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Preface.

Knowles Electronics through its subsidiary Industrial Research Products, Inc., developed the KEMAR
Manikin as a tool for improving the measurement and reporting of performance of hearing aids. Since its
first description and introduction in 1972, a number of hearing aid manufacturers, research audiologists and
others have investigated the characteristics of hearing aids when mounted on the KEMAR Manikin, and also
have sought out other applications in which it is desired to simulate actual use of acoustical devices on
people or the interaction of an average person with the acoustical environment. During the intervening time
a number of useful techniques have evolved which greatly simplify the reporting of in situ characteristics of
hearing aids. The results have been sufficiently useful and worthwhile to lead several hearing aid manufac-
turers to begin reporting hearing aid performance in terms of data obtained on the KEMAR Manikin.

As with many new measurement tools when they are first introduced, several philosophies of use evolved
and it was considered appropriate that a forum be created wherein the interested persons could share their
experiences, compare procedures and results and, thereby, achieve a uniformity of use and reporting.
Ultimately this might lead to standardization of simulated in situ measurements of hearing aids. Two
conferences were organized and sponsored by Industrial Research Products, Inc., one in Zurich on March 4,
1976 and one in Washington, D.C. on April 5, 1976 for this purpose.

Several persons accepted our invitation to talk about their experience with the KEMAR Manikin. Following
the conferences the contributors who had made formal presentations, were asked to provide a manuscript
summarizing material they presented. This volume contains those manuscripts, as submitted, and aiso
contains a summary of my remarks as the organizer, which were not otherwise covered by the contributed
manuscripts. The conference at which the respective contributors presented their material is indicated with
each chapter. My own contributions are a summary of material presented at both conferences and no
distinction as to the date is made, for these chapters.

Material was presented on some applications of a non-hearing aid nature. This information is helpful
because it indicates the uses and limitations of manikins but the main emphasis was on applications to
hearing aid characterization.

An important result of a conference of this type is the discussion that is stimulated. The conference
proceedings were recorded and the discussions that followed the various presentations are inciuded to
indicate some of the concerns and some of the points of agreement that existed at the conclusion of the
conferences. :

It is hoped that, in a small way, these proceedings will provide a base from which the delivery of hearing
aids to the hard of hearing can be further improved; and that by virtue of the participation of engineers,
audiologists and researchers who are working with auditory prosthesis, the forum has provided an
interchange of ideas of benefit to the community. We also anticipate that the information exchanged wiil
find its way into the deliberations that are necessary to achieve standardization in this area.

As organizer | am indebted to my colleagues at Industrial Research Products, Inc., Knowles Electronics,
Inc. and Knowles Electronics Limited, for their help in making arrangements for the conferences and for
their assistance in preparation of material. | would particularly like to acknowledge the assistance of R.J.
Maxwell in the collection of some of the data and evaluating some of the procedures, presented in Chapters

10, 11, 12 and 13. The conferences and the publication of this proceedings came about through the support
and encouragement of Hugh S. Knowles.

Elk Grove Village, Hlinois USA Mahlon D. Burkhard.
February 1978.
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Chapter1.

Introduction

Summary of Introductory Remarks by Hugh S. Knowles,
President, Knowles Electronics, at the Conference held
April 5, 1976, in Washington, D.C.

I'd like to take a moment to put this conference
into a larger context. We first felt the need a num-
ber of years ago of calling people’s attention to the
difference between IEC 118 standards measure-
ments, which at that time were also ASA [now ANSI]
hearing aid measurements, and what occurs in the
real world of in situ performance of hearing aids on
listeners. In a group of three-day workshops started
by the Hearing Aid Industry Conference in 1959, we
attempted what we thought was Messianic work of
trying to interest hearing aid manufacturers and
dispensers in the differences by pointing out what
was known about the sound transmission into an
ear from a remote source and from a hearing aid.
Acoustical measurements people were doing re-
search with physical measures which they under-
stood thoroughly as being representative of the
performance of the hearing aid. They did not con-
cern themselves with subjective measurements.
Everyone that was involved in such measurements
knew the limitations. The people in the field who
were trying to apply the results found that any
relation between, for example, the response vs
frequency graph as plotted and its behavior in real
life was purely coincidental. The people making the
physical measurements, and who were involved in
much of the standards committee work, were well
versed in the relevant phenomena and were con-
cerned that measurements could be compared
worldwide among laboratories. But somehow the
relationships and limitations escaped the people
who were trying to apply them. As a result, we
found thousands and thousands of hours of re-
search in the behaviorial field which was misguided
because of misunderstanding of the limitations of
the physical measurements.

We became increasingly concerned over this di-
lemma and, finding that we had somehow not com-
municated our enthusiasm to organizations that we
. thought should carry out the necessary work, we in
Industrial Research Products undertook some of
the developments and research ourselves. Two
considerations were dominant in our thinking: The
solution we might come up with would be done
more promptly because we would be willing to
tolerate larger errors than would prestigious in-
stitutions such as a National Bureau of Standards
or a National Physical Laboratory. Secondly, we
could get the results into the hands of persons who
need the information quickly.

The acoustic behavior of what appears to be a
simple thing, an ear, was incompletely understood

and comprehensive physical measures are amaz-
ingly lacking in the literature. We have Edgar Shaw
to thank for very much of the recent work that's
been done in this field. It is well known that
2-cm® couplers do not represent the ear at all well.
The 2-cm® coupler was standardized thirty-odd
years ago, and | remember the committee that
prepared the standard expected it to have a
five-year life. It was, and still is, an extremely useful
device, if one recognizes its limitations, for hearing
aid and hearing aid receiver measurements. Recent
developments that increase the frequency range of
receivers for hearing aids have emphasized the
need for circumventing these limitations. But a
more important need was the push to use direc-
tional microphones in hearing aids. Conventional
hearing aid measurement soundboxes and other
production control-type systems were completely
unsuitable for evaluating these devices. They sim-
ply must be measured or referred to the in situ

. conditions. This requires either a jury of reasonable

size or development of an objective instrument
method, and this suggested the manikin approach.

Another need resulted from the introduction of
the CROS fitting for hearing aids, or putting it more
generally, the leaky type of insert or earmold.
Sound reaches the ear or the tympanum directly as
well as by amplification through the hearing aid.
Because diffraction plays such an important role in
the sound arriving at the tympanum, it must be
accounted for. One cannot just make a cavity. We
cannot hide behind the simplistic approach that
has been used in IEC Committee SC-29C, for
many years, which was that we should be satisfied
with a coupler having a driving point impedance
that corresponds to the acoustic termination of the
particular earphone, be it circumaural, supra-aural
or an insert receiver. The transfer characteristics of
the ear in normal in situ use must be duplicated.

These considerations are what finally got us
launched on this comprehensive program of devel-
oping an acoustic measurements manikin primarily
for hearing aid research and engineering. It was not
our intent, nor our expectation, that we could, in
any reasonable length of time, turn out something
that would not be subjected to considerable com-
ment on the part of purists, but we were hopeful
and have been very gratified to find that people
who recognize the need for this type of device have
been cooperative in making constructive criticisms
and suggestions- about the KEMAR manikin. We
hope we have left the device sufficiently flexible so
that these improvements can be made.

I would like to add comments which are a by-
product of preparation for a recent presentation to
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the AAAS [Boston, February 1976]. There are in the
world, depending on your criteria on hard-
of-hearing, approximately 200 million people who
need some kind of hearing prosthesis. This in-
cludes, of course, all of the under-developed coun-
tries. Psychological research has shown that hear-
ing is very important, not only specifically to
speech communication in the narrow sense of the
word, but also to the level of performance of the
individual in his social environment. Research
keeps pushing back the age at which lack of nor-
mal hearing should be determined in a very small
child. Unless corrective measures are taken very
early, a child never attains the asymptotic perform-
ance, as we measure it in our modern scholastic
system, of which he may be capable. Hearing is an
extremely important function in the performance of
the individual in our culture.

The emotional trauma that goes with lack of
hearing is a difficult thing to assess quantitatively,
but it is readily observable by persons working with
the deaf. The hard-of-hearing see visual stimuli
around them: They see people talking; they see
people laughing; they are continually aware of
things that they are missing the response to, and
they can easily become paranoid and feel that, for
example, laughter is at their expense.

Thus, whatever this group here today can
achieve in the way of improving our knowledge of
protheses will have tremendous value to the vast

group of hearing impaired. That is why it is so
important for people who are professionally in-
volved with the problems, primarily audiologists,
otologists and otolaryngologists, and engineers, to
sort out and improve upon the various aspects of
prothesis design and specification.

Much of the basis for hearing aid engineering
and specification, today, is from studies that are
quite old, such as the Medical Research Council
report (London, 1947) and the work at the Harvard
laboratory. Now, many decades later, technology
has moved ahead so that it is possible to do things
that were impossible then. For example, size which
contributes to vanity is an important factor in
people’s selection of hearing aids. Technology has
permitted many of the cosmetic requirements to be
attained with the design of small devices that
have broad frequency range and a good sig-
nal-to-noise ratio. In short, the technology has got-
ten considerably ahead of our understanding of
what the optimum characteristics of hearing aids
should be. The clinical work to tell the engineers
what to build, lags behind what the industry is
capable of providing technologically. We hope very
much that a seminar of this type will stimulate
persons working in the field to pursue vigorously
the measurement and interpretation of hearing aid
performance in ways that will provide useful pros-
thesis to that 200 million population of hard-
of-hearing people.



Chapter 2.

Ahthropometric Manikin For Acoustic Research

M.D. Burkhard

R.M. Sachs
Industrial Research Products, Inc.

The following description of the KEMAR manikin is re

printed with permission from the Acoustical Society

of America. It was the basis of a presentation by Mr. Burkhard in both the Zurich and Washington

Conferences.

For reference in other parts of the proceedings, figures in this Chapter will be preceded by 2—.

A manikin for hearing aid and related acoustic research was designed with median human adult dimensions.
Ear simulation matches the acoustic response with an auricle, an ear canal, and an eardrum that equal the
median ear in dimensions, acoustic impedance, and modes. Dimensions of torso and head are based on
published anthropometric data, but the auricle is based on data obtained for this development. The ear canal
and eardrum are adapted from the earlike coupler by Zwislocki. The ear entrance sound pressure was found
to be relatively insensitive to surface or skin impedance of the head. Validating measurements show the
manikin, designated KEMAR, to be like a2 median human in acoustic response to free fields.

Subject Classification: 65.22, 65.80, 65.35, 65.82.

INTRODUCTION

Head and body diffraction effects encountered when
fitting hearing aids have been recognized and evaluated
a number of times. However, the advent of head-worn
hearing aids equipped with directional microphones and
the newer Open ear hearing aid fitting techriques, such
as CROS and vented earmolds, create a new need to de-
termine the performance under more lifelike condi-
tions. The various parameters needed to convert a
standard free-field hearing aid response to the equiva-
lent performance on an average individual may be de-
termined for each fitting method, but a realistic esti-
mate usually requirés a number of observations on a
number of individuals. Physical conditions vary enough
among the various fittings, e.g., microphone type and
position on the head or body, hearing aid location, and
ear canal closure conditions, that only a few param-
eters apply to all situations. As a further experimental
constraint, it is sometimes difficult to vary only one or
two parameters at a time with an individual to deter-
mine their effect on the overall acoustic response of the
hearing aid. An appropriately proportioned and de-
signed manikin would provide lifelike test conditions and
experimental flexibility. KEMAR (Knowles Electronics
Manikin for Acoustic Research) was constructed as a
test and evaluation tool that gives wearer simulation of
all types of hearing aid fittings using the following
criteria. :

(1) Average anthropometric dimensions of an adult
human.

(2) Ear canal and eardrum to match real ears in open,
partially closed, and closed ear use.

(3) Acoustically and dimensionally average pinna.

(4) Easily exchangeable pinna to permit study of ear
size effects.

(5) Reproducibility.

Romanow (1942) showed how sound diffraction around
the body of a hearing aid wearer altered a hearing aid
response and should be taken into account. A test was
proposed by Carlisle and Mundel (1944) to include body
diffraction, the so-called body baffle effect, in a body-
worn hearing aid response measurement. More re-
cently, Wonsdronk (1959) studied the diffraction problem
for head-worn hearing aids by recording over~the~ear
hearing aid responses on ten men and ten women. He
then attempted to simulate the diffraction effects with
two simple head models: a sphere and a box each with
simple auricles. His main conclusion was that diffrac-
tion around these simple models could not duplicate that
of the human body, especially below 2 kHz. A large
minimum in over-the-ear pressure at 1300 Hz mea-
sured on his subjects was not reproduced. A plaster
cast of a human head was unexplainably inadequate.

An attempt to take into account torso diffraction by add-
ing absorbing material between the head models and

the anechoic chamber floor did not change the conclu-
sions significantly, probably because a human torso is
acoustically reflective rather than absorbent.

Lifelike heads without torsos have also been used for
acoustic measurements by Nordland {1962), Kasten and
Lotterman (1967), Damaske and Wagener (1970), Mel-
lert (1972), Von Wilkins (1972), and Muldoon (1973).
Bauer et al, (1966) constructed a reproducible head and
torso. This manikin has a }-in, -thick Plastisol “flesh”
overlaid on a polyester fiberglass skull, artificial
pinna, ear canals and eardrums (with 1-in. microphones
at the eardrum locations). Its dimensions are larger
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than the mean or average human adult, matching the
average dimensions of the original seven male astro-
nauts of the NASA Mercury Program.

Only Bauer ef al. (1966) appear to have given atten-
tion to duplicating ear canal sound transmission. Open
ear canal sound pressure transfer ratios on their mani-
kin agreed with the Wiener and Ross (1946) data to with-
in 3 dB for frequencies below 5 kHz. Damaske and
Mellert (1969) and Von Wilkins (1972) matched “dummy
head” open ear response characteristics to the subjec-
tive loudnesses perceived by listeners in a free field
with various angles of sound incidence. Nordland (1962)
was only concerned with interaural phase and ampli-
tude differences as a function of azimuth angle, and
therefore made no attempt to duplicate the frequency
response characteristics of an ear. Unlike others,
Kasten and Lotterman (1967) were concerned chiefly
with head diffraction effects on hearing aids connected
to earmolds that closed the ear canal, and thus did not
consider the details of the ear canal simulation. Simi-
larly, Muldoon was concerned with diffraction effects
in the monitoring of occupational noise exposure of

HEAD

HEAD
BREADTH ‘]
TRAGION
TO WALL
1. 9
HEAD -
MENTON-
HEIE;[H_T N E . VERTEX
; LENGTH
NECK DIA.- TRAGION I
TO SHOULDER —
BITRAGION - L
DA SHOULDER_ '
BREADTH
 CHEST
BREADTH

FIG, 1. Anthropometric measures used in design of KEMAR,
workers and did not take account of the ear canal.

I. KEMAR DESIGN DIMENSIONS
A. Torso and head

Each dimension of the manikin was chosen to repre-
sent an average human adult. Particular attention was
given to head and torso dimensions believed to be criti-
cal acoustically. Principal references were Churchill
and Truett (1957), giving data on head and face dimen-
sions from a 1950 survey of over 4000 male flying per-
sonnel (mean age 28) and 852 WAF trainees (mean age
20), and “The Measure of Man” portfolio by Henry
Dreyfuss (1967). Important dimensions are shown in
Fig. 1: The bitragion diameter (head diameter at
notch above tragus, i.e., at the anterior notch), head
size (length, breadth, and chin to head top length), lo-
cation of ears on head, neck diameter, shoulder and
chest breadth, and the distance from shoulder to ear.
The final dimensions of KEMAR are compared to male
and female median values in Table I. In all cases
KEMAR dimensions are within 4% of the average.

4

B. Ear canal and eardrum

Design of the ear canal and eardrum simulator to
match acoustic data of real ears was based on the coup-
ler design of J. J. Zwislocki (1970, 1971). Figure 2
is a cross-section drawing of the eardrum portion of the

TABLE I. Dimensions for KEMAR and average human adults,
in centimeters,

Median Median Average

male female human KEMAR

Head breadth 15.5 14,7 15.1 15,2
Head length 19,6 18,0 18.8 19,1
Head height 13.0 13.0 13.0 12,5
Bitragion diameter 14,2 13.5 13.85 14,3
Tragion to wall 10.2 9.4 9.8 9.65
Tragion to shoulder 18.8 16.3 17.55 17,5%
Neck diameter 12,1 10.3 11.2 11.3
Shoulder breadth 45,5 39.9 42,7 44,0
Chest breadth 30.5 27.7 29.1 28,2
Menton vertex length 23,2 21.1 22,15 22.4

*Adjustable over +1,.27 cm,

coupler. The Zwislocki coupler has a central cylindri-
cal hard wall cavity with diameter (7.5 mm) close to

an average human adult ear canal. Four side branches
R1 through R4, located near the microphone, synthe-
size the aconstic impedance variation with frequency
that has been observed on ears. Each side branch con-
sists of a series acoustic network with inertance, resis-
tance and compliance. The KEMAR ear canal length
from the entrance to the 3-in. microphone (eardrum)

<
o

ﬂ “M3I Mid

=<
A AR

1

‘7

=, o— RECTANGULAR
BLOCK

R 1 STATIC PRESSURE
2 RELEASE

FIG. 2. Schematic drawing of Zwislocki eardrum simulator,



EAR
LENGTH

PROTRUSION — EAR

LENGTH °
ABOVE
TRAGION

HORIZONTAL
ANGLE

CONCHA

CONCHA LENGTH .
DEPTH BELOW

TRAGION

termination is 2.15 em. This length is less than on the
average person for two reasons: The sound velocity is
greater at body temperature than at room temperature,
and the microphone compliance adds effective length.
Thus, the canal resonance frequency of the coupler
matches the average ear. Most calibrating couplers
have synthesized the acoustic impedance of the ear seen
by an external source, such as an earphone, but lack
geometrical reality and hence the transfer impedance
synthesis which the Zwislocki coupler accomplishes and
which is necessary in a general purpose acoustic test
manikin.

C. Auricles

Auricles were selected to be dimensionally and acou-
stically average. Only the external dimensions of the
adult pinna have been reported in the literature for a
large sample (e.g., Dreyfuss, 1967; Alexander and

TABLE II, External ear dimensions,

VERTICAL

FIG. 3. Auricle measures used in

design of KEMAR, (1) Upper pinna-
skull notch; (2) antihelix; (3) inter-
tragal notch; (4) crus of helix,

CONCHA
LENGTH

CONCHA
BREADTH

Lauback, 1968), namely, ear length, ear length above the
tragion, ear breadth and ear protrusion. Studies by
Yamaguchi and Sushi (1956), Shaw and Teranishi (1968),
and Shaw (1966, 1972) have emphasized the importance

of concha shape, size, and orientation in determining
the acoustic responses of the ear. Although Zwislocki
deduced concha dimensions from the ear impedance data
of Delaney (1964), no quantitative measures were used
that could be correlated to acoustic free-field response
deemed essential to a satisfactory manikin. So the re-
maining auricle dimensions of concha depth, horizontal
angle, concha length, concha length below the tragion,
concha breadth, and vertical tilt were measured on 12
males and 12 females and are the basis of selection.

All of these dimensions are given in Fig. 3 and Table

Io.

Concha opening breadth, length, and length below the
tragion can be measured readily with calipers or rulers.

Averages Standard deviation
s 12 12 12 12 50% 50%

Dimension Male Female Overall Male Female Overall KEMAR Male®* Female* Average
Ear length cm 6. 85 6.24 6, 55 0.59 0,38 0,58 5.89 6.35 5.84 6.10
Ear length above tragion cm 3.30 3,07 3.19 0.41 0,20 0.34 2.7 3.04
Ear breadth cm 3.77 3.36 3.57 0.24 0.27 0.33 3.1 3.55 3.3 3.42
Ear protrusion cm 2,28 2,03 2,16 0.22 0,23 0,26 1.85 2,10
Ear protrusion angle deg 156.7 155.1 155.9 8.6 9.7 9.0 158
Vertical tilt front view® deg 3.0 2,7 2.9 3.2 3.6 3.1 7
Vertical tilt side view®  deg 7.6 4.7 6.2 2.8 3.4 2.8 6
Concha volume em®  4.65 3.94 4,30 0,76 0.81 0.85 4.0
Concha length cm 2.73 2.53 2,63 0.23 0,20 0,24 2.45
Concha length, tragion

to lower notch cm 1.74 1.62 1.68 0.16 0,16 0.17 1,82
Concha breadth cm 1,88 1,72 1,80 0.21 0,21 0.22 1.57
Concha breadth tragion

to helix cm 1,82 1.65 1,73 0.27 0,22 0.25 1,39
Concha depth cm 1,29 1,29 1.29 0.12 0,08 0.10 1.33

*Dreyfus (1967).

YFour males and four females,



The front edge of the ear is first identified by a line
from the upper pinna-skull notch to the anterior edge
of the intertragal notch. Breadth is the perpendicular
distance between this line and a parallel line tangent to
the antihelix. Concha length is the distance from the
intertragal notch to the intersection of the crus of helix
with the lower crus of antihelix. Both length and
breadth were measured from photographs and are from
projections onto a plane tangent to the head. There-
fore, the tabulated breadth is about 10% smaller than if
measured in a plane tangent to the pinna. Concha depth
and volume were determined from ear impressions.
Each impression was weighed immediately after re-
moval and volume calculated. The impression was then
sectioned and the depth measured as indicated in Fig.
3. Concha shapes varied considerably among the 24
subjects.

The pinna on an average person from our sample tilts
inward from vertical at the bottom with an angle of 3°.
This is determined by locating a line vertically on the
side of the head that passes over the center of the ear
canal entrance, and just touches the upper and lower

20~

2 FEMALES

-10-

20-

dB re FREE FIELD

12 MALES

100 1000 10000
FREQUENCY, kHz
FIG. 4. Ear canal entrance sound pressures, 12 males, 12

females, sound source at 90° azimuth angle, 1m. Free field is
the reference pressure condition,

edges of the pinna as viewed from the side. The angle
this line forms with vertical when viewed from the front
is the pinna tilt angle, front view, and is slightly larg-
er, 7°, on KEMAR, to fit other average head dimen-
sions judged to be acoustically more important.

The final selection of an appropriate average auricle

also took account of frequency dependence of sound
pressure at the ear canal entrance of the same 24 sub-
jects. Pressure at the ear canal entrance and at the
eardrum, although different from each other as shown
by Weiner and Ross (1946) and others, exhibit the same
dependence on concha and other external ear reso-
nances, sound direction and diffraction around the head
and torso. In other words, the variation of the eardrum
to ear canal entrance sound pressure ratio depends only
on the characteristics of the ear canal and eardrum.
Thus it is unnecessary to evaluate the sound pressure
at the eardrum of the subjects, if the ear canal acous-
tics studies can be accepted. For measurement of
sound pressure at the ear canal entrance, an equalized
Knowles Electronics BT-1751-type microphone was
placed in the bottom of the concha with its sound port
projecting over the open ear canal entrance. The fact
that the external ears of people are acoustically dif-
ferent can be appreciated from the collected plots of
sound pressure in the concha for 12 adult males and 12
females with 90° sound source azimuth angle shown in
Fig. 4. Nevertheless, there are common features that
have been identified by Shaw and Teranishi {1968) for a
nearby point sound source as correlating with external
ear excitation modes. Frequencies of pressure re-
sponse minima f; and f; are identified with the § and
length modes of the ear canal, while the frequencies of
pressure response maxima F; and F, give a measure

of the total effective length of the combined concha and
ear canal for i and $ wavelengths. The two frequencies
/1 and f; exhibit good consistency in predicting the aver-
age effective length of the ear canal. Frequency j;
could be identified for all subjects. Another response
minimum at frequency f,, which is attributed to the con-
cha only, was identifiable on the response curves for
ten males and only five females with 90° sound inci-
dence and with nine males and five females with 0° inci-
dence, In the nine persons exhibiting the minimum of
f,at both 0° and 90° incidence, the.average frequency
was 0,27 kHz higher for 90° incidence. According to
Shaw and Teranishi (1968), equivalent lengths of the ear
canal and the total ear have the following relationships
to these singularity frequencies where c is the velocity
of sound: L,=c/4F,, l,=c/4f;, 13=3¢c/4fs and Ly=3c/
4F,.

In Table I, the average of these frequencies and the
equivalent lengths are shown for the 12 male and 12 fe-
male ears. The total equivalent lengths of the ear cal-
culated from F; and F; show surprisingly good con-
sistency, while the ear canal equivalent length is some-
what less consistent, owing perhaps to some uncertainty
in deciding whether a minimum was f, or f;. No equiva-
lent length is given for f, because it appears to result in
part from other than simple standing wave resonance
effects. Although most applications for KEMAR will be
for frequencies below 7 kHz, the acoustics of the exter-

" nal ear for frequencies extending above 10 kHz adds

validity to the ear simulator specification.

D. Acoustic horizontal

In view of the rather strong dependence of ear canal



sound pressure on vertical or elevation angle of the
sound source (Shaw and Teranishi, 1968), a well-de-
fined horizontal is essential when KEMAR is used for
open ear measurements. The final mounting and po-
sitioning is such that horizontal is defined by the line
connecting the lower eyelid of the open eye and the upper
pinna-skull notch, as viewed from the side.

TABLE II. Mean values of frequencies of pressure maxima
and minima at the open ear canal entrance for 12 male and 12
female subjects; sound incidence from 90°; loudspeaker source
at 1 m, Equivalent lengths based on ¢=354 m/sec for 1y and I,
€=349.5 for L, and L,,

" Mean Std. dev, Equivalent length
(kHz) (kHz) (mm)
F, Male 2.45 0.25 35.6
Female 2,56 0.26 34.1
F; Male 7.06 0.57 37.1
Female 7.66 0. 58 34.2
fi Male 3.63 0.40 24,4
Female 3.69 0,53 24,0
8. Male 9.81 0.59 26,1
Female 10,48 0,60 25.4
¥, Male 8.66 0.59
Female 9.10 0.51

%11 males, 11 females. *10 males, 5 females.

1l. KEMAR CONSTRUCTION

KEMAR, shown in Fig. 5, is fabricated of fiberglass-
reinforced polyester from specially prepared molds.
The head separates from the torso and is free to rotate
at the neck. The top of the head is removable to pro-
vide access to the interior of the head. The neck is
hollow and provides for passage of instrumentation ca-
bles and accessories from the head to the torso inte-
rior. The torso portion extends downward to below the
waist where there is provision for mounting to a flat
surface. The arms of the torso terminate at the elbow.
Access to the interior may be made through a panel in
the back of the torso.

The wall thickness of the manikin is approximately-
1 in., and the interior has been coated with lead-pel-
let-filled resin to provide additional mass and reduce
the coupling of the manikin to acoustic fields.

Mounting support for KEMAR provides a vertical axis
of rotation that bisects the line between the right and
left ear canal entrances. When rotated, this head center
point stays fixed in space.

As a practical matter, special consideration was
given to details of mounting of the ears which are re-
movable and replaceable. The two external ears were
cast with a soft, tear-resistant RTV silicone rubber
giving simulated pinna flexure, easy insertion of ear-
molds, and accommodation to headphones. Each exter-
nal ear snaps into a recess in the side of the head and
also into the inner connecting machined piece that pro-
vides an ear canal extension and forms a part of the

FIG. 5. Photograph of KEMAR with a wig.

ear canal-eardrum simulation. This can be seen in the
ear construction cross section in Fig. 3. Median size
pinnas have been developed, but the method of attach-
ment permits fabrication and substitution of other sizes.

Two neck rings were constructed so that the shoulder -
to-eardistance could be adjusted from male to female
median values. The range of adjustment is 2.54 e¢m in
1.27-cm increments.

A view of the head interior, Fig. 6, shows the ear-
drum simulator in place. The Zwislocki coupler here
used a Briel & Kjaer -in. condenser microphone with
a flexible right angle adapter (B& K UA0122).

Hl. ACOUSTICAL CHARACTERISTICS

Acoustical measurements of KEMAR show good agree-
ment with similar data on persons, This section sum-
marizes the results of a number of validating measure-
ments. Unless noted, all comparisons are relative to a
free field and use the right ear, Most comparisons will
be to the summary by Shaw (1974) which was a compre-
hensive review of published data on external ear con-
tribution to directionality in hearing. All observations
are for a sound source in the horizontal plane only,



FIG. 6. Photograph of the interior of KEMAR showing eardrum
simulator with a Briiel & Kjaer 3-id. microphone and a right-
angle adapter.

A. Eardrum pressure

Figure 7 shows the KEMAR eardrum pressure for the
free-field sound source for several source azimuth
angles. The free field was generated by driving the
loudspeaker with the electrical signal that produces a
constant free-field pressure on a microphone located at
the center head location, sans manikin, as in a tech-
nique described by Wonsdronk. There is general agree-
ment with Shaw at all angles. The main peak at 2.5 to
3.0 kHz, independent of azimuth angle in the horizontal
plane, is due to the g-wavelength resonance of the com-
bined ear canal and concha, Some deviations between
the two curves may be expected because KEMAR’s re-
sponse was taken with pure tones, whereas, as Shaw
pointed out, the composite is more typical of measure-
ments on individuals with }-octave noise bands. Shaw
attributes the response minimum near 10 kHz to a con-
cha antiresonance mode that is poorly coupled to the
horizontal sound field. The frequency of this mode in
the KEMAR response shows more dependence on azi-
muth than Shaw assumes, varying from 8 kHz at 0° and
180° to 10 kHz at 90°. This minimum is an important
acoustic reference frequency for selection of external
ear design, as noted previously.

The curves in Fig. 7 display the important total dif-
fraction effect for human listening in a sound field.

8

They also show the directional influence of -diffraction
on frequency response and the resulting spectral colora-
tions that give additional directional clues for complex
sounds. '
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FIG. 7. KEMAR eardrum sound pressure for a free sound field
with source azimuth angles of 0°, 90°, 180°, and 270°, KEMAR;

-+ Shaw composite.

B. Ear canal pressure transfer ratio

Eardrum to ear canal entrance pressure ratio is
shown in Fig. 8. Shaw’s reference curve was derived
from data of Wiener and Ross (1946) and Zwislocki
(1970) and extended to 12 kHz with ear models (Shaw,
1971). Wiener and Ross and Zwislocki give standard
deviations ranging from 3 to 5 dB for the ear canal
transfer ratio in the 3-5-kHz region. The deviation of
this ratio on KEMAR from Shaw’s composite is less than
2 dB up to 10 kHz and is small compared to the range in
the cited data. The ratio on KEMAR is independent of
sound source location in the horizontal plane, similar
to the conclusion of Shaw (1971). This ratio depends
almost entirely on the acoustic impedance and dimen-
sions of the eardrum and ear canal. Above 7or 8 kHz,
the ear canal~eardrum simulator acts as a hard wall
tube closed with a rigid eardrum. Thus, the 3-wave-
length canal resonance in KEMAR at 12 kHz is highly
underdamped compared to that found in typical real
ears.
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FIG. 8. Ratio of the eardrum to ear canal entrance sound pres-
sure, KEMAR - Shaw composite.
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FIG. 9. Sound pressure at the entrance of the open ear canal
on KEMAR, both ears, with sound source on the same side as
the ear being measured. These curves should be compared to
Fig. 4, Reference sound pressure is free field, right;

— — — left,

C. Ear entrance sound pressure

Ear entrance sound pressure versus frequency for the
two KEMAR ears when excited in a free field with source
facing the respective ear are shown in Fig. 9. Sound
pressure at the open ear canal entrance of KEMAR
shows most of the details recorded in the 24 ears shown
in Fig. 4 and may be considered typical of this popula-
tion for frequencies up to 10 kHz, although the 6-7-kHz
response peak is not as sharp as recorded in some
ears. Closer agreement might be expected in view of
the agreement between eardrum sound pressures of
KEMAR and people shown above and the criteria for
selection of the model ear pinna.
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FIG. 10, Eardrum sound pressure in KEMAR showing effect
of torso reflections, for sound from front and side. with
torso; — — — no torso,

D. Body diffraction

The presence of the torso affects pressure in the vi-
cinity of the ear below 2 kHz most noticeably at 0° azi-
muth. Referring to Fig. 10, the clothed torso alters
the eardrum pressure by as much as 3 dB compared to
the KEMAR head mounted alone in free field at 1200
Hz. At this frequency, sound waves reflected from the
torso arrive out of phase and partially cancel the waves
reaching the ear directly. The effective place of re-
flection results in a sound path difference of 14 cm com-
pared to the sound wave that diffracts around the head.
The interference due to reflection from the shoulder can
also be seen in the 90° sound incidence curve. In this
case, the effective place of reflection creates a path
length difference of 11 ¢m compared to the direct sound.

TABLE IV. Frequencies of pressure maxima and minima at
the open ear canal entrance on KEMAR right and left ears.
Equivalent length based on ¢ =345 m/sec.

Equivalent length

kHz {(mm)

Fy right 2.5 34.5

left 2.5 34,5
F, right 6.6 38.0

left 6.4 39.2
fi right 3.7 23.3

left 3.6 23.9
5 right 11.0 23.5

left 11,3 22,9
5o right

left 9.0

The effect of neck length on eardrum pressure is also
most noticeably below 2 kHz at 0° azimuth. As shown
in Fig. 11, a pressure minimum at 1,3 kHz is observed
when the shoulder to tragion height is 17.5 em. When
ear entrance to shoulder distance is varied from 16,3
to 18.8 cm, corresponding to the mean female and male
neck lengths, this pressure minimum changes from 1.4
to 1.2 kHz. It is likely that reflections from the chest
and shoulder are causing a partial cancellation of sound
reaching the ear by a direct path, since the chest or
shoulder to ear path difference is approximately % wave-
length at 1.3 kHz.

E. Need for flesh simulation

The head and torso of KEMAR were fabricated of a
hard polyester~fiberglass material. Investigators have
frequently made special efforts to simulate soft flesh-
like properties of a human being. For example, the
Plastisol skin used on the B. Bauer ef ¢/. manikin has
a durometer of 10-15 Shore A and is about § in. thick
(A. DiMattia, personal cummunication). This material
is softer than skin over the mastoid bone area but hard-
er than soft human flesh (e.g., below the cheek bone).
Does human flesh have an acoustic impedance low
enough to alter pressure in the region of the ear com-
pared to our hard KEMAR head and torso? Clothing ap~
plied to KEMAR decreases the magnitude of interference
effects such as reflections from the shoulder. These
can easily be tailored, then, to meet a desired test con-
dition. Hair, in the form of a wig, shown in Fig. 5,
makes the pressure minima at the eardrum at around
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FIG. 11. Eardrum sound pressure in KEMAR showing effect
of neck length on torso reflections. +++18,.8 cm; 17.6 cm;
- —-16,3 cm,
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FIG. 12, Comparison of blocked ear
entrance sound pressure for a hard
fiberglass-reinforced polyester head
and a soft sponge RTV head on KEMAR,.

------ SOFT HEAD
HARD HEAD

10 kHz less deep, but has little effect on eardrum and
surface sound pressure at lower frequencies, It isn’t
easy, however, to alter the surface impedance of a
head.

To answer the impedance effect question for the head,
a duplicate KEMAR head was cast with General Elec-
tric RTV-7 silicone rubber foam. Compared to human
flesh (Goldman and Von Gierke, 1961) this material is
about twice as compressible, 10 vs 5X10™® ¢m/dyn for
a 1-cm? area, and has less than half the effective mass,
0.6 compared to 1.5 to 3.3 g/cm®. A simple lumped
parameter (mass-compliance) model thus predicts that
the acoustic impedance of the RTV-7 head is the same
order or less than soft human tissue. Blocked ear
canal entrance sound pressures on the soft and hard
head, for sound incident from 90° azimuth, Fig. 12,
shows no more than 1-dB differences ata few frequencies
over the range extending to over 8000 Hz. Being hard
headed does not affect significantly the sound that will be
incident on the ear canal entrance and hence the ear-
drum.

IV. CONCLUSION

The large amount of published data on the dimensions
of adult humans and the acoustic fields around persons
permits a good representation of an average human
adult with a manikin for purposes of acoustical experi-
ments., The details of the external ear which have been
found ecritical in the listening process, particularly at
frequencies of 2000 Hz and above, required additional
data to arrive at a reasonable size and shape of auri-
cle. Overall pinna dimensions, concha dimensions,
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angles of the pinna with the cheek, and angle of the pinna
with vertical on the head were used with free-field
sound measurements in the concha to determine a pre-
ferred external ear design. Because the auricle design
is based on a relatively small number of people, future
work with the manikin may lead to a preferred shape
and/or design, or to the use of several sizes of pinna.
To accommodate future external ear design refinements
and give the option of experiments with different exter-
nal ear sizes, the auricle for a KEMAR can be replaced
relatively easily without altering the other acoustically
important characteristics.

The difference between the male and female average
neck length, i.e., the distance from the ear canal to the
shoulder, is large enough that it was desirable to ac-
count for this variable in any simulation. Other mean
male and female anthropometric dimensions for size
and shape of the head had differences that corresponded
to less than 110- wavelength for frequencies less than
8 kHz, a frequency that was judged to be more than
adequate for hearing aid work., The somewhat larger
size differences between male and female upper torso
may quite reasonably be of concern in some investiga-
tions. The larger male size, or female anatomy, can
be simulated with padding. The sound pressure at the
eardrum when compared to a free field is not critically
sensitive to the flesh impedance of the head, a finding
that simplifies the fabrication of KEMAR considerably.
The recently developed Zwislocki coupler has proved to
be useful for synthesizing an average ear canal in the
manikin. The evaluation of KEMAR involves many
parameters, all of which showed close agreement with
various measures and studies of people.



Although for many applications one would be ill ad-
vised to design for an “average man” as pointed out by
Hertzberg (1972), this anthropometric limitation is not
of concern here since KEMAR is intended as a measur-
ing tool which has acoustical diffraction and responses
in the middle of the ranges for the adult population.
Combining a number of dimensional parameters into the
synthesis of a near-median person does give acoustic
field interaction like an “average human adult” for fre-
quencies up to 8 or 9 kHz. A more appropriate de-
scription is that KEMAR represents a median individual
in the human adult population.

Hearing aid testing and research are the prineipal
needs to be satisfied with KEMAR; but room acoustic
evaluations by Mellert, Von Wilkens, and others, in
which electrical signals from the two ears of a “dummy
head” were played on “stereo” headphones for a panel
of listeners, suggest an important additional use.
Elimination of the added variables of control of subject
location and the need for involving people who must re-
spond as part of the experiment attest to the desirability
of manikins for many acoustic measurements. Our un-
derstanding of the role of external ear acoustics will no
doubt be enhanced by work with a manikin of this type
and, hopefully, can lead to improved sound localization
and hearing through better hearing aid design and fitting
procedures.
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Chapter 3.

Anthropometric Manikin for Acoustic Research,
Supplementary Design Information

M.D. Burkhard
Industrial Research Products, Inc.
Elk Grove Village, IL.

Introduction

Because of lack of space several parameters and
acoustical characteristics for the KEMAR manikin
were not included in the manuscript reprinted here
as Chapter 2. These items are presented in this
Chapter in order to provide additional information
that might be useful in the application of the mani-
kin.

Concha

Additional parameters not included in the pre-
viously published description of the KEMAR mani-
kin concern the shape and volume of the concha
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Fig. 3-1. Cross section of the concha of the subjects

studied for acoustical characteristics of the external ear. .

Numbers indicate the angle of the pinna relative to the
cheek bone and the depth of the concha to the plane of
the ear canal entrance in centimeters.

region in the ears of the 24 people, who were
studied during the process of selection of ear di-
mensions and appropriate acoustic response. Fig.
3-1 shows the cross-section and volumes for the
particular subjects. It can be seen that the shapes
are varied, the angle of the opening relative
to the head varies remarkably and that the depth of
the concha from a reference plane across the pinna
is quite different among the subjects. For each
person, an ear impression was made and imme-
diately weighed. The volume was computed from
the density of the fresh impression material. Then
the impression was cut in cross section to obtain
the concha shape shown. The cut was made from
the front to the back through the greatest distance
line that would simultaneously bisect the ear canal
entrance portion of the impression.

Fig. 3-2 is a plot of resonance frequency, f,, (see
Fig. 2-4) in the ear response versus concha volume.
If this resonance frequency for the ear is correlated
highly with the volume of the concha, one would

g L j’1._5xTo‘°
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Fig. 8-2. The frequency of resonance, fy, versus the
volume, cm3, of the concha for subjects used to in-
vestigate the acoustics of the external ear.
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expect the frequency to be inversely proportional
to the square root of the volume. The figure shows
that there appears to be a correlation which lends
credence to the idea expressed by Shaw that this
particular resonance is, indeed, related to the con-
cha portion of the external ear. (cf. discussion in
Chapter 2))

KEMAR Coordinate System

It will be instructive to indicate or describe the
orientation and reference conditions for the mani-
kin to facilitate its location in a sound field. Two
basic requirements are needed when the coordi-
nate system for the manikin is specified. The first
concerns the relationship of the manikin to the
external sound sources and sound field. The sec-
ond concerns the details of alignment of the mani-
kin itseif to assure that all of its parts are in proper
relationship. Finally, it is helpful to have a system
for identifying the location of hearing aid micro-
phones around an ear.

It is our practice to designate zero degree sound
source direction as being directly in front of the
manikin. As shown in Fig. 3-3, 90° corresponds to
the location of the active ear. The active ear is
defined as the ear from which an eardrum signal is

o

o

270 90

(-]

180 376-18

Fig. 3-3. The orientation coordinates for sound sources
relative to the KEMAR manikin.

taken. Thus for 90° orientation, the active ear is
closest to the sound source. There is no ambiguity
when the hearing aid microphone is adjacent to the
ear receiving the signal. In the case of a CROS
hearing aid, however, a 90° orientation would place
the microphone in the head shadow opposite the
sound source; the largest output will be observed
for a 270° orientation (-90°) when the microphone is
closest to the source and the active ear is on the far
side of the head (in the shadow). With both ears
active, as with binaural hearing aid fitting or bi-
naural recording, the ear closest to the source may
be designated as the 90° orientation for anechoic
room testing.
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Since there is some flexibility built into the mani-
kin, marks can be made to assure various users a
common reference condition. It should be repeated
that the center of the head is the midpoint on a line
through the ear canal openings in the auricles of
the manikin. Straight ahead or zero degree ori-
entation, thus, would be on a line perpendicular to
the line between the ears. The line between the ears
must also be parallel to a corresponding line across
the shoulders of the manikin torso. When the head
and torso are aligned this way, it is convenient to
place marks on the neck to indicate alignment as
shown in Fig. 3-4. These alignment coordinates are
then extended up to the top of the head, one line
for the straight ahead and a perpendicular line that
is also parallel to the line between the ears.

T

Fig. 3-4. The neck region of the KEMAR manikin showing
marks applied for location of the head relative to the
torso.

KEMAR Directional Response

Fig. 2-7 in the paper “Anthropometric Manikin
for Acoustic Research’ shows some KEMAR mani-
kin ear response curves for four different source
azimuth angles. Data of similar nature can be
shown as polar response plots of the type shown in
Fig. 3-5. This plot of pressure at the KEMAR ear-

.drum as a function of rotation angle at three fre-

quencies is very similar to typical data on loudness
of sounds as a function of direction such as de-
scribed by Sivian and White (1933) and Rolls (1973).
We will refer to this figure when we discuss meas-
urements of directional hearing aids on KEMAR.

Sound Pressure in the Vicinity of an Ear

When a person is in a sound field he receives
sound at his ear from several sources or directions.
First there is a main sound wave that comes directly
to his ear. Second there will be a sound that propa-
gates around the head to arrive at the ear from the
back side. Thirdly there is a sound wave reflected
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Fig. 3-5. Polar response of the eardrum pressure of the
manikin for three frequencies.

from the torso. The drawing in Fig. 3-6 illustrates
these three principle paths of sound arriving at an
ear, for a single source in front of the manikin in
free space such as an anechoic room.

Mr. Madaffari (1974) has measured and reported
the pressure around the ear on the KEMAR mani-

SPHERICAL DIFFRACTION WAVE
MAIN WAVE ——»

TORSO REFLECTION WAVE

Fig. 3-6. Paths of sound to the ear of a person or the
manikin for a sound source directly in front of the mani-
kin or observer.

kin. In the experiment, the manikin was placed in
front of an 8" diameter loudspeaker. A grid of
measurement locations 2 cm apart was placed on
the side of the head as shown in Fig. 3-7. Using the
technique of prerecording a drive signal that gives
a flat free field at the test position, sans manikin, a
miniature microphone with a flat response was
located at various points indicated on the grid.

The sound pressure at these locations was then
recorded. For the measurements, the sound source
is at 0° incidence and the microphone was 5 mm
away from the surface of the head. Fig. 3-8 shows
four of the twenty-five observations made by Mr.
Madaffari. It is evident that the sound pressure at
the microphone of a hearing aid varies according
to the location of that microphone on the head.
This in turn will produce corresponding changes or
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Fig. 3-7. Coordinate system of measurement points
around the KEMAR manikin ear.

variations in the input to a head worn hearing aid
and the effective or useful gain achieved by a
hearing aid wearer as compared to the gain that
might be reported for the hearing aid by standard
IEC and ANS! hearing aid measurement procedures
in a soundbox or a free field.

Using the model for sound around the head, Fig.
3-6, Madaffari derived an empirical formula to des-
cribe the sound pressure at various locations on
the side of the head, for a frontal incidence source.

=[; L -08(4-X)] ikx8_ [ 8-X Te iker
PE“LW;&?]’B ey R

where R= /X1 (Y+20)2

= 2000-+f
6 w000 '1=2000

0=1, f>2000

X,Y are horizontal and vertical coordinates of the
grid on the side of the manikin head. '
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Although not exact, the formula has been useful
in predicting some of the variations of response,
among various hearing aids measured in situ on
the manikin. The analysis suggested that if a com-
mon method for specifying hearing aid input pres-
sures is to be used some form of specification of
microphone location on the head is needed.

The sound pressure on the side of the head at
two typical hearing aid microphone locations is

+10

[ 2
\y_ pad
h

. _ — /'S N N Ny,
= 0° 2 A\ o

4

-10
00 200 500  IkHz  2kH: SkHz  IOKHz  20KHz

Fig. 3-8. Pressure at various locations around the mani-
kin ear for a constant free field sound pressure for sound
source directly in front of the manikin.

shown in Figs. 3-9, and 3-10, as a function of sound
direction. Pressure on the surface of an earmold in
the concha of the KEMAR ear, Fig. 3-9, corre-
sponds to observation location 3 in Fig. 3-8 and has
the coordinates of (+2, -3) in the Madaffari meas-
urement. The pressure at the over-the-ear location
corresponds approximately to the coordinate (+2,
0) of Fig. 3-7. We see that in addition to the coordi-
nate on the side of the head the direction to the
sound source will be an important parameter for
general description of an in situ hearing aid meas-

“urement as well as the general description of the
sound field around a persons head.
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Fig. 3-9. Pressure on the surface of an earmold in the
concha of a KEMAR ear when placed in a constant free
field sound pressure.
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Chapter 4.

Gain Terminology

M. D. Burkhard

Industrial Research Products, Inc.

Several in situ measures of hearing aid gain have
been discussed or proposed. Many of them have
approximately the same meaning although subtle
differences have been ascribed to them either by
the originators or later users. For a number of years
we have suggested the term Orthotelephonic re-
sponse or gain, but the term has not been widely
used for hearing aids. (Knowles, 1959; inglis, 1938)

The term orthotelephonic was devised in tele-
phone communication research to relate the fidel-
ity of sound reproduction by the telephone to
face-to-face communication between a normal
talker and a normal listener, separated by one me-
ter in an anechoic environment. It is apparent that
for telephone communication the listener is remote
from the talker and neither one contributes sig-
nificantly to the perturbations of the sound field in
which the telephone listening takes pilace. In the
conventional telephone, the microphone is close to
the talkers mouth, and the telephone earphone is
against the listener's ear. Because of this direct
coupling, any efforts to create equivalence to the
face to face condition, must be applied in the
electrical and electo-acoustic circuit connections
between the two transducers. The system was said
to be orthotelephonic if it reproduced the reference
face-to-face communication quality.

The same considerations pertain if the natural-
ness of entertainment or communication ear-
phones is to be evaluated. The free propagation of
sound from the environment to the ear drum is
replaced by an earphone in contact with the head
and ear. There is no diffraction involved and the
earphone usually acts as a source with impedance
much higher than free space.

By contrast, however, the signals presented to
the ear of a hearing aid wearer by his hearing aid
are markedly influenced by the perturbations in-
troduced into the sound field by his head and torso.
The hearing aid is normally used in face-to-face
communication, or in listening in which the user is
in the sound field he wishes to hear. A more appro-
priate term therefore is needed to describe the gain
benefit to hearing aid users.

Dalsgaard (1974) used insertion gain to charac-
terize the gain provided by a hearing aid in situ, the
reference condition being the sound in the ear of
the wearer sans hearing aid. It is anticipated that
the listener with his hearing aid is in the vicinity of
or presence of the sound being listened to. In-

sertion gain (or loss) is a rather commonly used
term in communications engineering to describe
the effect of introducing an element into an other-
wise unchanged system. (IEEE Std 100-1972). The
newly introduced element causés a net change in
the system as a result of its insertion.

A linquist acquaintance of Killion’s when ap-
prised of our interest in a proper term to describe
the hearing aid in situ gain, suggested a new
word—ETYMOTIC. It is derived from two Greek
words or word segments: etym, meaning true or
real, and otic, meaning ear. Thus one might speak
of the etymotic gain or response of the hearing aid
where the reference condition would be the
unaided sound at the eardrum of an open ear.

A fourth term has been recently used to describe
the benefit of wearing a hearing aid; namely, func-
tional gain (Pascoe, 1975). Functional gain was
used in the Pascoe study to describe the subjec-
tively measured or derived improvement for the
hearing aid wearer.

Of the last three terms, insertion gain is a long
standing engineering term with rather well defined
meaning that can be used unambiguously for de-
scribing the change of sound stimulus as measured
objectively by probe microphone procedures on
persons or by comparison of manikin eardrum
sound pressures with and without the hearing aid
in place. As used here etymotic would have the
same objective measurement meaning. Functional
gain would then be reserved for the psy-
choacoustically derived benefit from the hearing
aid as compared to the unaided state. Orthotele-
phonic would be reserved for the situation in which
the listener and his listening aid were not in the
presence of the sound source. In all cases the
intent of the qualifying term is to indicate the rela-
tionship between sounds propagated into an ear
naturally and the sound produced at the same
place by auxilliary means. In the case of functional
gain, we should, perhaps, include stimulation of
the nervous system of the inner ear and auditory
nerve, so as to include interpretive abilities of the
user.

(Editors note: Unfortunately the terms are in a state
of evolution so that etymotic, orthotelephonic, in-
sertion, and functional are used for similar meas-
ures by the contributors in this proceedings.)
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Chapter 5

On Insertion Gain

S.C. Dalsgaard
Research Laboratory for Technical Audiology

Presented in Zurich, March 4, 1976

This is a brief summary of a paper presented at
the 8th ICA Congress in London 1974.

The concept of etymotic gain was described by
Romanow (1942) and named “insertion gain” by
Ayres (1953). Personally, | prefer this name as | feel
it more descriptive than etymotic gain.

The insertion gain is more adequate for clinical
work than the gain defined by IEC, because it
describes the actual amplification the patient is
provided with.

Fig. 5-1 illustrates our definition of the insertion
gain. We compare the sound pressure level in the

Fig. 5-1. lilustration of the two measurement conditions
for determining insertion gain of a hearing aid.

treated ear to the sound pressure level in the un-
treated ear. We have not chosen the ear drum as a
reference, because we want to have a point where
we can readily measure the sound pressure. There-
fore, we have chosen, as our reference point, a
point 5 mm in front of the earmoid. Using this
definition, we have made measurements of the
insertion gain, not on artificial men but on real
persons, in order to see how great differences you
can expect in real life.

In the experiment we inserted a smalil probe
microphone in the ear canal, as iliustrated in Fig.
5-1, and using the recording technique, kept the
sound pressure level constant at the reference
point. Then we put the probe tube through the
earmold, fed the loud-speaker with the recorded

signal on the tape and recorded the sound pressure -

level in the treated ear. In this way we were able to
record the insertion gain.

Figs. 5-2 and 5-3 show the measurement results
for two types of head worn hearing aids. Fig. 5-2
shows an aid with a microphone pointing down-
wards and Fig. 5-3 a hearing aid with frontal micro-
phone. The full line is the IEC gain for the hearing
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Fig. 5-2. Insertion gain for a behind-the-ear hearing aid,
bottom microphone location, on (5) five subjects and the
gain measured by IEC methods.

aid and the cross hatched area shows the upper
and lower limits for response curves on five differ-
ent persons. As you will notice there'is a very large
individual spread in the results. You will also notice
the same effect that shows up in Dr. Helle’s curves,
namely that you get lower insertion gain than the
IEC gain at the upper frequencies due to the fact
that by putting an earmold into the ear canal you
change the natural resonance and hence destroy
the natural amplification of the ear canal. Another
factor which causes the drop at higher frequencies
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Fig. 5-8. Insertion gain for an over-the-ear hearing aid,
frontal microphone location, on (5) five subjects and the
gain measured by IEC methods.
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is that the canal in the earmold actually used was
more narrow than the canal in the 2 cc coupler.

The material has been published later (Dalsgaard
& Jensen, 1976).
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Chapter 6.

Frequency Response Of Behind The
Ear Hearing Aids Measured On Kemar

Roland Helle
SIEMENS AG,

Medical Engineering Group,

Development Laboratory Electro-Acoustical Sector

Presented in Zurich, March 4, 1976

Introduction

The Recommendation IEC 118 (1959) describes a
simple method for evaluating the performance of
hearing aids under specified conditions. The prop-
erties 'of a hearing aid are investigated with its
microphone being in a free sound field and the
output level being measured in the well-known 2
cm?® coupler according to IEC 126 (1973). This
method is well suited for comparing technical data
for different types of hearing aids objectively, but
as mentioned in the IEC recommendations, it has to
be applied carefully as far as actual fittings of
hearing aids to hearing impaired persons are con-
cerned.

During the last few years improvements have
been made both for the acoustic termination of the
hearing ajd and for modelling the sound field at the
microphone of the hearing aid according to the
location of the hearing aid on the body or on the
head.

Ear simulators, one of them known as the Zwis-
locki coupler (1970), imitate the acoustic imped-
ance of the ear canal including the impedance of
the eardrum. A life size manikin with the acous-
tically important dimensions corresponding to the
average of adult persons, has been designed that
includes a Zwislocki coupler as part of its ear can-
al. The manikin, named KEMAR, cf. Burkhard and
Sachs (1975) has been constructed in a way that
hearing aids can be fitted on it as on a living
subject. With the KEMAR manikin, the situation of a
normal hearing person can be compared to that of
a hard of hearing person wearing a hearing aid.
Thus, the real gain of a hearing aid, called etymotic
gain by Burkhard and insertion gain by Dalsgaard
and Jensen (1974), i.e., the difference between the
aided and the unaided state, can be determined.

This report starts by describing the standard
measurement according to IEC 118, and IEC 126 as
a block diagram and then compares it to several
methods using the Zwislocki coupler or KEMAR
(including a Zwislocki coupler). The output signal
to be investigated is the sound pressure level as a

function of frequency determined in the coupler.
The experiments are carried out in an anechoic
chamber by means of a comparison method, the
reference signal being the sound pressure level at
the location of the KEMAR manikin, sans KEMAR.

Four types of behind-the-ear hearing aids having
the microphone port located at different places on
the case are examined. Their frequency responses
determined according to the standard method (2
cm® coupler) are compared to the performance on
KEMAR including the calculated values of the et-
ymotic gain. :

1. Principle and Measurement Procedure

Whenever the transfer function of an acoustic
device has to be investigated the reference signal
at the input has to be correctly measured within the
sound field. As it is impossible to have at the same
time at the same place both the microphone of the
device to be examined and the microphone for the
reference signal, two different principles have been
introduced for the measurement of the reference
signal: the substitution method and the com-
parison method.

When the substitution method is applied, the
reference signal is measured before the device
under examination is brought into the sound field
and auxiliary values, e.g. the voltage at the
loudspeaker, are stored and then adjusted at the
predetermined value with the device then brought
into the sound field. The comparison method takes
advantage of the symmetry of the sound field and
allows the reference signal to be picked up at the
same time at a different place.

All of the measurements described in this report
have been carried out by the comparison method
or by a modified comparison method.

1.1 Standard Procedure and Measuring Tech-
nique with KEMAR.

The different kinds of measuring setup are ex-
piained by the block diagrams in the upper and by
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the schematic transfer functions in the lower part
of Fig. 6-1. The block diagrams show the free
sound field in the anechoic chamber, the loud-
speaker creating this sound field within a certain
area, the microphone picking up the reference sig-
nal and the equipment controlling its amplitude
and frequency, the hearing aid with microphone,
amplifier and receiver and finally the coupler with
the microphone to detect the output signal L ,to be
investigated and recorded as a transfer function.

The schematic transfer functions in the lower
part of Fig. 6-1 are derived from actual in-
vestigations of a wide-band hearing aid. They hold
for an input level L,— 60 dB at the location of the
microphone port in the undisturbed free sound
field. The gain of the aid was adjusted to 40 dB at 1
kHz with L, = 60 dB under standard conditions
corresponding to an output level L ,, = 100 dB (c f.
Fig. 6-1, (a)). Thus the gain control is fixed at the
same position for the five different measuring
methods.

Fig. 6-1(a), represents the standard procedure
according to IEC 118, and in Fig. 6-1(b), the 2
cm?® coupler is replaced by the Zwislocki coupler.
Fig. 6-1(c) explains the situation where KEMAR is

! - Ei) L Ly | | glmrnm’ '5 Lo
@{. { tort
L= 0 0
i

supplied with a hearing aid, whereas the unaided
situation is given by the Fig. 6-1(d). The reference
signal (indicated by the abscissa of the diagrams)
for the transfer function describing those four
cases, is given by the input level L | = 60 dB in the
free sound field.

The Fig. 6-1(e) diagram shows the etymotic gain
of the hearing aid. The abscissa of this diagram
corresponds to a constant value of the sound pres-
sure [evel L . ,within the Zwislocki coupler; never-
theless this diagram too has been calculated with
the gain of the aid adjusted as before.

The upper part of Fig. 6-1(e) describes the meas-
urement setup for direct recording of the etymotic
gain by using KEMAR with two Zwislocki couplers,
one ear (the right) having a hearing aid, the other
(the left) being unaided with open ear canal to pick
up the reference signal at a place corresponding to
the eardrum of a normal hearing subject.

The comparison method for measurement of the
reference signal had to be modified when KEMAR
was used, as shown in Figs. 6-1(c) and (d). The size
of the anechoic chamber available was not big
enough, to find a suitable place located sym-
metrically to KEMAR within the sound field. There-

LI= L =
it | -1 _|

const. I l— const. I
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(a) (b) (c) (d) (e)

Fig. 6-1. Block diagram for the measuring setup (upper
part) and schematic transfer function (lower part). (a)
Standard condition according IEC 118, IEC 126. (b) Free
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sound field and Zwislocki coupler. (¢) KEMAR equipped
with a hearing aid (aided ear). (d) KEMAR-unaideq ear.
(e) Determination of the etymotic gain of a hearing aid.



fore the reference microphone was positioned half
way between the loudspeaker and KEMAR which
were separated by 1.50 m. Thus the comparison
method could be applied with acceptable toler-
ances (c f. section 1.3.).

The schematic diagrams in the lower part of Fig.
6-1 are reproduced from measurements of a
wide-band behind-the-ear hearing aid, omitting the
peaks and dips of the frequency response in the
mid-frequency range.

Replacing the 2 cm?® coupler by the Zwislocki
coupler (Figs. 6-1(a) and 6-1(b)) enhances the
output L, compared to L at low frequencies
slightly, as the volume of the Zwislocki coupler is
about 1.2 cm? for frequencies below 800 Hz and
therefore smaller than that of the 2 cm® coupler.
The further reduction of the effective volume of the
Zwislocki coupler at high frequencies and the
shape of its volume result in a considerable en-
hancement of the output level L, at higher fre-
quencies. With the hearing aid fitted to KEMAR, the
diffraction of the sound wave around the head
becomes effective and therefore the level L, ex-
ceeds L, in the mid-freqency range.

Los can be considered as being equivalent to the
sound pressure level at the eardrum of a hearing
impaired person, equipped with a hearing aid fitted
through an ear mold to its closed ear canal. Un-
fortunately the hearing impaired person does not
get the benefit of the full level difference L g5~ L, as
the sound pressure level L, at the eardrum of a
normal hearing subject exceeds the levei L, in the
free sound field, too. This transformation is caused
by resonances of the open ear canal and by sound
diffraction around the head and within the concha.

Thus the real gain, called etymotic gain, of the
hearing aid is given by the difference of the sound
pressure level at the place of the eardrum in the
aided compared to the unaided situation. On ac-
count of the resonance peak at about 3 kHz in the
unaided ear, the etymotic gain drops especially in
the frequency range between 2 kHz and 4 kHz
drastically below the level L, .

Within this report measurements are presented
for the output level L ,according to the standard
procedure, for L o; the aided and L, the unaided
situation on KEMAR. The etymotic gain is calcu-
lated as level difference L o3 -L ,, .

1.2 Measuring setup

The measurements were carried out in an ane-
choic chamber designed for a low frequency limit
of 250 Hz. The size of the chamber was 2.15 x 2.15 x
2.00 m3, The reference microphone was a B&K
Type 4131 1" free field corrected condenser micro-
phone. Transfer functions are reported for the fre-
quency range extending from 300 Hz to 8 kHz.
Sound pressure level is stated in dB re.
2x10°N/m2. KEMAR was used without a jacket,
without a wig, and with neck length of 17.6 cm (1
ring). The sound wave was coming from the front
(0° azimuth). Measurements were taken for the

right ear of KEMAR. The distance from KEMAR to
the loudspeaker was 1.5 m, to the reference micro-
phone 0.75 m.

The acoustic tubing following the hook was the
same for all the aids investigated: 25 mm flexible
tube of 2 mm inner diameter between the tip of the
hook and the entrance of the adapter. Both for the
2 cm? coupler and for the Zwislocki coupler the
length of the adapter (two different makes) con-
nected to the coupler was 18 mm with an inner
diameter of 3 mm, according to IEC 126 for the 2
cm?® coupler. The remaining height of the main
volume of the Zwislocki coupler was 12.7 mm with
the adapter mounted into it.

The four different types of behind-the-ear hear-
ing aids to be examined were all equipped with
electret omnidirectional microphones, but the mi-
crophone ports were situated at different locations
on the case. Type A had a frontal microphone
through the hook, the sound inlet of Type B was at
the bottom of the aid, thus looking in a downward
direction. The sound inlet of Type C was in the
frontal region near the hook but through the upper
side of the case. Type D had the microphone port
near the hook but through the lower side of the
case.

The position of the gain control remained un-
changed throughout the complete investigation.
The gain was adjusted under standard conditions
(2 cm?: coupler) at 1 kHz at a value of 40 dB as the
difference between the output level L,, = 100 dB
and L, = 60 dB. None of the aids was driven close
to saturation.

1.3 Tolerances

When using KEMAR, the comparison method
had to be modified as already described in section
1.1. In order to estimate the error of the measuring
setup, two experiments were carried out.

First, with voltage applied to the loudspeaker, the
sound pressure level was registered by the refer-
ence microphone simultaneously with the sound
pressure level where the KEMAR was to be placed
(center of its head) but, without KEMAR. This ex-
periment was to find out whether there are devia-
tions from the expected sound pressure level.
Then, as a second step, KEMAR was installed at its
place and with the same voltage as before the
sound pressure level was recorded again by the
reference microphone. This experiment was made
in order to check the influence of KEMAR on the
sound field around the reference microphone.

With those two measurements taken together, it
was evident in the frequency range from 0.3 to 8
kHz that the sound pressure level actually present-
ed to KEMAR coincided within 2.5 dB with that
value assumed according to the adjustment of the
equipment. The limits were +2 dB with the ex-
ception of the boundaries of the frequency range
stated and one additional value around 1700 Hz.

These tolerances are thought to be accurate for
testing the performance of hearing aids on KEMAR.
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2. Sound Pressure Transformation in the Unaided
Ear

The sound pressure level at the eardrum of the
open ear canal is different from the ievel in the free
sound field as already mentioned before. Fig. 6-2
shows the output, Lo, measured by the microphone
inside the Zwislocki coupler installed inside the
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Fig. 6-2. Sound pressure transformation in the unaided
ear. Input level L, = 60 dB SPL. Output level L,, meas-
ured within the Zwislocki coupler mounted into the head
of KEMAR.

head of KEMAR caused by a sound pressure level
of L, = 60 dB in the free sound field. The thin curve
represents the actual recording, the thick line is the
averaged curve as used for the following calcu-
lations of the etymotic gain. The ripple of the actual
recording is primarily due to reflections at the grid
on the bottom of the. anechoic chamber. The
smoothing of the average curve at the lower fre-
quencies is introduced for balancing the system-
atic error described in Section 1.3.

The curve of Fig. 6-2 coincides, within the toler-
ances of +2.5 dB (as stated in Section 1.3), with the
results given by Burkhard and Sachs (Fig. 2-11).
The most prominent deviations are in the 750 Hz to
1500 Hz range where the values of Fig. 6-2 exceed
those of Fig. 2-11 by about 2 dB, the same differ-
ence occurs again at the maximum near 2.7 kHz
and between 4 kHz and 5 kHz.

3. Performance of a Wide-Range Hearing Aid

The performance of a hearing aid measured ac-
cording to the different methods introduced in Fig.
6-1 has been so far described by schematic transfer
functions. In this section actual recordings of
the frequency response of a wide-range hearing
aid, Type C (cf. Section 1.2.), are presented.

Fig. 6-3(a) shows the output level L s measured
in the free sound field with the 2 cm® coupler-at an
input level L, = 60 dB. The wide-range character is
evident, as the HAIC upper frequency limit extends
to 7600 Hz.

For the same position of the gain control Fig.
6-3(b) shows the level L 43 recorded with the hear-
ing aid fitted to the right ear of KEMAR. The reso-
nances of the curves shown in Fig. 6-3(a) and (b)
differ only slightly, as the acoustic termination of
the hearing aid consists of the same tubing plus
adapter followed by two different couplers, At low
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Fig. 6-3. Frequency response of a wide-range behind-
the-ear hearing aid (Type C, cf. Fig. 6-6). Input Level L
60 dB SPL, position of gain control to give 40 dB gain at 1
kHz under standard condition. (a) Output level L ,; meas-
ured according to Standard condition IEC 118, IEC 126 (2
cm?® coupler) (b) Output level L,; measured with the
hearing aid on KEMAR (c) Calcuiated value Lg,-L,, for
etymotic gain.



frequencies up to about 1 kHz L 3 exceeds Lo by
about 6 dB, in the mid frequency range L o; is up to
10 dB higher than L, whereas this difference
amounts to 15 dB at 7 kHz to 8 kHz.

The etymotic gain, Lo~ Lo, 0Of the hearing aid is
calculated by means of curves in Figs. 6-2 and
6-3(b) and shown in Fig. 6-3(c). Between 650 Hz
and 8 kHz the etymotic gain does not fall outside
tolerance limits of about +6 dB. The etymotic gain
curve, for the frequencies examined, never exceeds
the curve forL g;.

The level Lo, is significantly higher than the
etymotic gain curve only in the frequency range
around 3 kHz where the resonance peak of the
unaided ear occurs. ’

4. Comparison of Four Different Types of Be-
hind-The-Ear Hearing Aids.

All aids investigated are of the behind-the-ear
type. The position of the microphone port was
different, however, for each (cf. Section 1.2.). The
results for the frequency response under standard
conditions (L), on KEMAR (L 03) and for the et-
ymotic gain (L o,-L ) are given in Fig. 6-4 (Type A,
frontal microphone through the hook), Fig. 6-5
- (Type B, microphone at the bottom), Fig. 6-6 (Type
C, microphone in frontal region through upper side
of case) and Fig. 6-7 (Type D, microphone near
hook through lower side of case). Thus the 3 curves
as shown in Fig. 6-3(a), (b), and (c) are now summa-
rized in one diagram.

Output level L, Los-Los

120 60 |
dB daB |
110 // ’\\ 50 |
foo ’d \\\‘_,';‘ ‘< \. 40
! . -‘,/ \‘/I \\

| © /; 30
ya 1
80 ‘y/\ 20

10

70

60 0
02 05 10 20 50 kHz 100
————— frequency/

Fig. 6-4. Frequency response of a hearing aid with Type A
Microphone Location. (frontal microphone through the
hook). The code for the various curves is the same as in
Fig. 6-3. Input level, L, = 60 dB SPL, position of gain
control to give 40 dB gain at 1 kHz under standard
conditions. :

5. Discussion

The discussion is based on the diagrams shown
in the Figs. 6-4, 6-5, 6-6 and 6-7. Again, it has to be
kept in mind that the reference signal for the trans-
fer function under standard conditions: (Los,
dash-dotted curve) and on KEMAR (Los, solid
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Fig. 6-5. Frequency response of a hearing aid with Type B
Microphone Location. (microphone at the bottom of the
case). The code for the various curves is the same as in
Fig. 6-3. Input level, L, = 60 dB SPL, position of gain
control to give 40 dB gain at 1 kHz under standard
conditions.

curve) is the sound pressure level L, in the free
sound field, whereas the etymotic gain (L, - L o4,
dashed curve) is related to a constant value of the
sound pressure level L., at a place corresponding
to the eardrum.

Comparison of the 2 cm?® coupler frequency re-
sponse L, for Type C (Fig. 6-6) and D (Fig. 6-7)
reveals that these curves do not deviate by more
than +£2.5 dB below 5.5 kHz. The curves determined
on KEMAR for L, however, differ considerably
more if they are compared to each other, especially
around 3 kHz and above 5 kHz. Both hearing aids
have the microphone port near the hook but at
different sides of the case. Thus, these two meas-
urements show that it is not feasible to transfer 2
cm® coupler curves into KEMAR curves by a simple

Qutput level L Los-Loa
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————— frequency/

Fig. 6-6. Frequency response of a hearing aid with Type C
Microphone Location. (microphone in frontal region
through upper side of case). The code for the various
curves is the same as in Fig. 6-3. Input level, L, = 60 dB
SPL, position of gain control to give 40 dB gain at 1 kHz
under standard conditions.

25



Output level Lo Los-Loa
120 60
dB as |
o JANN.N I

100 \s yAR L 40
T = SN
? // N TN
90 . \_ 30
| ,.//’“-J‘ Y
r /' \/

. i
80 = l\ 20
0 \ 10
\
60 0
02 05 10 20 50 kiz 100 -

~————fequencyf

Fig. 6-7. Frequency response of a hearing aid with Type D
Microphone Location. (microphone near hook through
lower side of case). The code for the various curves is the
same as in Fig. 6-3. Input level, L, = 60 dB SPL, position
of gain control to give 40 dB gain at 1 kHz under standard
conditions.

transformation rule, not even for rather similar fre-
quency response curves L,,and microphone ports
which are at adjacent places. Exact transformation
rules can only be stated for a specific design of a
nearing aid.

The output level Lo;on KEMAR exceeds within
the frequency range examined, the output level L ,
measured according to the standard conditions on
the 2 cm?® coupler. The explanation has been given
in Section 1.1. However, it is evident that the differ-
ence, Ly, - Lo, in the frequency range of 1500 Hz to
2500 Hz is significantly smaliler (up to 8 dB) for the
hearing aid Type B than for the other types. The
equivalent is true for the etymotic gain. This devia-
tion from the performance of the other types is
related to the location of the microphone port,
which is at the bottom of the case for Type B. The
same finding could be verified for two other types
of hearing aids (not reported in this paper) having
the microphone port also in the rear part of the
case.

Thus the advantage of obtaining higher gain val-
ues under standard conditions by separating the
microphone from the receiver tube as far as pos-
sible to avoid acoustical feedback cannot be real-
ized as a corresponding advantage showing up in
the etymotic gain.

The last example has clearly demonstrated that
KEMAR allows investigating the influence of differ-
ent locations of the microphone port on the case of
hearing aids.

Comparing the etymotic gain curves, L ;- Los, tO
the 2 cm® coupler curves for the aids examined,
the following summary can be drawn: The etymotic
gain exceeds the output level L, of the 2
cm? coupler at frequencies below 500 Hz by about
3 dB as the volume of the Zwislocki coupler is
smaller than 2 cm?. Between 500 Hz and about
1200 Hz both curves have very similar values. In the
range of 1200 Hz to about 2000 Hz the etymotic
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gain exceeds Lo up to 4 dB, as the effective volume
of the Zwislocki coupler decreases for these fre-
quencies and as the resonance peak of the open
ear canal (cf. Fig. 6-2) is not yet reached. Between
2000 Hz and 4000 Hz, the etymotic gain is smaller
than the output of the 2 cm?® coupler (8 dB in the
average, 13 dB maximum value). For frequencies
above 4000 Hz the small volume and the shape of
the Zwislocki coupler result in etymotic gain values
exceeding those of the 2 cm? coupler. To in-
vestigate this high frequency range properly,
wide-range or high-tone hearing aids are required.

7. Concluding Remarks

The introduction of ear simulators, e.g. the Zwis-
locki coupler, allows the hearing aid to be termi-
nated by the correct acoustic load. The influence of
different makes of ear molds can be examined
correctly and the performance of hearing aids can
be tested up to high frequencies in accordance
with the natural situation. The design of a life size
mankin offers an opportunity for including sound
diffraction of the body and the head in the perform-
ance tests of hearing aids. KEMAR, being the com-
bination of both, turns out to be a valuable tool for
the development of hearing aids and for testing
them under conditions simulating the actual fitting
process. Nevertheless, one should keep in mind
that KEMAR is an acoustic average, that it is nev-
er-the-less satistically accurate, and that hearing
aids are fitted on individuals. Thus KEMAR may
help to improve the guidelines.

Summary

KEMAR, a life size manikin, has installed an ear
simulator (Zwislocki coupler) to imitate the natural
ear. According to its design, hearing aids can be
fitted in the same way as to living subjects and
investigated relative to their real gain, called et-
ymotic gain or insertion gain. The standard proce-
dure according to |IEC 118, IEC 126 is compared to
several methods using KEMAR, always applying a
comparison method for the determination of the
reference signal in the sound field. Measurements
including calculated values for the etymotic gain
are reported and discussed for four different types
of behind-the-ear hearing aids. The results clearly
demonstrate the infiuence of different positions of
the microphone port.
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Chapter?7.

Acoustic Pressure Field Alongside A Manikin’s
Head With A View Towards /n Situ Hearing-Aid Tests
G.F. Kuhn and E.D. Burnett

Institute for Basic Standards,
National Bureau of Standards

The following article, reprinted with permission from the Journal of the Acoustical Society of America

formed the basis of a presentation by Dr. Kuhn at the conference April 5, 1976 in Washington, D.C.
Reference to figures in this Chapter, elsewhere in the proceedings, will be designated with the prefix 5 —.

The frequency responses of hearing aids measured in a free field differ from those measured on the head
of a person or a manikin due to the scattering of the sound by the head and the torso. In order to
compare and interpret the response of hearing aids located on the head at various frequencies it is
necessary to know precisely the spatial pressure distribution. The amplitude and phase of the acoustic
pressure were measured alongside a manikin’s head in increments ranging from 2 to 5 mm with frontal
sound incidence . The acoustic driver was located in front of the manikin at distances of 1.0 and 3.5 m
from the ear-canal axis. The test frequencies were the octave band center frequencies from 0.5 to 4.0
kHz and the third-octave band center frequencies from 4.0 to 8.0 kHz. The sound pressure level varies
smoothly, as a function of position, alongside the head for frequencies equal to or less than 2.0 kHz. At
frequencies equal to or greater than 4.0 kHz the pressure level changes rapidly with position. Particulary
severe pressure minima were found to exist around the pinna at 6.3 and 8.0 kHz. The smoothing effect of
test signals using pink noise of 6% and 29% bandwidth on the acoustic pressure variation alongside the

head and behind the pinna is also shown.

PACS numbers: 43.66.Ts, 43.66.Yw

INTRODUCTION

In the past, the gain, the frequency response, the
saturation level, and the distortion in hearing aids have
been measured between 0.2 and 5.0 kHz in an approxi-
mate free field using a 2-cm® coupler (ANSI, 1976; IEC,
1959). It can be expected that in the near future the use-

ful frequency range of some hearing aids will be extended

to approximately 8 kHz and that the tests will be done on
a manikin which simulates the actual wearer. It is well
known that the head and torso diffract the incident sound
causing the sound pressure around the head, where
hearing aids are typically placed, to vary considerably
with position and with frequency, and to differ from the
free-field pressure (see, for example, Wiener, 1947a;
Wiener, 1947b; Rzhevkin, 1963; Lybarger and Barron,
1965; Burkhard and Sachs, 1975; and Kuhn, 1976). In
order to test and compare the performance of different
hearing aids (see, for example, ANSI, 1976 and Veterans
Administration, 1976) at various locations alongside the
head and around the pinna, it is necessary to know the
amplitude and phase of the sound pressure distribution
around the wearer’s head. Also, knowledge of the pres-
sure distribution is useful (1) to estimate the “gain” of
pressure at the hearing aid microphone relative to the
free-field pressure, (2) to determine the expected pres-
sure difference due to the uncertainty in the hearing aid
placement from one test to the next,- (3) to find locations
where the acoustic pressure level is smooth or rapidly
changing with frequency in order to choose a location
where reliable hearing aid response measurements can

be made, and (4) to be able to determine and avoid loca-
tions where sudden and rapid changes in the phase may
occur when hearing aids with two microphone ports are
used.

Several past investigations have concentrated on com-
paring the sound pressure level produced atafew specif-
ic locations in the vicinity of the ear for a range of an-
gles of incidence (angle between the sound source and
the listener’s median plane), Lybarger and Barron
(1965) used four microphone locations on four subjects
in an anechoic room, sweeping the sound frequency from
0.15 to 7.0 kHz. Temby (1965) used ten subjects, five
microphone locations, and white noise with 6% bandwidth
centered at 800, 1600, 2400, 3200, and 4000 Hz in a
large (nonanechoic) room to measure the sound pressure
level over a range of angles of incidence. Olson and
Carhart (1975) placed a forward- and backward-facing
over-the-ear hearing aid microphone on six subjects
and on a manikin’s head. They measured the sound
pressure as a function of the angle of incidence in a non-
anechoic chamber using a 100-Hz-wide random noise,
swept from 200 to 5000 Hz. Madaffari (1974) used an
anthropomorphic manikin (Burkhard and Sachs, 1975)
to measure the acoustic pressure as a function of fre-
quency at 25 locations centered about the ear that were
spaced 2 cm apart and 5 mm from the head surface,
These measurements were made with frontally incident
sound in an anechoic room using a continuous frequency
sweep from 0.1 to approximately 12 kHz. The results
show that the sound pressure near the head varies
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smoothly with frequency below approximately 2 kHz,
Above 2 kHz, the pressure varies more rapidly with
position and frequency as the frequency increases. The-
oretical analyses of the pressure distribution around
rigid spheres (see, for example, Schwarz, 1943; Wiener,
1947b; and Rzhevkin, 1963) also predict a slowly chang-
ing pressure distribution at low frequencies and larger
changes in the spatial pressure distribution at high fre-
quencies, Generally, (Schwarz, 1943, Fig. 2 and Table
1) the pressure magnitude decreases monotonically from
the irradiated pole, #=0°, to a position about 120° to-
wards the shadowed pole of the sphere, The difference
in sound pressure level, at approximately 6.0 kHz, be-
tween the #=30° and the 6=105° position is 5.5 dB. No
relative pressure minima are predicted between 6=0°
and 120°. (The measurements of this investigation
would lie between approximately 30° and 105° on an
equivalent sphere whose perimeter is equal to the mani-~
kin’s head perimeter.)

FIG. 1. The experimental configuration in the anechoic room.

Since the head is not perfectly spherical or spheroidal
and since it has several protrusions and identations such
as the eyes, nose, mouth, and pinnae, and since the
torso causes additional scattering, analytical predic-
tions of pressure at the surface of the head can only be
approximate, The purpose of this investigation is to
provide curves of the sound pressure levels alongside
the head relative to the free-field incident pressure.
For linear hearing aids, curves of this type may be used
directly to convert a free-field hearing aid response to
the (manikin-equivalent) response of a head-worn hear-
ing aid. The hearing aid is usually small compared to
the acoustic wavelength so that additional diffraction ef-
fects due to the hearing aid will be small. In order to
have more precise corrections than those already cited,
the pressure measurements were made at 348 positions
in increments ranging between 2 and 5 mm,

I. THE EXPERIMENT

The measurements of the amplitude and phase of the
pressure were made on the manikin (Burkhard and
Sachs, 1975) in the upright position in a 425-m® free-
volume anechoic room as shown in Fig. 1. The mouth
of the acoustic driver shown to the left on the figure is
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49 mm in diameter and was placed either at 1,0 or at
3.5 m from the ear-canal axis.! Both the driver and
the ear-canal axis lay inthe horizontalplane. A “i-in.”
microphone placed on the axis of the mouth of the driver
was used as a feedback microphone to maintain the same
pressure at this location for all frequencies. A “}-in.”
microphone with a 9.3-cm long, 2-mm internal diam-
eter probe, filled with damping material, was used to
measure the pressure alongside the head. Since the
pressures around the head were normalized to the free-
field incident pressures at each frequency, it was not
necessary to calibrate the microphone probe. Initially,
some foam was wrapped around the microphone and
preamplifier but later removed since it was found to
have no effect on the pressure near the head surface,
The microphone probe was mounted on x—y—z coordi-
nate mechanical slides which could be adjusted to a res-
olution of 0.01 mm. The slides themselves were
mounted behind the manikin, as shown in Fig, 1, in its
acoustic shadow to minimize the effect of the scattered
pressures on the measurements.

The incident free-field pressure was measured with
the microphone probe at a point vertically above the
ear-canal axis on contour 2 (see Fig. 2), with the mani-
kin removed. The measured pressures were normalized
to this free-field pressure and converted to pressure
levels. ' :

The shape of the head along the measurement contours
shown in Fig. 2 (but on the opposite side of the head)
was mapped out by noting the appropriate x—y~z coordi-
nate of the tip of the microphone probe when it just came
in contact with the head surface. The head surface is

Contour §

FIG. 2. Measurement contours on the manikin’s head (all di~-
mensions are in mm).
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Source-to-ear canal distance is 1.0 m.
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defined by the locus of the solid circular dots in Fig, 2.
Hearing aid microphones usually lie within about 7 mm
of the head surface, Therefore, the positions for the
acoustic pressure measurements were chosen to lie 2,
4, and 7 mm, along the y coordinate, away from the
head surface. (Note that the y axis coincides with the
ear canal axis. The vertical dashes, on contours 1-6
in Fig. 2, indicate the positions at which the acoustic
pressures were measured.,) Contours 1, 2, and 3 are
spaced 5 mm apart in the z direction. Contour 4 was
chosen such that the microphone probe just touched the
outside perimeter of the pinna, The probe was gener-
ally moved in 4-mm increments along the x coordinate
for contours 1, 2, and 3 over a total distance of 10,0
cm, Since contours 4, 5, and 6 followed the exact shape
of the head and the microphone probe was set in a
cartesian coordinate system, it was too complicated to
move along any one contour at exactly 4-mm intervals,
Therefore, the increments were mostly chosen to be

4 mm along either the x coordinate' or the z coordinate
depending on whether the contour lay primarily along the
x axis or along the z axis, respectively.

*28 T T T T Y *2.5 T T T T T
0 w -~ —— U
500 He 1.0 kH7
25 1 I 1 { 1 25 1 1 L 1 ]
0 2 4 6 0 2 4 6
+15 T T T T T
w 4.0 kHz
-4
2 s T T T T T *5 n
)
3
e .25 | - «25 - b
jt
Z
2 o 4 ok B
H 2.0 kHz
8 .25 1 L L 1 L 25 i 1 1 1 .
I 0 2 4 6 0 2 6
w
w
w
<
u..
¢ *5
: T T T T T T
°
2
-
w
>
w
-
w
[:4
>
2
w
-4
a
o
z
5
Q
w
o 1 1 ] i I

1] 2 4 6
DISTANCE ALONG CONTOURS 4.5, AND 6 IN cm

FIG. 6. Range of sound pressure levels for contours 4, 5, and
6 at 2, 4, and 7 mm from the head surface for discrete fre-

quencies. Source-to-ear canal distance is 1.0 m. (At 5.0 kHz
along contour 4, the distances from the head surface are: open

circles, 2 mm; closed squares, 4 mm; and closed triangles,
7 mm.)

The test frequencies were the octave-band center fre-
quencies from 0.5 to 4.0 kHz and the third octave-band
center frequencies from 4,0 to 8,0 kHz. In order to
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investigate the spatial “smoothing effect” that noise
would have on the pressure maxima and minima along-
side the head, the measurements were repeated at these
test frequencies using 6% (of the center frequency) band-
width pink noise. Additional measurements were made
with 29% (of the center frequency) bandwidth pink noise
at 6.3 and 8.0 kHz,

The measurements were made with the equipment
shown in Fig. 3 with the exception that the “;-in.”
feedback microphone was not used for the measure-
ments using noise.

If. RESULTS

The pressure measurements along contours 1-6 were
normalized to the incident free-field pressure in the
median plane at the point directly above the ear-canal
axis on contour 2. These normalized pressures were
then converted to sound-pressure levels and plotted
versus the distance along the x coordinate for contours
1-3, or versus the distance

[(Ax)? +(A2) + (Ay)?] /2= [(Ax)? + (B2)2]H/2

for contours 4-6; (Ay)? is negligible since (Ay)? <« (Ax)?
+(Az)%. Ax, Ay, and Az are the displacement compo-
nents between successive measurement points along the
x, ¥, and z coordinates, respectively.

Since the sound pressure measurements were made
along six contours at three different distances from the
head surface for seven frequencies (with both discrete
frequencies and random noise) and for two source-to-
ear canal distances, it was necessary to present the
data in a condensed form, Therefore only the range
of the sound pressure levels (at a fixed frequency) for
the contour sets 1-3 or 4-6 is presented in Figs. 4-17.
Only when there are systematic and large sound pres-
sure level differences from contour to contour, as for
example in Fig. 7 at 6.3 kHz, are the specific contours
identified.

Figures 4 and 5 show the range of sound pressure
levels for contours 1-3 at 2, 4, and 7 mm from the
head surface at 7 discrete frequencies. The pressure
“builds up” at the front of the head and decreases
smoothly to an absolute minimum towards the back of
the head between 0.5 and 4 kHz for positions ranging
from approximately —6.8 to +0.5 cm relative to the
ear-canal axis. The difference between the pressure
level at the front to the pressure level at the back in-
creases to 9 dB as the frequency increases from 0.5
to 4 kHz, The pressure field becomes more irregular
at higher frequencies with maximum “front-to-back”
differences of 13, 25, and 12 dB at 5.0, 6.3, and 8.0
kHz, respectively. For all frequencies forward of the
+0, 5-cm position, the sound pressure level changes by
4.5 dB or less if the microphone position moves from
any one location to another in the y-z plane at any fixed
position “x,”, However, as the pinna is approached,
severe pressure changes occur as shown, for example,
in Fig. 5 at 6.3 kHz, The relative pressure minima
between 4.0 and 8.0 kHz are not predicted by the dif-
fraction theory for a rigid sphere.



Figures 6 and 7 show the range of the sound pressure
levels for contours 4, 5, and 6 at 2~, 4~, and 7-mmdis-
tances from the head surface. The data points between
the 0.0~ and the 1. 6-cm positions are for contour 4
only, since contours 5 and 6 do not extend as far forward
as contour 4, The head and/or pinna form a shadow,
indicated by the sharp drop in acoustic pressure, when
the frequency reaches or exceeds 4.0 kHz. The acous-
tic pressure levels at any given frequency and at any
distance along the contour vary by no more than 3 dB
from contour to contour, except at 6.3 and 8.0 kHz
where in the vicinity of the acoustic shadow (approxi-
mately at the — 3-cm position) the variations are much
greater than 3 dB. A large systematic difference in
sound pressure levels from contour to contour is in-
dicated in Fig. 7 at 6.3 kHz around the acoustic shadow.
Note that the sharpest pressure minimum does not nec-
essarily lie nearest to the head surface.

+5 T T T T T

SOUND PRESSURE LEVEL IN dB re, FREE FIELD INCIDENT PRESSURE

! 1
0 2 4 6
DISTANCE ALONG CONTOURS 4,5, AND 6 IN cm

FIG. 7. Range of sound pressure levels for contours 4, 5, and
6at 2, 4, and 7 mm from the head surface for discrete fre-

quencies. Source-to-ear canal distance is 1.0 m. (At 6.3 kHz:

open circles, 7 mm from head surface along coatour 4; closed
squares, 4 mm from head surface along contour 4; closed tri-
angles, 2 and 4 mm from head surface along contours 4
and 5, respectively; open squares, 7 mm from head surface
along contour 6; open triangles, 2 mm from head surface along
contour 6.)

The spatial variation of sound pressure around the
head can be reduced if random noise rather than a dis-
crete frequency is used for a test signal. Pressure
measurements, using filtered pink noise, were made
along contour 2 at a distance of 4 mm from the head sur-
face; the results are shown in Figs. 8 and 9. At fre-
quencies equal to or less than 4,0 kHz, the discrete fre-
quency and the filtered pink noise-sound pressure levels
differ by less than 1.5 dB. Figure 9 shows the further
reduction of the spatial pressure variation when the

"bandwidth of the noise is increased. For example, at

6.3 kHz and at the — 2.4-cm position the pressure mini-
mum is raised by 2.5 and 5 dB relative to the discrete
frequency pressure level, respectively, when 6 and 29%
bandwidths of pink noise are used. The pressure minim:
at 8.0 kHz are similarly smoothed.

Figures 10 and 11 show the sound pressure level dis-
tribution along contour 4 for discrete frequencies and
for filtered pink noise. The pressure minima become
more pronounced as the signal frequency is increased.
The effect of the (pink noise) bandwidth on the pressure
distribution is small at and below 4.0 kHz, Above 4.0
kHz the pressure minimum for the 29% bandwidth noise
lies as much as 12 dB above that of the discrete fre-
quency minimum,

+5 T T T T T T T T T T
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FIG. 8. The effect of random noise on the sound pressure
level along contour 2 at 4 mm from the head surface; closed
circles, tone; closed squares, 6% bandwidth pink noise. Source-
to-ear canal distance is 1.0 m.
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SOUND PRESSURE LEVEL IN dB re. FREE FIELD INCIDENT PRESSURE
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FIG. 9. The effect of random noise on the sound pressure
level along contour 2 at 4 mm from the head surface; closed
circles, tone, closed squares, 6% bandwidth pink noise; open
triangles, 29% bandwidth pink noise. Source-to-ear canal
distance is 1.0 m.

Figures 12 and 13 show the effect of the source-to-ear
canal distance on the sound pressure distribution. (Al-
though only two distances, 1.0 and 3.5 m, were used
here, the results for the 3.5 m distance apply for any
source position sufficiently far away to generate an in-
cident plane wave at the body and head.) These results
show that the pressure distributions have similar forms
regardless of which of the two source-to-ear canal dis-
tances is involved, (However, it should not be concluded
that the pressure distribution will remain similar for
sources closer than 1.0 m, even if they are small com-
pared to a wavelength; nor should this be assumed for
distributed sources or sources much larger than a wave-
length at any distance from the ear-canal axis.) The
pressure levels are within 2 dB for frequencies equal
to or less than 4.0 kHz and at 8,0 kHz whether the
source is at 1.0 or 3.5 m for the ear-canal axis. (The
relatively constant difference at 2.0 kHz could not be
traced to a calibration error.) At 5.0 and at 6.3 kHz
the shapes of the pressure distribution curves have sim-
ilar forms but differ primarily around the interference
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minima. The sensitivity of the pressure to the source
location can be expected to be greatest around these
minima since a small change in the amplitude(s) and
phase(s) of the scattered pressure(s) can have a large
effect on the total pressure at the minimum. However,
it seems the source distance has little effect on the
pressure at 8.0 kHz, For a complex shape such as a
torso and a head, generalizations about the scattering
from a particular body part and its effect on the pres-
sure around the head are not possible. The total pres-
sure at any one point is built up from the partial con-
tributions of pressures scattered by the entire torso
and by the head [Madaffari’s (1974) results also illus-
trate this point], making it difficult to explain why there
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FIG. 10. The effect of random noise on the sound pressure
level along contour 4 at 4 mm from the head surface; closed
circles, tone; closed squares, 6% bandwidth pink noise.
Source-to-ear canal distance is 1.0 m.

is less effect on the pressures at 8.0 kHz than at 5.0
or 6.3 kHz when the source-to-ear canal distance is
changed.

Figure 14 shows the sound pressure levels using 6.3
and 8.0 kHz tones and 6 and 29% bandwidth pink noise
for plane-wave incidence, Comparing Fig. 14 to Fig. 9
shows that the “smoothing” of the pressure minima us-
ing a plane wave is approximately the same as the
“smoothing” that occurs for an incident spherical wave,
originating approximately 1.0 m in front of the manikin.
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FIG. 11. The effect of random noise on the sound pressure
level along contour 4 at 4 mm from the head surface; closed
circles, tone; closed squares, 6% bandwidth pink noise; open
triangles, 29% bandwidth pink noise. Source-to-ear canal dis-
tance is 1.0 m.

fll. SUMMARY

The sound pressure levels along contours 1-3 at dis-
tances of 2-7 mm from the head are as much as 6.5 dB
larger than the incident free-field sound pressure level
for frequencies equal to or less than 4.0 kHz and posi-
tions more than 1 ¢m forward of the ear-canal axis., To
the rear of the ear-canal axis, the sound pressure level
rolls off with distance towards the back of the head. The
sound pressure levels along contours 1-3 at frequencies
equal to or greater than 5.0 kHz are a strong function
of frequency and location, oscillating spatially along
any particular contour, An increase in pressure is

realized relative to the free-field incident pressure in
the first two centimeters of the very forward positions.
The above conclusions are only weakly dependent on the
source-to-ear canal distance (1.0 and 3.5 m) or on the
type of signal (discrete frequency f, or pink noise with

a 6% or 29% f; bandwidth) except in the case of the 29%-
bandwidth pink noise excitation where the pressure min-
ima at 6.3 and 8.0 kHz are “smoothed” by as much as
5.0 dB.
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FIG. 12. - Comparison of sound pressure level along contour

2 at 4 mm from the head surface for a source placed 1.0 and
3.5 m from the ear canal in front of the manikin; open circles,
data for source-to-ear canal distance of 1.0 m; open triangles,
data for source-to-ear canal distance of 3.5 m.

The sound pressure levels along contours 4, 5, and
6, around the pinna, vary smoothly with position for
frequencies equal to or less than 5.0 kHz. Shadowing
effects due to the pinna are negligible for frequencies
equal to or less than 2 kHz. However, at 6.3 and 8.0
kHz sharp pressure minima occur behind the pinna
which are raised by more than 5.0 and 10 dB if pink
noise with 6% and 29% bandwidth, respectively, is used
as a test signal. :

Figures 4-7 show that the effect of hearing-aid mi-
crophone placement accuracy and its effect on the re-
peatability of the measured sound pressure level be-
comes more critical towards the back of the head, es-
pecially around and behind the pinna. Also, as the fre-
quency increases above 2.0 kHz the reliability of the
pressure measurements depends strongly on the micro-
phone positioning accuracy.

The phase of the pressure, although not discussed in
this paper, has been measured and is smooth and con-
tinuous except at positions centered around the pressure
minima on contours 4-6 at 6.3 and 8.0 kHz. The phase
changes abruptly by approximately 180° at these fre-
quencies as the pressure minima are traversed. Hear-
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ing aids with more than one microphone or microphone
port may give unreliable test results at such locations.

Test signals using random noise of some bandwidth
may be useful for testing hearing aids, particularly
above 5.0 kHz since the pressure maxima and particu-
larly the minima are smoothed out. However, this
“smoothing” of the spatial pressure distribution is at
the expense of some frequency resolution due to the
bandwidth of the noise.
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FIG. 13. Comparison of sound pressure level along contour

2 at 4 mm from the head surface for a source placed 1.0 and
3.5 m from the ear canal in front of the manikin; open circles,
data for source-to-ear canal distance of 1.0 m; open triangles,
data for source-to-ear canal distance of 3.5 m.
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Meeting of the Acoustical Society of America, Washington,
D.C., 4-9 April 1976 [J. Acoust. Soc. Am. 60, S30(A)
(1976)].

iThe 1.0-m distance is typical of conversational speech and
is being considered for hearing-aid testing (Burkhard, 1976).
The 3.5-m distance is used to simulate an incident plane-
wave condition.
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FIG. 14. The effect of random noise on the sound pressure
level along contour 2 at 4 mm from the head surface for a
source placed 3.5 m from the ear canal in front of the manikin:
closed circles, tone; closed squares, 6% bandwidth pink noise;
closed triangles, 29% bandwidth pink noise.

manikin for acoustic research, ” J. Acoust. Soc. Am. 58,
214222, -

Burkhard, M. D. (1976). Personal communication.

IEC (1959). “Recommended methods for measurements of the
electro-acoustical characteristics of hearing aids, *” Publica-
tion 118, International Elecirotechnical Commission, Geneva,
Switzerland.

Kuhn, G. F. (1976). “An objective sound localization model in
the azimuthal plane, ” Seminar at the Natl. Bur. Stand.,
Washington, D.C., April 29, 1976 (to be published).

Lybarger, S. F., and Barron, F. E. (1965). “Head baffle
effect for different hearing aid microphone locations, ” J.
Acoust. Soc. Am. 38, 922 (A).

Madaffari, P. L. (1974). “Pressure variation about the ear, ”
J. Acoust. Soc. Am. 56, S3 (A).

Olson, W., and Carhart, R. (1975). “Head diffraction effects
on ear-level hearing aids, "’ Audiology 14, 244-258.

Rzhevkin, S. N. (1963). The Theory of Sound (Pergamon,
Oxford), pp. 362-363.

Schwarz, L. (1943). “Zur Theorie der Beugung ciner ebenen
Schallwelle an der Kugel, ” Akust. Z. 8, 91-117.

Temby, A. C. (1965). “Sound diffraction in the vicinity of the
human ear,” Acustica 15, 219-222,

Veterans Administration (1976). “Handbook of Hearing Aid
Measurements 1976, U.S. GPO, Washington, DC 20402,

IB 11-52.

Wiener, F. M. (1947a). ‘““On the diffraction of 2 progressive
sound wave by the human head, ” J. Acoust. Soc. Am. 19,
143-146.

Wiener, F. M. (1947b). “Sound diffraction by rigid spheres
and circular cylinders, ” J. Acoust. Soc. Am. 19, 444-451.



Chapter 8

A Comparison of Insertion Gain and Substitution
Measurement Methods on KEMAR

L.B. Beck

Biocommunications Laboratory
University of Maryland
College Park, Maryland

G. Donald Causey

Veterans Administration
Washington, D.C.

Presented in Washington, D.C., April 5, 1976

In the audiologist's task of restoring commu-
nicative ability to the hearing-impaired individual,
the selection of the appropriate amplifying device
is a prime consideration. Hearing aids are de-
scribed in terms of their electroacoustic character-
istics, and the audiologist applies instrumental cri-
teria in his ultimate determination of a ‘“‘good”
hearing aid. One of the problems in this chain of
events has been the lack of agreement between
electroacoustic and behavioral measures. Among
the many contributing factors which must be con-
sidered are the effects of the person, including
head diffraction and/or body baffle effects and ear
canal resonance, interacting with the hearing aid’s
physical characteristics to influence the hearing
aid’'s performance on the person.

The Knowles Electronics Manikin for Acoustic
Research, known as KEMAR, is an anthropometric
manikin which provides us with the means to eval-
uate the many factors that contribute to hearing aid
performance on the person. Burkhard and Sachs
(1975) demonstrated that KEMAR (which is used
with the Zwislocki coupler) simulated the acoustic
response of a human in the free field.

Presently, there are two techniques for measure-
ment of hearing aids on KEMAR. One technique is
the insertion gain' method, also called the ortho-
telephonic response, whereby gain is defined as
the difference between the sound pressure level at
the eardrum with the hearing aid in place and the
sound pressure level at the eardrum with no hear-
ing aid in place. The technique represents a distinct
departure from the conventional definition of gain.
The orthotelephonic response, as explained by
Beranek (1949), examined the transmission system
{(the hearing aid) without the contribution of the
basic reference system (the ear).

Another technique for measurement of aids on
KEMAR is the substitution method whereby gain is
defined as the difference in sound pressure level at
a test point and sound pressure level at the coupler
when KEMAR, with the hearing aid in place, has

been located at the test point. The term *‘substitu-
tion” is used herein to describe that measurement
technique whereby a constant sound pressure level
(SPL) is established at the test point with a refer-
ence microphone. The reference microphone is
then removed and KEMAR, with a hearing aid in
place, is located at the test point and exposed to
the sound field signal previously established.

The purpose of this paper is to describe the
instrumentation and procedures necessary to
measure hearing aids using the insertion gain and
substitution methods and to provide a comparative
analysis of the resulting frequency responses.

Equipment

A block diagram of the instrumentation used for
measurement of hearing aids on KEMAR is shown
in Fig. 8-1. Measurements were made with a Bruel
& Kjaer hearing aid test system and an anechoic
chamber having an internal dimension of 343 cubic
feet. A beat frequency oscillator generated the sig-
nal which was led to a JBL LE8T speaker, located in
the anechoic chamber, and placed directly in
front of KEMAR in a 0° azimuth relationship. The

LEVEL
RECORDER

2Zwislocki
Coupler

OSCILLATOR--------- MEASURING |._

.
H FREQUENCY
P CoonTer [, speaker N1
: ! b e e L.
!
TAPE L POWER )
RECORDER AMP

Fig. 8-1. Block diagram of the instrumentation used for
measurement of hearing aids on KEMAR.
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center of the loudspeaker cone was one meter from
the midpoint of a line between KEMAR’s two ears. A
Scully ¥2” tape recorder was used in the system to
record and playback the test signais. The Zwislocki
coupler assembly (coupler and plate) was attached
to a ¥2” condenser microphone and mounted on
KEMAR. The microphone output was then led to a
measuring amplifier for determination of sound
pressure level at the test point (KEMAR’s ear). The
output of the measuring amplifier was delivered to
a graphic level recorder to record frequency re-
sponse. A compression or regulating circuit was
connected to the test microphone to maintain con-
stant sound pressure level when necessary.

This equipment array could be manipulated for
measurement of hearing aids using the insertion
gain and substitution measurement methods.

Prior to initiation of the procedures for measure-
ment of hearing aids on KEMAR, the effects of the
manikin on the constant free sound field signal at
0° azimuth were examined. A constant sound pres-
sure level sweep frequency signal was presented to
the manikin and the effects of the manikin on this
signal were recorded. Fig. 8-2 shows these fre-
quency-dependent effects for two different test
sessions eight days apart.
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Fig. 8-2. The effects of KEMAR on a free sound field
measured at the eardrum with source location at 0°
azimuth for two test sessions eight days apart.

Procedures

To measure the insertion gain of hearing aids,
KEMAR was located in the chamber at a distance of
one meter from the speaker. The 12"’ condenser
microphone attached to the Zwislocki coupler in
KEMAR's ear (the eardrum microphone) was made
the regulating microphone by activating the com-
pression circuit. The oscillator output, controlied
by the compression circuit to produce 60 dB SPL
throughout the frequency range, was recorded on
magnetic tape. The eardrum {(coupler) microphone
was converted to the measuring microphone (by
disconnecting the compression circuit) and the
tape-recorded signal was played back through the
speaker to KEMAR’s eardrum microphone. The
graphic level recorder, connected to the output of
the measuring amplifier, provided a frequency re-
sponse tracing of the signal occurring at the ear-
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drum microphone during the recording and play-
back portion of test signal preparation. The in-
sertion gain measurement technique compensated
for the effects of the loudspeaker and the effects of
KEMAR (including head diffraction and ear canal
resonance) on the resulting response.

An example of the steps involved in generating
the insertion gain test tape signal, the voltage re-
quired to produce constant SPL at the eardrum
microphone across frequency, is shown in Fig. 8-3.
The response labeled A is KEMAR’s response
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Fig. 8-3. Generation of the insertion gain test tape signa