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[57] ABSTRACT

A noise reduction circuit for a hearing aid having an
adaptive filter for producing a signal which estimates
the noise components present in an input signal. The
circuit includes a second filter for receiving the noise-
estimating signal and modifying it as a function of a
user’s preference or as a function of an expected noise
environment. The circuit also includes a gain control
for adjusting the magnitude of the modified noise-
estimating signal, thereby allowing for the adjustment
of the magnitude of the circuit response. The circuit
also includes a signal combiner for combining the input
signal with the adjusted noise-estimating signal to pro-
duce a noise reduced output signal.

39 Claims, 2 Drawing Sheets
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ADAPTIVE NOISE REDUCTION CIRCUIT FOR A
SOUND REPRODUCTION SYSTEM

This invention was made with U.S. Government
support under Veterans Administration Contract V674-
P-857 and V674-P-1736 and National Aeronautics and
Space Administration (NASA) Research Grant No.
NAG10-0040. The U.S. Government has certain rights
in this invention.

Copyright (©1988 Central Institute for the Deaf. A
portion of the disclosure of this patent document con-
tains material which is subject to copyright protection.
The copyright owner has no objection to the facsimile
reproduction by anyone of the patent document of the
patent disclosure, as it appears in the Patent and Trade-
mark Office patent file or records, but otherwise re-
serves all copyright rights whatsoever.

BACKGROUND OF THE INVENTION

The present invention relates to a noise reduction
circuit for a sound reproduction system and, more par-
ticularly, to an adaptive noise reduction circuit for a
hearing aid.

A common complaint of hearing aid uvsers is their
inability to understand speech in a noisy environment.
In the past, hearing aid users were limited to listening-
in-noise strategies such as adjusting the overall gain via
a volume control, adjusting the frequency response, or
simply removing the hearing aid. More recent hearing
aids have used noise reduction techniques based on, for
example, the modification of the low frequency gain in
response to noise. Typically, however, these strategies
and techniques have not achieved as complete a re-
moval of noise components from the audible range of
sounds as desired.

In addition to reducing noise effectively, a practical
ear-level hearing aid design must accommodate the
power, size and microphone placement limitations dic-
tated by current commercial hearing aid designs. While
powerful digital signal processing techniques are avail-
able, they require considerable space and power such
that most are not suitable for use in a hearing aid. Ac-
cordingly, there is a need for a noise reduction circuit
that requires modest computational resources, that uses
only a single microphone input, that has a large range of
responses for different noise inputs, and that allows for
the customization of the noise reduction according to a
particular user’s preferences.

SUMMARY OF THE INVENTION

Among the several objects of the present invention
may be noted the provision of a noise reduction circuit
which estimates the noise components in an input signal
and reduces them; the provision of such a circuit which
is small in size and which has minimal power require-
ments for use in a hearing aid; the provision of such a
circuit having a frequency response which is adjustable
according to a user’s preference; the provision of such a
circuit having a frequency response which is adjustable
according to an expected noise environment; the provi-
sion of such a circuit having a gain which is adjustable
according to a user’s preference; the provision of such a
circuit having a gain which is adjustable according to an
existing noise environment; and the provision of such a
circuit which produces a noise reduced output signal.

Generally, in one form the invention provides a noise
reduction circuit for a sound reproduction system hav-
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2

ing a microphone for producing an input signal in re-
sponse to sound in which noise components are present.
The circuit includes an adaptive filter comprising a
variable filter responsive to the input signal to produce
a noise estimating signal and further comprising a first
combining means responsive to the input signal and the
noise-estimating signal to produce a composite signal.
The parameters of the variable filter are varied in re-
sponse to the composite signal to change its operating
characteristics. The circuit further includes a second
filter which responds to the noise-estimating signal to
produce a modified noise-estimating signal and also
includes means for delaying the input signal to produce
a delayed signal. The circuit also includes a second
combining means which is responsive to the delayed
signal and the modified noise-estimating signal to pro-
duce a noise-reduced output signal. The variable filter
may include means for continually sampling the input
signal during predetermined time intervals to produce
the noise-estimating signal. The circuit may be used
with a digital input signal and may include a delaying
means for delaying the input signal by an integer num-
ber of samples N to produce the delayed signal and may
include a second filter comprising a symmetric FIR
filter having a tap length of 2N+-1 samples. The circuit
may also include means for adjusting the amplitude of
the modified noise-estimating signal.

Another form of the invention is a sound reproduc-
tion system having a microphone for producing an
input signal in response to sound in which noise compo-
nents are present and a variable filter which is respon-
sive to the input signal to produce a noise-estimating
signal. The system has a first combining means respon-
sive to the input signal and the noise-estimating signal to
produce a composite signal. The parameters of the vari-
able filter are varied in response to the composite signal
to change its operating characteristics. The system fur-
ther comprises a second filter which responds respon-
sive to the noise-estimating signal to produce a modified
noise-estimating signal and also includes means for de-
laying the input signal to produce a delayed signal. The
system additionally has a second combining means re-
sponsive to the delayed signal and the modified noise-
estimating signal to produce a noise-reduced output
signal and also has a transducer for producing sound
with a reduced level of noise components as a function
of the noise-reduced output signal. The variable filter
may include means for continually sampling the input
signal during predetermined time intervals to produce
the noise-estimating signal. The system may be used
with a digital input signal and may include a delaying
means an for delaying the input signal by an integer
number of samples N to produce the delayed signal and
may include a second filter comprising a symmetric
FIR filter having a tap length of 2N 41 samples. The
system may also include means for adjusting the ampli-
tude of the modified noise-estimating signal.

An additional form of the invention is a method of
reducing noise components present in an input signal in
the audible frequency range which comprises the steps
of filtering the input signal with a variable filter to pro-
duce 2 noise-estimating signal and combining the input
signal and the noise-estimating signal to produce a com-
posite signal. The method further includes the steps of
varying the parameters of the variable filter in response
to the composite signal and filtering the noise-estimat-
ing signal according to predetermined parameters to
produce a modified noise-estimating signal. The method
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also includes the steps of delaying the input signal to
produce a delayed signal and combining the delayed
signal and the modified noise-estimating signal to pro-
duce a noise-reduced output signal. The method may
include a filter parameter varying step comprising the
step of continually sampling the input signal and vary-
ing the parameters of said variable filter during prede-
termined time intervals. The method may be used with
a digital input signal and may include a delaying step
comprising delaying the input signal by an integer num-
ber of samples N to produce the delayed signal and may
include a noise-estimating signal filtering step compris-
ing filtering the noise-estimating signal with a symmet-
ric FIR filter having a tap length of 2N+ 1 samples. The
method may also include the step of selectively adjust-
ing the amplitude of the modified noise-estimating sig-
nal.

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

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 11is a block diagram of a noise reduction circuit
of the present invention.

FIG. 2 is a block diagram of a sound reproduction
system of the present invention.

FIG. 3 illustrates the present invention embodied in a
headset.

FIG. 4 illustrates a hardware implementation of the
block diagram of FIG. 2.

FIG. 5 is a block diagram of an analog hearing aid
adopted for use with the present invention.

DETAILED DESCRIPTION OF A PREFERRED
EMBODIMENT

A noise reduction circuit of the present invention as it
would be embodied in a hearing aid is generally indi-
cated at reference numeral 10 in FIG. 1. Circuit 10 has
an input 12 which may be any conventional source of an
input signal such as a microphone, signal processor, or
the like. Input 12 also includes an analog to digital con-
verter (not shown) for analog inputs so that the signal
transmitted over a line 14 is a digital signal. The input
signal on line 14 is received by an N-sample delay cir-
cuit 16 for delaying the input signal by an integer num-
ber of samples N, an adaptive filter within dashed line
18, a delay 20 and a signal level adjuster 36.

Adaptive filter 18 includes a signal combiner 22, and
a variable filter 24. Delay 20 receives the input signal
from line 14 and outputs a signal on a line 26 which is
similar to the input signal except that it is delayed by a
predetermined number of samples. In practice, it has
been found that the length of the delay introduced by
delay 20 may be set according to a user’s preference or
in anticipation of an expected noise environment. The
delayed signal on line 26 is received by variable filter 24.
Variable filter 24 continually samples each data bit in
the delayed input signal to produce a noise-estimating
signal on a line 28 which is an estimate of the noise
components present in the input signal on line 14. Alter-
natively, if one desires to reduce the signal processing
requirements of circuit 10, variable filter 24 may be set
to sample only a percentage of the samples in the de-
layed input signal. Signal combiner 22 receives the
input signal from line 14 and receives the noise-estimat-
ing signal on line 28. Signal combiner 22 combines the
two signals to produce an error signal carried by a line
30. Signal combiner 22 preferably takes the difference
between the two signals.
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Variable filter 24 receives the error signal on line 30.
Variable filter 24 responds to the error signal by vary-
ing the filter parameters according to an algorithm. If
the product of the error and delayed sample is positive,
the filter parameter corresponding to the delayed sam-
ple is increased. If this product is negative, the filter
parameter is decreased. This is done for each parameter.
Variable filter 24 preferably uses a version of the LMS
filter algorithm for adjusting the filter parameters in
response to the error signal. The LMS filter aigorithm is
commonly understood by those skilled in the art and is
more fully described in Widrow, Glover, McCool,
Kaunitz, Williams, Hearn, Ziedler, Dong and Goodlin,
Adaptive Noise Cancelling.: Principles and Applications,
Proceedings of the IEEE, 63(12), 1692-1716 (1975),
which is incorporated herein by reference. Those
skilled in the art will recognize that other adaptive
filters and algorithms could be used within the scope of
the invention. The invention preferably embodies the
binary version of the LMS algorithm. The binary ver-
sion 1s similar to the traditional LMS algorithm with the
exception that the binary version uses the sign of the
error signal to update the filter parameters instead of the
value of the error signal. In operation, variable filter 24
preferably has an adaption time constant on the order of
several seconds. This time constant is used so that the
output of variable filter 24 is an estimate of the persist-
ing or stationary noise components present in the input
signal on line 14. This time constant prevents the system
from adapting and cancelling incoming transient signals
and speech energy which change many times during the
period of one time constant. The time constant is deter-
mined by the parameter update rate and parameter
update value.

A filter 32 receives tile noise estimating signal from
variable filter 24 and produces a modified noise-estimat-
ing signal. Filter 32 has preselected filter parameters
which may be set as a function of the user’s hearing
impairment or as a function of an expected noise envi-
ronment. Filter 32 is used to select the frequencies over
which circuit 10 operates to reduce noise. For example,
if low frequencies cause trouble for the hearing im-
paired due to upward spread of masking, filter 32 may
allow only the low frequency components of the noise
estimating signal to pass. This would allow circuit 10 to
remove the noise components through signal combiner
42 in the low frequencies. Likewise, if the user is trou-
bled by higher frequencies, filter 32 may allow only the
higher frequency components of the noise-estimating
signal to pass which reduces the output via signal com-
biner 42. In practice, it has been found that there are few
absolute rules and that the final setting of the parame-
ters in filter 32 should be determined on the basis of the
user’s preference. .

When circuit 10 is used in a hearing aid, the parame-
ters of filter 32 are determined according to the user’s
preferences during tile fitting session for the hearing
aid. The hearing aid preferably includes a connector
and a data link as shown in FIG. 2 of U.S. Pat. No.
4,548,082 for setting the parameters of filter 32 during
the fitting session. The fitting session is preferably con-
ducted as more fully described in U.S. Pat. No.
4,548,082, which is incorporated herein by reference.

Filter 32 outputs the modified noise-estimating signal
on a line 34 which is received by a signal level adjuster
36. Signal level adjuster 36 adjusts the amplitude of the
modified noise-estimating signal to produce an ampli-
tude adjusted signal on a line 38. If adjuster 36 is manu-
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ally operated, the user can reduce the amplitude of the
modified noise-estimating signal during quiet times
when there is less need for circuit 10. Likewise, the user
can allow the full modified-noise estimating signal to
pass during noisy times. It is also within the scope of the
invention to provide for the automatic control of signal
level adjuster 36. This is done by having signal level
adjuster 36 sense the minimum threshold level of the
signal received from input 12 over line 14. When the
minimum threshold level is large, it indicates a noisy
environment which suggests full output of the modified
noise-estimating signal. When the minimum threshold
level is small, it indicates a quiet environment which
suggests that the modified noise-estimating signal
should be reduced. For intermediate conditions, inter-
mediate adjustments are set for signal level adjuster 36.

N-sample delay 16 receives the input signal from
input 12 and outputs the signal delayed by N-samples on
a line 40. A signal combiner 42 combines the delayed
signal on line 40 with the amplitude adjusted signal on
line 38 to produce a noise-reduced output signal via line
43 at an output 44. Signal combiner 42 preferably takes
the difference between the two signals. This operation
of signal combiner 42 cancels signal components that
are present both in the N-sample delayed signal and the
filtered signal on line 38. The numeric value of N in
N-sample delay 16 is determined by the tap length of
filter 32, which is a symmetric FIR filter with a delay of
N-Samples. For a given tap length L, L=2N+1. The
use of this equation ensures that proper timing is main-
tained between the output of N-sample delay 16 and the
output of filter 32.

When used in a hearing aid, noise reduction circuit 10
may be connected in series with commonly found fil-
ters, amplifiers and signal processors. FIG. 2 shows a
block diagram for using circuit 10 of FIG. 1 as the first
signal processing stage in a hearing aid 100. Common
reference numerals are used in the figures as appropri-
ate. FIG. 2 shows a microphone 50 which is positioned
to produce an input signal in response

PATENT to sound external to hearing aid 100 by
conventional means. An analog to digital converter 52
receives the input signal and converts it to a digital
signal. Noise reduction circuit 10 receives the digital
signal and reduces the noise components in it as more
fully described in FIG. 1 and the accompanying text. A
signal processor 54 receives the noise reduced output
signal from circuit 10. Signal processor 54 may be any
one or more of the commonly available signal process-
ing circuits available for processing digital signals in
hearing aids. For example, signal processor 54 may
include the filter-limit-filter structure disclosed in U.S.
Pat. No. 4,548,082. Signal processor 54 may also include
any combination of the other commonly found ampli-
fier or filter stages available for use in a hearing aid.
After the digital signal has passed through the final
stage of signal processing, a digital to analog converter
56 converts the signal to an analog signal for use by a
transducer 58 in producing sound as a function of the
noise reduced signal.

In addition to use in a traditional hearing aid, the
present invention may be used in other applications
requiring the removal of stationary noise components
from a signal. For example, the work environment in a
factory may include background noise such as fan or
motor noise. FIG. 3 shows circuit 10 of FIG. 1 installed
in a headset 110 to be worn over the ears by a worker or
in the worker’s helmet for reducing the fan or motor
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noise. Headset 110 includes a microphone 50 for detect-
ing sound in the work place. Microphone 50 is con-
nected by wires (not shown) to a circuit 112. Circuit 112
includes the analog to digital converter 52, noise reduc-
tion circuit 10 and digital to analog converter 56 of
FIG. 2. Circuit 112 thereby reduces the noise compo-
nents present in the signal produced by microphone 50.
Those skilled in the art will recognize that circuit 112
may also include other signal processing as that found in
signal processor 54 of FIG. 2. Headset 110 also includes
a transducer 58 for producing sound as a function of the
noise reduced signal produced by circuit 112.

FIG. 4 shows a hardware implementation 120 of an
embodiment of the invention and, in particular, it shows
an implementation of the block diagram of FIG. 2, but
simplified to unity gain function with the omission of
signal processor 54. Hardware 120 includes a digital
signal processing board 122 comprised of a TMS 32040
14-bit analog to digital and digital to analog converter
126, 2 TMS 32010 digital signal processor 128, and an
EPROM and RAM memory 130, which operates in real
time at a sampling rate of 12.5 khz. Component 126
combines the functions of converters 52 and 56 of FIG.
2 while 128 is a digital signal processor that executes the
program in EPROM program memory 130 to provide
the noise reduction functions of the noise reduction
circuitry 10. Hardware 120 includes an ear module 123
for inputting and outputting acoustic signals. Ear mod-
ule 123 preferably comprises a Knowles EK 3024 mi-
crophone and preamplifier 124 and 2 Knowles ED 1932
receiver 134 packaged in a typical behind the ear hear-
ing aid case. Thus microphone and preamplifier 124 and
receiver 134 provide the functions of microphone 50
and transducer 58 of FIG. 2.

Circuit 130 includes EPROM program memory for
implementing the noise reduction circuit 10 of FIG. 1
through computer program “NRDEF.320” which is set
forth in Appendix A hereto and incorporated herein by
reference. The NRDEF.320 program preferably uses
linear arithmetic and linear adaptive coefficient quanti-
zation in processing the input signal. Control of the
processing is accomplished using the serial port commu-
nication routines installed in the program.

In operation, the NRDEF.320 program implements
noise reduction circuit 10 of FIG. 1 in software. The
reference characters used in FIG. 1 are repeated in the
following description of FIG. 4 to correlate the block
from FIG. 1 with the corresponding software routine in
the NRDEF.320 program which implements the block.
Accordingly, the NRDEF.320 program implements a 6
tap variable filter 24 with a single delay 20 in the vari-
able filter path. Variable filter 24 is driven by the error
signal generated by subtracting the variable filter output
from the input signal. Based on the signs of the error
signal and corresponding data value, the coefficient of
variable filter 24 to be updated is incremented or decre-
mented by a single least significant bit. The error signal
is used only to update the coefficients of variable filter
24, and is not used in further processing. The noise
estimate output from the variable filter 24 is low pass
filtered by an 11 tap linear phase filter 32. This lowpass
filtered noise estimate is then scaled by a multiplier
(default=1) and subtracted from the input signal de-
layed 5 samples to produce a noise-reduced output sig-
nal.

FIG. 5 illustrates the use of the present invention
with a traditional analog hearing aid. FIG. 5 includes an
analog to digital converter 52, an acoustic noise reduc-
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tion circuit 10, and a digital to analog converter 56, all
as described above. Circuit 10 and converters 52 and 56
are preferably mounted in an integrated circuit chipset
by conventional means for connection,between a micro-
phone 50 and an amplifier 57 in the hearing aid.

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

8
As various changes could be made in the above con-
structions without departing from the scope of the in-
vention, it is intended that all matter contained in the
above description or shown in the accompanying draw-
ings shall be interpreted as illustrative and not in a limit-
ing sense.
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b .
serin egu 118 serial input cdatz from uar%
sercut egu 118 serial’output data to uart
value egu 1z0 hex value of wvalid input
cadd ecu 121 address fzom serial port communication
cdata ecgu 122 data from serial port communicaticn
word egu 123 warking location used in building a wer
*c
one egu 124 datza memory address cocntaining 1
mask ecu 1258 data memory address cf 14 high order bit mask
din egu 125 a/d input sample ’
dout ecu 127 d/a ocutput sample
*
* page 1 data locations .
*
v ecu 0 current noise astimats y{n)
vlig ecu 10 noise estimate y(n-10)
e . .
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. .
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sacl delta store coefficient delta value
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sacl laaj store default leak term
kg
s -
* cilear coefZicients and data areas
* {(start at cldat to clear filter taps without resetiting
* mcéel parametars)
*
x
cildat 1larp ] use aux reg. 0
, ilazk g,10a set waozd countar to 130
zac clear accumulatar
cld saci . clear lower 100 datz lzcations
banz cld branch until all locaticns clear

lark 0,50 initialize BRO to S0
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lark 1,0 initialize ARl tc @
x .
Je . R
*® start point for resetting parameters
* {this does not set delta, sens, or th2 number of taps)
* (éoes not clear filter taps)
* . .
startl dintz disable intarrupts fzom AIT |
lizk c lscad <aca‘page poinzar o page O
scva set overilcw clipging zode
lack bmask output bit mask
LSiz mask read bit mask
lack A load one (1} in accunmulator
Sack cne store valus o0 1 i2 cne
*
* This code is used to set the sampling rate and AIC configuratic
*
zZac clear accumulator
sacl dout zero output data to AZC
cut dout,0 clear AIC sarial register
out dout,7 raset AIC
cut dout,7 rteset AIC
cut dout,0 «clear AIC serial rsgister
*
eint enable intercupts
%*
hl o] hl ignore £irzst interrupt
*
lack 3 data to iaitiats saccréary communication
sacl dout store data in interrupt regien
cg b cd wait £or intarrupt
lack fscta ta/ra settings
thlc dout read ta/ra settings
el b A wait for interrupt
lack 3 data to initiate secocndary communicaticn
sacl dcut store data in interrupt ragion
c2 b c2 walit Zor intesrrupt
lack £3rTS t2/ts sattings
iz dout read th/rh settizgs
c3 = c3 wait faor iaterrupt
lack 3 data %o initiate2 seccadary communication
sacl dout stora data in interzugt ragicn
c4 B c4 wait for intarTupc
lack >83 AXIC data fzr ng a2z / 3V TS / in+ input
sacl dout stora AIC settings
cs kb s walt for interrupt
zac clear accumulator
sacl dout storza output sampla cf ¢
cs B cs wait for intarzupt
Je
* »
- .
* This is the region in which the mein grogram sampling loop is
* exescuted. '
¥
* :
* null the input dc offset
* . ~
lscz lac in,12 logad new ingut sample
i sus 2232,3 subzzacs go ciisac
sacx ciz, + sTzT2 input wigh do tarm pulilad
=c= incsfZ pranch if cifsecz izpuz signal positive
. G 2 = I
-lac desis load adaptive dc ofZsat Lo
Tsu ene raduce cifszet tara
sacl deszts store new ciiset
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ol filtar barzch to adaptive filizar caode
k.
inezEZ lac dests load adaptive dc o0ffzet term
add - ane increase c¢ifset tarm
sacl deail stocre new cilsat
. .
* calculate the adaptive f£iltar cutout
k4
£iltsr zac clear accumulator
T d4s load x(n-49) ints T register
mpv w49 P reg. = x{n—-49)*w(49)
lzd 48 load x(n-48) in T reg., accumulate, Zx*-1
mpy 99 P reg. = x{n-48)*w(48)
lta 47
mpv 93
les 46
mpy 97
led 45
mpy 96
led 44
mpy 95
ltd 43
mpy 94
1l 42
nov 93
lz2 41
mov 92
le2 40
moy g1
lz2 39
mov 94q
1td 38
mey 89
1z2 37
nev a8
le2 36
mpy 87
12 35 i
mpy 86
ltc 34
mpy 8s
1td 33
mpy 84
ltd 32
mov 83
ied 3z
oo 82 <
ez 30 ¢
mey 81
1c:2 23
mov a0
1z2 28
mcy 75
1zd 27
mev 78
1ts 28
npv 77
1z2 25
moy 78
(el 24
mpy 75
t2 23
mey 74
led 22
mpyv 73
1zd 21
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nTY 72
led 20
moy 71
l=d L
msSv 70
lzd 18
mIvY 69
lzd 17
mov 68
12 15 "’
=TV 87
le2 13
inye)id 8¢
iz 4
mov 63
12 i3
mov 64
ig2 12
mnTY 63
lzd 1z
agyv 62
lcd 10
mpy 6L >
izs 9
mgv 60 .
iz 8 -
mpy 58
i:d 7
fyen’s 58
lz2 6
mov 57 .
iz 5 -3
=TV S8 !
1:d 4
fuuder’s 53
1z 3
‘mov 34
isz 2
mov 53
12 1
zov g2 : A
12 o] load t reg. x(n), accuzulate, Z¥=-1
mnov wi P reg. = x(n)*w(n) ’
apac accumulate final predue:
sach v,1 store estimate y{(n)
acgd ¥,15 add result for gzin cf 6 dz
acd one,14 round result
sach v.l store estimate + 6 &3 (prevent overflow inp filt

calgulate estimate error (assume delay of one)

lac din lcad current input x(n+l)

sacl éo STOr2 new input sample in arTay

sub ¥ sgbtract estimate err = x(n+l) - y{(n)
sacl err store erroer

updatza a single filter coefficient using the sign bit method

-ARCQ counts frem 50 to 1, w(k) to be updatzd has addres
<ARO> + 50, applicable datz x{n-kX) has address <aRr0>

sar 0,temp stors x{n-%) pointsr iz location tamp
lack 50 load w(k) offset in accmulator

-acé tamp add ccefficient pointar value

sacl temp store w(k) coefficient address in temp
lar 1,temp load w(k) address in ARl
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*
1z *, 1 locad x{n-k) in to T register, set ARP=l
oy erc err * x(n-k) in ? reg.
pac : load accumulateor with groduct
blz nprd branch if err * x{n-k) is negative
*
* acs lta to w(k)
b4
lac delta, 15 coefficient delita in ‘accumulator
b updat branch to updatz code
- .
* suctract delta from w(k) :
*
nprd zac clear accumulator
sub delta, 1S negative coefficient delta in accumulat
*
* usdate w(k) using address stored in AR:
*
ugdaz acdd *,13 add ,wik) té currant dalta
acd *, 1z acd w(k) againz to make use- ‘of overflew processi
iz * lcad w(k) in T reg. for la2ak tarm
oY lsak mulitiply by leak terx ]
sgac subtract scaled w(k) Zor leak
sach *, 0,0 storz updatad w(k), se1 ARP=0
*
x -
% updatz the coefficient pointar aAR0
*x
mar *—,0 subtract one from ARO to offset count (49-0)
banz cntok branch if coefficient counter not zero
lar 0,taps reset cpefficient countar
cntok mar *+,0 add one to AR0O to use again as address pointer
*
* low pass filter and scale the noise estimake
4
lac N4 locad current noise estimate in accumlator
lépk L change to data page 1
sacl y0 store current noise estimate in page 1
% .
* lecwoass £ilter ( 1 kHZ BW, -40 d3 at 3kEz)
*
zac clear accumulator
i1z vi0 load y(n-~10) in T register
movk -59 multiply by h{10)
lzd 9 load y(n-9) in T regisier, accumulate, Z#**-1
movk -68 multiply by h(9)
ltd 8
aTvk 113
12 7
ZoVX 545
lz= ) -
arvk 1038
iz2 5
zTvk 1253
iz2 4
movik 1038
122 3
asvk 545
1z2 2
aTVER 113
izd 1
movk -68 »
1<2 y0 load y(n) in T register, accumulate, Z**-1
npvk -39 multiply by h(0}
agac accumulate last produc:
ldpk 0 return to data page 0
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*
sack lpest,4 store lownass estimatz of noise
1z lpest lowpass noise est mat= 'n T registar
=) sen muitiply bv ncise re ion sensitivity
sac ac:““ula*e tesult
sazh rad, scalad, noise estimata
x*
x .
* cutputr desirzzd data
s U
dac  lac a5 load x(n-35) into lower accsumulataor
stz lpest subtract lowpass, scaled noise estimate
and mask mask ofZ 14 high ordez bits
sacl deut store cutput data
s
*
wait b wait wait for interrupt
bizsz loop continue loop if no sarial input present
program gencom.320

E
ite

and wr to

The command formats are

/0xxxx
/Llxxxxdddde

cco. ..
/2xxxx (XXZX returned)
/3xxxxddddcccco. ..

/AxRxX
/Sxxxx
/5
/7

(XXX returned)

(XXXX returned)
(XXXX returned)

communication rout

this point a charactse
rrupting program exe
ial port will be call

a * % »i-* % kA b b % ok Ok b b ok o b b ok Ok oF %k % % % ¥ X b ok X % o X
R e
AN N

pae

This program contains routines
2S232 line and the TMS3201Q boaczd.

-a

cantains

as follows:

start executicn at address xxxx
writs data tz program memory star
_Qt address xxxx

r=2ad cdaca
write data

-
prpape

te data memory startin

"address xxxx

read data £rzom data memcry ad
write data xxxx to WDEA inter
rzad data XXIYZ Ifrcm WDEA inte
read WDEA serial ocutput l-ne,
0000 1iZ low, 0CQ1 if high

dras
Zace
rface

ines for the log DEA evaluation system

r has been raceived
cution.

ed. If program contzol returns t

1te
r
om ’‘getch’ a character other than ’/’ has been received.
-ogram executiom will halt un

31

o

for communication via
toutines to

the data and program memory, and begian execution
the 32010 code at a given location.

o

2 pregram memory address

g

S

=]

a valid character has been

rin &éint disable AIC ingterczupts
call gstch eall charactar input routine
o gnarsixn ) “wWaiz fsz valid ’/' charactsr
k3
%* This pertion begins the command intargr station porsion of
x Pragram ccontrzol passes to this point whenever an //’ chara
%* -z2ceived.
. = &S
comman call getcs get command character
lac value load rzceived command value
bz exec branch to exszcuts routine
sub cne check Zor 1 command

arn
Ta
p—1

i
2
~
<

-
-

atc

X

o
e

through the serizal
. The subroutine used to serwvics

- s e

———
Fur

b=}



program memory routine
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lom branch tos lcad program memory

one check for 2 command

ron branch to rezad program memecry

ane : check £or 3 command -

lém branch to lcad data memcrcy routine

cne check for 4 command

rdm branch to read data memcry routine

one check for § cammand‘

wwdha branch to write wdha routine

one check for 6 ccmmand

rwéha branch to read wdha routine

one ) check for 7 csmmand

cwdha branch to check wdha sarial output i:
charin branch to get valid control saquence
routine

gword call word input routine to get address
ward load starting address

jump to desired starting locaticn

gword call word ingput routine £o get address
word load new word

cadd store ccmmand address

gworad call word input to get data
word load new word

cdata stora cocmmand data

cadd load wriits acddrass

cdata wr4t= data

cne incrzment addrass
" cadd store new address

lpml branch ‘for new word

program memory routine

j-+

Ly

bl 1

tra b0
.J [}

§-
1 O
u
¢

\

[ el 2N . A
}-1

Il

"

HoHHO-=0n -
’_4

| I VO I VIR s T O sV ¢ 1

"
'

= wnuniia-200ni-an

"

O A %
[

44

-0
fu fu

AR

gword - call word input routine to get address
word ' load address in accumulator
word : read memory ccntents
: ~send werd Iz host
‘ rzad next csozmand
data memory routine
gword call word input routine to get address
word © load address ia accumulator
cadd store star:irg adéress for write %o merx
qward call word input te get data
word load data into aczumulator
1 select aux register 1
1,cadd load progam memory address in aux recg.
*4 store new data increment, increment ad:g
1,cadd store updated address in cadd
0 select aux register 0
ldml branch for next data input
data memory routine
gword o call word inpuc routine to get address

l,ward load address in aux. reg. 1
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larp R select aux reg. 1
lac * read data memory location
sacl word store data from memory location
larp 0 select aux rsg. 0
calil sword call send word routine
b charin read next command
*
» -~
* writa to wdha routine
% .
wwdha call gword word input routizne to get data for wdha
lac one,l5 sat wdha datain high for leading 1
sacl cadd use caddé Ior working locaticn
cut cadd, s clear wdha clccks to 0
lac one, 15 "set wdha dataiz high fcr leading 1
adcé one,l4 set wdéha <¢lkia high
sacl cadd stores wdha cutput signals
suz cadd,§ clock in lesading 1
zac clear accumulatcr
sacl cadd low clock signals
out cadd, § cutput low clock signals
larp 1 select aux teg O
lazk 1,15 store bif shiZi counter
wr0 lac gne, 15 . mask for data bit
‘anc word mask off high crder bit
“sacl cdata store output data bit
cut cdata,é6 output data bit to wdha, clkin low
lag cne, 14 ) set clkin higk
ez cdata ’ add data bit
sacl cdaca “sust2 data bi:, clkin high
cuz zdazz,§ ‘ clock in daza ts wdha
lac wozd, L shift daza wezd
sacl word stors shif:ied cutsut word
-banz wr0 branch for aext kit output
lars 0 salact aux. ragistar 0
b charin branch for nesxt command
*
o] wéha rezad word routine
*
rwdha =zac clear agzumulator
- sacl word clear input data word
cut ward, 8 set clkout low
larp 1 select aux r=g 0
lark 1,18 store bit shiit -counter
rQ lac . word,l shift building input word
sacl word store shifted word
in cdata, 6 read dataout bit
lac cdata,l shift data by 1 left
sach cdata store new bit
lac one ) set.low order it
anc cdata mask off new bit _
or word add bit to low ocrder hit of word
sacl word stors word
lac one,l3 set clkout bit
sacl cdata store clkout bit
cut cdata, 6 set clkout high, generate leading edge
zac clear accumulatar
sacl cdata clear clkout bit
ouz cdata,d set clkout low
banz ) branch -until all bits read
larg e select aux reg. 0
call sword call word send routine
o charin wait for next command
k4 .
* check wdha serial ocutput bit
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bitlow
cwQ
*

*
L

sward

sendch

saft

delay
del0

sc9

thechk

*
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in cdata, b read wdha serial ocutput bit
lac one,1l5 mask ifor wdha serial bit
ané cdata check serial input bit
bz bitlow branch if bit low
lac one load one in aczumulator
sacl ward store 0001 in cutput word
b cw( branch to send word out
zac clear accumulatcr -
sacl word store 0000 in cutput word
cali sword . call word send routine
b charin wait for nex:t command
wcrd send routine (output word passed ia word)
lac word, 4 shift £izst nikbls into uppe:r
sach cdaza . stzr2 nisble
lLack 13 4 low order pit mask
ancd cdata mask nizble
sacl data stor2 nibble ts be qutout
call sandéch call sand charactar rcoutine
lac word, 3 shiZt second nizble into
sach cdata store nibble
lack 15 4 low order bi:z mask
anc cdata mask nibbla
sacl cdata _ stors nibbls to be output
call sendch call send charactar routine
lac word, 12 shift third nibbla
sach cdata store nibble
lack 15 4 lcw order bit mask
anc cdata mask nibble
sacl cdata store nibble t35 be ocutput
call sendch call send characher routine
lack 15 4 low order bhit mask
and word mask low order nibble
sacl cdata store albble to be outzut
call sandch . call send charactsr routine
rec

send charac

return from swerd

ter routine (output nibble in cdata)

into upper accumulat

larso 1 load auxiliary pointer to 1 for delav
lack 9 load 9 in accumulator -
sub cdata check for chazs 0-9

biz saf branch if value A-7

lack 48 base asc;; ofizet for 0-3

-Yolol cdata prepare ascii character

sacl cdata store ascii czde for 0-9

ol sc hranch tc serial output processing
lack 53 base ascii ofiszet for a-7

acé cdata prerpare ascii characuer

sacl cdata store ascii cszde for A~F

b sci branch &tz serizl output processing
lark 1,40 delay counter Zor trans buffer to emptw
banz deld delav locp : T
laro 0 select aux Teg. o

cicz thechk check Zor pending input character

b charin check for new command

in serin,l read serial v;ut register

lzc one, 10 mask for the hit

and serin check tbe bit

tz delay -1f buffer’ full branch to delay

out cdata,l output charagziar to UART

rax return from sandch

werd construct routine (resulis rsturaed inm word)
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=R getch -r2ad bits 13-12
tzc valu . load input dzza value
Tiz charin branch iZ iawvalid charactar raceived
ilac value, 12 load hex nibkziz in bits 15-12
sacl werd stoze buildiag word
call getch rzad bits 11-3
lac value lcad input data value
iz charin branch iZ inveaiid character racesived
lac value, 3 load hex nibbla ia bits 11-3
cz werd or with word
sacl ward store building word
czlil getch read biks 7-4
lac value load input daza value
Biz charin branch if invelid character racaived
lac value, load hex nibble in bits 7-4
oz ward or with word
sacl word store building word
call getch read bits 3-0
lac value load input data value
blz charin branch if invalid character received
lac value load hex nibkie in bits 3-Q
cr word or with word
sacl word store building word
rat return from gword
serial input routine
Bioz getch wait for sarial input
larp i selsct aux rag 1
lark 1,19 store delav csunter
tanz cwait wait £or uarz -sagisters
larp 0 select aux r=g 0
in serin,l read serial input register
check for /' ([ESC]
lack £2 load 8 bit low order mask
and serin lcad input datz into accumulator
sacl serin scere data enly
sacl sercut stors input data {prepare for echo)
lack 47 load 7/’ ([E5C]) ec=de in accumulator
sub serin cempars iapuc
fot-4 escin branch %f r/" ([ESC]) command character
‘check for 0-9 hex character
lack 48 ascii code fzr O
sacl temp store ascii giiset
lac serin load serin i accumulator
su> tamp --gubtract 9fZset for ascii 0
=iz inez:z . branca (<0) Tz iavalid charactsr rouszi
sacl serin store siiftad serin ’
Zzack S ascii code cifsat for §
.—sacl temg store ascii pifset
—ZXac seria load input daza
sub temp subtract 9
bgz not0s branch if sezin > 9
lac serin load valus 0-2 in accumulator
sacl value store input charactsr value
b . good branch to characier echo routine
check for A-F hex charactsr

5,412,735



not

09.

lack
sacl
lac
sub
blz
sacl
lack
sacl
lac
sub
bgz
lack
add
sacl

valid characte

out
et

invalid charzcter

lack
sacl
cut
zac
sub
sacl
rat

I/'

ocut
bDop

.b

v oo fu
"N
g onosd

[ SR M B

lack
sacl
cut

end

31

17
temp
serin
temp
inerr
serin
5
tamp
sarin
temp
inerzr
10
serin
value
good

serout,l

33
sergut
serout, 1l

cne
value

charactsr echao

serout,l

comman

serout
serout,1l
bell

r echo
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additional cffset for A-F

stors oifsec

load input data

subtract new ocffset

branch (<0) to invalid character
store shifted serin

ascii code oiZset

store ascii offset -

load input daca

subtract 5

branch if serin > §

load value Zcr hex A

add input data

store iaput character value
branch to character echo routine

cutput valid characts
return £rox charactzr input

T

ascii code Zor !

store charactar to be echoed
cutput character

clear accvmulator

-1 in acguzulator

store -1 iz wvalue

return frexz charactar input

output '/’ character
clear return address
branch to command interpretation

select aux ra2qg. 1

stors delav counter

wait Zor vart rsgistars

selscz aux reg. 0

branch iZ nc pending charactsr
branch tc serial input handler
read serial input reg*s“e:
mask "for tie bit

check the bit » :

if buffer Zull branch to bell
ascii bell in accumulatar
store bell character

senc bell character

send another bell

routin
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What is claimed is:
1. A noise reduction circuit for a sound reproduction
system having a microphone for producing an input
signal in response to sound in which a noise component
is present, said circuit comprising:
an adaptive filter including a variable filter responsive
to the input signal for producing a noise-estimating
signal and further including a first combining
means responsive to the input signal and the noise-
estimating signal for producing a composite signal;

said variable filter having parameters which are var-
ied in response to the composite signal to change
the operating characteristics thereof;

a second filter for filtering the noise-estimating signal

to produce a filtered noise-estimating signal;
means for delaying the input signal to produce a de-
layed signal; and

second combining means for combining the delayed

signal and the filtered noise-estimating signal to
attenuate noise components in the delayed signal
and for producing a noise-reduced output signal.

2. The circuit of claim 1 wherein the variable filter
comprises means for sampling a percentage of the input
signal to produce the noise-estimating signal which is a
function of the noise components during said time inter-
vals.

3. The circuit of claim 1 or 2 wherein the input signal
is a digital signal; wherein the delaying means comprises
means for delaying the input signal by an integer num-
ber of samples N to produce the delayed signal; and
wherein the second filter comprises a symmetric FIR
filter having a tap length of 2N-+1 samples.

4. The circuit of claim 1 or 2 further comprising

.means for adjusting the amplitude of the filtered noise-
estimating signal to produce an amplitude adjusted sig-
nal, and wherein the second combining means is respon-
sive to the delayed input signal and the amplitude ad-
justed signal.

5. The circuit of claim 4 wherein the input signal is a
digital signal and wherein the circuit further comprises
means for delaying the input signal by a preset number
of samples to produce a preset delayed signal; and
wherein the variable filter is responsive to the preset
delayed signal to produce the noise-estimating signal.

6. The circuit of claim 1 or 2 wherein the first com-
bining means comprises means for taking the difference
between the input signal and the noise-estimating signal
and wherein the second combining means comprises
means for taking the difference between the. delayed
input signal and the filtered noise-estimating signal.

7. The circuit of claim 1 or 2 wherein the input signal
is a digital signal and wherein the circuit further com-
prises means for delaying the input signal by a preset
number of samples to produce a preset delayed signal,
and wherein the variable filter is responsive to the pre-
set delayed signal to produce the noise-estimating sig-
nal.

8. The circuit of claim 1 or 2 wherein the sound re-
production system is a hearing aid for use by the hearing
impaired and wherein the second filter has filter param-
eters which are selected as a function of a user’s hearing
impairment.

9. The circuit of claim 1 or 2 wherein the second filter
has filter parameters which are selected as a function of
expected noise components.

10. A sound reproduction system comprising:

a microphone for producing an input signal in re-
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sponse to sound in which noise components are
present;

a variable filter responsive to the input signal to pro-
duce a noise-estimating signal;

a first combining means responsive to the input signal
and the noise-estimating signal for producing a
composite signal;

said variable filter having parameters which are var-
ied in response to the composite signal to change
the operating characteristics thereof;

a second filter for filtering the noise-estimating signal
to produce a filtered noise-estimating signal;

means for delaying the input signal to produce a de-
layed signal;

second combining means for combining the delayed
signal and the filtered noise-estimating signal to
attenuate noise components in the delayed signal
and for producing a noise-reduced output signal;
and

a transducer for producing sound with a reduced
level of noise components as a function of the
noise-reduced output signal.

11. The system of claim 10 wherein the variable filter
comprises means for sampling a percentage of the input
signal to produce the noise-estimating signal which is a
function of the noise component during said time inter-
vals.

12. The system of claim 10 or 11 wherein the input
signal is a digital signal; wherein the delaying means
comprises means for delaying the input signal by an
integer number of samples N to produce the delayed
signal; and wherein the second filter comprises a sym-
metric FIR filter having a tap length of 2N+ 1 samples.

13. The system of claim 10 or 11 further comprising
means for adjusting the amplitude of the filtered noise-
estimating signal to produce an amplitude adjusted sig-
nal, and wherein tile second combining means is respon-
sive to the delayed input signal and the amplitude ad-
justed signal.

14. The system of claim 13 wherein the input signal is
a digital signal and wherein the system further com-
prises means for delaying the input signal by one sample
to produce a predetermined delayed signal; and
wherein the variable filter is responsive to the predeter-
mined delayed signal to produce the noise-estimating
signal.

15. The system of claim 10 or 11 wherein the first
combining means comprises means for taking the differ-
ence between tile input signal and the noise-estimating
signal and wherein the second combining means com-
prises means for taking the difference between the de-
layed input signal and the filtered noise-estimating sig-
nal.

16. The system of claim 10 or 11 wherein the input
signal is a digital signal and wherein the system further
comprises means for delaying the input signal by one
sample to produce a predetermined delayed signal; and
wherein the variable filter is responsive to the predeter-
mined delayed signal to produce the noise-estimating
signal.

17. The system of claim 10 or 11 wherein the sound
reproduction system is a hearing aid for use by the
hearing impaired and wherein the second filter has filter
parameters which are selected as function of a user’s
hearing impairment.

18. The system of claim 10 or 11 wherein the second
filter has filter parameters which are selected as a func-
tion of expected noise components.
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19. A method of reducing noise components present
in an input signal in the audible frequency range com-
prising the steps of:

filtering the input signal with a variable filter to pro-

duce a noise-estimating signal;

combining the input signal and the noise-estimating

signal to produce a composite signal;

varying the parameters of the variable filter in re-

sponse to the composite signal;

filtering the noise-estimating signal according to pre-

determined parameters to produce a filtered noise-
estimating signal;

delaying the input signal to produce a delayed signal;

and

combining the delayed signal and the filtered noise-

estimating signal to attenuate noise components in
the delayed signal to produce a noise-reduced out-
put signal.

20. The method of claim 19 wherein the filter parame-
ter varying step comprises the step of continually sam-
pling the input signal and varying the parameters of said
variable filter during predetermined time intervals,
whereby said variable filter produces the noise-estimat-
ing signal which is a function of the noise components
during said time intervals.

21. The method of claim 19 or 20 wherein the input
signal is a digital signal; wherein the delaying step com-
prises delaying the input signal by an integer number of
samples N to produce the delayed signal; and wherein
the noise-estimating signal filtering step comprises fil-
tering the noise-estimating signal with a symmetric FIR
filter having a tap length of 2N+ 1 samples.

22. The method of claim 19 or 20 further comprising
the step of selectively adjusting the amplitude of the
filtered noise-estimating signal to produce an amplitude-
adjusted signal, and wherein the second stated combin-
ing step comprises combining the delayed signal and the
amplitude-adjusted signal.

23. The method of claim 22 wherein the input signal
is a digital signal and wherein the method further com-
prises the step of delaying the input signal by a predeter-
mined number of samples to produce a predetermined
delayed signal; and wherein the first stated filtering step
comprises filtering the predetermined delayed signal to
produce the noise-estimating signal.

24. The method of claim 19 or 20 wherein the first
stated combining step comprises taking the difference
between the input signal and the noise-estimating signal
and wherein the second stated combining step com-
prises taking the difference between the delayed input
signal and the filtered noise-estimating signal.

25. The method of claim 19 or 20 wherein the input
signal is a digital signal and wherein the method further
comprises the step of delaying the input signal by a
predetermined number of samples to produce a prede-
termined delayed signal; and wherein the first stated
filtering step comprises filtering the predetermined de-
layed signal to produce the noise-estimating signal.

26. The method of claim 19 or 20 as utilized in a
sound reproduction system for use by the hearing im-
paired and wherein the noise-estimating signal filtering
step comprises selecting the predetermined filter param-
eters as a function of a user’s hearing impairment.

27. The method of claim 19 or 20 wherein the noise-
estimating signal filtering step comprises selecting the
predetermined filter parameters as a function of ex-
pected noise components.

28. The method of claim 22 wherein the step of ad-
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justing the amplitude of the filtered noise-estimating
signal comprises the step of making the adjustment as a
function of the amplitude of the input signal.

29. The system of claim 10 or 11 further comprising a
headband for a user’s head and wherein the transducer
is positioned on the headband adjacent the user’s ear.

30. A hearing aid comprising:

a microphone for producing an input signal in re-
sponse to sound in which noise components are
present;

a variable filter responsive to the input signal to pro-
duce a noise-estimating signal;

a first combining means responsive to the input signal
and the noise-estimating signal for producing a
composite signal;

said variable filter having parameters which are var-
ied in response to the composite signal to change
the operating characteristics thereof;

a second filter for filtering the noise-estimating signal
to produce a filtered noise-estimating signal;

means for delaying the input signal to produce a de-
layed signal;

second combining means for combining the delayed
signal and the filtered noise-estimating signal to
attenuate noise components in the delayed signal
and for producing a noise-reduce output signal; and

a transducer for producing sound with a reduced
level of noise components as a function of the
noise-reduced output signal.

31. The hearing aid of claim 30 wherein the variable
filter comprises means for sampling a percentage of the
input signal to produce the noise-estimating signal
which is a function of the noise components during said
time intervals.

32. The hearing aid of claim 30 or 31 wherein the
input signal is a digital signal; wherein the delaying
means comprises means for delaying the input signal by
an integer number of samples N to produce the delayed
signal; and wherein the second filter comprises a sym-
metric FIR filter having a tap length of 2N+ 1 samples.

33. The hearing aid of claim 30 or 31 further compris-
ing means for adjusting the amplitude of the filtered
noise-estimating signal to produce an amplitude ad-
justed signal, and wherein the second combining means
is responsive to the delayed input signal and the ampli-
tude adjusted signal.

34. The hearing aid of claim 33 wherein the input
signal is a digital signal and wherein the hearing aid
further comprises means for delaying the input signal by
one sample to produce a predetermined delayed signal;
and wherein the variable filter is responsive to the pre-
determined delayed signal to produce the noise-estimat-
ing signal.

35. The hearing aid of claim 30 or 31 wherein the first
combining means comprises means for taking the differ-
ence between the input signal and the noise-estimating
signal and wherein the second combining means com-
prises means for taking the difference between the de-
layed input signal and the filtered noise-estimating sig-
nal.

36. The hearing aid of claim 30 or 31 wherein the
input signal is a digital signal and wherein the hearing
aid further comprises means for delaying the input sig-
nal by one sample to produce a predetermined delayed
signal; and wherein the variable filter is responsive to
the predetermined delayed signal to produce the noise-
estimating signal.
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37. The hearing aid of claim 30 or 31 for use by the
hearing impaired and wherein the second filter has filter
parameters which are selected as a function of a user’s
hearing impairment.

38. The hearing aid of claim 30 or 31 wherein the
second filter has filter parameters which are selected as
a function of expected noise components.

39. A noise reduction circuit for a sound reproduction
system having a microphone for producing an input
signal in response to sound in which a noise component
is present, said circuit comprising:

an adaptive filter including a variable filter responsive

to the input signal for producing a noise-estimating
signal and further including a first combining
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means responsive to the input signal and the noise-
estimating signal for producing a composite signal;

said variable filter having parameters which are var-
ied in response to the composite signal to change
the operating characteristics thereof;

means for adjusting the amplitude of the noise-
estimating signal to produce an amplitude adjusted
signal; and

second combining means for combining the input
signal and the amplitude adjusted signal to attenu-
ate noise components in the input signal and for
producing a noise-reduced output signal.
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