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[57] ABSTRACT

A hearing aid including a microphone for generating an
electrical output from sounds external to a user of the
hearing aid, an electrically driven receiver for emitting
sound into the ear of the user of the hearing aid, and
circuitry for driving the receiver. The circuitry drives
the receiver in a self-generating mode activated by a
first set of signals supplied externally of the hearing aid
to cause the receiver to emit sound having at least one
parameter controlled by the first set of externally sup-
plied signals and then drives the receiver in a filtering
mode, activated by a second set of signals supplied
externally of the hearing aid, with the output of the
external microphone filtered according to filter parame-
ters established by the second set of the externally sup-
plied signals. Other forms of the hearing aid, apparatus
for supplying the sets of signals to the hearing aid in a
total system, and methods of operation are also de-
scribed.

57 Claims, 19 Drawing Figures
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HEARING AIDS, SIGNAL SUPPLYING
APPARATUS, SYSTEMS FOR COMPENSATING
HEARING DEFICIENCIES, AND METHODS

BACKGROUND OF THE INVENTION

This invention relates to hearing aids, systems for
compensating hearing deficiencies of a patient, signal
supplying apparatus for use in such systems, and meth-
ods for compensating hearing deficiencies. More specif-
ically, the invention relates to hearing aids which can
respond to externally supplied electrical signals or gen-
erate signals for external use, or both, and to apparatus
for externally supplying the electrical signals, and meth-
ods of operation of the signal supplying apparatus when
connected to a hearing aid.

A, person’s ability to hear speech and other sounds
well enough to understand them is clearly important in
employment and many other daily life activities. Profes-
sional services which have as their goal to compensate
or at least ameliorate hearing deficiencies of hearing
impaired persons are consequently important to the
community. Unfortunately, such services have in the
past been subject to practical difficulties and errors.

For example, in a known approach, the patient’s re-
sidual hearing has been measured and then a hearing aid
has been selected from among different manufacturers
and models. The length of time spent in measuring the
patient’s residual hearing and in selecting a “'best” hear-
ing aid from among the different manufacturers and
models has been burdensomely long (about two hours).
Moreover, the hearing aid selected during the evalua-
tion is often not the actual instrument purchased and
then worn by the patient, but is the same model and
therefore is representative. Even if a particular hearing
aid meets ANSI-1982 specifications, the amplification
of the purchased hearing aid instrument can, because of
manufacturing variations, differ considerably from that
of the trial aid used during the evaluation. Ear canal and
earmold effects, which can modify gain and maximum
power output by as much as 30 dB, have been difficult
to determine precisely and quickly on an individual
basis. It has been difficult to accurately measure the
patient’s residual hearing and the performance of even
the trial aid due to assumptions that are conventionally
made in calibrating the acoustic characteristics of the
audiometer and hearing aids, introducing error into the
estimation of sound pressure levels in the patient’s ear.

A large amount of information is required in order to
simply repeat a particular test condition. Recordkeep-
ing has become difficult and expensive to implement in
a reasonable amount of time. And most of the foregoing
problems recur should it be necessary to replace a lost
or damaged hearing aid. .

SUMMARY OF THE INVENTION

Among the objects of the present invention is to
provide improved hearing aids that can be accurately
custom fitted in performance characteristics to each
individual patient and then worn home; to provide im-
proved hearing aids that improve the accuracy of hear-
ing measurements and hearing aid fitting; to provide
hearing aids of the foregoing type wherein at least one
or more of the hearing aid improvements made to
achieve advantages in the fitting of the hearing aid also
keeps the fit optimal after the fitting procedure is over
and the patient has gone home; to provide improved
hearing aids which respond to externally supplied elec-
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trical signals or generate signals for external use, or
both; to provide improved apparatus and methods for
externally supplying the electrical signals to such a
hearing aid; to provide improved hearing aid fitting
systems including the foregoing apparatus communicat-
ing with such a hearing aid; to provide improved meth-
ods, apparatus and systems for controlling the functions
and characteristics of a hearing aid; to provide im-
proved methods, apparatus and systems for fitting a
hearing aid which can automatically take into account
manufacturing variations in at least some components of
the hearing aid; to provide improved hearing aids
which have low noise and low distortion; to provide
improved methods, apparatus and systems for automati-
cally determining the patient’s hearing threshold, most
comfortable listening level, and uncomfortable listening
level; to provide improved hearing aids, apparatus,
systems, and methods that can compensate the hearing
deficiencies of a patient with an accuracy of fit more
closely approximating a research Jaboratory ideal fit; to
provide improved apparatus, systems and methods that
can be used to fit hearing aids to patients with at least
comparable accuracy to conventional fitting in signifi-
cantly less time; to provide improved apparatus, sys-
tems and methods to fit a hearing aid to a patient that
adaptively reach a final setting of the hearing aid that
yields maximum comfort and speech intelligibility for
the patient; to provide improved hearing aids that can
be efficiently replaced; and to provide improved hear-
ing aids that are economical, wearable, and reliable.

Other objects and features will be in part apparent
and in part pointed out hereinafter.

Generally, and in one form of the invention, a hearing
aid includes a microphone for generating an electrical
output from sounds external to a user of the hearing aid,
an electrically driven receiver for emitting sound into
the ear of the user of the hearing aid, and circuitry for
driving the receiver in a self-generating mode activated
by a first set of signals supplied externally of the hearing
aid to cause the receiver to emit sound having at least
one parameter controlled by the first set of externally
supplied signals and for then driving the receiver in a
filtering mode, activated by a second set of signals sup-
plied externally of the hearing aid, with the output of
the external microphone filtered according to filter
parameters established by the second set of the exter-
nally supplied signals.

Generally, and in another form of the invention a
hearing aid has a body adapted to be placed in commu-
nication with an ear canal, and the hearing aid body has
an external microphone sensitive to external sound, and
a receiver for supplying sound to the ear canal. The
hearing aid includes a probe microphone in the hearing
aid body for sensing the sound present in the ear canal,
and circuitry connected to the external microphone and
the probe microphone for driving the receiver in re-
sponse to both the external microphone and the probe
microphone, and for generating a digital signal for ex-
ternal use in adjusting the performance of the hearing
aid, the digital signal representing at least one parameter
of the sound sensed by the probe microphone.

Generally, and in yet another form of the invention
the hearing aid includes the probe microphone and
circuitry connected to the external microphone for
fittering, then limiting, and then filtering the output of
the external microphone according {0 a set of internal
parameters and for selfadjusting at least one of the inter-
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nal parameiers as a function of the output of the probe
microphone, thereby 10 drive the receiver.

In general, and i{n an additional form of the invention,
the hearing aid includes the probe microphone and
digital computing circuitry in the hearing aid coupled to
the external microphone, to the probe microphone and
to the receiver. The digital computing circuitry is
adapted for connection to an exiernal source of pro-
gramming signals, and loads and executes entire pro-
grams represented by the signals and thereby utilizes
the probe microphone, the external microphone and the
receiver for hearing testing and digital fliering.

Generally, and in a system form of the invention for
compensating hearing deficiencies of a patient, the sys-
tem includes a hearing aid having an external micro-
phone, programmable circuitry for filiering the output
of the exiernal microphone, and a receiver driven by
the programmable filiering circuitry for emitting
sounds into the ear of the patient. The system has means
for sensing responses of the patient to sounds from the
recetver. The system further includes apparatus com-
municating with the hearing aid and the sensing means,
for selectively generating a first set of signals to cause
the programmable filiering circuiiry in the hearing aid
to operate so that the receiver emits sounds having a
parameter conirolled by the first set of signals, and for
then generating in response to the sensing means a sec-
ond set of sigrnals determined from the controlled pa-
rameter and the responses of the patient to the sounds
with the controlled parameter to establish filter parame-
ters in the programmable filiering circuiiry to cause it to
filter the output of the external microphone and to drive
the receiver with the filtered output thereby ameliorat-
ing the hearing deficiencies of the patient.

In general, and in another sysiem form of the inven-
tion, the system includes a hearing aid having an exier-
nal microphone, a programmable digital computer tn
the hearing aid and fed by the external microphone, a
receiver fed by the programmable digital computer for
emitting sounds into the ear of the patient, and a probe
microphone for sensing the actual sound in the ear of
the patient. The system further incorporates a data link
and apparatus for selectively supplying at least a first set
and a subsequent second set of digital signals to the data
link, the data link communtcating the digital signals to
the programmable digiial compuier of the hearing aid.
The programmable digital computer in the hearing aid
comprises means for selectively driving the receiver so
that at least one sound for hearing testing is emitted into
the ear in response to the first set of digital signals, for
supplying to the data link a third set of digital signals
representing a parameter of the output of the probe
microphone, and for subsequently filtering the output of
the exiernal microphone in response to the subsequently
supplied second set of digital signals to drive the re-
ceiver in a manner adapted for ameliorating the hearing
deficiencies of the patient.

Generally, and in a form of the invention for use in a
system including a hearing aid of the type described in
the previous paragraph, signal supplying apparatus in-
cludes interface means for performing two-way digiial
serfal communication with the digital computer in the
hearing -aid and circuitry for initiating transmission of 2
first set of signals from the interface means to the hear-
ing aid to cause the digital computer in the hearing aid
to operate so that the receiver emits sounds having an
adjustable parameter. The circuitry also obtains,
through the interface means, daia representing values of

0
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the adjustable parameter of the sounds as sensed by the
probe microphone, and then initiates transmission from
the interface means of a second set of signals determined
at least in part from the values of the parameter of the
sensed sounds. The second set of signals causes the
digital computer in the hearing aid to filter the output of
the external microphone and drive the receiver with the
filtered owtput, thereby ameliorating the hearing defi-
ciencies of the patient.

In general, a method form of the invention is used for
compensating hearing defictencles of a patient with a
hearing aid having an external microphone, elecironic
circuitry for processing the output of the external mi-
crophone, and a receiver driven by the electronic pro-
cessing circuiiry for emiuing sound into the ear of the
patient. The method includes the steps of selectively
supplying a first set of signals to the hearing aid to cause
the electronic processing circuitry to operate so that the
receiver emits sound having a parameter controlled by
the first set of signals. Representations of responses of
the patient to the sound are sensed and electrically
stored. Then a second set of signals is determined from
the at least one controlled parameter of the sound and
the representations of the patient responses to the sound
with the controlled parameter. The second set of signals
causes the elecironic processing circuiiry to filter the
output of the external microphone and drive the re-
ceiver with the filtered output, thereby ameliorating the
hearing defictencies of the patient.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1is a block diagram of a system for compensat-
ing hearing deficiencies of a patient, the system includ-
tng a hearing aid and signal supplying apparatus accord-
tng to the invention;

FIG. 2 is a view of the exterior of a hearing aid ac-
cording 1o the invention for use in the sysiem of FIG. 1;

FIG. 3 is a cross-section of a transducer module and
earmold part of the hearing aid of FIG. 2, which part is
to be put in the patient’s ear;

FIG. 3A is a section on line 3A—3A of FIG. 3 illus-
trating channels in the ear mold part of the hearing aid
of FIGS. 2 and 3;

FIG. 4 is a block diagram of the electronic circuiiry
of the hearing aid of FIG. 2;

FIG. 5 is a flow diagram of operations according to a
method of the inveniion performed by a host computer
in the signal supplying apparatus of FIG. 1;

FIG. 6 is a flow diagram of operations of the host
computer according to a method of the invention to
calibrate for ear impedance;

FIG. 7 is a flow diagram of operations of the host
computer according 10 a method of the invention to
measure auditory area (residual hearing) of the pattent
and calculate filter parameters for the hearing aid;

FIG. 8 is a diagram of a iable set up in 2 memory of
the host computer for organizing sound pressure level
daia indexed according to paifent response and fre-
quency range;

FIG. 9 is a graph of sound pressure leve! in decibels
versus frequency, for use in predicting the performance
of the hearing aid in mapping conversational speech
onto the auditory area of the patient;

FIG. 10 is a flow diagram of operations of the host
computer according to a method of the invention to
monitor the operatton of a hearlng aid of the invention
on the patient and t0 measure the resulting intelligibility
of speech 1o the patient;
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FIG. 11 is a flow diagram of operations of the host
computer according to a method of the invention for
interactive, or adaptive, fine adjustment of the perfor-
mance of a hearing aid of the invention;

FIG. 12 is a flow diagram of operations of a hearing 3

aid according to the invention for loading and executing
entire programs;

FIG. 13 is a map of memory space in a hearing aid
according to the invention;

FIG. 14 is a flow diagram of operations of a hearing 10

aid according to the invention for-self-generating an
output to cause test sounds to be emitted from the hear-
ing aid into the ear of the patient;

FIG. 15 is a flow diagram of operations of a hearing
aid according to the invention for reporting prestored
calibrations to the host computer;

FIG. 16 is a flow diagram of operations of a hearing
aid according to the invention for supplying the host

computer with data for use in determining the sound 20

pressure level in the ear canal;

FIG. 17 is a flow diagram of operations of a hearing
aid according to the invention for implementing a self-
adjusting filter-limit-filter digital filter; and

FIG. 18 is a flow diagram of operations of a hearing 25

aid according to the invention for supplying the host
computer with data for use in determining sound pres-
sure level in the ear canal and in monitoring the self-ad- -
justing and limiting operations of the digital filter of
FIG. 17. 3

Corresponding reference characters indicate corre-
sponding parts throughout the several views of the
drawings.

DETAILED DESCRIPTION OF THE

PREFERRED EMBODIMENTS 35

In the preferred embodiments one model of hearing
aid can be programmed to fit virtually all hearing im-
pairments. The hearing aid used in the hearing test can

be the aid worn home by the patient. Consequently, 49

delay in the clinic between the traditional steps of ini-
tially testing the patient to specify the characteristics of
the hearing aid and later retesting the patient with the
representative finally-selected aid are eliminated. Also,

because the hearing aid of a preferred embodiment 45

includes a probe microphone, it is possible to measure
the sound pressure in the ear both during testing and in
normal use of the instrament. With the probe micro-
phone in the hearing aid, testing and calibration are

simplified, measurement of sound pressure in the ear is sp

more accurate, and the overall input sound pressure to
output sound pressure characteristics of the aid can be
controlled more exactly in normal use. Furthermore,
with digital processing techniques it is possible to ad-

just, more precisely, the gain and maximum power out- 55

put functions on a frequency-selective basis.

The initial setting of the hearing aid parameters is
done automatically by a host computer that is prefera-
bly programmed to use certain fitting rules which offer

maximum speech intelligibility and comfort for the 60

patient. These rules of fitting are: (1) amplification of
conversational speech on a frequency-selective basis to
fall within the listener’s range of comfortable loudness
levels between 200 Hertz and 6000 Hertz, and (2) con-

trol of the maximum output on a frequency-selective 65

basis to fall below the listener’s uncomfortable listening
level over the same range of frequencies. A supplemen-
tary rule is that instrumentation noise and low-level

6
background acoustic noise should fall below the listen-
er’s threshold if possible.

After the initial parameters have been determined, a
fine tuning of the “fit” can be achieved with an adaptive
procedure made possible by the programmable nature
of the aid to reach an optimal setting. With the clinician
operating the host computer, the patient makes rapid
comparisons of speech intelligibility and comfort for
various amplification characteristics until a satisfactory
fit is achieved. In such a procedure, known as & paired-
comparison procedure, the patient is asked to make
“better” or “worse” judgments in a manner similar to
that used in eyeglasses fitting procedures.

In the above-described hearing aid fitting procedure,

5 instrument characteristics of the earmold and transduc-

ers are advantageously taken into account during the
hearing aid evaluation. The hearing aid is worn by the
patient during the test so that the acoustic characteris-
tics of the hearing aid and earmold are included in the
fitting procedure. Significant fitting errors that hereto-
fore have arisen due to assumptions about calibration
with standard test cavities (roughly simulating the ear
canal) are eliminated.

During the test, the hearing aid is connected to the
signal supplying apparatus, which has a host computer,
via a serial communication data link that mediates the
transfer of bidirectional digital signals consisting of
signals for controlling test sounds, signals representing
measurement data, and signals to program the hearing

0 aid with appropriate signal processing characteristics.

At the completion of the test, the hearing aid character-
istics are optimized for the patient, the serial. communi-
cation data link is disconnected, and the aid becomes a
self-contained, self-adjusting unit that is worn home by
the patient. Fewer clinical visits are required with con-
comitant advantages for the patient, clinician, employer
and community.

Such data as are needed to regenerate a copy of the
program for the hearing aid are archived by the host
computer. If and when the hearing aid needs to be re-
placed, another hearing aid instrument is swiftly pro-
grammed with a regenerated copy of the program of
the first aid modified in accordance with the calibration
data of the replacement aid. In this way, the prior prob-
lems in hearing aid replacement are avoided.

In FIG. 1, a clinical test system 10 automatically
controls the characteristics of a hearing aid 12 and gen-
erates stimulus sounds and sequences used in testing the
patient’s hearing. The system 10 has & small computer
14, herein also called a “host computer.” Host computer
14 has an associated terminal 16, including a cathode
ray tube (CRT) 18 and a keyboard 20 communicating
through a serial interface 22, using conventional elec-
tronic technique. Host computer 14 communicates on a
system bus 24 with flexible disk mass data storage unit
26, a high-capacity hard disk data storage unit 28, and a
printér/plotter 30. Host computer 14 programs hearing
aid 12 and receives measurement data back from it by
means of a data link 32 and a serial interface 34.

The host computer 14 also communicates with an
audiological testing subsystem (ATS) 36, which in-
cludes a digital-to-analog converter (DAC) 38, signal
attenuator 40, 2 signal amplifying device such as a high-
fidelity power amplifier 42, and a loudspeaker 44. At the
election of the clinician operator at terminal 16, host
computer 14 either disables ATS 36, or causes ATS 36
to emit test sounds from loudspeaker 44 from a reper-
toire including tones, narrow.band noise, samples of
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speech, and other stored sounds. The repertoire is illus-
tratively stored on disk 26 or 28. ATS 36 constitutes
means controlled by an initiating or generating means
(e.g., host computer 14), for selectively producing hear-
ing test sounds in the vicinity of hearing aid 12. ATS 36
is thus an acoustic source for providing héaring test
sounds to the externa! microphone of the hearing aid 12
and is controlled by the host computer 14.

An interactive response unit (IRU) 46 is provided for
the patient to use in registering responses to the sounds
heard through hearing aid 12 during the test. The IRU
46 senses the patient’s responses and digitally communi-

cates the response data back to host computer 14 -

through a serial interface 48. IRU 46 can be three push-
button switches corresponding to barely audible sound,
comfortable sound, and uncomfortably loud sound.
However, greater flexibility is achieved with a touch-
screen video unit for IRU 46 in which host computer 14
can display patient response instructions and choices on
the screen. Then the patient touches a display choice
area on the screen to register a response to sound. IRU
46 in a third form is implemented as a terminal unit
identical to terminal 16, and the patient enters responses
through a keyboard thereof.

In FIG. 2, hearing aild 12 has an electronics module
61, an earhook cable assembly 63, and a transducer
module 65 retained within an ear mold 67 for insertion
into the ear of the patient. Earhook cable assembly 63
includes a flexible plastic tapered tube 63A surrounding
a cable 638 having six fine insulated conductors termi-
nated at a miniature connector 64 that plugs into the
electronics module 61 worn behind the ear. The ear-
hook cable assembly 63 can be manufactured in several
different lengths to accomodate different sizes of ears.
Data link 32 attaches to electronics module 61 by means
of a connector 69 and provides temporary power to the
hearing aid as well as serving as a communications
medium. When the testing is completed, connector 69
and data link 32 are removed from the hearing aid 12,
and a rechargeable battery pack 71 is snapped in place
against electronics module 61 for powering the hearing
aid in normal use.

In FIG. 3, the transducer module 65 has a plastic
casing 73 containing a microphone 75 mounted for
receiving external sound. Microphone 75 is called an
“external microphone” herein because it receives exter-
nal sound, even though, as shown, it is not physically
external to the hearing aid 12. Sound enters the hearing
aid at a port 76 positioned in the transducer module 65
to take advantage of the acoustic amplification and
directivity of the external ear. Casing 73 also contains a
second microphone 77, which is called a “*probe micro-
phone™ herein because it receives sound from the ear
canal.

Further contained in the casing 73 is a composite
receiver constituted by a woofer 79 and a tweeter 81, A
“receiver” as the term is used in the hearing aid art is
not a microphone, but a sound emitting means analo-
gous in function to a telephone receiver. (The hearing
aid receiver is generally different in construction and
much smaller than a telephone receiver.) Woofer 79 is
an electrically driven device for emitting sound into the
ear of the user of the hearing aid 12 in a low frequency
range, and tweeter 81 is similar except that it emits
sound in a high frequency range. Together, they are
able to cover the entire spectrum of nominzlly 200 to
6000 Hz. with sufficient fidelity to accomodate the
hearing needs of the hearing impaired patient.
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Thus, external microphone 75 constitutes a micro-
phone for generating an electrical output from sounds
external to a user of the hearing aid, and woofer 79 and
tweeter 81 constitute an electrically driven receiver for
emitting sound into the ear of the user of the hearing
aid. Transducer module 65 constitutes a body adapted
to be placed in communication with an ear canal, the
hearing aid body having an external microphone sensi-
tive to external sound, a receiver for supplying sound to
the ear canal, and a probe microphone for sensing the
sound present in the ear canal. The electrical drive for
the woofer and the tweeter is separated into high and
low frequency ranges. The separation feature reduces
processing noise and improves dynamic range. As such,
the receiver comprises a plurality of transducers driven
by a driving means in distinct frequency ranges respec-
tively.

Probe microphone 77, woofer 79 and tweeter 81 are
acoustically connected by respective sound tubes 83, 85,
and 87 to the ear canal, when the hearing aid is in place.
The sound tubes form a bundle having an ouiside diam-
eter of approximately 5 millimeters or less, oriented at
43° toward the center line of the head of the patient.
The sound tube for the probe microphone 77 has an
approximately 1.5 millimeter inside diameter and is
about 24 millimeters long.

As shown in FIG. 3A as well as FIG. 3, ear mold 67
is a soft molded plastic element that is inserted into the
ear when the hearing aid is used. Ear mold 67 hasone or
more channels admitting sound tubes 83, 85, and 87 to
respective apertures 83, 85', and 87'.

External microphone 75, probe microphone 77,
woofer 79, and tweeter 81 are acoustically isolated from
each other in casing 73 by a cushioning foam material
89. Woofer 79 and tweeter 81 are suspended in the
material 89 while external microphone 75 is affixed to
casing 73. This provides an additional degree of acous-
tic isolation and freedom from feedback squealing.

In FIG. 4, sounds are received at the external micro-
phone 75, such as a commercially available Knowles
model EA 1845 subminiature electret condenser micro-
phone. This microphone has wide bandwidth (150-8000
Hz.), smooth response (5 dB), small volume (0.05]
cc.), good electrical stability and low sensitivity to vi-
bration. External microphone 75 is energized by lines to
voltage V and ground, and produces an electrical out-
put on a line 101 connected to a signal conditioning
circuit 103.

Signal conditioning circuit 103 applies a preemphasis,
or “iilt", of 6 db per octave rising with frequency for
frequencies below 6 KHz., and then applies signal com-
pression. The signal compression is part of a compand-
ing approach in which the compression is comple-
mented with expanding in software. Signal conditioning
circuit 103 produces a preemphasized band limited (an-
ti-aliasing) and compressed output which is converted
into discrete digital samples by combined actions of a
multiplexer (MUX) 105, a sample-and-hold circuit
(§/H-IN) 109 and ananalog-to-digital converter (ADC)
111, The nominal sampling rate for each channel of
MUX 105 is 50 KHz.

Anti-aliasing filter of signal conditioning 103 rela-
tively flat from 0 to 6 KHz. and drops off "‘fast” enough
(in dB per octave) to ensure that there is negligible
spectral energy above 25 KHz. Signal conditioning 103
should provide about 5 volts output with 89 dB sound
pressure level at the micropheone input. For an EA
series microphone with sensitivity of about —60dB re |
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volt per microbar, voltage gain at 1 KHz shouid be
about 60 dB. Above 6 KHz., to reduce the effects of
aliasing, the system response should roli off at —30 dB
per octave to assure an adequately low (— 60 dB) signal
at the Nyquist rate of 25 KHz (12.5 KHz. per channei).

ADC 111 is connected to a digital signal processor
(DSP) 113 and is constructed with conventionat elec-
tronic technique to implement a 16-bit successive ap-
proximation conversion procedure. This results in fast
conversions to produce digitized samples with 16 bits of
dynamic range and adequate precision for small signals.
When preemphasis and compression are applied by use
of the signal conditioning circuit 103, the signal-to-
quantizing-noise ratio is increased to a high level. Ac-
cordingly, it is contemplated that the skilled worker
will reduce the number of bits of conversion in the
ADC 111 to a minimum (10 or even 8§ bits) consistent
with acceptabie level of sighai-to-noise ratio, when the
reduced complexity in ADC 111 more than offsets in

. value the use of signal conditioning circuit 103 and

expander software in DSP 113.

The digitized samples are processed by digital signal
processor (DSP) 113, which consists of a flexibie array
of electronic logic elements that can be programmed to
self-generate waveforms corresponding to test sounds,
to provide an extremely wide range of filter characteris-
tics for the hearing aid, to process and report data from
the probe microphone, to gather and report data on the
filtering operations, and perform other functions. DSP
113, for example, is a 16 bit microprocessor chip fabri-
cated according to VLSI (very large scale integration)
to physicaily fit in electronics module 61. Associated
with DSP 113 is a random access memory (RAM) 115
and read-only memory (ROM) 117.

In its filtering mode of operation, DSP 113 acis as
four contiguous 8th-order band-pass filters that extend
over a total range of frequencies from 200 to 6000 Hertz
in four bands 240-560 Hz., 627-1353 Hz., 1504-3412
Hz., and 3755-5545 Hz. The bands or ranges are respec-
tively given range numbers F=1, 2, 3 and 4. DSP 113 is
programmed in its filter mode to execute digital filtering
operations (described more fully in connection with
FIG. 17) in the four bands. Several alternative filtering
algorithms can be used. These include both Infinite
Impuise Response (IIR) and Finite Impulse Response
(FIR) filters. DSP 113 is equally capable of performing
any of the alternatives, and only the program needs to
be changed to implement an alternate method. The IIR
type is believed to produce somewhat greater roundoff
noise compared to that produced by the FIR. Accord-
ingly, the FIR is disclosed in the preferred embodiment
due to its superior signai-to-noise ratio.

DSP 113 produces a succession of digital signals that
are converted to analog form by a digital-to-analog
converter (DAC) 119. The output from DAC 119 is a
succession of analog levels representing the sum of the
digital filter outputs in the lower frequency bands F=1
and 2, alternating with the sum of the digitai filter out-
puts in the higher frequency bands (F=3 and 4). The
output of DAC 119 is connected to first and second
sample-and-hoid circuits (S/H1 and §/H2) 121 and 123.
Sample-and-hold circuits 121 and 123 are alternately
enabied by DSP 113 through a decoder circuit 125 and
a control latch 127 so that the analog levels for the
lower frequency bands F=1 and 2 appear at the output
of 5/H1 and the analog levels for the higher higher
frequency bands F=3 and 4 appear at the output of
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S/7H2. In this way the analog levels are routed to sepa-
rate higher and lower frequency output channels.

Each sample-and-hold circuit 121 and 123 is not al-
lowed to sample the output of DAC 119 during the first
half of the settling period of DAC 119. The reasoning is
that the DAC 119 is alternately producing independent
signals. This can cause many jumps in its output. These
Jjumps are isolated from the sample-and-hold circuits
121 and 123, and thus from the ear of the patient, by
waiting for DAC 119 to at least partiaily settle before
enabling the sample-and-hold circuits.

At this point it is useful to return briefly to the discus-
sion of the advantage of two output channels. Either
output channel, in an example circuit operation with
8-bit digital representation, may produce an intense tone
of 80 dB SPL with an audible quantization noise floor of
32 dB (i.e. a signal to noise ratio of 48 dB (6 dB X § bits)).
(Quantization noise is produced by the digitizing pro-
cess.} Due to the attenuation of out of band frequencies
provided by the woofer and tweeter the quantization
noise is suppressed well below that achievable with a
single receiver design.

Woofer 79 and tweeter 81 are respectively fed by
S/H1 and S/H2 through coupling capacitors 129 and
131 respectively. Woofer 79 and tweeter 81 are com-
mercially available Knowles model CI-1955 and EF-
1925 units. Woofer 79 responds to low freguency sig-
nals below about 1500 Hz. (to encompass frequency
bands F=1 and 2), and tweeter 81 responds to signals
above about 1500 Hz. (frequency bands F=3 and 4).
The response of a Knowies tweeter can be made very
low below frequencies of 1500 Hz. by drilling a very
small hole (less than 1 mm.) in the case of the receiver
itself to couple by an acoustic mass the front and rear of
the diaphragm. At low frequencies where the mass
reactance is low, most of the volume velocity that oth-
erwise is directed out of the sound port {s advanta-
geously shunted to the rear of the diaphragm.

It is contemplated that woofer 79 and tweeter 81
together with the natural fiitering characteristics of the
ear will provide a significant and adequate degree of
anti-aliasing filtering for the output channeis. However,
filtering, and power gain can be added in the lower and
higher frequency output channels by optional anti-alias-
ing filters 133 and 135. When preemphasis is applied in
signal conditioning circuit 103, deemphasis is applied in
the filters 133 and 135. (Deemphasis can alternatively be
programmed into the digital filter software of DSP 113
if it is desired to omit the analog filtering.) Small push-
pull amplifiers manufactured by Linear Technology or
Texas Instruments can be used to supply the power gain
for exciting the woofer/tweeter combination.

The probe microphone 77, such as a commercially
available Knowles EA 1934 subminiature electret con-
denser microphone, is connected by a line 141 to a
signal conditioning circuit 107. Signal conditioning
circuit 107 applies a gain of about 8 dB and .optionally
compresses the signal from the probe microphone out-
put 141 to provide a second input to muitiplexer 105.
Probe microphone 77 constitutes a second microphone
adapted for sensing sound in the ear of the user of the
hearing aid. DSP 113 receives a succession of digital
signals from ADC 111 representing values of condi-
tioned output from the external microphone 75 alternat-
ing with values of output from the probe microphone
77. DSP 113 through the decoder circuit 125 and the
control latch 127 sequentially enables MUZX 105 for the
external microphone, enables S/H-IN 109, and then
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ADC 111. After the just mentioned sequence, DSP 113
sequentially enables MUX 105 for the probe micro-
phone, enables S/H-IN 109, and then ADC 111. In the
embodiment of FIG. 4 the output from the probe micro-
phone bypasses signa! conditioning circuit 103 and does
not receive preemphasis, to avoid complications in in-
terpreting the output of ADC 111 for the probe chan-
nel. In this way, the analog levels representing the val-
ues of signal from the external microphone and from the
probe microphone are multiplexed and converted to
corresponding digital representations fed to DSP 113

Thus MUX 105 has respective inputs for coupling to
the probe microphone 77 and to the external micro-
phone 75, and the output of MUX 105 is coupled to
DSP 113 by way of S/H-IN 109 and ADC 111. Signal
conditioning circuit 103 constitutes means for coupling
the output of the external microphone with preemphasis
or compression or both, to one of the inputs of MUX
105. Signal conditioning circuit 103 applies the preem-
phasis and/or compression to the output of the external
microphone, and the probe microphone is connected
via signal conditioning circuit 107 to MUX 105 so as to
bypass the preemphasis means (e.g., circuit 103),

DSP 113 is a processor with sufficiently fast hard-
ware and software to complete its input, computation,
and output operations in about 80 microseconds (recip-
rocal of sampling rate of 12.5 KHz.) for each of many
loops. The dynamic range and signal-to-noise ratio are
improved by the use of 16-bit digital representations, so
a 16-bit processor is preferred, A Texas Instruments
TMS-320 microprocessor or its equivalent is a suitable
choice for DSP 113,

The TMS-320 has a data area contained within while
a program area is connected externally, The data mem-
ory is 144 words by 16 bits and the program memory is
4096 X 16. The program memory is separated into the
ROM area 117 and the RAM area 115. The ROM area
contains the monitor program for DSP 113 (see FIG.
12), while the RAM area is loaded by the monitor (see
FIG. 13). In the practice of the invention the skilled
worker should increase or decrease the nominal 4K of
memory to the minimum memory required to accom-
modate the operations implemented, or including those
likely to be implemented in the forseeable future.

There are eight I/0 ports associated with the TMS-
320, which are available for local peripherais. The
skilled worker may make any appropriate port assign-
ment for a serial interface 151, ADC Register 1114,
control latch 127 and DAC Register 119A,

The TMS-320 utilizes programmed input-output
(1/0) with an 1/O space of 8 words. I/0 cycles and
memory cycles are for the most part identical, the big-
gest difference stemming from the fact that the TMS-
320 overlaps instruction and data fetches. Since all data
fetches are internal to the TMS-320, these are done
concurrently with the instruction fetch for the next
cycle. This means that, although data is transferred in
the same amount of time for memory references and
I/0 references, I/0 references can only occur every
other cycle because the IN or OUT instruction must be
fetched over the same bus on which the I/0 transfer
will take place.

An entire bus cycle of the TMS8-320 is about 200
nanoseconds. RAM 115 and ROM 117 should have
access fimes around 90 nanoseconds for use with the
TMS-320, A 2K <8 static complementary metal oxide
semiconductor (CMOS) RAM of type IDT6116S is a
compatible chip for use as a memory building block. To
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accomplish quick decoding, the memory is divided as
simply as possible (halves or quarters), with the RAM
115 being enabled for the higher-numbered words and
the ROM 117 for the lower-numbered words.

The interrupt (INT) line on the DSP 113 is activated
whenever a character is received from host computer
14 of FIG. 1 through the serial interface 151. DSP 113
also enables the serial interface 151 through decoder
125 and a 2 line control bus 153. Serial interface 151 is
an asynchronous serial port which operates at program-
mable data rates up to 9600 baud and is of a readily
available and conventional type, DSP 113 receives and
sends information on a data bus 155 to serial interface
151, when the latter is enabled. In this way DSP 113
accomplishes two way serial communication with host
computer 14 of FIG. 1 along date link 32,

The host computer 14 of FIG. 1 downleads programs
and filter coefficients to the hearing aid 12 via serial
interface 151, DSP 113 receives these programs and
executes them. The serial data link to the host provides
an effective means of monitoring the status of the hear-
ing aid 12. Status information that can be reported to the
host computer includes: probe microphone sound pres-
sure level measurements, extent of clipping in the multi-
band filters, and power spectra of input signals or filter
outputs.

Bus lines marked 155 are, for purposes of clarity in
illustration, shown emanating from DSP 113 on the
drawing to ADC Register 111A, to seria) interface 151,
to control latch 127 and to DAC Register 119A. These
bus lines are all marked with the same numeral 155
because they are al] part of the same data bus of DSP
113. ADC Register 111A has a tristate output, and other
conventiona) arrangements are made $o that bus 155 can
be used in the multipurpose manner shown. Bus 155 is
the data lines of a main bus 175. Main bus 175 not only
has the data lines, but also address lines and control lines
connected from DSP 113 to RAM 115 and ROM 117,

Data link 32 illustratively has four conductors 161,
162, 163 and 164 in a flexible cable, First and second
conductors 161 and 162 therein carry transmissions in
respective opposite directions 167 and 169 through
connector 69 between the serial interface 34 of host
computer 14 of FIG. 1 and the serial interface 151 of
DSP 113. Third conductor 163 carries a power supply
voltage Vgyr derived from the conventional power
supply (not shown) of the host computer 14 for tempo-
rary use as the hearing aid supply voltage V when hear-
ing testing is being performed. Fourth conductor 164 is
the ground return for data link 32 and for supply volt-
age Vrexr.

Connector 69 constitutes at least one external connec-
tor for making a digital signal (e.g., measurement data
from probe microphone 77) externally available and for
admitting additional digital signals so that the digital
filtering means (e.g., DSP 113) can be programmed
when the hearing aid is placed in communication with
the ear canal.

The use of four conductors 161~164 in data link 32
allows for full duplex (simultanecus two-way) serial
communication, and separates the DC supply conduc-
tor 163 from the information carrying conductors 161
and 162, Of course, as few as two couductors can be
used if simplex (alternate one-way) serial communica-
tion is chosen, and components are added in electronics
module 61 according to conventional technique for
separating the supply voltage V from the seria] digital
signals on data link 32.

QSC Audio Products Exhibit 1013 Page 18



4,548,082

13

Battery pack 71 is shown in FIG. 4 with battery con-
nections to two conductors 163’ and 164’ of a connector
69'. No connections (INC) are made to two other con-
ductors of the connector 69°. When hearing testing is
completed, the serial data link 32 and connector 69 are
disconnected from module 61 and replaced by connec-
tor 69" which is snapped into place to provide supply
voltage V. During the interval of disconnection, a tiny
battery 167 maintains a voltage on volatile RAM 115 so
that software which has been downloaded during the
hearing aid fitting procedure is not lost. The RAM 115
is supplied with supply voltage V through diode 169 at
all other times. When supply voltage V is restored, the
reset R pin of DSP 113 is supplied with a pulse from 2
power-on reset (POR) circuit 171 such as a one-shot
multivibrator to restart execution of 2 program.

In one aspect of its operations, DSP 113 constitutes
means for driving the receiver in a self-generating mode
activated by a first set of signals supplied externally of
the hearing aid to cause the receiver t0 emit sound
having at least one parameter controlled by the first set
of externally supplied signals and for then driving the
receiver in a filtering mode, activated by a second set of
signals supplied externally of the hearing aid, with the
output of the external microphone filtered according to
filter parameters established by the second set of the
externally supplied signals. When the probe micro-
phone is used, DSP 113 also constitutes means coupled
to the second microphone for also supplying a signal for
external utilization, the signal representing the at least
one parameter of the sound controlled by the first set of
externally supplied signals. Connector 69 constitutes an
external connector for making available the signal for
external utilization from said driving means and for
admitting the first and second sets of signals supplied
externally of the hearing aid.

A small bootstrap monitor program resides in the
ROM 117. The bootstrap monitor assists the host com-
puter 14 of FIG. 1 in downloading selected programs
from the host computer to the RAM 115 in just a few
seconds. A typical downloading process entails the
transmission of about 2K bytes of program to DSP 113
at a data rate of 9600 baud. This is completed in about 2
seconds.

Once the DSP 113 program is loaded, new filter
coefficients and limiting values can be transmitted in
less than a second once they are determined or selected
from store by host computer 14 of FIG. 1. To facilitate
a paired comparison fitting procedure, several sets of
coefficients are advantageously computed in advance,
and then the hearing aid filter characteristics are com-
pletely respecified at one second intervals.

Once a program is loaded, execution commences, and
the hearing aid 12 is operational. Thus, DSP 113 also
constitutes digital computing means in the hearing aid
and coupled to the external microphone, to said probe
microphone and to the receiver, and adapted for con-
nection to the external source of programming signals,
said digital computing means comprising means for
loading and executing entire programs represented by
the signals and thereby utilizing said probe microphone,
the external microphone and the receiver for hearing
testing and digital filtering.

DSP 113 is also programmed to control the power
usage of various parts of the hearing aid to conserve
battery life when input sound levels fall below a speci-
fied criterion.
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In FIG. 5, operations of host computer 14 commence
with START 201 and proceed to a'step 203 displaying
menu options entitled:

“l. PATIENT INTERVIEW: UPDATE PATIENT

DATABASE"”

“2. CALIBRATE FOR EAR IMPEDANCE"
“3. MEASURE AUDITORY AREA AND CALCU-

LATE FILTER PARAMETERS"

“4, SPEECH INTELLIGIBILITY TEST"
“5, INTERACTIVE FINE ADJUSTMENT"”

The operator of the host computer selects one of the
menu options, and in step 205 a branch is made to exe-
cute the selected one of the options, Option 1 is Usually
to be selected first and executed at step 207, whence
operations return to step 203 so that another option can
then be selected. A selected one of options 2, 3, 4, and
5 is then respectively executed at step 209, 211, 213, or
215.

Patient interview step 207 is 2 standard interactive
database update routine wherein the computer flaghes
form questions on the CRT 18 of FIG. 1 and the opera-
tor asks the questions and enters the answers of the
patient on keyboard 20 of FIG. 1. Host computer 14 of
FIG. 1 stores the answers in the database either directly
or after some intermediate processing in a manner famil-
iar to the art. Accordingly, no further description of the
database update routine is undertaken here.

Calibrating step 209 gathers preliminary data on the
hearing aid and its characteristics when inserted in the
patient’s ear so that step 211 can be performed accu-
rately. Step 211 then uses the data gathered in step 209
together with measurements of the auditory area (defin-
ing the patient's hearing) to then automatically caiculate
filter parameters which will make the hearing aid ame-
liorate the patient’s hearing deficiency. The hearing aid
12 is programmed to operate in accordance with the
automatically calculated filter parameters, so that fur-
ther testing and fine tuning by the operator can be per-
formed in steps 213 and 215 to make the fit as perfect as
possible. It is contemplated that each menu option is
performed once, in 1 through 5 order, but it is noted
that each of the options on the menu can be accessed
more than once and in any order to fulfill any proce-
dural preferences of the operator. Also, if desired, one
or more of the options can be omitted at the discretion
of the operator.

In FIG. 6, the calibration for ear impedance, step 209,
is itself divided into steps. Before describing the steps
hereinbelow, the preliminary data sought is now dis-
cussed. Designations of the data and symbols for other
quantities of interest are shown in Table L

TABLE I
QUANTITY REMARKS
HE(E)

Magnitude of the transfer function of the

path from external sound source through
external microphone, to input of DSP 113

of FIG. 4 in frequency range numbered F
Magnitude of the transfer function of the

path from DSP 113 of F1G. 4 output to stan-
durd coupler in frequency range numbered F
Magnitude of the transfer function of the

path from ear canal through probe microphone
to input of DSP 113 of FEG. 4 in frequency
range numbered F

Mugnitude of the compensation function re-
quired due to deviation of actual ear imped-
ance from that of standard coupler at [re-
quency F. (SC(F} (dB) = HR (F) measured on
patient {dB) less HR(F} measyred in test

cavity (dBh

HR(F)

HF{F)

SC(F
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TABLE l-continued

QUANTITY REMARKS

A Root mean-square (RM3) magnitude of wavelform
represented by the cutpul of DSP 113 of FIG. 4
SPL RMS sound pressure level in ear canal

‘IM/Nm RMS input te PSP 113 from probe channel

A transfer function for the present purposes is a set of
complex numbers corresponding to a set of frequencies
in the spectrum of interest. In the preferred embodi-
ment, the spectrum from 0 to 6 KHz. is divided up into
a plurality of frequency ranges given range numbers F
from | to some counting number FO such as 4. More
specifically, a transfer function is the ratio of the Fou-
rier transform of the output at one point in a system to
the Fourier transform of the input to another point in
the system. For simplicity, the use of complex numbers
is avoided herein by employing the magnitude of the
transfer function, where the magnitude is a function of
frequency, which function is defined as the square root
of the sum of the squares of the real and imaginary parts
of the transfer function at each frequency in the $pec-
trum. 1t is also assumed that the magnitude of the trans-
fer function in each one of the frequency ranges is sub-
stantially constant, so that computations are simplified.
1t is readily verified from a mathematical consideration
of complex numbers that the magnitude of the transfer
function is equal to the ratio of the root-mean-square of
the output to the root-mean-square of the input. More-
over, paths or channels between points can be cascaded.
The magnitude of the transfer function for the cascaded
paths is the product of the magnitudes of the transfer
functions of the respective paths.

In hearing aid 12, the output channel from DSP 113
to the woofer/tweeter receiver combination and ending
in the ear volume (volume of the ear canal with hearing
aid inserted), is regarded as a first path. This first path is
cascaded with a second path constituted by the probe
channel to DSP 113 from tube end 83’ and including the
probe microphone. Because facilities will not generally
be available in the field to calibrate the receiver and the
probe microphone, it is contemplated that factory cali-
bration will be accomplished with a standard acoustic
device called a *'coupler™ for simulating the ear volume.
In the factory calibration of the hearing aid with the
standard coupler, electrical output from DSP 113 is
produced corresponding to a desired test sound in one
of the frequency ranges at a time. This electrical output
has a RMS value designated A and frequency range
number F both of which can be predetermined or con-
trolled from a host computer 14 at the factory. The
value A is regarded as the input to the first path. The
acoustic output from the first path, which is also the
input to the second path at end 83' of the tube 83 to the
probe microphone, is the RMS sound pressure level
SPL. The RMS output of the second path is designated

M/ Nas for reasons described more fully hereinafter.

Both A and vV M/Nascan be measured or determined
at the factory. SPL is measured by standard acoustic
test equipment connected to the coupler at the factory.
The transfer functions of the above-mentioned cascaded
first and second paths are designated HR(F) and HP(F)
respectively determined at the factory from the mea-
sured values of A, SPL, and VM/Nys using the equa-
tions:
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SPL(F)=HRIAX A w

and

(1
\IM/N,1 = HAFR X SPL{F)

Similarly, the function HE(F) is the frequency-
dependent ratio of the DSP 113 RMS input to an RMS
sound pressure level supplied to the external micro-
phone 75 from & standard sound source.

The functions HE(F), HR(F) and HP(F) determined
at the factory are supplied on 2 data sheet sent with the
hearing aid to the clinician in the field. In an even more
advantageous feature of the invention, the functions
HE(F), HR(F) and HP(P) are also loaded into the hear-
ing aid memory so that they can be automatically re-
trieved by the host computer, thereby saving time and
avoiding possible errors in entering the values from the
data sheet into the host computer prior to the fitting
procedure.

It is to be understood that the acoustic characteristics
of the ear volume of the patient will in general be differ-
ent from those of the coupler used at the factory. Conse-
quently, it is desirable to calibrate for the ear impedance
in the field. The modifying effect of the actual ear vol-
ume compared to the coupler is accounted for by a
frequency-dependent compensation function SC(F)
which is determined by the operations of the host com-
puter shown in F1G. 6. (The term “compensation func-
tion™ signifies a mathematical correction herein, and is
not to be equated by itself with hearing deficlency
“compensation”, which is an overall goal of hearing aid
fitting.)

In the calibration of the ear volume of FIG. 6, electri-
cal output from DSP 113 is produced corresponding to
a desired test sound in one of the frequency ranges at a
time. This electrical output has an RMS value desig-
nated A and frequency range number F both of which
can be predetermined or controlled from host computer
14. The value A is regarded as the input to the first path.
The transfer functions of the above-mentioned cascaded
first and second paths, with the patient’s ear canal in-
cluded, are designated (SC(F)xHR(F)) and HP(F)
respectively. The acoustic output of the first path,
which is also the input to the second path at aperture
83, is the RMS sound pressure level SPL. Accordingly,

the cascaded paths are described by the equations:
\E?:'FR?.E = HFF) X SCIF X HR(F) X 4 o
SPLIFY = SC(F) X HRIF) X 4 )
and
()

‘I:‘Ir!/Mw = SPLIF) X HA(F

Since HP(F) is known, the vV M/Njs data obtainable
from the probe microphone measurements can be used
to determine the actual sound pressure level SPL(F) in
the patient’s ear. The value of A can be predetermined
by the host computer also. Accordingly, and since the
transfer function HR(F) is also known, the scaling func-
tion can be and is determined by host computer 14 by
solving Equations (4) and (5) for SC(F).
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Operations in host computer 14 commence in FIG. 6
with BEGIN 225 and proceed to step 227 to download
a routine REPORT1 (FIG. 15) into the hearing aid for
causing DSP 113 to send back the values of the transfer
functions HE(F), HR(F) and HP(F) in each of the
FO =4 frequency ranges. Next, at step 229, host com-
puter 14 inputs and stores the values being sent back
from the hearing aid. In step 231, a stimulus generator
routine (FIG. 14) including a routine called REPCRT 2
(FIG. 16) is downloaded from host computer 14 to the
hearing aid. Thus, host computer 14 downloads an en-
tire test sound generating program to the hearing aid as
a first set of signals. In step 233 a test frequency in one
of the frequency ranges and a desired value of A are
selected by the operator so that the test sounds pro-
duced have a comfortable loudness level for the patient
while the ear impedance calibration test is being per-
formed. Coefficients for the stimulus generator routine
are sent in step 235 to the hearing aid so that a test sound
in the selected frequency range is emitted by the hearing
aid into the patient’s ear.

In step 237, host computer 14 receives a value M of
sum-of-squares input in the probe channel of the hearing
aid 12 from DSP 113 via REPORT 2. The value M is
then divided by Nas in the host computer 14 and the
square root of this value is calculated to obtain an RMS
value VM/Nys which is divided by the value of probe
microphone transfer function HP(F) for the value of F
of the frequency range in which the test sound was
generated. The result of the calculations is a value of
measured sound pressure level SPL which is then
stored in a table indexed according to frequency range
in which the SPL measurement was taken.

At step 239 a branch back to step 233 is made to test
sounds in all four frequency ranges. When data has been
gathered, scaling step 241 is reached. In each frequency
range F, the compensation function SC(F) is calculated
in each frequency range F according to the formuia:

SCFy=SFPL(F)/(HR(F)X A} &

where SPL(F) is the value in the SPL table correspond-
ing to a given frequency range, HR(F) is the transfer
function of the output channel in the hearing aid, and A
is the RMS DSP 113 output wsed in producing the
SPL(F). It is to be understood that the formula shown
for step 241 is to be calculated four times so that all
values of F are exhausted, a loop being omitted from the
drawing for conciseness. Of course more than one value
of SPL can be measured in each frequency range, and
more than one value of A can be employed. In such
case, all the data are accordingly tabulated in memory
and indexed according to frequency. Then more than
one value of SPL(F)/(HR(F) > A) is computed in each
frequency range, and the resulting quantities averaged
to produce a single calculated value of SC(F) in each
frequency range. Upon compietion of step 241, RE-
TURN 243 is reached and operations return to step 203
of FIG. 5.

In FIG. 7 the aunditory area routine 211 of FIG. 5§
commences with BEGIN 261 and proceeds in step 263
to download a digital filter program into the hearing aid
12. The digital filter includes four frequency ranges or
passbands. The gains in the frequency ranges are made
equal to each other, and no limiting is introduced,
which produces an overall flat frequency response over
the spectrum 0-6 KXHz. The digital filter has the routine
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called REPORT2 (FIG. 16) for sending back measure-
ment data from the probe microphone.

In step 265, host computer 14 outputs patient re-
sponse graphics indicating different areas of the touch
sensitive screen of IRU 46 which can be touched by the
patient in response to the test sounds. The response
choices shown on the screen are:

A, TOQ LOUD

B. LOUD

C. GOOb

D. SOFT

E. BARELY AUDIBLE.

The patient is asked to listen for test sounds and when
one is heard, 1o touch the screen of the IRU 46 to indi-
cate the response chosen. In step 267, host computer 14
causes ATS 36 to produce a selected test sound in a
series of sounds varying in loudness and frequency. The
sounds can be produced through the hearing aid 12
itself as in FIG. 6, but it is believed to be preferable to
use ATS 36 for auditory area measurements so that
head diffraction and other effects associated with actual
use of the hearing aid are present. At step 269, the IRU
46 is accessed for the patient response, and in step 271
the host computer checks to determine whether a re-
sponse has been received. If not, a branch is made to
step 273 where a timer is checked, and if a preset inter-
val has not yet elapsed, a branch is made from step 273
to step 269 whence the IRU 46 is accessed again. If
there is no response, and time is up, a branch is made
from step 273 to step 267 so that a different amplitude or
frequency or both are selected and a new test signal is
presented. When and if there is a response during the
preset interval, a branch is made from step 271 to step
275 to receive sum-of-squares value M from hearing aid
12.

In performing either the pair of steps 263 and 267, or
the pair of steps 231 and 233 of FIG. 6, the electronic
circuitry in the aid is caused to act as programinable
digital filter means for programmably producing pertur-
bations having a controlled electrical parameter (e.g.,
amplitude A) in response to a first set of externally
supplied signals from the host computer (e.g., filter
program), the sound emitted by the receiver having a
controfled parameter (e.g., sound pressure level) corre-
sponding to the controlled electrical parameter of the
perturbations. *Perturbations” is a general term which
includes waveforms generally, such as sine waves,
noise, and speech waveforms.

In step 275, host computer 14 indexes and stores the
latest information received from the hearing aid and
from IRU 46 in a sound pressure level table SPL. The
SPL teble is indexed as illustrated in FIG. 8 according
to the five responses A, B, C, D, and E and according to
frequency in a discrete number R of frequency ranges
which can be in general more numerous than the digital
filter ranges FQ. Each cell in the SPL table represents
a set of memory locations for holding respective sound
pressure level data in the ear which was measured in the
same frequency range and received the same patient
response.

Each calculated value of SPL is initially computed as
the ratio s/HP(F) as discussed in connection
with step 237 of FIG. 6. By contrast with step 237,
however, the calculated value is then converted to
decibels by computing the common logarithm multi-
plied by 20. In a further contrast, each decibel value of
SPL is stored in the table which is indexed according to
patient response A-E, as well as frequency range F.
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In step 277, a branch is made back to step 267 to
present the next test sound by means of ATS 36 unless
sufficient date has been gathered, whence the test is
terminated and operations proceed to step 279.

In step 279, host computer 14 caleculates values, in
each of the frequency ranges (equal in number to R}, of
uncomfortable loudness level (UCL(F)), most comfort-
able loudness level (MCL(F)) and hearing threshold
(THR(F)) using the decibel data stored in the SPL
table. UCL(F) represents the level in each frequency
range where sounds make the transition from being loud
(response B) to too loud (response A). UCL(F) is com-
puted in one simple procedure by simply sorting to
obtain the smallest SPL value in the A cell in each
frequency range. In an alternative and more complex
procedure the values in the loud and too loud categories
A and B are compared to estimate where loud leaves off
and too loud begins.

Most comfortable loudness level MCL(F) is com-
puted for instance by taking the arithmetic average, or
mean, of the values in each cell corresponding to re-
sponse C (GOOD) in each frequency range. Hearing
threshold THR(F) is computed by computing the arith-
metic average, or mean, of the values in each cell corre-
sponding to response E (BARELY AUDIBLE) in each
frequency range. Even when data in response catego-
ries B and D are not used in the calculations, the provi-
sion of categories B and D causes the patient to more
effectively define which data belong in categories A, C,
and E.

As shown in FIG. 9, the computation of UCL(F),
MCL(F), and THR(F) delineates the auditory area of
the patient in SPL in dB versus log frequency. Next, it
is desired to fit a known spectrum of conversational
speech to the auditory area so that the patient’s hearing
deficiency can be fully compensated or at least amelio-
rated. In step 281, digital filter parameters of gain G1(F)
and G2(F) and limiting L(F) are computed io accom-
plish the desired fit. The resulting digital filter (FIG. 17)
is downloaded to the hearing aid 12 with a reporting
routine REPORT3 (FIG. 18) including a self-adjusting
gain feature. In performing steps 269, 275, 279, and 281,
host computer 14 obtains data representing the re-
sponses of the patient from the sensing means (e.g., IRU
46) and utilizes the response data in determining the
second set of signals (¢.g., digital filter to download).

The operations accomplished in step 281 utilize avail-
able experimental data on conversational speech. Con-
versational speech has been analyzed and found to have
a mean value in decibels (here designated SM({F)) which
varies with frequency. Most of the loudness variation,
suggested by shaded area 282 of FIG. 9, in conversa-
tional speech is bounded by a curve 282A which is 12
dB above SM(F) and a curve 282B which is 18 dB
below SM(F). To fit the speech to the auditory area of
the patient, the gain of hearing aid 12 is set as a function
of frequency to translate SM(F) to the most comfort-
able loudness level MCL(F). The digital filter in hear-
ing aid 12 js provided with an initial gain G1(F)(dB)
followed by limiting to a level L(F) (dB) followed by
post-filtering gain G2(F){(dB).

In order to effectively utilizc the dynamic range of
the digital system consisting of the ADC 111, DSP 113
and DAC 119 the values of the initial and postfiltering
gains G1(F) and G2(F) are calculated to ensure that the
limit value L(F) is conveniently equal to the largest
number that can be produced by DSP 113 (7FFF in
hexadecimal form is the larpest positive number ex-
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pressible in fixed point form by a 16-bit computer). By
setting L(F) to this constant where

LiF=28-1-1 N
for a B-bit representation, the RMS values of the limited
signals L{F) are all equal to LIF}EB)—3 dB where the
quantity 3 dB is subtracted to adjust from the peak value
L(F) to the RMS for a sine wave.

Now the gain parameter G2(F) can be calculated.
G2(F) is set so that a limiter output of L{F}dB)~3 dB
will produce an SPL in the ear egual to the UCL(F).
The signal path from the output of the limiter to the ear
includes G2(F), SC(F) and HR(F). Hence

G2(F)(dB)= UCL(A(dB)—[LIFA(dB)—3
48] —SC(F)(dB)— HR(F)(dB)

3
Eguation (8) states that the postlimiting gam in dB is the
difference between the patient’s UCL curve and the
limiting level for hearing aid 12. If the [imiting level
exceeds the UCL, then the postlimiting “gain” in dB is
an attenvation.

It remains to obtain gain G1(F). As discussed above,
the intelligibility of speech is most likely to be maxi-
mized, to the extent that a priori caleulations can do so,
by also translating the average level of conversational
speech SM(F) to the patient’s most comfortable loud-
ness level MCL(F). The average level SM(F) over the
frequency spectrum is obtained from experimental anal-
ysis resuits such as those reported in “Statistical Mea-
surements on Conversational Speech” by H. K. Dunn et
al., J. Acoustical Soc. of America, Vol. 11, Jan. 1940, pp.
278-288. Since the most comfortable loudness level is
below the UCL, the hearing aid output for MCL is
below the limiting level L{F)(dB). Without the limiting,
the hearing aid gain is G1(F){(dB)+ G2(F}dB).

The just-stated hearing aid gain is made equal to the
difference of MCL(F)(dB) less SM(F)(dB) corrected
for the transfer function HE(F) of the channel consist-
ing of the external microphone and the signal path
through signal conditioning circuit 103, MUX 108,
S/H-IN, and ADC 111. A further correction is also
made for the output channel path defined by the trans-
fer function HR(F)X SC{F). Since gain G2(F) is now
calculated from Egquation (8), gain G1(F) is obtained
according to the formula:

GHF(dB)=MCL(F)(dB)— SM{F)(dB) - SC(F(dB)-
— HR(F)(dB)— HE(FIldB)}— G2(F(dB)

)]

The digital filter in hearing aid 12 is programmed to
utilize gain values in terms of voltage amplification or
attenuation. Accordingly, the gain values are converted
from decibels to voltage gain by the formulas:

GI(A = 10{CHAEEY 0] (10A)

and

G = 101GUAEB] (10B)
The transfer functions HE(F), HR(F), and HP(F) are
also in terms of voltage amplification and are converted
from dB to voltage gain by:

FIE(Fy= 10l HE IR/ 20] (1A}
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HR(F)= 10HR(A{45)20] (118)

SC(F) = w[SC(F){dB)/ZOJ (11C)
and

HP(F) = QAR dE)/20] (11D)

In step 283, a standard quantity called the *Articula-
tion Index” (Al)is calculated so as to predict the quality
of fit of the fitted hearing aid. Articulation Index is
defined by ANSI Standard $3.5-1969 “American Na-
tional Standard Methods for the Calculation of the
Articulation Index.” Calculations according to the stan-
dard are programmed into the host computer 14 and
executed as step 283 utilizing the auditory area informa-
tion obtained in testing the patient.

In step 285 of FIG. 7 host computer 14 accomplishes
display and recordkeeping functions associated with the
measurement of the auditory area of the patient and the
automatic calculation of filter parameters for hearing
aid 12, A graph of the auditory arca with a spectrum of
conversational speech fitted thereon (corresponding to
FIG. 9) is displayed on the terminal 16 and, if elected by
operator, put in hard copy form by means of printer-
plotter 30. The display or printout also lists parameters
of the hearing aid fitted to the patient, such as the prod-
uct of HR(F)XSC(F), the noise output of the hearing
aid when no external sound occurs, and the articulation
index AL Al limit function L(F), and gains G1(F) and
G2(F) are stored in the patient data base along with the
data entered in patient interview step 207 of FIG. 5,
whence RETURN 287 is reached.

FIG. 10 shows a flow diagram of operations for the

“speech intelligibility test operations of host computer

14, After BEGIN 291, an identification number ID of a
list of test words is input in step 293 from the terminal
16. At step 295, graphics for multiple choice word rec-
ognition responses by patient are output to IRU 46. In
step 297, host computer 14 causes ATS 36 to play the
next one of the test words on the list for the patient with
hearing aid 12 to listen to. Host computer 14 in step 299
reads values reported back from the hearing aid by the
REPORTS routine. The data values include a constant
CA, which is nominally 1.0, the changes in which indi-
cate changes in ear impedance, A set of data values
called FIRS(F) is a sum-of-squares output of DSP 113
for each of the four frequency ranges of the digital
filter. Another set of data values called LIMCNT(F)
idicates how many times the speech waveform actu-
ally exceeded the limit function L{F) in the digital filter,

In step 301, it is recognized that the LIMCNT(F)
values are being generated as each speech sample Is
actually being played. Accordingly, values of
LIMCNT(F) are summed or otherwise processed over
the entire speech sample so that a total value indicating
the amount of limiting on each sample can be derived.
In this way, the performance of the hearing aid for
particular words or other sounds can be observed and
subsequent fine adjustments facilitated.

In step 303, the patient response to the multiple
choice question on the IRU 46 is received from the
IR U. The data gathered from the hearing aid in step 299
and from the IRU in step 303 are displayed to the opera-
tor on the terminal 16 in step 305. If it is desired to play
more speech samples, a branch is made from step 307
back to step 295 to continue the test. If the test is done,
then operations proceed to step 309 to calculate the
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In step 311, the operator compares the articulation
index calculated for the hearing aid with the list ID, and
compares the predicted percent of correct answers
based on AI with the actual percent correct. At step
313, the values displayed in step 311 are stored in the
patient data base with a complete record of the re-
sponses of the patient to each question in the test,
whence RETURN 315 is reached,

In a further set of advantageous operations shown in
FIG. 11, the operator of terminal 16 can adjust the filter
parameters programmed into the hearing aid 12 and
calculate a predicted performance of the hearing aid
before deciding whether or not to download the ad-
justed filter parameters, Operations commence at
BEGIN 321 and proceed to step 323 where the operator
enters one or more adjusted values of limit function
L(F) and gains G1(F) and G2(F) from terminal 16. In
step 325, host computer 14 computes how the hearing
aid would, if programmed with the adjusted wvalues,
reposition the conversational speech spectrum 282
(FIG. 9) on the stationary auditory area defined by the
previously measured UCL(F), MCL(F), and THR(F)
curves, The articulation index is calculated according to
the above-cited ANSI standard from the foregoing
information in step 325, Then an informational display is
fed to terminal 16 showing the auditory area with the
repositioned conversational speech spectrum (hearing
aid response curves), and the value of the resulting AL
AH of the adjusted and unadjusted values of L{F),
G1(F), and G2(F) are also output for operator refer-
ence.

At step 329, host computer 14 asks the operator
through terminal 16 for instructions. Operator inputs a
string designated AS. If AS is “YES,” operations branch
back from step 331 to step 323 and repeat steps 323
through 329 so that the operator can further adjust
values in an interactive procedure in which the operator
homes in on final filter parameters for the hearing aid, If
AS$ is “LOAD,” operator is telling host computer 14 to
proceed to step 333 to download adjusted filter parame-
ters to hearing aid 12 thus changing the operation of the
hearing aid itself to correspond to the parameters ad-
justed by the operator. After step 333, the computer 14
in step 335 stores the adjusted filter parameters together
with the most recently calculated value of Al in the
patient data base so that there is a record of this deliber-
ate change to the hearing aid. If in step 331, the string
A% is “STQOP,” then the hearing aid is not changed, and
RETURN 337 is reached.

Thus, host computer 14 with its terminal 16 also
graphically displays hearing threshold, most comfort-
able loudness level, uncomfortable loudness level, and
performance characteristics of the hearing aid (e.g., in
mapping conversational speech onto the auditory area),
and generates a third set of signals (e.g., downloads an
adjusted filter) determined by interaction with an opera-
tor for establishing adjusted filter parameters in the
programmable filtering means.

DSP 113 loads and executes entire programs supplied
to it by host computer 14. FIG. 12 shows the download
menitor in DSP 113, “menitor” having its computer
meaning of a sequence of operations that supervise
other operations of the computer. FIG. 13 illustrates
that the monitor is stored in ROM 117 and a program
having been downloaded is stored in RAM 115 begin-
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ning at an address ADRO, typically followed by data, or
coefficient space, followed by first executable contents
at an address ADR1 and the rest of the program in an
area designated DSP Program Space.

The moniter of FIG. 12 is programmed as an inter-
rupt routine which commences at START 351, regard-
less of any cther program which may be previcusly
running, whenever the interrupt line INT is activated in
FIG. 4. An index P is initialized ta zero in step 353. The
moniter receives supervisory information from the host
computer 14 through serial interface 151 in step 355.
The supervisory informaticn is the numerical value of
the address to be used as ADRO, and the number of
bytes NR to be downlcaded.

At step 357, DSP 113 inputs a byte of the program
and in step 359 stores that byte at a RAM address hav-
ing the value equal ta the sum of the value of ADRO
plus the value of the index P. Since P is initially zerg,
the first program byte is stored at address ADRO. At
step 361, index P is incremented by one. Until P be-
comes equal to the number of bytes NR, a branch is
made at step 363 back to step 357 to execute steps 357

0

through 361 again, thereby loading the entire program

being received from the host computer 14. When P is
the same as NR, step 365 is reached whence DSP 113
jumps to ADR® and begins execuling the entire down-
loaded program beginning with the contents of address
ADRO.

The moniter of F1G. 12 is uncomplicated and short,
which reduces the cest of programming ROM 117 at
the factory. The monitor is flexible in that it can be used
to lcad a long program into RAM and then subse-
quently write over a portion such as the coefficient

space, to change the parameters utilized by the long.

program. Beginning address ADRO can hold a “jump”
instruction to a different redefinable address ADRI,
adding further flexibility to the software. Because the
address ADRO is defined by the host computer and can
be redefined, another program can be subsequently
loaded starting at a different value of ADRO without
having to reload a previously loaded program. Accord-
ingly, improvements in hearing aid 12 can be accom-
plished by reprogramming frem new editions of scft-
ware supplied for the host computer 14, thereby avoid-
ing burdening patients with the expense of a new hear-
ing aid 12 itself.

F1G. 14 shows a stimulus generator routine down-
lcaded intc RAM 115 by means of the DSP 113 menitor
of FI1G. 12 and in response to the host computer step
231 of FIG. 6. The stimulus generator is a set of DSP
113 cperations for driving the receiver of the hearing
aid in a self-generating mode activated by the signals
which downloaded the stimulus generater. The stimu-
lus generator rcutine essentially turns DSP 113 into an
cscillator and a system for reporting back the cutput of
the probe microphone 77.

Operaticns commence at BEGIN 371. A set of vari-
ables J, N, and C are initialized at step 373 in which J is
set to 2, N is set ta 0, and C is set equal to a number
precalculated in the host computer as 2 cos(2 X pi X FX -
delta-t). “pi"” is 3.1416, the circumference of a circle
divided by its diameter. “‘I" is the frequency of cscilla-
tion in Hertz (Hz.) selected by host computer 14. “delta-
t" is a time interval between values generated by the
stimulus generator. An amplitude parameter A is set to
a value sefected by the host computer, A table Y is
indexed according to the variable J. Variable J is per-
mitted to take on only three values 0, 1, and 2. Entry
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0

in
th

65

24 :
Y(0) is initialized to zere, and Y(1) 1s initialized to a
number calculated in the host computer as sin(2-
K pix fx delta-t). A sum-cf-squares accumulator M is
initialized to zero.

In the discussicn of FIGS. 14 and 17 that follows,
module notation is used for brevity. 0 modulo 315 0; 1
module 3 1s 1, 2 medule 3 is 2; 3 medule 3is 0, —1
madule 3 is 2; —2 modulo 3is 1, and —3 module 3is 0.
In general, X medulo B is X when X is greater than or
equal ta O and less than B. When X is greater than or
equal to B, X modulo B is X—B for X less than 28— 1.
When X is less than zero, X modulo B is X+ 38 for X
greater than —B — 1. Module notation is useful in show-
ing that only B memory locations in a computer are
needed in a process that is progressing through memory
locations indefinitely.

In step 375 of F1G. 14 an cutput value of a sine wave
of amplitude 1 (RMS value of 0.707) is generated by
calculating a value for the latest table entry Y (J,nes 3) in
sequence as C times the next previous entry Y{{(J—1)-
mod 3) less the entry Y((J—2)moa 3). At step 377, the
output of the stimulus generator is scaled up from the
sine wave of amplitude 1 to produce an cutput value §
by multiplying entry Y(Jmod 3) by the amplitude param-

eter A.
At step 379, DAC 119 of FIG. 4 is enabled by DSP

113, and the value of S is cutput in digital form from
DSP 113 tc DAC 119. DAC 119, of course, converts
the value of § to analog form. Then DSP 113 enables
cne and not the other of sample-and-hold circuits 133
and 135 so that the analeg output is fed to cne and not
the other of woofer 79 and tweeter 81. Step 379 is pro-
grammed tc enable the correct sample-and-hold circuit
depending on the frequency f of the test sound being
generated. Such programming is readily accomplished
because frequency [ is known a pricri by host computer
14 when the stimulus generator is downloaded for each
test scund to be generated.

At step 381, index J is incremented by cne, modulo 3,
to the vaiue (T4 1)moq 3. At step 383, the report routine
REPORT? is executed, sending back sum-of-squares
information gathered by probe microphone 77 to host
computer 14. Depending on the speed of DSP 113 a
preestablished waiting period is programmed at step
385, so that when the operations proceed back to step
375 to execute steps 375-383 again, the frequency of the
generated scund is at the predetermined frequency f. It
is to be understood that even though stimulus generater
is an endless loop with na RETURN or END, its apera-
tions are interrupted and the monitor resumed simply
by host computer 14 sending a character to interrupt
DSP 113 and lead the stimulus generator routine with
different frequency f, amplitude A, and designation of
SH1 or SH2.

A brief digression is made to describe the REPORT1
routine of FI1G. 15. REPORT1 is downicaded from
host computer 14 to DSP 113 in step 227 of FIG. 6. lis
purpose is to obtain the transfer functions HE(F),
HR(F) and HP(F) which amcunt t¢ hearing aid calibra-
tion data and are prestored in the memory of the hear-
ing aid during manufacture. When the monitor reaches

“step 365 of FIG. 12 after downloading REPORT], it

jumps to BEGIN 391. REPORT1 proceeds t¢ address,
ar enable, the serial interface 151 at step 393. Next in
step 395, the values of HE(F), HP(F) and HR(F) fcr
each value of F are fetched from predetermined mem-
ory locations and transmitted through serial interface
151 to host computer 14, whence END 397 is reached.
In this way host computer 14, which is a means for
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supplying REPORTHY, also retrieves the calibration data
from the hearing aid memory and utilizes the calibration
data and a subsequently-obtained parameter of the
probe microphone output in determining and supplying
the second set of digital signals (e.g., a digital filter
program). '

The routine designated REPORT2 of FIG. 16 is
incorporated as a subroutine in a downloaded program
such as the stimulus generator of FIG. 14 or the digital
filter described hereinafter in connection with FIG. 17.
For example, in the stimulus generator when step 381 is
completed, operations proceed to BEGIN 401 of RE-
PORT2 of FIG. 16. In step 403 of REPORT?2, the con-
trot Jatch 127 of FIG. 4 is addressed, or enabled. In step
405 a sequence of bytes is supplied from port P1 of DSP
113 to control latch 127, which successively selects the
probe microphone line 141 at MUX 105, enables
S/H-IN 109, then enables ADC 111, and finally senses
a digital representation S1 of the conditioned instanta-
neous voltage from the probe microphone.

In step 407 the S§1 value is squared and added to
accumulator variable M. Index N of step 373 is incre-
mented by 1. At step 409, N is tested to determine if it
has reached Nas yet. If not, RETURN 411 is reached
and no communication to host computer 14 occurs yet.
However, after Ny repetitions of REPORT2, a branch
is made from step 409 to step 413 at which the serial
interface 151 is addressed and the value of M is cutput
to the host computer 14.

It should be understood that M is a sum-of-squares
and not a root-mean-square value. This, however, is no
problem, since the N=Nystest at step 409 is known, and
the relatively time-consuming operations of division by
Narand taking the square root of the result to obtain the
actual root-mean-square can be accomplished by host
computer 14 (steps 237 and 275) where computer bur-
den is not as important as in DSP 113. The signal for M
thus represents a mean-square sound pressure parameter
(e.g., square of SPL) by being proportional thereto.
After the value of M has been reported, index N and
accumulator variable M are reset to zero at step 415.

It is noted that the reference value Ny is a prestored
value which is set at 400 or to any other appropriate
value selected by the skilled worker. It is intended that
the sum-of-squares is to be accumuiated in an appropri-
ate and effective manner to permit host computer 14 to
obtain or derive an RMS value for the probe channel
which can be used to accurately calculate sound pres-
sure level SPL. Thus, errors resulting from summing
over only parts of cycles rather than whole cycles
should be avoided in programming the report routine
and host computer 14.

In this way the circuitry of FIG. 4 in performing the
operations described in FIG. 16 constitutes means cou-
pled to the second (probe) microphone for also supply-
ing a signal (e.g., M) for external utilization, the signal
representing a mean-square sound pressure parameter of
the sound.

A flowchart of the digital filter routine for DSP 113
is shown in FIG. 17. When the monitor of FIG. 12 has
loaded the digital filter in response to step 263, 281, or
333 in the host computer, and completed step 363, oper-
ations commence at BEGIN 421 and proceed to initial-
ization step 423. Indices N and N1 are set to zero, accu-
mulator variables M and M1 are set to zero, index I is set
to 31, and a constant CA (calculated in operations of
FIG. 18) is set to one. A 32 element table S2(I) has all
elements set to zero; and a triplet of four-element output
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tables FIR(F), FIRS(F), and LIMCNT(F) indexed by
frequency range F respectively have all elements set to
zero. A 4-row, 32-column table LIM(LF) is initialized
to zero. DAC 119 is initialized to zero to avoid a tran-
sient in the receiver.

At step 425, REPORT2 (FIG. 16) is executed when
the digital filter is downloaded by step 263 of FIG. 7.
Otherwise REPORTS3 (FIG. 18) is executed as a result
of download step 281 or 333. At step 427, the frequency
range index F is initialized to 1, and a gain adjustment
constant CA1 is derived as an approximation to the
reciprocal of the square root of constant CA. (See dis-
cussion of REPORTS3 for theory of CAl.). The control
latch 127 is enabled in step 429. Step 431 represents a
sequence of operations for bringing in a sample from the
external microphone 75. Bytes supplied from port P1
enable MUX 105 for the external microphone, then
S/H-IN 109, then ADC 111, and finally sense a digital
value. The digital value is expanded, to offset the com-
pression in signal conditioning circuit 103, by applying
an expansion formula or by table lookup. The expanded
value is then stored in location I of table S2.

The first gain step 433 of the digital filter is executed
according to a finite impulse response routine expressed
as

- 31 12
FIRt = GI(F % %‘il\g [CAFY X 82T — Dmod 32)] 2

The equation {12) of step 433 states that a linear combi-
nation is formed by 32 prestored coefficients C{F) with
the 32 entries of the S2 table working backward modulo
32 in table §2 from the latest entry I. The linear combi-
nation, also called convolution in the art, herein labeled
as SUM, is multiplied by a voltage gain G1(F) to pro-
duce the first output FIR1 ready for limiting, if limiting
be necessary. FIR1 is merely a single word in the com-
puter since it is computed and used immediately.

In step 435 limiting is performed so that the table
LIM(LF) is updated to have an entry at index I and
frequency range F set equal to the lesser of FIR1 or
L{(F) when FIR1 is positive. LIM(LF) is set equal to the
greater of FIR1 or the negative of L(F) when FIR1 is
negative. Thus, when limiting occurs, step 435 “clips”
both the positive and negative peaks of the waveform
presented to it. L(F) is simply the highest value, for
example, of a word in DSP 113 (4 7FFF for a 16-bit
computer) or some other preselected binary value.

In step 437, a check is made to determine whether
limiting took place, by comparing FIR1 with L(F). If
FIR1 was excessive, then limiting-counter table
LIMCNT(F) has the element for frequency range F
incremented by one in step 439. Otherwise operations
proceed directly to step 441.

At step 441 postlimiting filtering is performed. This
step is analogous to step 433 in that the coefficients
CAF) are the same, but now it is the output of step 435
which is being filtered according to the formula

(3
31
FIRAF) = G2F X §U=l\6( [CAR X LIM{(F — Minot 32)-7)]

where G2(F) is the postlimiting gain in frequency range
F, and LIM is the 432 table for holding the output of
step 435.
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DSP 113 in performing steps 433, 435, and 441 consti-
tutes programmable digital filter means for utilizing the
filter parameters established by the second set of exter-
nally supplied signals (e.g., those downloading the fil-
ter) to establish the maximum power output of the hear- 5
ing aid as a function of frequency. DSP 113 in perform-
ing steps 437 and 439 is caused to also supply or gener-
ate a signal for external use in adjusting the performance
of the hearing aid, the last-said signal representing the
number of times as a function of frequency that the 1g
established maximum power output of the hearing aid
occurs in a predetermined period. There is a predeter-
mined period becanse the accumulated values in
LIMCNT(F) are reported every Ny loops (see FIG.
18). 5

4-element table FIR2(F) has the element for fre- !
quency range FF updated by the computation of Equa-
tion (13). Table FIR2(F) is a storage area so that after all
of the frequency ranges have been processed, the values
in the FIR2(F) table can be used almost simultaneously. 54

Next at step 445 a table FIR(F) accumulates the sum-
of-squares of FIR2(F) in each frequency range F for use
in connection with the self-adjusting feature hereinafter
described.

A test at step 447 determines whether all of the fre- 54
quency ranges have been filtered using the latest sample
S2(I). If F is less than 4, a branch is made to step 448 to
increment F and then do filter-limit-filter digital filter-
ing in the next higher frequency range. Finally F
reaches 4, and at step 449 a section of operations com- 10
mences for forming the output values to drive the
woofer and tweeter respectively.

For purposes of determining the digital filter charac-
teristics (in-band ripple and out-of-band rejection), the
two steps 433 and 441 executed in any one frequency 15
range F are regarded as being the digital versions of two
corresponding analog filters. The twe corresponding
analog filters are separate but illustratively identical
analog filters having four analog filter sections each.
Each of the four analog filter sections is defined by
three specifying data: a tuning frequency, a quality
factor Q, and a gain A,, which are set forth as headings
in Table II. Since there are four frequency bands or
ranges F=l, 2, 3, 4, in this preferred embodiment,
Table II shows values of the three specifying data for
each of the four analog filter sections in each of the four
frequency bands (a total of 16 analog filter sections).

TABLE II
Band Tuning
Edges Frequency Fllter 5
(Hz) (Hz} Q Ao Seclion
Low 240 435 2.2 1.5 i
Filter 560 309 2.21 1.5 2
544 5.67 L5 3
247 3.67 1.5 4
Low- 627 1074 2.4 1.5 1 55
Medium 1353 790 .M L5 2
Fiiter 1318 6.20 .5 3
644 6.20 1.5 4
High 1504 2671 2.29 1.5 1
Mediem 3412 1921 .29 1.5 2
Filter 3318 5.86 1.5 3 60
1546 5.86 1.5 4
High 3755 4921 4.86 L5 |
Filter 5545 4231 4.86 1.5 2
5467 1.9 1.5 3
3809 1.9 1.5 4
65

It should be noted that Table II defines the filters
without deemphasis. When digital deemphasis is de-
sired, the gain A, should be changed in Table II to

28

provide the deemphasis. Otherwise, it is assumed that

when preemphasis is provided by signal conditioning

circuit 103, corresponding deemphasis is supplied by
AAFs 133 and 135 of FIG. 4.

The coefficients CAF) are precalculated and pre-
stored in the host computer 14 for cach frequency range
F to implement in digital form the characteristics called
for in Table II. It is to be understood that there are 32
coefficients Co, €1, . . ., C31 for each frequency range
F=1, 2, 3, and 4. Consequently, there are a total of 128
(32x4) prestored Cy,(F) coefficients in the preferred
embodiment example of FIG. 17. The coefficients used
in step 433 are identical to thase ssed in step 441 in this
example. The procedure for precalculating the coeffici-
ents is known to those skilled in the art and is disclosed
for instance in “A Computer Program for Designing
Optimum FIR Linear Phase Digital Filters” by J. H.
McClellan et al., JEEE Transactions on Audio and Elec-
troacoustics, Vol. AU-21, No. 6, Dec, 1973, pp.
506-526.

In step 449, a DSP 113 output FIRA for the woofer
channel is formed as the product of gain adjustment
constant CA1 with the sum of the digital filter outputs
FIRX(1) and FIR2(2} in the two lower frequency
ranges, where F=1 and 2. At step 451 the woofer is fed
the latest ontput value FIR A by enabling the DAC 119,
sending FIR A to the DAC 119 from DSP 113, and then
enabling §/H1 to convert FIRA to analog form to drive
the woofer. Steps 453 and 4535 are analogous to steps 449
and 451. In step 453 a ISP 113 output FIRB for the
tweeter channel is formed as the product of the gain
adjustment constant CA1 with the sum of the digital
filter outputs FIR2(3} and FIR2(4) in the two higher
frequency ranges, where F=3 and 4. At step 455, the
tweeter [s fed the latest output value FIRB by enabling
the DAC 119, sending FIRB to the DAC 119 from DSP
113, and then enabling S/H2 to convert FIR B to analog
form to drive the tweeter.

At step 457, index I is incremented by one, modulo
32, and step 425 is reached. A report rouiine is executed
and then the next sample S2(I) from the external micro-
phone is digitally filtered. Then the woofer and tweeter
are driven, and so on repeatedly in an endless loop
which is only terminated by interrupting DSP 113. The
endless loop is the continuous operation of hearing aid
12 in assisting the patient to hear.

In connection with the operations of FIG. 17, advan-
tageous techniques of digital signal processing are em-
ployed to reduce the processing load on IXSP 113 wher-
ever possible. For example, decimation and interpola-
tion [Crochiere, R. E. and Rabiner, L. R., Optimum
FIR Digital Filter Implementation for Decimation,
Interpolation, and Narrowband Filters, IEEE Trans.
Acoust. Speech, and Signal Proc., Vol. ASSP-23, pp.
444-456, October, 1975] are employed before and after
the filter-limit-filter channels to reduce the computa-
tional sampling rate required of the filter-limit-filter
calculation. :

In the context of this preferred embodiment step 431
of FIG. 17 includes a low-pass filter of 6 kHz bandwidth
followed by a 4 to 1 decimation (discard 3 out of 4
samples) of sampling rate from 50 kHz to 12.5 kHz. The
filter-limit-filter calculations are then carried out at the
reduced 12.5 kHz rate.

Included in steps 449 and 453 of FIG. 17 and before
samples are output to the DAC 119 the sampling rate is
increased from 12.5 kHz to 50 kHz through 2 process of

QSC Audio Products Exhibit 1013 Page 26



4,548,082

29
interpolation of 1 to 4 (inserting 3 zeros between each
sample) followed by low-pass digital filter with a cutoff
of 1.5 kHz for the woofer output and a digital bandpass
filter with lower and upper cutoff frequencies of 1.5
kHz and 6 kHz for the tweeter output.

The reporting routine REPORTS3 in FIG. 18 is simi-
lar to REPORT2 (FIG. 16) except that REPORT3
additionally calculates constant CA for use in the self-
adjusting gain feature. Accordingly, steps 461, 463, 465,
467, 469 and RETURN 471 are the same {n nature and
purpose to REPORT?2 steps 401, 403, 405, 407, 409, and
RETURN 411, so that further discussion of said steps is
omitted for brevity. In REPORTS3, however, when N
reaches Ny, a branch is made to a step 473. At step 473,
the serial interface 151 is enabled. DSP 113 communi-
cates the values of accumulator variable M, a sum-of-
squares filter output table FIRS(F), constant CA, and
limiting-counter table LIMCNT(F) to the host com-
puter 14 (used in step 299 of FIG. 10).

Step 475 reinitializes index N to zero and
LIMCNT(F) to zero for all F. However, for gain self-
adjusting purposes, index N1 is now incremented by
one and another accumulator variable M1 is incre-
mented by M. Then at step 477, the first accumulator
variable M is reset to zero. At step 479 a branch is made
to RETURN 471 if N1 has not reached a prestored
value NM1 set at 500 or any other appropriate value.

When N1 reaches NM1, which takes about 16-sec-
onds (typically 80 microseconds X 400X 500), step 481 is
reached, wherein a calculation for self-adjustment of
gain commences. The ear impedance is a function of ear
canal volume and other factors. So long as the ear impe-
dance remains the same as it was when the procedure of
FIG. 6 for calibrating was performed, the value of con-
stant CA should be unity. Step 481 is performed after
typically 200,000 (NasXNM1) samples S1 from the
probe channel have been squared and summed 10 pro-
duce the quantity M1.

The quantity M1 can be regarded as being derived
from a single waveform having an 0-6KHz spectrum or
‘from four waveforms having spectra respectively cov-
ering each of the digital filter frequency ranges. Because
the four waveforms are independent of each other, the
sum M1 of the squares of the single 0-6 KHz waveform
is equal to the total of the sum-of-squares of each of the
four waveforms if they were isolated. This relationship
is expressed mathematically as

(14)
M= %‘i“’f (FIR(A) X HRYF) % SCUM % BAP]

M1 is the sum-ofsquares of 200,000 samples of the
output of ADC 111 to DSP 113 in the probe channel.
FIR(F) is a sum-of-squares of 200,000 values of the
waveforms in the four frequency ranges computed by
DSP 113 in step 445. HR(F), SC(F), and HP(F) are
respectively the transfer function of the output channel,
scaling constant to correct for the actual ear impedance,
and the transfer function of the probe chanmnel. They
translate the waveforms in the four frequency ranges to
the output of ADC 111. The right side of Equation (14)
is a prediction, therefore, of what M1 will be so long as
the ear impedance of the patient does not change.

If the ear impedance does change, the actnal mea-
sured M1 on the left side of Equation (14) will no longer
be equal to the sum on the right side. This is because
scaling function SC(F) no longer describes the ear, as it
has changed. Then as shown in step 481, constant CA is
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calculated as a function of the ratio of the right side of
Equation (14) to M1.

It is noted that CA is calculated as a constant, i.e., a
quantity independent of frequency, and not as a func-
tion of frequency range index F. This is because the
calculation assumes that if the ear impedance does
change, the correction should be equal in all frequency
ranges or that such correction will cause a negligible
departure from optimum fit. Moreover, the calculation
of a single constant CA independent of frequency keeps
computer, burden low and is thus preferred. Corrections
can be made which are a a function of frequency, how-
ever, and such refinements are within the scope of the
invention.

Step 481 is completed by limiting CA to a preestab-
lished range such as 0.5 to 2.0 (aX=6 dB range). Thisisa
precaution against unexpected values computed for CA
which would be expected to only arise from causes
other than a change in the ear impedance. Accordingly,
if CA is computed to be a value in the range, that value
is not modified by step 481. If CA is less than the lower
limit, e.g. 0.3, then CA is set equal to the lower limit. If
CA is more than, the upper limit, e.g. 2.0, then CA isset
equal to the upper [imit.

In the FIG. 17 flow diagram at steps 427, 449, and
453, the value of CA resulting from step 481 of FIG. 18
is used, in effect, to adjust the postlimiting gain G2(F)
by multiplying it by CA which is:

Cd =1+ (15

[( )]

where CA is limited to the range 0.3 to 2.0 and a is
chosen to control the sensitivity of CA to the difference
enclosed in parenthesis. The reasoning behind the cal-
culation of CA is based on Equations (7), (8) and (9).
Constant CA is essentially a2 constant correction factor
to SC(F) in each frequency range. Thus CA is a multi-
plying factor determined by a linear approximation of
the difference between the predicted and measured
mean-square values, Equation (15) is an approximation
to the square root of the ratio of the right side of Equa-
tion 14 to measured M1.

Equation (8) establishes a criterion that UCL(F) not
be exceeded by the preestablished maximum power
output of the hearing aid. Gain G2 is therefore multi-
plied by a factor of CA, as shown in steps 449, and 453,
when CA departs from unity. Equation (9) sets forth the
relationship by which the speech mean SM is translated
to the patient’s MCL(F). Inspection of Equation (9)
shows that it is also satisfied when CA departs from
unity by applying CA as a factor as shown in FIG.

Thus, the electronics module 61 as a driving means
responds to the second (probe} microphone for also
self-adjusting the operation of the driving means in the
filtering mode. The operations that produce CA in step
481 amount to comparing the output of the second
microphone with the degree of drive provided by the
driving means to the receiver in the filtering mode.
Applying CA amounts to self-adjusting at least one of
the filter parameters (e.g., G2(F)) depending on the
result of the comparison.

In step 483 of FIG. 18, the accumulated sum-of-
squares FIR(F) information is stored in the storage table

?ﬁ‘"} (FIR(F) X HRYF) % SCUR x HPYY)
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called FIRS(F). This permits FIR(F) to be reinitialized
in step 485 and for the stored information in FIRS(F) to
be repeatedly sent (typically 500 times) to the host com-
puter 14 in step 473 unti! FIRS(F) fs updated the next
time in step 483.

In step 485, reinitialization to zero of index N1, sec-
ond accumulator variable M1, and digital filter sum-of-
squares accumulator FIR(F) occurs, whence RETURN
471 is reached.

In view of the above, it will be seen that the several
objects of the invention are achieved and other advanta-
geous results attained,

As various changes could be made in the above con-
structions without departing from the scope of the in-
vention, it is intended that ail matter contained in the
above description or shown in the accompanying draw-
ings shall be interpreted as illustrative and not in a limit-
ing sense.

What is claimed is:

1. A hearing aid comprising:

a microphone for generating an electrical output

from sounds external to a user of the hearing aid;
an electrically driven receiver for emitting sound into
the ear of the user of the hearing aid; and

means for driving the receiver in a self-generating

mode activated by a first set of signals supplied
externally of the hearing aid to cause the receiver
to emit sound having at least one parameter con-
trolled by the first set of externally supplied signals
and for then driving the receiver in a filtering
mode, activated by a second set of signals supplied
externally of the hearing aid, with the output of the
external microphone filtered according to filter
parameters established by the second set of the
externally supplied signals.

2. The hearing aid as set forth inclaim 1 further com-
prising a second microphone adapted for sensing sound
in the ear of the user of the hearing aid, and wherein the
driving means comprises means coupled o the second
microphone for also supplying a signal for external
utilization, the signal representing the at least one pa-
rameter of the sound controlied by the first set of exter-
nally supplied signals,

3, The hearing aid as set forth in claim 2 further com-
prising an external connector for making available the
signal for external utilization from said driving means
and for admitting the first and second sets of signals
supplied externally of the hearing aid.

4. The hearing aid as set forth in claim 1 further com-
prising a second microphone adapted for sensing sound
in the ear of the user of the hearing aid, and wherein
said driving means comprises means responsive to the
second microphone for also self-adjusting the operation
of the driving means in the filtering mode.

5. The hearing aid as set forth in ¢claim 1 further com-
prising a second microphone adapted for sensing sound
in the ear of the user of the hearing aid, and wherein
said driving means comprises means responsive to the
second microphone for comparing the output of the
second microphone with the degree of drive provided
by the driving means to the receiver in the filtering
mode and for then self-adjusting at least one of the filter
parameters depending on the result of the comparison.

6. The hearing aid as set forth in claim 1 furthcr com-
prising a second microphone adapted for sensing sound
in the ear of the user of the hearing aid, and wherein the
driving means comprises means coupied to the second
microphone for also supplying a signal for external
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utilization, the signal representing a mean-square sound
pressure parameter of the sound.
7. The hearing aid as set forth in claim 1 wherein the
driving means comprises programmable digital filter

5 means for programmably producing perturbations hav-

ing a controlled electrical parameter in response to the
first set of externally supplied signals, the sound emitted
by the receiver having a controlled parameter corre-
sponding to the controlled electrical parameter of the

10 perturbations.

8. The hearing aid as set forth in claim 1 wherein the
driving mezns comprises programmable digital filter
means for utilizing the filter parameters established by
the second set of externally supplied signals to establish

13 the maximum power output of the hearing aid as a func-

tion of frequency.

9, The hearing aid as set forth in claim 1 wherein the
driving means comprises means for utilizing the filter
parameters established by the second set of externally
supplied signals to establish the maximum power output
of the hearing aid as a function of frequency and for also
supplying a signal for external utilization, the last-said
signal representing the number of times as a function of
frequency that the established maximum power output
of the hearing aid occurs in a predetermined period.

10. The heartng aid as set forth in claim 1 wherein the
driving means-in the filtering mode comprises program-
mable digital filter means for performing operations in a
plurality of frequency ranges, the operations including
filtering followed by limiting followed by filtering.

11. The hearing aid as set forth in claim 1 wherein
said receiver comprises a plurality of transducers driven
by sald driving means in distinct frequency ranges re-

35 spectively.

12. A hearing aid having a body adapted to be placed
in communication with an ear canal, the hearing aid
body having an external mircrophone sensitive to exter-
nal sound, and a receiver for supplying sound to the ear

4o canal, the hearing aid comprising:

a probe microphone in the hearing aid body for sens-
ing the sound present in the ear canal; and

means connected to the external microphone and said
probe microphone for driving the receiver in re-

45 sponse to both the external microphone and said

probe microphone, and for generating a digital
signal for external use in adjusting the performance
of the hearing aid, the digital signal representing at
least one parameter of the sound sensed by the

S0 probe microphone.

13. The hearing aid as set forth in claim 12 wherein
the driving and generating means comprises digital
filtering means having at least one external connector
for making the digital signal externally available and for

55 admitting additional digital signals so that the digital

filtering means can be programmed when the hearing
aid is placed in communication with the ear canal,

14. The hearing aid as set forth in claim 12 wherein
the driving and generating means comprises means for

60 generating the digital signal to represent the mean-

square pressure of the sound sensed by the probe micro-
phone.

15, The hearing aid as set forth in claim 12 wherein
the driving and generating means comprises a multi-

65 plexer having respective inputs for coupling to said

probe microphone and to the external microphone, and
said multiplexer being coupled to said digital signal
processing means.
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16. The hearing aid as set forth in claim 15 wherein
said driving and generating means further comprises
means for coupling the output of the external micro-
phone with preemphasis to one of the inputs of said
multiplexer.

17. The hearing aid as set forth in claim 15 wherein
said driving and generating means further comprises
means for coupling the output of the external micro-
phone with compression to one of the inputs of said
multiplexer.

18. The hearing aid as set forth in claim 12 wherein
the driving and generating means comprises means for
filtering, then limiting, and then filtering the output of
the external microphone in a plurality of frequency
ranges.

19. The hearing aid as set forth in claim 12 wherein
the driving and generating means comprises means for
filtering the output of the external microphone accord-
ing to filter parameters establishing the maximum
power output of the hearing aid as a function of fre-
quency.

20. The hearing aid as set forth in claim 12 wherein
the driving and generating means comprises means for
filtering the output of the external microphone accord-
ing to filter parameters establishing the maximum
power output of the hearing aid as a function of fre-
quency and for also generating a second digital signal
for external use in adjusting the performance of the
hearing aid, the second digital signal representing the
number of times as a function of frequency that the
established maximum power output of the hearing aid
occurs in a predetermined period.

21. The hearing aid as set forth in claim 12 wherein
the driving and generating means comprises means for
also filtering, then limiting, and then filtering the output
of the external microphone according to a set of internal
parameters and for self-adjusting at least one of the
internal parameters in response to the output of the
probe microphone.

22. A hearing aid having a body adapted to be placed
in communication with an ear canal, the hearing aid
body having an external microphone sensitive to exter-
nal sound, and a receiver for supplying sound to the ear
canal, the hearing aid comprising:

a probe microphone in the hearing aid body for sens-

ing the sound present in the ear canal; and

means connected to the external microphone for fil-

tering, then limiting, and then filtering the output
of the external microphone according to a set of
internal parameters and for self-adjusting at least
one of the internal parameters as a function of the
output of the probe microphone, thereby to drive
the receiver.

23. The hearing aid as set forth in claim 22 wherein
said filtering, limiting and seif-adjusting means com-
prises means for also comparing the output of the probe
microphone with the degree of drive to the receiver and
performing the self-adjusting depending on the result of
the comparison.

24. A hearing aid for connection to an external source
of programming signals and having a body adapted to
be placed in communication with an ear canal, the hear-
ing aid body having an external microphone sensitive to
external sound, and a receiver for supplying sound to
the ear canal, the hearing aid comprising:

a probe microphoene in the hearing aid body for sens-

ing the sound present in the ear canal; and
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digital computing means in the hearing aid and cou-
pled to the external microphone, to said probe
microphone and to the receiver, and adapted for
connection to the external source of programming
signals, said digital computing means comprising
means for loading and executing entire programs
represented by the signals and thereby utilizing said
probe microphone, the external microphone and
the receiver for hearing testing and digital filtering.

25. The hearing aid as set forth in claim 24 wherein
said digital computing means further comprises serial
interface means for two-way communication with the
external source,

26. The hearing aid as set forth in claim 24 further
comprising multiplexing means for coupling the digital
computing means to the external microphone and to
said probe microphone.

27. The hearing aid as set forth in claim 26 further
comprising means, connecting the multiplexing means
to the external microphone, for applying preemphasis to
the output of the external microphone, said probe mi-
crophone being connected to said multiplexing means
80 as to bypass said preemphasis means.

28. The hearing aid as set forth in claim 26 further
comprising means, connecting the muitiplexing means
to the external microphone, for compressing the output
of the external microphone, said probe microphone
being connected to said multiplexing means so as to
bypass said compressing means.

29. A system for compensating hearing deﬁc:enctes of
a patient, comprising:

a hearing aid having an external microphone, pro-
grammable means for filtering the output of the
external microphone, and a receiver driven by the
programmable filtering means for emitting sounds
into the ear of the patient;

means for sensing responses of the patient to sounds
from the receiver; and

means communicating with the hearing aid and ‘the
sensing means, for selectively generating a first set
of signals to cause the programmable filtering
means in the hearing aid to operate so that the
receiver emits sounds having a parameter con-
trolled by the first set of signals, and for then gener-
ating in response to said sensing means a second set
of signals determined from the controlled parame-
ter and the responses of the patient to the sounds
with the controlled parameter to establish filter
parameters in the programmable filtering means to
cause it to filter the output of the external micro-
phone and to drive the receiver with the filtered
output thereby ameliorating the hearing deﬁcten-
cies of the patient.

30. The system as set forth in claim 29 wherein said
programmable filtering means comprises digital com-
puting means for programmably producing perturba-
tions having an electrical parameter controlled by the
first set of signals, the controlled parameter of the
sounds corresponding to the controlled electrical pa-
rameter of the perturbations.

31. The system as set forth in claim 29 wherein said
hearing aid further comprises a probe microphone for
sensing the actual sound in the ear of the patient, and the
programmable filtering means comprises means respon-
sive to the probe microphone for also producing a sig-
nal for communication to the generating means repre-
senting the contreiled parameter of the sound.
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32. The system as set forth in claim 29 wherein said
programmable filtering means comprises means for also
producing a signal for communication to the generating
means representing the number of times as a function of
frequency that a preestablished level of power output of
the hearing aid occurs in a predetermined period.

33. The system as set forth in ¢laim 29 further com-
prising means controlled by the generating means, for
selectively producing hearing test sounds in the vicinity
of the hearing aid.

34. The system as set forth in claim 29 wherein the
programmable filtering means comprises first digital
computing means and first serial interface means in the
hearing aid and the generating means comprises second
digital computing means and second serial interface
means communicating with said first serial interface
means.

35. The system as set forth in claim 29 wherein said
generating means comprises means for also download-
ing an entire digital filter program to the hearing aid
through the second set of signals.

36. The system as set forth in claim 29 wherein said
generating means comprises means for also download-
ing an entire test sound generating program to the hear-
ing aid through the first set of signals.

37. The system as set forth in claim 29 wherein said
generating means comprises means for also graphically
displaying hearing threshold, uncomfortable loudness
level, and performance characteristics of the hearing
aid, and for generating a third set of signals determined
by interaction with an operator for establishing adjusted
filter parameters in the programmable filtering means.

38. A system for compensating hearing deficiencies of
a patient, comprising;:

a hearing aid having an external microphone, a pro-
grammable digital computer in the hearing aid and
fed by the external microphone, a receiver fed by
the programmable digital computer for emitting
sounds into the ear of the patient, and a probe mi-
crophene for sensing the actual sound in the ear of
the patient;

a data link; and

means for selectively supplying at least a first set and
a subsequent second set of digital signals to said
data link, said data link communicating the digital
signals to said programmable digital computer of
said hearing aid;

saild programmable digital computer comprising
means for selectively driving said receiver so that
at least one sound for hearing testing is emitted into
the ear in response to the first set of digital signals,
for supplying to said data link a third set of digital
signals representing a parameter of the output of
said probe microphone, and for subsequently filter-
ing the output of said external microphone in re-
sponse to the subsequently supplied second set of
digital signals to drive said receiver in a manner
adapted for ameliorating the hearing deficiencies of
the patient.

39. The system as set forth in claim 38 further com-
prising means for producing hearing test sounds for the
hearing aid, and wherein said supplying means com-
prises means for also controlling the hearing test sound
means.

40, The system as set forth in claim 38 wherein said
hearing aid also includes a memory having hearing aid
calibration data stored therein and said supplying means
comprises means for also retrieving the calibration data

5

10

—

5

25

[

0

40

55

60

36
from said hearing aid memory and utilizing the calibra-
tion data and the parameter of the probe microphone
output in supplying the second set of digital signals.

41. The system as set forth in claim 38 wherein said
suppiying means comprises means for downloading to
the hearing aid entire computer programs represented
by the first and second sets of digital signals.

42, The system as set forth in claim 38 wherein said
supplying means comptises means for also causing the
digital computer in the hearing aid to utilize the output
of the probe microphone in self-adjusting at least one
parameter of its filtering operation.

43. For use in a system for compensating hearing
deficiencies of a patient, including a hearing aid having
an external microphone, a digital computer in the hear-
ing aid fed by the external microphone, a receiver fed
by the digital computer for emitting sounds into the ear
of the patient, and a probe microphone for sensing the
actual sound in' the ear of the patient, signal supplying
apparatus comprising:

interface means for performing two-way digital serial

communication with the digital computer in the
hearing aid; and

means for initiating transmission of a first set of sig-

nals from said interface means to the hearing aid to
canse the digital computer in the hearing ald to
operate so that the receiver emits sounds having an
adjustable parameter, for obtaining, through the
interface means, data representing values of the
adjustable parameter of the sounds as sensed by the
probe microphone, and for then initiating transmis-
sion from said interface means of a second set of
signals determined at least in part from the values
of the parameter of the sensed sounds to cause the
digital computer in the hearing aid to filter the
output of the external microphone and drive the
receiver with the filtered output, thereby amelio-
rating the hearing deficiencies of the patient.

44. Signal supplying apparatus as set forth in claim 43
further comprising an acoustic source for providing
hearing test sounds to the external microphone and
controlled by the initiating means.

45, Signal supplying apparatus as set forth in claim 43
for use with a hearing aid having a memory with hear-
ing aid calibration data stored therein, wherein said
initiating means comprises means for also obtaining the
hearing calibration data through the interface means,
and also utilizing the hearing aid calibration data in
determining the second set of signals.

46. Signal supplying apparatus as set forth in claim 43
wherein said initiating means comprises means for
downloading a test sound generating program repre-
sented by the first set of signals to the hearing aid
through said interface means and for downloading a
filter-limit-filter digital filtering program represented by
the second set of signals.

47. Signal supplying apparatus as set forth in claim 43
further comprising a terminal connected to the initiating
means for displaying and adjusting the filtering perfor-
mance of the hearing aid resulting from the transmission
of the second set of signals.

48, Signal supplying apparatus as set forth in claim 43
further comprising means, connected to the initiating
means, for sensing responses of the patient to the sounds
emitted from the receiver, and wherein said initiating
means comprises means for also obtaining data repre-
senting the responses of the patient from the sensing
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means and utilizing the response data in determining the
second set of signals.
49. A method for compensating hearing deficiencies
of a patient with a hearing aid having an external micro-
phone, electronic means for processing the output of the
external microphone, and a receiver driven by the elec-
tronic processing means for emitting sound into the ear
of the patient, comprising the steps of:
selectively supplying a first set of signals to the hear-
ing aid to cause the electronic processing means to
operate so that the receiver emits sound having a
parameter controlied by the first set of signals;

sensing and eiectrically storing representations of
responses of the patient to the sound; and

supplying a second set of signals determined from the
at least one controlled parameter of the sound and
the representations of the patient responses to the
sound with the controlled parameter to cause the
electronic processing means to fiiter the output of
the external microphone and drive the receiver
with the filtered output, thereby ameliorating the
hearing deficiencies of the patient.

50. The method as set forth in claim 49 wherein the
electronic processing means includes programmable
filtering means and the first signal supplying step com-
prises programming the programmable filtering means
to produce perturbations having an electrical parameter
controlled by the first set of signals, thereby causing the
receiver to emit sound having a controlled parameter
corresponding to the controlled electrical parameter of
the perturbations.

51. The method as set forth in claim 49 wherein the
hearing aid further comprises a probe microphone for
sensing the actual sound in the ear of the patient, and the
method further comprises the step of producing a signal
for use in the second signal supplying step representing
the controlied parameter of the sound.
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52. The method as set forth in claim 51 wherein the
electronic processing means includes programmabie
filtering means having filter parameters established by
the second signal supplying step, and the method fur-
ther comprises the step of causing the programmabie
filtering means in the hearing aid to utilize the output of
the probe microphene in self-adjusting at least one of
the filter parameters.

53. The method as set forth in claim 49 further com-
prising the step of causing the electronic processing
means in the healing aid to produce a signal for use in
the second signal supplying step representing the num-
ber of times as a function of frequency that a preestab-
lished level of power output of the hearing aid occurs in
a predetermined period.

54. The method as set forth in claim 49 wherein the
second signal supplying step comprises downloading an
entire digital filter program for filtering, limiting and
filtering to the hearing aid through the second set of
signals.

55. The method as set forth in claim 49 wherein the
first signal supplying step comprises downloading an
entire test sound generating program to the hearing aid
through the first set of signals.

56. The method as set forth in claim 49 further com-
prising the steps of graphically displaying hearing
threshold, most comfortable loudness level, uncomfort-
able loudness level, and performance characteristics of
the hearing aid, and pgenerating a third set of signals .
based on information supplied by an operator for adjust-
ing the filtering performance of the electronic process-
ing means.

57. The method as set forth in claim 49 wherein the
hearing aid also includes a memory having hearing aid
calibration data stored therein and the method further
comprises the steps of retrieving the calibration data
from the hearing aid memory and utilizing the calibra-

tion data in supplying the second set of signals.
* * * * *
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