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BACKGROUND 

A difficult problem in specifying the characteris- 
tics of electroacoustic transducers is the fact that 
the sound pressure level measured in a standard 
coupler or artificial ear is not the same as that at 
the eardrum. A related problem is encountered in 
specifying the overall gain of a hearing aid. This 
latter problem is especially difficult because of the 
complexity of the acoustic coupling between the 
hearing aid receiver and the eardrum. An additional 
complicating factor is the acoustic effect of mounting 
a microphone on the body (usually on the ear). 

The above problems are conipounded by the 
difficulty of nieasuring acoustic power (or energy) 
directly. Whereas sound pressure is relatively easy 
to measure, it is much more dificult to obtain 
measurements of volume velocity. In order lo de- 
ternline the power of a sound, however, it is nec- 
essary to know both the prercrrre and the volume 
velocity, as well as the relative phase of these two 
variables. Alternatively, the power of a signal can 
he derived fi-om measurements of sound pressure 
and acoustic impedance. The latter variable is, in 
general, a complex quantity with both real and 
imaginary conlponents and It is also not easily 
~lieasured. 

In view of the above difficulties, it is common 
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practice to specify the relative strength of an acoustic 
signal in terms of its pressure level (e.g., sound 
pressure level, sensation level, hearing level). This 
approach is quite satisfactory provided the system 
or conditions being compared have the same acous- 
tic impedance, as is often the case in practice. Care 
must nevertheless be exercised in interpreting pres- 
sure level measurements. For example, auditory 
thresholds are typically measured in terms of just- 
detectable presqure levels; consequently, differ- 
ences in measured thresholds between normal-hear- 
ing and hearing-impaired persons with middle ear 
pathologies reflect not only differences in auditory 
sei~sitivity but also the difference5 in acoustic imped- 
ance between the ~iormal and impaired ear. Simi- 
larly, the variation in auditory threshold as a li~nction 
of frequency is a result of variations in both auditory 
sensitivrty and acouscc impedance as a function of 
frequency. 

A nlatter ohorne  concern in specifying the et'fec- 
tive gain of a hearing aid is that the two conditions 
of interest (aided vs unaided) involve differ-ent forms 
of acoustic coupling and in general different acou\tic 
impedances. For example, the transfer function 
specifying the change in sound pressure level from 
sound field to eardrum does not cover all of the 
factors affecting the detectability of the amplified 
sound. A more reliable method i s  to specify the 
change in pressure level at a common point (e.g., 
at the eardrum) resulting from the use of the hearing 
aid. 
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THE FUNCTIONAL-GAIN TECHNIQUE 

A very powerful technique for circumventing the 
above problems is that of measuring the functional 
gtrin of a hearing aid ( I  1 ) .  According to this technique 
the threshold of audibility for a frequency-specific 
signal (tone or narrow band of noise) is obtained for 
both the aided and unaided conditions. The ratio of 
these two thresholds (in dB) is defined as the 
functional gain of the hearing aid at the test fre- 
quency. Since detectability is measured directly for 
the two conditions of interest, all of the Factors 
affecting the gain of the hearing aid (e.g., hearing 
aid transfer function, acoustic coupling effects, in- 
dividual differences in acoustic impedance) are taken 
into account. 

The functional gain technique is limited in several 
ways. The most obvious is that the key measure- 
ment, the threshold of audibility, is a psychophysical 
rather than a physical measurement and is thus 
subject to all of the limitations of psychophysical 
testing; e.g., test-retest variability is typically much 
larger than that obtained with physical measurement 
and the time required per measurement may be 
orders of magnitude greater (minutes as compared 
to seconds). Despite these limitations, the technique 
is nevertheless sufficiently practical for laboratory 
or clinical use and is worth the additional effort if 
accuracy rather than precision of measurement is 
the primary concern. 

Measurements of functional gain arc usually ob- 
tained in the sound field, and in order to avoid the 
problem of standing waves in the test room it is 
common practice to use narrow bands of noise 
rather than tones as the test stimuli. One-third- 
octave bands of noise are often used for this purpose, 
and it is important to bear in mind that the skirts of 
conventional one-third-octave band filters are fairly 
broad for attenuations in excess of 30 dB. 

The skirt of the noise band presents a problem 
when measuring functional gain for a subject with 
a steeply sloping hearing loss, since energy in the 
skirt of the noise band may be detected in an adjacent 
frequency region where residual hearing happens to 
be relatively good, rather than the main body of the 
noise being detected in the frequency region of 
interest. 1f a very narrow band of noise is used, the 
random variations in the amplitude of the noise band 
will be large, resulting in a high test-retest variability. 
This problem is not unique to the measurement of 

functional gain, but applies to audiometric sound- 
field measurement in general. The problem of stim- 
ulus variability can be avoided by using a non- 
random narrowband stimulus such as a frequency- 
modulated tone with strictly controlled bandwidth 
and rate of modulation. 

Another practical problem is that the internal 
noise of the hearing aid may exceed the subject's 
threshold of audibility, in which case the measured 
threshold for the amplified condition will be raised. 
Since only the aided threshold is affected, the 
measurement of functional gain under these condi- 
tions will underestimate the true gain of the hearing 
aid. 

A third practical problem is that the transmission 
path from sound field to hearing aid microphone is 
critically dependent on head position and on the 
exact location of the microphone on the ear (7). A 
small change in the location of the microphone, or 
a movement of the head, can change the functional 
gain of a hearing aid significantly. As before, this 
problem is not so much a limitation ofthe functional- 
gain technique ypr sc., but is an inherent problem 
for all methods of measuring hearing aid gain. 
Specifically, the overall gain of a hearing aid is a 
function of relative head position and how the 
hearing aid is mounted on the ear (or elsewhere on 
the body). 

THE REFERENCE NEARING AID TECHNIQUE 

A technique that is similar in concept to the 
functional-gain method, but which avoids most of 
the above problems, is the r-efi~/.encc. lzrcir-ifzg (lid 
technique. This technique was designed to facilitate 
measurement of hearing aid characteristics in studies 
involving adjustable or programmable hearing aids 
(8,9). In this procedure, the overall gain of the 
hearing aid is subdivided into three components: 

I )  the transfer function from sound field to elec- 
trical output of the microphone: 

2) the transfer function from electrical input to 
the hearing aid to the electrical output of the hearing 
aid (i.e., the electrical signal delivered to the hearing 
aid receiver); 

3) the function relating electrical input to the 
hearing aid receiver to the subject's behavioral 
threshold. 

'The first of these transfer functions is the most 
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variable. It is usually measured for a single reference 
condition, e.g., the listener facing the sound source 
at 0 degrees of azimuth at a distance of 2 meters. 
Additional measurements are also sometimes ob- 
tained showing the range of variation of this transfer 
frlnction for changes in head position typical of those 
occuring in face-to-face communication. The trans- 
fer function for the reference condition is used in 
deriving the overall gain of the hearing aid; variations 
in the transfer function about this reference condi- 
tion provide information on the changes in hearing 
aid gain to be expected from changes in head position 
relative to the sound source. 

The second transfer function is the easiest to 
measure and can be measured most precisely. Elec- 
trical measurements only are involved and a signal 
level well above the internal noise of the hearing 
aid is normally used. As before, measurements are 
obtained for a reference condition. For convenience, 
a flat frequency response at a typical average gain 
(e.g., 30 dB) is used for the reference condition. 

The third function, relating electrical input at the 
hearing aid receiver to the subject's threshold of 
audibility, covers a number of complex effects. 
These include electrical to acoustical transduction 
in the hearing aid receiver, the transmission char- 
acteristics of the sound path from hearing aid re- 
ceiver through the acoustic tubing, earmold, and 
earcanal to the eardrum, the transduction from 
acoustic to mechanical vibration at the eardrum, the 
sound-transmission characteristics of the middle ear 
and cochlea and subsequent processing of the signal 
at higher levels in the auditory system leading finally 
to a behavioral response. Although complex, the 
function relating electrical input at the hearing aid 
receiver to behavioral threshold is reasonably stable, 
provided an efficient and precise psychophysical 
test procedure is u\ed; e.g., an adaptive up-down 
technique using a forced-choice paradigm. 

Once the various transfer fr~nctions for the ref- 
erence hearing aid have been obtained, i t  is a 
relatively simple matter to determine the effect of a 
change in hearing aid parameters on the threshold 
of audibility. This aspect of the technique is partic- 
ularly usef~ll when adjusting the parameters of a 
programmable hearing aid, since all subsequent 
measurement\ can be obtained electrically (includ- 
ing automated self-calibration using a computer- 
based system) and related directly to the signal 
levels obtained for the reference hearing aid con- 

dition. It is important, when using this technique, 
that the acoustic coupling in the hearing aid that is 
finally fitted to the subject be the same as that used 
in the reference hearing aid; i.e., the same receiver, 
earmold, and acoustic tubing should be used. 

The reference hearing aid technique is not re- 
stricted to threshold measurements only. It is also 
used to determine the relationship between the 
acoustic or electrical input to the reference hearing 
aid and the subject's loudness discomfort level, as 
well as other loudness levels (9). The threshold data 
obtained with the reference hearing aid technique 
can be used to determine the changes in functional- 
gain resulting from changes in hearing aid parame- 
ters. The loudness data can be used to determine 
appropriate output-limiting levels and compression- 
amplification characteristics for the subject. 

An important advantage of the reference hearing 
aid technique is that, by separating the overall gain 
into the three transfer functions, it is possible to 
obtain threshold data that are not contaminated by 
the internal noise of the hearing aid. It is also 
possible to obtain sonnd-field data separately so that 
transfer frinctions 2 and 3 can be obtained with tonal 
stimuli. The use of tonal stimuli not only increases 
precision but also allows the measurement of the 
phase response of the hearing aid. 

MEASUREMENT OF PHASE-FREQUENCY 
RESPONSE 

Phase Characteristics 

The phase-frequency response of hearing aids has 
received very little attention. This is presumably 
because the phase characteristics of audio signals 
are often assumed to be of little practical conse- 
quence. Whereas the ear is relatively insensitive to 
phase in monaural listening, it is remarkably sensi- 
tive to phase in binaural listening. A normal-hearing 
listener, for example, can detect interaural phase 
differences as small as 2.5 degrees, depending on 
the frequency and sound pressure level of the signal 
(14). For a 1000 Hz tone at 65 dB SPL the just- 
noticeable-difference (JND) in phase is about 3.5 
degrees-this corresponds to an interaural time 
difference of 10 microseconds, an extremely small 
difference by any measure. 

Since the vast majority of hearing aids are dc- 
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signed for monaural use, it is not surprising that the 
phase characteristics of hearing aids have received 
little attention. Even the so-called binaural hearing 
aid is typically no more than a pair of monaural 
hearing aids that have been fitted individually to 
each ear. The exquisite sensitivity of the binaural 
system to interaural phase differences is simply not 
being taken into account in either the design or 
fitting of binaural aids. 

There are additional reasons for being concerned 
with the phase characteristics of hearing aids. Acoustic 
feedback can be reduced by appropriate manipula- 
tion of the phase characteristic of the hearing aid 
(2). It is also possible to reduce the peak factor 
(peaklrms) of amplified speech signals by manipu- 
lation of the phase characteristic. Reducing the peak 
factor can be ~lsed to reduce the amount of distortion 
produced by peak clipping, a technique often used 
to protect hearing aid users from occasional intense 
sounds. 

Whereas it is relatively difficult to control phase 
precisely in conventional analog circuits, it is no 
more difficult to control the phase-lii-equency re- 
sponse o f a  digital filter than to colltrol its amplitude- 
frequency response. It is likely that more attention 
will be paid to phase-frequency characteristics in 
the hearing aids of the f ~ ~ t u r e   sing digital or quasi- 
digital techniques. It is thus important that methods 
be developed for measuring and calibrating the phase 
of hearing aids. 

Caneellation Technique 

A very serr5itive method of me;tsuring relative 
phase is by means of car-rcellation (5). In this tech- 
nique, the test tone delivered by the Ilearing aid ir 
cancelled by a reference tone at the sitme frequency 
reaching "Ie cochlea by an alternative route. l'he 
alternative route could be by bone conduction or 
by means of the electrophonrc effect (12). Irr order 
lo achieve cancellation it is necesrary to adsjust the 
an~plitude and phase of either the test or reference 
tone is such a way that the signals reach the chochlea 
with equal amplitude, but opposite in pha5e. 

'The following example shows how this technique 
was ~ ~ s e d  in cl-tecking the phase cl2;iracteristic of a 
digital hearing aid. The hear.ing aid consicted of a 
conventional hearing aid microphone ilhllowed by a 
32-tap finite-impulse-response (FIR) digital filter, 
power amplifier, Lirniting network, and outprrt trans- 
ducer. The hearing aid was first prograrnrned lo 
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Figure I .  
Block diagram of' experimental equlpment. 

have a flat electrical re5ponse. Thir was the reference 
hearing aid condition. 

It war of interest to determine the phase frequency 
response at the ear for a nol~linal 90-degree phaie 
shift in the digital hearing aid. 'l'he transfer fi~nction 
from sound field to microphone was not of irlteresl 
in this exanlple and the lest signal was applicd after 
the microphone at the electrical input to the hearing 
aid. 'The reference rignal war delivered by mean5 
of bone conduction. 

A block diagram of the apparatuil is ,hewn in 
Figure 1. A low di4tortiorl srne-wave gener;~tol- was 
used as the signal source. An o\cilloscope and 
frequency counter were used lo rrronrlor the ourptlr 
of the sine-wave generator. The iignal wa\ then split 
into two parts, a test tone and a r.c.fcr.ctrc~c~ tone. The 
latter vignal war amplified, fed to a phale shifter 
and then to  a preciion altenuator- before being 
applied to the refel.ence tr;insduccr. The reference 
transducer in this exanlple was a Radro Ear B-70A 
bone-conduction vibrator rllouritecl on the mailtoid. 
The test signal was led directly to thc electrical 
input of the digital hearing ;tic!, the o~ i tp~ r t  of which 
was delivered to the Ilearing aid receiver. 

The heal-ing aid was adjurtecf to deliver the te\t 
tone at a comfortable listening level. The tell tone 
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mas then switched ofT and the bone-co~lducted 
reference tone \witchecl on and aciiu\ted in level to 
be \lightly louder than the te\t tone. Since the 
reference tone wa6, transmitted by bone conduction 
it  was received by both ears, resulting in a binaural 
sound image located between the two ears. Masking 
noise war adcled to the non-test ear. As the level of 
the nlasking nolie wai increa\ecl, the perceived 
position of the I-efe~.ence tone moved toward the 
test ear. The ma\ker level wa\ increased until the 
reference tone reached the test ear and any further 
increase in the masker level procluced no further 
change i r i  the perceived po\ition of the reference 
tone. 

Both the te\t and reference tones were switched 
on and the amplitude and phase of the reference 
tone were then adjusted until the two signals can- 
celled each other. An iterative method of adjustment 
was used. The attenLtator was first adjusted so that 
the rcfere~icc tone, when heard alone, was roughly 
as loud a i  the test tone heard alone. The phase 
shifter was then adju\ted until the combined tone 
reached a mininium in loudness. 'X'he amplitucle of 
the rckrence tone was then ad-justed to obtain a 
iower Ioudnes5 minimum. The phase shifter was 
then adjusted to reach an even lower loudness 
minimum, and \o on, until the combined tone was 
no longer auclible. At thii stage, the test and refes- 
ence tones had elTectively cancelled each other. The 
adjustment procedure wa\ found to be both rapid 
and precise. Typically, only three or four adjust- 
ments were neecled in order to achieve cancellation. 

At cancellation, the rnis voltage and relative phase 
of the reference tone were recorded. The meartire- 
rnents thus obtained provided baseline data for the 
reference condition. The digital hearing aid was then 
re-programmed to have the same amplitude-fre- 

Table 1. 
Measured change in functional gain 

quency response but with a 90-degree phase shift at 
all frequencies. The cance1l;ition procedure was then 
repeated. The difference between the two sets of 
measurements shows the change in functional gain, 
for both inten5ity and phase, resulting from the re- 
progran~ming of the hearing aid. The experiment 
was then repeated in order to obtain an estimate of 
test-retest variability. 

The data are siimn~arized in Table 11. The standard 
error was found to he 1.4 dB for the intensity 
nieasurements and 8.5 degrees for the phase meas- 
urements. Although the digital hearing aid was 
programcned for a ~~omina l  change of 0 dB in intensity 
and 90 degrees in phase for all frequencies, the data 
show sys.tematic changes in both intensity and phase 
as a function of frequency. 'These differences were 
dire to the limitations of the 32-tap FIR digital filter. 
Electrical nieasurements of the gain of the digital 
hearing aid show changes in intensity and phase 
with frequency similar to those obtained for the 
measured functional gain. 

Figure 2 $how\ the measured changes in intensity 
and phase for the digital hearing aid. The solid 
curves show the electrical measurements, the plot- 
ted points show the changes in gain as 111easured 
using cancellation. Both sets of data show similar 
changes in irrtensity and phase with frequency. The 
standard deviation between the functional gain 
measurernenls and the much more precise electrical 
measurements was 2.4 dB for intensity and 11.6 
degrees for phare. These sta~idard deviations are 
consistent with the estimated test-retest variability 
of the functional gain technique. The corresponding 
standard errors of the electrical meaurements were 
0.1 dB for intensity and 2 degrees for phase, re- 
spectively. 

lieplicatioi~ 1 - 2  0 - I  - 2 5 
lntel~sity 
change Replicatioi~ 2 - 3 - 5 - 1 1 3 
(dB) Mean - 2 - 2.5 - 1 0.5 4 

Std error 1.4 

Phase Replication I 61 91 85 115 89 
change Keplication 2 52 72 102 90 79 
(degrees) Mean 56.5 81.5 93.5 102.5 84 

Std error 8.5 
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Figure 2. 
Amplitude and phase calibration of a digital hearlng aid Measured changes in the amplitt~de and phase characterirtrcs of '1 d~gital 
hearing aid programmed to p ~ o d u c e  a 90-degree phase shift are rhown. The upper half of the f igu~e  shows inten\lty ratlo (rn dB), 
the lower half shows phase shift (in degree,) The plotted points show the data obtarned with the cancellation technique, the solid 
curves show the changes measured electrically 

is stimulated by an effect similar to that of electro- 
CALIBRATION OF NONCONVENTIONAL phonic hearing ( 1  2). Two mylar-coated electrodes 
TRANSDUCERS are used, one is placed near the ear (e.g., on the 

mastoid), the other is placed elsewhere on the body 
Several devices have been developed recently (e.g., the arm, or the opposite mastoid). A radio- 

that use novel forms of auditory stimulation. In one frequency electrical signal (approximately 60 kHz), 
such system, the Tonndorf Audiometer (13), the ear modulated by an audio-frequency test signal, is 
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applied to the electrodes. The electrical field created 
by the capacitive coupling between the two elec- 
trodes produces electromechanical field forces act- 
ing on that portion of the body lying between the 
two electrodes. By a process that is not yet under- 
stood, the high-frequency carrier is demodulated 
and the audio-frequency test signal is transmitted 
to the cochlea by means of bone conduction. 

Another device using nonconventional means of 
auditory stimulation is the Audiant Bone Conductor 
(4). In this device, a small magnet housed in a 
titanium disk is attached to an orthopedic screw and 
is implanted in the temporal bone. The implanted 
screw-magnet assembly is caused to vibrate by an 
electromagnetic coupling placed externally on the 
skin directly opposite the implanted magnet. The 
external magnet is held in place by the magnetic 
coupling between the internal (implanted) and ex- 
ternal units. Amplified audio signals transmitted 
transcutaneously by the electromagnetic coupling 
cause the te~nporal bone to vibrate resulting in the 
transmission of sound to the cochlea by means of 
bone conduction. The system is currently being used 
as an implantable bone-conduction hearing device 
for persons with middle-ear impairments. 

The use of nonconventional transducers in au- 
diometers, hearing aids, and other such devices 
raises an important practical question. How does 
one measure and calibrate the audio signals gener- 
ated by these devices'? In the two devices described 
above, the last stage of the transmission path in- 
volves bone conduction and, consequently, these 
signals can be cancelled by acoustic signals reaching 
the cochlea by another path; e.g., by airborne sound 
delivered through a standard audiometric headphone 
or by bone-conducted signals delivered by means 
of a standard bone-conduction vibrator. The can- 
cellation technique can thus be used to calibrate 
signals generated by nonconventional transducers, 
provided those signals reach the cochlea by acousto- 
mechanical means. 

Table 2. 
Equivalent coupler level for 2000 Hz tone at 120 
electrical units. 

Equivalent 
Voltage across coupler 

headphone level 
Suljject (millivolt\) (dB SPL) 

KD 2.0 63.0 
KC 2.5 64.9 
HL '..A. 7 3 63.8 

Mean 63.9 

In order to illustrate this application of the can- 
cellation technique, a calibration check was per- 
formed on a TonndorF high-frequency audiometer. 
The equipment used was virtually identical to that 
shown in Figure I, except that the bone conductor 
was replaced by the Tonndorf audiometer. The 
electrodes were placed symmetrically, one on each 
mastoid. A standard audiometric earphone (TDH- 
39) was used to deliver the airborne signal. The 
amplitude and phase of the acoustic signal required 
to cancel the electrical signal were then measured. 
The amplitude measurement was obtained by first 
measuring the voltage across the earphone at can- 
cellation and then measuring the sound pressure 
level generated in a standard 6 cc coupler by the 
earphone when driven by this voltage. The sound 
level thus determined is the equivalent sound pres- 
sure level, as calibrated in a standard coupler, 
required to cancel the electrically generated sound. 

Table 2 shows data obtained for 3 subjects for a 
2000 Hz tone. The electrical signal was set to 120 
units as read off the instrument dial. According to 
the instrument's specifications, this electrical signal 
should correspond to an acoustic signal ofjust under 
60 dB SPL delivered by a standard audiometric 
earphone. The data show that this particular instru- 
ment is roughly 4 dB out of calibration. 

Table 3 shows data comparing equivalent acoust- 

Table 3. 
Equivalent coupler level as a function of electrical level (Subject HL: 
Frequency 2000 Hz). 

Electrical units 100 105 110 115 120 
Measured level (dB SPL) 61 62 62 64 65 
Calibrated level (dB SPL) 57.5 58.1 58.7 59.2 59.8 
Meawred-calibrated levels (dB) 3.5 3.9 3.3 4.8 5.2 
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Table 4. 
Comparison between TDH-39 earphone and ER-3A Tubephone. 

Frequency 250 500 1000 2000 

Intensity Difference (dB)  0.8 0.6 - 1.2 -4.2 
0.9 - 1.1 0.7 -1.4 

-0.8 - 0.4 - 0.5 - 4.9 

Mean 0.3 -0.3 - 0.3 -4.2 
Std. dev. 1 .0 0.9 1 .0 0.8 
St. error o f  mean 0.6 0.5 0.6 0.5 

Phase Difference (degrees) 166 - 149 - 3 - 137 
172 - 145 5 - 120 
160 - 140 - 8 - 133 

Mean 166 - 145 - 2 - 130 
Std. dev. 6 5 7 9 
Std. error o f  mean 3 3 4 5 

ical levels as a function of electrical signal level. 
The output of the Tonndorf audiometer was in- 
creased in steps of 5 electrical units from 100 to 120 
units. The measured equivalent sound pressure lev- 
els and the nominal calibrated sound pressure levels 
are shown in the second and third rows of the table, 
respectively. As before, this particular instrument 
is seen to be roughly 4 dB out of calibration. 

The standard error of the equivalent sound pres- 
sure level measurements was found to be on the 
order of 2 dB. Test-retest variability of successive 
measurements in which the electrode and earphone 
remained fixed in position between trials (i.e., nei- 
ther of the transducers was removed and replaced 
between trials) was found to be less than 1 dB. The 
cancellation technique also generated phase data, 
but those data are not reported since they could not 
be interpreted meaningfully without a reference 
phase condition. One possibility is to use a third 
signal source as a reference (e.g., a signal delivered 
by a standard bone-conduction receiver), but this 
was not done since calibration of phase was not of 
interest in this experiment. 

A new transducer systelll that has fcjund several 
useful applications in audiology is the 'Tubephone& 
developed by Etyrnotic Research. The Tubephone 
consists of a receiver coupled to a sound tube 
terminating in a disposable foam tip that fits s11ug1y 
in the ear canal. The sound tube is 25 cm in length 
and is designed so that when the foam tip is inserted 
into the ear canal, a prescribed frequency response 
is obtained at the eardrum; e.g., a flat frequency 
response or a response approximating that of the 

standard TDH-39 earphone can be obtained, de- 
pending on which Tubephone is used. 

A model ER-3A Tubephone war calibrated using 
the cancellation technique. This particular  nit has 
a frequency response approximating that of a TDH- 
39 earphone. The Tubephone and earphone were 
each calibrated against a standard bone-conductor 
receiver (Radio Ear B-70A). 'There mearul-ements 
were obtained in pairr at each tert frequency, with 
the bone conductor fixed in porition so as to ensure 
that the signal delivered by the bone-conduction 
receiver was identical for both Tubephone and 
earphone. The order in which acoustic cancellation 
was obtained for the Tubephone and earphone was 
randomized within each pair of measurements. 

The differences in calibration between the ER-3A 
Tubephone and 'TDH-39 earphone are shown in 
Table 4. The difference in acoustic output war less 
than 0.5 dB for frequencies up to 2000 Hz. At 2000 
Hz, a difference of roughly 4 dB was obtained. This 
difference was within the specifications of the two 
transducers allowing for the obrerved standiir-d error 
of mea\urement. (Note that the standard error of 
the mean for the intensity data was roughly 0.5 dB 
and that the standard error of the difference between 
two means was thus on the order of d2 x 0.5 = 

0.7 dB). Frequency respon\e measul-cments on a 
standard coupler showed a \mall drop, ctpproaching 
2 dB at 2000 Hz, in the outp~it of the TDH-39 
earphone used in thi5 experiment, The Tubephone 
showed a correspondingly small increase in output 
in this frequency region. 

The data in the lower half of the table \how the 
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Figure 3. 
Compali\on between the phase ~ h a r ~ t c t e r ~ s t l c s  of '1 TDH-19 earphone and an ER-3A Tubephone The data show the medsured 
ph,i\e difference\ alter co~rect lon for delays In excess of one o~ more p e r ~ o d \  I h e  lower Irne shows the pha\e-frequency 
ch, t racte~~\trc  corre\pond~ng to a deldy ot 0 8 mrlll\econds, the nomrnal delay ~ n t ~ o d u c e d  by the acou\tlc tube ot the Tubephone 
'I he uppel line h a \  been fitted to the data by the method of least squares (subject to  the conctra~nt that the line pass through the 
orrgrn) '~nd corle\pond\ to a delay of O 95 n~llllsecond\ 

difference5 in phase between the aco~15tic signals 
delivered by the two transducers. Since the phase 
characteristics of these two transducers are not 
specified, it is not known whether or not the ob- 
served pha\e differences are within specifications. 
It  is important to note that the 'Tubephone has a 
relative long sound tube, which introduces an acous- 
tic delay of roughly 800 microseconds. At 1250 Hz 
this delay corresponds to one full period of the 
signal; i.e., a pha\e 5hift of 360 degrees. Since the 
phase mea~urernents are re4tricted to a range of 360 
degrees it is necessary to correct the measurements 
for delays in excess of one or more periods of the 

c1 ow- 4ignal. Figure 3 \how5 the difference in phase .11 
ing for thi\ effect. 'The two sloping lines show phase 
shift a5 a function of frequency for a fixed delay. 
The lower line \how5 the pha\e 5hifts produced by 
delay of 800 micro\econds. The upper line shows 
the leait \quare\ fit to the measured pha\e differ- 
ence\ and correiponds to a delay of 950 microsec- 
ond\. 

CC)NCI[,ULlLING COMMENTS 
Although the cancellation techniqt~e has been used 

in research studies for \ome time (1,10), this 

technique has not been used very much in audio- 
logical measurement. It was only recently, for ex- 
ample, that Kapteyn ( 5 ) .  Khanna, Tonndorf, and 
Queller (6), and others (3) applied this technique to 
the difficult problem of calibrating bone-conduction 
receivers. The measurement procedure described in 
this paper represents an extension of earlier work 
of Kapteyn in that the principles of the f~inctional- 
gain technique have been combined with the can- 
cellation technique in order to measure both the 
amplitude and the phase characteristics of modern 
hearing aids and nonconventional transducers. A 
very useful feature of the cancellation technique in 
this application is that both intensity and phase 
characteristics are measured relative to a standard 
audiometric earphone calibrated in a standard cou- 
pler. 

The cancellation technique is, in essence, a null 
method of measurement and as such it is a relatively 
sensitive technique. In most direct methods of meas- 
urement, error of measurement is usually propor- 
tional to the nlagnitude of the quantity being meas- 
ured. For example, a voltmeter will typically measure 
a voltage to within X percent of the true voltage, 
where X is a small percerttage. As a conseqtlence, 
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the absolute magnitude of the measurement error 
increases with signal level. In the n ~ ~ l l  method of 
measurement, measurement error is typically pro- 
portional to the magnitude of the difference term 
which is usually very small in comparison with the 
signals being cancelled. As a result, the absolute 
rnagnitude of the measurement error in the null 
method is usually substantially less than that of 
direct measurement. 

A useful additional feature of the cancellation 
technique is that the test and reference signals can 
be relatively high in level so that changes in the 
functional gain of a hearing aid (01- differences in 
functional gain between a test and reference hearing 
aid) can be measured at levels typical of everyday 
use. In the usual method of measuring functional 
gain, the test signals are at threshold level and may 
be masked by the internal noise of the hearing aid. 
Many hearing aids also have a frequency response 
that varies with signal level, and for those instru- 
ments functional gain should be measured at normal 
operating levels. 

The cancellation technique can also be used to 
measure the audibility of the harmonic distortion 
generated by a hearing aid at typical operating levels. 
In using the cancellation technique, only the fun- 
damental frequency component of the test and 
reference signals are adjusted to cancel each other. 
If harmonic components are present (e.g., due to 
nonlinear distortion in the hearing aid or transducer 
being calibrated) those distortion components will 
be audible. The levels of the test and reference 
signals can thus be adjusted to find the level at 
which harmonic distortion is just audible. This 
provides a direct measure of the audibility of har- 
monic distortion components in hearing aids and 
transducers in general. 

A problem in using a bone-conduction receiver 
to provide the reference signal is that these units 
are usually limited in their frequency response. In 
Table I, for example, data were not obtained for 
freqiiencies above 4000 Hz because of bandwidth 
limitation of the bone-conduction receiver. It is 
possible to use a Tonndorf audiometer to generate 
the reference signal, in which case measurements 
over the entire audio-frequency range can be ob- 
tained. In addition to the very wide frequency range 

of the bone-conducted signals generated by this 
instrument, the precision of electrode placement can 
be very high, thereby reducing the problem of inter- 
test variability. A serious practical problem with 
conventional audiometric earphones at high fre- 
quencies is that of standing waves in the ear canal. 
Standing waves at high frequencies can produce 
substantial changes in sound pressure level at the 
eardrum resulting from small changes in earphone 
placement. 
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