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CHAPTER 1
GENERAL INTRODUCTION

Muny people with a sensorineural hearlng Impalrment complain about having
difficulties with understanding speech in the presence of Interfering sounds, These difficultion
generate the need of a more favorable speech-tosnoise 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 cage of a fluctuating masker (e.g. a compoting
speaker) this difference may be even more than 10 dB (Festen and Plomp, 1990), Hecauss
in critical listening situations, every decibel in speech-to-noise ratio corresponds with u
difference of 15-20% in the intelligibility score of simple sentences, it will be elear that these
figures represent a substantial handicap in everyday situations,

The need for a better speech-to-noise ratio has been recognized as @ major problam
of sensorineural hearing impairment, This has led to a number of attempts in the feld of
hearing-aid research to improve the speech-to-interference ratio. These attempty huve uy yot
not been successful in the most critical listening situations where the interfering sound s
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 i i
single voice, in which case the loss in speech perception relative to normal hearing Iy largeal,
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 speach in noise as favorably as possible to the listener's ear, independently of slgnal
level. This requires an automatic adjustment of the signal, as a function of time, to such o
level that the fluctuations of speech, that carry the information, are audible over a fregquency
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 awtomatic gain control
(AGC) hearing aid with independent control of the amplification in each frequency chunnel,
Because in practice, the spectrum of the acoustical background may vary, the wmplitude:
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 thera (s no nolse.

Conventional AGC nets on the averuge level of the sound, irrespective of whether a
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sposch wlgnnl x prosent or not, Thik means that during perlods when 1o apeech
communioation takes place, background nofse is piplifted to lavels that ace pxperienced iy
“oley" by the hearing-impaired listener, This s o major drawback of the upphication of AGC
in hearlng 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 criterion, Whereas
{raquency chunnels with fluctuating slgnals such as speech can be amplified to an appropriate
lgvel, thone channels with signals lacking fluctuations, because speech is absent or masked
by nolse, cun now be suppressed.

A eritieal parameter of multichannel AGC in hearing aids is the time taken by the
fraquency-dependent amplification factor to adapt itself to changes of the incoming sound. No
declslve data In favor of short attack and release times, as used in syllabic compression, have
leen reported in the lterature (cf. Braida et al., 1979). A strong argument against short time
sonstants tn multichannel AGC is that they reduce the fast information-bearing fluctuations
ol apeeeh within each frequency channel, and this will negatively affect speech reception
(Mlomp, 1988). Tkme constants of roughly 0.5 s may be a good compromise in the sense that
{ust Intensity fluctuations within syllables are left unaffected whereas variations in the
seoustienl 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
figaring ald In which, for each individual frequency channel, the rapid intensity fluctuations
typlenl of speech are maximally preserved whereas the level of the more slowly varying
fekground noise is suppressed.

A the major touchstone for hearing-aid offactiveness we adopted the speech-reception
threahold (SRT) In noise, defined as the speech-to-noise ratio at which 50% of short
sonversational gentences are correctly reproduced (Plomp and Mimpen, 1979a). The SRT
provides an aceurate quantification of speech understanding abilities in critical listening
conditlons, which, due to its fixed performance criterion, can be easily compared from one
pxperiment o another, In all experimental conditions, signals were presented well within the
[istener's auditory range, limited by the threshold of hearing and the level of uncomfortable
Joudness, at all frequencies, This was done to ensure that the threshold for speech reception
I quiet 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 the
buckground noise will cause the speech spectrum to vary accordingly, We need to know the
Nimits, 1n terms of shape and rate of change, within which the amplitude-frequency response
gun be varled before having a detrimental effect on the intelligibility of speech in moise.
Therofore, 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
A spectrum identical to the long-term average spectrum of the sentences. This spectrum was

adopted, first, because the most frequent and prominent interference in everyday listening
sltustions 1 the human voice itself (e.g. second speaker, speech babble); second, because with
thiy resteiction, n change in signal-to-noise ratio has comparable effects for all frequency
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roglons, whioh wtlows accurate measurement through o stoep disecimination surve, Rosults

show that, for both subject groups, the SRT in nolse I8 relatively [nsensitive to varl'ullunu in

:]1:: amplitude-frequency response, either when its slope is steady-state or slowly changing in
o,

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)
gpread 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 i:)w‘
frequency noise, the beneficial effect of frequency-selective attenuation on the SR fur
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 hirll'ld cm.l.ld
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 nolse glves
a substantial decrease in masked SRT, and is clearly more beneficial than widebund
attenuation, These results were obtained both for an increased noise level that s steady-stite
and for an increased noise level that develops slowly in time,

Thg promising results reported in the first and second part of this study are prompting
to the application of slow-acting frequency-dependent AGC in hearing aids, In these siudiey
however, the variation of the frequency-dependent amplification was still unnurlnwnlully:
cnl?lrnllcd. In the third and final part of this study, presented in Chapter 5, we studied (he
ull’ll‘l:late 'Effeclivenes.s of the concept multichannel AGC hearing aid by investigating, for 10
heanng»@paired subjects, the effect of frequency-dependent amplification actually cq1;1l rolled
by th'e“mlmma in the temporal sound envelope. A condition without gain control, but with the
i.implliflcali:)n in the different frequency bands adjusted to warrant 100% speech intelligibility
fn quiet, was the reference. Results show that, in the presence of sounds frequently Interfering
11.1 everyday listening situations, with spectra that are roughly comparable o that of the spesch
s:g‘nal, the multichannel AGC acting on the envelope minima does not affect the SRT In
noise. Hc;waver_, it substantially reduces the sensation of nolsiness when no spesch
communication takes place. This reduction of noisiness was most obvious for sounds with
more or less continuous character (e.g. stationary noise, music), where the AGC wis most
active.

‘Chapler 6 summarizes the experiments carried out in this study and restates (the main
conclusions, Chapters 2 to 5 are based on papers by van Dijkhulzen, 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 circuits makes it technienlly possible
(o dealgn multichannel hearing aids in which the frequency-dependent amplification fm:mr‘
dapts Itsell automatically to the physical parameters of the sound pick‘w up by the
mierophone, As explained elsewhere (Plomp et al., 1986), such an automatlf: gain-control
syatom has several advantages and should preferably take about 0.5 s to ac?apt itself to a new
puousticnl conditlon, For shorter durations, as used in syllabic compression, no conchfswe
rontilts have been reported (ef. Braida et al,, 1979). However, short attack and release times
ol compression will distort amplitude relations between and w.ithin speech sounc.is, and thus
iy affact the speech-reception threshold negatively. Longer times may cause discomfort to
tha user, o

1t follows that such a hearing aid has an amplitude-frequency response varying in
tme, Sinee both the wanted speech sound and the interfering sound (e.g. a second speaker,
volue bubble, 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
flest question that needs to be answered is: Within which limits of s:hape and rate may the
amplide-froquency response be varied before having a detrimental effect on the
apesch-reception threshold (SRT) in noise? ‘

Wao studled this question by investigating the effect of varying the slupe Of. the
amplitude-frequency response on the SRT for meaningful sentences masked by noise with a
pucteum Identical to the long-term average spectrum of the sentences . Speech and nozs'ewere
shuped by the same amplitude-frequency response. The praselint experm.aents wen% cam:sd out
with groups of normal-hearing listeners in order not to complicate the lntl‘il’pl'ﬂlall{)ll with Fhe
alfeets of hearlng 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
fesponse was given; whereas, in experiment 3, the slope varied _continu.ously. Asg far as we
know, no experiments on similar conditions have been reported in the literature.

I, EXPERIMENT 1: CONSTANT SLOPE

In this experiment, the slope of the amplitude-frequency response in .each .conditicn
win kept constant during presentation. According to the (:()I'If:l.:[)t ‘of the A.rtlculatmn" Indef
(Mrench and Steinberg, 1947; Kryter, 1962a), speech intelligibility is a funcnog of the "local
sposcho-nolse ratios in a series of filter bands covering the spee‘ch.frequenmes from lowilto
Iigh, Consequently, this concept predicts that, as long as thg limited freqjlency—r‘esolvtng
power of the suditory system does not play a role in the masking pattern of the noise, SRT
I nolse Is Independent of the slope of the amplitude-frequency response. .

Muny experiments on the effect of high-pass and low-pass ﬁlter?ng have been carried
out In (he pust, Speech energy in our experiments was shaped by different s]opes of the
amplitude-frequency response but remained above hearing level at alli frequencies. Because
Mitaring removes part of the acoustical information in speech, experiments on the effect .of
fltering In nolse cannot easily be related to our experiments. No data were gathered on the

"

offout of ystemutically varying the slope of the wmplide-frequancy response on the SRT In
nolse,

A, Mothod

Ten different slopes were adjusted by means of a parallel set of 13 1/3<0ct bandpuss
filters (Briel & Kjner spectrum shaper type 5612) with center frequencies of 250, 316, 400,
500, ..., 4000 Hz. These slopes were <15, <12, <9, «6, <3, 0, 43, +6, +9, 412 dD/owt,
Extra RC circuits with slopes of <6 and 6 dB/oct were used 1o effectuate the extreme vilue
of <15, <12, and + 12 dB/oet,

The speech material consisted of 10 lists of 13 short (8 or 9 syllables) everyday Duteh
sentences spoken by a female speaker (Plomp and Mimpen, 1979a). The masking nolse had
the same spectrum as the long-term average spectrum of the sentences, Thls spectrum wis
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 tupe
recorder (Tandberg Actilinear Studio Type TD 20) in combination with the negative slupe of
the speech spectrum, it was not possible to cover for the extreme slopes the very lurge
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 He,
respectively, and for the + 12 dB/oct condition below 450 Hz.

Twenty normal-hearing listeners (11 male and 9 female, age 20-28) participated
paid volunteers. When the subject did not express preference, the right ear was chosen ag the
test ear. None of the listeners had a pure-tone hearing level in the test ear of more thi 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 via a headphone in u soundproof room,
The sentence lists were presented to the listeners in a fixed order, but with the ten conditlong
distributed differently over the lists according to a digram-balanced design per 10 Hstanors
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, 1979a). The masked SRT was defined as the speech-to-noise ratlo 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 leyel, whichever was lower. Since the SR'T exprossed

in speech-to-noise ratio is independent of absolute level (¢f, Plomp and Mimpen, 19795), the
masked SRT is not influenced by this procedure.

B. Results and discussion
Values of the mean SRT In nolge are given in Table I, with thelr standard devigtions,
and dre plotted in Fig, 1. Wa sew that SRT for (he slopes from -6 to +9 dB/oct Is tuther

stable, It was verlfied that, for these data polnts, the slope of the regression line does not
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Tible 1, Meun SIT In nobss, exprossed [n sposch-to-nolie eatlo, und standard deviation, for the ten
conutant slopes of the amplitude-frequency response (20 lateners).

———e e e

Hlope Mean SRT In nolse Standard deviation
(/oo (dn) (dB)
«18 30.3 21,7
12 1.3 4.5
f 2.1 oa
0 4.5 1.5
A .2 1.8
0 3.3 1.3
A -5.3 ) g
b 4.1 1.6
49 5.5 1.7
4132 2.4 1.6

difter wlgnificantly from zero.

The following factors can explain why the SRT in noise values for the steep slopes,
purtleulurly for the negative ones, are higher than for the middle range of slopes:

(1) Interference of tape noise, by which faint frequency components of the speech
wire musked, Beeause the SRT in noise for sentences that are low-pass filtered with a cutoff
fraquency of 1500 Hz is about 4 dB higher than for those with a cutoff frequency of 4000 Hz
(Mump, 1986), the interference of tape noise has to be considered to be partly responsible for
flie higher SRT in noise values for the slopes of -12 and -15 dBfoct.

(2) Upward spread of masking. For a low-frequency masker with an SPL of 80 dB,
the slope of the masking pattern can be estimated to be 20 to -30 dB/oct (cf. Ehmer, 1959).
Mecuuse the slope of the speech spectrum itself is -5 to -10 dB/oct, the substantial increase
(i musked SRT for the -15 dB/oct condition may be largely due to self-masking of the higher
fruquency components of the speech signal by the lower frequency components.

(3) Unfamiliarity with the speech sounds. Whereas the previous two factors refer to
loss of Information, we should not exclude the possibility that the listeners had difficulties in
wnderstanding the sentences in the steep-slope conditions because they sound so different from
the everyday siwation, Whether the scores can be improved by training or whether the
axireme slopes, in particular -15 dBloct, exceed the ear’s flexibility in spectral adaptation,
temulng an open question,

We may conclude from this experiment that over a considerable range, from about
A up 1o+ 10 dB/oct, the masked SRT of normal-hearing listeners does not systematically
hange with the slope of the amplitude-frequency response. This finding confirms the concept
of the Artieulation Index (French and Steinberg, 1947; Kryter, 19624a) that, as long as self-
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Fig. 1. Mean SRT in noise as a function of the slope of the amplitude-f) TequeEncy responne,

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

II. EXPERIMENT 2: SINGLE SLOPE TRANSITION

In this experiment, the slope of the amplitude-frequency response wis varled onee

during the presentation of the sentence from a negative value 1o an equally large positive
value or vice versa.

A. Method

The slope transitions were realised by means of four parallel octave bandpus
of 250-500, 500-1000, 1000-2000, and 2000-4000 Hz, respectivel ¥y programmed glu:l:;lll)lf.rl:
':1'1"MS 32010 signal processor (sampling rate 10 kHz). The amplification factor for ench
individual filter was controlled by a PDP-11/10 computer and updated at & 50-Hz rate

'T‘he.slope varied once during the sentence from =10 to + 10 dB/oct or from -5 llu wi
dBm‘ct, or vice versa, In the first condition, for example, the relative amplification factors of
the four successive octave filters changed from +15, +5, -5, and ~15 dB, respectively, to
<15, -5, +5, and +15 dB, respectively, The transition function was according to half u ﬁ:llil‘lll
along a dB scale, accomplished in 2, 1, 1/2, 1/4, or 1/8 s, corresponding to 1/4, 1/2, 1, 2
and 4 Hz, respectively. This resulted in 20 conditions (two slopes, two dlrocllnna.'ﬂvo 'rnl;l]'

The same sentences und nolse us in experiment 1 were recorded on the two tricks n'f
a tape recorder. Thelr levels could be attenuated independently before they were mixed
digitized, and fed into the TMS 32010 signal processor, Since the average duration ufthn.
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in noise  deviation

(dB) (d4B)

15 2.0
08 1.6
0.4 1.8
0.4 1.5
0.2 2.0

X - ' 05

%Z $ ‘ transition time (s)
4.9

4.6

54 Fig. 2. Mean SRT in noise for single transitions in the slope of the amplitudauqumy

as a function of the transition time. Parameter is the range of slope transition,

-1.2
-1.3

03 i B. Results and discussion
'0.3 o

.l
. I -'I :
-1.0 : The mean SRT in noise values for the 20 conditions are presented in Table 11, w
their standard deviations, and are plotted in Fig. 2,
Lty el : 0.0 : An analysis of variance (see Table IIT) showed that the effects of range and tran "- i |‘
fihy f o l-.g e ]

0.9
2.6

2.0 : : Table ITL. Mean effects and first-order interactions from an ANOVA on the resulis of experiiman
. : 2.

LT . -

i Source
nent of the slope transition was adjusted so that the slope
1 5 after the beginning of the sentence. SR
{ '--namﬁl-]mﬂnz listeners §10 male and 10 femal;, age 18-24) R.f?a“gjt
election of this group were the same as in ransition time

Wl &fits:naut‘aqua:d i:la?al, these l]sfenerg were divided in two ';i.s_zal_:.ars within -ﬂmﬂun

. : from negative to positive, and the ﬁ:rr:t}.:: : m.

n, cond were presented in a digram-balanced i s o

ﬁmhor details were the same as in experiment L, except
ted t a constant level of 70 dB SPL.




e wore significant, whereas the effect of direction of slope change was not. The effect of
[iutenery, neated within the varfable direction, was also significant,

The Interindividunl spread in masked SRT for conditions with a transition from -10
10 4 10 dW/oet was considerably higher thin for a transition in the other direction (see Table
1), Thin suggests that & steep negative slope in the first half of the sentence introduced for
some Hsteners an extra difficulty in completing the sentence (which was confirmed by their
pomments after tosting).

The results of this experiment indicate that, although varying the time for a single
slope teansltion from one slope of the amplitude-frequency response to another has a
algnificant effect on the masked SRT of normal-hearing listeners, this effect is still very small
fur teansitions from -5 to +5 dBfoct, or vice versa.

Table 1V, Mean ST in noise, expressed in speech-to-noise ratio, and standard deviation, for
wontinuous slousoidal vadations of the slope of the amplitude-frequency response (four variation
frequencles, two ranges, and the average results for two conditions with a flat amplitude-frequency
Teapanse; ten listeners).

S —
-5 e 45 dB/oct -10 «— +10 dB/oct
Varlation Standard Standard
{requenoy Mean SRT deviation Mean SRT deviation
(1) (dB) (dB) (dB) (dB)
174 -1.4 0.9 -0.1 1.2
172 0.2 2.6 1V 1.8
I 0.4 1.2 2.6 2.5
2 0.8 1.6 4.8 2l
Flat response
Standard
Mean SRT deviation
(dB) (dB)
(0 1) 2.0 1.5
S —

11, EXPERIMENT 3: CONTINUOUSLY VARYING SLOPE

In (his experiment the effect of a dynamic slope variation of the amplitude-frequency
tesponse on the masked SRT for sentences was further explored by varying the slope

wontinuously,

[ R

L A e |

A Mothod

The apparatun and stimulus materlal In this experiment were the same & I
experiment 2, The essentlal new oloment wiw that now the slope varled continuously
according o & shnusoldal funetion along a 41y seale, with frequencies of 0,25, 0.5, 1, or 2 1~Il.l
The phase of the varlation at the beginning of the sentence was random. Slopes varlud
between -10 and + 10 dB/oct, or batween <8 and +5 dB/oct, Together with two conditions
with a flat amplitude-frequency response, thix resulted In ten conditions. Again, w new group
Of ten normal-hearing listeners (4 male and 6 fomale, age 18-28) partielpatod s pald
volunteers in a digram-balanced design. The up-down procedure was the sume uy In
experiment 1 with the overall level always near to 80 dB SPL.,

B. Results and discussion

. The mean values of SRT in noise are given in Table IV, with thelr standard
deviations, and are plotted in Fig. 3.
An analysis of variance, the results of which are presented in Table V, showed that
the effectsl 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 und
between -5 and +5 dB/oct diverge for increasing variation frequency. In general, we miy

@ 10 [ T T T 1 T 1
)
E
Z_ AL “10 €—» +10 didfoot
5 |
-~ o GM |
i o
g i -5 +—» +5 dB/oat
B
i

_10 1 {}J’! 1 L 1 i

flat resporse 0.25 a5 1 2

varlation frequency (Hz)

Fig. 3. Mean SRT in nolse for continuous sinusoidal varlations of the slope ol (he

umplitude-frequency response, ns n function of the v : i
A 0 ariation frequency, Parameter ix the range of

Bl




Table V. Moun offects and fist-order lntersetions from an ANOVA on the results of experiment

——
Houroe Sum of df Mean  F ratio P
uares sauares (%)
Wangoe 1200 1 120.0 43.4 0.02
Varlatlon frequency 1295 3 432 17.1 0.00
Lintonors 01 9 7.8 2.6 2.5
Winge x var fr, b M 7.9 2.7 6.59 (n.s.)
ange x lineners 249 9 2.8 0.9 51.62 (n.s.)
Var M, x lstenors 680 27 2.5 0.8 66.57 (n.s.)

conelude that the SRT {n noise increases gradually with variation frequency and more rapidly
{or the lurger variations in slope.

1V, GENERAL DISCUSSION AND CONCLUSIONS

Ihe three experiments reported in the previous sections show that the human ear is
pumiekably resistant to variations in the slope of the amplitude-frequency response, According
{0 experiment 1, constant slopes between about -7 and -+ 10 dB/oct do not show a significant
pystomatie effect on the masked SRT.

In evaluating the effect of dynamic slope variations, the masked SRT for a flat
amplitude-frequency response, represented in Fig,3, should be the reference. The difference
of 1.3 dB 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.

Clomparison of the curves of Fig.2 with the flat-response reference of Fig.3 reveals
(hit i single slow transition halfway through the sentence between -5 and +5 dB/oct has only
i effect of 0.8 dB on the SRT in noise. The effect of shortening the transition time is not
jgrsater than about 1.3 dB. We may conclude that, for a single transition from -5 to +5
Aot or vice versa, the transition time is not critical. Figure 3 shows that this does not hold
fur gontinuously varying slopes. However, even in this case, the masked SRT increases with
Jeas than 1 dB for each doubling of the variation frequency.

Vor varlations between -10 and +10 dB/oct, the situation is less favorable. In case
of a single teansition, the masked SRT is on the average 3.4 dB higher than for the smaller
range (Flg.2) and both for the single transition and the continuously varying slope, the SRT
fnerenses when speed is increasing (Figs. 2 and 3).

In summary, we may conclude that the masked SRT for sentences is rather stable as
long s the slope of the amplitude-frequency response remains within a range of about -7 to
10 div/oct. Por single transitions between -5 and +5 dBoct, the transition time is not
oritlonl, whereas, for continuous variations in this range, the masked SRT is raised by less
than 1 B di for o varfation frequency up to 1 Hz,

n

CHAPTER ¥

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

Janette N, van DIjkhuizen, Joost M, Festen, and Reinfer Plomp
published in: Journal of the Acoustical Soclety of America 86, 621-628 (1989)

ABSTRACT

lr{ an evaluation of frequency-dependent automatic gain-control systems in hearing alds, the
effect of varying the amplitude-frequency response on the speech-reception threshold (.S:l!'l'}
.for stmlcnce& in noise is studied for 20 hearing-impaired listeners. The noise has o spectrim
identical to the long-term average spectrum of the sentences. Speech and nolge a.ru shaped b

Fhe'sef.me amplitude-frequency response; their spectra are varied relative to the bisector of thi
individual’s dynamic-range of hearing. In four experimental conditions, the effect of o
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 Im.'ruuu:acl
effecF of upward spread of masking, The effect of a single trangition :rﬂ' the
amplitude-frequency response between 10 and -10 dB/oct halfway through the sentence sesms
to be relate‘d‘tu the effect for the fixed ~10-dB/oct condition. Two transition times are tested

For 4 transition time of 0.25 s, the SRT is only little higher than for 1 . The results mluuu;
that the amplitude-frequency response may be varied in time without having o detrimental
effect on the masked SRT of sentences for hearing-impaired listeners as long a8 strongl

negatively sloping spectra are avoided. I 3
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INTRODUCTION

A multichannel automatie  gain-control  (AGC) hearing aid, in which the
froquency-dependent amplitication adapts itself tw the spectral parameters of the incoming
sound, miy optimally present speech within the dynamic range of the hearing-impaired
[intener, The amplitude-frequency response of such a hearing aid will vary in time and should,
pocording to Plomp (1988), take about 0.5 5 to adapt itself to a new acoustical situation. Such
renponse varlations 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
spocch reception threshold (SRT) in noise may still be affected by the tilt of the
pmplitudesfrequency 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
[{uterers the SRT for sentences in noise is almost unaffected when the amplitude-frequency
renponse his o 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 -3
dl/oct, Glven the results for normal hearing, a similar study is presently carried out with
pensorineurally hearing-impaired listeners by investigating the effect of different steady-state
wid time-varying amplitude-frequency responses on the SRT of short meaningful sentences
miked by noise. The noise has a spectrum identical to the long-term average spectrum of the
pentences. Speech and noise are shaped by the same amplitude-frequency response. For
optimul specch perception both in quiet and in noise, speech should be presented above
Usreshold level and below the level of uncomfortable loudness over & wide range of
fregquencles (cf, Skinner et al., 1982). Therefore, we use, as a baseline, speech and noise
specteally shuped for each individual listener according to the bisector of the dynamic-range
of henrlng (ef. Levitt, 1978), In all conditions with a spectral tilt, the variation is applied
ralutlve to this baseline,

According to the concept of the articulation index (AT) (French and Steinberg, 1947,
Kiytor, 1962n), speech intelligibility is a weighted sum of "local” speech-to-noise ratios in
u serles of filter bands covering the speech spectrum. For steep masker spectra, corrections
live to be applied. Since in our experiment variations of the amplitude-frequency respense
(o not affect speech-to-noise ratio, and also very steep spectral masker slopes are avoided,
the chunge In articulation index over experimental conditions will generally be small. To our

knowledge, studies on systematic variations of the amplitude-frequency response with
Jguring-impaired subjects, with speech and noise presented within the listener’s auditory range
it il frequencies, have not been reported in the literature.

1, METHOD

Varlous steady-state and time-varying amplitude-frequency responses are realised by
muans 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
alliptic filters with slopes of approximately 40 dB/oct are used. The gain in the four frequency
bunds I controlled by a PDP-11/10 computer and, in time-varying conditions, updated at a
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dynamic-range bisector, The thin and dashed § repre
g s curves represent <10 and + 10 dB/oct relative to the

f;;:irjzc&hddmmum output level is 122, 118, 110, and 103 dB for the four octave bands,
- anfr each h.st.erler. the auditory range, 1in"1itud by the threshold of hearing (THR) and
et evel of uncomfortable loudness (UCL), is estimated using 300-ms bursts of octave-(iltered
noise separated by silent intervals of 100 ms, Thresholds are determined for each of the four
oclavc.bands according to a Békésy tracking procedure (step size 1 dB), UCL is detsrmbied
according to a procedure in which the noise level is slowly increased with 1 dB for ench now
300-:115‘ burst, and the listener has to push a button when the noise is exporlenced uy
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 nolse
]{lo'tzs-ﬁcll—!f) with a spectrum identical to the long-term average spectrum of spoech, The
p:,-?;’j; :)Sf :::;t::: to select a level at which Jistening would still be comfortable for longer
Spectral slopes of the experimental conditions will be expressed in di/oet relutlve to

the bisector of the listener's dynamic-range of hearing, With steady-state amplitudedroquene
responses, the spectral slopes are 0, <10, and -+ 10 dB/oct. An example of these slopas ii
given in Fig. 1, In a fourth condition, the amplitude-frequency response Is flat, with uI:nrnlI
noise level fixed at MCL for the lstener, In the time-varying conditions, the ;Iupo changos
once halfway through the sentence presentation according to half a cunh:lo function ulunz i
dB scale. Changes In slope are tising for one half of the listeners and falling fu:l' the other




Tablo 1, Median lovels with 25 and 78 perontilos of pure-tone alr-conduotion thresholds exprossed
fin i ML (20 hearlng-impalred listeners),

——
Frequency in kHz
0.25 0.5 1 2 4
25% 15 29 37 39 39
Madinn 21 34 42 2 o
5% 30 43 48 L i

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
yerss, In one condition, for example, gain in the successive frequency bands changes from
415, +85, -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 o avoid signals that are either 00 loud or too weak
{0 some frequency regions. In the two extreme frequency bands, the gain is limited such that
the nolse level is always between (UCL - 10 dB) and (THR + 10 dB). In the twe center
binds, onethird 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
remalng & cosine, For an equal dynamic range in all frequency bands, this leads to a similar
gln ratio (3:1) between extreme and center bands as for listeners with sufficient dynamic
rango In each frequency band. The margin of 10 dB was maintained to ensure that also band
lovels for speech fall within the dynamic range over a sufficiently large range of
speech-to-noise ratios.

These 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
{he 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
lovel-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
rocorded 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
{42 & In the time-varying conditions, the onset of the transition from one spectral slope to
unother 1s adjusted so that 1 s after the beginning of the sentence the spectral slope crosses
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Table 1 Ootwve-bund loveln (In diy 8PL) ¢

vomfortable loudnesy (ﬂcli? row), and a i
hearing-impalred subjects, dotermined for bursts of sl M
determined for brondbund nolve with a specch spectiim.

Subj, Frequency in kHz Huh,
nr 0.25-0.5 0.5-1 1-2 2.4 urm 0,25-0.5 Ol?-‘ll“nu’; l: mz-a
1 1100 105 100 100 11 118 1100 106 108
it i) 65 58 81 77 69 62
53 49 60 66 43 a4 59 7
2 94 91 99 926 12 114 113 105 97
73 69 61 54 72 68 60 53
34 36 53 63 64 53 39 kL]
3 105 98 92 92 13 118 116 105 103
76 72 64 57 79 75 67 00
35 48 48 43 59 59 58 56
4 94 87 85 82 14 119 111 110 103
73 69 61 54 70 66 58 51
46 41 48 48 71 65 67 6l
5 111 107 99 94 15 101 102 110 99
84 80 72 65 68 64 56 a0
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 53
64 51 46 49 45 40 48 55
7 120 115 110 103 17 113 110 106 103
81 77 69 62 79 75 67 )
39 64 44 44 53 47 56 6l
8 118 110 104 102 18 115 112 104 100
T 73 65 58 79 75 67 60
52 42 48 52 50 49 41 al
9 107 105 100 98 19 110 106 96 04
74 70 62 55 79 75 67 o)
40 41 44 25 50 46 43 47
10 120 114 110 103 20 109 103 106 103
81 77 69 62 82 8 70 6
32 46 50 35 56 59 61 73
Mean 111 107 103 99
(20 76 72 64 57
subj.) 50 50 51 52
———

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

Twenty listeners between 30 and 70 years of age with sensorineural hearing losses
participate In the experiment as puld volunteers. For this group, the hearing loss for
pure-tones averaged over 08, 1, and 2 kilz, Ix between 30 and 55 dB at thelr best ear, und
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Table T, Octuve-bund lovelu for notwe (in Al SPL) In steady-state conditions with spectral slopes
of 10 (firat row), O (second row), and +10 dB/oct re: blasctor (third row), presented for
Individunl hoarkog-lmpatrod subjeats, Since In the MCL-condition the smpliude-froquency rasponse
In ity wubtrnotion of MCL levels (Table 11) from the levels In stendy-state conditions gives the
uetunl amplitude-frequency responses, For some subjects, amplitude-frequency responses are
limited by thelr dynumic-range of hearing.

Huhyj, Frequency in kHz Subj. Frequency in kHz

n 0.250.8 051 1-2 2-4 nr 0.25-0.5 0.5-1 1-2 2-4

| 96,5 B20 767 76.0 11 940 820 780 82.0
Hl.S 77.0 80.0 83.0 9.0 770 8.5 8§15
66,5 72.0 833 9.0 64.0 720 87.0 93.0

1 90 6885 717 73.0 12 1040 880 67.0 505
640 63.5 760 79.5 89.0 83.0 720 655
490 585 803 86.0 74.0 78.0 77.0 BO.5

! S0 78.0 660 53.0 13 1035 925 77.0 66.0
WY 730 700 67.5 885 875 815 795
550 68.0 740 B82.0 5.5 825 860 930

] 4.0 683 63.7 58.0 14 109.0 923 84.7 710
700 640 665 65.0 95.0 88.0 885 82.0
560 597 693 72.0 81.0 837 923 930

5 §9.5 86,0 73.0 620 15 91.0 837 79.5 66.0
B45 8.0 770 73.0 760 795 845 775
69.5 76,0 Bl1.0 B840 61.0 753 89.5 89.0

0 1070 885 71.0 61.0 16 95.0 80.0 72.0 650
920 B35S 760 76.0 200 750 970 T8
770 7185 BlLO0 91.0 65.0 70.0 82.0 9.0

1 M3 945 720 585 17 98.0 835 760 710
e B8S 7.0 735 830 785 81.0 820
64,5 B4.5 820 885 68.0 735 86.0 93.0

l 100,00 81.0 710 62.0 18 675 855 675 555
850 76.0 760 77.0 825 8.5 725 705
70,0  71.0 81.0 92.0 675 755 775 8B5S

0 .5 78.0 67.0 46.5 19 950 81.0 645 570
Ty Ta0 7200 615 800 76.0 69.5 700
588 68.0 77.0 765 650 71.0 745 83.0

10 91,0 B850 750 54.0 20 97.5 B850 793 830
76,0 80.0 80.0 69.0 82.5 B81.0 835 880
61,0 750 850 84.0 67.5 77.0 877 93.0

Muun 05,5 832 726 63.6

(20 #80.6 783 712 753

aibi,) e 1S 817 869

—

alrshone gap I8 always less than 10 dB between 0.25 and 4 kHz, A statistical survey of the
purestone thresholds 18 given in Table I, Performance functions for monosyllables in quiet
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rouchon at Toast 90% Infolligibility. Noundproasure lovels of THR, UCL, wnd MCL for
octave-bands of nolwe ure ghvon for waeh tndividual stener in Table 11, In the 1-2kHe and 2-
AkHz bands, UCL In oqual to muaximium output of the system for four and elght lateners,
respectively, The width of the dynamie range, averaged over all Hsteners, Is 61, 57, 52, und
4748, for the octuve bunds from low to high, respectively,

Sentonces In nolse are presented monaurally to the listener's best ear over u
headphone in & sound-proof toom, The ten llsts of sentences are presented in a fixed order,
In the time-varying conditlons, the spectral slope varies from negative to positive for subyjects
110 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
lo avoid the effects of learning and fatigue in the average results, SRT in nolse Is defined i
the speech-to-noise ratio at which the listener reproduces 50% of the sentences without i
single error. Speech-to-noise ratio is varied by adjusting the level of the sentences relatlve (o
the level of the noise in an adaptive up-down procedure with a step size of 2 dB (Plomp and
Mimpen, 1979a).

Table III 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 leyels for
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 most
extreme slope conditions. The average gain relative to the bisector in the octave-band 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 tUmevarylng
conditions, the limits of octave-band levels can be read from Table I11 for the + 10+ o 10
dB/oct slope transitions, For the smaller slope transitions (+6 and +3 dB/oct) these lovely

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 IV
for each listener. Average thresholds for 20 listeners with standard deviations are plotted In
Fig.2. The lowest speech-reception thresholds are found for the bisector condition, In this
condition, the average slope of the amplitude-frequency response for our group of lsteners
is +4.57 dB/oct. This slope agrees well with frequent recommendations in the literuture
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 u
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 to sonditions with a positive and negative slope of 4.5 dB relative to the
bisector, They found no differsnce In masked SRT between the two slopes for hearlng-
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[impalred lstenors. Although test procedures are not (dentical, thix resull suggests o plateau
I the ST ourve around the bisector condition.

Ab stated above, the normal speech spectrum has a slope of about 4.6 dB/oct relative
10 (he blsector, Therefors, the normal slope of the speech spectrum Iy generally more strongly
modifled o obtakn the + 10-dB/oct condition re: the bisector than for the -10-dB/oct
gondition, especially for listeners with increasing thresholds of hearing towards higher
froquencles. Nevertheless, the average SRT in noise in the + 10-dB/oct condition is raise.xi‘ by
anly | 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 Jarge interindividual spread.

Although the MCL condition is the only one in which the slope of the speech
upectrum remalns 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 1V, SRT in noise, expressed in speech-to-noise ratio (dB), for s!eady-‘staie coFu:lLtions asa
funotlon of spectral slope. Results are presented for individual hearing-impaired subjects.

—
Spectral slope in dB/oct
re: dynamic-range bisector

3““2; -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

a4 -1.0 0.6 30 3.0

5 3.8 -1.0 -0.6 4.6

O 7.4 -1.0 1.8 5.0

7 4.6 -1.8 1.8 5.4

H 7.0 3.4 1.8 58

9 9.8 0.2 -0.2 2.6

10 5.8 0.6 2.2 7.0

11 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

15 3.4 -1.3 1.8 10.6

16 78 -1.4 0.6 4.2

17 7.0 2.6 1.0 6.2

18 8.2 0.6 -1.4 1.0

10 7.8 0.2 0.6 3.4

20 3.3 -1.8 3.4 5.8

Muan 53 0.5 0.5 5.1

ud 3.6 1.6 1.9 3.1
—————
30
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Fig. 2. Mean SRT in noise (20 listeners), with standard deviations, for steady-slate
amplitude-frequency responses (in dB/oct relative to dynamic-range bisector, except for MCL),

have been approximately flat as in the MCL condition, but the masked SRT for such a
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 neur
or below the threshold of hearing for nine listeners (see Table II). For normal-hearing
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-impalrad
listeners. For normal-hearing listeners in similar conditions, this slope can be estimated to ba
-20 to -30 dB/oct (cf. Ehmer, 1959). It follows that even for the normal speech specteum with
a slope between -5 to -10 dBfoct, like in the MCL condition, masking of high-frequency
components by signals in the lowest frequency band may have occurred. From measuremants
of psychoacoustical tuning curves, Lutman and Clark (1986) concluded that the Hsteners with
more upward spread of masking from frequencies below 500 Hz had better specchi
intelligibility scores for a rising than for a flat amplitude-frequency response,

Only in the <10-dB/oct re; bisector condition, where the average slope of the specteum
is -10.63 dB/oct (wee Table 111), masked SRT correlates with this spectral slope (c= 0,80,
N=20), It also apponrs that the masked SRT in this condition correlates with nolye level n
the 0,250, 5kHe bund (0 86, N=20), Both specteal slope and presentation level of the
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nofse I our experlmental conditions depend on the shape of the suditary range of the listener,
%0 both correlntions could have this shape as their common origln, However, It we assume
that SRT in nolse 1 Independent of the shape of the auditory range an long us speech and
nolse are presented well within this range, then the above correlations support the hypothesis
that it §s the upward spread of masking which becomes more effective with steepening the
negative spectral slope and increasing the presentation level, For the flat and + 10-dBfoct
canditions, very strong low-frequency components do not oceur.

Calculations of the articulation index (Kryter, 1962a; one-third-octave-band method)
e performed for each listener under steady-state conditions with spectral slopes of -10, 0,
und 4+ 10 dB/oct re: the dynamic range bisector. Figure 3 shows the relation between masked
SR and the corresponding Al for these three slope conditions. The SRT represen.ts the
slgnul-tonoise 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 Al of 0.2
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ig, & Relation between masked SRT, representing 50% correct sentence .reprf)duction, .and the
uetloutntion index (Kryter, 1962a; one-third-octave-band method),, for 20 hcanng-lmpa.lra:] listeners
uid theee steady-state slope conditions (v, ©, and a, for -10, 0, and TlO dB/oct relative to the
dynamlo-range bisector, respectively). The dashed line represents the linear relation between g;
und apeech to-noise ratio for a flat amplitude-frequency response and an overall noise level of
d 8PL, Along this line, the correction for spread of masking is constant.

e @4 0 '

but may vaey somswhia el sttt tatkeur, and Hstener group. For the talker and
speech matertnl uneed I s sxperlment wnd o signal limited between 025 and 4 kHe,
normal-aar (g stenses obtatnm SO% fntelligibitiey at o slgnal-to-nolse ratio of -2,0 4B with
a standard doviation of L8 @i (e van DIkhulzen et al,, 1987), The corresponding Al Ix
0.31 with u standard dovintion of 0,08, However, for hearing-impaired |isteners and for the
slope conditions tested fn this experiment, the Al calculated for the signal-to-nolse ratlo wt
threshold varles over u much brouder range, both for the average results of conditlony and
for the individual lsteners. Since the nolse is above threshold in all frequency bands and for
all conditions, AL Increases linearly with the speech-to-noise ratio between <12 and + 18 dii,
as long as corrections for spread of masking are constant. The deviations of Al from i Hneur
relation (dashed line) in Fig, 3, all due to the correction for spread of masking, oceur mulnly
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-nolse
ratios in frequency bands around 1.6 kHz, a stronger weighing in low-frequency bandy iy
be more appropriate for sentences (cf. Pavlovic, 1987). However, a shift of the welghing
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 nolue
for the hearing-impaired listeners in our experiment, particularly for the negative spectral
slope condition. However, articulation theory was not designed to describe hearing
impairment. From the large effect on the masked SRT in the negative slope conditlon, which
is not seen in the Al, it can be concluded that excessive upward spread of masking i
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 Is glven for
individual listeners in Table V, and mean thresholds for 20 listeners with standard devintions
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 subgroupy
of ten listeners. The effect of the variable listeners nested within direction, and the effect of
range of transition are highly significant, and are the main sources of variance, The musked
SRT increases almost linearly with range of transition. Varying the spectra of speech wnd
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 viee
versa) shows a larger interindividual spread than for other time-varying conditions. The effect
of reducing transition time from 1 to 0.25 s is also significant, but on the average, less thin
1 dB for the lower two transition ranges and about 1.5 dB for the largest transition rango. A
similar result was found for normal-hearing listeners (van Dijkhuizen et al., 1987),

A compirison of Tables IV and V shows that the mean SRT in noise for the [urgest
slope transitions Ix much eloner 1o the results for the -10-dB/oct steady-state condition thun
to the + L0-dB/oet vondition, The masked SRT for the largest transition range and for both
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‘... noise ratlo (di), for itlons, as o

Ilwlll ﬁ ilopo and mltlnn ﬂml f -ll Indieated
H?‘" -Iu or - Rowulty mpmnnﬂd for individual b

Range limits of slape transition

Range limits of slope transition v of o
-+ re bisector (dBfoct) 1o biseotor (dB/oct)
c g3 a6 u>+1D 4 =3 I s
e time  transtime  trans time traps.time  trans.time trans.time
- by, ) (s) (s)  Subj. (s) ) (s)
. .n:" it S R TR VT [T R
~ 1 06 22 06 02 26 02 11 02 02 06 -10 22 02
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times also shows considerably higher correlations with the masked SRT for the
Mmu ~10-dB/oct slope than for the +10-dB/oct slope [for -10 dB/oct, r=0.62 and
0,64, and for +10 dB/oct, r=0.11 and r=-0.07, for transition times of 0.25 and 1 s,
Teapectively (N=20)]. Tt appears that masked SRT for conditions with a single transition of
(he specteal slope is related to masked SRT for the steady-state negative spectral slope,
corresponding 0 one of the range limits of transition. Probably, the masked SRT for
Aentences with a single transition of spectral slope halfway through the sentence is determined
~ by the least intelligible half. It should be remembered that the adaptive up-down procedure
mll reproduction of the entire sentence without a single error for a correct response.

Igwom:.vsmns
IL For the steady-state amplitude-frequency responses tested, the SRT in noise is best

gpeech and noise are presented at the listener’s dynamic-range bisector. From
olation of the average data, it can be inferred that, for a spectral slope between roughly

i i ,” I e o o o 2
0 ’_4:3-.?.6:10” e B e |
range of slope ftransition

re dynamic—range bisector (dB/oact)

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 dB3/oet relutive

to dynamic-range bisector). Parameter is transition time in seconds, The triangle represents musked
SRT for the (steady-state) bisector condition (from Fig. 2).

-3 and + 10 dBJoct relative to the bisector, masked SRT is not increased by more than 2 i,
Indications are found that steepening the negative spectral slope of speech and nolse beyond
this range increases the risk of upward spread of masking, depending on steepnoess of the

Table VI. Mean effects and first-order intsractions from an ANOVA on the results for n slngle
transition of the amplitude-frequency response.

e —
Sum of Mean

Source squares df squares F ratio P

Direction 3.9 1 9 0.2 0,65

Listeners within direction 319.6 18 17.8 10.1 <0,005

Transition time 21.2 1 212 7.9 0.01

Range 221.7 2 1108 31.2 < (1,005

Direction x tr time 1.9 1 1.9 0.7 0.58

Direction X range 5.2 2 268 |07 0.51

List. x tr.time 49.8 18 2.8 1.6 0.12

List. x range 127,9 36 36 2.0 0,02

Tr.time X range 11,3 2 5§56 3.2 0.05
—_— —_—




spectrum and on- presentation | \ho, for time-varylng condidons, when a single
ransition of the slope between -3 and 43 dBfoct relative to the dynamic-range bisector Is
applied halfway through the sentence, the increase of masked SRT i los than ahout 2 dB,
e SRT in nolse in conditions with slopes varying in timo between «10 and +10 dB/oct
rulitive 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
trongly supports the notion that, for the range of variations investigated, the SRT is mainly
datermined by the least intelligible part of the sentence without a substantial contribution due
10 the variation itself.

Referring to results for both time-varying and steady-state conditions, we may
gonelude that varlations of the spectrum do not seriously affect masked SRT as long as a
negutlye state of the spectral slope does not exceed roughly -3 dB/oct relative to the auditory
unge bisector, The steepness of the positive slope in the time-varying conditions does not
Ao 1o be very critical,

The results are promising for the success of a frequency-dependent automatic
glnscontrol In hearing aids, Disturbing sounds usually have their strongest components at the
lower 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
musked SRT of, on the average, about | dB. This small increase of threshold may be
attributed o loss of intelligibility due to the variation itself and it is an indication that short
{lme constants for transitions of the amplitude-frequency response should be avoided.

D OF SENTENCES IN
NOISE

Tanette N, van Dijkhulzen, Joost M, Festen, and Reinier Plomp

accepted for publigation In: Journal of the Acoustical Society of America

ABSTRACT

Within a study on the merits of a multichannel automatic gain control in hearing alds, the
effect of frequency-selective amplification on the masked speech-reception threshold (SR'1)
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 specteally shaped
according to the bisector line of the listener’s dynamic-range of hearing, but with the nolse
in a single octave band (0.25-0.5kHz or 0.5-1kHz) increased by 20 dB relative to this Hne.
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 indicnte
that, in both experiments, frequency-selective compression of the signal in the octave band
withl the 20-dB increase of noise is more beneficial than wideband compression, For the
Fearmg-impaired group, wideband compression does not give any systematic change [n
intelligibility. Frequency-selective compression in steady-state conditions may, for both groupy
of listeners, give a decrease of masked SRT (relative to a condition without comhrmlon)- 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 frequency-

selective over wideband compression is attributed to a more effective reduction of upwird
spread of masking.




INTRODUCTION

A multichannel sutomatie  galnscontrol  (AGC)  heuelng  whd, v whigh the
frequancy-dependent amplification adapts itself automutically 0 the spectro-temporal
plrameters of the Incoming sound, can optimally adapt the level and spectium of the signal
to the reduced dynamic range of the impaired ear, In such a hearing ald, the speech signal
i the different frequency bands is favorably presented within the dynamic range of hearing
no that maximal audibility of the speech can be obtained. At the same time those frequency
Bandy that do not contribute to intelligibility, because the speech in these bands is masked by
nolue, should be attenuated. This may improve listening comfort and reduce the potential
affect 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
Apecten 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
sompression, no conclusive results have been reported (cf. Braida et al., 1979). However,
short attuek 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
nolse would gutomatically reduce the gain for all frequencies equally, easily resulting in
reduged audibility of higher-frequency speech components. Particularly when the listener’s
hentlng levels differ over the frequency range, as in a high-frequency hearing loss, adjusting
i widebund amplification factor does not provide an adequate adaptation of the incoming
slgnal to the reduced dynamic range of the hearing-impaired (Plomp, 1988).

Because the variations of the amplitude-frequency response affect both speech and
interfering nolse, speech-to-noise ratios in the different frequency bands remain unchanged.
Howaver, in spite of a constant speech-to-noise ratio, the speech-reception threshold (SRT)
i nolse may still be nepatively affected by the shape of the amplitude-frequency response or
by It rate of change. This problem was investigated in earlier studies with normal-hearing
and hearlng-impaired listeners (van Dijkhuizen et al., 1987 and 1989), where the noise had
W pectrum identical to the long-term average spectrum of the sentences. This corresponds to
the freguent 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
nolwe I practically unaffected when the slope of the amplitude-frequency response is
utendly-state within a range between -7 and +10 dB/oct, or when this slope is slowly varying
i time between -5 and +5 dBfoct. Further steepening the falling slope of the
umphtudefrequency response appears to increase the risk of spread of masking. For
hearing-impaired listeners van Dijkhuizen et al. (1989) found that, in conditions with
stendy utate and slowly varying amplitude-frequency responses, the increase of masked SRT
10 leus than 2 dB, provided the negative slope of the speech and noise spectrum is not steeper
thin <3 dB/oet eelative 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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The robustiess of speesh ntelligibitity for normal and lmpaired listeners under
variations in the amplitude fregquency response, referred to above, Iy promising for the success
of frequency-dopandent automutie galn conteol In hearing aids. The question that follows is:
how large 18 the benofielul effect on Intelligibilicy, by reduction of spread of masking, of
adjusting the amplitde-frequency response (n situations of seriously disturbing noise with a
narrow-band maximum? Sproad of masking caused by such a masker spectrum particularly
manifests itself from lower to higher frequencies (upward spread of magsking), 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 stressul
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 ity
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 n
frequency range that is as wide as possible (cf. Skinner et al., 1982). Therefore, as the basle
“input" to all frequency-selective and wideband conditions, we used speech and nolse
spectrally shaped for each individual listener according to the line that bisects his/her dynamie
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 bund,
however, the noise level was increased by 20 dB relative to this bisector line. This increuse
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 1 and time-varying in Experiment 2. The compression factor was varied a8 an
experimental parameter.

According to the concept of the Articulation Index (French and Steinberg, 1047),
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
Al includes corrections for effects of spread of masking, validated for a set of experimentul
data from normal-hearing listeners (Kryter, 1962b). For conditions of speech presented In
low-pass nolse with u level 12 dB above the speech level, Festen et al. (1990) used the Al 1o
illustrate the benefielal effect of selective attenuation of speech and noise in the pass-band of
the noise 1o i level balow the ooset of upward spread of masking. According to articulation

ponents in the lower frequencles (ef, Kryter,
Al poapanse will also be most appropelate for the purpose
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frequency (kHz)

m; 1, Hxample of how spectra for speech
(dunhied curve) and noise (solid curve) were
such shaped according to the bisector line
(wolld aurve) of the listener's dynamic range of
heardng  (noneshaded  area).  Spectra  are
expronked i octave-band levels. Speech-to-
nolse ratio (as determined by the adaptive
thireahold-estimation procedure) in this example
A0 2 A, SPLs in the four octave bands from
low to high are for speech: 86, 82, 80, and 87
i, and for noise: 84, 80, 78, and 85 dB,
tonpeatively, SPLs for the total signal, obtained
by summing the intensities of speech and noise,
re 81, 84,1, 82,1, and 89.1 dB, for the four

binils fmm low to high, respectively,
wnd 92,8 dit for the wideband signal.

frequency (kHz)

Fig. 1b. 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.

(heory, speech components in this noise band have no useful contribution to speech
percoption, For an overall SPL of the noise (cut-off frequency | kHz) between 80 and 100
B, they caleulated a predicted improvement of intelligibility that is comparable to a wideband
nerense of spesch-to-noise ratio between about 1.5 and 7.5 dB. For hearing-impaired listeners
At was shown (van Dijkhuizen et al., 1989) that, particularly in conditions with steep
negatively sloping spectra of speech and noise, the spread-of-masking corrections in the
‘nleulution of the Al are far too small to account for the observed variability in masked SRT.
It was concluded that, because articulation theory was designed to describe normal hearing,
ﬁm part of the variability in the data should be assigned to greater than normal upward

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

frequency (kHz)

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

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 sprond
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

Varlous steady-utate spoctra for peech and noise were each realised by a set of four
parallel octave filters of 0.25:0,8, 0,51, 1-2, and 2-4 kHz, programmed digitally in a TMS
320-10 slgnal processor wu ite 10kHz), Six-pole elliptic filters with slopes off




'”mwnubnmumompum. - il
For ench Hstener the dynamic range of hearlng, Nimited threshold of hearing
the level of uncomfortable loudness, was measured prior (o ( Ing 300-ms bursts
ctuve-tiltered white nolse separated by silent Intervals of 100 ms. For each of the four
Umﬁihdl. thresholds were determined according to 4 Békésy tracking procedure (step size

. Uncomfortable loudness levels were determined according to a procedure in which the

Itﬂl I8 Increased by 1 dB for each new 300-ms burst, and the listener has to push a
in when the noise is experienced as uncomfortably loud.
M i baseline for all experimental conditions we used a fixed amplitude-frequency
ne thit shapes speech and noise spectra according to the bisector line of the listener’s
nimle range of hearing, In a single octave band, between 0.25 and 0.5 kHz or between 0.5
1 KMz, however, the noise level was increased by a constant 20 dB relative to the
Diwector, For each new sentence, the overall level of speech was changed relative to the noise
dn un adaptive procedure in order to determine the SRT. In conditions with
frequency-selective compression, amplification in each of the four octave bands was
~ Independently adjusted to changes in signal level in the respective band. In conditions with
‘widaband 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
spuechito-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
nole), measured in octave bands or wideband (depending on the experimental condition), and
Tald constunt for the duration of the sentence. Amplification factors were such that the level
Ancrense 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).
Ixumples 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

0.8 1kHz), two types of gain control (frequency-selective and wideband), and three
compression fuctors (0, 50, and 100%), gave ten different experimental conditions (0%
“ompression conditions were equal for both types of gain control). In the reference

Tuble 1, Mean pure-tone air-conduction thresholds with their standard deviations, expressed in dB
ML (12 hearing-impaired listeners).

| —
Frequency in kHz
0.25 0.5 1 2 4
| ———

Moun 30 40 51 53 68
ol 15 13 9 10 13
————

r«. L3
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N HEARING-IMPAIRED
Frequency in kHz

0.25-0.5 0.5-1 -2 24
1 107 105 100 97 1 98 98 92 93
16 8 izl 10 38 37 42 59
2 108 103 100 102 2 122° 169 98 106
16 6 2 4 63 59 57 74
3 111 99 96 95 3 117 117 110 110
17 10 8 13 38 36 41 52
4 116 115 98 96 LS 120 118 117 110
13 6 2 6 58 49 38 46
5 122 121 110 108 5 117 113 115 116
13 4 6 15 58 60 69 63
6 119 114 109 106 6 118 115 113 118
16 8 el 10 60 56 58 68
s 121 120 120 119 ! 96 94 95 95
13 6 4 11 32 35 52 37
8 122 122 113 110 8 119 112 111 118
15 6 2 3 61 56 42 49
9 118 115 113 110 9 120 120 118 117
12 & 5 12 36 36 39 46
10 120 119 119 118 10 121 119 113 116
8 4 4 10 43 49 50 55
11 111 113 115 17 11 101 92 92 o4
11 6 4 5 26 23 40 40
12 107 98 93 94 12 107 107 107 107
14 11 4 B 38 30 41 60
M 115 112 107 105 M 113 110 107 109
14 7 E 9 46 44 47 56
sd 6 9 9 9 sd 10 10 10 9
3 2 2 4 13 12 10 10

("bisector") condition, speech and noise were shaped according to the dynamic-range bisector,
Tn 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 thin
condition, overall noise level was such that in all octave bands levels were at least 20 B
above the listener’s threshold.

The speech materlal consisted of 12 lists of 11 short (8 or 9 syllables) everyday Duteh
sentences spoken by  female wpeaker (Plomp and Mimpen, 1979a), Because only 130
sentences were uvalluble, (wo sentences were presented twice in different lists, Sentences wnd
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] l!l.:) In the *normal® condiilon (flest row:
il the "blsgetor” condition (third ow), for the
0 Nntonern, Beonuse In the “normal” condition the

ke wore recorded on differont traoks of u magnatio e overal lovels could
be Independently varied and they could be Independently fd Into n TMS 320-10 signal
provessor, hafore they were mixed. Amplification factory In the diffarent filter bands were

Tubsle 11, Ovtiave b
Hxperimant 1] spoond row:
fndividunl normalhearing snd

nmplitude-frequency response s y subkrsetion of "normal® levels from the levels in the
updated for each new sentence in order to realise the uppropriate shuplng of speech and noise "bisector" condition given the notuul Ilhl!“hldl-fl'lmllnﬂy renponses in (he latter condition,
puoten together with the desired compression.

Twelve normal-hearing listeners (age between 20 and 29 years), and w.vt?lve listeners NORMAL-HEARING HEARING-IMPAIRED
with a sensorineural hearing impairment (age between 36 and 70 years), participated in the Subyj, Frequency in kHz Subj. Frequency in kHz
axperiment as paid volunteers, For the normal-hearing group, pure-tone thresholds between ar,  025-0.5 0.5-1 12 24 o 0.250.5 051 12 2.4
0.25 und 4 kHz were below 15 dB HL. For the hearing-impaired group, the hearing loss for 1 46 42 33 30 1 05 01 82 79
pure tones averaged over 0.5, 1, and 2 kHz was between 39 and 57 dB for their best ear, and 43 41 35 30 92 90 84 79
ulesbone gap was less than 10 dB between 0.25 and 4 kHz. Average pure-tone thresholds with 62 57 54 54 68 68 67 76

tandard deviations for this group are given in Table I, Perf res for monosyllabl E S 1o 106 97 94
ntanda r this group are given in Table 1. Performance scores for monosyllables 37 35 29 24 107 105 99 04
In quiet reached at least 90% intelligibility. Hearing thresholds and levels of uncomfortable 62 55 51 53 93 84 78 90
loudness for octave bands of noise are given in Table II for individual listeners of both 3 iz ﬁ gg gg 3 gg 84 75 72
groups, The auditory range, averaged over the normail-hearing Iist‘eners, was 101, 105, 103, 64 55 52 54 78 % :’;E gf
and 96 dB, for the octave bands from low to high, respectively. Averaged over the 4 42 38 29 26 4 B2 78 69 66
heuring-impaired listeners, this range was 67, 66, 60, and 53 dB, respectively. gg 2'17 gé g? gg g 71 66

Sentences in noise were presented monaurally to the listener’s best ear over a 5 51 47 38 35 5 102 o3 gg ;g
hondphone in a soundproof room, The twelve lists of sentences were presented in a fixed 48 46 40 35 97 95 89 84
order. The twelve experimental conditions were distributed over the lists according to a 68 6 58 62 88, a7 RO 90
digram-balanced desi Ive list 1969) in ord id the eff ¢ I R 104 1 el

griamebalianc Ias gn per twelve listeners (Wagenaar, 1969) in order to avoid the effects 43 41 35 30 101 99 93 a8
of learning and fatigue in the average results. The speech-reception threshold in noise 68 61 57 58 89 86 86 93
represents the speech-to-noise ratio (in the frequency bands not containing the extra 20 dB of 7 ﬂ :g gg 21 7 gg gg gg ;;
nolse) at which the listener reproduced 50% of the sentences without a single error. 67 63 62 65 64 65 74 76
Specch-to-noise ratio was varied by adjusting the level of the sentences relative to the level 8 39 35 26 23 8 85 81 72 69
of the nolse in an adaptive up-down procedure with a step size of 2 dB (Plomp and Mimpen, o8 34 28 23 82 80 74 69
69 04 58 ) 20 84 71 84

1979u). 9 48 44 35 32 9 82 78 69 66

Octuve-band levels in the "normal" and the "bisector” conditions are given in Table 45 43 37 32 79 77 71 66
11 for the individual normal-hearing and hearing-impaired listeners. Because levels for speech i6 if; 22 g;’, gé n ;? gg ;g gi
viiry with speech-to-noise ratio, only levels for noise are presented. Octave-band levels for 43 41 35 30 88 86 80 75
nolue In the conditions with the extra noise in the 0.25-0.5kHz or 0.5-1kHz band, without the 64 62 62 64 85 84 82 86
aftbet of compression, were equivalent to those in the "bisector” condition after adding 20 dB L gé gg gg ;232 1 ;g ;% gg g
10 the appropriate band level. The actual compression, expressed in dB, in the different 61 60 60 56 64 58 66 69
frequency-selective and wideband conditions, can be read from Table IV. The compression 12 40 36 27 24 R 96 92 83 80
14 glven In this table is computed for the speech-to-noise ratio representing the measured SRT gz gg ig i; gg g; gﬁ 22
In nolge. Note that in wideband conditions, the compression, when expressed in dB, is often
onalderably smaller than in the corresponding frequency-selective conditions. This is because M 45 41 32 29 M 92 88 79 76
the Inerease of the wideband signal level caused by the extra local 20 dB of noise, may be gg 468 gg gg gg g; g,ly gg
low due to the presence of intense sounds in frequency bands other than the noise band. For sd 4 4 4 4 sd 10 10 10 10
wuch lstener, speech and noise were in all experimental conditions well within the range ; 4 4 4 10 10 10 10
Listween threshold level and the level of uncomfortable loudness in all frequency bands. As 3 s 5 1 10 7 7
long us this condition is fulfilled, we may assume that in all conditions it is the masking 2
alfactiveness of the noise that determines the SRTT.
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NORMAL-HEARING NOISE BAND
0.25-0.5kHz
TYPE OF GAIN CONTROL
wideband wideband selective
Hubj. COMPRESSION FACTOR
I S0% 100% 100% 100%
il 7 15 9 o 12 8 18
2 9 15 8 5 8 9 18
A ) 17 9 4 B 9 18
] 1 15 8 5 11 9 18
5 6 12 7 3 5 8 18
f 7 16 8 4 8 9 18
i 6 13 8 5 10 ] 18
l 7 16 9 6 11 9 17
0 5 14 7 4 8 8 18
10 5 12 8 5 8 9 17
1 5 14 8 5 11 8 18
12 7 16 8 5 10 9 17
M 63 146 8.1 AT g B TS
il QN6 0.7 g8, 2§ @3 oS
HEARING-IMPAIRED NOISE BAND
0,25-0.5kHz 0.5-1kHz
TYPE OF GAIN CONTROL
wideband wideband selective
Hubj, COMPRESSION FACTOR
. 50% 100% 100% 50% 100%
1 3 4 i 2 5 7 16
2 4 9 7 1 2 6 17
3 3 7 6 3 5 7 16
L} 8 15 9 5 9 9 17
5 5 8 8 5 6 8 18
6 2 6 6 3 5 8 16
) 2 4 7 2 4 8 18
# 7 10 6 3 6 6 15
0 2 9 7 4 6 8§ 17
10 3 6 6 3 4 6 16
11 4 6 8 2 3 8 17
12 2 4 6 1 3 7 15
M T O R O P S o (|
il 200 32, 1.0 1o R 1 SRS S )
———

Wl heuring and hearing-impalred Hstenors are
two groups of subjects are plotted in Fig, 2 (upper
a hmln:-lmpalrad group).

or 0.5-1 I:Hx hln:l For &lliui'lflrhnpalrad group, however, SRT in the "normal" cendltlon
was clearly worse than in the "bisector" condition. Among the conditions with the exten 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 und
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 significant
for the hearing-impaired group. For this group, mean SRT in conditions with widebund
compression remains practically unchanged relative to the SRT for 0% compression,

Figure 2 shows that, for both listener groups, the beneficial offoct  of
frequency-selective over wideband compression was on the average small with the 20«1
increase of noise in octave band 0.25-0.5kHz. With the extra noise in octave band 0,5-1kk,
however, the curves for the two types of gain control diverged for increasing compresslon,
In conditions with frequency-selective compression, the largest decrease in mean SRT ralutive
to the SRT for 0% compression occurred for a compression factor of 100% , with, howaever,
a substantial spread among subjects, particularly for the hearing-impaired group. Figure 2 ulso
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 indlcntes that
mean SRT in noise was in all experimental conditions higher for the hearing-impaired group,
with larger standard deviations.

1. 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 diy
relative to the bisector during presentation of the sentence. The noise Increment, reulised
according to a linear function along a dB-scale, started at the beginning of each sentence and
was completed after | §, During the remainder of the sentence, noise level was kept constunt,
Average duration of the sentences was 1.6 s. Compression was set in the same manner i n
Experiment 1, However, because the total signal level was rising in time along with the 20-d1)
increase of nolse, comprossion, expressed in dB, also increased in time, and did s
simultaneously with the slgnal lavel, For simplicity of realisation, the increase in SPL of the
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Experiment | boouuse o volus with o difforent spectrum was used (voe wlao Table 111,
Asymptotie bund Tovels fur the sonditlons with the extra nolse in the 0,25:0.5kHz or
0.5 1kHe band, roushod 1 & witor the beglnning of the sentence, and without the effect of
compression, can b fnferred from Table 111 In the same manner as in Experiment 1, The
actual compresslon, exprosed In dit, holding for the speech-to-noise ratio at threshold, In the
different frequency-seloetive and wideband conditions can be read from Table VII.

B. Resulls

Masked SRTs for individual normal-hearing and hearing-impaired listeners are glven
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).

An analysis of variance, carried out on the SRT data for frequency-selective wnd
wideband compression conditions relative to the SRT for 0% compression (see Table 1X),
showed, for both groups of listeners, a significant effect of the type of gain control, Ax wis
found in Experiment 1 for steady-state conditions, this effect is most significant for the
hearing-impaired group.

Comparison of Figs. 2 and 3, and of Tables V and VIITI, shows that the same trends
as observed in the SRT data for steady-state conditions apply to the data for time-varylng
conditions. However, in time-varying conditions, the increase of masked SRT relative to the
SRT for the "bisector” condition was for both groups of listeners, somewhat smaller than fn
steady-state conditions.

II1. GENERAL DISCUSSION AND CONCLUSIONS

The two experiments reported in the previous section, show that, in conditions with
a 20-dB increase of noise in a single octave band, frequency-selective compression glves
lower SRTs than wideband compression, for both the normal-hearing and hearing-lmpalrod
listener groups. The effect of frequency-selective versus wideband compression is compurable
for steady-state and time-varying conditions. In this discussion, reference will be made to bath
experiments, unless stated otherwise.

The beneficial effect of frequency-selective over wideband compression is glven by
the difference in SRT between the two types of gain control, and is most apparent with the
20-dB increase of noise in octave band 0.5-1kHz. For this noise band, frequency-selective
compression is on the average 1.7 and 2.7 dB more beneficial than wideband compression,
for normal-hearing and hearing-impaired listeners, respectively.

There are three factors that, together, explain why masked SRT in conditions with
the extra local 20 dB of noise is high compared to the SRT in the "bisector" (reforence)
condition, particularly in conditions without compression and with wideband compression:

[1] Masking related to the speech-to-noise ratio in the octave band with the extes 20
dB of noise. Only ln the "bisector" and "normal" conditions, the nolse has a speetrum
identical to the long-term averuge spectrum of the sentences. Because in thege conditions the
speech-to-noise ratlo n the same In all frequency bands, speech components in all bands
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contribute to intelligibility. However, in conditions with the extra 20 dB of n’_ols_lj"l;{ asingle
octave band, the decrease of spesch-to-noise ratio in the noisy octave band causes  loss
useful speech information,

¥

[2] Masking of the higher frequency components of the speech signal by lntnniﬂ wor
frequency sounds in the octave band with the 20-dB increase of noise, i.¢. uuwrd
masking. For a low-frequency noise with an SPL of 80 dB, the slope of the
for normal-hearing listenors can be ostimated to be between -20 and -30 dB/oct (Ef 3

1959), F@N‘M’@
et al, (1960) fo

isteners in similar acoustical condit
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wuggonts that for normul-hearing Hateners upwied sprond of mmking mw:n-il’l'mltld 10 one
Ootave bnd adjacent (o the nofsy octave band, whereas for hoarhng dmpaired Hsteners, it my
affect all bands higher fn frequency than the nolsy octave bund, The masker slope for
hoaring-impaired lsteners suggests that spread of masking may aven ogeur n the “normal”
sondition without the extra 20 dB of noise, where the spectral slope of speech and noise s
batwesn -3 and <9 dB/oct. This may explain why, for these listeners, musked SRT in the
“normal" condition 1s high compared to SRT in the "bisector” condition, where the average
spectral slope of speech and noise is practically flat (see Table ILI).

It may be inferred from the above, that particularly in conditions with 0%
gompression, where the most intense low-frequency maskers were used, the negative effect
ol 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
velutive 1o 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
int there exlsts considerable variability among hearing-impaired listeners in their individual
upwird spread of masking (cf. Martin and Pickett, 1970).

(4] Varlation of speech and noise level in time. Whereas the first two factors refer to
foms of Information, a third factor may be added that refers to the possible distraction of the
ltener, In tme-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
sonditlons without compression), or from the combined changes in the level of speech and
nolse (n conditions with frequency-selective or wideband compression).

However, a comparison of Tables VI (steady-state conditions) and VII (time-varying
gonditions) 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
stondy-atate conditions. The average difference is 1.5 to 2 dB for both groups of listeners.
Thiis suggosts that, in time-varying conditions, speech understanding is facilitated by the
s musked flest part of the sentence, without being critically affected by the variation itself.
‘Ihils result I8 o prerequisite for the succes of long time constants for the gain to adapt itself
(0 chunging ncoustical situations (see Introduction).

Hociuse compression leaves the speech-to-noise ratio in the different frequency bands
Jtuct, the effect of masking caused by the low speech-to-noise ratio in the band with the extra
20 di of nofse, referred to in [1], is the same for all compression conditions. Given this
sonutant role of masking related to the speech-to-noise ratio, the large threshold-differences
among the varlous compression conditions must, at least in the steady-state experiment, be
atteibuted to the greater or smaller effect in these conditions of upward spread of masking (see
2.
. Slnce in conditions with frequency-selective compression, exclusively the frequency
hand eontalning the excessive 20 dB of noise is attenuated, the frequency range of speech
gontuminated by the spread of masking will shrink with each dB of attenuation, It can be seen
In Tuble IV that the attenuation corresponding to 100% compression was maximally about 17

T

B, I both greoups of st There are Indlontlons tn the Hterature (Ehmer, 1959, Gagnd,
198H), reforcing w normal Hearbg Hateners, that for o reduction fn the SPL by thik order of
magnitude, thie slope of the Intermal masker curve for a low-frequency masker may be
steepaned by 10 10 20 di/ogt, This glves an additional reduction of the effect of upwird
spread of masking In conditons with frequency-selective compression,

Wideband gompresslon, unlike frequency-selective compression, leaves the relution
among the different band levels unchanged. As a result, a reduction of upward spread of
masking may only be pogsible through the above-mentioned steepening of the masker slope,
provided the attenuation of the signal is substantially large. However, as wus expluined
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 ¢un be
seen in Tables IV and VII that for the hearing-impaired group, the compression in di¥ in
wideband conditions may be particularly small. This is because the increase of the widebund
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 bunds (see
Table III) for this subject group.

The differences between the two types of gain control, referred to above, suggest that
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 relutive
to the SRT for 0% compression is, for both listener groups, maximal for a compregsion factor
of 100%, and may be as large as 3.5 to 4 dB. It appears that the reduction of upward sprend
of masking is most effective when the increase of signal level in the noisy octave band & fully
compressed.

Because in conditions with 100% frequency-selective compression, octave band levely
of the total signal (consisting of speech plus noise) are identical to those in the "bisector”
condition (provided the speech-to-noise ratio during the adaptive threshold-estimution
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 decrensed
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-selective
compression conditions and the respective "bisector” condition is larger for nolse 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 SR (o
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 0.5-1kHz, This agross
with a finding by Studebaker et al, (1987), that for continuous discourse, the frequency reglon
of maximum perceptunl importance is between 0.4 and 0.5 kHz, The more critical losy in the
0.25-0,5kHz bund Iy seen for all of the corresponding five compression conditions In the
finding that SR'T Ix on the averige | to 2 dB higher than for the 0.5-1kHz band, for both
groups of listeners, It should be remembered that loss of speech information in the nolsy
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en, and Reinier Plomp

ABSTRACT

Conventional automatic gain-control (AGC) acts upon the average sound level, lrrllﬂ“lh‘l-

of whether there is a speech signal or not. This has the disadvantage that baekmuml nolti
during periods without a speech signal is amplified to levels experienced as "noily 'D:l ﬂl_l

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 affest
a speech signal because of its intensity fluctuations. However, masking noise reduces fh.]ll
fluctuations and activates the control. A multichannel version of this control can l,lllﬂlm}g.
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 channely
switched off is the reference. Results for 10 listeners with a sensorineural hearing Impulrment
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 not
affect the speech-reception threshold (SRT) in noise, but substantially reduces the subjective
impression of noisiness when no speech communication takes place. This holds particulurly
for interfering sounds with a more or less continuous character, like stationary nolse or
music, where the AGC is most active, For these sounds it was found that for a given ingreme
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 decibely) In o
condition without gain control.
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INTRODUCTION

An essential condition for optimal speech ntelligibitity by the hoaeing bmpated iy that
the speech signal I8 prosented to the ear at such a level that 1w lnfurmation bearing
(luetuntions are audible over o frequency span which is as wide ns possible, This condition
oun b met by mepny of @ multichannel automatie gain-control (AGC) hearing ald, In which,
under virlous aeoustical situations, the frequency-dependent amplification adapts itself to the
lovel and gpectrum of the incoming sound.

Usually, AGC circnits 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 nolse. As a result, during periods without speech, the hearing aid amplifies
Dugkground nolse up to a level not wanted by the hearing-impaired person. The complaint that
the heurlng ald is 80 "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
pontrol the galn, Since the information in speech is carried by its (rapid) intensity fluctuations
n the varlous frequency bands, there is no need to amplify sounds as long as these
fluetuntiony are absent; in that case no speech signal is present or, if present, masked by
Interfering nolse. By using the minima in the sound envelope as an AGC criterion, the speech
slghil ean be presented at an appropriate level whereas noise alone or masked speech will be
attenunted. A most interfering sounds, including voice babble and music, vary over a much
nurrower range of amplitudes than the signal of a single voice, the discomfort of AGC will
b substantiully reduced. Of course, such an AGC will be most effective in case of steady-
shite nolies 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.
Hoonuse the shape of the noise spectrum may vary, the maximal effect can be expected for
i frsguency-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
uffuct of spread of masking to other frequency regions if intense frequency-limited interfering
sounds nre present (ef, Festen et al., 1990; Zurek and Rankovitz, 1990; van Dijkhuizen et
iy, 19910),

The amplitude-frequency response of such a hearing aid will change in time along
with varlatlons of the background noise, preferably taking about 0.5 s to adjust itself. No
ponclusive results have been reported in favor of much shorter time constants as used in
pylluble compresgion (ef. 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
[raquency channel, and this will negatively affect the speech-reception threshold (Plomp,
JOBR), 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,

Becauge the variations of the amplitude-frequency response affect both speech and
fterfering sounds, speech-to-noise ratios in the different frequency bands remain unchanged.
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Novortholans, the speseh-sseeption threshiold (SRT) In nolve may stll be affected by the shape
of the wmplitude fragueney feaponse or by I rate of change, This problom wis investigated
i earlbar sucion wiih normal bearlng and heaebng-impaleed Hateners (vin Dijkhulzen et ul,,
1987 and 1989y, I those studion, the nolse had & spectrum identical to the long-term average
spectrum of the sentenves, ms for fraquent listening situations whore the human volee tsell
is the Interfering sound (o.g. o second speaker, speech habble), Beeause speech-to-nolse ratlo
was the same In all frequency bands, speech components in all bands could contribute to
intelligibility. For normul-hearing listeners van Dijkhuizen et al, (1987) found that the SRT
for sentences in noise is almost 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 I8
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 response
appears to increase the risk of upward spread of masking, For hearing-impaired listenors van
Dijkhuizen et al. (1989) found that, in conditions with steady-state amplitude-frequency
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 nolse
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 SR,
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 ulyo 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-frequency
response, reported in the above studies for both normal-hearing and hearing-lmpaired
listeners, is an important requisite for the effectiveness of frequency-dependent automutic
gain-control in hearing aids. A follow-up study (van Dijkhuizen et al., 1991a) 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-hand
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, sxcept
that in one low-frequency octave band its level was increased by 20 dB. Hence, spesch
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 beneficiul thin
wideband compression, and gives a decrease in SRT of maximally about 4 dB relutive (o 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 ).

The results reported in the above studies are promising for the success of slow-ueting
frequency-dependent AGC in hearing aids. In these studies, masker spectra uy well ux
variations in the amplitude-froquency response were still experimentally controlled, The ilm
of the present paper 18 (o study the practical merits of multichannel AGC in which the fast
fluctuations typleal of the speseh slgnal are preserved whereas the level of the slower varylng
background nolse Ix selestively reduced, The following question has been studied: what |y,

il



. 23000

for varlous Interfering sounds commonly found in practice, the effect of sulamutie control of
the frequency-dependent gain by the minima in the temporal sound snvelope on (1) speech
intelligibillty, and (2) comfort of listening, as determined by the sulijective tmpreasion of
nolsiness?

The present experiments were carried out for listeners with u sensorineural hearing
impulement, In Experiment 1, we compared, for five conditions of sounds frequently
Interfering in normal listening situations, the masked SRT of short meaningful sentences with
und without automatic control of the gain by the minima. As was referred to earlier, speech
lovel contrasts should, in order to contribute to intelligibility, be presented above threshold
lovel und 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
difforent frequency bands were adjusted in such a way that the speech signal was presented
ut i level wareanting 100% intelligibility in quiet, with speech components well above
threshold level and below the level of uncomfortable loudness at all frequencies. In conditions
with galn control, additionally, the amplification per frequency band was automatically
roduced If, by an increase of the noise level, the minima in the signal envelope exceeded a
eritionl level, Adaptation of the amplification was such that the increase of minima relative
1o thix onset level was fully reduced.

In Experiment 2, we determined, for the same listeners that participated in Experiment
1, the (wideband) attenuation of the interfering sound required in conditions without gain
gontrol 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
four-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,
s well s 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
1y pecess 1o a manual gain-control for the wideband signal level. The reason why we did not
1Ko i perceptual seale to measure the difference in noisiness, but instead determined the level
udjustment 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
wall s the onset level of gain control, were, for each of the different frequency bands, the
wame as in Experiment 1,

Muny experiments on the effect of adaptive filtering techniques, aimed at reducing
the disturbing effects of noise in normal speech communication situations, have been carried
oul In the past (e.g. Ono et al., 1983; Stein and Dempesy-Hart, 1984; Graupe et al., 1987,
van Tasell 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
ull neoustieal conditions, contributing speech fluctuations well within the listener’s auditory
range at all frequencies, the present experiments cannot easily be related to experiments on
the offet of filtering. Neuman and Schwander (1987) evaluated an adaptive filtering system
In which the importance of preserving speech information was recognized, In the evaluation,

r ] o
howaever, fo samlitong ’% m-m-nuln rutlos wore Included.

L EXPERIMENT 1 BIFECT ON SPEECH INTELLIGIBILITY

A, Method

Various fixed and dynumically varying amplitude-frequency responses were realised
by means of four parallel octaye filters of 0.25-0.5, 0.5-1, 1-2, and 2-4 kHz, Six-pole elliptic
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 u
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 octiuye-
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 1 dB), The
level of uncomfortable loudness per octave band was determined according to a procedurs (n
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% intelligihility 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 differant
filter bands was adjusted to shape the long-term average spectrum of the speech signal
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 experimaent
(but not spectrally shaped), Plomp and Mimpen (1979a) found that normal-hearing Hstenors
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 In
an adaptive up-down procedure in order to determine masked SRT, as will be expluined
below.

In conditions with gain control, additionally, the amplification per octave hand was
automatically reduced if the level of the noise in the respective filter-band, as estimuted 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 (o the
onset level of gain control was fully compressed, and was computed as follows. Becuuno the
amplification has to be inversely related to the level of the minima, the inverse of the
amplitude envelope was caleulated for each filter-band output, and from thig signal the peak
values were determined in order 1o find the amplification required in that band to attach (he
minima (o the desired level, The amplification per band was smoothed by a low-pass fltae
in order to ayold abrupt ehanges, The resulting attack time of compression with an Increuase
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frequency (kHz)

Mg, 1n, Example of how the spectra for speech
and nolve were shaped in Experiment 1 for a
wondition without gain control. Spectra are
xpressed In octave-band levels. The listener's
gmunhnn of hearing, limited by the
hreshold of hearing and the level of
wneomfortable loudness, is represented by the
nons ares, The amplification in the
difterent frequency bands was adjusted in two
w; fieat, the long-term average spectrum of
speech was shaped according to the
Iintonor's threshold-of-hearing, and second, its
overall level way ruised 20 dB above the SRT
f&qahlhﬂhll ypeech signal. The spectrum of
pobee wi shaped by the same transmission
1w the speech, and the level of the noise was
I order to determine masked SRT. In
oxnmplo, SPLs in the four octave bands
firom low to high are for speech: 81, 73, 76,
und B1 A, and for noise: 84, 77, 72, and 65
o, rﬂpﬁtlvely.

2

2
frequeric:y (kHz)

Fig. 1b, As Fig la, 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, excesded the onset level of gain
control hy 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 nolse 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
und masker, Examples of how the spectra of speech and noise were shaped are given in Figs.
1nand b,

~ 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,
(3) nolke with 4 spectrum identical to the long-term average spectrum of the target sentences,
(4) nolke recorded inside a car driving at a constant 80 km/h on a smooth road, and (5)

different mukiu' and the target ponker. It
“lopes which are grossly similar o that of the

ouker, speech babble, speech noise, car nofse, and music) and
nqgn'_ﬂn'r-oontrol) 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. Tn the quiet conditions, speech wik
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 wiis
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, ay
referred to above,

The speech material consisted of twelve lists of 11 short (8 or 9 syllables) everyduy
Dutch sentences spoken by a female talker (Plomp and Mimpen, 19794). Because only 130
sentences were available, two sentences were presented twice in different lists, Sentonces and
maskers were separately stored on computer disk, so that their overall levels could be vl
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 muskars usod
in Experiments 1 and 2. The long-term average spectrum of the target sentences as uned In
Experiment 1 coincides with that of speech noise. Spectra are shown for equal overnll SPL,




Tablo 1, Mean pure-tone ale-coriduction thresholds in di HL for the tan
participating In the Experiments 1 and 2, with standard deviations,

#

Frequanoy in kilz
0.25 0.5 i 9 4
M 25 37 48 51 58
1] 10 12 12 9 15
| ——

“Wimenslons 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
oritlonl 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,
ppoach level at the position of the microphone was a constant 65 dBA. The sound signal
pleked up by the microphone was digitized, and fed into a TMS 320EL15 signal processor for
filtering and adjustment of the frequency-dependent gain per individual listener. Sentences in
qulet or In noise, depending on the experimental condition, were presented monaurally to the
\stener’s bost car via a hearing aid telephone. Listeners were seated in an adjacent soundproof

“Tuble 11, Octave-band levels in dB SPL representing the threshold of hearing and uncomfortable
Joudnews for the individual hearing-impaired listeners, determined with bursts of octave-band-
filtered nolue,

HEARING THRESHOLD UNCOMFORTABLE LOUDNESS
' Frequency in kHz

e, 02505 0.5-1 12 24 0.25-0.5 0.5-1 B2 . 24
1 57 59 61 64 106 104 101 99
2 52 61 69 65 >114 113 114 103
A 29 42 69 62 111 e T U (R € 5/
4 58 41 40 59 98 103 98 101
- 66 56 49 58 >114 >120 120 117
o 52 50 45 60 >114 117 110 103
o 45 41 46 57 >114 119 126 >123
8 60 69 68 45 >114 >120 116 106
r 6l 57 49 43 102 97 103 96
20 57 44 54 48 >114 >120 126 105
M 54 52 55 56
w 10 i 8

i

room, This separate o 1w

eadiation from (he Toudspuakar (o e Dtener's sar, Mo -

measured In 4 2-co couplar Jaer DI 0138), were, with the gain control switched

off, 114, 120, 127, and | bunds from low to high, respectively.
Ton Hstenors with o Amputrment (age between 27 and 65 yours)

participated in the experiment i uniteers. The hearing loss for pure tones averaged

over 0.5, 1, and 2 kHz wis botween 35 and 55 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 alrsconductlon
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 maximum
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 (o
a digram-balanced design per ten listeners (Wagenaar, 1969) in order o avold effects of
learning and fatigue in the average results. The SRT represents the speech level in quist
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-slze of 2

Table III. Octave-band levels for speech in dB SPL for the individual hearing-impuired listennr
in the conditions in which the masked SRT was measured (Experiment 1), with the gain control
switched off. Onset levels of gain control can be obtained by subtracting 10 dB from the netave:
band levels in this table.

—

Subj. Frequency in kHz

nr. 0.25-0.5 0.5-1 1-2 24
1 83 85 87 90
2 82 91 99 05
3 54 67 94 Lk
4 80 63 62 Bl
5 93 83 76 LR]
6 76 74 69 L
7 71 67 72 B
8 80 89 88 68
9 87 83 75 69
10 7 64 74 o
M 78 77 80 |
sd 10 11 12 10




B _ﬂ lovely for speech are presented. Onset levels of gain control can be obtained by

~ Octave-bund lovels for speech (with the gain control switch
wwmmm« measured, are given in Table Il for
ke levels for noise vary with speech-to-noise ratio and with the

a

i Wﬂl 10 dB from the band levels in this table.

. Rl
gl

o Figure 3 shows the long-term average sound level in a condition with gain control as

: Wﬂ of the level without gain control, for the target speech and the five different
ks, represented for each of the four octave bands separately. It can be seen that below

Jevel of gain control, sound level in the condition with gain control is equal to that
A the condition without gain control. The deviations from the linear relation (diagonals) are
he result of the reduction of amplification when the level of the envelope minima exceeds the
onaet level of gain control. As had to be expected, this deviation is largest for the more

Table 1V, Specch-reception thresholds for individual hearing-impaired listeners, in Experiment 1.
Column 2: SRT in quiet for a condition with gain control relative to a condition without gain
wontrol, expressed in dB (measured at the position of the hearing-aid microphone). Columus 3 to
121 ST {n noise, expressed in dB speech-to-noise ratio (at the position of the microphone) for the
five difforent maskers. Gain mode is indicated by - or + for conditions without or with gain
i L l‘. mwtlvﬂy.

—
MASKER
Quiet Single Speech Speech Car Music
: speaker babble noise noise
Subj. GAIN MODE
jl.t_'.. gal R B af g £ g -
e
1 20 3.0 40 40 45 -10 15 -15 25 20 20
2.0 BRI S0l -0 10 2 208 G0 240
- 20 AR 0t 55 5.5 3. 30 -10 20 B0
0.5 SEEs B nis 58 (5 85 435 00 40 -10
0.0 RRomEE kg 105 45 20 1.y 15 -13 05
; 1.0 .10 30 1.0 00 00 05 -40 -2.0 -25 -30
S 6, 005 a5 40 00 15 20 05 -15 -15
o | 2.0 DvEROISaE gl 2is s 1 1.8 LS 20
] 0.0 75 60 80 75 60 45 30 30 55 55
10 .8 8.0 -1.00 3.0 20 -10 -20 -35 -3.0 40 -1.5
M 08 06 05 39 40 14 18 09 06 06 0.2
' a1 Re s a4 s 96 1.9 28 19 3.1 2.7
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Fig. 3. Long-term average sound level in a condition with gain control us a function of the lavel wiil
gain control, for the target speaker and five masking signals, represented for each of the four outave by
Levels are expressed in dB relative to the onset level of gain control. The dlugunll'l mﬁi
relation between the levels in the conditions with and without gain control, for signali in which the
of the envelope minima remains below the onset level of gain control. I



continuoun sounds: apeech nulu, cur nolke, wnd musle. Ax oun be
of gain control i very small for speech by one speaker, ‘l'hﬁl di
affectiveness of un amplification controlled by the minima in the al ound
Speech-reception thresholds for quiet and masked conditions wre glven In Table TV
for the tndividunl hearing-impaired lsteners, As this table shows, the difference for the SRT
In qulet between the conditions with and without gain control is very small, Also the SRT in
nolse I practically identical for the conditions with and without gain control, An analysis of
virlanee on the SRT in noise shows no significant effect of the variable gain mode (p=0.60).

11, EXPERIMENT 2 : EFFECT ON PERCEIVED NOISINESS
A Method

In order to equate the perceived noisiness with and without gain control, 2 method
of puleed comparison was used in which the subject listened to a short sound sample (3.5 )
presented In both conditions, in random order. The subject was asked to indicate only which
sumple was more nolsy, For each new pair of conditions, the level of the incoming sound in
(he condition without gain control was changed relative to that in the condition with gain
wontiol, using an adaptive up-down procedure in order to determine the adjustment in dB
voguired to obtain equal perceived noisiness in the two conditions. If the listener indicated that
lie/uhe percelved the sample corresponding to the condition without gain control as more
nolny, I 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
willue, referred to above, was obtained by subtracting the input SPL in the condition with gain
gontrol from the input SPL, averaged over the four reversals, in the condition without gain
pontrol,

The sounds used in this experiment comprised the five different maskers of
Iixperiment | (single speaker, speech babble, speech noise, car noise, and music). The same
subjocts participated as in Experiment 1. Overall level of the masker at the input in the
gondition with gain control (reference) was 0, 5, 10, or 15 dB above the input level of that
masker at which, for a constant speech level, 50% intelligibility was obtained in the
gortesponding condition in Experiment 1. For each listener, the amplification with the gain
gontrol switched off, and the onset level of gain control, were the same as in Experiment 1,
1o guch frequency band. Five different masker sounds and four levels (0, 5, 10, and 15 dB)
Jlve i 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,
provessing algorithm, and stimulus presentation were as in Experiment 1.

Tablo V. Lovel mm {n Ay required fn mﬁhlom without galn vontiol
wamme percelved nolsiness ax in conditions with gain control, for the ndividual k

Nateners, n Experiment 2, Viluey are presented for five muskers and four levaly uf the munker al
the Input in the condition with guin control (reference). Masker levels are expresied n dB relative
to the input level of that masker at which, for a constant speech level, 50% intelligibility win
obtained in the condition with gain control in Experiment 1.

-
MASKER

Single Speech Speech Car Munlo

speaker babble noise noise
Subj. RELATIVE INPUT LEVEL (in dB)
nr. 0 51015 0 510 15 0 SIEI0NS 0 5 10185 O N
15 =2 aNEs =il e 2k -6 -10 -16 6 914 A § 7
PR 4 -4 4 -6-13 -15 -5 914 2 4740
3 -2-1 -4 3 -3 3 -4 -11 -15 11 -15 <19 B <14 417
P I ML (R R (T « =2.-10:-12 7 61214 2 8 48
5 Do 3 08 A =61 -2 -6-10 2 2 0
[ W I R I e Sy ] -6 -10 -17 -19 2 <3318 3 o] w4
T 560105359 1 -3 -6-10 -3 <414 -17 1 -2-13-14 4 85 143
= D e e R | I e 2 -6-10 -14 -5 <B:14:16 <2 <7+10+18
9 [ T <68 22626 6 290 2610418 2 <2 <914 -3} 0l
10 L 1 200 ok TR -6 -13 -15 -18 -6 =10 =13 <17 =8 8 <1017
M 2-1-3-6 -2-3-6 -7 -4 -8-:13:16 5 <7-13.16 <3 0 «f«d
sd 2.1 2.2 I 2.2 2 2 4 3 F AR 2 4 4 2
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 (o be
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, us woll
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} were
found, the curves for the different maskers diverge with increasing level, For every Sl
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 guin
control, increases by only about 1.5 dB for a single speaker, and by as much as about 4 d1
for speech noige, car nolse, and music, Stated differently, for the latter sounds, an Ingrensn
in input level of § di¥ in o condition with gain control is, in terms of percelved nolslness,
equivalent to an Increaye bn input level of only about 1 dB in a condition without galn contral,
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g, 4. Mean level adjustment in dB required in conditions without gain control in order to obtain
(e ke pereaived noisiness as in conditions with gain control, in Experiment 2 (10 listeners; 15-
(1 conditlon; 6 listeners). Values are plotted as a function of the level of the masker at the input
i the condition with gain control (reference). Masker levels are expressed in dB relative to the
{nput 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
ypeuch and masker, this result had to be expected. An automatic reduction of the amplification
In musked frequency regions, in conditions with gain contral, leaves speech-to-noise ratio
witlin 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
potentlal effect of spread of masking from intense narrowband sounds to neighboring speech
bunds, which may particularly manifest itself from lower to higher frequencies (upward
sproad of masking). However, because in our experimental conditions, speech and masker had
toughly comparable spectra, which, after shaping, were on the average practically flat, the
ghunee of spread of masking was virtually absent.

Morte 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
pute wnd range of variations in the amplitude-frequency response.

n

“Tho rosults of Kxperiment 3 show (e, for the differont sounds that were used as
mawkers In Experiment §, condivioms without gl sontrol require lower lovels of the Incoming
signal compared 1o conditons with galn control In order to glve the same perception of
noisiness, For the same level at the tnput, thin means that, by using the minima in the sound
envelope to control the nmplifoation por fraguancy band, Interfering sounds are percelved iy
less nolsy, and thus, as less annoylng, In practice, this has the advantage that the hearing-
impaired listener provided with such a galn control will be much less in need of munually
readjusting the hearing-nid's characteristics along with the acoustical condition. This need Iy
illustrated by the finding of Ringdahl et al. (1990) that, in various everyday listening
environments, listeners with a sensorineural hearing impairment prefer the use of a 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, incremses with
the level of the incoming sound. From this result, it may be inferred that the difference in
noisiness between conditions with and without gain control becomes larger with input lovel,
due to the increasing effect of gain control. The rate of increase in the adjusted attenuution
in conditions without gain control depends strongly on the masker used, and was muximally
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 In
conditions with gain control (see Fig. 3). For these sounds, the change in perceived nolsings
produced by a 5-dB variation in input level in conditions with gain control, is equivalent to
the change in perceived noisiness produced by only about I-dB varlation in input level in
conditions without gain control.

For normal-hearing listeners Wilson (1963) showed that an increase of 25 dIy n the
overall level of automobile noise is sufficient to cause a change in the subjective ruting of
noisiness from "quiet" to "extremely noisy". By an extrapolation of our results on nolsiness,
it may be inferred that, for the hearing-impaired group tested, the growth In percelved
noisiness produced by a 25-dB increase in the input level of stationary noise in u condition
with gain control, would be equivalent to the growth in noisiness produced by an Inereass 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 actual
listening comfort, this represents a substantial improvement for the condition with sutomitle
frequency-dependent control of the amplification compared to the condition without sugh
gain control.

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 nolse, but considerably reduces the sensation of nolsiness
when no speech communlention takes place. This holds most strongly for sounds with u nom-
fluctuating temparal envelope n the Individual frequency bands of the gain control, For these
sounds, the growth In percelved nolsiness produced by a given increase in input level Iy
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poural hearing impairment often complain about having
peech in the presence of interfering sounds, These difficultion
er speech-to-noise ratio compared to normal-hearlng peapls,
earing-aid research to improve the speech-to-noise ratio have us yet
not been luuullf‘u tical listening conditions. For the time being, therefore, the huaring:
aid user will be most helped when we concentrate on a straightforward signal treatment ulmed
at presenting the total signal of speech in noise as favorably as possible to the listener's dar,
independently of signal level.

A prerequisite for optimal speech reception is that speech is presented at such u lovel
that its information-bearing fluctuations are audible for the hearing-impaired listener over o
frequency range that is as wide as possible. This can be achieved by a multichannel automatie
gain-control (AGC) hearing aid in which, under the variable acoustical conditions, the
frequency-dependent gain adapts itself to the current level and spectrum of the Ineoming
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 the
minima in the temporal envelope of the signal as an AGC-criterion. In this way, the tuphd
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 narrowbind noise.
The adjustment of amplification in the various frequency bands, as a response to ehinges In
the acoustical situation, should preferably take about 0.5 s. With such a time constant,
intensity fluctuations within syllables are left unaffected, whereas the gain effectively adupis
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 Iistener's
dynamic-range of hearing?

A hearing aid designed as outlined above, has an amplitude-frequency response (hit
varies in time. These variations leave the speech-to-noise ratios in the various frequency binds
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 ald can
only be effective if such a deterioration of the SRT in noise is avoided. Therefore, In lhl',-ﬁm
part of this study, presented in the Chapters 2 and 3, we investigated the effect of varylng
the amplitude-frequency response on the masked SRT of short everyday sentences, Ax A
masking sound we adopted noise with a spectrum identical to the long-term average spectrum
of the sentences. This spectrum is common to all those conditions in which human volues
produce the interfering sound (e.g. second speaker or speech babble).

In Chapter 2, experiments are described for groups of normal-hearing subjects, This
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llows (nterpretation without the complicating fuctor of Nonrlig IipAless
experiment (20 subjects), varlous ateady-state slopes of the wimpi e frage
applied during presentation of the sentences. In the second exporfiment (30 Kuhje ), A Alngle
ohunge in this slope was given halfway through the sentence, with five different rates of
aiwnge. In the third experiment (10 subjects), the slope of the amplitade fraguancy response
Witk virled continuously, Results show that the SRT in noise i constunt for steady-stute slopes

of the amplitude-frequency response within a range between about <7 and 10 dB/oet, or

when i single transition in slope is given between +5 and -5 dB/oct, and vice versa., Varying

the transltion time over a range from 2 § down to 1/8 s does not appear (o have a substantial

sffeet, Continuous variation of the response slope between +5 and -5 dB/oct, however, gives

# gradual increase of the SRT with increase of the frequency of slope variation. For variation
froquencles of up to | 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 subjocts were 20 listeners with a sensorineural hearing impairment. Pure-tone hearing
1oms, avernged over 0.5, 1, and 2 kHz, was between 30 and 55 dB. As a baseling in ‘all
exparimental conditions, we used speech and noise spectrally shaped according.to th.e line
Dbiseeting the dynamic-range of hearing for each individual listener. All variations in t-he
{requency response were applied relative to this baseline. Results show that in conditions with
i stendy-state amplitude-frequency response or with a response that changes once ha‘it"way
through the sentence with a transition time of 0.25 or 1 s, the increase in masked SRT is less
thin 2 0B, provided that the falling amplitude-frequency response does not exceed roughly
A dB/oct relative to the dynamic-range bisector. Further steepening the slope increases the
thik of upward spread of masking. A rising slope of the amplitude-frequency response, on the
other hiand, can be steepened without an effect on the SRT. Because interfering sounds in
sveryday conditions predominantly have a low-frequency spectrum, hearing aids with a rising
pather than a falling frequency response will also be most appropriate for the purpose of
rlﬂunlng the discomfort caused by such sounds.

The stability of the masked SRT with variations of the amplitude-frequency response,
an reported In the Chapters 2 and 3 for normal-hearing and hearing-impaired listene:.s,
respectively, constitutes a first requirement for an effective frequency-dependent AGC in
Tearlng alds. 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 gpeech, In these conditions, frequency-dependent amplification ma_y
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-
{imited interfering noise. This was done in the second part of this study, presented in Chapter
A, for 12 normal-hearing and 12 hearing-impaired listeners. For the latter group, pure-tane
hoaring 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
Joval of the nolse in one octave band (0.25-0.5 or 0.5-1 kHz) was increased by 20 dB. In the
firat experiment, the increased noise level was fixed. In the second experiment, the increase
ol nolse level, together with the applied amplification, developed slowly in time (transition
thme 1 ), The results for both normal and impaired listeners show that frequency-selective
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Tho reaulin e UICTRR uligg for the success of slow-acting
frequency-dupandent AL " - of thin study, Chapter § presents
the ultimate valldation of e shoy A hllll\ll trentment by an investigation
into the effectivenesn of automatle fregqueney-dependent control of amplification by the level

of the minfma in the temporal sound envelope. Subjects were 10 hearing-impaired listeners

with a pure-tone hearlng loss, averaged over 0.8, 1, and 2 kHz, between 35 and 55 dB, In
the first experiment, we compared the SRT in nolse with and without gain control. In the
second experiment, we nvestigated the redugtion In gubjective noisiness by measuring the
wideband attenuation required for conditions without gain control in order to obtain i
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 everydiy
interfering sounds, having spectra that are roughly comparable to that of the speech signul,
however, it substantially reduces the perceived noisiness when no speech communication tukey
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 lesn
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 reducey
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 amplitudg-
frequency response. Additionally, in conditions with intense narrowband noise, spetch
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 acousticnl
conditions, optimize speech intelligibility while minimizing the disturbing effects of nolse,
without the need of a manual readjustment of the hearing-aid characteristics, This Ia
particularly advantageous for elderly hearing-aid users with reduced manual dexterity, It
appears that, along the lines suggested in this study, next-generation hearing aids can he
designed which are more effective than the present ones.




igllon moelte met het verstaan van spraak In een rumoerlge
1} veelal behoefte aan een hogere spraak-rulsverhouding dun
dngen om door middel van signaalbehandeling de spraak-ruigverhouding
te voﬂmmn i tot nog toe, met name in kritische lawaaicondities, niet erg succesvol
gebleken, Voorloplg lijkt de slechthorende het meest gebaat te zijn bij een hoortoestel dat
ervoor zorg draagt dat het 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 informatie-dragende
fluctuaties van het spraaksignaal voldoende kunnen worden waargenomen, Voor
slechthorenden houdt dit in dat de spraak versterkt aangeboden dient te worden zodat dezu
fluctuaties over een zo breed mogelijk frekwentiegebied hoorbaar zijn. Met name wanneer hot
gehoor in diverse frekwentiegebieden een verschillende mate van ongevoeligheid vertoont,
zal een hoortoestel gewenst zijn waarvan de versterking in meerdere frekwenticknnulen
automatisch wordt bijgeregeld. In een dergelijk toestel kan de frekwentie-afhankelljke
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 dut de
versterking wordt geregeld op grond van het gemiddelde signaalniveau, zonder dat hierhi)
onderscheid wordt gemaakt tussen spraak en stoorsignaal. Dit betekent dat gedurende passipos
zonder spraaksignaal, achtergrondruis wordt versterkt tot een niveau dat door de
slechthorende als hinderlijk wordt ervaren. Dit bezwaar van een automatische sterkteregeling
in hoortoestellen kan aanzienlijk worden gereduceerd wanneer, in plaats van het gemiddelde
signaalniveau, het niveau van de "minima" (dalen) in de signaalomhullende als regelparnmetor
voor de versterking wordt gebruikt. Hierdoor kunnen de snelle intensiteitsfluctuaties van
spraak worden behouden, terwijl geluidspassages waar dergelijke fluctuaties ontbreken, zouly
in het geval van (spraak gemaskeerd door) ruis, kunnen worden onderdrukt, Dit zal het
luistercomfort bevorderen.

De instelling van de versterking in de verschillende frekwentiebanden vindt hif
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 geluten,
terwijl de versterking zich toch effectief kan aanpassen aan de veelal tragere variaties In
achtergrondruis.

De hoofdvraag van dit proefschrift is: hoe effectief is bovengenoemde benadering vin
signaalbehandeling, die er op gericht is het binnenkomende signaal, onder de wisselonids
akoestische omstandigheden, zo gunstig mogelijk aan te bieden binnen het gehoorbersik vin
de luisteraar?

De frekwentie-karakteristiek van zo’n hoortoestel zal in de tijd varideen, Zulke
variaties zullen de spraak-ruisverhouding in de verschillende frekwentiekanalen ongewljalgd
laten. De vraag is echter of het gehoor wel bestand is tegen een dergelijke "levende”
frekwentie-karakteristiek, Het eerste gedeelte van dit proefschrifl, bestaande wit o
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Moofdstukken 2 on 3, bestudeerde danrom het effoct WWU

frokwentio-kurnkteristiek op de spraakverstaanvanrd gheldsdrempel - (NIET) - voor kurte
wllediagse #innen in ramoer. Als maskeerder gebrulkten we tilk ot heteal il gembddoldo
frakwentie-spectrum als de zinnen, Dit maskeerspectrum word gekozen omdat In alledaagse
lulstersitunties de menselijke stem zelf een van de meest voorkomende stoorslgnalen iy,

In Hoofdstuk 2 worden experimenten met groepen normaalhorende proefpersonen
heschreven, Dit maakt een interpretatie mogelijk zonder dat daarbij complicerende invioeden
van alechthorendheid worden betrokken. In een eerste experiment (20 proefpersonen) werden
versehillende constante hellingen van de frekwentie-karakteristick getest. In een tweede
pxperiment (20 procfpersonen) maakte de helling van deze karakteristick een eenmalige
omalag halverwege de zin, waarbij vijf verschillende omslagtijden werden toegepast. In een
derde experiment (10 proefpersonen) werd de helling van de frekwentie-karakteristiek continu
govarieard, Resultaten tonen aan dat de SRT in ruis vrijwel ongewijzigd blijft wanneer de
frakwontlo-karakteristick constant is met een helling binnen een bereik van circa -7 tot +10
dibfoet, of wanneer deze helling een eenmalige omslag maakt van +5 naar -5 dBloct, of
orgekeerd. De keuze van de omslagtijd tussen 2 en 1/8 sec lijkt de SRT niet noemenswaardig
e belnyloeden, Een continue schommeling van de helling in de frekwentie-karakteristiek
unsen 5 en -5 dB/oct geeft daarentegen een geringe drempelverhoging te zien naarmate de
{1jdl waarin de variatie zich voltrekt, korter wordt. Voor variatiefrekwenties tol 1 Hz is de
drempelverhoging kleiner dan 1.8 dB.

Hoofdstuk 3 beschrijft een vergelijkbaar onderzoek als Hoofdstuk 2, maar nu
ultgevoerd voor 20 proefpersonen met een perceptief gehoorverlies. Gehoorverlies voor
{onen, 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
yolgans de Iijn die het gebied tussen gehoordrempel en niveau voor onaangename luidheid,
doormidden deelt ("bisector"), Alle variaties in de helling van de frekwentie-karakteristiek
worden uitgevoerd ten opzichte van deze basisinstelling. Resultaten laten zien dat wanneer de
(rekwentie-karakteristiek constant is, of wanneer deze tijdens de zin een eenmalige omslag
ikt in een tjd van 0.25 of 1 sec, de verhoging in SRT minder is dan 2 dB. Voorwaarde
1% sehter dat de helling van de frekwentie-karakteristiek niet steiler is dan ongeveer -3 dB/oct
fun apzlchte van de bisector. Voor hellingen steiler dan -3 dB/oct kan sterke maskering naar
hogere {rekwenties optreden. De steilheid van een positieve helling van de karakteristiek mag
duarentegen vergroot worden zonder dat dit de SRT beinvloedt. In alledaagse luistercondities
vartonen stoorsignalen oyerwegend laagfrekwente spectra, Daarom zal een hoortoestel met
gon positief hellende karakteristiek, behalve uit het oogpunt van spraakverstaan, 00k uit het
pogpunt van luistercomfort de voorkeur genieten boven cen hoortoestel met een negatief
hellende karakteristick,

Zouwls 1§ aangetoond voor normaal- en slechthorende proefpersonen in de
Hoofdstukken 2 en 3, is de SRT in ruis betrekkelijk ongevoelig voor variaties in de
{rekwontie-karakteristiek, Dit betekent dat is voldaan aan een belangrijke randvoorwaarde
VOOr ucees van ecen meerkanalige automatische versterkingsregeling in hoortoestellen.
Vorwaeht mug worden dat het yoordeel van een frekwentie-afhankelijke versterkingsregeling,

In termen van spraakverstaan, het grootst is in die situaties waar het spectrum van de

| — . .

mnm van do sprank, In eulke condities kan een soleotleve

varewikking van o gemaskeerde frekwontichand een vermindering geven van sterke
miskeringaotlooten nanr anngrenzende (hoger gelegen) frekwentiegebleden (upward sprend
of making). 1n het tweede gedeelte van dit proefschrift, beschreven in Hoofdstuk 4,
onderzochien we de mate waarin een frekwentie-selectieve aanpassing van de versterking de
SRT voordellg befnvloedt 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, |, en 2 kHz, tussen 39 en 57 dB, Opnisuw
werden de spectra van spraak en ruis voor iedere proefpersoon gevormd naar de bisector viin
het gehoorbereik. Daarbij werd echter in én octaafband (0.25-0.5 of 0.5-1 kHz) het nivenu
van de ruis met 20 dB verhoogd, In een eerste experiment was de verhoging in rulsnivenn
constant. In een tweede experiment nam het ruisniveau toe gedurende 1 sec, gel ijktljdig met
het aanbieden van de zin, Voor zowel normaal- als slechthorende lulsteranrs laten do
resultaten zien dat een selectieve verzwakking van het signaal in de octaafband met de 20-dis
toename van de ruis een grotere winst oplevert dan een breedbandige verzwakking, Afnnme
in de gemiddelde drempel is 4 dB, zowel in constante als in de tijd varitrende condities,

De resultaten van de Hoofdstukken 2-4 zijn bemoedigend ten aanzien van de
toepassing van een trage frekwentie-athankelijke versterkingsregeling in hoortoestellen, In het
derde gedeelte van dit proefschrift, beschreven in Hoofdstuk 5, onderzochten we tenslofte de
effectiviteit van een frekwentie-afhankelijke versterking die automatisch wordt geregeld op
grond van het niveau van de minima in de signaalomhullende. Proefpersonen wiren 10
slechthorende luisteraars met een gehoorverlies voor tonen, gemiddeld over 0.5, 1, en 2 kHz,
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 hot
geluidvolume in condities zonder versterkingsregeling moet worden bijgesteld tenelnde
eenzelfde hinderlijkheid van het geluid te verkrijgen als in condities met versterkingsregeling,
Resultaten tonen aan dat de conditie met versterkingsregeling de SR onaangetast laat In o
aanwezigheid van diverse alledaagse stoorgeluiden waarvan de spectra lijken op het spectium
van de spraak. Echter, in situaties waar geen spraakcommunicatie plaatsvindt, wordt 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 kloln
in het geval van één enkele spreker, en is dit effect het grootst voor geluiden met een min of
meer continu karakter (bijv. stationaire ruis en muziek). Voor het laatste type stoorgeluld
werd gevonden dat een toename in ingangsniveau wel vijf maal zo groot moet zljn (in
decibels) als in een conditie zonder versterkingsregeling teneinde eenzelfde (oename i
geluidshinder te veroorzaken.

Op grond van de resultaten van dit proefschrift mogen we co neluderen dat gr goede
perspectieven bestaan voor een hoortoestel met een meerkanalige automatische volumerggeling
waarin de frekwentie-afhankelijke versterking de intensiteitsfluctuaties van spraak ongewljzigd
Jaat, en de meer stationaire signaalpassages onderdrukt. Een dergelijke versterkingsrogeling
geeft onder diverse stoorlawaaicondities een verbetering in luistercomfort zonder dut dinthif
het spraakverstaan negatief wordt beinvloed door de schommelingen in de frekwentlo:
karakteristiek. In condities waar het spectrum van de ruis een sterk locaal maximum vertoont,
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