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Abstract 
This paper describes three new procedures that could prove useful for 

the selection and evaluation of hearing aids in the future. First, an 
approach to hearing aid fitting based on the restoration of nonnal 
loudness patterns is described. Next, a means of evaluating the 
hearing aid fit for speech sounds, referred to as the phon-gram, is 
illustrated. Finally, the modified Speech Transmission Index (mSTI) 

is offered as a potential solution to the problems of score interpretation 
and generalization for speech recognition scores obtained in the 
hearing aid evaluation. These three new procedures serve to illustrate 

ways in which new technology and knowledge can be applied to the 
solution of problems confronting the audiologist and the hearing aid 
wearer. 

Resume 
L' auteur deer;t trois nouvelles procedures qui pourraient se reveler 
eventuellement utiles lors de la selection et de l' evaluation des 

protheses auditives. Premierement, if aborde une methode d' ajuste
ment des protheses auditives qui est basee sur le retablissement des 
niveaux normaux de sonorie. J/ detaifle ensuite des moyens pour 

evaluer l' ajustement des protheses auditives en se basant sur les sons 
vocaux (graphique connu sous le nom de "phon-gram"). Enfin, if 
presente l'index modifM de transmission de la parole (mSTI) comme 
solution possible aux problemes de l'interpretation et de la genera
lisation des resultats obtenus aux examens vocaux lors de l' evalua

tion prothetique. Ces trois nouvelles methodes servent ii illustrer des 
farons d' appliquer les nouvelles technologies et connaissances ii la 

solution des probJemes auxquels font face l' audiologiste et l' utilisa
teur de la prothese auditive. 

The author has been given the task of sketching out an agenda 
for future audiological research in the area of hearing aids. 
After several unsuccessful efforts to overcome the writer's 
block the author was experiencing as a result of this formida
ble task, the author decided to sketch out this agenda indi
rectly by describing his vision for tum-of-the-century hearing 
aid selection and evaluation protocols. In the process of de
scribing various features of these ideal protocols, the prob
lems standing between today's approaches and those of 
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tomorrow will be identified, either directly or indirectly. The 
research agenda will emerge then as research designed to 
eliminate these barriers to progress. The author begins first 
with his vision or dream of the future for hearing aid selection 
and evaluation. 

At the outset, however, several general assumptions need 
to be made about key players in this dream that are not 
directly related to the processes of hearing aid selection and 
evaluation. The hearing aid itself, for example, is assumed to 
have continued along its current path of development, which 
implies that the hearing aid of the year 2000 will be a 2 
channel programmable ITE or canal instrument with extreme 
flexibility in electroacoustic performance and minimal feed
back problems. It is assumed further that instrumentation 
permitting valid and reliable measurement of acoustic energy 
in the ear canal of the patient for a wide variety of simple and 
complex stimuli will become universally available, and that 
high-powered user friendly computers will be even more 
commonplace than today. 

Given these general assumptions about the state of tech
nology in the year 2000, it is clear that present day prescrip
tive approaches to hearing aid selection based on achieving 
target amounts of real-ear insertion gain will have vanished 
from all but the most archaic audiological practices. Inser
tion-gain measurements have evolved as an opportunistic 
middle man working between the theoretical objectives of the 
prescriptive method and the audiologist's ability to verify the 
accomplishment of those objectives. Few, if any, of the pre
scriptive methods actually describe as their theoretical objec
tive the provision of X dB of insertion gain at a particular 
frequency for a given hearing impaired person. Rather. most 
such methods have as their objective the amplification of 
speech to some loudness criterion, such as most comfortable 
loudness (MCL), upper limit of comfortable loudness 
(ULCL), midway between threshold and loudness discomfort 
level (LDL), the 60-phon equal-loudness contour, and so on. 
(See Humes [1986) for a review of several of these proce
dures.) Unfortunately, there was no easy way to verify that 
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these objectives were realized on a given patient and no 
obvious way to translate that information into the format 
needed to order the desired custom made, single-response 
analog instrument that was (and is) most commonly used. 
Through a series of assumptions, however, it was possible to 
translate the theoretical objectives of the method into recom
mended insertion-gain values and the emergence of relatively 
inexpensive computer-based probe-tube microphone systems 
offered a quick and reliable means of confirming the inser
tion-gain prescription. 

In the year 2000, however, hardware and software will 
likely exist to verify directly the theoretical objectives of a 
particular prescriptive method in an efficient manner thereby 
obviating the need for a middle man like insertion gain. In 
fact, early versions of at least three such systems have already 
been described in the literature (Kiessling, 1987; Cox & 
Alexander, 1991; Humes & Houghton, 1992). Moreover, re
call that the hearing aid of the year 2000 is assumed to be 
both programmable and extremely flexible electroacousti
cally so that custom circuits will not have to be selected for 
the patient and built at the factory. Rather, three or four 
instrument models covering the full range of amplification 
possibilities will be available from each manufacturer, and 
the audiologist will simply program the instrument in the 
office to meet the desired theoretical objectives as verified 
directly on that patient's ear. 

What will be the theoretical objective of amplification 
systems in the year 2000? Although few would argue that the 
sole purpose of amplification is to improve the understanding 
of speech so as to enhance human communication, equally 
few would argue against this as representing the primary 
purpose of amplification. With this purpose in mind, an ideal 
objective for the hearing aid of the year 2000 would be to 
make all speech sounds audible, but not uncomfortably loud, 
by restoring normal loudness sensation for these sounds in an 
impaired ear. Moreover, this objective should be realized for 
a range of speech levels, from soft to loud. 

There are many theoretically based prescriptive methods 
in use today that share this same general objective. Some 
methods, for example, select as target a criterion loudness 
value (60 phons, MCL, etc.), estimate these values for nar
rowband stimuli, and then verify the fit with narrow band 
stimuli presented at levels representing the longterm spectrum 
of speech. Speech itself, however, is broadband. Moreover, 
the hearing aid of tomorrow, like many today, is not likely to 
function the same way for both narrowband and broad band 
stimuli. The most valid information about the performance of 
the hearing aid will be obtained using a broad band stimulus. 
In the year 2000, if present trends continue, it is likely that 
most hearing aids will be evaluated with broad band speech 
signals themselves. 
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The use of broadband speech or speech-like stimuli in 
the selection and evaluation of hearing aids will present some 
new challenges to the audiologist. Successful realization of 
targets or objectives based on measures of overall loudness, 
such as MCL, can be deceptive, especially for broadband 
stimuli. Consider an extreme example for the MCL of a 
broad band speech signal, such as a voweL When such a 
vowel is presented at MCL to a normal hearing listener, 
ex citatory activity is distributed across a broad region of the 
cochlea, and the total loudness can be represented by the 
integral of that excitatory activity over cochlear place (or 
frequency). Now this same vowel is presented to a hearing 
impaired listener having a steeply sloping high-frequency 
sensorineural hearing loss. When the vowel's amplitude is 
adjusted to the MCL of the impaired listener, the underlying 
pattern of cochlear activity is likely to be quite different from 
that in the normal ear. The vowel will be at MCL in both the 
normal and the impaired ear, but the impaired ear can not be 
considered to have restoration of normal loudness sensation 
for this speech sound. 

What is critical here is the notion that what should be 
restored to normal in the hearing impaired ear is not just the 
overall loudness of a sound, but the way in which that loud
ness is distributed across frequency (or place) within the 
auditory system. Let me illustrate this notion with an analogy. 
Consider a loudness matching task performed by a normal 
listener between a narrowband of noise centered at 1000 Hz 
and a broadband noise. Listeners can match the overall loud
ness of these two stimuli without much difficulty, At equal 
loudness, however, the pattern of activity created in the auditory 
system is considerably different for the narrowband noise and 
the broadband noise. Whereas the narrowband noise will 
evoke a strong cochlear response in a narrow region, the 
equally loud broadband noise will result in a broader spread 
of activity with a lower response magnitude. Overall loud
ness is related to the total power of the stimulus, which is 
affected both by its spectral density and its bandwidth. If 
broad bandwidth speech or speech-like stimuli are to be used 
to evaluate the function of hearing aids in the year 2000, 
electroacoustically and perceptually, then targets based on 
the restoration of normal loudness pattems must be estab
lished. 

Loudness patterns, graphic displays of the distribution of 
loudness across frequency or cochlear place, have a long and 
significant history in psychoacoustics (Munson & Gardner, 
1950; Zwicker & FeldtkeIIer, 1967; Zwicker, 1975, 1982; 
Moore & Glasberg, 1987; Glasberg & Moore, 1990). Figure 
1 illustrates graphically the conversion of acoustic amplitude 
spectra for a 1000Hz tone and a broad band noise to underlying 
patterns of specific loudness using the framework of Zwic
ker. The top panel in this figure illustrates the amplitude 
spectra for both sounds (solid lines pure tone; dashed lines 
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Figure 1. Schematic Illustration of amplitude spectra for a 
1000Hz pure tone and a spectrally shaped broadband 
noise (A). The corresponding excitation patterns (B) and 
specific loudness patterns (C) for each stimulus also are 
shown. 
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Figure 2. Illustration of the excitation pattern (top) and 
specific-loudness pattern (bottom) for the vowel le! pre
sented at n dB SPL to a person with normal hearing. 
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= broadband noise). With this as input, the second panel 
illustrates the result of converting the amplitude spectra into 
so-called excitation patterns. Excitation patterns are based 
heavily on psychoacoustic masking patterns and represent 
these patterns in a plot of excitation level as a function of 
critical-band-rate in Barks or ERBs. The basic notion is that 
the encoding of sound in the auditory periphery can be lik
ened to analysis by a parallel bank of critical-band filters that 
span the range of audible frequencies, with the excitation 
level at a particular critical-band value reflecting the output 
of that particular critical-band filter. Computer programs now 
exist that calculate excitation patterns for complex stimuli, 
such as vowels, from an FFf of the stimulus (Moore & 
Glasberg, 1987; Glasberg & Moore, 1990). Examples of an 
excitation pattern and specific-loudness pattern for the vowel 
lel presented at 77 dB SPL are shown in Figure 2. 

The bottom panel of Figure I illustrates the specific
loudness patterns derived for the 1000 Hz tone and the broad
band noise whereas the lower curve in Figure 2 illustrates 
such a pattern for the vowel le/. Loudness patterns such as 
these are derived by using the corresponding excitation levels 
as input and applying a nonlinear transform, similar to Stevens' 
power law for loudness (Stevens, 1975), to convert excitation 
levels to specific loudness in sones per Bark. The result is a 
perceptually meaningful representation of a pattern of activ
ity that is akin to the physically meaningful representation in 
terms of spectral density. To derive the overall loudness of a 
particular sound, one just integrates specific loudness over 
critical-band-rate (just as spectral density is integrated over 
frequency to derive total power in the physical domain), 
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Figure 3. Specific-loudness patterns for the vowellel at 77 
dB SPL in an ear with normal hearing (nh) and one with a 
high-frequency sensorineural hearing impairment (hi). 
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As mentioned, computer programs exist that enable rapid 
calculation of excitation and specific-loudness patterns from 
an FFT of the stimulus. Thus, the loudness pattern evoked in 
a nonnal ear by a specific speech sound can be derived 
quickly and easily. Over the past few years, it has been 
demonstrated that this same basic loudness pattern frame
work can be used to account for the effects of sensorineural 
hearing loss on auditory perception (Humes, Espinoza-Varas, & 
Watson, 1988; Humes & Jesteadt, 1991; Humes, Jesteadt, & 
Lee, 1992). Moreover, this is accomplished simply from knowl
edge of the individual's pure tone hearing loss. With what is 
currently known, we are capable of quickly calculating spe
cific-loudness patterns for speech sounds for nonnal and 
hearing impaired listeners, with the only required input being 
the amplitude spectrum of the speech sound and the quiet 
thresholds of the impaired listeners. 

How can this knowledge be used to better fit hearing 
aids in the year 2000? Once the normal specific-loudness 
pattern is calculated for a particular speech sound, it serves as 
the target for restoration of normal loudness perception under 
aided conditions in the impaired ear. This is illustrated in 
Figure 3 for the vowel le/. Loudness patterns for this vowel 
have been calculated for a person with nonnal hearing (nh) 
and one with a sloping high-frequency sensorineural hearing 
impainnent (hi). With knowledge of the impaired person's 
loudness pattern for the same stimulus, the computer can 
quickly detennine the gain that would be required in each 
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frequency region to restore the loudness pattern to normal. 
After initial adjustment for a broadband speech sound, such 
as the vowel la!, additional vowels and consonants, espe
cially high-frequency steady-state fricatives (If, J ' sf), could 
be entered and gain values adjusted to optimize the match to 
targets across all speech sounds evaluated. Finally, this pro
cess could be repeated for the same set of speech sounds at 
speech levels that were soft, conversational, and loud. The 
gain values needed at each speech level in each frequency 
region would be useful in computer assisted selection of 
compression characteristics for each channel. In the end, we 
will have specified the gain required to restore nonnal loud
ness perception to a wide variety of speech sounds and for a 
wide range of speech levels. This, you'll recall, was indicated 
previously as our theoretical objective for hearing aid fitting 
in the year 2000. 

Unquestionably, the most significant barrier between 
this dream for tomorrow and the reality of today lies in the 
development of computer software to assist in the optimiza
tion of hearing aid settings. This, in fact, is a serious problem 
today. The audiologist of today is confronted with a myriad 
of instrument manufacturers. models, and settings and has 
been provided with little assistance or guidance regarding the 
criteria and procedures for selecting the most appropriate 
settings for a given patient. Many devices today have param
eters that can be adjusted. but only a very limited knowledge 
base exists to guide the audiologist in the selection of the 
most appropriate values for that parameter. Our ability to 
manage and use the technology has not kept pace with the 
ability of manufacturers to introduce new technology into the 
instruments. Computers will be increasingly needed to assist 
the audiologist in the selection of the appropriate instrument 
and in the initial optimization of the instrument's parameters 
for the patient. 

If the optimization software needed to implement the 
loudness pattern approach were available today, the procedure 
could still not be put into practice without further research in 
additional areas. The author mentioned. for example, that 
loudness patterns are derived from excitation patterns 
through a nonlinear power law conversion and that excitation 
patterns are themselves closely related to masking patterns. It 
is well known that even nonnal hearing young adults exhibit 
considerable variability in masking patterns (Zwicker & 
Schorn, 1978), especially for signal frequencies higher in 
frequency than the masker (i.e., upward spread of masking). 
Normal hearing young adults also show reliable and sizable 
individual differences in the slopes of their loudness growth 
functions (Stevens, 1975). The extent to which individual 
differences in these functions are important contributors to 
similar variations in understanding speech will determine 
whether valid loudness pattern targets can be constructed for 
impaired listeners on the basis of thresholds alone. Many recent 
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Figure 4. Phon-gram for a hypothetical hearing impaired 
listener having the indicated thresholds (open circles) 
and loudness discomfort levels (filled circles). The asterisks 
Indicate the ear-canal sound pressure levels of each of 
the speech sounds when presented at sound-field levels 
corresponding to a conversational speech level. 
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studies exploring the contributions of various psychoacoustic 
and cognitive factors to individual differences in speech un
derstanding performance, however, have consistently identified 
the hearing loss as the primary or sole explanatory factor (van 
Rooij, P10mp. & Orlebeke, 1989; van Rooij & Plomp, 1990; 
Heifer & Wilber, 1990; Humes & Roberts, 1990; Humes & 
Christopherson, 1991; J erger, Jerger, & Pirozzolo, 1991; 
Humes, 1992; van Rooij & Plomp, 1992; Dubno & Schaefer, 
1992). Individual differences in performance on other psy
choacoustic or cognitive tasks explain little of the variance in 
speech understanding performance. Thus, although individual 
differences in spread of masking and loudness growth exist, it 
appears that they are not critical to accomplishing the objective 
of improving speech understanding. Moreover, it is individual 
differences in the loudness growth function that may be the 
most critical, and these can easily be measured in a short 
period of time, if further research proves this to be necessary. 

The focus thus far has been on a means of establishing 
the appropriate gain and compression characteristics of the 
instrument. This is analogous to the "hearing aid selection" 
process for today's hearing aids, although we are selecting or 
optimizing the parameters of a very flexible programmable 
instrument and not selecting an instrument to be ordered. 
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Table 1. Acoustic characteristics of speech sounds used 
in phon-gram. Values are adapted from Hodgson (1986). 

Speech Region of Spectral Relative 
Sound Concentration Amplitude 

lul 300,870 Hz 58.3 dB 

01 570,840 Hz 60.0 dB 

101 730,1090 Hz 59.6 dB 

IfSl 660,1720 Hz 58.6 dB 

Ifl 1000-10000 Hz 38.7 dB 

If I 2000-5000 Hz 50.7 dB 

Isl 4000-8000 Hz 43.7 dB 

What about evaluation of the fit once it has been accomplished 
with the loudness pattern optimization approach? Loudness 
patterns, for the most part, are hypothetical constructs, not 
phenomena that are directly or easily measured. The theoretical 
objective of this hypothetical approach in the year 2000, 
however, was to restore normal loudness sensation for speech 
with the ultimate aim of making speech ranging from soft to 
loud audible, but not uncomfortably loud. One way in which 
this objective could be directly verified on the patient wear
ing the instrument is with the assistance of the phon-gram 
illustrated in Figure 4. The phon-gram is a plot of ear-canal 
sound pressure level for several speech sounds, with speech 
sounds arranged along the abscissa roughly from lowest to 
highest in frequency. All of the speech sounds shown in the 
phonogram were the same ones evaluated in the initial computer 
optimization of the hearing aid's electroacoustic response, 
except that the vowels are now just two form ant versions 
rather than the full five formant versions used in the optimi
zation. By using just the first and second formants. these 
vowels can be made more frequency specific without negatively 
affecting perception. The frequency ranges encompassed by 
the various speech sounds and their relative amplitudes in 
conversational speech are indicated in Table I (Hodgson, 
1986). Taken together, these speech sounds encompass a 
spectral range from approximately 300 to 10,000 Hz and 
almost the full range of amplitudes in conversational speech. 

The hypothetical phon-gram method of hearing aid evalua
tion would proceed as follows in the year 2000. Two measures 
will be obtained from the impaired listener for each of these 
speech sounds without the hearing aid: ear-canal sound pressure 
levels corresponding to detection threshold and to loudness 
discomfort. Thresholds and LDLs from a hypothetical hearing 
impaired listener are shown in Figure 4. Next, the hearing aid 
would be inserted and the ear-canal sound pressure level mea
sured for each of these speech sounds presented at levels repre
senting their intensity in soft (S), conversational (C), and loud 
(L) speech. The measured levels for each speech sound would 
then be plotted with the appropriate symbol and connected. 
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Figure 5. illustration of an aided phon·gram for the same 
hypothetical hearing impaired listener shown in the prevl· 
ous figure. Letters connected by solid lines represent 
ear~anal sound pressure levels of each speech sound 
when presented at sound·field levels corresponding to 
soft (S), conversational (C), and loud (L) speech. 
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A phon-gram derived in such a manner for the aided 
listening conditions is shown in Figure 5 for our hypothetical 
hearing impaired listener. We can see that, for all but the 
phoneme If I presented at a level corresponding to soft speech, 
we have accomplished our objective of making a wide range 
of speech sounds audible, yet not uncomfortably loud. We 
have accomplished this, moreover, using speech sounds directly 
rather than using artificial acoustic stimuli and making infer
ences about speech. Although of moderate to broad bandwidth, 
the speech sounds chosen here are frequency specific enough 
to suggest modifications in the programming of the instrument 
should the desired objectives not be accomplished. 

To my knowledge, there is nothing impeding the devel
opment of an evaluation tool such as the phon-gram, using 
today's technology. Inexpensive, standardized, real-time gen
eration of high quality speech sounds is possible today, for 
example, using personal computer based versions of the Klatt 
speech synthesizer, and the necessary signal analysis capabilities 
can be found in many present day probe-microphone systems. 

The same speech sounds used both in the optimization 
software to initially adjust hearing aid parameters to target 
and in the phon-gram could also be used to further evaluate 
the fitting of the instrument in a closed-set nonsense syllable 
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identification task. Of course, the set of speech sounds could 
easily be expanded beyond those seven used in the phon
gram to allow a more comprehensive evaluation of perfor
mance. A closed-set nonsense syllable identification task 
patterned after that of the CUNY NST (Res nick et ai., 1975) 
and administered and scored rapidly by the computer would 
be a nice starting point. A system having these capabilities is 
already in existence (Humes & Houghton, 1992). Immediate 
results from analyses of errors on the speech recognition task 
could also be used to quickly identify "problem" speech 
sounds for future rehabilitation or hearing aid adjustment. 

With the advent of real-ear insertion-gain measures over 
the past decade, many audiologists have abandoned the use 
of speech recognition testing as part of the hearing aid evalua
tion and are content to confine the evaluation process to 
confirmation of prescribed insertion gain. Although conve
nience and clinical expediency are certainly two factors con
tributing to the disuse of speech recognition testing as part of 
the hearing aid evaluation, problems of score interpretation 
and generalization have also been major contributors to its 
demise. The problem of interpretation is simply one of evalu
ating what a speech recognition score of X% means for a 
particular hearing impaired listener wearing a hearing aid in 
a given test environment. For example, is X% better or 
worse than expected, gi ven the hearing loss of the patient, the 
amplification characteristics of the instrument. and the test 
conditions and materials? Further, if it is worse than ex
pected, what does the audiologist do witbthat information? 
The problem of generalization is also an interpretive issue, 
but one of broader scope. If the listener performs as expected 
with the instrument when listening to nonsense syllables in quiet 
while in a sound-treated test booth, what does that have to 
with listening to their grandchild in a noisy playroom? 

In the year 2000, acoustic indices, such as the Articulation 
Index (AI; French & Steinberg, 1947) and Speech Transmis
sion Index (STI; Steeneken & Houtgast. 1980). may offer 
some solutions to the problems of score interpretation and 
generalization. Although the AI is probably the more widely 
known of these two indices, the author will focus on the use 
of the ST! because it lends itself more readily to acoustic 
evaluation of hearing instruments. In particular, the author 
will briefly describe a modification of the STI, referred to as 
the mST!, which we have validated previously as an acoustic 
predictor of speech recognition performance in normal hearing 
and hearing impaired listeners (Humes et ai., 1986; Humes et 
aI., 1987; Humes, in press). 

Briefly, the mST! measures modulation transfer functions 
(MTFs) for modulation frequencies ranging from 0.5 to 16 
Hz in octave steps in each of fifteen l/3-octave bands ranging 
from 250 to 6300 Hz. The MTFs can be measured in a variety 
of ways (Houtgast & Steeneken, 1978; Schroeder, 1981; Polack 
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Figure 6. Transfer function relating proportion correct on 
a speech recognition task to the modified Speech Trans
mission Index (mSTI). Solid line represents mean function 
whereas the dotted lines represent 95% confidence inter
vals around the mean. "A" and "B" represent the aided 
speech recognition scores of Listener A and Listener B. 
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et aI., 1984), but the most appropriate way for application to 
nonlinear devices, such as hearing aids, would appear to be 
through the use of a 100% intensity-modulated speech
shaped noise carner with subsequent analysis in 1/3-octave 
bands. Although measurement of the mSTI in aided listening 
conditions with a probe-tube microphone placed in the ear 
canal of the hearing aid wearer is technically feasible today, 
the author knows of no such systems presently in existence. 

Further details about the measurement of the mSTI are 
not important here. What is of importance in the present 
context is how an appropriately implemented mSTI can help 
overcome the problems of score interpretation and general
ization in the hearing aid evaluation. First, regarding score 
interpretation, further work with the mSTI must continue to 
support a strong relationship between the mSTI and speech 
recognition score across a wide range of listening conditions, 
including those involving aided and unaided listening by 
hearing impaired listeners. If such a relationship is observed, 
then the mSTI can be used to predict the speech recognition 
score for a given hearing aid wearer obtained for a specified 
set of test materials and listening conditions. Confidence bounds 
can then be constructed around the predicted score, and the 
aided performance of the individual listener can be evaluated 
relative to those bounds. In this way, the observed score can 
be compared to a range of "expected" scores to determine 

104 

whether the instrument wearer is performing as well as can be 
expected given the constraints of the test conditions. An ex
ample of this type of application of the mSTI is illustrated in 
Figure 6. TIris figure contains a hypothetical function relating 
the proportion correct on a word recognition task to the mSTI, 
with the thin dotted lines representing 95% confidence inter
vals constructed around the mean function (solid line). Also 
shown are the data points for two different listeners, A and B, 
who have obtained the same aided word recognition score of 
72%. Based on these scores alone, one might conclude that 
these individuals are deriving equivalent benefit from their 
hearing aids. As shown in this figure, however, Listener A is 
performing as predicted by the mST!, whereas Listener B is 
receiving poorer than expected benefit from the amplification 
device. Thus, the mSTI can be used to help establish guide
lines for expected levels of performance for a given listener, 
hearing aid, and test condition. This information, together 
with an analysis of the types of errors or confusions made by 
the listener in the speech recognition testing, can be an effective 
guide to subsequent aural rehabilitation and counselling for 
those patients performing below expected levels. 

For those performing at or above expected levels of 
performance on the speech recognition task, the mSTI offers 
a powerful solution to the problem of score generalization. 
An attractive feature of the mSTI is the multiplicative property 
of the MTFs underlying the mSTI (Steeneken & Houtgast, 
1980; Humes, in press). A series of 1/3 octave band MTFs 
can be obtained for any acoustic system, including a variety 
of rooms and hearing aids. A catalog of such MTFs could be 
established, for example, for the audiometric test booth in 
which the testing is conducted, a typical living room, a con
ference room, a set of churches or synagogues, and a variety 
of classrooms. The aided MTFs could then be obtained in the 
test booth for the hearing aid wearer. This would be accom
plished with a probe-tube microphone in the ear canal and 
appropriate adjustment of the MTFs for the hearing loss of 
the listener (Humes et aI., 1986; Humes, in press). If the 
application of the mSTI is validated for a particular set of 
listening conditions and speech materials for the hearing aid 
wearer (Le., the wearer performs as expected like Listener A 
in Figure 6), then the mST! can be used to estimate how well 
that listener will do in any of the other rooms contained 
within the MTF catalog. This is accomplished quite readily at 
the level of the MTF by dividing the MTFs measured in the 
aided condition by the MTFs representing the audiometric 
test booth in the catalog and then mUltiplying the result by the 
MTFs representing some other room or set of listening condi
tions in the catalog. By establishing psychometric functions 
between performance and the mSTI for several different speech 
materials, moreover, it would be possible to generalize not 
only to other acoustic environments and listening conditions, 
but also to other types of speech material as well (e.g., non
sense syllables vs. sentences). 
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Much additional research is needed with the mST! be
fore it can become a useful solution to the problems of score 
interpretation and generalization. Although MTFs have been 
successfully measured from hearing aids using a 2 cm3 coupler 
and a hearing aid test box (Ahlstrom, Boney, & Humes, 
1984), they would ideally be measured in the ear canal of the 
listener with a probe-tube microphone. In addition, more 
work is needed to validate application of the mST! to aided 
and unaided performance from individual listeners. It is un
certain as to whether the mST! can be reliably used to estimate 
the expected performance of individual listeners in aided and 
unaided conditions. To the author's knowledge, moreover, 
the multiplicative property of MTFs that is essential to the 
"catalog solution" to the score generalization problem has 
never been rigorously evaluated. Nonetheless, the foregoing 
discussion of the mST! and its application to the problems of 
score interpretation and generalization in the hearing aid evalua
tion illustrate a way in which acoustic indices such as the mST! 
may be used in the year 2000 as a solution to these problems. 

As with all dreams or visions, the details that seemed so 
clear and sensible at the time fade rapidly under closer 
inspection and with the passage of time. The same may cer
tainly prove true for the loudness pattern approach to hearing 
aid fitting, the phon-gram method of hearing aid evaluation, 
and the use of the mST! as a tool to facilitate interpretation of 
speech recognition scores in the hearing aid evaluation. In the 
present context, however, the prognostic accuracy of the details 
are not as important as the general features of the protocols, 
the problems they illustrate, and the solutions they offer. It is 
hoped that through discussion and careful examination of new 
protocols, such as those described here, we will move closer 
to the ultimate objective of restoring normal auditory func
tion to hearing impaired listeners through use of amplification. 
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