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1571 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 fdter 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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ADAPTNE 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 0 1 9 8 8  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 users 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 

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 

5 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 

10 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 

15 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 

20 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 

25 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 

30 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 fust combining means respon- 
sive to the input signal and the noise-estimating signal to 

35 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 

40 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 

45 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 

50 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 

55 FIR filter having a tap length of 2N+1 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 

60 the audible frequency range which comprises the steps 
of filtering the input signal with a variable filter to pro- 
duce a noise-estimating signal and combining the input 
signal and the noise-estimating signal to produce a com- 
posite simal. The method further includes the stem of 

existing noise en&ronment; andthe provision of such a 65 varying The parameters of the variable filter in response 
circuit which produces a noise reduced output signal. to the composite signal and filtering the noise-estimat- 

Generally, in one form the invention provides a noise ing signal according to predetermined parameters to 
reduction circuit for a sound reproduction system hav- produce a modified noise-estimating signal. The method 
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and in part ”pointed out hereinafter. 

BRIEF DESCRIPTION O F  THE DRAWINGS 
FIG. 1 is 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- 
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also includes the steps of delaying the input signal to Variable filter 24 receives the error signal on line 30. 
produce a delayed signal and combining the delayed Variable filter 24 responds to the error signal by vary- 
signal and the modified noise-estimating signal to pro- ing the filter parameters according to an algorithm. If 
duce a noise-reduced output signal. The method may the product of the error and delayed sample is positive, 
include a filter parameter varying step comprising the 5 the filter parameter corresponding to the delayed sam- 
step of continually sampling the input signal and vary- ple is increased. If this product is negative, the filter 
ing the parameters of said variable filter during prede- parameter is decreased. This is done for each parameter. 
termined time intervals. The method may be used with Variable filter 24 preferably uses a version of the LMS 
a digital input signal and may include a delaying step filter algorithm for adjusting the filter parameters in 
comprising delaying the input signal by an integer num- 10 response to the error signal. The LMS filter algorithm is 
ber of samples N to produce the delayed signal and may commonly understood by those skilled in the art and is 
include a noise-estimating signal filtering step compris- more fully described in Widrow, Glover, McCool, 
ing filtering the noise-estimating signal with a symmet- Kaunitz, Williams, Hearn, Ziedler, Dong and Goodlin, 
ric FIR filter having a tap length of 2N+ 1 samples. The Adaptive Noise Cancelling.: Principles and Applications, 
method may also include the step of selectively adjust- 15 Proceedings of the IEEE, 63(12), 1692-1716 (1975), 
ing the amplitude of the modified noise-estimating sig- which is incorporated herein by reference. Those 
nal. 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 

Other obiects and features will be in Dart amarent 

20 binary version of the LMS algorithm. The binary ver- 
sion is 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 

25 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 

30 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- 

40 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 

45 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 

50 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. 

60 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 outDuts the modified noise-estimating signal 

35 

55 

ing sign-al on line 28. Signal combiner 22 combines the 65 on a line 34 which is received by a signal level idjuster 
two signals to produce an error signal carried by a line 36. Signal level adjuster 36 adjusts the amplitude of the 
30. Signal combiner 22 preferably takes the difference modified noise-estimating signal to produce an ampli- 
between the two signals. 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 noise. Headset 110 includes a microphone 50 for detect- 
modified noise-estimating signal during quiet times ing sound in the work place. Microphone 50 is con- 
when there is less need for circuit 10. Likewise, the user nected by wires (not shown) to a circuit 112. Circuit 112 
can allow the full modified-noise estimating signal to includes the analog to digital converter 52, noise reduc- 
pass during noisy times. It is also within the scope of the 5 tion circuit 10 and digital to analog converter 56 of 
invention to provide for the automatic control of signal FIG. 2. Circuit 112 thereby reduces the noise compo- 
level adjuster 36. This is done by having signal level nents present in the signal produced by microphone 50. 
adjuster 36 sense the minimum threshold level of the Those skilled in the art will recognize that circuit 112 
signal received from input 12 over line 14. When the may also include other signal processing as that found in 
minimum threshold level is large, it indicates a noisy 10 signal processor 54 of FIG. 2. Headset 110 also includes 
environment which suggests full output of the modified a transducer 58 for producing sound as a function of the 
noise-estimating signal. When the minimum threshold noise reduced signal produced by circuit 112. 
level is small, it indicates a quiet environment which FIG. 4 shows a hardware implementation 120 of an 
suggests that the modified noise-estimating signal embodiment of the invention and, in particular, it shows 
should be reduced. For intermediate conditions, inter- 15 an implementation of the block diagram of FIG. 2, but 
mediate adjustments are set for signal level adjuster 36. simplified to unity gain function with the omission of 

N-sample delay 16 receives the input signal from signal processor 54. Hardware 120 includes a digital 
input 12 and outputs the signal delayed by N-samples on signal processing board 122 comprised of a TMS 32040 
a line 40. A signal combiner 42 combines the delayed 14-bit analog to digital and digital to analog converter 
signal on line 40 with the amplitude adjusted signal on 20 126, a TMS 32010 digital signal processor 128, and an 
line 38 to produce a noise-reduced output signal via line EPROM and RAM memory 130, which operates in real 
43 at an output 44. Signal combiner 42 preferably takes time at a sampling rate of 12.5 khz. Component 126 
the difference between the two signals. This operation combines the functions of converters 52 and 56 of FIG. 
of signal combiner 42 cancels signal components that 2 while 128 is a digital signal processor that executes the 
are present both in the N-sample delayed signal and the 25 program in EPROM program memory 130 to provide 
filtered signal on line 38. The numeric value of N in the noise reduction functions of the noise reduction 
N-sample delay 16 is determined by the tap length of circuitry 10. Hardware 120 includes an ear module 123 
filter 32, which is a symmetric FIR filter with a delay of for inputting and outputting acoustic signals. Ear mod- 
N-Samples. For a given tap length L, L=2N+ 1. The ule 123 preferably comprises a Knowles EK 3024 mi- 
use of this equation ensures that proper timing is main- 30 crophone and preamplifier 124 and a Knowles ED 1932 
tained between the output of N-sample delay 16 and the receiver 134 packaged in a typical behind the ear hear- 
output of filter 32. ing aid case. Thus microphone and preamplifier 124 and 

When used in a hearing aid, noise reduction circuit 10 receiver 134 provide the functions of microphone 50 
may be connected in series with commonly found fil- and transducer 58 of FIG. 2. 
ters, amplifiers and signal processors. FIG. 2 shows a 35 Circuit 130 includes EPROM program memory for 
block diagram for using circuit 10 of FIG. 1 as the first implementing the noise reduction circuit 10 of FIG. 1 
signal processing stage in a hearing aid 100. Common through computer program “NRDEF.320” which is set 
reference numerals are used in the figures as appropri- forth in Appendix A hereto and incorporated herein by 
ate. FIG. 2 shows a microphone 50 which is positioned reference. The NRDEF.320 program preferably uses 
to produce an input signal in response 40 linear arithmetic and linear adaptive coefficient quanti- 

PATENT to sound external to hearing aid 100 by zation in processing the input signal. Control of the 
conventional means. An analog to digital converter 52 processing is accomplished using the serial port commu- 
receives the input signal and converts it to a digital nication routines installed in the program. 
signal. Noise reduction circuit 10 receives the digital In operation, the NRDEF.320 program implements 
signal and reduces the noise components in it as more 45 noise reduction circuit 10 of FIG. 1 in software. The 
fully described in FIG. 1 and the accompanying text. A reference characters used in FIG. 1 are repeated in the 
signal processor 54 receives the noise reduced output following description of FIG. 4 to correlate the block 
signal from circuit 10. Signal processor 54 may be any from FIG. 1 with the corresponding software routine in 
one or more of the commonly available signal process- the NRDEF.320 program which implements the block. 
ing circuits available for processing digital signals in 50 Accordingly, the NRDEF.320 program implements a 6 
hearing aids. For example, signal processor 54 may tap variable filter 24 with a single delay 20 in the vari- 
include the filter-limit-filter structure disclosed in U.S. able filter path. Variable filter 24 is driven by the error 
Pat. No. 4,548,082. Signal processor 54 may also include signal generated by subtracting the variable filter output 
any combination of the other commonly found ampli- from the input signal. Based on the signs of the error 
fier or filter stages available for use in a hearing aid. 55 signal and corresponding data value, the coefficient of 
After the digital signal has passed through the final variable filter 24 to be updated is incremented or decre- 
stage of signal processing, a digital to analog converter mented by a single least significant bit. The error signal 
56 converts the signal to an analog signal for use by a is used only to update the coefficients of variable filter 
transducer 58 in producing sound as a function of the 24, and is not used in further processing. The noise 
noise reduced signal. 60 estimate output from the variable filter 24 is low pass 

In addition to use in a traditional hearing aid, the filtered by an 11 tap linear phase filter 32. This lowpass 
present invention may be used in other applications filtered noise estimate is then scaled by a multiplier 
requiring the removal of stationary noise components (default=l) and subtracted from the input signal de- 
from a signal. For example, the work environment in a layed 5 samples to produce a noise-reduced output sig- 
factory may include background noise such as fan or 65 nal. 
motor noise. FIG. 3 shows circuit 10 of FIG. 1 installed FIG. 5 illustrates the use of the present invention 
in a headset 110 to be worn over the ears by a worker or with a traditional analog hearing aid. FIG. 5 includes an 
in the worker’s helmet for reducing the fan or motor 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. 

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

As various changes could be made in the above con- 
structions without departing from the scope of the in- 
vention, it is intended that 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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1SOG'iLAM 'nrdef .320 '  

Michael  ?. O'Connell 

C s c y r i g h t  1988 , 

C s a t r a l  I n s t i t u t e  f o r  t h e  Dear' 

S a i n t  Louis ,  Misssour i  63110 
a l a  s .  E U C L ~ ~  

5 i s  program i s  based on t h e  50 t ap  a c a g t i v e  f i l t e r  program 'nr 
12 t h i s  program t h e  n o i s e  e s t i m a t e  is low passed f i l t e r e d  w i t : ?  
a 5-g l i n e a r  ghase lowgass f i l k r ,  s c z l c d  and used t3 cancel  er: 
aTgr3griateJ .y  de l ayed  i n p u t  s i q n a l .  Tke e r r o r  t e r n  used i n  C;?E 
a c z p t i v e  f i l t z r  update  r e n a i n s  the  s23e.  The c o e f f i c i e n c  ucdac 
u s z s  a l eaky  c a e f f i c i e n t  f o r 3  such tk+.-,: 

w ( k , ; l + l )  = w ( k , n ) * [ l - l e a k l  - e e l t a  

where l e a k  and d e l t a  a r e  p r o g r a m a b l e .  

~ i l s  pr3qrzn  2lso i n c l u d e s  t h e  s e r i a l  s o r t  c3mmunication p ro t sc  
a l l o w  t;le program Garamet t r s  t 3  be a c j u s t e d  through t h e  s e r i a l  
csimunlcztion ?or< .  

T h e  d c  o f f s e t  from t h e  i n p u t  i s  remoynd us ing  and adagt ive  nu19 
which s u b t r a c t s  an  o f f s e t  f r o m  the iz",ut t o  gene ra t e  a zero mea 
i n p c  st ream. 

5 9  t a p  adag t ive  f i l t e r  u s ing  t h s  s igz-agdate  method 

Tkis program imglements a 50 t a p  ( o r  s raa l l e r )  adap t ive  filter u 
t h e  s igr ,  b i t  update  method. The groqram is desigrred t o  us2 t h e  
32310 DS2 board w i t h  the  A I C  acTing ZS both A/D and D/A. 

T 5 e  output s i g n a l  i s  
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e c-2 127  d/a aurrsut samgle 

paqe 1 d a t a  l o c a t i o n s  

125  d a t a  menor? address  o f  14 h i g h  o rde r  b i t  mask 

eq2  0 c u r r e n t  no i se  ast,inaco y(n) 
e ~s 1 0  n o i s e  e s t ima te  y(n-LO! 

AORG 0 
5 s t a c t  h a d  r e s e t  v e c t o r  

- ;3 .. d i n , 0  read  a/d i npu t  sample 
011Z dout,O o u t g u t  d/a sample 
OCp l o a d  ret l l rn  addcess i x c o  accurnulatcr 
add o n e , l  add of5set c3 rscucx address  
FUSk s t o r e  new re t i I ra  address  
eint enab le  i n t e r r u p c s  and c l e a r  i n t f  
r?= r e t u r x  f rom i n t e r r u p t  c a l l  

d a t z  >fffc cut2ut b i t  mask 
deza >Oc18 r a / t a  c a t =  f o r  1 2 . 2 5  ksz sampling 
daza >448a rS/ tb  da t a  f a r  1 2 . 2 5  kez sampling 
data 3270'7 d e f a u l t  noise r educ t i sn  s e n s i t i v i t y  

Frogram i n i t i a l i z a t i o n  

d i n t  
Idgk  
sovm 
lack 
tS1 r 
l a c k  
sac1 
l a c k  
sac!. 
I Z C k  
sac!. 

0 

ksens 
sens 
2 
d e l t a  
5 
t aps  
> O  
l e a k  

d i s a b l e  i n t e r r u p t s  f r p ~  AIC 
l oad  d a t a  cage p o i n c z r  t o  gaqe 0 
set overflow c i i p p i n q  node 
default noise  reduct ion  s e n s i t i v i t y  
read no i se  reduct ion  s e n s i t i v i t y  
l o a d  c o e f f i c i e n t  d e l t a  va lue  
s t o r e  c o e f f i c i e n t  d e l z a  value  
load  number o f  t a g s  - 1 
s t o r e  t h e  d e s i r e d  nunber of  t a g s  - 1 
d e f a u l t  c o e f f i c i e n t  ltak t e r s  [I - leak/2^161 
s t o r e  d e f a u l t  l eak  t e r a  

- - .  c l o a r  c o e r z i c i e n t s  and d a t a  a roas  
(scar;  a t  c i d a t  t o  c l e a r  f i l t ~ r  ta;s w l 3 o u t  r e s e c t i n g  
z c c e l  parameters )  

larr ,  0 use aux re$. 0 
I==!< 0 , 1 0 0  s e t  ward counter  t o  100 
Z Z C  c l e a r  a c c x m l a t 3 r  
sac1 X c l e a r  lower 1 0 0  d a t a  l s c a t i o n s  
can:: cld branch u n t i l  a l l  loc=c:cns c l e a r  

l a r k  0,50  i n i t i a l i z e  -9110 t o  ~ d .  
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* 
s t + r t l  

* 
* 
* 

* 

* 
hl 
t 

CO 

C l  

C Z  

c3  

c4 

C5 

CS 
* 
f 

* 
* 
f 

* 
* 
X 

f .  

L30? 

i 
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14 
l a r k  110 i n i t i a l i z e  A R ~  t o  0 

s t a r t  p o i n t  f o r  r e s e t t i n g  parameters 
( c h i s  does n o t  s e t  d e l t a ,  sens ,  o r  t3c  number or' t z p s )  
(toes n o t  c l e a r  f i l t e r  tzos)  

This code is used t o  s e t  the szlnclinq r a t s  and A I C  c m f i g u r a t i c  

Z 2 C  
S Z C l  
CUE 
O t l t  
C Z  t 
O u t  

e i n t  

b 

t ac t  
s a c 1  
b 
lack 
t S 1 :  
b 
lack 
sacl 
b 
I.C.? 
t b l z  
b 
1 P P l (  

S Z C I  

t 2c t  
S l C l  
t: 

s z c l  

---- 
n - .  

t2C 

0 

TkiS 

dout 
dour ,  0 
daut  , 7 
dout ,  7 
dout , 0 

hl 

3 
dout  
CO 
f srta  
dout  
Cl. 
3 
dout  
C2 

dcuc 
c3 
3 
Cout 
C ?  
> 6 3  
douc 

---- 
;.;I& c13 

- 
CZ 

d3ut  
c5 

c l e a r  actxmulator  
z e r o  out?ut  da t a  i3 x:c 
c l e a r  X I C  s e r i a l  r e g i s c t r  
r e s e t  AIC 
r e s e t  A I C  
c lear  X i C  s e r i a l  reg l i tc l r  

enab le  i n t e r r u p t s  

i gnore  f l z s t  intzrTJpc 

daca t a  iaiciac:. sacaccary c=nununic=clon 
s to re  d a t a  i n  i n t a r T q c  region 
w a i t  far i n t t r r u p t  
t a / r a  s e t z i n o s  
read t a / t a  s e t c ings  
w a i t  f o r  i n t e r r u n t  
d a t a  t o  i n i t i a c e  secxdary  communicztion 
s t a r e  d a t a  ix i ncs r rusc  region 
w a i t  f o r  i n t t r z u g t  
tb/r= sec=i,lqs 
read tb/r3 setti3qs 
wai t Ear i n t c  r rq t  
d a t a  t o  i n ~ t i a i a  sec=darz  c o m a ? i c a t l m  
s t o r e  da t a  i n  izcarz-qc ragion 
w a i t  r 'or i . ? t r r zpe  
AIC d a t a  f a r  no 22 / 2U SS / ill+ izIgu= 
s t o r e  3 I C  set'.,ings 
w a i t  f o r  i n t z r m g t  
c l  e rl r a c =zw1 a t c r  r 
s c a r t  oui?ut  sa@t c l  0 
w a i t  f z r  inttrrugr: 

is t he  region i n  wnick 
ex  e czt =d - 
nd.1 t h e  i n g u t  dc  o f f s e t  
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. .. , 

clear a c c m u l a t o r  
d49 load x(n-49) i n t o  T r q i s t z r  
w4 9 P reg. = x(n-49)*~(49) 
48 load x(n-48) i n  T r e q . ,  acc-uula t= ,  z**-!. 
99 P reg. = x(n-48)*~(48) 
47 
98 
46 
9 7  
45 
96 
4 4  
95 
43 
94 
42 
93 
4 1  
9 2  
40 
9 1  
39 
90 
38 

37 
8 8  
36 
87  
35 
86  
34 
85 
3 3  
84 
32 
83 
3 1  
3 2  
30  
8 1  
29 
8 0  
29 
7 9  
2 7  

26 
7 7  
25  

2 4  
7 5  
2 3  
7 4  
22 
71, 
21 

a9 

7 3  

- r  
1 0  



17 
72 
20 
71 
19 
70 

69 
17 

l o '  
67 
15 
66 
14 
65 
13 
64 
12 
63 
11 
6 2  
1.0 
61 
9 
60 
8 
5 9  
7 
58 '  
6 
57 

50' 
4 

l a  

6 a  

c 

-- 
33 - - 
5 4  
2 
53  

52 
dO 
wo 

1 - 

y,l 
y,  15 

Yll 
one ,  14 

5,412,735 
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. .  

, ... - .  
# 

l o a d  t x ( x ) ,  ac=..-xlate, Z--I 
? reg.  = x(n)=w(n) 
accumulate fizal pro1'icz 
store estinatn y ( n )  
add result f o r  gz in  cf  6 CIS 
round resuit 
s t o r e  estimate + 6 23 (p reven t  o v e r f l o w  i n  fil: 

c a l c u l a t e  e s t i m a t z  error  (assume de lay  of one)  

l ac  d i n  load  cu r ren t '  i npu t  x ( n t 1 )  
s a c l  dO s t o r i  new i nnu t  sample i n  a r r a y  
sub Y s u b t r a c t  e s t ima te  e r r  = x(n+l) - y(n) 
sac1 e r r  s t o r e  e r r o r  

ucdzc= a singile f i l t e r  c o e f f i c l e n t  u s ing  t h e  sign b i t  metbod 

-AX0 counts f r o m  SO t o  1, w t k )  t o  be  updated h a s  addr2s 
<MO> c 5 0 ,  apDlicable  d a t a  x(n-k)  has address  <-%IO> 

SZf 0, torng s t o r e  x(n-k)  p o i ~ z i r  isl l a c a t i o n  tsmp 
l z t k  5 0  load w ( k )  offset i n  a c r z c l a t o r  

-acc tamp add c o e f f i c i o n c  p o i n t i r  va lue  
sac: ternp s t o r e  w ( k )  c 3 e f f i c i e n a  addres s  i n  t emp 
l a  r 1, ten.p l o a d  w ( k )  address  in -L?L 



* 

* 
* 
i 

* 
* 
* 
npra 

* 
* 
X .," ,,ca c 

* 
* '  
* 
f 

c z t o k  * 
* 
* 

* 
* 
* 
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It *,' l oad  x ( n - k )  i n  t o  ? r e ~ i s ' ; e r ,  s e t  ;L??=l 
m 7 y  e r z  e r r  * x ( n - k )  i n  1 r e s .  
pzc load  accxmulator w i t h  i r o d u c t  
b l z  nprd branch i f  e z r  * x(n-k) is neaa t ive  

add delta t 3  w ( k )  

l ac  d e l t a ,  1 5  c o e f f i c i e n t  Gelfa i n  a c c m u l a t o r  
b ugdat  branch t o  updatc  code 

su iz tzac t  d e l t a  f r o m  w(k) 

zzc c l e a r  accumulator 
sub  d e l t a ,  1 5  nega t ive  coef ' i c ien t  d e I t a  i n  a c c u m l a c  

a3da-,c w ( k )  us ing  addzess s t o r e d  in 

ai2 T , 1 3  add . v ( k )  5 C = I Z T ~ Z =   deli^. 
zed T r -- 1 ;  add v t k )  aqzlz t2 nake rrse-of  overf lcw prcrcessi 

sszc s u b t r a c ~  sczlec! w ( k )  2 2 ~  l eak  
Sac2 *,O,O scars updated w ( k ) ,  sz-, ,a,p=O 

- .  
.c 

- -  1 -  X load w ( k )  i n  T r e s -  fa:: Itak t 2 r a  
m-- *?J leak Gcl:i?l:7 by Leak t e r z l  

ma e-r *-, 0 s u b t r a c t  one f r o m  3x0 :z  o f f s e t  count (49-1)) 
bzr-z c x t s k  branch il c a e z f i c i e n r  caun te r  n o t  zero  
lac 0,tags r e s e t  c o e f f i c l e z t  C ~ U I ? = ~ T  
ma ,T *+,O add on? t o  L?O c a  use  again as addrzss poinizer 

l o w  p a s s  f i l t e r  and s c a l e  the  noise  e s z i s a t e  

lcwoass  

Y load  cu r ren t  noise e s t ima te  i n  accumlatlor 
1 change t o  da t a  page 1 
YO s t o r e  cu r ren t  no ise  escimate i n  Dage b 

f i l t e r  ( 1 kYZ BW, -40 dS a t  3 k 5 z )  

c l e a r  acctlmulator 
y10 load  y(n-10) i n  T r eg i sce r  
-59 mu1 t i p l y  by h (  1 0  ) 
9 load  y(n-9)  i n  T resister, accumulate,  Z**-1. 
-68 mul t ip ly  by h ( 9 )  
8 
113 
7 
545 
6 
1036 
5 
1 2 5 5  
4 
1036 
3 
5 4 5  
2 
113 
1 
-6 8 

l oad  y t n )  i n  T i e g i s t e r ,  accumulate,  Z**-1 
mul t ip ly  by h (  0 1 

YO 
-59  

accumulate last p'roducz 
0 r e t u r n  t o  d a t a  page 0 
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* 

* 
* 
* 
* 
d a c  

* 
* 
w a i t  

* 
* 
* 
* 
* 
* 
i 

* 
* 
* 
* 
* 
* 
* 
* 
x 

x 

* 
* 
* 
1c 

* 
* 
* 
* 
* 
* 
* 
* 
* 
* 
* 
* 
* 
* 
* 

S + C 5  l g e s t , 4  s t o r e  l o q a s s  e s t ima te  of  no i se  - -  7 -  l g e s t  l o w a s s  noise e s t l s a t e  i n  T r e g i s t t r  
z?:r s e c s  mul t io ly  .by noise  robuc:ion sens i t l v i t - r  

a=-.- - -  -- Er-..". -- -.u~- , I  a+,? il Sul t = z z  
lses; ,I S ; ~ E Z  f i l ' t ' t r e d ,  s e + ~ e = ,  nois2 esz i sacz  

c~xz;uc dcsiz=d d a t a  

-- + a r  - d5 l oad  x(n-S)  ims lower accuinulatoz 
S;13 l p e s t  s u b t r a c c  l o q a s s ,  s ca l ed  n o i s e  es t imate  
ar.d m a s k  mask o f f  I4 h i +  o rde r  b i t s  
SZCl d o u t  s t o r s  cut2uc d a t a  

A- 

b wai t  w a i t  f o r  i a t s r n q t  
b: -dZ c lool,  cont inue  loop i f  no s e r i a l  i n p t  present  

program gencom.320 

This  program c o n t a i n s  m u t i n e s  f o r  communication v i a  a r  
2S232 l i n e  and t h e  TMS32OIO boar?. I' c s n t a i n s  rout ines  t o  TCZ 
and w r i t e  t o  t h e  d a t a  and program IpeIcory, and begia execrtiion c 
t5e 32010 code a t  a given l o c a t i o n .  

Tke command fo rma t s  a r e  as fo l lows:  

/oxxxx 
/Ixxxxdddacccc ... 
/2xxxx ( Z:CC r e e x z e d  1 
/3xxxxddddcccc,..  

/4xxxx ( x ~ X  r e t u r n e d  1 
/5xxxx 

( m X  r e t u r n e d )  
(X%X r e t u r n e d )  

/ 5  
/ 7  

s t a r t  execut icn  a t  address  xxxx 
w r i i i  daca tz grogram mernory s t a r t l z q  
at addres s  XXYX 
read Cte:3 E r s n  ?ragram nemorj address :: 
w r i t e  daca ts 2aca memory s t a r c i n g  ae 
addres s  xxxx 
read d a t a  fzm d a i a  rnern0r-I address  xxxx 
w r i t e  d a t a  xxxx t o  WDE. i n t e r f a c e  
r t a d  data XXX Erom hKE. irtcer-laco 
read vim.1 s e r i a l  ou tpu t  l i z e ,  
0 0 0 0  i 5  low, 0 0 0 1  i f  hi::? 

cmxuunicat ion r o u t i n e s  f a r  t h e  l o g  DE\ eva lua t ion  system 

-it this p o i n t  a c h a r a c t e r  has  bes.1 recoived through the s e r i a l  
i z c e r r u p t l n g  program execut ion .  , The subrout ine  used t o  ser-J icz  
s e r i a l  p o r t  w i l l  be c a l l e d .  I2 proczam contzol  r e tu rns  t c  this 
from 'ge tch '  a c h a r a c t e r  ocher  than  J / r  has been received.  ? i z  
grogram e x e c u t i o n  will h a l t  U E i i l  a v z l i d  cha rac t e r  has bee- zt 

ccmnan c a l l  cjeten 
lac va lue  
.z 5 exec 
SUb cne 

Tet command c5a rac t e r  
load rc,oiv=c;, command value 
branch t o  e x e m t e  rou t ine  
ckeck f j r  1 cmmand 



* 
* 
* 
* 
exec  

* 
* 
* 
* 
lpm 

I pml  

* 
* 
* 
* 
rpm 

T 

* 
* 
* 
1 d;n 

1 dml 

* 
* 
* 
j, 

rdm 

-- 
-1. 

Sub 
b z  
strb 

sub  
b t  
sub 
b2 
sub 
hz 
SU4 

b 

Z Z  

32 

23 
1 ?n 
one 
r p  
one 
I d m  
one 
r dm 
one 
wwdha 
one 
rwdha 
one 
cvdha 
c h a r i n  

e l recuts  rou t ine  
-.  

C a l l  gwo rd 
l a c  word 
cz la  

5,412,735 
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branch t3 l c a d  prosram memrp 
c5ec.L f o r  2 cxmand 
branc:? t o  program meaory 
check f o r  3 csmmand’ 
brafich t o  lcad da ta  memcry r o u t i n e  
check fai 4 cmmand 
brancb t o  read da ta  memory rou t ine  
check f o r  5 command 
branch t o  w r i t e  wdha rou t ine  
check f o r  6 csmmand 
branch t o  read wdha rou t ine  
check f o r  7 csmmznd 
branch t3 c h c k  wdha serial ou t3u t  b i z  
branch t o  g e t  v a l i d  c o n t r o l  sequencs 

c a l l  word i npu t  rou t ine  t o  g e t  address  
load  s c a r t i n g  address  
jum? t o  desi:& starting location 

Lsad program s e m o r y  rou t ine  ” 

CZlL 
l a c  
s a c 7  
C 2 l l  
I Z C  
s a c 1  

L, 7.d 
ad& 
sac1 
h 

12C -_ 

gword 
word 
cacd 
gxo r d 
ward 
cda ta  
cadd 
cdz t a 
one 
cadd. 
l o m l  

c a l l  word ~ Z ~ G C  rou t ine  t o  9 e ~  addres s  
load new word 
s t o r e  command address 
c a l l  word i n g u t  t o  get d a t a  
load  new word 
s t o r e  csmmar.c c z t a  
load  w r i . t s  acE.rass 
w r i t e  d a t a  
inczeaen t  address  
s t o r e  new aCicress 
branc:? f o r  new word 

rtzd program memory rou t ine  

CZll F o r d  c a l l  word i n c u t  rou t ine  t o  g e t  addrzs s  
L 2 C  word load  address  ia accamulator 

wo r-‘ read neaor17 ~ z n t = n ‘ i s  6 -  L 3 i  z - .  
-I-- --l s-4c z = . * s c ~ d  w c r l  is h o s t  - C 2 3 Z l r :  r o a ~  nox; cz l - and .  - 

l a c ?  
b 

d a t a  memory r o u t i a e  

p70r5 
word 
cadd 
p a r d  
word 

1, cadd 
*i- 

1, cadd 
0 
ldml 

f - 

c a l l  w o r Z  izp; rou t ine  ts g e t  ai?!drsss 
l oad  address  13 acc-unulator 
s t o r e  s t a r r i z q  address  f o r  w r i t e  t o  nex 
c a l l  w o r c !  iz;:”t t3 g e t  d a t a  
load  daca i c c o  ac=anuIz tor  
s e l e c z  aux r ~ g i s t c r  1 
l oad  procam nemory address  i n  aux r??. 
s c o r e  new cats. i n c r c a e n t ,  increment ad5 
s t o r e  update.' addres s  i n  cad2 
select aux r e 9 i s t e r  0 
brancn f o r  next  d a t a  inpu t  

r e a d  d a t a  menory rou t ine  

C a l l  p a r d  c a l l  word i n p i c  r o u t i n e  t o  gec address  
l a r  1,word load address  i n  aux. reg ,  1 



* 
X 

* 
* 
wwdha 

w r O  

* 
* 
* 
r-ddha 

r O  

* 
rt 

* 

25 
l a r ?  1 
l ac  * 
s a c 2  word 
la f3 0 
C Z l l  swo r d 
0 c h a r i n  

w r i t s  t o  wdha r o u t i n e  

F o r d  
one,  15 
cadd 
cadd , 6  
one,  I S  
one,14 
CadC 
cadd,  6 

cadd 
cadd,  6 
1 
1,lS 
one,  15 
word 
c d a t a  
c d a t a  E 
on=,14. , 

c 5 a t s  
cdfac.. 
cd!aza, 5 
Woid,I 
'so rd 
w r  0 
0 
c h a r i n  

, 

vcka r z a d  word r o u t i n e  

Z Z C  

cu'. 

L a Z K  

sac1 

La,'? . .  
l a c  
sacl  
i n  
l a c  
sac3 
l a c  
and 

sac!, 
l a c  
sacl  

O f  

ou'i 
Z 2 C  

011, 
sac1 

s a c z  
lar; 

b 
. -  

C Z L L  

wo rd  
word, 6 
1 
l,15 
word,l 
word 
cdata ,  6 
cdata  I 
cdata  
one 
cdata  
word 
word 
One, 13  
cdata  
cdata  6 

cdata  
cdata  ,5 
iO 
0 
sword 
cha r in  
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s e l e c t  aux r e s .  1 
read da ta  menory l o c a t i o n  
s t o r e  d a t a  fiam memory l o c a t i o n  
select aux r s q .  0 
cal!. send word r o u t i n e  
read nex'i camnand 

word izquc r a u t i z e  t o  Get da ta  f o r  wdha 
set  wdha d a t z k  h i g h  f o r  l ead in?  I 
use cacc', f o r  i i o rk ing  l o c a t i o n  
c leaz  wdha c l ccks  t o  0 
s e t  wdha c a t a i i  h igh  f c r  lead ing  1 
se t  wdha c lk i r !  h igb  
s e o r ~  wdha cuz7u; siqnals 

c l e a r  acc-mulazcr 

ou tput  l o w  clock s i g n a l s  
s e l e c t  aux reg 0 
s t o r e  bit s h i 2  coun te r  
mask f o r  d a t a  b i t  
mask o f f  high o rde r  b i t  
store output  dac. b i t  
ou tput  data bis t o  wdha, c l k i n  low 
se t  c l k i n  h i s 2  
add. da t a  bi5 

clock i.? l,oaCinc 1 

l o w  clock sis?.als 

- s - - - =  L".- ck=a b i z ,  c l k l z  hi-n Y 

C L C C k  i,? dl'- ,2 WdhZ 
s h i f t  da'i-. m r l  
s t a r ?  shil%tri ,  O U Z ~ U =  word 
branch f a r  sex= bit o u t s u t  

branch f a r  cex; cormnand 
s21c: aux. ra7:s:ct 0 

c l e a r  at=:nulzt3r 
c l e a r  i npu t  d a t a  word 
set  c lkou t  low 
s e l e c t  aux rsq 0 
s t o r e  b i t  si?-== c3uncez 
shif- ,  buildinq innut word 
s t o r e  s h i f t e d  word 
read dataout  b i t  
s h i f t  da ta  3y I l e f t  
s t o r e  new b i t  . 
sec. low orcier 5it 
mask o f f  new b i z  
add b i t  t o  l o w  order  b i t  of word 
stors word 
s e t  c lkout  b i t  
s t o r e  c lkout  b i t  
s e t  c lkout  h i + ,  gene ra t e  l ead ing  edqe 
c l e a r  accunulatgr 
c l e a r  c lkout  b i t  
sec  clkouc low 
b r a n c z . u n t i l  a l l  b i i s  raad 
select  aux re:. 0 
c a l l  word sezld rou t ine  
w a i t  f3r next  comaand 

. -  

c5esk wdha s e r i a i  o u t p u t  b i t  
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cxdha ir: cda ta ,  6 read wdha s e r i a l  o u t p u t  b i t  

l Z C  one, 15  mask fo r  wdha s e r i a l  b i t  
a== c5ata  check s e r i a l  i q u c  bit 
bz bitlaw branch i f  biz Low 
..-u 5 a? one load o c e  la a c z - a u l a t o r  
sac: word s t o r e  0 0 0 1  i? cu tpu t  word 
b CdO brancn t o  send word o u t  

s a c 1  word StOie 0008 i n  cu t2u t  word 

b c h a r i n  wai t  f o r  next  command 

bitlow ZBC c l e a r  acc-mulatzr  . 

cw 0 C Z l l  sword c a l l  word send rou t ine  

* 
* w c r t  send r o u t i n e  (outDut  word Dassed i 2  word) 

sward I2c word ,  4 ,snif: flzi; ili5i1l.z ant3 cpgez  acc-mul.: 
* 

52c-2 cza tz  S'LSTO cF4bie 
L 2 C K  15  4 13w o r d e r  bit zask 
-I- a r c  cdata  mask n i b b l e  
s z c l  cj,aca s a r 2  n i 5 b l e  tcr be outgut 
C 2 A A  sencc:? c a l l  s22d charzcczr  r o u t i n e  

sacl? c2a ta  s t o r e  n ibble  
I 2 C k  - 15 4 low ordez b i t  mask 
am2 cda ta  mask n i b b l e  
sac: &at. stor-..  n i b b l e  to be ou i2u t  
CZ'l sendch c a l l  s22d cha rac t z r  r o u t i n e  
l a c  word,l3 shift tkirc! n i k b i e  i c t o  upcer  accumulat 
s ack  cda ta  s t o r e  nijble 
1 2 C k  IS 4 l c w  order  b i t  mask 
a-c cdata  mask  n i b b l e  
sac1 cda t a  store n i b b l e  t o  be  ou tput  
c a l l  sendch c a l l  send cha rac t e r  roueine 
l a c k  1s 4 l o w  o rde r  b i t  mask 
and word mask low order  n ibble  
s a c l  cda ta  S L C ~ T P  n i b b l e  co be out?ut  
C B l l  sandc3 c a l l  send characzar  rouzine 
reT: r e t u r n  f r o m  sirord 

4 . .  

.. 
IZC xord ,  3 sh; _ _ _  = A  second a i i b l e  i n t o  upper accum'a 

* 
* sezd  c h a r a c t e r  r o u t i n e  ( o u t p u t  nibble i n  c d a t a )  

s endch  l a r r ,  1 l oad  a u x i l i a r y  po in te r  t o  1 f o r  delay 
* 

l a c k  9 l oad  9 i n  a c c - a u l a t o r  
sub cda ta  check f g r  ci?i:s 0-9 
bl Z s a f  branch i 2  valxe A--P 
L2Ck 4a b a s 2  ascil 0 i z ^ i 2 ~  f o r  0-3 
add cda t a  orepar2  a s c i i  c5a-racte-r 
sac: cda ta  s t o r 2  -=SCZL czce f o r  0-9 
D sctl Srar.ch t o  s e r i a l  o u t g u t  proc2ssF-?q 

aLc c&tz  prepare  as=:: c5ar:cT.r 
s a c l  cdatj .  s t o r e  a s c i i  czde f o r  A-c' 
b S C 9  branch t o  s e r i a l  au t2u t  processinc: 

12r2 0 s e l e c t  zux r y -  (1 

h char  in check f o r  new czmand 

l a c  one I 10 mask f o r  tSe S i t  
a2c s e r i n  check t-be b i t  
kZ d e l a y  - i f  buffer '  f x l l  branch t o  de lay  
O E Z  cciata, 1 outpuc characzer  t o  UXRT 
r t t  r e t u r n  f r o m  s2sCch 

* wcc5 c s n s t r u c t  r o u t i n e  ( r e s u l t s  rttxzzec',  i r r  word) 

. .  

base a s c i i  05292r~ f o r  A - l  . .  saf l a c k  5 5  

d e l a y  l a r k  1,40 de lay  counter  l o r  t r a n s  bu f fe r  t:, erngt-i 
d e l 0  bazz de l0  d e l a y  l o c ~  

SCO b i n 2  tbechk check ? o r  per.clnc in-;lut c;lailc'-,er 

tbeckk ix s e r i n , l  read s e r i a l  i a S u t  r e a i s t o r  

* 
* 
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*?%$a< b i t ;  15-:2 
La& i>scc dz== valce 
bra-?c.i L Z  ia-ralic! charac=?r  received 
load  hex n l b k i z  i n  b i t s  15-12 

r2ad b i t s  11-3 
load  i n ~ u t  dacr value 
branch if invalid cbaraczer  received 
load  hex a i k b l a  i-r l  bits 11-3 
o i  w i t h  word 
store buildi25 vozd 
read S i t s  7-4 
l oad  i n c u t  dz;= value 
branck i f  invtlid cha rac t e r  rzcelved 
load  hex nibblt i n  b i t s  7-4 
o r  w i t h  word 
s t o r e  bu i ld ing  word 
read b i t s  3-0 
load i n p u t  daca va lue  
branch i f  i n v a l i d  c h a r a c t e r  rece ived  
load hex nib%Lc i n  Sits 3-0 
o r  w i t h  word 
s t o r e  b u i l d i n 5  word 
r e t u r n  from Tmrd 

. -  

st3:2 bui1i i . l ;  r o r d  

w a i t  f o r  serial i n p z t  
selec: aux r s r j  1 
s t a r e  de lay  cxn t5 - r  
w a i t  f o r  ua i z  r e g i s t e r s  
s e l e c t  aux re? 0 

read s e r i a l  h ? u t  r e g i s t e r  

l o t d  8 bit 12-,J or&er nask 
load inouc c=z= i n m  acczmulator 
s t c r e  da ta  czLy 
s t o r e  inpuc cara (p repa re  f o r  echo)  
load f / '  ([ESCI) csde i n  accumulator 
congare iqc= 
branch r / f  ( [ E S C ] )  command. c h a r a c t e r  

f o r  0-9 hex c h a r a c t e r  

48 
t e a ?  
s e r i n  
tsag 

S Z Z i 2  
9 
toml: 
se rir: 
t2ag 
n o t 0 9  
s e r i n  
va lue  

i - = - -  , -..-- - 

good 

check f o r  A-P h e r  character 
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l a c k  
add 
s a c l  
5 
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temp 
serin 
temp 
inerr 
s e r i n  
5 
'1 e?nu 
ser in  
temp 
i n e r r  
10 
s e r i n  
va lue  
good 

* 
* v a l i d  c h a r a c t e r  ecno 

good o u t  s e r o u t  1 
x 

r e t  

* 
* invalid c h a r a c t o r  echo 
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sac l  s e r o u t  
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Z+C 
StXb one 
sac1 value  
r e t  
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* '/' c h a r a c t a r  echo * 
esc i r ,  o u t  

DO? 
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* 
___ f: i 0 z . 
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lac 
and 
bz 
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out 
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7 177 - 
yair,S ' 
-, -- 
a 

bel12 
C h l C i I l  
s e z i n ,  1 
one I 10 
s e r i n  
b e l l  

7 
s e r o u t  
s e r o u t  I 1 
b e l l  

5,412,735 
32 

additronal c f f s e t  f o r  A-F 
s t o r 2  o f f s c r ,  
l oad  inuu t  da t a  
s u b t r a c t  new o f f s e t  
branch ( t o )  t o  i n v a l i d  c k a r a c t e r  eou t i r ;  
s t o r e  s h i f t 3 2  s e r i n  
a s c i i  code o f f s e t  
s t o r e  a s c i i  , o f f s e t  - 
l oad  inguc d a c r  
s u b t r a c t  5 
branch i f  s e r i n  > S 
l oad  va lue  f o r  hex B 
add i n g u t  d a t a  
s t o r e  inDut cha rac t e r  va lue  
branch t o  c h a r a c t s r  echo rouyine 

o u t 2 u i  v a l i i  cha rac t e r  
r i t u r x  fro- cka rac t e r  Inpuz 

a s c i i  cgde 53: ! 
s t o r e  cha rzc re r  t o  b e  echoed 
o u t y t  c5a rac t e r  
c l e a r  act-aulator 
-1 in a c c z x l z t o r  
s t o r e  -1 i-. value 
re turx  frca c h a r a c t i r  i n g ~ u t  

o u t p u t  ' / I  cha rac t e r  
c l e a r  r e t c r z  address  
branch t o  c3nmand i n t e r p r e t a t i o n  

brancf: i5 no peading cha raccz r  
brznc5  tz s e r i a l  i q u c  handler  
r e = c  s a r i i l  ingut  r e g i s t e r  
mask'for cSe b i t  
check tbe  b i t  -- ; F  b u f f e r  full branch t o  b e l l  

a s c i i  bell i n  a c c u n u l t t s r  
S C O K J  b e l l  cha rac t e r  
send bell ckaraczer  
ser?d aEoc:?e r b e l l  

* 
* 

end 
< 
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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; lo 

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 2o 
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 
for sampling a percentage of the input 

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 frst 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. 

comprises 11. The system of claim 10 wherein the variable filter 

function ofthe noise components during said time inter- 25 signal to produce the noise-estimating signal which is a 
function of the noise component during said time inter- vals. 

l5 

signal to produce the noise-estimating signal which is a comprises for sampling a percentage ofthe input 

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- 

- 
30 
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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- 

14. The system of claim 13 wherein the input signal is 
a digital signal and wherein he system further com- 

justed signal. justed signal. 

digital signal and wherein the circuit further comprises 
5. The circuit of claim 4 wherein the input signal is a 40 

IlleanS for delaying the input signal by a preset number 
of sampies to produce a preset delayed signal; and 

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 preset wherein the variable filter is responsive to the predeter- 
delayed signal to produce the noise-estimating signal. 45 mined delayed signal to produce the noise-estimating 
6. The circuit of claim 1 or 2 wherein the first com- signal, 

bining means comprises means for taking the difference 10 or 11 wherein the first 
between the input signal and the noise-estimating signal comprises for taking the differ- 
and wherein the second combining meanS comprises ence between tile input signal and the noise-estimating 
means for taking the difference between the. delayed 50 signal and wherein the second combining means come 
input signal and the filtered noise-estimating signal. prises means for taking the difference between the de- 
7. The circuit of C h h  1 or 2 wherein the input Signal lay& input signal and the filtered noise-estimahg sig- 

is a digital signal and wherein the circuit further com- nal. 
prises means for delaying the input signal by a preset 16. The system of claim 10 or 11 wherein the input 
number of samples to produce a preset delayed signal, 55 signal is a digital signal and wherein the system further 
and wherein the variable filter is responsive to the pre- comprises means for delaying the input signal by one 
set delayed Signal to produce the noise-estkating Sig- sample to produce a predetermined delayed signal; and 
nal. wherein the variable filter is responsive to the predeter- 

8. The circuit of claim 1 or 2 wherein the sound re- mined delayed signal to produce the noise-estimating 
production system is a hearing aid for use by the hearing 60 signal. 
impaired and wherein the second filter has fdter param- 17. The system of claim 10 or 11 wherein the sound 
eters which are selected as a function of a User’s hearing reproduction system is a hearing aid for use by the 
impairment. hearing impaired and wherein the second filter has filter 

9. The circuit of claim 1 or 2 wherein the second filter parameters which are selected as function of a user’s 
has filter parameters which are selected as a function of 65 hearing impairment. 
expected noise components. 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. 

15. ne system of 

10. A sound reproduction system comprising: 
a microphone for producing an input signal in re- 
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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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36 
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 15 

10 

38 
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. 

* * * * *  

20 

25 

30 

35 

40 

45 

50 

55 

60 

65 


