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CHAPTER 1 

GENERAL INTRODUCTION 

Many people with a sensorineural hearing impairment complain about having 

difficultios with understanding speech in the presence of interfering sounds, These difficultion 

generate the need of a more favorable speech-toenoise ratlo compared to normal-hearing 

people, On the average, the required speech-to-noise ratio is 3 to 4 dB higher than that for 

normal-hearing listeners (Plomp, 1986); in the case of a fluctuating masker (e.g. a compoting 

speaker) this difference may be even more than 10 dB (Festen and Plomp, 1990), Because 

in critical listening situations, every decibel in speech-to-noise ratio corresponds with ti 

difference of 15-20% in the intelligibility score of simple sentences, it will be clear that (hese 

figures represent a substantial handicap in everyday situations. 

The need for a better speech-to-noise ratio has been recognized as a major problem 

of sensorineural hearing impairment. This has led to a number of attempts in the fleld of 

hearing-aid research to improve the speech-to-interference ratio. These attempts have as yet 

not been successful in the most critical listening situations where the interfering sound his 

about the same level and spectrum as the desired speech signal, as in the common case of one 

or more competing speakers. Particularly for conditions where the interfering sound ts 4 

single voice, in which case the loss in speech perception relative to normal hearing is largeat, 

the design of a hearing aid that separates the desired speech from the interfering speech 

appears to be an extremely difficult task. 

For the time being, it seems that the hearing-aid user is served best when we 

concentrate on a more straightforward signal treatment aimed at presenting the total Incoming 

signal of speech in noise as favorably as possible to the listener’s ear, independently of signal 

level. This requires an automatic adjustment of the signal, as a function of time, to sueh 4 

level that the fluctuations of speech, that carry the information, are audible over a frequeney 

range that is as wide as possible, without exceeding the level of uncomfortable loudness. 

This brings us to a frequently encountered complication in impaired hearing! the 

auditory threshold is elevated without being accompanied by a comparable elevation of the 

discomfort level. Particularly when the listener has a sloping audiogram, an optimal 

presentation of the speech signal within the reduced dynamic range is only possible if, for 

each individual frequency component, the amplification is controlled by the level of the 

incoming sound. This can be achieved by means of a multichannel automatic gain contral 

(AGC) hearing aid with independent control of the amplification in each frequency channel, 

Because in practice, the spectrum of the acoustical background may vary, the amplitude: 

frequency response of such a hearing aid will vary along, With wideband rather than 

frequency-dependent gain control, intense narrowband noise would automatically reduce the 

amplification for all frequencies. This can easily result in inaudible speech components, even 

in frequency regions where there is no noise. 

Conventional AGC acts on the average level of the sound, irrespective of whether a 

       



gpodoh signal la present or not, This mound that during periods whe no speech 

communtgation takes place, background noise is amplified to lovels that are experienced As 

“nolny" by the hearing-impaired tistoner, This is a major drawback of the application of AGC 

in hearing alds, This annoyance can be reduced by using the level of the minima in the 

temporal envelope of the sound, rather than the average level, as an AGC eriterion, . 

frequency channels with fluctuating signals such as speech can be amplified to an ARREORE ate 

jevel, thone channels with signals lacking fluctuations, because speech is absent or masked 

win now be suppressed, 

" oe critical See of multichannel AGC in hearing aids is the time taken by the 

frequency-dependent amplification factor to adapt itself to changes of the incoming sound. No 

decisive data In favor of short attack and release times, as used in syllabic compression, have 

won reported in the literature (cf, Braida et al., 1979), A strong argument against short time 

vonstants in multichannel AGC js that they reduce the fast information-bearing fluctuations 

of speech within each frequency channel, and this will negatively affect speech reception 

(Pomp, 1988), Tine constants of roughly 0.5 s may be a good compromise in the sense ie 

{ust Intensity fluctuations within syllables are left unaffected whereas Variations in the 

jooustienl background, which are usually much slower, can be followed easily. 

‘The alm of the present study was to investigate the merits of a multichannel AGC 

hearing ald in which, for each individual frequency channel, the rapid intensity Blucauetions 

typloal of speech are maximally preserved whereas the level of the more slowly varying 

noise is suppressed. 

isis major eichafone for hearing-aid effectiveness we adopted the speech-reception 

threshold (SRT) in noise, defined as the speech-to-noise ratio at which 50% of short 

conversational sentences are correctly reproduced (Plomp and Mimpen, 19794). me SRT 

provides an accurate quantification of speech understanding abilities in critical listening 

conditions, which, due to its fixed performance criterion, can be easily compared from one 

oxperiment to another, In all experimental conditions, signals were presented well ee the 

Jiswoner’s auditory range, limited by the threshold of hearing and the level of uncomfortable 

Joudnens, at all frequencies, This was done to ensure that the threshold for speech reception 

in qulet would not play a role in the determination of the SRT in noise, 

The application of multichannel AGC implies that the amplitude-frequency response 

depends on the spectrum of the incoming sound. It. follows that spectral variations in - 

background noise will cause the speech spectrum to vary accordingly. We need to know the 

limits, in terms of shape and rate of change, within which the amplitude-frequency response 

ean be varied before having a detrimental effect on the intelligibility of speech in noise. 

‘Therefore, in the first part of this study, presented in Chapters 2 and 3, we investigated, for 

20 normal-hearing and 20 hearing-impaired subjects, respectively, the effect of varying the 

slope of the amplitude-frequency response on the SRT for sentences in noise. The noise had 

# spoctrum identical to the long-term average spectrum of the sentences. This ae was 

adopted, first, because the most frequent and prominent interference in everyday listening 

situations is the human voice itself (e.g, second speaker, speech babble); second, because with 

this restriction, a change in signal-to-noise ratio has comparable effects for all frequency 
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regions, Which allows securate measurement through a steep discrimination curve, Mesults 
show that, for both subject groups, the SRT in noise is relatively insensitive to variations in 

the amplitude-frequency response, either when its slope is steady-state or slowly changing in 

time, 

The only way in which frequency-dependent control of the amplification may be 

expected to weaken the masking effectiveness of the noise, is through a reduction of (upward) 

spread of masking caused by intense bandlimited interfering sounds. Therefore, in the second 

part of this study, presented in Chapter 4, we measured in conditions of intense lowe 

frequency noise, the beneficial effect of frequency-selective attenuation on the SRT for 

sentences, for 12 normal and 12 impaired listeners. The noise had a spectrum identical to the 

long-term average spectrum of the sentences, except that in one octave band (0,25-0,5 or 0.5. 

1 kHz) its level was increased by 20 dB. Therefore, speech components in that band could 

not contribute to intelligibility, Results for both subject groups show that frequency-selective 

attenuation of speech and noise in the octave band containing the extra 20 dB of noise gives 

a substantial decrease in masked SRT, and is clearly more beneficial than wideband 

attenuation, These results were obtained both for an increased noise level that is steady-atite 

and for an increased noise level that deyelops slowly in time. 

The promising results reported in the first and second part of this study ave prompting 

to the application of slow-acting frequency-dependent AGC in hearing aids, In these studies, 

however, the variation of the frequency-dependent amplification was still experimentilly 

controlled. In the third and final part of this study, presented in Chapter 5, we studied the 

ultimate effectiveness of the concept multichannel AGC hearing aid by investigating, for 10 

hearing-impaired subjects, the effect of frequency-dependent amplification actually controlled 

by the minima in the temporal sound envelope. A condition without gain control, but with the 

amplification in the different frequency bands adjusted to warrant 100% speech intelligibility 

in quiet, was the reference. Results show that, in the presence of sounds frequently Interfering 

in everyday listening situations, with spectra that are roughly comparable to that of the speech 

signal, the multichannel AGC acting on the enyelope minima does not affect the SRT in 

noise. However, it substantially reduces the sensation of noisiness when no speech 

communication takes place. This reduction of noisiness was most obvious for sounds with A 

more or less continuous character (e.g. stationary noise, music), where the AGC was moat 

active. 

Chapter 6 summarizes the experiments carried out in this study and restates the main 

conclusions, Chapters 2 to 5 are based on papers by van Dijkhuizen, Anema, and Plomp 

(1987) and by van Dijkhuizen, Festen, and Plomp (1989, 1991a, and 1991b), respectively, 
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INTRODUCTION 

‘The introduction of very-large-scale integrated circults makes It technically possible 

16 design multichannel hearing aids in which the frequency-dependent amplification factor 

adapts itself automatically to the physical parameters of the sound picked up by the 

microphone, As explained elsewhere (Plomp et al., 1986), such an automatic gain-control 

syatom has several advantages and should preferably take about 0.5 s to adapt itself to a new 

acoustical condition, Por shorter durations, as used in syllabic compression, no conclusive 

fosults have been reported (cf. Braida et al., 1979), However, short attack and release times 

of compression will distort amplitude relations between and within speech sounds, and thus 

may affect the speech-reception threshold negatively. Longer times may cause discomfort to 

the user, 
— 

It follows that such a hearing aid has an amplitude-frequency response varying in 

time. Sinee both the wanted speech sound and the interfering sound (e.g. a second speaker, 

volue babble, or noise) are subjected to the same amplitude-frequency response, these 

virlations leave the speech-to-noise ratio at the different frequencies untouched. Then, the 

first question that needs to be answered is: Within which limits of shape and rate may the 

amplittidetrequency response be varied before having a detrimental effect on the 

Apeech-reception threshold (SRT) in noise? 

We studied this question by investigating the effect of varying the slope of the 

amplitude-frequency response on the SRT for meaningful sentences masked by noise with a 

Apectrum Identical to the long-term average spectrum of the sentences : Speech and noise were 

shaped by the same amplitude-frequency response. The present expeciments were carried out 

with groups of normal-hearing listeners in order not to complicate the interpretation with the 

effects of hearing impairment. In experiment 1, the slope was constant during the presentation 

of the sentence; in experiment 2, a single change in the slope of the amplitude-frequency 

feaponse was given; whereas, in experiment 3, the slope varied continuously. As far as we 

know, no experiments on similar conditions have been reported in the literature. 

1, BWXPHRIMENT 1: CONSTANT SLOPE 

In this experiment, the slope of the amplitude-frequency response in each condition 

was kept constant during presentation, According to the concept of the eyecalation sate 

(Proneh and Steinberg, 1947; Kryter, 1962a), speech intelligibility is a function of the "local 

speech-to-nolse ratios in a series of filter bands covering the speech ‘frequencies from low to 

high. Consequently, this concept predicts that, as long as the limited frequency-resolving 

power of the auditory system does not play a role in the masking pattern of the noise, SRT 

in nolse ls independent of the slope of the amplitude-frequency response. 

Many experiments on the effect of high-pass and low-pass ANesne have been carried 

out i the past, Speech energy in our experiments was shaped by different slopes of the 

amplitude-frequeney response but remained above hearing level at all frequencies. Because 

filtering removes part of the acoustical information in speech, experiments on the effect of 

filtering in noise cannot easily be related to our experiments. No data were gathered on the 
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effect of ayatemationlly varying the slope of the amplitideefrequency response on the SRT In 
nolae, 

A, Method 

Ten different slopes were adjusted by means of a parullel set of 13 1/3-oct bandpass 

filters (Briel & Kjaer spectrum shaper type 5612) with center frequencies of 250, 416, 400, 

500, ..., 4000 Hz, ‘These slopes were «15, «12, 9, +6, -3, 0, 43, +6, +9, 12 dB/out, 

Extra RC circuits with slopes of 6 and +6 dB/oct were used to effectuate the extreme values 
of «15, «12, and +12 dB/oet, 

The speech material consisted of 10 lists of 13 short (8 or 9 syllables) everyday Dutch 
sentences spoken by a female speaker (Plomp and Mimpen, 19794), The masking nolwe hud 
the same spectrum as the long-term average spectrum of the sentences, Thiy spectrum war 
adopted because speech is the most frequently and prominently interfering signal in normal 
listening situations. 

For each of the ten slope conditions, magnetic tapes were prepared with the sentences 
on one track and the noise on the other. Due to the limited dynamic range of the tape 
recorder (Tandberg Actilinear Studio Type TD 20) in combination with the negative slope of 
the speech spectrum, it was not possible to cover for the extreme slopes the very large 
differences in sound level over the entire frequency range, As a result, speech components 

for the -15 dBfoct and the -12 dB/oct conditions were masked beyond 1300 and 1700 Hy, 

respectively, and for the +12 dB/oct condition below 450 Hz. 

Twenty normal-hearing listeners (11 male and 9 female, age 20-28) participated as 

paid volunteers. When the subject did not express preference, the right ear was chosen as the 

test ear. None of the listeners had a pure-tone hearing level in the test ear of more than 18 

dB over the range 250-4000 Hz, nor did any listener have a history of ear pathology. 

The subjects listened to the stimuli monaurally yia a headphone in a soundproof room, 
The sentence lists were presented to the listeners in a fixed order, but with the ten conditions 
distributed differently over the lists according to a digram-balanced design per 10 listeners 
in order to avoid effects of learning and fatigue. 

The level of the sentences was adjusted according to an up-down adaptive procedure 
(Plomp and Mimpen, 1979). The masked SRT was defined as the speech-to-noige ratio in 
dB at which 50% of the sentences could be reproduced correctly. In order to use, for all 
conditions, signals that are near to 80 dB SPL, the signal-to-noise ratio was varied by elther 
changing the noise level or the speech level, whichever was lower. Since the SRT exprossed 
in speech-to-noise ratio is independent of absolute level (cf, Plomp and Mimpen, 1979b), the 
masked SRT is not influenced by this procedure. 

B. Results and discussion 

Values of the moun SRT in hols are given in Table I, with their standard deviations, 
and are plotted in Fig, 1, We see that SRT for the slopes from -6 to +9 dB/oet Je rather 
stable, It was verified (hat, for those dita points, the slope of the regression line dows not 
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Mlope Mean SRT in nolne Standard deviation 

(diVoot) (dB) (dB) 

Als 30.3 21.7 

“12 13 Ae 

a] “2,1 f 

6 “4.5 1.5 

A 4,2 1.8 

0 3,3 1.3 

as 5.3 i eal 
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"9 3515) Hy 
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ly from zero. 

ar A Rina factors can explain why the aa a values a ee ee slopes, 

egative ones, are higher than for the middle range of s : 

oe etme of tape noise, by which faint frequency components of the - 

were masked, Because the SRT in noise for sentences that are low-pass filtered with ee 

frequeney of 1500 Hz is about 4 dB higher than for those with a cutoff frequency of ieee 

(Pomp, 1986), the interference of tape noise has to be considered to be partly responsible fo: 

the higher SRT in noise values for the slopes of -12 and -15 dB/oct. ur Re 

(2) Upward spread of masking. For a low-frequency masker with an : 0 cs 

the slope of the masking pattern can be estimated to be -20 to -30 dB/oct (cf. E ee i 

Hoonuse the slope of the speech spectrum itself is -5 to -10 dB/oct, the substantia ae 

in masked SRT for the -15 dB/oct condition may be largely due to self-masking of the higher 

frequency components of the speech signal by the lower frequency components. abs 

(3) Unfamiliarity with the speech sounds. Whereas the previous two factors = fer t 

lous of information, we should not exclude the possibility that the listeners had difficu = in 

widerstanding the sentences in the steep-slope conditions because they sound so eee ‘a 

the everyday situation, Whether the scores can be improved by. training or _ = e@ 

extreme slopes, in particular -15 dB/oct, exceed the ear’s flexibility in spectral adaptation, 

n. 

ty iy Sats from this experiment that over a considerable range, from sen 

7 up to +10 dB/oct, the masked SRT of normal-hearing listeners dogs not systematically 

change with the slope of the amplitude-frequency response. This finding confirms the ad 

of the Articulation Index (French and Steinberg, 1947; Kryter, 1962a) that, as long as se 
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Fig. 1. Mean SRT in noise as a function of the slope of the amplitude-frequency response. 

masking is excluded, the SRT in noise depends exclusively on the speech-to-nolve rutlo, 

Il. EXPERIMENT 2: SINGLE SLOPE TRANSITION 

In this experiment, the slope of the amplitude-frequency response was varied one 
during the presentation of the sentence from a negative value to an equally large positive 
value or vice versa. 

A. Method 

The slope transitions were realised by means of four parallel octave bandpass filters 
of 250-500, 500-1000, 1000-2000, and 2000-4000 Hz, respectively, programmed digitally in 
a TMS 32010 signal processor (sampling rate 10 kHz), The amplification factor for each 
individual filter was controlled by a PDP-11/10 computer and updated at a 50-Mz rate. 

The slope varied once during the sentence from -10 to +10 dB/oct or from -5 0 45 
dB/oct, or vice versa, In the first condition, for example, the relative amplification faotors of 
the four successive octave filters changed ftom +15, +5, -5, and -15 dB, respectively, to 
“15, -5, +5, and +15 dB, respectively, The transition function was according to half 4 coulne 
along a dB scale, accomplished in 2, 1, 1/2, 1/4, or 1/8 8, corresponding to 1/4, 1/2, 1, 2, 
and 4 Hz, respectively, This resulted in 20 conditions (two slopes, two directions, five rates), 

The same sentences and noise as in experiment 1 were recorded on the two tracks of 
4 tape recorder. Their levels could be attenuated independently before they were mixed, 
digitized, and fed into the TMS 32010 signal processor, Since the average duration of the 
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' starting moment of the slope transition was adjusted so that the slope 

B/oct state exactly. 1s after the beginning of the sentence. 

1 of 20 normal-hearing listeners (10 male and 10 female, age 18-24) 

“ol 

  

transition time (s) 

Fig. 2. Mean SRT in noise for single transitions in the slope of the amplitude-frequency response, ] 
as a function of the transition time. Parameter is the range of slope transition, = A 

‘sa 
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The mean SRT in noise values for the 20 conditions are presented in Table fl, wa 

B. Results and discussion 

their standard deviations, and are plotted in Fig. 2, 7 

An analysis of variance (see Table III) showed that the effects of range and tranattlen i 

Table II. Mean effects and first-order interactions from an ANOVA on the results of experi 
2. 

  

Source 

  

Direction 
Range 
Transition time 

Listeners within direction 
Direction x range 
Direction x tr,time 
Range x tr.time  
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time wore significant, Whereas the effect of direction of slope change was not, The effect of 

listeners, neated within the variable direction, was also significant, 

‘The interindividual spread in masked SRT for conditions with a transition from 10 

fo +10 dii/oct was considerably higher than for a transition in the other direction (see Table 

IE), Thin suggests that a steep negative slope in the first half of the sentence introduced for 

some listeners an extra difficulty in completing the sentence (which was confirmed by their 

comments after testing). 
‘The results of this experiment indicate that, although varying the time for a single 

slope transition from one slope of the amplitude-frequency response to another has a 

significant effect on the masked SRT of normal-hearing listeners, this effect is still very small 

for transitions from 5 to +5 dB/oct, or vice versa. 

Yable 1V. Mean SRT in noise, expressed in speech-to-noise ratio, and standard deviation, for 

continuous slnuyoidal variations of the slope of the amplitude-frequency response (four variation 

frequencies, two ranges, and the average results for two conditions with a flat amplitude-frequency 

youponne; ten Hateners), 

  
  

  

  

  

5 < +5 dB/oct -10 <> +10 dB/oct 

Variation Standard Standard 

frequenoy Mean SRT deviation Mean SRT deviation 

(Hy) (dB) (dB) (dB) (dB) 

\/a “1.4 0.9 -0.1 1.2 

1/2 0.2 2.6 1.2 1.8 

| 4 1,2 2.6 2.5 

a 0.8 1.6 4.8 2.1 

Flat response 

Standard 

Mean SRT deviation 

(dB) (dB) 

(0 He) -2.0 Lis 
  

Til, EXPERIMENT 3: CONTINUOUSLY VARYING SLOPE 

In this experiment the effect of a dynamic slope variation of the amplitude-frequency 

‘Foaponne on the masked SRT for sentences was further explored by varying the slope 

~ eontinuously, 

A, Method 

Tho apparatus and atinulus matertal in thle ox ont were th 
experiment 2, The essential new element was that Se ts ake varled "eon 
according to # sinusoidal function along adi seule, with frequencies of 0.25, 0.5, 1, or 2 We 
The phase of the variation at the beginning of the sentence was random, Slopes varied 
between -10 and +10 dB/oct, or between «5 and #5 dB/oct, Together with wo eonditions 
with a flat amplitude-frequency response, this resulted in ten conditions, Again, a new group 
of ten normal-hearing listeners (4 male and 6 female, age 18-28) participated as pald 
volunteers in a digram-balanced design, The up-down procedure was the same ax tn 
experiment 1 with the overall level always near to 80 dB SPL, 

B. Results and discussion 

The mean values of SRT in noise are gi given in Table IV, 
deviations, and are plotted in Fig. 3. ae 

An analysis of variance, the results of which are presented in Table V, showed that 
the effects of range of slope variation and variation frequency were highly significant, 

Figure 3 shows that the curves for slope variations between -10 and +10 dB/oet and 
between -5 and +5 dB/oct diverge for increasing variation frequency, In general, we may 
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Table V. Moun effects and feiteorder Interactions from an ANOVA on the results of experiment 

  

  

—————— 

Sours Sumof df Mean F ratio p 

squares squares (%) 

Tange 120.0 1 120.0 43.4 0.02 

Variation frequency 129.5 3 43.2 17.1 0.00 

Listeners 1 9 7.8 2.6 2.5 

Tange x varfr, Zoe |S) 719 2.7 6.59 (n.s.) 

Range x listeners 24.9 9 2.8 0.9 51.62 (n.s.) 

Var. fh, * latenors 68.0 27 2.5 0.8 66.57 (n.s.) 

ee   

conclude that the SRT in noise increases gradually with variation frequency and more rapidly 

for the larger variations in slope. 

IV. GENERAL DISCUSSION AND CONCLUSIONS 

‘The three experiments reported in the previous sections show that the human ear is 

remarkably resistant to variations in the slope of the amplitude-frequency response. According 

{o experiment 1, constant slopes between about -7 and +10 dB/oct do not show a significant 

systematic effect on the masked SRT. 

In evaluating the effect of dynamic slope variations, the masked SRT for a flat 

dmplitude-frequency response, represented in Fig,3, should be the reference. The difference 

of 1.4. dit with the SRT for the flat amplitude-frequency response in Fig.1 must be attributed 

10 differences in the experimental set-up and is not relevant with regard to points in question. 

Comparison of the curves of Fig.2 with the flat-response reference of Fig.3 reveals 

that u single slow transition halfway through the sentence between -5 and +5 dB/oct has only 

an effect of 0.8 dB on the SRT in noise. The effect of shortening the transition time is not 

greater than about 1.3 dB. We may conclude that, for a single transition from -5 to +5 

di/oet or vice versa, the transition time is not critical. Figure 3 shows that this does not hold 

for continuously varying slopes. However, even in this case, the masked SRT increases with 

Joan than 1 dB for each doubling of the variation frequency. 

For varlations between -10 and +10 dB/oct, the situation is less favorable. In case 

of a single transition, the masked SRT is on the average 3.4 dB higher than for the smaller 

range (ig.2) and both for the single transition and the continuously varying slope, the SRT 

jnoreaies when speed is increasing (Figs. 2 and 3). 

In summary, we may conclude that the masked SRT for sentences is rather stable as 

Jong as the slope of the amplitude-frequency response remains within a range of about -7 to 

410 di/oct. For single transitions between -5 and +5 dB/oct, the transition time is not 

eritienl, whereas, for continuous variations in this range, the masked SRT is raised by less 

than 1.8 df for a variation frequency up to 1 Hz. 

eC   
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CHAPTER 3 

THE EFFECT OF VARYING THE AMPLITUDE-FREQUENC iy 
RESPONSE ON THE MASKED SPEECH-RECEPTION THRESHOLD 
OF SENTENCES FOR HEARING-IMPAIRED LISTENERS 

Janette N, van Dijkhuizen, Joost M, Pesten, and Reinier Plomp 
published in; Journal of the Acoustical Society of America 86, 621-628 (1989) 

ABSTRACT 

In an evaluation of frequency-dependent automatic gain-control systems in hearing aida, the 
effect of varying the amplitude-frequency response on the speech-reception threshold (SRT) 

for sentences in noise is studied for 20 hearing-impaired listeners. The noise has a spectrum 
identical to the long-term average spectrum of the sentences. Speech and noise are shaped by 

the same amplitude-frequency response; their spectra are varied relative to the bisector of os 
individual’s dynamic-range of hearing. In four experimental conditions, the effect of 4 
steady-state amplitude-frequency response is studied, Steepening the negative spectral slope 
of speech and noise appears to cause an increase of masked SRT, possibly due to irae 
effect of upward spread of masking, The effect of a single transition of the 
amplitude-frequency response between 10 and -10 dB/oct hal fway through the sentence seams 
to be related to the effect for the fixed -10-dB/oct condition, Two transition times are tested 
For a transition time of 0,25 s, the SRT is only little higher than for 1 s, The results cuggedt 
that the amplitude-frequency response may be varied in time without having a detrimental 
effect on the masked SRT of sentences for hearing-impaired listeners as long as strong! 
negatively sloping spectra are avoided, 7 
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INTRODUCTION 

A multichannel automatic gaincontrol (AGC) hearing aid, in which the 

frequency-dependent amplification adapts itself to the spectral parameters of the incoming 

sound, may optimally present speech within the dynamic range of the hearing-impaired 

lintenor, The amplitude-frequency response of such a hearing aid will vary in time and should, 

avcording to Plomp (1988), take about 0.5 s to adapt itself to a new acoustical situation. Such 

reuponse variations leave speech-to-noise ratios at different frequencies untouched since they 

affect both speech and noise, However, despite a physically constant signal-to-noise ratio, the 

speeeh-reception threshold (SRT) in noise may still be affected by the tilt of the 

amplitude-frequency response or by the rate of varying this response. 

In an earlier study (van Dijkhuizen et al., 1987) it was found that for normal-hearing 

\jstenors the SRT’ for sentences in noise is almost unaffected when the amplitude-frequency 

roaponse has & steady-state slope within a range between -7 and +10 dB/oct, or when the 

slope of the amplitude-frequency response is slowly varying in time between +5 and -5 

diW/oet. Given the results for normal hearing, a similar study is presently carried out with 

sensorineurally hearing-impaired listeners by investigating the effect of different steady-state 

and time-varying amplitude-frequency responses on the SRT of short meaningful sentences 

musked by noise, The noise has a spectrum identical to the long-term average spectrum of the 

sentences. Speech and noise are shaped by the same amplitude-frequency response. For 

optimal speech perception both in quiet and in noise, speech should be presented above 

threshold level and below the level of uncomfortable loudness over a wide range of 

{requeneles (cf, Skinner et al., 1982), Therefore, we use, as 4 baseline, speech and noise 

spectrally shaped for each individual listener according to the bisector of the dynamic-range 

of hearing (cf, Levitt, 1978), In all conditions with a spectral tilt, the variation is applied 

relative to this baseline. 

According to the concept of the articulation index (AT) (French and Steinberg, 1947; 

Kryter, 1962a), speech intelligibility is a weighted sum of "local" speech-to-noise ratios in 

4 series of filter bands covering the speech spectrum. For steep masker spectra, corrections 

have to be applied. Since in our experiment variations of the amplitude-frequency response 

do not affect speech-to-noise ratio, and also very steep spectral masker slopes are avoided, 

the change in articulation index over experimental conditions will generally be small, To our 

knowledge, studies on systematic variations of the amplitude-frequency response with 

hearing-impaired subjects, with speech and noise presented within the listener’s auditory range 

at all frequencies, have not been reported in the literature. 

1, METHOD 

Various steady-state and time-varying amplitude-frequency responses are realised by 

moans of four parallel octave filters of 0.25-0.5, 0.5-1, 1-2, and 2-4 kHz, respectively, 

programmed digitally in a TMS 320-10 signal processor (sampling rate 10 kHz). Six-pole 

elliptic filters with slopes of approximately 40 dB/oct are used. The gain in the four frequency 

hands ix controlled by a PDP-11/10 computer and, in time-varying conditions, updated at a 
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Fig. 1, Examples of spectral slopes in stead iti y-state conditions, expressed in octave-band 4 
non-shaded area represents the listener’s dynamic range of hearing, The bold anerieae i 
dynamic-range bisector. The thin and coe in and dashed curves represent -10 and +10 dB/oet relative to the 

eee output level is 122, 118, 110, and 103 dB for the four octave bands, 

For each listener, the auditory range, limited by the thresho PAR 
the level of uncomfortable loudness (UCL), is atlas cietatuneen ee 
noise separated by silent interyals of 100 ms, Thresholds are determined for each of the four 
octave bands according to a Békésy tracking procedure (step size | dB), UCL is determined 
according to a procedure in which the noise level is slowly increased with 1 dB for each new 
$00-ms burst, and the listener has to push a button when the noise |g experienced ja 
uncomfortably loud. Finally, the sound-pressure level corresponding to most-comfortable 
loudness (MCL) is determined by having the listener adjust the gain of a broadband nole 
ee with a spectrum identical to the long-term average spectrum of speech, ‘The 
oe - sa oa to select a level at which listening would still be comfortable for longer 

Spectral slopes of the experimental conditions will be expressed in dB/oet relative to 
the bisector of the listener's dynamic-range of hearing, With steady-state amplitude-frequene 
responses, the spectral slopes are 0, -10, and +10 dB/oct. An example of these slopes i 
given in Fig.1, In a fourth condition, the amplitude-frequency response is flat, with rani 
noise level fixed at MOL for the listener, In the time-varying conditions, the ilove changes 
once halfway through the sentence presentation according to half a ogi function sake i 
dB scale, Changes in slope are riding for one half of the listeners and fulling for the ae 

as 
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‘Table 1, Median levels with 28 and 75 peroantiion of pure-tone alr-conduction thresholds expressed 

in dD HL (20 hearlng-impalred Hateners), 

  

  

Frequency in kHz 

0.25 0.5 1 4 

39 25% 15 29 37 39 
Modian 21 34 42 - e 
15% 30 43 * 4 = 

el 

half, Two different rates of change are used (0.25- and 1-s transition times), and three 

different ranges of slope transition, i.e. from 10 to -10, 6 to -6, and 3 to -3 dB/oct, or vice 

vorsa. In one condition, for example, gain in the successive frequency bands changes from 

415, #5, -5, and «15 dB to -15, -5, +5, and +15 dB relative to the bisector of the dynamic 

range. In all conditions, noise levels are dictated by the measurement condition, and the level 

of the speech is changed relative to the noise in an adaptive procedure in order to determine 

the speech-reception threshold. 
For listeners with a small dynamic range, there are restrictions on the slope of the 

amplitude-frequency response, in order to avoid signals that are either too loud or too weak 

in some frequency regions. In the two extreme frequency bands, the gain is limited such that 

the noise level is always between (UCL - 10 dB) and (THR + 10 dB). In the twe center 

hands, one-third of the range between (UCL - 10 dB) and (THR + 10 dB) for those 

frequencies is used at most. In time-varying conditions, the shape of the variation always 

remains 4 cosine, For an equal dynamic range in all frequency bands, this leads to a similar 

gin ratio (3;1) between extreme and center bands as for listeners with sufficient dynamic 

range in each frequency band, The margin of 10 dB was maintained to ensure that also band 

levels for speech fall within the dynamic range over a sufficiently large range of 

Apeech-to-noise ratios. 
a 

‘Those restrictions on the amplitude-frequency response only became active in 

steady-state and time-varying conditions that involve a +10- or -10-dB/oct slope relative to 

the bisector. For all smaller slope variations, the dynamic range was large enough to allow 

the varlations of speech and noise in all frequency bands. Since in the MCL condition 

Jovel-preference of the subject is used, this is the only condition where speech and noise may 

be presented below threshold in one or more frequency bands. 

‘The speech material consists of ten lists of 13 short (8 or 9 syllables) everyday Dutch 

sentences spoken by a female speaker (Plomp and Mimpen, 1979a). Sentences and noise are 

recorded on different tracks of a magnetic tape so that their overall levels can be adjusted 

independently before they are mixed, digitized, and fed into a TMS 320-10 signal processor 

for adjustment of the amplitude-frequency response. The average duration of the sentences 

is 2.4, In the time-varying conditions, the onset of the transition from one spectral slope to 

another is adjusted so that 1s after the beginning of the sentence the spectral slope crosses 
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comfortable loudness (neeond row), os 
hearing-impaired subjects, determined for burwte of nolie, Mi 
determined for brondband nolve with a speeeh spect, 

  

  

Subj. Frequency in kHz Subj, Frequency in kHy 
nr 0.25-0.5  0,5+1 1-2 2-4 ne 0,25.0,5 05-1 1-2 24 

1 110 105 100 100 i 115 110 106 104 
17 73 65 58 81 77 69 62 

53 49 60 66 43 44 59 72 

2 94 91 99 96 12 114 113 105 97 

73 69 61 54 72 68 60 55 
34 36 53 63 64 53 39 M4 

3 105 98 92 92 13 118 116 105 103 

76 72 64 57 79 15 67 60 

35 48 48 43 59 59 58 56 

4 94 87 85 82 14 119 lll 110 103 
73 69 61 54 70 66 58 51 
46 41 48 48 71 65 67 61 

5 111 107 99 94 15 101 102 110 99 

84 80 72 65 68 64 56 49 

58 55 55 52 51 57 59 56 

6 120 116 106 103 16 115 110 106 100 

68 64 56 49 72 68 60 i) 

64 51 46 49 45 40 48 55 
7 120 115 110 103 17 113 110 106 104 

81 77 69 62 79 75 67 rr) 

39 64 44 44 53 47 56 ol 

8 118 110 104 102 18 115 112 104 100 
77 73 65 58 79 75 67 oO 

52 42 48 52 50 49 41 Al 

9 107 105 100 98 19 110 106 96 93 

714 70 62 55 719 715 67 ow 
40 41 44 25 50 46 43 47 

10 120 114 110 103 20 109 103 106 105 

81 77 69 62 $2 78 70 63 

32 46 50 35 56 59 61 vk 
Mean lil 107 103 99 

(20 16 72 64 57 

subj.) 50 50 51 52 
SS 

  

the shape of the bisector of the listener's dynamic range. 

Twenty listeners between 40 and 70 years of age with sensorineural hearing losses 
participate In the experiment as pald volunteers. For this group, the hearing loss for 
pure-tones averaged over 0.5, 1, and 2 kz, is between 30 and 55 dB at their best ear, and 
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Table T1, Cowve-band levels for nolve (in di SPL) in atondy state eonditions with spectral slopes 
of 10 (firwt row), O (Weoond row), and +10 dB/oct re: bisector (third row), prevented for 
individual hearing-impalred subjects, Since in the MCL-condition the amplltude-frequency response 
in flit, subtedotion of MCL, levels (Table 11) from the levels in steady-state conditions gives the 
wotuil amplitude-frequency responses, For some subjects, amplitude-feequency responses are 
limited by their dynamic-range of hearing. 

  

  

—— 

ub), Frequency in kHz Subj. Frequency in kHz 
nw 0,25-0.5 0.51 132 486-2 nr 0.25-0.5  0.5-1 2 2-4 

| 96.5 82.0 76.7 76.0 11 94.0 82.0 78.0 82.0 

81.5 77.0 80.0 83.0 19.0 THO 82:5 87.5 

66,5 72.0 83.3 90.0 64.0 72.0 87.0 93.0 

a 79.0 68.5 71.7 73.0 12 104.0 88.0 67.0 50.5 

OO, 63.5 76:0 79.5 89:0 83:0 72:0. 65.5 

49.0 58.5 80.3 86.0 74.0 78.0 77.0 80.5 

4 45.0 78.0 66,0 53.0 13 103.5 92.5 77.0 66.0 
70.0 73.0 70,0 67.5 88.5 87.5 81.5 79.5 

55.0 68.0 74.0 82.0 W:S 82:5 86.0 93.0 
A 84.0 68.3 63.7 58.0 14 109.0 92.3 84.7 71.0 

70.0 64.0 66.5 65.0 95.0 88.0 88.5 82.0 
$6.0 59.7 69.3 72.0 81.0 83.7 92.3 93.0 

4 995 86.0 73.0 62.0 15 91.0 83.7 79.5 66.0 
Rais 810 77.0730 76.0 79.5 84.5 77.5 
69.5 76.0 81.0 84.0 61.0 75.3 89.5 89.0 

6 107.0 885 71.0 61.0 16 95.0 80.0 72.0 65.0 

92.0 83.5 76.0 76.0 80:0 75.0. 77.0 72S 

77.0 785 81.0 91.0 65.0 70.0 82.0 90.0 

7 94,5 94.5 72.0 58.5 17 98.0 83.5 76.0 71.0 

19.5 89.5 77.0 73.5 83.0 78.5 81.0 82.0 
64,5 84.5 82.0 88.5 68.0 73.5 86.0 93.0 

4 100.0 81.0 71.0 62.0 18 O75 «85:5 (67:5 S55 
85.0 76.0 76.0 177.0 82.5 80.5 72.5 70.5 
0 71.0 81.0 92.0 67.5 75.5 77.5 85.5 

9 88.5 78.0 67.0 46.5 19 95.0 81.0 64.5 57.0 
fae 30 «720 «61:5 80.0 76.0 69.5 70.0 
58.5 68.0 77.0 76.5 65.0 71.0 74.5 83.0 

10 910 85.0 75.0 54.0 20 97.5 85.0 79.3 83.0 

76.0 80.0 80.0 69.0 82.5 81.0 83.5 88.0 

61.0 75.0 85.0 84.0 67.55 77.0 87.7 93.0 

Moun 95,5 83.2 72.6 63.6 

(20 80.6 78.3 77.2 75.3 

subj.) 65,7 73.5 81.7 86.9 

  

alr-bone gap is always less than 10 dB between 0.25 and 4 kHz. A statistical survey of the 
puretone thresholds is given in Table I, Performance functions for monosyllables in quiet 

  

| rouchos ut leant 90% nagetiettiiioren. levels of THR, UCL, and MCL for 
octave-bands of noine are given for aaeh Individual Hatenor in Table TH, Inthe 12k and 2 
4kHz bands, UCL Is equal to Mmaxtiniin output of the system for four and eight listeners, 
respectively, The width of the dynamo range, averaged over all listeners, is 61, 57, $2, and 
47 dB, for the octave bands from low to high, respectively, 

Sentences in nolse wre presented monaurally to the listener's best ear over a 
headphone in & soundproof room, ‘The ton lists of sentences are presented in a fixed order, 
In the time-varying conditions, the spectral slope varies from negative to positive for subjects 
| to 10, and from positive to negative for subjects 11 to 20, The ten experimental conditions 
are distributed over the lists according to a digram-balanced design per ten listeners in order 
to avoid the effects of learning and fatigue in the average results, SRT in noise is defined as 
the speech-to-noise ratio at which the listener reproduces 50% of the sentences without 4 
Single error, Speech-to-noise ratio is varied by adjusting the level of the sentences relative to 
the level of the noise in an adaptive up-down procedure with a step size of 2 dB (Plomp and 
Mimpen, 1979a). 

Table [II gives octave-band levels for steady-state conditions with spectral slopes of 
-10, 0, and +10 dB/oct relative to the dynamic-range bisector. Since octave-band levels {or 
speech vary with speech-to-noise ratio, only levels for noise are presented. It can be inferred 
from this table that the dynamic range in the higher frequencies is often too small for the moat 
extreme slope conditions, The average gain relative to the bisector in the octave-hand from 
2 to 4 kHz is 11.7 dB instead of 15 dB as prescribed for the 10-dB/oct condition. 
Octave-band levels for the noise in the MCL condition are given in Table II, For timeevarylig 
conditions, the limits of octave-band levels can be read from Table III for the + 10> to AO 
dB/oct slope transitions. For the smaller slope transitions (+6 and +3 dB/oct) these levels 
can be generated easily by applying the appropriate slopes relative to the spectra in the 0» 
dB/oct condition. 

II. RESULTS AND DISCUSSION 

A. Steady-state amplitude-frequency response 

The SRT in noise for steady-state amplitude-frequency responses is given in Table lV 
for each listener. Average thresholds for 20 listeners with standard deviations are plotted Ih 
Fig.2. The lowest speech-reception thresholds are found for the bisector condition. In thls 
condition, the average slope of the amplitude-frequency response for our group of listeners 
is +4.57 dB/oct. This slope agrees well with frequent recommendations in the literature 
stating that a slightly rising hearing-aid characteristic gives the best performance (cf, Bralda 
et al., 1979). However, because this study was not set up to find the optimal slope for 4 
hearing-aid frequency response, the limited number of slope conditions tested precludes any 
precise statement about an optimal slope, Lutman and Clark ( 1986) and Haggard et al, (1986) 
compared a flat amplitude-frequency response with a response of +9 dB/oct, which 
corresponds roughly (0 conditions with # positive and negative slope of 4.5 dB relative to the 
bisector, They found no differenee in masked SRT between the two slopes for hearing. 

 



    
    

impaired listeners, Although test procedures are not (dentleal, fuggeste 4 plateau 

in the SRT ueve around the bisector condition, 

‘Aw stated above, the normal speech spectrum has a slope of about 4.6 dB/oct relative 

to the bisector, Therefore, the normal slope of the speech spectrum is generally more strongly 

modified to obtain the +10-dB/oct condition re: the bisector than for the -10-dB/oct 

condition, especially for listeners with increasing thresholds of hearing towards higher 

_ Nevertheless, the average SRT in noise in the + 10-dB/oct condition is raised by 

only | dB relative to the SRT for the bisector condition, whereas, in the -10-dB/oct condition, 

average SRT in noise is raised by 5.8 dB with a large interindividual spread. 

Although the MCL condition is the only one in which the slope of the speech 

apectrum remains unchanged, the masked SRT for this condition is surprisingly high. Halfway 

between the 0 and -10 dB/oct relative to the bisector, the amplitude-frequency response would 

‘Table TV, SRT in noise, expressed in speech-to-noise ratio (dB), for steady-state conditions as a 

funotion of spectral slope. Results are presented for individual hearing-impaired subjects. 
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Spectral slope in dB/oct 

Subj, re: dynamic-range bisector 

ar -10 0 +10 MCL 

| -0.6 -1.4 -1.4 4.6 

2 -0.2 -2.6 1.0 5.4 

3 4.6 -1.4 2.2 9.4 

4 -1.0 -0.6 3.0 3.0 

5 3.8 -1.0 -0.6 4.6 

6 74 -L.0 1.8 5.0 

1 4.6 -1.8 1.8 5.4 

4 7.0 3.4 1.8 5.8 

9 9.8 0.2 -0.2 2.6 

10 5.8 -0.6 2.2 7.0 

il 0.2 -2.2 -2.2 4.6 

12 10.6 -1.0 -3.4 1.4 

13 5.4 -0.6 -2.2 0.2 

14 10.6 1.8 1.8 12.6 

18 3.4 -1.3 1.8 10.6 

16 18 -1.4 -~0.6 4.2 

7 7.0 2.6 1.0 6.2 

18 8.2 0.6 -1.4 1.0 

19 7.8 0.2 0.6 3.4 

20 3.3 -1.8 3.4 5.8 

Moan 5.3 -0.5 0.5 5.1 

ad 3.6 1.6 1.9 3.) 

—— 

40 
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slope re dynamic—range 
bisector (dB/oct) 

Fig. 2 Mean SRT in noise (20 listeners), with standard deviations, for steady-state 

amplitude-frequency responses (in dB/oct relative to dynamic-range bisector, except for MCI), 

have been approximately flat as in the MCL condition, but the masked SRT for such # 

condition, obtained from linear interpolation, is about 3 dB lower than for the MCL 

condition. The relatively high SRT in noise and large spread among listeners in the MCL 

condition may be partly due to the fact that speech and noise above 2 kHz are presented near 

or below the threshold of hearing for nine listeners (see Table Il), For normal-hoaring 

listeners, the masked SRT for low-pass-filtered speech is about 2.5 dB higher for a cutoff 

frequency of 2 kHz than for 4 kHz (Plomp, 1986). 

A factor that may explain the high SRT in noise values for the -10-dB/oct condition 
is masking of high-frequency speech components by intense low-frequency components of 

speech and noise. For a low-frequency masker with an average overall SPL of 87 dh, Jerger 
et al. (1960) found a slope of the masking pattern of about -6 dB/oct for hearing-impaired 
listeners. For normal-hearing listeners in similar conditions, this slope can be estimated to be 
-20 to -30 dB/oct (cf. Ehmer, 1959). It follows that even for the normal speech spectrum with 

a slope between -5 to -10 dB/oct, like in the MCL condition, masking of high-frequeney 

components by signals in the lowest frequency band may have occurred, From measurements 

of psychoacoustical tuning curves, Lutman and Clark (1986) concluded that the listeners with 
more upward spread of masking from frequencies below 500 Hz had better speech 

intelligibility scores for a rising than for a flat amplitude-frequency response, 

Only in the «10-dB/oet rey bisector condition, where the average slope of the spectrum 

is -10,63 dB/oet (Noe Table Il), masked SRT correlates with this spectral slope (re -0, 40, 
N=20), It also appoars that the masked SRT in this condition correlates with noise level in 
the 0.25-0.5kH# band (0,56, Ne 20), Hoth spectral slope and presentation level of the



noise In our experimental conditions depend on the shape of the auditory range of the listener, 

40 both correlations could have this shape as their common origin, However, If we assume 

that SRT in noise is Independent of the shape of the auditory range as long as speech and 

nolse are presented well within this range, then the above correlations support the hypothesis 

that it is the upward spread of masking which becomes more effective with steepening the 

fiegative spectral slope and increasing the presentation level. For the flat and +10-dB/oct 

conditions, very strong low-frequency components do not occur. 

Calculations of the articulation index (Kryter, 1962a; one-third-octave-band method) 

are performed for each listener under steady-state conditions with spectral slopes of -10, 0, 

and +10 dB/oct re: the dynamic range bisector. Figure 3 shows the relation between masked 

SRT and the corresponding AI for these three slope conditions. The SRT represents the 

signaltornoise ratio at which 50% of the sentences is correctly reproduced. According to 

ANSI (83.5-1969), this intelligibility score for sentences roughly corresponds to an AI of 0.2 
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Hig. 4. Relation between masked SRT, representing 50% correct sentence reproduction, and the 

articulation index (Kryter, 1962a; one-third-octave-band method), for 20 hearing-impaired listeners 

und three steady-state slope conditions (v, 9, and a, for -10, 0, and +10 dB/oct relative to the 

dynamlo-tange bisector, respectively). The dashed line represents the linear relation between . 

ind speech to-noise ratio for a flat amplitude-frequency response and an overall noise level of 

df SPL. Along this line, the correction for spread of masking is constant. 
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but may vary sone ‘lal, talker, and lstener group, Vor the talker and 
spool material H aid # signal limited between 0,25 and 4 key, 
normal-heaeing Hateners aly 1% lntelligibility at a signal-to-noise ratio of 2.0 di with 
4 standard deviation of 1.5 04 (jee yan Dijkhuizen et al, 1987), ‘The corresponding Al is 
0.31 with a standard deviation of 0.05, However, for hearing-impaired listeners and for the 
slope conditions tented In this experiment, the AI calculated for the signal-to-noise ratlo at 
threshold varios over a much brouder range, both for the average results of conditions and 
for the individual listeners. Singe the noise is above threshold in all frequeney bands and for 
all conditions, Al Increases lineurly with the speech-to-noise ratio between 12 and +18 dil, 
as long as corrections for spread of masking are constant. The deviations of AI from a Hneur 
relation (dashed line) in Fig, 3, all due to the correction for spread of masking, occur mainly 
for negative spectral slopes but are much too small to account for the observed varlubility in 
the SRT data. Whereas in Kryter’s method weighting factors are highest for signal-to-noise 
ratios in frequency bands around 1.6 kHz, a stronger weighing in low-frequency bands may 
be more appropriate for sentences (cf. Pavlovic, 1987). However, a shift of the weighing 
towards lower frequencies is a shift to a region where the role of upward spread of masking 
is less. As a consequence, this would bring the symbols in Fig.3 even closer to the dashed 
line. Tt follows that the articulation index grossly overestimates speech intelligibility in nolie 
for the hearing-impaired listeners in our experiment, particularly for the negative speetral 
slope condition. However, articulation theory was not designed to describe hearing 
impairment. From the large effect on the masked SRT in the negative slope condition, whieh 
is not seen in the AI, it can be concluded that excessive upward spread of masking in 
impaired ears probably accounts at least for part of the variability in the data, 

B. Single transition of the amplitude-frequency response 

The SRT in noise for time-varying amplitude-frequency responses js given for 
individual listeners in Table V, and mean thresholds for 20 listeners with standard deviations 
are plotted in Fig. 4. An analysis of variance (see Table VI) shows no significant effect of 
direction of the slope transition. Therefore, the data can be averaged over the two subgroups 
of ten listeners. The effect of the variable listeners nested within direction, and the effeet of 
range of transition are highly significant, and are the main sources of variance, The masked 
SRT increases almost linearly with range of transition. Varying the spectra of speech and 
noise once halfway through the sentence from +3 to -3 dB/oct relative to the auditory range 
bisector, or vice versa, gives an increase of mean masked SRT of less than about 2 dB. The 
SRT in noise for the conditions with the largest transition range (+10 to -10 dB/oct, or view 
versa) shows a larger interindividual spread than for other time-varying conditions, The effeet 
of reducing transition time from 1 to 0.25 s is also significant, but on the average, less than 
1 dB for the lower two transition ranges and about 1.5 dB for the largest transition range. A 
similar result was found for normal-hearing listeners (van Dijkhuizen et al,, 1987), 

A comparison of Tables TV and V shows that the mean SRT in noise for the largest 
slope transitions Js much closer to the reyults for the -10-dB/oct steady-state condition than 
to the + L0-dB/ogt condition, The masked SRT for the largest transition range and for both 
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Pe haps Inset transition 
te bisector (AB/oct) re 

ed a +6 «+> +10 +—>-3 

a trans.time  trans,time trans.time trans.time trans.time 

(s) (s) : (s) (s) (s) 
LPP oe 1 1/4 End Vi Ane i 1 
  

0.2 0.2 
3.8 0.2 

2.2 0.6 
3.0 3.8 
2.6 

  

/(N=20)). It sinuses that masked SRT for conditions with a single easier of 

I slope is related to masked SRT for the steady-state negative spectral slope, 

one of the range limits of transition. Probably, the masked SRT for 

single transition of spectral slope halfway through the sentence is determined 

elligible half. It should be remembered that the adaptive up-down procedure 

duction of the entire sentence without a single error for a correct response. 

ai " B 

dt wish bir i) i ~hifreniv 

cto ions 

  

cS) Ok 10, 

range of slope transition 

re dynamic-range bisector (dB/oct) 

Fig. 4. Mean SRT in noise (20 listeners), with standard deviations, for a single transition of the 
amplitude-frequency response, as a function of range limits of slope transition (in dB/oot relative 
to dynamic-range bisector). Parameter is transition time in seconds. The triangle represents masked 
SRT for the (steady-state) bisector condition (from Fig. 2). 

-3 and +10 dB/oct relative to the bisector, masked SRT is not increased by more than 2 dB, 
Indications are found that steepening the negative spectral slope of speech and noise beyond 
this range increases the risk of upward spread of masking, depending on steepness of (he 

Table VI. Mean effects and first-order interactions from an ANOVA on the results for 4 single 
transition of the amplitude-frequency response. 
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Direction 3.9 

Listeners within direction 319.6 
Transition time 
Range 
Direction x tr.time 

Direction x range 
List. x tr.time 

List. x range 3.6 2.0 0,02 
Tr.time x range 5.6 3.2 
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epectrum and on provenution level, Alto, for time-varying condiions, when single 
‘transition of the slope between -3 and +3 dBfoct relative to the dynamle-range bisector Is 
‘applied halfway through the sentence, the increase of masked SRT is lone than about 2 dB, 

“The SRT in noise in conditions with slopes varying in time between +10 and 410 dB/oct 

rolative to the bisector appears to be clearly correlated with the SRT for a steady-state slope 

of -10 dB/oct, Also the mean thresholds in both conditions are at comparable levels. This 

strongly supports the notion that, for the range of variations investigated, the SRT is mainly 

determined by the least intelligible part of the sentence without a substantial contribution due 

to the variation itself, 
Referring to results for both time-varying and steady-state conditions, we may 

wonclude that yarlations of the spectrum do not seriously affect masked SRT as long as a 

‘hogitive state of the spectral slope does not exceed roughly -3 dB/oct relative to the auditory 

‘range bisector, ‘The steepness of the positive slope in the time-varying conditions does not 

‘Agom to be very critical, 
The regults are promising for the success of a frequency-dependent automatic 

guin-control in hearing aids, Disturbing sounds usually have their strongest components at the 

Jowor frequencies and, consequently, will frequently call for a rising amplitude-frequency 

response, Finally, a reduction of the transition time from 1 to 0.25 s gives an increase in the 

masked SRT of, on the average, about 1 dB. This small increase of threshold may be 

attributed to loss of intelligibility due to the variation itself and it is an indication that short 

time constants for transitions of the amplitude-frequency response should be avoided. 
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ABSTRACT 

Within a study on the merits of a multichannel automatic gain control in hearing alda, the 

effect of frequency-selective amplification on the masked speech-reception threshold (SRT) 

for sentences is measured in conditions of seriously disturbing low-frequency noise, with the 

effect of wideband amplification as a reference. Speech and noise are both spectrally shaped 
according to the bisector line of the listener’s dynamic-range of hearing, but with the nolae 

ina single octave band (0.25-0.5kHz or 0.5-1kHz) increased by 20 dB relative to this line, 

The increase of noise level is steady-state in the first experiment, and time-varying In the 
second experiment, Results for 12 normal-hearing and 12 hearing-impaired listeners indicate 

that, in both experiments, frequency-selective compression of the signal in the octave band 

with, the 20-dB increase of noise is more beneficial than wideband compression, Vor the 
hearing-impaired group, wideband compression does not give any systematic change |n 

intelligibility. Frequency-selective compression in steady-state conditions may, for both groups 
of listeners, give a decrease of masked SRT (relative to a condition without compression) of 

up to 4 dB for a compression factor of 100%. Roughly comparable effects are seen for 

frequency-selective compression in time-varying conditions, The superiority of frequeney- 

selective over wideband compression is attributed to a more effective reduction of upward 

spread of masking. 

   



INTRODUCTION 

A multichannel automatic gain-control (AGC) hearing ald, ih whieh the 
frequency-dependent amplification adapts itself automatically 10 the spectro-temporal 
parameters Of the Incoming sound, can optimally adapt the level and spectrum of the signal 

to the reduced dynamic range of the impaired ear, In such a hearing ald, the speech signal 

in the different frequency bands is favorably presented within the dynamic range of hearing 
fo that maximal audibility of the speech can be obtained. At the same time those frequency 

bands that do not contribute to intelligibility, because the speech in these bands is masked by 

nolie, should be attenuated. This may improve listening comfort and reduce the potential 

effeot of spread of masking to other frequency regions (cf. Festen et al., 1990; Kates, 1990), 

without eliminating any useful contribution to speech intelligibility. Because in practice noise 

spectra vary in time, the amplitude-frequency response of such a hearing aid will vary along 

with the current noise spectrum, preferably taking about 0.25-0.5 s to adapt itself to (gross) 

changes in the acoustical situation (Plomp, 1988). For shorter durations, as used in syllabic 

compression, no conclusive results have been reported (cf. Braida et al., 1979). However, 

aliort attick and release times of compression will reduce the intensity contrasts of speech 

within each frequency channel, and this may affect the speech-reception threshold negatively 

(Plomp, 1988), 
With wideband rather than frequency-dependent gain control, a strong low-frequency 

nolde would automatically reduce the gain for all frequencies equally, easily resulting in 

reduced audibility of higher-frequency speech components. Particularly when the listener’s 

houring levels differ over the frequency range, as in a high-frequency hearing loss, adjusting 

i Wideband amplification factor does not provide an adequate adaptation of the incoming 

signal to the reduced dynamic range of the hearing-impaired (Plomp, 1988). 

Because the variations of the amplitude-frequency response affect both speech and 

interfering noise, speech-to-noise ratios in the different frequency bands remain unchanged. 

However, in spite of a constant speech-to-noise ratio, the speech-reception threshold (SRT) 

in noise may still be negatively affected by the shape of the amplitude-frequency response or 

by Its rate of change. This problem was investigated in earlier studies with normal-hearing 

and hearing-impaired listeners (van Dijkhuizen et al., 1987 and 1989), where the noise had 

4 spectrum identical to the long-term average spectrum of the sentences. This corresponds to 

the frequent situation in listening where the human voice itself is the interfering sound. For 

normal-hearing listeners van Dijkhuizen et al. (1987) found that the SRT for sentences in 

Holse is practically unaffected when the slope of the amplitude-frequency response is 

steady-state within a range between -7 and +10 dB/oct, or when this slope is slowly varying 

in time between -5 and +5 dBfoct. Further steepening the falling slope of the 

amplitude-frequency response appears to increase the risk of spread of masking. For 
hearing-impaired listeners van Dijkhuizen et al. (1989) found that, in conditions with 

toudy-atute and slowly varying amplitude-frequency responses, the increase of masked SRT 

is lean than 2 dB, provided the negative slope of the speech and noise spectrum is not steeper 
than -3 dB/oct relative to the line bisecting the ear’s dynamic range. Steeply rising amplitude- 

frequency responses do not have a critical effect on the SRT, Because most disturbing noises 
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1970), adjusting « rlalig Newey 
of improving listening comfort 

‘The robustneny of gpeeeh intelligibility for normal and impaired listeners under 
variations inthe amplitudes TeApPONAG, referred to above, is promising for the success 

of frequency dependent automutle galn control in hearing aids, The question that follows is; 
how large is the beneflelal effeet on intelligibility, by reduction of spread of masking, of 
adjusting the amplitude-frequency response in situations of seriously disturbing noise with 4 
narrow-band maximum? Spread of masking caused by such a masker spectrum particularly 

manifests itself from lower to higher frequencies (upward spread of masking), and tends to 

grow progressively with signal level (cf. Bilger and Hirsh, 1956). Several investigators have 

reported greater than normal upward spread of masking in listeners with a sensorineural 

hearing impairment (cf. Jerger et al., 1960; Rittmanic, 1962), although others have stressed 

that results may vary considerably among listeners, and depend strongly on the measure used 

to describe excessive spread of masking (Martin and Pickett, 1970; Tyler, 1986). 

This paper presents the results of a study on the above-mentioned question. This study 

was Carried out for groups of normal-hearing and sensorineurally hearing-impaired listeners 

by investigating the effect of adapting frequency-selective versus wideband compression on 

the masked SRT of short meaningful sentences. The noise had a spectrum identical to the 

long-term average spectrum of the speech, except that in one low-frequency octave band its 

level was substantially raised. Speech components within that noise band could not contribute 

to intelligibility, Compression was applied to the combined signal of speech and noise, 

For optimal speech understanding both in quiet and in noise, speech should be 

presented above threshold level and below the level of uncomfortable loudness over & 

frequency range that is as wide as possible (cf. Skinner et al., 1982). Therefore, as the basie 

"input" to all frequency-selective and wideband conditions, we used speech and noise 

spectrally shaped for each individual listener according to the line that bisects his/her dynamle 

range of hearing, limited by the threshold of hearing and the level of uncomfortable loudness 

(cf. Levitt, 1978; van Dijkhuizen et al., 1989). In a single low-frequency octave band, 

however, the noise level was increased by 20 dB relative to this bisector line. This increase 

was either steady-state (Experiment 1) or time-varying (Experiment 2), Compression was 

applied by adjusting the gain in relation to the change in SPL of the total input signal in the 

specified frequency band (narrow or wide), and, as a result, will be steady-state in 

Experiment | and time-varying in Experiment 2. The compression factor was varied ’s8 an 

experimental parameter. 

According to the concept of the Articulation Index (French and Steinberg, 1947), 

speech intelligibility is proportional to the weighted sum of speech-to-noise ratios in a series 

of filter bands covering the speech spectrum. For steep masker spectra, the calculation of the 

AI includes corrections for effects of spread of masking, validated for a set of experimental 

data from normal-hearing listeners (Kryter, 1962b). For conditions of speech presented In 

low-pass noise with a level 12 dB above the speech level, Festen et al, (1990) used the Al to 

illustrate the benefieial effeet Of selective attenuation of speech and noise in the pass-band of 

the noise to a Level below the Onset Of Upward spread of masking. According to articulation 

39 

 



  
frequency (kHz) 

stay Vixample of how spectra for speech 
1 curve) and noise (solid curve) were 

h shaped according to the bisector line 
(wolld curve) of the listener's dynamic range of 

(non-shaded area), Spectra are 
in octave-band levels. Speech-to- 

we ratio (as determined by the adaptive 
threwhold-eutimation procedure) in this example 
in dM, SPLs in the four octave bands from 

10 high are for speech: 86, 82, 80, and 87 
dit, and for noise: 84, 80, 78, and 85 dB, 
respectively, SPLs for the total signal, obtained 
by summing the intensities of speech and noise, 
tae 84.1, 82.1, and 89.1 dB, for the four 

binds from low to high, respectively, 
92.8 dBi for the wideband signal. 

* 

    

frequency (kHz) 

Fig. Ib, As Fig. la, however, with the noise 
in the 0.25-0.5kHz band raised by 20 dB 
relative to the bisector. SPLs in the four octave 
bands from low to high are for speech: 86, 82, 
80, and 87 dB, and for noise: 104, 80, 78, and 

85 dB, respectively. SPLs for the total signal 
are now: 104.1, 84.1, 82.1, and 89.1 dB, for 

the four octave bands from low to high, 
respectively, and 104.3 dB for the wideband 
signal. The increase in signal level can be 
determined by subtracting the corresponding 
levels in Fig. 1a, and is 104.1-88.1 = 16 dB 
for the noisy octave band 0.25-0.5kHz, and 
104.3-92.8 = 11.5 dB for the wideband signal. 

For a compression factor of 0%, the increase 

in signal level is not compressed, and thus, the 

spectra presented in this figure remain 
unchanged. 

        

theory, ‘speech Components in this noise band have no useful contribution to speech 

perception, Por an overall SPL of the noise (cut-off frequency 1 kHz) between 80 and 100 
UB, they. calculated a predicted improvement of intelligibility that is comparable to a wideband 

Therese of speech-to-noise ratio between about 1.5 and 7.5 dB. For hearing-impaired listeners 

AL was shown (van Dijkhuizen et al., 1989) that, particularly in conditions with steep 
“hogutively sloping spectra of speech and noise, the spread-of-masking corrections in the 

quleulation of the Al are far too small to account for the observed variability in masked SRT. 
‘Tt was concluded that, because articulation theory was designed to describe normal hearing, 

Mt part of the variability in the data should be assigned to greater than normal upward 

4 of masking in impaired ears, For hearing-impaired listeners, therefore, the expected 
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frequency (kHz) 

  

frequency (kHz) 

Fig. Ic. As Fig. 1b, with 100% frequency- Fig. 1d. As Fig. 1b, with 100% widebund 
selective compression applied to speech and compression applied to speech and nolse, 
noise. Because the increase of signal level in Because the increase of the wideband slgnul 
the noisy octave band 0.25-0.5kHz is 16 dB level is 11.5 dB (see legends of Fig, 1b), the 
(sce legends of Fig. 1b), the compression compression applied to the wideband signal te 
applied to the signal in this band is also 16 dB also 11.5 dB (indicated by the length of the 
(indicated by the length of the arrows). arrows). 

benefit of selective compression of the frequency region of the noise may be larger than for 

normal-hearing listeners, but will depend strongly on the individual listener's upward spread 

of masking. 

Several studies, aimed at evaluating a single sophisticated technique of adaptive 

filtering, have been carried out in the past, reporting modest improvements of speech 

intelligibility in low-frequency noise (van Tasell et al., 1988; Stein and Dempesy-Hart, 1984; 
Ono et al., 1983). However, experiments on systematically and exclusively varying the gain 

to be applied, with speech and noise at all frequencies and in all conditions presented wall 
within the listener’s auditory range, have, to our knowledge, not been reported in the 

literature. 

1. EXPERIMENT 1: STEADY-STATE CONDITIONS 

A. Method 

Various stondy state spectra for speech and noise were each realised by a set of four 
parallel octave filters of 0,250, 5, OSL, 12, and 2-4 kHz, programmed digitally in a TMS 
320-10 signal processor vampling ing rate 10kHz), Six-pole elliptic filters with slopes of 
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roshold of hearing 
i prio ng using 300-ms bursts 

Hitered white noise separated bi silent ieee of 100 ms. Por each of the four 
ands, thresholds were determined according to a Békésy traoking procedure (step size 
Incomfortable loudness levels were determined according to a procedure in which the 

  

   

    

   

      

hapes speech and noise spectra according to the bisector line of the listener’s 

ie range of hearing, Ina single octave band, between 0.25 and 0.5 kHz or between 0.5 
ie kHz, however, the noise level was increased by a constant 20 dB relative to the 

ix . Mor each new sentence, the overall level of speech was changed relative to the noise 

= adaptive procedure in order to determine the SRT. In conditions with 

t - frequency-selective compression, amplification in each of the four octave bands was 

be Independently ‘idjusted to changes in signal level in the respective band. In conditions with 

‘wideband compression, a single amplification factor, that affected all frequencies between 

0.25 and 4 kHz equally, was adjusted to changes in the wideband signal level. For each 
‘spedel-to-nolse ratio during the adaptive threshold-estimation procedure, amplification factors 

wore computed once on the basis of the level of the total signal (consisting of speech plus 

Hole), Measured in octave bands or wideband (depending on the experimental condition), and 

held constant for the duration of the sentence, Amplification factors were such that the level 
Anorense due to the extra 20 dB of noise was not compressed (0%), compressed to its half 

(S0% in dB), or fully compressed (100%), over the specified band (octave or wide). 
Tixamples of speech and noise spectra are given in Figs. 1a to d. 

‘Two different octave bands containing the extra 20 dB of noise (0.25-0.5kHz and 

O.S-1kilz), two types of gain control (frequency-selective and wideband), and three 

compression factors (0, 50, and 100%), gave ten different experimental conditions (0% 

Gomipression conditions were equal for both types of gain control). In the reference 
+a 

I, Mean pure-tone air-conduction thresholds with their standard deviations, expressed in dB 

  

  

Sb) hearing-impaired listeners). 
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i Frequency in kHz 
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HEARING-IMPAIRED 

Frequency in kHz 
0.25-0.5 05-1 1-2 24 
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16 6 2 4 63 59 57 14 
3 lll 99 96 95 3 117 117 110 110 
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("bisector") condition, speech and noise were shaped according to the dynamic-range bisector, 

In a final ("normal") condition, we used speech without spectral shaping according to the 

dynamic-range bisector, masked by a noise with the same spectrum as the speech, In this 

condition, overall noise level was such that in all octave bands levels were at least 20 dB 

above the listener's threshold. 

The speech material consisted of 12 lists of 11 short (8 or 9 syllables) everyday Duteh 
sentences spoken by a eels speaker (Plomp and Mimpen, 1979), Because only 130 
sentences were avallil ) HONKONEes Were presented twice in different lists, Sentences and. 

a 
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nolve were recorded on different tracks of & fl 
be independently varied and they could be Independently fed Into a TMS 320-10 signal 
provessor, before they were mixed, Amplification factory in the different filter bands were 
updated for each new sentence in order to realise the appropriate shaping of speech and noise 
spectra together with the desired compression. 

Twelve normal-hearing listeners (age between 20 find 29 years), and twelve listeners 
with & sensorineural hearing impairment (age between 36 and 70 years), participated in the 
experiment a8 paid volunteers, For the normal-hearing group, pure-tone thresholds between 

(0.25 and 4 kHz were below 15 dB HL. For the hearing-impaired group, the hearing loss for 

pure tones averaged over 0,5, 1, and 2 kHz was between 39 and 57 dB for their best ear, and 

alr-bone gap was less than 10 dB between 0.25 and 4 kHz. Average pure-tone thresholds with 

standard deviations for this group are given in Table I. Performance scores for monosyllables 

In quiet reached at least 90% intelligibility, Hearing thresholds and levels of uncomfortable 

loudness for octaye bands of noise are given in Table II for individual listeners of both 

groups, The auditory range, averaged over the normal-hearing listeners, was 101, 105, 103, 

and 96 dB, for the octave bands from low to high, respectively. Averaged over the 

hearing-impaired listeners, this range was 67, 66, 60, and 53 dB, respectively. 

Sentences in noise were presented monaurally to the listener’s best ear over a 

headphone in a soundproof room. The twelve lists of sentences were presented in a fixed 
order, ‘The twelve experimental conditions were distributed over the lists according to a 
digram-balanced design per twelve listeners (Wagenaar, 1969) in order to avoid the effects 
of learning and fatigue in the average results. The speech-reception threshold in noise 
represents the speech-to-noise ratio (in the frequency bands not containing the extra 20 dB of 

nolve) at which the listener reproduced 50% of the sentences without a single error. 
Speech-to-noise ratio was varied by adjusting the level of the sentences relative to the level 
of the noise in an adaptive up-down procedure with a step size of 2 dB (Plomp and Mimpen, 

19794), 
Octave-band levels in the "normal" and the "bisector" conditions are given in Table 

I for the individual normal-hearing and hearing-impaired listeners. Because levels for speech 

vary with speech-to-noise ratio, only levels for noise are presented. Octave-band levels for 

nolse in the conditions with the extra noise in the 0.25-0.5kHz or 0.5-1kHz band, without the 

effect of compression, were equivalent to those in the "bisector" condition after adding 20 dB 

{© the appropriate band level. The actual compression, expressed in dB, in the different 

frequency-selective and wideband conditions, can be read from Table IV. The compression 

i given in this table is computed for the speech-to-noise ratio representing the measured SRT 

in noise. Note that in wideband conditions, the compression, when expressed in dB, is often 

considerably smaller than in the corresponding frequency-selective conditions. This is because 

the increase of the wideband signal level caused by the extra local 20 dB of noise, may be 

low due to the presence of intense sounds in frequency bands other than the noise band. For 

uch listener, speech and noise were in all experimental conditions well within the range 
between threshold level and the level of uncomfortable loudness in all frequency bands. As 

long a this condition is fulfilled, we may assume that in all conditions it is the masking 

offeotiveness of the noise that determines the SRT. 
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NORMAL-HEARING HEARING-IMPAIRED 
Subj, Tey in ky Subj. Frequency in kHz 

nr, 0.25-0.5 0.5-1 -2 nr. 0.25-0.5 0.51 1-2 24 

1 46 42 33 30 ] 95 91 82 79 
43 41 35 30 92 90 84 79 
62 57 54 54 68 68 67 76 

2 40 36 27 24 2 110 106 97 94 
37 35 29 24 107 105 99 94 

62 55 51 53 93 84 78 90 
3 49 45 36 33 3 88 84 75 72 

46 44 38 33 85 83 T7 72 

64 55 52 54 78 77 76 81 

4 42 38 29 26 4 82 78 69 66 
39 37 31 26 719 77 TA 66 

65 6l 50 51 89 84 78 78 
5 51 47 38 35 5 102 98 89 86 

48 46 40 35 97 95 89 84 
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6 46 42 33 30 6 104 100 91 88 

43 41 35 30 101 99 93 88 
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7 47 43 34 31 7 93 89 80 717 

44 42 36 31 90 88 82 77 
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8 39 35 26 23 8 85 81 72 69 
36 34 28 23 82 80 74 69 

69 64 58 57 90 84 77 84 
9 48 44 35 32 9 82 78 69 66 

45 43 37 32 19 77 71 66 
65 60 59 61 718 78 79 82 

10 46 42 33 30 10 91 87 78 15 

43 41 35 30 88 86 80 15 

64 62 62 64 85 84 82 86 
1] 41 Ei 28 25 Il 716 72 63 0 

38 36 30 25 73 71 65 60 

61 60 60 56 64 58 66 69 
12 40 36 27 24 12 96 92 83 80 
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windl-hearing and hearing-impaired listeners are 
groups of subjects are plotted in Fig, 2 (upper 

panel: normalel ) hearing-impaired group). 

Tt appears ‘in noise were found in the "bisector" and "normal" 

conditions, whieh nditions without the extra 20 dB of noise in the 0,25-0,5 

or 0.5+1 KH band, ig-impaired group, however, SRT in the "normal" condition 

was clearly worse than in the “bisector” condition, Among the conditions with the extra loeal 
20 dB of noise, the highest SRTs are generally found for conditions without (0%) 

compression or with wideband compression, for both groups of listeners. 

An analysis of variance was carried out on the SRT data for frequency-selective and 

wideband compression conditions relative to the SRT for 0% compression, Results, presented 

in Table VI for the normal-hearing and hearing-impaired groups, showed that for both 

groups, the effect of type of gain control is significant. This effect is even highly slgnifioant 

for the hearing-impaired group. For this group, mean SRT in conditions with wideband 
compression remains practically unchanged relative to the SRT for 0% compression, 

Figure 2 shows that, for both listener groups, the beneficial effect of 

frequency-selective over wideband compression was on the average small with the 200 
increase of noise in octave band 0.25-0.5kHz. With the extra noise in octave band 0,5-1khy, 

however, the curves for the two types of gain control diverged for increasing comprenslon, 

In conditions with frequency-selective compression, the largest decrease in mean SRT rolative 

to the SRT for 0% compression occurred for a compression factor of 100%, with, however, 

a substantial spread among subjects, particularly for the hearing-impaired group. Pigure 2 also 

shows that masked SRT in conditions with noise band 0.25-0,5kHz was for both groups 

generally somewhat higher than in conditions with noise band 0.5-1kHz. 

Comparison of the SRT-data for the two groups of listeners in Table V indlewtes that 

mean SRT in noise was in all experimental conditions higher for the hearing-impaired group, 

with larger standard deviations. 

II. EXPERIMENT 2: TIME-VARYING CONDITIONS 

A. Method 

The same baseline condition of speech and noise was used as in Experiment 1. This 

time the noise level in the octave band 0.25-0.5kHz or 0.5-1kHz slowly increased by 20 dil 
relative to the bisector during presentation of the sentence. The noise increment, realised 
according to a linear function along a dB-scale, started at the beginning of each sentence and 

was completed after | s, During the remainder of the sentence, noise level was kept constant, 

Average duration of the sentences was 1,6 s, Compression was set in the same manner is in 

Experiment 1, However, because the total signal level was rising in time along with the 20.1 

increase of noise, comproasion, expressed in dB, also increased in time, and did so 

simultaneously with the signal lavel, Mor simplicity of realisation, the increase in SPL. of the 
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Sum of Mean 
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“was assumed to be a linear function along a dB-scale. Amplification 
in | different filter bands were updated at a 30-Hz rate in order to realise the 
sluiping of speech and noise together with the desired compression. 

sr details of the experimental conditions, apparatus, and stimulus presentation 

iment 1, Again, 12 lists of 11 short everyday Dutch sentences were used. 
itences were different from those in Experiment 1, and were spoken by a 

) and Mimpen, 1979a). Two of the 130 sentences were presented twice in 
In this experiment, the same subjects participated as in Experiment 1. It 
band levels for noise in the "bisector" condition were also the same (see 

fi ve-band levels for noise in the “normal" condition differ from those in 
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TYPE OF GAIN CONTROL 
selective wideband selective 

COMPRESSION FACTOR 

50% 100% 100% 100% 

1 q 8 17 5 9 9 17 
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5 5 8 17 4 8 9 17 
6 7 8 16 4 8 9 16 

7 7 8 17 5 10 9 17 
8 Ty 9 17 6 10 9 17 

9 6 8 16 4 8 8 17 
10 6 8 17 4 8 8 17 

1] 5 8 17 6 12 9 18 

12 7 8 15 5 9 8 17 
M 6.6 8.0 16.6 4.8 9.0 8.7 LHS 

sd 0.9 0.4 0.7 0.8 1.3 0.5 0.6 

HEARING-IMPAIRED NOISE BAND 

0.5-1kHz 
TYPE OF GAIN CONTROL 

selective wideband selective 
COMPRESSION FACTOR 

100% ' 100% 50% 100% 
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2 6 9 6 il 2 2 7 16 

3 4 6 7 15 4 7 8 16 

a 8 15 8 18 5 9 g an 

5 5 10 9 16 5 9 9 18. 

6 4 7 6 i4 2 3 7 15 
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8 7 ll 8 16 3 6 I 16 
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10 5 6 7 8 2 vi 7 ld 
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M 44 Th 8 Bel 5.8 7.8 16.6 
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sales the et a hy Sse atm a on Asymptotic band lovely fir the von hon with the extra noise in the 0,25-0.5kH¥ or 

albedo. srmsdatgahadlin er canine swe (Caine Be O.5-1kHe band, reavhed he boglnning of the sentence, and without the effect of 

ee revalesd Mevcor, i a cate, aie compression, ean he inferred from Table fit in the same manner as in Experiment 1, ‘The 
. actual comprogsion, exproised In dit, holding for the speech-to-noise ratio at threshold, in the 

——_— SS different frequency-selvetive and wideband conditions can be read from Table VII. 

NORMAL-HBARING NOISE BAND 
0.25-0.5kHz 0.5-1kHz i 

TYPE OF GAIN CONTROL Be Rea 
~ wideband selective -- wideband selective : 

Aub). COMPRESSION FACTOR bi- normal r Masked SRTs for individual normal-hearing and hearing-impaired listeners are given 

ne, O% 50% 100% 50% 100% 0% 50% 100% 50% 100% sector { in Table VIII. Mean thresholds for the two groups of subjects are plotted in Fig. 3 (upper 

panel: normal-hearing group; lower panel: hearing-impaired group). 

: i a A o We Ae ee is ib, an . An analysis of variance, carried out on the SRT data for frequeney-selective and 

4 20 45 1525 2.0 10-30 05 -0.5 -3.0 25° 45 wideband compression conditions relative to the SRT for 0% compression (see Table IX), 

4 MOw0) 1004.0) O5 60 15 3:5 1.5 -1.0 05 =3:0 showed, for both groups of listeners, a significant effect of the type of gain control, As was 

5 BOnles Oras 8:0 60 25 45 0.0 O05 -2.0  -1.5 found in Experiment 1 for steady-state conditions, this effect is most significant for the 

6 BO 40 6035 20 3.0 40 25 00 1.5 -1.0  -5.0 fiectiny thipalved ese; 

: a as a ae Se ee me me Comparison of Figs. 2 and 3, and of Tables V and VIII, shows that the same trends 
9 75 45 1025 2,0 3.0 15 3.0 2.0 05 25 +S as observed in the SRT data for steady-state conditions apply to the data for time-varying 

10 ea SAO: 100, 10,0 5.0" 3:0 150 (0:5. 0.0 -4.0 conditions. However, in time-varying conditions, the increase of masked SRT relative to the 

it AO 3:5 310 10 OS 1.0 -1.0' -0:5 0.5 -15 “1:5 3.0 SRT for the "bisector" condition was for both groups of listeners, somewhat smaller than In 

12 aS 25 10 1:0 3:0 3.0 -05 2.0 2.5 -0.5 2.5 0.5 steady-state conditions. 

M ROMO Daas O89) Zl OS) 1:9 0:2 -di4 -1.6 -2.5 

A ‘ 1 . ees ie? Pies) Dsl 17 1.8 
© eee Sah) > Ill. GENERAL DISCUSSION AND CONCLUSIONS 

TIWARING-IMPAIRED NOISE BAND 
0,25-0.5kHz 0.5-1kHz The two experiments reported in the previous section, show that, in conditions with 

ideba phe a ‘i Se d Jecti a 20-dB increase of noise in a single octave band, frequency-selective compression gives 
Sd wideban selective =e) Wi no selective : : . 

Subj. COMPRESSION FACTOR bi woraal lower SRTs than wideband compression, for bath the normal-hearing and hearing-impaired 

ny 0% 50% 100% 50% 100% 0% 50% 100% 50% 100% sector listener groups. The effect of frequency-selective versus wideband compression is comparable   
  

for steady-state and time-varying conditions. In this discussion, reference will be made to both 

    

   
         

! 80 55 8045 30 50 40 2.0 1.0 -0.5 4.5  -0.5 experiments, unless stated otherwise. 

a Peete TNS GO 105 50 25 a Se The beneficial effect of frequency-selective over wideband compression is given by 
4 DOMECOTONas 64:0 65 2.5 55 2.5 2:5 1 5y 10 : 
4 00 10 15 05 20 1.0 10 20 1.0 05 25 -40 the difference in SRT between the two types of gain control, and is most apparent with the 

5 0.5 1.0 0.0-2.5 1.5 0.5 -1.0 -1.0 -2.5 -1.0 4.5 -4.0 20-dB increase of noise in octave band 0.5-1kHz. For this noise band, frequenty-selective 

6 BOP oo Oi 80 45 10,0 75 95 4.0 3.5 05 4.5 compression is on the average 1.7 and 2.7 dB more beneficial than wideband compression, 

7 15 3.0 4515 45 -1.5 05 2.0 05 -15 2.0 -0.5 for normal-hearing and hearing-impaired listeners, respectively. 

8 i a ae a ae a a : xy me te - There are three factors that, together, explain why masked SRT in conditions with 

‘0 isos 10 20 100105 6s 435 50 ee the extra local 20 dB of noise is high compared to the SRT in the "bisector" (reference) 
i 40 45 20 05 20 “15 Dorato 2:0 -5.5 26 -25 condition, particularly in conditions without compression and with wideband compresslont 

12 Teor 2Or 20) OF 8:0 2:5 92:5 45 1.0 -1.0 7.0 [1] Masking related to the speech-to-noise ratio in the octave band with the extra 20 

a 4H 43° 4,9 3,0 3.3 4.0 3.3 eo o oe oe a dB of noise, Only in the “bisector” and "normal" conditions, the noise has a spectrum 
‘ MO B45 40). 4:7 3.8 iT ; ‘ ; y identical to the long-term average Apectrum of the sentences. Because in these conditions the 

speech-to-noise ratio inthe same In all frequency bands, speech components in all bands 
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HEARING-IMPAIRED 

hearing-impaired (time-varying) Mean 

Source squares F ratio   

0.25-0.5kHz 0.5-1kHz t Noise band (N) 34.4 300 
4 Type of gain control (G) ’ 93.0 74.4 
| Compression factor (C) : 0.4 0.1 wideband wideband Subjects (S) i 27.9 

NxG : 6.3 1.6 
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selective Nx8 if 9.9 

selective | Gxc Z 73 231 
Gxs 1.3 . ¥ 1 - | bisector Cxs 4,2 

normal 
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    Hi L 1 1 1 / f L 4 1 

TT 4 60 1004! 0 50 100 
compression factor (%) contribute to intelligibility. However, in conditions with the extra 20 dB of noise in a. ) 

octave band, the decrease of speech-to-noise ratio in the noisy octave band causes a loss | 
——- . ens i useful speech information, ae in ara oe a. oe 5 incevarsitg concilien) aa [2] Masking of the higher frequency components of the speech signal by intense | mt ‘ oat Deca eters are the octave band containing the extra noise and frequency sounds in the octave band with the 20-dB increase of noise, i.e, upward spre 

|, Mean SRT’ for the two conditions without the extra noise are represented by masking. For a low-frequency noise with an SPL of 80 dB, the slope of the masking “Te for normal-hearing listeners can be estimated to be between -20 and -30 dB/oct (cf, Eh 
1959). For sensorineur airing liny listeners in similar acoustical conditi 
et al, (1960) found that th out -~6 dB/oct, For our masker conditi 

  

 



  

suggente that for normal-houring listeners upward spread of ited to one 

ootave band adjacent to the noisy octave band, whereas for hearing lmpalred Hiteners, it may 

affect all bands higher in frequency than the noisy octave band, The marker slope for 

hearing-impaired listeners suggests that spread of masking may even coeur in the “normal” 

eondition without the extra 20 dB of noise, where the spectral slope of speech and noise is 

between <3 and -9 dB/oct, This may explain why, for these listeners, masked SRT in the 

“normal condition is high compared to SRT in the “bisector” condition, where the average 

spectral slope of speech and noise is practically flat (see Table II), 

{t may be inferred from the above, that particularly in conditions with 0% 

compression, where the most intense low-frequency maskers were used, the negative effect 

of upward spread of masking would be expected to be much larger for the hearing-impaired 

group than for the normal-hearing group. Nevertheless, the corresponding increase in SRT 

rolutive to the SRT in the respective "bisector" condition is on the average equally large for 

the normal-hearing and the hearing-impaired group (see Tables VI and VII). The generally 

jurger Interindividual spread for the latter group, on the other hand, agrees with the notion 

(hat there exists considerable variability among hearing-impaired listeners in their individual 

upward spread of masking (cf. Martin and Pickett, 1970). 

(4) Vartation of speech and noise level in time. Whereas the first two factors refer to 

lows of Information, a third factor may be added that refers to the possible distraction of the 

listener, in time-varying conditions, by the slow changes in signal levels during sentence 

presentation, These changes in signal levels result from the 20-dB increase of noise alone (in 

conditions without compression), or from the combined changes in the level of speech and 

nolse (in conditions with frequency-selective or wideband compression). 

However, a comparison of Tables VI (steady-state conditions) and VII (time-varying 

wonditions) shows that the SRT, after subtracting SRT in the respective "bisector" condition 

in order to correct for speaker-related differences, is generally lower in time-varying than in 

atoudy-state conditions, The average difference is 1.5 to 2 dB for both groups of listeners. 

‘This suggests that, in time-varying conditions, speech understanding is facilitated by the 

\ous-masked first part of the sentence, without being critically affected by the variation itself. 

‘This result Is & prerequisite for the succes of long time constants for the gain to adapt itself 

to changing acoustical situations (see Introduction). 

Hecuse compression leaves the speech-to-noise ratio in the different frequency bands 

jntact, the effect of masking caused by the low speech-to-noise ratio in the band with the extra 

20 dB of noise, referred to in [1], is the same for all compression conditions. Given this 

constant role of masking related to the speech-to-noise ratio, the large threshold-differences 

among the various compression conditions must, at least in the steady-state experiment, be 

attributed to the greater or smaller effect in these conditions of upward spread of masking (see 

2)). 
> Since in conditions with frequency-selective compression, exclusively the frequency 

band containing the excessive 20 dB of noise is attenuated, the frequency range of speech 

eontaminated by the spread of masking will shrink with each dB of attenuation, It can be seen 

in Table LY that the attenuation corresponding to 100% compression was maximally about 17 

    

UB, in both groupe iene: are Indigations in the Hterature (hmer, 1959; Gagnd, 
1988), referring to normal Hearing Hateners, that for a reduction in the SPL by this order of 
magnitude, the slope of the titernal mayker curve for a lowefrequency muasker may be 
steepened by 10 to 20 dii/oet, This gives an additional reduction of the effect of upward 
spread of masking in conditions with frequency-selective compression, 

Wideband compression, unlike frequency-selective compression, leaves the relation 

among the different band levels unchanged. As a result, a reduction of upward spread of 

masking may only be possible through the above-mentioned steepening of the masker slope, 

provided the attenuation of the signal is substantially large, However, as was explained 

earlier, the compression in decibels in wideband conditions is generally small (see also Tables 

IV and VII). Therefore, the limited benefit observed for wideband compression, with even 

a lack of any systematic effect for the hearing-impaired group, is not surprising. It can be 

seen in Tables IV and VII that for the hearing-impaired group, the compression in dB in 

wideband conditions may be particularly small. This is because the increase of the wideband 

signal level, caused by the extra local 20 dB of noise, was extra limited due to the higher 

speech-to-noise ratios at threshold and the more strongly amplified high-frequency bands (see 

Table II) for this subject group. 

The differences between the two types of gain control, referred to above, suggest (hat 

the more effective suppression of upward spread of masking in conditions with 

frequency-selective compression is responsible for the superiority of frequency-selective over 

wideband compression. In frequency-selective conditions, the decrease in mean SRT relative 

to the SRT for 0% compression is, for both listener groups, maximal for a compression factor 

of 100%, and may be as large as 3.5 to 4 dB. It appears that the reduction of upward spread 

of masking is most effective when the increase of signal level in the noisy octave band Is fully 

compressed. 

Because in conditions with 100% frequency-selective compression, octave band levels 

of the total signal (consisting of speech plus noise) are identical to those in the "bisegtor" 

condition (provided the speech-to-noise ratio during the adaptive threshold-estimation 

procedure is the same), it may be assumed that upward spread of masking is suppressed to 

the same level as in the "bisector" condition. This suggests that the difference in SRT between 

these conditions exclusively reflects the loss of speech information due to the decronsed 

speech-to-noise ratio in the octave band with the extra 20 dB of noise (see [1]), 

Figs. 2 and 3 show that the difference in SRT between 100% frequency-seleetive 

compression conditions and the respective "bisector" condition is larger for noise band 

0.25-0.5kHz than for noise band 0.5-1kHz, for both groups of listeners. It can be seen that, 

for the latter noise band, 100% frequency-selective compression even restores mean SRT to 

within 2 dB above the SRT in the “bisector” condition. It appears that information logs in 

octave band 0,25-0.5kHz is more critical than a loss in octave band 0,5-lkHz, This agroos 

with a finding by Studebaker et al, (1987), that for continuous discourse, the frequency region 

of maximum perceptual importance is between 0.4 and 0.5 kHz, The more critical logs in the 

0.25-0.5kHz band is seen for all of the corresponding five compression conditions in the 

finding that SRT is on the average | to 2 dB higher than for the 0.5-1kHz band, for both 

groups of listeners, 1 aliould be remembered that loss of speech information in the nolay 

Sv 
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Conventional automatic gain-control (AGC) acts upon the average sound level, irrespective 

of whether there is a speech signal or not. This has the disadvantage that background noise 

during periods without a speech signal is amplified to levels experienced as "noisy" by. the 

listener. This annoyance can be reduced by using the level of the minima in the sound 

envelope rather than the average level to control the gain. Such a gain control will not affect 
a speech signal because of its intensity fluctuations. However, masking noise reduces these 

fluctuations and activates the control. A multichannel version of this control can selectively 

attenuate only the frequency bands in which noise is present. This paper studies the 

effectiveness of a four-channel AGC system, in which the frequency-dependent amplification 
factor is automatically controlled by the minima of the temporal sound envelope in the 

respective frequency channel. The effect of a condition with the gain control in all channels 
switched off is the reference. Results for L0 listeners with a sensorineural hearing impalrment 
show that, for various sounds frequently interfering in practice and with spectra that ure 

roughly comparable to that of the speech signal, the condition with gain control does pot 

affect the speech-reception threshold (SRT) in noise, but substantially reduces the subjective 

impression of noisiness when no speech communication takes place, This holds particularly 
for interfering sounds with a more or less continuous character, like stationary noise or 
music, where the AGC is most active. For these sounds it was found that for a given increase 

in input level, the corresponding growth in perceived noisiness is equivalent to the growth Ih 

perceived noisiness produced by only about one-fifth of that increase (in decibel¥) in a 
condition without gain control. 

 



INTRODUCTION ' 

An essential condition for optimal speech intelligibility by the hearing tmpalred ty that 

the speech signal |» prosented to the ear at such a level that ite Information bearing 
fluctuations are audible over a frequency span which is as wide as possible, This condition 

oan be met by means of a multichannel automatic gain-control (AGC) hearing ald, in which, 

wnder various acoustical situations, the frequency-dependent amplification adapts itself to the 

level and spectrum of the incoming sound. 

Usually, AGC circuits are designed in such a way that they act on the average level 

of the Incoming sound. This means that they do not discriminate between speech and 

interfering noise. Ag a result, during periods without speech, the hearing aid amplifies 

Huekground noise up to a level not wanted by the hearing-impaired person. The complaint that 

the hearing ald is so "noisy" is a major disadvantage of the application of AGC. 

In the opinion of the authors, this disadvantage can be reduced substantially by using 

the level of the minima in the temporal sound envelope rather than the average level to 
control the gain, Since the information in speech is carried by its (rapid) intensity fluctuations 

in the yarious frequency bands, there is no need to amplify sounds as long as these 

fiuetuatlons are absent; in that case no speech signal is present or, if present, masked by 
jnlerfering noise. By using the minima in the sound envelope as an AGC criterion, the speech 

signal can be presented at an appropriate level whereas noise alone or masked speech will be 

attenuated, As most interfering sounds, including voice babble and music, vary over a much 

narrower range of amplitudes than the signal of a single voice, the discomfort of AGC will 

he substantially reduced, Of course, such an AGC will be most effective in case of steady- 

ite noises varying only slowly in time. 

In this article a study into the effectiveness of an amplification controlled by the 

minima in the temporal sound envelope, rather than by the average level, is described. 

Hoewuse the shape of the noise spectrum may vary, the maximal effect can be expected for 

4 frequeney-dependent AGC, In our case, this is realised by splitting up the speech-frequency 

range In four channels, An additional advantage of such a system is that it will reduce the 

effect of spread of masking to other frequency regions if intense frequency-limited interfering 

sounds are present (cf, Festen et al., 1990; Zurek and Rankovitz, 1990; van Dijkhuizen et 

il,, 19914), 
The amplitude-frequency response of such a hearing aid will change in time along 

with variations of the background noise, preferably taking about 0.5 s to adjust itself. No 

conclusive results have been reported in favor of much shorter time constants as used in 

syllable compression (cf. Braida et al., 1979). An argument against short attack and release 

times is that they will reduce the information-bearing fluctuations of speech within each 

frequency channel, and this will negatively affect the speech-reception threshold (Plomp, 

1088), A time constant of about 0.5 s, as suggested above, seems to be a good compromise 

{0 preserve the intensity fluctuations within syllables whereas background noise, usually 

varying slower in time, is suppressed, 

Hecause the variations of the amplitude-frequency response affect both speech and 

interfering sounds, speech-to-noise ratios in the different frequency bands remain unchanged. 

60 

  

  
  

Novertholows, the ounenenen ihroahold (SRT) In nolve may still be affected by the shape 
of the amplitude frequeney fexponse or by ty rate of change, This problom was investigated 
in earlier studies with normal hearing and hearing-impaired listeners (van Dijkhulzen et al,, 
1987 and 1989), In those studios, the noise had a spectrum identical to the longeterm average 
spectrum of the sentences, aa for frequent listening situations where the human volce itself 

is the interfering sound (6g, A second speaker, speech babble), Because speech-to-noise rao 
was the same in all frequency bands, speech components in all bands could contribute to 

intelligibility. For normal-hearing listeners van Dijkhuizen et al, (1987) found that the SRT 

for sentences in noise is almost unaffected when the slope of the amplitude-drequeney 
response is steady-state within a range between -7 and +10 dB/oct, or when this slope is 

slowly changing in time between -5 and +5 dB/oct, or vice versa (transition time between 

0.125 and 2 s). Further steepening the falling slope of the amplitude-frequency responne 

appears to increase the risk of upward spread of masking. For hearing-impaired listeners van 

Dijkhuizen et al. (1989) found that, in conditions with steady-state amplitude-frequeney 

responses or with responses that are slowly changing in time (transition time 0,25 or 1 4), the 

increase of masked SRT is at most 2 dB as long as the negative slope of the speech and noise 

spectrum is not steeper than -3 dB/oct relative to the line bisecting the ear’s dynamic range, 

Steeply rising amplitude-frequency responses do not have a critical effect on the SRT, 

Because in practice most disturbing sounds have their strongest components in the lower 

frequencies (cf. Kryter, 1970), a rising rather than a falling hearing aid response will ulso be 

most appropriate for the purpose of reducing the discomfort caused by such sounds, 

The relative insensitivity of masked SRT to variations of the amplitude-frequeney 

response, reported in the above studies for both normal-hearing and hearing-impaired 

listeners, is an important requisite for the effectiveness of frequency-dependent automate 

gain-control in hearing aids. A follow-up study (van Dijkhuizen et al., 19914) investigated 

the beneficial effect on intelligibility, by a reduction of spread of masking, of adjusting the 

amplitude-frequency response in situations of intense interfering noise with a narrow-band 

maximum. The effect of adjusting a single wideband amplification factor was the reference, 

The noise had a spectrum identical to the long-term average spectrum of the speech, except 

that in one low-frequency octave band its level was increased by 20 dB, Hence, speech 

components within that noise band could not contribute to intelligibility, For both normal: 

hearing and hearing-impaired listeners it was found that frequency-dependent compression of 

the signal in the octave band with the 20-dB increase of noise is more beneficial thin 

wideband compression, and gives a decrease in SRT of maximally about 4 dB relative to the 

SRT obtained without compression. This applies both when the increased nolse level Is 

steady-state and when the increase of noise level, together with the gain, develops slowly in 

time (transition time 1 s). 

The results reported in the above studies are promising for the success of slow-neting 

frequency-dependent AGC in hearing aids. In these studies, masker spectra ay well as 

yariations in the amplitude-frequeney response were still experimentally controlled, The alm 

of the present paper is to study the practical merits of multichannel AGC in which the fast 

fluctuations typloal of the speeeh signal are preserved whereas the level of the slower varying 

background noise is geleetively reduced, The following question has been studied; what |i, 
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RE Ee 
for various Interfering sounds commonly found in practice, the effeer of mutomatle dontrol of 

the frequeney-dependent gain by the minima in the temporal sound envelope of (1) speech 

intelligibility, and (2) comfort of listening, as determined by the subjective Impression of 

nolsiness? 
The present experiments were carried out for listeners with « sensorineural hearing 

impalement, In Experiment 1, we compared, for five conditions of sounds frequently 

interfering in normal listening situations, the masked SRT of short meaningful sentences with 

and without automatic control of the gain by the minima. As was referred to earlier, speech 

luvel contrasts should, in order to contribute to intelligibility, be presented above threshold 

level and below the level of uncomfortable loudness in all frequency bands (cf. Skinner et al., 

1082). Therefore, in all conditions with and without gain control, amplification factors in the 

different frequency bands were adjusted in such a way that the speech signal was presented 

at a level warranting 100% intelligibility in quiet, with speech components well above 

threshold level and below the level of uncomfortable loudness at all frequencies. In conditions 

with gain control, additionally, the amplification per frequency band was automatically 

rodueed if, by an increase of the noise level, the minima in the signal envelope exceeded a 

eritioal level, Adaptation of the amplification was such that the increase of minima relative 

10 this onset level was fully reduced. 

In Lxyperiment 2, we determined, for the same listeners that participated in Experiment 

1, the (wideband) attenuation of the interfering sound required in conditions without gain 

control in order to equate the perceived noisiness with and without gain control. This was 

done for the five different types of interfering sound. According to Kryter (1970), perceived 

nolsiness is "the subjective impression of the unwantedness of a not unexpected, nonpain or 

fear-provoking sound as part of one’s environment". Noisiness tends to grow with sound 

jovel, although other physical properties of the sound, such as spectral contents and duration, 

i well ax its psychological meaning to the listener, may also play a role (cf. Kryter, 1970). 

In order to reduce the sensation of noisiness in practice, however, the hearing-aid user only 

has aecess 0 a manual gain-control for the wideband signal level. The reason why we did not 

lise & perceptual scale to measure the difference in noisiness, but instead determined the level 

adjustment for equal noisiness, was that this kept the task for the subject as simple as 

possible, For each listener, the amplification factors with the gain control switched off, as 

well as the onget level of gain control, were, for each of the different frequency bands, the 

same as in Experiment 1, 

Many experiments on the effect of adaptive filtering techniques, aimed at reducing 

the disturbing effects of noise in normal speech communication situations, have been carried 

out In the past (e.g. Ono et al., 1983; Stein and Dempesy-Hart, 1984; Graupe et al., 1987; 

van ‘Vagell et al,, 1988; Klein, 1989; Stein et al., 1989; Tyler and Kuk, 1990). However, 

filtering easily results in the loss of speech components that may still contribute to 

intelligibility. Because in all our experimental conditions, gain is adjusted to present, under 

all ueoustieal conditions, contributing speech fluctuations well within the listener’s auditory 

fange at all frequencies, the present experiments cannot easily be related to experiments on 

the effect of filtering. Neuman and Schwander (1987) evaluated an adaptive filtering system 

in whieh the importance of preserving speech information was recognized, In the evaluation, 
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however, Ao 00 nole ratlon were Included, 

I, EXPERIMENT 1) OT ON SPRECH INTELLIGIBILITY 

A, Method 

Various fixed and dynamically yarying amplitude-frequency responses were realised 

by means of four parallel octave filters of 0,25-0,5, 0.5-1, 1-2, and 2-4 kHz, Six-pole elliptle 

filters with slopes of approximately 40 dB/oct were used. The filters, together with an 

algorithm that controlled the gain in the individual filter bands, were realised digitally in 

programmable TMS 320E15 signal processor (sampling rate 10 kHz), 

For each listener the dynamic range of hearing, limited by the threshold of hearing 

and the level of uncomfortable loudness, was first measured using 300-ms bursts of octives 

band noise separated by silent intervals of 100 ms. For each of the four octave bands, the 

threshold was determined according to a Békésy tracking procedure (step size | dB), The 

level of uncomfortable loudness per octave band was determined according to a procedure in 

which the noise level is increased by 1 dB for each new 300-ms burst, and the listener his 

to push a button when the noise was experienced as uncomfortably loud, 

Prior to the masked SRT, the SRT in quiet was determined, representing the level at 

which 50% intelligibility is obtained, for speech that was spectrally shaped according to the 

listener’s threshold-of-hearing for octave-band-filtered noise. In all experimental conditions 

testing masked SRT, i.e. both with and without gain control, the amplification in the different 

filter bands was adjusted to shape the long-term average spectrum of the speech signil 

according to the listener’s threshold-of-hearing, and raise its overall level 20 dB above the 

(measured) SRT in quiet. For the same sentence material as used in the present experiment 

(but not spectrally shaped), Plomp and Mimpen (1979a) found that normal-hearing listeners 

obtain 100% intelligibility in quiet at presentation levels of 3 to 4 dB above the SRT and 

higher. This suggests that, even for the hearing-impaired listeners in this study, the above 

adjustment of amplification should easily provide 100% intelligibility in quiet, For each new 

sentence, the overall level of the masker was changed relative to the level of the speech ih 

an adaptive up-down procedure in order to determine masked SRT, as will be explained 

below. 

In conditions with gain control, additionally, the amplification per octave band was 

automatically reduced if the level of the noise in the respective filter-band, as estimated by 

the level of the envelope minima, exceeded the onset level of gain control in that band, The 

onset level was chosen 10 dB below the long-term average band level of the speech, The 

amplification factor was reduced to such an extent that the increase of minima relative to the 

onset level of gain control was fully compressed, and was computed as follows, Because the 

amplification has to be inversely related to the level of the minima, the inverse of the 

amplitude envelope was calculated for each filter-band output, and from this signal the peak 

values were determined in order to find the amplification required in that band to attach (he 

minima to the desired level, The amplification per band was smoothed by a low-pass filter 

in order to avold abrupt changes. The resulting attack time of compression with an inerense 
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frequency (kHz) 

    

1a, Example of how the spectra for speech 

| nolve were shaped in Experiment 1 for a 
tion without gain control, Spectra are 

wed in octave-band levels. The listener’s 

‘dynamic range of hearing, limited by the 
reahold of hearing and the level of 

uncomfortable loudness, is represented by the 

nonahaded area, The amplification in the 

different frequency bands was adjusted in two 
wi: firat, the long-term average spectrum of 

was shaped according to the 

lintener's threshold-of-hearing, and second, its 

‘overall level was raised 20 dB above the SRT 
vie this speech signal, The spectrum of 
‘noise Was shaped by the same transmission 

iwi the speech, and the level of the noise was 

varied in order to determine masked SRT. In 
example, SPLa in the four octave bands 

from low to high are for speech; 81, 73, 16, 

81 dB, and for noise: 84, 77, 72, and 65 
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1 2 4 

frequency (kHz) 

  

Fig. 1b, As Fig 1a, however, for a condition 

with gain control. Per octave band, the 

amplification was automatically reduced if, 

with the gain control switched off, the level of 

the envelope minima exceeded the onset level 

of gain control, 10 dB below the level of the 

speech. With the gain control switched off (see 

Fig. 1a), the level of the envelope minima, for 

simplicity assumed to be equal to the level of 

the noise, exceeded the onset level of gain 

control by 13, 14, and 6 dB, in the 0.25-0.5, 

0.5-1, and 1-2 kHz band, and was below this 

onset level in the 2-4kHz band. In the 

condition with gain control, the reduction of 

amplification was such that the increase of 

minima relative to the onset level of gain 

control was fully compressed, as shown by the 

length of the arrows. 

of noise level was about 575 ms in all four octave bands. In all experimental conditions with 

and without gain control, amplification was applied to the total signal, consisting of speech 

and masker, Examples of how the spectra of speech and noise were shaped are given in Figs. 

Aw and. b. 

Me “The following sounds were used as maskers: (1) running speech by a single male 

tulker, (2) speech babble, consisting of running speech by two male and two female talkers, 

(9) noise with @ spectrum identical to the long-term average spectrum of the target sentences, 

( }) nol recorded inside a car driving at a constant 80 km/h on a smooth road, and (5) 
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spectra, in onethird different maskers and the carpet speaker It 

     

  

appewrs (hat al val slopes which are grossly similar to that of the 
target speodh, ; | 

Five maskers (ingle spe: peech babble, speech noise, car noise, and music) and 

two gain modes (wi n control) give ten experimental conditions, Together 

with two conditions testing the SRT in quiet (also with and without gain control), this gives 

a total of twelve different experimental conditions. In the quiet conditions, speech wis 

spectrally shaped according to the listener's threshold-of-hearing for octave-band-filtered 

noise, and its overall level was changed for each new sentence in an adaptive threshold: 

estimation procedure. This time, the onset level of gain control in each frequency band wis 

set equal to the listener’s threshold-of-hearing level in that band. The SRT in quiet measured 

without gain control was adopted as the reference for conditions testing masked SRT, as 

referred to above. 

The speech material consisted of twelve lists of 11 short (8 or 9 syllables) everyday 

Dutch sentences spoken by a female talker (Plomp and Mimpen, 1979a). Because only 140 

sentences were available, two sentences were presented twice in different lists, Sentences and 

maskers were separately stored on computer disk, so that their overall levels could be varied 

independently before they were mixed. The mixed signal of speech and masker, or (in quiet 

conditions) the speech signal alone, was presented through a loudspeaker in 4 room with 
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Fig. 2. Long-term average spectra, in one-third-octave bands, for the five different mankers used 

in Experiments 1 and 2. The long-term average spectrum of the target sentences as used tn 

Experiment | coincides with that of speech noise. Spectra are shown for equal overall SPL, 

   



  

    le 1, Mean pure-tone ale-conduotion thresholds in J HTL for the ton Nea 
participating in the Experiments 1 and 2, with standard deviation 

  

Frequency in kilz 

0,25 0.5 1 4 
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M 25 37 48 51 58 

ad 10 12 12 9 15 

  

  

dimensions of 6m x 7m x 7m, and reverberation time of about 0.4 s for frequencies between 

0.25 and 4 KHz, Background noise level in this room was very low (about 35 dBA). A 

microphone was located at a distance of 1.5 m from the loudspeaker, corresponding to the 

oritioal distance where direct and reverberant energy densities are equal (Kuttruff, 1973). 

Loudspeaker and microphone were both 1.3 m above floor level. In masked conditions, 

level at the position of the microphone was a constant 65 dBA. The sound signal 

p icked up by the microphone was digitized, and fed into a TMS 320E15 signal processor for 

filtering and adjustment of the frequency-dependent gain per individual listener. Sentences in 

quiet or in noise, depending on the experimental condition, were presented monaurally to the 

{istoner’s best ear via a hearing aid telephone. Listeners were seated in an adjacent soundproof 

‘Table 11, Ootave-band levels in dB SPL representing the threshold of hearing and uncomfortable 

Joudweus for the individual hearing-impaired listeners, determined with bursts of octave-band- 

filtered noine, 

  

  

HEARING THRESHOLD UNCOMFORTABLE LOUDNESS 

Subj Frequency in kHz 

nm.  0,25-0.5 0.5-1 1-2 2-4 0.25-0.5 0.5-1 1-2 2-4 

\ 57 59 61 64 106 104 101 99 

2 52 61 69 65 >114 113. «114 ~=—-103 

4 29 42 69 62 111 109° 5) || 447, 

4 58 41 40 59 98 103 98 101 

5 66 56 49 58 >114 >120 120 117 

6 52 50 45 60 > 114 117 110 103 

” 45 4) 46 57 >114 «119-126 > 123 

A 60 69 68 45 >114 >120 116 106 

61 57 49 43 102 97-103 96 

i 57 44 54 48 S114... >120 126 105 

M 54 ee a5 56 

ad 10 10 i 8 
  

  

   
from the ouda Hake 

measured in 4 2-co eouplar Cniel 

off, 114, 120, 127, and 125 dit Si 

radiatl Maximum the 
, were, with the gain control switched 

bunds from low to high, respectively. 
Ten listeners with impairment (age between 27 and 65 years) 

participated in the exper inteors. ‘The hearing loss for pure tones averaged 

over 0.5, 1, and 2 kHz was between 98 and $5 dB for their best ear, and the air-bone gap 

was always less than 10 dB between 0,25 and 4 kHz, Mean pure-tone air-conduction 

thresholds with their standard deviations are given in Table I. Performance scores for 

monosyllables in quiet reached at least 90%. Hearing thresholds and levels of uncomfortable 

loudness for octave bands of noise are given in Table II for the individual listeners, In the 

0,25-0.5, 0.5-1, and 2-4 kHz band, uncomfortable loudness levels exceeded the maximnun 

output of the system for 6, 3, and 1 of the 10 listeners, respectively. 

Twelve lists of sentences were presented in a fixed order. Whereas the (wo 

experimental conditions testing the SRT in quiet were alternated over the first two lists, the 

ten conditions testing masked SRT were distributed over the remaining ten lists according to 

a digram-balanced design per ten listeners (Wagenaar, 1969) in order to avoid effects of 

learning and fatigue in the average results. The SRT represents the speech level in quiet 

conditions or the speech-to-noise ratio in masked conditions, at which the listener reproduced 

50% of the sentences correctly. Speech level or speech-to-noise ratio, depending on the 

experimental condition, was varied in an adaptive up-down procedure with a step-size of 2 

Table III. Octave-band levels for speech in dB SPL for the individual hearing-impaired lintenere 

in the conditions in which the masked SRT was measured (Experiment 1), with the gain conteol 

switched off. Onset levels of gain control can be obtained by subtracting 10 dB from the Oclive- 

band levels in this table. 

  

  

IT 

Subj. Frequency in kHz 

nr. 0.25-0.5 0.5-1 1-2 24 

1 83 85 87 0 

2 82 o1 99 95 

3 34 67 94 47 

4 80 63 62 #1 

5 93 83 76 4S 

6 76 74 69 M4 

7 71 67 72 44 

8 80 89 88 65 

9 87 83 15 09 

10 77 64 74 68 

M 78 TT 80 #1 
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cer relative to the level of the ape 
sieonme speoeh (with i ae control 8M 

4 SRT was measured, are given in ‘Table Til    

1s for noise vary with speech-to-noise ratio and with t 
for speech are presented, Onset levels of gain control ¢ 

ting 10 dB from the band levels in this table. 

used, 
btained by 

= ri 3 shows the long-term average sound level in a condition with gain control as 

of the level without gain control, for the target speech and the five different 

Ye represented for each of the four octave bands separately. It can be seen that below 

tlevel ‘of gain control, sound level in the condition with gain control is equal to that 

dition without gain control. The deviations from the linear relation (diagonals) are 

‘of the reduction of amplification when the level of the envelope minima exceeds the 

Jevel of gain control. As had to be expected, this deviation is largest for the more 

eV, Speech- reception thresholds for individual hearing-impaired listeners, in Experiment 1. 

2; SRT in quiet for a condition with gain control relative to a condition without gain 

sed in dB (measured at the position of the hearing-aid microphone). Columns 3 to 

‘SRT in noise, expressed in dB speech-to- noise ratio (at the position of the microphone) for the 

t maskers. Gain mode is indicated by - or + for conditions without or with gain 

  

  

H, renpeotively, 

MASKER 
7 Quiet Single Speech Speech Car Music 

oi speaker babble noise noise 
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Fig. 3. Long-term average sound level in a condition with gain control as a function of the level 
gain control, for the target speaker and five masking signals, represented for each of the four oot \ 

Levels are expressed in dB relative to the onset level of gain control, The diagonals rep 
relation between the levels in the conditions with and without gain control, for signals in ra 
of the envelope minima remains below the onset level of gain control. a



  

     

   

  

wontinuous sounds; spedch noise, car nolo, and musle, As own | 
of gain control In very small for speech by one pulses ie 
effectiveness of an amplification controlled by the minima in the: 

‘Speeeh-reception thresholds for quiet and masked conditions are 
for the individual hearing-impaired listeners, As this table shows, the difference for the SRT 

in quiet between the conditions with and without gain control is very small, Also the SRT in 

noise Is practically identical for the conditions with and without gain contol, An analysis of 

varlunve on the SRT in noise shows no significant effect of the variable gain mode (p=0.60). 

1, EXPERIMENT 2 ; EFFECT ON PERCEIVED NOISINESS 

A, Method 

In order to equate the perceived noisiness with and without gain control, a method ; 

‘of pulved comparison was used in which the subject listened to a short sound sample (3.5 s) 

presented in both conditions, in random order. The subject was asked to indicate only which 

simple was more noisy, For each new pair of conditions, the level of the incoming sound in 

‘the condition without gain control was changed relative to that in the condition with gain 

‘control, using an adaptive up-down procedure in order to determine the adjustment in dB 

tequired to obtain equal perceived noisiness in the two conditions. If the listener indicated that 

he/she perceived the sample corresponding to the condition without gain control as more 

nolay, its level was decreased by 4 dB; in the opposite case, the level was increased by 4 dB. 

‘This was repeated for four reversals of the direction in the above procedure. The adjustment 

value, referred to above, was obtained by subtracting the input SPL in the condition with gain 

vontrol from the input SPL, averaged over the four reversals, in the condition without gain ' 

wontrol, 

The sounds used in this experiment comprised the five different maskers of i 

Mxperiment | (single speaker, speech babble, speech noise, car noise, and music). The same 

subjects participated as in Experiment 1, Overall level of the masker at the input in the ie 

condition with gain control (reference) was 0, 5, 10, or 15 dB above the input level of that 

twasker al which, for a constant speech level, 50% intelligibility was obtained in the ; 

corresponding condition in Experiment 1. For each listener, the amplification with the gain 

control switehed off, and the onset leyel of gain control, were the same as in Experiment 1, 

in oach frequency band. Five different masker sounds and four levels (0, 5, 10, and 15 dB) 

alive 4 total of twenty different experimental conditions. Levels and maskers within each level 

were, for each listener, presented in random order. Further details of the apparatus, 

processing algorithm, and stimulus presentation were as in Experiment 1. 

    

   

  

    

  

   
   

wane eet nolsinews ay in conditions with aa mali ard ho ‘nd ie 
listeners, In Experiment 2, Values are prevented for five maikers and Cun of the ihuilne al 
the Input in the condition with gain control (reference), Masker levels are gi in dB relative 

  

  

to the Input level of that masker at which, for a constant speech level, 50% intelligibility was 
obtained in the condition with gain control in Experiment 1. 

me 

MASKER 
Single Speech Speech Car Muile 

speaker babble noise noise 
Subj. RELATIVE INPUT LEVEL (in dB) 
n. 0 51015 O 510 15 0 5 1015 0 5 10.18 (0: Sos 
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-—__—_— 
  

B. Results 

Level adjustments for equal noisiness, found for the different input levels and masker 

conditions, are given in Table V for the individual listeners. The 15-dB condition was 

measured for only six of the ten listeners. Mean values are plotted in Fig, 4, As had to he 

expected, the mean value of the level adjustment is negative in all experimental conditions. 

An analysis of variance without and with the data for the 15-dB condition (for 10 and 6 
listeners, respectively), showed that the effect of the variables level and masker, ai well Wa 

the interaction of these variables, are highly significant (p< 0,001), 

Whereas in the 0-dB condition, mean level adjustments between -2 and -5 di wore 
found, the curves for the different maskers diverge with increasing level. For every Sift 
increase in the level of the incoming sound, the attenuation required in a condition without 
gain control in order to obtain the same perceived noisiness as in a condition with gain 

control, increases by only about 1.5 dB for a single speaker, and by as much as wbout 4 dit 
for speech noise, car noise, and music, Stated differently, for the latter sounds, an Increnye 

in input level of 5 dB in a condition with gain control is, in terms of perceived nolsinens, 
equivalent to an increase In Input level of only about 1 dB in a condition without gain control, 

ge 1 
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Hig. 4, Moun level adjustment in dB required in conditions without gain control in order to obtain 

the same perceived noisiness as in conditions with gain control, in Experiment 2 (10 listeners; 15- 

«iit condition: 6 listeners). Values are plotted as a function of the level of the masker at the input 

in the condition with gain control (reference), Masker levels are expressed in dB relative to the 

input level of that masker at which, for a constant speech level, 50% intelligibility was obtained 

in the condition with gain control in Experiment 1. Masker type is the parameter. 

111, GENERAL DISCUSSION AND CONCLUSIONS 

The results of Experiment 1 show that, in various conditions of sounds frequently 

interfering in practical speech communication situations, equal SRTs are found with and 

Without the gain controlled automatically by the minima in the sound envelope. 

As the amplification applied in conditions with and without gain control affects both 

speech and masker, this result had to be expected. An automatic reduction of the amplification 

in masked frequency regions, in conditions with gain control, leaves speech-to-noise ratio 

within the different frequency bands unchanged. It follows that such a reduction of 

amplification will only weaken the masking effectiveness of the noise by reducing the 

potential effect of spread of masking from intense narrowband sounds to neighboring speech 

bands, which may particularly manifest itself from lower to higher frequencies (upward 

sprond of masking). However, because in our experimental conditions, speech and masker had 

roughly comparable spectra, which, after shaping, were on the average practically flat, the 

chance of spread of masking was virtually absent. 

More importantly, however, the results show that the signal attenuation in conditions 

with the frequency-dependent gain controlled by the minima in the sound envelope does not 

make useful speech components inaudible. Also, speech intelligibility is not harmed by the 

pate and range of variations in the amplitude-frequency response, 
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font sounds that were Used AN 

# without gain control require lower lovels of the Incoming 
vignal compared to conditions with gain eontrol In order to give the same perception of 
noisiness, For the same level al the Input, his means that, by using the minima in the sound 
envelope to control the umplifieation por fequeney band, interfering sounds are perceived ws 
less noisy, and thus, as less annoying. In practice, this has the advantage that the hearing: 
impaired listener provided with such a gain control will be much less in need of manually 
readjusting the hearing-ald’s characteristics along with the acoustical condition, This need is 
illustrated by the finding of Ringdahl et al. (1990) that, in various everyday listening 
environments, listeners with 4 sensorineural hearing impairment prefer the use of & hearing 

aid in which they can change between different frequency responses, depending on the 

acoustical background, to the use of a hearing aid with a single, fixed, frequency response, 

The wideband attenuation in conditions without gain control relative to conditions with 

gain control in order to correct for the greater perceived noisiness in the first, Increases with 

the level of the incoming sound. From this result, it may be inferred that the difference tn 

noisiness between conditions with and without gain control becomes larger with input level, 

due to the increasing effect of gain control. The rate of increase in the adjusted attenuation 

in conditions without gain control depends strongly on the masker used, and was maximully 
about 4 dB for every 5-dB increase in level for poorly fluctuating sounds like speech spectrum 

noise, car noise, and music. This reflects the effective compression of these signals i 

conditions with gain control (see Fig. 3). For these sounds, the change in perceived nolwineas 

produced by a 5-dB variation in input level in conditions with gain control, is equivalent (@ 

the change in perceived noisiness produced by only about 1-dB variation in input level in 

conditions without gain control. 

For normal-hearing listeners Wilson (1963) showed that an increase of 25 dit in the 

overall level of automobile noise is sufficient to cause a change in the subjective rating of 

noisiness from "quiet" to “extremely noisy". By an extrapolation of our results on NOIsiNens, 

it may be inferred that, for the hearing-impaired group tested, the growth in perceived 

noisiness produced by a 25-dB increase in the input level of stationary noise in # condition 

with gain control, would be equivalent to the growth in noisiness produced by an increase in 

input level of only 5 dB in a condition without gain control. The qualitative ratings of 

noisiness by normal-hearing listeners, referred to above, suggest that, in terms of aetual 

listening comfort, this represents a substantial improvement for the condition with automutle 

frequency-dependent control of the amplification compared to the condition without sugh 

gain control. 

“The rowults of Axperinien 
mankers In Experinent 1, condition 

  

   

In summary, we may conclude that, in various conditions of everyday interfering 

sounds with spectra that do not deviate much from the spectrum of speech, automatic 
frequency-dependent control of the amplification by the minima in the temporal sound 

envelope does not affect the SRT in noise, but considerably reduces the sensation of nolainess 

when no speech communieation takes place, This holds most strongly for sounds with a none 
fluctuating temporal envelope in the Individual frequency bands of the gain control, Por these 
sounds, the growth In pereelved Holiness produced by a given increase in input level In 
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ge he 

neural hearing impairment often complain about having 
peech in the presence of interfering sounds, These difficulties 

igher speech-to-noise ratio compared to normal-hearing people, 
\earing-aid research to improve the speech-to-noise ratio have as yel 

critical listening conditions. For the time being, therefore, the hearing 
aid user will be most helped when we concentrate on a straightforward signal treatment wled 
at presenting the total signal of speech in noise as favorably as possible to the listener's oar, 
independently of signal level. 

A prerequisite for optimal speech reception is that speech is presented at such a level 

that its information-bearing fluctuations are audible for the hearing-impaired listener over 

frequency range that is as wide as possible. This can be achieved by a multichannel automuatle 

gain-control] (AGC) hearing aid in which, under the variable acoustical conditions, (he 
frequency-dependent gain adapts itself to the current level and spectrum of the incoming 

sound. Such a hearing aid is particularly beneficial for listeners with a sloping audiogram, 

The effectiveness of such a hearing aid can be improved further by using the level of (he 

minima in the temporal envelope of the signal as an AGC-criterion. In this way, the ripld 

intensity fluctuations of speech can be preserved, whereas sounds lacking such fluctuations, 

like (speech masked by) noise, are selectively suppressed. This will improve listening comfort 

and may reduce the effect of spread of masking in conditions with intense narrowband Noli. 

The adjustment of amplification in the various frequency bands, as a response to chunges in 

the acoustical situation, should preferably take about 0.5 s. With such a time constint, 

intensity fluctuations within syllables are left unaffected, whereas the gain effectively adapts 

itself to the usually much slower variations in background noise, The main question of this 
study was: how effective is this concept of signal treatment, aiming at presentation of the 
signal, under the variable acoustical conditions, at a favorable level within the listener's 
dynamic-range of hearing? 

A hearing aid designed as outlined above, has an amplitude-frequency response thal 
varies in time. These variations leave the speech-to-noise ratios in the various frequeney bands 
unaffected, but may affect the speech-reception threshold (SRT) in noise in a negative way 
by their range and rate. Because many hearing-impaired people already have difficulties with 
understanding speech in the presence of interfering sounds, it is clear that a hearing wld ean 
only be effective if such a deterioration of the SRT in noise is avoided. Therefore, In the /Irit 
part of this study, presented in the Chapters 2 and 3, we investigated the effect of varying 

the amplitude-frequency response on the masked SRT of short everyday sentences, As A 
masking sound we adopted noise with a spectrum identical to the long-term average spectrun 
of the sentences. This spectrum is common to all those conditions in which human volves 
produce the interfering sound (e.g. second speaker or speech babble), 

In Chapter 2, experiments are described for groups of normal-hearing subjects. This 

   



            

    
      
     

  

Allows Interpretation without the complicating factor of Wenriny 

experiment (20 subjects), various steady-state sloped oof tho wrrypt ticle Frag 

applied during presentation of the sentences. In the second experlnent: 

change in this slope was given halfway through the sentence, with five differant ra 

change. In the third experiment (10 subjects), the slope of the amplitude frequeney reaponse 

was varied continuously, Results show that the SR'T in noise is constant for seadyatate slopes 

of the amplitude-frequency response within a range between about 7 and +10 dB/oet, or 

when 4 single transition in slope is given between +5 and -5 dB/oct, and vice versa. Varying 

the transition time over a range from 2 5 down to 1/8 s does not appear to have a substantial 

effect, Continuous variation of the response slope between +5 and -5 dB/oct, however, gives 

4 gradual increase of the SRT with increase of the frequency of slope variation. For variation 

frequencies of up to 1 Hz, the increase in threshold is less than 1.8 dB. } 

In Chapter 3, a study similar to that in Chapter 2 is described, except that this time 

the subjects were 20 listeners with a sensorineural hearing impairment. Pure-tone hearing 

Jonn, averaged over 0,5, 1, and 2 kHz, was between 30 and 55 dB. As a baseline in all 

‘experimental conditions, we used speech and noise spectrally shaped according to the line 

binoeting the dynamic-range of hearing for each individual listener, All variations in the 

frequency response were applied relative to this baseline. Results show that in conditions with 

4 slendy-state amplitude-frequency response or with a response that changes once halfway 

hvough the sentence with a transition time of 0.25 or 1 s, the increase in masked SRT is less 

than 2 dB, provided that the falling amplitude-trequency response does not exceed roughly 

-4 dii/oct relative to the dynamic-range bisector. Further steepening the slope increases the 

risk of upward spread of masking, A rising slope of the amplitude-frequency response, on the 

other hand, can be steepened without an effect on the SRT. Because interfering sounds in 

everyday conditions predominantly have a low-frequency spectrum, hearing aids with a rising 

rather than a falling frequency response will also be most appropriate for the purpose of 

reducing the discomfort caused by such sounds. 

‘The stability of the masked SRT with variations of the amplitude-frequency response, 

i reported in the Chapters 2 and 3 for normal-hearing and hearing-impaired listeners, 

foapectively, constitutes a first requirement for an effective frequency-dependent AGC in 

houring aids, The greatest benefit in terms of the SRT from frequency-dependent control of 

the amplification has to be expected in conditions where the spectrum of the noise deviates 

strongly from that of the speech, In these conditions, frequency-dependent amplification may 

reduce upward spread of masking. As a next step, we investigated the upper limit of this 

benefit by adjusting the frequency-dependent amplification in conditions of intense frequency- 

limited interfering noise. This was done in the second part of this study, presented in Chapter 

4, for 12 normal-hearing and 12 hearing-impaired listeners. For the latter group, pure-tone 

houring loss, averaged over 0.5, 1 and 2 kHz, was between 39 and 57 dB, Speech and noise 

were both spectrally shaped according to the listener's dynamic-range bisector; however, the 

Jovel of the noise in one octave band (0.25-0.5 or 0.5-1 kHz) was increased by 20 dB. In the 

first experiment, the increased noise level was fixed. In the second experiment, the increase 

‘of noise level, together with the applied amplification, developed slowly in time (transition 

Aime 1 9). The results for both normal and impaired listeners show that frequency-selective 

i) 

ie ai 

   

    

beneficial than widelyan ef HT of 4 dit, on the average, 
relative to a condition within Hoth to Moady-atate and time-varying 

conditions, 

   

  

    

The resulta reported I are promilainy for the success of slow-acting 

    

    

   

frequengy dependent AGE i study, Chapter 5 presents 

the ultimate validation oul) iW signal treatment by an investigation 

into the effeetivendais Of aul oni ‘control of amplification by the level 

of the minima in the temporal sound envelope, Subjects were 10 hearing-impaired listeners 

with a pure-tone hearing loas, averaged over 0.5, 1, and 2 kHz, between 35 and 55 dB, In 

the first experiment, we compared the SRT in nolge with and without gain control. In the 

second experiment, we investigated the reduction in subjective noisiness by measuring the 

wideband attenuation required for conditions without gain control in order to obtain @ 

noisiness equal to that for conditions with gain control. Results of Chapter 5 show that the 

condition with gain control does not affect the SRT for sentences in the presence of everyday 

interfering sounds, having spectra that are roughly comparable to that of the speech signal; 

however, it substantially reduces the perceived noisiness when no speech communication takes 

place. In line with our expectations, the effect of the gain control on the signal was very small 

when a single speaker was present, and was greatest in case of sounds with a more or lass 

continuous character (e.g. stationary noise, music). For the latter sounds it was found that for 

a given increase in input level, the corresponding growth in perceived noisiness is equivalent 

to the growth in perceived noisiness produced by only about one-fifth of that increase in input 

level (in decibels) in a condition without gain control. 

In conclusion, the data reported in this study have shown that there are good 

perspectives for a hearing aid with multichannel automatic gain-control in which the 

frequency-dependent amplification preserves the intensity fluctuations of speech and reduces 

those parts of the sound lacking such fluctuations. It appears that such a gain control is able 

to give an improvement of listening comfort under various conditions of the background 

noise, without negatively affecting speech intelligibility by its variation of the amplitude 

frequency response. Additionally, in conditions with intense narrowband noise, spevch 

intelligibility is even improved by the reduction of the effects of upward spread of masking. 

In short, the above multichannel AGC hearing aid can, under the variable acoustical 

conditions, optimize speech intelligibility while minimizing the disturbing effects of noise, 

without the need of a manual readjustment of the hearing-aid characteristics, This 18 

particularly advantageous for elderly hearing-aid users with reduced manual dexterity, Tt 

appears that, along the lines suggested in this study, next-generation hearing aids can he 

designed which are more effective than the present ones. 
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taan van spraak in een rumoerlge 
Mm a - te a | hogere spraak-rulsverhouding dan 

* ‘middel van signaalbehandeling de spraak-ruisverhouding 
lie met name in kritische lawaaicondities, niet erg succesvel 

de slechthorende het meest gebaat te zijn bij een hoortoestel dat 
t totale signaal van spraak in ruis zo gunstig mogelijk aan het oor 

   

  

        

    

wordt aangeboden. 
Om spraak te kunnen verstaan is het een vereiste dat de informatiedragende 

fluctuaties van het spraaksignaal voldoende kunnen worden waargenomen, Voor 

slechthorenden houdt dit in dat de spraak versterkt aangeboden dient te worden zodat. deze 

fluctuaties over een zo breed mogelijk frekwentiegebied hoorbaar zijn. Met name wanneer het 

gehoor in diverse frekwentiegebieden een verschillende mate van ongeyoeligheid verioont, 

automatisch wordt bijgeregeld. In een dergelijk toestel kan de frekwentie-athankel|jke 
versterkingsfactor zich, onder de steeds wisselende akoestische omstandigheden, aanpassen 

aan het actuele niveau en spectrum van het binnenkomende signaal, 

In hoortoestellen met automatische sterkteregeling is het gebruikelljk dit de 

versterking wordt geregeld op grond van het gemiddelde signaalniveau, zonder dat hlerbij 
- onderscheid wordt gemaakt tussen spraak en stoorsignaal. Dit betekent dat gedurende passayes 

zonder spraaksignaal, achtergrondruis wordt versterkt tot een niveau dat door de 

slechthorende als hinderlijk wordt ervaren. Dit bezwaar van een automatische sterkteregellng 
in hoortoestellen kan aanzienlijk worden gereduceerd wanneer, in plaats van het gemiddelde 

signaalniveau, het niveau van de "minima" (dalen) in de signaalomhullende als regelparamolor 

voor de versterking wordt gebruikt. Hierdoor kunnen de snelle intensiteitsfluctuatios yan 

spraak worden behouden, terwijl geluidspassages waar dergelijke fluctuaties ontbreken, Zouls 

in het geval van (spraak gemaskeerd door) ruis, kunnen worden onderdrukt, Dit zal het 
luistercomfort beyorderen. 

De instelling van de versterking in de verschillende frekwentiebanden yindt bij 

voorkeur plaats in een tijd van ongeveer 0.5 sec. Met een dergelijke tijdconstante worden 

namelijk de intensiteitsfluctuaties binnen de duur van een lettergreep onaangetast gelaten, 
terwijl de versterking zich toch effectief kan aanpassen aan de veelal tragere variate ‘tn: 
achtergrondruis. a 

De hoofdvraag van dit proefschrift is: hoe effectief is bovengenoemde benadering van 

ese signaalbehandeling, die er op gericht is het binnenkomende signaal, onder de wisselende: 

akoestische omstandigheden, zo gunstig mogelijk aan te bieden binnen het gehoorberelk van. 
de luisteraar? 4, 

De frekwentie-karakteristiek van zo’n hoortoestel zal in de tijd varidren, a 

variaties zullen de spraak-ruisverhouding in de verschillende frekwentiekanalen ongewij# 
laten, De vraag is echter of het gehoor wel bestand is tegen een dlorgell}ke —e 

zal een hoortoestel gewenst zijn waarvan de versterking in meerdere frekwentiekanalen — 

 



    
     

Hoofdatukken 2 en 4, bestudeerde daarom het effect van aehony | wan de 

frekwentlo-kurwkteristick op de spraakverstaanvaardigheldadranpel (MIT) voor korte 

iledwugae zinnen in cumoer, Als maskeerder gebruikten we rtp not hetalfde gemiddolde 

frokwontle-spectrum als de zinnen, Dit maskeerspectrum word gekoxen omdat in alledangse 

Juistorsituatios de menselijke stem zelf een van de meest voorkomende stooralgnalan is, 

In Hoofdstuk 2 worden experimenten met groepen normaalhorende proefpersonen 

beachreven, Dit maakt een interpretatie mogelijk zonder dat daarbij complicerende inyloeden 

van slochthorendheid worden betrokken. In een eerste experiment (20 proefpersonen) werden 

verschillende constante hellingen van de frekwentie-karakteristiek getest. In een tweede 

experiment (20 proefpersonen) maakte de helling van deze karakteristiek een eenmalige 

omslag halverwege de zin, waarbij vijf verschillende omslagtijden werden toegepast. In een 

dorde experiment (10 proefpersonen) werd de helling van de frekwentie-karakteristiek continu 

gevarleerd, Resultaten tonen aan dat de SRT in ruis vrijwel ongewijzigd blijft wanneer de 

frekwentle-karakteristick constant is met een helling binnen een bereik van circa -7 tot +10 

di/oet, of wanneer deze helling een eenmalige omslag maakt van +5 naar -5 dB/oct, of 

ompekeord, De keuze van de omslagtijd tussen 2 en 1/8 sec lijkt de SRT niet noemenswaardig 

te beinvloeden, Ben continue schommeling van de helling in de frekwentie-karakteristiek 

tussen +5 en -5 dB/oct geeft daarentegen een geringe drempelverhoging te zien naarmate de 

tijd waarin de variatie zich voltrekt, korter wordt. Voor variatiefrekwenties tot 1 Hz is de 

drompelverhoging kleiner dan 1.8 dB. 

Hoofdstuk 3 beschrijft een vergelijkbaar onderzoek als Hoofdstuk 2, maar nu 

witgevoerd voor 20 proefpersonen met een perceptief gehoorverlies. Gehoorverlies voor 

tonen, gemiddeld over 0.5, 1, en 2 kHz, lag tussen 30 en 55 dB. Als basisinstelling in alle 

oxporimentele condities gebruikten we spraak en ruis waarvan de spectra waren gevormd 

volgens de lijn die het gebied tussen gehoordrempel en niveau voor onaangename luidheid, 

doormidden deelt ("bisector"), Alle variaties in de helling van de frekwentie-karakteristiek 

werden ultgevoerd ten opzichte van deze basisinstelling. Resultaten laten zien dat wanneer de 

frokwontie-karakteristick constant is, of wanneer deze tijdens de zin een eenmalige omslag 

maakt in Gen tijd van 0,25 of 1 sec, de verhoging in SRT minder is dan 2 dB. Voorwaarde 

in eohter dat de helling van de frekwentie-karakteristiek niet steiler is dan ongeveer -3 dB/oct 

twn opzlchte van de bisector. Voor hellingen steiler dan -3 dB/oct kan sterke maskering naar 

hogere frekwenties optreden, De steilheid van een positieve helling van de karakteristiek mag 

duarentegen vergroot worden zonder dat dit de SRT beinvloedt. In alledaagse luistercondities 

vertonen stoorsignalen oyerwegend laagfrekwente spectra. Daarom zal een hoortoestel met 

eon positiof hellende karakteristiek, behalve uit het oogpunt van spraakverstaan, ook uit het 

oogpunt van luistercomfort de voorkeur genieten boven cen hoortoestel met een negatief 

hellende karakteristick, 

Fouls is aangetoond voor normaal- en slechthorende proefpersonen in de 

Hoofdatukken 2 en 3, is de SRT in ruis betrekkelijk ongevoelig voor variaties in de 

frokwontie-karakteristiek, Dit betekent dat is voldaan aan een belangrijke randvoorwaarde 

your succes van een meerkanalige automatische versterkingsregeling in hoortoestellen. 

Vorwacht mag worden dat het yoordeel van een frekwentie-afhankelijke versterkingsregeling, 

in termon van spraakyerstaan, het grootst is in die situaties waar het spectrum van de 
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muskoordar BEAM UINAA Vu dat vn do sprank, In eulke condition kan een solectieve 

vorewakking vat ean yomarkeorde frekwenticband een vermindering geven van sterke 

maskoringseffocten naar aangrenzonde (hoger gelegen) frekwenthegebleden (upward spread 

of masking). In het fveede gedeelte van dit proefschrift, beschreven in Hoofdstuk 4, 

onderzochten we de mate waarin cen frekwentie-selectieve aanpassing van de versterking de 

SRT voordelig beinvloedt in condities met spectraal-locale stoorruis, Dit onderzoek werd 

uitgevoerd voor 12 normaalhorende en 12 slechthorende luisteraars. Voor de laatste groep lig 

het gehoorverlies voor tonen, gemiddeld over 0.5, 1, en 2 kHz, tussen 39 en 57 dB, Opnieuw 

werden de spectra van spraak en ruis voor iedere proefpersoon gevormd naar de bisector van 

het gehoorbereik. Daarbij werd echter in één octaafband (0.25-0,5 of 0.5-1 kHz) het niveau 

van de ruis met 20 dB verhoogd. In een eerste experiment was de verhoging in rulsniveau 

constant. In een tweede experiment nam het ruisniveau toe gedurende | sec, gelijktijdig met 

het aanbieden van de zin, Voor zowel normaal- als slechthorende luisteraars laten de 

resultaten zien dat een selectieve verzwakking van het signaal in de octaafband met de 20d 

toename van de ruis een grotere winst oplevert dan een breedbandige verzwakking, Afname 

in de gemiddelde drempel is 4 dB, zowel in constante als in de tijd varidrende condities, 

De resultaten van de Hoofdstukken 2-4 zijn bemoedigend ten aanzien yan de 

toepassing van een trage frekwentie-afhankelijke versterkingsregeling in hoortoestellen, In het 

derde gedeelte van dit proefschrift, beschreven in Hoofdstuk 5, onderzochten we tenslotte de 

effectiviteit van een frekwentie-afhankelijke versterking die automatisch wordt geregeld op 

grond van het niveau van de minima in de signaalomhullende. Proefpersonen waren 10 

slechthorende luisteraars met een gehoorverlies voor tonen, gemiddeld over 0,5, 1, on 2 ky, 

tussen 35 en 55 dB. In een eerste experiment werd de SRT met on zonder 

versterkingsregeling gemeten. In een tweede experiment onderzochten we in welke mate het 

geluidvolume in condities zonder versterkingsregeling moet worden bijgesteld teneinde 

eenzelfde hinderlijkheid van het geluid te verkrijgen als in condities met versterkingsregeling, 

Resultaten tonen aan dat de conditie met versterkingsregeling de SRT onaangetast laut In de 

aanwezigheid van diverse alledaagse stoorgeluiden waarvan de spectra lijken op het spectrum 

van de spraak. Echter, in situaties waar geen spraakcommunicatie plaatsvindt, word! onder 

een dergelijke regeling de hinderlijkheid van het stoorgeluid aanzienlijk gereduceerd, Zouls 

verwacht mocht worden, is het effect van de versterkingsregeling op het signaal zeer klein 

in het geval van één enkele spreker, en is dit effect het grootst voor geluiden met een min of 

meer continu karakter (bijy. stationaire ruis en muziek). Voor het Jaatste type stoorgeluld 

werd gevonden dat een toename in ingangsniveau wel yijf maal zo groot moet zijn (in 

decibels) als in een conditie zonder versterkingsregeling teneinde eenzelfde toename 1) 

geluidshinder te veroorzaken. 

Op grond van de resultaten van dit proefschrift mogen we concluderen dat er goede 

perspectieven bestaan voor een hoortoestel met een meerkanalige automatische volumeragellig 

waarin de frekwentie-afhankelijke versterking de intensiteitsfluctuaties van spraak ongewljeld 

laat, en de meer stationaire signaalpassages onderdrukt. Een dergelijke versterkingsrogeling 

geeft onder diverse stoorlawaaicondities een verbetering in luistercomfort zonder dat diarbl] 

het spraakverstaan negatief wordt beinvloed door de schommelingen in de frekwentle: 

karakteristiek, In condities waar het spectrum van de ruis een sterk locaal maximum vertoont, 
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