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[57] ABSTRACT

Adaptive compressive gain and level dependent spectral
shaping circuitry for a hearing aid include a microphone to
produce an input signal and a plurality of channels con-
nected to a common circuit output. Each channel has a preset
frequency response. Each channel includes a filter with a
preset frequency response to receive the input signal and to
produce a filtered signal, a channel amplifier to amplify the
filtered signal to produce a channel output signal, a threshold
register to establish a channel threshold level, and a gain
circuit. The gain circuit increases the gain of the channel
amplifier when the channel output signal falls below the
channel threshold level and decreases the gain of the channel
amplifier when the channel output signal rises above the
channel threshold level. A transducer produces sound in
response to the signal passed by the common circuit cutput.

50 Claims, 6 Drawing Sheets
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ADAPTIVE GAIN AND FILTERING CIRCUIT
FOR A SOUND REPRODUCTION SYSTEM

GOVERNMENT SUPPORT

This invention was made with U.S. Government support
under Veterans Administration Contracts VA KV 674-P-857
and VA KV 674-P-1736 and National Aeronautics and Space
Administration (NASA) Research Grant No. NAG10-0040.
The U.S. Government has certain rights in this invention.

NOTICE

Copyright ©1988 Central Institute for the Deaf. A portion
of the disclosure of this patent document contains material
which is subject to copyright protection. The copyright
owner has no objection to the facsimile reproduction by
anyone of the patent document or the patent disclosure, as it
appears in the Patent and Trademark Office patent file or
records, but otherwise reserves all copyright rights whatso-
ever.

BACKGROUND OF THE INVENTION

The present invention relates to adaptive compressive
gain and level dependent spectral shaping circuitry for a
sound reproduction system and, more particularly, to such
circuitry for a hearing aid.

The ability to perceive speech and other sounds over a
wide dynamic range is important for employment and daily
activities. When a hearing impairment limits a person’s
dynamic range of perceptible sound, incoming sound falling
outside of the person’s dynamic range should be modified to
fall within the limited dynamic range to be heard. Soft
sounds fall outside the limited dynamic range of many
hearing impairments and must be amplified above the per-
son’s hearing threshold with a hearing aid to be heard. Loud
sounds fall within the limited dynamic range of many
hearing impairments and do not require a hearing aid or
amplification to be heard. If the gain of the hearing aid is set
high enough to enable perception of soft sounds, however,
intermediate and loud sounds will be uncomfortably loud.
Because speech recognition does not increase over that
obtained at more comfortable levels, the hearing-impaired
person will prefer a lower gain for the hearing aid. However,
a lower gain reduces the likelihood that soft sounds will be
amplified above the hearing threshold. Modifying the opera-
tion of a hearing aid to reproduce the incoming sound at a
reduced dynamic range is referred to herein as compression.

It has also been found that the hearing-impaired prefer a
hearing aid which varies the frequency response in addition
to the gain as sound level increases. The hearing-impaired
may prefer a first frequency response and a high gain for low
sound levels, a second frequency response and an interme-
diate gain for intermediate sound levels, and a third fre-
quency response and a low gain for high sound levels. This
operation of a hearing aid to vary the frequency response and
the gain as a function of the level of the incoming sound is
referred to herein as “level dependent spectral shaping.”

In addition to amplifying and filtering incoming sound
effectively, a practical ear-level hearing aid design must
accomodate the power, size and microphone placement
limitations dictated by current commercial hearing aid
designs. While powerful digital signal processing techniques
are available, they can require considerable space and power
so that most are not suitable for use in an ear-level hearing
aid. Accordingly, there is a need for a hearing aid that varies
its gain and frequency response as a function of the level of
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incoming sound, i.e., that provides an adaptive compressive
gain feature and a level dependent spectral shaping feature
each of which operates using a modest number of
computations, and thus allows for the customization of
variable gain and variable filter parameters according to a
user’s preferences.

SUMMARY OF THE INVENTION

Among the several objects of the present invention may
be noted the provision of a circuit in which the gain is varied
in response to the level of an incoming signal; the provision
of a circuit in which the frequency response is varied in
response to the level of an incoming signal; the provision of
a circuit which adaptively compresses an incoming signal
occurring over a wide dynamic range into a limited dynamic
range according to a user’s preference; the provision of a
circuit in which the gain and the frequency response are
varied in response to the level of an incoming signal; and the
provision of a circuit which is small in size and which has
minimal power requirements for use in a hearing aid.

Generally, in one form the invention provides an adaptive
compressing and filtering circuit having a plurality of chan-
nels connected to a common output. Each channel includes
a filter with preset parameters to receive an input signal and
to produce a filtered signal, a channel amplifier which
responds to the filtered signal to produce a channel output
signal, a threshold circuit to establish a channel threshold
level for the channel output signal, and a gain circuit. The
gain circuit responds to the channel output signal and the
channe] threshold level to increase the gain setting of the
channel amplifier up to a predetermined limit when the
channel output signal falls below the channel threshold level
and to decrease the gain setting of the channel amplifier
when the channel output signal rises above the channel
threshold level. The channel output signals are combined to
produce an adaptively compressed and filtered output signal.
The circuit is particularly useful when incorporated in a
hearing aid. The circuit would include a microphone to
produce the input signal and a transducer to produce sound
as a function of the adaptively compressed and filtered
output signal. The circuit could also include a second
amplifier in each channel which responds to the filtered
signal to produce a second channel output signal. The
hearing aid may additionally include a circuit for program-
ming the gain setting of the second channel amplifier as a
function of the gain setting of the first channel amplifier.

Anocther form of the invention is an adaptive gain ampli-
fier circuit having an amplifier to receive an input signal in
the audible frequency range and to produce an output signal.
The circuit includes a threshold circuit to establish a thresh-
old level for the output signal. The circuit further includes a
gain circuit which responds to the output signal and the
threshold level to increase the gain of the amplifier up to a
predetermined limit in increments having a magnitude dp
when the output signal falls below the threshold level and to
decrease the gain of the amplifier in decrements having a
magnitude dm when the output signal rises above the
threshold level. The output signal is compressed as a func-
tion of the ratio of dm over dp to produce an adaptively
compressed output signal. The circuit is particularly useful
in a hearing aid. The circuit may include a microphone to
produce the input signal and a transducer to produce sound
as a function of the adaptively compressed output signal.

Siill another form of the invention is a programmable
compressive gain amplifier circuit having a first amplifier to
receive an input signal in the audible frequency range and to
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produce an amplified signal. The circuit includes a threshold
circuit to establish a threshold level for the amplified signal.
The circuit further includes a gain circuit which responds to
the amplified signal and the threshold level to increase the
gain setting of the first amplifier up to a predetermined limit
when the amplified signal falls below the threshold level and
to decrease the gain setting of the first amplifier when the
amplified signal rises above the threshold level. The ampli-
fied signal is thereby compressed. The circuit also has a
second amplifier to receive the input signal and to produce
an output signal. The circuit also has a gain circuit to
program the gain setting of the second amplifier as a
function of the gain setting of the first amplifier. The output
signal is programmably compressed. The circuit is useful in
a hearing aid. The circuit may include a microphone to
produce the input signal and a transducer to produce sound
as a function of the programmably compressed output
signal.

Still another form of the invention is an adaptive filtering
circuit having a plurality of channels connected to a com-
mon output, each channel including a filter with preset
parameters to receive an input signal in the audible fre-
quency range to produce a filtered signal and an amplifier
which responds to the filtered signal to produce a channel
output signal. The circuit includes a second filter with preset
parameters which responds to the input signal to produce a
characteristic signal. The circuit further includes a detector
which responds to the characteristic signal to produce a
control signal. The time constant of the detector is program-
mable. The circuit also has a log circuit which responds to
the detector to produce a log value representative of the
control signal. The circuit also has a memory to store a
preselected table of log values and gain values. The memory
responds to the log circuit to select a gain value for each of
the amplifiers in the channels as a function of the produced
log value. Each of the amplifiers in the channels responds to
the memory to separately vary the gain of the respective
amplifier as a function of the respective selected gain value.
The channel output signals are combined to produce an
adaptively filtered output signal. The circuit is useful in a
hearing aid. The circuit may include a microphone to
produce the input signal and a transducer to produce scund
as a function of the adaptively filtered output signal.

Yet still another form of the invention is an adaptive
filtering circuit having a filter with variable parameters to
reccive an input signal in the audible frequency range and to
produce an adaptively filtered signal. The circuit includes an
amplifier to receive the adaptively filtered signal and to
produce an adaptively filtered output signal. The circuit
additionally has a detector to detect a characteristic of the
input signal and a controller which responds to the detector
to vary the parameters of the variable filter and to vary the
gain of the amplifier as functions of the detected character-
istic.

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

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1is a block diagram of an adaptive compressive gain
circuit of the present invention.

FIG. 2 is a block diagram of an adaptive compressive gain
circuit of the present invention wherein the compression
ratio is programmable.

FIG. 3 is a graph showing the input/output curves for the
circuit of FIG. 2 using compression ratios ranging from 0-2.

FIG. 4 shows a four channel level dependent spectral
shaping circuit wherein the gain in each channel is adap-
tively compressed using the circuit of FIG. 1.
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FIG. 5 shows a four channel level dependent spectral
shaping circuit wherein the gain in each channel is adap-
tively compressed with a programmable compression ratio
using the circuit of FIG. 2.

FIG. 6 shows a four channel level dependant spectral
shaping circuit wherein the gain in each channel is adap-
tively varied with a level detector and a memory.

FIG. 7 shows a level dependant spectral shaping circuit
wherein the gain of the amplifier and the parameters of the
filters are adaptively varied with a level detector and a
memory.

FIG. 8 shows a two channel version of the four channel
circuit shown in FIG. 6.

FIG. 9 shows the output curves for the control lines
leading from the memory of FIG. 8 for controlling the
amplifiers of FIG. 8.

DETAILED DESCRIPTION OF PREFERRED
EMBODIMENTS

An adaptive filtering circuit of the present invention as it
would be embodied in a hearing aid is generally indicated at
reference number 10 in FIG. 1. Circuit 10 has an input 12
which represents any conventional source of an input signal
such as a microphone, signal processor, or the like. A
microphone is shown by way of example in FIG. 1. Input 12
also includes an analog to digital converter (not shown) for
analog input signals if circuit 10 is implemented with digital
components. Likewise, input 12 includes a digital to analog
converter (not shown) for digital input signals if circuit 10
is implemented with analog components.

Input 12 is connected by a line 14 to an amplifier 16. The
gain of amplifier 16 is controlled via a line 18 by an amplifier
20. Amplifier 20 amplifies the value stored in a gain register
24 according to a predetermined gain setting stored in a gain
register 22 to produce an output signal for controlling the
gain of amplifier 16. The output signal of amplifier 16 is
connected by a line 28 to a limiter 26. Limiter 26 peak clips
the output signal from amplifier 16 to provide an adaptively
clipped and compressed output signal at output 30 in accor-
dance with the invention, as more fully described below. The
output 30, as with all of the output terminals identified in the
remaining Figs. below, may be connected to further signal
processors or to drive transducer 32 of a hearing aid.

With respect to the remaining components in circuit 10, a
comparator 32 monitors the output signal from amplifier 16
via line 28. Comparator 32 compares the level of said output
with a threshold level stored in a register 34 and outputs a
comparison signal via a line 36 to a muitiplexer 38. When
the level of the output signal of amplifier 16 exceeds the
threshold level stored in register 34, comparator 32 outputs
a high signal via line 36. When the level of the output of
amplifier 16 falls below the threshold level stored in register
34, comparator 32 outputs a low signal via line 36. Multi-
plexer 38 is also connected to a register 40 which stores a
magnitude dp and to a register 42 which stores a magnitude
dm. When multiplexer 38 receives a high signal via line 36,
multiplexer 38 outputs a negative value corresponding to dm
via a line 44. When multiplexer 38 receives a low signal via
line 36, multiplexer 38 outputs a positive value correspond-
ing to dp via line 44. An adder 46 is connected via line 44
to multiplexer 38 and is connected via a line 54 to gain
register 24. Adder 46 adds the value output by multiplexer
38 to the value stored in gain register 24 and outputs the sum
via a line 48 to update gain register 24. The circuit compo-
nents for updating gain register 24 are enabled in response
to a predetermined portion of a timing sequence produced by
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a clock 50. Gain register 24 is connected by a line 52 to
amplifier 20. The values stored in registers 22 and 24 thereby
control the gain of amplifier 20. The output signal from
amplifier 20 is connected to amplifier 16 for increasing the
gain of amplifier 16 up to predetermined limit when the
output level from amplifier 16 falls below the threshold level
stored in register 34 and for decreasing the gain of amplifier
16 when the output level from amplifier 16 rises above the
threshold level stored in register 34.

In one preferred embodiment, gain register 24 is a 12 bit
register. The six most significant bits are connected by line
52 to control the gain of amplifier 16. The six least signifi-
cant bits are updated by adder 46 via line 48 during the
enabling portion of the timing sequence from clock 50. The
new values stored in the six least significant bits are passed
back to adder 46 via line 54. Adder 46 updates the values by
dm or dp under the control of multiplexer 38. When the six
least significant bits overflow the first six bits of gain register
24, a carry bit is applied to the seventh bit of gain register
24, thereby incrementing the gain setting of amplifier 20 by
one bit. Likewise, when the six least significant bits under-
flow the first six bits of gain register 24, the gain setting of
amplifier 20 is decremented one bit. Because the magnitudes
dp and dm are stored in log units, the gain of amplifier 16
is increased and decreased by a constant percentage. A one
bit change in the six most significant bits gain register 24
corresponds to a gain change in amplifier 16 of approxi-
mately % dB. Accordingly, the six most significant bits in
gain register 24 provide a range of 32 decibels over which
the conditions of adaptive limiting occur.

The sizes of magnitudes dp and dm are small relative to
the value corresponding to the six least significant bits in
gain register 24. Accordingly, there must be a net contribu-
tion of positive values comresponding to dp in order to raise
the six least significant bits to their full count, thereby
incrementing the next most significant bit in gain register 24.
Likewise, there must be a net contribution of negative values
corresponding to dm in order for the six least significant bits
in gain register 24 to decrement the next most significant bit
in gain register 24. The increments and decrements are
applied as fractional values to gain register 24 which pro-
vides an averaging process and reduces the variance of the
mean of the gain of amplifier 16. Further, since a statistical
average of the percent clipping is the objective, it is not
necessary to examine each sample. If the signal from input
12 is in digital form, clock 50 can operate at a frequency well
below the sampling frequency of the input signal. This
yields a smaller representative number of samples. For
example, the sampling frequency of the input signal is
divided by 512 in setting the frequency for clock 50 in FIG.
1

In operation, circuit 10 adaptively adjusts the channel
gain of amplifier 16 so that a constant percentage clipping by
limiter 26 is achieved over a range of levels of the signal
from input 12. Assuming the input signal follows a Lapla-
cian distribution, it is modeled mathematically with the
equation:

PEREL/sqre2)R)e~#ar @D )

In equation (1). R represents the overall root means square
signal level of speech. A variable F, is now defined as the
fraction of speech samples that fall outside of the limits (L.
—-L). By integrating the Laplacian distribution over the
intervals (~c0,~L) and (L.+c0), the following equation for F,
is derived:
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As above, when a sample of the signal from input 12 is in
the limit set by register 34, the gain setting in gain register
24 is reduced by dm. When a sample of the signal from input
12 is not in limit, the gain is increased by dp. Therefore,
circuit 10 will adjust the gain of amplifier 16 until the
following condition is met:

(1-Fo)dp=Fdm 6)

After adaption, the following relationships are found:

dp=F (dp-+dm) “@

RAL=sqre(2)In{1+dm/dp) (E)

Within the above equations. the ratio R/L represents a
compression factor established by the ratio dm/dp. The
percentage of samples that are clipped at t1 is given by:

% clipping=F, *100 ©
Table I gives typical values that have been found useful in
a hearing aid. Column three is the “headroom” in decibels
between the root mean square signal value of the input signal
and limiting.

TABLE I
dm/dp R/L RL ndB % clipping
0 L) oo 100
1/16 233 274 94
18 120 21.6 89
/4 63 16.0 80
172 35 109 67
1 204 6.2 50
2 1.29 22 33
4 .88 ~1.1 20
8 64 -3.8 11
16 .50 60 6
32 A0 -19 3

In the above equations, the relationship. R=Go, applies
where G represents the gain prior to limiting and G repre-
sents the root mean square speech signal level of the input
signal. When the signal level o changes, circuit 10 will adapt
to a new state such that R/L or Go/L returns to the com-
pression factor determined by dp and dm. The initial rate of
adaption is determined from the following equation:

dg/d,%fc(dp(l_e—<WW(adn)_dm(,—<wm(oan) (e}

In equation (7), f, represents the clock rate of clock 50. The
path followed by the gain (G) is determined by solving the
following equations recursively:

dG=dp( 1.,—(@(21'/(04))),4",(3—(@'(2)0(06))) 8)

G=G+dG ®

Within equations (8) and (9), the attack and release times
for circuit 10 are symmetric only for a compression factor
(R/L) of 2.04. The attack time corresponds to the reduction
of gain in response to an increase in signal ¢. Release time
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corresponds to the increase in gain after the signal level ¢ is
reduced. For a compression factor setting of 12, the release
time is much shorter than the attack time. for a compression
factor setting of 0.64 and 0.50, the attack time is much
shorter than the release time. These latter values are pref-
erable for a hearing aid.

As seen above, the rate of adaption depends on the
magnitudes of dp and dm which are stored in registers 40
and 42. These 6-bit registers have a range from 1/128 dB to
63/128(dB). Therefore, at a sampling rate of 16 kHz from
clock 50, the maximum slope of the adaptive gain function
ranges from 125 dB/sec to 8000 dB/sec. For a step change
of 32 dB, this corresponds to a typical range of time constant
from 256 milliseconds to four milliseconds respectively. If
dm is set to zero, the adaptive compression feature is
disabled.

FIG. 2 discloses a circuit 60 which has a number of
common circuit elements with circuit 10 of FIG. 1. Such
common elements have similar functions and have been
marked with common reference numbers. In addition to
circuit 10, however, circuit 60 of FIG. 2 provides for a
programmable compression ratio. Circuit 60 has a gain
control 66 which is connected to a register 62 by a line 64
and to gain register 24 by a line 68. Register 62 stores a
compression factor. Gain control 66 takes the value stored in
gain register 24 to the power of the compression ratio stored
in register 62 and outputs said power gain value via a line 70
to an amplifier 72. Amplifier 72 combines the power gain
value on line 70 with the gain value stored in a register 74
to produce an output gain on a line 76. An amplifier 78
receives the output gain via line 76 for controlling the gain
of amplifier 78. Amplifier 78 amplifies the signal from input
12 accordingly. The output signal from amplifier 78 is peak
clipped by a limiter 80 and supplied as an output signal for
circuit 60 at an output 82 in accordance with the invention.

To summarize the operation of circuit 60, the input to
limiter 80 is generated by amplifier 78 whose gain is
programmably set as a power of the gain setting stored in
gain register 24, while the input to comparator 32 continues
to be generated as shown in circuit 10 of FIG. 1. Further, one
of the many known functions other than the power function
could be used for programmably setting the gain of amplifier
78.

The improvement in circuit 60 of FIG. 2 over circuit 10
of FIG. 1 is seen in FIG. 3 which shows the input/output
curves for compression ratios ranging from zero through
two. The curve corresponding to a compression ratio of one
is the single input/output curve provided by circuit 10 in
FIG. 1. Circuit 60 of FIG. 2, however, is capable of
producing all of the input/output curves shown in FIG. 3.

In practice, circuit 10 of FIG. 1 or circuit 60 of FIG. 2 may
be used in several parallel channels, each channel filtered to
provide a different frequency response. Narrow band or
broad band filters may be used to provide maximum flex-
ibility in fitting the hearing aid to the patient’s hearing
deficiency. Broad band filters are used if the patient prefers
one hearing aid characteristic at low input signal levels and
another characteristic at high input signal levels. Broad band
filters can also provide different spectral shaping depending
on background noise level. The channels are preferably
constructed in accordance with the filter/limit/filter structure
disclosed in U.S. Pat. No. 5,111,419 (hereinafter “the '419
patent”) and incorporated herein by reference.

FIG. 4 shows a 4-channel filter/limit/filter structure for
circuit 10 of FIG. 1. While many types of filters can be used
for the channel filters of FIG. 4 and the other Figs., FIR
filters are the most desirable. Each of the filters F1, F2, F3
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and F4 in FIG. 4 are symmetric FIR filters which are equal
in length within each channel. This greatly reduces phase
distortion in the channel output signals, even at band edges.
The use of symmetric filters further requires only about
one-half as many registers to store the filter co-efficients for
a channel, thus allowing a simpler circuit implementation
and lower power consumption. Each channel response can
be programmed to be a band pass filter which is contiguous
with adjacent channels. Therefore, filters F1-F4 constitute
variable filters with separately varying filter parameters. In
this mode, filters F1 through F4 have preset filter parameters
for selectively passing input 12 over a predetermined range
of audible frequencies while substantially attenuating any of
input 12 not occurring in the predetermined range. Likewise,
channel filters F1 through F4 can be programmed to be wide
band to produce overlapping channels. In this mode, filters
F1 through F4 have preset filter parameters for selectively
altering input 12 over substantially all of the audible fre-
quency range. Various combinations of these two cases are
also possible. Since the filter coefficients are arbitrarily
specified, in-band shaping is applied to the band-pass filters
to achieve smoothly varying frequency gain functions across
all four channels. An output 102 of a circuit 100 in FIG. 4
provides an adaptively compressed and filtered output signal
comprising the sum of the filtered signals at outputs 30 in
each of the four channels identified by filters F1 through F4.

FIG. 5 shows a four channel filter/limit/filter circuit 110
wherein each channel incorporates circuit 60 of FIG. 2. An
output 112 in FIG. § provides a programmably compressed
and filtered output signal comprising the sum of the filtered
signals at outputs 82 in each of the four channels identified
by filters F1 through F4.

The purpose of the adaptive gain factor in each channel of
the circuitry of FIGS. 4 and 5 is to maintain a specified
constant level of envelope compression over a range of
inputs. By using adaptive compressive gain, the input/output
function for each channel is programmed to include a linear
range for which the signal envelope is unchanged, a higher
input range over which the signal envelope is compressed by
a specified amount, and the highest input range over which
envelope compression increases as the input level increases.
This adaptive compressive gain feature adds an important
degree of control over mapping a widely dypamic input
signal into the reduced auditory range of the impaired ear.

The design of adaptive compressive gain circuitry for a
hearing aid presents a number of considerations, such as the
wide dynamic range, noise pattern and bandwidth found in
naturally occurring sounds. Input sounds present at the
microphone of a hearing aid vary from quiet sounds (around
30 dB SPL) to those of a quiet office area (around 50 dB
SPL) to much more intense transient sounds that may reach
100 dB SPL or more. Sound levels for speech vary from a
casual vocal effort of a talker at three feet distance (55 dB
SPL) to that Of a talker’s own voice which is much closer
to the microphone (80 dB SPL). Therefore, long term
averages of speech levels present at the microphone vary by
25 dB or more depending on the talker, the distance to the
talker, the orientation of the talker and other factors. Speech
is also dymamic and varies over the short term. Phoneme
intensities vary from those of vowels, which are the loudest
sounds, to unvoiced fricatives, which are 12 dB or so less
intense, to stops, which are another 18 dB or so less intense.
This adds an additional 30 dB of dynamic range required for
speaking. Inciuding both long-term and short-term variation,
the overall dynamic range required for speech is about 55
dB. If a talker whispers or is at a distance much greater than
three feet, then the dynamic range will be even greater.
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Electronic circuit noise and processing noise limit the
quietest sounds that can be processed. A conventional hear-
ing aid microphone has an equivalent input noise figure of
25 dB SPL, which is close to the estimated 20 dB noise
figure of a normal ear. I this noise figure is used as a lower
bound on the input dynamic range and 120 dB SPL is used
as an upper bound, the input dynamic range of good hearing
aid system is about 100 dB. Because the microphone will
begin to saturate at 90 to 100 dB SPL, a lesser dynamic
range of 75 dB is workable,

Signal bandwidth is another design consideration.
Although it is possible to communicate over a system with
a bandwidth of 3 kHz or less and it has been determined that
3 kHz carries most of the speech information, hearing aids
with greater bandwidth result in better articulation scores.
Skinner, M. W. and Miller, I. D., Amplification Bandwidth
and Intelligibility of Speech in Quiet and Noise for Listeners
with Sensorineural Hearing Loss, 22:253-79 Audiology
(1983). Accordingly, the embodiment disclosed in FIG. 1
has a 6 kHz upper frequency cut-off.

The filter structure is another design consideration. The
filters must achieve a high degree of versatility in program-
ming bandwidth and spectral shaping to accommodate a
wide range of hearing impairments. Further, it is desirable to
use shorter filters to reduce circuit complexity and power
consumption. It is also desirable 1o be able to increase filter
gain for frequencies of reduced hearing sensitivity in order
to improve signal audibility. However, studies have shown
that a balance must be maintained between gain at low
frequencies and gain at high frequencies. It is recommended
that the gain difference across frequency should be no
greater than 30 dB. Skinner, M. W., Hearing Aid Evaluation,
Prentice Hall (1988). Further, psychometric functions often
used to calculate a “‘prescriptive” filter characteristic are
generally smooth, slowly changing functions of frequency
that do not require a high degree of frequency resolution to
fit.

Within the above considerations, it is preferable to use
FIR filters with transition bands of 1000 Hz and out of band
rejection of 40 dB. The required filter length is determined
from the equation:

L=((~20log, o(G)-7.95)/(14 36 TR/E,))}+1

In equation (10), L represents the number of filter taps, &
represents the maximum error in achieving a target filter
characteristic, —20 log, ,(c) represents the out of band rejec-
tion in decimals, TB represents the transition band, and f, is
the sampling rate. See Kaiser, Nonrecursive Filter Design
Using the 1,-SINH Window Function. Proc., IEEE Int.
Symposium on Circuits and Systems (1974). For an out of
band rejection figure of 35 dB with a transition band of 1000
Hz and a sampling frequency of 16 kHz, the filter must be
approximately 31 taps long. If a lower out of band rejection
of 30 dB is acceptable, the filter length is reduced to 25 taps.
This range of filter lengths is consistent with the modest
filter structure and low power limitations of a hearing aid.

All of the circuits shown in FIGS. 1 through 9 use log
encoded data. See the 419 patent. Log encoding is similar
to u-law and A-law encoding used in Codecs and has the
same advantages of extending the dynamic range, thereby
making it possible to reduce the noise floor of the system as
compared to linear encoding. Log encoding offers the addi-
tional advantage that arithmetic operations are performed
directly on the log encoded data. The log encoded data are
represented in the hearing aid as a sign and magnitude as
follows:

(10
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x=sgn(y)log(ylylog(B) an
In equation (11), B represents the log base, which is positive
and close to but less than unity, x represents the log value
and y represents the equivalent linear value. A reciprocal
relation for y as a function of x follows:

y=sgn(x)B% (12
If x is represented as sign and an 8-bit magnitude and the log
base is 0.941, the range of y is *1 to +1.8x1077. This
corresponds to a dynamic range of 134 dB. The general
expression for dynamic range as a function of the log base
B and the number of bits used to represent the log magnitude
Value N follows:

dynamic range (dB)=20log,o(B ) (13)

An advantage of log encoding over u-law encoding is that
arithmetic operations are performed directly on the encoded
signal without conversion to another form. The basic FIR
filter equation, y(n)=Xax(n—i), is implemented recursively
as a succession of add and table lookup operations in the log
domain. Multiplication is accomplished by adding the mag-
nitude of the operands and determining the sign of the result.
The sign of the result is a simple exclusive-or operation on
the sign bits of the operands. Addition (and subtraction) are
accomplished in the log domain by operations of
subtraction, table lookup, and addition. Therefore, the
sequence of operations required to form the partial sum of
products of the FIR filter in the log domain are addition,
subtraction, table lookup, and addition.

Addition and subtraction in the log domain are imple-
mented by using a table lookup approach with a sparsely
populated set of tables T, and T_ stored in a memory (not
shown). Adding two values, X and vy, is accomplished by
taking the ratio of the smaller magnitude to the larger and
adding the value from the log table T, to the smaller.
Subtraction is similar and uses the log table T_. Since x and
y are in log units, the ratio, ly/x| (or [x/yl), which is used to
access the table value, is obtained by subtracting Ix! from Iyl
(or vice-versa). The choice of which of the tables, T, or T_,
to use is determined by an exclusive-or operation on the sign
bits of x and y. Whether the table value is added to x or to
y is determined by subtracting Ix{ from lyl and testing the
sign bit of the result.

Arithmetic roundoff errors in using log values for multi-
plication are not significant. With an 8-bit representation, the
log magnitude values are restricted to the range 0 to 255.
Zero corresponds to the largest possible signal value and 255
to the smallest possible signal value., Log values less than
zero cannot occur. Therefore, overflow can only occur for
the smallest signal values. Product log values greater than
255 are truncated to 255. This corresponds to a smallest
signal value (255 LU’s) that is 134 dB smaller than the
maximum signal value. Therefore, if the system is scaled by
setting the amplifier gains so that 0 LU corresponds to 130
dB SPL, the truncation errors of multiplication (255 LU)
correspond to —134 dB relative to the maximum possible
signal value (0 LU). In absolute terms, this provides a—4 dB
SPL or —43 dB SPL spectrum level, which is well below the
normal hearing threshold.

Roundoff errors of addition and subtraction are much
more significant. For example, adding two numbers of equal
magnitude together results in a table lookup error of 2.4%.



5,706,352

11

Conversely, adding two values that differ by three orders of
magnitude results in an error of 0.1%. The two tables, T, and
T_, are sparsely populated. For a log base of 0.941 and table
values represented as an 8-bit magnitude, each table contains
57 nonzero values. If it is assumed that the errors are
uniformly distributed (that each table value is used equally
often on the average), then the overall average error asso-
ciated with table roundoff is 1.01% for T, and 1.02% for T_.

Table errors are reduced by using a log base closer to
unity and a greater number of bits to represent log magni-
tude. However, the size of the table grows and quickly
becomes impractical to implement. A compromise solution
for reducing error is to increase the precision of the table
entries without increasing the table size. The number of
nonzero entries increases somewhat. Therefore, in imple-
menting the table lookup in the digital processor, two
additional bits of precision are added to the table values.
This is equivalent to using a temporary log base which is the
fourth root of 0.941 (0.985) for calculating the FIR filter
summation. The change in log base increases the number of
nonzero entries in each of the tables by 22, but reduces the
average error by a factor of four. This increases the output
SNR of a given filter by 12 dB. The T, and T_ tables are still
sparsely populated and implemented efficiently in VLSI
form.

In calculating the FIR equation, the table lookup opera-
tion is applied recursively N-1 times, where N is the order
of the filter. Therefore, the total error that results is greater
than the average table roundoff error and a function of filter
order. If it is assumed that the errors are uniformly distrib-
uted and that the input signal is white, the expression for
signal to roundoff noise ratio follows:

€,40,2=€%(c,+20,°+ . . . HN-Ley2(e 2467+ . . +eP)

In equation (14) eyz represents the noise variance at the
output of the filter, oy2 represents the signal variance at the
output of the filter, and € represents the average percent table
error. Accordingly, the filter noise is dependent on the table
lookup error, the magnitude of the filter coefficients, and the
order of summation. The coefficient used first introduces an
error that is multiplied by N-1. The coefficient used second
introduces an error that is multiplied by N-2 and so on.
Since the error is proportional to coefficient magnitude and
order of summation, it is possible to minimize the overall
error by ordering the smallest coefficients earliest in the
calculation. Since the end tap values for symmetric filters are
generally smaller than the center tap value, the error was
further reduced by calculating partial sums using coefficients
from the outside toward the inside.

In FIGS. 4 and 5, FIR filters F1 through F4 represent
channel filters which are divided into two cascaded parts.
Limiters 26 and 80 are implemented as part of the log
multiply operation. G, is a gain factor that, in the log
domain, is subtracted from the samples at the output of the
first FIR filter. If the sum of the magnitudes is less than zero
(maximum signal value), it is clipped to zero. G, represents
an attenuation factor that is added (in the log domain) to the
clipped samples. G, is used to set the maximum output level
of the channel.

Log quantizing noise is a constant percentage of signal
level except for low input levels that are near the smallest
quantizing steps of the encoder. Assuming a Laplacian
signal distribution, the signal to quantizing noise ratio is
given by the following equation:

(14)

SNR(dB)=10log, o(12)-20log, o(Un(B))) (15)
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For a log base of 0.941, the SNR is 35 dB. The quantizing
noise is white and, since equation (15) represents the total
noise energy over a bandwidth of 8 kHz, the spectrum level
is 39 dB less or 74 dB smaller than the signal level. The ear
inherently masks the quantizing noise at this spectrum level.
Schroeder, et al., Optimizing Digital Speech Coders by
Exploiting Masking Properties of the Human Ear, Vol. 66(6)
J.Acous.Soc.Am. pp.1647-52 (December 1979). Thus, log
encoding is ideally suited for auditory signal processing. It
provides a wide dynamic range that encompasses the range
of levels of naturally occurring signals, provides sufficient
SNR that is consistent with the limitation of the ear to
resolve small signals in the presence of large signals, and
provides a significant savings with regard to hardware.

The goal of the fitting system is to program the digital
hearing aid to achieve a target real-ear gain. The real-ear
gain is the difference between the real-ear-aided-response
(REAR) and the real-car-unaided-response (REUR) as mea-
sured with and without the hearing aid on the patient. It is
assumed that the target gain is specified by the audiologist
or calculated from one of a variety of prescriptive formulae
chosen by the audiologist that is based on audiometric
measures. There is not a general consensus about which
prescription is best. However, prescriptive formulae are
generally quite simple and easy to implement on a small host
computer. Various prescriptive fitting methods are discussed
in Chapter 6 of Skinner, M. W., Hearing Aid Evaluation,
Prentice Hall (1988).

Assuming that a target real-ear gain has been specified,
the following strategy is used to automatically fit the four
channel digital hearing aid where each channel is pro-
grammed as a band pass filter which is contiguous with
adjacent channels. The real-ear measurement system dis-
closed in U.S. Pat. No. 4,548,082 (hereinafter “the 082
patent”) and incorporated herein by reference is used. First,
the patient’s REUR is measured to determine the patient’s
normal, unoccluded ear canal resonance. Then the hearing
aid is placed on the patient. Second, the receiver and
earmold are calibrated. This is done by setting G2 of each
channel to maximum attenuation (—134 dB) and turning on
the noise generator of the adaptive feedback equalization
circuit shown in the 082 patent. This drives the output of the
hearing aid with a flat-spectrum-level, pseudorandom noise
sequence. The noise in the ear canal is then deconvolved
with the pseudorandom sequence to obtain a measure of the
output transfer characteristic (H,) of the hearing aid. Third,
the microphone is calibrated. This is done by setting the
channels to a flat nominal gain of 20 dB. The cross-
correlation of the sound in the ear canal with the reference
sound then represents the overall transfer characteristic of
the hearing aid and includes the occlusion of sound by the
earmold. The microphone calibration (Hm) is computed by
subtracting H, from this measurement. Last, the channel
gain functions are specified and filter coefficients are com-
puted using a window design method. See Rabiner and
Schafer, Digital Processing of Speech Signals, Prentice Hall
(1978). The coefficients are then downloaded in bit-serial
order to the coeflicient registers of the processor. The
coefficient registers are connected together as a single serial
shift register for the purpose of downloading and uploading
values.

The channel gains are derived as follows. The acoustic
gain for each channel of the hearing aid is given by:

Gain=H,+H,+H,+G,, Gy, (16)

The filter shape for each channel is determined by setting the
Gain in equation (16) to the desired real-ear gain plus the
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open-car resonance. Since G, and G,, are gain constants
for the channel and independent of frequency, they do not
enter into the calculation at this point. The normalized filter
characteristics is determined from the following equation.

Hn=0.5 (Desired Real-ear gaintopen ear cal-H,,-H,+G,) (17

H,, and H, represent the microphone and receiver calibration
measures, respectively, that were determined for the patient
with the real ear measurement system and G, represents a
normalization gain factor for the filter that is included in the
computation of G,, and G,,,. H,, and H, include the trans-
ducer transfer characteristics in addition to the frequency
response of the amplifier and any signal conditioning filters.
Once H, is determined, the maximum output of each
channel, which is limited by L, are represented by G, as
follows:

G, =MPO,L-avg(H,+H,}-G, (18)

In equation (18), the “avg” operator gives the average of
filter gain and receiver sensitivity at filter design frequencies
within the channel. L represents a fixed level for all channels
such that signals falling outside the range 1. are peak-
clipped at .. G, represents the filter normalization gain,
and MPQO, represents the target maximum power output.
Overall gain is then established by setting G,,, as follows:

G, =2G,~Gan 19)

G, represents the gain normalization factor of the filters that
were designed to provide the desired linear gain for the
channel.

By using the above approach, target gains typically are
realized to within 3 dB over a frequency range of from 100
Hz to 6000 Hz. The error between the step-wise approxi-
mation to the MPO function and the target MPO function is
also small and is minimized by choosing appropriate cross-
over frequencies for the four channels.

Because the channel filters are arbitrarily specified, an
alternative fitting strategy is to prescribe different frequency-
gain shapes for signals of different levels. By choosing
appropriate limit levels in each channel, a transition from the
characteristics of one channel to the characteristics of the
next channel will occur automatically as a function of signal
level. For example, a transparent or low-gain function is
used for high-level signals and a higher-gain function is used
for low-level signals. The adaptive gain feature in each
channel provides a means for controlling the transition from
one channel characteristic to the next. Because of recruit-
ment and the way the impaired ear works, the gain functions
are generally ordered from highest gain for soft sounds to the
lowest gain for loud sounds. With respect to circuit 100 of
FIG. 4, this is accomplished by setting G1 in gain register 22
very high for the channel with the highest gain for the soft
sounds. The settings for G1 in gain registers 22 of the next
succeeding channels are sequentially decreased, with the G1
setting being unity in the last channel which channel has the
lowest gain for loud sounds. A similar strategy is used for
circuit 110 of FIG. 5, except that G1 must be set in both gain
registers 22 and 74. In this way, the channel gain settings in
circuits 100 and 110 of FIGS. 4 and 5 are sequentially
modified from first to last as a function of the level of input
12.

The fitting method is similar to that described above for
the four-channel fitting strategy. Real-ear measurements are
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used to calibrate the ear, receiver, and microphone.
However, the filters are designed differently. One of the
channels is set to the lowest gain function and highest ACG
threshold. Another channel is set to a higher-gain function,
which adds to the lower-gain function and dominates the
spectral shaping at signal levels below a lower ACG thresh-
old setting for that channel. The remaining two channels are
set to provide further gain contributions at successively
lower signal levels. Since the channel filters are symmetric
and equal length, the gains will add in the linear sense. Two
channels set to the same gain function will provide 6 dB
more gain than either channel alone. Therefore, the channels
filters are designed as follows:

H=%:D, (0)
H,=% log, o (107%-107%) @n
H;=% log, o (107°-1072-107") (22)
H=v4 log; o (1024-1072-1072-1071) (23)

where: D <D,<D,<D,. D, represents the filter design target
in decibels that gives the desired insertion gain for the
hearing aid and is derived from the desired gains specified
by the audiologist and corrected for ear canal resonance and
receiver and microphone calibrations as described previ-
ously for the four-channel fit. The factor, %4, in the above
expressions takes into account that each channel has two
filters in cascade.

The processor described above has been implemented in
custom VLSI form. When operated at 5 volts and at a
16-kHz sampling rate, it consumes 4.6 mA. When operated
at 3 volts and at the same sampling rate, it consumes 2.8 mA.
When the circuit is implemented in a low-voltage form, it is
expected to consume less than 1 mA when operated from a
hearing aid battery. The processor has been incorporated into
a bench-top prototype version of the digital hearing aid.
Results of fitting hearing-impaired subjects with this system
suggest that prescriptive frequency gain functions are
achieved within 3 dB accuracy at the same time that the
desired MPO frequency function is achieved within 5 dB or
so of accuracy.

For those applications that do not afford the computa-
tional resources required to implement the circuitry of FIGS.
1 through 5, the simplified circuitry of FIGS. 6 through 9 is
used. In FIG. 6, a circuit 120 includes an input 12 which
represents any conventional source of an input signal such as
a microphone, signal processor, or the like. A microphone is
shown by way of example. Input 12 also includes an analog
to digital converter (not shown) for analog input signals if
circuit 120 is implemented with digital components.
Likewise, input 12 includes a digital to analog converter (not
shown) for digital input signals if circuit 120 is implemented
with analog components.

Input 12 is connected to a group of filters F1 through F4
and a filter S1 over a line 122. Filters F1 through F4 provide
separate channels with filter parameters preset as described
above for the multichannel circuits of FIGS. 4 and 5. Each
of filters F1, F2, F3 and F4 outputs an adaptively filtered
signal via a line 124, 126, 128 and 130 which is amplified
by a respective amplifier 132, 134, 136 and 138. Amplifiers
132 through 138 each provide a channel output signal which
is combined by a line 140 to provide an adaptively filtered
signal at an output 142 of circuit 120.

Filter S1 has parameters which are set to extract relevant
signal characteristics present in the input signal. The output
of filter S1 is received by an envelope detector 144 which
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detects said characteristics. Detector 144 preferably has a
programmable time constant for varying the relevant period
of detection. When detector 144 is implemented in analog
form., it includes a full wave rectifier and a resistor/capacitor
circuit (not shown). The resistor, the capacitor, or both, are
variable for programming the time constant of detector 144.
When detector 144 is implemented in digital form, it
includes an exponentially shaped filter with a programmable
time constant. In either event, the “on” time constant is
shorter than the relatively long “off” time constant to prevent
excessively loud sounds from existing in the output signal
for extended periods.

The output of detector 144 is a control signal which is
transformed to log encoded data by a log transformer 146
using standard techniques and as more fully described
above. The log encoded data represents the extracted signal
characteristics present in the signal at input 12. A memory
148 stores a table of signal characteristic values and related
amplifier gain values in log form. Memory 148 receives the
log encoded data from log transformer 146 and, in response
thereto, recalls a gain value for each of amplifiers 132, 134,
136 and 138 as a function of the log value produced by log
transformer 146. Memory 148 outputs the gain values via a
set of lines 150, 152, 154 and 156 to amplifiers 132, 134, 136
and 138 for setting the gains of the amplifiers as a function
of the gain values. Arbitrary overall gain control functions
and blending of signals from each signal processing channel
are implemented by changing the entries in memory 148.

In use, circuit 120 of FIG. 6 may include a greater or
lesser number of filtered channels than the four shown in
FIG. 6. Further, circuit 120 may include additional filters,
detectors and log transformers corresponding to filter detec-
tor 144 and log transformer 146 for providing additional
input signal characteristics to memory 148. Still further, any
or all of the filtered signals in lines 124, 126, 128 or 130
could be used by a detector(s), such as detector 144, for
detecting an input signal characteristic for use by memory
148.

FIG. 7 includes input 12 for supplying an input signal to
a circuit 160. Input 12 is connected to a variable filter 162
and to a filter S1 via a line 164. Variable filter 162 provides
an adaptively filtered signal which is amplified by an ampli-
fier 166. A limiter 168 peak clips the adaptively filtered
output signal of amplifier 166 to produce a limited output
signal which is filtered by a variable filter 170. The adap-
tively filtered and clipped output signal of variable filter 170
is provided at output 171 of circuit 160.

Filter S1, a detector 144 and a log transformer 146 in FIG.
7 perform similar functions to the like numbered compo-
nents found in FIG. 6. A memory 162 stores a table of signal
characteristic values, related filter parameters, and related
amplifier gain values in log form. Memory 162 responds to
the output from log transformer 146 by recalling filter
parameters and an amplifier gain value as functions of the
log value produced by log transformer 146. Memory 162
outputs the recalled filter parameters via a line 172 and the
recalled gain value via a line 174. Filters 162 and 170
receive said filter parameters via line 172 for setting the
parameters of filters 162 and 170. Amplifier 166 receives
said gain value via line 174 for setting the gain of amplifier
166. The filter coefficients are stored in memory 162 in
sequential order of input signal level to control the selection
of filter coefficients as a function of input level. Filters 162
and 170 are preferably FIR filters of the same construction
and length and are set to the same parameters by memory
162. In operation, the circuit 160 is also used by taking the
output signal from the output of amplifier 166 to achieve
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desirable results. Limiter 168 and variable filter 170 are
shown, however, to illustrate the filter/limit/filter structure
disclosed in the 419 patent in combination with the pair of
variable filters 162 and 170.

With a suitable choice of filter coefficients, a variety of
level dependent filtering is achieved. When memory 162 is
a random-access memory, the filter coefficients are tailored
to the patient’s hearing impairment and stored in the
memory from a host computer during the fitting session. The
use of the host computer is more fully explained in the 082
patent.

A two channel version of circuit 120 in FIG. 6 is shown
in FIG. 8 as circuit 180. Like components of the circuits in
FIGS. 6 and 8 are identified with the same reference
numerals. A host computer (such as the host computer
disclosed in the 082 patent) is used for calculating the F1
and F2 filter coefficients for various spectral shaping, for
calculating entries in memory 148 for various gain functions
and blending functions, and for down-loading the values to
the hearing aid.

The gain function for each channel is shown in FIG. 9. A
segment “a” of a curve Gl provides a “voice switch”
characteristic at low signal levels. A segment **b” provides a
linear gain characteristic with a spectral characteristic deter-
mined by filter F1 in FIG. 8. A segment “c” and “d” provide
a transition between the characteristics of filters F1 and F2,
A segment “e” represents a linear gain characteristic with a
spectral characteristic determined by filter F2. Lastly, seg-
ment “f* corresponds to a region over which the level of
output 142 is constant and independent of the level of input
12.

The Gl and G2 functions are stored in a random access
memory such as memory 148 in FIG. 8. The data stored in
memory 148 is based on the specific hearing impairment of
the patient. The data is derived from an appropriate algo-
rithm in the host computer and down-loaded to the hearing
aid model during the fitting session. The coefficients for
filters F1 and F2 are derived from the patients residual
hearing characteristic as follows: Filter F2, which deter-
mines the spectral shaping for loud sounds, is designed to
match the patients UCL function. Filter F1, which deter-
mines the spectral shaping for softer sounds, is designed to
match the patients MCL or threshold functions. One of a
number of suitable filter design methods are used to compute
the filter coefficient values that comespond to the desired
spectral characteristic.

A Kaiser window filter design method is preferable for
this application. Once the desired spectral shape is
established, the filter coefficients are determined from the
following equation:

Co=FA(cos(2ruf/f,))W, (24

In equation (24), C, represents the n’th filter cocflicient, A,
represents samples of the desired spectral shape at frequen-
cies f,. f, represents the sampling frequency and W, repre-
sents samples of the Kaiser Window. The spectral sample
points, A, are spaced at frequencies, f,, which are separated
by the 6 dB bandwidth of the window, W, so that a
relatively smooth filter characteristic results that passes
through each of the sample values. The frequency resolution
and maximum slope of the frequency response of the
resulting filter is determined by the number of coefficients or
length of the filter. In the implementation shown in FIG. 8,
filters F1 and F2 have a length of 30 taps which, at a
sampling rate of 12.5 kHz, gives a frequency resolution of
about 700 Hz and a maximum spectral slope of 0.04 dB/Hz.



5,706,352

17

Circuit 180 of FIG. 8 simplifies the fitting process.
Through a suitable interactive display on a host computer
(not shown), each spectral sample value A, is independently
selected. While wearing a hearing aid which includes circuit
180 in a sound field, such as speech weighted noise at a
given level, the patient adjusts each sample value A, to a
preferred setting for listening. The patient also adjusts filter
F2 to a preferred shape that is comfortable only for loud
sounds.

Appendix A contains a program written for a Macintosh
host computer for setting channel gain and limit values in a
four channel contiguous band hearing aid. The filter coef-

5

10

18
ficients for the bands are read from a file stored on the disk
in the Macintosh computer. An interactive graphics display
is used to adjust the filter and gain values.

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

As various changes could be made in the above construc-
tions without departing from the scope of the invention, it is
intended that all matter contained in the above description or
shown in the accompanying drawings shall be interpreted as
illustrative and not in a limiting sense.
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APPENDIX A

Program WDHA

Wearable Digital Hearing Aid Control Program 0. 1.0
Central Institute For The Deaf

818 South Euclid Aue.
§t. Louis Mo. 63110

Phone: 314-652-3200

Supported in part by:
The Rehabilitetion Research And Development Service
Dept. of Medicine and Surgery: Ueterans Administration

General Overview

A program entitled "WDHA" has been written for the Macintosh
personal computer. When a wearable digital hearing aid is attached
to the Macintosh's SCSI bus peripheral interface, the user of the
WDHA program can alter the operation of the hearing aid via an easy
to use Macintosh style user interface.

Using the WDHA Program
Starting The Program

Upon starting the program, the Macintosh interrogates the
hearing aid to determine which program it is running. If the hearing
aid responds appropriately, 2 menu containing the opttons which
apply to that particular program appears in the menu bar. If no
response is received from the hearing aid, the menu entitled "WDHA
Disconnected” appears in the menu bar, as follows:

€ File IWOHA Disconnected

Should this menu appear, this indicates that there is some
problem with the hearing aid. The source of this problem couild be
that the hearing aid is truly disconnected, that it is simply turned off,
or that the bearing aid battery is dead. Upon correcting the problem,
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choose the "New WDHA Program” menu entry to activate the proper
menu for the hearing aid.

The Aid Parameters Window
The four channel hearing aid programs have the titles Aidl2

through Aidl4. Choosing the "Aid Parameters” menu entry will
cause the aid parameters window to be displayed, as follows:

© fid Parameters— ~ TTTT o
Gain [LimitspL| (] Hearing Rid On
26 105| X Input Rttenuation
30 i0e| [J]Output Attenuation
ite.Sr
32 110| HC1 =0 dB (Real - Zwislocki)
HC2 = 3 dB (Real = Zwislocki)
; | 40 115| HC3 = 0 dB (Real - Zwislocki)
1 2 3 4 HC4 = 4 48 (Real - Zwislocki}
- Channel

The bar graph and chart depict the current settings of the gains
and limits for each channel of the hearing aid. A gain or limit setting
can be changed by dragging the appropriate bar up or down with the
mouse. The selected bar will blink when it is activated, and can be
moved until the mouse is released, at which point the hearing aid is
updated with the new values.

The control buttons indicate whether the hearing aid is on or
off (i.e. whether the hearing aid program is running), and whether
the input or output attenuators are switched on or off. Any of these
settings can be changed simply by clicking onr the appropriate
buttons.

Ear Module Calibration
The File menu has an option called "Calibrate Ear Module”

which should be used whenever the program is started or an ear
module is inserted (or re-inserted) in a patient’'s ear. Proper use of

36
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this option insures that the gains actually generated by the hearing
aid are as close to the gains indicated by the program as possible.

The lower right hand corner of the Aid Parameters window
displays the results of the most recent ear module calibration,
including the name of the calibration file and the four He values,
where Hc is the difference between the real ear pressure measured
in the ear canal and the standard pressure measured on a Zwislocki
at the center frequency of each channel. After choosing this option
the user must open the file containing the ear module coefficients, by
double clicking on the file's name, via a standard Macintosh dialog
box:

e ———

Ear Module Calibrations|

O ite.3}
D ite.3r
0 ite.4l

Oy Ear Module ...

2 e |
0 iteSr - - T T—————

0O ite.6l ! Open k‘l
D ite.6r
Q ite.?!

The program will then play a series of four tones in the
patient's ear, using the power measurement to determine the real
pressure in the ear canal,

The file conraining the e¢ar module coefficients should be
created with a text editor and saved as a text-only file. The file
contains all the H values for a given ear module, seperated by tabs.
spaces, or carriage returns. It should begin with the four He values.
followed by the Hr values, then Hc, and then Hp. The values entered
for the Hc values can be arbitrary, since the program calculates them
and stores them into the file. An ear module file as you would enter
it might look as follows:

-100 -85 -90 -84 121 116 127 120
0
0
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0
0
-124 -121 -134 -143

Here the first row contains both the four He values and the
four Hr values. Following this are four zeros (since the Hc values are
unknown)., The sixth row contains the Hp values. Note that values
are arbitrarily seperated by tabs, spaces, or carriage returns.

After doing an ear module calibration with the program, the
new Hc values are displayed in the Aid Settings window, and also
written to the same file, with the data re-formatted into a seperate
row for each H value, as follows:

-100 -85 -90 -84
121 116 127 120
-5 -4 .10 ©

-124 -121 -134 -143

The Tone Parameters Window

The four channel programs also have the ability to play pure
tones for audiometric purposes. The Tone Parameters window is
available to activate these functions. Choosing the "Tone Parameters”
menu entry will cause the Tone Parameters window to be displayed,
as follows:

- - Tone Parameters.—--— - wor— o -
Tone burst count? 3 [ Hearing Aid On
Rise time sample count? [309 [J input Attenuation
Signeal on sample count? |2435 [J output Attenuation

Fall time sample count? [30S
Signal of f sample count? {3069

O Fieid Mike

Frequency? 2000 @ Probe Mike
Atten re mex out (dB)? [20 (Stnrt]

Power = -12.816046

Nepp— J
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The text boxes specify the number of tone bursts to generate
and the envelope of the tone bursts generated, as follows:

rise fall
time an time tima atf time

I

\ amplitude /
b
trequancy
prabe sampile time

All times are specified in number of sample periods, and
cannot exceed 32767 sample periods. The test is initiated by clicking
on the start button. The control buttons act just as in the aid
parameters window.

Loading Filter Taps

The programs titled Aidl3 and Aidl4 have the capability to
download filter tap coefficients to the hearing aid. The coefficients
are read into memory from a text file which the user creates with
any standard text editor. The coefficients in these files are signed
integers such as "797" or "-174" (optionally be followed by a divisor,
such as in "-12028/2") and must be seperated by spaces, tabs, or
carriage returnms.

_.The Aidl3 program has 32 taps per filter, and the Aidl4
program has 31 taps per filter, but since the filters are symmetric
about the center tap you only provide half this number of taps, orlé
taps per filter. Thus the files contain 64 coefficients for the 4
channels. For example, the file titled TapsFour has the following
format:

-535/4 -431/4 -254/4 0 333/4 743/4 1220/4 1750/4

2315/4 2892/4 3545/4 3977/4 4432/4 4797/4 5052/4 5183/4
-34/2 -231/2 -223/2 0 292/2 398/2 T7/2 -745/2

-1873/2 -2869/2 -3212/2 -2535/2 -831/2 1483/2 3683/2 502172
-83/2 502/2 859/2 0 -1128/2 -866/2 189/2 128/2

-442/2 890/2 3076/2 1605/2 -3814/2 -6280/2 -922/2 654372
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528/2 -167/2 -446/2 0 585/2 288/2 -1203/2 242/2
442/2 1525/2 -2946/2 797/2 -174/2 6280/2 -12028/2 64822

The option to download coefficients is enabled by choosing the
"Tap Filter Load" menu entries. The Macintosh will then present the
standard open file dialog box, which you use to specify the name of
the appropriate text file.

Program Design

The program is written in 68000 Assembly Language using the
Macintosh Development System assembler, from Apple.

The program has been structured into seperate managers for
each of the program’s functions. A seperate file contains the
functions associated with each manager. For example, the Parameter
Settings {or "PS") manager is contained in the file WDHAPS.Asm, and
includes all routines associated with the Aid Parameters window.

Below is a description of each manager, it's function, and the
routines contained in each.

WDHA.Asm

The overall program structure is typical of a Macintosh
application in that it has an event loop which dequeues events from
the event queue, and then branches to code which processes each
particular type of event. WDHA.Asm contains the WDHA program's
event loop.

WDHAPS.Asm

The Parameter Settings ("PS") manager contains all routines
associated with the Aid Parameters window, which aliows the user to
control the gains and limits of each of the channels in the four
channel programs. Specifically, these routines are as follows:

WDHAPSOpen - Create and display the Aid Parameters window,

WDHAPSClose - Close the Aid Parameters window and dispose

the memory associated with it.

WDHAPSShow - Make the Aid Parameters window visible.

WDHAPSHide - Make the Aid Parameters window invisible.

WDHAPSDraw - Update the contents of the Aid Parameters

window.
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WDHAPSControl - Cause the appropriate modification of the Aid
Parameters window when a mousedown event occurs
within it's content region.

WDHAPSIS - Given a window pointer, this routine determines if
it is the Aid Parameters window or not.

WDHAPSSetParam - Update the hearing aid to contain the
settings specified in the Aid Parameters window.

WDHATC.Asm

The TC manager contains all routines associated with the Tone
Parameters window, which allows the user to specify the parameters
for the test/calibrate function of the four channel program, and
initiate the test. Specifically, these routines are as follows:

WDHATCOpen - Create and display the Tone Parameters
window.

WDHATCClose - Close the Tone Parameters window and dispose
the memory associated with it.

WDHATCShow - Make the Tone Parameters window visibie.

WDHATCHide - Make the Tone Parameters window invisible.

WDHATCDraw - Update the contents of the Tone Parameters
window.

WDHATCControl - Cause the appropriate modification of the
Tone Parameters window when a mousedown event
occurs within it’s content region.

WDHATCIS - Given a window pointer, this routine determines if
it is the Tone Parameters window or not.

WDHATCIdle - Blink the text caret of the Tone Parameters
window.

WDHATCKey - Insert a key press into the active text box of the
Tone Parameters window.

WDHATCDoTest - Initiate a test by the hearing aid program,
using the parameters specified by the Tone Parameters
window.

EarModuleCalibrate - Compute the Hc values for each of the
four channels (this routine uses the test/calibrate
function of the hearing aid to figure the real ear pressure
at the center frequency of each channel).

WDHASCSI.Asm
The SCSI manager contains all routines which send record
structures to the hearing aid via the SCSI bus.
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SetParam - Send the four channel parameter record (containing
the gains and limits) to the four channel hearing aid
program.

SetCoefficients - Send out the filter tap coefficients to the four
channe! hearing aid program.

SetFileParams - Send the parameters required by the spectral
shaping program.

wdhatest - Initiate a pure tone test by sending the
test/calibrate record to the hearing aid.

WDHAFC.Asm

The WDHA program accesses some numerical values it needs
by reading them in from text files. The File Coefficients (FC) manager
contains toutines which access these text files.

WDHAFCSet - This routine is called when the user selects the
"Load Filter Taps" menu option. It uses the SFGetFile
dialog to get the name of a text file containing filter
coefficients, convert the contents to integer form, and
then downloads them to the hearing aid.

WDHASetFileParams - This routine is used to download
parameters to the Spectral Shaping hearing aid program.
It uses the SFGetFile dialog to get the name of a text file
containing the spectral shaping parameters, converts the
contents to integer form, then downloads them to the
hearing aid.

WDHACalEarModFile - This routine is called when the user
calibrates the ear module. It uses the SFGetFile dialog to
get the name of a text file containing ear module H
Tables, and converts it's contents to integer form in
memory. Then it calibrates the ear module using the TC
manager function EarModuleCalibrate. Finally, it writes
the new H Tables over the same file.

WDHAMenu.Asm
The Menu manager contains all routines associated with the

WDHA program's menu bar.

MakeMenus - Create the Menu bar conuaining the accessory,
file, and hearing aid menus, and display it on the screen.
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MenuBar - When the main event loop gets a mouseDown event
located in the menu Bar, this routine calls the appropriate
code to handle the selection.

SetProgMenu - This routine interrogates the hearing aid to
determine which program it is currently running, then
places the appropriate menu in the menu bar.

Programmer's Note -

As explained earlier, the WDHA program has seperate
pulldown menus defined for each program which runs on the hearing
aid, giving the options available for that particular program. It is not
difficult to add a new menu to the hearing aid program. The
following example shows the steps one would follow to add a new aid
menu (in this case 'Aidl7’) to the menu bar.

First of all, the constants needed for the menu must be defined
with equate statements. You must define the code returned by the
ald program when it is interrogated by the Macintosh, the identifier
for the menu itself (as required by the NewMenu toolbox function),
and the offset within the menu handles declarations where this
handle will reside (the handles are defined in a sequential block of
memory near the end of the Menu.Asm file).

Aid17ID  equ -17 ; aid program id returned by interrogating the
aid.

Aid17Menu equ 17 ; Unique menu identifier
menuaidl7equ 40 ; 10*4=menuhandle offset (this is the tenth
handle)

Next you would declare the location to store the menu's handle
at the end of the menu handles declarations:

del O : Aid17 menu handle

Next one would add code to the MakeMenus routine to create
the new menu (simply cut and paste the code which creates one of
the current menus and modify it accordingly).

You would also modify the SetProgMenu routine to handle the
new menu (once again simply replicate the code sections which
handle one of the old menus, and change the menu names
appropriately).

Finally, you would modify the MenuBar routine to handle your
new menu. If all the options contained in your menu are also in the
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other hearing aid menus, you can call the InAidMenu procedure (as
the other menus do), otherwise you must define your own procedure
to call.

WDHADisk.Asm
The disk manager contains routines used to access disk files on
the Macintosh.

DiskCreate - Create a new file.

DiskRead - Read sectors from a file.

DiskWrite - Write sectors to a file.

DiskEject - Eject a disk.

DiskOpen - Open a file.

DiskClose - Close a file

DiskSetFPos - Set the position of a file's read/write mark.

DiskSetEOF - Set the location of the end of file marker for a
file.

DiskSetFInfo - Set the finder information for a file.
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Include MacTraps.O

Include ToolEquX.D

Include SysEquX.D

Include QuickEquX.D

Include MDS2:WDHAPS.hdr
Include MDS2:WDHATC.hdr
Iinclude MDS2:WDHAMenu.hdr

: This program controls several Macintosh windows which allow the user to
; manipulate the digital hearing aid. The Macintosh communicates with the aid

; by sending records via the SCSI port.

5 This particular file is a "standard" Macintash style event loop

; which dequeues each event and calls the appropriate routine to handle the event.
i Additional files contain routines associated with each control window.

; Executing the program should provide an overalt understanding of the function

; of these windows. Spaecifically, the packages used are:

; The WDHA Paramater Setlings Window Manager - in WDHAPS.Asm
The WDHA Tes¥Calibrate Window Manager - in WOHATC. Asm

In addition, the following files contain various utility routines:

: WDHMHAMenu,Asm - sets up the menus

: WOHASCSLAsm - low leve! routines for cammunicating through the SCSI bus.
; WDKAFC.Asm - contains high-level routines for downloading coefficient

B files to the hearing aid.

; WDHADisk.Asm - routines for doing disk access.

R LT R TP P PP External Definitions---c-eccmcmmmcieesocraos

XDEF Start
XDEF  Eveniloop
XDEF Update
XDEF What
XDEF When

XDEF EventRécord
XDEF  WWindow
XDEF Message

XDEF Whaere

XDEF  Modify
LT L EPT Constant Definitions  c-evereremccocaoiaaea oo
ActiveBit equ 0 :Bit position of de/activate in modify
jesemsessramrennas Cade Starts HBre -esecmccccocccmmmmmo s
Start

bsr InitManagers ; Initialize TooiBox

bsr WDHAPSOpen ;. Create the paramater settings window.

bsr WDHAPSHide ; Don't leave it open though.

bsr WOHATCOpen ; Create the lest/calibrate window.

bsr WDHATCHide : Don't leave it open though.
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bsr MakeMeanus : Set up the menus
EventLoop:
_SystemTask ; Give System some time
osr WDHATCldla . Blink the tast window's caret

; FUNCTION GetNextEvent{evantMask: INTEGER;
; VAR theEvent: EventRecorg) : BOOLEAN

CLR -(SP) ; Clear space for result
MCVE #$0FFF,-(SP) ; Allow 12 low evenis
PEA EventRecord : Place 1o return results
_GstNexiEvent ; Look for an event
MOVE {SP}+, DO ; Gel result code

BEQ Eventl oop . No svent... Keaep waiting
BSR HandleEvent ; Go handle event

bra EventLoop ; return to eventioop call

HandleEvent:

; Use the avent number as an index into the Event table. These 12 avents
: are all the things that could spontanecusly happen while the program is
; in the main loop.

MOVE What, Do ; Get event number
ADD DO,DO ; *2 for table index
NMOVE EventTable{D0),D0 . Point to routine offsat
JMP EventTabile{D0) ; and jump to it
EveniTabla:
DCw OtherEvent-EventTable ; Null Event (Not ussed)
pCc.w MouseDown-EveniTable ; Mouse Down
DCW OtherEvent-EventTabls ; Mouse Up {Not used)
pCw KeyEvent-EvantTable ; Key Down
DC.wW OtherEvent-EventTable ; Key Up {Not used)
DCW KeyEvent-EventTable ; Autc Key
DCW UpDate-EventTable : Updats
DCW OtherEvent-EventTable ; Disk (Not used)
DC.W Aclivate-EventTable ; Activate
DCwW OtherEvent-EventTable ; Abort {Not used)
DCW OtherEvent-EventTable ; Netwark (Not used)
DCw OtherEveni-EventTable ; VO Driver (Not used)
R R E P LT L PP PP ] Event ACtions  cssceccsccccrecnivercicacas
QOtherEvent:
rts
Actlivate:

. An activate event is posted by the system when a window needs 1o be
. activated or ceactivatad. The information that indicates which window
. needs to be updated was returned by the NextEvent cail.

bist #ActiveBit,Modify . Activaie?
beq Deactivate : No, go do Deactivate
; Bring it to the front
mova.l Message.-(sp)
46
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_BringTaFront

; Show it

move.| Message.-(5p)
_ShowWindow

. Selact it

move.| Message,-(sp})
_SaelactWindow
rts

Daactivate:

rits

Update:
: The window needs to be redrawn.

;PROCEDURE BeginUpdate (theWindow: WindowPtr);

MOVEL message,-(SP) . Get painter to window
_BaginUpDate ; Begin the update
move.| message,-{sp)
bsr WODHATCIS : Was it our TC window?
tst.w (sp)+
BEQ DontTCDraw
bsr WODKATCDraw ; Draw tha TC window.
bra DoneDraw

DontTCDraw:
move.| message,-(sp)
bsr WDHAPSIS ; Was it our PS window?
tst.w {(sp}+
BEQ DontPSDraw
bsr WDHAPSDraw ;. Draw the PS window.
bra DoneOraw

DoniPSDraw:

DoneDraw:

;PROCEDURE EndUpdats {theWindow: WindowPir);
MOVEL message,-(SP) . Get pointer o window
_EndUpdate ; and end the update
rts

MouseDown:

: 1§ the mouse buticn was pressed, we must determine whers the click
. occurred before we can do anything. Call FindWindow to datermine
;. whers the click was; dispatch the event according to the resuit.

; FUNCTION FindWindow (thePt: Point;
H VAR whichWindow: WindowPtr); INTEGER;

CLR -(SP) : Space for resuit
MOVE.L Where,-(SP) ; Gt mouse coordinates
PEA WWindow 1 Event Window
_FindWindow . Who's got the click?
MOVE {SP)+,DO ; Get region number
ADD Do,DOo ; *2 for index into table
MCVE WindowTabie(D0),D0 ; Point to routine offset
47
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JMP WindowTable{D0) ; Jump lo routine
WindowTabls:
DC.W other-WindcwTabie ; In Desk (Not used)
DCc.wW MenuBar-WindowTabie : in Menu Bar
DCwW SystemEvent-WindowTable ; System Window (Not usec)
DCW Content-WindowTable ; In Content
DCW Drag-WindowTable : In Drag
DC.W Grow-WindowTabia . In Grow
DC.W GoAway-WindowTable ; In Go Away
Qther:
rts
SystamEvent:

; Call SystamClick to handle the desk accessory windows.
pea EventRecord
move.l wwindow,-{sp)

_SystamClick
rts
Cantent:
; Was it in the content of an active window?
clr.l -{sp)
_FrontWindow
maove.| {sp)+,d1 : Get the FrontWindow in di
cmp.| wwindow,d1 ; Are they the same?
beq WasActive
move.| wwindow,-(sp) It wasn't
_SelectWindow . So select i,
bra DoneContant
WasActive:
moves.| wwindow,-(sp)
bsr WDHAPSIS ; Was it our PS window?
tst.w (sp)+
beq NotPSContent
mova.l where,-(sp)
bsr WDHAPSControl ; Handle the event.
bra DaneCantent
NotPSContent:
move.} wwindow,-{sp)
bsr WOHATCIS . Was it our TC window?
tst.w (sp)+
beq NotTCContent
mave.| whers,-(sp)
osr WOHATCCantrol : Handie the event
bra DoneContent
NotTCContent:
DoneCantent:
rts
Drag:

; The click was in the drag bar of the window. Draggit.
; DragWindow (theWindow:Windowftr; stantPt: Point; boundsRect: Rect);
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MOVE.L wwindow,-{SP);Pass window pointer
MOVE.L where,-{SP) ;mouse coordinates

PEA  bound ;and boundaries
_DragWindow ;Drag Window
rts
Grow:
: The click was in the grow box
NoGrow: rts
GaAway: ; Close the Window
cir.b  -(sp) . maka room for a Boolean
move.l wwindow,-(sp}
move.! where,-(sp)
_TrackGoAway , Track It
tst.b  (sp)+ ; Did they stay in the baox?
beq NoGoAway ; If no then don't close.
JustHide:
;PROCEDURE HideWindow (theWindow: WindowP1r)
MOVE L wwindow,-{SP) ;. Pass window pointer
_HideWindow ; Hida the Window
NoGoAway:
rts
KayEvent:
CLRL -(SP) ;. Space for result
_FrontWindow : Get window pointer on stack
bsr WDHATCIS : Was it our TC window?
tst.w (sp)+
beq TCNotActive
move.wmessage+2,-(sp) . get the char
bsr WDHATCKey : Insert it in the active text box
TCNotActive:
rts

; InitManagers initializes ail the ToolBox managers. You should call
; InitManagers once at the beginning of your program if you are using
; any of the ToolBox routines.
InitManagers:

pea -4(ah)

_InitGraf

_InitFants

move.| #$C000FFFF,dO

_FlushEvents

_InitWindows

_lnitMenus

cird  -(sp)

_InitDialogs

_TElnit

InitCursor

rts
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; WDHA haeader file
: this file must be included to access the data structures contained in
; tha fila WDHA.Asm
XREF Eventloop
XFEF Update
XREF  EventRecord
XREF  What
XREF  Message
XREF  When
XREF  Where
XREF  Modily
XREF WWindow

50
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‘WDHAMac.txt
;macros for WDHA program
112/27186 AME

:Dialog
:Macro

Macro Dialog xpos,ypos,txistring,result =
move.w(xpas},-(SP)

move.w{ypos}.-(SP)

_MoveTo

pea {txtstring}’

_DrawString

pea KayBuf

bsr GetStr

iea keybuf,a0

move.w#1,-(SP)

_Pack? :StringToNum
move.wdQ,{result}

;:DispString

;Macro

Macra DispString xpos.ypos.txistring =
move.w{xpas},-(SP)
move.w{ypos},-(SP)

_MoveTo

pea ‘{txtstring}’

__DrawString

|

;DispVaiue

;Macro

Macro DispVaiue xpas,ypos,labei value =
movem.| a0-a6/d0-d7,-{sp)
move.w{xpos),-(SP)
move.w{ypos}.-(SP)

_MoveTe

"pea  ‘|labal)’

_DrawString

lea KeyBuf,a0

move.l {vaiue},d0

move.w#0,-{SP) :Select NumToString
_Pack?

pea KeyBut

_DrawString

mavam.| (sp)+.aD-a6/d0-d7
|

:DispWValue

;Macro

51
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Macro DispWValue xpos,ypos,labelvalus =
movem.| al-aB/d0-d7,-(sp)
move.w{xpos),-(SP}

move.w{ypas),-(SP)

_MoveTo

pea {labelj’

_DrawString

lea KayBuf,a0

move.w(value},d0

ext.! dO

move.w#0,-(SP) ;Satect NumToString
_Pack?7

pea KeyBul

_DrawString

movem.| (sp)+,a0-a6/d0-d?7
I
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; WOHAMenu.Asm
; This file cantains routines which ¢reate and manipulate the menus used in
; the WOHA program.

Include MacTraps.D

Include ToolEquX.D

Include SysEquX.D

Include QuickEquX.D

Include MDS2:WDHAMac.txt
Inciude MDS2:WDHA.hdr
Include MDS2:WDHAPS.hdr
Inciude MDS2:WDHATC.hdr
Include MDS2:WDHAFC.hdr
Includs MDS2:WDHASCSL.hdr

xdel  MakeMenus
xdef  ManuHandles
xdef  MenuBar

AppleMenu [Ze. ¥ 1
Aboutltem EQU 1

menuapple aqu 0 ;menuhandie ofiset
FileMenu B 2

Quilltemn [Ze V] 1

menufile equ 4 ;menuhandls offset

; Now the aid menus. All have a 'new program’ entry, and a blank line.
NewProgltem B 1

AidBilank By 2

Aid12iD Ze ¥) -12 ; program version id
Aid12Menu B 5

Satitam BV 3

Tastltem [='e TR

menuaid12 equ 8 ;menuhandie offsat

Aig13ID BV 13 ; program version id
Aid13Menu BV &

FCltem ECU S

menuaid13 equ 12 :menuhandie offssl

Aid141D EQU -14 . program version id

Aidt4Menu Qe 7
manuaid14 equ 16 ;menuhandle offset

SS1SID B  -100
S$S15Menu B 8

Loaditem By 3

menuss1s equ 20

NoneMenu BV 9
menunone equ 24
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; Name: MakeMeanus

5,706,352

: Function: MakeMenus creatas and displays the manu bar.

: input: None

: Qutput: None

MakeMenus:

:Clear menu bar
_ClearMenuBar

laa MenuHandles,ad
:First add Apple Menu
:Make il.
cir.l -(sp)
move.w#AppieManu,-{sp)
pea AppleName
_NewMenu
move.| (sp)+,menuapple(as)
;Add entries
move.! menuappie{as),-(sp)
pea ‘About WDHA (-
_AppendMenu
movse.| menuapple(ad),-(sp}
move.| #DRVRA'.-(sp)
_AddResMenu
:Insert it in the menu bdar.
mave.l menuapple(ad),-(sp)
move. w#0,-(sp)
_InsertMenu

; Now add File Menu

;Make it
clr.l -(sp)
move.w#FileMenu,-{sp)
pea 'File*

_NewMenu

move.l (sp)+ menufile(ad)
:Add eniries

move.| menufile(ad),-(sp)

pea ‘Quit’

_AppendMenu
:Insert it in the menu bar.

mova.l menufile(ad),-(sp)

move.w#0,-(sp)

_lInsartMenu

:Now create the WDHA program menus.

; none
cir.d  -(sp)
mova.w#NoneMenu,-(5p)
pea 'WDHA Disconnected”
_NewMenu
move.l (sp)+.menuncne(ad)
;Add entries.
move.l menunone(ad),-(sp)

:space for junction result
Jirst menu

.apple character

;stare handle

:push handle again

;push menu item

;push handle again
sload all drivars

;push handle again
sinsert at end

;space for function resuit
:second meny

:menu title

:store handle

;push handle again

;push menu item

;push handle again
;insert at end

space for function result
;menu title
;store handie

;push handie

psa 'New WDHA Program;{-' ;menu itemns.
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_AppendManu

; aid12
clr.l -{sp) :space for function rasult
mave. wiAid12Manu,-(sp)
pea 'Aid12' ;meny titla
_NswMenu
move.l (sp)+,menuaidi2(ad) ;store handle
;Add entries.
move.| menuaidi2(ad),-{sp} :push handle
pea '‘New WOHA Program;(-;4 Channel Parameters Test Calibrate’ ;menu itams.
_AppendMenu

; aid13
cir.t -{sp) ;space for function result
move.w#Aid13Menu,-(sp)
pea 'Aid13' imeny title
_NewMenu
move.| (sp}+ menuaidi3(ad] ;store handle
;Add entries.
move.| menuaidi3(a4),-(sp) ;push handle
pea 'New WDHA Program;(-;4 Channel Parameters.Test Calibrate;32 Tap Filter Load’
:menu items.
_AppendMenu

; aid14
clr.d -(sp) ;space for function resuit
move.w#Aid14Menu,-(sp)
pea ‘Aid14" :menu titie
_NewMenu
move.| (sp)+.manuaidi4{ad} :store handle
\Add entries.
move.| menuaidi4(ad),-(sp) ;push handie
pea ‘New WOHA Program;(-;4 Channe! Parameters;Test Calibrate:3t Tap Filter Load’
;menu items.
_AppandManu

; 8818
cir.l  -{sp) ;space for function resuit
move.w#SS15Menu,-(sp)
pea 'S§15° ;menu title
_NewMenu
move.l {sp)+ menussiS{ad) ;store handle
;Add entries.
move.l menussiS{a4d),-{sp) ;push handle
pea '‘New WDHA Program;(-:Parameter Load' ;meny items.
_AppendMenu

:insert one in the menu bar since SetProgManu deietes one.
move.! menunone{ad),-(sp} ;push handle again
move.w#0,-(sp) ;insert at end
_InsertMenu

; Set the proper WDHA program menu
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bsr SetProgManu
rts

; Name: SstProgMenu

; Function: This routine interrogates the hearing aid to determine which

H program it is currently running, then places the appropriate menu
; in the menu bar.

; Input: None

; Qutput: None

SetProgMenu:

; Close windows so that no inappropriata windows rernain.
bsr WOHAPSHide
bsr WDHATCHide

; Delete the aid menu (whichever it is)
move.w#Aid12Menu,-(sp)

_DesleteManu
move.w#Aid13Menu,-(sp)
_DslsteMenu
mave.w#Aid14Menu,-(sp)
_DelateMenu
move.w#SS515Manu,-(sp)
_DelsteMenu
move.w #NoneMenu,-(sp)
_DeleteMenu

; Defautlt to NoneMenu
lea MenuHandles.ad

mova.! menunone(ad),-{sp)
move.w#0,-(sp)
_InsertMenu

redraw the bar
_DrawMenuBar
move.w#0,-(sp) clear any highlighting.
_HiLiteMsnu

; Now check what it is
clr.w -(sp)
bsr SCSlintarrogate
move.w(sp)+,d0
lea MenuHandles,ad
cmp.w #Aid121D,d0
bne NotAid12

move.l menuaidi2(a4d),ald ;get handle
bra AddProgMenuy
Notaid12:

cmp.w #Aid131D,d0
bne NotAid13

move.l menuaid13{a4},a3 iget handle
bra AddProgMenu
NotAid13:

cmp.w #Aid141D.d0
bne NotAidi4

move.! menuaidid{ad),ald .get handla
bra AddProgMenu
NotAid14:

cmp.w #SS151D,d0
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bne NotS815

move.l menussiS{ad).a3 ;gat handle
bra AddProgMenu
MotSS15:

move.l menuncnea(ad).ad
move.w#20,-(sp)
_SysBeep

AddProgMenu:
move.w#NoneMenu,-(sp)
_DelsteMenu
move.| ad,-(sp)
move.w#0,-(sSp)
_linsartMenu

;redraw the bar
_DrawMenuBar

ClearReturn:
move w#0,-(sp) :clear any highlighting.

HiLiteMenu

rts

; Name; MenuBar
; Function: This routine should be called when the mouss is clickad in the

; menu bar.
; Input: None
; Qutput: None
MenuBar:
cir.l  +(sp) ispace for resuit
move.l where,-($p) ;location of mouse
_MenuSaelect
move.i (sp)+,d0 ;get resuit (menu id, item ¥}
swap dg ;get menu id in low word
Choices:
cmp.w #0,d0 Was it in any meny?
beq @1 ;no many id
cmp.w #ApplaMenu,d0 ;Was it in the apple menu?
beq InAppieMenu

_cmp.w #FileMenu,d0 ;Was it in the file menu?
beg InFileMenu
cmp.w #NoneMenu,d0
beq InSSMenu
cmp.w #Aid12Menu,d0
beq InAidMenu
cmp.w #Aid13Menu,d0
beq inAidManu
cmp.w #Aid14Menu,de
beg InAidMaenu
cmp.w #35515Menu,d0
beq InSSManu

@1 bra ClsarReturn

InAppleMeanu;
. Getitem
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swap dO . get item # in low word
cmp.w #Aboutitem,dO
bne NotAbout

; Open About dialog window.

; FUNCTION NewWindow (wStorage: Ptr; boundsRac!: Rect;

; title: Str255; visinle: BOOLEAN;

: prociD: INTEGER,; behind: WindowPtr;
; goAwayFlag: BOOLEAN:

; refCon: Longint) | WindowPtr;

sSUBQ #4,5P . Space for function result

CLRL -(SP) , Storage for window (Heap)

PEA AboutBounds ; Window position

PEA 'About WDHA' ; Window title

MOVE.B #255,-(SP) ; Makes window visible

MONVE #dBoxProc,-(SP) ; Standard document window

MOVEL #-1,-(SP) ;Make it the front window

move.B #-1,-(SP) ; Window has goAway butien

CLR.L -{SP) ; Window refCon

_NewWindow ; Create and draw window

lea AboutPir a4

MOVEL (SP)+,(ad) . Save handle for later

MOVEL {a4),-(SP) . Make sure the new window is the pon
;PROCEDURE SetPorl (gp: GratPon)

_SetPort ;. Make it the currant port

move.w #0,-(sp)

_TextFont . Make sure it's the system font

move.w#1,-(sp) ; Boid

_TextFace

DispString #20,#16,Wearable Digital Hearing Aid Fitting Procedure V. 1.0

move. . w#0 -(sp} ; Plain Text

_TextFaca

DispString #200,#32,Ceantral Institute For The Deaf
DispString #200.#48,818 South Euclid Ave.
DispString #200,#64,St. Louis Mo. 63110
DispString #200,#80,Phone: 314-652-3200

move.w#1,-(sp) ; Bold

_TextFace

DispString #20,#96,Supported in part by:
--move.w#0,-(sp) ; Plain Text

TextFacs

DispString #40,#112,The Rehabilitation Research And Developmant Service
DispString #40,#128,Dapt. of Medicine and Surgery: Vetsrans Administraticn
; Print the big "CID"
move. . w#36,-(sp)
_TexiSize
move.w#17,-(sp) ; Bold+Shadow
_TextFace
DispString #44 #64,CID
; Set text characteristics back to normai
mova.wi#12, -(sp)
_TextSize
move.w#0,-(sp) . Plain Text
_TexiFace
. Wait for an event
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move.l #30000FFFF,d0
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_FlushEvents

EviWait;

: FUNCTION GeiNextEveni(eveniMask: INTEGER;:

; VAR theEvent: EventRacord) : BOOLEAN
CLR -(SP) ; Clear space for resuit
MOVE #$000F,-(SP) . Allow 12 iow events
PEA EventRecord ; Place to return rasults
_GetNexiEvent ; Look for an event
MCVE  (SP)+,DO ; Get result code
BEQ  EvtWait ; No event... Keep waiting

; Dispose Window

move.l AboutPtr,-(sp)

_DisposWindow
bra

NotAbout:
lea

move.wd0,-{sp)

ClearReturn

MenuHandies, a4
move.! menuappia(ad),-(sp)

. what item #

; get item name

; Look in Apple Menu

. space for result
; open DeskNama acc

. pop result

; get item # in low ward
s it quit?
; H not forget it
; dispose of the parameter settings window
; dispose of the test/calibrale window
. leave application

; get item # in low word

pea DaskName
_Getltem
: OpenDaskAcc
clr.w -(sp)
pea DeskName
_OpsenDeskAcc
move.w(sp)+,d0
bra ClearReturn
InFilasMenu:
swap da
cmp.w #Quititem,d0
bne Donefila
bsr WOHAPSClose
bsr WDHATCClose
_ExitToShell
DoneFile:
bra ClearReturn
InAidMenu:
swap d0
cmp.w #NewProgliem,d0
bne @9
bsr SetProgMenu
bra W\Done
@9
cmp.w #Setitem,d0
bne @1
bsr WDHAPSShow
bra WMDone
@1 cmp.w #Tastltem,d0
one @2
bsr WOHATCShow
bra WMDone
@2 cmp.w #FCitemn,dc
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bne @4
bsr WDHAFCSet
bra WMDane

@4
WMDone bra ClearReturn
inSSMenu:
swap dO ; get item # in low word
cmp.w #NewProgitem dO
bne @1
bsr SetProgMenu
bra SSDone
@1 cmp.w f#Loaditem,d0
bne @2
bsr WDHASstFilaParams
bra SSDone
@2

SSDone bra CiearRaturn

R PR LT Data starts here-------c-crrommmsvmmrncancnnee
MenuHandies:

de.l 0 ;handle to appie menu

de.l 0 shandle to file menu

de.l 0 ;handie lo aid12 menu

dc.! o] :handle to aid13 menu

dc.| 4} ;handle to aid14 menu

de.) 0 :handle to 5315 meanu

de i 0 :handle to nona menu
ApplaName: de.b 1,514 : A string containing the appie symbol
DeskName: dcb.w 16,0 :desk accessories name
AboutPtr de.| 0 ; the About dialog window pointer
AboutBounds:

dew 100 ; upper

dc.w 50  left

dew 232 , lower

de.w 472 ; right
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;WDHAMenu header file

. This file must be included if any routines in WDHAMenu are used.
xref  MakeMenus
xref  MenuHandles
xref  MenuBar
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; file WDHAPS.Asm
Inciude MacTraps.D
Inciude ToolEqu.D
Include SysEquX.D
Include QuickEquX.D
Include SANEMacs.txt
Include MDS2:WDHA hor
include MDS2:WDHASCS!.hdr
; WDHA Paramater Settings Window Manager
H This packags contains routines to manipulate the WDHA Parameter
; Settings window. This window contains an interface which controls the
; gain and limit of each channel of the WOHA by allowing the user to move
; bars on a graph of Frequency versus dB8 SPL (execute the program lor a better
; understanding), this control is referred ta as the "PSGraph” in the program
; documentation. Next to this graph is a chart (the "PSChart") containing the
; numeric values of sach channel's gain and limit.
H It also contains control buttons to specify if thea WDHA should be in
; Hearing aid mode, if the input attenuation should be off or on, and whether
; the aid should use the probe mike or the field mike. The autput attenuation
; Is automatically turned on or off by the program, it's conirol being used
. as an indicatar of this status.
H Wherever the documentation refers to the term “theta”, it is refering
; to the height of the lower bar of the bar graph. and wherever the documentation
; usas "phi", it refers to the height of the upper bar.
i oreememeceeseecens External Definitiong----ccocmeacuiomnnaamann
XDEF  WDHAPSOpen
XDEF WDHAPSClose
XDEF WDHAPSShow
XDEF WDHAPSHIce
XDEF WODHAPSDraw
XDEF WDHAPSControl
YXDEF WDHAPSIS
XDEF WDHAPSSetParam
R R EP R PP P Constant Definitions  ---c-ccccemmcemeonaacenon
CHANNELS EQU 4 . There are four channels
; PSG = The Parameter Settings Graph
PSGHeight B 120 ; Graph height in pixels
PSGChanWidth BOU 20 ; 8ach bar is PSGChanWidth pixels wide.
PSGWidth |=e X) CHANNELS PSGChanWidth ; Graph width in pixels
PSGInitX Ze §] 30 ; initial X coord (localy of ul corner of graph
PSGinitY BEuU 20 ; initial Y coord (local) of ul corner of graph
; PSC = The Parameter Settings Chant
PSCFWidth EJ 46 ; channel, gain and limit field widih
PSCFHeight HX)  PSGHeight/{CHANNELS+1) ; height of box in chart
PSCWidth BEX)  3*PSCFWidth
PSClnitX BEQU PSGInitX+PSGWidth 3 X coord {locai) of ul comer of char
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PSCinity B PSGinitY . Y coord (local) of ul corner of chart
; PS = The Parameter Settings Window

PSinitX B 60 ; initial X coord {global) of upper ieft corner

PSInity EQU 80 ; initial ¥ coard (global) of upper left cornar
PSRightEQU  PSInitX+PSGWidth+PSCWidth+2"PSGlnitX+140

PSTxiSize B 12

; PSCtl = The Contral Buttons

PSCtlinitX B PSGInitX+PSGWidth+PSCWidth+10
PSCtlInitY EU PSGInitY+5
PSCiiFHeight B  PSCFHsight
Declarations-----ccoeemcacrcnnasannns

jreeemevessmemmaniaean Subroutine
; Name: WDHAPSOpen
; Function: Call this routine to create and display the PS Window.

; Input: None
; Output: None
WDHARSOpen:
maveam.| d0-d2/a0-a6,-(sp) . save registsers
; Set up document window.
; FUNCTION NewWindow (wStoraga: Ptr; boundsRect: Rect:

; . title: Str255; visible: BOOLEAN;

; proclD: INTEGER; behind: WindowPtr;
: goAwayFlag: BOOLEAN;

: refCon: Longint) : WindowPtr;

suUBQ #4,8P ; Space for function result
CLR.L -{SP) ; Storage {or window (Heap)
PEA WDHAPSBounds ; Window position
PEA "WDHA Paramster Settings' 1 Window title
MOVE.B #255,-(SP) ; Make window visible
MOVE #rDocProc,-(SP) ; Standard document window
MOVEL #-1,-(SP) ;Maie it the front window
move.B #-1,-(SP) ; Window has goAway bution
CLR.L -(SP) . Window refCon
_NewWindow ; Create and draw window
lea WOHAPSPtr,ad
MOVE.L {SP)+,(a4) ; Save handle for later
MOVEL (ad),-(SP) ; Make sure the new window is tha port

;PROCEDURE  SetPort (gp: GrafPort)
_SatPort ; Make it the current port

; Add the contro! buttons
bsr PSAddCoantrois
bsr WDHAPSDraw
movem.| (sp}+,d0-d2/a0-a6 ; Restore registers
RTS

; Name: WDHAPSClose

; Function: Call this reutine ta destroy the PS Window and remove it from

; the screen.

; Input: Nane

; Qutput: None

WDHAPSClose:
movam.|

d0-d7/a0-a6,-(sp)

. Save registers
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move.] WDHAPSPtr,-(sp)
_KillContrais
; Dispase Windaw
move.| WDHAPSPtr,-(sp)
_DisposWindow
maverm.| {sp)+,d0-d7/a0-a6 ; restore registers
rts

; Name: WDHAPSShow
; Function: This routine makes the PS window visible and frontmost.
; Input: None
; Output: None
WDHAPSShow:
movem.i d0-d7/a0-a6,-(sp) ; save regisiers
; Bring it to the front
move.l WDHAPSPtr,-{sp)
_BringToFront
; Show Window
move.| WDHAPSPtr,-(sp)
_ShowWindow
move.l WOHAPSPtr,-(sp)
_SeiectWindow . So select it.
movem.| {sp)+,d0-d7/a0-aé : reslore registers
rts

; Name: WDHAPSHide
;. Function: This routine makes e PS window invisible, removing it from the
; screen (but not destroying it).
; Input: None
; Qutput: None
WDHAPSHIda:
maovem.} d0-d7/a0-a6,-(sp) ; save ragisters
; Hide Window
move.] WOHAPSPIr,-(sp)
_HideWindow
movem.| (sp)+,d0-d7/a0-a6 . restore registers
rts

; Name: WOHAPSOraw
; Function: This routine draws the PS window's contents.

; Input: None

; Output: None

WOHAPSDraw:
movem.| d0-d7/20-a6,-(sp) , save registers
lea WDHAPSP!r.a4 ; Pointer on stack

MOVEL (a4)},-(SP}
;PROCEDURE  SetPort (gp: GrafPart)

_SetPort ; Make it the current port
; First draw the graph

ped WOHAPSGraph

_EraseRect ; clear it
pea WDHAPSGraph
_FrameRect ; Frame it

move. w#patOr,-(sp)
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_PenMode ; change to Or pen mode.
move.w#0,d4 ; caunt thru channels
DrawChans: ; draw each channel
cmp.w #CHANNELS,d4 ; done yet?
beq DoneDC

; Draw Theta Bar
pea ThetaPat

_PenPat ; set pen pattern to ThetaPat
move.wd4,-{sp)
bsr CaiThetaRect ; Calculate theta rectangle
pea TRect
_PaintRect ; Filt with pattern
; Draw Phi Bar
pea  PhiPat
_PenPai . sel pen pattern to PhiPat

move.wd4,-(sp)
bsr CalPhiRect
pea TRect
_PaintRect ; Fill with pattern
add.w #1,d4
bra DrawChans
DoneDC:
_PenNormal ; Raset Pan to original settings
move.w#PS3TxtSize,-(sp)
_TextSize
move.w #PSGInitX+0"PSGChanWidth+PSGChanWidth/2,«(sp)
move. w#PSGInitY+PSGHeight+PSTxtSize,-(sp)
_MoveTo
move.w#' 1’ -(sp)
_DrawChar ;
move.w#PSGInitX+1°*PSGChanWidth+PSGChanWidth/2,-(sp}
move.w#PSGInitY +PSGHeight+PSTxtSize,-(sp)
_MoveTo
mova.w#'2',-(sp)
_DrawChar
move.w#PSGInitX+2'PSGChanWidth+PSGChanWidth/2,-(sp)
move. w#PSGInitY +PSGHeight+PSTxtSize,-(sp)
_MoveTo
maove. w#'3',-(sp)
_DrawChar
move.w#PSGInitX+3*PSGChanWidth+PSGChanWidthi2,-(sp)
move.w#PSGInitY+PSGHeight+P STxiSize,-(sp)
_MoveTa
move.wi'4' - (sp)
_DrawChar
move.w#PSGInitX+(CHANNELS/2}*PSGChanWidth-25,-(sp)
move. w#PSGInitY+PSGHeight+2*PSTxtSize,-(sp}
_MoveTo
pea '‘Channel’
_DrawString
mova. w#PSGInitX-20,-(sp)
move. w#PSGInitY +PSGHeight/2-PSTxtSize,-(sp)
_MoveTo
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pea ‘dg’

_DrawString
move.w#PSGInitX-24,-{sp)
move.wi#PSGInitY +PSGHeight/2,-(sp)
_MovaeTo

pea 'SPL'

_DrawString

move.w#5,-(sp)

_TextSize
move.w#PSGinitX-9,-{sp)
move.w#PSGInitY +PSGHeight,-(sp)
_MoaveTo

move. w#'0",-(sp)

_DrawChar

move. wBPSGInitX-20,-(sp)
move.w#PSGlnitY+9,-(sp)
_MoveTo

pea 129

_DrawString

; Now draw the chart.

_PenNormal

poa WDHAPSChart

_FrameRect

move.w#PSClnitX,-(sp)
move.w#PSClnitY+1*PSCFHeight,-(sp)
_MovaTo

mave.w #P SCInitX+PSCWidth,-(sp)
move.w #P SCInitY +1"PSCFHaeight,-(sp)
_LineTo

move.w#PSCinitX,-(sp}

mova, w#PSCinitY+2°PSCFHeight,-(sp)
_MeveTo
mave.w#PSCinitX+PSCWidth -(sp)
move.w#PSCInitY +2"PSCFHeight,-(sp)
_LineTo

move.wi#PSCinitX -(sp)
move.w¥PSCinitY +3"PSCFHeight, -(sp)
_MoveTo

-move. wi#PSCinitX+PSCWidth,-(sp}

move. . wAPSCInitY +3"PSCFHeight,-(sp)
_LinaTo

move.w#PSClnitX,-(sp}
move.w#PSCinitY +4*PSCFHeight,-(sp)
_MoveTa
move.wH#PSCInitX+PSCWidth,-(sp)
move.wH#PSCInitY+4*PSCFHaight,-(sp)
_LineTo
move.w#PSCInitX+PSCFWidth,-(sp)
move.w#PSCIinitY,-{sp)

_MoveTo
move.w#PSCinitX+PSCFWidth,-(sp)
move.w#PSCInitY «PSGHaight,-(sp}
_LinaTo
move.wRPSClnitX+2*PSCFWidth,-(sp)
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move.w#PSCinitY,-(sp)
_MoveTo
move.w#PSCInitX+2*PSCFWidth,-(sp)
move.w #PSCinitY+PSGHeight,-(sp)
_LineTo
move.wAPSCinitX+6,-(8p)
mova.w#PSClnitY +PSCFHeight-6,-(sp}
_MoveTo
pea '‘Channel’
_DrawString
move. w#PSClnitX+PSCFWidth+11,-(sp)
movae.w#PSCInitY +PSCFHeight-6,-(sp)
_MovsTo
pea 'Gain’
_DrawString
move. waPSCInitX+2*PSCFWidth+10,-(sp)
move.w#PSClnitY +PSCFHeight-6,-(sp)
_MovaTo
pea *Limit’
_DrawString
move.w#CHANNELS d4 ; Now draw the chart data with PrintVal
lea Theta3,a0 ; will draw the gains and limiis too
DrChartNums:
; Draw channel #
move. w#0,-{sp} ; Column 0
move.wdd4,-(sp) ; Row is same as channel
move.wd4,-{3p) ; value is channel
. bsr PrintVal
;. Draw gain
move.w#1,-(sp) ; now do gain
move.wd4,-{sp) ;. Row is same as channel
move.w{al),-(sp) ; Show the theta vaiue as gain
bsr PrintVai
; Draw limit
move.w#2,-(sp) : now do limit
move.wd4,-(sp) ; Row is same as channe!
move.w2(ad),-(sp) ; Show the Phi value as limit
bsr Printval
jea -4(a0),a0
sub.w #1,d4
bne DrChartNums
; Draw the control buttons.
move.i WDHAPSP!r,-(sp) ; the window ptr
_DrawControls
bsr WOHAPSSetParam ; update the WDHA.
movem.| {sp)+,d0-d7/a0-ab ; restore ragisters
rts

; Nams: PSAddControls
: Function: This routine adds the PS windaw's controls.
; Input: None
: Qutput: None
PSAddControls:
. movem.| d0-d7/a0-aé,-(sp} ; save registers
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; Set up the controls bounding rectangle.

lea TRect,a4
move.w&#PSCHinitY+0*PSCHiIFHeight, (a4) ; store y coard
move.w#PSCtlinitX,2(ad) ; store x coord
move.w#PSClinitY +0"PSCtIFHeight+20,4(a4) ; stare y coord
move.w#PSRight,6(a4} ; store x coord
: Push parameters for NewControl
clr.t -(sp) : NewControl returns a handle
move.| WDHAPSPtr,-{sp) ; the window pitr
pea TRact ; the rectangle bounding the control
pea ‘Hearing Aid On' ; litle
maove.b #TRUE.-{sp) ; visible
move. w0, -(sp) ; value
move.w#0,-(sp) . min
mave.w#1, -(sp) ; max
move.w#1,-(sp) ; check box proc id
move.l #0,-(sp) ; refeon not used
; Call NewControl
_NewControl
lea AidControl,a3
move.l {sp}+,{a3) ; store the result
; Set up the controls bounding ractangle.
lea TRect,a4
move.w #PSC1linitY+1"PSCtiFHeight.(a4) ; store y coord
move.w#PSCtlinitX,2(ad) ; stare x coord
move. wa#PSCHlinitY+1°PSClIFHeight+20,4(a4) . sfore y coord
move.w#PSRight,8(a4) ; store x coord
, Push parameters for NewCoatrol
cir.i -(sp) . NewContral returns a handie
move.l WDHAPSPtr,-{sp) ; the window ptr
pea TRect ; the ractangie bounding the control
pea ‘Input Attenuation’ ; Aitle
move.b #TRUE,-(sp) . visible
mova.w#0,-(sg) ; value
move.w#0,-(sp} . min
mova.w#1,-(sp) , max
move.w#1,-(sp) ; check bax proc id
move.! #0,-(sp) ; refcon not used
; Call NewContro|
_MewControl
lea |AContral,a3
move.l (sp)+,(al) : stors the result
; Set up the controls bounding ractangie.
laa TRact.a4
move.w#PSCIInitY+2*PSCtiIFHaight,(a4) ; store y coord
move.w#PSCtlinitX,2(a4) ; slore x coord
move. w#PSCHInitY+2°PSCtiIFHeight+20,4(aq) . store y coord
move.w#PSRight,6{ad) ; store x coord
; Push parameters for NewCaontrol
cir.l ~{sp) ; NewContro! returns a handle
move.l WDHAPSPtr,-(sp) ; the window ptr
pea TRect ; the rectangle bounding the control
pea ‘Cutput Attenuation’  ; title
mova.b #TRUE -(sp) ; visible
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move.w#0,-(sp} ; value
move.w#0,-(sp) ; min
move.w#1,-(sp) : max
move. w#1,-{sp} ; check box proc id
move.! #0,-(sp) ; refecon not used
; Call NewControl
_NewControl
lea OAControl,a3
move.l (sp)+.(a3) ; store the resufll
; Set up the cantrols bounding rectangle.
lea TRect,ad
move.w#PSCtinitY +3"PSC1iFHseight,(a4) ; store y coord
move.w#PSCllinitX,2(ad) ; store x coord
move.w#PSClllnitY+3*PSCtiFHeight+20,4(a4} | store y coord
move.w#PSRight,6({a4) ; Store x coord
. Push parameters for NewCantrol
clr.l -(sp) : NewControl returns a2 handle
mave.] WDHAPSP!r,-(sp) ; the window pir
pea TRect ; the rectangle bounding the control
paa ‘Field Mike' ; title
move.b #TRUE,-{sp) . visible
move.w#1,-(sp) ; make Field mike on as the default
move . w#0,-(sp) ; min
mova.w#1,-(sp) . max
move.w#2.-(sp) ; radio button proc id
mova.l #0,-(sp) ; refcon not used
; Call NewControl
_NeawControl
lea FieldCaontrol,a3
move.! (sp)+,(a3) : store the result
;. Set up the cantrals bounding rectangle.
lea TRect,ad
move.w #PSCtiinitY +4°PSClIFHeight,(ad) ; stors y coord
mave.w#PSClilnitX,2(ad) ; store x coord
move.w#PSCtinitY+4"PSCtIFHeight+20,4(a4d) ; stare y coord
move.w#PSRight,6(a4) ; store x coord
. Push parameters for NewControl
clr.i -(sp) ; NewConirol returns a handle
move.l WDHAPSPtr,-(sp) . the window ptr
pea TRsct ; the rectangle bounding the conirol
pea 'Probe Mike' . tille
move.b #TRUE, -(sp) . visible
mave.w#0,-(sp) ; value
mave.w#0,-(Sp) ; min
move.w#1,-(sp) ; max
mova.w#2,-{sp) ; radio button proc id
movae.l #0,-(sp) ; refcon not usad
; Call NewControl
_NewControl
lea ProbeControl,a3
move.! (sp)+,(a3) ; store the result
movem.| (sp)+.d0-d7/a0-ab

rts
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;. CalThetaRect clculates the rectangls surrounding the control bar jor the
;. given channel.

. Input: the channal # (a word) is passed on the stack,

; Quiput: the rect TRect is filled.

CalThetaRect:
movem.! d0-d7/a0-a6,-(sp)
lea TRact,ad ; get address of TRect
move.w#PSGinitY +PSGHeight,d4 ; bottom of graph
move.wd4,4(a4) ; store it in TRect
fea Theta0,a3 ; Get theta
move.w64(sp),d3 ; Get channel number
asl.w #2,d3 HE)
sub.w (a3,d3.w),d4 ; compute top of bar y coord
move.wdd4 {a4) ; store it in TRect
move.w&4(sp),d3 ; Get channel number

mulu  #PSGChanWidth,d3 ; channel # = ChanWidth
add.w #PSGInitX,d3 ; move over

move.wd3,2{ad} ; stors left side
add.w #PSGChanWidth d3 ; add width
move.wd3,6(a4) ; store right side
pea TRec!

mave.w#1,-(sp)
move.w#1,-{sp)

_InseiRect ; make it a tad smafler
sub.w #1,{a4) ; not the top level though
mavem.! {sp)+.d0-d7/al-a6

move.| (sp),2(sp) ; move return address over param
tst.w  (sp)+ ; gel rid of parameter

ris ; and return

; CalPhiRect ciculates the rectangle surrounding the control bar for the
; given channal.

; Input: the channel # (a word) is passed on the stack.

; Output; the rect TRect is filled,

CalPhiReact:
movem.| d0-d7/a0-a6,-{sp)
lea TRect,ad ; got address of TRect

move . w#PSGInitY,d4 ; top of graph
move.wd4,(a4); store it in TRect

lea Phi0,a3 ; Gat Phi
move.wB4(sp),d3 . Gat channel number
asl.w #2,d3 ;4

move.w#120,d5
subw (a3,d3.w},d5 ; compule bottom oi bar y coord

addw dS.d4
mave.wd4 4(ad) ; store it in TRect
move.wE4(sp),d3 ; Get channel number

mulu  #PSGChanWidth,d3 ; channel # © ChanWidth
add.w #PSGInitX,d3 . move over

move.wd3,2{a4) ; stora left side
add.w #PSGChanWidth,d3 , add width
move.wd3,6(a4d) ; store right side
pea TRect

move.w#1,-(sp)
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move.w#1 -(sp)

_InsetRect ; make it a tad smaller
add.w #1 4(ad) ; not the bottom though
movem.| (sp)+,d0-d7/a0-a6

move.l {sp),2(sp} ; move return address over param
i1st.w (sp)e ; get rid of paramater

rts ; and return

; Name: PrintVal

; Function: This routine prints the given vaiue at the specified row and
; column of the PSChart.

; Input: d3 (word} = vaiue, d4 « row, d5 = column

; Qutput: None

PrintVal:
mavem.l d0-d7/a0-a6,-(sp) ; save registers
move.w6&4(sp),d3 1 d3 = value to be printed
move.w66(sp),d4 ; d4 = Row in chart
move.wB8(sp),d5 ; 45 = column in chart

. compute x cocrd
mulu #PSCFWidth d5 : column * width of each field
add.w #PSCinitX+24,d5 . shift over

; compute y coord
add.w #1.d4 , add 1 to row
mulu #PSCFHeight,d4 ; ¢ height of sath field
add.w #PSCInitY-6,d4 ; shift down and then up a iittle

; arase whatever is there aiready.
lea TRect,a2 ; we'll put it in Trect
move.wd5,2(a2) ;our x is the left x
move.wd5,6(a2) ; then compute the right
add.w #20,68(a2) ; as 20 over from the left
move.wd4 4(a2) ; our y is the bottom y
move.wd4 {(a2) ; then compute the lop
sub.w #PSTxtSize,(a2) ; as TxtSize up from bottom
pea TRect ; now erase il
_EraseRect

; move thera

move.wd5,-{sp}
move.wdd4,-{sp)

_MoveTo

; convert valua to string
move wd3,d0 ; NumToString expects val in dO
lea NumBuf,ag ; address of NumBuf in a¢
move.w#0,-(SP) ; Select NumToString
_Pack7

NumBuf

_DrawString
maovam.| (sp)+,d0-d7/ad-a6
move.l {sp},6(sp} ; move relurn address over parameters
add.| #6,sp ; get rid of parameters
rts

; Name: WDHAPSIS
; Function: This routine returns a Boolean telling whather or not
. the given window pointer is the PS window's pointer.
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: input: A window painter (passed on the stack)

94

; Qutput: a word, TRUE or FALSE (defined in WDHA.hdr) returned on the stack.
: **Note: You do not have 1o push a word for the rasult of this routine.

WDHAPSIS:
mavem.] adl/d4, -(sp)
move.) 8(sp).a4
move.| 12({sp).c4
cmp.| WDHAPSPtr,d4
beq 1510
move.w ¥FALSE,14(sp)
bra 1520

¥TRUE,14(sp)
a4,10(sp}

1S10: move.w

1820: move.|
movermn.!
tst.w (sp)+
rts

: Name: WDHAPSCaontral

(sp)+,ad/d4

1

’

; save registers

; get return address in ad

; get WindowPtr in ddé
Was it our window?

tis
. savae result

; put return address back

. restore registers

; get rid of extra two bytes

. return

; Function: This routine should be called whenever a mousedown event Qccurs
; within the contents of the PS Window. It handies the hilighting of the

; proper control buttons, and sends the proper records to the WDHA.

; Input: The mousae iocation (on the stack), from the event's where field.

; Qutput: None
WDHAPSContral:
movem.| d0.d7/a0-a6,-(sp)
move.| WDHAPSPtr,-(sp)
;PROCEDURE  SeltPort {gp: GrafPort)

_SetPort
port
peoa 84(sp)
_GilobalTalocal
; Was it in a control bution?
ButtonCheck:
; call FindControl
clr.w  -{sp)

move.l 66(sp),-{sp)
movae.l WOHAPSPtr,-{sp)

pea WhichControl
_FindControl

tst.w  (sp)+

lea WhichControl,ad
tst.d {ad)

beq ChanChack

; if it was in a control, call TrackControl
clr.w  «(sp)
move.l WhichCaontrol,-{sp)
move.l 70(sp},-(sp)
move.l #0,-(sp)
_TrackControi
tst.w  (sp)+
begq NoChan

; Was it tha output Attenuation button?
lea WhichControl,a4

; WDHAPSP1r on stack

; Make sure it's the current

. push address of point
. convert it to the window's coords

; returns a fong
; push point in local coords
; WOHAPSPIr on stack

; which cne?

; pop resuit

. Was it in any of them?
; if not try the graph

; raturns a word
: WhichControl now has the handle
; starting point

, o action proc

; did they change the butten?
, it nat then leave
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move.l OAConirol,d4

cmp.l ({(a4),d4
bne NatOA ; if not then was it the 1A button?
. It was the output attenuation button so adjust the bar heights.
clr.w d3 ; use d3 as a channel counter
lea Theta0,a3
\ CGLoop11:
| cmp.w #CHANNELS,d3
beq InvBut
cle.w  -(sp)
bsr aouUT
move.w(a3),d0 ; get Theta in dC
sub.w (sp),d0 ; subtract the old GOUT from Theta
move.wdD,(a3) ; store Theta
moave.w2(a3),ad ; get phi in d?
subw (sp)+.d1 ; subtract the old GOUT from Phi
move.wd1,2(a3) ; store phi
lea 4(a3),a3
addw #1,d3
bra CGLoop11
InvBut:
clrw -(sp) ; GetCtiValue retums a word
mova.! CAControl,-(sp)
i _GetCtiValue
i mave.w (sp)+.d3 ; now value is in d3
! not.w da
1 andw #1,d3 i invert the status.
! move.l WhichControl,-(sp)
move.wd3, -(sp) ; set it to the new value.
_SetCtiVaiue
! clr.w d3 ; use d3 as a channe! counter
lea Theta0,a3
CGlLoop12:
j cmp.w #CHANNELS,d3
' beq UDScreen
| cirw -{sp)
bsr
move.w(a3),d0 . get Theta in d0
add.w (sp),d0 ; add the new GOUT
move. wd3,-(sp) ; now ctip the gain as necessary
move.wd0,-(sp) ; the new gain
i bsr ValidGain
move.w{sp)+,(a3) . store it
move.w2{a3),d1 ; get phi in d1
add.w (sp)+.d1 ; add the new GOUT to Phi
move.wd3,-(sp) ; now clip the limit as necessary
‘ maove.wd1,-(sp) : tha new limit
' bsr ValidLimit
move.w{sp)+,2(a3) ; stora phi
lea 4(a3d),a3
addw #1,d3
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bra CGLoop12
NotOA:
move.! 1AControl,d4
fea WhichControl,a4
cmp. {a4),d4
bne OtherBut . it not then forget it.
: It was the input attenuation button so adjust the bar heights.
cirw a3 ; usa @3 as a channel counter
lea Thetad, a3
CGloop21:
cmp.w #CHANNELS,d3
beq InvBut2
clr.w  -{sp)
bsr GIN
; the gain (the limit is not affected)
move.w(a3),d0 ; get theta
sub.w (sp)+,dO ; subtract the old GIN
move.wd0,(a3) ; store it back
; go to the next channel
loa 4(a3),a3
add.w #1,d3
bra CGLoop21
InvBut2:
cir.w  -(sp) ; GetCtiValue retums a word
move.! 1ACantrol,-(sp)
_GetCtiValue
move.w{sp)+,d3 ; now value is in d3
not.w d3
and.w #1,d3 ; invert the status.
move.| WhichControl,-(sp}
move.wd3,-(sp) ; sat it to the new value.
_SetCtiVaiue
clrw d3 ; use d3 as a channel counter
lea Theta0,a3
CGLlLoop22:
cmp.w #CHANNELS,d3
UDScreen
clr.w  -(sp)
bsr
move.w(a3)},d0 ; get theta
add.w (sp)+,d0 ; add the new GIN
move.wd3,-(sp) ; now clip the gain as necessary
move.wd0,-(sp} ; the new gain
bsr VabidGain
move.w({sp)+,(a3) ; store it
; go to the next channel
lea 4(ald),a3
add.w #1,d3
bra CGlLoop22
UDScreen
bsr WDHAPSDraw



bra NoChan

. invert the control value
OtherBut:
cir.w -(sp)
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; GetCiiVaiue returns a word

100

move.l WhichControl,-(sp)
_GetCtiValue
move.w{sp)+,d3

notw d3

and.w #1,d3

move.l WhichContrel,-(sp)
move.wd3,-(sp)
_SetCtiValua

; Was it the Field bution?

mave.! FieldCantrol,d4

; invert

lea WhichControi,ad
cmp.| (a4).d4
bne NatField

; Otherwise invert off the Probe miks

cir.w -(sp)

move.| ProbeControl,~(sp)
_GetCtlValue
move.w(sp)+,d3

not.w d3

and.w #1,d3

move.! ProbeControi,-(sp)
move.wd3,-(sp)
_SetCtiVaive

bra NoCharn

; Was it the Probe button?
NotFieid:

move.! ProbeControl,d4

. now value is in d3
the status.

; set it to the naw value.

; if not then forget it

; GetCilValue returns a word

. now valus is in d3

: invert the status

laa WhichControl, a4

cmp.l (a4)d4
bne NoChan

; Otherwise invert the Field mike

clr.w  «(sp)

move.| FieldControl,-{sp)
_GatCtiValue
move.w(sp)+,d3

not.w d3

andw #1,d3

move.| FisldControl,-(sp}
mave.wd3,-{sp)
SetCtiValue

bra NoChan

ChanChack:

move.w#0,d4
lea Theta0,a4

FindChan:

cmp.w #CHANNELS,d4
beq NoChan

;Is it a theta bar?

; urn off Probe butten

. if not then forget it

. GetCtiValue retums a word

. now value is in d3

; invert the status

: lurn ofl Probe button

; eount thru channels

. draw each channel

, done yet?
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move.wd4,-(sp)

bsr CaiThetaRect ; Calculate theta rectangle
cirw -(sp} ; make room for resuit
mave.l 66(sp}.-(sp) ; push mouse point
pea TRect ; theta rect in TRect
_PtinRect
1st.w  (sp)+
bne FoundTheta

; Is it a phi bar?

lea 2(a4),ad
move.wd4,-{sp)

bsr CalPhiRect ; Calculate theta rectangle
clr.w  -(sp) ; make room for result
move.| 66{sp),-(sp) ; push mouse point

pea TRect

_PtinRect

tst.w  (sp)+
bne FoundPhi
lea 2(ad),ad

add.w #1,d4

bra FindChan
;. a4 points to Thata, d4 contains the channel number.
FoundTheta;

pea ThetaPat

_Penfat

mova.w(a4),d3 ; hold onto original theta
; While the button is down move the bar around, changing theta
FTLoop:

clr.w  -(sp) . Make room for result

_StillDown 1 I8 the button still down?

tst.w (sp)+

beq NoChan ; i not then exit otherwise...
; Get the point

pea TPoint

_GetMouse ; Get mouse location

; First Erase Old Bar
move.wi#paiBic,-(sp)
~_PenMods
move.wd4,-(sp)
bsr CalThetaRec!
pea TRect
_PaintRect
; Now change the ltheia paramsier
move.w64(sp),d5 ; the vertical coordinate of stant point
sub.w TPoint,d5 ; original y - current y
; this will be a negative vaiue if they move down
move.wd3,(ad) ; restore originai theta
add.w d5,(ad) ; change theta
;s it OK?
move.wdd, -(sp) . channei #
move.w(ad),-(sp) . gain
bsr ValidGain ; make sure gain is in range
move.w(sp}+,(ad)
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; Now draw the new bar
ThDrBar:
move.w#patOr,-(sp)
_PenMode
move.wd4, -(5p)
bsr CalThataRect
pea TRect
: _PaintRect
| : Now updale the chart valus.
1 cmp.w (a4),d3; is there any dilference?

' beq FTLoop ; If not then don't bother
1 move.wi#1,-{sp) ; gain column in chart
) move.wd4,-(sp) ; row is channel #
| add.w #1,(sp); + 1
| move.w(ed},-(sp) ; value
‘ bsr  Printval
bra FTLoop
; a4 points to Phi, d4 contains the channel number.
FoundPhi:
pea PhiPat
_PenPat
move.w(a4),d3 ; store old Phi
; While the button is down move the bar around, changing theta
FPLoop:
. clr.w -(sp) ; Maks room for result
‘ _StiliDown ; Is the button still down?
t tst.w  (sp}+
! beq NoChan ; It not then exit otherwise...
; Get the point
pea TPoint
_GetMousa ; Get mousa location

. First Erase Qid Bar
move.w#patBic,-{sp)
_PenMode
move.wd4,-(sp)
bsr CaiPhiRact

|
|
l pea TRect
| . _PaintRect
; Now change the Phi parameter
| move . wB4(sp),d5 . the vartical coordinale of start point
sub.w TPoint,d§ ; origina) y - current y
; this will be a negative vaius if they move down
move.wd3,(ad) ; restore original Phi
add.w d5,(a4d) ; change Phi
;I8 it OK?
move.wd4,-(sp) ; channel #
! move.w(ag),-(sp) ; limit
bsr ValidLimit ; make sura limit in range

move.w(sp)+,(ad)
; Now draw the new bar
PhiDrBar:
; Now draw the new bar
move.w #patOr,-(sp}

~}
-1
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_PenMode
move.wd4,-(sp)
bsr CalPhiRect
pea TRect
_PaintRect
; Now update the chart value.
cmp.w (a4),d3; is thers any differance?

beqg FPLoop ; It not then don't bother
move.w#2,-(sp) ; limit column in chart
move.wad4,-{sp) ; raw is channel #
add.w ®1,(sp); + 1
move.w(a4d),-{sp) ; value
bsr Printval
bra FPLoop

NoChan:
_PenNormat
bsr WDHAPSSetParam ; update any changes mads to the WDHA.
movem.} {sp)+,d0-d7/a0-ab
move.l (sp)+,{sp) ; get rid of param
rts

; Name: WDHAPSSetParam
; Function: This routine sats the WOHA to the parameters set in the WOHA
; window.

i Input: None
; Quiput: Nane
WODHAPSSetParam:
movem.| d0-d7/a0-a6.-(sp) ; save ragisters
; Fill all fields of the paramrec except the gain/input select word.
bsr CalcGainslimits; calculate the gains and limits.
» Now calculate the select word by looking at the control buttons.
lsa paramrac,ad ; get the gain/input select word
move.w 16{ad),d4 ; gat the gain input selact word
SPIA: ; set input attenuation bit
clr.w -(sp) ; GetCtiValue returns a word
mova.] |AControl,-{sp}; the handle
_GetCtiValue
tst.w  (sp)+
SPNalA
SPDolA:
bset.l #INPUTd4
bra SPOA
SPNolA:
beir! #INPUT . d4
SPOA. : set output attenuation bit
cir.w -(sp)} ; GetCtiValue returns a word
move.l OAControl,-(sp) ; the handle
_GetCtivVaive
tst.w  (sp)+
SPNoCA
SPDoOA:
bset.l #OUTPUT.d4
bra SPField
SPNoOA:
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beir.l #OUTPUT d4
SPFietd:

clr.w  -(sp)

mova.l FieldControl,-{sp}

_GetCtiValue

tst.w (sp)+

beq SPNoField
SPDoField:

bset.| #FIELD,d4

bra SPProbe
SPNoField:

belr.l #FIELD,d4
SPProbe:

cir.w  -(sp)

move.l ProbeControl,-{sp)

_GetCtivValue

tst.w  (sp)+

beq SPNoProbe
SPDoProbs:

bset.| #PROBE.d4

bra SPSendParams
SPNaoProbe:

belr.l  #PROBE,d4
SPSendParams:

mova.wd4,16{ad)
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; set the field mike bit
. GetCtlvValue retums a word
; the handie

; sel the probe mike bit
. GetCtiValue retums a word
; the handle

;. store the modified select word.

. Now send the parameters to the WOHA

lea paramrac,a0

bsr SetParam

; now wait a little while the WDHA does it's thing.

move.! #10000,d1
SPWait:

sub.l #1,d1

bne SPWait

: Now put the WDHA in sither hearing aid stale or idle state depending on
; the status of the "Hearing Aid On" buttan.

cir.w  +(sp) ; GetCtiValue returns a word

move.! AidControl,-(sp) ; the handle

._GetCtiValue

tst.w  (sp)+

beq SPAIdOff

mave.w#-1,d0 ; go to hearing aid mode

bra SPSetModa
SPAIdOft:

move.w#-100,d0 ; go to idle mode
SPSetMode:

jsr scsiwr ;send mode code to WOHA
SPDone:

movem.| {sp)+,d0-d7/a0-aé ; restore registers

rts

: Name: CalcGainsLimits

; Function: Compute the gains and fimits fieids of the paramrec from
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. the heights of the theta and phi bars of the bar graph, and the status of
: the attenuation control buitons.
' . Input: None
: ; Output: Nons
; It any of the gains or limits produce an out of range value the
variable called ‘Clipped’ will have a non-zero vaiue upon return.

CalcGainsLimits:
movem.| a0-a6/d0-d7,-(sp)
lea Clipped,al
clr.w (al)
lea Theta0,a4 ; thetaQ hare
lea paramrec,a2 . gain0 here
‘ lea He,a3
i move.wH#CHANNELS,dé ; logp through four channais
OCloop:
move.w(ad),d4 ; gei thetal (= So)
sub.w (a3),d4 ; subtract He
subw 8(ad),d4 ; subtract Hr
sub.w #60,d4
clr.w  -{sp) ’ : subtract GIN
bsr GIN
sub.w (sp)+.d4
clr.w  -(sp) : subtract GOUT
bsr [col])

sub.w (sp)+,d4
; Now calculate the fimit

Dolimit:
move.w2(a4),ds ; Get haight (=So lim} in d5
sub.w d4,d5 ; Subtract Gd
subw B8(a3),dS . subtract Hr
clr.w  -(sp) ; subtract GOUT
bsr

sub.w (sp)+.d5
. Now convert bath to linsar.
: First the gain

Tolinear:

; but first store Gd and Ld
move.w d4,{a6) ; store Gd
move.w ds,2(aé) : store Ld
lea argl,al
move.w d4,(a0) ; store gain (dB) in arg!
pea argl dB gain
pea arg4 JpdB gain

! FI2X :conver! from integer 10 extended tp

pea {p20dBe ;20 * log base 10 of e = B.685889638
pea argd JpdB gain
fdivx ;db/tp20dbe (resull in arg4)
pea argé
foxpx -base @ exponential {db ratio in argd)
pea twoex14 :scale it "2E16 to convert if to fixed point
pea arg4
fmuix
pea arg4
pea arg1
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{x2i ;convert extended to integer
move.wargil,(a2) : store the gain
move.wargl,d? . got the gain
cmp.w #16384,d1
bls DCDolLimit
move.w#16384,(a2) ; slore the gain
lea Clipped,ai
add.w #1,(a1).
; Now the limit
OCODoLimit:
F arg1,ad
move.w d§,(a0) . store limit (dB) in argt
pea argl :dB limit
pea argd fpdB limit
Fl2X .convert from integer to axtended fp
pea fp2¢dBe .20 * log base 10 of ¢ = 8.685889638
pea argd fpdB  limit
fdivx ;db/lp20dbe (result in arg4)
pea argé
fexpx ;base e exponantial (dh ratio in arg4)
pea arg4
pea argil
pea twoex14 :scale it “2E16 to convert it to fixad point
pea arg4
fmulx
fx2i iconvert axtended to integer
mova.wargl,2(a2} ;. stors the limit
bpl DCFinLoop
move. w#32767,2(a2)
; Store them in the paramrsc
DCFinLoop:
lea 4(ad),a4 . go to next theta/phi pair.
lea 4(a2),a2 . go 1o next gairviimit pair
lea 2(a3),a3 ; go to next He and Hr
subgb #1,d6
bne DCloop
movem.| (spj+,a0-a6/d0-d7
rts
; Nams: GIN

; Function: This routine raturns the input gain as determined by the
; input attenuation control button, either +0 (on), or +18 {off).

; Input; None
. Qutput: A word on the stack is filled with the result {the user pushes this)
GIN: movem.| a0-a6/d0-d7,-(sp)
; it input aftenuation is on then retumn 0 othsrwiss 18
cir.w -(sp} ; make room for result
move.| IAControl,-(sp)
_GetCtiValue
tst.w  (sp)+
bre
move.w#18,64(sp)
bra GinDone
GinOn
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move. w0 64({sp)

GinDone
mavem.! {sp)+,a0-a6/d0-d7
rts

; Name: GOUT
: Function: This routine returns the output gain as determined by the
; output attenuation control button, either -34 (on), or -9 {off).

; Input: None
; Quiput: A word on the stack is filled with the resuit (the user pushes this)
GOUT: movem.! a0-a6/d0-d7,-(sp)
. if output gain is on then retum -34 otherwise -9
clr.w  -(sp) ; make room for result
mave.! OAControl,-{sp)
_GeiCtiValue
tst.w (sp)+
bne GoutCn
move.w#-9,64(sp)
bra GoutDone
GoutOn
move.w#-34 64(sp)
GoutDone
movem.| (sp)+,a0-a6/d0-d7
rts
; Name: GMAX

; Function: This routine retums the maximum gain for the given channel.
; Input: The channel number is passed on the stack as a word (0-3).

; Qutput: The result is on the stack upon rstum.

; ***Note: You do not have to make room for the result on the stack.
GMAX:

movem.! 20-a6/d0-d7,-(sp)
maove. w#60,d0 ; hold result in d0
clr.w  -(sp)

bsr GIN

add.w (sp)+,d0 : add GIN

cirw -{sp)

bsr GouT

.add.w (sp)+,d0 ; add GOUT

lea He,a0
move.w84(sp),d1 ; get channel #

asl.w #1,d1 ; *2 for words
addw (a0,d1.w),d0 ,addHs
add.w B(al,dt.w),dC ; add Hr

move.wd0,54(sp} ; write the result cver the parameter
movem.| (sp)+,a0-a6/dC-d7
rs

; Name: ValidGain

. Function: This routine clips the given gain (bar height} as needed for the
; given channel.

; Input: The channel number and gain passed on the stack as words.

. Output: The resuit is on top of the stack upon return.

1 ***Note: You do not have to make room for the resuit on the stack.
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ValidGain:

movem.| a0-a6/d0-d7,-(sp)

move.w66(sp),d0 ; get the channel #

move.wé4(sp),dl ; get the unclipped gain

cmp.w #2,d1 ; IS it bigger than the minimum height?

bge GainOK1

move.w#2,d1 ; make it bigger

bra VGDone
GainOK1;

movea.wdD,-(sp) ; get GMAX

bsr GMAX

cmp.w (sp)+,dt

ble VGDone

move.w-2{sp),d? ., make it GMAX
VGDone:

mova.wd1,66(sp)

movem.| (sp)+,a0-a6/dD-d7

move.! (sp),2(sp) ; move return address

tst.w  (sp)+ ; get rid of extra word

rts
. Name: LMAX

; Function: This routine returns the maximum limit for the given channel.
; Input: The channel number is passed on the stack as a word (0-3).

;. Output: The result is on the stack upon ratum.

; ***Note: You do not have to make room far the rasuilt on the stack.
LMAX:

movam.| &80-26/d0-d7,-(sp)
clr.w  -(sp)

bsr Gout
mave.w(sp)+.d0 ; add GOUT

lea Hr,a0

move. w64(sp),d1 ; get channel &

aslw #1,d1 ; 2 for words
add.w (a0,d1.w),d0 ;add Hr

mava.wd0, 64(sp) ; write the result over the parameter
mavam.| {sp}+,a0-a6/d0-d7
rts

; Name: ValidLimit

; Function: This routine clips the given limit (bar height) as needed for the
. given channel.

; Input: Tha channel number and gain passed on tha stack as words.

; Output: The result is on top of the stack upon return.

; ™ Note: You do not have to make room for the result on the stack.
ValidLimit:

movem.| a0-a6/d0-d7,-(sp)
move.wE6(sp),d0 ; get the channel #
move.w64(sp),dl : get the unclipped limit
cmp.w #2,d1 ; 1S it bigger than the minimum height?
bge LimitOK1
move.w#2,d1 ; make it bigger
bra VlDaone

LimilOK1:
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move.wd0,-(sp)

bsr

LMAX

cmp.w (sp)+.d1

ble

VLDane

move.w-2(sp),d1

"VLDone:

move.wd!,86(sp)
(sp)+,a0-a6/dQ-d7
mova.l {sp},2{sp)

movem.

tst.w
ris

.align 4
WDHAPSPtr:
AidControl:
IACantrol:
OACantrol:
FieldContral:
ProbeControl:

.align 2

Thetad: DC.W
Phi0: DCW
Thetal:DC.W
Phit: DCW
Theta2:DC.W
Phi2: DCW
Theta3: DCW
Phi3: DCW

paramrec:

He:

(sp)+

5,706,352

; get LMAX

; make it LMAX

; move return address

; get rid af extra word

; align to long word boundary

2103
DCL
DCL
ocL
Dc.L
DCL

[~ == = N Y ]

; WDHAPS WindowPtr

; Hearing Aid On Control

: Input Attenuation Control
. Output Attanuation

; Fisld Mike Control

; Probe Mike Contral

; align 1o word boundary

50
70
50

de.w
de.w
dec.w
de.w
do.w
de.w
dew
de.w
de.w

dc.w
dc.w
de.w
dc.w

16384
32787
16384
32767
18384
32787
16384
32767

4224

-100
-85
-90
-84

‘WDHA garameter record
,channel 0 gain

:channel O limit

;channel 1 gain

;channat t limit

;channel 2 gain

;channel 2 limit

.channel 3 gain

;channel 3 limit
;gainfinput select word

;channel O
:channel 1
;channel 2
;ehanns! 3

; The He table musi(!) follow the He table.

Hr:

de.w
de.w
de.w

121
117
127

:channal 0
channel 1
channsl 2

84
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!
! doc.w
WODHAPSBounds:
DCw
DCW
DCwW
DCwW
WDHAPSGraph:
DC.W
DC.wW
pDCc.w
DC.wW
WOHAPSChart:
DCw
DCw
DCw
DC.wW
TRect:
pCL
pDCL
TPoint: DC.L
WhichCantral: DCL
ThetaPat: ocB
PhiPat: DC.B
NumBuf: OCBB
arg1
arg2
arg3
arg4
args
twoax14
fp20dBe
Clipped de.w

5,706,352

120 ichannel 3

; Bounding rect for window
PSinitY
PSlnitX
PSinitY +PSGHeight+PSGInitY+2 PSTxtSize+4
PSRight

: bounding rectangle for graph
PSGInitY
PSGInitX
PSGInitY+PSGHaight
PSGInit{+PSGWidth

; bounding rectangle for chart
PSClnitY
PSCinitX
PSCinitY +PSGHeight
PSCInitX+PSCWidth

0
[} ;For calculating various rectangles.

0 [For calculating mouse change.

o ; A cantrol handle, for temporary storage.

$AA,$55 5AA §55,5AA,855,5AA,855
$55,5AA $55 5AA,355,5AA,855,3AA

64,0 ; Buffer for number conversion

dcb.w 8,0 sinteger buffer

debw 8,0 ;extended floating point buffer
dchb.w 8,0 ;extended floating point buffer
debw 8,0 ;extended floating point buffer
decbw 8.0 oxtended floating point bufter

dc.w  $400d,$8000,50000,30000,50000
dc.w  $4002,58af9,5db22,8d0e5,56042

0
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; WOHAPS.har
- This file must be included if your program uses the
. WDHA Parameter Settings window.
XREF  WDHAFPSOpen
XREF WDHAPSCiose
XREF WDHAPSShow
XREF WDHAPSHide
JREF  WDHAPSDraw
XHEF  WODHAPSControl
YXREF WDHAPSIS
XREF WDHAPSSetParam
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; file WDHATC.Asm

inctude MacTraps.D

Include ToclEqu.D

Include SysEquX.D

Include QuickEquxX.D

Include SANEMacs.txt
Inciude MDS2:WDHA, hdr
include MDS2:WDHAMac. txt
include MOS2:WDHASCSLhdr

; WDHA TesvCalibrate Window Manager

; This package contains routines to manipulate the WDHA Test/Calibrate
: window, which allows you to do pure tone audiomelry via the WOHA.

H The window contains text boxes which allow the user to change the

; parameters to the test procedure, as well as tha control boxes (as in the

; parameter settings window) to determine the gain/sslect input ward and

; the on/off status of the hearing aid.

HEE TR R PEP TP EEPPE External Dafinitions---cveeoeamcmeonecnonncnnann.

XDEF  WDHATCOpen
XDEF  WDHATCClose
XDEF WDHATCShow
XDEF WDHATCHide
XDEF WDHATCDraw
XDEF  WDHATCControl
XOEF WDHATCldle
XOEF WDHATCKey
XDEF WDHATCIS
XDEF WDHATCDoTest

| eseessencssmescnnnas Constant Definitions  sccccoecesecucnnnnamaenua.

; TC = The Test/Calibrate Window

TCInitX BEQU 30 ; initial X coord (giobal) of upper left corner
TCInity B! 50 ; initial Y coord (global) of upper lelt corner
TCRightEQU 448

TCTxiSize B 12

; TCCti = The Controi Buttons
TCCtinitX BN 258
TCCtilnitY jze 1} 15
TCCtIFHeight EQU 24

; Text Edit Box Constants
ToneBursts [Zed] 0

RisaCaunt BV 1
CnCount U 2
FaliCount U 3
OffCount U 4
Frequency B 5
Altenuate S0 ¥) ]
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TextBoxes B ? ;. There are seven boxes

R it Subroutine Daclarations----ceccrceeommmncancanne
: Name: WDHATCOpen
: Function: Call this routine 1o create and display tha TC Window.
; Input: None
; Output: None
WDHATCOpen:
movem.| d0-d2/a0-a6,-{sp) ; save ragisters
: Set up document window.
s FUNCTION NewWindow (wStorage: Ptr; boundsRect: Ract;
; titta: Str2s5; visible: BOOLEAN;
: prociD: INTEGER; behind: WindowPtr;
; gaAwayFlag: BOOLEAN;
R refCon: Longint) : WindowPtr;

sUBQ #4,SP : Space for function resuit
CLAL -(SP}) ; Storage for window (Heap)
PEA WDHATCBounds ; Window position
PEA 'WDHA Test/Calibrate’ ; Window titie
MOVEB #255,-(SP) ; Maka window visibie
MOVE #rDocPrac,-(SP) ; Standard document window
MOVELL #-1,-{5P) :Make it the front window
move.B #-1,-(SP) ;. Window has goAway button
CLRL -{SP) ; Window refCon
_NewWindow . Create and draw window
lea WDHATCP!tr.a4
MOVE.L (SP)+,(ad) : Save handle for later
MOVEL (ad),-(SP) ; Make sure the new window is the port
{PROCEDURE  SetPort (gp: GralPort)
_SetPart ; Make it the current port
; Add the text boxes.
bsr TCAddBoxes
;. Add the control buttons,
bsr TCAddControls
; Draw the content region
bsr WDHATCDraw
movem,| {sp)+,d0-d2/a0-a6 . Restors registers
RTS

; Name: WDHATCCiose
; Function: Cali this routine to destroy the TC Window and remove it from
; the screen,
. Input: None
- Output: None
WOHATCClosa:
movem.| d0-d7/a0-a6,-(sp) . save regislers
move.! WDHATCPIr,-(sp)
_XiliControis
; Dispose Window
move.i WDHATCPtr,-(sp)
_DisposWindow
movem.| (sp)+,d0-d7/a0-aé ; restore registers
ris
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. Name: WDHATCShow
; Function: This routine makes the TC window visible and frontmosi.
; Input: None
; Qutput: None
WDHATCShow:
movem.| d0-d7/a0-a6,-(sp) ; save registers
; Bring it to the front
move.l WDHATCPIr,-(sp)
_BringToFront
; Show Window
move.| WDHATCPr,-(sp)
_ShowWindow
move.l WDHATCPtr,-(sp}
_SelectWindow
movem.| (sp)+,d0-d7/alb-a6 ; Testore registers
ris

; Name: WDHATCHide
: Function: This routine makes the TC window invisible, removing it from the
;. screen (but not destroying it).
; Input: None
; Qutput: Nane
WODHATCHide:
movem.| d0-d7/30-a6,-(sp) . save ragisters
; Hide Window
move.| WDHATCPIr,-(sp)
_HideWindow
movem.| {sp)+,d0-d7/a0-a6 , resiore registers
rtas

; Name: WDHATCDraw
. Function: This routine draws the TC window's contents.

; Input: None

; Qutput: None

WDHATCDraw:
movem.| d0-d7/a0-a6,-(sp) ; save registers
lea WDHATCP1r,a4 . Pointar oca stack

MOVEL (a4),-(SP)
:PROCEDURE SetPort {gp: GraiPort)
_SetPort ; Make it the current port
; Draw the text buttons.
bsr TCDrawBoxes
; Oraw the control buttons.
move.l WOHATCPtr,-(sp) . the window ptr
_DrawControls
movem.| {sp)+,d0-d7/a0-a6 ; restore registers
rts

; Name: TCAddControls
. Function: This routine adds the TC window's controls.
; Input: None
; Output: Nane
TCAddControis:
movam.| d0-d7/a0-a6,-(sp) ; save registers
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; Set up the controls bounding rectangie.

laa TRect,ad
mova.w#TCCtlinitY+0*TCClFHeight,{ad) ; store y coord
move.w#TCCtinilX,2(ad) ; store x coard
mave.w#TCCtinitY+0"TCCtIFHaight+20,4(a4) ; store y coord
move.w#TCRight,6(a4d) ; sters x coord

; Push parameters lor NewControl
cir.l -(sp) . NewControi retums a handle
move.! WOHATCP!r,-(sp) ; the window ptr
pea TRect ; the rectangle bounding the control
pea ‘Hearing Aid On’ ; title
move.b #TRUE,-(sp) ; visible
move.w#0,-(sp) ; value
move.w#0, -(sp) : min
move.w#1 -(sp) , max
move.w#1,-(sp) ; check box proc id
move.l #Q,-(sp) ; refcon not used

; Cail NewControi
_NewControl
lea AidControl,a3
move.] [sp)+,(a3) ; store the result

; Setl up the controls bounding rectangie.
lea TRect,a4
maove.w#TCCHinitY+1*TCCilFHeight,(a4) , store y coord
move.w#TCCtlnitX,2{a4) . store x coord
move.w#TCCtiinitY+1°TCClIFHeight+20,4(a4) , store y coord
move.w#TCRight,6(ad) ; store x coord

; Push parameters for NewControl
elr.l -{sp) ; NewCantrol returns a handle
move.! WDHATCPtr,-(sp) ; the window ptr
pea TRect . the rectangle bounding the controi
pea ‘Input Attenuation’ ; title
move b #TRUE, -(sp) . visible
move.w#Q,-(sp) ; value
move.w#0,-(sp) ; min
move.w#1,-(sp) . max
mave.w#1 -(sp] ; check box proc
move.l #0,-(sp) ; refcon not used

; Cail NewControl
_NewContro!
lea IAControl,a3
move.! (sp)+ (a3) ; store the resuit

; Set up the controls bounding ractangle.
fea TRect,a4
move.w#TCCtlnitY +2' TCCtIFHeight,(ad) : store y coord
move.w#TCCtiinitX,2(a4) ; store x coord
move.w#TCCtlinitY+2* TCCtliFHeight+20,4(a4) ; Store y coord
move.w#TCRight,6(a4d) , store x coord

; Push parameters for NewControl
cir.l -(sp) ; NewControl returns a handle
move.l WOHATCP!r,-(sp) ; the window pfr
pea TRect ; the rectangle bounding the control
pea ‘Outpul Attenuation’ ; ftitle
move.b #TRUE,-(3p) s visible
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move.w#0,-(sp) ; value
move.w#0,-{sp) ; min
move.w#1,-(sp) ; max
maove.w#1,-(sp) . check box proc id
move.| #0,-(sp) . refcon not used
; Call NewControl
_NewControl
lea QAControl,ad
mava.| (sp)+.(ad) ; store the result
; Set up the controls bounding rectangle.
lea TRect, a4
move.w#TCCtinitY+3°TCCtIFHeight,(ad) ; store y coord
move.w#TCCtlnitX,2(a4) ; stora x coord
move.wA#TCCtInitY +3* TCCliFHeight+20,4(a4) ; store y coord
move.w#TCRight,6(a4) ; store x coord
; Push parameters far NewConirol
clr.l -{(sp) ; NewControl returns a handle
move.] WDHATCPIr,-(sp) ; the window ptr
pea TRect ; the rectangle bounding the contral
pea 'Field Mike' ; title
move.b #TRUE,-(sp) ; visible
move.w#1,-(sp) ; make Field mike on as the dafaull
move.w#G,-{sp] ; min
move.w#1,-{sp) ; max
move.w#2,-(sp) ; radio button proc id
move.l #0,-(sp) ; rafcon nat used
; Call NewControl
_NeawControl
lea FieldControl,a3
move.l (sp)+,(a3) ; store the resuit
; Set up the controls bounding rectangle.
lea TRect,a4
move.w#TCCtlnitY+4*TCCtIFHeight. (a4} . store y coord
move.w#TCCtinitX, 2(a4) ; store x coord
move.w #TCCtInitY+4*TCCtiFHeight+20,4(a4) ; slore y coord
move.w#TCRight,6(ad) ; store x coorg
; Push parametars for NewConirol
cir.| ~{sp) ; NewControl returns a handle
mave.! WDHATCPtr,-(sp) ; the window ptr
pea TRect ; the rectangle bounding the contral
pea 'Probe Mike' ; title
move.b #¥TRUE,-(sp) ; visible
move.w#0,-{sp) ; value
mave.w#0,-(sp) T min
mave.w#1,-{sp) , max
move.w#2,-{sp) ; radio button proc
move.l #0,-{sp) ; refcon not used
; Call NewControl
_NewControl
lea ProbeControl,a3
move.l (sp)+.(a3) ; store the result
. Set up the conirols bounding rectangle.
lea TRect,ad
move.w#TCCHInitY+5°TCCtIFHeight,(a4) ; store y coord
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move.w#TCCtlInitX,2(a4) ; store x coord
move.w#TCCHInitY +5 TCCliFHeight+24,4(ad) ; store y coord
move.w#TCCtInitX+40,6(a4) . store x coord
;. Push parameters for NewControl
clr.} -(8P) ; NewControl raturns a handle
mava.l WDHATCP!r,-(sp) ; the window ptr
pea TRect ; the rectangle bounding the control
pea ‘Start’ ; title
mave.b #TRUE,-(sp}) ; visible
move.w¥0,-(sp} ; value
move.w#0,-{sp} ; min
move w#0,-(sp} ; max
move.w#0,-(sp) . simple button proc id
mova.) #0,-(sp) ; rafcon not used
; Call NewControl
_NewControl
loa StartControl,ad
movsa.l (sp)+,(a3) ; store the resuit
movem.] (sp)+,d0-d7/a0-a6
118

TCAddBoxss:
movem.| d0-d7/ab-a8,-(sp}
le TextHandles,a3
lea TextRects,ad
move.w#ToneBursis,d4

TCABLoop:
cmp.w #TextBoxes,d4

TCABDone

; TENew

: Get Dastination Rect in TRec1
lea TRect,a2
mova.l (a4),(a2)
movea.l 4(ad),4(a2)

; Make it a litfle smaller
pea TRect
move.w#1,-(sp)
move.w#1,-(sp)

_InsetRect
; Call TENew
cir.! -(sp) ; maks room for handle result
pea TRect ; dest rect
pea TRect : view rect
_TENaw
move.l (sp)+,(a3)+
lea 8(ad), a4
addw #1,d4
bra TCABLoop
TCABDone:
lea TextHandles,a4
; Default Tone Burst Is 3
pea '3 ; incorporate the text
add.t #1.(sp) . move past the langth
move.l #1,-(sp) ; Ws 1 character long
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mova.! {(ad)+,-(sp)

_TElnsert

; Default Rise Time is 309
pea '309°
add.! #1,(sp)

move.! #3,-(sp)
move.| (ad)+,-{sp)

_TEinsert

; Default Signal On is 2455
pea '2455°
add.! #1,(sp)

move.l #4,.(sp)
move.! {(ad)+,-(sp)

_TEinsert

; Default Fall Time Is 309
pea '309°
add.! #1,(sp)

move.l #3,-{sp)
move.l (ad)+,-(5p)

_TElnsaert

; Default Signal Off is 3069
pea ‘3069’
add.| #1,(sp)

move.l #4.-(sp}
move.l (ad)+,-(sp)

_TEinsert

: Default Frequency Is 2000
pea '2000°
add.! #1.(sp)

move.i #4,-(sp)
move.l {ad)+,-(sp)

_TEilnsert

; Defauit Attenuation is 20
pea ‘20"
add.| #1,(sp)

move.l #2,-(sp)
move.l (ad)+,-{sp)
_TEinsert
movem.|
rts

{sp)+,d0-d7/a0-a6

; Name:; WDHATCldle

; Function: This routine blinks the caret of the active text box.
; called each time through your main event loop.

; Input: None

; Qulput: None

WDHATCIdle:
movem.| a0-a8/d0-d7,-(sp)
lea TextHandles,ad

move.wWActive,d4

bmi TCiNoneActive
asl.w #2,d4

move.l (a4,d4.w),-(sp)
_TEldis

93

136

; incorporate the text
move past the length
it's 3 characters lang

; incorporate the taxt
move past the length
it's 4 characters long

incarporate the text
move past the length
It's 3 characters iong

; incorporate the text
move past the iength
It's 4 characters long

incorporate the text
move past the length
W's 4 characters long

. incorporate the text
move past the length
It's 2 characters long

It shouid be

; which one is active?

-1 means none

; *4 for long offset
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TCINoneActive:
movam.i (sp)+.a0-a6/d0-d7
rts

; Name:WDHATCKey

; Function: Call WOHATCKey when the TC window is active and a kaypress
. event is active.

; Input: The char (from the event's message field) as a word.

. Qutput: None

WDHATCKey:
movem.| a0-a6/d0d-d7,-(sp)
lea TextHandles, a4
move.wWActive d4 ; which ona is active?
bmi TCKNoneActive ; -1 means none
aslw #2.d4 . %4 for long offset
move.wb4{sp),-(sp) ; push the char
move.l (a4,d4.w),-(sp)
_TEKey

TCKNonsActive:
movem.} {sp)+,a0-a6/d0-d7

; remove parameter from stack
mova.l (sp),2{sp) . move return address
clr.w  (sp)+ ; remove extra space
rts

. Name; WDHATCIS

. Function: This routine returns a Boolean telling whether or not

: the given window pointer Is the TC window's pointer.

; Input: A window pointer (passed on the stack)

; Output: a word, TRUE or FALSE (defined in WDHA hdr) retumed on the stack.
. “"Note: You do not have to push a word for the result of this rautine.
WDHATCIS:

movem.| adi/d4,-{sp) ; save registers
move.} 8(sp),a4 ; get ratum address in a4
move.l 12{sp),d4 ; got WindowPtr in d4
cmp.| WDHATCP1r.d4 ; Was it our window?
beq 1S10 s
move.w #FALSE 14(sp) ; save result
bra 1520

1S10:
move.w #TAUE 14{sp)

1520:
move.| a4, 10(sp) ;. put return address back
moveam.| (sp)+,ad4/d4 . restore registers
tst.w (sp)+ ; get rid of axtra two bytes
rts . ratarn

; Name: WDHATCControl

; Function: This routine shauld be called whenaever a mousedown event occurs
; within the cantents of the TC Window. [t handles the hilighting of the

; proper control buttons, and sends the proper recards to the WOHNA.

. Input: The mouse location (on the stack), from the event's where fieid.

; Output: None

WOHATCControl:
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movem.|
move.l WDHATCP1r,-(sp)
:PRCCEDURE SetPort (gp: GrafPort)

_SetPort
port
pea  64(sp)
_GlobalTolocal
; Was it in a contral button?
ButtonCheck:
; call FindControl
clr.w -«(5p)

move.] 66(sp),-(sp)
move.l WDHATCPtr,-(sp)

pea WhichContral
_FindControl

tst.w (sp)+

lsa WhichCaontroi,a4
tst.| (a4)

beq TBChaeck
; if it was in a control, call TrackControi
cleew  -(sp)
move.l WhichControl,-{sp)
move.l 70(sp),-{sp)
move.| #0,-(sp)
_TrackControl
tst.w (sp)+

beq
; Was it the Starnt Button?
mave.| StariControl,d4

lea WhichContraol,ad
cmp.l  (ad).d4
bne lnvControl
bar WODHATCDoTest
bra NoChan

. invert the control vaiue

InvCaontrai:

clrw -{sp)
move.l WhichCaontrol,-(sp}
T _GetCtiVaiue

move.w(sp)+,d3
notw d3
andw #1,d3
move.l WhichCantrol,-(sp)
move.wd3,-(sp)
_SetCtiValue

; Was it the Field button?
move.! FialdControi,d4

Ilsa WhichControl,a4
cmp.l (a4),04
bne NotFiald

; Otherwise invert the Probe mike
cir.w  -(sp)

move.} PrabeControl,-(sp)

d0-d7/a0-a6,-(sp)
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. WOHATCPtr on stack
; Make sure it's the current

: push address of point
;. convert it 1o tha window's cocrds

; returns a long
; push point in local coords
; WOHATCPtr on stack
; which cne?
; pop result

; Was it in any of them?
. it not try the text boxes

; returns a ward

; WhichControl now has the handle
; starting poeint

. no action proc

: did they change the button?
; if not then leave

. if not then forget it
; otherwise do the test
. and leave

; GatCtiValue retums a word

; now value is in d3
, invert the status

; s81 button

. if nat then forget it

; GetCtlValue retums a word
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_GetC1Valus
move.w(sp)+,d3 ; now vaiue is in d3
notw d3
and.w #1,d3 ; invart the status
move.l ProbaControl,-(sp)
move.wd3,-(sp) : turn off Probe duttan
_SetClivValue
bra NoChan
; Was it tha Probe button?
NotField:
move.l ProbeControl,d4
lea WhichControl,a4
cmp.] (ad),d4
bne NoChan ; if not then forget it
: Otherwise invert the Field mike
cle.w  -(sp) : GetCtiValue returmns a word
move.l FieldControl.-(sp)
_GetCliVaiue
move.w(sp)+,d3 : now value is in d3
notw d3
andw #1,d3 ; invert ihe status
move.l FieldCantrol,-(sp)
move.wd3,-{sp) : turn off Probe button
_SetCtiValue
bra NoChan
T8Check:
foa TextRects,ad
move.w#ToneBursts,d4
TBCLoop:
cmp.w #TextBoxes,d4
beq NoChan
clr.w -{sp} ; make room for resull.
| move.! 66(sp).-(sp) ; push the mouse point.
| move.! a4, -{sp) ; the taxt boxes rectangle.
? _PtinRect ; Is the point inside.
i tst.w  (sp)+ ; i so we've found the right one.
; bne TBFound
' lea 8{ad),ad ; Otherwise move !0 next rect.
add.w #1,d4 ; increment the counter
tbra TBCLoop
TBFound:
. Deactivate old active box
lea TextHandles,a3
laa WActive, a4
move.w(ad),d3 . Get oid active one
bmi TBNoneActive
asi.w  #2,d3 ; * 4 for long words
move.l {a3.d3.w),-(sp)
_TEDeactivate
TBNonsActive
move.wd4,(ad) . store new active one
asl.w #2,d4 ; counter * 4 since long words.
move.|l (a3,d4.w),-(sp) ; push the TEHandle
_TEActivate
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move.l 64(sp),-(sp) : push the point
cirw -(sp) ; don't exiend
move.l (a3.d4.w),-(sp) ; push the TEHandle
_TEClick
NoChan:
_PenNaormal
mavem.| (sp}+.d0-d7/a0-ab
mave.l (sp}+,(sp) , get rid of param
rts

; Name: TCDrawBoxes
: Function: TCDrawBoxes draws the text box portion of the TC window,
; including the headings and the text boxes themselves.

i Input: Nene
; Output: None
TCDrawBoxes:
movem.| d0-d7/ab-a6 -(sp)
peaa ERect ; erase the input portion of the window
_EraseRect
lea TextRects, 84
[E TextHandles,a3
mave.w#TCCtlinitY+16,d3 i initial y coord
DispString #10,d3,Tone burst count?
pea O(ad)
_FramaRect
pea ERect
move.! 0(ad),-(sp)
_TEUpdate
add.w #20,d3 ; move down
DispString #10,d3,Rise time sample count?
8(a4)
_FrameRect
pea ERect
move.! 4(a3} -(sp)
_TEUpdate
addw #20,43 . move down
DispString £10,d3,Signal on sample count?
pea 16{ad)
_FrameRect
" pea ERect
move.i 8(a3),-(sp)
_TEUpdate
add.w #20,d3 ; move down
DispString £210,d3,Fall time sampie count?
pea 24({a4)
_FrameRect
pea ERect
move.! 12{a3},-(sp)
_TEUpdate
addw #20,d3 ; move down
DispString #10,d3,Signal off sampie count?
pea 32({a4d)
_FrameRect
pea ERect
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move.l 16(a3),-(sp)

5,706,352

_TEUpdate

addw #20,d3 ; move down

DispString #10,d3,Frequency?

pea 40(a4)

_FrameRect

pea ERect

move.! 20(a3),-(sp}

_TEUpdate

add.w #20.d3 ; move down

DispString #10,83, Atten re max out {dB)?
48(ad)

_FrameRaect

pea ERect

move.| 24(a3),-(sp)

_TEUpdate

addw #20,d3 ; Move down

DispValue #10,03,Power = ,PDecimal

pea

_DrawString

lea KeyBuf,ad

move.l PFract,d0
move.w#0,-(SP)
_Pack?

pea KeyBuf
_DrawString
movem.i

rts

; Name: WDHATCDoTest

;Select NumToString

(sp}+,d0-d7/a0-26

; Function: WOHATCDoTest lills the paramrac with the proper values
; initiates the WDHA tast by sanding the paramrec out via the routine

; wdhatast.

; Input: None

; Output: Nane

WDHATCDaTest
mavem.|
lea paramrec,ad

, generate the gainfinput select word
move.w14{ad), d4

d0-d7/a0-ab,-(sp)

. save regisiers

; got the gain/input select word

146

; get the gain input select word in d0

. set input attenuation bit
; GetCtivValue returns a word

TCIA:

clrow  -{sp)

move.l |ACantrol,-{sp) ; the handle

_GetCtivalue

tst.w (sp)+

TCNolA

TCDolA:

bsat.l #INPUT,d4

bra TCOA
TCNolA:

beir.l  #INPUT,d4
TCOA:

clrow -(s5p)
move.] OAControl,-(sp)

. sael output attanuation bit
; GetCtiValue returns a word
; the handle
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_GetCtiVaiue
tst.w  (sp)+
TCNoOA
TCDaOA:
bset.| #OUTPUT.d4
bra TCField
TCNoQA:
belr.l  #OUTPUT,d4
TCField: ; sei the fisld mike bit
clr.w  -(sp) ; GetCtiVaiue returns a word
move.[ FisldControl,-{sp) ; the handle
_GetCtivValue
tst.w  (sp)+
beq TCNoFiald
TCDoField:
bset.| #FIELD,d4
bra TCProbe
TCNoField:
beir.l  #FIELD,d4
TCProbe: . seol the probe mike bit
clr.w -(sp) ; GetCtlvalue retums a word
move.l ProbeControl,-{sp) ; the handle
_GetCtValue
tst.w  (sp)+
beq TCNoProbe
TCDaoProbe:
bset.! #PROBE,d4
bra TCSendParams
TCNoProbe:
belr.! #PROBE,d4
TCSendParams:
move.wd4,14(ad) ; store the medified gainfinput select word.
lea paramrec,al
bsr TCCviBoxes
bsr wdhatest
lea argl,ad
move.l d6,(a4) ; put MS in arg!
pea argl
pea arg2
L2X ; canvert MS to extended in arg2
move.l d7,(a4) . put SMS in argl
pea arg1
pea arg3
fL2x ; convart SMS to extended in arg3
move.| #8388608,{a4) ;2723
pea argl
pea arg4
2x ; convest 2723 to extended in arg4
pea arg4
pea arg2
fdivx ; divide MS by 2*23 to move decimal point
pea arg4
pes argd
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fdivx : divide SMS by 2*23 to move decimal point
pea two
pea arg3
fdivx ; SMS/2
pea arg2
pea arg2
fmuix ; MS*2
pea arg2
pea argd
fsubx ; E in arg3
lea argt,a0
move.l #4342944,(a0)
pea argi
pea arg2
fL2x ; get 1000000°10/log base 8 of 10 in arg2
pea thousand
paa arg?
fdivx ; get three decimal places
pea thousand
pea arg2
fdivx ; now six decimal piaces
paa arg3
finx ; taka iog bass e of E
pea arg2

arg3
tmuix ; now Power = (10 * log base e of E)/(log base e of 10) in arg3
pea arg3
pea arg2
fx2x ; copy arg3 (Power) o arg2
pea arg?2
ftintx . Truncate resutlt
pea arg2
pea arg3
fsubx ; Now integer part in arg2, fractional part in arg3
pea thousand
pea argd
fmulx : 9ot three decimal places
pea thousand
pea argd
~fmuix ; now six decimal places
pea arg2
pea arg1
fx21 ; convert decimal part lo long integer
lea PDecimal, a0
move.i argil,{ad)
pea argd
pea arg1
fx2l1 ; canvert fractional part to iong integer
lea PFract.at
move.| argi,(al)
bpl PResult
tst.d {a0)
beq PResult
neg.i {al)
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; Print Result
PReasult:

bsr WOHATCDraw
; Now put the WOHA in either hearing aid state or idle state

cirw -(sp) ; GelCtiVaiue returns a word

move.! AidControl,-(sp) ; the handle

_GetCliValue

tst.w (sp)+

TCAIdOft

move.w#-1,d0 ; go 1o hearing aid mode

bra TCSetMode
TCAidOff:

move.w#-100,d0 ; go to idle mode
TCSetMode:

jsr scsiwr ;send mode code lo WDHA

movem.! (sp)+,d0-d7/al-a6 ; restora registers

rts

; Name: TCCvtBoxes

; Functian: TCCvtBoxes actually doss the work of filling the paramrec by
; converting the text of the text boxes to their appropriate values, and by
; calculating the sine and cosine factors from the specifisd frequency.

; input; None

; Output: None

TCCvtBoxes:
movem.| d0-d7/a0-a6,-(sp)
lea TextHandles, a4
move.w#ToneBursts,d4
TCCBLoop:
cmp.w #TextBoxes,d4
beq TCCBCone
move.wd4,d5
asl.w #2,d5 ; "4 for longs
move.l {a4,d5.w),a0 ; get the text handie
_HLock ; Lock the handie
mave.l (a0),a2 ; Dereference the handie
move.w60{a2),dé ; get telength
lea NumBuf,aé
move.b d6,{a6}) ; store the length of the string
clr.y -(sp) ; make room {or the result.
move.| a0,-(sp) ; get the text
_TEGetText
movea.l (sp}+.a3 ;getitin a3
mova.l a3,a0
_Hiock ; lock the hangle
move.l (a0),a0 , Dereferencs the handle, move src in a0
lea NumBufT,at  ; Destination is NumBufT
move.wd6,d0 . BlockMave expects length in dO
ext.| do ; axpects a long
_BlockMove
lea NumBuf,a0
move.w#1,-(SP)
_Pack? ; StringToNum puts result in do
lea ofisets,a1
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move.b {at1,d4.w),d1 ; get offset in paramrec of this entry

ext.w d1 . make it a ward.
lea paramrac,aQ ; get paramroc basg address
move.wd0,(a0,dt.w) ; store the value.
move.l a3,a0 ; Unlock the lext handie
_HUnlock
move.l (a4,d5.w),a0 : Unlock the TEHandle
_HUniock
addw #1,d4 ; go to next box.
bra TCCBLocp
TCCBDone:
; Now compute the slope delta values which are 16384/sample count
lea paramrec,ad
move.l #18384,4d0
move.w2(a4d),d1 . first do the rise time slope delta
beg RTSZero
divu d1,d0
move.wd0,4({ad)}
bra FTSOella
RTSZero:
move.w#$7FFF.4(ad)
FTSDelta:
mava.l #16384,d0
mova.w8({a4},d! ; now do the fall time slope delta
beq FTSZero
divu d1,d0
move.wd(0,10(a4)
bra TCCalcTrig
FTSZera:
move.w #57FFF,10(a4)
TCCaleTrig:

; Now send the parameters 10 the WDHA
mava.w Freq,d0

lea argl,atl
move.wdQ,(atT)
pea arg1
pea arg3 . arg3 wiil hold fp frequency
Fl2x convert from integer to extended fp
; Compute burst ampiitude
move.w Atten, d0
bpi AttenQK
cle.w a0
AttenQOK:
neg.w da
lea arg1,a0
move.w d0.(aQ) ; store Atten from max ouiput (dB) in arg?
pea arg1 ,dB gain
pea arg4 ipdB gain
Fiax ;convert from integer to extsnded fp
pea fp20dBe 20 * log base 10 of @ = 8.685889638
pea arg4 fpd8 gain
fdivx db/fp20dbe {result in argd)
pea argé
fexpx ;base e exponential (db ratio in arg4)
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pea twoexi4 ;scale it "2E14 1o convert it to fixed point
pea argéd
fraulx
pea argé
pea argl
fx2i .convert extended to integer
lea paramrac,ad
move.warg1,20(ad4) ; store the burst factor

: compute sine and cosine factors
; first get 27pi*ifts in argS

pea arg3 frequency
pea argh
fx2x :move arg3 to arg5 (frequency)
pea twopi 2 pi
pea args
fmulx smultiply 2 pi times f {result in argS}
pea p12277 . ;sampling frequency is 12277 Hz
pea args
{divx divide by fs (result in arg$)

; Now get cos factor
pea args
pea cosreg
fx2x imove argS to cosreg
pea cosreg
fcosx take cosine of cosreg
pea twoexi5s 2M5
pea casreg
fmuix :multiply by 2415
pea cosreg
pea arg1
fx2i ;convert extended io integer
lea paramrec,ad4
move.wargl,16(a4) ;store cosine factor

., Now do sine
pea args
pea sinreg
fx2x :move argS to sinreg
pea sinrag
fsinx stake sine of sinreg
pea ip1p95 ;1.95
pea sinrag
fmulx multiply by 1.95
pea twoax14 ;2414
pea sinreg
fmulx ;multiply by 2*14
pea sinreg
pea arg2
1x2i :convert extended to integer

lea paramrac,ad
move.warg2,18(a4) ;push sine factor
movem.| (sp}+,d0-d7/a0-aé

rts

jememeeauncoas WDHATC data declarationg------------eeecemmmaaneccncece.
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WDHATCPtr: DCL
AidControl: DCL
IAControl: DCcL
OAControl: DCL
FislgControl: DC.L
ProbaControl: OCL
StariControl: DCL

; WDOHATC WindowPtr

; Haaring Aid On Cantrot

; Input Attenuation Controi
; Output Attenuation

; Fiald Mike Control

; Probe Mike Contral

. Start Button Control

OO0 00O0

; Which Text Edit Record is active?
WActive: dew -1 ; -1 means none are active

TextHandles:
deb.! TexiBoxas,0

paramrec: 'WOHA parameter record for testcalibrate
dew 1 tone burst count
dew 0 ;rise time sample count
dew O fise time slope deita
dc.w 16384 ;signal on sample count
dew 0 fall time sample count
dew O fall time slope delta

de.w 16384 ;signal off sampie count
de.w 4224 gain/input select word

dcw O :cosine factor

dew O ;sine factor

dc.w 32000 burst amplitude

de.w 512 ;probe sample count (cumrently a constant)
dew 22 ;probe sample multiplier (currently a constant)

. The follewing are not really a part of the paramrec, but currently must
; follow it for the routina TCCviBoxes to work properly

Freq: dcw O

Atten: dcw O

; Power
PDecimal: de.| Q
PFract: dc.i Q
olfsets:
de.b o ;tone burst count is first entry
dc.b 4 :rise is second
dc.b [ ;on count is fourth
deb 8 [fall count is next
de.b 12 .0ff count is seventh
de.b 26 .fraquency is 14th (not really a parameter}
deb 28 ;atten is 15th (not really a parameter)
TextRects:

dc.w  TCCtllnitY+ToneBursis"20
dew  TCCHilnitX-88

dec.w  TCCtlnitY+«ToneBursts*20+20
de.w TCCtiinitX-20

de.w  TCCtlinitY+RiseCount 20
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dc.w  TCCiilnitX-88
de.w  TCCllnitY +RiseCount*204+20
de.w TCCHInitX-20

dc.w  TCCilnitY+OnCount*20
dec.w  TCCtlinitX-88

dc.w  TCCillnitY+OnCount”20+20
de.w TCCHinitX-20

de.w  TCClllnitY+FaliCount*20
de.w  TCCtlinitX-88

de.w  TCCtlnitY+FallCount*20+20
de.w TCCHltnitxX-20

de.w  TCCitlinitY+OffCount*20
dec.w  TCCtlInitX-88

dc.w  TCCtlnitY +QffCount*20+20
dc.w TCCtiinitX-20

dc.w  TCCtlnitY+Frequency'20
dc.w  TCCtliniiX-88

dc.w  TCCtlinitY+Frequency*20+20
de.w TCClinitX-20

dc.w  TCCtlinitY +Attenuata"20
de.w  TCCtlinitX-88

de.w  TCCtlnitY+Attenuate*20+20
de.w TCCHlinitX-20

WDHATCBounds: ; Bounding rect for window
DCW  TClnity
DCW  TChnitX
DCW  TCinitY+200
OCW  TCRight

ERect: : Bounding rectangle for part fo erase
DCW TCCtlinitY-8
ocw o
DCW TCCtinitY+7*TCCtIFHaight
DCW  TCCtinitX

TRect:

DCL ©

DCL © ;For calculating various rectangles.
TPoint: DCL 0 ;For caiculating mouse changs.
WhichControl: DCL © ; A control handle, for temporary storage.
NumBuf: pce o ; Bulfer for number convarsion (length here)
NumBufT. DCBB 79,0 ; Text here
KeyBuf: DCBB 80,0



argt
arg2
arg3d
arg4
args
cosrag
sinreg
xace
txreg

pi

twopi
zero

one
fp1p9s
two
twoex14
twoex15
twoex16
ten
hundred
thousand
fp12500
fp12277
fp20dBe
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dcb.w
dcb.w
deb.w
dcb.w
dcb.w
decb.w
dcb.w
dch.w
dcbh.w
de.w
de.w
de.w
do.w
de.w
dc.w

de.w
de.w
dec.w
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jinteger buffer

;extended floating point buffer
;extended floating point buffer
extended floating point buffer
;extended floating paint buffer
sroom for cosine factor

;rcom for sine factor

' ;extended accumulator

8, temporary extended register
$4000,5¢908,55604,$1893,$74b¢
§4001,5¢900,55604,$1883,$74be
$0000,50000,$0000,50000,50000
$3111,58000,$0000,50000,50000C
$3111,51999,89999,$9999,5999a
$4000,$8000,50000,$0000,30000

dc.w  $400d,$8000,$0000,50000,$0000
dc.w  $400e,$8000,$0000,$0000,$0000
de.w  $400f,$8000,50000,$0000,§0000
$4002,3a000,$0000,$0000,$0000
$4005,$c800,50000,$0000,$0000
$4008,%ta00,$0000,$0000,50000

dc.w  $400¢,$¢350,$0G00,$0000,$0000
dew  $400c,$bfd4,$0000,50000,50000
dc.w  $4002,38a19,$d522,$d0e5,$6042

mnpmm

~

2w
(ol sReNaNoNoNole)

~
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; WDHATC.har

: This file must be included if your program uses the

. WDHA TestCalibrate window.
XREF  WDHATCOpen
XREF WDHATCClose
YREF  WDHATCShow
XREF WDHATCHide
XREF  WDHATCDraw
XREF WDHATCControl
XREF  WDHATCldle
XREF WDHATCKey
XREF WDHATCIS
YREF WOHATCDoTest
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; file WOGHAFC.Asm
; This file contains two routines which read texi files containing
; numeric expressions, and download the numbers to the digitai hearing

; aid. The routine WOHAFCSet is used in the Aid13 program to download

; filter tap costficients 1o the hearing aid. The routine WDHASetFileParams
: is used to download paramsters for the SS15 spectral shaping program.
f ; The text files accassed by these routines must contain integer numbers

: seperated by any chracter which is nonnumeric and not '~ (generaily spaces,

; tabs, or camiage retums). The text files accessed by WDHAFCSet can also

’ : confain simple numeric exprassions of the form A/B, where A and B are
; integers.

Include MacTraps.D

Include ToolEquX.D

Include SysEquX.D

Include QuickEquX.0

Inciude FSEqu.D

Include MDS2:WDHADisk.hdr

Include MDS2:WDHASCSI.hdr

XDEF WODHAFCSet
XDEF WDHASatFileParams

; Constants for division

NoDiv & O ; Haver't seen a /"

ReadOne B 1 ; Raad first operand

DoDiv EBEQU 2 ; Read sacond operand, so don't division.
f ; Name: WDHAFCSat

; Function: This routine uses the SFGelFile dialog to get the name of the file
from the usar, then apens the file, converts it's contents from text form
to binary integer form, then downloads it to the hearing aid.

; Input: None
; Output: None
WOHAFCSet:
movem.| d0-d7/a0-a6,-(sp)
; Da SFGetFile
move.l #300480048,-(sp) . where
pea ‘Which Filter Coefficient File?' ; prompt
move.| #0, -(sp} . fileFiltler procedure
move.w#-1,-{sp) : display all types of fites
paa FTypes : typelList
move.| #0,-(sp) ; digHook
pea Reply ; SFRegly
move.w#2,-{8p) ; trap to SFGetFile
_Pack3
: . Did thay choose a file?
i lea good,a3
N tst.w ({ald)
; beg DoneFCSet
§ ; Yos, open it.
; lea {Name,at ; file name pointer
bsr DiskOpen
tstw o , test ioRasuit
bne DoneFCSet
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; Now d2 has ioRefNum
move.w#1,d1 ; read one sector

lea myBuffer,at
bsr DiskRead
bsr DiskClose

; Now cenvert text buffer o words
move.w#64,d3 ; d3 will be a countsr

move.w#NoDiv,dé ; d6 tells if we should divide or not
fea myBuifer,a1
lea numRec,a2

FCloop
lea numBufter,ad

; Convert from text buffer to a string
clr.w dé . count length of string

FCSLoop:
move.b (a1)+.d5
cmpb #'/°,.dS
bne FCSNoiDiv
move.w#ReadOne,dé
bra FCSDone

FCSNotDiv
cmp.b #'-',dS
beq FCSGo
cempb #'Q0',dS
bio FCSDone
cmp.b #'9,d5
bhi FCSDone

FCSGo:
add.w #1,d4
move.b dS, (a0}«
bra Fi

FCSDona:
lea numString,a0
mova.b d4,(a0)
move.w#1 -(SP)
_Pack? ;StringToNum - cvt numString to word in dO
cmp.w #NoDiv,d6 ; Are we dividing?
beq FCSDone2
cmp.w #ReadOne,d6é ; Have we read one?
bne FCSDonet
addw #1,d3 ; This one worr't really count
move.w#DoDiv,dé ; Next time we'll divide
bra FCSDone2

FCSDanet:
cmp.w #DoDiv,d6 . Should be dividing if we reach here
bne FCSDone2

; move.wd0,d1 ; get tha divisor in dt
' lea -2{a2),a2 ; back up the pointer to the first operand

move.w(a2),d0 . get the first operand
axt.l do . extend dest of divs 1o lang
divs d1,do
move.w#NoDiv,d6 ; finished this divide
bra FCSDone2

FCSDane2:
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move.wd0,(a2)+ ;store  resuit
sub.w #1,d3
bne FCloop
; Send the coefficients to the WDHA
laa numRec,a0
bsr SstCoefficients
DoneFCSst:
moverm.| {sp)+.d0-d7/a0-a8
rts

; Name: WDHASeiFileParams

, Function: This routine uses the WOHAGetFile dialog to get the file name

from the user, then opens the file, converts it's cantents from text form
1o binary integer form, then downloads it to the hearing aid.

’

; Input: None
; Output: Nane
WDHASelFileParams:
movem.| dQ-d7/a0-a6,-(sp}
: Do SFGefFile
move.! #$00480048,-(sp) ; whare
pea ‘Which Set Params File?' ; prompt
move.| #0,-(sp) . filaFilter procedure
mave.wi#-1 -(sp) i display all types of files
pea FTypes 1 typelist
move.l #0,-(sp) , digHook
pea Reply ; SFReply
move.w#2,-(sp) ; trap ta SFGetFile
_Pack3
; Did they choose a file?
lea good,ald
tst.w (a3)
beq DoneFileSet
; Yes, open it
lea fName,a1 ; file name pointer
bsr DiskOpen
tst.w dl ; test ioResuit
bne DoneFileSet

; Now d2 has ioRefNum
move.w#3,d1 ; read three sectors

lea myBuffer,a1t
bsr DiskRead
bsr DiskClosa
; Now convert text buffer to words
move.w#320.d3 . d3 will be a counter
lea myBuffer,at
lea numRec,a2
FileQuterLoop:
iea numBufier,a0
; Convert from text buffer to a string
cir.w dé ; count length of string
FileLoop:
move.b {a1)+,d5
cmp.b #'-'d5
beq FileGo
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cmp.b #'0'.d5

blo

cmp.b #'9'.dS

bhi
FileGo:

add.w #1,d4

FileDone

FileDone

move.b d5,{a0)+

bra
FileDona:
lea

mave.b d4,(ad)

FilelLoop

numString,a0

move.w#1,-(SP)

:StringToNum - cvt numString to word in d0

5,706,352

store  result

; length

_Pack?
move. wdd,{a2)+
subw #1,43
bne FileQutertoop
; Send the coefficients to the WDHA
lea numReac,a0
bsr SetFilaParams
DonefilaSst:
movem.) (sp}+,d0-d7/a0-ad
rts
Reply:
good: dew O
copy: dew Q@
fType: dc.w 0
vRefNum dew 0
version: dew O
iName: dcb.b 64,0
FTypes: de.l TEXT
numString: dc.b [¢)
numBuffer: dcbb 63,0 ; text
numRec: dcb.w 320.0
myBuffer: decb.b 1536,0
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: WOHAFC.hdr
. This file must be included if your program uses the
; Set Fitter Coefficients function.

YFEF  WDHAFCSe!

XREF WDHASetFileParams
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; WDHASCSI.Asm
; This file contains routines for sending records back and forth
; between the Mac and the WDHA via the SCS| bus interfacs.

Inciude MacTraps.D
Include SysEquX.D
include ToolEquX.D
Include MDS2:WDHA.hdr

XDEF SetParam

XDEF SetCoefficients
XDEF  SetFileParams
XDEF  wdhatest

XDEF  SCsSlinterrogate

XOEF  SCSiwr
XDEF SCSIRd
XDEF SCSIBTst

;scsi bus bit assignments

abs equ 1 ;assert data bus

dbs equ Q :deasser data bus

ack equ Q :assart acknowledga lina
dek equ 18 sdeassert acknowledge line
atn equ 0 :assert attention line

dtn equ 2 :deassert attention line

:Set WDHA parameters subroutine
;calling protocol

; {ea paramrec,a0 ;set pointer to set parameler recard
H jsr SetParam
SetParam:
movem.] a0-a6/d0-d7,-(sp) save registers
clr.w  ~(sp)

bsr SCSlinterrogate
move.w(sp)+,dQ

beg @4
cmp.w #-100,d0 ;SS151D
beq @4

176

move.] #8-1,d1
mave.w#-2, 40

;set loocp counter
;get -2 mode code (se! aid parameters)

isr SCSiwr ;send mode code o WDHA
@1 jsr ScsiBTst test for WDHA
beq @1 ;ready
@2 move.w{al)+d0 ;get parameter
jst SCSIWT :sand parameter toc WDHA
@3 jsr S5csiBTst Jdest for WDHA,
beq @3 ;raady
dbra di,@2 icheck end of loop
move.w(a0)+,d0 ;get last parameter
jsr scsiwr ;send last parameter o WDHA
@4
movem.} (sp)+,a0-a6/d0-d7 restore registers
rts
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:Set WDHA filter coefficients subroutine

;calling

SetCoe

@1

@2
@3

;Set file parameters subroutine
:cailing

:“ae!FiIs

@1

@2

protacol

lea corec,at
jsr SetCosfficients
fliciants:
movem.|
move.w#-4,d0
isr scaiwr
jsr ScsiBTst
beq @
move.! #63,d1
move.w(a0)+,d0
jsr scSiwr
jst ScsiBTst
beq @3
subw #1,d1
bne @2
move.w({al)+ d0
jsr scsiwr
movem.!

rts

protocot

lea filerec,a0
isr SetFiileParams
Params:

movem.i

move.w#-5,d0
jsr scsiwr
isr ScsiBTst
beq @1

move.l #319,d1
move.w({aQd}+,d0

jsr SCSiwr
jsr ScsiBTst
beq @3
subw #1,d1
bne @2
move.w(a0)+,d0
jsr SCSiwr
move.w#-1,d0
jsr scsiwr
movem.|

rts

; WDHA test subroutine

a0-a8/d0-d7,-(3p)

{sp)+,a0-a6/d0-d7

a0-a6/d0-d7,-(sp)

(sp)+,a0-a6/d0-d7

;set pointer to array of coefficients

save registers
.get -4 mode code {set aid coefficients)
;send mode code 10 WDHA

stest for WDHA

;ready

;sel loop counter

;g8t parameter

:send parameter to WDHA

Jtest for WDHA

;ready

;chack end aof loop

;get last paramater
;sand last parameter to WDHA
;restore registers

;88t pointer to array of 320 coaticients

;save regislers
.get -5 mode code {set aid coefficients)
;8end mode code to WDHA
dest for WDHA
;teady
;set loop counter
:get parameter
;send parameter to WDHA
itest for WDHA
ready
check end of loop

;get last parameter

:send last parameter t0 WOHA

iget -t mode code (hearing aid mods)
:send mode code to WDHA

;restore registers

;calling protocol

loa paramrac,ald ;set pointer to sel parameter record
; jsr wdhatest
; upon exit:

; d6 has the mean sum

114



et

L

; d7 has the square mean sum
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wdhatest:
maovem.|
move.w#-3,d0
jsr SCSiwr
@1 isr ScsiBTst
beg @1

@

aQ-a6/d0-d5,-(sp}
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;save registers
:;got -3 mode code (tast/calibrate)
:send moda code to WDHA

Host for WDHA

;ready

move.l #13,d1 ;set loop counter (do all but las)

move.w(al)+,d0

Ist SCSiwr
subqb #1,d1
bne @2

; read proba sampie

@4

jsr ScsiBTst

: read mean sum

beq @4
clr.l 40
jsr scsiwr

isr scsird
move.wd0,d6

swap d6
clr.l dO

jsr scsiwr
jsr scsird
move.wd0,dé
aslw #7.d6
asr.l #7,d6

; read the mean square sum

cir.| do

isr scsiwr
isr scsird
move.wd0,d7
swap d7
cir.l do

jsr scsiwr

jsr scsird
move.wd0,d7
asl.w #7,47

~asr.l #7,d47

movem.|

; Name: SCSIWr
; Function: Send the 16 bit integer in dO 1o tha hearing aid via the SCSI bus.
; Input: dQ contains the word to write.

(sp)+.20-a6/d0-dS

;gat parameter
;send parameter 1o WOHA

;check end of loop

test for WDHA bit

;write dummy to wdha
;read high 16 bits
;store in d6

;get it in high word

write dummy to wdha

;read low 9 bits

;stors in d6

;shift it teft to the most sig word.
;shift the whole thing right.

write dummy to wdha
;read high 16 bits
istore in d7

;get it in most sig word.

write dummy to wdha

;read low 9 bits

store in d7

;shift it left to the most sig werd.
;shift the whole thing right.
;rastore registers

; Output: None

SCSiwr:
movem.| d0-d3,-(SP)
move.b #abs+dck+dtn,$580011 ;assert data bus
move.w#1,d2 ;set the
roxr.w #1,d2 ;extend bit
move.w#17-1,d2 ;set locp counter

@1: roxl.w #1,d0 ;move in next bit

move.wd0,d1

:copy d0
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andw #1.dt imask is bit
move.b d1,$580001 wrile to output data bus
move.b #abs+ack+din, $580011 .assert acknowledge (clock into wdha)
move.b #abs+dck+din, $580011 :deassert acknowledge {(clock into wdha)
dora  d2.@1 Jloop counter
move.w#1000,d3 write delay
@2 dbra  d3,@2
move.b #dbs+dck+dtn $580011 :.deassert data bus and al!
movem.| {SP)+,d0-d3
rts
: Name: SCSIRd
; Function: Read a word from the SCSI bus in register d0.
, Input: None
. Output: dO contains the word red
SCSIRd: movem.| ¢t.d3,-(SP)
move #16-1,d2 ;set loop counter
move.b #dbs+dck+dtn,$580011 ;deassert data bus and ail
@1 asl.w #1,d0 :shift
move.b $580000,d1 sread data bus
move.bh #dbs+atn+dck,$580011 ;assert attention (clock out wdha)
and.w #2,d1 :mask input bit (bit 1)
asr.w  #1.d1 ;put in paosition €
add.w di,d0 ;add hit 1o data
move.b #dbs+din+dck,§580011 :Jeasseri attention (clock out wdha)
move.wi#250,d3 .deassart-assert delay
@2 dbra d3,@2
dbra d2,@1 ;sloop countar
movem.| (SP)+.d1-d3
rts

;Test SCSI read bit (Bit 1}, Returns with d0 = 0 or 2

SCSiBtst:

; i the mouse button is pressad then stop communication
movem.| a0-a1/d0-d2,-(sp) ; save registers
cir.w -(sp)

_Button

tst.w (sp)+

bne StopCom

movem.} (sp)+,a0-31/d0-d2

move.b #dbs+dck+din, $580011 ;deassert data bus and all
move.b $580000,d0 read SCSI bus

and.w #2,480 ;mask position 1

rts

. Il the button is pressed during communication we set the hearing aid
; 10 idle and raturn to the main loop, Note that extra parameters may
; be {eft on the stack from the routines which called SCSIBtst.

StapCom:
movae.w#-5.d0
bsr SCSiwr
bsr SCSIWr
movem.| (sp)+,al-a1/d0-d2 ; Restore registars
cle.l  {sp)+ ; Pop SCSIBIst return address
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| bra EventlLoop

; Name: SCSliinterrogate
; Function: Interrogate the hsaring aid to determine which program it is running,
: returning the program identifiar code that the hearing aid sends back.
R If the hearing aid does not respand within a certain timeout period, the
; routine returns with zero as the resull.
; Input: None
; Qutput: The program coda (on the stack)
;"**Nate: The user should push a word for the resuit
SCSlinterrogate:
movam.| d0-d7/a0-a6,-(sp)
mova.w#-10,d0 :interrogate WDHA for program type
bsr SCSiwr
clr.w d0
move.w#20000,d7
@1 subw #1,d7

beq @2
jsr ScsiBTst test for WDHA
beq @1 ready
@2 jsr scsird ;raad high 16 bits into dO
move . wd0,64(sp)
move.w#-1,d0 ;set hearing aid mode
bsr SCSiwr
movem.| {sp)+,d0-d7/a0-a6
ris

(R T
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; WOHASCSI.hdr

PROBE EQU
FELD B
INPUT BQU
CUTPUT

SetParam
SetCoefficients
SelFileParams
SCSlinterrogate
wdhatest

SCSIwr
SCsiRd
SCsSIBTst

8
12
7
BU 10

5,706,352
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;WDHADisk.asm file

Include FSEqu.D

Include MacTraps.D : Use System and ToolBox traps
Include ToolEquX.D . Use ToolBox equates
Include SysEquX.D

Include QuickEquX.D

XDEF DiskCreate
XOEF DiskRead
XDEF DiskWrite
XDEF  DiskEject
XDEF  DiskOpen
XOEF DiskClose
XDEF DiskSetFPos
YDEF  DiskSetEOF
XDEF DiskSeiFinfo

joNamePtr equ 18 :not included in .d files
ioFVersNum aqu 26 :not included in .d files
ioMisc equ ioRefNum+4 ;not inciuded in .4 files
DiskRead:

;assumes d2 contains ioRefNum

;assumes di contains number of 512 byte sectors to read
;assumas al poinis to the huffer to fill

returns with a0 pointing to parameter block on stack
;and with ioResult in d0

ithe numbar of bytes actually read is returnad in d3 {long)

moveq #ioVQEISize/2 - 1,d0

@1: cir.w -(sp) :make room on stack for
dbra  do,@1 for parameter block
move.l sp,ad ;set AO for file manager call

move.wd2,ioRefNum(a0})

188

;and to access parameters in block

mulu  #512,d1 imuttiply number of sactors by 512
move.| d1,icReqCount{a0) ;sactors required

divy #512,d1 restore dt

move.] al,ioBuffer(ag)

_Read

move.l ioAciCount{al) d3
add #ioVQEISize,SP
ris

DiskWrite:
;assumes d2 contains ioRefNum
;assumas d1 contains number of 512 byte sactors to write
;assumas al points to the buffer to wrile
:retums with ioResult in dO
;and a0 pointing ‘o parameter block on stack
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moveq #ioVQEISize/2 - 1,d0

@1: clr.w -(sp) :make roam on stack for
dbra  d0.@1 for parameter biock
move.! sp,ad ;set AQ far file manager call
move.wd2 ioRefNum(al) :and to access parameters in block
muiu  #512,d1 ;sectors to write * §12 = bytas
move.! di,ioReqCount(a0) ;blocks of 512 bytes required
divu  #512,d1 ;restors d1
move.! at, ioBuffer(a0)
_Writa
add #ioVQE!ISiza,SP
rts
DiskSetFPos:

;assumes d2 contains ioRefNum

;assumes d1 contains sector number 1o position at.
:returns with inResult in dO

:and a0 poinling 1o parameter block on stack

moveq #ioVQEISizes2 - 1,d0

@1: clr.w  -{sp) ;make room on stack for
dbra d0.@1 Jor parameter block
mova.l sp,ad ;set AO for file manager call
move.wd2,ioRefNum(a0) ;and to access parameters in block
move.w#1,icPosMode(a0) :0 at current pasition

;1 relative to beginning of media
;3 relative to current position
mulu  #512,d1
move.] d1,ioPosOffset(aC) :blocks of 512 bytes required
divu  #512,dt

_SsiFPos
add #ioVQE!Size, SP
rts

DiskClesa:

;assumes d2 contains icRafNum
;returns with ioResult in d0
.. and a0 pointing to parameter block on stack

moveq #ioVQEISizes2 - 1,d0

@1 clr.w -{sp) :make reom on stack for
dbra  dO,@1 sfor parameter block
mova.l sp,al ;sat AO for file manager call
;and to access parameter block
move.wd2,icRefNum(a0) sioReMum in d2 from open routine
close

add #ioVQEISize,SP
rts

1 d3 contains the drive number 1o sject
DiskEject:
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maveq # ioVQEISize/2 - 1,d0
clr.w  -(sp)

dbra  d0,@1

move.| sp,ad
mave.w#-5,icRefNum(a0)
mova.wd3,ieDrvNum(ao)
move.w #ejectCode,csCode{al)
_Eject

add #ioVQEISize,SP

rts

DiskCreats:

;assumes al painting to file name buffer
;raturns with a0 pointing to parameter block on stack
:d3 contains the drive number to create the file on.

moveq RioVQEISize2 - 1,d0
clr.w  -(sp}
dbra  d0,@1
move.[ sp,al iset AD for file manager cail
:and to access parameter biock
move.| al,ioNamePtr(a0) iput name pointer in parameter block
mave.b #0,ioFVarsNum(a0) version number, always use zera
;per page il-81, inside mac
move.wd3,ioVRefNum(a0) drive #
_Create
add #ioVQEISize,SP
rts

DiskOgen:

;assumas al pointed to file name buifer

sreturns with a0 pointing to parameter block on stack
jioRafNum in d2 and ioResuit in d1

;upon return d3 contains the drive number 1he file was found on

moveq #ioVQEISize/2 - 1,d0
clir.w -{sp)
dbra do,@1

" move.| sp,a0 ;set AQ for file manager call

:and to access paramater block
move.l al,ioNamePtr(a0) putl name pointer in parameter block
maove.b #0,ioFVersNum(a0) wversion number. always use zero

per page 1181, inside mac

move.w#2,ioVRafNum(a0) ;external drive

_Opsn

mava.w#2,d3 ;external drive
move.wigRefNum(a0},d2 ;save ioRefNum of file in d2
move.wioResult{aC),d1 igat io result

beq

move.w#1,ioVRefNum(a0) internal drive

_Open

move.w#1,d3 intarnai drive
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move.wioRefNum{a0),d2 :save ioRefNum of file in d2

move.wioResult{a0),d1 ;get io result
DOpenGood:

add! #ioVQEISize,SP

rts
DiskSetEOF:

@1

;assumes d2 containg ioReiNum

;assumes d1 contains position to position at (a long).
;returns with ioResult in d0

;and a0 pointing to paramaetar block on stack

moveq #ioVQEISize2 - 1,d0

clr.w  -(sp) :maks room on stack for
dbra d0.@1 for parametaer biock
maove.! sp,at ;set AO for file manager call

mave.wd2,ioRefNum(a0) ;and to accass paramstsers in block
move.w#1,ioPosMade(al) .0 at current paositicn
;1 relative to beginning of media
;3 relative to current position
mova.i d1,ioMisc{a0) ;blocks of 512 bytes raquired
_SetEOF
move.wioResull{a0),dC .get o result
add.l  #ioVQEISize SP
1ts

DiskSetFinfo:

;assumes al pointing tc file name buffer

;assumes d6 contains file creator

;assumes d7 contains file type

:d3 contains tha drive number to create the file on.
returns with aQ pointing to paramaeter block on stack

movem.i d0-d7/a0-a6,-{sp)

moveq #ioVQEISize2 - 1,d0

clr.w  -(sp)

dbra d0.@1

move.l 3p,a0 :set AQ for file manager call

;and 1o access parameter block

_move.! sp,ad

move.l al,ioNamePir(a0) ;put name pointer in parametar block

move.b #0,ioFVersNum({a0) version number. always use zero
;per page 1l-81, inside mac

move.wd3,ioVRefNum{a0) drive #

_Getfileinfo ;get file info

move.l a4,al

move.l d7,32(a0)

move.| d6,36(a0)

_SelFilainfo

add.! #ioVQEISize SP

movem.! (sp)+,d0-d?/a0-aé
rts
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; WDHADisk.hdr

; This file must be included if your program uses the disk commands.
XREF DiskCreate
XREF DiskRead
XREF OiskWrite
XREF DiskEject
XREF DiskOpen
XREF DiskClose
XREF DiskSetFPos
XREF  DiskSetEOF
XREF DiskSetFinfo
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What is claimed is:

1. A hearing aid comprising:

a microphone for producing an input signal in response to

sound;

a plurality of channels connected to a common output,

each channel comprising:

a filter with preset parameters for receiving the input
signal and for producing a filtered signal;

a channel amplifier responsive to the filtered signal for
producing a chanpel output signal;

a channel gain register for storing a gain value;

a channel preamplifier having a preset gain for amplifying

the gain value to produce a gain signal;

wherein the channel amplifier is responsive to the
channel preamplifier for varying the gain of the
channel amplifier as a function of the gain signal;

means for establishing a channel threshold level for the
channel output signal; and

means, responsive to the channel output signal and the
channel threshold level, for increasing the gain value
when the channel output signal falls below the
channel threshold level and for decreasing the gain
value when the channel output signal rises above the
channel threshold level,

wherein the channel output signals are combined to

produce an adaptively compressed and filtered output
signal; and

a transducer for producing sound as a function of the

adaptively compressed and filtered output signal.

2. The hearing aid of claim 1 wherein the increasing and
decreasing means in each of the channels comprises means
for increasing the gain value in increments having a first
preset magnitude and for decreasing the gain value in
decrements having a second preset magnitude.

3. The hearing aid of claim 2 wherein the increasing and
decreasing means in each of the channels further comprises:

a comparator for producing a control signal as a function

of the level of the channel output signal being greater
or less than the channel threshold level; and

an adder responsive to the control signal for increasing the

gain value by the first preset magnitude when the
channel output signal falls below the channel threshold
level and for decreasing the gain value by the second
preset magnitude when the channel output signal rises
above the channel threshold level.

4. The hearing of claim 1 wherein the filters in the
channels have preset filter parameters for selectively altering
the input signal over substantially all of the audible fre-
quency range.

5. The hearing of claim 1 wherein each filter in the
channels has preset filter parameters for selectively passing
the input signal over a predetermined range of audible
frequencies, each filter substantially attenuating any of the
input signal not occurring in the predetermined range.

6. A hearing aid comprising:

a microphone for producing an input signal in response to

sound;

a plurality of channels connected to a common output,

each channel comprising:

a filter with preset parameters for receiving the input
signal and for producing a filtered signal;

a channel amplifier responsive to the filtered signal for
producing a channel output signal;

a channel gain register for storing a gain value;

a channel preamplifier having a preset gain for ampli-
fying the gain value to produce a gain signal;
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wherein the channel amplifier is responsive to the
channel preamplifier for varying the gain of the
channel amplifier as a function of the gain signal;

means for establishing a channel threshold level for the
channel output signal; and

means, responsive to the channel output signal and the
channel threshold level, for increasing the gain value
when the channel output signal falls below the
channel threshold level and for decreasing the gain
value when the channel output signal rises above the
channel threshold level;

a second channel amplifier responsive to the filtered
signal for producing a second channel output signal;
and

means for programming the gain of the second channel
amplifier as a function of the gain value for the
respective channel;

wherein the second channel output signal is combined
with the second channel output signals of the other
channels for producing a programmably compressed
and fiitered output signal; and

a transducer for producing sound as a function of the
programmably compressed and filtered output signal.

7. The hearing aid of claim 6 wherein the programming
means in each channel comprises means for varying the gain
of the second channel amplifier as a function of a power of
the gain value for the respective channel.

8. The hearing of claim 6 wherein the filters in the
channels have preset filter parameters for selectively altering
the input signal over substantially all of the audibie fre-
quency range.

9. The hearing of claim 6 wherein each filter in the
channels has preset filter parameters for selectively passing
the input signal over a predetermined range of audible
frequencies, each filter substantially attenuating any of the
input signal not occurring in the predetermined range.

10. A hearing aid comprising:

a microphone for producing an input signal in response to

sound;

an amplifier for receiving the input signal and for pro-
ducing an output signal;

means for establishing a threshold level for the output
signal;

a comparator for producing a control signal as a function
of the level of the output signal being greater or less
than the threshold level;

a gain register for storing a gain setting;

an adder responsive to the control signal for increasing the
gain setting by a first preset magnitude when the output
signal falls below the threshold level and for decreasing
the gain setting by a second preset magnitude when the
output signal rises above the threshold level;

wherein the gain register stores the gain setting as a first
plurality of least significant bits and as a second plu-
rality of most significant bits;

wherein the first preset magnitude comprises a number of
bits less than or equal to a total pumber of bits com-
prising the least significant bits;

wherein the amplifier is responsive to the most significant
bits stored in the gain register for varying the gain of
the amplifier as a function of the gain setting; and

a transducer for producing sound as a function of the
output signal.

11. The hearing of claim 10 wherein the amplifier com-

prises a two stage amplifier, the first stage having a variable
gain and the second stage having a predetermined gain.
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12. The hearing aid of claim 10 further comprising means
for producing a timing sequence wherein the gain register is
enabled in response to the timing sequence for receiving the
gain setting increase or decrease from the adder during a
predetermined portion of the timing sequence.

13. The hearing aid of claim 10 wherein the adder further
comprises a secondary register for storing a first and second
preset magnitude and wherein the adder is responsive to the
secondary register for increasing the gain setting in incre-
ments corresponding to the first preset magnitude and for
decreasing the gain setting in decrements corresponding to
the second preset magnitude.

14. The hearing aid of claim 10 further comprising means
for clipping the output signal at a predetermined level and
for producing an adaptively clipped compressed output
signal.

15. The hearing aid of claim 10 further comprising means
for clipping the output signal at a predetermined level and
for producing an adaptively clipped compressed output
signal.

16. The hearing aid of claim 10 further comprising a
register for storing the first and second preset magnitudes,
the register having six bits of memory for storing the first
preset magnitude and six bits of memory for storing the
second preset magnitude.

17. The hearing aid of claim 10 further comprising a
register for storing the first and second preset magnitudes;
wherein the register stores both said magnitudes in logarith-
mic form.

18. The hearing aid of claim 17 further comprising a
limiter for limiting the output signal; wherein the limiter
clips a constant percentage of the output signal.

19. A hearing aid comprising:

a microphone for producing an input signal in response to

sound;

an amplifier for receiving the input signal and for pro-
ducing an output signal;

means for establishing a threshold level for the output
signal;

a comparator for producing a control signal as a function
of the level of the output signal being greater or less
than the threshold level;

a gain register for storing a gain setting;

an adder responsive to the control signal for increasing the
gain setting by a first preset magnitude when the output
signal falls below the threshold level and for decreasing
the gain setting by a second preset magnitude when the
output signal rises above the threshold level;

wherein the amplifier is responsive to the gain register for
varying the gain of the amplifier as a function of the
gain setting;

a second amplifier responsive to the input signal for
producing a second output signal;

means for programming the gain of the second amplifier
as a function of the gain setting in the gain register; and

a transducer for producing sound as a function of the
second output signal.

20. The hearing aid of claim 19 wherein the programming
means comprises means for varying the gain of the second
amplifier as a function of a power of the gain setting in the
gain register.

21. A hearing aid comprising a plurality of channels
connected to a common output, each channel comprising:

a filter with preset parameters for receiving an input signal
in the audible frequency range for producing a fiitered
signal;
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a channel amplifier responsive to the filtered signal for
producing a channel output signal;

a channel gain register for storing a gain value;

a channel preamplifier having a preset gain for amplifying
the gain value to produce a gain signal;

wherein the channel amplifier is responsive to the channel
preamplifier for varying the gain of the channel ampli-
fier as a function of the gain signal;

means for establishing a channel threshold level for the
channel output signal; and

means, responsive to the channel output signal and the
channel threshold level, for increasing the gain value
up to a predetermined limit when the channel output
signal falls below the channel threshold level and for
decreasing the gain value when the channel output
signal rises above the channel threshold level;

wherein the channel output signals are combined to
produce an adaptively compressed and filtered output
signal.

22. The hearing aid of claim 21 wherein the increasing
and decreasing means in each of the channels comprises
means for increasing the gain value in increments having a
first preset magnitude and for decreasing the gain value in
decrements having a second preset magnitude.

23. The hearing aid of claim 22 wherein the increasing
and decreasing means in each of the channels further com-
prises:

a comparator for producing a control signal as a function
of the level of the channel output signal being greater
or less than the channel threshold level; and

an adder responsive to the control signal for increasing the
gain value by the first preset magnitude when the
channel output signal falls below the channel threshold
level and for decreasing the gain value by the second
preset magnitude when the channel output signal rises
above the channel threshold level.

24. The hearing aid of claim 23 wherein the adder in a
particular one of the channels further comprises a secondary
register for storing the first and second preset magnitudes for
the particular channel; and wherein the particular adder is
responsive to the secondary register for increasing and
decreasing the gain value in the particular channel gain
register by said first and second magnitudes.

25. The hearing aid of claim 21 further comprising means
for producing a timing sequence; wherein the channel gain
register in at least one of the channels is enabled in response
to the timing sequence for receiving the gain value from the
respective adder during a predetermined portion of the
timing sequence.

26. The hearing aid of claim 21 wherein each channel
further comprises means for clipping the channel output
signal at a predetermined level for producing an adaptively
clipped and compressed channel output signal.

27. The hearing aid of claim 21 wherein the filters in the
channels have preset filter parameters for selectively altering
the input signal over substantially all of the audible fre-
quency range.

28. The hearing aid of claim 21 wherein each filter in the
channels has preset filter parameters for selectively passing
the input signal over a predetermined range of audible
frequencies, each filter substantially attenuating any of the
input signal not occurring in the predetermined range.

29. The hearing aid of claim 21 wherein the filters in each
of the channels comprise finite impulse response filters.

30. The hearing aid of claim 21 wherein each channel
further comprises:
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a second channel amplifier responsive to the filtered
signal for producing a second channel output signal;
and

means for programming the gain of the second channel

202

means responsive to the detecting means for producing a

a

log value representative of the detected characteristic;
and
memory for storing the look-up table comprising a

amplifier as a function of the gain value for the respec- 5 preselected table of log values and related filter param-

tive channel; eters and gain values,
wherein the second channel output signal is combined said memory being responsive to the log value producing
with the second channel output signals of the other means for selecting a filter parameter and a gain value
channels for producing a programmably compressed from the look-up table as a function of the produced log
and filtered output signal. 10 value, said variable filter being responsive to the
31. The hearing aid of claim 30 wherein the programming memory for varying the parameters of the variable filter
means in each channel comprises means for varying the gain as a function of the selected filter parameter, and said
of the second channel amplifier as a function of a power of amplifier being responsive to the memory for varying
the gain value for the respective channel. 5 the gain of the amplifier as a function of the selected

gain value.
36. A hearing aid comprising:
a microphone for producing an input signal in response to
sound;
20  a plurality of channels connected to a common output.
each channel comprising a filter with preset parameters
for receiving the input signal and for producing a
filtered signal and an amplifier responsive to the filtered
signal for producing a channel output signal;
25 a second filter with preset parameters responsive to the
input signal for producing a characteristic signal;
a detector responsive to the characteristic signal for

32. The hearing aid of claim 31 wherein the programming
means in each channel further comprises a register for
storing a power value and wherein the programming means
varies the gain of the second channel amplifier as a function
of the value derived by raising the gain value for the
respective channel to the power of the stored power value.

33. The circuit of claim 30 wherein the first and second
channel amplifiers of each channel each comprise a two
stage amplifier, the first stage having a variable gain and the
second stage having a preset gain.

34. A hearing aid for use by a person having a hearing
impairment spanning a predetermined frequency range, the

hearing aid comprising: duci wol signal, the detector includi
. , , . . producing a control signal, the detector including
ansn(l)cl:]r;)g.honc for producing an input signal in response to means for Progr ing the time constant of the detec-
’ 30 tor;

only one broadband filtering channel spanning the prede-
termined frequency range of the hearing impairment,
said channel comprising:

a variable filter with separately variable filter param-
eters for receiving the input signal and for producing 35
an adaptively filtered signal; and an amplifier for
receiving the adaptively filtered signal and for pro-
ducing an amplified adaptively filtered output signal;

wherein said broadband filtering channel has a band-
width corresponding to the predetermined frequency 4
range of the hearing impairment;

a preset filter with preset parameters responsive to the
input signal for producing a characteristic signal;

a detector responsive to the characteristic signal for
producing a control signal, the detector including 45
means for programming the time constant of the detec-
tor;

means responsive to the detector for producing a log value
representative of the control signal;

a memory for storing a preselected table of log values,
filter parameters and gain values;

wherein the memory is responsive to the log value pro-
ducing means for selecting a filter parameter and a gain
value from the preselected table for the variable filter
and the amplifier, respectively, as a function of the
produced log value; wherein the variable filter and the
amplifier are responsive to the memory for varying the
parameters of the variable filter and varying the gain of
the amplifier as a function of the selected filter param- ¢,
eter and gain value, respectively; and wherein said
hearing aid does not include the use of a microproces-

means responsive to the detector for producing a log value

representative of the control signal; and

a memory for storing a preselected table of log values and

gain values; wherein the memory is responsive to the
log value producing means for selecting a gain value
from the preselected table for each of the amplifiers in
the channels as a function of the produced log value,
and wherein each of the amplifiers in the channels is
responsive to the memory for separately varying the
gain of the respective amplifier as a function of the
respective selected gain value; and

a transducer for producing sound as a function of the

combined channel output signals;

wherein said hearing aid does not include the use of a

Iicroprocessor.

37. The hearing aid of claim 36 wherein the filters in the
channels have preset filter parameters for selectively altering
the input signal over substantially all of the audible fre-
5o quency range.

38. The hearing aid of claim 36 wherein each filter in the
channels has preset filter parameters for selectively passing
the input signal over a predetermined range of audible
frequencies, each filter substantially attenuating any of the

55 input signal not occurring in the predetermined range.

39. The hearing aid of claim 36 wherein the filters in each
of the channels comprise finite impulse response filters, and
wherein the second filter comprises a finite impulse response
filter.

40. The hearing aid of claim 36 wherein the second filter
is constituted by one of the filters in one of the channels.

41. A hearing aid comprising:

sor; and a plurality of channels connected to a common output,
a transducer for producing sound as a function of the each channel comprising:
amplified adaptively filtered output signal. 65  afilter with preset parameters for receiving an input signal

in the audible frequency range and for producing a
filtered signal;

35. The hearing aid of claim 34 wherein the varying
Ieans comprises:
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a channel amplifier responsive to the filtered signal for
producing a channel output signal;

means for establishing a channel threshold level for the
channel output signal;

a comparator for producing a control signal as a function
of the level of the channel output signal being greater
or less than the channel threshold level;

a channel gain register for storing a gain setting;

an adder responsive to the control signal for increasing the
gain setting by a first preset magnitude when the
channel output signal falls below the channel threshold
level and for decreasing the gain sefting by a second
preset magnitude when the channel output signal rises
above the channel threshold level; and

a second channel gain register for storing a predetermined
channel gain value to define an operating range for the
channel as a function of a signal level of the input
signal;

wherein the channel amplifier is responsive to the gain
register and to the second channel gain register for
varying the gain of the channel amplifier as a function
of the gain setting and the predetermined channel gain
value; and

wherein the channel output signals are combined to
produce an adaptively compressed and filtered output
signal.

42. The hearing aid of claim 41 wherein the channel
amplifiers each comprise a two stage amplifier, wherein the
first stage has a predetermined gain for defining an operating
range for the respective channel and the second stage has a
variable gain responsive to the first stage.

43. The hearing aid of claim 42 wherein the first stage of
each of the two stage amplifiers further comprises means for
sequentially modifying the gains of each of the respective
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second stages from first to last as a function of the level of
the input signal.

44. The hearing aid of claim 41 wherein the filters in the
channels have preset filter parameters for selectively altering
the input signal over substantially all of the audible fre-
quency range.

45. The hearing aid of claim 41 wherein each filter in the
channels has preset filter parameters for selectively passing
the input signal over a predetermined range of audible
frequencies, each filter substantially attenuating any of the
input signal not occurring in the predetermined range.

46. The hearing aid of claim 41 wherein the filters in each
of the channels comprise finite impulse response filters.

47. The hearing aid of claim 41 wherein the first and
second magnitudes in a particular one of the channels are
different numerically from the first and second magnitudes
in another one of the channels.

48. The hearing aid of claim 41 wherein the adder in a
particular one of the channels further comprises a secondary
register for storing the first and second preset magnitudes for
the particular channel; and wherein the particular adder is
responsive to the secondary register for increasing and
decreasing the gain value in the particular channel gain
register by said first and second magnitudes.

49. The hearing aid of claim 41 further comprising means
for producing a timing sequence; wherein the channel gain
register in at least one of the channels is enabled in response
to the timing sequence for receiving the gain setting from the
respective adder during a predetermined portion of the
timing sequence.

50. The hearing aid of claim 41 wherein each channel
further comprises means for clipping the channel output
signal at a respective predetermined level for producing an
adaptively clipped and compressed output signal.

LI . S
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