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[57] ABSTRACT

A hearing aid system utilizes digital signal processing to
correct for the hearing deficit of a particular user and to
maximize the intelligibility of the desired audio signal
relative to noise. An analog signal from a microphone is
converted to digital data which is operated on by a
digital signal processor, with the output of the digital
signal processor being converted back to an analog
signal which is amplified and provided to the user. The
digital signal processor includes a time varying spectral
filter having filter coefficients which can be varied on a
quasi-real time basis to spectrally shape the signal to
match the hearing deficit of the user and to accommo-
date ambient signal and noise levels. The coefficients of
the spectral filter are determined by estimating the en-
ergy in several frequency bands within the frequency
range of the input signal, and using those energy esti-
mates to calculate desired gains for the frequency bands
and corresponding spectral filter coefficients. The spec-
tral energy analysis may be carried out using pairs of
high pass and low pass digital filters in cascade relation,
with the output of each low pass filter being provided to
the next pair of high pass and low pass filters. The rate
at which output data is provided from the filters in each
pair may be reduced from the sample rate of input data
by one half for succeeding pairs of filters in the cascade
to thereby reduce the computation time required.

58 Claims, 10 Drawing Sheets
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ADAPTIVE, PROGRAMMABLE SIGNAL
PROCESSING AND FILTERING FOR HEARING
AIDS

FIELD OF THE INVENTION

This invention pertains generally to the field of audio
signal processing and particularly to hearing aids.

BACKGROUND OF THE INVENTION

The nature and severity of hearing loss among hear-
ing impaired individuals varies widely. Some individu-
als with linear impairments, such as that resulting from
conductive hearing loss, can benefit from the linear
amplification provided by conventional hearing aids
using analog signal processing. Such aids may have the
capacity for limited spectral shaping of the amplified
signal using fixed low pass or high pass filters to com-
pensate for broad classes of spectrally related hearing
deficits. However, many types of hearing loss, particu-
larly those resulting from inner ear problems, can result
in non-linear changes in an individual’s auditory system.
Individuals who suffer such problems may experience
limited dynamic range such that the difference between
the threshold hearing level and the discomfort level is
relatively small. Individuals with loudness recruitment
perceive a relatively small change in the intensity of
sound above threshold as a relatively large change in
the apparent loudness of the signal. In addition, the
hearing loss of such individuals at some frequencies may
be much greater than the loss at other frequencies and
the spectral characteristics of this type of hearing loss
can differ significantly from individual to individual.

Conventional hearing aids which provide pure linear
amplification inevitably amplify the ambient noise as
well as the desired signal, such as speech or music, and
thus do not improve the signal to noise ratio. The ampli-
fication may worsen the signal to noise ratio where an
individual’s hearing has limited dynamic range because
the noise will be amplified above the threshold level
while the desired speech signal may have to be clipped
or compressed to keep the signal within the most com-
fortable hearing range of the individual.

Although hearing impaired individuals often have
unique and widely varying hearing problems, present
hearing aids are limited in their ability to match the
characteristics of the aid to the hearing deficit of the
individual. Moreover, even if an aid is relatively well
matched to an individual’s hearing deficit under certain
conditions, such as a low noise environment where
speech is the desired signal, the aid may perform poorly
in other environments such as one in which there is high
ambient noise level or relatively high signal intensity
level.

SUMMARY OF THE INVENTION

In accordance with the present invention, digital
signal processing is utilized in a hearing aid system
which is both programmable to fit the hearing deficit of
a particular user and adaptive to the sound environment
to maximize the intelligibility and quality of the audio
signal provided to the user. Background noise levels are
reduced in either a fixed or an adaptive manner to en-
hance the signal to noise ratio of the desired signal, such
as speech. The effective dynamic range of the user is
expanded by maintaining high sensitivity for low inten-
sity sound while providing long term automatic gain
compression and output limiting control to insure that
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the sound signal does not exceed the comfort level of
the wearer. The majority of normal sound signals, such
as speech, are thereby provided to the user at levels
which will best fit the available dynamic range of the
user’s ear. The audio signal provided to the user is also
spectrally shaped to match and compensation for the
specific spectral deficiency characteristics of the user’s
ear. The signal processing hearing aid further has sev-
eral modes selectable at the user’s choice which change
the signal processing characteristics of the hearing aid
to best accomodate the sound environment, such as the
ambient noise level or the volume of the speech or
music which the user wishes to listen to.

The signal processing hearing aid includes a micro-
phone preferably located near or at the ear of the
wearer, associated analog filtering and amplifying cir-
cuits, an analog to digital converter for converting the
analog signal to digital data, a digital signal processor
which operates on the digital data, a digital to analog
converter for converting the processed data back to
analog signal form, and analog filters and amplifiers
which drive a receiver or speaker in an ear piece worn
by the user. The signal from the microphone preferably
receives pre-amplification and high pass filtering for
pre-emphasis and is subjected to relatively slow auto-
matic gain control to adjust the gain level to accommo-
date slowly varying sound levels. Anti-aliasing low pass
filtering of the analog signal is performed before analog
to digital conversion. In digital form, the signal data
may be subjected to selectable high pass filtering and
pre- and de-emphasis filtering if desired in combination
with time varying spectral shaping digital filtering. The
spectral shaping filtering is performed in accordance
with prescribed spectral characteristics matching the
hearing deficit of the particular user for whom the hear-
ing aid is prescribed. In addition, the parameters of the
spectral filter are variable to adjust the amplification so
that the signal level is best matched to the expressed
preference of the individual user, preferably with ex-
pansion of low level signals, normal amplification of
intermediate level signals, and compression of high
level signals. The processed digital data is then con-
verted back to analog form and anti-imaging low pass
filtering is performed on the signal before it is amplified
and delivered to the speaker. The digital signal proces-
sor preferably has a programmable read only memory
which can be programmed with the desired spectral
shaping characteristics and variable amplification char-
acteristics that fit the user.

The spectral filter of the digital signal processor has
filter parameters which can be varied to provide a non-
linear input-output characteristic in several frequency
ranges. The input-output characteristics preferably in-
clude several piecewise linear sections. For example, a
first section may have a slope greater than one to pro-
vide expansion of low level signals. At a first knee point,
the slope of the input-output characteristic changes to a
one to one or linear input-output relationship which is
maintained up to a second knee. The range of output
levels between the two knees preferably corresponds to
that chosen by the user, usually a best fit to the dynamic
range of the user’s hearing so that most of second knee,
the slope of the input-output characteristic is less than
one to provide compression to reduce the effect of
over-range signals and minimize loudness discomfort to
the user. An estimate of the level of background noise is
preferably made from the energy envelope of the input
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signal in various frequency ranges. This estimate of the
noise is used to adjust the position of the first knee up or
down and/or change the expansion ratio of the first
section, with the calculated gain in the various fre-
quency ranges being used to reduce the noise compo-
nent of the amplified signal being supplied to the user.
The slopes of the input-output curve above and below
the knees may be changed and the initial position of the
upper and lower knees may be changed in different
modes of operation of the hearing aid to best accommo-
date the preference of the user as to the desired charac-
teristics of the perceived sound, such as intelligibility,
loudness or quality. For example, one set of slopes and
knee values may be utilized in one mode while a second
set of slopes and knee values may be used in another
mode. |

The time constants of the non-linear gain functions
over which the gain at various frequencies remains
substantially unchanged is an important characteristic
which affects system performance. The longer the time
constant, the less compression of short term level
changes is achieved. However, the shorter the time
constant, the more distortion is introduced for a given
expansion or compression ratio. In the system of the
present invention, different time constants may be used
for the energy analysis in the different frequency bands.
Preferred values for the time constants range from 4
milliseconds (ms) to 8 ms for the lowest frequency
bands to 0.5 ms to 1 ms for the highest frequency band.
Time constants in these ranges allow compression up to
about 3.3 to 1 and expansion down to about 1 to 2 while
keeping distortion at an acceptable level. The accept-
able level of distortion depends upon the user, and more
compression and/or expansion are acceptable to some
users. .

In a preferred embodiment, the time varying spectral
filter is a digital filter having filter coefficients which
can be varied on a quasi-real time basis to accomplish
nonlinear amplification within the spectrum of the hear-
ing aid to best accommodate ambient signal levels and
noise levels. A single spectral filter is utilized which
receives the digital data corresponding to the input
signal after a time delay sufficient to accommodate the
time required to calculate the coefficients which match
the data being processed by the digital spectral filter.
The digital signal processor carries out the computation
of the spectral filter coefficients by first band pass filter-
ing the input signal digital data to provide several sets of
digital data corresponding to the portions of the signal
lying within certain frequency ranges, e.g., 0 to 500 Hz,
500 Hz to 1 kHz, 1 kHz to 2 kHz, 2 kHz to 4 kHz, and
4 kHz to 8 kHz, assuming that the frequency content of
the input signal is limited to approximately 8 kHz. The
energy in each of the frequency range limited signals is
then estimated, such as by taking the absolute value of
the data and then low pass filtering it, and this energy
estimate is then utilized as described above to determine
an appropriate gain for the portion of the signal con-
tained within that frequency range. Each frequency
band may also have a baseline gain which is set to shape
the frequency response of the system to compensate for
spectrally related hearing deficiences of a particular
user. The calculated values for the gains are then used
by the system to calculate the filter coefficients, such as
in a finite impulse response filter implementation, for
the time varying spectral filter. The coefficients of the
filter are then changed and the delayed input signal data
is then provided to the spectral filter. The coefficients
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of the spectral filter are updated in this manner to best
accommodate the filter to the incoming signal. Because
only estimation of the energy in the signal in each of the
frequency bands is carried out, less computation is nec-
essary than would be required for filtering the full signal
in each of the frequency bands. A particularly signifi-
cant advantage of the present system is that the input
signal data passes through only one processing block,
the time-varying spectral filter. In such a system there is
less opportunity for quantization noise to enter the sig-
nal than in prior systems which split the input signal
into several frequency bands which are operated on
separately and then recombined to form the output
signal, and the present system is less subject to distor-
tion than such prior systems.

The energy analysis in each of the frequency bands is
preferably carried out by operating on the input signal
data and dividing it into two halves by a high-pass/low-
pass pair of filters. Each of these filters contains half the
band-width of the signal, so the rate at which the com-
putations must be carried out can be reduced from the
rate for the computations required to analyze the entire
input signal frequency range. The high-pass half of the
signal, containing the higher frequencies, is one octave
wide and the energy in it can be estimated by a simple
rectify and low-pass filter operation. The low-pass half
of the signal is again filtered by a high-pass/low-pass
pair of filters. Because the sampling rate has been
halved, the cut off points of the digital filters are halved
in frequency. The output from a high-pass filter can be
rectified and low-pass filtered to estimate the energy in
the frequency band and the output of the low-pass filter
can again be filtered by a high-pass/low-pass pair of
filters. In this way, it is possible to successively calcu-
late the energy in portions of the input signal in nar-
rower and narrower frequency bands, with lower and
lower sampling rates. The high-pass and low-pass filters
can be implemented by simple digital filters having e.g.,
coefficients —1, 2, —1 and 1, 2, 1. Such filters are fairly
shallow with 12 dB per octave rolloff, but have only
three simple integer taps each and the sum of the two
filters is flat across the spectrum. More complicated
filters also can be used. The number of operations
needed in the energy analysis circuit is very small,
mainly because so much of the filtering is done on
streams of data which have been decimated to succes-
sively slower rates. Consequently, the computation time
required to determine the coefficients is reduced and the
amount by which the input signal must be delayed to
match the coefficients is also reduced, allowing the
processing system to function in a real time manner,
with a processing delay which is inperceptible to the
listener.

Further objects, features, and advantages of the in-
vention will be apparent from the following detailed
description when taken in conjunction with the accom-
panying drawings.

DESCRIPTION OF THE DRAWINGS

In the drawings:

FIG. 1 is an illustrative view showing the major com-
ponents of the adaptive signal processing hearing aid of
the present invention as worn by a user.

FIG. 2 is a schematic block diagram of the hardware
components of the adaptive signal processing hearing
aid of the invention.
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FIG. 3 is a signal flow diagram showing the opera-
tions performed on the signals from the microphone to
the speaker in the hearing aid of the invention.

FIG. 4 is a graph showing the gain function charac-
teristics for determining the gains to be used in calculat-
ing the digital spectral filter coefficients of the digital
signal processor within the hearing aid.

FIG. § is a graph showing the relationship between
estimated energy within a frequency band in the input
signal and the gain for that frequency band to be used in
calculating the coefficients of the digital spectral filter.

FIG. 6 is a graph similar to that of FIG. 4 showing
the effect of a change in the lower knee level as a result
of changes in the background noise level in the signal.

FIG. 7is a graph illustrating the changes in the ampli-
tude envelope (or signal energy) of a typical signal
within a specified frequency range and the manner in
which the noise and peak levels of the signal are esti-
mated.

FIG. 8 is a schematic block diagram showing an
implementation for the time varying spectral filter func-
tion in accordance with the present invention.

FIG. 9 is a schematic block diagram illustrating a
preferred implementation of the energy analysis func-
tion of the time varying spectral filter.

FIG. 10 is a flow chart showing the program blocks
in the programming of the digital signal processor
which carry out the time varying filter processing of
FIG. 8.

FIG. 11 is a flow chart showing the main program
portion of the, processing system of FIG. 10.

FIG. 12 is a flow chart showing the interrupt routine
program of the processing system of FIG. 10.

FIG. 13 is a schematic block diagram showing the
hardware components of the ear piece portion of the
hearing aid system of the present invention.

FIG. 14 is a schematic block diagram showing one of
adaptive suppression of acoustic feedback. )

FIG. 15 is a schematic block diagram showing an-
other form of adaptive suppression of acoustic feed-
back.

DESCRIPTION OF THE PREFERRED
EMBODIMENT

An illustrative view of one style of an adaptive, pro-
grammable signal processing hearing aid in accordance
with the present invention is shown generally in FIG. 1,
composed of an ear piece 20 and a body aid or pocket
processing unit 21 which are connected by a wiring set
22. It is, of course, apparent that the hearing aid can be
incorporated in various standard one piece packages,
including behind-the-ear units and in-the-ear units, de-
pending on the packaging requirements for the various
components of the aid and power requirements. As
explained further below, the pocket processing unit 21
includes a power on-off button 24 and mode control
switches 27. The mode switches 27 can optionally pro-
vide selection by the user of various operating strategies
for the system which suit 'the perceived preference of
the user. The mode switches allow the user to select the
mode which best suits his subjective perception of the
sound from the aid. As explained further below, the
hearing aid system is programmable to adapt the signal
processing functions carried out in each of the modes to
the hearing deficit of the user for whom the hearing aid
is prescribed. A volume control dial 28 is also provided
on the ear piece 20 to allow user control of the overall
volume level.
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A hardware block diagram of the ear piece unit 20
and pocket processor unit 21 is shown in FIG. 2. The
ear piece includes a microphone 30 which can be of
conventional design (e.g., Knowles EK3027 or Lectret
SA-2110). The ear piece may also optionally include a
telecoil 31 to allow direct coupling to audio equipment.
The output signal from the microphone 30 or telecoil is
provided to an analog pre-amplifier/pre-emphasis cir-
cuit 32 which amplifies the output of the microphone
(or telecoil) and provides some high pass filtering (e.g.,
6 dB per octave) to provide a frequency spectrum flat-
tening effect on the incoming speech signal which nor-
mally has a 6 dB per octave amplitude roll off. This
pre-emphasis serves to make the voiced and unvoiced
portions of speech more equal in amplitude, and thus
better suited to subsequent signal processing. In particu-
lar, the pre-emphasis reduces the dynamic range of the
speech signal and so reduces the number of bits needed
in the analog to digital converter. The output of the
pre-amplifier/pre-emphasis circuit is provided to an
automatic gain control circuit and low pass filter 33.
The automatic gain control (AGC) circuit attempts to
maintain the long-term root-mean-square (RMS) input
level at or below a specified value to minimize dynamic
range requirements for the analog to digital converter
which is used to convert the analog signal to a digital
signal. Preferably, RMS inputs below 70-75 dB SPL (at
4 kHz) are amplified linearly with about 40 dB gain,
resulting in a 45 mV RMS signal level (e.g., 0.125 V
peak to peak for a 4 kHz sine wave) which will be pro-
vided to the analog to digital converter. Inputs between
75 dB and 95 dB are maintained at the 45 mV level for
the long term average. Inputs above 95 dB preferably
have a gain less than 15 dB, and will be hard-clipped at
the one volt peak to peak level. Howeuver, it is apparent
that the total gain received by the listener can be se-
lected either more or less than these values depending
on the subsequent digital signal processing and the ana-
log output stage.

To minimize the interaction between speech modula-
tion (syllabic) and the AGC circuit, the attack time is
preferably approximately 300 milliseconds (msec) and
the release time is approximately 2.5 seconds. This long
term AGC function is desirable to allow the total gain
to the user to be automatically adjusted to provide a
comfortable listening level in situations where the user
can control the signal level but not the noise level, for
example, in using the car radio, watching television in a
noisy environment, and so forth. The time-constants are
chosen long enough so that the AGC is not affected by
syllabic changes in speech level.

The output of the automatic gain control circuit is
provided on signal lines 34 (forming part of the connect-
ing line 22) to the main body or pocket processor unit.
21. The ear piece also receives an output signal on lines
36 from the pocket processor. This output signal is
received by a maximum power output control circuit 37
which is adjusted by the fitter. The signal then is pro-
vided to a low pass filter 38 and a power amplifier and
volume control circuit 39 and finally to the receiver
transducer or speaker 40 (e.g., Knowles CI-1762) for
conversion to a corresponding sound. The analog out-
put power amplifier 39 (e.g., an LTC 551 from LTI,
Inc.) determines the overall system gain and maximum
power output, each of which can be set by a single
component change. The output of this amplifier is pref-
erably hard limited to protect against malfunctions.
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The signal on the line 34 from the ear piece is re-
ceived by the pocket processor through an AC coupler
42 and is passed to a two pole low pass filter amplifier 43
and thence through an AC coupler 44 to a gain ranging
amplifier 45 (e.g., Analog Devices AD 7118). The out-
put of the gain ranging amplifier 45 is provided to a 30
dB gain amplifier 46 which provides its output to a
linear analog to digital converter 47 (e.g., Analog De-
vices AD 7575). The A to D converter 47 is connected
to provide its digital output to the data bus 48 of a digi-
tal signal processor 50 which may include a micro-
processor, a random access memory and a programma-
ble read only memory (PROM) for storing the program
and the prescribed parameters adapting the hearing aid
to a particular patient. An example of a suitable signal
processor is a TMS 320E15 from Texas Instruments.
The digital signal processor data bus is also connected
to input/output control and timing logic 51 which is
connected to the user mode control switches 27 by
control lines 52, by control lines 53 to the gain ranging
amplifier 45, and by a control line 54 to the analog to
digital converter 47. The control logic is also connected
by a control line 55 to a 12 bit linear digital to analog
converter 56 which is also connected to the data bus 48
of the digital signal processor. The analog output from
the D to A converter 56 (e.g., an Analog Devices AD
7545 and a current to voltage converter) is provided
through AC coupling 57 to a 2 pole low pass filter 58
which delivers the filtered output signal on the lines 36
to the ear piece. The amplifiers and filters may utilize,
for example, TLC27M operational amplifiers and the
logic circuitry is preferably 74HC series for low power
operation.

The spectral shaping of the sound signal to best com-
pensate for the user’s hearing deficit and the desired
amplitude compression and noise reduction are carried
out in the digital signal processing components. A flow
diagram of a preferred embodiment for signal flow
through the hearing aid system is shown in FIG. 3. The
input signal from the microphone 30 is initially pream-
plified and provided with pre-emphasis, preferably at 6
dB per octave (block 60) which is carried out by the
pre-emphasis circuit 32, and then has slow automatic
gain control performed on the amplified and pre-
emphasized signal (block 61) which is performed in the
AGC amplifier and filter section 33. The gain con-
trolled signal is then passed through an anti-aliasing low
pass filter (block 62) after which the analog signal is
converted to digital data (block 63). The low pass anti-
aliasing filtering is performed both in the AGC ampli-
fier and low pass filter circuit 33 and in the 2 pole low
pass filter and amplifier 43 to reduce the higher fre-
quency content of the signal to minimize aliasing. For
example, if the analog to digital conversion is per-
formed at 14,000 samples per second, the anti-aliasing
filtering preferably substantially attenuates signal
power above about 7,000 Hz.

After analog to digital conversion, the processing of
the signal is carried out digitally in the digital signal
processor 50. The digital data is first subjected to a
selectable high pass filtering step (block 64) which, if
used, has a high pass frequency of about 100 Hz to filter
out DC components of the signal and thereby get rid of
DC offsets that may exist in the data.

The data is then optionally subjected to selectable pre
or de-empbhasis filtering (block 65). If pre-emphasis is
selected, the filtering is flat to about 1 kHz and then
rises at 6 dB per octave above that. De-empbhasis is flat
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to about one kHz and falls at 6 dB per octave above
that. A further option is no filtering at all. The choice
between the filter options is made on the basis of the
general shape of the patient’s audiogram and subjective
decisions made by the user during the fitting process.

The filtered data is then subjected to time varying
spectral shaping filtering (block 66). The spectral filter
provides shaping of the gain spectrum to match the
individual who will be using the aid and to provide an
acoustic equalization function for the entire system. The
shaping filter allows, e.g., up to 12 dB per octave of gain
control with up to 36 dB of total shaping. It is possible
to obtain the desired shaping to within 3 dB over the
500 Hz to 6 kHz range.

The filter coefficients which define the characteris-
tics of the spectral filter change over time to adapt to
the magnitude and estimated noise content of the signal
being processed. In each of several frequency ranges of
the input signal, a gain is determined, and the several
gain values are used to determine the spectral filter
coefficients. In general terms, the gain function can be
described as having a curve which is tailored to the
individual and which has regions of increasing gain
(expansion), constant gain (linear operation) and de- .
creasing gain (compression). By utilizing signal and
noise tracking functions, the entire curve or portions of
it can change shape and position to best control noise,
maintain comfortable loudness of the signal, and pre-
vent uncomfortable loudness of intense sounds. The
characteristics of this function, and its interaction with
the spectral shaping in the prior filter sections, deter-
mines how the input signal and noise levels are trans-
formed to output signals and noise levels across the
frequency range. The rapid response time of the time
varying spectral filter helps to improve intelligibility of
quiet sounds following loud transients. More particu-
larly, the system allows tracking of long term signal and
noise levels and the use of estimates of these levels to
maintain the output speech sound at a level which will

be comfortable to the user while simultaneously con-

trolling noise.

After completion of the digital signal processing, the
digital data is converted to an analog signal (block 68) in
the digital to analog converter 56 and the converted
signal is subjected to anti-imaging low pass filtering
(block 69) carried out by the filters 58 and 38, to mini-
mize imaging introduced by the digital to analog con-
version. Finally the filtered signal is subjected to power
amplification (block 70) in the power amplifier circuit
39 and is passed to the receiver or speaker 40.

The noise suppression, loudness limiting and fre-
quency shaping are all accomplished by the combina-
tion of an energy estimation algorithm and a time-vary-
ing filter. The energy estimation algorithm calculates
the energy in a number (preferably 5) of frequency
bands. These estimates are used to decide on the current
gains or attenuations for each of the bands. The time-
varying filter then implements the gains or attentua-
tions.

The estimation of energy in each. frequency band is
preferably done in a novel and highly efficient manner
in accordance with present invention. One way which
could be used to estimate the energies in each band
would be to use a digital filter bank and then rectify and
low pass filter the outputs. For a number of filters equal
to N for example, the five filter blocks 131 to 135 in
FIG. 8), each with M taps (N=5, M =31 are reasonable
numbers) this would require about N*(M +2) multipli-
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cations and the same number of additions for each input
sample. In accordance with the present invention, the
preferred algorithm utilizes 5 additions and 1 shift per
sample. To achieve this large saving in computation, a
particular type of filter bank is required. If the sampling
frequency is F, the highest filter must be from F/2 to
F/4, the next from F/4 to F/8 and so on. Each of the
filters is 1 octave wide, except for the lowest filter
which includes the range down to zero frequency. For
example, if the sampling frequency is 16 kHz, the filter
network can have bands from 8 kHz to 4 kHz, 4 kHz to
2 kHz, 2 kHz to 1 kHz, 1 kHz to 500 Hz and 500 Hz to
0 Hz.

The highly efficient computation is achieved by run-
ning different parts of the effective network at different
rates, as illustrated in FIG. 9. The first stage of filtering
divides the signal into 2 streams, one passed by a high
pass filter 172 containing the upper half of the spectrum
and the other passed by a low pass filter 173 containing
the lower half of the spectrum. Each of the two streams
is at half the rate of the original data stream. Then the
lower of the two streams, constituting a second signal, is
halved in the same way by a high pass filter 176 and low
pass filter 175, the output of which is a third signal with
the output of the low pass constituting a fourth signal,
and a high pass filter 178 and low pass filter 179, the
latter providing an output signal with frequency con-
tent down to zero frequency. The process is repeated
for each of the other octave bands, using a high pass
filter 176 and low pass filter 177. The sample rate is
reduced for each pair of filters, until the input frequency
range is divided into the number of bands desired. Each
filter in the low-pass and high-pass pair may be very
simple, e.g., having coefficients 1, 2, 1 and —1, 2, —1,
respectively. These are fairly shallow filters with 12
db/octave roll-off, but they have only three simple
integer taps each and the sum of the two filters is flat
across the spectrum. More complicated filters may be
used but they would not have these useful properties.

More generally, the energy analysis is performed
using N pairs of high pass and low pass digital filters,
the high pass filter in each pair selected to pass the
highest half of the frequency range of the input signal to
the pair and the low pass filter in the pair selected to
pass the lowest half of the frequency range of the input
signal to the pair. The number N of filter pairs is at least
two. The pairs of filters are cascaded, as illustrated in
FIG. 9, so that the input signal to each pair after the first
pair is the output of the low pass filter of the prior pair
of filters. Means are provided for estimating the energy
in the output from the N high pass filters and from the
last low pass filter. These energy estimates correspond
to the energy present in the input audio signal in the
specific frequency bands which are defined by the cas-
caded pairs of filters. It is preferred, that these fre-
quency bands correspond to octaves which cover the
frequency range of the input signal. Other frequency
bands may be used, but generally will result in more
complex filters and greater computational time than
octave bands.

The computation of output values from the first pair
of high pass and low pass filters is preferably performed
at half the sample rate for the input signal; e.g., if the
sampling rate is 16 kHZ, the output rate from the high
and low pass filters would be 8 kHZ. This halved com-
putation rate is acceptable because the analysis network
is estimating the energy in each frequency band in the
input signal, but is not reconstructing the signal by
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combining band pass filtered portions of the signal. The
computation of output values for the succeeding pairs
of high pass and low pass filters is performed at a rate
which is a fraction of the sample rate equal to 37+1,
where n is the number of prior filter pairs. For example,
for the fourth pair of filters 178 and 179 of F1G. 9, there
are three prior pairs of filters (n=3), and the computa-
tion rate is $4=1/16 times the sample rate.

The analysis network is equivalent to a set of FIR
filters. Each stage contributes a 3-tap filter with coeffi-
cients 1, 2, 1 (for the low-pass filter) or —1, 2, —1 (for
the high-pass filter). The network cascades these simple
filters, and each cascade is equivalent to the convolu-
tion of its component 3-tap filters. The coefficients of
the resulting FIR filters are listed below. These are the
coefficients used in both the analysis algorithm and the
time-varying FIR filter, as described further below.

Filters

~ tap 4 kHz- 2 kHz- 1 kHz- 500 Hz- 0 Hz-
number 8 kHz 4kHz 2kHz 1 kHz 500 Hz
1 —1 1
2 -2 2
3 -3 3
4 —4 4
5 -5 5
6 —6 6
7 -7 7
8 -8 8
9 —4 -5 9
10 —8 -2 10
11 =12 1 11
12 —16 4 12
13 —-16 —4 7 13
14 -30 .8 10 14
15 —64 16 20 13 15
16 128 64 32 16 16
17 —64 16 20 13 15
18 -32 8 10 14
19 —16 —4 7 13
20 ~16 4 12
21 —12 1 11
22 —8 -2 10
23 —4 -5 9
24 —8 8
25 -7 7
26 —6 6
27 =5 5
28 —4 4
29 -3 3
30 -2 2
31 —1 1

The energy estimation network gives energies for
each of the bands. These are used together with the
noise level estimates to calculate the desired gain in
each band. The user specific spectral shaping is also
added in this calculation. The gains are then used to
calculate the coefficients of the filter. Preferably this
digital filter is non-recursive and 31 long so that 16
coefficients are needed (if the filter is symmetrical) and
the calculation is done at intervals of 1 millisecond. The
calculated filter acts on the incoming signal and is the
only operation on the audio signal in the path from
input to output. By conducting the processing in this
manner, the chance of any clipping or quantization
distortion at intermediate states of the system is elimi-
nated to as great an extent as possible. It is also compu-
tationally very efficient, reducing the number of execu-
tion steps required and thus allowing either faster com-
putation or lower power consumption, or both.

The combination of the energy estimation algorithm
and time-varying filter is used to implement a non-linear
amplifier in each of the frequency bands. There can be
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a different shape of input-output function in each of the
bands.

The operation of each non-linear gain function within
the spectral filter can be most readily illustrated by
assuming it receives a single time varying input signal
X(t) and provides a time varying output signal Y(t),
with the internal operations being performed on the
digital input X(T) and yielding the digital output Y(T).
By denoting F;as the log magnitude envelope (in dB) of
the input signal X(t) and F, (in dB) as the log magnitude
envelope of the output signal y(t), a preferred input-out-
put relationship between F;and F, is shown in FIG. 4.
At low input signal levels, the adaptive amplifier pro-
vides increasing gain to the input signal, i.e., the slope
RO of the Fi-F, curve is greater than one (expansion).
This allows low level background noise to be attenu-
ated relative to the speech signal. As the magnitude of
the input signal goes above a selected level, denoted K1
in FIG. 4, the slope of the next piecewise linear F-F,
curve segment is R1, which is preferably one. This
gives a normal constant amplification for signals which
have a magnitude, for example, in the normal speech
range. Preferably, the gain function is selected for an
individual user so that these input signals in the normal
speech range will map to output signals from the hear-
ing aid which are within the preferred dynamic range of
the user’s hearing. For signals above a higher selected
magnitude, denoted K2 in FIG. 4, the slope R2 of the
piecewise linear segment of the gain curve is less than
one, resulting in compression of the output signal. The
level of K2 is preferably selected so that signals which
will exceed the sound level at which the wearer is most
comfortable will be compressed. The three piecewise
linear segments for the input-output curve of FIG. 4
thus together serve to provide expansion of weak sig-
nals, normal amplification of normal speech signals, and
compression of strong signals. Additional piecewise
linear segments may be used if desired, and the curve
may also be implemented with nonlinear segments and
discontinuities. The three piecewise linear segment im-
plementation is generally sufficient to provide adequate
adaptation to the entire range of signal levels.

The gain function of FIG. 4 is implemented with the
energy magnitude envelope E(T) serving as an estimate
of the magnitude of the input signat X(T) at a time T
calculated over a sample period during which the actual
magnitude of the signal is assumed to be relatively con-
stant. At the time T, the three piecewise linear segments
of the curve of FIG. 4 can be represented by the follow-
ing equations wherein L(T)=20 log E(T):

For L(T)<K1:Fo=4+L(N+(R0-DIL(D~K1]
For KISL(T)=K2:Fo=A+L(T)
For K2< L(NFo=A+L(T)+(R2— 1) L(T)~K2]

where A is a constant basic gain in dB.

If H(T) is the magnitude envelope of the output signal
y(t) at the time T, then Fo=20 log H(T).

For each sample time T

YD=D*X(D).

Therefore, averaging values over a short time period:
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H(D) = GN*ED
and

20 log H(T) = 20 log G(T) + 20 log E(T)

The equations above for the input-output segments can
thus be written as:

20 log G(T) = 4 + (RO — 1)(20 log E(T) — K1)
20log G(T) = 4 '
and

20 log G(T) = A + (R2 — 1)(20 log E(T) — K2)

A plot of the gain function 20 log G(T) verses 20 log
E(T) is shown in FIG. 5.

These equations can also be expressed in non-
logarithmic form as:

(RO—1)
LD
10k1/20

for E(T) less than 10K1/20;

&) = 104720 [

G(I) = 104720

for 10K1/20 = F(T) = 10K2/20,
and

(R2-1)

E
G(I) = 104/20 [ELK%EB]

for E(T) > 10K2/20,

These gain equations are implemented in the pro-
gramming for the digital signal processor, as described
below. -

To best adapt to changing noise and signal levels, the
positions of the knees K1 and K2 in FIG. 4, as well as
the slopes of the piecewise linear segments, can be var-
ied as a function of the various estimates of signal and
noise taken from the energy envelope estimate E(T).
With reference to FIG. 6, the position of the first knee
may be changed smoothly from positions P1to P2 to P3
depending on the level of noise to best suppress the
noise, on the assumption that the noise is lower than the
speech level. The position of the lower expansion knee
changes with a noise estimate NX(T). Preferably, this
noise estimate changes very slowly, so that it can be
thought of as a fixed knee which changes as the back-
ground noise level changes. In the preferred embodi-
ment of the present invention, the knee K1 is placed at
a fixed height (e.g., about 15 dB) above the noise esti-
mate. Provided that the speech to noise ratio is better
than 15 dB, the speech peaks will be unaffected and so
the perceived loudness of the speech is not changed.
However, as the position of the knee moves outwardly
from, for example, a nominal level of P1 to P3 as the
noise level increases, the noise will be within the expan-
sion portion of the piecewise linear curve which will
reduce the noise by up to 15 dB. As noise decreases, the
knee may drop from the nominal level to a lower level
P2 to enhance the lower level speech signals. Prefera-
bly, the expansion knee level will be selected so that
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only a small amount of the speech signal falls in the
range below the expansion knee to minimize distortion
of the speech. The position of the knee with respect to
the noise level can be set individually for a user if he or
she requires more noise suppression or can tolerate less
speech distortion. The position of the second knee K2
remains fixed, as do the slopes of the gain function seg-
ments.

Alternatively or in addition to changing the position
of the knee K1, the slope of the expansion section below
K1 can be changed to minimize noise. For example, the
slope of this section (and thus the expansion ratio) can
change in direct relation to the noise level estimate to
suppress the effective noise level, e.g., from R0 to R0’ to
RO".

FIG. 7 illustrates the preferred manner in which the
estimates NX(T) and PX(T) of noise and peak levels are
obtained for each one of the five frequency bands. The
" log energy, L(t), in the band is calculated. Then, as
shown in FIG. 7, L(t) is used to update running esti-
mates of the peak and noise levels. As the log energy
(graph 80 in FIG. 7) changes in level, the peak level
estimator, indicated by the graph 81, and the noise level
estimator, indicated by the graph 82, slowly change.
Preferably the noise estimate tracks about the eleventh
percentile of the distribution of the (or, equivalently,
the distribution of the energy envelope) log spectrum
energy envelope values and the peak estimate tracks
about the eighty-ninth percentile. The rates of change
are slow enough to track the noise level in pauses in
speech and the speech peaks, without significant modu-
lation caused by pauses in continuous speech.

A block diagram of the time varying filter implemen-
tation of the digital signal processing of the present
invention is shown in FIG. 8. The input signal (repre-
sented as samples coming in at 130 in FIG. 8) is directed
to a filter bank composed of octave filters 131-135
which separate the signal into several frequency bands
from, e.g., 0 to 500 Hz, S00 Hz to 1 kHz to 2 kHz, 2 kHz
to 4 kHz, and 4 kHz to 8 kHz. An absolute value is taken
of the output of each of these filters in absolute value
functions 141 to 145, respectively, and these absolute
value sequences are smoothed by low pass filters
151-155, respectively. Gain calculations are made for
each band in gain calculation functions 161 to 165, re-
spectively. Based on the gain calculations the filter
coefficients are calculated (e.g., 16 coefficients in total)
at 167. The input samples are also provided to a delay
circuit 170 which compensates for the delay going
through the filtering sections and provides an output
signal to a (e.g., 31-long) filter 171, coefficients of which
have been calculated in the function 167.

The noise suppression gain functions are calculated at
161 to 165 for each of several separate frequency bands.
If the noise level varies across the frequency spectrum,
then noise reduction can be used in only those bands
where it is needed. Thus, bands which are relatively
noise free need not be distorted.

The algorithm for the time varying spectral filter has
three main program blocks, as shown in FIG. 10, an
initialization code (block 180), a main program (block
181) and an interrupt routine (block 182). The initializa-
tion code sets any constants which are needed in the
other routines and does any initialization of input/out-
put ports which is needed. The main program uses en-
ergy estimates xal(1) through xal(§) from the interrupt
routine and calculates the time varying coefficients
coef(0) through coef(15) for the filter. The energy esti-
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mates are also used to track a peak and a noise level
estimate for each of the channels. The user switches are
checked in the main program loop, and if they have
changed, the appropriate parameters are reset. The
interrupt routine is executed once for each input sample.
It determines the energy estimates xal(1) through xal(5)
and filters the signal with the 31-tap filter.

The main program shown in FIG. 11 begins with dB
energy calculation (block 185) from channel energy
estimates xal(1) through xal(5). This provides a conver-
sion from a magnitude scale (the output of the octave
band filter network in the interrupt code) to a logarith-
mic decibel scale. Preferably, the program computes
the exponent and then uses a look-up table for the man-
tissa for computational efficiency. The calculation for
the approximation of the logarithm is thus effectively
carried out as follows:

loglew(i):= 16*log2(xal(i)), for i=1 thru 5

The foregoing expression and other expressions
herein that correspond to software operation and writ-
ten using conventional coding symbols. For example,
the symbol “*” implies multiplication of the two factors
which it separates, and the symbol *“**” implies that the
first factor separated by the symbol is raised to the
power of the second factor. Log2 implies the logarithm
to the base 2 of the factor that follows. Such symbols
are convention and readily understood.

The gain is then calculated for each band from the
input/output function (block 186). The gain calculation
is replicated five times, once for each of the channels.
The gain function can have several possible forms. A
preferred form is an expansion with ratio rat0 below the
knee K1, linear between knee K1 and a second knee K2,
and compression with a ratio rat2 above knee K2. The
calculated gain thus is:

loggain(i): = (loglev() — knee2) * (rat2 — 1) if K2 < loglev(s)
loggain(s): = 0
if K1 = loglev()) = K2

loggain(i): = (loglev(i) — K1) * (rat0 — 1) if loglev(?) < K1

Suitable preferred values for rat0 and rat2 are 2.0 and
0.3, respectively, giving an expansion of 1:2 and a com-
pression of 3.3:1. Other values are possible, providing a
tradeoff between the amount of distortion which is
acceptable for the user and the degree of compression
that would be suitable. The values of K1 and K2 can be
fixed or either or both can depend upon the current
estimated signal and noise levels. When K2 is fixed, it is
preferred to set it at a value corresponding to speech
peaks. When K1 is fixed it is based on the user prefer-
ence in the fitting procedure. Again, other forms of
input/output function are possible, including piecewise
linear functions having more knees to divide the range
into a number of segments with different expansion or
compression ratios. In this way, any shape of input/out-
put curve can be approximated by a piecewise linear
function.

The gains are then converted from dB to linear (block
187). First, the user prescription gains, fgain(i), are
added for each band and then the gains are converted
from a log scale to a linear scale by using a look-up table
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and the results are stored as array gmul(i) for the calcu-
lation of coefficients:

gmul(i):=2**((fgain(i)+ loggain(i))/16)for i=1
through 5

The filter coefficients are then calculated (block 188).
The same coefficients may be used as in the octave band
filter network described further below. Because of the
simple form of the filters, the coefficients can be calcu-
lated efficiently as follows:

&x(5):={(gmul(5)—gmul(4))/256

8x(4):=(gx(5)+(gmul(4)— gmul(3))/64

8x(3):=gx(4)+ (gmul(3) —gmul(2))/16

8x(2): =gx(3)+ (gmul(2)—gmul(1))/4

gx(1):=gx(2) +gmul(1)

coef{0):=gx(5)

coef{1):=coef{0)+gx(5)

coefl2): = coef(1)+gx(5)

coefi3):=coefl2)+gx(5)

coef{4): =coef(3) +gx(5)

coef(5): =coef(4)+gx(5)

coef(6): =coef(5)+ gx(5)

coef(T):=coef(6)+gx(5)

coef(8): =coef(T)+ gx(4)

c0ef(9): =coef(8) + gx(4)

coef{10):=coef[9) + gx(4)

coefl11):=coef(10)+ gx(4)

coef{12):=coef(11)+gx(3)

coef(13):=coef(12)+gx(3)

coef{14):=coef{13) +gx(2)

coef{15):=coef(14) +gx(1)

The apparent way to calculate such coefficients
would require 87 multiplies and accumulates whereas
the foregoing procedure requires only 23 additions.
Although the time saving achieved in the main program
is not as important as in the interrupt code, because the
main program is executed only once during the time
period when the interrupt is executed several times, a
worthwhile savings in computation time is still ob-
tained.

The program next tracks peak and noise levels (block
189). Estimates of the peak and nosie level are made
according to the formulas:

peak(i):=peak(i)+pu if loglew(i)> peak(i)

peak(i):=peak(i)—pd if loglew(i) < peak(i)

noise(i): = noise(i)+ nu if loglew(i)> noise(i)

noise(i):= noise(i)—nd if loglev(i) < noise(i)

fori=1thrus
It does not matter which formula is performed when
loglev(i)=peak(i) or loglev(i)=noise(i). In a steady
state case, peak and noise will settle down to some
percentile of the distribution of the loglev values.
Which percentile, and how fast the estimates will react
to a change in level is determined by the valiies of pu,
pd, nu, and nd. Preferred values are such that pu and nd
correspond to 80 dB/per sec and pd and nu correspond
to 10 dB per sec. This makes the noise estimate track the
11th percentile of the loglev values and the peak esti-
mate track the 89th percentile. The rates are slow
enough to track the noise level in pauses in speech and
the speech peaks without much modulation caused by
pauses in continuous speech. :

The program then recalculates knees of the input-
/output curve (block 190). The knees, K1 and K2, can
be fixed or can depend upon the estimated peak and
noise levels. One preferred embodiment is either to
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have both fixed or else just K1 variable. In the variable
case the formula is:

K1(i): = noise(iy + nsplus
Jori=1thru 5

with the value of K1(i) limited to lie in a range Kimin
to K1max. The min and max are set by user preference
during the fitting procedure. nsplus is how high above
the noise level to place K1(i). A value corresponding to
15 dB is preferred, based on testing in a variety of noise
environments.

Mode switches and reset parameters are then checked
(block 191). The switches are checked to see whether
they have been pressed and, if they have, the parameters
corresponding to that switch are read and replace those
parameters in the algorithm. Examples of parameters
which can be reset are:

K2 higher knee of input/output curve
K1min min value for lower knee

Klmax max value for lower knee

rat0 expansion/compression ratio below K1
rat2 expansion/compression ratio above K2
fgain(i) gains for the 5 bands

nsplus the level above noise to place K1

The program then waits until the millisec counter is less
than or equal to zero (block 192). The counter is decre-
mented in the interrupt routine. When the millisec
counter is zero the counter is reset to a positive number
(block 193). The number governs how often the main
program is executed. Preferably, the main program is
executed about once every millisecond.

A flow diagram for the interrupt routine is shown in
FIG. 12. The routine begins with context save for the
main program (block 200). The current program
counter, registers and processor status are stored, as is
usual in an interrupt routine. Next, a sample input and a
sample output are obtained and provided, respectively
(block 201); the output sample x5(t) is sent to the digital
to analog converter and the input sample x0(t) is read
from the analog to digital converter. .

The Gain Ranging Code is then executed (block 202).
The input level is adjusted, depending upon the current
setting of the attenuator (block 45 in FIG. 2). This is
done so that the original signal level is restored, as:

x1(2):=x0()* rmul, )

where the attenuator has attenuated by a factor which is
the inverse of rmul. Also, the attenuator setting may be
adjusted. If the incoming sample x0(t) is greater than
half full scale, then the attenuation for subsequent sam-
ples is increased by 6 dB. If the samples have all been
below quarter full scale for the last 32 samples, then the
attenuation is decreased by 6 dB. By these means, the
signal level is kept within the range of the A/D con-
verter, with sufficient resolution to give a low quantiza-
tion noise floor.

A high-pass filter operation is then optionally per-
formed to remove DC offsets (block 203). Output x2(t)
from the filter is a high-pass filtered version of the input
xI(t). The filter is optional and has a preferred high-pass
break point frequency of about 100 Hz. An exemplary
formula for implementing this is:

x2(1):=x1{1)—dc

de:=dc+x2(1)/16
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If the filter is, optionally, not implemented, then
x2():=x1(?).

A pre/de emphasis filter is then optionally provided
(block 204). There are three options for the fiiter, which
has input x2(t) and output x3(t). The options are pre-
empbhasis, flat, and de-emphasis. Pre-emphasis is flat to
about 1 kHz and rises at 6 dB per octave above that.
De-emphasis is flat to about 1 kHz and falls at 6 dB per
octave above that. The choice between the filters is
made on the basis of the general shape of the user’s
audiogram. The possible options can be implemented as:

x3(1): = x3(r — 1)*7/8 4+ x2()*1/2 for de-emphasis
x3{(f): = x2(s) for flat

x3(): = x2(1)*2 — x2(t — 1)*7/4 for pre-emphasis

The octave band analysis is then carried out (block
205). This code implements 5 finite-impulse-response
(FIR) bandpass filters which are spaced at octave
bands. The filters can be thought of as being specified
by a weighted sum of samples, but with the preferred
way of implementing them saving a considerable
amount of computation. The simplest implementation
would need 87 multiplies and accumulates per input
sample, whereas the preferred implementation needs no
multiply and just 5 adds per input sample. The basic
procedure, as described generally above, is to separate
the incoming signal into two channels by a simple pair
of low-pass and high-pass filters. Each one of this pair of
channels has half the bandwidth of the original channel,
allowing the program to halve their sampling rates.
Then the lower channel can be again halved in exactly
the same way. This process can be repeated as many
times as desired. For example, this can be done 4 times
to produce 5 filters (0-500 Hz, 500 Hz-1 kHz, 1 kHz-2
kHz, 2 kHz-4 kHz, 4 kHz-8 kHz). This filter break-
down matches reasonably well with the resolution
needed for a speech signal. In the present invention the
output of the bandpass filter network is only used to
calculate the coefficients for a filter which acts directly
on the full bandwidth signal path. This avoids all the
channel aliasing problems encountered in multi-channel
filters and allows the use of very simple filters and a
slow output rate for each of the filters. This makes the
algorithm very computationally efficient. For the lower
frequency channels, the full sampling rate is not needed.

The simple component filters lend themselves to a
simple implementation. Because of the multi-stage
down-sampling, different formulas must be executed
depending on the current sample number. The timing
all depends on powers of two, so the exemplary code
for the digital signal processor program set out below
uses a variable called ‘clock’ which is incremented for
each incoming sample, and the bits of the variable are
‘tested to check which formulas to execute.

clock=clock+1;

if (clock & 1)

(
vo=sample;
Vpo=Vv0+Ve;

temp=abs(vpo + vpe —4*ve);
vlp=vlp+ (temp-vlp)/8;
else if (clock & 2)
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(

ve==sample;
vpe=ve+ Vo,
WO =vpe+ Vvpo;
Wpo=we+Wo;
temp =abs(wpo+wpe—4*we);
wlp=wlp+(temp-wlp)/8;
else if (clock & 4)
(
ve=sample;
vpe=ve-+Vvo;
we=vpe+ Vvpo;
wpe=we+wo;
X0=Wwpe + Wpo;
Xpo=xe+X0;
temp =abs(xpo -+ xpe —4*xe);
xlp=xlp - (temp-xlp)/8;
else if (clock & 8)
(
ve=sample;
vpe=ve-Vvo;
we = vpe -+ vpo;
wpe=Wwe-+Wo;
Xe=wpe+ wWpo;
Xxpe=Xxe+X0;
YO =2xpe+Xpo;
ypo=ye+yo;
temp=abs(ypo+ ype —4*ye);
ylp=ylp+ (temp-ylp/8;
)

else
ve==sample;
vpe=ve+Vo;
we=vpe+ vpo;
wpe=we -+ wo;
Xe=wpe+ wpo;
Xpe=Xxe-+X0;
ye=xpe+ xpo;
ype=ye+yo;
temp=abs(ypo+ype);
zlp=zIp +(temp-zip)8;

The number of operations needed in the energy anal-
ysis network is very small because so much of the filter-
ing is done on streams which have been decimated to
successively slower rates. Also, unlike the Fast Fourier
Transform or most filter banks, the network needs only
additions and no multiplications. The low pass filter
(filters 151 to 155 in FIG. 8) in the subsequent rectify
and low pass filter operation requires a division by a
constant, but this can very easily be implemented by a
shift, using either a hardware or a software implementa-
tion.

At each sample time there are two parts to the com-
putation, the decimated filtering followed by the rectify
and low-pass filter operation. The second of these needs
a constant amount of computation per sample: two
adds, two subtracts, two shifts, and an absolute value
operation. The decimated filtering needs between 1 and
2*N—1 adds, where the filter bank goes through N
levels (e.g., N=35 for the filter of FIGS. 8 and 9). The
deeper levels of filtering are those which take more
computation, but they are also calculated less fre-
quently. On average, less than three adds are needed per
sample. Interestingly, this is independent of how many
octave bands are needed. As the number of bands be-
comes large, the average number of adds approaches
the limit of 3. With such small numbers of arithmetic
operations, the control logic becomes significant. As the
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code is written above, there are on average 2 bit-test
and conditional branches per sample.

The rectify stage (block 206) is an absolute value,
xa(i), of xf(i). There are 5 channels, but only one value
of xafi) is produced at each time, so this block and the
low pass filter block are only executed for that output:

xa(i):=abs(xf))

A square could also be used for a slightly more accu-
rate estimate of the root-mean-square signal level, if
desired.

A low pass filter (block 207) then acts on xa(i) to give
output xal(i). Several different low-pass filters are possi-
ble, but a preferred embodiment uses a single-pole low
pass filter with a cut-off frequency of 1 kHz:

xal(i)=xal(f)+(xa({)—xal())/tc

where tc is a time constant, measured in samples. Pre-
ferred values for tc are in the range of 8 to 16.

The energy estimates xal(i) are then stored for use by
the main program loop (block 208). The output of the
pre/de-emphasis filter is provided in the main signal
channel to a first-in-first-out delay (block 209). The
signal x3(t) is delayed by a first-in-first-out queue to give
output x4(t). The delay balances the delay in the low-
pass filter, so that changes in signal level do not happen
before the compression or expansion can occur.

x4(1):=x3(1—4*2c)

Where tc is the same time constant used in the rectify-
low-pass-filter. The delay cannot be perfectly balanced
because there are different delays in the several bands.
Thus, an average delay corresponding to the middle
channel is chosen.

The delayed signal x4(t) is then provided to the spec-
tral filter, which may be implemented as a finite impulse
response filter (block 210). The spectral filter provides
both shaping of the gain spectrum and the non-linear
amplifier gain for each channel. The coefficients are
calculated in the main program and are used here.

x5(8):=sum over i(x4{t— iy*coef(i))

Jori=0...31

The filter is symmetrical (coef(31 —i)=coef(i)), so only
the sixteen coefficients calculated in the main program
are needed here.

The millisecond counter is then decremented (block
211): counter:=counter—1 and context is restored for
the main program (block 212), wherein registers and
processor status are restored for main program execu-
tion. The program counter is restored to the value at the
start of the interrupt. The main program is then re-
started (block 213).

Feedback is 2 common and annoying phenomenon in
hearing aids. The wearer usually hears it as a loud, high
frequency squeal when he moves close to a sound-
reflecting surface, such as a wall, or when he turns up
the volume knob to a high setting. The feedback insta-
bility in a hearing aid has the same causes as feedback in
a public address system. A sound comes into the micro-
phone of the hearing aid, is amplified and sent out by the
receiver. It then leaks back to the microphone and starts
around the loop again. If the loop gain of the system
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(hearing aid plus acoustic feedback path) is greater than
or equal to unity and the phase is a multiple of 360° at
any frequency, then the output at that frequency will
quickly rise in amplitude until it reaches the maximum
output level for the aid.

The simplest way to stop feedback in a hearing aid is
to reduce the gain of the aid. If it is reduced sufficiently
so that the gain around the loop is less than unity at all
frequencies there will be no feedback instability. But the
main purpose of hearing aids is to provide gain, so re-
ducing the gain may not be a good solution for many
people who have moderate to severe hearing losses.
The other way to prevent feedback is to reduce the gain
in the acoustic feedback path, between the receiver and
the microphone. This can be done physically by using a
tight fitting ear-mold without a vent-hole. The disad-
vantage is that tight fitting ear-molds can be uncomfort-
able and the use of a vent-hole may be necessary to give
a desired frequency shaping.

Acoustic feedback in a digital hearing aid arises from
exactly the same causes as in a conventional analog aid
with the slight difference is that digital aids tend to
introduce a small delay to the signal. An analog aid will
have a delay of the order of 100 microseconds whereas )
a digital aid may have a delay of perhaps 5 milliseconds.
This causes no perceptual problems and it does not
change whether or not feedback occurs, but it will
change the rate at which instability climbs to the maxi-
mum level. Longer delays will cause a slower climb,
although it may still be perceptually fairly fast. Pre-
ferred auxilliary digital signal processing which may be
performed on the signal path in the digital signal proces-
sor to reduce feedback is described below.

The feedback transfer function around a hearing aid
comprises a gain and a phase at each frequency. The
feedback can be disrupted either by reducing the gain or
by changing the phase relationships. The phase relation-
ship can be changed by including a variable delay line in
the main signal path. As the delay changes, so does the

phase. An equation for implementing this delay function

in the maif signal processing path performed by the
digital signal processor 50 is as follows:

H):=x(t—d)

where y(t) is the output signal of the delay function, x(t)
is the input signal to the delay function, and d changes
slowly in time from O to D and back again periodically
with a constant period. It increases by 1 every dn’th
sample until it reached D and then reverses direction
and decreases at the same rate until it reaches 0, where
it reverses direction again. ) .

The choice of D and dn is a trade-off between feed-
back reduction and distortion of the signal. Large val-
ues for the two constants give more reduction and more
distortion. The distortion sound has a warbling quality
to it. Reasonable values are D=8 and dn=32, which
result in acceptable level of distortion.

A second signal process for reducing feedback looks
at the incoming signal and checks whether there are any
strong tonal components. Feedback usually occurs at
specific frequencies and is heard as a loud tone or whis-
tle. If strong tones are present, they are attenuated in the
digital signal processor 50 by means of an inverse filter.
This is done by the technique of linear prediction. As
shown schematically in FIG. 14, the incoming signal
x(t) from the microphone 300 may be filtered by a
slowly time-varying filter 301, and the filtered signal is
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subtracted from x(t) to yield an output signal y(t) which
is provided to the remaining main signal processing
path 302. The output of the digital filter 301 is an opti-
mal estimate of the current input sample based on past
input samples. Given speech input, the inverse filter will
provide a mild high-frequency emphasis; however,
when feedback (tonal) components are in the input
signal, the inverse filter, under control of a filter estima-
tor 303, will provide a notch filter centered at the fre-
quency of the feedback signal. The inverse filter is
adaptive, being updated each sample as a function of the
input signal. It is understood that the signal processing
blocks illustrated in FIG. 14 are carried out within the
digital signal processor 50 of FIG. 2.

The program equations executed for these functions
are as follows:

H): = x(5) — sum over n (c{n)*x(t — n))
forn = 1thru ¥

on): = c(n) + B * /) * x(¢ — n)

forn = 1 thru ¥

B: = BT/(RC + BO)
RO is an estimate of the mean square energy in the input
signal and BC and BT are constants. RO can be imple-
mented as follows:

RO:= RO+ (x()*x(f)— RO)*RT

where RT is a constant.

The first equation is a filter whose coefficients c(n)
vary slowly and are calculated by the other equations.
The constants BT and RT determine how fast the algo-
rithm adapts to changing signals. The more important
of these two is BT. A value of about 2—12is preferred,
giving a time constant of about 250 milliseconds. The
preferred value for RT is about 2—11, for a time con-
stant of 150 milliseconds. This governs the length of
time over which the short term energy estimate RO is
made. The constant BC helps to slow down the adapta-
tion during periods of low signal and is set to a value of
218, The parameter B changes slowly. Thus, it is not
necessary to update B every sample. The preferred
update rate which minimizes computation without com-
promising performance is to compute B once every 512
samples.

The number, N, of coefficients can have a value of 2
or more. The more coefficients there are, the greater is
the amount of computational power needed in the algo-
rithm. A large number of coefficients would give the
possibility of eliminating several tones from the signal.
But a small number of coefficients gives less distortion.
Values of 2 to 6 are preferred.

In a third process, the input and output signals of the
hearing aid are analyzed and the transfer function
around the acoustic feedback path is estimated. The
transfer function is used to form an estimate of the
acoustic feedback signal which is then subtracted or
cancelled from the input signal, as illustrated schemati-
cally in FIG. 15. This method models the hearing aid
input from the microphone 300, x(t), as the sum of a
desired input signal (e.g. speech) and a noise signal, the
acoustic feedback signal. The acoustic feedback signal
estimate is obtained by filtering the main signal process-
ing path output, w(t), (a delayed and processed version
of the input) with the estimate of the acoustic feedback
path transfer function. The transfer function of the
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acoustic feedback is modeled as a pure delay function
308 (to compensate for the time it takes for the acoustic
signal to travel from the hearing aid output to the mi-
crophone input) and a linear filter 309 (to compensate
for the frequency shaping imposed by the acoustic envi-
ronment), with both functions in a feedback path from
the output to the input of the main signal processing
path. A filter estimator 310 uses the input signal y(t) and
the output signal w(t) for the delayed output signal z(t)
to determine the coefficients of the filter 309. The pre-
ferred value of the delay is 12 samples, given a 14 kHz
sampling rate. However, this value may be fit to each
individual situation if necessary. The filter transfer func-
tion estimate is updated each sample as per the follow-
ing equations:

A0 = x(f) — sum over n (c(n)*z(t — n + 1))
forn = 1thru N

cn):=cn) +B*y)*At—n+ 1)
forn=1thruN

B: = BT/(RO + BC)

where BT and BC are constants and the energy estimate
RO may be implemented as:

RO:= RO+ (x(1)*x(t)— RO}*RT

where RT is a constant

The input signal to the digital signal processor from
the microphone (after A to D conversion) is x(t). The
feedback function is executed to form y(t). Then further
processing in the main signal processing path 302, for
example, frequency shaping or noise reduction as de-
scribed above, produces the final output w(t). A de-
layed version of the output, z(t) is filtered to yield the
feedback signal estimate which is subtracted from the
input, x(t).

The first equation above is a filter whose coefficients
c(n) vary slowly and are calculated by the other equa-
tions. The constants BT and RT determine how fast the
algorithm adapts to changing signals. The more impor-
tant of these two is BT. A value of about 2—1! is pre-
ferred, giving a time constant of about 150 milliseconds.
The preferred value for RT is about 2—5, for a time
constant of about 2.5 milliseconds. This governs the
length of time over which the short term energy esti-
mate RO is made. The constant BC helps to slow down
the adaptation during periods of low signal and is set to
a value of 225, To save computation, the variable B need
not be recalculated at each sample interval. B changes
slowly and it is sufficient to calculate it once every 512
samples.

The number, N, of coefficients can have any value.
The more coefficients there are, the greater is the
amount of computational power needed in the algo-
rithm. A large number of coefficients gives a better
possibility of modeling the feedback path accurately,
but a small number of coefficients has less effect on the
speech signal. Also, larger numbers of coefficients can
cause problems with numerical accuracy. Given these
conflicting requirements, values of 6 to 12 for N are
preferable.

In the digital processing of many types of signals, the
dynamic range requirement is much greater than the
signal to (quantization) noise ratio requirement. Audio
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signals, both speech and music, are examples of such
signals. An efficient, low power, low voltage data con-
version system is preferred which is applicable to sig-
nals having bandwidths below about 20 kHz, particu-
larly a digital signal processing system for the hearing
impaired where approximately a 72 dB input dynamic
range is required.

A conversion system which requires significantly less
circuit power and circuit complexity to implement than
traditional data converters with comparable dynamic
range is shown in FIG. 2 composed of the gain ranging
amplifier 45, the 30 dB gain amplifier 46 and the 8 bit
linear analog to digital converter 47. These units oper-
ate under the control of the digital signal processor 50
through the control and timing logic 51. In the process-
ing of speech dominated audio signals the rate at which
large signal changes take place is relatively slow, and
the gain ranging amplifier 45 can be utilized to extend
the dynamic range of the (e.g., 8 bit) analog to digital
converter 47. As long as the rate at which large signal
changes take place is below the rate of change for the
gain of the gain ranging amplifier, such an approach can
be utilized. In such speech audio applications, it is found
that the gain change rates can be limited to 6 dB per 150
microseconds for gain decreases and 6 dB per 150 milli-
seconds for gain increases and still provide the neces-
sary dynamic range and signal to noise ratio. Generally
8 bits of linear analog to digital conversion capability
are required for such an approach.

The gain control algorithm used to control the gain
ranging amplifier (or digital attenuator) 45 operates
such that if the magnitude of the digital sample from the
8-bit linear analog to digital converter 47 exceeds 26 (64)
for any sample, then the gain of the gain ranging ampli-
fier 45 will be reduced by a factor of 2 by the digital
signal processor 50. Conversely, if the sample magni-
tude is less than 25 (32) for one millisecond, then the
gain of the amplifier 45 will be increased by a factor of
two. This computation is carried out by the digital sig-
nal processor in the Gain Range Code block 112 in the
single band algorithm interrupt routine and in the Gain
Range Code block 202 in the time varying filter algo-
rithm interrupt routine.

A somewhat more detailed block diagram of the ear
piece circuit portion of the hearing aid is shown in FIG.
14. A switch 230 allows the input to be taken either
from the microphone 30 through the pre-emphasis cir-
cuit 232 or from the telecoil 31. The input signal goes
into the circuit 33 which includes an automatic gain
control amplifier 231, the output of which is received
by the low pass anti-aliasing filter 233. The output of the
filter 233 is passed through a filter amplifier 234 and is
provided on the line 34 to the digital signal processing
components in the processor unit. The output of the
filter 234 is also provided to a rectifier 235 which feeds
back to the AGC amplifier 231 to control its output
level. The AGC amplifier receives its power (as does
the microphone 30) from a voltage regulator 237 which
is supplied from a low voltage battery source 240 in the
ear piece.

The signal on the lines 36 from the pocket processor
portion of the hearing aid is received in the ear piece
and passed through an adjustable attenuator 37 which is
adjusted by the hearing aid fitter, and thence the signal
passes through the anti-imaging filter 38 to the power
amplifier section 39 which drives the receiver speaker
40. The power amplifier section 39 is supplied directly
with power from the voltage source 240 and includes a
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voltage adjustment 242 operated by the dial 28 which
controls the gain of an amplifier 243 which, in turn,
supplies the power amplifier 244.

As noted above, the hearing aid preferably can be
programmed to adapt to the hearing deficit of a particu-
lar user. The fitting procedure determines the values of
several parameters of the hearing aid algorithm. The
patient’s hearing may first be tested by standard audio-
logical methods to determine thresholds and other stan-
dard parameters. The individual being tested may then
be supplied with a master hearing aid which is a com-
puter based processor running the same algorithms as
the hearing aid. The patient goes through a protocol in
which speech (sometimes with noise added) is provided
to him or her. The master hearing aid processor then
executes the hearing aid algorithms and switches be-
tween different sets of parameters. The patient then
indicates his or her preference (or the subjective intelli-
gibility) of the signal by pressing buttons on the master
hearing aid. The information from the buttons is stored
back into the computer. Several possible procedures
may be utilized to take a set of parameters so deter-
mined and reach an optimal set by making small
changes and paired comparisons. One such procedure is
the simplicial method.

The fitting is preferably done in both quiet conditions
and with noise added to the speech. The patient may
well require different parameter sets under these differ-
ent conditions. The three positions of the selection
switch on the hearing aid allows up to three different
sets of parameters to be provided for normal use. Dur-
ing execution of the code by the digital signal processor
in the hearing aid, the switches are checked to deter-
mine whether they have been pressed, and if they have,
the parameters corresponding to the switch that is
pressed are read and replace those parameters previ-
ously in the algorithm. As noted above, among the
parameters which preferably can be read and changed
for each position of the mode switches are K2, the
higher position of the higher knee of the input-output
curve; K1min, the minimum value for the lower knee
position; K1max, the maximum value for the lower
knee; rat0, the expansion/compression ratio below the
knee K1; rat2, the expansion/compression ratio above
the knee K2; Wgains, the gains in the five bands which
form the shaping filter; and nsplus, the level above the
noise to place the knee K1.

It is understood that the invention is not confined.to
the particular embodiments set forth herein, but em-
braces all such modified forms thereof as come within
the scope of the following claims.

What is claimed is:

1. A digital signal processing hearing aid system com-
prising:

(a) input means for providing an electrical input sig-

nal corresponding to a sound signal;

(b) analog to digital converter means for converting
the input signal from the input means to input sig-
nal digital data at a selected-sample rate;

(c) digital signal processing means for receiving the
input signal digital data from the analog to digital
converter means and providing processed output
data, the digital signal processing means including:
(1) means for analyzing the input signal data and

estimating the energy contained in a plurality of
selected frequency bands which cover the range
of frequency content of the input signal data,
wherein the means for analyzing the input signal
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data includes a first high pass digital filter for
passing the higher half of the input signal fre-
quency range, a first low pass digital filter for
passing the lower half of the input signal fre-
quency range and providing a second frequency
range signal data, a second high pass digital filter
selected to pass the higher half of the second
frequency range signal and a second low pass
digital filter selected to pass the lower half of the
second frequency range signal to provide a third
frequency range signal, a third high pass digital
filter selected to pass the higher half of the third
frequency range signal and a third low pass digi-
tal filer selected to pass the lower half of the
third frequency range signal to provide a fourth
frequency range signal, the fourth high pass filter
selected to pass the higher half of the fourth
frequency range signal and a fourth low pass
digital filter selected to pass the lower half of the
fourth frequency range signal, and wherein the
means for analyzing further includes means for
estimating the energy in the data corresponding
to the outputs of the first, second, third, and
fourth high pass filters and the fourth low pass
filter;

(2) gain calculation means for calculating a gain for
each band which is a function of estimated en-
ergy in each band;

(3) digital spectral filter means, having a plurality
of filter coefficients which are changeable, for
receiving the input signal digital data and pro-
viding spectrally shaped output data for output
from the digital signal processing means;

(4) coefficient calculation means for calculating the
coefficients of the digital spectral filter means
based on the gains for each band calculated by
the gain calculation means, the coefficients of the
digital spectral filter means being periodically
changed to the new coefficients calculated by
the coefficient calculation means;

(d) digital to analog converter means for converting
the processed output data from the digital signal
processing means to an analog signal; and

(e) means for converting the analog signal to a corre-
sponding sound.

2. The hearing aid system of claim 1 wherein the
means for estimating the energy in the frequency bands
of the input signal data further comprises means for
taking the absolute values of the filter outputs and
means for low pass filtering these absolute values.

3. The hearing aid system of claim 1 wherein the gain
calculation means also includes means for selecting the
spectral shaping of the digital spectral filter means to
provide spectral shaping to the signal data passed
through the spectral filter to compensate for spectrally
related deficiencies in the hearing of the user of the
hearing aid. '

4. The hearing aid system of claim 1 including means
for delaying the input signal data provided to the spec-
tral filter means to allow time for the coefficients of the
spectral filter to be changed in response to the charac-
teristic of the input signal at the time that the data is
provided to the spectral filter.

5. The hearing aid system of claim 1 wherein each
high pass filter and low pass filter is a three tap finite
impulse response digital filter.
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6. The hearing aid system of claim 5 wherein the filter
coefficients of each high pass filter are —1, 2, —1 and
the filter coefficients of each low pass filter are 1, 2, 1.

7. The hearing aid system of claim 1 wherein the
computation of output values of the first high pass and
low pass filters is performed at half the sample rate, the
computation of output values for the second high pass
and low pass filters is performed at one quarter the
sample rate, the computation of output values for the
third high pass and low pass filters is performed at one
150 of the sample rate, and the computation of output
values for the fourth high pass and low pass filters is
performed at 1/16 of the sample rate.

8. The hearing aid system of claim 1 wherein the gain
calculation means within the digital signal processing
means computes gains for each of the frequency bands
in accordance with a gain function of the estimated
energy including at least a section providing amplitude
expansion for selected low level input signals, a linear
amplification section for providing constant amplifica-
tion for intermediate level input signals, and a section
providing amplitude compression for high level input
signals. '

9. The hearing aid system of claim 8 wherein the
digital signal processing means includes a programma-
ble memory selectably loaded with processing variables
adapted to an individual user.

10. The hearing aid system of claim 9 wherein the
processing variables in the programmable memory in-
clude the slopes of the expansion section and the com-
pression section for each of the frequency bands in the
gain calculation means, and the digital signal data en-
ergy envelope positions of the knees at which the ex-
pansion section joins the linear amplification section and
at which the linear amplification section joins the com-’
pression section.

11. The hearing aid system of claim 8 wherein the
gain calculation means calculates the gains also as a
function of desired base line gains for each of the bands
so as to cause the digital input signal passed through the
spectral filter means to be spectrally shaped in 2 manner
selected to compensate for the spectral hearing deficit
of a user.

12. The hearing aid system of claim 8 wherein the
gain calculation means of the digital signal processing
means estimates the level of noise as a function of the
energy in each of the bands and wherein a knee dividing
the expansion section of the nonlinear gain function
from the linear section for each band is moved higher or
lower as a function of the noise level estimate for that
band.

13. The hearing aid system of claim 9 wherein the
programmable memory in the digital signal processing
means is provided with parameters that define the mini-
mum and maximum values for the position of the knee
dividing the expansion section of the gain function from
the linear section for each band and wherein the digital
signal processing means includes means for estimating
the level of noise as a function of the energy estimate of
the digital input signal data for each frequency band,
and wherein the digital signal processing means moves
the knee higher or lower as a function of the noise level
estimate but within the limits set by the minimum and
maximum values.

14. The hearing aid system of claim 1 including auto-
matic gain control means for controlling the magnitude
of the analog signal passed from the input means to the
analog to digital converter means, the signal magnitude
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controlled at a slow rate relative to speech to be within
a desired range of magnitudes.

15. The hearing aid system of claim 8 wherein each of
the gain functions used in each of the frequency bands
by the gain calculation means has a piecewise linear
gain function in which the logarithm of the gain is a
linearly increasing function of the logarithm of the en-
ergy estimate in each band up to a first knee, a constant
between the first and a second knee, and a linearly de-
creasing function above the second knee.

16. The hearing aid system of claim 15 wherein the
positions of the first and the second knees are selected
so that the constant gain between the first and second
knee lies over a preferred dynamic range for the hearing
of the individual user in each of the frequency bands.

17. The hearing aid system of claim 15 wherein the
gain calculation means includes means for estimating
the level of noise as a function of the energy estimate of
the digital input signal data in each frequency band and
wherein the first knee in each gain function in each
frequency band is moved higher or lower as a function
of the noise level estimate for that band while the posi-
tion of the second knee and the slopes of the gain func-
tion remain fixed in each band.

18. The hearing aid system of claim 17 wherein the
position of the first knee is set equal to the noise level
estimate plus a selected constant.

19. The hearing aid system of claim 17 wherein the
first knee is moved higher or lower in direct relation to
the noise level estimate but no higher than a selected
maximum value and no lower than a selected minimum
value in determining the gain calculated by the gain
calculation means for each frequency band in the digital
signal processing means.

20. The hearing aid system of claim 19 wherein the
digital signal processor has a programmable memory
and wherein the programmable memory is provided
with parameters that define the minimum and maximum
values of the position of the first knee, the position of
the second knee, and the slopes of the gain function.

21. The hearing aid system of claim 17 wherein the
means for estimating the level of noise in each fre-
quency band in the gain calculations means estimates
the noise level by selecting a percentile of the distribu-
tion of the energy estimate for each of the frequency
bands.

22. The hearing aid system of claim 19 wherein the
position of the first knee is set equal to the noise level
estimate plus a selected constant.

23. The hearing aid system of claim 1 including pre-
emphasis filtering means for equalizing the frequency
spectrum of the analog signal passed from the input
means to the analog to digital converter means to mini-
mize the required dynamic range of the analog to digital
converter means. :

24. The hearing aid system of claim 1 wherein the
gain calculation means in the digital signal processing
means determines the gain. function for each frequency
band periodically, and the coefficient calculation means
calculates new filter coefficients periodically based on
the new gains, with a time constant in the range of about
1 millisecond to about 2 milliseconds.

25. The hearing aid system of claim 8 wherein for
each band the section of the gain function up to the first
knee provides an expansion ratio of up to 1:2 and a
section above the second knee provides a compression
ratio of up to 3.3:1.
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26. A digital signal processing hearing aid system
comprising:

(a) input means for providing an electrical signal

corresponding to a sound signal;

(b) analog to digital converter means for converting
the signal from the input means to digital data at a
selected sample rate;

(c) digital signal processing means for receiving the
input signal digital data from the analog to digital
converter means and providing processed output
data, the digital signal processing means including:
(1) N pairs of high pass and low pass digital filters,

the high pass filter in each pair selected to pass
the highest half of the frequency range of the
input signal to the pair and the low pass filter in
each pair selected to pass the lowest half of the
frequency range of the input signal to the pair,
the pairs of filters cascaded so that the input
signal to each pair after the first pair is the output
of the low pass filter of the prior pair of filters,
and means for estimating the energy in the fre-
quency bands corresponding to the outputs of
the N high pass filters and the last low pass filter,
where N is at least two;

(2) gain calculation means for calculating a gain for
each band which is a function of the estimated
energy in each band;

(3) digital spectral filter means, having a plurality
of filter coefficients which are changeable, for
receiving the input signal data and providing
spectrally shaped output data for output from
the digital signal processing means;

(4) coefficient calculation means for calculating the
coefficients of the digital spectral filter means
based on the gains for each band calculated by
the gain calculation means, the coefficients of the
digital spectral filter means being periodically
changed to the new coefficients calculated by
the coefficient calculation means;

(d) digital to analog converter means for converting
the processed output data from the digital signal
processing means to an analog signal; and

(e) means for converting the analog signal to a corre-
sponding sound. '

27. The hearing aid system of claim 26 wherein N=4.

28. The hearing aid system of claim 26 wherein the
means for estimating the energy of the output signal
data of the N high pass filters and the last low pass filter
comprises means for taking the absolute values of the
filter outputs and means for low pass filtering these
absolute values.

29. The hearing aid system of claim 26 wherein the
gain calculation means also includes means for selecting
the spectral shaping of the digital spectral filter means
to provide spectral shaping to the signal data passed
through the spectral filter to compensate for spectrally
related deficiencies in the hearing of the user of the
hearing aid.

30. The hearing aid system of claim 26 including
means for delaying the input signal data provided to the
spectral filter means to allow time for the coefficients of
the spectral filter to be changed in response to the char-
acteristic of the input signal at the time that the data is
provided to the spectral filter.

31. The hearing aid system of claim 26 wherein each
high pass filter and low pass filter is a three tap finite
impulse response digital filter.
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32. The hearing aid system of claim 31 wherein the
filter coefficients of each high pass filter are —1, 2, —1
and the filter coefficients of each low pass filter are 1, 2,
1.

33. The hearing aid system of claim 26 wherein the
computation of output values of the first pair of high
pass and low pass filters is performed at half the sample
rate, and the computation of output values for the suc-
ceeding pairs of high pass and low pass filters is per-
formed at rate which is a fraction of the sample rate
equal to 47+, where n is the number of prior filter pairs.

34. The hearing aid system of claim 26 wherein there
are four pairs of high pass and low pass filters, with the
output of the first high pass filter passing the portion of
the input signal from approximately 4,000 Hz to 8,000
Hz, the second high pass filter passing the portion of the
input signal data in the range of 2,000 Hz to 4,000 Hz,
the third high pass filter passing the portion of the signal
data in the range of 1,000 Hz to 2,000 Hz, the fourth
high pass filter passing the signal data in the range of
500 Hz to 1000 Hz, and the fourth low pass filter passing
the portion of the input signal data in the range from 0
to 500 Hz.

35. The hearing aid system of claim 26 wherein the
gain calculation means within the digital signal process-
ing means computes gains for each of the frequency
bands in accordance with a gain function of the esti-
mated energy including at least a section providing
amplitude expansion for selected low level input signals,
a linear amplification section for providing constant
amplification for intermediate level input signals, and a
section providing amplitude compression for high level
input signals.

36. The hearing aid system of claim 35 wherein the
digital signal processing means includes a programma-
ble memory selectably loaded with processing variables
adapted to an individual user.

37. The hearing aid system of claim 36 wherein the
processing variables in the programmable memory in-
clude the slopes of the expansion section and the com-
pression section for each of the frequency bands in the
gain calculation means, and the digital signal data en-
ergy envelope positions of the knees at which the ex-
pansion section joins the linear amplification section and
at which the linear amplification section joins the com-
pression section.

38. The hearing aid system of claim 35 wherein the
gain calculation means calculates the gains also as a
function of desired base line gains for each of the bands
so as to cause the digital input signal passed through the
spectral filter means to be spectrally shaped in a manner
selected to compensate for the spectral hearing deficit
of a user.

39. The hearing aid system of claim 35 wherein the
gain calculation means of the digital signal processing
means estimates the level of noise as a function of the
energy in each of the bands and wherein a knee dividing
the expansion section of the nonlinear gain function
from the linear section for each band is moved higher or
lower as a function of the noise level estimate for that

" band.

40. The hearing aid system of claim 36 wherein the
programmable memory in the digital signal processing
means is provided with parameters that define the mini-
mum and maximum values for the position of the knee
dividing the expansion section of the gain function from
the linear section for each band and wherein the digital
signal processing means includes means for estimating
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the level of noise as a function of the energy estimate of
the digital input signal data for each frequency band,
and wherein the digital signal processing means moves
the knee higher or lower as a function of the noise level
estimate but within the limits set by the minimum and
maximum values.

41. The hearing aid system of claim 26 including
automatic gain control means for controlling the magni-
tude of the analog signal passed from the input means to
the analog to digital converter means, the signal magni-
tude controlled at a slow rate relative to speech to be
within a desired range of magnitudes.

42, The hearing aid system of claim 35 wherein each
of the gain functions used in each of the frequency
bands by the gain calculation means has a piecewise
linear gain function in which the logarithm of the gain
is a linearly increasing function of the logarithm of the
energy estimate in each band up to a first knee, a con-
stant between the first and a second knee, and a linearly
decreasing function above the second knee.

43. The hearing aid system of claim 42 wherein the
positions of the first and the second knees are selected
so that the constant gain between the first and second
knee lies over a preferred dynamic range for the hearing
of the individual user in each of the frequency bands.

44. The hearing aid system of claim 42 wherein the
gain calculation means includes means for estimating
the level of noise as a function of the energy estimate of
the digital input signal data in each frequency band and
wherein the first knee in each gain function in each
frequency band is moved higher or lower as a function
of the noise level estimate for that band while the posi-
tion of the second knee and the slopes of the gain func-
tion remained fixed in each band.

45, The hearing aid system of claim 44 wherein the
position of the first knee is set equal to the noise level
estimate plus a selected constant.

46. The hearing aid system of claim 44 wherein the
first knee is moved higher or lower in direct relation to
the noise level estimate but no higher than a selected
maximum value and no lower than a selected minimum
value in determining the gain calculated by the gain
calculation means for each frequency band in the digital
signal processing means.

47. The hearing aid system of claim 46 wherein the
digital signal processor has a programmable memory
and wherein the programmable memory is provided
with parameters that define the minimum and maximum
values of the position of the first knee, the position of
the second knee, and the slopes of the gain function.

48. The hearing aid system of claim 44 wherein the
means for estimating the level of noise in each fre-
quency band in the gain calculations means estimates
the noise level by selecting a percentile of the distribu-
tion of the energy estimate for each of the frequency
bands. '

49. The hearing aid system of claim 46 wherein the
position of the first knee is set equal to the noise level
estimate plus a selected constant.

50. The hearing aid system of claim 26 including
pre-emphasis filtering means for equalizing™ the fre-
quency spectrum of the analog signal passed from the
input means to the analog to digital converter means to
minimize the required dynamic range of the analog to
digital converter means.

51. The hearing aid system of claim 26 wherein the
gain calculation means in the digital signal processing
means determines the gain function for each frequency
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band periodically, and the coefficient calculation means
calculates new filter coefficients periodically based on
the new gains, with a time constant in the range of about
1 millisecond to about 2 milliseconds.

52. The hearing aid system of claim 35 wherein the
section of the gain function up to the first knee provides
an expansion ratio of up to 1:2 and a section above the
second knee provides a compression ratio of up to 3.3:1.

53. A digital spectral analysis filter comprising:

(a) input means for providing an electrical signal
corresponding to a sound signal;

(b) analog to digital converter means for converting
the signal from the input means to digital data at a
selected sample rate; '

(c) digital signal processing means for receiving the
input signal digital data from the analog to digital
converter means and providing processed output
data, the digital signal processing means including
N pairs of high pass and low pass digital filters, the
high pass filter in each pair selected to pass the
highest half of the frequency range of the input
signal to the pair and the low pass filter in each pair
selected to pass the lowest half of the frequency
range of the input signal to the pair, the pairs of
filters cascaded so that the input signal to each pair
after the first pair is the output of the low pass filter
of the prior pair of filters, where N is at least two,
and wherein the computation of output values of
the first pair of high pass and low pass filters is
performed at half the sample rate and the computa-
tion of output values for succeeding pairs of high
pass and low pass filters is performed at a rate
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which is a fraction of the sample rate equal to 47 +1,
where n is the number of prior filter pairs.

54. The digital spectral analysis filter of claim 53
further including means for estimating the energy in the
outputs of the N high pass filters and the last low pass
filter.

55. The digital spectral analysis filter of claim 53
wherein each high pass filter and low pass filter is a
three tap finite impulse response digital filter.

56. The digital spectral analysis filter of claim 53
wherein the filter coefficients of each high pass ilter are
—1, 2, —1 and the filter coefficients of each low pass
filter 1, 2, 1.

§7. The digital spectral analysis filter of claim 53
wherein the frequency range of interest is from 0 to
8,000 Hz, N=4, and the first high pass filter passes the
portion of the input signal from approximately 4,000 Hz
to 8,000 Hz, the second high pass filter passes the por-
tion of the input signal data in the range of 2,000 Hz to
4,000 Hz, the third high pass filter passes the portion of
the signal data in the range of 1000 to 2000 Hz, the
fourth high pass filter passes the portion of the signal
data in the range of 500 Hz to 1,000 Hz, and the fourth
low pass filter passes the portion of the input signal data
in the range of 0 to 500 Hz.

$8. The digital spectral analysis filter of claim 53
wherein the means for estimating the energy of the filter
output signal data comprises means for taking the abso-
lute values of the filter outputs and means for low pass

filtering these absolute values.
* * * * *





