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CHAPTER I 

INTRODUCTION

Among the major problems that exist for the hearing- 
impaired individual with a sensorineural hearing loss are 
difficulty in discriminating among speech sounds, and an 
intolerance to intense sound because of recruitment. Of 
interest to those concerned with designing and prescribing 
hearing aids is the development of instruments that can 
help overcome these problems.

The majority of early hearing aid research was aimed 
at attempting to optimize speech discrimination through the 
use of non-compression hearing aids. A non-compression 
instrument is one in which a change in the level of the 
input signal yields an equal change in the system's output. 
Results of these studies varied from recommending fixed 
frequenc.y-gain characteristics.• which is amplification 
utilizing uniform frequency characteristics for most cases 
of hearing loss, to individualized selective amplification, 
which is amplification varying in amount at different fre­
quencies, and fitted to the individual.

Early findings with non-compression hearing aids did 
not optimally resolve the discrimination problems of the 
hearing impaired. In addition, the method used to resolve
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the tolerance problem was that of peak clipping, which 
raised an additional problem. In peak clipping, when the 
amplified signals exceed a predetermined maximum output 
level, their amplitude is reduced at the peaks. This mode 
of amj>litude limiting introduces distortion, which may have 
the undesirable effect of reducing speech discrimination.

Much research therefore turned to the use of compres­
sion amplification to resolve the twofold problem of reduced 
discrimination and intolerance to intense sound. In 
compression amplification the gain of the aid is auto­
matically reduced when the input exceeds a predetermined 
level, known as the compression threshold. Compression is 
theoretically advantageous because low inputs are amplified 
more than high inputs, protecting the user who -has a reduced 
•Loudness■Discomfort Level, while avoiding the distortion 
that results from peak clipping. Studies in this area have 
resulted in much conflicting data as to whether .or not 
compression amplification improves discrimination over non­
compression amplification. ‘This led to the use of compres­
sion in a multi-channel form. In this form, the frequency 
range is split, with each channel or band being processed 
separately. This was in an attempt to compensate for the 
differing characteristics of individuals* hearing loss at 
various frequencies. However, the advantage of multi­
channel compression amplification has still not been 
clearly established.

The present study was designed as follows s Non-
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compression amplification, with and without peak clipping, 
was compared to both single- and two-channel compression 
amplification. Conditions included one fixed frequency- 
gain response, that of 0 dB/octave slope, and one response 
that was selectively amplified for each subject. This lat­
ter frequency response involved amplification of each one- 
third octave band of speech to just below each subject's 
Loudness Discomfort Level (LDL) for that band, and was known 
as the "LDL frequency response."

The data were analyzed in an attempt to answer the 
following two basic questions:

1. What is the optimum frequency-selective amplifica­
tion for sensorineurally impaired listeners v/ith charac­
teristics such as those chosen for the present 'study?

2. Does frequency shaping that places as much of the 
speech spectrum as possible into the residual hearing area 
optimize speech discrimination?

Analysis of the data involved its comparison in many 
ways, including peak clipping v. no peak ©lipping in a non­
compression system; non-compression v. compression; single­
channel compression v. dual-channel compression; and the 
effect of individualized frequency shaping on each of these 
modes of amplification.
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CHAPTER II

REVIEW OF RELATED LITERATURE

The area of hearing aid research has been the subject 
of intensive investigation for many years. The first sec­
tion of this chapter contains a discussion of the nature of 
the auditory problems encountered by sensorineural hearing- 
impaired persons, and the resultant theoretical background 
of hearing aid selection strategy. It is followed by a 
section on practical approaches to hearing aid design, 
including both early and recent studies of interest to the 
present study. Included in this section is a discussion of 
both non-compression and compression amplification systems. 
A summary of these approaches is given in the final section, 
as background to the present study.

Hearing Aid Design 
Despite all the advances that have been made in re­

cent years in the design of hearing aids, many users are 
still not satisfied with their aids. Tillman, et al.
(1970) found that the very fact of wearing a hearing aid 
created problems that added to the problems inherent to 
the loss itself. On the most basic level, the purpose of 
the hearing aid is to amplify so\md for the person with a 
hearing loss. However, unless it also makes speech more



intelligible, or, at least, does not degrade the listener' 
unaided speech intelligibility, its usefulness may be ques 
tionable. Achieving good, or improved, speech intelligi­
bility has been one of the major goals in hearing aid re­
search. In order to better understand this issue, let us 
first examine some of the problems the hearing-impaired 
individual faces.

Persons with a conductive hearing loss can often be 
treated medically, and, in any case, face far fewer of the 
perceptual problems than those with a sensorineural loss. 
We will therefore concern ourselves with those problems 
encountered by persons with a primarily sensorineural 
loss. Among some of the major problems that may be pre­
sent for those with the latter type of loss are the 
following*

1. An inability to hear many elements of the 
speech signal because of a loss in sensitivity.

2. A reduction in discomfort level, leading to a 
reduction in auditory area between threshold and dis­
comfort, without any increase in ability to extract in­
formation from speech signals within this area. An 
effect of this problem may be that the listener's speech 
intelligibility decreases as intensity increases beyond 
the level at which maximum intelligibility Is achieved.

3. Degradation of signals by such factors as 
spread of mashing in frequency, in which low frequency 
sounds, whether they are speech or background noise,
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mask the high frequency components of speech. This problem 
may be the cause of one of the most common complaints of 
the hearing aid user, which is difficulty in comprehending 
speech in the presence of noise or competing speech. This 
abnormal vulnerability to acoustical interference may affect 
the listener to the extent that he often cannot understand 
speech, even though all the signals may be amplified, and 
competing noise is so slight that the person with normal 
hearing might ignore the noise very easily.

Further degradation of signals by an abnormally 
faster rate of growth of loudness, or recruitment. There 
is increasing evidence in recent research (e.g., Villchur, 
197*0 that, whether or not there are other perceptive 
aberrations present, recruitment can sufficiently impair 
speech perception to cause a loss of intelligibility.
Because of this evidence, the problem of recruitment will 
be covered in greater detail below.

As a result of the problems mentioned, it is not 
uncommon to judge a hearing aid to be suitable for a pa­
tient during clinical evaluation, but subsequently to be 
unsatisfactory for everyday use. Hearing aid research 
has addressed this apparent problem.

As discussed by Braida, et al. (19?6), a common goal 
in hearing aid design is the selection of signal process­
ing units that match acoustical signals ito residual audi­
tory function. Since speech is the most important single 
class of such signals, it is of primary importance that
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such matching results in good, or improved, speech percep­
tion for the listener. The signal processing unit can 
function in such a way that lost cues are restored, or 
that new cues are introduced to the listener. In the lat­
ter case, these new cues must be able to serve similar 
functions as the old ones, and it must be possible for the 
listener to be trained to use them. In addition, the sig­
nal processor must not degrade those cues that have not 
been adversely affected by the hearing loss, such as the 
rhythm of speech.

Because of the wide variation of incoming signals in 
the environment, it is extremely difficult to determine 
the optimum frequency-gain characteristic for the hearing- 
impaired person. These variations show up as sex of talker, 
clarity of speaker, speech material, distance and position 
of speaker from the listener, reverberation, etc. (Braida, 
et al., 1976). In addition, rules that may be devised for 
hearing aid fittings change for different degrees of loss, 
and especially for different degrees of high-frequency loss.

Following is a summary of how the special design of 
hearing aids attempts to alleviate some of the effects of 
hearing loss*

1. Loss in sensitivity can generally be compensated 
for by appropriate choice of gain. However, the optimum 
frequency-selective amplification is yet unresolved.

2, The frequency-gain characteristic chosen for an 
individual should amplify that part of the frequency
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spectrum that contributes to his speech perception, but 
should do so without exceeding the loudness discomfort 
level for the individual, and without causing parts of 
the amplified spectrum to mask other parts. The amount 
of amplification must, of necessity, be limited, because 
of the threshold of discomfort. Therefore, hearing aids 
should have a mechanism that limits the intensity of the 
amplified signals. Peak clipping and compression ampli­
fication are two means whereby intensity may be limited. 
Both these solutions are discussed more fully below.

3« Intelligibility in noise is a special problem 
for the hearing aid wearer. Because everyday communica­
tion entails listening to speech in the presence of other 
competing signals, tests involving background noise should 
be an important consideration for accurate assessment of a 
hearing aid's value in everyday use (Carhart, 19^6)0 In 
addition, testing in background noise has been found to be 
more effective in discriminating among hearing aids in the 
clinical evaluation.

Attempts to solve the problem of the listener's ab­
normal vulnerability to acoustical interference have not 
been fully successful. One means, though, of attempting to 
solve the problem is by appropriate'microphone. placement, 
so as to maximize the signal-to-noise ratio (Lippmann, 
et al., 1976). Other solutions may lie in the appropriate 
choice of parameters, such as compression threshold in 
compression hearing aids. The parameters of compression
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are described in detail later in this review.
One reason why amplification may not be fully suc­

cessful, even when carefully chosen with respect to overall 
gain and frequency-selectivity, is that it cannot restore 
the normal relationships between intensity and loudness in 
the recruting listener's auditory area. Because recruitment 
has" been shown to have such .a deleterious effect for the lis­
tener's intelligibility (Villchur, 197^)» and since a search 
for a solution to this problem was one of the focal points 
of the present study, the following sections are devoted to 
this problem.

Loudness and Recruitment
Recruitment is a disproportionate increase in loudness 

as a function of intensity. It is one perceptive aberration 
affecting the hard-of-hearing person with a sensorineural 
hearing loss of cochlear origin. The relationship between 
the intensity of a sound and its perceived loudness is known 
as the loudness function (Huizing, 1952). The steepness of 
the loudness function depends, in the normal listener, on 
the frequency of the stimulus, with the curve being steep­
est in the low frequencies, less steep in the high frequen­
cies, and even less in the middle range (Fletcher and 
iiunson, 1933)* For those with a sensorineural hearing loss 
of cochlear origin, as the intensity of sound increases 
beyond the elevated threshold of hearing, the loudness of 
the stimulus increases towards normal. As the amount of 
hearing loss increases, the corresponding recruitment
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curve becomes progressively steeper (Hallpike and Hood, 

1959).
Various methods have been developed for the measure­

ment of the phenomenon of recruitment. These methods con­
sist of procedures using subjective listener judgments, 
such as loudness balance measures, and objective procedures, 
such as impedance measures. The Alternate Binaural Loud­
ness Balance (A3LB) test and the Monaural loudness Balance 
(MLB) test are included in the former category, as is the 
Loudness Discomfort Level (LDL) test. Calculation of the 
listener's dynamic range, that is, the distance from 
threshold of audibility to LDL, or his distance from Most 
Comfortable Loudness (MCL) to LDL, is yet another method 
of measuring recruitment. Although measurement- of the 
Acoustic Reflex Threshold (ART) has been used by some as 
an objective means of determining recruitment (e.g.,
Metz, 1952} McCandless, 1973)» this procedure is contro­
versial (e.g., Ritter, et al., 1979) and non-standard.

Experimental Signal Processing to Overcome ifche Effects of 
Recruitment

Experimental signal processing has been utilized to 
exemplify what happens to the loudness relationships of 
the elements of speech for the recruiting listener. Re­
cruitment, which exaggerates loudness differences among 
the acoustical elements of speech, was simulated in normal 
hearing listeners by intensity expansion (V.illchur, 197^).
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As defined by Villchur (1978), in an amplitude expander, 
gain increases with input level. The accelerated loudness 
growth of recruitment can be simulated by this increasing 
gain. Villchur (197*0 achieved simulation of recruitment 
by using an electronic processor, enabling him to transpose 
the distorted loudness relationships from the hard-of- 
hearing subject's range of hearing to the normal range.
The same proportionate relationship between speech levels 
and corresponding hearing ranges was kept, so that those 
speech elements falling below the hard-of-hearing subject's 
threshold also fell below the normal listener's threshold.

Villchur's proportionate auditory area fitting is il­
lustrated graphically in Figure 1. The first part of this 
figure represents values relevant to the hearing-impaired 
subject, and the second part represents values relevant to 
the normal hearing subject. In both parts of the figure, 
the lower solid curve represents threshold, and the upper 
solid curve represents a 7^-phon equal loudness contour.
The latter was chosen by Villchur because the peak speech 
level of conversational speech at 1000 Hz is ?l± dB SPL. 
Speech falling between these two curves is audible to the 
listener at comfortable levels. Note how much smaller the 
range is for the hearing-impaired subject than for the 
normal hearing subject. The dynamic range of the levels of 
speech covers a range of roughly 30 dB (Dunn and White, 
19^0). The two dashed curves in each part of the figure 
show this range. For the hearing-impaired subject, speech
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has been amplified so that as much of the speech elements as 
possible lie within the available auditory range. Note that 
when the high frequency components of speech are amplified, 
they still remain below the subject's threshold hearing, 
and yet the low frequency components are above the subject's 
equal loudness contour. In the second part of Figure 1, the 
amplified speech band is projected from the hearing-impaired 
span of hearing to normal span. The same proportionate re­
lationship between speech levels and available comfortable 
auditory range is kept, so that, again, the most intense 
high frequency components still fall below the threshold of 
hearing, whereas the most intense low frequency components 
are above the equal loudness contour shown.

To judge the validity of this signal processing, four 
subjects, each with a unilateral sensorineural hearing loss 
accompanied by recruitment, were asked to judge the similari­
ty or dissimilarity of speech samples heard in each ear. 
Unprocessed speech was presented to the impaired ear, while 
the normal ear received both unprocessed and processed 
speech, the latter calculated for the subject by the ex­
perimenter. The speech was then more finely adjusted by 
the subject himself to make the sound in his two ears as 
alike as possible.

Unprocessed speech in the normal ear was always 
rated as different, in varying degrees, from unprocessed 
speech in the impaired ear. The final processed speech in 
the normal ear was always rated as "similar" or "very
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similar" to unprocessed speech in the impaired ear.
The basis for Villchur's (1974) simulation of recruit­

ment was thus twofold. First, many elements of speech, more 
often the high frequency elements, fall below the threshold 
of hearing, even when they are amplified. And second, 
because of recruitment, loudness relationships among the 
acoustical elements of speech are distorted. This occurs 
because recruitment expands the difference in loudness 
between low frequency high-amplitude vowels, and high fre­
quency low-amplitude consonants. Perceptually, the effect 
is as if the high frequencies were attenuated.

The fact that intelligibility for normal hearing lis­
teners could be reduced by simulating recruitment implies 
that, whether or not there are other causes, recruitment in 
hard of hearing listeners is a sufficient cause for loss of 
intelligibility (Villchur, 1974). Others have established 
a relationship betv/een loss of speech discrimination and 
degree of loudness recruitment present— as the amount of 
recruitment increases, maximum speech intelligibility has 
been found to decrease (Hood and Poole, 1971). However, 
the relationship betv/een these two factors is not neces­
sarily causal, since both could be dependent on a third 
factor, such as amount of hearing loss.

If Villchur's simulation of recruitment by intensity 
expansion is valid, amplification and processing of speech 
will restore even high frequency elements to be within the 
dynamic range of the listener, counteracting expansion and
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treble attenuation of recruitment. Villchur reasoned that 
discrimination for the hearing impaired could thus be im­
proved by making the weaker high frequency acoustical 
speech elments audible, without making the high amplitude 
elements uncomfortably loud.

The following section deals with a rationale re­
presenting some of the approaches to hearing aid design, 
including that based on Villchur's simulation of recruit­
ment.

Approaches to Hearing Aid Design 
Hearing aids may be divided into two basic types: 

non-compression and compression modes of amplification. 
Considerable research was, and still is, conducted with 
the former type of system, in an effort to best "fit" this 
type of amplification to the hearing-impaired individual. 
Even though complete resolution of the best type of non­
compression amplification has not been achieved, new con­
troversies have arisen attempting to relate the best com­
pression system to the hearing-impaired individual. The 
review of related literature will focus on both the assets 
and the drawbacks of non-compression hearing aids, with 
particular attention to the current state of the art re­
garding compression amplification for the hearing impaired.

Non-Compression Amplification Systems
In a conventional amplifier, a change in the level of 

the input signal yields an equal change in the system's
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output. Within the dynamic range of the amplifier, the 
ratio of change in input to change in output is a constant.
A limit to the maximum power output is built into the hear­
ing aid, that is, a limit of the intensity to which the 
hearing aid can amplify. When this limit is surpassed, the 
result is an overload of the system, which results in the 
peaks of the sound waves being clipped off. This peak 
clipping introduces non-linear distortion. The effect of 
peak clipping for the hearing impaired is discussed later 
in this review.

Hearing aid selection strategies with non-compression 
hearing aids can be accomplished with several different 
methods. Three of these methods have been selective ampli­
fication, fixed frequency-gain characteristics,• and adaptive 
fitting of a master hearing aid.

Individualized Selective Amplification
There is a reduced and distorted dynamic range between 

threshold of hearing and threshold of discomfort for the 
individual with recruitment. A recognized goal in hearing 
aid fitting has traditionally been to try to bring the 
sounds of speech into this dynamic range. Individualized 
selective amplification, which is amplification varying in 
amount at different frequencies, is one method used to 
bring all of speech sounds within the listener's small and 
distorted auditory area. Individualized selective ampli­
fication focuses on determining the optimum frequency-gain 
characteristics on an individual basis. These methods
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typically require psychoacoustic data such as thresholds of 
hearing, thresholds of discomfort, and loudness matching 
(Levitt, 1978b).

V/atson and Knudsen (19^0) were among the first to 
attempt to deal quantitatively with the problem of reduced 
dynamic range for the hard of hearing. This led them to 
propose a method of selective amplification based on equal 
loudness contours. Using several frequency-gain variations, 
they measured discrimination for syllables In 16 impaired 
ears, of which 7 had sensorineural losses. Their best re­
sults were in the case of frequency-gain characteristics 
derived from the most comfortable equal loudness contour 
for air conduction, in which the difference (in decibels) 
between the most comfortable equal loudness curve and the 
normal auditory threshold was mirrored. This type of ampli­
fication proved superior to uniform amplification when first 
tried, or, in some subjects, after an accommodation effect 
took place.

While this procedure may have yielded satisfactory 
results, others, such as Davis, et al. (19^7), discounted 
Watson and Knudsen's results. They did so cm the grounds 
that it was impractical for clinical use wiHfeh adults, and 
even more so with children, because of the difficulties in­
volved in obtaining reliable equal loudness contours with 
untrained subjects. In addition, Davis, et .al. concluded 
that the gain in intelligibility over other fixed frequency 
responses (discussed later in this review) vras minimal.
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Another conclusion of Watson and Knudsen's study was 
the importance of not relying on subjective judgments as a 
means of choosing amplification. Their reasoning for this 
was twofold. First, listeners often prefer amplification 
that stresses those frequencies that they hear best with­
out any amplification, but does not necessarily result in 
the best improvement in intelligibility. And second, ex­
posure time and training may play an important role in 
objective test results. Selective amplification will 
render much of the speech spectrum within the audible 
range, but, since the various speech sounds are not what 
the hearing-impaired listener is accustomed to hearing, 
they may no longer sound "natural" to him. The listener 
may, therefore, initially not choose this "unnatural" sound, 
but, after a habituation effect, it may prove to be the 
best choice for a hearing aid.

Huizing and Reyntjes (1952) have suggested that 
amplification should emphasize frequency regions where 
recruitment is less, and suppress regions where recruit­
ment is high, in order not to deteriorate overall intel­
ligibility. This concept departs from the idea of high 
frequency emphasis, where amplification is greatest for 
those frequencies where the listener has the poorest 
thresholds. In a follow-up study, Huizing, et al. (i960) 
measured the articulation scores for discrete frequency 
bands by using filtered speech. They concluded that 
ideal selective amplification would continue to stimulate
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the entire frequency range of the sensory mechanism, with 
the concentration on amplifying those frequencies where 
discrimination is best*

Continuing research with selective amplification, 
Reddell and Calvert (1966) tested 2k subjects with high 
frequency hearing losses and no experience with hearing 
aids. Subjects' responses with an experimental aid that 
had been custom-adjusted for them by an audiogram-mirroring 
technique, were compared to responses with two commercially- 
available hearing aids. The latter were selected by cus­
tomary audiologic procedures (they did not specify what 
these procedures were). With the experimental aid, sub­
jects scored slightly better for mean Speech Reception 
Threshold (SRT), discrimination score, Loudness'Discomfort 
Level (LDL), and their own subjective evaluation of the 
hearing aid.

The concept of providing gain to mirror the audiogram, 
that is, amplification where the response curve of the 
hearing aid compensates exactly for the subject's degree 
of hearing loss, is thus another means of individualized 
selective amplification. It has, however, been reported 
in the literature with conflicting findings as to its 
value. Audiogram-mirroring may result in a fairly high 
loudness level at a relatively low sensation level. This 
may happen since at supra-threshold levels, where listen­
ing takes place, the equal loudness contours tend to 
normalize. As a result, this method has traditionally
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worked well only for the special case of a primarily con­
ductive impairment, since there is no recruitment present, 
or for a moderately flat sensorineural loss (as discussed 
below). Consequently, other means may have to be used to 
successfully amplify speech for the recruiting listener.

More recently, however, Pascoe (1975) has found that 
an audiogram-mirroring technique, less a constant gain 
across all frequencies, was beneficial for eight presby- 
cusics with mild to moderate sensorineural impairments.
The shape of their losses was either flat or sloping 
moderately downward. However, it only worked well provided 
the.real-ear response of the hearing aid from sound field 
to eardrum was used. Pascoe set the gain of the hearing 
aid equal to the amount of hearing loss at each frequency, 
less a constant amount. The result was a mirroring of the 
shape of the hearing loss, as depicted by the audiogram, 
but with a gain less than the hearing loss itself. His re­
sults shov/ed improved discrimination under this condition 
of amplification, as compared to several other conventional 
hearing aid fitting procedures, detailed below.

Because some of the methodology of Pascoe*s study had 
a strong influence on the present study, it will be re­
viewed in greater detail. As compared to previous studies, 
Pascoe made several changes and/or additions in his research. 
For example, both male and female speakers were used, and 
testing was conducted not only in quiet, but also in 
noisy (signal-to-noise ratio of 6 dB) and reverberant
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environments. These test conditions were used in order to 
more effectively evaluate the differences among hearing 
aids. In addition, the functional gain^ of the hearing 
aids tested was specified, as opposed to the traditional 
method of specifying the gain as measured in a 2cc coupler. 
The overall gain from sound field to eardrum is the desired 
ideal. However, since this is a difficult measure to obtain, 
the functional gain, as defined operationally by Pascoe, 
gives one the ability to get an approximation of the over­
all gain of the hearing aid from sound field to eardrum.

Pascoe obtained intelligibility scores for several 
frequency-gain characteristics, including: uniform function­
al gain (UFG), flat gain for one-third octave bands of 
noise, as measured at the ear; uniform hearing-level (UHL), 
•which mirrored the free field audiogram, in terms of func­
tional gain, less a constant; uniform coupler gain (UCG), 
flat gain as measured with a 2oc coupler; 6 dB rise per 
octave (RC6), as measured with a 2cc coupler; and commercial 
aid simulation (AS).

Intelligibility in the sound field in Pascoe's study 
was measured using a specially designed 50-item word list.
The list contained familiar words with many high frequency 
voiceless consonants. These are the phonemes that tend to 
be difficult for hard of hearing listeners, but help to

1Functional gain may be defined as the aided versus unaided 
thresholds for stimuli such as third-octave bands of noise, 
as measured in a sound field, yielding an estimate of the 
real ear gain (gain measured at the ear).
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differentiate among hearing.aids. Gain was always adjusted 
to Most Comfortable Level (MCL). Averaged over listeners 
and speakers, in both quiet and in noise, scores were as 
follows: UHL: 73#; RC#: 66#; UFG: 62#; UCGr 56#; and AS:

5^#.
These scores demonstrate the importance of mirroring 

the audio'gram for the type of subjects Pascoe tested. Mir­
roring of the audiogram was a concept that had been pre­
viously rejected by some earlier researchers. Nonetheless, 
when it was utilized in terms of functional gain, Pascoe 
found that it yielded the highest scores under his experi­
mental conditions. In addition, the differences in scores 
that he obtained between UFG and UCG had implications for 
the conclusions reached in many of the earlier'studies re­
garding frequency-gain characteristics of selected hearing 
aids. That is, since a hearing aid changes the free field 
gain of the external ear,- the functional gain of a hearing 
aid more accurately represents the true frequency response 
from sound field to eardrum.

It should be noted that slope of loss may strongly 
influence the results of individual selective amplification. 
For Pascoe's subjects, an audiogram-mirroring technique 
provided the best speech discrimination scores, his sub­
jects having either flat or moderately slopdng audiograms. 
Skinner (1976) compared several frequency response charac­
teristics in hearing aids similar to Pascoe's but tested 
subjects with noise-induced hearing losses showing severe
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high frequency drops in threshold. For these subjects, 
audiogram-mirroring did not produce good results. Rather, 
the best speech discrimination scores resulted with a fre­
quency response in which there was no gain below 500 Hz, 
and 23 d3 of gain at and above 1600 Hz. Between these 
two frequencies, the slope of the functional gain (de­
fined as above, by Pascoe, and also measured with one- 
third octave bands of noise) reflected the difference 
between each subject's threshold curve and the normal 
threshold curve.

Another approach to individual selective amplifica­
tion was developed by Barfod (1972). He tested the hypo­
thesis that frequency selective amplification emphasizing 
the high frequencies would improve the subjecf’s speech 
intelligibility. He tested 10 subjects with "degeneration 
nervi acustici," with normal hearing in the low frequen­
cies, and a sharp drop in the high frequencies. The test 
stimuli were (C)CVC(C) words, which were mainly nonsense 
syllables. All were recorded by a male speaker and em­
bedded within carrier phrases. The tests were administered 
monaurally under headphones, at a speech input level of 
60 dB SPL, with a signal-to-noise ratio of 5 dB. The 
noise was filtered noise with a spectrum corresponding to 
that of average male Danish speech,

. For subjects with the etiology and audiogram that 
Barfod selected, the best intelligibility was obtained 
with a response that transformed the 10?' time levels of
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speech (i.e., those levels of speech exceeded 10$ of the 
time) for normal hearing persons. Although his results 
may seem to contrast with those of'Pascoe (1975)» whose 
best fit was based on audiogram-mirroring less a constant 
amount, Barfod's subjects had a different shape to their 
hearing losses than did Pascoe's subjects. It is therefore 
important to investigate if Barfod's results extend to the 
hearing impaired with other configurations of losses.

Another variation of frequency selective amplifica­
tion is that of the bisection method. In this method, the 
region between the auditory threshold and the threshold of 
discomfort is bisected. This is achieved by finding the 
point that lies midway between these two thresholds at each 
frequency, and then joining these points to form a line of 
bisection. V/allenfels (1967) suggested a variation of the 
bisection method, as follows: The line of bisection was cal­
culated between 1000 Hz and 4000 Hz. Above 4000 Hz, the 
line of bisection was followed only if the listener had an 
ample dynamic range of about 50 dB or more. If the dynamic 
range was considerably narrowed, then the reicomm ended curve 
remained below the line of bisection, closer* to threshold 
of audibility. The recommended hearing level curve below 
1000 Hz was dependent on the slope of the line of bisection 
between 1000 Hz and 4000 Hz. In the case of* a steep slope 
in this latter region, that is, 8-10 dB/octa.ve or greater, 
the hearing level curve below 1000 Hz contir.pjed downwards 
with the same slope. But if the slope between 1000 Hz and
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4000 Hz was less than 8 dB/octave, a downward slope of 
8-10 dB/octave was used for the region be2.ow 1000 Hz.

Wallenfels' (1967) method took into account the pos­
sibility of upward-spread-of-masking, in which the low fre­
quency elements of speech, when amplified, might mask the 
high frequency elements. This might prevent the listener 
from receiving important information-bearing cues to 
speech discrimination. His method corrected for this 
problem by varying the amount of amplification below 
1000 Hz, depending on the severity of hearing loss in the 
high frequencies. Nonetheless, although the upward-spread- 
of-masking concept should be considered in hearing aid 
fitting, Wallenfels' method has not been compared experi­
mentally to other methods of selective amplific’ation.

Another variation of the bisection method has been 
suggested by Victoreen (1973)* He suggested that the amount 
of gain at each frequency be chosen so that the speech 
spectrum for the hard-of-hearing listener lies at an in­
tensity between one-third and one-half the distance from 
threshold of audibility to threshold of discomfort. With 
this method of selective amplification the speech spectrum 
has about the same relation to these two thresholds as does 
(unamplified) speech presented to the normal listener at a 
comfortable level.

In summary, several methods of frequency shaping 
have been pror)osed, such as audiogram-mirroring, bisection, 
variations of bisection, flat frequency response, and



26

equal loudness methods. Of these various methods, recon­
structing the equal-loudness contours appears to be the 
most promising. But, as Pascoe (1975) has shown, the 
entire issue is up for review, because the early research 
did not take the functional gain at the eardrum into account.

Fixed Frequency-Gain Characteristics
A divergence from fitting to the audiogram and the 

principle of frequency selective amplification, is that of 
uniform frequency characteristics. This variation has as 
its goal systematic determination of the optimum frequency- 
gain characteristic of hearing aids that would provide good 
performance for most, if not all, cases of hearing loss.

In an early review of research on selective amplifi­
cation, Watson and Tolan (19^9) concluded that approximate­
ly 75?° of hearing aid users achieved highest scores for 
P3-50 lists presented in quiet with a flat frequency-gain 
characteristic, as measured in a standard 2cc coupler. 
However, under unfavorable conditions, such as non-linear 
distortion, clipping, or'noise, a three to nine dB per 
octave high frequency emphasis was preferred, especially 
for listeners with sharply falling audiograms. A supra- 
threshold equal loudness contour was a more reliable in­
dicator of the amount of high frequency emphasis required 
than the threshold curve. Some of the studies that were 
considered in their research are detailed below.

Two of the earliest investigations on fixed frequen­
cy-gain characteristics, conducted on a large scale, in
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the 1940's, were done at the Harvard Psychoacoustic 
Laboratory- (Davis, et al., 1947), and by the Medical 
Research Council of Britain (1944),

On tests made on 25 ears (18 subjects) with losses 
of 40 to 90 dB in the speech frequencies, and an average
loss of 65 dB, Davis, et al. (1947) compared a variety of
frequency-gain characteristics. They were as follows: 
attenuation of 12 and 6 dB per octave, flat gain, and 
high frequency emphasis of 6 and 12 dB per octave. PB-50
word lists were administered over a range of 40 to 70 dB.
Maximum power output was 124 dB SPL, and frequency range 
extended from 100 to 7000 Hz. Their conclusion v/as that 
a flat or slightly rising characteristic of up to 6 dB per 
octave over the frequency range of 300 to 4000 -Hz, as mea­
sured in a 2cc coupler, was the best hearing aid selection 
for most hearing-impaired listeners.

Several other procedures were evaluated and rejected. 
These included reliance on the subject's own judgment, a 
procedure rejected by Watson and Knudsen (1940), too, and 
selective amplification by mirroring of the audiogram, a 
still controversial procedure. Amplification restoring 
the subject's most comfortable equal loudness contour to 
normal v/as also rejected. In pilot trials, that pattern 
received no better results than the rising contour of 6 dB 
per octave, and the necessary data v/ere significantly more 
difficult to obtain.

The conclusions reached in the Harvard report (Davis,
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et al., 19^7) were that "...for the usual hard of hearing 
patient, any detailed 'fitting' is wasteful of time and 
effort. The differentials between instruments that are 
indicated by most current tests are largely illusory." 
According to Davis, et al., only difficult and unusual 
cases of hearing loss require that they tie given special 
testing. For these latter cases, there may be significant 
differences based on small changes, and then, more elaborate 
selective tests may be called for.

Generalizations from the conclusions of Davis, et al. 
may be limited for the following reasons:

Only six of the twenty-five ears tested had losses 
that were purely sensorineural in origin. Because of major 
medical advances since the 19^0' q» medical and surgical 
intervention has significantly reduced the number of people 
with conductive hearing loss. As a result, the proportion 
of hearing aid users whose hearing impairment can be at­
tributed to a conductive involvement has been reduced.
Thus, using conductives as a major part of the study's 
population, and generalizing to today's population of 
hearing aid users, is not necessarily valid.

Phonetically balanced monosyllables were used as the 
test stimuli, although they are not'always sufficiently 
sensitive to detect differences in performance among 
various hearing aid settings. This was confirmed in 
later years by Shore, Bilger and Hirsh (I960), who found 
that this type of test material v/as not very sensitive in
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differentiating among hearing aids.
In addition, tests were administered only under condi­

tions of quiet, and differences among hearing aids frequently 
emerge only under more difficult listening conditions, such 
as in noise. Tests also employed only male speakers, anoth­
er condition that may not he sufficiently sensitive in dif­
ferentiating among hearing aids. It may be that more dif­
ficult situations, such as female and children .speakers, 
also help differentiate among hearing aids.

lastly, because the electrical signal was amplified 
and then delivered via a supra-aural earphone, the effects 
of head diffraction and body baffle, which are encountered 
by the wearer of a conventional hearing aid, were circum­
vented. The validity of simply applying a standard cor­
rection to the frequency response characteristic, to com­
pensate for the absence of these effects, is questionable, 
since they depend on factors such as room reverberation, 
location of the microphone, and azimuth of the source 
(Resnick, 1977).

A study conducted by the Medical Research Council of 
Britain, in 19^, had, as one of its goals, a task similar 
to that of the Harvard study (Davis, et al., 19^7). They, 
too, attempted to determine the frequency response charac­
teristic of a hearing aid that would yield the best per­
formance for as large a percentage of hearing-impaired 
people as possible.

Two hundred and twenty eight hearing-impaired lis-
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teners, aged 10 to 70 years, were tested with 50 monosyl­
labic words, half recorded by a male speaker and half by a 
female speaker. Sixty-five percent of the hearing impair­
ments of the population were conductive, and all losses 
ranged in severity from slight to profound, averaged over 
the frequencies 500 to 4000 Hz. One-third of the patients 
were hearing aid users. Signal levels extended over a 23 
decibel range, corresponding to levels encountered in soft 
speech, in ordinary conversation, and in loud conversation, 
in order to represent various grades of social disability.

The testing protocol was unclear, but the Council's 
general conclusions were as follows: Similar to the Harvard 
report (Davis, et al., 1947), either a flat gain, or a 
rising gain at the rate of 5 to 6 dB/octave, arid an upper 
frequency cut-off of 4000 Hz, yielded the best intelligi­
bility for their group as a whole. The suggested low fre­
quency cut-off was a frequency response decrease of 12 dB 
per octave below 750 Hz. The former specification is similar 
to that of the Harvard study, whereas the latter differs 
slightly, since a low frequency cut-off no higher than 500 
Hz was suggested in the Harvard study. However, although 
changing the low frequency cut-off from 100 Hz to 500 Hz 
did not significantly degrade intelligibility, the best 
response was obtained with a 200-400 Hz low frequency cut­
off (Davis, et al., 1947). There are additional differences 
between the two studies that relate to the method of calibra­
tion, discussed below.
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In the KedResCo study, as in the Harvard report, 
generalization from the conclusions is limited, for the 
following reasonsi

First, sixty-five percent of the population had con­
ductive hearing losses, making the profile of their typical 
hearing aid user very different from the profile of today's 
"typical" hearing aid user. Second, experimental procedures 
were not clearly defined. In addition, there was signifi­
cant intrasubject variability for some subjects. There was 
a 20 c/o  difference between repeated scores for a given hearing 
aid setting. Although test-retest reliability is one of the 
most important factors in hearing aid evaluations, few pub­
lished studies have effectively dealt with this issue. And 
last, Pascoe (1975) has suggested that word lists weighted 
with high frequency voiceless consonants are more effective 
in differentiating among hearing aid response patterns, 
than are word lists such as the 7/-22's, used in the MedResCo 
study.

Although the Harvard report and the KedResCo study 
appear to recommend similar frequency-gain characteristics, 
there were important differences in the method used by each 
study to specify these characteristics. Taking these dif­
ferences into account allows one to see that the recommended 
specifications actually differ significantly. In the Harvard 
study, the method of measurement eliminated body baffle, 
head diffraction, and concha and ear canal effects, since 
the frequency response of the aid was measured by placing
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the microphone in a free field facing the sound source, and 
measuring the output of the earphone in a 6cc coupler. On 
the other hand, although the microphone was similarly placed 
in a free field in the MedResCo study, a correction v/as then 
applied to the free field input. The correction v/as the 
amount that an average head and external ear would have 
increased the input pressure, resulting in the sound pressure 
that v/ould have existed at the eardrum, had the head been 
placed in the microphone location. The receiver output v/as 
then measured in k 3cc coupler. The larger head-diffraction 
effect and the smaller earphone-coupler combination effect 
thus caused differences between the hearing aid's frequency- 
gain specification that are, superficially, not apparent.

If the correction for head and ear effects made in the 
MedResCo study is eliminated, significant differences emerge 
between the recommended frequency responses of the two stu­
dies, Where the Harvard study recommended a 0 dB/octave 
slope, the slope recommedned in the MedResCo study that is 
often considered equivalent was actually 12 dB/octave up to 
750 Hz, and then 5 dB/octave. And where the Harvard study 
recommended a moderate upward slope of about 6 dB/octave, 
the MedResCo response is a relatively steep upward slope 
of 10 or 12 dB/octave (Resnick, 1977).

Knight (19^5), using an insert phone, attempted to 
verify the conclusions of the two previous studies. In 
the Harvard (Davis, et al., 194?) and MedResCo (194*0 stu­
dies, a wide range of hearing-impaired subjects were used.
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In his study, Knight selected three types of subjects! 
those with purely conductive hearing loss, those with 
purely sensorineural hearing loss, and those with mixed 
hearing loss. Articulation scores were obtained at MCL 
for speech, and at MCL plus and minus 5 dB, for a total 
of three listening levels. The three frequency responses 
used, as measured with a 2cc coupler, were as follows! 
rising linearly with frequency at 7 dB/octave (similar to 
the ideal frequency response found by the Harvard study); 
same as the first response to 1000 Hz, and then increased 
by an additional 6 dB/octave; and same as the first response 
to 1000 Hz, and decreased by an additional 6 dB/octave.

Of the three response curves tested, the one judged 
to be best, based on articulation scores, was the first 
response,. that is, rising by 7 dB/octave. This response 
was the one closest to that recommended by the Harvard 
study.

Adaptive Fitting of a Master Hearing Aid
Considerable research has been conducted with fixed 

frequency-gain characteristics, to establish a protocol as 
an acceptable tool for hearing aid fittings. However, re­
cent studies have shown that individualized fitting yields 
improved intelligibility for the hearing impaired over 
standardized hearing aid characteristics.

One recent study, a variation of the individualized 
fitting, was the Wearable Master Hearing Aid (WMHA) project 
(Resnick, Levitt and '.Vhite, 1977). Its purpose was to
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develop a practical clinical protocol to be used for the 
prescriptive fitting of a WKilA. The single hearing aid 
offered a range of hearing aid characteristics which could 
be easily and rapidly manipulated. The ultimate goal for 
its clinical use would enable the audiologist to select 
the amplification characteristics most suitable for the 
patient, v.'ithout the need to maintain a large supply of 
commercially available hearing aids in stock. A hearing 
aid with the same eloctroacovi.stic characteristics as the 
prescribed WKHA would then be selected.

Various stages of testing ultimately led to a stage 
designed to closely approximate the optimum characteristics 
of the Y/KHA. This v/as achieved through successive adjust­
ment of the hearing aid's parameters, according- to a pre­
scribed adaptive procedure. This strategy aimed to move 
continuously closer to those settings that produced high 
scores. When the best hearing aid setting was achieved, per­
formance with the Y/kiHA was compared to the subject's own 
clinically-selected hearing aid.

The WMHA study showed that systematic adjustment of 
the parameters of the Wearable Master Hearing Aid, to best 
suit the needs of each patient, yielded improved performance. 
There v/as a significant difference among subjects of the 
estimated optimum settings obtained in this way. This 
finding suggests that methods for fitting hearing aids 
should take individual differences into account. Another 
conclusion reached was that use of a common fixed frequency-
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gain characteristic to help all, or at least the majority of 
hearing aid wearers, will not typically produce the best 
results. For example, results showed a consistent pattern 
of improvement for the estimated optimum setting of the WMHA 
as compared to performance with the subject’s own hearing 
aid. Larger improvements were obtained, on the average, 
for subjects with initially lower scores. Performance v/as 
also compared at the estimated optimum of the Y/MHA to the 
performance on the WMHA using the frequency-gain characteris 
tics as recommended by the Harvard study (Davis, et al., 
19^7)• These responses were a flat frequency response 
condition, and an upward sloping frequency response of 6 d3 
per octave, as measured in a standard 2cc coupler. Again, 
consistent improvements were obtained for the WMHA at its 
•estimated optimum setting, the larger improvements being 
obtained, on the average, for subjects with initially lower 
scores.

Limitations of Non-Compression Amplification Systems
In sensorineural hearing loss, the dynamic range of 

the auditory system is usually considerably narrowed. The 
lower intensity limit shifts by an amount equal to the 
threshold loss, while the upper limit remains the same, or 
is reduced. This results in a discrepancy of the loudness 
values of speech, lea.ding to poor intelligibility. Villchur 
(197*0 has argued that this phenomenon must be taken into 
account in hearing aid selection strategy. In principle, 
a non-compression amplifier can be used to .reconstruct only
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one equal loudness contour. This has been shown to yield 
good results (e.g., Barfod, 19?2; Lippman, 1978). However, 
as pointed out by Villchur, one should attempt to recon­
struct several loudness contours for the recruiting lis­
tener, in order to counteract the expansion and high fre­
quency attenuation that is a .result of recruitment. When 
high frequency emphasis is used without compression, high 
frequency environmental sounds may be amplified even beyond 
the LDL for the hearing-impaired subject.

In order not to exceed the discomfort level for the 
hearing aid wearer, all hearing aids 5.ncorporate some means 
of output limitation. One technique used to limit the maxi­
mum power output is peak clipping. In this form of output 
limitation, increased input to the hearing aid-does not 
result in an increase in output beyond the maximum power 
output. This introduces a non-linearity with respect to 
increase in intensity. The resultant amplitude distortion 
is called peak clipping, a condition in which the tops and 
bottoms of the waveform are clipped off. Peak clipping has 
been the traditional mode.of output limiting for non­
compression hearing aids, possibly because it is also the 
easiest form of limiting to implement. X dB of peak clip­
ping is defined as the ratio of the clipped signal to the 
unclipped signal.

The effect of peak clipping is to produce high fre­
quency distortion. For periodic signals, the distortion 
takes the form of harmonic distortion (Hodgson and Skinner,
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1977). Nonetheless, the normal ear can tolerate as much as 
2k dB of peak clipping, and still achieve a discrimination 
score of more than 95% for monsyllabic'Words (Goetzinger, •
1978). Licklider's (19^6) experiment has shown that the 
effect of this type of amplitude distortion on intelligi­
bility, in both quiet and under certain conditions of noise, 
is relatively small. In fact, clipped speech was found to 
be more intelligible than undipped speech if the waves 
were equated in terms of peak instantaneous amplitude. 
Pollack and Pickett (1959) also demonstrated this concept 
in a study utilizing a wide range of conditions, including 
peak clipping of 0, 6, 12 and 2k dB, In demonstrating the 
effect of symmetrical peak clipping on normal hearing lis­
teners, post-clipping gain was introduced to keep the post­
clipping speech power constant. Their conclusion was that 
intelligibility was independent of the level of peak clip­
ping, if the post-clipping level is held constant-.

Whereas for the normal listener, distortions are 
tolerable because of the redundancy inherent in speech, for 
the hearing-impaired listener it is important to retain as 
many cues of speech as possible. The effect of peak clip­
ping for the hearing impaired, who are dealing with dis­
tortions inherent in their hearing loss, can be very det­
rimental, and it is therefore desirable to minimize its 
effects. In a series of experiments, Harris, et al. (I96I) 
found that intelligibility, as measured by speech dis­
crimination tests, can be severely degraded by harmonic
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distortion generated by peak clipping in a hearing aid.
They advanced the hypothesis that this result was related 
to a masking effect of harmonic distortion products of the 
fundamental upon the formant structure of the phoneme.
When harmonic distortion was less than 20%, they did not 
find it to ha.ve a significantly degrading effect on speech 
discrimination. Peak clipping was also one of the vari­
ables investigated in a Wearable haster Hearing Aid study 
(Levitt and White, 1973). Their finding was that the wider 
the range of linear amplification compatible with the sub­
ject's comfort, the better the intelligibility score.

It is thus .recommended that in hearing aid fitting, 
a maximum power output be utilized that is at as high a 
level as the patient can tolerate comfortably. This will 
result in the maximum possible dynamic range prior to peak 
clipping. On the other hand, the output of the hearing aid 
must be limited to some extent, for reasons of both safety 
and comfort. Evidence of potential hearing damage, in the 
form of threshold shift, as a function of excessive ampli­
fication, has been provided by researchers such as Macrae 
and Farrant (1965) an  ̂ Ross and Lerman (1967). However, 
since peak clipping may reduce intelligibility for the 
hearing impaired, another possibility of output limitation 
would be to use compression amplification, as discussed in 
the next section,
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Compression Amplification Systems
A common complaint of many hard-of-hearing persons is 

that v/hen the level of speech is raised enough for the faint 
sounds to be heard, the more intense sounds become annoy­
ingly loud. In addition, since the sound field may change 
rapidly, a hearing aid wearer may need to continually re­
adjust the gain control in order to listen comfortably, 
despite the abrupt changes in environmental sound levels. 
Because the speech signal itself is also constantly fluctu­
ating, and the dynamic range of the hearing-impaired lis­
tener is limited, some of the speech signal is lost by being 
below threshold of audibility, or is intolerably loud by 
being above LDL.

Additional problems are introduced by the 'nature of 
the speech spectrum. The subtle distinctions among conso­
nants, which convey important information, involve cues 
which lie primarily in the high frequency portion of the 
speech spectrum. This portion is, however, of low amplitude. 
/3/, the most powerful speech sound, is about 28 dB more 
intense than /©/, the weakest speech sound, exemplifying 
the great dynamic range that occurs in speech (Fletcher, 
1953)* The average intensity of consonants is about 12 dB 
weaker than that of vowels (Kretsinger and Young, i960).
In addition, the dynamic range of conversation, encompass­
ing low levels to high levels, spans roughly 30 dB in any 
one frequency region. Thus, the range of difference among 
speech sounds is extended even more.



Problems may arise when using a fixed frequency 
response (such as the response recommended by Davis, et 
al., 19^7) on pathological ears demonstrating recruitment. 
If the vowels are brought to a comfortable listening level 
within the listener's area of audibility, then the un­
voiced consonants may be below the threshold of audibility. 
But the listener cannot use enough hearing aid gain to 
bring these weak consonants into his useful dynamic range 
of hearing, because that amount of gain would amplify 
lower frequency, high amplitude vowels to be intolerably 
loud (Watson and Knud sen, 19*K)). Although 60°/o of the 
power of speech lies at and below 500 Hz, this low fre­
quency energy controlling the listener's setting for gain, 
95^ of the intelligibility lies at and above 500 Hz (Gerber 
197*0. The end result is poor intelligibility at any 
tolerable level, since the listener inevitably reduces 
the amplification, even though the consequence is ampli­
fication insufficient for the consonants present in speech.

Shaping the frequency-gain response of the hearing 
aid to match the listener's residual hearing helps alleviat 
the above problem to some extent, but does not offer the 
same flexibility as does compression amplification. A 
compression amplifier functions so that a change in the 
level of the input signal modifies the system's gain, i.e., 
the input-output ratio is not uniform over the entire, 
range of levels. It works as a regulatory system, moving 
the gain up and down variably, depending on the input level



The objective of a compression hearing aid has been sum­
marized by Nabelek (1973)*

1. As protection to the user from sounds that are too 
intense and may cause discomfort, or even damage, to the ear. 
Compression may be preferred over peak clipping, the latter 
also able to achieve the same objective, since the latter 
involves more distortion.

2. To keep the average output level within a smaller 
range, i.e., more constant, than the input level. This 
would eliminate the need for constant readjustments of the 
volume control, irrespective of the changes of the average 
input sound pressure level. This is helpful to the lis­
tener in situations where intensity changes occur, such as 
those that occur as a consequence of change in .distance 
from the source. The listener can then continue to hear 
faint material, while still retaining comfort in listening 
to intense materials.

3. To aid persons with a limited dynamic range,
due to, for example, recruitment, In this case, the input 
dynamic range of the sound is matched to the available 
dynamic range of the hearing-impaired person. That is, 
the amplitude distribution of the acoustic signal is modi­
fied to better match the residual auditory function of the 
listener. Low intensity sounds are amplified fully, while 
high intensity sounds are amplified proportionately less.
The dynamic range of the hard-of-hearing person is thus 
utilized more fully, since the varying intensities of



speech and noise are all compressed to within this range. 
The weaker speech phonemes are amplified fully, while the 
peak vowel sounds are kept at comfortable levels, through 
compression.

Parameters of Compression Amplification
The parameters of compression amplification systems 

include the time constants, which are the attack and re­
lease times; the compression ratio; and the compression 
threshold. These parameters are discussed in detail in 
Chapter III. However, for the purposes of this discussion, 
each parameter will be defined briefly before discussing 
its effect. The potential value a hard-of-hearing person 
receives from a compression amplification system v/ill be 
determined, in part, by these parameters. This is in 
addition to the nature of the user's hearing loss, and the 
nature of his acoustic environment, in terms of levels and 
types of stimuli.
1. Time Constants

When there is an abrupt increase in input level, a 
finite amount of time is required for a compression ampli­
fier to adjust to its new gain. The time taken from the 
onset of the increase in signal level to that instant when 
the amplifier gain stabilizes (to within 2 d3 of the steady- 
state value) is defined as the attack time. The release 
time, or recovery time, is the time elapsed from the de­
crease in signal level to the instant the amplifier gain 
stabilizes (to within 2 dB of the steady-state value)
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(ANSI, 1976), For convenience of measurement, attack and 
release times are specified in terms of the change in output 
signal level.. A schematic diagram showing time constants 
is illustrated .in Figure 3«

The attack and release times have also been referred 
to in the literature as, respectively, overshoot and under­
shoot. These latter terms are, however, inappropriate, 
since the system requires a finite amount of time in order 
to detect that an increase or decrease has occurred in the 
input signal voltage, and to then make its appropriate 
adjustments (that is, to compress, or to release from a 
state of compression, respectively).

Since the goal of compression is to reduce signals 
that are too intense, and to do so without distorting them, 
it is important to know what the optimal time constants 
are, in terms of the least distortion and the best intel­
ligibility.

Addressing themselves to this problem, Lynn- and 
Carhart (1963) constructed a compression hearing aid from 
hearing aid parts, with which they then evaluated 36 hear­
ing-impaired people with a diversity of hearing losses.
They employed 10 testing conditions, one having no com­
pression, and the other nine with various combinations of 
attack and release times. Testing at one listening level, 
they found that intelligibility of monosyllabic PB-50's 
was affected by changes in the relations of time constants.
As recovery time increased beyond 150 msec.^ intelligibility
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for all groups tended to decrease. Sensorineural impaired 
listeners scored best when the attack/release time combina­
tion was 5/150 msec.

Nabelek (1973) chose seven commercial post-auricular 
hearing aids that all had similar middle range frequency' 
responses, with attack times ranging from 6 to 130 msec., 
and release times ranging from 30 to 580 msec. The Modi­
fied Rhyme Test was recorded through each of these hearing 
aids, at an SPL of 85 dB. The signal was then presented 
monauraliy, from the tapes, to 10 normal hearing listeners, 
by earphone. The tests were presented at post-compression 
signal-to-noise ratios of -2 dB and 2 dB. Nabelek found 
that shorter time constants yielded higher intelligibility 
scores, especially under more difficult listening conditions. 
The two aids with shortest attack/release time combinations, 
of 6/30 and 17/50 msec., respectively, were always in the 
top three in terms of good intelligibility.

The results of Nabelek's study diverge from other 
studies, mentioned above. Nabelek's conclusions regarding 
the shorter release time advocated are similar, though, to 
other early research. Edgardh (1952) and Kretzinger and 
Young (i960) suggested release times of 20 and 22 msec., 
respectively.

The two time constants affect the speech in different 
ways. The attack time may be as short as 1 msec, without 
creating audible distortion (Villchur, 1973). If attack 
time is rapid, compression will be quickly activated by
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intense sounds of short duration. Y/ith release time being, 
relatively, moderately long, consonants will pass through 
v/hile the system is still in a state of compression. If 
release time, however, is also short, consonants pass 
through the system v/hen it is no longer in a state of com­
pression. This results in a limiting of the overall in­
tensity of the speech signal, which is desired, but with a 
reduction in the intensity differential between vowels and 
longer consonants. The result is a change of the normal 
intensity ratio between the vowels and consonants.

Research has attempted to relate time constants to 
intelligibility. However, as with all studies using com­
mercial hearing aids, a change in one parameter of a hearing 
aid may result in changes in other parameters. . One cannot, 
therefore, attribute results to one specific parameter 
rather than to a possible interaction effect. This limits 
both the experiments' interpretations, and the ability to 
isolate one parameter across several studies and compare 
them. In addition, some- studies (for example, Nabelek,
1973) were conducted on normal hearing listeners, and ex­
tending results on the normal hearing to the hearing impaired 
must also be tentative. However, physical measurements ob­
tained by Nabelek do demonstrate that hearing aids with 
relatively shorter time constants have less harmonic dis­
tortion, and less distortion during the attack time. Thus, 
even with the above limitation in mind, the tentative con­
clusions do favor shorter time constants, to a lower limit,



46

for compression hearing aids used with the hearing impaired.
Although there are conflicting data regarding attack 

and release times*there is at least one area where there is 
general agreement, and that is the relative" durations of 
attack and release times. The release time should be 
longer than the attack time, since, if it is not, severe 
waveform distortion would be introduced. This would happen 
as a result of compressor action following the instantaneous 
amplitude of individual cycles (Villchur, 1973)* On the 
other hand, if the release time were too long, for example, 
one second, to correspond to the average length of a two- 
syllable word, sudden decreases in the environmental sounds 
would create long dead periods.
2. Compression Ratio

The compression ratio is the decibel change in input 
divided by the decibel change in output, as illustrated in 
Figure 2. If, for example, for a 20 dB input change only 
5 d3 of output change results, the compression ratio equals 
20/5 or 4:1 (a compression ratio of greater than 1:1). If, 
on the other hand, a decibel change in input results in a 
greater decibel change in output, then expansion is taking 
place. For example, if for a 10 dB input change, 20 dB 
output results, the compression ratio equals 10/20, or 1:2 
(a ratio of less than 1:1). A non-compression hearing aid 
operates on an input-output ratio of 1:1.

Compression ratio has been the subject of investiga­
tion of several studies, which are discussed later in this
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review.
3. Compression Threshold

Compression threshold is that input level at which 
compression begins, as illustrated in Figure 2. This para­
meter has been related to intelligibility. Too low a com­
pression threshold will both increase the relative back­
ground noise, and cause excessive noise to be present during 
periods of no speech input (Lippmann, et al., 19?6), It is 
important to use a compression threshold that is no lower, 
and a compression ratio no higher, than is needed to achieve 
good intelligibility (Villchur, 1973). Lippmann, et al. 
suggested reducing the effects of this degradation by ap­
propriate microphone selection and placement, to provide the 
best possible input signal-to-noise ratio. Another possibi­
lity for reducing its effects, aside from raising the com­
pression threshold, is by providing expansion below the 
compression threshold (Villchur, 1973). The exact specifica* 
tion of this parameter needed to achieve optimum intelligi­
bility is yet another area for research in compression 
amplification.

Distortion in Compression Hearing Aids
As with non-compression-hearing aids, there are 

problems that are inherent in compression hearing aids.
Some of these problems are reviewed by Lippmann (1975).
For example, one problem is a "thump" sound, which is a 
low frequency transient accompanying gain change, and har­
monic distortion caused by the nonlinearity of the gain
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control. Too long an attack time before compression sets 
in is another problem that may lead to audible excessive 
gain. In addition, excessive noise may be introduced by 
the gain-controlling device, or during periods of no-speech 
input, caused by too low a compression threshold. The 
former is internal noise of the device itself, and the lat­
ter is unnecessary amplification of the external noise.

Compression Amplification and its Relationship to Speech 
Intelligibility

There are two basic types of compression amplification! 
the compressor and the limiter. The compressor amplifier 
operates at a compression ratio greater than 1:1.throughout 
its dynamic range, A limiter amplifier, on the other hand, 
operates as a conventional amplifier over most of its dy­
namic range, and, once compression is initiated at a very 
high compression threshold, the compression ratio is high.
As is noted below, many of the early studies used the latter 
type of compression.

The data concerning the effects of compression ampli- . 
fication on the intelligibility of speech for the hard of 
hearing is both limited and contradictory. One of the first 
studies in this area was conducted by Davis, et al. (19̂ 7). 
Among the various parameters they evaluated, they studied 
the effect of replacing the peak clipper of their Master 
Hearing Aid with a limiter comj^ression amplifier. The 
attack and release times were 1 msec, and 200 msec., 
respectively. Compression began at a peak output of
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117 dB SPL, v/ith a compression ratio of 10il. In testing 
three normal hearing subjects with amplification they in­
troduced compression over a range of 30 dB, or peak clipping 
over a range of 30 d3. Maximum intelligibility deteriorated 
less under the condition of compression than under the condi­
tion of peak clipping. The same result was found for six 
hard-of-hearing subjects tested under the conditions of 
flat gain, and high frequency emphasis of 6 dB/octave.

Hudgins, et al. (1948) continued the earlier work 
begun at Harvard University (Davis, et al., 1947), and 
demonstrated the desirability of incorporating compression 
circuitry into a wearable hearing aid. They compared an 
experimental hearing aid to the Harvard Master Hearing Aid, 
and to two commercial instruments. Using monosyllabic PB 
words, with signal-to-noise ratios of 15 dB or 20 dB, they 
tested six listeners with average losses of 48 to 63 dB in 
the speech frequencies, V/ith compi?ession amplification 
the maximum level of performance was maintained over a wide 
range of speech-input levels.

Kretzinger and Young (i960) tested the hypothesis 
that compression is superior to peak clipping in improving 
intelligibility for PB words in noise. They measured in­
telligibility for 30 normal hearing listeners, using 
compression amplification over input ranges of 10 dB and 
20 dB, compared to no compression, and to peak clipping as 
the limiting mechanism. Input level for the words v/as 
70 dB SPL. Scores with no form of limiting were an
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average of 57f°» With peak clipping of 10 dB and 20 dB, 
scores were 63/* and 61/, respectively, and with compression 
of 10 dB and 20 dB, scores were 85"fo and 78/; respectively.

This early trend of finding improvement with compres­
sion amplification was reversed by several studies per­
formed in the I960's.

Lynn and Carhart (1963) measured the effect of various 
attack and release times of a limiter compression hearing 
aid on speech intelligibility for 30 hard-of-hearing sub­
jects, Attack/release times ranging from 6/30 to 20/500 
msec, produced little change in discrimination scores, and 
little improvement in intelligibility. Averaged over 10 
subjects, the maximum increase of compression amplification 
over non-compression amplification was about 9f° at the best 
attack/release time combination of 5/150 msec. For attack/ 
release times greater than 20/500 msec,, there was a nega­
tive effect on discrimination. Their conclusion v/as that 
proper time constants must be chosen for maximum improvement 
of intelligibility with compression. They also interpreted 
their results to indicate that compression is not always 
an advantage to the hearing impaired.

Some of the problems with Lynn and Carhart's study 
were as follows?

1. The compression hearing aid was built from 
hearing aid parts, and, in all likelihood, had many dis­
tortion characteristics typical of commercial compression 
hearing aids.
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2. Although there were differences demonstrated among 
various attack/release time combinations, these differences 
may have been attributed to differences in presentation 
level of the monosyllabic word lists used to measure in­
telligibility. That is, spondee words used to measure 
Speech Reception Thresholds (SRT) were presented in isola­
tion. When the attack time v/as long, the first half of the 
spondee was amplified by the compressor to maximum gain, 
yielding an artificially better (i.e. lower in intensity)
SRT. Lynn and Carhart's data proves this points independent 
of release time, SRT's decreased by about 10 dB as attack 
time increased from 5 to 85 msec. Monosyllabic words wer*e 
then presented at 25 dB Sensation Level (SL) re SRT. But 
since intrasubject SRT’s differed as a function of the attack 
time, the words were actually presented at different levels 
for the various attack times. The differences in scores 
obtained for various attack times may thus have been in­
fluenced by the presentation levels, especially since, in 
the critical region of 10 dB to 20 dB above SRT, PB function 
increases by about ^ or 5$/dB.

3t The compression ratio v/as 5*1> which may have 
been too high, as indicated by more recent studies.

f̂. The discrimination scores of the subjects were 
relatively high to begin with, under the control condition 
of non-compression amplification. The mean scores were 
90'7$ for the otosclerotic group, 77*2% for* the group with 
Meniere's disease, and 73%> for the presbycusic group.
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Thus, there may not have been enough room for improvement 
for some groups.

5. The type of compression used v/as the limiter type.
A limiter compressor functions as a non-compression ampli­
fier until a critical level, which is very high. Thus, it 
is only the most intense peaks of speech which are compressed 
rather than all or most of the speech signal.

In 1967, using a compressor hearing aid, Caraway and 
Carhart investigated the hypothesis that the intelligibility 
of speech can be increased by a reduction in its dynamic 
range, and that subjects with sensorineural hearing loss can 
benefit more from compressor action than can normal listeners

Their rationale for the first hypothesis was as follows 
Tillman, et al. (19&3) found a span, in normal ’hearing lis­
teners, of 2k dB for recognition from the least audible CMC 
words to the most audible. Based on this finding, Caraway 
and Carhart reasoned that, v/ith 2:1 compression, this 2k dB 
range could be reduced to 12 dB, and, with 3*1 compression, 
it could be reduced to 8 dB. Much greater drops in input 
should be able to take place with compression, without a 
radical drop in intelligibility, increasing the usable 
dynamic range of input signals. They reasoned that at the 
various levels in which they were interested, all the 
phonemic elements comprising the most difficult words 
should be perceptible, leading to excellent discrimination 
at these reduced levels.

Their second hypothesis was based on the finding that
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patients v/ith recruiting ears have a disrupted relationship 
of normal loudness, leading to a reduction in speech dis­
crimination. They, therefore, need a reduced input dynamic 
range, as compared to the normal hearing listener, to per­
ceive speech most advantageously.

Caraway and Carhart investigated the effect of compres­
sion on intelligibility of monosyllabic CNC words in quiet, 
using three compression ratios: 1:1 (no compression), 2:1 
and 3:1. The speech signals were adjusted to achieve pre­
sentation levels of 0, 8, 16 and 2.k dB re SRT, measured 
under each condition of compression. Their subjects con­
sisted of 12 individuals with normal hearing, and 36 re­
cruiting hearing-impaired individuals. There was a small 
but relatively consistent trend for performance during the 
non-compression condition to be poorer than performance 
during the condition of compression. Normal hearing lis­
teners improved the most v/ith compression, as much as 15% 
for 3 si compression at 8 dB SL. The 2:1 and 3:1 compression 
conditions were essentially equivalent. For the recruiting 
listeners, they were unable to demonstrate any substantial 
enhancement in intelligibility with compression.

Some of the problems with Caraway and Carhart's study 
v/ere as follows:

1. Although there were three separate channels for 
filtering and amplifying the speech spectrum (200-1000 Hz,. 
1000-2000 Hz, and 2000-5000 Hz), they did not take full 
advantage of them. Each of these channels could be controlled
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independently. Nonetheless, Caraway and Carhart used one 
constant compression ratio for all of the three frequency 
channels during any one compression condition. However, 
despite the fact that only one compression ratio was used 
at a time, the fact that the signal passed through three 
separate frequency bands caused compression to occur- at 
various times for one or more of the bands, but not for the 
other(s). For example, if a strong vowel passed through, 
it would drive the low, and perhap G OJ S o middle, frequency 
band into compression* However, there would not necessarily 
be a strong frequency component to drive the high (2000̂ - 
5000 Hz) frequency band into compression, despite the fact 
that its compression ratio was set the same as for the other 
two bands. Their system, therefore, did not truly simulate 
a one-band compression system, in which any sound that 
drives the system into compression will compress all fre­
quencies. Nor did it simulate a multiband compression 
system (discussed later in this review), in which different 
compression ratios for the various channels are deliberately 
chosen to match the needs of the individual listener. Thus, 
compression did not necessarily occur throughout the fre­
quency range under the conditions of compression, but may 
have allowed non-compression amplification to persist in 
one or more of the frequency bands, even during the condi­
tion of compression.

2. There were high levels of harmonic distortion at 
all input levels, and especially for the low frequency band.
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The deleterious effect of harmonic distortion on speech 
intelligibility has been discussed above.

3. All testing conditions were performed in quiet 
only, a condition that may not have been sufficiently sen­
sitive to bring out differences among hearing aid variables.

k* Caraway and Carhart found no significant dif­
ferences between the non-compression and compression con­
ditions. However, discrimination scores were not measured 
at levels higher than 2k dB SL, in which case more of the 
intelligibility function would have been covered. Testing 
at higher levels would have shown whether the excellent 
scores obtained for all conditions would have exhibited a 
decrement in discrimination with increasing intensity.

5. Their reasoning for their first hypothesis was 
based on a 2k dB range required for complete recognition 
of CNC monosyllabic words for normal listeners (Tillman, 
et al., 1963). However, this 2k dB range may not have 
been appropriate for their hearing-impaired subjects.

Burchfield, et al. (1971) used a slightly modified 
version of the compressor employed by Caraway and Carhart, 
but they reduced the harmonic distortion by filtering.
They measured intelligibility for 36 recruiting subjects, 
each with a unilateral sensorineural hearing loss, at 
2k dB SL re SRT. The non-test ear routinely received 
broad band masking. Using compression ratios of 1»1, 2*1, 
and 3*1, Burchfield, et al. found improved intelligibility 
for the latter two conditions.. The average improvement
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was froin 63.1/S to 73*7% for a compression ratio of 2:1 over 
the 1:1 condition, and to 75»^% for a compression ratio of 
3*1. The subjects had been classified as to the amount of 
recruitment on the basis of the results of an ABLB test 
administered using noise with a spectrum like that of 
speech. Both groups, however, whether classified as having 
partial or complete recruitment, improved by similar a- 
mounts. Burchfield, et al therefore suggested that there 
was no systematic connection between compression and the 
amount of recruitment.

Since the study by Caraway and Carhart (1967) and 
that by Burchfield, et al. (1971) employed the same com­
pressor amplifier, the results of the two studies appear 
to be paradoxical. However, Burchfield, et al.' may have 
gotten improved discrimination, even though Caraway and 
Carhart did not, because of a low frequency filtering 
process that the former used. This process markedly re­
duced noise and harmonic distortion, and may have lessened 
the masking effect that the low frequency fundamental vowel 
energy is seen to exert on discrimination (Danaher and 
Pickett, 1973). In addition, individual differences among 
subjects in the two studies may have contributed to the 
differences in results.

Because of the discrepancy in the findings of 
Caraway and Carhart (1967) and Burchfield, et al. (1971), 
Vargo and Carhart (1972) conducted a study replicating the 
design of the former, using a different commercial
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compressor system. Their design was an attempt to validate 
the procedure of Caraway and Carhart, and to further resolve 
the differences between the two studies. Vargo and Carhart 
employed three compression ratios of 1:1, 2:1, and 3*1, and 
presented CNC monosyllables at input levels of 10, 20 and 
30 d'3 SL at each compression ratio. Attack time was 100 
nanoseconds, and release time was 20 msec. The monosyl­
lables were recorded in groups of triplets, to simulate 
temporal sequencing as in connected discourse, and in or­
der to compress the entire sentence-like length during 
processing action. The dynamic range of the words, before 
compression, was. 2k dB, and was reduced to 12 dB for the 
2:1 condition, and about 5 dB for the 3*1 condition. Two 
groups were tested, one consisting of 12 normal hearing 
•subjects, and the other of 12 hearing-impaired subjects, 
otologically diagnosed as having Meniere's disease. Their 
results supported the conclusions of Caraway and Carhart: 
as sensation level increased, intelligibility increased. 
However, neither the normal hearing group nor the hearing- 
impaired recruiting group demonstrated increased intelli­
gibility as a function of degree of amplitude compression, 
at any sensation level tested. Among the three conditions, 
scores differed by no more than approximately y/ot at any 
sensation level.

Vargo and Carhart did not use a low frequency filter, 
as did Burchfield, et al,, so that the energy of the funda­
mental frequency may have exerted a detrimental masking
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teners, In addition, although the former used a different 
compressor unit, the same problems that existed in the 
Caraway and Carhart (1967) study, mentioned above, existed 
in the study by Vargo and Carhart.

Research continued to be conducted as to the usefulnes 
of compression amplification, and continued to yield para­
doxical results among studies. Bearing in mind that speech 
discrimination loss is related to loudness recruitment (Hood 
and Poole, 1971), Fleming and Rice (1969) carried out a stu­
dy on the effect of compression amplification 011 speech dis­
crimination, over a limited compression range. Using a 
compressor type of aid, subjects listened to recorded test 
materials at several compression ratios. Their results sug­
gested that compression was a positive way to improve spteech 
discrimination. Since they did not find the optimum compres 
sion ratio to be the inverse of the recruitment slope line, 
they questioned the premise that the oj)timurn compression 
ratio is related to the amount of recruitment. They found 
that a compression ratio of 2:1 or 3*1 improved speech dis­
crimination for both normal listeners and the hearing im­
paired, and going from 3*1 to 5 il compression ratio did not 
result in any further improvement. They pointed out that 
it is not important to restore the entire speech signal to 
audibility. Use of a high compression ratio is generally 
based on the desire to make the speech signal available 
where the hearing loss is worst, usually in. the high
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frequency area. However, as noted, the result may be a 
degradation of speech intelligibility, rather than an 
improvement.

The finding that the optimum compression ratio is not 
necessarily the inverse of the recruitment slope line was 
confirmed by Irinder (1972). He attempted to restore the 
normal loudness relationships in unilaterally impaired lis­
teners with sensorineural hearing loss, by designing a 
compression system that counteracted recruitment. His 
results indicated that although recruitment for pure tones 
was effectively corrected, measured by unaided versus aided 
ABLB tests, discrimination was improved by as much as ZO/o, 
but not restored to normal. The improvement of 20•% was 
found in only one of five subjects; on the average, though, 
the amount of improvement was substantially less. He sug­
gested that intermodulation components of both internal and 
external noise, and the non-linearities of the system, may 
have prevented his results from being better.

Another study in this area was conducted by Yanick 
(1973)* He tested 12 subjects with a mild to moderate 
sensorineural hearing loss with a custom-fitted compression 
amplification hearing aid. The compression ratio was chosen 
as either 3 iT, 2il, or 1.3*1, depending on the subject's 
dynamic range between the Speech Reception Threshold and 
the Loudness Discomfort Level for speech. The attack and 
release times for all the compression ratios was 1 msec, 
and 30 msec., respectively. Yanick tested discrimination
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for P.B-50's in sound field, under the following conditions? 
unaided; with the patient's own non-compression aid; and 
with the custom-fitted compression hearing aid, i.e. with 
input-output function matched to the patient's dynamic 
range. Discrimination scores were measured in quiet, at 
input SPL’s of ^5 and 70 dB. When scores for the latter 
two conditions were compared, the compression condition 
indicated an increased aided input dynamic range, improved 
tolerance for loud speech', and sharply improved discrimina­
tion score. At h-5 dB SPL, scores went from 68 . 55̂ with 
the subject’s own aids, to 87,5% with the compression aid. 
At ?0 dB SPL, they rose from 39'% to 917° with compression.

A problem with the experimental design was that 
Yanick compared a high quality compression ampldfier to 
the subject's own hearing aids. The two conditions may 
not be comparable because of the difference in quality.
In addition, the transmission characteristics between 
sound traveling through the earphone, as in the compression 
hearing .aid condition, and through the earmold, as in the 
condition with the subjects' own hearing aids, should be 
taken into account if conditions are to be compared.
Another problem may also have been that the frequency 
response for the compression condition may have been 
better suited to the subjects' needs than the frequency 

response for the non-compression condition.
It is evident that various studies have yielded 

contradictory results as to the benefits, if any, of
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compression amplification on speech intelligibility.
Because of differences other than compression that may 
have influenced subjects' performance, such as low fre­
quency cut-off and signal-to-noise ratio, some of the 
studies are not directly comparable. When researching 
how di-fferent electroacoustic parameters of hearing aids, 
v/hether v/ith or without* compression, influence performance, 
one should also take all possible sources of distortion 
into account. This factor becomes especially important 
when comparing various studies.

The amount that each possible source of distortion 
may be tolerated, is one area of research in hearing aids. 
Since many signal parameters influence transient response 
characteristics in hearing aids, the performance of the 
•compressor in actual situations becomes difficult to pre­
dict. The importance of different characteristics of 
compression therefore has to be made by psychoacoustical 
measurements, intelligibility tests, and quality judgments 
(Nabelek, 1973).

Nabelek measured the effects of transient distortion 
for seven hearing aids, using the Modified Rhyme Test as 
the stimulus. All measurements were performed v/ith the 
hearing aid attached to a 2cc coupler in a Bruel & Kjaer 
test box, using a maximum input of 85 dB SPL, and abrupt 
changes of 30 dB (i.e. changes from 85 to 55 dB SPL, and 
from 55 to 85 dB SPL). Because harmon:ic distortion was 
observed in several hearing aids during attack and release



62

times, Nabelelc observed that steady-state measurements of 
harmonic distortion are not sufficient in describing per­
formance of hearing aids v/ith compression. Testing 10 nor­
mal hearing and 10 hard-of-hearing subjects in noise indi­
cated that the greater the distortion, the poorer were the 
scores. This is a similar finding to that of Burchfield, 
et al. (197-1), who found that, when comparing their results 
to those of Caraway and Carhart (1067), any benefit result­
ing from compression could be lessened by an increase of 
steady-state harmonic distortion.

In summary, as a form of amplitude limiting, compres­
sion amplification has definite advantages over non-com­
pression amplification. These include compressing the 
output dynamic range, and limiting output without intro­
ducing the distortion introduced by peak clipping. How­
ever, as discussed in this review, differences between non­
compression and compression amplification as a means of 
improving intelligibility have not been systematically 
shown. Problems within studies mentioned may have been 
responsible for the lack of superiority of the latter form 
of amplification over the former. In addition, it is pos­
sible that not all frequencies were properly compensated 
for in terms of amplitude, even with compression. Because 
recruitment is a frequency-dependent phenomenon, merely 
compressing the entire frequency range of speech may not 
be sufficient to compensate for the listener's speech 
discrimination difficulties. This concept-has led to the
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Multiband Compression Amplification
As noted above, recruitment is a frequency dependent 

phenomenon. Therefore, by dividing the speech signal into 
an infinite number of frequency bands, and compressing the 
signal in each band independently, theoretically, ideal 
amplification might be realized. The amplification for 
each band after compression could then be equalized, that 
is, adjusted to offset the subject's recruitment at that 
frequencyo Equalization would thus j>iace this variably 
compressed speech at various desired levels over the fre­
quency spectrum. This type of processing would compensate 
for problems caused by recruitment,, as discussed by Villchur 
(197^). That is to say, those elements of speech falling 
below threshold would be amplified, and the expansion and 
treble attenuation experienced by the recruiting listener 
would be compensated for by the proper amounts of compres­
sion at various frequencies.

Villchur (1973) approached this theoretical construct 
by using a hearing aid with two frequency bands, plus post­
compression equalization. The use of only two bands pro­
vided limited flexibility, but, nonetheless, proved ade­
quate in his experiment for matching the frequency-dependent 
recruitment of his subjects. Villchur first ran a pre­
liminary study testing his system on two normal hearing 
subjects who had a loss temporarily induced by shaped
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noise. He found that discrimination for final consonants 
of nonsense syllables rose from 38/5 to 84$ v/ith compression 
plus post-compression equalizations which was a signifi­
cantly greater improvement than was realized from either 
compression alone or equalization alone. Villchur then 
tested six subjects with sensorineural loss, in both quiet 
and in noise, with a tv/o-channel compressor plus post­
compression equalization. The frequency-dependent compres­
sion ratio was adjusted to compensate the recruitment of 
the individual subjects. Calculations were made on the 
basis of pure tone thresholds, LDL, equal loudness contour 
at MCL, and characteristics of speech, Villchur compared 
the span of threshold and the equal loudness contour at KCL 
to the normal span between threshold and equal -loudness con­
tour, The compression ratio used was the ratio of normal 
to abnormal span. He first made the calculations himself, 
and found the mean compression ratio to equa.1 3*5*1 for the 
high frequency band, and 2.2:1 for the low frequency band. 
Subjects were then allowed to adjust the ratios themselves, 
and they chose 2,8:1 and 2.1:1 for the high and low bands, 
respectively.

The compressed speech was then subjected to frequency- 
selective amplification at each frequency co-ordinate of the 
speech band, similarly adapted to the subject. This manner 
of processing amjrlified each acoustical element of speech 
to a relative loudness for the hard-of-hearing subject 
corresponding to the relative loudness of that speech
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element as perceived by normal hearing listeners. Use of 
equalization allowed for a high frequency emphasis. The 
high frequency elements would otherwise have remained below 
the subject's hearing threshold, if the lower frequency 
elements, basically the vowels, had been kept at a com- 
fortable level.

This type of multiband compression is theoretically 
advantageous, since it allows the amplitude ratio between 
simultaneous speech elements to be changed, and not just 
between successive elements. In addition, processing in 
Villchur*s system continued up to 5*6 kHz, as opposed to 
most current hearing aids, whose high frequency cutoff is 
generally about ^ kHz. This additional high frequency in­
formation is important for the hearing aid user, since he 
has poor resistance to interference. Even normal listeners, 
who do not suffer great intelligibility losses with high 
frequency attenuation in a quiet environment, suffer a 
significant reduction in intelligibility when other dis­
tortions, such as reverberation, are added to the high fre­
quency attenuation (Martin, et al., 1956). The hearing aid 
user listens in environments of reverberation, noise, and 
competing speech, combining external distortions v/ith his 
already present internal perceptive aberrations. Compres­
sion without equalization in a hearing aid may enable him 
to understand continuous speech under ideal conditions, 
but, with interfering destructive influences, enough of 
the redundant information normally present -in speech is
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absent. Villchur (197*0 reasoned that compression plus 
equalization restores redundant recognition cues, making 
speech more resistant to interference than is the intelli­
gibility of speech that has been compressed only.

Materials were recorded by a female speaker in a 
slightly reverberant environment. Villchur (1973) found 
that processing raised the intelligibility of CVC syl­
lables for his six subjects in both quiet and in noise.■ 
Discrimination was measured at MCL, at MCL minus 10 dB, 
and at MCL minus 20 dB. The noise used was competing 
speech introduced before processing at a signal-to-noise 
ratio of 10 dB, Initial- or final-consonant recognition 
improved between 22$ and 160$ in quiet, and between 10$ 
and 229$ in noise. ' Terminal consonants received the 
lowest unprocessed scores, possibly due to forward masking 
from the previous vowel, and/or the natural drop in the 
speaker's voice at the end of a syllable (Villchur, 1973)* 
The terminal consonants showed the greatest improvement 
from processing. Vowels showed either no change, or slight 
improvement, v/ith compression. Subjectively, processed 
speech was rated as equal to or superior to the unprocessed 
speech in pleasantness.

_ _  .

Villchur arrived at these percentage points by cal­
culating as followss

compressed score - uncomnressed score 
uncompressed score
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Villchur's study was one of the few to use a high 
quality compressor, and to use compression and equalization 
that was individually matched to his subjects* He allowed 
his subjects to make their own adjustments of compression 
ratio, frequency equalization, and presentation level. In 
addition, his hearing aid had low distortion and noise 
characteristics, thus being of better quality than many of 
those used in previous studiesc

In a similar study, Yanick (1976) measured the effects 
of signal processing with a two-channel compressor. He 
tested three groups of 12 subjects each: with normal hearing; 
with a flat-to-gradual sloping hearing loss; and with a 
ski-slope hearing loss. All subjects in the latter two 
groups had recruitment, as measured by relationships between 
thresholds of hearing, MCL contours, and. Equal Loudness (EL) 
contours at suprathreshold levels, all for pure tones.

Subjects in Yanick*s study adjusted the output for 
maximal clarity and a comfortable listening level. In addi­
tion, they adjusted the high band compression ratio, the 
low band compression ratio, the high band gain, the low 
frequency rolloff, and the high frequency response. Their 
choice for compression ratio was an average of 1,5*1 and 
2.5:1 for the low and high bands, respectively, for the 
ski-slope group. For the flat loss group, it was 2,^:1 
and 2.8$1 for the low and high bands, respectively. Bass 
rolloffs were 12 d23/octave for the flat~to--gradual slope 
group, and 6 dB/octave for the ski-slope group.
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Intelligibility for processed speech was compared to 
unprocessed speech, in which subjects again chose an optimal 
output listening level based on intelligibility and comfort, 
and frequency equalization for low frequencies only. In 
addition, 12 of the subjects were tested v/ith their own 
hearing aids, adjusted to a preferred level. All subjects 
were tested with 30 lists of Harvard sentences, as revised 
by IEEE (1969), recorded in a reverberant environment, with 
competing cafeteria noise on another track. The material, 
was presented at signal-to-noise (S/N) ratios of 0 dB and 
6 dB.

Yanick’s results showed significant improvement in 
intelligibility for processed speech over unprocessed 
speech. At S/N = 6 dB, mean improvement was 28.2fo for
the ski-slope group, and y?,kyo for the flat loss group.
At S/N = 0 dB, mean improvement for the former group was 
38.5/̂ t and for the latter group, 39 0̂ .  Subjectively, sub­
jects reported that the processed speech had more clarity 
and was more comfortable to listen to. Intelligibility 
scores v/hile wearing their hearing aids were within 2,1 - 
2 of unprocessed scores.

Using a two-band compression system, Yanick and 
Drucker (1976) tested six subjects with 25 to 60 dB pure 
tone averages. All losses were ski-slope, with 15 to 25 dB 
loss per octave, starting in the midfrequencies. All sub­
jects had recruitment present, determined by measurements 
of threshold, KCL, and equal loudness contours.
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Test stimuli were the Harvard sentences (1969) t as 
noted above. A 1000 Hz calibration tone was set equal to 
the average peaks of speech. Subjects were tested for both 
processed speech and unprocessed speech, the latter using 
the subject's own hearing aid, at signal-to-noise ratios 
of 0 dB and 6 dB. Experiments for processed speech were 
carried out v/ith compression, and conventional amplifica- 
tio-n below compression threshold, and with compression, 
but v/ith expansion below threshold. The latter condition 
was used to overcome the degradation inherent in compres­
sion systems, of the relative level of background competi­
tion increasing, especially during periods of silence.

Discrimination scores revealed the poorest scores 
with the unprocessed speech (subjects' own hearing aids), 
and the greatest improvement in the condition of compres­
sion, with expansion below compression threshold.

Here, too, as in Yanick's (1973) experiment, Yanick 
and Drucker compared a high quality compressor to the sub-- 
jects' own hearing aids. The latter is generally of poorer 
quality, raising a question as to the validity of the use 
of the hearing aid as the referent condition. In addition, 
Yanick and Drucker did not use treble boost for unprocessed 
speech, but did for processed speech, creating even greater 
differences between the two conditions, other than the 
parameters under test. And, as noted before, the fre­
quency response chosen may have been better suited for 
individual subjects.
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Barfod (1976) conducted experiments on five bi­
laterally impaired hearing aid users v/ith sensorineural 
hearing loss, using a multichannel compression system. His 
testing was based on the hypothesis that if the system was 
individually fitted to restore normal equal loudness con­
tours, it would result in improved discrimination for the 
hearing impaired, as compared to non-compression amplifica­
tion. All subjects had normal hearing at 500 Hz and below, 
and sharply sloping losses of at least 50 dB at 2000 Hz and 
above. Using the normal low frequency hearing as the 
reference, equal loudness contours at various levels were 
derived. Comparisons were made for four conditions: one 
non-compression condition that had a sharp low frequency 
rolloff below 750 Hz, and was then optimally fitted to the 
•subject's hearing loss, and three compression conditions.
The latter consisted of one non-compression low frequency 
channel for all three conditions, with the addition of one, 
two, or three high frequency compression channels. All 
parameters of the compression system,including low frequen­
cy and high frequency cutoffs, crossover frequencies between 
bands, compression ratios, and relative gain among channels 
(the latter being a rough form of equalisation), v/ere cho­
sen to restore normal equal-loudness contours.

Testing was conducted v/ith CVC nonsense syl3.ables 
both in quiet and at various S/N ratios. All conditions 
employed a male speaker, with a fixed input at 65 dB SPL, 
Attack time varied for various frequencies, from 2^ msec.
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at low frequencies, to 6 msec, at high frequencies.
Barfod's results were as followst discrimination 

scores for the three-channel compression system were the 
same as for the non-compression system, optimally chosen. 
Scores for the one- and two-channel compression systems 
were significantly worse than for the former conditions.

Barfod*s results differ significantly from those of 
Villchur (197*0» the latter finding that compression ampli­
fication was significantly superior to a non-compression 
system. Part of this difference may be accounted for by 
the difference in hearing losses among subjects in each of 
these two studies. As has been noted above, what is an 
optimum frequency response for one type of loss may not be 
optimum for a different type of loss (ecg, results of 
Pascoe, 1975 vs, Skinner, 1976). Other differences, such 
as differences in attack times between the two studies, and 
differences in input levels may have added to the different 
conclusions of the two studies.

In a study conducted concurrently with the research 
in the present study, Lippmann (1978) tested five sensori- 
neurally impaired listeners v/ith a 16 channel compute!’ con­
trolled compression system. Two compression conditions and 
four non-compression conditions comprised the exj)erimental 
design. One compression system restored equal loudness 
contours for pure tones. The second employed a compression 
ratio of 1«1 at and below 500 Hz, and then increased to a 
maximum of 3*1 at and above 2000 Hz, based -on preliminary
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experiments, informal listening, and past research on com­
pression* • The four non-compression systems employed were 
as follows: flat functional gain (as used by Pasooe, 1975), 
also knovm as orthotelephonic response; the other three all 
had high frequency emphasis, and consisted of mirroring of 
the subject's audiogram, most comfortable listening level, 
and -restoration of normal loudness to the 10/S levels of 
speech in each frequency band (the latter as suggested by 
Barfed, 1972)•

The six systems were compared using Cyc nonsense syl­
lables, nonsense sentences, and standard word and sentence 
tests, spoken by male and female speakers, in quiet and in 
noise* The gain was adjusted by each subject to his re­
spective I>;CL, and was later also presented at reduced levels, 

Lippmann’s results were as follows: the best non-com­
pression systems were the three with high frequency emphasis, 
these three giving roughly equivalent results, and being 
substantially better than the orthotelephonic system* Per­
formance with the compression system employing restoration 
of equal loudness contours was worse than the second com­
pression system. And, perhaps most significantly, the 
scores obtained with the best non-compression system were 
usually greater than or equal to scores obtained with the 
better compression system.

These results once again conflict with Villchur’s 
(197^) positive findings regarding multichannel compression 
amplification. However, if one looks at th-e differences in
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the referent, non-compression systems of the two studies, 
the difference in results may be accounted for. In addi­
tion, Lippmann found that v/hen the input was reduced, com­
pression performed better than non-compression amplification, 
a finding consistent with Villchur's results, the latter 
having used inputs not only at MCL, but also at levels of 
10 dB and 20 d3 below MCL.

Summary
The review of the literature provides evidence that 

hearing aids are not providing optimum performance for their 
users. As has been discussed, there are many different ways 
of fitting hearing aids. They can be summarized as three 
basic methods. The first of these is individual selective 
amplification, which .is amplification varying in amount at 
different frequencies, and fitted to the individual. This 
method includes fitting to equal loudness contours (e.g. 
Watson and Knudsen, 19^0), audiogram mirroring (e.g, Redell 
and Calvert, 1966), and bisection and variations of bi­
section (e.g. Wallenfels, 19^7j- Victoreen, 1973)* Another 
method is that of fixed frequency-gain characteristic, 
which is amplification utilizing uniform frequency charac­
teristics for most cases of hearing loss, Amplification 
of this type has included flat frequency-gain, and fixed 
frequency slopes, such as 6 dB/octave slope (e.g. Davis, 
et al., 19^7; MedResCo, 19^4). Thirdly, there is adaptive 
fitting of a Master1 Hearing Aid, where a single hearing aid
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offers a range of hearing aid characteristics, v/ith para­
meters that are adjustable to best suit the needs of each 
patient (e.g, Levitt and White, 1978).

Some of these methods, all using non-compression 
modes of amplification, have had, in the past, various 
methodological problems, such as lack of sensitivity of 
test materials (Shore, et al;, i960), and procedural dif­
ferences among studies. To help avoid some of these re­
search pitfalls, a good description of the electroacoustic 
parameters of the instrument used, including a description 
of all possible sources of distortion, is critical. An 
accurate description of the methods of measuring the para­
meters, such as frequency response, is also critical if 
one is to make valid comparisons among conditions tested 
and/or studies. Recall, for example, how, on the surface, 
the Harvard (Davis, et al., 19^7) and MedResCo (19*j4) stu­
dies appear to have yielded similar optimum frequency 
response curves. On closer examination, however, when 
the methods of calibration are considered, there are large 
differences between the optimum frequency response curves 
of the tv/o studies (Resnick, 1977)*

A serious criticism of many of the early studies on 
non-compression amplification is that the true overall gain 
from sound field to eardrum was not specified accurately. 

Consequently, various frequency-gain responses were re­
jected, However, today, with more accurate methods of 
specifying overall gain (e.g. the functional ga.in method),
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the conclusions of these early studies are now being 
questioned. For example, Pascoe (1975) found an audio­
gram-mirroring technique, when measured in terms of func­
tional gain, to be superior for his particular subjects. 
Barfod (1972) found that the best performance among several 
frequency-gain characteristics was achieved with a restora­
tion of the 10/i time levels of speech for the hearing 
impaired to levels that were about the same loudness as 
the 10/S time levels of speech for normal hearing persons.
His frequency responses were also measured in terms of 
functional gain. Skinner (1976) found that the best dis­
crimination scores occurred when the slope of the functional 
gain between 500 and 1600 Hz mirrored the difference be­
tween each subject's threshold curve and the normal thresh­
old curve. And Lippmann (1978) found that various high 
frequency emphasis methods, such as Barfod's (1972) method, 
were superior in terms of improving speech discrimination. 
Methods of frequency shaping such as those of Barfod and 
Lippmann have come close to V/atson and Knudsen's (19^0) 
original proposal, which was to put as much of the speech 
spectrum as possible into the residual auditory area of 
the listener.

Thus, despite the findings of the early classic stu­
dies, it now appears that significant improvements in per­
formance can be obtained v/ith individual adjustment of the 
frequency-gain characteristics. It should also be remem­
bered that audiological characteristics of hearing aid
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wearers are generally different today than they were among 
the hearing-impaired listeners of the early studies. That 
is, there are fewer conductive hearing losses, and also 
more high frequency hearing losses.

Concurrent with recent research on non-compression 
amplification has been research on compression amplifica­
tion. The simplest conventional hearing aid has three 
variables: frequency response, gain, and maximum power 
output. The optimum combination of these three variables 
for a hearing-impaired person has not been resolved, as 
has already been pointed out. When one introduces yet 
another set of variables, those of compression, the prob­
lem of specifying the optimum electroacoustic characteris­
tics of the hearing aid becomes even more complex, and the 
predictability of intelligibility even more difficult.

Many experimental results have thus far failed to 
show the benefit of compression amplification. This seems 
surprising, considering the theoretical advantages of com­
pression, and, in particular, of multiband compression, as 
pointed out by Villchur (1974). However, before 1970, 
compression amplifiers were of comparatively poor quality, 
often introducing noise and distortion. As pointed out by 
Lipimann (1975) researchers may have used too long an at­
tack time, an improperly adjusted compression threshold, 
or may have failed to appropriately set other physical 
characteristics. Test materials may not have been sensi­
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tive enough to have sufficient resolving power. Inter­
fering influences, such as background noise and reverbera­
tion, may have limited interpretation of results. In addi­
tion, properties of the amplifying system may have inter­
acted, such as nonlinear distortion, thus not allowing 
the effect of individual parameters to be isolated and 
evaluated. And,perhaps most significantly, as mentioned 
above, two fundamental problems underlying much past re­
search have been the problems of not providing an accurate 
specification of the true frequency-gain characteristics, 
and the lack of individualized selection strategy of the 
hearing aids. That is, it could be that the frequency- 
gain characteristics may not have been optimum for the 
compression conditions, therefore leading to the erroneous 
conclusion that compression is not beneficial.

Some of the basic questions asked with regard to 
compression amplification are: does this type of amplifica­
tion improve discrimination, in addition to its other ad­
vantages, discussed above? Specifically, does it improve 
discrimination to a greater extent than a well-fitted non­
compression hearing aid does? What characteristics of a 
compression hearing aid must be varied in order to provide 
optimum performance?

There is thus a need to study the effect of com­
pression using high quality equipment, built to allow 
individual control of the various parameters of compression. 
Testing with this experimental hearing aid should attemp>t



78

to determine to what extent the design objective of compres­
sion, plus post-compression equalization, tailored to the 
individual subject, and placing as much of the speech 
spectrum as possible into his residual area, can be bene­
ficial to the hard of hearing. However, the simplest con­
ventional hearing aid is still the most practical solution 
to amplification. Therefore, it is important to compare 
the more complex compression hearing aid, whether it is 
comprised of one or more channels, to a conventional hear­
ing aid that has been determined to be well suited, if not 
optimum, for the subject's residual hearing. Matching the 
condition of compression to a superior non-compression 
hearing aid will allow one to judge the true relative merit 
of the former type of amplification. Some previous studies 
on compression amplification might have yielded substantial­
ly different results had they been compared to non-compres­
sion aids that were as well tailored to the subjects as were 
the compression aids. Villchur (1973)# for example, did not 
use high frequency emphasis in his non-compression hearing 
aid (on the grounds that high frequency emphasis without 
compression might result in distress from environmental 
sounds). If one is to'determine whether the complexities 
of the latter type of amplification are actually more bene­
ficial than the relative simplicity of the former type of 
amplification, then they both must be optimally matched to 
the subject's residual hearing.
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For these reasons, the present study was designed to 
investigate the potential value of both single- and multi- 
band compression in improving intelligibility over a well- 
fitted non-compression hearing aid. As a start, it was 
felt that it was more important to compare a non-cornpres- 
sion hearing aid with the simplest multiband compression 
system. It was believed that if multiband compression is 
beneficial, the largest improvement would come in going 
from a single- to a two-band system, and that it would 
therefore be preferable to investigate a two-band system 
in greater detail, than a more complex system super­
ficially.



CHAPTER III

DESCRIPTION OF THE HEARING AID

Compression Amplification 
A conventional hearing aid amplifier is one in which 

the gain is independent of the signal being amplified, i.e. 
output - constant x input, or, expressed in dB,

output level (dB) = input level (dB) + gain (dB)
A compression amplifier functions such that a change in the 
level of the input signal modifies the system’s gain. That 
is, the input-output ratio, or, the decibel change in out­
put as a function of change in input, is not uniform over 
the entire range, i.e.,

output level(dB) = input level(dB) +gain(I)(dB) 
where gain(I) = function of input. The parameters of com­
pression amplification are defined below. Some of these 
parameters are graphically illustrated in Figure 2, which 
shows decibel changes in output level as a result of 
changes in input level.

Definitions of Terms Related to Compression Amplification. 
Compression Ratio

The compression ratio is the decibel change in input 
level divided by the decibel change in output level. If, 
for example, a 20 dB input change results in an output
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Fig. 2. Idealized input-output functions for a compression ampli­fier. Numbers on functions identify the respective compression ratios. Explanations of abbreviations used in figure are found in key, on following page.
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Fig. 2-~continued

KEY
Ijnin Minimum input level (lowest level signal)

detectable above internal noise. This in­
tensity level is constant for all compression 
ratios for this particular circuit.

Omin Minimum output level detectable above internal
noise. This level varies as a function of 
compression ratio, for this particular circuit. 
The numbers in parentheses identify the com­
pression ratio,

TG^ Threshold of comxtression, at input. Constant
for all compression ratios.

T0o Threshold of compression, at output. Varies
as a function of compression ratio, for this 
particular circuit. The numbers in parentheses 
identify the compression ratio.

R̂  Reference level, at input,
R0 Reference level, at output,
•*max Maximum input level prior to overload of input

circuit. Constant for all compression ra.tios, 
for this particular circuit.

0max Maximum output level prior to overload of input
circuit. Varies as a function of compression 
ratio, for this particular circuit. Other 
circuits could have their maximum determined 
by the output, making 0max constant for all 
compression ratios.
The numbers in parentheses identify the com­
pression ratio.
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change of 5 dB, the compression ratio equals 20/5, or k i l .  

If the .input-output function has a slope of less than 1:1 
(i.e. the angle 9 in Fig. 2 is less than ^5°)» then com­
pression is taking place. In a conventional amplifier, 
the ratio of inputs output is 1:1 (& = ^5°)» since the out­
put level is equal to the input level plus a constant 
gain (in d3)«

Expansion
A change in the input level may result in an even 

greater change in the output level. If, for example, a 
5 dB change in input results in 10 dB increase in output, 
then the ratio is 5/10, or 1:2. In this case, expansion 
is taking place (© ^S0)*

•Compression Th r e s h o 1 d
Compression threshold is that level at which com­

pression begins. The compression threshold can be identi­
fied in two ways: the input level at which compression 
begins (T'Ĉ  in Fig. 2), or the corresponding output 
level (TC0 in Fig. 2). Below the compression threshold, 
the compression ratio is, theoretically, 1:1.

Reference Level
In order to specify the characteristics of a com­

pression hearing aid conveniently, the concept of reference 
level is introduced (Villchur, 19?7). At a specific input 
level, regardless of any change in compression ratio,



there will be no change in output level. This is seen 
graphically in Fig. 2 as the point where all input-output 
functions cross each other (R^ - R0)» and is known as the 
reference level (note that in Fig. 2, 5 Rq because the
gain beyond the compressor has been arbitrarily set to 
0 dB at the reference level). In the compression ampli­
fier used in the present study, the voltage of the input 
signal at the reference level was 100 mv.

At all levels, the less intense the input, the 
greater is the relative gain. However, the gain of a sig­
nal be3.ov/ the-reference level will be increased, whereas 
the gain of a signal above the reference level will be 
decreased. The above holds for a compression amplifier; 
for an expansion amplifier, the reverse is the-case.
This concept is discussed below, and is exemplified in 
Table 1.

If, at the input, the peak levels of the speech sig­
nal are set equal to the reference level (in this study,
100 mv.), there will be no amplification by the compressor 
(i.e. 0 dB gain for those peak levels). For those speech 
levels that fall below R̂ , the gain will be greater than 
0 dB. In addition, the closer the speech levels are to R̂ , 
the closer the gain will be to 0 dB0 Similarly, for 
speech levels above the reference level, the gain will be 
less than 0 dB, and the further the speech levels are from 
the reference level, the greater the attenuation (i.e., 
the gain becomes more negative). Table 1 gives numerical
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Table 1. Numerical examples' of the amount of gain obtained with a 
compression amplifier, for various inputs. Examples are 
given for two different compression ratios.

(a) Amount of gain obtained for various inputs, when the gain beyond 
the reference level is 0 dB (R =• R^), and the compression ratio 
is 2:1 and 3:1, respectively.

Compression
Ratio

Input, dB 
Relative to R.

Output, dB 
Relative to R^

Gain, dB 
(Output - Input)

2:1 -20 1 -10 ■ 10
2:1 -10 -5 5
2:1 0 0 0
2:1 10 5 -5
2:1 20 10 -10
3:1 -20 -6.7 13-3
3:1 -10 -3.3 6.7
3:1 0 0 0
3:1 10 3.3 -6.7
3:1 20 6.7 -13.3

'(b) Amount of gain obtained for various inputs, when the gain beyond 
the reference level is 10 dB (R0 - Rp + 10), and compression 
ratio is 2:1 and 3* 1• respectively.

Compression
Ratio

Input, dB- 
Relative to R^

• Output, dB 
Relative to Rn

Gain, dB 
(Output - Input)

2:1 -20 0 20
2:1 -10 5 15
2:1 0 10 10
2:1 10 15 5
2:1 20 20 0
3:1 -20 3-3 23.3
3:1 -10 0 16.?
3:1 0 10 10
3:1 10 13.3 3.3
3:1 20 16.7 -3.3
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examples of these concepts.' The gain of the total system 
can be set to the desired value, depending on the gain of 
the components other than the compressor. Table 1 provides 
examples of the input-output relations when the gain be­
yond the reference is 10 dB as well as 0 dB, As shown in 
the last column in the table, the gain decreases system­
atically with increasing input level. For an expansion 
system, the gain would decrease with an increase in input 
level.

Maximum Output Level
All compressors have a limitation on the maximum

output levelc Typically, beyond a pre-determined input
level, no additional output will be obtained despite further
•increases in the input level. However, additional output
at any given input level can be obtained by post-compressor
gain. This maximum output level (0_ v in Fig. 2) deter-max
mines the Maximum Power Output (HPO) of the hearing aid

p
(i.e. power = k(level) '). The maximum output level may be
measured by monitoring output on a voltmeter as a function
of change in input, °max is that output level beyond
which no additional output can be obtained despite increases
in input level, . The input level corresponding to 0 is1 1 ° max
depicted in Fig. 2 as Imax

Dynamic Range

The dynamic range of the compressor at the input is



the range from the minimum input level detectable above the
internal noise (I . in Fir:. 2) to the maximum input levelm m
prior to overload of the input circuit. The value obtained, 
\iax” m̂in* sPec^f;*Les 'tilG range of lowest to highest input 
that the hearing aid can amplify. On some compressors,
•there may be an intermediate point, I -A, beyond which ̂ max
further amplification is possible, but with an unacceptable 
level of distortion. If the compression threshold, TCh, of 
the instrument is above the minimum detectable input, then 
the range of compression will be less, than the total dynamic 
range of the instrument. The former range extends from com­
pression threshold to Imax> i.e* Iirax “ TCh, and specifies 
the range of lowest to highest input that the hearing aid 
will compress. In terms of output, the dynamic range of 
the compressor Is °lnax - Ojnin' and the dynamic range of
compression is 0Mriv - TC .liicLX O

Time Constants
When there is an abrupt increase in input level, a 

finite amount of time is required for a compression ampli­
fier to adjust to its new gain. The attack time is the 
time taken from the onset of the increase in signal level 
(by 25 dB) to that instant when the amplifier gain stabilises 
to within 2 dB of the steady-state value, The release time,
or recovery time, is the time elapsed from the decrease in
signal level (by 25 dB) to the instant the amplifier gain



stabilizes to within 2 d3 of the steady-state value (AH3I, 
197o). For convenience of measurement, attack and release 
times are specified in terms of the change in output signal 
level. A schematic diagram showing time constants is il­
lustrated in Figure 3»

The Experimental Hearing Aid 
All experiments were carried out with a special- 

purpose compression amplifier. A sketch of the control 
panel is shown in Figure As can be seen on the sketch, 
the compression system consisted of eight units. Unit 1 
consisted of two pre-compression amplifiers: there were 
two potentiometers and two input jacks, potentiometer A 
corresponding to input A, and potentiometer B to input B, 
The range of pre-compression amplification was from 5 dB 
to 40 dB. The next four units (2 through 5) comprised 
the four individual channels of the multichannel compres­
sion system. Each panel had two plug-in modules for set­
ting the filter response. The upper module corresponded 
to the low-cut filter, and the lower module corresponded 
to the high-cut filter. Below the plug-in modules was a 
control knob for the compression threshold. Beneath that 
was an input selector switch, corresponding either to 
input A or input B, The control for the compression 
ratio was situated at the bottom of the panel, with a 
range'from l:h- (expansion) to 10:1 (compression). Unit 6 
was the frequency shaper, consisting of two switches, to
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provide a 0 dB/octave slope or 6 d3/octave slope for chan­
nels 1 and 2, respectively. The four post-compression 
amplifiers, each having its own potentiometer, corres­
ponded to each of the four channels, respectively. ‘The 
range of post-compression amplification was from 20 dB to 
-20 dB. If the control knob was pulled in an outward posi­
tion, it corresponded to input A, whereas an inward posi- 
tion of the knob corresponded to input 3, There were two 
output jacks, again corresponding to either input A or 3, 
respectively. Unit 8 was a power supply. The panel con­
tained a power switch and a light to indicate when the 
system was on. Controls for the attack and release times 
were internal, and were held constant for each channel 
over all experimental conditions.

The amplification system was in a table-mounted box 
with outer dimensions of 17" x x 5-i"» The signals were 
transmitted via a tape recorder to the amplifier, and the 
amplified signals were delivered to the subject by means 
of TDH-39 earphones, mounted in I*iX/hl~AR cushions. Block 
diagrams of the entire hearing aid, as used in the pilot 
study and the main experiment, are shown in Figures 17 
and 2h, respectively.

Calibration of the Hearing Aid
The multichannel compression hearing aid was cali­

brated and checked by obtaining specific information, 
outlined below, and detailed in the following sections:
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1. Gain of pre- and post-compression amplifiers;
2. Harmonic distortion;
3. Signal-to-noise (S/N) ratio;
4. Input-output curves at various compression ratios;
5. Minimum input level (I . ) and maximum outputc rmn

level (0rn ); max
6. Frequency response curves as a function of changes 

in low cutoff and high cutoff frequencies;
7o Attack and release time measurements;
8. Graphic level recordings of peak speech levels at 

the output of the hearing aid;
9® Spectrograms and vertical cross-sectional spectra 

of speech signals at the output of the hearing aide
To facilitate calibration procedures, the compression 

amplification system was calibrated electrically, for all 
the relevant combinations of parameter values, followed by 
a final acoustic calibration of the overall system. Fol­
lowing are the details of the calibration procedures.

Gain of Pre- and Post-Coirrpresslon Amplifiers
Two pre-compression amplifiers controlled the overall 

input gain to all four channels, each amplifier correspond­
ing to a separate input (Unit 1 in Fig, 4), The gain could 
be adjusted over the range of 0 to 40 d3. In addition, 
each channel had a post-compression amplifier that allowed 
the gain to be set individually for each respective channel
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(Unit 7 in Fig. h). The post-compression amplifiers could 
also be adjusted to each of two inputs, with the amount of 
post-cornpression gain ranging from -20 dB to 20 dB. This 
allowed for either attenuation or amplification of the fre­
quencies passing through each channel.

To calibrate both the pre- and post-compression 
amplifiers,, the frequency of the sinusoidal source was ad­
justed to 1000 Hz, and the setting of the gain control of 
each amplifier, respectively, was varied systematically.
The output signal level was plotted against the input sig­
nal level for each compression ratio. All levels were 
specified relative to the reference level (Rj_ in Fig. 2), 
which was 3.00 mv.

The effects of adjusting the pre-compresdion and 
post-compression gain, respectively, are best understood by 
referring to Table 2 and to Figure 5» the latter graphical­
ly illustrating the values depicted in Table 2. As il­
lustrated, changing the pre-compression gain produced a 
horizontal shift of the input-output function of the over­
all compression system. Changing the post-compression 
gain shifted the input-output function of the entire ampli­
fication system vertically.

Harmonic Distortion
Harmonic distortion was measured with input frequen­

cies of 500 Hz, 800 Hz, and 1600 Hz. At a compression 
ratio of 3J1* the harmonic distortion was 022:/o for input
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Table 2. numerical examples of the effects of adjusting the pre-compression gain and the post­

compression gain of the compression amplifier, at a compression ratio of 2il.

of

Reference
Level

A B c D
Input to 
overall . 
systex, 
dB re 
reference 
level

Gain of pre­
compressor 
asDlifier, 
'dB

Input to 
compressor, 
dB re 
reference 
level

Gain of 
compressor, dB, 
at compression 
ratio of 2s1

Output of 
compressor, 

dB re 
reference 
level

Gain of 
post­

compressor 
amplifier, 

dB

Output of 
overall 
system, 
dB re 

reference 
level

-70 10 -60 20 -40 20 -20
-60 10 -50 20 -30 20 -10
-50 10 -40 . 20 -20 20 0
-40 10 -30 15 -15 20 5
-30 10 -20 10 -10 20 10
-20 10 -10 5 -5 20 15.
-10 10 0 0 0 20 20
0 10 10 -5 5 20 25
10 10 20 -10 10 20 30

C vs. B = Input-output of compressor
C vs. A  -  Input-output of compressor .+ pre-compressor 

amplifier
D vs. B = Input-output of compressor + post-compressor 

amplifier
(Note! C vs. B is the same as D vs. A if gain of pre-compressor 

amplifier = 0 dB, and gain of post-compressor amplifier = 
0 dB)
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4o

0)>(Di—I
<DOti
8<L>tHOn
(1)

o

20
Compressor + post-compres­
sor amplifier, 
latter - 20 dE

-20

fu -40

Compressor + pre- 
compressor amplifier, 
gain of the latter •- 
10 dB (C vs. A)

Compressor only (C vs. B)

X R.
-60 -40 -20 0

INPUT, dB re reference level
20

Fig. 5* Idealized input-output functions illustrating effects of 
adjusting pre-compression gain and post-compression gain, 
at a compression ratio of 2:1. Numerical values of A 
through D are derived from Table 2, columns A through D, 
respectively. Numbers on functions refer to the compres­
sion ratio. Arrows indicate the direction of shift of the 
input-output function, with the respective changes. Expla­
nations of abbreviations used in figure are found in key, 
on following page.
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Fig. 5— continued 

KEY
TC Threshold of compression
A Input to overall system, dB re reference level
B Input to compressor, dB re reference level
C Output of compressor, d3 re reference level
D Output of overall system, d3 re reference level

(Note: Numerical values of A through D are derived from
Table 2, columns A through D, respectively.)
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frequency of 500 Hz, .155/* for input frequency of 800 Hz, 
and .09/S for input frequency of 1600 Hz.

Signal-to-Hoise (S/N) Ratio
The S/H ratio of the instrument was measured at a

compression ratio of 1:1, with a probe frequency of 3.000 Hz,
The pre-compression and post-compression amplifiers were
both turned to the maximum possible gain, and the output
voltage was measured. The probe tone was then introduced
at a level sufficient to produce 0„, and the noise gen-max
erated internally by the instrument was measured with the
input short-circuited. The difference between the two
values, the maximum possible output minus the noise floor,
i.e. 0m_ - 0 . , was defined as the S/N ratio of themax m m
instrument. Table 3 gives the values of these measurements.

Input-Output Functions as Various Compression Ratios
The compression amplifier used in the present study 

had a continuously variable control for changing compres­
sion ratio over the range from compression ratios of 1:4 
(expansion) to 10:1 (compression). Compression ratio was 
calibrated using a pure tone of 1000 Hz, and measuring the 
output voltage on a voltmeter, over the range from the
minimum input level, I-„, to the overload level, I ,m m ’ ’ max
A block diagram of the equipment used in measuring com­
pression ratio is illustrated in Figure 6.

The input-output curves of the three ratios utilized 
in the present study, 1:1, 1.5*1, and 3*1» are illustrated
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Table 3* Signal-to-noise (s/N) ratio of the compression amplifier, 
at a compression ratio of 1:1, for each of four channels.

Channel

1000 Hz tone output, dBm,* 
at maximum setting of the 

compression amplifier
Noise floor, 

dBm
S/N ratio, 

dB

1 17.2 -59 76.2
2 16.5 -62 78.5
3 18.5 -60 78.5
4 18.2 -6o 7 8.2

*dBm employs as its reference, i.e. 0 dBm, 1 milliwatt of power in a 
600fl. circuit.



Fixed 
oscillator 
(1000 Hz)

Load

Compression amplifier

Input
volt­
meter

Output
volt­
meter

o

Attenuator

Fig. 6. Block diagram of the equipment used in calibrating compression ratio of the 
compression amplifier.
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in Figure 7. This figure plots decibels of input change 
versus decibels of output change. The intensity values 
are specified in d3 re the reference level, R̂ , which 
v/as 100 mv. Both an input and an output of 100 mv. are 
therefore equivalent to 0 dB, since the gain of the com­
pressor is 0 dB at the. reference level.

At inputs less than approximately -U0 dB re the 
reference level, the compression ratios are greater than 
they are above -^0 dB, Thus, this input level is taken to 
be the compression threshold. Although, theoretically, 
below the threshold of compression, TC, the compression 
ratio should be lil, the compression ratio was greater 
than this because of internal noise.

Minimum Input Level and Maximum Output Level
The lowest input level, T,nin» of the hearing aid was 

-60' dB re the reference level (see Fig. 7). Because of 
the internal electrical noise of the system at low levels, 
as noted above, output level increased as input level de­
creased to less than -60 dB. The upper limit, I , of’ max’
the hearing aid was -̂0 dB re the reference level. Above 
^max 'there was virtually no change in output despite any 
amount of change in input. This level was the maximum 
output level, IUciX

The input dynamic range v/as from -60 dB to h0 dB, 
re the reference level, i.e.
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<D f-H max
u rH

20

g TC0(3.1)-----
o  °min^3:1  ̂ “20
TC (1.5*1)---- -

-40
min

-40 TC.l
INPUT, dB re reference level

-20 20
m m max

*

(1:1)

Fig. 7• Measured input-output functions for various compression
ratios of the compression amplifier. Numbers on functions 
identify the respective compression ratios. Explanations 
of abbreviations used in figure are found in key, on fol­
lowing page.
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Fig. 7— continued

KEY

I .win Minimum input level detectable above internal 
noise.

0 .m m

TC^
TCo

Minimum output level detectable above internal 
noise. Varies as a function of compression 
ratio. Number in parentheses identify the 
compression ratio.
Threshold of compression, at input.
Threshold of compression, at output. Varies 
as a function of compression ratio. The 
numbers in parentheses identify the compres- 
sion ratio.

Ri Reference level, at input. Equivalent to 
100 mv.

R Reference level, at output. Equivalent to 
100 mv.

max

• 0max

Maximum input level prior to overload of input 
circuit. Virtually no change in output with 
change in input above this level.
Maximum output level prior to overload of input 
circuit. Varies as a function of compression 
ratio. Numbers in parentheses identify the 
compression-ratio.
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Xmax
= 100 dB

The dynamic range of compression, with the compression

ting employed in the present study, was from an input of 
-h-0 dB to 0̂ d3, re the reference level, i.e.

A change in the compression threshold will make the 
dynamic range of compression either greater or smaller. 
Input-output functions of the compression amplifier at 
compression thresholds other than those used in the present 
study can be found in Appendix A.

Frequency Response Curves
There were several factors controlling frequency 

response. These were as follows: Each channel had a low
cutoff frequency and a high cutoff frequency, whose respect­
ive values could be changed by plug-in filter modules 
(found on Units 2 through 5» as shown in Figo )̂. Chan­
nels 1 and 2 also had a switch that allowed the addition of 
a 6 dB/octave change in the slope of the frequency response 
(found on Unit 6, as shown in Fig. k ) , In addition, the 
post-compression gain could be controlled individually for 
each of the four channels (Unit ?, as shown in Fig. *0.

threshold set as illustrated in Fig. 7, which was the set

I TC. = kO - (-40) dBmax i
= 80 dB.
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The frequency response of the compression amplifier
was checked using swept sine wave analysis, recorded on a
graphic level recorder, and by obtaining real time spectral 
analysis using a white noise input. In the former method,
the 1000 Hz probe tone input to the hearing aid was set at
the reference level of 100 mv, The electrical output of 
the compression amplifier was coupled to a graphic level 
recorder, set at a writing speed of 100 mm/second, and at 
a paper speed of 10 mm/second. Figure 8 illustrates an 
example of the frequency response at a ratio of 1:1 (non­
compression) , for each of the two channels used in the stu­
dy, measured individually, and the resultant frequency 
response when the output was recorded through both chan­
nels combined. The relatively smooth overall frequency 
response was obtained by means of fine adjustment to the

3phase shifters-̂  between channels 1 and 20
Measurements of the frequency response of the com­

pression amplification system at compression ra.tios other 
than 1:1, and for input levels above and below the reference 
level, are given in Appendix B.

The second method by which the frequency response 
of the compression amplifier was checked was that of a 
real time spectral analysis, using white noise as the input. 
In this method, white noise was delivered to an impedance

3
A phase shifter was inserted to smooth out the frequency 
response in the region of the crossover frequency.
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Channel
1
2

1 -and. 2 

Fig. 8.

500 500 10-00 2000 5000 10000
Frequency, Hz

Frequency, Hz 
Low cutoff High cutoff

250 1500
1500 6000
250 6000

Graphic level recording of frequency responses of 
channels 1 and 2, individually and in combination. 
Input was the reference level, 100 mv. Compression 
ratio was 1:1. Numbers on curves indicate channels.
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splitter, whose purpose was to maintain the proper input 
impedances to the two passive filters that followed. Since 
jjassive filters were used, impedance matching was important 
for proper operation of the filters. The output of a noise 
generator with a flat noise power spectrum was split into 
two bands by means of the filters, attenuated as desired, 
mixed, and fed into the compression amplifier. The measure­
ment system thus replicated bandwidths of the channels of 
the compression amplifier. This was done to check the 
functioning of each channel of the amplifier,, although it 
was not essential for its calibration. Frequency response 
was recorded on an X-Y plotter coupled to a real time spec­
trum analyzer. Figure 9 shows a block diagram of the equip­
ment used for the real time analysis method of measuring 
frequency response.

Figure 10 depicts an example of real time analysis of 
white noise, with the compression amplifier set at a ratio 
of 1:1 and a slojDe of 0 dB/octave. The frequency range for 
channel 1 was 125 Hz to 1000 Hz, and for channel 2, 1000 Hz 
to 6000 Hz. Figure 11 depicts the real time siDectrum ana­
lysis with the inclusion of the 6 dB/octave slope to chan­
nels 1 and 2. Other variables remained the same.

For additional frequency response curves of other 
experimental conditions, see Appendices C and D.



Atten­
uator

Atten­
uator '

Split
ter

Atten­
uator

Compression
amplifier

Noise
generator

Fig. 9* Block diagram of equipment used for real time spectrum analysis method of 
measuring frequency response.

Beal time 
analyzer

O-o
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Frequency, Hz

Fig. 10. Real time spectrum analysis: flat frequency response. White noise was passed
through channels 1 and 2 comhined. Channel 1 was set to a bandwidth of 125 Hz 
to 1000 Hz, and channel 2 was set to a bandwidth of 1000 Hz to 6000 Hz.
Compression ratio was 1:1.
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Frequency, Hz

Fig, 11. Real time spectrum analysis: frequency response of -f6 dB/octave. White nPise was 
passed through channels 1 and 2 combined. Channel 1 was set to a Bandwidth of 
125 Hz to 1000 Hz, and channel 2 was set to a Bandwidth of 1000 Hz to 6000 Hz. 
Compression ratio was 1:1.
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Time Constants
Usins pure tone input signals of 500, 1000 and 2000 

Hz, which alternated periodically and abruptly between 
levels of 55 and 80 dB SPL, the attack and release times 
were observed on an oscilloscope and determined from an 
oscillographic tracing. The values of 55 UB and 80 dB 
approximately encompass the range of sound pressure level 
during a conversation.

The attack time is defined as the time interval 
between the abrupt increase from 55 d3 to the level where 
stabilization to within 2 dB of the steady state value for 
the 80 dB input level has occurred. The release time is 
defined as the time interval between the abrupt drop from 
80 dB to the level where stabilization to within 2 dB of 
the steady state value for the 55 dB input has occurred 
(ANSI, 1976)0 Recording the output signal on an oscillo­
graphic tracing allowed the attack and release times to be 
measured with a precision of *1 msec., using a paper speed 
of h0 inches/sec. The tracings produced showed the signal 
envelope in linear units (as opposed to decibels). From 
this diagram, the peak-to-peak envelope could be read 
easily. A change of 2 dB corresponds to a 26/S increase in 
peak-to-peak voltage, i.e. from 100/5 to 126/5. A change of 
-2 dB corresponds to a 21/5 reduction in peak-to-peak volt­
age, i.e. from 100/5 to 79/5. Figure 12 shows a block dia-



Mixer

Oscil­loscope
Volt­meter

Attenuator

Tone-burst 
generator

Signalgenerator VisicorderCompression
amplifier

Fig. 12. Block diagram of the apparatus used for measurement of attack and release times.

Ill
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gram of the apparatus used in making these measurements.^ 
Figures 13 and 1^ show the envelope of the output signal 
as recorded with the oscillographic tracing, illustrating 
attack and release times, respectively, at 2000 Hz.

The measured attack time of all four channels, at 
the three frequencies measured, ranged between 1.5 and 
3*75 msec., for a nominal setting of 2 msec. Measured 
release times ranged from 16.0 to 21.75 msec., for a nomi­
nal setting of 20 msec. All measures v.'ere made at both 
1.5*1 and 3*1 compression ratios. Table b specifies the 
values for attack and release times at three frequencies, 
and for two compression ratios, in all four channels.

Graphic Level Recordings with Speech as the Stimulus
Graphic level recordings were made of the Nonsense 

Syllable Test, which was used to measure speech discrimina­
tion in the study. This measure was made to check the 
dynamic range of the test items, which was estimated to be 
about 25 dB.

Spectrograms and Cross-Sections of Speech
Spectrographic analyses, including cross-sections of 

individual phonemes under various experimental conditions 
of compression, were made.. This was done in order to ensure
5
Note that an attenuator is used in parallel with the tone- 

burst ̂ generator to determine the level of the output signal. 
That is, the signal going through the attenuator determines 
the steady background voltage, v1# The sum of the output 
of the attenuator and the tone-burst generator determines 
the new steady state value, v^0
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Attack time

Time

KEY
v Peak-to-peak output voltage 

prior to gain change
v Peak-to-peak output voltage 

immediately after change in 
input level

v Output within 126$ (i.e.
^ 2 dB) of new steady state

value
v^ New steady state value

Fig- 13- Measured envelope of a typical, transient response of the 
compression amplifier. An abrupt increase of 25 dB in 
the input sound pressure level caused the output to 
change rapidly upwards, compression set in, and the out­
put then gradually approached the corresponding steady- 
state voltage, measured to within 2 dB, i.e. 126$, of 
final stabilization. The frequency shown is 2000 Hz, 
and the compression ratio 3:1.
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Release time

:„2 dB

Time- ->
3

v4

Peak-to-peak output voltage 
prior to gain change
Peak-to-peak output voltage 
immediately after change in 
input level
Output within 79/ (i.e.
-2 dB) of new steady state 
value
New steady state value

Fig. 14. ■ Measured envelope of a typical transient response of the 
compression amplifier. An abrupt decrease of 25 dB in 
the input sound pressure level caused the output to 
change rapidly in the opposite direction, compression 
was released, and the output then gradually approached 
the corresponding steady state voltage, measured to 
within -2 dB, i.e. 79/°, of final stabilization. The 
frequency shown is 2000 Hz, and the compression ratio 3:1.
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Table 4. Attack and release times of the multichannel compression 
amplifier by channel, in milliseconds, for each of two 
compression ratios, at three frequencies.

Compression
ratio 500

Frequency. Hz
1000 2000

1.5:1

3:1

1.5:1

3:1

1.5:1

3:1

1.5*1

3:1

Attack time/ 
Release time
Attack time/ 
Release time

Attack time/ 
Release time
Attack time/ 
Release time

Attack time/ 
Release time
Attack time/ 
Release time

Attack time/ 
Release time
Attack time/ 
Release time

2.50/19.75 1.50/20.00 1.75/18.00

3.75/24.75 3.00/24.00 3.25/25-75

3.00/16.25 2.00/20.25 1.75/19.00

3.50/20.75 3.75/24.00 2.75/26.50

1.50/16.50 1.50/16.00 1.50/16.00

2.00/26.75 2.00/22.50 2.00/27.75

2.75/17.50 2.00/21.75 2.00/21.00

3.50/26.50 3.50/27.00 3.50/25.50
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that, after all the above calibrations were made, the 
multichannel compression amplifier actually processed 
speech as it had been designed to.
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CHAPTER IV 

THE PILOT STUDY

Description of the Subjects 
A group of hearing aid wearers with binaural sensori­

neural hearing losses which had been medically diagnosed, 
in addition to having been confirmed by aud.iolog.ic evalua­
tions, were initially selected as potential subjects. All 
hearing losses had been acquired post-lingually, and all 
subjects had been wearing compression hearing aids that had 
been prescribed by audiologists. The purpose of using ex­
perienced hearing aid wearers was to avoid confounding the 
results due to improvements obtained from a general adapta­
tion to a hearing aid, rather than from improvements at­
tributable to the various settings of the experimental 
hearing aid.

The group selected from the pool of potential subjects 
consisted of two females and three males, aged 25 to 66 
years (mean age, h-3 years). These subjects were selected 
on the basis of audiologic testing performed during the 
first session. The criteria used for both subject and ear 
selection are given below. All baseline testing was con­
ducted in a two-room IAC booth using a Grason-Stadler 1?01 
audiometer, TDH-39 earphones set in luX/^l-AR cushions, and
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a Madsen Z070 electroacoustic bridge. Equipment was cali­
brated to ANSI 1969 standards.

Both audiometric and impedance measures were taken as 
part of the initial baseline measurements. The audiometric 
measures, made under earphones (all testing v/as done for 
both ears, with masking where indicated), included the fol­
lowing i

1. Pure tone air-conduction thresholds at one-octave 
intervals (or, where indicated by a shar}? drop in the audio­
gram, at half-octave intervals), from 125 Hz through 8000 
Hz. Thresholds were obtained using the Hughson-’.Vestlake 
technique (Carhart and Jerger, 1959)•

2. Pure tone bone-conduction thresholds at one-octave 
intervals (or, where indicated, at half-octave -intervals), 
from 250 Hz through hOCO Hz0 Thresholds were obtained using 
the Hughson-V/estlake technique (Carhart and Jerger, 1959).

3. Speech Reception.Threshold (SRT), using taped 
C.I.D. Auditory Test ’7-1,

Word Discrimination Score (7/DS), using taped C.I.D. 
Auditory Test V7-22. The test was administered at SRT+35 
dB, or lower, the latter only if the setting of SRT +35 d3 
v/as judged by the subject to be too loud.

5. Most Comfortable Loudness (MCL), measured with 
taped Y/-22 word lists. A simple up-down adaptive procedure 
(Levitt, 1971), using 5 d3 steps, starting at an intensity 
of 5 dB above SRT, was utilized to measure MCL, Instruc­
tions to the subject were adapted from Morgan, et al.
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(197^)» and were as follows:

The purpose of this test is to find and 
maintain a loudness at which words are 
most comfortable to listen. We want you 
to decide when the sound or the phrase 
is at a level which you feel is the most 
comfortable listening level.
Say "yes" when the sound is at your most 
comfortable listening levelo Say "no" 
when the sound is louder or softer than 
the most comfortable level. Following 
each phrase, you must respond either 
"yes" or "no".

6. Loudness Discomfort Level (LDL), for speech, using 
taped W-22 word lists; for white noise bursts; and for 
bursts of narrow bands of noise from 250 Hz through 8000 
Hz, at one-octave intervals. An ascending procedure, using 
5 dB steps, with initial presentation at MCL, was used to 
measure LDL. Instructions to the subjects were as follows 
(adapted from Morgan, et al., 197^) t

This is a test in which you will be 
hearing sounds. We want you to decide 
when the sound is at a level that you 
think is uncomfortably loud or unpleasant­
ly loud, 3y "uncomfortably loud or un­
pleasantly loud" we mean when the sound 
is so loud that you v/ould choose not to 
listen to it for any period of time.
Say "yes" when the sound is at a loud­
ness to v/hich you would not choose to 
listen. Say "no" when the sound is 
below that level. Following each sound 
you must respond either "yes" or "no".

Following audiometric measures, impedance measures 
were taken, These included tympanometry at.220 Hz, static
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compliance (cc), and contralateral stapedial reflexes for 
pure tone .activating signals of 250, 500, 1000, 2000, and 
*4-000 Hz, and for white noise#

From the initial group of subjects, tested as des­
cribed above, the criteria for both subject selection and 
ear selection for the pilot study (and later, for the main 
experiment) were as follows (although all subjects were 
binaurally impaired, only one ear was tested in the study): 

The type of hearing loss was sensorineural, as indi­
cated by air-conduction and bone-conduction thresholds 
equal to within 10 d3. Impedance measurements were ob­
tained as part of the baseline audiological measurements, 
to identify any active middle ear pathology. All impedance 
data correlated with pure tone audiometric data, that is, 
not suggestive of any middle ear pathology.

The amount of hearing loss was at least 45 d3 HTL in 
the speech frequencies, as measured by the SRT, To avoid 
participation of the non-test ear by the possibility of 
crossover of the test stimuli, the difference in SRT, or 
threshold at any frequency, between the two ears did not 
exceed 35 d3, if the test ear had the greater impairment. 
The Word Discrimination Score (V/DS) was less than 80fo.

Acoustic reflexes for at least two frequencies were 
less than 60 dB SL, suggestive of recruitnent (Schwartz and 
Bess, 1975)# There was also a small range from I-.OL to LDL 
of 20 d3 or less, also suggestive of recruitment (Hood and 
Poole, 1966) (all but one subject met this -last criterion,
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with his range being 2? dB),
Table 5 summarizes the air-conduction thresholds of 

the subjects for the test ear (that is, the experimental 
ear), and Table 6 summarizes this information for. the non­
test ear. The standard deviations and the lov/est to highest 
thresholds are also given. Figure 15 plots, in audiogram 
form, the values given in Table 5. The average audiogram 
for the test ear was mildly downward sloping. Figure 16 
plots, in audiogram form, the values given in Table 6, The 
average audiogram for the non-test ear approximated that of 
the test ear..

Tables 7 and 8 summarize the results of speech tests 
performed on the five subjects, for the test ear and the 
non-test ear, respectively. Mean Pure Tone Averages, Speech 
Reception Thresholds, and Word Discrimination Scores are 
given for each ear, in addition to Most Comfortable Loudness 
Levels and Loudness Discomfort Levels for speech stimuli.
The standard deviations and the lowest to highest values 
are a3.so shown,

Procedui'e
The first testing session for all subjects involved 

a diagnostic evaluation, detailed above. Subjects then re­
ported for four additional two-hour sessions. During the 
first of these subsequent sessions, air-conduction thresh­
olds at 250 Hz through hOOO Hz and Speech Reception Thresh­
olds were remeasured to determine the stability of the sub­
jects' losses, All measures were within 5 dB of the values



Table 5* Mean pure tone thresholds for the test ear, for five subjects. Standard
deviations and lowest to highest thresholds are also included.

Frequency, Hz
.123 . 250 500 1000 2000 4000 8000

Mean threshold, dB HTL 35-0 41.0 59.0 67.0 70.0 69.O 63.75*
Standard deviation, dB 18.7 18.5 8.2 11.5 18.0 16.3 23.2
Lowest - highest 10-60 20-65 50-70 50-75 50-95 55-95 40-NR**
thresholds, dB KTL___________________'_________________ _________________________

^average of four ears only (one ear elicited no 
response at the maximum output of the audiometer)

**no response at the maximum output of the audiometer
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Table 6. Mean pure tone thresholds for the non-test ear, for five subjects. Standard
deviations and lowest to highest thresholds are also included.

Frequency, Hz
. 125. . 250 500 1000 2000 4ooo 8000

Mean threshold, dB HTL 26.25* 38.0 56.0 65.O 70.0 66.25* 60.0*
Standard deviation, dB 21.4 27.8 11.9 12.3 17.7 19.3 26.1
Lowest - highest 10-NR** 15-75 40-70 50-80 40-85 45-NR** 25-HR**
thresholds, dB HTL____________________________________________________________

*average of four ears only (one ear elicited no 
response at the maximum output of the audiometer)

**no response at the maximum output of the audiometer
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Fig. 15. Mean pure tone thresholds of the test ear, for five 
subjects. Bars indicate standard deviations.



Th
re
sh
ol
d,
 
dB 

HTL
 

(M
SI

, 
19
69

)
Frequency, Hz

10

0
10

20

30

40

50

60

70

80

90

100

10

16. Mean pure tone thresholds of the non-test ear, for 
five subjects. Bars indicate standard deviations.



Table 7- Results of speech audiometric tests of the test ear, for
five subjects. Pure Tone Average, means, standard devia­
tions, and lowest to highest values are also given.

Lowest- 
Standard highest

Audiological measures Mean deviation values
Pure Tone Average (PTA),* dB HTL 62.5 7.7 52-73

Speech Reception Threshold (SRT),
dB HTL 53.0** 5.7 45-60

Word Discrimination Score (WDS),
percent 69.6 6 A 62-78

Most Comfortable Loudness (KCL),
dB HTL 72.4 5.1 67-80

Loudness Discomfort Level (LDL),
dB HTL 90 A 9.7 75-100

Dynamic range (SRT - LDL), dB 37 A 11.9 20-47
Range of MCL to LDL, dB 18.0 8.6 8-2 7
*For two ears with sharply downward sloping hearing 
loss, two-frequency PTA was used, instead of 
standard three-frequency PTA.

**Because two of the hearing losses were so sharply 
downward sloping, mean SRT did not agree closely 
with mean PTA, even when two-frequency PTA was 
used.



Table 8. Results of speech audiometric tests of the non-test ear
for five subjects. Pure Tone Average, means, standard
deviations, and lowest to highest values are also given

Audiological measures Mean
Standard
deviation

Lowest-
highest
values

Pure Tone Average (PTA),* dB HTL 6l .4 12.9 43-77
Speech Reception Threshold (SRT),

dB HTL 50.0** 12.9 35-65
Word Discrimination' Score (WDS),

percent ?o.5** 8.2 60-80
Most Comfortable Loudness (MCL),

dB HTL 69.0 7-4 60-80
.Loudness Discomfort Level (LDL),

dB HTL 88.4 8.1 80-97
Dynamic range (SRT - LDL), dB*** 35.0 15.5 13-55

Range of MCL to LDL,.dB 19-4 8.6 10-30
*For two ears with sharply downward sloping hearing 
loss, two-frequency PTA was used, instead of 
.standard three-frequency PTA.

**Average of four ears only: one subject had such poor 
discrimination, that even an SRT could not be obtained.

***For subject for whom SRT could not be obtained, range 
used was from PTA to LDL.
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obtained in the diagnostic evaluation.
At the start of each test session, the Loudness 

Discomfort Level (LDL) for each subject for speech, using 
taped ’.V-22 word lists, was measured under the following 
conditions (the procedure used to measure LDL is decribed 
above)i

Frequency res;ponse 1, 0 dB/octave slope
20 6 dB/octave slope

Frequency range 1. 125 - 6000 Hz (Lfe)

Note that 
the cross- 
over fre­
quency was 
1000 Hz

Separate LDL measurements were obtained for each of the 
2 x 3» i»sb 6S combinations of the above two factors. The 
measurements obtained for each of the five subjects are 
given in Appendix E, These measures were used in deter­
mining the level of test administration for all conditions. 
Since six LDL measurements were, obtained, the specific LDL 
used in any experimental condition was the one obtained 
with the desired frequency range and slope, varying with 
the combination of factors used in the experimental condi­
tion, In the case of experimental conditions involving two 
channels, the level was adjusted according to the following 
strategy* the difference in LDL between high and low chan­
nels, i.e. L^ - Lj , was computed. The output of the chan­
nel having the lower LDL was attenuated by |l  - LjJ.

2. 125 - 1000 Hz (Ia )
3. 1000 - 6000 Hz (L ).
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The summed output of the two channels was then fed to the 
ear, and the output was set at - 5 dB. This method en­
sured that the stimulus in both the low frequency channel 
and the high frequency channel were at 5 dB below LDL,

For all experimental conditions, a 400 Hz calibration 
tone was used. The tone corresponded to the average maxi­
mum RMS level of the word "mark" in the carrier phrase, 
and v/as adjusted so that the power of the speech peak was 
at the determined level. On the second track of each test 
tape, cafeteria noise-was recorded for simultaneous pre­
sentation with the speech materials. When noise was also 
used, the 400 Hz calibration tone on the noise track was 
adjusted so that the peak power was at the determined level.

For peak clipped conditions, the inpirt intensity was 
gradually increased until the first sign of peak clipping 
at the output could be observed on an oscilloscope. This 
intensity level v/as considered the threshold of peak clip­
ping. The intensity v/as then adjusted to tile threshold of 
peak clipping +10 dB.

During the entire experiment, attack time was held 
constant at a nominal setting of 2 msec., arid release time 
at a nominal setting of 20 msec., as discussed in Chapter 
III.

The pilot study consisted of an 8 x £ x 2, i.e. 32, 
factorial design. The variables considered were as follows* 
Amplitude Mode, which included non-compression amplification 
both with and without peak clipping, and single- and two-
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channel compression amplification; Frequency Response, which 
included a 0 d3/oetave slope and a 6 d3/octave slope; and 
Listening Mode, which included both quiet and noise at a 
signal-to-noise (S/H) ratio of 10 dB. Table 9 summarizes 
the experimental conditions considered in the pilot study.

The experimental protocol was designed based on the 
following:

It was desired to compare non-compression amplifica­
tion, both with and without peak clipping, to various modes 
of compression amplification, such as single- and two-band 
compression. Using both single- and two-band compression 
was aimed at seeing if varying the compression ratio in 
each band of the multiband system had an effect on intelli­
gibility, as compared to a single-band system. In addition, 
it v/as aimed at seeing if there was any difference between 
a single wide band employing a specific compression ratio, 
and two bands, each employing the same compression ratio as 
the single-band condition. The ^difference between the lat­
ter two conditions is as follows: In a one-band compression
system, any sound that drives the system into compression 
will compress all frequencies within its frequency range.
In a two-band compression system, even if the compression 
ratio is the same for both bands, compression does not al­
ways occur in both bands at the same time. For example, the 
low frequency band of the two-band system may be driven 
into compression by a vowel. However, there may not be a
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Table 9- The experimental variables considered in the 8x2x2, i.e. 
32, factorial design of the pilot study.

AMPLITUDE NODE
Compression Frequency range, Input level 

ratio  Hz________ to subject
Non-c ompre ss i on, 
no peak clipping

Channel 1: 
1:1

Channel 1:
125-6000

LDL - 5 dB

Non-compression, 
with peak clipping

Channel 1: 
1:1

Channel 1: 
125-6000

LDL - 5 dB

Compression, 
single channel

Channel 1: 
1.5:1

Channel 1: 
125-6000

LDL - 5 dB

Compression, 
single channel

Channel 1:
3:1

Channel 1: 
125-6000

LDL - 5 dB

Compression, 
dual channel

Channel 1: 
1.5 = 1 

Channel 2: 
1,5:1

Channel 1:
125-1000
Channel 2: 
1000-6000

LDL - 5 dB

Compression, 
dual channel

Channel 1:
3:1

Channel 2:
3:1

Channel 1:
125-1000
Channel 2: 
1000-6000

LDL - 5 dB

Compression, 
dual channel

Channel 1: 
1.5:1 

Channel 2: 
3:1

Channel 1:
125-1000 
Channel 2: 
1000-6000

LDL - 5 dB

Compression, 
dual channel

Channel 1:
3:1

Channel 2:
1.5:1

Channel 1: 
125-1000 
Channel 2: 
1000-6000

LDL - 5 dB

FREQUENCY RESPONSE 
0 dB/octave 
6 dB/octave

LISTENING MODE 
Quiet
S/N = 10 dB
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strong frequency component to drive the high frequency band 
into compression, too. In the single-band compression hear­
ing aid, however, this same vowel would be compressed over 
its entire frequency range.

The compression ratios chosen were based on average 
data derived from the literature. The data entailed those 
approximate ratios that appeared to have yielded maximum 
benefit regarding speech intelligibility.

Since a fixed frequency-gain characteristic v/as chosen, 
a comparison between flat frequency response and mild high 
frequency emphasis of 6 d3/octave was desired. Because the 
study was limited to only two frequency responses, the lat­
ter was chosen because it was often selected by subjects in 
the Wearable Taster Hearing Aid (WI.IHA) study (Levitt and 
’White, 1978), and not only because it was recommended by the 
Harvard study (Davis, et al., 19^7).

Conditions that were believed would optimize dif­
ferences among hearing aids were chosen. For example, ex­
perience has shown that noise, such as that encountered by 
hearing aid users, is helpful in differentiating among hear­
ing aids. At a S/N ratio of 10 dB, intelligibility is 
generally reduced, but not to so great an extent that use 
of a hearing aid is no longer possible.

And, finally, the female version of the Nonsense Syl­
lable Test (NST), discussed below, was used, because it was 
found to be more difficult than the male version in the WTHA
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study (Levitt and White, 1978). Consequently, it was be­
lieved it might be more effective in discriminating among 
the various hearing aid settings employed in the study.

In any study, only a finite number of conditions can 
be tested, because of practical constraints. The above 
variables we re chosen since it v/as felt that they v/ould be 
the Inost likely to highlight the effect, if any, of single- 
or multichannel compression amplification on intelligibility, 
as compared to non-compression amplification, the latter 
both with and without peak clipping.

Test Equipment
All testing was conducted in a two-room double­

walled IAC test booth, whose inner room measured 100" x 
108" x 78". The apparatus used for testing speech intelli­
gibility for the NST under the various experimental condi­
tions were as follows: The speech and noise (the latter,
when used) were passed from a tape recorder/reproducer to 
two attenuators that allowed intensity control for each 
track independently. The speech and noise were then mixed 
(i.e. if noise was being used for the specific experimental 
condition) and processed by the compression amplifier. The 
input to the compression amplifier was monitored by use of 
a voltmeter. The ^00 Hz calibration tone on each track of 
each test tape was adjusted to the reference level of 100 mv. 
The signals passed from the compression amplifier to an 
attenuator, and then to a Grason-Stadler 1?01 audiometer.



The input to the audiometer was visually monitored on an 
oscilloscope. The audiometer v/as used for intensity con­
trol of the input to the subject. The subject was seated 
in the inner room of the test booth, and wore TDH-39 ear­
phones set in IuX-^l/AR cushions. Both speech and noise 
were presented from the same earphone, placed on the test 
ear, A block diagram of the apparatus used for testing is 
shown in Figure 1?.

measurement of Speech Discrimination
The speech discrimination test used in the present 

study v/as the Nonsense Syllable Test (NST), developed for 
use in the Wearable kaster hearing Aid (WI.iHA) study (Levitt 
and White, 1978). It met certain basic requirements, such 
as low test-retest variability and minimal learning effects.

The test v/as of the closed-response-set type and used 
nonsense syllables as its test material. It consisted of 
seven subtests, each subtest embodying a set of seven to 
nine nonsense syllables of the consonant-vowel (CV) or 
vowel-consonant (VC) type. The choice of subtests v/as 
weighted to have a greater proportion of those sounds with 
which hearing aid users tend to have difficulty. Sounds 
such as voiceless consonants in the final position are 
relatively effective in discriminating among various hear­
ing aid characteristics, since these consonants are diffi­
cult, but not impossible, to understand (Levitt and White, 
1978).



.Volt­ Oscil­
meter loscope

Speech channel

Atten
uator

recorder/ Atten AudiometerMixer n̂ pmAtten
uator

Noise channel Compression amplifier

TDH-39 ear­phones set in MX-̂ l/AB cush­ions

Fig. 17. Block diagram of apparatus used for speech reproduction through the multi­
channel hearing aid in the pilot study.



The test items that made up the N3T are shown in 
Table 10„ Each column composes one subtest. Subtests dif­
fered in three characteristicsi the class of consonants 
represented, the position of the consonants, and the vowel 
context. The entire test consisted of a total of 62 items, 
with eight randomized versions of the test.

The test was recorded by both a male and female speak­
er "without marked regional characteristics" (Levitt and 
White, 1978), Since the female version was found to be the 
more difficult, both among normal hearing listeners and 
hearing-impaired listeners, only the female recording of the 
test was used in the present study. This was in an attempt 
to maximize the possible advantages of various settings of 
the experimental hearing aid.

Each syllable was embedded within the carrier phrase
"You will mark _______ , please," The level of the word
"mark" in the carrier phrase was equated for each test item 
by selectively introducing attenuation in the overall re­
cording, The level during the most intense vowel of any 
test item was measured to be about 25 dB greater than the 
level during the weakest consonant of any test item0

Cafeteria noise was recorded on the second track of 
each test tape. This allowed for a competing signal to be 
presented simultaneously with the speech, a communication 
condition that hearing -aid wearers often find themselves in» 

The working test tapes were copied directly from the
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Table 10. Test items that made up the seven subtests of the 
Nonsense Syllable Test (NST), as utilized in the 
pilot study.

1 2 3
Subtest

4- 5 6 7
at ut it ad ta da da
ak uk ik ag ka ga ga .
ap up ip ab pa ba ba
af uf if av fa la va
as us is az sa ra za
a9 u9 19 a$ 0a ja ^a
aJ an Ja wa na

am tj’a d y ma

• a3 .ha



eight respective randomisations of rhe Sub-Master tapes, 
which were copies of the Master tapes made for the WMIIA 
study (Levitt and V.'nite, 1978). Each test tape was care­
fully checked by listening and by graphic level recordings 
to check for any possible distortions in the test tapes.

The subject’s response to a syllable within a given 
subtest was limited to syllables within the same subtest.
All the syllables within a particular subtest served as the 
response foils. Thus, within any subtest, voicing errors 
were not possible, although errors with respect to place 
and/or manner of articulation were possible. Voicing errors 
v.'ere not considered among the response foils, since the fea­
ture of voicing tends to be well-perceived even under ex­
tremely adverse conditions, such as filtering ou.t of the 
high frequencies (Hiller and Nicely, 1955). The response 
form used by the subjects is shown in Appendix F (note that 
responses were written by the subjects).

Results
An analysis of variance was performed on the data 

obtained in the pilot study. The main factors in this ana­
lysis were Amplitude Mode, Frequency Response, Listening 
Mode, Subjects, and Subtests (see Table 10 for listing of 
the experimental conditions). Table 11 shows the results of 
this analysis.

Statistically significant effects were found at the 
.001 level for Listening Mode, Subjects, and Subtests, and 
at the ,05 level for Frequency Response. There were also



Table 11. Analysis of variance of data obtained in the pilot study.

Source of variation
Amplitude M0de (a ) 
Frequency Response (B) 
Listening Mode (c)
AB interaction 
AG interaction 
BC interaction 
ABC interaction

Subjects (S)
AS interaction 
BS interaction 
CS interaction 
ABS interaction 
AGS interaction 
BGS interaction 
ABCS interaction

Modules or subtests (m ) 
AM interaction 
BM interaction 
CM interaction 
ABM interaction 
ACM interaction 
BGM interaction 
ABGM interaction

SM interaction 
ASM interaction 
BSM interaction 
CSM interaction 
ABSM interaction 
ACSM interaction 
BCSM interaction 
ABGSM 
Total

Sums of 
squares

Degrees of 
freedom

Mean
squares

■v
F-ratio

0.29 7 0.041 1.70
0.10 1 0.109 4.47 *
lk.25 1 14.254 582.28 **
0.10 7 0.014 0.60
0.39 7 0.057 2.33 *
0.30 1 0.307 12.56 **
0.29 7 0.042 1.72
7.86 k 1.967 80.36 **
0.91 28 0.032 1.32
0.8 7 k 0.219 8.96 **
1.09 k 0.272 . 11.14 **
0.71 28 0.025 1.04
1.56 28 0.055 2.28 **
0.24 k 0.061 2.50 *
1.22 28 0.043 1.78 *

2.. 17 6 0.362 14.82 **
1.01 *4-2 0.024 0.98
0.23 6 0.039 1.59
0.67 6 0.112 4.61 **
0.67 k2 0.016 0.66
0.92 k2 0.021 0.89
0.16 6 0.027 1.11
0.99 42 0.023 0.96
4.13 2k 0.172 7.03 **
4.15 168 0.024 1.00
1.0k ■ 24 0.043 1.77 *
0.88 24 . ■' 0.036 1.50
2.92 168 0.017 0.71
3.63 168 0.021 0.88
0.80 24 0.033 1.37
*4.11 168 0.024
58.80 1119
*significant at 0.05 level
**significant at 0.001 level
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significant interactions at the .001 level between Subjects 
and the following factors: Subtests, listening Mode and Fre­
quency Response. At the .05 level a significant interaction 
was seen between Amplitude Mode and Listening Mode.

Three-way interactions were seen among Amplitude Mode, 
Listening Mode, and Subject (at the .001 level); Subtest, 
Frequency Response, and Subject (at the .05 level); and Lis­
tening Mode, Frequency Response, and Subject (also at the 
,05 level).

Table 12 shows means for the main effects: Anrplitude 
Mode, Frequency Response, and Listening Mode.

The data showed that Frequency Response had a signi­
ficant effect. On the average, the 0 dB/octave slope elicit­
ed a slightly better score than the 6 d3/octave slope (60.8/ 
for flat frequency response, 58.8/ for the 6 dB/octave 
slope). However, although the average differences across 
subjects v/as small, there were large individual differences 
among subjects. Three out of five subjects scored better 
v/ith a flat frequency response. For example, subject LS, 
v/ho had a mildly downward sloping hearing loss, showed a 
gain iii score of 11 percentage points for flat frequency 
response over 6 dB/octave slope. For Listening Mode, all 
subjects scored consistently better in quiet than in noise 
(71.1/ in quiet, averaged over all conditions, and ^8,5/ 
in noise, averaged over all conditions).

Although there was no significant difference in the



141

Table 12. Percent correct scores for subjects as a function of
Amplitude Mode, Frequency Response, and Listening Mode. 
Mean scores are also shown. The scores for each Main 
Effect have been averaged over the remaining factors.

SUBJECT
AMPLITUDE MODE KH LS RM RS RG

Non-compression, 
no peak clipping

69.2 65.8 59.4 51.5 46.5

Non-compression, 
with peak clipping

69.9 61.2 61.0 61.4 45.3

Compression,
1.5:1

74.0 70.5 61.0 57.2 48.9

Compression,
3:1

68.7 66.1 50.9 60.7 4-1.4

Compression,
1.5:1, 1-5:1

71.4 69.8 60.2 54-. 6 48.5

Compression,
3:1, 3:1

68.0 66.0 60.3 55-3 44.6

Compression,
1.5:1, 3:1

72.6 70.4 63.0 54.0 49.4

Compression,
3:1, 1.5:1

73.4 60.5 51.6 60.0 47.8

FREQUENCY
RESPONSE
0 dB/octave 72.0 71.8 56.2 59.1 44.9
6 dB/octave 69.8 60.8 60.6 54.6 48.2

LISTENING MODE
Quiet 85.4 78.8 66.2 64.2 60.8
S/N = 10 dB 56.4 53.8 50.7 49-5 32.3

Means Across 
Mean Main Effects

58.9

59 

62.3|

.8j
59.4

(non-com­
pression)

60.0 
(single-chan- 

57.61 nel. compres­
sion)

61. o'

58.8
>  60.1

9 (two-channel 
compression)

58.7
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effect of Amplitude Mode averaged over subjects, there was 
a three-way interaction among Amplitude Mode, Listening 
Mode, and Subject. These data are given in Table 13, show­
ing significant individual differences with respect to the 
joint effects of Amjjlitude Mode and Listening Mode. For 
example, for subject RM, who had a sharply downward sloping 
hearing loss, his best score in quiet was achieved with non­
compression amplification, no peak clipping, but his best 
score in noise was achieved with multichannel compression. 
The reverse held true for subject R3, who had a flat hearing 
loss, whose best score in quiet was achieved with multiband 
compression amplification, and in noise with' non-compression 
amplification, no peak clipping. Regarding differences 
among two-channel compression conditions, in quiet, all 
subjects achieved their best score when at least one channel 
had a compression ratio of 3J1» four of the five sub­
jects, this channel v/as the high frequency one. In noise, 
only three of the five subjects scored best when at least 
one channel had a compression ratio of 3S1«

Table 14 shows scores, by subject, for the seven sub­
tests of the NST, Subjects scored better, on the average, 
for voiced consonants than for voiceless (61.3^ for voiced 
subtests, 58,6;S for voiceless). The best score, across sub­
jects, was obtained for Subtest 6, voiced consonant preced­
ing /a/. This subtest included the plosives and semi-vowels 
among its consonants. The poorest score, averaged over sub­
jects, was obtained for Subtest 5, voiceless consonant pre-
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Tabic 13* Percent correct scores for subjects as a function of 
Amplitude Mode and Listening Mode. Mean scores are 
also shown. The scores for each main effect have been 
averaged over the remaining factors.

LISTENING SUBJECT
AMPLITUDE MODE MODE KH LS RM RS RC- Mean

Non-c ompre s si on, Quiet 82.8 82.9 72.9 60.5 60.6 71.9no peak clipping s /n = 10 dD 55-6 48.? •45.9 4-2.6 32.4 45.0
Non-compression, Quiet 80.2 64.6 64.7 66.4 57.4 66.7
with peak clipping S/N = 10 dB 59.5 57.8 57.4 56.4 33.2 52.9
Compression, Quiet 86.3 78.5 65.9 67.2 72.9 74.2
1.5:1 S/N = 10 dB 61.5 62.6 56.2 47.3 24.9 50.5
Compression, Quiet 82.8 73-1 59.6 66.0 60.6 68.4
3:1 S/N = 10 dB 54.7 59-2 42.3 55.4 22.3 46.8
Compression, Quiet 86.8 80.6 68.0 58.0 63.1 71-3
1.5:1, 1.5:1 s/n = 10 dB 56.1 59.0 52.4 51.1 34.0 50.5
Compression, Quiet 88.9 85.5 69.2 60.9 53.1 71-5
3:1, 3:1 S/N = 10 dB 47.2 46.3' 51.5 50.0 36.0 46.2
Compression, Quiet 88.? 85.9 65.I 64.? 63.7 73.6
1.5:1, 3:1 S/N = 10 dB 56.5 54.9 61.0 43.1 35-1 50.1
Compression, Quiet 86.6 79.4 64.1 70.0 55.2 71.1
3:1, 1-5:1 S/N = 10 dB 60.2 41.5 39.0 50.0 40.3 46.2



Table 14. Percent correct scores for each subtest of the Nonsense Syllable Test (NST).
Data are shown for each subject, as well as the mean scores across subjects. 
All scores are averaged over the remaining factors.

SUBTEST SUBJECT
Number Description KH LS RM RS RG Mean

1 /av/ voiceless consonant following /a/ 71.6 65.4 55.2 52.1 46.9 58.2

2 M voiceless consonant following /u/ 66.7 64.8 62.5 50.8 62.2 61.4

3 /iv/ voiceless consonant following /i/ 71.1 61.7 62.2 ^7-7 ^9.5 58.4
4 /av/ voiced consonant following /a/ 66.6 64.6 64.8 55.9 33.8 57.1
5 /va / voiceless consonant preceding /a/ 74.6 65. 4 44.9 52.1 45.1 56.4
6 /va/ voiced consonant preceding /a/* 83.9 69.O 6k. 3 80.0 52.7 70.0

7 /va/ voiced consonant preceding /a/** 61.8 73.0 55.1 59.3 35.7 57.0
♦included semi-vowels, plosives, and an affricate 
♦♦included nasals, plosives, and fricatives



ceding /a/, which included the plosives, a glottal, and 
several fricatives among its consonants.

Discussion
In analyzing the data obtained in the pilot study, it 

was necessary to differentiate among several factors*
1. Those affecting the subjects* performance with the 

compression amplifier, i.e. Amplitude Mode, Listening Mode 
and Frequency Response.

2. Those factors affecting individual subjects, indi­
cating whether or not there were individual differences, and 
if there were, the nature of these differences.

3. The test itself, which offered some insight into 
how hearing-impaired people perceive sounds.

h. And9 lastly, the electroacoustic characteristics 
of the hearing aid.

The data obtained indicated which of the experimental 
variables significantly affected hearing aid performance, 
and the relative magnitude of these effects. In order of 
their relative magnitudes, the major effects were* Listening 
Mode (i.e. quiet vs. noise), differences among subjects, 
subtests of the NST, and Frequency Response (i.e. 0 dB/ 
octave vs. 6 dB/octave slope). Amplitude Mode was not 
found to be a significant variable. Significant interaction; 
existed between Subjects and Frequency Response, indicating 
large individual differences as to which conditions pro­
vided the best performances. All this information was used
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in considering v/hich variables to eliminate, and which to 
retain or modify, in order to extract the most information 
in the main experiment* Each of these factors mentioned 
above, and its inf3.uence on the design of the main experi­
ment, is discussed below.

Factors Affecting Performance with the Hearing Aid
Although it was a primary variable of interest, 

Amplitude Mode was not statistically significant. However, 
it did interact significantly with Listening Mode, and, in 
a three-way interaction, with Listening Mode and Subject, 
The interaction with Subject was of importance for this 
study, since it showed that different subjects obtained 
their highest scores under different sets of conditions. 
This result emphasized the importance of individualized 
adjustment for hearing aid fitting.

Frequency Response was found to be a significant 
variable. In addition, it interacted significantly with 
Subject, and with Listening Mode, indicating; its selective 
effect. These findings also supported the notion that 
individualized fitting should be used in the main experi­
ment, in order to assess the relative merits of the various 
hearing aid settings under optimum conditions. The fre- 
quency-gain characteristics that had been used in the 
pilot study were 0 dB/octave slope and 6 dB/octave slope. 
However, as mentioned, because of the Subject by Frequency 
interaction obtained for the different Listening Modes,
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it was felt that individual frequency-gain shaping should be 
included in the main experiment.

Accordingly, a method of frequency shaping was deve­
loped (Levitt, 1977) which would place as much of the speech 
spectrum into the listener's residual hearing area as pos­
sible, with an adjustment to reduce upward spread of mask­
ing, Details of the procedure are described in Chapter V, 

Listening Mode showed the largest effect of the ex­
perimental variables, and interacted significantly with oth­
er factors, i.e. Frequency Response, Subject, and Amplitude 
Mode. Because of these interactions, it was felt that Lis­
tening Mode should continue to be used for each combination 
of experimental variables in the main experiment.

Factors Affecting Individual Subjects
Subjects were found to differ significantly from one 

another. In addition, there were large two-way interactions 
between Subjects and the following factors: Subtests, Lis­
tening Mode, and Frequency Response. Several three-way 
interactions were also significant. These were Subjects 
and: Listening Mode and Amplitude Mode,* Frequency Response 
and Subtest; and Frequency Response and Listening Mode.
From these many complex interactions, the best scores for 
each subject were obtained on different combinations of 
conditions, again stressing the importance of individualized 
hearing aid fittings. In addition, it was also important 
that each subject be tested on all permutations of the



experimental variables in the main experiment (i.e. a fac­
torial design should be used).

Use of the Nonsense Syllable Test (NST) as the Test 
Instrument

Although the test instrument used, the NST, had low 
test-retest variability, it was not entirely free of learn­
ing effects. On several occasions where a specific test 
condition had been repeated, a score that was lower by an 
average of 6 percentage points was consistently found on 
the first administration of the test, leading to a concern 
about learning effects. It was thus necessary to introduce 
a check for learning. The main study was therefore ex­
tended to include four measurements for each experimental 
condition, instead of only one. In addition, with four 
measurements, it v/as possible to analyze consonant confusions 
with greater reliability than with only one measurement.

Because of practical limitations of the subjects' 
time, the use of repeated measurements called for a reduction 
in the size of the overall protocol, resulting in more ob­
servations per subject, but with fewer test conditions.
Some variables were consequently reduced in size, such as 
the reduction of four conditions of two-band compression 
to two conditions. In addition, the size of the NST was 
reduced from seven subtests to four subtests*

Electroacoustic Characteristics of the Hearing Aid
After completion of the pilot study and analysis of



the results, the instrument v/as recalibrated and checked 
again completely, as described in Chapter III. All cali­
brations confirmed proper functioning of the hearing aid.

However, since the variable Amplitude I.lode (i.e. 
conditions of non-compression and compression) had not been 
found to be statistically significant, it was considered 
that the operating conditions of the compression amplifier 
may have interfered with this factor. That is, there was 
concern that the internal noise of the hearing aid may have 
interfered with low level signals. If the speech peaks 
span a range of roughly 30 to 40 d3, then, with the higher
speech peaks set at the reference level (R^ in Fig, 7), the
lower speech levels may be close to, or even below, the
level of the internal noise. As can be seen in ‘Fig. 7,
as the compression ratio increases, the noise level at the 
output increases0 Therefore, for the main experiment, the 
operating level of the peaks of speech was shifted upwards 
by 25 d3. That is, 25 dB of pre-compression gain v/as intro­
duced, in order to keep the lower speech levels well above 
the internal noise.

The effect of 25 dB of pre-compression gain is to 
shift the input-output curve 25 d3 to the left (this is 
illustrated in Fig, 5)» But if, in combination with a 
change in pre-compression gain, there is also a difference 
in the compression ratio of the two channels, the higher 
speech peaks of tiie two channels will no .longer be at a 
common output level, as they originally were (see Fig, 7).
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This condition existed in the main experiment, under the 
condition of two-channel compression, with compression 
ratio of 1.5*1 in channel 1, and 3*1 in channel 2. Thus, 
to ensure that the higher speech peaks were always at the 
same level in both channels, despite differences in compres­
sion ratios, post-cornpression attenuation of dB v/as im­
posed on the channel utilizing a compression ratio of 1,5*1* 
This value was derived as follows* at a compression ratio 
of 3*lt with pre-compression gain of 25 dB re the reference 
level, the output was 25 dB/3, or 8,3 dB, At a compression 
ratio of 1.5*1, with the same amount of pre-compression 
gain, the output v/as 25 dB/1,5 or 16,7 dB, The difference 
between the two levels v/as 8,̂ - dB, In order to produce a 
common reference level, so that the higher speech peaks 
fell at both the same input and output (R̂  = P°st~
compression attenuation of 8.̂ - dB v/as imposed on the chan­
nel utilizing a compression ratio of 1.5*1. As is con­
ceptually illustrated in Fig. 5, post-compression attenua­
tion shifted the input-output curve downwards. The com­
bined effect of these two steps is illustrated in Figures 
18 through 20, where the input-output functions are computed 
for several experimental conditions.

Another change imposed on the electroacoustic charac­
teristics of the hearing aid was in the frequency range 
utilised. In the 23il°t study, when one channel was used, 
the frequency range v/as 125 - 6000 Hz, 7/ith the use of 
two channels, the frequency range v/as the same, with a



OU
TP
UT
, 

dB 
re 

re
fe
re
nc
e 

le
ve

l

151

20

R ~ 0

-20

-20 20
INPUT, dB re reference level
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1.5:1

B1.5:1

Reference level at input
Reference level at output
Threshold of compression
Input-output function “before 25 dB of pre­
compression gain, at compression ratio of
1.5:1
Input-output function after 25 dB of pre­
compression gain, at compression ratio of
1.5:1

Fig. 18. Idealized input-output functions at compression ratio 
of 1,5:1, before and after 25 dB of pre-compression 
gain. Arrow indicates the direction of shift with the 
change in gain.
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Fig.. 19* Idealized input-output functions at compression ratio of 
3:1, before and after 25 dB of pre-compxession gain. 
Arrow indicates the direction of shift with the change 
in gain.



153

20

kb1— I
•H 0u >O  0

t— I

H 0 O
§ §.8 -20
H <H 3 <D 
■i H

TC

^ Speech peaks—
-20 R0 

INPUT, dB re reference level

-40
^60 20

KEY
R.l
Ro
TC

B1.5*1

B3:1

Reference level at input
Reference level at output
Threshold of compression
Input-output function after 25 dB of pre­
compression gain, at compression ratio of 
1.5:1 (refer to Fig. 18)
Input-output function after 25 dB of pre­
compression gain, at compression ratio of 
3:1 (refer to Fig. 19)
Input-output function after additional 8.4 dB 
of post-compression attenuation to function 
B> - .1.5:1

Fig. 20. Idealised input-output functions at compression ratios .of 
1.5:1 (Bi.5.i) and 3:1 (B3.1), with 25 dB of pre-compres­
sion gain for each compression ratio (refer to Figs. 18 
and 19, respectively). Also shown is the idealized input- 
output function (C^.5.1) at compression ratio of 1.5:1. 
with an additional post-compression attenuation of 8.4 dB 
to function Arrow indicates the direction of
shift with the attenuation.



crossover frequency of 1000 Hz. Davis, et al. (19^7) had 
found that discrimination was best with a low frequency cut­
off that was no lower than 200 Hz, and that there was no sig­
nificant change in performance if the low frequency cutoff 
was raised to *1-00 Hz. Empirical evidence thus favors a lower 
frequency limit of amplification, perhaps because of the pos­
sibility of upward spread of masking. Further, the method of 
individualized frequency shaping, as shall be described, 
would typically raise the gain in the low frequencies. This 
would raise the likelihood of upward spread of masking. To 
counteract the possibility, it was decided to raise the low­
er cutoff frequency to 250 Hz in the main experiment. It 
was also felt that in the two-band conditions, the low fre­
quency band might then be too narrow (i.e. 250 Hz to 1000 Hz), 
and the crossover frequency was therefore raised to 1500 Hz. 
The frequency range was now 250 Hz to 6000 Ha, with a cross­
over frequency of 1500 Hz in the two-channel condition.

i
Summary

In summary, the pilot study suggested the following: 
First, it was desirable to make both electroacoustic changes 
and changes in the speech discrimination test for the main 
study. Second, it was suggested that one of the most im­
portant conditions necessary for optimizing the various 
hearing aid settings might be individualisation of the fre- 
quency-gain shaping. Details of the experimental procedure 
utilized in the main experiment are described in the fol­
lowing chapter.



CHAPTER V

METHODOLOGY OF THE MAIN EXPERIMENT

Description of the Subjects 
A group of four subjects, two females and two males, 

aged h5 to 69 years (mean age 58.5 years), was chosen for 
the main experiment. The criteria used for both subject 
and ear selection were the same as those used in the pilot 
study, and are described in Chapter IV, pages 117-121.
Table 15 summarizes the air-conduction thresholds of the 
subjects for the test ear (that is, the experimental ear), 
and Table 16 summarizes this information for the non-test 
ear. The standard deviations and the ranges of lowest to 
highest threshold values are also shown. Figure 21 plots, 
in audiogram form, the values given in Table 15. The aver­
age audiogram for the test ear was mildly downward sloping. 
Figure 22 plots, in audiogram form, the values given in 
Table 16, The average audiogram for the non-test ear 
approximated that of the test ear. Figures ^3 through 
^7 of Appendix C- show the audiograms obtained for each of 
the four subjects.

Tables 17 and IS summarize the results of audiometric 
speech tests performed on the four subjects, for the test 
ear and non-test ear, respectively. Mean Pure Tone Averages, 
Speech Reception Thresholds, and V/ord Discrimination scores



Table 15# Mean pure tone thresholds for the test ear, for four subjects. Standard
deviations and lowest to highest thresholds are also included.

Frequency, Hz
125 250 500 1000 2000 4000 8000

Mean threshold, dB HTL 27.75 37.5 53.75 61.25 63.75 65.0 76.25
Standard deviation, dB 16.5 16.8 14.3 14.3 8.0 14.4 8.5
Lowest - highest 
thresholds, dB HTL 10-50 20-60 45-75 45-80 55-70 50-85 65-85



Table 16. Mean pure tone thresholds for the non-test ear, for four subjects.
Standard deviations and lowest to highest thresholds are also included.

125 250
Mean threshold, dB HTL 35.0 36.25
Standard deviation, dB 20.4 16.5
Lowest - highest 
thresholds, dB HTL 20-65 25-60

Frequency, Hz_______ ____________
500 1000 2000 4000 8000
50.0 62.5 62.5 72.5 67.5
20.4 25.3 20.2 17.0 15.5
35-80 45-100 45-90 65-95 50-85
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Fig. 21. Mean pure tone thresholds of the test ear, for four 
subjects. Bars indicate standard deviations.
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Table 17. Results of speech audiometric tests of the test ear,
for four subjects. Pure Tone Average, means, standard
deviations, and lowest to highest values are also given.

Audiological measures Mean
Standard
deviation

Lowest-
highest
values

Pure Tone Average.(PTA), dB HTL 59.5 11.6 53.3-75
Speech Reception Threshold (SRT),

dB HTL 60.0 14.7 45-80

Word Discrimination Score (WDS),
percent 65.5 6.7 56-70

Most Comfortable Loudness (MCL),
dB HTL 80.0 7.1 75-90

Loudness Discomfort Level (LDL),
dB HTL

Dynamic range (SRT - LDL), dB
97.5
37.5

2.8
12.8

95-100
20-50

Range of MCL to LDL, dB 17-5 5.0 10-20



Table 18. Results of speech audiometric tests of the non-test ear
for four subjects. Pure Tone Average, means, standard
deviations, and lowest to highest values are also given

Audiological measures Mean
Standard
deviation

Lowest-
highest
values

Pure Tone Average (PTA), dB HTL 58.4 21.2 45-90
Speech Reception Threshold (SRT),

dB HTL 57.5 18.2 45-85
Word Discrimination Score (WDS),

percent
Most Comfortable Loudness (MCL),

dB HTL

62.0

82.5

17. i 
9-6

36-76

75-95
Loudness Discomfort Level (LDL),

dB HTL 97.5 8.6 90-105
Dynamic range (SRT - LDL), dB 40.0 13.5 20-50

Range of MCL to LDL, dB 15.0 8.6 10-20
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are given for each ear, in addition to Most Comfortable 
Loudness levels and Loudness Discomfort Levels for speech 
stimuli. The standard deviations and the ranges of lowest 
to highest values are also shown.

Measurement of Speech Discrimination
The speech discrimination test utilized throughout 

the study was the Nonsense Syllable Test (N3T). The format 
of the test and preparation of the test tapes are described 
in Chapter IV. As discussed, there were changes made in the 
number of subtests utilized for the main experiment. Only 
four subtests were used, instead of the original seven, of 
which two were taken from the original NST, These two 
were subtests number 2 and 3» consisting of voiceless con­
sonant following /u/ and voiceless consonant following /i/. 
The remaining two subtests were taken from an Optional ver­
sion of the NST, which consisted of five subtests. The 
two used in the main experiment were voiced consonant fol­
lowing /u/ and voiced consonant following /i/. These vowels 
were chosen because they represent two extremes among the 
vowels regarding their overall spectra: /u/ has most of 
its energy concentrated in the low frequencies, whereas 
/i/ has its energy spread out both in the low frequencies 
and the high frequencies. The test items that made up 
the new version of the NST are shown in Table 19.

Subtests differed in two characteristics: the class 
of consonants represented, and the vowel context. The



163

Table 19. Test items that made up the four subtests of the 
Nonsense Syllable Test (NST}, as utilised in the 
main experiment.

1
Subtest
2 3 k

ud ut it id
ug uk ik ig
ub up ip ib
uv uf if iv
uz us is iz
u$ U0 i0 i^
un “f 4 in
um im

UD 4
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entire test consisted of a total of 32 items, with eight 
randomized versions of the test. The female version of 
the test was used, as discussed in Chapter IV,

Measurement of LDLs Using One-Third Octave Bands of Noise
loudness Discomfort Levels (LDLs) for one-third octave 

hands of noise were measured using a si^ecially prepared tape. 
The purpose of this tape was to provide a means for cali­
brating the frequency-gain characteristic that would gene­
rate LDLs at the ear in a way that could be related to 
standard 6cc coupler measurements (a 6cc coupler was chosen 
in order to be able to relate the data obtained in this stu­
dy to other published data, such as the Harvard study (Davis, 
et al., 19^7)). The tape was prepared in a way that when 
it was played through the nominally flat response of the 
system it generated third octave bands of noise of equal 
sound pressure level, as measured in a 6cc coupler. Using 
this tape, the LDLs of third octave bands of noise were 
found, i.e. the frequency-gain characteristic needed to 
generate LDL at the ear was specified with respect to a 
stimulus that had a flat one-third octave band spectrum in 
the coupler.

It should be noted that the noise on the tape(which 
was of one-half hour duration), was wide-band, i.e. all of 
the bands were recorded simultaneously, and subsequent 
measurements v/ere made through an external multifilter, 
in order to isolate individual one-third octave bands.
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The details of how the tape was prepared are described below.
The -first step in making a tape whose output was 

equal at each third octave band was to correct for the band­
width effect of white noise, which was used in preparing 
the tape. Since white noise has a constant power density 
(i.e.. equal power/Hz), and the bandwidth of the standard 
one-third octave bands increases proportionally with the 
center frequency, the total power within a band increases 
at the rate of 3 dB/octave, with increasing center frequency. 
However, the noise used may not have been true white noise. 
Therefore, as a check, it was passed through a multifilter 
set at 0 dB attenuation for all bands, and the intensity 
for each one-third octave band was measured on a voltmeter.
A slight rolloff above 2500 Hz was found. Thus,- a correction 
for this spectral variation was required, in addition to the 
correction for the bandwidth effect. The correction factors 
used may be found in Table 20, column (a).

The second step in preparing the tape concerned ap­
plying correction factors for two instruments in the experi­
mental set-up that imposed frequency changes on stimuli 
passing through them. They were the compression amplifier 
and the earphone. Corrections for these two instruments 
were made as follows :

Correction for Compression Amplifier

With the frequency range of the compression amplifier 
set at 250 Hz to 6000 Hz, at a compression ratio of 1:1, the
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Table 20. Separate effects of (a)bandwidth and. spectral variation of white noise, 
(b)comrresslon system, and (c)earphene, and (d)total combined effect. 
These were the effects that had to be corrected in order to maJce the 
noise signal flat, i.e. equal in level, by one-third octave bands, in 
a 6cc coupler. Values given are the corrections, in dB.

MULTIFILTER CHaKNEL
Center fre- 

Number ouency, H z

WCorrection for 
bandwidth effect 
and spectral 
variation, dB

(b)
Correction for 
compression 
amplifier 
response, dB

(e)
Correction for 

earphone 
response, dB

(d)
Overall 

correction 
{a+tnc), dB

23 200 3 9 0 12
24 250 2 7 0 9
25 315 1 4 0 5
26 400 0 2 0 2
27 500 -1 2 0 1
28 630 -2 1.5 0 -0.5
29 800 -3 0.5 -1 -3.5
30 1000 -4 1 -2 -5
31 1250 -5 0 -2 -7
32 1600 -6 0 0 -6
33 2000 -7 0 0 -7
34 2500 -8 0.5 -2 -9.5
35 3150 -8 0.5 -6 -13.5
36 4000 -9 0 -4 -13.5
37 5000 -10 0 -8 -18
38 6300 -10 1 4 -5
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white noise was passed through the compression amplifier and 
then through the multifilter.^ The multifilter attenuator 
setting were set as noted in Table 20, column (a), these 
values correcting for the bandwidth effect and spectral 
variation of the one-third octave band filters, as described 
above. The output for one-third octave bands was then mea­
sured with a voltmeter, yielding the relative intensities 
shown in Table 20, column (b)e These values were the cor­
rection factors necessary, by one-third octaves, to flatten 
the signal as it passed through the compression amplifier.

Correction for Earphone
With the frequency range of the compression amplifier

set at 250 Hz to 6000 Hz, at a compression ratio of Isl, the
white noise was passed through the compression amplifier and
then the multifilter, the latter with its attenuator settings
to correct for the combined effect of the filter bandwidth
and the compression amplifier response, i.e. values of Table
20, columns (a) +(b). The output for one-third octave bands
was then measured at the earphone, in a 6cc coupler, yielding
the relative intensities shown in Table 20, column (c).

These values were a direct measure of the effect of the 
_ _

Since the skirts of the compression amplifi.er filters had 
a shallower rate of attenuation than the multifilter, the 
multifilter's frequency range was adjusted to be just be­
yond the frequency range of the compression amplifier, i.e. 
200 Hz to 6300 Hz. Thus, although the frequency range of 
the hearing aid was nominally from 250 Hz to 6000 Hz, 
effectively, it was from the one-third octave band centered 
at 200 Hz to the one-third octave band centered at 63OO Hz.



earphone, A composite correction was then obtained for the 
entire system and compared to the sum of the individual cor­
rections, The composite correction, which equalled the sum 
of the individual corrections, is presented in Table 20, 
column (d).

Table 20 summarizes each of the effects for which 
compensation was necessary in order to yield an output of 
filtered noise that had equal levels at each one-third octave 
band. In practice, one need go only to the end effect (Table 
20, column (d)), but the separate effects, as described, were 
measured in order to determine the relative effect of each 
part of the system.

In summary, when wide band noise was passed through 
the experimental apparatus, it yielded one-third octave bands 
of noise that were equal in level as measured in a standard 
6cc coupler, A tape recording was made of this frequency 
shaped noise. This tape, referred to as the calibrated noise 
tape, was used for LDL measurements, described below.

Procedure
Before the experiment itself was begun, preliminary 

information consisting of baseline audiometric data was ob­
tained, The experiment then consisted of two stages. These 
were determination of Loudness Discomfort Levels, and compa­
rison of compression versus non-compression conditions. The 
acquisition of the preliminary information, and the stages 
of the experiment are described below.
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Baseline Audiometrtc Data
The first session for all subjects involved a diag­

nostic evaluation, detailed in Chapter IV. Subjects then 
reported for six additional two-hour sessions, during which 
the data for the main experiment was obtained. During the 
first' of these subsequent sessions, air-conduction thresh­
olds at 250 Hz through ^000 Hz and Speech Reception Thresh­
olds were remeasured to determine the stability of the sub­
jects’ hearing losses. All measures were within 5 dB of the 
values obtained in the diagnostic evaluation (given in 
Tables 15 and 17).

Determination of Loudness Discomfort Levels
During the first session, LDLs for one-third octave 

bands of noise v/ere measured for each subject using the 
calibrated noise tape, described above. Instructions to 
the subjects were the same as those used in measuring LDL 
for speech and noise in the baseline session, and are given 
in Chapter IV. Measurements were obtained for one-third 
octave bands from 200 Hz through 6300 Hz in steps of one 
octave. LDLs for the intervening one-third octave bands 
were obtained by linear interpolation. Using the LDL 
measured at the third octave band centered at -̂00 Hz as 
the reference, the relative gain needed for each octave 
band of the calibrated noise tape to reach LDL was cal­
culated. The frequency-gain function thus derived was 
referred to as the LDL frequency response curve (for flat



noise), and was used in shaping the spee.ch spectrum for 
several of the experimental conditions, as described below. 
Note that the LDL in any given third octave band is equal 
to the LDL in the *f-00 Hz band plus the value of the LDL 
frequency response curve for that one-third octave.

' LDLs obtained for each one-third octave band represent, 
to a first approximation, the LDL for a broad band stimulus 
as a function of third octave bands (this argument is dis­
cussed in Chapter VII). However, the measurements of LDL 
were made using the calibrated noise tape, which had a 
flat one-third octave spectrum. Speech, which was the test 
stimulus used, does not have a flat one-third octave spec­
trum. A second set of adjustments was therefore determined 
so as to bring the speech spectrum up to the LDL level in 
each one-third octave band.

There are many ways in which the distribution of 
speech energy over the frequency range may be expressed.
Dunn and White (19*10) made several types of measurements 
using "normal conversational speech" at 30 cm. from the 
mouth for all measurements. Using bands one octave wide 
below' 500 Hz, and a half-octave wide above that frequency, 
they measured the peak sound pressures in each of these 
bands, up to 12,000 Hz, for five male and five female 
speakers. The data of the female speakers were of direct 
interest to the present study. A 1/8th second averaging 
time was used in these measurements. They then calculated 
those band levels, as a function of frequency, that were
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exceeded for various percentages of time. Of interest for 
our purposes were those band levels which were exceeded 10^ 
of the time by the speech peaks. Using these 10/a peak 
pressure levels, the relative gain needed for each third 
octave band to flatten the speech spectrum was calculated, 
with the band centered at ^00 Hz as the reference (note 
that the spectral flattening required is essentially the 
same for third- or half-octave band measurements). The 
values obtained are given in Table 21. These values were 
added to each subject's LDL frequency response curve. The 
end result was thus a frequency response curve in which 
each one-third octave band of the speech spectrum v/as at 
the individual subj'ect's LDL, The speech was then presented 
to the subject at 5 d3 less than his LDL for wide band noise. 
This procedure maximized the amount of amplification at each 
frequency at the subject's ear, by placing all frequencies 
at a constant below their respective LDLs.

Because of the complexity of the calculations involved, 
an examj)le of the effect of flattening of the speech spec­
trum on the frequency response is presented in Figure 23.
In this figure, the corrections necessary to flatten the 
speech spectrum are shown (curve A), which are then added 
to the LDL frequency response curve (for flat noise) for 
subject MS (curve B). The net effect was the multifilter 
attenuator settings required to produce LDL for typical 
speech at the ear for subject 1.3 (curve C). Curve C is 
referred to as the LDL frequency response cuyve for speech
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Table 21. Values, in relative dB, derived from the 10% peak pres­
sure levels, at mid-frequencies of one-octave width below 500 Hz, and one-half octave width above 500 Hz (from Dunn & White, 1940). The values shown represent 
those necessary to flatten the speech spectrum, and were added to each subject's LDL frequency response curve.

Mid-frequency
Values derived from 10% peak pressure levels, relative dB

200
250
315
400
500
630
800
1000
1250
1600
2000
2500
3150
4000
50 00 
6300

4
3*
2*
0

1*

2
6
8*
9

10*
12*
13
15
15*
15
19

*these values are interpolated
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KEY
A  Multifilter settings required to flatten speech

spectrum. Settings are given as relative values, 
derived from Table 22 (from Dunn & White, 1940). 
For practical purposes, the 400 Hz band has been 
arbitrarily set to -14 on the multifilter.

B  Relative settings required to. produce LDL at the
ear for calibrated noise tape, i.e. LDL frequency 
response curve, uncorrected for speech spectrum, 
for subject MS.

C*— « Multifilter settings required to produce LDL for 
typical speech at the ear, for subject MS, i!.e. 
speech spectrum at LDL for all frequencies. This 
curve is equal to the sum of A + B. The levels are 
relative, with the overall gain determined by the 
subject's wide-band LDL for speech. This curve is 
the LDL frequency response curve for speech.

Fig. 23* Example of the effect of "flattening" of speech spectrum
on LDL frequency response curve, for subject MS.



for subject M3. (Henceforth, the term LDL frecuency 
response curve implies the curve for speech.) As men­
tioned above, the speech was then presented to the subject 
at 5 dB less than his LDL for wide band noise.

The LDL frequency response curves for the four sub­
jects, with the applied corrections for the speech spec­
trum, and the subjects' pure tone thresholds, are given 
in Appendix H,

Comparison of Compression v. Kon-Comuression Conditions
At the start of each test session, the LDL for 

speech, using taped V/-22 word lists, was measured for 
each subject under the following conditions (the procedure 
used to measure LDL is described in Chapter IV)s

Separate LDL measurements were obtained for each of the 
2 x 3» i.e. 6, combinations of the. above two factors.
The measurements obtained for each of the four subjects 
are given in Appendix I. The strategy used for deter­
mination of the level of test administration to the sub­
jects, i.e. LDL - 5 d3, was based on these six LDL measure­
ments, and is described in Chapter IV, pages 121, 128.

Frequency Response 1. 0 d3/octave slope
2. LDL frequency response 

curve
Frequency Range 1. 250 - 60 00 Hz (Li )

Note that 
2. 250 - 1500 Hz (Lj, 'he cross-

ver fre-
.3. 1500 - 6000 Hz (L.uency was

‘ *500 Hz.
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For all experimental conditions, a ^00 Hz calibration 
tone, corresponding to the average peaks of speech, was 
adjusted so that the power of the speech peak was at the 
determined level. When noise was also used, the ^00 Hz 
calibration tone on the noise track was adjusted so that 
the peak power was at the determined lvel.

For peak clipped conditions, the input intensity was 
gradually increased until the first sign of peak clipping 
at the output could be observed on an oscilloscope. This 
intensity level was considered the threshold of peak clip­
ping 0 The intensity was then raised to the threshold of 
peak clirjping +10 d3.

The experimental consisted of two overlapping fac­
torial designs, using the format shown in Table -22 (al­
though there were multiple test conditions, the design was 
not fully balanced because of time constraints). The first 
design consisted of three factors: Amplitude mode, which 
included non-compression amplification, both with and 
without peak clipping, and single-channel compression ampli­
fication; Frequency Response, which included a 0 d3/octave 
slope, and the LDL frequency response curve, the latter 
with correction for the shape of the speech spectrum; and 
Listening mode, which included quiet, and no5.se at a signal- 
to-noise (3/K) ratio of 10 d3. There were a total of 
3 x 2 x 2 ,  i.e. 12 conditions, with four replications per 
condition. Table 23 summarizes the variables in the first 
design.
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Table 22. Experimental conditions considered in the main experiment.

AMPLITUDE MODE

Non-compression, 
no peak clipping

LISTENING
MODE

Quiet

S/N - 10 dB

FREQUENCY RESPONSE 

0 dB/octaye
LDL frequency response 
0 dB/octave
LDL frequency response

Non-compression, 
with peak clipping

Quiet

S/N = 10 dB

0 dB/octave
LDL frequency response 
0 dB/octave
LDL frequency response

Compression, single channel Quiet 0 dB/octave
Compression ratio: 3:1 frequency response

S/N = 10 dB 0 dB/octave
LDL frequency response

Compression, two channels 
Compression ratio:

3:1t low frequency channel 
3:1, high frequency channel

Quiet LDL frequency response
S/N = 10 dB LDL frequency response

Compression, two channels 
Compression ratio:

1.5:1: low frequency channel 
3:1, high frequency channel

Quiet
S/N = 10 dB

LDL frequency response 
LDL frequency response
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Table 23• The experimental variables considered in the first fac­
torial design of the main experiment, consisting of 
3 x 2 x 2 ,  i.e. 12, conditions. There; were four repli­
cations for each condition.

AMPLITUDE MODE

Non-compression, 
no peak clipping
Non-compression, 
with peak clipping
Compression, 
single channel

Compression
ratio

Channel I s  
1:1

Channel Is 
1:1

Channel 1: 
3:1

Frequency range, 
Hz_______

Channel 1: 
250-6000
Channel 1: 
250-6000
Channel 1: 
250-6000

Input level 
to subject
LDL - 5 dB 

LDL - 5 dB 

LDL - 5 dB

FREQUENCY RESPONSE 
0 dB/octave
LDL frequency response

LISTENING MODE 
Quiet
S/N = 10 dB



The second design consisted of tv.ro factors: Amplitude 
I.'ode, which- included non-compress ion amplification, both 
with and without peak clipping, and single- and two-channel 
compression amplification; and Listening Kode, which includ­
ed quiet, and noise at a S/N ratio of 10 d3, There were 
a total of 5 x 2, i.e. 10 conditions, v/ith four replications 
per condition (Frequency Response was not a factor, since 
only the LDL frequency response curve was used for all 
conditions.) Table ?A summarizes the variables in the 
second design.

Test Equipment 
The apparatus used to deliver the signals to the sub­

jects in the main experiment was similar to that of the 
pilot study, with several changes: the speech and noise (if 
noise was being used for the specific experimental condition) 
were passed from a tape recorder/reproducer to two attenua­
tors that allowed independent intensity control for each 
track. The speech and noise were then mixed, and processed 
by the compression amplifier. The input to the compression 
amplifier was monitored by a voltmeter. The ^00 Hz calibra­
tion tone on each track of each test tape was adjusted to 
the reference level of 100 mv. From the compression ampli­
fier, the signals passed through an attenuator, and then to 
a multifilter. From there, they passed through another 
attenuator, and then to a Grason-fJtadler 1?01 audiometer.
The input to the audiometer was visually monitored on an



Table 2k. The experimental variables considered in the second 
factorial design of the main experiment, consisting 
of 5 x 2, i.e. 10, conditions. Frequency Response 
was not a variable, since LDL frequency response 
was used for all conditions. There were four 
replications for each condition.

AMPLITUDE MODE
Compression

ratio
Non-compression, Channel Is
no peak clipping 1:1
Non-compression, Channel 1:
with peak clipping 1:1
Compression Channel

3:1
1:

Compression Channel 1:
3:1

Channel
3:1

2:

Compression Channel
1.5:1

1:
Channel

3:1
2:

Frequency range, Input level 
______Hz________ to subject

Channel 1: 
250-6000

LDL - 5 dB

Channel 1: 
250-6000

LDL - 5 dB

Channel 1: 
♦250-6000

LDL - 5 dB

Channel 1: 
250-1500

LDL - 5 dB

Channel 2: 
1500-6000
Channel 1: 
250-1500 
Channel 2: 
1500-6000

LDL - 5 dB

LISTENING MODE
Quiet
S/N = 10 dB
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oscilloscope. All test equipment through this point was 
in the outer room of a two-room double-walled IAC test 
booth. The subject was seated in the inner room of the 
test booth, and wore TDH-39 earphones set in I>IX ^l/AR 
cushions. Both speech and noise were presented from the 
same earphone, placed on the test ear. A block diagram 
of the apparatus used for testing is shown in Figure '23.



Speech
channel

 ICompression
amplifier

Mixer

Volt­
meter

Atten­
uator

Atten­
uator

Atten­
uator

•H

channel

One-third 
octave hand 
multifilter

TDH-39 
ear­
phones 
set in

Atten­
uator J

Oscil-
lo-sc ope

m x - M / ar
cushions

2It-. BXooJt diagram of apparatus used for speech reproduction through the multichannel 
hearing aid, in the main experiment,
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CHAPTER VI 

RESULTS OF THE MAIN EXPERIMENT

As discussed in Chapter V, the experimental condi­
tions were organized into two overlapping factorial de­
signs. Analyses of variance were performed on the data 
obtained. In the first factorial design, the main factors 
in the analysis of variance were Amplitude Mode, Frequency 
Response, Listening Mode, Subjects, Subtests, and Replica- 
tions. In the second factorial design, the main factors 
in the analysis of variance were Amplitude Mode, Listening 
Mode, Subjects, Subtests, and Replications. In these ana­
lyses, the proportions were transformed to inverse sine 
units.^ Tables. 25 and 2 6 show the respective results of 
these analyses.

In the first factorial design, consisting of six 
factors, statistically significant effects v.rere found at 
the .001 level for Amplitude Mode, Frequency Response, 
Listening Mode, Subjects and Subtests, and at the .05 
level for Replications. There were significant inter-
z--------------------- -
The transformation used was y = 2 arcsin/p/lOO» where p 
is the score as the percent correct, and the transformed 
variable, y, is a measure of the score in Inverse sine 
units. Whereas the variance of p is a function of the 
value of p, the variance of y is roughly constant, and 
is approximately 1/n, where n is approximately the total 
number of syllables in each subtest (Brownl.ee, 1965).
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Table 25* Analysis of variance of data obtained in first' factorial 
design, i.e. for single-channel conditions (both non- 
compression and compression) for flat frequency response 
and LDL frequency response.

Sums of Degrees of Mean
Source of variation squares freedom Squares F-ratio
Amplitude Mode (a) 3.61 2 1.805 20.96 **
Frequency Response (B) 2.21 1 2.210 . 25.65 **
Listening Mode (C) 58.17 1 58.179 675.34 **
AB interaction 0.06 2 0.030 0.35
AC interaction 0.28 2 0.144 1.68
BC interaction 0.04 1 0.049 0.57
ABC interaction 0.57 2 0.289 3.36 *
Subjects (s) 18.39 3 6.130 71.16 **
AS interaction 1.11 6 0.186 2.16
BS interaction 3.10 3 1.036 12.03 **
CS interaction 1.89 3 0.633 7.35 **ABS interaction 0.67 6 0.112 1.30
ACS interaction 0.39 6 O.O65 0.76
BCS interaction 0.41 3 0.139 1.61
ABCS interaction 0.30 6 0.051 0.59
Modules- or subtests (M) 37.66 3 12.556 145.75 **
AM interaction 1.16 6 0.194 2.26
BM interaction 0.05 3 0.018 0.21
CM interaction 2.10 3 0.701 8.14 **
ABM interaction 1.52 6 0.254 2.95 *
ACM interaction 0.19 6 0.032 0.37BCM -interaction 0.15 3 0.052 0.61
ABCM interaction 1.03 6 0.173 2.00
Replications 1.46 3 0.489 5.68 *
AR interaction 1.00 6 0.167 1.94
BR interaction 0.95 3 0.319 3-71 *
CR interaction 0.04 3 0.013 0.15
ABR interaction 1.00 6 0.167 1.94
ACR interaction 0.88 6 0.147 1.70
BCR interaction 0.54 3 0.182 2.11
ABCR interaction 0.47 6 0.079 0.92

*significant at 0.05 level
**significant at 0.001 level



Table 25— continued

Sums of
Source of variation sauares

SM interaction 7.46
ASM interaction 2.99BSM interaction 1.93CSM interaction 3-30
ABSM interaction 1.49
ACSM interaction 2.81
BCSM interaction 1.99ABGSM interaction 0.83'

SR interaction 1.22
ASR interaction 1.83
BSR interaction 0.48
CSR interaction 0.80
ABSR interaction 2.03
ACSR interaction 1.32
BCSR interaction 0.92
ABGSR interaction 2.66
MR interaction 0.59
AMR interaction 2.48
BMR interaction 0.45
CMR interaction 0.33ABMR interaction 1.10
AG MR interaction 0.97
BCMR interaction 1.12
ABGMR interaction 1.39
MSR interaction 4.32
AMSR interaction 3-94
BMSR interaction 3.30
CMSR interaction 2.42ABMSR interaction 3-93ACMSR interaction 5.05
BCMSR interaction 1.47
ABCMSR 4.65
Total 213.34

Degrees of 
freedom

Mean
squares P-ratio

9 0.829 9.63 **■
18 0.166 1.93 *
9 0.214 2.49 *
9 0.367 4.26 **
18 0.083 0.96
18 0.156 1.81 *
9 0.222 2.57 *

18 0.046 0.53

9 0.136 1.58
18 0.101 1.18
9 0.053 0.62
9 0.089 1.04

18 0.113 1.31
18 0.073 0.85
9 0.103 1.19
18 0.147 1.71

9 0.066 0.76
18 0.138 1.60
9 0.050 0.59
9 0.037 0.43
18 0.061 0.71
18 0.054 0.62
' 9 0.125 1.45
18 0.077 0.89

27 0.160 1.86
54 0.073 0.84
27 0.122 1.42
27 -0.089 0.43
54 0.072 0.84
54 0.093 1.08
27 0.054 0.63
54
767

0.086

*significant at0.05 level
**significant at 0.001 level
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Table 26. Analysis of variance of data obtained in second factorial 
design, i.e. for single-channel conditions (both non­
compression and compression) and two-channel conditions 
(compression only), with LDL frequency response.

Sums of Degrees of Mean
Source of variation squares freedom squares F-ratio

Amplitude. Mode (A) 1.59 4- 0.397 5.21 *#-
Listening Mode (CJ 51.07 1 51.075 66Q.52 -K-X-
AG interaction 0.59 4- 0.14-8 1.94-
Subjects (s) 9.28 3 3.093 4-0.55 **
AS interaction 1.52 12 0.12? 1.67
CS interaction 1.36 3 0.4-55 5-97 -X-X-
ACS interaction 2.4-0 12 0.200 2.62 *•

Modules or subtests (M) 32.07 3 10.691 14-0.14- *-*
AM interaction 3.15 ‘ 12 0.262 3.44 **
CM interaction 3.01 3 1.005 13.18 **■
ACM interaction 2.59 12 0.216 2.83 -X-

Replications (R) 3.98 3 1.329 17.4-2 **
AR interaction 1.64- 12 0.137 1.80
CR interaction 0.67 3 0.223 2.92 *
ACR interaction 1.12 12 0.093 1.22
SM interaction 5.13 9 0.570 7.4-7 **•
ASM interaction 3.66 36 0.101 1.33
CSM interaction 2.4-6 9 0.273 3-58 **
ACSM interaction 6.50 36 0.180 2.36 *•*

SR interaction 0.82 9 0.091 1.20
ASR interaction 4-.32 36 0.120 1.57 *
CSR interaction 0.56 9 0.062 0.81
ACSR interaction 4-.60 36 0.127 1.67 *

MR interaction 0.61 9 0.068 0.90
AMR interaction 3.87 36 0.107 1.4-1
CMR interaction 1.28 9 0.14-3 1.87
ACMR interaction 3.36 36 0.093 1.22
SMR interaction 5.70 27 0.211 2.77 -x-x-
ASMR interaction 9.51 108 0.088 1.15
CSMR interaction 2.77 27 0.102 1.34-
ACSMR interaction 8.23 108 0.076
Total 179.56 639

■^significant at 0.05 level
**significant at 0.001 level
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actions at the .001 level between Subjects and the following 
factors* Frequency Response, Listening Mode, and Subtests; 
and between Subtests and Listening Mode, Between Replica­
tions and Frequency Response, a significant interaction was 

seen at the .05 level.
At the .001 level, three-way interactions were seen 

among Subjects, Subtests, and Listening Mode. At the .05 
level, three-way interactions were seen among Amplitude 
Mode, Frequency Response, and both Listening Mode and Sub- 
tests. They were also seen among Subjects, Subtests, and 
both Amplitude Mode and Frequency Response, also at the 
.05 level.

In the second factorial design, consisting of five 
factors, statistically significant effects were found at 
the ,001 level for all five factors* Amplitude Mode, Lis­
tening Mode, Subjects, Subtests, and Replications. Inter­
actions, significant at the .001 level, were seen between 
Listening Mode and Subjects* and between Subtests and the 
following factors* Amplitude Mode, Listening Mode, and Sub­
jects. At the ,05 level, the interaction between Listening 
Mode and Replications was significant.

Also at the .001 level, three-way interactions were 
seen among Subjects, Subtests, and both Replications and 
Listening Mode. Three-way interactions, significant at the 
,05 level, were seen among Amplitude Mode, Listening Mode, 
and both Subjects and Subtests; and among Amplitude Mode, 
Subjects and Replications. A four-way interaction was seen
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among Amplitude Mode, Listening Mode, Subjects, and Subtests, 
significant at the .001 level.

Tables 27 and 28 give scores, by subject, as a func­
tion of Amplitude Mode, Frequency Response, and Listening 
Mode, for each of four replications. Means and standard 
deviations are also given.

The Effect of Amplitude Mode
The data showed that Amplitude Mode, Listening Mode, 

and Frequency Response were significant in the first fac­
torial design, and that the first two of these variables 
were also significant in the second factorial design (Fre­
quency Response was not a variable in the latter design). 
These scores, averaged over both subjects and replications, 
are shown in Figure 25. The scores are also given in 
tabular form in Appendix J, Table 30, All conditions in 
quiet yielded better scores than all conditions in noise, 
averaging 27$ better. LDL frequency response was con­
sistently better for any specific Amplitude Mode than was 
flat frequency response, averaging 5$ better over all con­
ditions.

In quiet, the maximum score obtained for both fre­
quency responses was under the condition of non-compression, 
without peak clipping (66$ for LDL frequency response, 61$ 
for flat frequency response). The poorest score was ob­
tained under the condition of non-compression, with peak 
clipping (57$ for LDL frequency response, 50$ for flat
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Table 27- Percent correct scores for subjects as a function of Amplitude M0de, Frequency

Response, and Listening Mode, for each of four replications. Means and standard 
deviations are also given. The scores for each Main Effect have been averaged 
over remaining factors.

SUBJECT Row Row Standard
Main Effect Replication MS HS FS BB Mean Deviation
Non-compression, 1 39 59 45 40 45.75 9.2
no peak clipping 2 50 65 43 42 50.00 10.6

3 48 58 *17 36 47.25 9.0
4 48 71 53 44 54.00 11.9

Column Mean 
Column Stan­

46.25 63.25 47.0 40.5

dard Deviation 9-.9 6.0 4.3 3.4

Hon-compression. 1 33 41 40 34 37.00 7.1
with peak clipping 2 36 48 46 42 43.00 5.3

3 40 54 41 34 42.25 8.4
4

Column Mean
Column Stan­
dard Deviation

35
36.0
2.9

60
50.75
8.1

43
42.5
2.6

31
35.25
4.7

42.25 12.8

Compression, 1 43 59 42 31 43.75 11.5
3:1 2 44 55 36 41 44.00 8.0

3 46 67 47 40 50.00 11.7
4

Column Mean
Column Stan­
dard Deviation

50
'+5.75 
3.1

61
60.5
5.0

45
42.5
4.8

35
36.75
4.6

47.75 10.8

Flat frequency 1 39 57 40 32 42.00 10.6
response 2 40 57 35 40 43.00 9.6

3 43 61 37 32 43.25 12.7
4

Column Mean
Column Stan­
dard. Deviation

42
41.0
1.8

64

59.75
3.4

37
37.25
2.1

30
33.5
4.4

43.25 14.7
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Table 27— continued.

SUBJECT Row Row Standard
Main Effect Replication MS HS PS BB Mean Deviation
LDL frequency 
response

1
2
CO 

r- 
r~

\ 48
55

44
49

38
43

42.00
48.50

4.9
5.0

3 46 58 53 41 48.50 7.5
4 46 64 57 43 52-50 9.7

Column Mean 44.25 56.25 50.75 41.25
Column Stan­

dard Deviation
4.2 6.7 5.6 2.4

Quiet 1 47 62 61 51 55.25 7.4
2 56 66 57 57 59.00 4.7
3 58 71 59 55 60.75 7.0
4 54 76 ol 53 61.00 10.6

Column Mean 53.75 68.75 59.5 54.0
Column Stan­

dard Deviation
4.8 6.1 1.9 2.6

Noise 1 30 43 ?5 20 29.50 9.9
2 31 46 27 27 32.75 9.0
3 32 48 31 20 ' 32.75 11.5
4 35 50 33 21 34.75 11.9

Column Mean 32.0 46.75 29-0 22.0
Column Stan­

dard Deviation
2.2 3.0 3.7 ' 3.4
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Table 28. Stercent correct scores for subjects as a function of Amplitude Mode and Listening 

Mode, for each of four replications. Frequency Response was LDL frenueney response 
:Tor all conditions. Means and standard deviations are also given. The scores for 
each Main Effect have been averaged over the remaining factors.

SUBJECT Row Row Standard
Main Effect. Replication MS HS FS BB Mean Deviation
Non-compression, 
no peak clipping

1
2

34
55

51
61

-P* CD 46
39

44.75
51.50

7.5
9.3

3 53 52 61 -36 50.50 10.5
4 51 71 63 47 58.00 11.5

Column Mean 48.25 58.75 55.75 42.0
Column Stan­
dard Deviation 9.6 9.3 7.4 5.4

Non-compression, 
with peak clipping

1
2

34
45

VO 
CO

44
55

40
42

38.50
47.50

4.4
5.6

3 35 52 40 38 41.25 7.5
4 38 58 57 41 48.50 10.5

Column Mean 38.0 48.5 49.0 40.25
Column Stan­
dard Deviation

5.0 9.3 8.3 1.7

Compression, 1 44 58 40 28 42.50 12.4
3:1 2 AH 55 42 48 46.50 6.5

3 51 69 56 49 56.25 9.0
4 6-9 62 52 41 51.00 8.7

Column Mean 46.25 6i.o 47.5 41.5
Column Stan­
dard Deviation

4.6 6.1 7.7 9.7

Compression, 1 33 59 30 33 38.75 13.6
3:lt 3:1 2 48 61 48 49 51.50 6.4

3 4l 60 55 39 48.75 10.3
4 46 59 52 31 47.00 11.9

Column Mean 42.0 59.75 46.25 38.0
Column Stan­
dard Deviation

6.7 1.0 11.2 8.1
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Table 28— continued

SUBJECT Row
Main Effect Replication MS HS FS BB Mean
Compression, 1 39 43 44 36 40.50

3*1 2 36 58 47 48 47.2 5
3 50 57 52 33 48.00
4 52 54' 52 47 51.25

Column Mean 44.25 53.0 48.75 41.0
Column Stan­
dard Deviation 7.9 6.9 3.9 7.6

Quiet 1 ^7 63 59 55 56.00
2 56 66 68 61 62.75
3 59 72 69 58 64.50
4 58 71 66 55 62.50

Column Mean 55-0 68.0 6 5.5 57.25
Column Stan­
dard Deviation 5-5 4.2 4.5 2.9

Noise 1 28 36 24 20 27.00
2 34 47 31 30 35.50
3 33 44 37 22 34.00
4 37 50 44 29 40.00

Column Mean 33-0 44.25 34.0 25.25
Column Stan­
dard Deviation 3.7 6.0 8.5 5.0

Row Standard 
Deviation

3.7
9.0 
10.4
3.0

6.8
5.4
7.0
7.3

6.8
7.9
9.?.
9.1
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Compression, 3 :1»3s1 
Compression, 1.5:1>3:1

Fig. 25« Percent correct scores obtained in both quiet and in 
noise for each of two frequency responses, and three 
Amplitude Modes for the first factorial design, and 
five Amplitude Modes for the second factorial design. 
Scores are averaged over subject and replication.
The values shown are also given in tabular form in 
Appendix J , Table 30.
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frequency response).
In noise, the maximum score for LDL frequency response 

was obtained with single-channel compression, 3*1 (37%)t 
with the condition of non-compression, no peak clipping 
being only one percentage point poorer • F°r flat
frequency response, non-compression, no peak clipping 
elicited the maximum score (33%)* The poorest score with 
LDL frequency response was obtained under the conditions 
of non-compression, with peak clipping, and two-channel 
compression, 1.5*1» 3*1 (31^ for both conditions). For 
flat frequency response, both non-compression, with peak 
clipping and single-channel compression, 3 si yielded equal­
ly poor scores (27^)0

The Effect of Replication 
There was a significant interaction between Replica­

tion and Frequency Response in the first factorial analysis, 
and between Replication and Listening Mode in the second 
factorial analysis. The results of these two interactions 
are combined and depicted in Figure 26. These results are 
also given in tabular form in Appendix J, Table 31o On 
the first replication, the scores obtained for flat fre­
quency response and LDL frequency response were very close, 
with a difference of only 1% in quiet and 2$ in noise0 
The data then showed that there was no time-order effect 
for flat frequency response in quiet or in noise. For LDL 
frequency response, a time-order effect existed in quiet, 
and an even greater one in noise. That is, the greatest
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Fig. 26. Percent correct scores obtained in "both quiet and in noise 
for each of two frequency responses and four replications. 
Scores are averaged over subjects and Amplitude Mode 
(three Amplitude Modes for flat frequency response, and 
five Amplitude Modes for LDL frequency response). The 
values shown are also given in tabular form in Appendix 
J, Table 31•
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increment in score was always seen between the first and 
the second replications, with the magnitude of this incre­
ment being 8% in both quiet and in noise. Then, in quiet, 
there was no further increase in score, but in noise there 
was an additional increase of 5?° to the final (fourth) 
replication.

Individual Differences Among Subjects 
There were several significant two- and three-way 

interactions involving subjects.. Some of these inter­
actions, involving Listening Mode, Amplitude Mode, Fre­
quency Response, and Replication, are shown in Figures 27 
through 30. The results are also given in tabular form 
in Appendix J, Tables 32 through 35r respectively. These 
data showed significant individual differences with respect 
to the joint effects of Amplitude Mode and Listening Mode. 
In-quiet, for flat frequency response, non-compression, 
with peak clipping yielded the poorest scores for all sub­
jects. With LDL frequency response, in quiet, this was 
true for only two subjects, with the other two scoring 
poorest in the two-channel compression condition, 3*1* 3*1« 

In noise, there was variation again: for flat fre­
quency response, two of the four subject scored worst with 
peak clipping, and the other two with one-channel compres­
sion, 3*1» For LDL frequency response, only one subject 
scored poorest in the non-compression, with peak clipping 
condition, with the other three yielding their poorest 
scores with two-channel compression. One must, however,
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2 3
Replication

4

Subjects 
x oMS

XHS
DFS
a b b

Mean

a. Amplitude Mode: 
Non-compression f 
no peak clipping

100

Mean

Non-compression, 
with peak clip­
ping

o□A
c . Amplitude Mode: 

Compression,
_j 3:1Mean

Percent correct scores obtained in quiet with flat fre­
quency response as a function of Amplitude Mode, repli­
cation, and subject, Mean scores are also shown. The 
values shown are also given in tabular form in Appendix 
J, Table 32.
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Fig. 28. Percent correct scores obtained in quiet with LDL fre­
quency response as a function of Amplitude M0de, repli­
cation, and subject. Mean scores are also shown. The 
values shown are also given in tabular form in Appendix 
J, Table 33.



Pe
rc
en
t 

co
rr
ec
t 

Pe
rc
en
t 

co
rr
ec
t

198

Fig. 28— continued
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Fig. 29« Percent correct scores obtained in noise with flat fre­
quency response as a function of Amplitude Mode, replica­
tion, and subject. Mean scores are also shown. The 
values shown are also given in tabular form in Appendix 
Jf Table
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Fig. 30. Percent correct scores obtained in noise with LDL fre­
quency response as a function of Amplitude M0de, replica­
tion, and subject. Mean scores are also shown. The 
values shown are also given in tabular form in Appendix 
J, Table 35.



Pe
rc
en
t 

Co
rr
ec
t 

Pe
rc
en
t 

Co
rr

ec
t

2 0 1

Fig. 30— continued

Subjects
lOOr. oMS

X HS 
□ FS 
a BB

20 Amplitude Modes 
Compression,

Mean
100

Mean
Replication

Amplitude Modes 
Compression,
1.5:1, 3:1



2 0 2

take into account the following* since the design used 
was actually two overlapping factorial designs, it was 
not completely balanced for all factors. That is, there 
were no two-channel compression conditions with flat fre­
quency response. For flat frequency response there were 
therefore three Amplitude Modes, whereas for LDL frequency 
response there were five. Thus, in looking at which 
Amplitude Mode yielded poorest (or best) scores, one is 
not looking at a completely balanced design. The deci­
sion regarding those conditions that were to be left out 
was based on earlier data obtained in the pilot study, 
and were those that were not expected to yield among the 
highest scores.

The individual differences also showed up for the 
conditions that yielded the best scores. For example,
FS*s best score in noise with LDL frequency response was 
with the Amplitude Mode of compression, 3*1$ 3*1. In 
quiet, also with LDL frequency response, the reverse was 
true* the Amplitude Mode of compression, 3*1» 3*1 yielded 
her poorest scores. However, although there were indi­
vidual exceptions, performance with Amplitude Mode of 
non-compression, no peak clipping resulted in best per­
formance consistently more often for more subject than 
did any other single Amplitude Mode.

In summary, although significant individual dif­
ferences and interactions were evident, the trend appeared 
to be that non-compression amplification,without peak
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clipping yielded the best scores for most subjects, whether 
in quiet or in noise, and whether with flat frequency re­
sponse or LDL frequency response. And, again under most 
conditions for most subjects, non-compression amplification, 
with peak clipping yielded poorer scores more often than 
did any other Amplitude Mode.

The data depicted in Figures 27 through 30 also pro­
vide information on time-order effects. For example, in 
quiet with LDL frequency response, the subject starting 
out with the poorest scores for most conditions on the 
first replication (MS) also showed the greatest overall 
improvement from first to fourth replication, averaging 
11% over the five Amplitude Modes. In noise, however, 
this pattern did not emerge. That is, the subject start­
ing out with the poorest scores (BB) did not show the 
greatest increment in score from first to fourth replica­
tion. Averaged.over Subjects,.time-order effect was not 
significant for flat frequency response, whether in quiet 
or in noise. For LDL frequency response there was an 
average increment in score of 6# in quiet and of 13# in 
noise, from first to last replication. However, even 
though a significant time-order effect was evident for 
the latter condition, there were also great individual 
fluctuations between replications, with scores not al­
ways rising consistently.

In comparing flat frequency response to LDL fre­
quency response, all subjects but one (HS) improved with
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the latter frequency shaping. For all subjects over all 
conditions, the improvement averaged 4$ in quiet and 6$ 
in noise. The greatest increment was apparent with the 
Amplitude Mode that generally yielded the poorest score, 
non-compression amplification, with peak clipping, averag­
ing 12$, Subject HS, whose dynamic range was the smallest 
of the four subjects (range of SRT to LDL was 20 dB), did 
worse v/ith LDL frequency response as compared to flat fre­
quency response, by an average of 7$, However, although 
his overall score v/as poorer v/ith LDL frequency response, 
he shov/ed a time-order effect that was greater for this 
frequency shaping than for the flat frequency response.
For flat frequency response, HS's scores improved, on the 
average, by 6$ from first to last replication, -but for LDL 
frequency response, they improved by 15$,

In summary, there were significant increments in 
score from the first to the fourth replication. These 
increments varied on an individual basis, and for different 
conditions. In addition, LDL frequency response yielded 
significantly higher scores than did flat frequency 
response, the magnitude of the difference being greater 
in noise than in quiet.

Analysis by Subtest 
Table 29 shows scores, by subject, for the four sub­

tests'of the NST, as a function of Frequency Response, 
these three variables having interacted significantly.
The analysis by subtest revealed that identification v/as



Table 29. Percent correct scores for each subtest of the Nonsense Syllable Test. Data are 
shown for each subject, as well as the mean scores across subjects. ■ Scores for 
flat frequency response are averaged over three Amplitude Modes, and scores for 
LDL frequency response are averaged over five Amplitude Modes. All scores are 
averaged over Listening Mode.

SUBTEST_______________  F r e q u e n c y _____________ SUBJECT
Number Description Response MS HS FS BB Mean

1 ,/uv/ voiced consonant Flat 18.7 52.3 19.9 30.9 29-7
following /u/ LDL 24.0 44.8 28.6 33-1 32.4

2 /uv/ voiceless.consonant Flat 53.4 68.6 56.6 41.2 55-1
following /u/ LDL 58.6 64.7 72.8 51.7 62.1

3 /iv/ voiceless consonant Flat 51.5 74.6 44.0 34.5 51.4
following /i/ LDL 51.0 61.4 53.2 44.5 52.5

4 M voiced consona.nt Flat 42.0 42.9 30.6 27.8 35.7
following /i/ LDL 42.7 54.0 43.0 33*2 43.1
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superior for voiceless consonants than for voiced, by ap­
proximately 20$. When /u/ or /i/ preceded a voiced con­
sonant, subjects scored approximately 8$ better, on the 
average, for /i/ (subtest *0 than for /u/ (subtest 1).
When the vowel preceded a voiceless consonant, subjects 
scored about 7$ better, on the average, for /u/ (subtest 2) 
than for /i/ (subtest 3)« The effect of frequency shaping 
differed for various subjects,. By subtest, it was least 
for MS, who shov/ed no differential effect between flat fre­
quency response and LDL frequency response for subtests 
containing /i/, and an improvement of about 5$ with LDL 
frequency response for subtests containing /u/8 On the 
other hand, with LDL frequency response, FS shov/ed improve­
ments of 8-16$ for subtests containing /i/, and of 9-12$ 
for subtests containing /u/.

There were several additional significant two- and 
three-way interactions involving Subtests and other vari­
ables. One significant four-way interaction involved Sub­
test, Amplitude Mode, Listening Mode, and Subject. Some 
of these interactions are depicted in Figures 31 through 3^> 
which show percent correct scores obtained for each subtest. 
Results are shown for both quiet and noise, by subject, as 
a function of Amplitude Mode and Frequency Response. These 
values are also given in tabular form in Appendix J, Tables 
36 through 39, respectively.

One of the findings that emerged was that in quiet, 
with flat frequency response, under the condition of non-



2 0 7

10Q-
90
80

870
o 6o ô50 
S^oH
£30 
20 
S£- 

100 
90

-P80
R70
060 
-£50
p lf-0 fH 
CDPh 30 
20

Subjects
oMS
xHS
□FS
ABB

a . Amplitude Mode: 
Non-compression, 
no peak clipping

/uv/ /uv/ /iv/ /iv/

/uv/ /uv/ /iv/ /iv/
100
90 -

^ 80 -

o
8 70 -

S 6o -

t 30
CD

8 ~
a>
Ph 30 -

20
irC_ ( _____    l_  I___

7 w  A y / / i y /  /i.v/
Subtest 

(see Table 29 for Key)

b. Amplitude Mode: 
Non-compression, 
with peak clipping

c. Amplitude Mode: 
Compression, 
3:1

Fig. 31. Percent correct scores obtained in quiet with flat fre­
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quency response as a function of Amplitude Mode, sub­
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tabular form in Appendix J, Table 37.
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Fig. 32—-continued.
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test. The values shown are also given in tabular form in 
Appendix J, Table 38.
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Fig. 34— continued
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compression, no peak clipping, subjects scored best, on 
the average, on /uv/ (voiceless consonant following /u/), 
and. second best on /iv/ (voiceless consonant following /i/). 
In noise, this pattern reversed itself, v/ith all subjects 
achieving their best scores on /iv/, v/ith /uv/ ranking 
second best.

The same pattern that applied to flat frequency re­
sponse in quiet applied to LDL frequency response in quiet. 
In noise, with LDL frequency response, on the average, sub­
jects achieved their best scores on /uv/, as they did in 
quiet, with /iv/ and /iv/ (voiced consonant following /i/) 
ranking second best for different subjects, respectively.

In quiet, the average difference in scores, for all 
Amplitude Modes, between /uv/ and /iv/ was 9%, -v/ith scores 
higher for the former subtest. In noise, however, there was 
no overall difference in scores betv/een these two subtests. 
In quiet, the difference in scores betv/een /uv/ (voiced 
consonant following /u/) and /iv/ v/as 5%» with scores bet­
ter for /uv/o In noise, this difference, still in the same 
direction, doubled to 10%,

With two-channel compression there v/as a reversal in 
the pattern of subjects scoring better on voiceless conso­
nants than on voiced. That is, in comparing scores achieved 
for /iv/ and /iv/, all subjects scored better on the latter 
subtest, involving voiced consonants. This reversal did 
not apply to the subtests containing the vowel /u/.

In summary, there v/ere significant diferences among
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subtes.ts. On the average, subjects scored better on sub­
tests containing voiceless consonants than on those con­
taining voiced consonants, and better on subtests contain­
ing /u/ than on those containing /i/.
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CHAPTER VII

DISCUSSION OF THE MAIN EXPERIMENT

The main experiment was designed to investigate the 
potential value of both single- and two-channel compres­
sion amplification in improving intelligibility for the 
hearing-impaired. Comparison of these modes of amplifica­
tion was made to a non-compression hearing aid, both with 
and without peak clipping.

The experimental design consisted of the following* 
two non-cempression systems, one single-channel compres­
sion system, and tv/o dual-channel compression s'ystems were 
evaluated for four subjects with sloping, moderate to 
moderately severe sensorineural hearing losses. All test­
ing v/as performed using a modification of the Nonsense Syl­
lable Test (NST) (Levitt and Y/hite, 1978), spoken by a 
female speaker in quiet and in noise, at a signal-to-noise 
ratio of 10 dB, The frequency responses used were a flat 
frequency response (0 dB/octave slope) and a frequency 
response shaped such that the amplified speech spectrum 
above 250 Hz lay uniformly below each subject's Loudness 
Discomfort Level (the "LDL frequency response curve")0 
Because of practical constraints on the subjects* time, 
the two-channel compression conditions employed only the 
latter frequency response.
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Implications of the Main Experiment 
Several findings were revealed by the data obtained 

in the main experiment. First* compression amplification, 
whether single-channel or dual-channel, v/as not found to 
improve subjects* speech discrimination. Rather, non-com­
pression amplification, without peak clipping, yielded the 
best discrimination score, on average, among all modes of 
amplification. The poorest performance was obtained, on 
average, for those conditions involving peak clipping. 
Second, the data showed the importance of individualized 
fitting of heaz*ing aids over a fixed frequency-gain charac­
teristic o Third, time-order effects were observed, pos­
sibly a combination of familiarity v/ith the test material 
and auditory learning. And fourth, voiceless consonants 
yielded better discrimination scores, with the exception 
of two conditions, than did voiced consonants. A discussion 
of each of these findings follows*

Amplitude Mode

In contrast to the present study, some recent studies 
(e.g. Villchur, 1973» Yanick, 1976) have shown that com­
pression amplification improves discrimination over non- 
compression amplification. However, their non-compression 
conditions which were used as references may not have 
included the best frequency-gain characteristics for each 
of the listeners, resulting in an artificial increase of 
scores with compression, For example, Villchur*s non­
compression system did not provide high frequency emphasis



on the grounds that high frequency emphasis without com­
pression might result in distress from environmental sounds. 
However, other studies on non-compression amplification have 
shown that individualized frequency-selective amplification 
with high frequency emphasis substantially improves dis­
crimination (e.g. Lippmann, 1978). Thus, Villchur's use 
of a non-compression system without high frequency emphasis 
as the reference condition may have resulted in artificial­
ly increased scores with compression.

Another example may be drawn from Yanick's studies.
In an earlier study, Yanick (1973) compared an individually 
fitted single-channel compression hearing aid to each sub­
ject’s own aid. His results demonstrated an advantage of 
the former over the latter in improving discrimination.
In this case, the reference condition, i.e. the subject's 
own aid, may not have been optimally fitted to the subject. 
This point was reinforced in a later study when Yanick 
(1975) compared his own instrument used as a non-compression 
aid to its use as a compression aid. In this latter study, 
where the hearing aid fitting v/as optimized for both condi­
tions, he demonstrated little or no advantage for compres­
sion.

Nonetheless, in the present study, the advantage of 
compression amplification may not have been realized for a 
number of possible reasons, which are discussed below.

Subject Differences
The individual differences found suggests that there
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may be subjects for whom compression would provide optimum 
performance, although none of the subjects in this study 
showed their best performance with compression. The slope 
and severity of the hearing loss may play a role in deter­
mining which subjects are aided best with a compression 
system. The dynamic range of Speech Reception Threshold 
(SRT) to loudness Discomfort Level (LD1) may also have an 
effect on which subjects are aided best. However, with 
reference to the last variable, even HS, who had. the nar­
rowest dynamic range of the four subjects (20 dB) did not 
show any substantial improvement with compression over any 
of the other subjects. On the other hand, Villchur (1973) 
tested subjects with narrower dynamic ranges than those 
used in the present study, and found compression amplifica­
tion to be superior. As pointed out by Villchur (1979), it 
may be that the combination of the use of moderately im­
paired subjects and a single, high presentation level 
made it possible to place the entire dynamic range of the 
non-compressed test material into the dynamic range of the 
hearing of the subjects.

Parameters of Compression Amplification
A second possibility as to why the advantage of com­

pression amplification may not have been realized relates 
to the parameters of compression amplification. The data 
obtained in the study shov/ed a large number of statistical­
ly significant two-, three-, and even four~vay interactions 
involving Amplitude Mode. This raises two issues* First,
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since different parameters of compression resulted in dif­
ferent relative performance among subjects, it is conceiv­
able that the optimum compression conditions for a given 
subject were not covered in the study. It is also possible 
that this optimum set of conditions is likely to differ 
among subjects. Second, these interactions raise diffi­
culties in comparing results of this study with other stu­
dies* Although the effect of an individual parameter can 
be studied, caution must be exercised in generalizing to 
other conditions, or to other studies, in that an inter­
action effect may have taken place (Nabelek, 1973). Thus, 
combining mode of amplification v/ith frequency responses 
other than those considered in the present study might 
have yielded different optimum conditions. Or,' the use 
of different compression ratios, individualized compression 
ratios, different threshold of compression, or different 
number of channels from that utilized in the present study, 
might have yielded better results for compression amplifica­
tion. However, with reference to the last variable,
Lippmann (1978), despite using 16 channels in his compres­
sion system, obtained similar results to those of the 
present study, which utilized only two channels. In addi­
tion, it is reasonable to expect the most noticeable im­
provement of multi-channel compression over single-channel, 
if there is one, to show up in the difference between use 
of one channel and of two channels. This did not occur 
in the present study.
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Level of Presentation of Test Materials
Use -of different stimulus levels might also have 

shown greater advantage for compression amplification.
In the present study, the stimulus level at the subject’s 
ear was estimated to be LDL minus 5 decibels. The results 
obtained were similar to those of Lippmann (1978), who 
presented his test materials at Most Comfortable Level 
(MCL) for most conditions. However, Lippmann also found 
that when reduced stimulus levels were used, his results 
were similar to those of Villchur (1973) (who also used 
a range of levels), i,e« compression amplification showed 
an advantage over non-compression amplification for low 
stimulus levels.

Restriction of Dynamic Range of Test Materials
A characteristic of conventional test materials, 

such as that used in this study and in other studies (e.g. 
Caraway and Carhart, 1967), is that the range of variation 
of the levels is relatively small. The intensity used for 
the NST was typical of a speaker talking in a steady voice 
from a fixed distance, with a dynamic range of approximate­
ly 25 dB. However, in real life, the dynamic range is much 
larger, ranging from very low level stimuli, e,g. a voice 
at a distance; to faii'ly intense speech, e.g. somebody 
close by. This is in addition to the noraal speech varia­
tions occurring in conversation. Thus, the advantage of 
compression amplification might not have been realized be­
cause of the restricted dynamic range of the test materials.
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Use of the NST as the Test Material
Related to the above point is the possibility that 

the optimum Amplitude Mode found for the test material 
used, the NST, may differ from the optimum Amplitude Mode 
for another type of test material. In a test situation, 
the material is fixed not only in terms of intensity, but 
also in terms of content. In real life, however, there is 
a great deal of variability in the speech signal reaching 
the listener. Hearing aid wearers find themselves in many 
different communication situations. It is therefore pos­
sible that the optimum Amplitude Mode for those conditions 
of hearing aid use tested in the present study may not be 
what is optimum for other communication situations.

Summary
In summary, the results obtained regarding Amplitude 

Mode imply that for the type of hearing-impaired listeners 
used in the present study, and with conventional test materi­
als, compression amplification is not superior to non-com­
pression amplification with individualized frequency shaping. 
However, it was effective in keeping intensity within a de­
sired range. Further, the alternative approach to limiting 
intensity, that of peak clipping, was found to cause deteri­
oration of discrimination for the hard of hearing. Compres­
sion amplification would thus be the desired form of inten­
sity limiting when such is necessary, as with listeners 
exhibiting a reduced dynamic range.
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Frequency Response
A second major finding involved the relative import­

ance of frequency-gain characteristics* As detailed in 
the Results section of the pilot study and the main experi­
ment, Frequency Response interacted significantly with Sub­
ject, and also with listening Mode. These findings indi­
cated marked individual differences in the effect of fre­
quency response. The interaction v/ith subject assumed 
great importance for the main study, since it supported 
the notion that proper individulized fitting is a pre­
requisite of assessing the relative merits of both compres­
sion and non-compression amplification.

The procedure used in determining the LDL frequency 
response curve involved use of a calibrated noise tape, 
as discussed on pages l6k through 168, This tape was 
specially prepared to .provide one-third octave bands of 
noise at equal levels, when played through the experimental 
equipment. The LDLs for one-third octave bands of noise 
were measured for each subject, using the calibrated noise 
tape. The frequency-gain function derived for each subject 
was referred to as the LDL frequency response curve, and 
was used in shaping the speech spectrum for several of 
the experimental conditions.

Two basic questions emerged from the use of this 
procedure. First, was the LDL frequency response approach, 
that is, placing as much of the speech spectrum as possible 
into the residual auditory area, the best approach? Second,
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was the specific method used in the present study accurate 
A discussion of these two questions follows#

Theoretical Justification of Use of LDL Frequency Response
In response to the first question, the fundamental 

philosophy of Watson and Knudsen (19^0), who were among 
the first proponents of selective amplification, was to 
"...fit the frequency-intensity areas occupied by the ampl 
fied speech sounds into the diminished and distorted audi­
tory sensation area." Recent research has shown that 
placing as much of the speech spectrum as possible into 
the residual auditory area, as advocated by Watson and 
Knudsen, has led to good speech perception. For example, 
Barfod (1972) and Lippmann (1978) restored the loudness of 
the peak 10$ levels of speech to their hearing-impaired 
listeners, resulting in improved discrimination. Their 
method v/as based on a similar approach to the LDL approach 
of the present study. Both their frequency-gain charac­
teristics, and that obtained by Watson and Knudsen from 
their most comfortable equal loudness contour, may have 
had similar shapes to the LDL curve used in the present 
study.

Individualized frequency shaping with the LDL fre­
quency response curve, correcting for the speech spectrum, 
allowed restoration of as much of the speech spectrum as 
possible for the hearing-impaired listeners (subject to 
possible limitations, mentioned belov/). With other pro­
cedures of frequency shaping, as soon as one frequency
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component reaches the LDL for a particular frequency, the 
overall intensity to the subject can no longer be raised. 
This is because a single peak of level at any particular 
frequency may use up a large part of the limited dynamic 
range available to a patient. Amp3.if ication can then be 
maximized for only some frequencies, with the amount of 
amplification at other frequencies being, of necessity, 
less than maximum.

In summary, an important issue in hearing aid re­
search is whether or not individualized selective amplifi­
cation. provides significant improvements in performance 
over a non-individualized frequency-gain shaping. The 
interactions obtained in the main experiment between sub­
jects and frequency response, which were highly signifi­
cant, support the view that individualized frequency shap­
ing is advantageous. Further, the LDL method, which re­
quires individualized frequency shaping, showed the highest 
scores for all conditions for three of the four subjects. 
The fourth subject (HS), who, on average, did not show the 
LDL response to be the best, nonetheless, showed signifi­
cant learning effects for the LDL frequency response, with 
scores being low at the beginning arid high at the end.. An 
analysis of the LDL frequency response curve for the four 
subjects showed an overall high frequency emphasis of 
between 5 and 10 dB, across subjects, for the frequency 
range of 1000 to ^000 Hz (referred to measurements in a 
6cc coupler), This is a steeper high frequency emphasis
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than that recommended by the Harvard study (Davis, et al., 
19^7). Nonetheless, it is not known how much better the 
LDL procedure is compared to a non-individualized frequency 
response with high frequency emphasis.

Method Used for LDL Frequency Response
The approach using the LDL frequency response curve 

appeared to have advantages in hearing aid selection, as 
discussed above. Issues arose, however, regarding the 
accuracy of the method used in obtaining the LDL frequency 
response. Among the issues were the followingi

The shaping of the LDL frequency response curve was 
based on the use of LDLs derived for one-third octave bands 
of noise. These bands were chosen for practical convenience. 
It is more likely, however, that the ear sums loudness in 
terms of critical bands. It would, therefore, seem to be 
more natural to have worked with the critical band, but it 
is not known exactly what the critical bands are for Loud­
ness Discomfort Levels. Nonetheless, if there is any devi­
ation between the one-third octave bands and the critical 
bands, it is likely to be consistent and systematic.

Another relevant issue was whether the LDLs obtained 
for one-third octave bands represented the LDLs for the 
same third octave bands for speech. In practice, the LDL 
for speech for the same one-third octave band may have 
differed, since the temporal pattern of noise does not 
fluctuate as much as that of speech. Nonetheless, the 
LDLs obtained for each one-third octave band of noise
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represented, to a first approximation, the LDLs for a broad 
band stimulus, namely speech, by one-third octave bands.

Another question that arose from the method used was, 
if every band was at LDL, how far was the sum of the bands 
above LDL, if at all? That is, when the contiguous bands 
were presented simultaneously, each one at LDL, was the 
resultant complex pattern at or above LDL? An informal 
subjective trial on a normal-hearing listener (Levitt,
1979) has shown the total Loudness Discomfort Level of 
the summed bands to exceed•the LDLs of the individual 
bands by several (about 5) decibels. In any case, the 
procedure used involved obtaining the LDL frequency response 
curve, and then adjusting the total gain of the summed LDLs, 
as discussed further below.

One part of the methodology involved an adjustment 
for the speech spectrum (see page 1?0). The values of the 
spectrum that were used in the adjustment were obtained 
from the data of Dunn and Y/hite (19^0). Those band levels 
which were exceeded 10$ of the time by the speech peaks 
were used in deriving the spectrum. Peak speech values, 
rather than the PJ-iS values, we re used for this adjustment. 
This was based on the reasoning that a person*s judgment 
of his tolerance for discomfort is based on the peaks of 
speech, rather than on the long-term spectrum of speech.
The 10$ level 'was chosen arbitrarily for practical reasons, 
although the speech peaks perceived by the auditory system 
may correspond to a different percentage level. However,
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this is not a crucial point, since Dunn and White's curves 
were essentially parallel for different percentage levels.

One last point related to the methodology used in­
volved the lower cutoff frequency. Because of the possi­
bility of upward spread of masking, that is, excessive low 
frequency amplification interfering with reception of the 
high frequencies, a low frequency rolloff at about 250 Hz 
was empirically applied. This correction was based on data 
obtained in the Harvard study (Dcivis, et al*, 19^7) e

Level of Presentation of Test Materials
A difficult question to answer in any evaluation of 

speech discrimination with various hearing aids is, with 
any given frequency response, at what level will the indi­
vidual's speech discrimination be at its maximum? As is 
well known, stimulus intensity has a marked effect on in­
telligibility. In this experiment, wide-band LDL minus 
5 dB was used, since this was consistent with the argument 
of maximizing the amount of speech in the residual hearing 
area. Traditionally, the maximum intell.igiblity has been 
at a predetermined level of approximately 35 decibels 
above the Speech Reception Threshold. However, some re­
searchers have found that the range of sensation levels 
at which maximum discrimination is obtained, e.g. PB-max, 
varies from one subject to the next. Thus, it has been 
hypothesized that if there is any single sensation level' 
at which maximum discrimination can be obtained, it might 
be the Most Comfortable Level. However, some studies
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which have investigated the relationship between the sensa­
tion level selected as most comfortable for loudness and 
intelligibility, and the sensation level at which the maxi­
mum speech discrimination is obtained, have failed to estab­
lish MCL as the level of maximum discrimination (Posner ,and... . 
Ventry, 197'?)* These results indicated that subjects did 
not choose comfort levels at which they could discriminate 
the best. In light of these findings, i.e. that subjects 
had significantly poorer discrimination at their comfort 
levels, even when subjective intelligibility was used as 
the criterion for selecting that level, it v/as decided to 
conduct experimental conditions at an intensity higher than 
MCL. In addition to the findings mentioned, Dubno and 
Hochberg (1977) found that when an adaptive procedure was 
used, hearing-impaired listeners with sensorineural hearing 
losses scored highest on speech discrimination testing v/hen 
the intensity of test administration v/as close to LDL.

It is, of course, recognized that v/hen a person 
wears a hearing aid, he is likely to set the aid’s volume 
at a level that he considers to be the most comfortable 
for his understanding of speech. However, many hearing 
aid wearers report that MCL is not fixed at any one level, 
but covers a range. Consequently, they readjust the hear­
ing aid gain to meet various communication needs. This 
often leads to the listener using levels higher than the 
level determined clinically as being the one sensation 
level representing MCL. Since there is a range of pos­
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sible MCL values, test-retest variability may be high, and 
might result in increased between-session variability. In 
the present study, although LDL did show variability for 
some subjects, it never amounted to more than 5 dB between 
sessions. This gave an additional advantage to the use of 
LDL, less a constant, as the level of test administration.

Summary
The magnitude of difference between flat frequency 

response and LDL frequency response, although statistically 
significant, averaged only in quiet and 6$ in noise, 
with the latter frequency response receiving the higher 
scores. But for the condition of non-compression, with 
peak clipping, the amount of improvement with the LDL fre­
quency response curve was 12$. This condition was the most 
difficult one for the subjects, yielding the poorest over­
all score. The implication was that as listening conditions 
became more difficult, the advantage of an individualized 
strategy for hearing aid fitting became increasingly apparent.

In summary, the practical significance of an indivi­
dualized strategy to hearing aid fitting is two-fold. First, 
use of a fixed frequency-gain characteristic did not appear 
to yield the best discrimination score for hearing-impaired 
listeners, as originally proposed by the Harvard study 
(Davis, et al», 19^7). Second, use of an individualized 
strategy for hearing aid selection, such as the LDL fre­
quency response curve, did significantly improve discrimina­
tion. Although the amount o.f improvement may not appear
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large under conditions of quiet, as listening conditions 
became more difficult, the amount of improvement became 
greater. The implication is that some form of individual­
ized frequency-gain shaping is desirable. It should be 
noted that this improvement was obtained in comparison 
with a flat frequency response (as measured in a 6cc 
coupler). It is not known how much better the LDL pro­
cedure is compared to a non-individualized frequency 
response with high frequency emphasis. Whereas the LDL 
frequency-gain characteristic may not necessarily be the 
optimum choice for all subjects under all conditions, it 
proved to be an advantageous form of frequency shaping, 
and can be obtained relatively easily in practice.

Time-Order Effect
A third finding in the main experiment involved a 

time-order effect, which was found to be significant under
i

certain experimental conditions. This effect was not ap­
parent for flat frequency response, but was apparent for 
LDL frequency response. Y/ith reference to the latter con­
dition, the effect existed in quiet (8$ increment in score 
from first replication to last replication), and to an 
even greater extent in noise (13$ increment in score from 
first replication to last replication). Not only did the 
magnitude of this effect differ for quiet and noise, but 
the pattern of the effect also differed. In quiet, the 
entire effect was apparent between the first and second 
replication (8$ increment). In noise, there was an
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equally large increment in score between the first two 
replications as there was in quiet* Then, after a plateau, 
there was an additional increment between the third and 
fourth replications (an additional 5%)•

Examination of the data showed that there was some 
evidence of familiarization with the test procedure* The 
average improvement was greatest for the first few trials* 
There was also some evidence of an improvement in dis­
crimination towards the end of the test, an effect that 
could be attributed to auditory learning* These effects, 
taken individually, did not reach statistical significance* 
In combination, however, the time-order effect was sig­
nificant*

The implication of this finding is that auditory 
training, in combination with hearing aid selection, may 
result in improved performance with a hearing aid* The 
time-order effect found was greater for that frequency 
response with which the subject was not familiar with 
listening, i«e* LDL frequency response* And, it was even 
greater when this listening situation was made more dif­
ficult by the addition of noise* Although the present 
study v/as not designed for the purpose of confirming this, 
the practical significance of these results suggests that 
hearing-impaired listeners might benefit from auditory 
training, especially in difficult listening situations.
This may be especially true for compression amplification, 
which may restore cues to the listener that- he has not
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heard for a long time.

Pattern of Phoneme Errors
A fourth finding in the main experiment involved 

the pattern of phoneme errors# Analysis by subtest re­
vealed that identification was superior for unvoiced con­
sonants than for voiced consonants, both in quiet and in 
noise# This raised the question of whether the voiceless 
consonants were more or less detectable than the voiced.
On the average, the relative, levels of voiced sounds pro­
duced in various contexts is greater than for voiceless 
sounds (Fletcher, 1953)* This is, however, a complex 
issue, since the voiceless consonants appear to be easier 
to detect in certain contexts. The finding of the main 
experiment was consistent with data obtained], in the Wear­
able Master Hearing Aid (WKHA) study (Levitt and V/hite,
1978) for syllables involving use of the sareie vowels as 
in the present study, i.e. /i/ and /u/„ (With the /a/ 
vowel, the pattern in the Y/MHA study was reversed, i.e. 
identification for voiced consonants was superior to that 
of unvoicedo) These findings appear to be characteristic 
of this particular recording of the Nonsense Syllable Test# 

The data obtained revealed the above finding con­
cerning /i/ and /u/ to be consistent in all test situations, 
except for the two dual-channel compression conditions, 
with LDL frequency response, in noise# Under these con­
ditions, the pattern reversed with voiced consonants su­
perior to unvoiced consonants, but only when following the
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vowel /!/• This result way have been attributed to the ef­
fect of the adjacent vowel. As illustrated in Levitt 
(1978a)* the spectrograms of some consonants may be modi­
fied by the vowels that precede or follow them. The first 
formant (F^) of /u/ and /i/ are 300 Hz and 370 Hz, re­
spectively, for female speakers. F^ would therefore not 
have been differentially affected in the two-channel con­
ditions, since the energy of for both vowels passed 
through the low frequency band, i.e. 250 Hz to 1500 Hz,
The second formant (Fg) is 950 Hz for /u/, and therefore 
still passed through the low frequency band. However, F2 
is 2800 Hz for /i/, and passed through the high frequency 
band, i.e, 1500 Hz to 6000 Hz, Because of a possible dif­
ference in the effect on F2 for /u/ and /i/ for the two- 
channel compression conditions, the effect on the follow­
ing consonants appears to have differed. The result was 
that the voiced consonants were superior to the unvoiced 
when following /i/, but not when following /u/. It is not 
apparent, however, why this differential effect was found 
for only one specific set of conditions of two-channel 
compression amplification.

Conclusions
In conclusion, the present study has shown that an 

individually fitted non-compression system offers an ad­
vantage over a one- or two-channel compression system.
That is, with frequency shaping individually adjusted to 
the subjects, better performance was achieved with non-



compression amplification than with compression,* This waD 
found to be true for subjects with mildly downward sloping, 
moderate to moderately severe sensorineural hearing losses, 
tested with a modification of the Nonsense Syllable Test* 
These results might, however, have differed under other 
conditions, with different test materials of greater dy­
namic range, or for subjects with different slope or sever­
ity of hearing loss* The results do not imply that com­
pression amplification is not advantageous over peak clip­
ping for intensity limiting* In addition, because speech 
has such wicle variations in level (a condition that was not 
included in the present study), it is possible that, on an 
average long-term basis, compression amplification may 
actually be better for the listener than non-compression 
amplification.
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APPENDIX A

Measured Input-Output Functions for Various Compression Ratios for
the Compression Amplifier

-20

m m
m m

m m

-60
I !. m m

T o
I I max

20-20
TC. IR

INPUT, dB re reference level

Fig.35* Measured input-output functions for various compression
ratios of the compression amplifier. Numbers on functions 
identify the respective compression ratios. Shown is the 
change in the dynamic range of the compressor with a 
change in the compression threshold to -20 dB re reference 
level. Explanations of abbreviations used are found in the 
key, on the following page.
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Appendix A, Fig. 35— continued

KEY
Minimum input level detectable above internalmin _ •noise.

0 . Minimum output level detectable above internal
noise. Varies as a function of compression 
ratio. The numbers in parentheses identify 
the compression ratio.

TC^ Threshold of compression, at input.
TC Threshold of compression, at output. Varies

as a function of compression ratio. The num­
bers in parentheses identify the compression 
ratio.

Ri Reference level, at input. Equivalent to 100
mv, ^

R Reference level, at output. Equivalent to 100
° mv.
1 Maximum input level prior to overload of input

circuit. For practical purposes, there is no 
further increase in output with increase in 
input above this level.

0 Maximum output level prior to overload of input
max circuit. Varies as a function of compression

ratio. The numbers in parentheses identify the 
compression ratio.
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Appendix A— continued

max

max20
(3:1)

-20

min

-20 20
min

INPUT, dB re reference level

Fig.36. Measured input-output functions for various compression
ratios for the compression amplifier. Numbers on functions 
identify the respective compression ratios. Shown is the 
change in the dynamic range of the compressor with a change 
in the compression threshold to 0 dB re reference level. 
Explanation of abbreviations found in the figure are in the 
key, on the following page.
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Appendix A, Fig. 36— continued

KEY
I .m m

0 .m m

TC.1
TC,
R.

R,

max

max

Minimum input level detectable above internal 
no is e,
Minimum output level detectable above internal 
noise.
Threshold of compression, at input.
Threshold of compression, at output.
Reference level, at input. Equivalent to 100 mv.
Reference level, at output. Equivalent to 
100 mv.
Maximum input level prior to overload of input 
circuit. For practical purposes, there is no 
further increase in output with increase in 
input above this level.
Maximum output level prior to overload of input 
circuit. Varies as a function of compression 
ratio. The numbers in parentheses identify the 
compression ratio.
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APPENDIX B

Frequency Responses of Compression Amplifier for Various
Compression Ratios •

- p3ft
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100 200 500 1000 2000 10000

Frequency, Hz

Fig* 37* Frequency responses of compression amplifier for various 
compression ratios. Input intensity -was at. the reference 
level, 100 mv. Frequency range was 250 Hz through 6000 Hz. 
Number on each curve identifies the respective compression 
ratio. Since the input is at reference level, there is no 
change in output intensity, despite changes in compression 
ratio.
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Appendix B— continued

*' * i * s • v j r "t >f -t c  t— » - « ’ t- "ij— r~

!

Io;
5 0 0 'rt 1000'>0 2000 5 0 0 0 10000

Frequency, Hz

Fig. 38. Frequency responses of compression amplifier for various compression ratios. Input intensity was +10 dB re the 
reference level. Frequency range was 250 Hz through 6000 Hz. The numher on each cur/e identifies the respec­tive compression ratio. Note that the greater the compres­
sion ratio, the less is the relalive amplification.
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Appendix B— continued

* ■ 7

-p
3ft-P3o
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•H-P
ft
tt)«
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200100 500 100002000 5 0 0 01000
Frequency, Hz

Fig. 39- Frequency responses of compression amplifier for
various compression ratios. Input intensity was -10 
dB re the reference level of 100 mv. Frequency range 
was 250 Hz through 6000 Hz. The number on each curve 
identifies the respective compression ratio. Note 
that the greater the compression ratio, the greater 
is the relative amplification.
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APPENDIX C

Frequency Response of the Compression Amplifier with
6 dB/Octave Slope

+>

100 2 0 0  5 0 0  1000  2 0 0 0  5 0 0 0  10000Frequency, Hz

Fig. 40. Frequency response of the compression amplifier at a 
compression ratio of 1:1, and a slope of 6 dB/octave. 
Frequency range of channel 1 was 250 Hz to 1500 Hz, and 
of channel 2,1500 Hz to 6000 Hz.
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APPENDIX D

Real Time Spectral Analysis of White Noise with the Compression Amplifier

5 dB

100 200 500 1000 2000 5000 1C000Frequency, Hz

Fig. M . Real time spectrum analysis of white noise at -10 dB re the reference level of 100 mv. 
The frequency response was 0 dB/octave, and compression ratio was 1:1. Frequency 
range was 125 Hz through 6000 Hz.



Appendix D— continued

5 dB

100 200 20001000 10000
Frequency, Hz

Fig. 42. Real time spectrum analysis of white noise at -10 dB re the reference level of 100 mv. 
The frequency response was 6 dB/octave, and compression ratio was 1:1. Frequency 
range was 125 Hz through 6000 Hz.



APPENDIX E
Measured Loudness Discomfort Levels for Subjects of the Pilot Study

Loudness Discomfort Levels (LDLs) and relative LDLs for speech, 
by subject, measured under six conditions (2 frequency responses 
x 3 bandwidths). The first part of the table shows the values 
for broad band condition (L^), with values given in dB HTL. The 
second part of the table shows the values for each of two channels 
(Li and Lg, respectively), with values given relative to channel 
1 (Li).

________FREQUENCY RESPONSE_________
0 dB/octave 6 dB/octave

Subject Subject

Si
B!
o
%pp

Broad band (L^), 
125 - 6000 Hz, 
dB HTL

Channel 1 (L*), 
125 - 1000 Hz
Channel 2 (L?), 
1000 - 6000 Hz, 
dB re L-i

RG RS KH LS RM RG RS KH LS RM
95 95 105 •110 locj 95 100\ 100 110 looj

0 0 0 0 c

5 10 10 15
15

0 j 0 0 0 0

Oo•<—t -10 0 10



Response Form for the

APPENDIX F 

Nonsense Syllable Test, Subtest One

OF OP OSH or OTH OK 03

OF OP OSH 0T OTH OK OS

OF OP OSH OT OTH OK OS

OF OP OSH or OTH OK OS

OF OP OSH OT - CTIH OK OS

OF OP CSH OT OTH OK OS

OF 0? OSH OT OTH OK 03

OF OP OSH OT 071-1 OK OS

ro
-O
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APPENDIX G

Audiograms Obtained for Each of the Four Subjects of the
Main Experiment

Frequency, Hzoou*> OO ooto
10

20 t-
3 0

4 0

6 0

7 0 0--- • jTest ear
on-test"8 0 ear

6-1 100

no

R .  L .

5 . R . T . 60 60
D I S C R I M I N A T I O N  ? 90 d B 6 8 ? . ' -—
D I 5 C R I M I N  A T I O N 8 5  d B ■— ■ 70%
T.D. (LDL) Speech 105 100

Fig. 43. Pure tone thresholds and speech audiometry results for 
subject MS, male, age 6l. Left ear was the test ear.
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Appendix G— continued

Frequency, Hz
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0
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60
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80 (r- .-o Te st ear 

ol_~-ô Npn-tc st90 ear
100

110

S.R.T.
R. L.

D I S C R I M I N A T I O N  4  1 0 5  <JB

D I S C R I M I N A T I O N   ̂ 80 dB
t .p . (LDlT Speech_____

80 45
?OW —
■— ?6C

1100 90

Fig. 44. Pure tone thresholds and speech audiometry results for 
subject HS, male, age 4-5. Test ear was the right ear.
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Appendix G— continued

Frequency, Hz
oo  o  .o  om ofs OCO
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0
O n  10 vO'O n
v-l 20

H  30 COisC  40
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70

i— IO 80 .Test \  4ear_ \
I Non-test ear "

0> 90

110

R. L.
S.R.T. 55 l»5
D I S C R I M I N A T I O N S  80 dB

K-v.!
So 

I 
so 

i —
D I S C R I M I N A T I O N . ?  100 dB
t.o.(LDL) Speech 95 105+

Fig. k5> Pure tone thresholds and speech audiometry results for 
subject FS, female, age 59 years. Test ear: was the 
right ear.
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Appendix G— continued

Frequency, Hz

4 0

©— — ©Test ear 
0—~ — “O ;Non-tejstO 80 
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S 90 

^  100

tear
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R. L.
S.R.T. _
D I S C R I M I N A T I O N 80 dB
D I S C R I M I N A T I O N S  7 5  d B

T.D. Speech

45 40
56% j 
"97"

' W  
" 90

Fig. 46. Pure tone thresholds and speech audiometry results for 
subject BB, female, age 69. Right ear was the test ear.
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APPENDIX H .

Pure Tone Thresholds, and LDL Frequency Response Curves, the Latter 
Both With and Without Correction for the Speech Spectrum, 

for each of the Four Subjects of the Main Experiment

125

100

&
oa)w

0)rQ•H
C)<D
P

75

50

PS

y *
X B

it

KEY
A-
Bif
C-
D-

250 500 1000 2000 4000 8000
Frequency, Hz

 19^9 ANSI reference thresholds, dB SPL
— * Thresholds for pure tones, dB SPL
—  LDL frequency response curve, dB SPL
— «Frequency-gain characteristic to put speech signal 

at LDL at all frequencies, i.e. curve C, corrected 
for speech spectrum. Values are given as relative 
dB, with overall gain determined by the subject's 
LDL for speech. This curve is the LDL frequency 
response curve for speech.

Fig. 4?. Normal pure tone thresholds (ANSI, 19&9); snd pure tone
thresholds, LDL frequency response curve, .and speech
spectrum at LDL, for subject MS.
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Appendix H— continued

125

100

75

50

25

0

_______1-----  1________t________ I ' i I125 230 500 1000 2000 T -000 8000
Frequency, Hz

KEY
A  -1969 ANSI reference thresholds, dB SPL
B *— * Thresholds for pure tones, dB SPL
C   LDL frequency response curve, dB SPL
p. .Frequency-gain characteristic to put speech signal

at LDL at all frequencies, i.e. curve C, corrected 
for speech spectrum. Values are given as relative 
dB, with overall gain determined by the subject's 
LDL for speech. This curve is the LDL frequency 
response curve for speech.

Fig. ^8. Normal pure tone thresholds (ANSI, 19o9)> and pure tone
thresholds, LDL frequency response curve, and speech
spectrum at LDL, for subject HS.
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Appendix H-continued

125

100

125 250 500 1000 2000 5ooo 8000
Frequency, Hz

KEY
A  19o9 ANSI reference thresholds, dB SPL
B*— x Thresholds for pure tones, dB SPL
G  LDL frequency response curve, dB SFL
D‘— « Frequency-gain characteristic to put speech signal 

at LDL at all frequencies, i.e. curve C, with 
correction for speech spectrum. Values are given 
as relative dB, with overall gain determined by 
the subject's wide-band LDL for speech. This 
curve is the LDL frequency response curve for 
speech.

Fig. ^9. Normal pure tone thresholds (ANSI, 19^9)i a^d pure tone
thresholds, LDL frequency response curve, and speech
spectrum at LDL, for subject FS.
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Appendix H— continued

125

100

___ ̂

•i-i

125 250. 500 1000 2000 4000 8000
Frequency, Hz

KEY
A - 1969 ANSI reference thresholds, dB SPL
B<— * Thresholds for pure tones, dB SPL
C -LDL frequency response curve, dB SPL
D»-- • Frequency-gain characteristic to put speech

signal at LDL at all frequencies., i.e. curve C, 
with correction for speech spectrum. Values 
are given as relative dB, with overall gain 
determined by the subject's wide-band LDL for 
speech. This curve is the LDL frequency 
response curve for speech.

Fig. 50. Normal pure tone thresholds (ANSI, 1969)? and pure tone
thresholds, LDL frequency response curve, and speech
spectrum at LDL, for subject BB.



APPENDIX I
Measured Loudness Discomfort Levels for Subjects of the Main

Experiment

Loudness Discomfort Levels (LDLs) and relative LDLs for speech, 
by subject, measured under six conditions (2 frequency responses 
x 3 bandwidths). The first part of the table shows the values 
for broad band condition (Lc), with values given in dB HTL. The 
second part of the table shows the values for each of two channels 
(L. and L?) respectively), with values given relative to channel
1 fl̂ ).

FREQUENCY RESPONSE
0 dB/octave LDL frequency response

Subject

w
sH
«
pq

Broad band (L^), 
250 - 6000 Hz, 
dB HTL

Channel 1 (L-̂ ), 
250 - 1500 Hz
Channel 2 (L2), 
1500 - 6000 Hz, 
dB re L .

MS HS FS BB
Subject

105 '110 '85 100

0 0 0 0

10 5 0 0

MS HS FS BB
105 100 90 100

0 0 0 0

5 10 10 10
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APPENDIX J
Results of Figures 25 Through 3^ in Tabular Form (Results of the

Main Experiment)

Table 30. Percent correct scores obtained in both quiet and in 
noise for each of two frequency responses and three 
Amplitude Modes for the first factorial design, and 
one frequency response and five Amplitude Modes for 
the second factorial design. Scores are averaged 
over subjects and replications. The values given 
correspond to those shown in Fig. 25.

FREQUENCY RESPONSE
AMPLITUDE MODE LISTENING MODE Flat LDL
Non-compression, Quiet 61 66
no peak clipping S/N = 10 dB 33 36
Non-compression, Quiet 50 57
with peak clipping S/N - 10 dB 27 31
Compression, Quiet 6o 61
3:1 S/N = 10 dB 27 37
Compression, Quiet 61
3:1, 3:1 S/N = 10 dB 33
Compression, Quiet 63
1.5:1, 3:1 S/N = 10 dB 31



Appendix J— continued

Table 31• Percent correct scores obtained in both quiet and in 
noise, for each of two frequency responses and four 
replications. Scores are averaged over subject and 
Amplitude Mode (three Amplitude Modes for flat fre­
quency response, and five Amplitude Modes for LDL 
frequency response). Mean scores are also given.
The values given correspond to those shown in Fig. 26.

Replication
LISTENING MODE FREQUENCY RESPONSE 1 2 3 4 Meai

Quiet Flat 55 58 56 58 57
LDL 56 63 65 63 62

S/N = 10 dD Flat 29 29 31 28 29
LDL 27 35 33 40 34
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Appendix J— continued

Table 32. Percent correct scores obtained in quiet with flat 
frequency response, as a function of Amplitude Mode, 
replication, ard subject. Mean scores are a.lso shown. 
The values given correspond to those shown in Fig. 27-

Repiication
AMPLITUDE MODE SUBJECT 1 2 3 . 4 Mean
Non-compression, MS 55 65 58 43 55
no peal: clipping HS 77 83 74 78 78

FS 62 49 43 57 53
BB 54 5? 52 62 56

Non-compression, MS 39 42 53 45 45
with peak clipping HS 53 51 67 80 . 63

FS 45 51 56 36 4 7
BB 38 50 ifU 40 43

Compression, MS 58 59 49 66 58
3:1 HS 66 • 77 ■78 80 76

FS 68 48 47 57 55
BB 46 55 51 49 50
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Appendix J— continued

Table 33* Percent correct scores obtained inquiet with LDL fre­
quency response, as a function of Amplitude Mode, 
replication, and subject. Mean scores are also 
shown. The values given correspond to those shown 
in Fig. 28.

Replication
AMPLITUDE MODE SUBJECT 1 2 3 4 Mean

Non-compression, MS 52 65 72 65 64
no peak clipping HS 62 66 68 79 69

FS 73 67 77 76 73
BB 65 57 49 61 58

Non-compression, MS 37 60 54 44 49
with peak clipping HS 48 54 60 63 56

FS 61 64 60 75 65
BB 53 67 62 47 57

Compression, MS 43 47 59 58 52
.3:1 HS 66 60 77 77 70

FS 5^ 65 70 62 63
BB 53 55 70 58 59

Compression, MS 40 60 55 60 54
3:1, 3:1 HS 75 80 80 75 78

FS 38 69 6? 44 55
BB 54 56 58 47 54

Compression, MS 61 50 57 61 57
1.5:1, 3:1 HS 63 69 75 61 67

FS 69 69 67 72 69
BB 50 69 48 63 58
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Appendix J— continued

Table 34. Percent correct scores obtained in noise with flat 
frequency response as a function of Amplitude Mode, 
replication and subject. Mean scores are also shown. 
The values given correspond to those shown in Fig. 29-

Replication
AMPLITUDE MODE SUBJECT 1 2 3 4 Mear
Non-compression, MS 32 26 30 45 33
no peak clipping HS 54 51 52 62 54

FS 22 25 23 29 25
BB 18 33 23 20 23

Non-compression, MS 24 16 36 20 24
with peak clipping HS 38 46 43 41 42

FS 26 25 27 24 25
BB 19 35 18 7 17

Compression, MS 28 33 31 34 32
3:1 HS 54 31 51 37 43

FS 21 16 31 21 22
BB 23 15 13 12 16
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Appendix J— continued

Table 35 • Percent correct scores obtained in noise with LDL 
frequency response as a function of Amplitude Mode, 
replication, and subject. Mean scores are also 
shown. The values given correspond to those shown 
in Fig. 30.

Replication
AMPLITUDE MODE SUBJECT 1 2 3 4 Mean

Non-compression, MS 19 44 33 37 32
no peak clipping HS 40 55 36 62 48

FS 24 34 43 49 37
BB 27 23 24 37 27

N on-c ompre ssi on, MS 31 31 18 33 28
with peak clipping HS 25 43 45 53 ■ 41

FS 28 46 22 37 33
BB 27 18 17 36 24

Compression, MS 46 36 44 39 41
•3:1 HS 50 50 61 45 52

FS 27 21 42 42 33
BB 8 42 28 24 25

Compression, MS 26 37 27 32 31
3:1. 3:1 HS 42 39 38 42 41

FS 22 28 42 60 37
BB 15 41 21 17 23

Compression, MS 19 24 43 43 31
1.5:1, 3:1 HS 23 46 38 47 38

FS 20 26 36 32 28
BB 23 28 20 32 25



Appendix J— continued

Table J6. Percent correct scores obtained in quiet with flat 
frequency response, as a function of Amplitude Mode, 
subject and subtest. The values given correspond to 
those shown in Fig. 31 •

Subtest
AMPLITUDE MODE SUBJECT /uv/ /uv/ /iv/ /iv/

Non-compression, MS 18.3 67.3 79.5 56.3
no peak clipping HS 65.8 91.6 89.1 59.6

FS 40.6 71.? 50.1 48.4
BB 43.3 66.7 58.5 56.3

Non-compression, MS 18.9 70.9 58.5 34.0
with peak clipping HS 67.6 79.0 67.5 36.4

FS 23-7 62.6 62.7 40.6
BB 48.5 58-5 39.4 26.5

Compression, MS 30.5 73.6 58.5 68.9
3:1 HS 66.0 84.5 90.1 56.3

FS 45.3 77.4- 55.1 40.6
BB 48.3 60.? 45.8 46.8
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Appendix J— continued

Table 37* Percent correct scores obtained in quiet with LDL fre­
quency response, as a function of Amplitude Mode, sub­
ject and subtest. The values given correspond to 
those shown in Fig. 32.

Subtest
AMPLITUDE MODE SUBJECT /uv/ /uv/ /iv/ /iv/
Non-compression, MS 39.0 80.8 77.8 53.2
no peak clipping HS 62.7 79.0 73-2 59.5

FS 54.7 89.I 79-5 65.8
BB 43-5 67.3 75-5 43.7

Non-compression, MS 20.0 67.3 50.0 59.6
with peak clipping HS 48.3 79-5 52.0 43.7

FS 52.1 85.9 71.2 48.4
BB 51.6 69.4 65/2 41.7

Compression, MS 28.9 67.3 54.3 56.3
3:1 HS 53.2 86.8 75.4 62.5

FS 42.2 85-9 80.4 37.3
BB 56.3 58.5 82.8 36.4

Compression, MS 31.1 77.-2 56.4 50.0
3:1. 3:1 HS 59-5 83.3 86.8 78.4

FS 27.1 75-4 67.8 48.5
BB 52.9 64.8 56.3 42.2

Compression, MS 34.1 79.0 66.8 46.8
1.5:1» 3:1 HS 67.7 65.3 79.5 54.7

FS 43.5 93.8 71.2 59.4
BB 50.0 64.8 67.3 48.4
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Appendix J— continued

Table 38- Percent correct scores obtained in noise with flat
frequency response, as a function of Amplitude M0de, 
subject and subtest. The values given correspond 
to those shown in Fig. 33*

Subtest
AMPLITUDE MODE SUBJECT /uv/ /uv/ /iv/ /iv/

Non-compression, MS 11.6 36.8 50.0 37-5
no peak clipping HS 42.1 57.1 73-8 45-3

FS 7.6 24.4 37.4 34.2
BB 16.4 26.2 35.2 16.6

Non-compression, MS 14.6 29.1 30.6 21.6
with peak clipping HS 32.7 41.6 62.8 31.1

FS 7.6 54.5 31.2 14.9
BB 22.1 17.2 18.’4 16.8

Compression, MS 20.0 41.5 30.8 35.4
3:1 HS 39-1 47.4 57.0 29.6

FS 7.6 47.8 28.7 11.6
BB 13.4 22.8 15.0 11.7



266

Appendix J— continued

Table 39* Percent correct scores obtained in noise with LDL fre­
quency response, as a function of Amplitude Mode, sub­
ject, and subtest. The values given correspond to 
those shown in Fig. 34.

Subtest
AMPLITUDE MODE SUBJECT /uv/ /uv/ /iv/ /iv/
Non-compression, MS 25.8 38.9 37.8 29.4
no peak clipping HS 37.2 54.3 45.8 56.5

FS 13-9 52.2 38.7 48.4
BB 13.0 52.2 28.5 20.2

Non-compression, MS 11.6 37.1 47.8 20.3
with peak clipping HS 32.3 30.8 63.2 38.8

FS 17.3 71.3 29.8 18.2
BB CO 

T—t 34.9 19.6 24.8

Compression, MS 27-5 45-7 58.7 34.3
3:1 HS 38.6 39.4 75.5 51.8

FS 18.9 45.8 43.1 25.0
BB 18.2 26,4 26.8 27.8

Compression, MS 20.0 39-3 26.8 37.3
3:1, 3:1 HS 3^.9 67.2 21.0 40.5

FS 14.6 6l.l 26.0 52.2
BB 15.3 29.2 22.6 24.8

Compression, MS 8.8 47.7 32.8 42.1
1.5:1, 3:1 HS 16.9 52.1 34.8 51.6

FS 14.0 50-7 21.8 30.8
BB 23-4 50.0' 8.4 25.7
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