as described by 

Eq. (2)? Secondly, does a class D hearing loss independent of the Level tay 

exist? In Otlier wordi, doos SRT at higher noise levels increase in direct
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PIG... Speech-Reception Threshotd (SRT) for sentences as a funetion of masking 

notoe level. The lower curve, marked R, was determined according to Eq.(i) for 

nommat-hearing listeners, for which it wae experimentally found that l,=16.2 

A ancl AD oy=4. 8 dB. The other curves were determined according to Eq.(2). 

{ iol for theoretical speech-heaving losses in quiet (A+D) and in noise 

indieated in the figure. 

° 

ym to the increment of the noise for any given loss D? For verifi- 

{ these aspects, monaural SRT's of hearing-impaired subjects were 

d under five conditions (details in Sec,II) and an iterative pro- 

cedure was developed for fitting a curve defined by Eq.(2) to the five 

data points collected per subject. 

‘The fitting procedure applies the sum of the five quadratic differen- 

‘cen between the SRT's measured and the SRT's predicted according to Eq. (2) 

an error eriterion. This criterion is minimized by adjusting estimates for 

A and D (written as A and D) by means of the steepest descent method. The 

dnd al estimates AytDy and Do are chosen as follows: AgtDy = SRT Phgp weeks 

ut, de aee threshold of the subject measured in pees and oo: .3(,+D,) 
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ation of the five data points from the beat= 
8 a measure of goodnesa of tlt, : 7) 

Some cautt 1 be exercised when applying thin fitting procedure, — 

It is inherent in Kq.(2) that a reliable estimate of D is only guaranteed 
if, for one nolue level Ly at least, the contribution to SRT of the firav * 

power term of ten, the exponent of which depends on both A and D, ie mmall 

relative to the second term. In practice, this means that it should be 

checked that, at least, the SRI measured at the highest noise level Wen 

is unequivocally positioned on the rising flank of the SR curve. Assuming 

a ratio of 1:10 between the terms as the desirable minimum, this will he 

the case if (LotAtD)/10 < (nan ALgytD)~1, or: 

A < Linax 
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As will be demonstrated by the experiments to be considered naxt, the 

model describes the SRI for sentences quite well. Consequently, the speech 

hearing capacities of a subject can be characterized adequately by just 

two numbers, viz. SHL oy and SHL,,. 

II. EXPERIMENTS 

A. Speech material 

As everyday listening situations were of interest, conversational aenteneus 

were preferred as speech material. An accurate test was required for meanure 

ing SRT in noise in such a way that even a change of | dB in 8/N ratio 
should have considerable impact on intelligibility. Plomp and Mimpen (1979b) 

developed such a test for the Dutch language. It consisted of ton carefully 

selected lists of 13 sentences each and a special masking noise having the 

same spectrum as the long-term average spectrum of the 130 sentences. : 

By using a simple up-and-down procedure for the presentation level of 

the sentences, an estimate of SRT (50% threshold) can be obtained for each 
list. The procedure requires a correct repetition of the entire sentence 

i
e
 ot
 

for a correct response. If a listener is unable to repeat sentences correct= 

ly even under excellent listening conditions, the above test cannot be ‘a 

applied. None of our subjects belonged to that category, *. 

~~



   
NO Centerateat reliability of 8 \ 

parate experiments in which each Metening va 
different lists (Duquesnoy, 1977; Plomp and Mimpen, | 
ART values found had a standard error of eatimate of a 

eluding wywtematic differences among lists, : 

ted twiee with 
the individual      

   

by Ixperimental conditions 

‘The wentence Liats were recorded on one track of a tapé. On the other track 

the standard hoise with exactly the same intensity and spectrum as the 

longeterm average of the sentences was recorded. The output signals of both 

channels of the tape recorder could be attenuated separately. After proper 

“attenuation the signals were mixed and presented monaurally over earphones 

with cilreumaural cups (Sharp Scintrex Mark IV, ambient noise attenuation 

35 di at 1000 Hz). The earphone sound levels were calibrated against free- 

fleld eonditions by measuring the monaural SRT in quiet with earphones and 

with a loudspeaker in front of the listener. The sound level corresponding 

to SRY was determined by an additional sound level measurement (in dBA) at 

the position of the listener's ear, with the listener removed (details in 

Duquesnoy, 1977). 

The test, which took 35 to 40 min, was carried out either in an an- 

eohole voom in our laboratory or in a reasonably quiet room (noise level 

5 dWA) tn a home for the aged. First, air-conduction tone audiograms 

ermined for frequencies of 250, 500, 1000, 2000, 4000, and 8000 Hz, 

ook about 15 min. The pure tones were presented over Beyer DT-48 

  

   
   

    
   
    

jones with flat cushions. Then, the ear with the smaller pure-tone 

© (PTA, average hearing loss for 500, 1000 and 2000 Hz) was chosen 

gure SRT in quiet and against four noise levels of 28,43, 58, and 73 

MA. ‘the five sentence lists involved were always presented in the same 

“order. To eliminate the effects of training and fatigue as much as possible, 

the test conditions were counterbalanced for every ten subjects tested. 

G. Subjects 

The elderly subjects were recruited from two different populations. They 

conslaved of 50 male employees (age 60-67) of the Free University, and of 

60 inhabitants of a home for the aged (30 females, age 71-89; 30 males, 

Ape 69-90), 

‘The tone audiograms of the subjects were atudied to find manifestations 
    

  

      
       

    

74) wolnted ou four types of preshyaow 

lantified which show an enormous variety in audio 

hin maken identification of presbyacusia wolely 
| rather precarious. In order to aid the interpretas 

tion of audiograms, Robinson and Sutton (1979) presented, as a function off 

age, normative pure=tone hearing levels with a defined probability of being 

exclusively associated with presbyacusis. In the present cage, normative 

bie ean ewer 

metric aout) 

  

         

  

levels representing about 80% probability (viz. the levels given by Alls), 
see Robinson and Sutton, 1979, p.333) were chosen and 2 dB was added to 2 

these levels in order to make allowance for inaccuracies in the audlograme J 

measured. Interpretation of the 110 audiograms resulted in 77 audlograne 

for which, at least for the better ear, the hearing losses at all alx fre= | 

quencies were below the normative levels. Thus, the hearing losseu of the 

77 subjects in question (70%) were taken as being mainly attributable to 

presbyacusis. From a pattern study of the 33 audiograms not satiafying the 

criteria it was concluded, with proper restrictions, that four subjects had 

‘hearing losses mainly due to noise injuries (noise notch in the audiogram), 

and that the others had conductive or mixed-type hearing losses (predoml= 

nantly flat audiograms). 

In addition to the elderly people, 20 young normal-hearing subjects 

(mean age 21; individual better ear hearing-levels at the six aboveemention= 

ed frequencies <20 dB re ISO-389) were tested in order to obtain a reference 

for our speech material, 

III. RESULTS 

A. Verification of the SRT model 

First, the fitting procedure was applied to the individual SRT values of 

the 20 normal-hearing subjects. By definition, this group as a whole was ] 

free from hearing losses for speech. Indeed, by introducing in liq. (2) au 

reference values: Lo=16.2 dBA and ALoy=4.8 dB, the medians of the indivi« 

dual SHL values, A+D (quiet) and D (noise), were made zero. The median of 
the individual standard deviations (s.d.) of the SRT values from the beat@ 

fitting curves was 0.84 dB, which was taken as the reference for goodneun 

et fit, ° 

After the above standardization, the fitting procedure was applied te 

the individual SRT values of all 110 elderly subjects, irrespective of type 

of hearing impalvment, Por a reliable operation of the estimation proce=       



  

       t rhe gs (2). Po 
T minty ‘i soba * 13: an, thie means that the allowable: 

ximum value of claws A hearing losses 18 42 dB, according to ta. (3). Thi 

tion led to the exclusion of eight elderly subjects from further 

du, ALL eight subjects had predominantly conductive hearing losses. 

| ¥ the yonaining 102 subjects the curve fitting resulted, per subject, in 

7 — for A*‘D and D, together with the standard deviation of 

the. iia Aisa ity of Plomp's model, irrespective of the gravity of 

impairment, was a matter of prime importance. In view of this, the 

of frequently occurring D values (from -1.0 up to 7.0 dB) was divided 

four intervala of 2 dB. Thus, four groups of elderly subjects were 

‘formed on the basis of SHL) Six subjects with D>7.0 dB were not grouped 
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 -#TG. 2, SRP for sentences as a function of notva level. The data points shown 

gurvea marked #, 1, 8, 3, and 4, repreaent the ourvea beat fitting the ea- 

bal data, aooording to Ua, (My Whe dines ORY values and the standard 

na of beat-fit are given tn I 
    

= 

       and upper and lower quartiles of the five aRt 
and of the individual yalues for AMD, D, and 

for each group. The results for the normal= 
     values imeanuned 

sed, are oho 

hearing group. 

In Fig.2 the mediane for SRT are plotted, per group, as a funetion af 

noise level, The dotted curves also shown are defined by Eq.(2) and reapre= 

             

    

   

   

das a reference. 

sent the curves best fitting the SRT medians plotted. 

TABLE I. Medtans and upper and lower quartiles of the SRT value maaguned 
at five noise levels (Ly, tn dBA}, ae shown at the top of the table, and of ] 
the estimated tnditwtduan re losses A+D and D together with the atandiy 
deviation of fit (s.d.). The groups 1 to 4, constating of the alday ty aul 7 
geets, were formed on the basts of Sith, values according to the tntervale 

indteated. The number of subjects (Se) in each group ta alao given. 

  

  

  

  

SRT (dBA) (dB) 

Ly=0 28 43 58 73 dBA SHL 4 4p SHL,, aed, 

Ref.group (20 $s) 

lower quartile 13.6 24.4 37.6 52.0 67,2 “2.4 4015 0060 
median 16.0 25.0 38.0 53.2 68.0 0.0 0.0 0.84 
upper quartile 18.8 25.6 39.2 53.6 68.8 2.3) Ove! eed 

Group | (23 Ss) +(-1.0 dB < SHL, < 1.0 dB) 

lower quartile 21.6 26.4 38.0 52.4 68.0 5.1 -O.1 0.74 
median 25.6 28.4 39.6 52,8 68.4 869 O13 “OWES 
upper quartile 31.6 33.6 40.4 53.6 69.6 159) OvG? We2e 

Group 2 (35 Ss) +( 1.0 dB <SHL, < 3.0 dB) 

lower quartile 22.8 28.8- 40.4 54.0 69.2 6.0 1.4 0,87 
median 30.8 33.2 42.0 54.4 70.4 In? =62ee nae 
uppér quartile 42.0 40.0 44.0 55.6 70.8 24.3 2.6 1.79 

Group 3 (29 Ss) >( 3.0 dB<SHL, <5.0 dB) 
lower quartile 31,2 34.0 41.6 56.4 70.8 15,6: yoy alia 1 
median 36.8 36.8 44.4 56.8 71.6 19,8 3.7) 1/50 
upper quartile 46,0 45.6 49.2 58.4 72.4 30.2 420i 

Group 4 ( 9 Ss) +( 5.0 dB < SHL, < 7.0 dB) i 

lower quartile 39.2 42.0 46.4 58.4 72.6 24.2 5.2 1.28 
median 44.8 51.2 49.6 60.4 73.2 31.5) Sue ney, ! 
upper quartile 58.6 56.0 57.4 62.8 74.2 4002 Sa7i 2a 
  

 



    

   

      

  

“cl ourve . for the group 

validity of the SRT model can be de    

Namp . median" give the median of the individual values for SRT, 

Shp, and e.d. (adopted from Table I, row "medtan"). The next vows 

GT values, defined by the curve best fitting the five median SRT 

of each group, with the corresponding best estimates of SHL) | ps 

.. the vows tndtcated by Meap-fit) show the differences between the 

! of individual data and data for the group as a whole. 

SHL 

  

  

  

  

SRT (dBA) (dB) 
x 

| Lyn0 28 43 58 734BA SHL,,) SHL) s.d. 

Kef, group (20 Ss) 

edian 16,0 25.0 38.0 53.2 68.0 -0.01 -0.02 0.84 
ea itting 16.1 24.1 38.3 53.3 68.3 -0.05 -0.08 0.52 

ACaxp=fit) -0.1 0.9 -0.3 -0.1 -0.3 0,04 0.06 
- Ls 

I (23 Ss) 

smedian 25.6 28.4 39.6 52.8 68.4 8.9 0.3 0.88 
heat fitting 26.0 27.9 38.8 53.6 68.6 9.6 0.3 0.64 
itex xpefit) -0.4 0.5 0.8 -0,8 -0.2 -0.7 0.0 

Group 2 (35 Ss) 
23 exp. median 30.8 33.2 42.0 54.4 70.4 14.7 Re iL 

ae fitting Biv5 32.5 “40,9 55.4 70.4 15.1 2.2 0.90 

—— ACoxpefit) =0.7 0.7 %J.1 =1.0 0.0 -0. 0.0 

Group 3 (29 8s) 

median 36,8 36.8 44.4 56.8 71.6 ToeGas 3.7) 1.50 

faut fitting 36.7 37.2 43.2 57.1 72.1 20,3 3.9 0.70 
 ACaxpefit) Onl =<O.4. 1.2 =0.5 =005 =0,5'° =0.2 

Oy ap 4 ( 9 8s)     
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to know how aerengiy” an {ndividual'y ‘SL dn 
in quiet. Therefore, the next results coneern 

     HL yyy @AtD) or better ear of the 77 subjects constituting the pres= 

byacusis group. The regression of SHL,, on SHL, is given by: D = 0,19¢A+ 

D)+0.43, and the correlation coefficient is 0.62. The standard deviation 

of individual points from the regression line is 1.53 dB, 

Figure 4 shows SHL, as a function of SHL,,) for the better ear of the 
remaining 25 elderly subjects, who had losses not meeting the criteria for 

presbyacusis as given by Robinson and Sutton (see Sec,11G). For thin hates 

Yogeneous group the regression line is given by: D = 0.14(AtD)=0.17 and the 
correlation coefficient is 0.62. The standard deviation of individual point 

from the regression line is 2.37 dB. The slopes of the two regression lines 

do not differ significantly. 

  

It is interesting to investigate how well the SHL values A‘) (quiet) 

and D (noise), resulting from our hearing model, can be predicted from the 

PTA (average hearing level for 500, 1000 and 2000 Hz). The PTA is a very 

common audiometric measure for assessing hearing impairment, although its 

usefulness for predicting speech intelligibility seems questionable (Noble, 
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FIG.5, SHL, asa funetion of SHL,,, for the better ear of 7? subjecte with 
predominantly presbyacuste losses. The regression tine te given by: D= 0.18 
(At+D)+0.43, The standard deviation of individual pointe from thia Line, tn= 
dicated by the two dashed lines, is 1.53 dB. Filled etreles repreeant aubjeobe 
aged 80-67; open atrales subjects aged 69-90. tae 

na 
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SHLagp (48) 

G.d, Sil, ae a function of SHL,,» for the better ear of 25 subjeets with 

ing looses of heterogeneous origin, The regresston line ta: D = 0.14(A+D)- 

. The etandard deviation from this line, as indicated by the dashed lines, 

to 2.87 dB. the dashed area te emcluded because of restrictions imposed on 

Waluea for A, aecording to Hq.(3). Filled circles represent subjects aged 60- 

tt, open atretes subjects aged 69-90, 

* 
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‘Aap Voneue PTA for the better ear of all 102 elderly subjects. The 

don line ta: AtD = 0.85PTA+1.0. The otandard deviation from this line, 

cated by the dashed lines, ia 4,76 di, Open otreles represent subjects 

ant the heterogeneous Losses. 

VIG.6, SHt 

4 

974). I | 

‘the Tegranesa vN given byt AD 0, B5PLAS al yoand) the ee 

    

correlation seaffie 

Line in 4.78 
0,92. The standard deviation from thea regreasion    

PTA+O.5 (r#0.61). The standard deviation from the regression line iw 1.65 diy 

C. Increment in intelligibility score near SRT 

Generally, the chance of understanding a sentence correctly increases with 

better S/N ratios. The present data make it possible to investigate if, for 

the elderly subjects, this increment in intelligibility is affected by the 

extent of their SHL in noise. 

The slopes near SRT (50%-correct score) of the individual intelligibi= 

lity curves for sentences were calculated as follows. In all five lists pre» 

sented per subject, the first three sentences were ignored. The presentation 

levels of the remaining 50 sentences, ten of which represent a separate 

listening condition, were shifted so that the corresponding five SRT 

values coincided at a level of zero. Then, the number of sentences repeated 

correctly at levels of 1, 2, 3 dB, etc. below and above zero was determined, 

Over the middle range (4 dB width) of the resulting cumulative probability 

distribution curve, the slope AS5g of the curve was estimated by means of 

linear regression (ASs expressed in %-score increment per db). 

The individual slopes for the 102 elderly subjects were plotted as a 

function of SHL,. In the resulting scatter diagram (not reproduced) the 

linear regression is: Seo = -0.7D+19.9 (rc=-0.32), and the standard devia 

tion from the regression line is 4.9%. A test for independence of ASg, and D 

was rejected at the 1% level (t=-3.35, df=100), which corroborates the ren 

gression of individual slopes on SHL). 

IV. DISCUSSION 

A. Applicability of the model 

First, the results for individuals will be considered. As shown in Table 1, 

in the column marked s.d., the median of the individual standard deviations 

of fit is only 0.84 dB for young subjects (reference group) and increases 

from 0.88 to 1.87 dB for elderly subjects with increasing hearing losmen, “tl 

These values are similar to the standard deviations of individual SATs. 

   
   

  

    

    

  

    
   

  

   

i
o
 

&
 

a
 

e
e
 

 



    
   

Pa ig m a tad lh in tel uaa an a tm Ahttery Ty Tee oy 

furthermore, it wae @ ALned | vethe the differen mal en the mean 

and predicted SRf'a were positive or negative in a sufficiently random way 

over the conditions tested, According to the theory of runs (Dixon and 

Maney, 1969), thie was the case for all subjects and conditions, The small 

wtandard deviations for individuals and the random distribution of the sign 

of the above-mentioned differences are first indications of the validity of 

the model. 

Next, the results for groups of subjects will be considered. As stated 

in feo, 1B, two aspects of the model SRI-curve should be considered especial- 

ly for any given SHI in quiet and in noise, namely (1) the shape of the 

turning point at moderate noise levels, and (2) the slope at higher noise 

Jevels, Irom the best=fitting curves presented in Fig.2 it can be concluded 

both that the medians at moderate noise levels are described well by the 

turning points of the curves, and that the medians at higher noise levels 

{nevease in direct proportion to the increment of the noise, which is also 

in Accordance with the model. Furthermore, from a comparison of individual 

and group #.d.'» (Tables I and IL), it can be concluded that there is a 

considerable gain in goodness of fit for the group curves as compared to 

the individual curves. Group 4 is an exception to this, perhaps because of 

the amall number of subjects, in addition to a large spread in hearing 

losses for low noise levels (Ly<40 dBA). The gain in goodness of fit demon- 

vivaten that the description of SRT data by means of Eq.(2) is even more valid, 

beaauge 

curaeles, i reduced by considering homogeneous groups of subjects. In sum- 
the spread of the data, due to experimental and individual inac- 

wavy, the model gives a valid description of the experimental individual 

and group data. 

Consequently, a subject's hearing loss for speech is characterized by 

only two numbers, viz. SHL,,, and SHL). The estimates presented in Sec.TII 

yeoulted from fitting the model to five SRT values, but, since the validity 

of the model has been demonstrated, any hearing loss for speech can be 

defined, essentially, by measuring not more than two thresholds, namely SRT 

in quiet and SRP at a single high noise level (e.g. 73 dBA). The fitting 

procedure may be left out, It is shown in Table ILI that this approach 

rewults in acceptable, though less accurate, estimates of SHL, |» and SHL,. 

In the table the means and standard deviations of the differences ASHL, > 

and ASHI, ave given separately for the reference group (20 ears) and the 

elderly subjects (102 ears). ASHL) da the differance for each ear between 

‘Billjyps devermined aolaly on the baste of the ORT measured in quiet, and 

TAULER af. 

AGHE 1 yn) A A 
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Subjects ABIL, yy (AB) ABH, (AB) 

mean  8.d, mean s8,d. 

Reference Oral 0.3 -0.3 0.9 

(20 ears) 

Elderly =O. 10h “9.2 4.8 
(102 ears) 
  

  

the value 4+D resulting from the fitting procedure applied to five SK? 

values. ASHL, is the difference for each ear between SHL,, determined solely 

on the basis of the SRT measured in noise at a level of 73 dBA, and the 

value D resulting from the fitting procedure. As can be seen, all standard 

deviations found are small enough to guarantee reasonably accurate indivie 

dual estimates of SHL and SHL, with only two SRT measurements, 

B. Relations between SHL,.), SHL., and the PTA 
fe Vv 

From Table I, columns marked SHEL 45 and SHL)» it can be concluded that, for 

all groups, the interquartile ranges of SHL 4p are considerable (5.2 to 

18.3 dB), although the ranges for SHL, are small (0.5 to 1,2 dB) as a eon 

sequence of the specific group division. Apparently, remarkable interindi= 

vidual differences exist in the relation between hearing capacity in quiet 

and in noise. This is clearly illustrated by the scatter diagrams of Vigas 

3 and 4. Although for both groups (presbyacusis and heterogeneous) the corres 

lation between SHL 4, and SHL) is fairly high, the standard error of regreg= 

sion is 1.53 dB and 2.37 dB, respectively. This indicates that for the lie 

dividual ears the relationship is not that close. Subjects with the same 

hearing loss in quiet may have differences of several dB in their hearing 

loss in noise. As shown in Sec.1IIC for different groups of subjects, each 

dB of hearing loss in S/N ratio lowers sentence intelligibility by 17% te 

20%. In view of this great impact, hearing loss in noise should always be 

measured in order to obtain a good insight into the speech hearing ability 

of a subject. 

The average ratio of 0.13 between SHL) and SHL). for our preabyacuels 

59



pulat lon etanttably | ller than the value 

Plomp and Mimpen (19790) with the wame sentence material and the sane heare 

ing model, Therefore, their data were reanalyzed by moans of our approach. 

hie meana that (1) only the SRT data for the better ear (smaller PTA) were 

elected for analysia, (2) the population of, in total, 132 subjects was 

aplit into a presbyacusis group, according to the Robinson and Sutton 

eriteria (wee Sec. 1IC), and a group with hearing losses of various origin, 

aod (3) in order to guarantee a proper operation of the fitting procedure, 

the allowable maximum value of A, according to Bq.(3), was 33 dB, as in 

Vilomp and Mimpen's data: Loel9.0 dBA, ALegy=5 +4 dB, and Umax 0? *> dBA. 

iw vesulted in a presbyacusis group consisting of 56 subjects (or ears) 

aud a heterogeneous group of 59 subjects. Two scatter diagrams of SHL,, 

versus SH ip were made. The regression of SHL, on SHL,,) yielded the 

following results: for the presbyacusis group regression is given by 

De 0. 15CAeD)+1.2 with r=0.53 and s.d.=1.75 dB, and for the heterogeneous 

group B= 0,15(A¥D)+1.55 with r=0.57 and s.d.=2.37 dB. These values agree 

quite well with ours. The same holds for data on SHL, and SHL) as derived 

fvom results published by Jokinen (1973). Interpolation of his mean scores 

plotted, per age decade, as a function of $/N ratio yields values for SRT 

{n nolae. Prom these, speech hearing losses in noise can be determined 

yelative to reference values also published. The losses are given in Table 

TV, The regression of SHL,, on SHL,,, for the decades is given by: D=0.15 

(AvD)41,8 with r=0.91. On the basis of these uniform results, the follow- 

sie nelusion is drawn: both for populations of elderly subjects with 

(ABLE IV. Mean values for SHL,,» and SHL, tn cases of presbyacusis, derived 

from data published by Joktnen (1973). The losses, eapressed in dB relative 

to reference values from 20 normal-hearing subjects (age 20-22), are given as 

a funetion of age decade (20 subjects per decade). 

  

  

  

  

Age group Mean age SHL,,) SHL) 

30 = 59 35 Wrees Wig 

40 = 49 44 x3 Dat 

50 = 59 53 9.5 4.0 

60 = 69 66 18.2 3.7 

70 = 87 78 26.6 6.0 
— 
—   

  

   

  

    wads | 

ratio between a 
mately 7t ly — 

1t whould be noted that the mean hearing lows of 10 dB in noise rom 

ported by Orehik and Burgess (1977) is substantially larger than the average 

value of 2.3 dB for the elderly subjects in the present study. Orehik and 

Burgess applied synthetic sentence identification (SSI) as test mothod, 

" : , 

  

   

Results from $SI-tests are not comparable with our results, since S§l 

constitutes an artificial test situation lacking any links with reality. 

The subject tested cannot make use of linguistic redundancy or contextual 

constraints, and continuously gets false speech cues, because the primary 

and the interfering speech originate from the same male speaker. The ile 

test seems to be an intelligence rather than an intelligibility teat, 

Concerning the regression of SHL 4 1 on PTA, the slope of the regression 

line shown in Fig.5 is 0.85. Thus, for elderly subjects the observed SHE) any 

(quiet condition) will ‘generally be smaller than predicted from pure» tone 

hearing losses, This finding agrees with the regression found by Plomp and 

Mimpen (1979a, Fig.7), but contradicts the conclusion of Gjaevenes (1969), 

based on results for 100 presbyacusic subjects, that at advanced age the 

observed SRT will generally be higher than predicted from pure=tone hearing 

loss alone. The large standard deviation from the regression line of 4,75 

dB is in agreement with Plomp and Mimpen (1979a), who found 7.7 db, and 

Gjaevenes (1969), who found an interquartile range of 9.3 dB, Tt must be 

concluded that for elderly subjects the PTA is an unsuitable measure for 

reliably predicting SHL in quiet. This conclusion should be extended to the 

noise condition (prediction of SHL,,) for which a standard deviation of 1,45 

aB was calculated. This is a large value, since | dB in S/N ratio corren= 

ponds to 17 to 20% in speech intelligibility scores. 

One reason why SHL, is smaller than predicted from PTA might be that 

the eunbeneas used ouate for about 40% of disyllables. According to Young 

and Gibbons (1962), in hard-of-hearing persons with predominantly high= 

frequency hearing losses the intelligibility of spondees in quiet correlates 

better with their hearing levels at 500 and 1000 Hz, than at 2000 Hu. 

Smoorenburg et al. (1981), who measured SRT's in quiet for the same sentene 

ces as used in the present study on subjects with noise~induced hearing, 

losses, also found better correlations for 500 and 1000 Hz, than for 2000 

Hz. Therefore, the Fletcher Index (FI), defined as the average hearing lows 

at the boat two frequencies from 500, 1000, and 2000 Hz, was also teated an 

4 
Oh
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weight to the Low frequencies, The same 102 individual Sits 1, valued aa uaed 

in Wig. 5 were plotted vernus FI, Regression of BHT, yy Of Ft yielded: Avi « 

O,O700446.1, with r# 0,92 and o.d.94.75 dB, Similarly, the regression of 

mh, on FT to given by: Be O.10PT 41.1, with r#0.55 and o.d.#1,96 dB. Thus, 

dt can be concluded that FI is as unsuitable a measure as PTA for reliably 

predicting an individual's SHL in quiet and in noise, and, although the 

eorrelation coefficients are almost similar, the regression on FI is worse 

than on PTA in view of the greater offsets (4.1 dB versus 1.0 dB, and 1.1 

di versus 0.5 dB), 

woof ‘ne audiograms Wtowill add’ ney 

  

O, Slopes of intelligibility curves 

he lists of sentences yield very distinct SRT values. This can be explained 

on the basis of the steep slopes of the intelligibility curves near SRT 

(wedian value of the individual slopes 18.6%/dB for the 110 elderly sub- 

jeata, and 21.6%/dB for the young subjects). The individual slopes 

diminish significantly for larger SHL, values. Nevertheless, the regression 

formula presented earlier shows that even for a severe hearing loss of, for 

example 8 dB, the M8o9 to be expected is still 14.3+4.9%/dB. The steep 

flopes indicate that with our speech material the subjects can profit 

waxlmally from the sentence context, as is usual in everyday Listening 

situations, Kalikow et al. (1977), who found slopes of 14 2/dB with their 

a... sentences, also reported that older subjects are as 

nt 

  

       

     

f younger ones at taking advantage of sentence context. 

V, GONCLUSIONS 

(1) Plomp's hearing model (see Eq.(2)) gives an accurate description of any 

hearing loss for speech, as a function of ambient noise level, on the 

basis of two loss components, viz. SHL, .) (=A#D), the hearing loss in quiet, 

and SHL) (=D), the hearing loss at high noise levels. 

(2) tm practice, an individual's hearing loss for speech can be specified suf- 

fielently by measuring only two thresholds: (1) SRT in quiet, and (2) SRT 

at a single high noise level (>50 dBA), resulting im accurate estimates 

of SEL ey and SH). 

(3) Wapecially for the individual listener, SH, should always be determined 

in order to obtain a good measure of hin speeehehearing ability. 

W) The PTA and the Fletcher Index ave uneultable measures for estimating an 

    
(5) vor populatloné Of elderly subjecta every 7 dil of hearing Lona in quiet 

(Sib jy) tM acoompanied, on an average, by | di of hearing lows in 

nolae (Hit) + 

(6) For the Lints of sentences used in this study, an SHL, value of | di 

corresponds to a decrease of 18% in the intelligibility score of 

    

elderly subjects. 
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HATHACT 

‘the free=fleld Speech-Reception threshold (SRL) for sentences wan Lnvewtt 
gated in quiet and under nine conditions involving noise or competing #peach 

for a group of 20 elderly subjects (10 male, age 75-85; 10 female, age 76- 

HH) and a reference group of 10 young normal~hearing subjects, The noive 

source had the same Long-term average spectrum as the competing speech, 

the Interfering signals were presented at a constant level of 55 dBA. ALL 

elderly subjects had moderate, nearly symmetrical pure-tone hearing losses 

with an average loss at 500, 1000, and 2000 Hz of between 9 dB and 40 dB 

ye 1809389, The main results are: (1) the SRT values in noise and competing 

apeech are about equal, whereas the normal-hearing subjects showed a lower 

aur (7 dB lower for the condition where both sound sources are in front of 

‘the listener) in competing speech than in noise; apparently, the elderly 

wubjects do not benefit from the relatively silent periods in competing 

speech; (2) the gain obtained by moving the interfering noise source from 

the {vont to the lateral position is 2.5 dB, in contrast to a gain of 9.6 

di for the young subjects; apparently, the elderly are unable to make full 

we of the spatial divergence between primary speaker and noise source. 

INTRODUCTION 

Hpeaeh in everyday listening situations is very often disturbed by inter- 

Jog noise and competing speech from one or more talkers. Under such 

  

   
   
   

ditions speech intelligibility for normal-hearing listeners is usually 

ampered, whereas hearing-impaired subjects often complain of being 

# to understand speech. In two earlier studies (Duquesnoy and Plomp, 

| ; Duquesnoy, 1982) the effects of room reverberation and continuous 

‘nolwe (with the spectrum of speech) on the Speech-Reception Threshold (SRT) 

for conversational sentences were investigated on elderly subjects. All 

GT's were measured monaurally by headphones. As we know from studies in 

which normal-hearing listeners were tested in the free field (e.g. Carhart, 

1065; Tonning, 1971), binaural hearing is crucial to cope with degraded 

Jintening conditions, Furthermore, Carhart et al. (1969) found that speech 

intelligibility for normal-hearing listeners is affected less by fluctuating 

interfering signals, like speech, than by continuous ones. 

z In view of the many complaints from hearing=impaired listeners in 

: day wituations, it is important to know whether they still benefit 

y from binaural hearing, and whether they are hindered more by a given 

: 
i 

    
type of {i Jehearing Liatene ‘Wevefore, the preden ; { " ‘tenera, Ther preser 

atudy dewle wh wot of a single interfering note source (continu= 
ous signal) or force (fluctuating signal) on the binaural free*fleld 

SRT for sentenees, Sinee more than half of the hearing-handicappad are over 

the age of 65 (ef. Plomp, 1978), elderly subjects were used in this wtudy, 

Studies on the gain of binaural Listening in elderly subjecta, tented 

     

under conditions with interfering noise, are scarce (see e.g. a review by 

Pickett et al., 1977). Furthermore, in almost all pertinent studies hitherte 

published (Dirks and Wilson, 1969; Carhart and Tillman, 1970; Tillman et al,, 

1973; Tonning, 1973) data were presented which are not comparable, for ane 

reason or another, with the. data presented below. Therefore, these studies 

will not be considered in more detail. An exception to this is the study by 

Bocca and Antonelli (1976), the results of which are diseuased in Sea.1Il, 

I. EXPERIMENTS 

A. Sound stimuli 

The primary speech material used was the same as in previous investigatione 

(Duquesnoy and Plomp, 1980; Duquesnoy, 1982). Tt consists of ten liate of 14 

sentences developed by Plomp and Mimpen (1979). These sentences were pronounced 

by a female speaker. 

As interfering sounds, the present author made two other lists of 13 

sentences, pronounced by a male speaker at a rate of 4.3 syllablea per seeond, 

and noise with the same spectrum as the long-term average spectrum of these 

sentences. The sentences were about twice as long as the primary onew in order 

to mask the primary speech entirely. In Fig.1 the long-term average spectra 

of both the 130 primary sentences and the 26 competing sentences are shown 

relative to equal overall intensity. 

B. Method 

Since ten lists of primary sentences were available, ten listening conditions 

were selected. They are: 

(1) Binaural SRT in quiet; this condition was required in order to verify that 

SRI's found in the presence of an interfering sound were determined by 

this sound rather than by the subject's absolute threshold. 

(2) Monaural SRT in noise for the right ear; this and the following condition 

were ineluded in order to check on hearing symmetry for speech in noise, 

(3) As (2), but for the left ear. 
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rr, 1. long-term average spectra of both the 130 primary sentences (con- 

 bimeus curve, female voice) and the 26 competing sentences (dotted curve, 

mile votee) shown for equal overall intensity tn dBA. 

(4) Winaural SRT in noise, with the primary sentences as well as the noise re- 

ced in front of the listener. 

‘al SRT with sentences as the interfering sound, with the primary 

es as well as the interfering sentences reproduced in front of the 

was necessary to decide whether possible SRI differences between conditions 

7 (4) and (5) are due to the different temporal structure or to the distract- 

Tt ff . . 

ing contents of the interfering sentences. 

( 1) Binaural SRT in noise, with the primary sentences reproduced in front of 

‘the listener and the noise reproduced under 90°, -either right or left. 

(8) Minaural SRD with sentences as the interfering sound, with the primary 

wentences reproduced in front of the listener and the interfering sentences 

  

Pt reproduced under 90°, either right or left. 

| (8), but with the interfering sentences played backwards. 

( oF Yeproduced under 90° 

ront of the listener. 

  

p Panay 

without R 

In Table 1 | tions, and their codes, are summarised, 

The ten Liste were always presented in the same order, ‘to ellwinal 
the effects of training and fatigue as much as possible, the ten conditions wer 

counterbalanced for the ten male as well as the ten female subjects tasted, 

      

   

     

  

   

Li 

according to a 10x10 digram balanced Latin square (Wagenaar, 1969), ‘The priina 
   

sentence lists were recorded on one track of a tape, the interfering sound — 

signals on the other track. The levels of both output channels of the tape 

    recorder could be adjusted:separately by means of two attenuators, Alter = 

attenuation both signals were either mixed and amplified (FP condition) oF 
plified separately (other conditions). The amplified signals were fed {1 

or two Quad electrostatic loudspeakers, the centers of which were placed | 

  

    

above floor level. The distance between the loudspeakers and the entyance of — 

TABLE I. Survey of the ten listening conditions. Five apatial confiqurattona 

marked FF, FR, FL, RF, and LF were tested; the firet character denoteu the 

position of the primary speech source and the second one that of the tntenfer= 
ing source (FP = front, R= right (90°), and L= left (-90°)). the interfering 

signals are denoted by: @=qutet (no interference), N=notee, 8 = ventenaed, 

and invS = sentences played backward. The hearing modes ave denoted by: hin « 

binaural hearing, Mon=monaural heaving, R=vright ear, and L= left ean, — | 
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Spatial Interfering Hearing 
configuration signal mode y 

1) FF Q Bin 

2) FF ‘i N Mon d 

3) FF N Mon L 4 

4) FF N Bin ‘ 

5) FF s Bin 7 
6) FE invs bin wt 

7) FR or FL N Bin a 

8) PR or FL Ss Bin =~. 

9) FR or FL invs Bin : 

 



   
and a cacti. bivednaurat Fiutdenast dareouit aastie vara Mover 

-. ‘he test, which took about 60 min, was carried out in an anechole room 

din whieh the maximum ambient noise level, including instrument hum, was 

below 17 dBA, Firat, tone audiograms (see next section) were determined. 

Next, the speech intelligibility tests were run, during which the subject 

wis weated in an armchair fitted with a head-rest. Under all conditions 

xcept 1) the overall level of the interfering sounds was fixed at 55 dBA, 

inured at the position of the listener's ear, with the listener removed. 

surement of SRT at only this level of the interfering sound is sufficient- 

      

ly Yepresentative, because in an earlier study (Duquesnoy, 1982) it was 

domonatrated that for levels of 55 dBA and higher the SRT is exclusively 

determined by the $/N ratio. Throughout this paper all speech levels speci- 

fied are the long-term average intensity levels of connected discourse, 

jneasured by computing the root-mean-square value of a great many samples 

(Wampling rate of 20 Hz). 

The SRL values, corresponding to a 50%-correct score, were obtained for 

each list by using a simple up-and-down procedure for the presentation level 

of the primary sentences. The procedure requires correct reproduction of an 

   

   

   

wentence for a positive response to be recorded. The test-retest 

ity of SRI's, thus obtained against a background of interfering noise, 

hbout.| d’ for normal-hearing subjects (Plomp and Mimpen, 1979). 

prenbyacusis, proposed by Robinson and Sutton (1979),in order to exclude sub- 

Sect with other ear pathologies, (2) the interaural difference in pure-tone 

pees (PTA, average air-conduction hearing level at 500, 1000, and 2000 Hz) 

ust be smaller than 10 dB, and (3) the interaural difference in hearing 

owe for wpeech in noise at a level of 55 dBA should not exceed 5 dB. Ten 

7 Y wubjects (age 76-88, mean age 80.5) and ten female subjects (age 76-88, 

age 82.5) participated, meeting these eriteria on hearing acuity and 

. In Pig.2 the median hearing level a# well ae the upper and lower 

of the 20 subjects are reproduced, 
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FIG.2. Medtan values and upper and Lower quartiles of the atr-conduation 
tone audtograns of the 20 elderly subjects selected for the veate. 

In addition to the elderly people, ten young normal=hearing subjaqtw 

were tested as a reference group (mean age 22.6; individual hearing losses 

for the two ears at the frequencies of 250, 500, 1000, 2000, 4000, and 

8000 Hz <15 dB re 180-389), 

Ii. RESULTS 

In Table II the mean values and standard deviations of SRI for the ten lintene 

ing conditions are given for the reference group and the elderly subjects, 

The SRT values are given in terms of S/N ratio, except for the quiet condl« 

tion, for which SRT is given in dBA. 

It was tested whether the differences between the mean SRY values for 

the various listening conditions were significant. As homogeneity of variance 

was not met for all SRT's involved, t-tests with variance-dependent dogracs 

of freedom were used (cf. Dixon and Massey, 1969). It was found that, gene» 

rally, SRI differences exceeding 2 dB are significant at the 2%=level, those 

exceeding 3 dB significant at the 1%-level. 

In Hig,3 the mean SRT values in noise are shown for the reference group 

and the male and female elderly subjects together. It is evident that the 

! 
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» the elderly male and famate saayeeta fs and for 
av, For the eondttton FF(Q) SRP ta gtven tn dBA. For the 
to eapressed in S/N ratto (in dB). ALL notations at the bop o 

ave apeotfied in the legend of Table I. 

  

  

ie FF FR/FL RE/LF 
  

 Bubjects Age Q NMonR NMonL N S invs N Ss  invs N 

  

“ Dd, 2.5 34 1.6 1.5 163 3-0 3.1 214 2.4 344 

Pie, mean 80.5 32.3 -3.1 -2.4 -5.1 -5.6 -6.4 -7.4 -10.2 -10.4 

Male gd. 3.5 7.9 2.1 3.0 2.2 5.4 4.4 4.0 4.8 5.5 

Widerly mean 82.5 37.6 -3.1 -2.8 -5.5 -4.0 -4.4 ~B.2 -8.3 -8.4 

Pee? 50 S.A 2S C4 SS BS BS 45 Bil 

  

Gembined mean 81.5 35.0 -3.1 -2.6 -5.3 “4.8 -5.4 -7.8 -9.3 -9.4 

J ane Aids 38 O70 OS? BOK AOA 

tones mean 22.6 13.9 -10.5 -10.4 -10.7 -17.6 -17.6 -20,3 -24.3 -23.4 -17.7 

242 

-7.0 

343 

-6.6 

3.8 

-6.8 

3.5 

  

  

         

  

they range from 5.4 dB to 15.0 dB (all significant at the 

el), The SRT differences in question are, in fact, the hearing losses 

upeech (SHL) of the elderly subjects (relative to the reference group). 

“Upon further consideration of the SRT differences per individual (not 

shown), it would seem that age effects are present for conditions with 

competing speech played forward or backward. In order to verify whether 

these differences actually depend on age, the 20 elderly subjects were 

wubdivided according to their age into four subgroups of five persons each. 
   

( these subgroups a three-variable (speech, age, subjects) analysis-of- 

variance was performed for the conditions FF(S, invS) and FR/FL(S, invS). 

the factors speech and age were not significant, whereas the factor sub- 

7 was highly significant, viz. at levels of 0.2% (contribution of 85.9% 

total variance) and 0.3% (77.4% contribution) for the respective 

This implies that the subjects are by far the most relevant | i 
i = 
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FIG.3. SRT for sentences, expressed in S/N ratio, asa funetion of (1) the 

aaimuth between primary source and interfering source and (8) the type of 

interfering stgnal. Open circles represent binaural SRI''s, croseea repren 

sent monaural SRT's. Dotted lines connect SR?'s of the reference group, avd 

drawn lines those of the elderly subjects. For the notations tn the figure 

see the legend of Table I. 

source of variance, whereas age effects are negligible. Apparently, the 

range of age of the elderly subjects tested was too small to find a wigul= 

ficant age effect. 

Since the factor speech (i.e. $ versus invS) in the analysis-of~ 

variance had no significant effect on SHL, it may be permissible to oonetder” 

the conditions FF(invS) and FR/FL(invS) as retests of the conditions IV (§) 

and FR/FL(S), in order to gain insight into the test-retest reliability of “a 

  

SRT's, measured against a background of competing speech. The resulting 

standard error of individual SRT's is 1.7 dB for the normal-hearing subjects 

and 1.6 dB for the elderly. '
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determined for the young and elderly subjects, These acoven ware obtained 

   
“Pinally, the increment in sentence=intelligibit 

by calculating, for each condition, the chance of a correet responie at 

Jevelw of | di and 2 dB below and above the 50%-corvect level, Irom theae 

values, cumulated over the subjects, the slope in score percentage per dB 

‘wae entimated by means of linear regression analysis. The slopes, determined 

for the various listening conditions, did not differ systematically. For 

all conditions combined the mean slope is 17.34%/dB for the reference group 

and 17,2%/dB for the elderly. 

Til, DISCUSSLON 

1 ean be seen from Table II that the SRT differences between the male and 

female elderly subjects are marginal. Therefore, the SRT's of male and 

female subjects combined will now be considered in greater detail. It should 

be kept in mind that this combined group is very homogeneous with respect 

to age effects on SRT. The combined data (see also Fig.3) reveal that: 

(1) Gondition FF(N) shows an average binaural gain in noise, versus condi- 

tions FF(N, Mon R) and FF(N, Mon L), of only 0.25 dB for the young sub- 

jeets and of 2.5 dB for the elderly. Apparently, for the normal-hearing 

subjects this diotic listening situation, with identical signals in 

the two ears, does not contribute appreciably to a better speech intel- 

ligibility. 

i @ @ye substantial SRT differences between the young and the elderly 

t -.. which range from 5.4 dB (FF, N) to 15.0 dB (FR/FL, S). Since 

‘gach dB of hearing loss in S/N ratio lowers sentence intelligibility 

_ by approximately 17%, the elderly are at a serious disadvantage rela~ 

tive to the normal-hearing young listeners. 

(4) Switching the sources of interference (N, S, invS) from F to either R 

(90°) or L (-90°) yields very significant SRI reductions, viz. 9.6, 

6.4, and 5.8 dB for the young subjects, and 2.5, 4.5, and 4.0 dB for 

the elderly. In addition, these figures indicate that for the elderly 

the gain of moving the noise source sideways is 7.1 dB smaller than 

for the young subjects. 

(4) Switching the primary speech source from F to either R or L during pre- 

sentation of noise in front results in a significant SRT reduction 

(7.0 dB) for the young subjects and scarcely any decrease (1.5 dB) for 

the alderly, 
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hed. on i epligible arr 

differences fo Woth the young subjects (0,0 dh G4) and «0,9 dh (re/ 

VL)) and the rly subjects (-0.5 db (MF) and 0.1 dB CPR/PL))« 

(6) Young aubjeot benefit from the relatively wilent intervals in competing 

speech (both # and inv), as demonstrated by SRT differences of 6,9 di 

re PW(N) and of 3.1 dB and 4,0 dB re FR/FL(N), whereas the elderly do 

not. The possible explanation for this gain for young normal-hearing 

   

listeners is that at moments with a low overall level of the fluctuating 

sound, i.e. during the gaps between the competing words and syllables 

presented at an average level of 55 dBA, the contribution to their 

speech perception is significantly larger than for the hearing=impalred 

elderly, who have an enhanced SRT in quiet of 35.0+7.0 dBA (af, Table 

Il), Furthermore, the masking effect due to moments of high overall 

level of the fluctuating sound is likely to be stronger for the hearing= 

impaired elderly subjects, being probably attributable to a reduced 

frequency-resolving power and higher distortion in the ear, 

The adverse effect of an increased SRT in quiet on the SR? in competing 

speech is corroborated by the significant (1%-level), high correlations 

found between corrected speech hearing-loss (SHL) values in quiet (corrected 

for SHL in continuous noise by subtracting this value) and corrected SIL 

values in competing speech (also compensated for SHL in noise), via, corres 

lation coefficient, r, equals 0.72, both for the combined listening condi= 

tions FF(S) and FF(invS), and for the conditions FR/FL(S) and FR/PL(inv8), 

No significant correlation (r=0.26) was found between corrected Sik values 

in quiet and SHL in noise. Furthermore, virtually no correlations (r< 0,10) 

were found between SHL values in noise. and corrected SHL values pertinent 

to competing-speech conditions. This indicates that SHL in noise is a poor 

predictor for SHL to be expected in the case of a (single) competing speaker, 

Another result from this investigation is that the accuracy of the All 

determination is’ independent of age and hearing loss. This is indicated ly 

similar standard errors of individual SRT's for young and elderly subjects 

against a background of competing sentences (1.7 dB and 1.6 db, respectives 

ly), and by the similar increments in sentence~intelligibility score near 

SRI (17 2/dB ). 

The main impression from the above presented results is that eyen 

moderately hearing-impaired elderly subjects find it much more difficult 

to separate source locations and to discriminate between time-dependent 

sound signala than young normal-hearing listeners, It can hardly be con= 

   



   
    

wluded whether the handieap of the elderly ta due a 

of thelr peripheral hearing syatem, or that addieional devertoration of the 
central auditory pathways alwo plays a role. In thla veapeet & atudy of 

Bocea and Antonelli (1976) is important. They investigated apaseh intelli 

gibility for sentences masked by broad-band noise under the conditions FF 

(Mon ), FY (Mon L), FF, RF, and LF, Among others, ten presbyacusic subjects 

(age unupecified) were tested who had nearly normal hearing, with an average 

WA of 10 dB re 180-389 and a hearing level at 4000 Hz of 35 dB only. They 

achieved a negligible binaural gain under condition FF (re FF(Mon R) and 

Vv (Mon L)) and a gain of 6 dB under conditions RF and LF (re FF). These 

yesults contrast with the corresponding values found for the elderly in 

the present study (cf. Fig.3). They achieved a gain of 2.5 dB under condi- 

tion WP, and a gain of 1.5 dB only under conditions RF and LF. It should 

be noted, however, that the elderly of Bocca and Antonelli were nearly 

normal hearing. Their results agree closely with those achieved by the 

young subjects of the present study (viz. 0.25 dB and 7.0 dB). These results 

of Bocea and Antonelli suggest that age as such does not necessarily bring 

with it a decreased performance under conditions where our moderately im- 

paired subjects fail, but that the hearing loss itself (peripheral origin) 

r {Muy be the cause of the increased SRI's. A possible reason for the moderate 

purestone losses of the elderly having such a great impact is that just the 

‘yequeneies at and above 2000 Hz are almost inaudible (compare Figs.|! and 2), 

    

  

   

jheveas the profitable effects of head shadow on binaural listening are most 

ouneed at high frequencies. 

_GONCLUSTONS 

a) fiven elderly subjects with moderate pure-tone hearing losses are 

veriously handicapped under everyday listening conditions, as is demon- 

strated by the considerable binaural hearing loss for sentences of 5.4 

to 15,0 dB in S/N ratio, found for an average PTA of 25 dB. 

(2) The gain of moving the primary speech source or the interfering noise 

or speech source from the front to a lateral position is greater for 

young listeners than for the elderly. An average gain of 7 dB was found 

for the young ones versus a gain of 3.1 dB for the elderly. This may be 

indicative of poorer auditory space perception among the elderly, pro- 

= bably due to their pronounced high-frequency hearing losses. 

(5) The negligible effect for both the young and elderly subjects of playing 

  

   
the jv chwarde ding ; hyatoal 

aspects of the interfering aignal chat are deelalve, and not wuch a 

paychologlenl fagtor av distraction due to the aimultaneoun intelligi~ 
biliey of primary and competing sentences. 

(4) The elderly subjects, although having pure-tone hearing losses not nore 

than predieted for their age, do not really benefit from the relatively 

silent intervals in competing speech (single speaker), whereas the gain 

for young subjects amounts to 7 dB relative to interfering continuoui= 

noise conditions. 
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     4d (aWT) for ‘ponversational 

wentences was investigated under unaided and aided wonditions for 50 subjects 

(24 male, 26 female; age below 65), which were grouped according to five 

different types of pure-tone audiograms, The unaided BRE's were measured in 

qulet and in noise at levels of 40, 55, 70, and 85 dBA, ‘he aided SRT's 

were obtained by means of the subjects' own behind-the-ear hearing aids in 

quiet and in noise at levels of 25, 40, 55, and 70 dBA. The noise had a 

longeterm average spectrum identical with that of the sentences. The five 

types of audiograms were representative of the following hearing losses: 

sensorineural high-tone both with and without recruitment, sensorineural 

Tiat, mixed, and purely conductive, It is shown that a model on aided 

Nearing developed by Plomp (J.Acoust.Soc.Am.63, 533-549, 1978) enables an 

seeurate description to be made of the unaided and aided SRT values measured, 

ise gprective of amount and type of hearing impairment. The model interprets 

any hearing loss for speech as a combination of a loss of class A 

(attenuation) and a loss of class D (distortion), and describes the hearing 

ald in terms of a gain G,which compensates for a class A loss, and a 

distortion S,which adds to the class D loss. Values for A, D, G, and § 

were obtained from fitting this model, per subject, to the unaided and 

aided GR data. The four parameters characterize the individual aided 

speechehearing very conveniently. The mutual relationships of these four 

viielera were studied, as were the relations to several electroacoustic 

    

    

   

Iigeaid properties, such as gain in quiet, internal noise, and second- 

mic and third-harmonic distortions. Among other things, it was found 

ti (1) generally, the model-derived hearing-aid gain in quiet, G-S, is 

Meuvicat with the functional gain Gp (difference, in dB, between the 

“tieasured unaided and aided SRT in quiet); (2) madern hearing aids provide 

no benefit in noise, as they do not improve the signal-to-noise ratio; 

fetually, an average distortion $ of slightly more than 1 dB was found; and 

(3) the aids with third-harmonic distortions are particularly detrimental 

to SRY in noise; they show an average $ value of 2.4 dB in contrast to an 

average of 0.7 dB for the other aids. 

INTRODUCTION 

Tt ta well-known from the literature that, partioularly, people with 

ensorineural hearing losses are seriously handieapped in communicating 

  

a Miflosston of ae cannot really compensate 
for these lossen, A nants requisite for a hearing aid to provide subatantial 
benefit in nolwm i# that it increases the signal-to-noise (8/N) ratlo, 
For example, Gangel (1971) found that only 8/N ratios of +15 dB or more cal 
be considered acceptable for aided speech discrimination by the hearing 
impaired. It is amazing how much better hearing-aid performances 
audiologists are still expecting from careful selection and fitting of the 
currently available hearing aids, although these aids cannot but amplify op 
attenuate in a more or less satisfactory way. Inevitably, practice continues 
to prove that most hearing-impaired listeners are disappointed about the 
benefit of their aids under noisy conditions. 

Recent research suggests that subjects with sensorineural hearing 
losses should derive extra benefit from hearing aids with reduced lowe 
frequency gain and extended high-frequency gain with frequencies up to 
6500 Hz (cf. Pascoe, 1975; Nielsen,1976; Harford and Fox, 1978; Schwarty of 
al., 1979; Skinner, 1980). The next step seems to be the precise matching 
of the frequency response of a (master) hearing aid to the specific hearing 
of each single individual (Miller et al., 1980), All these recent efforts 
of finding the optimum frequency response have two factors in common: 
(1) there is no purposeful search for a method or device capable of 
substantially improving the S/N ratio; the approach so far purdued iy 
essentially limited to yielding insufficiently better results in nolge 
(a few decibels at best); (2) there is a lack of a simple concept af how 
speech intelligibility may depend on some basic characteristics inherent 
in all hearing aids (cf,, for example, Miller et al., 1980). 

As distinct from the above mentioned authors, Plomp (1978) discerned 
the dominating problem of S/N ratio in aided hearing. He rightly observed 
that the auditory handicap of the hearing impaired can only be Leusened 
by improving the S/N ratio. Some possible ways of achieving this wore 
Suggested, partly based on room acoustics, partly on Signal processing by 
a hearing aid; they will not be repeated here. Another important aspect of 
the paper was the presentation of a simple model of how hearing aids may 
influence speech intelligibility of the hearing impaired, 

The primary aim of the present report is to provide an experimental 
basis for Plomp's model. It will be shown that the model is generally valid, 
irrespective of both the frequency response of the (head=worn) hearing aide 
tested, and of the type of hearing impairment. Turthermore, data will be 

 



   

    

an the benerit of heart (| 

fons between, on the one hand, severa 

of hearing aida, aa maasured in a hearing 

hand, the concomitant psychophysical results, 
 Kesaption Thresholds (SRT) measured in quiet and at 

levels up to 85 dBA. 
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ty A MODEL OF THE AIDED SPEECH-RECEPTION THRESHOLD 

ky ription of the model 

‘Tt has been verified previously (Duquesnoy, 1982 ) that the effect of 

heating impairment on the SRT in quiet and in noise is well described by 

@ model proposed by Plomp (1978). In this model any Speech-Hearing Loss 

(HL) is interpreted as being caused by a combination of two formalistic 

Jopairmencs: (1) attenuation of all sounds entering the ear, defined as a 

class A loss, and (2) distortion of the sounds, described as a class D 

losn. Then, for the hearing impaired, the SRT as a function of noise level 

gan be expressed by 

(Lj+A+D) /10 (Ly AL gt) / 10 
eR = 10 tog [10° ° io } in dBA, a) 

wheres ly = SRT in quiet for the normal-hearing (in dBA), 

Ing = sound-pressure level of the masking noise (in dBA), 

Min = the number of decibels that SRT in noise for the normal- 

hearing is below Ly» thus Ly Shey represents SRT in noise 

for the normal hearing, 

AXD = Speech-Hearing Loss (SHL) in quiet re Lg» and 

) = SHL in noise re Ly Shon: 

In Fig.l it is shown how SRT changes, according to Eq.(1), as a 

‘funetion of Lig 

Duquesnoy (1982) applied an iterative procedure for fitting a curve 

  

» with the losses A and D as parameters. 

defined by Eq.(1) to SRT values of hearing-impaired subjects measured in 

quiet and for, at least, one level of masking noise. Accurate estimates of 

At) and 1) were achieved if the SRT measured at the highest noise level, 

“0 , was unequivocally positioned on the rising flank of the SRT curve. 

a shown to be the case if 
+ 

= A * dma” Yon ob gy | Quy aus J be (2) 
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PIG.1. Speech-Reception Threshold (SRT) for sentences as a funetion oy 
masking noise level Ly. The lower curve, marked R, was determined acaowling 
to Eq.(1) for normal— hearing listeners, for which monaural teata in the {née= 
field showed that Lj=13.5 dBA and AL,=5.8 dB. The other curves, alao qooond= 
tng to Eq.(1), hold for hypothetical speech-heartng losses tn quiet (AD) 
and in noise (D) as indicated tn the figure. 

Plomp (1978) extended his model in order to include the effect of 

hearing aids on the impaired SRT. Again, a simple formalistic concept wan 

adopted, in which the following three quantities characterized the hearing 

aid: (1) the acoustic gain G of the aid (in dB), equal to the increase of 

soundpreseane level at the ear drum, (2) the increase $ (in dB) of SRT in 
noise, due to signal distortion in the aid (linear and non-linear), and (4) 
the aid's internal noise L, (in dBA), interpreted as an additional (external) 
noise Level at the aid's microphone. These three hearing-aid parameters aun 
be easily accounted for in the expression for SRT given by Eq.(1), The gain 

© compensates for the class A hearing loss, resulting in an apparent clase A 
loss of (A-G) dB. The distortion term $ of the aid can simply be added ta 
the class D hearing loss of the ear. The internal noise L, contributes, to» 
gether with the background noise level Ly» to the apparent total noise level



; te ald’ a mierophone,— | 
WE 

/\0 L,/ 10 
Ip * 10 log [ 10" +10! ] in dA, (3) 

Then, ‘by including the above considerations on the oft ‘ uring aids 

on RT into Bq. (1), the aided SRT (ASRT) can be described by 

i (L.+A-G+D+S) /10 Clg Oba tD+8) /10 ; 

Agu = 10 log [ 10 ° jo | in dBA . (4) 

‘Th Wig.2 ASRT is shown as a function of background noise level L, for 

4 hypothetical hearing aid with S=3 dB, L;=25 dBA (values adopted from Plomp, 

1078), and G@ 10, 20, 30, 40, and 50 dB, respectively. The figure clearly 

domonstrates the effect of the hearing aid on SRT, The obtainable minimum 

value for ASRT in quiet is determined by L,- Therefore, full compensation 

of the hearing loss in quiet cannot be obtained by mere amplification; in- 

‘areasing, for example, the aid's gain from 40 dB to 50 dB does not substant- 

jally improve the ASRT. The convergence of the ASRT curves at higher 

nolae levels points to a serious limitation of the aid: it amplifies all 

wounds, but it does not increase the S/N ratio (in the case chosen here, 

with #3 dB, the aid significantly worsens the S/N ratio, but recent 

commercial aids generally have somewhat lower S values; see Sec. III). 

  

    
   

   

   

¥ important aspect related to S/N ratio is the maximum acceptable 

wind noise level for a conversation being possible. Apparently, for 

‘ination of hearing losses and hearing aid shown, this level is 

d by as much as 15 dB relative to normal-hearing (compare the two 

dn Vig.2). For a more elaborate theoretical examination of the 

{it of hearing aids in noise the reader is referred to Plomp (1978). 

Bh Test procedure for the model 

The theoretical description of hearing-aid performance presented has to be 

verified experimentally. In the model given by Eq.(4) the hearing aid has 

been simplified. Effects of peak clipping (PC) and automatic gain control 

(AGG) ave not included. Furthermore, the model does not explicitly account 

to the effect of different frequency responses of the aid, nor for the role 

rultinent (reduced dynamic span of hearing), At present, most pre- 

“ id hearing aids have PC or AGO cireuits, and the frequency responses 

between basically wide-range and narrowebands Alwo, a considerable 
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FIG.2. Unatded and atded SRT curves for sentences as a funation of mauling 
notse Level Ly The solid curve, marked R, represents normal-hearing BRI a, 
The upper solid curve describes SRI for hypothetical hearing losses A and D 
as tndicated. The dashed lines show the effect of tneveastng the gain G off a 
hearing aid with S=3 dB and Lj=25 dBA. The curve, marked with the erosa aymbola, 
represents the average level in dBA of conversattonal speech at a diatanoe of 
Im (cf. Heusden et al., 1979). When interfering notee te present, people wie 
conetously ratse thetr voice level. The vight vertical arrow indteates the 
maximum acceptable notse level (65 dBA) during convereatton among normale 
heaving ttstenere, The left arrow gives the maxim notee level (60 dBA) Jor 
the atded hearing-impaired listener in order to be attll able to undere band 
the conversation. 

percentage of subjects shows recruitment in the aided ear (e.g. in casen of 
noise trauma and presbyacusis). Thus, for the model to have any practical 
value it must apply in all these cases, and if it does not, minor adaptations 
should be sufficient to make it applicable. In the present investigation. 

all the above-mentioned aspects on aids and ears were studied with regard 
to the applicability of the model,     

4
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ver ‘flew of the. ; 8 of hear lage hipad 

Potbec were measured under tive’ unaided and ive aided conditions, inelud= 

ing both quiet and high noise levela (see Sec. 115). Por the unaided situation 

Wg. (4) reduces to fq.(1), Initially, reliable estimates of A and D were 

obtained uaing the iterative procedure referred to above (Duquesnoy, 1982). 

Then, with some simple modifications the same iterative procedure was used 

for fitting a curve defined by Eq.(4) to the five aided SRT values. The 

wwdifieations consisted in replacing Ly by Lips ‘caiaaaais according to 

fj, (4), and including G and $ as the parameters to be estimated. The values 

for A and D, already known from the first stage of fitting, were kept con- 

tant in the second stage. Before calculating Lyp values by nie the 

Internal noise Ly had to be specified. For each hearing aid an estimate of 

   
     

hy wan derived from electroacoustic measurements (see Sec.IIC). 

Tu common with the first stage of fitting, in the second stage the sum 

of the five quadratic differences between the ASRT's measured and the ASRT's 

predicted according to Eq.(4) was applied as performance criterion. This 

eviterion was minimized by adjusting estimates (via steepest descent method) 

for G and §. The iterative procedure was stopped when adjustments smaller 

than 0,002 dB were achieved for both G and S. These G and S$ values define 

“the beat fitting curve. The standard deviation of the five data points from 

tiie beat fitting curve is considered to be a measure of the goodness of fit. 

i} ovder to obtain a reliable estimate of S, it must be verified that, at 

  

    
   
   

  

Ht the ASRT measured at the highest noise level Ly. is unequivocally 

ploned on the rising flank of the ASRT curve. With respect to Eq. (4) 

f # that, at least for Lmax? the contribution to ASRT of the first 

term of ten, the exponent of whichdepends on both G and ai small 

lve to the second term. Assuming a ratio of 1:10 as the desirable 

tn m, this holds if L gtAtD-Gts < Latmax ~AL gy +D+S— 16, ‘ors 

a) (5) G> Ug talg tat lo Lata? 

1 /10 L,/10 
Nmax I ‘wie! = I + 10 . Wierer Lay = 10 log { 0 | 

The experimental results presented in Sec.11I will demonstrate that 

the model describes the ASRT for sentences satisfactorily. Consequently, 

effect of hearing aids on SRT can be characterized adequately by just 

two Spesttetes vie. the acoustic gain @ and the distortion s. 
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in terme of f aes. average te harmonte and intermodulation 
distortion, and @aturation output levels. It is of interest to know the 
relationships between these electroacoustic hoaringeadd properties and the 
psychoacoustic hearing-aid parameters G and S. Therefore, all hearing aide 
involved in the present investigation were also tested electroacoustioally 
{see Sec. 1IC). 

   

Attention is drawn to the fact that the present evaluation of the nodel 
only deals with monaurally aided speech intelligibility. Plomp (1978) pre« 
supposed binaurally fitted aids, in order to have no losses due to head 
shadow or to Lack of binaural release of masking. In practice, however, 
Monaural fitting is more usual, and binaural release of masking under alded 
free-field conditions is practically zero when both speech and noise wignale 
originate from the same location in front of the listener (cf. Dirks and 
Wilson, 1969, and Tonning, 1973). This explains why this Location was used 
for testing speech intelligibility (see Sec.IIB). 

Il. EXPERIMENTS 

A. Sound materials 

The primary speech material used was the same as in the previous investigate 
ion (Duquesnoy, 1982). It consisted of ten lists of 13 sentences @ach, pro= 
nounced by a female speaker, and a masking noise with the same long-term 
average spectrum as the 130 sentences. By using a simple up-and-down procedure 
for the presentation level of the sentences, an estimate of SRY (S0%-correct 
threshold) could be obtained for each list. A correct reproduction of the 
entire sentence is essential for a positive response to be recorded. The {ne 
dividual SRT values thus obtained against a background of noise have a 
standard error of estimate of only about | dB for normal~hearing subjeats 
( Plomp and Mimpen, 1979). 

Prior to testing the aided speech intelligibility, the subjects had to 
adjust the volume control dial of their hearing aids. For this adjustment a 
standard recording, consisting of sentences pronounced by a male speaker, 
was available without interfering noise. 

B. Psychophysical measurements 

The measurements were performed under free-field conditions and took about 

 



  

stnuated in ine of the TOCSY) with ite center 1m abe floor Level The 

subject wan seated in an armehaty fitted with a headrest to ensure direct 

facing of the loudspeaker. The distance between the loudspeaker and the 

wntvance of the ear canals was made exactly 2 m. The anechoic room inwhich 

the Heasurements took place had a maximum ambient noise level, including 

Inatvument hum, below 17 dBA, All tests were performed monaurally with the 

wubjeets’ own hearing aids. Only behind-the-ear aids were considered; none 

of the earmoulds was vented. 

Priory to the test, the subject adjusted the volume control of the hear- 

ing aid to achieve a comfortable listening level for the standard recording 

of wentences. The recording was presented in quiet at a constant level of 

62,5 dBA at the position of the subject's head. This is the appropriate level 

for establishing the volume control setting as normally utilized in every 

tay Vietening situations (cf. Walden et al., 1977). The adjusted dial setting 

was fixed with a piece of plaster to prevent the subject from further chang- 

ing the setting. In cases of binaurally fitted hearing aids, only the hearing 

aid at the ear with the maximum speech discrimination score, as specified by 

the olinical audiologist, was mounted and adjusted. 

During the test, monaural hearing was achieved by occluding one ear with 

4 combination of a hearing protector made of ear down (Bilsom Propp-o-plast) 

and 4 Giveumaural ear muff (Silenta Super, Exel Oy Ltd, Finland). This 

Easton yielded very high aa attenuation values. Cross-over hearing 

    
a and 8000 Hz, which took about 15 min. In general, free-field tone 

audiograms are related to ISO-R226, 1961, which specifies values for the 

normal binaural minimum audible field. The minimum audible field for monaural 

Jiatening should be taken 2 dB higher; this correction was included in our 

veference, From the unaided audiogram the pure-tone acuity (PTA, average 

hearing level at 500, 1000, and 2000 Hz) was calculated for classifying the 

Wubjects into one of five possible classes (see Sec.IID). 

Next, the speech-intelligibility test was run, which took 35 to 40 min. 

the ton sentence lists were recorded on one track of & tape, On the other 

tu sk the masking noise with exactly the sane intensity and spectrum as the 

berm average of the sentences waa ¥ butput signals of the         
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two cha 
attenuat lon i 

into the loudspeaker, Hive sentence lists were used for measuring the unaided 

SRT in quiet (aetually 0 dBA noise level) and against four noise levels of 40, 

55, 70, and 85 dBA, The level of 85 dBA was included to satisfy, for all sube 

jects, the boundary condition given by Bq.(2), The other five lista were used 

for measuring the aided SRT in quiet and against four noise levels of 25, 40, 

55, and 70 dBA. It was expected that the noise level of 70 dBA was high 

enough to activate the aid's PC or AGC circuit, if present, The ten lint 

were invariably presented in the same order. For half of the subjects the whe 

aided SRT's were measured £irst, and for the other half the aided SN'l's were 

measured first. To eliminate the effects of training and fatigue as much a 

possible, the test conditions were counterbalanced over the subjects, 

In addition to the hearing-impaired listeners ten young normal=hearing 

subjects were tested with the same equipment, for unaided conditions only, 

so as to obtain a reference for our speech material. Six lists were used for 

measuring the monaural SRT in quiet and against five noise levels of 25, 40, 

55, 70, and 85 dBA. The conditions were also counterbalanced over the subjects, 

C. Electroacoustical measurements 

After the psychophysical measurements the hearing aids involved were eleatror 

acoustically tested with the valume control settings unchanged. Each aid was 

mounted on an artificial ear (2 ae coupler) of a B&K hearing aid teat box 

Type 4212, which provides frequency characteristics representative of free 

field conditions. The input sound-pressure level during frequency sweeping 

was kept constant by the equalizing circuit of a B&K beat frequency oscillator 

Type 1022. The output levels of the fundamental, second-harmonic, and thirds 

harmonic responses were measured separately in dB SPL using the 1/3=oetave 

filters of a B&K audio-frequency spectrometer Type 2112. All curves were draw 

on calibrated paper by means of a B&K level recorder Type 2305. The hearing 

aids were tested successively at sound levels of 50, 70, and 90 dB SPL, In 

addition, the fundamental-frequency response of the aid was recorded in the 

absence of an input signal to obtain an estimate of the aid's internal noine 

in dBA. 

The noise L, was determined by the following procedure. For reasons of 
re 

speech intelligibility, the frequency region of interest was restricted to 

five octaves, between 125 Hz and 4000 Hz. For each hearing aid tested the 

 



the Pi tamtieetversency responds fort 

auplification values were subtracted ee HE 

Levels recorded with gero input. Since the inten to he apecifi- 

ed in dBA, an Aeweighting was applied to the nolue Ayla Notably for high- 
tone hearing aids with Limited bandwidth, L, was determined on the basis of 

four oataves by leaving the 125-250 Hz band out of consideration. 

fone hearing aids showed, for one or more octaves, very low octave-band 

one. ‘These 

‘band noise 
   
     

     
     

      

Holse levels, so that the internal noise of the test box system had to be 

taken inte aecount. The system noise level between 125 Hz and 4000 Hz was 8.1 

ADA, 

‘Dy Subjects 

All hearing-impaired subjects were recruited from the Audiology Center of 

the Pree University. It was decided to investigate subjects below the age 

of 65, for which the hearing impairment was likely to come from a pathological 

origin rather than from presbyacusis. Besides, it was expected that younger 

persons would generally make the most of the rehabilitative potentialities 

of a hearing aid. 

As known from the literature, the benefit of a hearing aid depends 

“ltongly upon the type and gravity of hearing impairment. For instance, dif- 

fervent shapes of pure-tone audiograms require different hearing-aid frequency 

    

   

   

    

sponses, In order to test the model presented in Sec.I in as representative 

on Ai possible, five quite different types of commonly encountered audio- 

were defined for selecting hearing-impaired subjects. These five types 

Wpacified in Table I. Both the subject's air-conduction and bone-conduct- 

udiograms had to fit one of the five specified shapes for participation 

he test. 

= In order to avoid type of hearing loss being confused with degree of 

hearing loss, ears with about the same amount of hearing loss were compared. 

Yo this end, the free-field PTA was chosen as a measure of overall hearing 

lows. Generally, conductive hearing impairment is attended by higher PTA 

Values than high-tone hearing impairment with recruitment. In order to match 

the ranges of PTA values typical of the various types of hearing impairment 

involved, the lowest possible value of PITA was 30 dB and the highest allow- 

le value (mainly determined by technically imposed limitations of sound 

leveln) was 60 dB, both limits relative to 180°R226(1961), The PTA range thus 

ting was divided into five classes, namely 30,1996.0 dB, 36.1-42.0 dB,           

           
       veaponding a tegram hapea, ‘The dtooomfort level te ¢ fined ao the manda 

aound level to be tolerated for a short pertod of time. 

  

  

  

  

  

  

  

  

Type of purestone  Air-conduction audiogram Bone= 

hearing loss - conduetion 

Audiogram Discomfort Hearing span audiogram 

slope level 
(250-4000 Hz) (250-4000 Hz) (500-2000 te) 

(dB/octave) (dB re IS0389) (dB) 

(1) perceptive >15 >115 >50 alrebone 

high-tone above 500 Hz interweaving 

(no recruitment) 

(2) perceptive >15 <115 <50 airebone 

high-tone above 500 Hz interweaving 

with recruitment 

(3) perceptive <10 >115 >50 alrebone 

flat above 250 Hz interweaving 

(4) mixed <10 >115 >50 airebona gap 

flat above 250 Hz 215 di 

(5) purely <10 >115 >50 a) alrebone 

conductive above 250 Hz gap 225 di 
b) threshold 
level «30 dh 
re 180"9A0 
(250-4000 Ile) 

  

  

  

42.1-48,.0 dB, 48.1-54.0 dB, and 54.1-60.0 dB. It was accomplished that, far 

each audiogram type previously defined, ten subjects, viz. two per PTA Clase, 

were investigated. Thus, a 5x5x2 experimental design was brought about, The 

“test conditions were also counterbalanced over PTA classes, which enabled an 

optimal comparison between types of hearing loss. 

In order to find suitable subjects, the data files of the Audiology 

Center were examined. At this Center, all audiograms are measured over heads 

phones (re 180-389), and word discrimination scores in quiet are obtained 

with Dutch phonetically balanced monosyllables, Criteria set for tentative 

selection of subjects were: a behind-the-ear aid must have been fitted, not 

more than two years ago, to the ear with the smaller PTA as well aw the 

better word discrimination score in quiet; the audiogram of that ear munt 

correspond to one of the audiogram shapes defined in Table I, and the PIA



  

     oa he terre of wos of Pitty ipalieans 

apeotfied in table 2, 
  

  

  

pe of Age Mean Sex 
Ampatrment interval age male female 

| 26 - 67 50.9 4 6 

2 28 - 68 53.2 8 2 

4 37\= 63 56.3 4 6 

4 26 - 63 46.2 4 6 

4 21 = 57 42.5 6 4 
  

  

(ve 180-389) must Lie between the upper and lower limit for the free-field 

VIA. Whether a subject really fitted in with the experimental design was not 

‘Glear until he had actually participated in the test, so that a free-field 

VTA wan obtained, Because of both duplications in some PTA classes and free- 

field audiogram shapes not satisfying the criteria, somewhat more than the 50 

subjects needed have participated. In Table II, the finally resulting 

(iintwibution of age and sex is given for the five groups with different hear- 

tag impalrment. 

lor the ten normal-hearing subjects (age 19-24, mean age 21), included 

   

  

   

     

| the investigation to obtain reference values for the speech intelligibility 

ty : diverage free-field audiogram slightly better than specified in ISO- 

16 wall observed (mean PTA of -2.4 dB). 

RESULTS 

A. Application of the model to individuals 

In order to have a reference for the hearing losses for speech, the curve- 

fitting procedure was first applied to the individual SRT values of the ten 

normal-hearing subjects. This group as a whole was, by definition, free from 

speech=hearing losses. By taking A+D=0 (i.e. SHL in quiet) and D=0 (SHL 

in noise) in Bq.(1), the reference values Lg2!3.5 dBA and blo = 5-8 dB were 

Caleulated, The fitting procedure determined, per subject, the standard 

deviation (s.d,) of the six SRT values from the best-fitting curve. The 

median of these a.d. values is 0.85 dB. Thin value will be taken as the re- 

renee for the goodness of fit, 

  

      

  

   
Advan Me he stage of curv flee lar aa pert 

on the indiy dual OWT mlue of he 50 hearingetmpaived subjecta, This nate 

ed, per subjeaty. Tetaninates of AtD and D, together with an asd, of f1t, Prom 

Eq. (2) Lb ean be eoneluded that for obtaining reliable estimates, the allows 

able maximum value of class-A hearing loss is 56 dB. All subjeacs satlafy thie 

criterion. The median of the 50 s.d. values of fit is 1.14 dB, 

After finding AtD and D, the second stage of curve fitting was applied to 

the individual ASRT values, both for the test situation including layen70 da 

(5 ASRT values) and for the situation without that level (4 ASRT values). Thie 

distinction was made for studying the effect of PC or AGC circuit activation 

on the hearing aid's S value. According to Eq.(5), reliable estimates of G and 

x75) dBA can only be expected if G> A-25.5 dit 

(median L)=22 dBA, see Sec.IIIF). For two subjects the observed G value waa 

S for the situation where Lama 

slightly below the criterion, The fitting resulted, per subject, in estimates 

The median of the 50 s.d. values ia 1.15 di 

.and 1,05 dB for the 4-point fit. The medians of the 50 

values of S are 1.25 dB and 1.15 dB, respectively. 

of G and S, and a value of s.d.. 

for the 5-point fit, 

The small differences between the 5-point medians and the 4=point medians 

indicate that, at a noise level of 70 dBA, the output control of the aids does 

not substantially increase ASRT in noise. Therefore, the next data presented 

on aided hearing will definitively include the noise level of 70 dBA. 

B. Test of the model on the basis of PTA class 

The applicability of the model, irrespective of type and gravity of hearing 

impairment and of hearing-aid performance, has to be verified first of all, 

To this end, the 50 subjects were grouped into the five PIA classes formerly 

defined. Thus, each class consisted of five pairs of subjects, each palr 

representing a specific type of hearing impairment according to Table I, 

In Table III, for each class of ten subjects the medians of the measured 

SRT's are compared with the corresponding SRT values derived from fitting @ 

curve, according to Eq.(1), to these medians. Similarly, the medians of 

individually computed values of A+D, D, and s.d. are compared with the core 

responding values of the curve best fitting the SRT medians. 

In Table IV, for each class a comparison is made between the medians of 

the measured ASRT's and the best-fitting ASRT values situated on curves 

described by Eq.(4). Furthermore, the medians of the individual values of @, 

S, and s.d. are compared with the corresponding values of the bestefitting 

   



   

  

   

  

    

BPP iethrciirqsinpaired onicieway were § 

PLA intervala ao defined in Sea. ITD. Vor each elaaw ae iret row 
simedtens of the individual SRY valuea measured at five notee levels 

        

   

   
it Yow givee the SRY values defined by the curve best fitting the five 

GRY values of the etaee, with the resulting estimates of A+D and D. 

value o.d, te the standard deviation of the five SRT medians from the 

bing curve. 

      

   
  

  

SRT (dBA) SHL (dB) (dB) 

Lyn0 40 BS 70 85dBA A+D OD s.d. 

oe median 4a. 

  

  

ek 05.8 Sho 6626 BLA 31.2 2.5 
i Mentetic 4409 45.5 52.8 67.1 82.1 91.4 2:7 0.85 

nt median 46.6 47.8 56.8 68.2 81.4 33.2 2.6 
. best fit 47.2 47.7 54.2 68.3 83.3 33.7 3.9 1.62 

ut median 56.4 55.2 59.2 68.6 82.0 42.7 3.9 
best fit 56.3 56.3 57.9 68.1 82.8. 42.8 3.4 0.99 

ow median 65-4 66% 676 70.8 B28 SEY 3.8 
West fit 66.2 66.2 66.4 70.1 82.8 52.7 3.4 0.52 

nedian 69.0 68.4 69.0 72.0 83.8 55.7 4.9 
best fit 68.8 68.8 68.9 71.8 83.9 55.3 4.3 0.26 
  

\ g losses for speech (ASHL) in quiet (=A+D-G+S) and in noise (=D+S). The 

lividual values of ASHL, for which the medians are shown, were achieved by 

a ding the respective individual values of AtD, D, G, and S. The best-fitting 

AHL, values were achieved by simply adding the seperate best-f£itting values 

of AWD, D, (given in Table III), G, and § (given in Table IV). 

>. ‘Tn Pig.3 the medians of the measured SRT and ASRT values are plotted, 

(01 @ach class separately, as a function of noise level. The solid curves 

lave been fitted to the SRT medians, the dashed curves to the ASRI medians. 

‘The predominant impression from the results presented above is that the 

da valid. The discrepancies, in some 

1 and fitted results will be diseussed and interpreted in Sec.IVA. 
   

five ASRY valu 

  

ealte of Tables ILI and IV, between 

    

   

   
"Peet vo pian tha nd ia mot inv 

    

if ned by the curve beat fitting the five AGRI ee of 

each clase, with the best estimates of G, 3, and ASHL tn quiet and in notad, 

The value s.d. ts the standard deviation of the five AGRT mediane from the 

best-fitting curve, | 

  

  

  

  

PTA ASRT (dBA) (dB) ASHL (ait). 
class : 

Ly=0 25° 40 55 7OdBA G § s.d, AD Dao 
=(468 

i median 29.8 31.2 41.0 52.8 66.8 13.7 0.9 15,4 4,0 
best fit 30.3 31,0 38.9 53.2 68.2 16.1 1.1 1,32 16.4 9,8 

II median 37.6 36.2 42.0 51.8 68.0 10.4 0.0 23,3 3.4 
best fit 37.2 37.4 40.5 52.8 67.7 9.6 -0.6 1.11 23,4 3.3 

III median 35.4 36.6 43.4 52.8 68.4 21.2 1.2 22.3 4.8 
best fit 36.3 36.6 40.8 54.0 68.9 21.2 1.1 1,52 22.7 4.5 

IV. median 38.4 39.6 44.6 55.2 70.2 22.0 2.0 25,6 603 
best fit 39.2 39.4 43.0 55.7 70.6 29.8 2.8 0.97 25.7 Ga 

Vs median 45.9 45.4 48.4 55.8 73.1 28.4 3.3 82.6 “Sus 
best fit 45.9 46.0 47.4 57.3 7 26.2 3.3 1.10 32.4 7.6 

  

  

PIG. 3. Free-field SRT and ASRT for sentences as a function of note level, { 

separately shown for five classes of hearing-impaived subjects formed on the 1 

basis of PTA. The data points ave the medians as given in Tablea Trt and TV. | 

The solid curves, marked R, are reference curves pertinent to unatded normale 

hearing listeners. The other solid curves and the dashed ourvea reprenent the 

curves beat fitting the experimental unaided and aided data, respectively, “ 

(please turn over, for the figure proper)
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i ‘ each type of want considered. In all groups, two subjects per 

“ eee PTA class parth a a result of which the distribution of hearing 
aioe & gi | losses is similar in terms of PTA, In Table V the medians of AWD, D, G, f, 

r § 40 1 aioe and ASHL in quiet and in noise are compared, for each group, with the core 

& responding values of the two curves fitting the medians of SRT and ASR, 

i . .* 2 respectively. 

a & It is obvious from Table V that the groups differ with respect to the 

e 4 mt ss a a 8 mE 3 a: e& eo relationship between SHL, and ASHL, in quiet and in noise. This is illusvra 

MASKING NOISE LEVEL (dBA) = MASKING NOISE LEVEL (dBA) ed in Fig.4, where, for each group, the median of SHL in noise is plotted — 
tuls M 

versus SHL in quiet, as well as the median of ASHL in noise versus ASH, in 
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ieee BN a sepertieeed TABLE V. For each of the groups of ten subjects, formed on the bania of 
noo} PTA “ e : i) - 

; e 3 ae type of hearing impairment (ef. Table I), the first row shows the mediana = 
ii : i 

ee D an | of the tndividual SHL values A+D and D ytelded by the first stage of aune 
i h a 5 v 

G s 2 fitting, and of G and S ytelded by the second stage. Furthermore, the median 

. Fao |_soe of ASHL in quiet (=4+D-G+S) and in notse (=D+S) are given. The newt vow givea 
AQ a 7 

Oe 3 the corresponding results from fitting curves, defined by Eqs. (1) and (#1) nen 

a ts | . spectively, to the SRT and ASRT medians (not shown) of the groups. The valuen 
ee tt oO 

is = s.d. are the standard deviations of ftt. 
n 

a a “Go. 60 80 80 40 60 ~ 80 woo8 20 

MASKING NOISE LEVEL (4BA) z MASKING NOISE LEVEL (dBA) tea Stage | (dB) Stage 2 (dB) 

SHL ASHL (dB) 

a AtD =D, G S s.d. AtD- DHS 
G+S ‘ 

| GLASS Vv J 

WO } 94.0<PTA<60.0 } median 44.8 4.6 16.8 0.6 28.4 5.5 té 
ay ‘ best fit 43.4 5.3 0.85 15.3 0.3 0.96 28.4 5.6 

60 2 median 24.4 4.7 8.3 0.8 18.4 6.2 es 
| j FIG.3. best Fit 24.6 5.9 1.67 6.0 O14 1.29 1950 s6ie0 

ee ; 
ot smo [her Legenda: eee 3. median 42.5 3.4 1 26.7 5.9 

> preceding page) best fit 43.4 3.8 1.29 edi 20 ARBOS 27a aaa 

wo} 4 median 43.4 1.9 g.8 155 25.0 ‘hve 
oe 4 best fit 43.4 2.3 0.43 1938 1.0 “1.48 24.6 3.4 

Vt 

Nemettemmntommt i —— 5 median 48.1 1.8 29.4 1.0 22.5 2.4 
a are a best fit 48.2 1.8 0.81 26.0 0.4 0.92 22,6 2.3 
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TG, 4, Kom the sane five groupe of subjects as presented in Tablee V and VI, P 

the median of Sil in notee te plotted versus SHL in qutet. Aleo, the medtan 

Of ASL in notoe ta plotted versus ASHL in quiet. The arrows, pointing from if p qu potnting 
WUE be ASH, show the effects of the hearing aids on speech tntelligibilit ng Y 

both im quiet and in notse. 

quiet. It should be realized that the deviating SHL in quiet shown by group 

2a present despite the equal distribution of PTA for the groups. The figure 

adivo Clearly demonstrates that, in general, benefit of hearing aids is only 

to be expected under relatively quiet listening conditions. 

D, The benefit of hearing aids 

Vor a better insight into the potential benefits of hearing aids for an 

| Individual, it is necessary to consider the relationship between SHL and ASHL ° 

for the subjects apart. In quiet, all aids are of benefit with reductions of 

i, between 2.5 dB and 36.1 dB. In noise, the situation is less positive. In    

   

  

     

; ‘tysd the hearing-aid effect on SHL in noise is represented on the basis of 

L dr quiet. Tt can be seen that most aids intensify an individual's SHL in 

oy leave it unchanged. Although the deterioration is small in terms of 

typically between | dB and 5 dB, the aid induces a substantial extra 

handicap for the hearing-aid wearers in noise, since every dB of hearing loss 

‘in noise lowers sentence intelligibility by 17% to 20% (Duquesnoy,1982). Only 
four subjects derived some benefit from the aid in noise (gain of more than 

1 diy conditional probability of $<-1dB, where mean$ is zero, is about 6%). 

My Analyses-of-variance 

‘Th ovder to systematically investigate the effects of relevant variables on 

Wiaided and aided speech intelligibility, an analysie-of~variance was per- 

don the SRT and ASRT values, as well aw on the SHL and ASHL values, The 

blew (factors) considered were in order of hierarchy: (1) type of hear- 
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10 20 30 »~=— 40 60 
SHL IN QUIET (dB) 

PIG.5. The effect of hearing aidon SHLinnoise, shoun for each of the 0 aube 
jects tnvestigated. The subjects are represented, according to their type oy! 

hearing tmpatyment (ef. Table I), by the foltowing symbols: type 1: X, type 

2: 0, type 3: O, type 4: ¥, and type §: a. The arrows potnt to the correapond= 
tng ASHL values. The arrows were omitted for individuals for whom the dif 

ference between SHL and ASHL does not exceed +1.0 dB. The SUL (and AGH) valuaa 
tn notse ave plotted versus SHL tn quiet, so as to demonstrate the diyferant 

individual relations between SHL in notse and tn quiet, depending on vhe hype 

of hearing impairment involved. 
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(4) PTA class (C), and (5) subjects (S). Concerning SRT and ASR! (written 

below as (A)SRT), four test levels of noise Ly coincided, viz. 0, 40, 55, 

and 70 dBA. Thus, a 5x4x2x5x2 factorial experiment resulted, involving 200 

SRT values and 200 ASRT values, Concerning SHL and ASHL (written below an 

(A)SHL), only two noise conditions applied, viz. (A)SHL in quiet and (A) SIE, 

sin noise, yielding a 5x2x2x5x2 design with 100 SHL values and 100 ASHI values, 

In Table VI the results of the analyses-of-variance are listed, Only 

main effects and interactions accounting for more than 1% of the total 

variance are given, as far as they are significant. It is surprising that 

the factor T, although significant, explains less than 1% of the variance 

of both (A)SRT and (A)SHL. Apparently, the relatively low (A)SRI values for 

group 2 at noise levels of 0 dBA and 40 dBA are not an important extra source 

of variance, The Eactor N accounts for most of the variance. Also, the faetora 

UA and C contribute considerably to the total variance. Concerning (A) SRY, the 

subjects are a minor though significant source of variance. ! 

 



    

i, vartab te as vere tnvel er ces hearing tmpat 

ent (6 hor), Ne nates aondibton (4 and 8 Tana, respesvival em Ua 

alded/aided attuatton (2 poastbttittea), C= PTA otaea (6 olaavea), and 8 

wubjeota ( 8 oubjeate par PTA clase in each type). The colume marked 

"Warkanoe" give the aontrtbutton of the sources of variance (main effects 

oY tnteraviiena) to the total variance. Only contributions of more than 1% 

  

   

   

ave Linted. The third colwme show the etgntficance level of the sources. 

  

  

(A) SRT (A) SHL 
  

fovnce. of Vardance Significance Source of Variance Significance 

   
  

Vardance (%) (h) variance (%) (2) 

ON 50.2 <0,.001 N 69.9 <0.001 

VA.’ 13.0 u NxUA Fist tt 

¢ 10,9 " UA 5.4 " 

NAUA 6.7 a Cc 4.6 " 

4 2.6 y NxC 2.3 » 

VARS 2.4 " TxN 1.8 i 

MARC 1.9 0.025 

‘YxN 1,8 <0,001 

NxG 1.6 " 

PRUA 1.3 0.110 
  

  

ally, interaction NxUA is very important, which is not surprising in 

of the different effects of hearing aids on speech intelligibility (and 

ring losses) in quiet and in noise. Two other significant interactions 

‘pertinent to both (A)SRT and (A)SHL are NxC and TxN. They imply, with respect 

to (A)SRY, that the impact of PTA on (A)SRT varies with noise level, and that 

the influence of noise level on (A)SRT depends on the type of hearing impair- 

ment. Similarly, the interactions concerning (A)SHL mean that (A)SHL in quiet 

and in noise depend in a different way on PTA as well as on the type of hear— 

es kn Ampairment. The remaining significant interactions to be dealt with apply 

to (A)SRT only. They are VAxS, UAxC, and TXUA, and indicate that the effect 

hearing aid on speech intelligibility 1 determined by the subject using 

the aid, by the magnitude of PTA, and by the type of hearing impairment. 
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with p ohopRVRTGAl results —_ 

Firat, for each hearing aid the internal noise level Ly was determined by 
means of the procedure described in Sec.11C, The median of the resulting 50 

values of L, is 22 dBA, with a lower and upper quartile of 19 dBA and 26 div, 

respectively. From Fig.2, where Ly was assumed to be 25 dBA, it can be seen 

that ASRT in quiet cannot be made much lower than 35 dBA, unless excensive 

amplification is tolerated. This means that, in view of the median ly of 

92 dBA found, the minimum attainable ASRT in quiet is about 32 dBA for the 

current hearing aids being set at a comfortable listening level, 1 

Next, the relations between the electroacoustical hearing-aid gain in 

quiet, GC.» and three psychophysical gain measures will be presented, The gain 

G. is defined as the average gain between 500 Hz and 4000 Ha, measured at an 

input sweep-tone level of 50 dB SPL. The psychophysical measures considered 

  
are: (1) the average improvement, Cat? in the individual pure=tone thresholie 

at 500, 1000, 2000, and 4000 Hz, (2) the model-derived acoustic gain Ge, and 

(3) the functional gain in quiet CG, (=SRT)-ASRT) ; cf. Pascoe, 1975). In Table 

VII the medians of the four gain measures are given for the five P'A*baned 

classes. Another measure shown in the table is the gap 4L,, which La the dite 

ference between ASRT in quiet and the apparent total noise level Lavy at the 

TABLE VII. Compartson between four kinds of hearing-aid gain in quiet fow 

the PTA-based elasees of subjects presented tn Table IiI, The meaaured von 

sidered are: (1) the electroacoustic gain G, (2) the pure-tone threshold 

veductton Coe » (3) the model-derived gain 6-8, and (4) the funational gain Oy. 

Furthermore, the last colwm, marked Aly, gives the gap between ASK in mi 

and En gp defined by Eq.(3). For each class the medians are shown. 

  

  

  

Class G. ot G-Ss Ge Ly (dB) ‘l 

x 29.5 16.5 10.6 9.6 11.5 

II 95.5 Wet DF AO TL.2 , 

III 26.5 21.5 17.9 19.6 10.7 

IV 36.0 22.0 19.5 18.8 21.0 j 

v 36.0 27.5 25.1 23.8 26.0 i" 

  

  

 



  

   

    

   

    

‘d'w microphone, according vo 

order to check that the internal noine of the alde be 

effectiveness of amplification, Aw stated above, | ida for gaps 10 db. 

Similarly, in Table VITL the same four gain. and Aby are given 

for the five groups of subjects formed on the banks of type of hearing impair- 

mant. ‘Concerning group 2, the small medians of G=8 and Ge are remarkable in 

view of the large gain G.. 

‘In order to gain a more detailed insight into the relationship between 

BC's LN 

Peyehophysical gain and electroacoustic gain the model-derived gain G-S is 

plotted, in Pig.6, versus G, for each individual. Most data points represent~ 

ing individuals suffering from type-2 hearing impairment fail outside the 

luster, a8 would be expected from the results presented in Table VIII. If 

thene ten subjects with recruitment in the ear are left out of consideration, 

‘the linear regression of G-S on G, for the other 40 ears is: G5 = 0.76,-2.0, 

with a correlation coefficient, r, of 0.82. The standard deviation of indivi- 

dual points from the regression line is 4.9 dB. For the ears with recruitment 

noe velationship between G-S and G. seems to be present. 

Under noisy conditions the quality rather than the amount of amplification 

(wy evueial, In this respect, second-harmonic and third- harmonic distortions 

“ave useful measures of electroacoustic quality assessment. For convenience, the 

following presentation of second and third-harmonic distortion measurements 

  

let ae whown in Table VII, for the five types of hearing impairment pre- 

  

  

  

  

‘type GG, GS Gy Aly (4B) 

Ai 26.5 21.2 14.2 12.0 18.5 
4 Sieeebee We? 7.4 | ONT 

oth 21.0 16.0 14.4 16.0 21,1 

aie 90.5 25.7 22.9 21.8 15,8 
> 39,0 27.0 27.9 27,2 12.9 

—- ——   

ew 
  

+!
 

    M
O
D
E
L
 —
D
E
R
I
V
E
D
 

- 
A
C
O
U
S
T
I
C
 

GA
IN

 
IN
 
Q
U
I
E
T
 

& 

      
10 20 30 40 50 

ELECTROACOUSTIC GAIN IN QUIET (dB) 

FIG.6. Model-derived gain, G-S, versus G, for the 50 subjects investigated, 

The ten dots in parentheses represent subjects suffering from type) heaving 

impairment. The regression line (solid line) holds for the remaining 40 potnia, 

and ts desertbed by: G-S - 9.7G, - 2.0 (v=0.82). The standard deviation from 
thts line, as indicated by the dashed lines, te 4.9 dB. 

This is the case with 48 hearing aids tested at an input sweep-tone level of 

50 dB SPL, The remaining two aids show slight second-harmonic distortions, 

only. For the 70-dB test condition, however, 14 aids show second=harmonie 

distortions up to a level cf -10 dB(=32%). Besides, two of these aida show 

moderate third-harmonic distortions. For the highest test level applied (90 

dB SPL) all, but three, hearing aids produce second-harmonic distortions up 

to 7 dB(=224%), and 21 hearing aids also produce third-harmonic distortions 

up to a level of 2 dB(=126Z). 

It has been investigated whether the respective distortions at the 90 

dB test level were linked with other electroacoustic hearing aid parameters, 

such as the gain in quiet G,,» the type and degree of output limitation, and 

the effective frequency range. The difference, AG. between G, and the reduced 

gain measured for an input level of 90dB SPL was taken as a measure of outpul 

limitation. For 25 aids involved the output limitation was effectuated by 

an AGC system, for 20 aids by PC circuits, and for three aids by a combination 

of AGC and PC. The remaining two aids had no separate output control. The 

effective frequency range, Af, was determined by using the acoustic gain level 

of 10 dB; the range between the intersections of this level and the frequeney 

response curve (50 dB input) defines Af of the aid (cf. Harford and lox, 

1978). 
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volved), the only obvious relationship with the. mted parameters 

in the one with G., le. larger G, values cause more distortions. Also, under 

comparable conditions a minor tendency was observed ‘towards somewhat Lower 

distortion values for AGC systems than for PC ayatems, 

4 49, | td | dn 

Wor the 21 hearing aids showing third-harmonie distortions (also 90 dB 

input) some interesting aspects were observed. The majority of these aids 

have values of Gos AG.» and A£ exceeding the corresponding median values for 

wil 50 aide together, viz: for 16 aids G,>29.5 dB, for 14 aids AG, > 9.0 dB, 

and for 16 aids Af>4735 Hz. Particularly, for the nine aids with distortion 

Tevelm* 12 dB (>25%) large values of Gos AG.» and Af were measured, viz: 

sverege values of 38.5 dB, 19.9 dB, and 5100 Hz, respectively. Eleven out of 

the 21 aids considered were equipped with AGC, and nine with PC output control. 

No differences in distortion level ware found between the two systems. 

An important question is to what extent the second-harmonic and third- 

harmonie distortions affect the aided speech hearing in noise. The highest 

haekground=noise level applied was 70 dBA, which implies that many peaks in 

the fluctuating speech signal simultaneously presented with the noise will 

auply exceed a level of 70 dB SPL. Therefore, it is justified to relate the 

- wodelederived speech distortion $ of the aids to the harmonic distortions 

jwavured at an input level of 90 dB SPL rather than to those measured at 70 

di) WPL. The distortion $ was plotted versus the second-harmonic peak dis- 

tortion for each of the 47 aids. The scatter diagram (not depicted) did not 

yeveal any relationship between the two variables. In addition, in Fig.7 

Mistortion § is given as a function of third-harmonic distortion for the 21 

alde in question. A certain relationship between S and third-harmonic dis- 

tortion (HD) can be observed. Linear regression yielded: § = 0.16HD,+4.2, 

with re0.53 and a standard error of regression of 1.9 dB. For these 21 aids 

the median 8 value is 2.4 dB, whereas the median S of the remaining 29 aids 

de only 0,7 dB. The 21 subjects wearing the more distorting aids have a median 

i) value of 3.1 dB, as compared to 3.3 dB for the others. Furthermore, the 2] 

subjects are evenly spread over the types of hearing impairment involved, but 

they show the larger hearing losses in terms of PTA. 

Winally, some data on the relationship between S and type of output 

Jimitation are given. The median $ value for the 25 aids with AGC system is 

| 1,0 dB, for the 20 PC systems it is 2,0 dB, and for the other 5 aids (no con- 

‘tol or a different one) 0.1 dB. Thus, the advantage of AGC over PC is gene- 

Pally about 1 dB in $/N ratio, 
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FIG.?. Distortton S$ plotted versus third-harmonte peak-distorbion for the 

31 atde tnvolved. The solid line shows the regression of S on third-harmonta 

distortion (HD), desertbed by: 5 = 0.16HD, + 4.2. the dashed Lines show the 

standard error of regression (1.9 dB). 

IV. DISCUSSION 

A. Validity of the model 

First, the results from applying the model to individuals will be discussed, 

It is shown in Sec. ILIA that the reference value for the goodness of fit 1a 

0.85 4B. The scarcely larger s.d. values of fit found for the hearing=impairad 

subjects (a median value of 1.14 aB for the unaided situation, and of 1.15 db 

for the aided situation (5-point fit)) are a promising indication of the 

applicability! of the model. These values, however, do not reveal systematia 

differences, if any, between measured anid predicted SRT and ASK values, Thus, 

it was tested by means of the Chi square statistic (Dixon and Massey, 1968) 

whether the differences obtained from the 50 subjects investigated were poole 

tive and negative in a sufficiently random way. The statistic was applied, pay 

test condition, to the 50 individual differences under the hypothesis of equal 

probability of plus and minus signs. The hypothesis was rejected at the IM 

level of significance for the following situations: unaided, Lym85 dBA (10 

plus, 40 minus signs); aided, L,=40 aBA (39+,11-) and 55 dBA (144, 36"). in 

the case of 4-point fitting (aided situation), where the median a.d, value of 

fit is only 1.05 dB (cf. Sec. IIIA), the Chi square statistic also revealed 

systematic differences in sign frequencies for ly = 40 dBA (444, Ge) and 55 

dBA (5+, 45-), 

108   
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{, generally speaking, the model Clie the experimental data, although some 

syatomatio deviations remain to be examined, To this end, the results pertaln= 

ing to the five PLA-based classes will be considered in more detail. 

Wrom the s,d. values shown in Table III for the unaided situation it is 

evident that, except for class II, the model fits the class data better than 

‘the individual SRT values (s.d.'s< 1.14 dB). This is corroborated by the 

almilarity of medians and fitted values for A+D and D. Furthermore, it is im~ 

portant to note that for the test condition Ly=85 dBA most classes show pre- 

iiieted values exceeding the median values. Nevertheless, only for class II the 

difference (1,9 dB) exceeds the s.d. value of fit (1.62 dB). However, for 

Glasses 1 to IV another unaided test condition, viz. L,=55 dBA, yields con- 

® tentatively eene lad id 

  

slatently negative differences between fitted and median values, which all 

exoeed the corresponding s.d. values. This was not at all indicated by the 

Chi square tests on individual differences. As will be explained later, this 

deviation at Lyn dBA is mainly an arithmetical artefact caused by averaging 

ourves, defined by Eq.(1), with the turning points at different noise levels 

(of, the curves in Fig.1!, which have turning points at L,=20 dBA and 60 dBA, 

Penpactively). 

Summarizing the foregoing discussion, the validity of the model for un- 

aided conditions has clearly been demonstrated, although at very high noise 

lavela (Ly >85 dBA) a trend towards measured thresholds slightly lower than 

Wodelederived thresholds (maximally 1 dB) must be taken into account. This 

tvend might be related to an increased bandwidth of the ears at high levels. 

‘ Next, the class data from aided situations, as given in Table IV, will 

  

lie diweussed. For classes I and III the s.d. values of fit are larger than 

the median s.d. for individuals, but for the other three classes a more accu- 

yate fit to the class data than to the individual data is observed. These 

differences between classes in the goodness of fit are not recognized as such 

in the differences between the medians and fitted values of G and S. On the 

eoutrary, for class LIL (s.d.=1.52 dB) the conformity is striking, whereas for 

claus IV (a.d."0.97 dB only) the differences are striking. Closer investigation 

of the latter case reveals that the distribution of the ten G values is so skew 

ae to lead to a misleading median value. This skewness in the distribution of 

G te alwo observed in some other classes. It is caused by the diversity of am- 

Plifieation settings between individuals within the same class. The estimation 

@ and §, with the A and D resulting from the first stage of fitting as 
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commonly wehievad wt bor ing wtagen, The overall accuracy iw confirmed 

by the great conformity of the median and fitved ASHI, values (wee Table IV), 

which 4a attainable only df the resulta from both fitting stages are correct. 

Another aspect to be considered is whether the systematic differences 

observed between the individually measured and predicted ASRT values at Tay" 

40 dBA and 55 aBA also become apparent in the class data, Indeed, for all 

ey 
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classes the differences at L740 dBA are consistently positive, and at Uy" 

dBA consistently negative. The differences at Lys40 dBA exceed, axcept for 

class V, the corresponding s.d. values; the differences at Tay" dBA show the 

reverse picture. A complicating factor at Lyr40 dBA is the likely presence of 

an arithmetical artefact as mentioned before in the unaided case. Therefore, 

for each class a separate Chi square test was performed on the digns of the 

ten individual differences per test condition. For the classes T and I1L 

significantly too many plus signs (2% level) were found at Lya40 dBA, but alwe 

in the other classes the plus signs prevailed. Besides, the test did nol tee 

veal any significant irregularity at Lys dBA, although the minus signs pre= 

vailed in all classes. 

Summarizing the above, the model is certainly valid for aided lintening 

conditions with background noise levels up to 70 dBA. The minor anomalies in 

individual and class-based results point to a possibly somewhat smoother ture 

ing point than described be Eq.(4), and to an S§ value not entirely constant 

with increasing noise level, since at Ly=55 aBA the true $ is slightly smaller, 

and at L.=70 dBA slightly larger than the model-derived 5 value. This tendency 

in § is clearly related to increasing harmonic distortions at higher noine 

levels (cf. Sec.ILIF). Nevertheless, the model yields accurate and usuful 

values for G and § for the conditions tested. 

Next, the mechanism underlying the arithmetical artefact will be demon= 

strated. The artefact may appear if SRT values pertinent to various curves, 

described by either Eq.(1) or (4), are numerically added in order to obtain 

an average curve. Figure 8 shows two extreme cases of adding up curves, 

described by Eq.(1). Curves | and 2 have their turning points at Ly 55 dBA; 

curve 3 has its point at 25 dBA, The position of the turning points is deter= 

mined exclusively by the value of class A hearing loss. The upper dashed curve 

is characterized by A and D values, which are the arithmetic mean of the eore 

responding values of curves | and 2. The lower dashed curve is deseribad hy 

the mean A and D values of curves 2 and 3. The upper crosses also shown ree 
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PIG,8, Whe solid curves 1 to 3 and the two imtermedtate curves are all 

wlevoribed by Ea.(1), with values for A and D as spectfied. The arrows point 

te the turning points of the curves, at L,=25, 40, and 55 dBA, respectively. 

Phe upper erosses represent, at six different notse levels, the arithmetic 

weune of SRI's postttoned on curves 1 and 2; the lower crosses show the SRT 

means for ewrves 2 and 3. The dotted curve, marked 'artefact', connects the 

lower eroases, as far as they deviate from the dashed curve, marked 'correct'. 

Whe arithmetical artefact at Ly=40 dBA amounts to 3.5 dB. 

present, at various noise levels, the arithmetic mean of the SRT values 

positioned on curves | and 2, respectively. All these crosses coincide with 

the upper dashed curve. The lower crosses represent the SRT means for curves 

2 and 3. tm particular, the crosses at L,=40 dBA and 55 dBA deviate sub- 

wtantially from the corresponding dashed curve, which defines the correct 

Wi? values. It is evident, therefore, that the addition ( and averaging) of 

Hi! values pertinent to curves with differently positioned turning points 

tomatieally results in a smoothed average curve, as shown in the figure by 

ie dotted curve, marked ‘artefact’, 
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speech inet Lidpthtiiny 

A firet aspeet to be noted from Table V concerns the generally amall asd 

values achieved in both fitting stages, and the great conformity between 

measured and fitted ASHL values. This agreement confirms the applicability 

of the model to the divergent types of hearing impairment considered, 

Three other aspects of Table V to be noted are: (1) SHL and ASHL in nolae 

are largest for the high-tone and flat sensorineural losses (types 1, 2, and 

3); (2) the detrimental effect of the hearing aid in noise (8 value) 1a 

smallest for subjects with high-tone losses (types | and 2); notably, the twa 

subjects who derived some benefit from the aid in noise (8 value of =3.2 db 

and -2.3 dB, see Fig.5) suffer from high-tone losses with recruitment (type 

2); although it is not likely that the aids in question actually improve the 

S/N ratio, the relative advantage in noise for subjects with steeply sloping 

audiograms may be attributed to retrieved audibility of speech components In 

a frequency region not contributing to hearing without the support of an ald) 

(3) the gain G of the aids in quiet is evident; particularly, the conductive 

hearing losses (type 5) are easily compensated for by amplification, The galn 

is less pronounced for the sensorineural losses. Especially the subjects with 

recruitment in the ear derive only a minor benefit in quiet. Their median Sib 

in quiet is but small, and the internal noise Ly of the aids hampers greater 

benefit, despite considerable electroacoustic amplification (cf, Table VIII), 

Apparently, recruitment is attended by a rather deviating pattern of (aided) 

speech hearing (cf. Fig.4), even for the present group with average pure=tone 

hearing losses completely matching those of the other types of impairment 

considered. 

There is not much to add to the results of the analyses~of-varianca, Thay 

are a systematic affirmation of the aspects of unaided and aided hearing ale 

ready discussed. Two interesting points to mention are: (1) the PTA ia aleare 

ly a measure pertinent to speech intelligibility in quiet only, and (2) the 

benefit attainable with a hearing aid is, under comparable conditions, fainly 

dependent on the user. 

C. Relations between electroacoustic and psychophysical resules 

First, the gain measures in quiet shown in Table VII, per PTA class, will be 

considered, Three aspects are to be discussed; (1) the model-derived gain in 
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" oY ALL clannen Aly oxceeds the Limit of 10 dt requir 

wpiification (cf, Wigs? and Sec. L1tF); (2) there in a 

i a omaller gain in speech intelligibility than in pure=tone 

‘Uhrewholday in particular clase 11 shows a substantial difference (8.6 dB) 

‘betwee the mediana of Soe and G-S, as against 7.4 dB between the correspond~ 

ing means (not shown); the latter difference is significant at the 2% level 

(onewsided ttent); the differences in I and IT are primarily due to the sub- 

jects with high-tone losses (types | and 2); (3) the electroacoustic gain is 

doneiderably larger than the threshold improvements for both pure tones and 

   
    

    

   

Apeech, Concerning the last point, the internal noise of the aids can hardly 

be the Imiting factor, definitely not for classes IV and V (ALY > 20 dB). 

Wiveidative in the finding of Pascoe (1975) that 2cm>—coupler gain measure- 

nents greatly overestimate the gain above 2000 Hz; he observed functional 

pain drops of as much as 24 dB from 1500 Hz to 3000 Hz for aids showing a 

Qom?coupler gain up to 4000 Hz. Thus, in terms of real benefit to be expected 

(in qulet) coupler measurements are misleading. Nevertheless, the linear re~ 

graniion, shown in Fig.6 for subjects without recruitment in the ear, may 

serve a a rough assessment of the functional gain in quiet from coupler 

edsurements. Hence, a gain G, of e.g. 30 dB will generally yield a functional 

ain in quiet between 14 dB and 24 dB. 

The deviating values of G-S and Ge for subjects with recruitment (type 2 

Jeunes) ave clearly revealed by Table VIII. It is important to note that 

thelr median Aly value is slightly below 10 dB, which means that the ampli- 

‘fieation has been partially ineffective due to the internal noise of the aids. 

‘Yhde ia probably also the case for the subjects with conductive losses (type 

4), Anyway, several subjects strived for an ASRT in quiet lower than their aid 

could manage because of its internal noise. It is desirable, therefore, to 

construct hearing aids with the maximum Ly value well below 20 dBA, so that 

an ASRY in quiet of about 25 dBA becomes acoustically realizable. Then, with 

auch an aid revalidation of subjects with moderate hearing losses (PTA be- 

tween 30 dB and 40 dB) will be, at least in quiet, more substantial than it 

ia now. 

A {inal aspect to be noted in Table VIII is the large difference between 

G tt and GeS ( and Ge) for the subjects with high-tone sensorineural losses 

(type | and 2). The median gap for the 20 gubjects is 7.2 dB. This gap is 

‘inly attributable to the higher class=) lonses (inner ear distortion) of 

    
tho distortion teem Hof the hearing aida. the gap cbviously demonstrates the 
experience of numerous sensorinoural-impalred subjects that they ean hear 

what is dadd, but do not understand Le, 

Concerning harmonie distortions, all hearing alds tented are satinfaetory 

amplifiers at moderate input sound-pressure levels, apart from the oceaslon= 

ally large L, values (90th percentile of 28 dBA). However, at higher Input 

levels (>65 dB SPL) second-harmonic and third-harmonic distortions are 

readily produced, particularly if a high electroacoustic gain Gy haa been 

adjusted in combination with a progressive output limitation for ineraasing 

input levels, A broad power bandwidth (Af > 5000 Hz) also causes extra diae 

tortions. Furthermore, it is somewhat disappointing that AGG Limiting syatetia 

produce only slightly less second-harmonic distortions, and no loss thirds 

harmonic distortions in comparison with PC output control systems, Third} 

harmonic distortions are detrimental to speech intelligibility in noine, 

as shown in Fig.7. Linear regression analysis revealed that every dB of oxtya 

third-harmonic distortion adds about 0.16 dB to the psychophysical distort« 

ion S. The relation between second-harmonic distortions and § is not that 

clear. The only small gain in noise of 1 dB of AGC relative to PG systema 1A 

possibly due to the almost identical third-harmonic distortions, 

An obvious conclusion from the foregoing discussion is that the amplifie 

cation characteristics of today's hearing aids need further improvement #o a 

to be more equal to the task set by the hearing impaired, especially in nolwy 

environments. This need is also expressed in recent recommendations on Larger 

bandwidths (Pascoe, 1975; Schwartz et al., 1979; Skinner, 1980). Although the 

extra benefit to be derived from further improving the mere amplification of 

hearing aids is fundamentally limited to a few decibels, the effort ia through» 

out worthwile because of the great impact of every dB of gain in 8/N ratio on 

speech intelligibility. A real break-through in the field of aided speeth heare 

ing is not to be expected, however, until more sophisticated signal praneawlig 

in the aids will make it possible to increase the aided S/N ratio beyond the 

S/N ratio commonly prevailing in noisy listening environments, 

V. CONCLUSIONS 

In the previous sections several conclusions have been drawn which, for 

ease of survey, are summarized below: 

(1) Plomp's model on aided hearing, as described by Bq. (4), gives an accurate 

   



         
description of the added Ont (#Aan sriptton i i’ Caagny { tr Lor ne nok 

on the basia of only five parameters, Two of these parametera (hearing 

loos classes A and D, respectively) define the subject's SHL in quiet 

(Gombination of A and D) and in noise () only); the remaining three 

parameters (gain G, distortion S, and internal noise level Ly) describe 

the hearing aid in a simple, but effective way. The model is valid irre- 

wpective of both type of hearing impairment and frequency response of the 

hearing aid fitted. 

(2) Im eases where the gap between the aid's Ly and ASRT in quiet is minimally 

10 di, the model-determined gain for speech intelligibility in quiet G-S 

iu identical with the functional gain, which is defined as the difference 

between the actually measured unaided and aided SRT in quiet. 

(4) for a substantial revalidation of hearing-impaired subjects in noisy 

listening environments improvement of the $/N ratio is a prerequisite. 

Tm this respect, the currently available hearing aids, which all pro- 

vide only aselective amplification of both speech and noise, cannot offer 

benefit in noise. An average deterioration in S/N ratio of more than 1 dB 

was found for the hearing aids investigated; only 4% of the aids yielded 

ome benefit in noise. 

(4) Wor a substantial benefit to be derived from an aid in quiet listening 

onvironments by subjects with mild to moderate hearing losses, L, of the 

aid whould not exceed 15 dBA, which is almost the level at which normal- 

hearing listeners achieve 50% correct intelligibility of conversational 

— #entences. Only 6% of the aids tested satisfied this criterion. 

a ‘Vhe gain of an aid in quiet can only roughly be estimated from electro- 

‘Heoustic gain measurements in a test box, although for subjects with re- 

cruitment in the ear no prediction at all is possible. As a rule-of-thumb, 

10 dB of electroacoustic gain yields about 7 dB of functional gain in 

SRI). 

(6) The benefit of an aid in noise is adversely affected by third-harmonic 

distortions. Generally, every 6 dB of extra distortion (relative to the 

Jevel of the fundamental) worsens the aided SRT in noise by 1 dB, Second- 

harmonic distortions do not show such a systematic detrimental effect. 

(7) Im terms of model-derived distortion $, the advantage of AGC output limi- 

tation over PC output control is only 1 dB. This means that the need for 

4 leas distorting output-control system is not yet sufficiently satisfied. 

(8) Subjects with high-tone sensorineural losses, both with and without re- 
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pure=tone detection than to speech Intelligibliity (in quiet), Thin effect 

(7 dh tw the present atudy) ja mainly caused by the high clase") loaves 

of these subjects, and also illustrates why they need such favourable 4/N 

ratios when nolse comes into the picture. 

(9) If there is recruitment in an ear, a different pattern of (aided) apeauh 

intelligibility is to be expected in comparison with ears having the sane 

overall pure-tone hearing losses without recruitment, Hara with reerult™ 

ment show a relatively small SHL in quiet and a maximum of SHL in nolae, 

Especially in cases where only a mild class-A logs has to be compensated 

for, the benefit of a hearing aid is marginal. 
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A. The rel syanae és fm for the hearing imp 

In Chapter 1 the. val Aity of the STT concept has been demonatrated for 

groups of elderly hearing-impaired subjects; only their SRY in nolwe, with 

the speech presented without reverberation, needs to be measured to make ‘ 

  

an accurate prediction of the SRT in a reverberant environment. Vurthere I 

more, it has been shown (see Fig.4, Chapter I) that, in general, the prem 

dictive power of STI is sufficiently effective also in individual cases, 

Strictly speaking, the validity of STI in the case of hearing-impaired 

persons has been tested only in the diffuse sound field of both primary if 

speaker and interfering source. In small to medium-sized rooms this field 

is found at distances between listener and sound source beyond approximately — 

2m. There is no reason to doubt that the STL is equally valid for any 

listening condition, including direct sound fields, covered by liq. (2) wlven 

in Chapter IL. For example, Fig.] of Chapter II, which is based on q,(2), 

can indicate how closely positioned towards the primary speaker a listener 

must be to understand a conversation. We know from Chapter I that a normal= 

hearing listener needs an STI of more than 0.35. Then, if S/N=0 dB and 

T<1s, the listener can follow the conversation at any position in the 

room. On the other hand, a hearing-impaired listener who needs an STI of 

e.g. 0.50 (SHL, = 4.5 dB) should approach the speaker to 1.75r, or lens (only 

about | m in medium-sized rooms). 

The STI model has been designed primarily to describe listening altua= 

tions in rooms where the interfering sounds can be regarded as a continuous 

noise signal. In view of the speech-hearing results presented in Chapter 1V 

(Table II and Fig.3) for nonialJiiesr Tag listeners tested under conditions 

with different types of interference, we must be prudent in plainly apply» 

ing STI diagrams in the case of fluctuating fields of interfering sounds, 

Clearly, a complicating factor is that not only the acoustic 8/N ratio at 

the listener's position is decisive for speech intelligibility, but also 

the sound character (spectral and temporal features) of the interfering 

source itself. 

A practical situation where the above becomes manifest is the eoektall 

party. In this situation, with a large group of people in a limited area, 

the listener is positioned both in the diffuse field of many talkers at a 

distance, and in the (mainly) direct field of competing speakers closer to 

the listener, The diffuse field can be regarded as continuous, bub the direct 

 



    

      

    
   

‘TH, an S17 value pertinent to chin Matening condlid@h oan 
where the diaturbing effect of the interfering apaakers tn the direct field 

must be taken into account by the (constant) longeterm average intensity of 

thie ivwerference, Since for normal-hearing Iisteners dn the direct field a 

Jiatening condition with continuous interfering noime is less favourable 

than a situation where the interfering sound has the same long-term average 

   

liittensity, but is fluctuating in time (see Chapter IV, Fig.3, maximum dif- 

favence in $/N ratio 7 dB), this implies that for normal-hearing listeners 

the calculated STL value represents a less favourable listening condition 

than detually experienced by them. Because of the random orientation of the 

competing speakers in the direct field and the considerable contribution of 

the diffuse noise field, the difference between the SRT of the listener pre- 

dicted on the basis of the STI value and the actually occurring SRT will be 

substantially lower than the value of 7 dB, in terms of S/N ratio, found in 

Chapter IV for conditions without reverberation and with one competing 

apeaaker only. 

In addition, the results presented in Chapter IV on elderly listeners 

with perceptive high-tone hearing losses will be considered (see also Table 

Ii aud Wig.3 of Chapter TV). The SRT's of the elderly are determined not so 

much by the type of interference as by the acoustic S/N ratio alone. Further— 

wore, the gain obtained by moving the interfering source to a lateral posi- 

tlon ie also small in comparison with the gain for normal-hearing listeners. 

Thiw means that the STI pertinent to cocktail-party conditions may be con- 

uidered to be representative of the listening situation as it is experienced 

by hearing-impaired listeners with high-frequency losses. 

It is clear that the STI model is a powerful tool for characterizing a 

hvoad seala of practical listening situations for both normal-hearing and 

hearing-impaired listeners. A decisive advantage of the STI model is the 

funetional link it provides between statistical parameters of room 

acoustics (r/r., t, V, S/N ratio) and hearing impairment. By comparing the 

1 value measured at the position of the listener in a room with the STI 

value vequived by hearing-impaired persons (in general: STI>0.60), an 

Assessment of their handicap in the room can be made; and, what is very 

velevant, the STL model allows a quantitative treatment of how to adapt the 

acousties of the room to the enhanced acoustical requirements of the hear-— 

ing dimpaired. 

     The validity of PL Ne wing inode implies that we are able to eharactar= 

ize effectively the unaided and aided speech=hearing ability of the hearing 

impaired av a function of background noise level by just five parameters, 

viz. A, D, G, 8, and hy (see Chapter V, Bqs.(1), (3), and (4)), The para= 

meters A and D, pertinent to unaided hearing and, therefore, characteriatlo 

of a subject's heating impairment, can be determined on the basis of two 

measurements of SRT (for sentences) taking about 8 min. This also holds for 

the parameters G and S, specific for the hearing aid tested. The internal 

noise Ly of the aid can be measured electroacoustically, but to save tine 

it is throughout reasonable to take Ly equal to 22 dBA (median value, ef. 

Chapter V). As a result, it is possible to achieve a satisfactory inalght 

into a subject's unaided and aided speech hearing, representative of hie 

everyday-communication ability, within 20 min of measuring time, 

From the results on aided hearing, presented in Chapter VY, it iw clear 

that the currently available hearing aids fail to meet the requirements of 

the hearing impaired in noisy circumstances. A prime requisite for a hearing 

aid to provide substantial benefit in noise is that it increases the §/N 

ratio by at least 5 dB. This means that the performance of present-day 

hearing aids, which have an average S value of | dB (cf, Chapter V), haa to 

be improved by 6 dB or more, in terms of S/N ratio. 

Can recent developments in hearing aid design meet this requirement? 

It is unlikely that the present topic of individual fitting of hearingeaid 

frequency responses, as advocated by Skinner (1980) and Miller et al, (1980), 

will provide an SRI improvement in noise of more than 3 dB. Another attempt, 

by Villchur (1973), is to improve the SRT in noise by dynamic range comprena~ 

ion of speech. Villchur presumed that loudness recruitment in the ear io the 

main origin of hearing problems in noise. Although subjects with reer tment 

in the ear show high type-D losses (cf. Chapter V, Table V, group 2), there 

are other subjects having similar pure-tone and type-D losses without tee 

cruitment in the ear (cf. Table V, group 1). This does not corroborate 

Villchur's assumption on the origin of a hearing handicap, Apart from thin, 

to date there has not been a promising follow-up on dynamic range compression 

(see Lippmann et al., 1981). 

So, what are the prospects, for the near future, of mitigating a sube 

ject's hearing handicap by a hearing aid more substantially than is powslhle 

now? Evidently, the short-term possibilities for this are quite limited, 

Wy 
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(1) A further reduction of harmonic and intermodulation distortion of the 

anplifler section, 

(2) Ih wide with AGG (automatic gain control), @ reduction of overshoots 

during the attack and release time, 

(4) tixtended high frequency amplification as far as tolerated by the user 

(annoyance should be avoided). 

(4) Individual fitting of the aid's frequency response to a subject's 

hearing by means of a programmable hearing aid. 

(5) Unprovement of the front-random ratio (directivity) of the directional 

wierophones. 

(6) The provision of aids with very low-noise microphones to improve the 

OW under quiet listening conditions (cf. Killion, 1976, subminiature 

mierophone XD-985). 

tt seems unlikely that even a combination of the above-mentioned points of 

\earivgeaid improvement will provide a gain in SRT in noise of more than 

45 di, but every dB of gain in SRI in noise is very valuable for the hearing 

liwpaired, as demonstrated in this thesis. 

In the future, significant progress in hearing aid performance must 

‘be searched for in another direction. In my opinion, the most promising 

approach is to develop some kind of noise-suppression technique, independent 

of the type of hearing loss to be compensated for. Many attempts have 

ilveady been made to increase the $/N ratio in that way, but a real bottle- 

fiwek in this respect is the continuously changing spatial position and 

‘bignal atructure (in the time and frequency domain) of both the speaker 

(who must be understood) and the interfering source (the level of which 

‘iiiist be suffieiently reduced). Because of this type of signal conditions 

(iany, e@laewhere successfully applied, correlation techniques for noise sup- 

Preunion become ineffective and useless. Anyhow, it will remain a challenge 

for engineers in the field of (acoustic) signal processing to search for 

Hew and powerful methods of noise suppression. 

    

        wate in the Chapters I to V, the reader 1a referred to 

of the chapter in question, 

Yor the re Te 

the veferenee 

Beasley, W.C, (1940). "Characteristics and Distribution of Tmpaired Hearing 

in the Population of the United States,"' J,Acoust.Soc.Am.12, I]4-121. 

Carhart, R., Tillman, T.W., and Greetis, E.S. (1969). "Perceptual Masking in 

Multiple Sound Backgrounds,''’ J.Acoust.Soc.Am.45, 694-703, 

Carstairs, V. (1973). "Utilisation of Hearing Aids Issued by the National 

Health Service," Br.J.Audiol.7, 72-76. 

Houtgast, T. and Steeneken, H.J.M. (1973). "The Modulation Transfer Munetion 

in Reom Acoustics as a Predictor of Speech Intelligibility," Acustioa 

28, 66-73. 

Killion, M.C. (1976). "Noise of ears and microphones," J,Acoust.Soa,.Am, 59, 

424-433. 

Lippmann, R.P., Braida, L.D., and Durlach, N.L. (1981). "Study of multlehane 

nel amplitude compression and linear amplification for persons with 

sensorineural hearing loss," J.Acoust.Soc.Am,69, 524-534, 

Miller, J.D., Niemoeller, A.F., Pascoe, D., and Skinner, M.W., Integration 

of the Electroacoustic Description of Hearing Aids with the Audlologle 

Description of Clients (Chapter 16, pp 355-377, in Acoustical Maclona 

Affecting Hearing Aid Performance, edited by G.A. Studebaker and 1, 

Hochberg, University Park Press, Baltimore, 1980). 

Nielsen, T.E. (1976). "Hearing Aid Characteristics and Fitting Techniques for 

Improving Speech Intelligibility in Noise," Br.J.Audiol.10, I=7, 

Plomp, R. (1978). "Auditory handicap of hearing impairment and the Limited 

benefit of hearing aids," J.Acoust.Soc.Am.63, 533-549, 

Plomp, R. and Mimpen, A.M. (1979). "Speech-reception threshold for sentences 

as a function of age and noise level," J.Acoust.Soc.Am.66, 133314448, 

Skinner, M.W. (1980). "Speech intelligibility in noise-induced hearing lows) 

Effects of high-frequency compensation," J.Acoust.Soc.Am.67, 306=417, 

Tonning, F.-M. (1971). “Directional Audiometry II. The Influence of Asimuth 

on the Perception of Speech," Acta Otolaryngol.72, 352-357, 

Villchur, E. (1973). "Signal processing to improve speech intelligibility 

in perceptive deafness," J.Acoust.Soc.Am.53, 1646-1657. 

 



i 
Experimental A ology 
Faculty of Medicine, Free University 

Amsterdam, The Netherlands 

 



oduetion 

Vulture research in our department will be diveeted towards the auditory han- 

dicap of hearing-impaired persons with regard to speech understanding in 

everyday situations. As a measure of speech intelligibility the Speech- 

Keeeaption Threshold (SRT), defined as the sound-pressure level at which 50% 

of the speech material is correctly understood, will be used. The speech 

will be presented monaurally through circumaural earphones, both in quiet 

and against a background of interfering noise. 

According to the definition of SRT, the sound-pressure levels re 2.107> 

Ya, produced in the headphones, have to be known. For this purpose we carried 

Out acoustical measurements on circumaural headphones by means of an artifi- 

elal ear on which a flat-plate coupler was mounted. Generally, the real-ear 

response of circumaural headphones is larger than the flat-plate coupler 

response (cf. Shaw and Thiessen, 1962), In the present report two procedures 

for @atablishing these response differences (for one type of headphone) are 

dealt with, In both cases the real-ear responses were measured for ten 

normal-hearing subjects (7 male, 3 female, age 24-34). The sound materials 

applied consisted of noise signals and ten lists of everyday sentences. 

2, Wxperimental configuration 

‘The experiments were conducted in an anechoic room. In the longi- 

tudinal axis of the room a loudspeaker and an armchair fitted with a head- 

‘Vent were situated. The distance between the loudspeaker and the entrance 

of the individual ear canals was made exactly 2 m. The center of the loud- 

speaker was placed | m above floor level. Two electret microphones were 

stuck just outside the entrance to the narrow part of the left and right 

@ar efnals of each subject. The microphones were connected to an amplifier 

behind the chair. The experimenter and the play-back equipment were outside 

the anechoic room. Communication took place by means-of an intercom. Behind 

the armchair a videocamera was placed to check outside the room 

wheather the subjects correctly carried out the instructions concerning 

head fixation and alternate replacement of headphones and one-sided ear 

defender. Both camera and microphone amplifier were direct-current supplied 

from outside the room to exclude transformer hum, 
The playback block=diagram ia showi In Pigel, The speech material and 
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FIG.1. Block dtagram showing the play-back equtpment inetde and owbatde 

the anechote room. The symbols |>>| represent audio amplifitara, and AV 

stands for 'Attenuator'. REC. means Recorder, 

the noise were played back on channels Tand II, respectively, of the tape 

recorder, After impedance transformation and separated attenuation to eon 

trol the signal-to-noise (S/N) ratio, the two signals were mixed, The aoe 

bined signal was presented to the subject through either the loudapeaker or 

the earphones (Sharp Scintrex MK IV). 

The electret microphones were applied for measuring sound=level dilfereaye 

ces between various stationary noise signals at the entrance of the eur 

canal. After a fixed attenuation of 50 dB the microphone signalu were elece 

trically coupled to a sound-level meter (B&K Type 2205, provided with a HNO 

connector) indicating in dB(A). Various noise levels were measured ulso 

with the flat-plate coupler. The coupler consists of a rigid metal plate at 

the center of which a condensor microphone (B&K Type 4144, mounted on Bak 

artificial ear Type 4152) is positioned with its diaphragm lying in the plane 

of the plate. The right or left earphone was placed on the coupler in a 

central position with respect to the microphone and the sealing cushion wae 

held in contact with the plate by a weight of approximately 500 g. The aute 

put of the artificial ear was measured with a sound-level meter (H&K Type 

2203). 

As speech material ten lists of 13 sentences were available (developed 

by Plomp and Mimpen, Institute for Perception INO, Soesterberg) with, as 

far as possible, equal numbers of the various (Dutch) phonemes in each Ilat, 

The chance of correct recognition of the sentences was equalized for all 

lists. In addition to the recording of these lists a standardenolwe #ignal 

having the same level and long-term average sound spectrum as the 140 gene 

tences was recorded both on the second track of the tape and on the sentenee 

track, preceding the sentences, to ehable easy calibration of the 8/N ratla 

(for details ee Plomp and Mimpen, 1979). 

 



    

      

      

    

  

    

    

   
   

    

   

  

   

    

    

   

    

      

‘The first type of real-ear response was measured by using all 10 lists, 

@ determination of the response differences mentioned in the Inte 

awed on two different types of real-car responses. The first type of 
ear response consists of Speech=Reception Thresholds (SRT), the second 

onwiate of sound levels of noise measured at the entrance of the ear 

il. Therefore, the first type,requiring active mental participation, is 

  
‘the Average presentation level of 

\t Aetually presented, but its level is known from the response to sentence 

/ansumed to represent SRT. Sentences 1 to 4 are for training purposes. 

‘git liats were presented under four conditions in quiet, viz. 2 lists to 

1a level of 55 dB(A) under two conditions, viz. one list by means of a 

i speaker and one list through earphones, both presented to the left ear a 

} ™ - =~ oT 

. 

peer 

bijective measure, whereas the second type,which merely utilizes the 

titer ear of the subject,is objective. 

Vhe following adaptive procedure for measuring SRT was applied. The first 

mee of a list is repeatedly presented at a higher level until the lis- 

te 

deareased by 2 dB. If this sentence is correctly repeated, the level of 

can reproduce the sentence correctly. The level of the second sentence 

the next sentence is decreased by 2 dB again; if it is not, the level is 

{ raaued by 2 dB. All remaining sentences are presented in this manner. 

sentences 5 to 14 (the last one is 

ft ear and 2 lists to the right ear by means of a loudspeaker, and 2 

to the left ear and 2 lists to the right ear through the earphones. 

ting 2 lists per condition insight can be obtained into the within-— 

ae? of the SRT, The remaining Lists were presented in noise 

  The SRT measured in noise gives an indication about the possible 

roduction-quality difference between the loudspeaker and the earphone, 

une, if no difference exists, the required S/N ratio should be identical 

for the two transducers. 
Lints | to 6 were invariably presented to the left ear, lists 7 to- 

    
the right ear. The intelligibility of these split lists does not need 

equal because the responses will be averaged over the left and right 

In order to compensate for learning processes and fatigue,the list 

ce for successive subjects was rotated. In Table I the distribution 

iute and conditions per subject is summarized. 

d sound level in dB(A) of the nolae pr preceding the sentences, at 
7 @ . 

     

     

  

tn quit, Ne a) i”! in notee, L = left ear, R = right ear, t= loudapeaken, 

and @ = eayphonea. 
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Subjects 

] 2 By 4 5 6 7 8 9 10 

1-QLe I-QLL 3-QLL 3-QLe 5-NLe 5-NL1 7-QR1 7-QRe %-QRe %=QI1 % 

2-QLl1 2-Qle 4-Qhe 4-QL1 6-NL1 6-NLe 8-QRe 8-QR1 10-QR1 10-QRe 

3-QLL 3-Qle 5-NLe 5-NL1 7-QR1 7-QRe 9-QRe 9-QRL I=QLl  I=Qhe 

4-QLe 4-QL1 6-NL1 6-NLe 8-QRe 8-QR1 10-QR1 10-QRe 2-Qhe 2QL1 7 

5-NLe 5S-NL1 7-QRL 7-QRe 9-QRe 9-QR1 I-QL1L 1-QLe 3-Qhe 3-QLI1 4 

6-NLL 6-NLe 8-QRe 8-QR1 10-QR1 10-QRe 2-QLe 2-QL1 4-QL1 4-Qhe 

7-QRL 7-QRe 9-QRe 9-QRL 1-QL1 I-Qhe 3-Qle 3-QL1 5=-NL1 5=Nhe 

8-QRe 8-QR1 10-QR1 10-QRe 2-QLe 2-QL1 4-QL1l 4-QLe 6-NLe 6=NL1 

9-QRe 9-QR1 1-QL1 1-QLe 3-QLe 3-QL1 5-NL1 5-NIle 7-QRe 7-QRI 

10-QR1 10-QRe 2-Qhe 2-QL1 4-QL1 4-QLe 6-NLe 6-NL1 8-QR1 8-ORe 
  

  

On the assumption that the individual 

SRT's found in quiet and in noise are independent of the type of transducer 

the position of the listener's ear. 

used to reproduce the sentences, earphone speech-reproduction can be eall~ 

brated against free-field speech reproduction. In the case of suprasaural 

earphones the above assumption is only valid for frequencies below 1500 Ile 

(Villehur, 1969), 

The second type of real-ear response was obtained with the electret 

microphones to which the standard noise from the speech track of the tape 

was presented. The responses at the two ears were measured for three dif- 

ferent noise levels in the free-field and earphone situation. As a result, 

earphone noise reproduction can be calibrated against free=field noise 

reproduction. 

In addition to the real-ear responses the flat-plate coupler reaponsan | 

were measured for the same three noise levels. The differences between the 

two types of real-ear responses and the coupler responses are used for calle. 

brating the artificial ear plus coupler against free-field nolae reproduc 

el



   
           

  

   
   

evmentioned calibration» relative to free=fleld co 
difference terms C), Cy, and C, shown in the rela dagram of 

The noise levels in this figure were achieved as follows: 

free={ield noise level at a distance of 2 m from the loudspeaker, after 

$0 dB of amplification of the input signal which was supplied to the 

loudspeaker to obtain a sound signal at SRT level; 

A, * free-field noise level at a distance of 2 m from the loudspeaker, the 

7 input of the loudspeaker corresponding to the 50-dB amplified input 

aignal as supplied to the earphone at SRT level; 

Ny f{ree-field noise level measured with the electret microphones, given 

that a prefixed input is supplied to the loudspeaker; 

N, © noise level under the headphones measured with the electret microphones, 

a: given the same input as in the case of Ny is supplied to the headphones; 

i Nyt identical to 8, 

‘ x, noise level ase the headphones measured with the artificial ear, given 

that the same input as in the case of $1 is supplied to the headphones. 

the output-difference terms can now be expressed as follows: 

G, = 8, - 8, (i) 
CG," N -N (2) 

2 e 1 

eg. = 
by 

4 [ 

’ Fi 
5) ———__—__» 5 

ot | ia 
BS 

3 

i : oa 
My | 

(free-field) (under earphone) 

#F » Relation diagram of the notse levels measured (S, N, and N'), where 

t meana loudspeaker eondttton and e means earphones. Cy» Cos and C, 

0 Quipuledifference terms given by lqa.(1), (8), and (3). Das, and D 

@ reaponae differences (or correatton faetora) given by Eqs.(5) and (6). 
    

  

  
  

       
dependen 

that the 1 | 

Then, the response differences between the coupler responses and the two 

types of real-ear responses can be calculated by using the expressions (1) 

to (4), according to 

Den = 3 7) = N,' - 8, (5) 

(6) tl a 1 Q i Zz 1 = 

nn 3 2 é e 

As can be seen from Eqs.(5) and (6), the type of loudspeaker, headphones 

and electret microphones applied cannot systematically influence Dig and Day 

as far as overall energy-output differences of the devices are concerned, — 

Therefore, in theory it should be expected that S, equals N., resulting in 

De being equal to Dan’ However, speech intelligibility is not only detare 

mined by the overall energy output of a transducer, but also by the shape 7 

of its frequency response, whereas electret microphones having an almost flat 

frequency response are only sensitive to the overall output. In practice, 

the frequency response of loudspeaker and headphone at the entrance of the 

ear canal will differ to some extent and,therefore, it can be expected that 

D.. does not equal D.. 
sn mn 

5. Results 7 

The first type of real-ear response consists of SRT's measured according to 

Table I. The SRT in quiet was obtained under four conditions; each one wii 

tested twice. The resulting standard deviation of individual SRI's in quiet 

is 1.3 dB. This number is defined as the root mean square divided by ¥2 of 

the 40 differences between the two SRT values per subject under each condl= 

a
 

tion. By excluding conditions in which headphones were removed betwaen tent 

and retest,the standard deviation decreases to 1.1 dB. Replacement of the 

headphones appears to increase the standard deviation to 1.6 db. The average 

ing of the free-field SRT's in quiet over all 20 ears resulted in an ay 

value of 15.2 + 0.5 dB(A). The output-difference term C, found by comb: 

the free-field and headphone SRT's is 10.8 + 0.5 dB. —



od in ai of si Hike; an average value of =b.8) aerethe astasuakut 

cond jon, and an average value of =6,2 dB for the headphones, Aa each con= 

7 in was tented only once, the reliability of the rewult# cannot be de~ 

i mined, However, in a similar experiment Plomp and Mimpen (1979) found a 

 atandard deviation of 0.9 dB. In view of this number the quality difference 

of 0,6 dB found in the present case is not significant. 

In Pig.3 it is shown how the standard deviation of SRT values in quiet 

    

‘depends upon the number of sentences included in calculating SRT. As can be 

een, presentation of more than eight sentences hardly increases the 

liability,which indicates that a list of 13 sentences, including three 

‘training sentences, issufficient for determining SRT accurately. 

Vigure 4 shows how the chance of correctly understanding the individual 

sentences in quiet depends on the presentation level relative to the SRT 

level (S0%-correct score). The curve was obtained as follows. To each sub- 

Jeet eight lists were presented in quiet under four conditions. For each 

list the number of sentences (with omission of the first sentence) correctly 

Yapeated after presentation at levels of 1 dB, 2 dB, etc. below or above the 

average level (rounded off to whole dB"’s) was determined. The numbers per 

yelative level were almost identical for each condition and, therefore, the 

vouults of all 80 lists have been incorporated in the curve shown. Over the 

middle range of the diagram the intelligibility increment is approximately 

per dB sound level increase. 
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PIG.4. Intelligibiltty score as a function of presentation level nela 

to SRT (level of 50%-correct score), averaged over the veaylta from M0 

sentence lists presented in qutet (2 lists x4 conditiona» 10 aubjeota). 

The curve ts the cumlative probability-distribution curve fitted wlaually 

to the data points. 

The second type of real-ear response consists of noise level heasures 

ments using electret microphones. The noise levels were also measured with 7 

a sound-level meter under free-field conditions at a distance of 2m from 4 

the loudspeaker. The levels thus resulting were 35, 50, and 65 dh(A), ree 

spectively. The lowest noise level may be partially affected by amblent 

noise (<15 dBA) and instrument noise (<I7 dBA). The between=subject standard 

deviation of the electret measurements is 1.5 dB for the freesfield condi= 

tion and 2.1 dB for the headphones condition. The placement of the headphone) 

over the auricle appeared to be rather critical with respect to the electret 

output, thus causing a larger spread in the results. The outputedifference 

» found by combining the free-field and headphones electrat levels it} 

9.2 + 1.1 dB. 

In addition to the real-ear responses the flat-plate coupler responeed 

for the above three noise levels yielded an output-difference term Cy of 

8.8 + 0.2 dB. 
Based on the above-presented values of Ci, Cy, and Cy the reaponde alt 

ferences D,. and D\, calculated according to Eqs.(5) and (6), becomes 

| 

term C 

Dan 7 72+1 + 0.5 dB 

Day * 7004 bo dol @B wl 

 



     
Hoantly from #ero (ps0,0001), 

by Cowtsluding remarks 

With due regard to the limited scope of this investigation (only one speech 

apeetrum applied), accurate calibration of sound levels measured with an 

artifietal ear is made possible by using the correction factors Don and Dn 

Coneerning sentence intelligibility, active mental participation is involved, 

oo that the subjectively derived factor D., Should be used. This means that 

the sound-pressure level of sentences presented under headphones will be 

enown (in terms of free-field levels in dB re 2.10” Pa) by measuring the ‘ 

level of the equivalent noise, preceding these sentences, with the flat- 

plate coupler, and by adding afterwards 2.6 dB to this level. If, on the 

other hand, signals not specifically related to speech perception are to be 

measured, it is recommended that the objectively derived correction fac- 

bor Don be used. 

Some secondary results from this experiment based on 10 young normal- 

hearing subjects are: 

(1) the monaural SRT in quiet is 15.2 + 0.5 dB(A) (free-field condition); f 

' (2) the monaural SRT in noise, expressed in S/N ratio, is -6.5 dB; 

(}) the intelligibility-score increment near SRT is about 15 Z/dB. 
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yy Mefeakeit: wordt een systematiach ondersowk naar het apraake 

verstaan v Miciiekorenien in praktijksituaties beschreven, Uitgangapunt 

vormde de vaak geuite klacht van slechthorenden, dat #ij vooral moelli jhe 

heden hebben met het verstaan van gesproken woord tegen een achtergrond 

van andere geluiden, zoals geroezemoes, een interfererende stem, verkeara~ 

lawaai, etc. In ruimten met veel nagalm, zoals kerken en allerlel opanhare 

gebouwen, ondervinden zij extra hinder. In deze situaties blijkt een hoare 

toestel weinig profijt op te leveren, waardoor vele gebruikers teleurges 

steld zijn over hun toestel. 

Een groot deel van het onderzoek was gericht op het teaten yan twee 

psychoakoestische modellen, Beide modellen benaderen het begrip spraake 

verstaan in termen van signaal-ruisverhoudingen. Het ene model, de #. i. 

Spraak Transmissie Index (STI) van Houtgast en Steeneken (1973), maakt 

het mogelijk op quantitatieve wijze het effect van nagalm op de apraak= 

verstaanvaardigheid van slechthorenden te vervangen door het galijkwaardige 

effect van een additionele ruiscomponent zdnder nagalm. Het andere model, 

ontwikkeld door Plomp (1978), beschrijft de drempel voor het veratanun vat 

spraak als functie van het niveau van storende achtergrondruis (#6uder 

nagalm), met inachtneming van het effect van zowel slechthorendheld ala 

hoortoestel. De drempel voor het spraakverstaan is gedefinieerd ala het 

geluiddrukniveau (in dBA), waarbij 50% van een serie alledaagnae korte 

zinnen correct wordt verstaan. 

De modellen werden grotendeels getest aan de hand van drempala vere 

kregen voor het beste oor bij 110 bejaarden (tests inclusief nagalm 

effecten). De test (zonder nagalm) naar het effect van een hoortoentel 

geschiedde met behulp van 50 slechthorende toestelgebruikers jongear dan 

65 jaar. Bij alle tests werd als storende achtergrond een ruis ten gehore 

gebracht met hetzelfde geluidsspectrum als dat van de korte zinnen, Onder 

identieke testomstandigheden werden bij 30 jonge normaalhorenden eveneens 

de drempels gemeten ter verkrijging van referentiewaarden voor spraak= 

verstaan. Het blijkt, dat de combinatie van beide modellen een solide 

basis vormt voor quantitatief onderzoek naar slechthorendheld in praktt|\h~ 

situaties. 

‘ler uitbreiding van bovenstaande beperkte luisterconditie ward \)l} 

20 bejaavden onderzocht in hoeverre de richting en het karakter van de 

stoorbron de grootte van het gehoorverlies mede bepalen, De atoorbron werd 

\ | 

| 

a 

| 
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Minka of rechts van de luisteraar onder een horizontale hoek van 90° 

gealtueerd en bewtond uit Of een storende spreker Sf een ruisbron met een 

feluidewpectrum gelijk aan dat van deze spreker. De korte, primaire ginnen 

werden recht v66r de luisteraar ten gehore gebracht, In dit experiment 

Julaterden de proefpersonen met beide oren. Tien jonge normaalhorenden, 

ile san dazelfde test werden onderworpen, dienden als referentie. 

Nasat de drempel voor spraak werd bij alle proefpersonen eveneens de 

dvempel voor zuivere tonen in stilte (toonaudiogram) gemeten zonder, en 

vooreover van toepassing, mét hoortoestel. De 50 betrokken hoortoestellen 

werden hovendien electroakoestisch doorgemeten. 

Hieronder zijn enige belangrijke resultaten uit het onderzoek naar 

sleelthorendheid samengevat. 

(1). Indien het gehoorverlies voor spraak tegen een achtergrond van ruis 

wordt uitgedrukt in termen van de verbetering van signaal-ruisverhouding 

(8/1), die voor de slechthorende nodig is om in dezelfde mate spraak te 

Kuninen verstaan als normaalhorenden in dezelfde ruisconditie, kan dit 

weloorverlies worden vertaald in een t.o.v. normaalhorenden verhoogde 

waarde voor de Spraak Transmissie Index (STI). Deze verhoogde STI-waarde 

voorapelt wat de invloed van een toename van de hoeveelheid nagalm op de 

ppraakverstaanvaardigheid van de slechthorende zal zijn. Bijvoorbeeld, 

ulu het gehoorverlies in ruis 6 dB bedraagt, vereist compensatie hiervan 

(ander nagalm) een 0,2 grotere STI-waarde. De resulterende verhoogde 

Wilewaarde voorspelt dan, dat de maximale nagalmtijd, waarbij de slecht- 

\iovende onder zeer storingvrije luisteromstandigheden nog juist de helft 

van het esprokene kan volgen, korter dan 6én seconde behoort te zijn. 

(), De ST kan vergroot worden zowel door de $/R-verhouding te verbeteren 

ale door de nagalmtijd te verkleinen. In de meeste praktijksituaties is 

het vrijwel niet mogelijk om op directe wijze de S/R-verhouding zodanig 

(@ verbeteren, dat slechthorenden er voldoende baat bij vinden. In veel 

gevallon vormt dan het reduceren van de nagalmtijd een effectieve oplos- 

alng voor dit probleem. In het geval, dat de luisteraar zich in het indi- 

yeote geluidsveld van de spreker bevindt (zoals in klaslokalen en gehoor- 

salen), behoort de nagalmtijd voor iedere dB te behalen winst in S/R-ver- 

Vouding met 25% verkort te worden, ofwel de reductiefactor bedraagt 0,75 

per dB (bijy. 3 dB winst vereist reductie tot 0,75%42% van de oorspron- 
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tie 18% per dB (reductiefactor 0,82). Dat eon weliawaar 

kowtbatte taduetie van de nagalmtijd, zéker in ruimten waar vaak bejaarden 

vertoeven, zinvol is blijkt hieruit, dat het aantal personen met een bee 

paalde mate van gehoorhandicap met 30% vermindert per dB winat in 8/le | 

verhouding. Bijvoorbeeld: stel men is gehandicapt indien het gehoorverllon 

in ruis groter is dan 5 dB; op 75-jarige leeftijd heeft 35% der betrokkew 4 

nen een verlies in ruis van meer dan 5 dB, en 25% een verlios groter dan 

6 dB; een winst van | dB in S/R-verhouding betekent derhalve, dat het 

aantal gehandicapten zakt van 35% naar 25% (30% reductie),. 

(3). Het hoormodel van Plomp kan ieder gehoorverlies voor spraak afdoende — 

karakteriseren door middel van twee verliescomponenten: een verliaatype Ay 

dat de geluidsverzwakking in het oor aangeeft, en een type D, dat de { 

geluidsvervorming in het cor vertegenwoordigt. Type A la vooral hinderlijk 

bij zachte spraak in een rustige omgeving, terwijl type D vooral een hans 

dicap vormt voor het verstaan van spraak in geroezemoes,. Het ia abaoluut 

noodzakelijk om beide typen gehoorverlies te meten om een julate indeuk 

van iemands gehoorverlies te verkrijgen. Uit regressie-analyae blijkt, dat 

bij bejaarden de verhouding tussen type A verlies en type |) varlies in het 

algemeen 6:1 bedraagt (correlatie coéfficiént van 0,62 mat Nel02),. Type ) 

verliezen zijn ondanks hun geringe grootte ernstig, wat onder andere hier= 

uit blijkt, dat elke dB van een dergelijk verlies de zineverstaanvaardl ge 

heid in geroezemoes met ongeveer 18% vermindert. 

(4). De experimenten, waarbij zowel de richting als het karakter van de 

stoorbron gevarieerd werden, wezen uit dat bejaarden in een aantal altuae 

ties ernstiger gehandicapt zijn dan het type D verlies aangeelt. Met name 

als de stoorbron een interfererende spreker is (in plaats van eon diffuse 

ruis met dezelfde intensiteit), kunnen de bejaarden niet langer profiteren 

van de relatief stille intervallen tussen de woorden, terwijl jonge nore 

maalhorenden hierbij een winst van ongeveer 7 dB behalen, Ook hat vare 

plaatsen van de stoorbron van recht véér naar opzij van de luiateraar 

levert bij bejaarden 4 dB minder winst op dan bij normaalhorenden, 

(5). Het hoormodel van Plomp beschrijft eveneens het effeet van een hoore 

toestel op het verstaan van spraak met behulp van slechts twee varlabelent 

de versterking G, die een type A verlies kan compenseren, on de toedtel= 

vervorming §, die de toename in de drempel voor het spraakverstaan in jew | 

roezenoas tengevolge van de vervorming in het hoortoestel aangeelt en deve 

halve aan het type D verlies kan worden toegevoegd. Desa benadering van 

eon heorkeenbel bhijk



el moet komen van een verkleining van het type A 

ook patiénten met een gering type A verlies en een 

(vaak personen met slechts matige verliezen 

t kunnen sorteren, gezien de beperkingen van de 

1anzien van de benodigde S/R-verbetering. 
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voor korte ce zinnen vereist: de cceta ee 
tegen een achtergrond van ruis met het geluidsspectrum 

(Dit proefschrift) 

bij het oeEEaS en 3) de Neineetonelel! cane 
(i.e. de door toestelvervorming verhoogde spraakverstaandrempel, 
van signaal-ruisverhouding). 

(Dit proefschrift) 

Indien gehoorklachten van patiénten hoofdzakelijk blijken te 
geluidsvervorming (in plaats van verzwakking) in hun gehoor, ke 
klachten met de huidige hoortoestellen niet verhelpen. 

(Dit proefschrifc) 

Het verdient aanbeveling, dat audiologische poliklinieken, die 
efficiénte spraakverstaantest, representatief voor praktijkaitu 
willen beschikken, de op het Instituut voor Zintuipfysdiologie TNO. 
berg) ontwikkelde zinslijsten met achtergrondruis als testmateriaal — 
toepassen, 

De door psychofysici Aa ue toegepaste Two-Al ternative 
procedure voor het meten van perceptie-drempels is weinig 
de praktijk van de klinische audiologie. 

Aangezien ook hedendaagse hoortoestellen geen winst in 
ren, blijft Carhart's "Comfort Level''-methode epal 
akoestische versterking van een hoortoestel van belang. 

(R.Carhart, Laryngoscope 56, 1946, 510-526) 

fee 

De konklusie van Nabélek en Robinson omtrent een lLeeftijdsor 
winst bij binauraal horen in nagalm wordt door hen experin 
overtuigend onderbouwd. 

(A.K.Nabélek en P.K.Robinson, J.Acoust.Soc.Am.71, 

De opmerking van Nabélek en Mason, dat zij via Line: 
latie van 0 76, - het agate van cage p 

ds



‘gelijkbaarheid van resultaten uit spraakverstaanvaardig~ 
zou sterk bevorderd worden indien minder onderzoekers 

zouden nemen met het meten van slechts é&n scoringspercentage op 
vair geluidsniveau. 

het oogpunt van spraakverstaanvaardigheid is de diagnostische waarde 
door Jerger en Speaks als belangwekkend alternatief voor woordlijs= 
yresenteerde SSI (i.e. Synthetic Sentence Identification) test 

t twijfelachtig. 

(J, Jerger en Ch.Speaks, J.Speech Hear.Dis.33, 1968, 318-328) 

eving van de handicap van slechthorenden bij door beveiligings= 
mde loketten is het gewenst de geluidstransmissie van deze 
rbeteren en de loketbedienden te doordringen van het belang 
erd spreken, 

he 

sen gevolgde methode van electroéncephalogram (EEG)-analyse, 
» BEG's op voorhand onderverdeeld worden in quasi-stationaire 
van 1.28 sec., die vervolgens beschreven worden met een auto- 
model, waarvan de coéfficiénten met behulp van het Kalman 

| geschat, gaat geheel voorbij aan de essentie van het Kalman 
adaptief kunnen schatten van in de tijd variérende parameters. 

_ (B,H, Jansen, Academisch proefschrift, Vrije Univ.,1979, Amsterdam) 

late Middeleeuwen was men letterlijk en in vele opzichten ook 
rlijk zéér bij de tijd. Wie deze eeuwen nog als een "duistere" periode 

wohouwt, moet nodig zijn licht gaan opsteken. 

(J.Gimpel, The Medieval Machine, Penguin Books, 1976) 

De betekenis van schijndissertaties, door de Vrije Universiteit te Amster- 
ad nN gedistribueerd bij een wetenschappelijke promotie, kan sterk worden 

rhoogd door voortaan het opnemen hierin van een samenvatting van het 
schrift verplicht te stellen. 

ferheidspolitiek van gegarandeerd lage huurlasten en jaarlijkse 
uvbouwplanning dreigt volledig vast te lopen. Het is dringend gewenst 
olkshuisvesting weer aan het particulier initiatief over te laten met 
delijke afschaffing van allerlei subsidieregelingen en knellende 

aucratie, zoals Voorschriften en Wenken voor de Bouw en de Woonruimte- 

chikking uit 1974. 

benaming "Het Oor van Dionysius" voor een S-vormige grot met krach- 
© bij Siracusa op Sicilié, zou men kunnen afleiden dat de Grieken 
assieke oudheid reeds op de hoogte waren van het verschijnsel 

elijk populair aangeduid als de Kemp-"echo". 

(D.T.Kemp, J.Acoust.Soc.Am.64, 1978, 1386-1391) 

A.J.H.M, Duquesnoy  


