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ACCOMMODATING DEVICE AND / OR form , is used in these cases , with a preference for using one 

SIGNAL MISMATCH IN A SENSOR ARRAY of the fast - to - compute versions of this transform , known as 
the Fast Fourier Transform or FFT , represented at circuit 16 . 

Although there are choices for the analysis window , such 
Matter enclosed in heavy brackets [ ] appears in the as the Hanning window , that will reconstruct the time 
original patent but forms no part of this reissue specifica domain signal accurately without the added complexity and 
tion ; matter printed in italics indicates the additions computational cost of a synthesis window , such analysis 
made by reissue ; a claim printed with strikethrough windows suffer from accuracy compromises to achieve the 
indicates that the claim was canceled , disclaimed , or held 10 improved efficiency . Generally , a separate synthesis window 
invalid by a prior post - patent action or proceeding . 14b is applied by multiplication before the signal is recon 

structed by the overlap and add circuit , 19 ( as shown in FIG . 
[ STATEMENT OF RELATED APPLICATIONS ] 1 ) to overcome these compromises , but at added cost . 

Once in the frequency domain , the data is represented by 
The present application is a continuation application of 15 complex numbers containing both a “ real ” and an “ imagi 

U . S . patent application Ser . No . 11 / 213 , 446 , filed on Aug . nary ” component . These complex numbers , one for each 
26 , 2005 now U . S . Pat . No . 7 , 472 , 041 , in the name of frequency “ bin ” of the transform , represent the magnitude 
inventors Jon C . Taenzer and Bruce G . Spicer , entitled and relative phase angle of the temporal input signal data 
“ Method & Apparatus For Accommodating Device And / Or averaged over the time interval contained within the length 
Signal Mismatch In A Sensor Array ” . ] 20 of the frame ( and weighted by the windowing function ) as 

well as over the range of frequencies contained within the 
CROSS - REFERENCE TO RELATED bandwidth of the “ bin . ” It is this input transform data that is 
APPLICATIONS ; BENEFIT CLAIM then processed at circuit 17 by a selected process to create 

an output transform of processed frequency domain data . 
The present application claims the benefit as a Reissue 25 Once the data is processed , the standard frequency 

Application of application Ser . No . 12 / 345 , 432 , filed Dec . domain method then calls for inverse transformation of each 
29 . 2008 . now U . S . Pat . No . 8 . 155 . 926 . issued Apr . 10 . 2012 . frame of processed data to create a string of processed time 
which is a Continuation of application Ser . No . 11 / 213 , 446 , domain frames of “ real ” data . Circuit 18 , denoting an 
filed Aug . 26 . 2005 . now U . S . Pat . No . 7 . 472 . 041 . issued inverse fast Fourier transform ( IFFT ) process , performs this 
Dec . 30 , 2008 , the entire contents of all of the foregoing are 30 objective . If a synthesis window 14b is used , then it is 
hereby incorporated by reference as if fully set forth herein , applied at circuit 13 by multiplication of the output frame of 
under 35 U . S . C . $ 120 . Applicants hereby rescind any time domain data with the selected synthesis window : 
disclaimer of claim scope in the parent application ( s ) or the otherwise the output frame of data from circuit 18 is passed 
prosecution history thereof and advise the USPTO that the directly to circuit 19 . Alternatively , the frequency domain 
claims in this application may be broader than any claim in 35 representation of the synthesis window can be applied to the 
the parent application ( s ) . output from the signal process 17 by convolving the output 

from the process with the transformed synthesis window 
FIELD OF THE INVENTION before performing the inverse Fourier transform at circuit 

18 . The time domain frames are subsequently re - assembled 
The invention relates to noise discrimination in signal 40 by circuit 19 by performing concatenating or overlapping 

detection and processing . and - adding of the frames of processed real - time data to 
create the final digitized and sampled temporal output signal 

DESCRIPTION OF THE RELATED ART waveform containing the processed signal information . Of 
course , this sampled signal can be , and often is , converted 

FIG . 1 is a block diagram of a conventional real - time 45 into an analog signal by the use of a standard Digital - to 
frequency domain signal processing system 10 employing Analog conversion ( D / A or DAC ) method ( not shown ) so 
what is sometimes referred to as the frequency sub - band that the processed output signal can be used in myriad 
method or the frame - overlap - and - add method . This method applications , such as scientific measurement , telephony , 
uses a circuit 11 to divide incoming sampled temporal signal entertainment systems , communication systems , and so on . 
information into blocks of data referred to as frames . The 50 Alternatively , the process can be applied in the time 
sampled data can be provided directly from a digital sensor domain , wherein , for example , the input signal , either analog 
or other processing system , or can be provided from an or digitized , is passed through a bank of bandpass frequency 
analog sensor or processing system via a standard Analog - discrimination filters ( either analog or digital as appropri 
to - Digital conversion ( A / D or ADC ) method ( not shown ) . ate ) . The outputs of each of the frequency filters is subse 
The frames can be adjacent or overlapping . Since the data 55 quently processed , and the processed signals are then com 
are samples of time domain data , all samples within a frame bined to form a processed output signal by adding the 
have no imaginary component , and the data is strictly " real . ” processed signals together . 
If required by the application , these frames of data then may FIG . 2 ( a ) shows the elements of a conventional prior art 
be multiplied in a multiplication circuit 12 by an analysis beamforming system , where a sensor system 21 provides 
window 14a to reduce artifacts that can be introduced by 60 two or more input signals 22 that are time - aligned for the 
subsequent transformation of the sampled time data into the signal of interest . For best performance , these sensor signals 
frequency domain . Subsequently , the windowed frames are should have matched sensitivity for all signals . The input 
transformed to the frequency domain by any one of the many sensor signals 22 provide the input data for the vector 
such transformations known to those of ordinary skill in the summing beamforming process of the system , as shown at 
art , such as for example the Hartley transform , the Wavelet 65 circuit 23 . 
transform , or the like . The most commonly used of these Although the vector summing process 23 is often per 
transformations is the Fourier transform . Since the data is formed as a vector average , a vector average is simply a 
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vector sum divided by a scalar number , and will simply be in the directions of the side lobes of the main beamformer . 
referred to hereinafter as a vector sum . The output signals from these additional beamformers are 

Consider one of the simplest beamforming sensor sys then scaled and subtracted from the output signal from the 
tems , the two - element broadside array 30 shown in FIG . 3 . main beamformer in order to partially cancel the main 
The two sensor elements 32 and 34 of this array are located 5 beamformer ' s side lobes . In general , although the side lobes 
on the axis X . It is well known that such a beamforming can be reduced with such an approach , the tradeoffs include 
system can be steered using conventional signal delay a wider main lobe , high complexity and cost , and the 
methods . In particular , conventional beam steering is retention of a high number of sensors . 
accomplished by varying relative phases of the input signals Yet another category of conventional beamformer is the 
in such a way that the incoming signal pattern is reinforced 10 generalized side lobe canceller ( GSC ) where a multiple 
in a desired direction and suppressed in undesired directions . sensor system is combined with a null - steering method . In 
The phase change is equivalent to a time delay — that is , the this technology , the sensitivity toward the desired source is 
phase change at each frequency is a fixed offset , and the maintained constant while one or more of the nulls are 
phase change over frequency is linear . However , for sim - steered toward detected off - axis noise sources . Examples of 
plicity here it is assumed that the signal source of interest 15 this type of beamforming system are the well known Grif 
lies on the sensitivity axis I of the array — that is , that the two fiths - Jim beamformer and the Frost beamformer . In this type 
sensor signals are appropriately time delayed so as to be of beamforming system the number of discrete noise sources 
time - aligned for the desired signal of interest . When the that can be nulled is equal to the number of independently 
sensor elements 32 and 34 are omni - directional and spaced steerable nulls , and the number of independently steerable 
one - half wavelength apart ( 180 electrical degrees ) , the two - 20 nulls is equal to one less than the number of sensors . Thus , 
element broadside beamforming system , as shown in FIG . to be effective in most real - life situations where there are 
2 ( a ) , outputs a signal that is directly proportional to the numerous noise sources and multiple - reflections of those 
vector sum of the two sensor element signals . This output noise sources , the number of sensors must be large , along 
has a sensitivity beam pattern resembling a figure - eight — with the associated high system complexity , large compute 
that is , one having two sensitivity lobes 35 and 36 as shown 25 power requirement , and high cost . Further , such systems , 
in FIG . 3 . These lobes are maximum in the on - axis direction , because the nulls are very narrow , require adaptive circuit 
but are zero at + 90° azimuth directions ( in the directions of techniques to accurately center the nulls on the noise source 
axis X ) . These are the directions at which the electrical phase directions , and these adaptive methods are slow to adapt , 
difference between the sensor ' s signals is + 180º and there - allowing significant noise to pass during the adaptation time . 
fore where the signals cancel when summed together . The 30 One common characteristic of these prior art systems is 
resulting low sensitivity regions 37 and 38 are referred to as that the null or nulls created by these methods are quite 
“ nulls . " narrow . As more sensor elements are incorporated , more 

To improve the directionality of a sensor system normally nulls are created and the numerous resulting nulls are 
implies narrowing the width of the main lobe ( s ) of sensi - narrower yet . 
tivity , which in FIG . 3 is either lobe 35 or 36 ( or both ) . In 35 
a conventional beamforming system , narrowing of the main BRIEF SUMMARY OF THE INVENTION 
sensitivity lobe is accomplished by incorporating additional 
sensor elements to enlarge the array , thereby increasing the In accordance with one aspect of the invention , there is 
acceptance aperture that concomitantly reduces the beam provided a method for improving noise discrimination in a 
width . However , there are costs to this approach , including 40 system having a plurality of sensors each generating a sensor 
the additional sensor elements and associated amplifiers and input signal representable by an input vector having phase 
A / D converters ( in a digital system ) or filters ( in an analog and magnitude components in response to a signal stimulus , 
system ) , the added computational costs for processing all the the plurality of sensors being arranged to have an on - axis 
sensor signals , the result that the beam pattern becomes direction . This method includes generating from at least two 
complex with many added side lobes in which the sensitivity 45 input vectors an input phase difference value , enhancing the 
of the system to unwanted signal sources is relatively high input phase difference value as a function of the location of 
( that is , the system has relatively low noise immunity ) , the the signal stimulus relative to the on - axis direction , gener 
large physical size of the sensor array , and non - uniform ating two output vectors corresponding to the two input 
frequency response for off - axis signals , among others . vectors , the two output vectors having a phase difference 

For these reasons , another method called " super resolu - 50 based on the enhanced input phase difference value , and 
tion ” beamforming has been employed , wherein the combining the two output vectors . 
increased aperture is filled with additional sensor elements , In accordance with a further aspect of the invention , there 
but the elements are non - uniformly spaced and the resulting is provided a method for improving noise discrimination in 
sensor signals are non - uniformly weighted in amplitude . In a system having a plurality of sensors each generating a 
such a system ( not shown ) , the width of the main lobe of 55 sensor input signal representable by an input vector having 
sensitivity can be more greatly narrowed as compared to a phase and magnitude components in response to a signal 
similar beamforming system with uniformly spaced sensor stimulus , the plurality of sensors being arranged to have an 
elements . However , to be successful the super resolution on - axis direction . This method includes generating an 
approach still requires a great number of sensor elements attenuation factor as a function of a phase difference from 
and associated circuitry and suffers from significantly 60 two input vectors , combining the two input vectors to obtain 
increased computational costs , high side lobe sensitivity , an output vector , and attenuating the output vector by the 
large physical size , and non - uniform off - axis frequency attenuation factor . 
response . In accordance with a further aspect of the invention , there 

In order to address the side lobe pickup problem , another is provided a method for improving noise discrimination in 
method has been employed in which additional beamformer 65 a system having a plurality of sensors each generating an 
systems are used with the same set of array sensor signals . input signal representable by an input vector having a phase 
The additional beamformers create sensitivity beams that are component and a magnitude component , the plurality of 
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sensors arranged to have an on - axis direction . The method component . The method includes , at the at least one fre 
includes using a first pair of sensors to obtain a coarse vector q uency , using the magnitude of the first and second input 
phase difference corresponding to a coarse measurement of vectors to obtain corresponding first and second mathemati 
an angle of arrival of a signal input source relative to the cally mean matched vectors . 
on - axis direction , using a second pair of sensors to obtain a 5 In accordance with a further aspect of the invention , there 
fine vector phase difference corresponding to a fine mea is provided a beamformer using a plurality of sensors each 
surement of the angle of arrival of the signal input source , producing a sensor input signal representable by an input 
generating an input phase difference value from the coarse vector having phase and magnitude components . The beam and fine vector phase differences , enhancing the input phase former includes a combining circuit for receiving the sensor difference value as a function of the angle of arrival to 10 input signals and generating a combined signal therefrom , a generate an output phase difference value , generating first first differencing circuit for receiving the sensor input sig and second output vectors having a phase difference based nals and generating a first difference signal therefrom , an on the output phase difference value , and combining the first adaptive filter for receiving the difference signal and gen and second output vectors . 

In accordance with a further aspect of the invention , there 15 erating a filtered signal therefrom , a second differencing 
is provided a method for improving noise discrimination in circuit for receiving the filtered signal and a delayed version 
a system having a plurality of sensors each generating an of the combined signal and generating an output signal 
input signal representable by an input vector having a phase therefrom , and a phase difference enhancement circuit for 
component and a magnitude component , the plurality of enhancing a phase difference of input vectors representing 
sensors arranged to have an on - axis direction . This method 20 sensor input signals from the plurality of sensors . 
includes using a first pair of sensors to obtain a coarse vector In accordance with a further aspect of the invention , there 
phase difference corresponding to a coarse measurement of is provided a beamformer using a plurality of sensors each 
an angle of arrival of a signal input source relative to the producing a sensor input signal representable by an input 
on - axis direction , using a second pair of sensors to obtain a vector having phase and magnitude components , the beam 
fine vector phase difference corresponding to a fine mea - 25 former including a combining circuit for receiving the 
surement of the angle of arrival of the signal input source , sensor input signals and generating a combined signal 
generating an attenuation factor as a function of the coarse therefrom a first differencing circuit for receiving the sensor 
and fine vector phase differences , combining the input input signals and generating a first difference signal there 
vectors corresponding the second pair of sensors to obtain an from an adaptive filter for receiving the difference signal and 
output vector , and attenuating the output vector by the 30 generating a filtered signal therefrom , a second differencing 
attenuation factor . circuit for receiving the filtered signal and a delayed version 

In accordance with a further aspect of the invention , there of the combined signal and generating an output signal 
is provided a method for enhancing regional sensitivity therefrom , and a phase difference responsive circuit for 
noise discrimination from first and second pairs of sensors receiving at least one of the signals , and modifying that 
each sensor generating a sensor input signal representable by 35 signal to produce a modified signal that is a function of the 
an input vector having a magnitude and phase . This method phase difference of the input signals from the plurality of 
includes applying a first process to the first pair of sensors sensors . 
to obtain a first output corresponding to sensitivity in a first In accordance with a further aspect of the invention , there 
region , applying a second process to the second pair of is provided a beamformer using a plurality of sensors each 
sensors to obtain a second output corresponding to sensi - 40 producing a sensor input signal representable by an input 
tivity in a second region , and combining the first and second vector having phase and magnitude components . The beam 
outputs . The first process includes enhancing an input phase former includes a processing circuit for receiving the sensor 
difference value corresponding to a phase difference input signals and generating a processed signal therefrom , 
between signals from first and second sensors in the first pair the processing circuit including a first phase difference 
of sensors . 45 enhancement circuit for enhancing the phase difference of 

In accordance with a further aspect of the invention , there input vectors representing sensor input signals from the 
is provided a method for enhancing regional sensitivity plurality of sensors , a first differencing circuit for receiving 
noise discrimination from first and second pairs of sensors , the sensor input signals and generating a first difference 
each sensor generating a sensor input signal representable by signal therefrom , an adaptive filter for receiving the differ 
an input vector having a magnitude and phase . The method 50 ence signal and generating a filtered signal therefrom , a 
includes applying a first process to the first pair of sensors second differencing circuit for receiving the filtered signal 
to obtain a first output corresponding to sensitivity in a first and a delayed version of the processed signal and generating 
region , applying a second process to the second pair of an output signal therefrom , and a second phase difference 
sensors to obtain a second output corresponding to sensi enhancement circuit for enhancing a phase difference of 
tivity in a second region , and combining the first and second 55 input vectors representing sensor input signals from the 
outputs . The first process includes attenuating an output plurality of sensors . 
vector obtained by combining first and second input vectors In accordance with a further aspect of the invention , there 
corresponding to signals from first and second sensors of the is provided a method for time domain processing of signals 
first pair of sensors by an attenuation factor which is a from a plurality of sensors . The method includes obtaining 
function of a difference in phase between the first and second 60 from the plurality of sensors a plurality of corresponding 
input vectors . input signals , applying the input signals to a bank of 

In accordance with a further aspect of the invention , there bandpass frequency discrimination filters to thereby obtain a 
is provided a method for accommodating device and / or filtered signal from each filter , generating phase angle dif 
signal mismatch in a sensor array system including first and ference values from the filtered signals , attenuating each of 
second sensors generating first and second input signals 65 the plurality of input signals by an attenuation factor which 
representable at least one frequency by first and second input is a function of the phase angle difference values , and 
vectors each having a phase component and a magnitude combining the plurality of attenuated input signals . 
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In accordance with a further aspect of the invention , there also includes at least one circuit adapted to : generate from 
is provided a method for time domain processing of signals the first pair of sensors a coarse vector phase difference 
from a plurality of sensors , the method including obtaining corresponding to a coarse measurement of an angle of 
from the plurality of sensors a plurality of corresponding arrival of a signal input source relative to the on - axis 
input signals each representable by an input vector having 5 direction ; generate from the second pair of sensors a fine 
phase and magnitude components , applying the input signals vector phase difference corresponding to a fine measurement 
to a bank of bandpass frequency discrimination filters to of the angle of arrival of the signal input source ; generate an thereby obtain a filtered signal corresponding to each sensor attenuation factor as a function the coarse and fine vector from each filter , generating , for each filter , an instantaneous phase differences ; combine the input vectors corresponding phase angle difference value representative of the phase 10 to the second pair of sensors to obtain an output vector ; and angle difference between the filtered signals from that filter , attenuate the output vector by the attenuation factor . enhancing the phase component of each filtered signal by an In accordance with a further aspect of the invention , there enhancement value which is a function of the instantaneous is provided a system exhibiting enhanced regional sensitiv phase angle difference value associated with that filter to includes first and thereby obtain enhanced output signals , and combining the 15 ity noise discrimination . The system 
enhanced output signals . second pairs of sensors , each sensor generating a sensor 

In accordance with a further aspect of the invention , there input signal representable by an input vector having a 
is provided a pickup device that includes at least first and magnitude and phase , a at least one circuit adapted to : apply 
second sensors generating first and second sensor input a first process to the first pair of sensors to obtain a first 
signals , respectively , in response to a signal stimulus , the 20 output corresponding to sensitivity in a first region ; apply a 
first and second input signals being representable by first and second process to the second pair of sensors to obtain a 
second input vectors each having a phase component and a second output corresponding to sensitivity in a second 
magnitude component . The pickup device also includes at region ; and combine the first and second outputs . The first 
least one circuit adapted to : generate from the first and process includes enhancing an input phase difference value 
second sensor input vectors an input phase difference value ; 25 corresponding to a phase difference between signals from 
enhance the input phase difference value as a function of the first and second sensors in the first pair of sensors . 
location of the signal stimulus relative to an on - axis direc - In accordance with a further aspect of the invention , there 
tion of the at least first and second sensors ; generate two is provided a system exhibiting enhanced regional sensitiv 
output vectors corresponding the first and second input ity noise discrimination . The system includes first and 
vectors , the two output vectors having a phase difference 30 second pairs of sensors , each sensor generating a sensor 
based on the enhanced input phase difference value ; and input signal representable by an input vector having a 
combine the two output vectors . magnitude and phase , and at least one circuit adapted to : 

In accordance with a further aspect of the invention , there apply a first process to the first pair of sensors to obtain a first 
is provided a system for improving noise discrimination in output corresponding to sensitivity in a first region ; apply a 
at least first and second input signals representable by first 35 second process to the second pair of sensors to obtain a 
and second input vectors each having a phase component second output corresponding to sensitivity in a second 
and a magnitude component . The system includes a first region ; and combine the first and second outputs . The first 
circuit adapted to generate an attenuation factor as a function process includes attenuating an output vector obtained by 
of a phase difference of the first and second input vectors , a combining first and second input vectors corresponding to 
combiner for combining the first and second input vectors 40 signals from first and second sensors of the first pair of 
into an output vector , and an attenuation circuit for attenu - sensors by an attenuation factor which is a function of a 
ating the output vector by the attenuation factor . difference in phase between the first and second input 

In accordance with a further aspect of the invention , there vectors . 
is provided a device for improving noise discrimination . The In accordance with a further aspect of the invention , there 
device includes first and second pairs of sensors arranged to 45 is provided a sensitivity matching circuit adapted to accom 
have an on - axis direction , each sensor generating an input modate device and / or signal mismatch in a sensor array 
signal representable by an input vector having a phase system that includes first and second sensors generating first 
component and a magnitude component . The device further and second input signals representable at least one frequency 
includes at least one circuit adapted to : generate from the by first and second input vectors each having a phase 
first pair of sensors a coarse vector phase difference corre - 50 component and a magnitude component . The sensitivity 
sponding to a coarse measurement of an angle of arrival of matching circuit includes one or more circuits adapted to use 
a signal input source relative to the on - axis direction ; the magnitude of the first and second input vectors to obtain 
generate from the second pair of sensors a fine vector phase corresponding first and second mathematically mean 
difference corresponding to a fine measurement of the angle matched vectors . 
of arrival of the signal input source ; generate an input phase 55 
difference value from the coarse and fine vector phase BRIEF DESCRIPTION OF THE SEVERAL 
differences ; enhance the input phase difference value as a VIEWS OF THE DRAWINGS 
function of the angle of arrival to generate an output phase 
difference value ; generate first and second output vectors Many advantages of the present invention will be appar 
having a phase difference based on the output phase differ - 60 ent to those skilled in the art with a reading of this speci 
ence value ; and combine the first and second output vectors . fication in conjunction with the attached drawings , wherein 

In accordance with a further aspect of the invention , there like reference numerals are applied to like elements , and 
is provided a device from improving noise discrimination , wherein : 
the device including first and second pairs of sensors FIG . 1 is a block diagram of a conventional real - time 
arranged to have an on - axis direction , each sensor generat - 65 frequency domain signal processing system 10 employing 
ing an input signal representable by an input vector having what is sometimes referred to as the frequency sub - band 
a phase component and a magnitude component . The device method or the frame - overlap - and - add method ; 
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FIG . 2A is a block diagram showing the elements of a FIG . 14 is a flow diagram of a computationally efficient 
conventional beamforming system in which a sensor system approach for accomplishing noise reduction in accordance 
21 provides two or more input signals 22 that are time with the invention ; 
aligned for the signal of interest ; FIG . 15 is a graph of , and the defining equations for , some 

FIG . 2B is a block diagram showing the elements of an 5 typical attenuation functions that can be used with a beam 
inventive system in which a phase enhancement process 24 forming noise reduction system in accordance with the 
is disposed between the acquisition of the sensor signals and invention ; 
the beamforming process ; FIG . 16 is a schematic diagram showing a method for 

FIG . 2C is a block diagram showing the inventive use of both extending the novel method to linear broadside arrays 
a signal sensitivity matching circuit located in advance of a 10 of greater than two elements , a means for resolving the input 
phase enhancement circuit depicted in FIG . 2 ; signal electrical phase difference ambiguity created by 

FIG . 3 is a schematic diagram of a conventional beam greater sensor spacings ; 
forming sensor system consisting of a two - element broad FIGS . 17A and 17B are schematic diagrams oftwo 
side array ; approaches for producing a range sensitive beam pattern in 

FIG . 4 is a depiction of a principle behind one aspect of 15 accordance with the invention ; 
the invention , in which two sensor elements A and B are FIGS . 18A - 18C are schematic diagrams of three different 
shown arranged along a line X in a broadside array con - approaches for creating a “ pencil ” beam — that is , a beam 
figuration 40 , and an off - axis noise source , N , is shown at the with both reduced azimuthal ( width ) and reduced elevational 
physical azimuthal arrival angle Oy away from the axis I of ( height ) extent — in accordance with the invention ; 
maximum sensitivity ; 20 FIG . 19A is a schematic diagram of a prior art two 

FIG . 5 is a flow diagram illustrating an implementation of element noise reduction system ; and 
one aspect of the invention ; FIGS . 19B and 19C are schematic diagrams showing the 

FIGS . 6A and 6B are graphs depicting the effect of inventive use of phase enhancement process in a Griffiths 
applying some of the inventive formulae to enhance the Jim beamformer arrangement . 
angular phase difference between two input signal vectors ; 25 

FIGS . 7A - 7F are vector diagrams showing some of the DETAILED DESCRIPTION OF THE 
inventive principles involved in combining input signals ; INVENTION 

FIG . 8A is a graphical illustration of the performance of 
a conventional beamforming system using two cardioid In accordance with an aspect of the invention , a novel 
microphone sensor elements spaced 7 - cm apart ; 30 approach based on enhancing the performance of beamform 

FIG . 8B is a graphical illustration of the performance of ing systems is disclosed . As a general aim , an aspect of the 
a system in accordance with the invention using the same invention operates on the principle of enhancing or enlarg 
microphone array as that of FIG . 8A , and the expansion ing the nulls of a beam pattern created by such a beamform 
function given by Equation 1 with a sharpness value Sy of ing system . 
10 at 1000 Hz ; 35 The novel approach , in accordance with an aspect of the 

FIG . 8C is a graphical illustration showing the beam invention , is to widen the nulls — that is , regions 37 and 38 
shape at 1000 Hz for a conventional beamforming system in in FIG . 34 rather than to narrow the main lobes 35 and 36 
which additional elements have been added to make the of a beamforming system . This approach improves direc 
main sensitivity lobe ' s FWHM ( full width at half maxi - tionality , but by way of a unique and advantageous apparatus 
mum — a standard method of measuring beam widths ) equal 40 and method . By widening the nulls using the inventive 
to that of the novel system under the same conditions as method , the improved directionality is accomplished with 
described for FIG . 8B , achieved using 13 sensor elements , out increasing the number of sensor elements and associated 
all spaced 7 - cm apart for a total aperture ( array ) size of over amplifiers and A / D converters ( in a digital system ) or filters 
85 - cm ( assuming readily available 6 - mm diameter electret ( in an analog system ) , with reduced computational costs for 
microphone elements ) ; 45 processing the sensor signals , with the result that the beam 

pattern is simple without added side lobes and their 
accordance with the invention providing the 1000 Hz beam increased sensitivity to unwanted noise signal sources , with 
pattern ; small physical size of the sensor array , with low system 

FIG . 8E shows the 1000 Hz beam pattern produced by the hardware costs , without long adaptation times , and with the 
novel system when the sharpness parameter S is increased to 50 added ability to produce uniform frequency response for 
a value of 20 . off - axis signals , among other benefits . It will be appreciated 

FIG . 9 is a flow diagram of a signal sensitivity matching that while for simplicity , the following descriptions will 
system as implemented within the framework of a beam - discuss a two - sensor implementation of the invention , the 
forming system in accordance with the invention ; same techniques are extendable to arrays having a greater 

FIG . 10 is a vector diagram showing the input signal 55 number than two , in one - , two - , and three - dimensional 
vectors A and B forming an isosceles triangle when the 
signal magnitudes are matched ; As shown in FIG . 2 ( b ) , in one aspect of the invention , a 

FIG . 11 is a block diagram showing a more computation phase enhancement process 24 is disposed between the 
ally efficient approach utilizing a signal attenuation charac - acquisition of the sensor signals 21 and the beamforming 
teristic directly , instead of first calculating the expanded 60 process 23 . The phase enhancement process 24 produces 
phase vectors A ' and B ' , in accordance with the invention ; phase - enhanced signals 25 that are then used as input signals 

FIG . 12 is a flow diagram showing how the attenuation by the beamforming process 23 . 
ratio can be used to provide another way of implementing A principle behind one aspect of the invention is illus 
the inventive noise reduction method ; trated in FIG . 4 , showing two sensor elements A and B 

FIG . 13 is a graph of the attenuation value created , using 65 arranged along a line X in a broadside array configuration 
Equation 4 , and the phase enhancement function of Equation 40 , and an off - axis noise source , N , located at the physical 
1 in accordance with the invention ; azimuthal arrival angle Qy away from the axis I of maximum 

nta 
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sensitivity . Because there are two input signals for this 
system , one from each of sensor elements A and B , two 
Fourier input signal transforms are available to the process . 
Each transform consists of many frequency “ bins ” of data , 
and each data value in a bin is a complex number Z , wherein 

signals is generated . In theory , since the signal of interest lies 
on the sensing axis I of the array system 40 , in other words 
since the portion of signals A and B representing the desired 
signal are time - aligned , there will be no phase difference for 

5 that signal and the phase difference number should be zero . 
However , for signals arriving from unwanted off - axis 
" noise " sources , N , there will be an electrical phase differ 
ence , and the phase difference number is a function of the 
azimuthal angle of arrival , on : 10 With reference to FIG . 4 , it will be appreciated that the following applies : 

Z = M cos 0 + iM sin e 
containing information about both the magnitude ( M ) and 
the relative signal phase ( 0 ) of each signal during a particu 
lar interval of time — that is , a particular frame . 

Within a frame , for example for input signal A , the value 
in the nth bin of its input Fourier transform is : 

ZA ( n ) = M _ ( n ) cos 04 ( n ) + iM _ ( n ) sin 0A ( n ) 
where M ( n ) is the average magnitude of input signal A for 15 40 , = 1 •f { V s2 + 4 ( D2 + Ds sinon ) - V s2 + 4 ( D2 – Ds . sinon ) } / 2c 
the frequencies represented by frequency bin n , and where 
0A ( n ) is the average relative signal phase of input signal A 
for the frequencies represented by the same frequency bin n . where f is the center frequency for the frequency bin , s is the 
The signal phase is often referred to as the “ electrical phase ” physical spacing between the sensor elements , D is the 
of the signal . 20 distance from the center of the sensor array to the noise 
Similarly , for input signal B , the value in the nth bin of its source N , c is the propagation speed of the signal ( here it is 
input Fourier transform is : the speed of sound in air ) , and Oy is the azimuthal angle of 

arrival of the signal from noise source N . 
Zg ( n ) = Mg ( n ) cos Og ( n ) + iMg ( n ) sin 06 ( n ) If D > > s , in other words if the noise source N is located a 

where M , ( n ) is the average magnitude of input signal B for 25 significant distance from the array , then the electrical phase 
the frequencies represented by frequency bin n , and where difference number simplifies to : 
OB ( n ) is the average relative signal phase of input signal B 
for the frequencies represented by frequency bin n . Thus , for 

f . s each frequency corresponding to a bin there are available to A0 = 1 — sinon 
the process two complex numbers allowing the calculation 30 
of two relative input signal phase angle values , namely 04 ( n ) 
and en ) . By making the system of the invention " think ” that the 

Henceforth , for simplicity it will be assumed that each arrival of most off - axis noise signals is from sources that are 
calculation is performed on a bin - by - bin basis and the near + 90° azimuth , these signals are made to fall in the nulls , 
frequency bin index n will be dropped . 35 and are then considerably attenuated by the subsequent 

FIG . 5 is a flow diagram illustrating an implementation of beamforming process of signal vector summation . In accor 
one aspect of the invention . At 51a and 51b , magnitude and dance with one aspect of the invention , this is accomplished 
phase information of the signals from sensors A and B is by expanding the measured input electrical phase difference 
obtained . For each bin pair , the difference between the two number 10 , toward + 180° at 53 in FIG . 5 using an appro 
relative input signal electrical phase angle values is calcu - 40 priate expansion function . 
lated at 52 . In other words : It will be appreciated that vector summation includes both 

summation with and without first inverting the signals A0 , = 0 / - 0 , or , alternatively 40 , - 08 - 04 provided to the summation circuit . In general , broadside 
where 04 or OB is the arctangent of the ratio of the imaginary array beamforming does not utilize signal inversion , while 
part of the input signal divided by the real part of part of the 45 end - fire array beamforming does . Both types of beamform 
input signal , and 40 , is the signal electrical phase angle ing systems are contemplated to be within the scope of this 
difference between the two input signals A and B for each invention . 
frequency bin pair . Additionally , for the purposes of this invention , phase 

Although the mathematical method shown above is theo enhancement includes both phase expansion using an expan 
retically correct , in practical ( real - world ) systems , the arct - 50 sion function , as discussed above , and phase compression , 
angent function usually generates a relative phase value that as will be described below . Phase expansion applies in many 
is restricted to the interval - ISAD < t . Thus , when calculating array systems , such as the broadside beamformer , for nar 
the input signal phase difference angle value AD , the cal - rowing the main sensitivity lobe . Alternatively , in signal 
culated result is on the interval - 2 , SAO < 2 t . Although this differencing array systems , such as are many end - fire array 
value can be used directly to accomplish the inventive 55 systems , phase compression is required to narrow the main 
process , for mathematical reasons it is often more conve - sensitivity lobe . However , there are applications wherein 
nient if the value lies on the interval - SAO < . The calculated instead the nulls are to be narrowed , and in such systems 
input signal phase difference angle value A0 , can be “ re - phase expansion and phase compression are also contem 
wrapped ” to lie on the desired interval by the process of plated . This is discussed , for example , below in reference to 
adding 2 when the value is less than - , and subtracting 20 60 the GSC beamforming system . 
when the value is more than a . No change is made when the Now considering the case where summation is performed 
value already lies on the interval - 150 < T . After this calcu - without inversion , many functions may be used for expand 
lation , the resulting value for AD , lies on the desired interval ing the input electrical phase difference number . In one 
- Iso < n . embodiment of this invention , wherein the desired source of 
After re - wrapping the resulting phase difference value , an 65 acoustic signals is time - aligned such that the electrical 

input electrical phase difference number representing the signals produced by the sensor elements are in phase , all of 
input signal phase difference value between the two sensor the available expansion functions will have one property in 
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common : they will not change a phase difference that is at tion to exclude the pickup of off - axis noise signals as 
0° , since signals with such a difference is most likely from required for that application . However , it also provides a 
the desired source and should not be attenuated . However , as method of controlling the resulting beam characteristics as a 
the electrical phase difference between the input signals function of any other parameter , for example to frequency 
increases ( either plus or minus ) away from 0° , there is 5 compensate the system ' s sensitivity to off - axis signals by 
increasing likelihood that the signal pair originates from varying the value of the parameter S as a function of 
undesired off - axis noise sources . Thus , for example , an frequency in order to create a constant width beam across all 
electrical phase difference of 45° can be expanded to for frequencies . Alternatively , the sharpness parameter S may be 

example 80° before the two signals are combined in the varied in real time to provide beam control in real time . 
beamforming process . Such an expansion will decrease the 10 It is instructive to compare at this juncture the behavior of 
magnitude of the output signal , since the two signals are a conventional beam steering system . It will be recalled that 
summed in the beamforming process , and the two signals in such a system , beam steering is accomplished by varying 
will be more out of phase after the expansion . As the input relative phases of the input signals in such a way that the 
phase angle difference increases , the expanded output dif incoming signal pattern is reinforced in a desired direction 
ference is moved more and more toward + 180° . Thus , for 15 and suppressed in undesired directions . The phase change is 
example , an electrical phase difference of 90° can be equivalent to a time delay — that is , the phase change at each 
expanded to 179º before the two signals are combined in the frequency is a fixed offset , and the phase change over 
beamforming process , giving a nearly complete attenuation frequency is linear . Since unlike in the presently claimed 
for such signals . invention there is no phase enhancement in a conventional 

Expanding the input electrical phase angle difference 20 beam steering system ( that is , “ S ” in such a system , if 
number A0 , to create the expanded output signal phase angle expressed in the language of the invention , would have a 
difference number 10 , is accomplished by applying an value of 1 ) , the conventional beam steering system curve in 
appropriate expansion function having the characteristics FIG . 6a would assume a straight line , parallel to line 60 , and 
just described . One such function is : not passing through the point 0 , 0 . Such a line is designated 

25 at 69 in FIG . 6a . 
FIG . 6 ( b ) shows examples of additional enhancement 

functions and the resulting enhancement curve for each . As 
exemplified by the curves labeled 65 and 66 , the phase need 
not be expanded at every value away from the point 0 , 0 . For 

30 these curves , there is compression over a limited range near 
where the angles A0 , and 40 , are expressed in radians , and 0 , 0 , but phase expansion occurs at input difference values 
S is a parameter that controls the narrowness or sharpness of further away . The curve labeled 67 demonstrates that expan 
the resulting sensitivity beam , 1 < S500 . sion may also be limited to input electrical phase difference 

FIG . 6 ( a ) is a graph depicting the effect of applying this numbers near to the point 0 , 0 , while no expansion or even 
formula to enhance the angular phase difference between the 35 compression may occur for input phase difference values 
two input signal vectors . The input electrical phase differ - near + 180 degrees . 
ence number 40 , is plotted on the ordinate , or horizontal This discussion has addressed only a few examples of the 
axis , while the expanded electrical phase angle difference possible enhancement formulas and curves , and is not 
number 40 , is plotted on the abscissa , or vertical axis . intended to be limiting . Formulae that include the point 0 , 0 , 
When there is no expansion , for example when the 40 and curves that pass through the point 0 , 0 , and expand the 

sharpness parameter S is set equal to 1 in the above equation , phase difference in other words increase the phase differ 
the output signal phase angle difference number 10 , is equal enceat other points conform to one aspect of the inven 
to the input signal phase angle difference number 40 , - that tion . Formulas and curves that maintain a constant phase 
is , 10o = 10 , and the system operates like a conventional difference at some other selected point , and expand the 
beamforming system . This condition is shown by the diago - 45 phase difference at other points conform to another aspect of 
nal graph curve 60 in FIG . 6 ( a ) . the invention . In accordance with another aspect of the 

However , for larger values of S , the phase difference is invention , expansion is only applied to some input phase 
expanded and a commensurate improvement of the sensi - angle difference number values , 40 , . In practice , phase 
tivity beam pattern is realized . The graph curve 62 shown in expansion will likely be applied , to a greater or lesser extent , 
FIG . 6 ( a ) illustrates the expansion curve that results from 50 to most values , although it will be recognized that there is no 
setting the sharpness parameter S equal to a value of 10 in requirement that expansion be applied to most or even a 
Equation 1 . Note that the curve passes through the point 0 , 0 substantial portion of the values . Further , in some applica 
so that no change is effected for signals arriving from the tions , the phase enhancement may be applied using a look 
desired source location that is on the main sensitivity axis . up table of discrete values , rather than by using a continuous 
For signals arriving from azimuth angles away from the 55 function or curve , and while the term phase enhancement is 
main sensitivity axis , the input electrical phase angle dif - used in a general sense , it will be recognized that compres 
ference number AO , has a non - zero value and the resulting sion , or reduction of the phase difference is included in the 
enhanced output electrical phase angle difference number general concept of phase enhancement as referred to herein . 
40 , is thereby changed away from the original input elec - As seen from Equation 1 above , the sign of the input 
trical phase angle difference value and toward + 180 electri - 60 phase angle difference number 40 , is used separately from 
cal degrees when expansion is effected commensurate with its magnitude . Since the magnitude never takes on negative 
curves 62 - 64 . values , the magnitude of the rewrapped input phase angle 

Curves 63 and 64 show the phase expansion characteris - difference number can be expanded using a function that is 
tics of Equation 1 for S values of 5 and 20 respectively . valid over the interval Os | AO , / st , and then combined with 
Thus , for this equation , as the sharpness value is increased , 65 the sign of the input phase angle difference 10 , to produce 
the phase enhancement increases . This provides a method the output electrical phase angle difference number 10 , 
for setting the resulting beam width in a particular applica Alternatively , the unwrapped input phase angle difference 
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value can be expanded using a repeating function over the equal ( barring any difference in sensor element sensitivity or 
interval - 205AO , ( unwrapped ) s21 . An example of such a circuit imbalance ) , their electrical phases will , in general , 
function is : not be equal , as shown in FIG . 7 ( a ) . Thus as shown , the 

resulting input signal vectors A and B generally will not be 
5 equal in either phase or magnitude . 

FIG . 7 ( b ) illustrates the expansion process described 
above where input vectors A and B are phase expanded ( in 
the direction of the open arrows ) from the input electrical 

where 10 , and 40 , are the unwrapped signal phase differ - 10 phase difference number 10 , to the output electrical phase 
ence values measured in radians . difference number 10 , to become the output vectors A ' and 

Furthermore , the enhancement process can be imple 
mented without a direct calculation of the input signal After the two input signals are modified , as shown at 56 
electrical phase angle difference number 10 , which requires and 57 in FIG . 5 , so that their complex number representa 
the calculation of two arctangents . In many digital compu - 15 tions have the greater phase difference , but with their 
tation systems , a direct calculation of the arctangent function original magnitudes , they are then combined in the manner 
is relatively computationally intensive , and an enhancement of the conventional beamforming method , as shown at 55 . 
method that does not require the arctangent calculation is As previously mentioned , the two input signals are assumed 
desirable . This goal can be accomplished , for example , by to result from a sensor array system with signal delays as 
using a value proportional to the tangent of the input signal 20 necessary for steering the system ' s sensitivity beam toward 
phase angle difference number 40 , rather than 40 , itself . the desired signal . Therefore the input signals are time 
Such a value can easily be computed by using the unit aligned and in - phase for signals arriving from the desired 
vectors of the input signal vectors A and B . A unit vector is source , but contain an out - of - phase component for signals 
simply a vector that has a magnitude of 1 , but the same angle originating from off - axis “ noise ” sources . In keeping with 
as that of the original vector . The unit vector can be 25 the principles of a standard broadside beamforming system , 
computed by dividing the complex number representing the the vectors are then added without inversion as a vector sum 
input vector by its own scalar magnitude . to produce the output signal . In this case , the phase - ex 

Let A " and B " be the unit vectors of A and B . The ratio panded output vectors A ' and B ' are vectorially summed , as 
of the magnitude of the difference of A " and B " to the shown at 55 in FIG . 5 . In other words , each nh bin pair of 
magnitude of the sum of A " and B " is equal to the tangent 30 complex numbers A ' and B ' are vectorially added together to 
of 40 / 2 . This result can be used directly to calculate the form the complex number placed in the nth bin of the output 
enhanced output electrical phase angle difference number transform . 
10 , by use of any enhancement function modified by the This vectorial summation process is illustrated in FIG . 
replacement of A0 , by 2 tan ( A0 / 2 ) and suitably scaled using 7 ( c ) where the output from a conventional beamformer 
methods well known in the art . 35 system is shown , compared to the output from the inventive 

Again referring to FIG . 5 , after the input electrical phase system . The signal vector labeled Out is the vector average 
difference number is enhanced to create an output electrical ( the vector sum divided by 2 ) of the original input vectors A 
phase difference number 10 , as shown at 53 , the original and B . The major purpose of a noise reduction system is to 
input electrical phase difference number is subtracted from remove the noise and to put out a signal that is the closest 
the output electrical phase difference number to create an 40 representation of the desired signal . It can be seen by 
angle enhancement value , as shown at 54 . This value is then comparison to FIG . 7 ( a ) that the conventional beamformer 
divided in two parts and each part is added or subtracted , as output vector Out differs from the desired signal vector S , 
appropriate , to each input signal ' s phase to thereby move the both in magnitude and phase . Any vector difference between 
signals ' phases apart ( in the case of expansion ) and create a the signals Out and Sy is a vector ( not shown ) representing 
" more out of phase " condition between the two input 45 the residual noise left in the output signal after the conven 
signals . The angle enhancement value may be assigned all to tional beamformer process is applied . 
one input signal or split between the two input signals in any In contrast , the output vector labeled Out ' , which is the 
ratio . One embodiment splits the angle enhancement value vector average of the signals A ' and B ' that are produced by 
equally into two parts at 54 , and each half is added or the inventive method , is a very close match to the desired 
subtracted , as appropriate , to each input signal ' s phase , 50 signal Sp . The residual noise is significantly reduced in 
thereby moving the signals ' phases apart in the case of comparison to that in the output signal of the conventional 
expansion ) and creating a “ more out of phase ” condition beamformer , demonstrating the significant noise reduction 
while preserving the same average relative output signal benefits of the inventive approach . 
phase . Another embodiment splits the angle enhancement Once the data for all frequency bin pairs is processed 
value according to the vector magnitudes so that the result - 55 according to the above method , a complete output Fourier 
ing output vector ' s relative phase is identical to that which transform frame is produced . As shown in FIG . 1 and 
would exist after vector summation if no enhancement had described earlier , the output Fourier transform frame is then 
been performed . inverse Fourier transformed to produce a processed time 

To illustrate this aspect of the invention , vector diagram domain output frame . Subsequent processed output frames 
FIG . 7 ( a ) shows that signals A and B are composed of vector 60 are then concatenated or overlapped - and - added to produce a 
sums of the desired signal vector component S , and the fully processed digitized output time domain signal . 
noise vector components N , and N , respectively . Since the Alternatively , the signal information in groups of bins can 
desired signal originates from an on - axis , time aligned be first combined , for example by vector summation , to 
source , its component is identical in both signals , as shown produce signal information on a frequency band basis before 
by the double vector Sy . However , since the noise signal 65 the signal processing calculations are performed . This is 
originates from an off - axis source , the noise components NA often done to reduce calculation costs for applications where 
and No are not equal . Although their magnitudes will be the signal distortions created by band - by - band processing is 
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acceptable . Thus it is contemplated that each calculation is S is increased to a value of 20 . The only limit to the practical 
performed on a bin - by - bin or on a band - by - band basis . narrowness of the beam is either when the beam is too 

FIG . 8 illustrates the beamforming performance of the narrow to maintain pointing at the desired source , or when 
inventive approach . As an example , the performance of a the processing produces an objectionable level of distortion 
conventional beamforming system using two cardioid 5 of the desired signal . Practical values for the sharpness 
microphone sensor elements spaced 7 - cm apart is shown in parameter in voice - grade communication applications using 
FIG . 8 ( a ) . It is readily apparent from FIG . 8 ( a ) that the two cardioid microphone elements ranges from about 5 to 
sensitivity beam pattern is essentially that of the cardioid about 50 , but is not limited to that range . 
elements themselves for low frequencies ( below 1000 Hz In the method of FIG . 5 , phase enhancement processing 
where the wavelength is large relative to the element - to - 10 precedes the beamforming process . Thus , the FIG . 5 method 
element spacing s and , thus the array aperture is much can be readily added to a conventional beamforming system 
smaller than one half wavelength . At higher frequencies the between the sensor electronics and the beamforming system 
beam pattern narrows , but as it narrows , side lobes are as shown in FIG . 2 ( b ) . As a result , it is clear that the above 
formed . For example , at 3000 Hz , a relatively narrow main novel phase enhancement approach is highly compatible 
lobe is formed , but several side lobes are clearly evident . 15 with conventional beamforming technology for improving 
Further , it is obvious that the sensitivity pattern is different the performance of nearly any beamforming system . For the 
for every frequency , and particularly for off - axis sounds , the same reasons , it is also highly compatible with conventional 
sensitivity is frequency - dependent so that off - axis sound beam steering and beam tracking systems , as those of 
signals are changed or “ colored ” . ordinary skill in the art will readily appreciate . Also , just as 

In comparison , FIG . 8 ( b ) shows the beam forming per - 20 with conventional beamforming systems , the novel 
formance of a system in accordance with the invention using approach is highly compatible with the use of either omni 
the same microphone array , and the expansion function directional , bidirectional or unidirectional sensors or sensor 
given by Equation 1 with a sharpness value S , of 10 at 1000 arrays . For example , the novel approach can be used to 
Hz . Not only is the main lobe narrower than that of the beneficially combine the outputs of two or more conven 
conventional beamforming system , but no side lobes are 25 tional beamforming array systems . Just as well , two or more 
produced . Furthermore , by choosing the sharpness value for of the novel beamforming systems can provide improved 
each frequency bin to maintain the shape of the sensitivity input signals for further combination in conventional beam 
pattern the same for all frequencies , the beam shape for all forming systems . 
frequencies is the same , and there is no “ coloration ” to the “ Wind noise ” is an especially troublesome problem in 
sound from off - axis signals — such sounds are audibly “ nor - 30 many acoustic voice signal pickup situations , for example in 
mal ” but attenuated as desired automobiles for telematics applications . Wind noise is dif 

The conventional beamforming system can not correct or ferent from background acoustic noises because it can not be 
“ flatten ” its frequency response for off - axis signals for two characterized as coherent sound waves that are impinging 
reasons : 1 ) there is no parameter available to modify the upon the microphone sensors from a distance . Rather wind 
beam width as a function of frequency ( whereas the novel 35 noise is characterized by pressure pulses created due to air 
system has the sharpness parameter S ) , and 2 ) the beam turbulence in the near vicinity of , or at , each microphone , 
patterns show significantly different shapes for each fre - and / or microphone port . Thus , it is not possible to determine 
quency , so that even if there were a parameter for compen - an angle of arrival for wind noise , since there is no corre 
sating the beam widths according to frequency , the beam lation between the electrical phase angles of the individual 
shapes would still not match . In the inventive system , the 40 sensor signals . 
beam shapes are essentially the same at all frequencies , Nevertheless , the inventive apparatus and method dis 
allowing for easy frequency compensation by use of a closed in this application provides significant reduction of 
proper tapering of the sharpness parameter value vs . fre - wind noise in its output signal while preserving the desired 
quency , when desired . voice signal . Because the input signal electrical phase angle 

FIG . 8 ( c ) shows the beam shape at 1000 Hz for the 45 difference for wind noise can be characterized as the result 
conventional beamforming system in which additional ele - of a random process , the electrical angle difference for such 
ments have been added to make the main sensitivity lobe ' s noise is statistically uniformly distributed over the range of 
FWHM ( full width at half maximum — a standard method of possible input signal electrical phase angle differences . 
measuring beam widths ) equal to that of the novel system Since the inventive process effectively attenuates signals 
under the same conditions as described for FIG . 8 ( b ) . To 50 with input signal electrical phase angle differences that are 
achieve this equality condition , the conventional system away from the a priori known difference ( typically 0 
needs 13 sensor elements , all spaced 7 - cm apart for a total degrees ) for the desired signal , wind noise is also effectively 
aperture ( array ) size of over 85 - cm ( assuming readily avail - attenuated over much of the input signal electrical phase 
able 6 - mm diameter electret microphone elements ) . This angle difference range . 
system , although large and complex , still does not remove 55 Such operation is highly desirable in acoustic sensor systems 
the side lobes of sensitivity . where wind or moving air is a problem due to the " wind 

In comparison , the novel approach provides the 1000 Hz noise ” it creates . 
beam pattern shown in FIG . 8 ( d ) . Not only is the beam A problem encountered with conventional beamforming 
pattern free of deleterious side lobes , but this system technology is the need for sensitivity matching of the sensor 
requires only two microphone sensor elements ( with the 60 signals to achieve maximum noise reduction performance . 
concomitant reduction in A / D converters , preamplifier cir - Although adequate matching of the sensor amplifiers and 
cuitry and computer processing power ) and is less than 9 - cm A / D channels is relatively straightforward , matching of the 
in size . sensors themselves is not . To continue the use of the acoustic 

For greater noise reduction of pickup , the beam can be audio example , microphone elements are difficult and 
further narrowed and the sensitivity to off - axis noise sources 65 expensive to match , and maintaining the match across 
further reduced . FIG . 8 ( e ) shows the 1000 Hz beam pattern temperature changes and aging is even harder . Further , 
produced by the novel system when the sharpness parameter matching of sensor sensitivities at one frequency is possible , 
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but matching over all frequencies is very difficult , even the sensor signal B is increased by 3 dB as compared to those 
without taking temperature fluctuations and aging effects shown in FIG . 7 ( e ) . In this case , the conventional beam 
into account . former output signal vector Out is significantly increased in 
Some beamforming systems attempt to automatically magnitude and is significantly altered in phase . This effect 

match the sensor signals by applying Automatic Gain Con - 5 results in increased audibility of the off - axis noise put out by 
trol ( AGC ) amplification for each sensor channel , controlled the conventional beamforming system . 
by factory measured sensitivity differences saved in a FIG . 7 ( e ) also shows the residual output noise after 
memory system to be applied as a correction later during processing by the novel system of this application , again 
operation or by actively and periodically injecting matched assuming matched signal magnitudes . As is shown in FIG . 
energy signals into the sensors and correcting any sensitivity 10 7 ( d ) , the relatively large input signal phase angle difference 
differences based upon measurements of the result of these number Ae , means that the expanded output phase difference 
" probe ” signals . number 40 , will be very close to 180 electrical degrees . 
As shown in FIG . 2 ( c ) , the signal sensitivity matching Thus , the output signal vectors A ' and B ' will be essentially 

methods described above are usually applied to the sensor out - of - phase but of the same magnitude , as shown in FIG . 
signals 22 before those signals are processed . Thus , when 15 7 ( e ) . When this condition is achieved , the two signals A ' and 
used with the novel system of the present invention , the B ' will cancel each other when vectorially summed at 55 in 
sensitivity matching circuit 26 is located to precede the FIG . 5 , resulting an essentially zero length output vector as 
phase enhancement circuit 24 , as shown . Alternatively , shown in FIG . 7 ( e ) by the dot labeled Out ' . Thus , when the 
signal matching can also be applied after phase enhance - sensor signals are well matched in sensitivity , the novel 
ment , since the enhancement circuit 24 only modifies the 20 invention achieves the desired result of very low output for 
phase of the input signals and does not alter their magni - such noise - only signals . Compared to the residual noise 
tudes . Further , the equalization circuit 26 need not only be output vector Out provided by the conventional beamform 
used for magnitude ( amplitude ) matching , but in addition ing system , the residual noise output vector Out ' provided by 
can provide frequency equalization , when required . the novel system is much smaller — that is , the residual noise 

Each of the prior art sensitivity matching methods has 25 in the output of the novel system is more greatly reduced . 
drawbacks . The AGC method can correct sensitivity differ - It is to be appreciated that the novel beamforming system 
ences at one frequency , but can not match the sensitivity utilizes phase enhancement functions that include a sharp 
over all frequencies . It also takes time to adjust , and this ness parameter S that allows control over the beam width . 
correction delay can be a problem in systems requiring rapid Therefore , the value of the sharpness parameter can be 
responses to incoming signals . The factory measured match - 30 chosen or controlled so as to produce beneficial new char 
ing method can operate over frequency and without delay , acteristics for a beamformer . For example , adjusting the 
but can not track sensitivity changes due to temperature , sharpness parameter in response to an increase in the noise 
humidity or aging . The probe signal method requires that the level can be used to narrow the beamwidth as more noise 
beamforming system be taken off - line during the periodic rejection is needed . The value of S can be automatically 
signal injection phase of operation . In addition , all of these 35 adjusted by detecting the noise in the output signal and 
methods add significant cost and complexity to the system . adjusting the value to maintain , for example , a specified 

To demonstrate the need for sensitivity matching , con output signal - to - noise ratio . 
sider the use of a conventional beamforming system to Alternatively , in applications where the noise is known to 
detect speech in noise . Speech consists of short bursts of have certain frequency characteristics , for example where 
voice sounds separated by periods of quiet — the pauses 40 most noise consists of low frequencies , the value of S can be 
between speech bursts . It is critical that a beamforming noise adjusted to produce a wide beam at those frequencies in 
reduction system reduce the effects of off - axis noises during order to maintain the best signal quality , while a narrow 
the speech pauses , since at those times there is no voice beam can be created at other frequencies to maximize 
signal to mask the effects of small amounts of residual noise rejection of those noises . Such frequency tapering of the 
and any residual noise becomes quite audible . 45 beamwidth can be fixed , manually adjusted or made adap 

Referring again to FIG . 7 ( a ) , during a speech pause , the tive or automatic by controlling the value of the sharpness 
desired signal S , becomes zero and the input signals A and parameter S in response to the variation of a control signal . 
B consist only of the noise vectors N , and NZ , as shown in There are many such ways to apply the extra freedom 
FIG . 7 ( d ) . In this case , the signal is only noise and the allowed by the sharpness parameter , and all are contem 
desired result is an output of zero . 50 plated to be in accordance with the invention . 
When the input signals are combined in a conventional Further in accordance with the invention , a novel algo 

beamforming system with matched sensor signals , the rithmic matching method is provided to avoid the drawbacks 
resulting output signal is reduced as expected , although not of slow response , change tracking , added cost and complex 
to the desired value of zero . This is shown in FIG . 7 ( e ) by ity associated with the conventional beamformer system 
the average output vector labeled Out which is the result of 55 signal matching methods . This novel matching system pro 
conventionally beamforming just the noise signals A = N v ides the benefits of an instantaneous sensitivity match for 
and B = NB . all frequencies and over temperature , humidity and sensor 

However , with a sensor signal mismatch , the residual aging conditions . Furthermore , this novel signal matching 
noise in the system ' s output signal is significantly increased process can be applied to virtually any array system where 
Typical microphone elements are available with sensitivity 60 matched signal sensitivities are needed or desired , and it is 
matching at 1 kHz of 3 to + 4 dB . Thus , in the two sensor not limited to use with the novel beamforming system 
case , if one sensor is at the low end of the sensitivity provided herein , although it works well in this system to 
distribution and the other at the high end , the two sensor assure matched signals for maximum noise reduction per 
signals can be mismatched by a sensitivity difference of 2 : 1 formance . 
or more . FIG . 7 ( f ) shows the output vector that results from 65 FIG . 9 shows the inventive signal sensitivity matching 
a conventional beamforming system where the sensors are system as implemented within the framework of the novel 
mismatched such that sensor signal A is reduced by 3 dB and beamforming system . Again described in the context of a 
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two - sensor array although no such limitation is intended , and speech ) , a logarithmic mean is desirable , and the geo 
input signals A and B are first separated into their phase and metric mean provides this characteristic . For example , if one 
magnitude components at 91a and 91b . Circuit blocks 92 - 97 sensor has + X dB ( greater ) sensitivity than nominal while 
correspond to the same blocks labeled 52 - 57 in FIG . 5 , and the other has - X dB ( lower ) sensitivity than nominal , then 
represent substantially the same process steps . The signal 5 al 5 use of the geometric mean will provide an output magnitude 
amplitude matching is created by new circuit block 98 equal to that provided by a matched pair of nominal sensi 
wherein the two input scalar signal magnitudes [ A ] and [ BI tivity sensor elements , so that mismatches become transpar 

ent to the user . are combined to create a new common scalar magnitude Although the system designer will choose the preferable value GM equal to the mathematical mean of | AI and BI . In 10 mean for the particular application being addressed , for this example , the geometric mean value is used . This new acoustic voice signals the geometric mean is to be preferred . 
scalar magnitude value is then used at 96 and 97 , combined A valuable element in this new signal sensitivity matching with the expanded phase values 4020 and Apo to produce system is the use of a mathematical mean magnitude value 
the phase expanded output signals A ' and B ' . to replace the individual magnitudes of the input signals . If 

This inventive method of compensating for sensor sensi - 15 applied to a conventional beamforming system , the phase 
tivity mismatches and sensor signal path differences uses the enhancement process would be bypassed , and the original 
process of reassigning to the magnitudes of the expanded input signal phases , in this case 04 and B , would be used at 
electrical phase angle vectors the mathematical mean value 96 and 97 instead . 
of the individual magnitudes of the input vectors . There are Referring again to FIG . 2 ( c ) , this novel signal sensitivity 
numerous types of mathematical means , for example the 20 matching means can be applied before , or after , the phase 
arithmetic , root - mean - square ( rms ) , geometric , harmonic enhancement process . In this figure , circuit block 26 is 
and others . For the purpose of this invention all mathemati - shown before the phase enhancement block 24 , but the 
cal means are applicable , and a particular mathematical locations can be reversed without affecting the performance 
mean may be used as the design requires . of the overall system . Indeed , if the phase enhancement 
Use of the arithmetic mean , defined as 25 circuit block 24 is eliminated , then it is easy to see that the 

novel sensitivity matching process disclosed above can be 
easily added to a conventional beamforming system between 
the sensor electronics and the beamforming system . 

Benefits of this novel sensitivity matching system are its 
30 continuous matching capability , virtually instantaneous 

matching , ability to continuously correct at all frequencies in 
( where S ; is the signal from the ith sensor and N is the total real - time , without delay or dead - time , to eliminate the 
number of sensors ) produces little attenuation for highly effects of mismatch , drift , aging , temperature , humidity and 
mismatched signals , and does not extinguish the output all other causes of sensitivity changes . Applicability 
signal if a sensor fails completely . The rms is even more 35 includes radio , sonar , audio , radar , medical imaging , optics , 
forgiving in its capability to prevent attenuation of highly and other array systems where matched sensors are required . 
mismatched signals and also does not extinguish the output As shown in the vector diagram of FIG . 10 , when the 
for sensor failures . The fail - safe characteristic of these signal magnitudes are matched , the input signal vectors A 
mathematical means makes them very desirable for many and B form an isosceles triangle . In the conventional beam 
real - world applications where a reliable system must con - 40 forming system , the output signal Out is created by calcu 
tinue to operate , albeit with reduced efficacy , in the event of lating the vector average of A and B , and the resulting output 
sensor failure . signal vector bisects the triangle , as shown . Thus , a right 

However , highly mismatched signal amplitudes are also triangle O - B - Out is formed , where the magnitude of the 
created by undesirable multi - path , clutter or reverberation output signal vector Out is given by : 
artifacts and additional attenuation of such signals is desir - 45 
able in such situations . Use of the harmonic mean , defined 
as 

15 : 1 

10ut = \ Al . cos ( 
= 1B1 . cos ( 401 ) 50 

Similarly , in the novel beamforming system , when the 
signal magnitudes are matched , the input signal vectors A ' 

creates relatively aggressive attenuation of such undesirable and B ' form another isosceles triangle . The output signal 
artifacts . This artifact reduction capability makes the har - 55 Out ' is created by calculating the vector average of A ' and B ' 
monic mean a good choice for applications where clutter is ( at 55 in FIG . 5 , or 95 in FIG . 9 ) , and the new output signal 
a significant problem . vector Out ' bisects this triangle . Thus , a right triangle 

In contrast , the geometric mean , defined as O - B ' - Out ' is formed , where the magnitude of the output 
signal vector Out ' is given by : Sien 60 

NISIT : IS2 / . . . ISNI , 

provides a good compromise between the attenuation of 
such undesirable artifact noise signals while preserving the 65 
quality of the desired on - axis signal . In the case of human 
signal perception , such as in sight ( light ) or hearing ( sounds 

Ou? | = | A7 | . cos ( 400 
= \ B ' 1 . cos ( 4 % ) . 
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When phase - expansion is applied to the input signal Since 40 , is a function of A01 , the attenuation value is only 
electrical phase angle difference , the magnitude of this a function of 40 , 
output vector Out ' is always less than that of the conven - FIG . 12 shows a flow diagram of how this attenuation 
tional beamformer output vector Out , although the phase of ratio can be used to provide another way of implementing 
the output signal is unchanged . Thus , with matched signal 5 the inventive noise reduction method . Using Equation 4 , 
levels , the phase expansion process of the novel noise plus a relevant phase enhancement function for determining 
reduction beamforming system reduces the magnitude , but the expanded output electrical phase difference number 40 , retains the phase , of the output signal produced by the an attenuation value can be determined from the input conventional beamforming system . This reduction in mag electrical phase angle difference number 10 , . This attenua nitude is shown in FIG . 10 as the difference in vector lengths us 10 tion value is then used for modifying the output from a 101 . 

A more computationally efficient approach utilizes this conventional beamformer to produce the same noise reduced 
signal attenuation characteristic directly , instead of first output as is produced by the phase enhancement method . In 
calculating the expanded phase vectors A ' and B ' . FIG . 11 this method , the two input signals are first vector summed at 
illustrates this approach . As shown in FIG . 11 , the input 125 to produce an un - attenuated intermediate signal . Using 
signals 112 from the sensor array 111 are amplitude matched 15 only the input signal electrical phases at 121a and 121b , the 
at 116 if not inherently matched . Matching can be created by input electrical phase difference number 40 , is calculated at 
use of conventional array matching methods or by use of the 122 and subsequently used , along with a phase enhancement 
novel mathematical mean matching method described function or lookup table , to calculate the output electrical 
above . The matched signals are then vector summed in a phase difference number 40 . . The attenuation value is then 
conventional beamformer 113 before being attenuated at 118 20 calculated according to Equation 4 at 128 . 
by an attenuation amount provided from circuit block 117 . When the input signals are from the desired on - axis 
The attenuation amount is determined from the measured source , the two electrical phase difference numbers are equal 
input signal electrical phase angle difference number 10 , at and the attenuation value equals unity , resulting in this 
circuit block 117 , as will be described . The attenuation desired signal being passed without attenuation . When the 
amount is not dependent upon the magnitudes of the input 25 input signals are from an off - axis noise source , the two 
vectors , or upon their absolute phases , but only upon the electrical phase difference numbers are unequal , with the input signal electrical phase angle difference value or num output electrical phase difference number always being 

larger than the input electrical phase difference number . Since the output electrical phase angle difference number Because the phase difference numbers are divided in half , 40 , is directly calculated from the input electrical phase 30 they lie on the interval - 1 / 2sAOS / 2 and always have the angle difference number 40 , ( for example , as described by same sign . Thus , the attenuation value for such signals , Equation 1 ) , a more computationally efficient method for according to Equation 4 , will be less than one , and will creating the output signal Out ' is to compute the attenuation decrease toward zero as the input noise signal arrival azi as though the input signals are matched , and then to apply muth angle increases away from the array axis toward 90 this attenuation to the output of the conventional beamform 35 degrees . ing system . Although , without signal matching , or with the As an example of this attenuation characteristic , FIG . 13 conventional signal matching methods , the input signal shows a graph of the attenuation value created , using Equa magnitudes might not be well matched , this computationally tion 4 , and the phase enhancement function of Equation 1 efficient method can still be applied , but may result in an ( which is graphed in FIG . 6 ( a ) , for different values of the error in the phase of the output signal . 40 sharpness parameter S ) . The horizontal axis of this graph is Recognizing that , for audio applications , the human eart the input electrical phase difference number A0 , while the does not readily distinguish the phase of signals , this incon vertical axis is the attenuation value . Curves 130 , 131 and sequential phase error becomes unimportant . Thus , for an 132 illustrate the attenuation value as a function of the input audio communication device , the phase of the output signal signal electrical phase difference number for sharpness can be slightly altered without impairing the efficacy of the 45 values of 5 , 10 , and 20 respectively . Notice that the attenu system ' s noise reduction . Indeed , the slight deviation in ation value is equal to unity at an input electrical phase output phase used in this method is likely not an issue with difference number of zero degrees , since this represents the most contemplated applications , such as for example sonar , phase difference for a desired signal . As the input electrical radar , optical , radio antenna systems and the like . However , phase difference increases away from zero in either direc with the novel signal magnitude matching method , phase 50 tion , the attenuation increases — that is , the attenuation value error is not a problem , since the output signal phase will be decreases toward zero . perfectly retained . Again referring to FIG . 12 , after calculation of the attenu As seen in FIG . 10 , the amount of attenuation to be ation value at 128 , the conventional beamformer interme applied is the ratio of the magnitudes of the output vectors diate signal vector from 125 is multiplied by the scalar Out ' and Out . Since the signals A ' and B ' are assumed to be attenuation value at 129 to produce the final attenuated sensitivity matched and equally expanded , the output vec 
tors Out ' and Out have the same electrical phase angle , as output signal . Thus , as the input electrical phase difference 

number increases away from zero in either direction , the shown in FIG . 10 . Therefore , the ratio of their magnitudes , conventional beamformer output signal is attenuated , since from Equations 2 and 3 , becomes a simple scalar attenuation 
value defined as such input signals must be from off - axis noise sources . As 

60 with the phase expansion process of the inventive method , 
this attenuation process similarly removes the effects of 
off - axis noise sources in the output signal of the system . 

It should be noted that this attenuation method saves 
computation at 121a and 121b by not requiring the calcu 

65 lation of the magnitudes of the input signals A and B , and 
further saves the calculation of the phase expanded output 
vectors A ' and B ' . However , it still requires the calculation 

cos ( as Attn = 
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of the expanded output phase difference number 10 . A is passed without attenuation . Thus , a desired signal , one 
further saving in computation can be made by using an that originates from a position along the array sensitivity 
attenuation function , rather than a phase expansion function axis , is not attenuated . However , as the input electrical phase 
such as those previously described . difference number increases in either direction away from 

Although less intuitive , this very computationally efficient 5 the zero value , additional attenuation is created , since the 
approach accomplishes the same noise reduction as the attenuation value drops below the value of one and toward 
previously described approaches of the inventive system . the value of zero . Thus , signals originating from off - axis 
This approach will be described with reference to FIG . 14 . noise sources are attenuated . 

As noted by curve 151 of FIG . 15 , the attenuation value Remembering that the input signals A and B are Fourier 10 need not reach zero for any input electrical phase difference , transform bin / band values , the inputs are vectors represented including an input electrical phase difference of 180 degrees . by complex numbers with a real and an imaginary part . At Furthermore , the attenuation need not fall monotonically to circuit 140 , the square root of the ratio of the magnitude of either side of zero degrees . Indeed many other functions and the input signal A to the magnitude of the input signal B is curves can be used , as long as there is attenuation for at least 
calculated — that is , the output of circuit 140 is the scalar 15 some input electrical phase difference numbers away from 
value : zero . 

The attenuation function shown by the solid graph curve 
150 of FIG . 15 , is especially interesting for use with the 
method described with respect to FIG . 14 . This is because , Output140 = 

VB 20 as shown in the defining equation for that curve , the attenu 
ation value is determined by the tangent of one half of the 
input electrical phase difference number , 10 , which is the This scalar value Output 140 is used at circuit 141 , to signal that is inherently available at the input of circuit 147 divide the input vector A , whose magnitude is ( A ) . The result in FIG . 14 . is that the output vector signal from circuit 141 , the vector 25 This function also promotes efficient calculation because signal A ' ' , has a magnitude equal to the geometric mean of the sharpness parameter is used in a simple multiplicative 

the magnitudes of the two input vectors A and B , but the manner , rather than as a power . When this , or a similar , electrical phase angle of input vector A . The scalar value attenuation function is used in the method of FIG . 14 , very from 140 is also used at circuit 142 to multiply input vector simple and efficient computation results . Functions incor B , resulting in the vector signal B ' ' , whose magnitude is also 30 porating multiplicative use of the sharpness parameter are the geometric mean of the magnitudes of the two input highly desirable because of their low computational power vectors , but whose electrical phase angle is the same as that requirements . of input vector B . It will be appreciated that the method The forgoing discussion has described a method of deter shown in FIG . 14 inherently provides geometric mean mining applicable attenuation values by calculation of the magnitude equalization which serves to correct for the 25 for me 35 attenuation values from functions . Alternatively , the attenu unmatched character of the two sensors . ation values can be obtained from a lookup table of pre The two geometric - mean magnitude matched vector sig calculated values at circuit block 147 . In such an implemen nals A and B " are then summed at 144 to obtain the tation , the computational overhead of calculating the values 
unattenuated intermediate output vector , while the vector from a function is eliminated . This method provides even difference of A ' " and B ' " is obtained at the output of circuit ( 40 greater real - time computational efficiency , although at the 143 . Remembering that the vector difference divided by the expense of reducing the ability to make real - time changes to vector sum is equal to the imaginary operator ( V - 1 ) times the attenuation table values in response to changing condi the tangent of half the angular difference , the circuit 145 tions . computes this ratio — that is , the signal T is : This discussion has addressed only a few examples of the 

45 possible attenuation formulas and curves , and is not 
intended to be limiting . Formulae that include the point 0 , 1 , A " - B " 
and curves that pass through the point 0 , 1 , and increase the A " + B " 
attenuation at other points conform to one aspect of the 
invention . Formulae and curves that maintain no attenuation 

50 at some other selected point , and increase the attenuation at 
other points conform to another aspect of the invention . In 

The imaginary operator is removed at circuit 146 by taking accordance with a further aspect of the invention , attenua 
the magnitude of T , resulting in a scalar value equal to the tion is only applied for some input phase angle difference 
tangent . This tangent of one half of the input electrical phase number values A07 . In practice , attenuation will likely be 
difference number 40 , is then used at circuit 147 to calculate 55 applied , to a greater or lesser extent , to most values , 
the attenuation by application of an attenuation function or although it will be recognized that there is no requirement 
lookup table . Once the attenuation value is determined from that attenuation be applied to most or even a substantial 
the function or table , it is applied to the intermediate output portion of the values . Further , for systems in which a 
vector signal from circuit 144 by multiplying the vector symmetrical attenuation function is applicable , the calcula 
signal by the attenuation value . This produces the final 60 tion of the attenuation can be simplified or the look - up table 
output from the noise reduction process . minimized by using just the magnitude of the input phase 

FIG . 15 shows a graph of , and the defining equations for , angle difference number values 40 , . Further , re - wrapping of 
some typical attenuation functions that can be used with this the input phase angle difference value A0 , is unnecessary 
novel beamforming noise reduction system . As was dis when attenuation functions that repeat over intervals of a to 
cussed with reference to various curves shown in FIG . 13 , 65 2 an and - 20 to - are used . The above are exemplary modes 
the attenuation value for an input electrical phase difference of carrying out the attenuation method and are not intended 
number of zero degrees is one in other words such a signal to be limiting . It will be apparent to those of ordinary skill 

T = 

= i - tan ( el ) 
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in the art that modifications thereto can be made without tiple - beam pattern sensitivity peaks or beams . Similarly , 
departure from the spirit and scope of the invention those beams can be steered , and each can be steered inde 

It should be noted that the maximum value of the attenu pendently , by dynamically moving the lateral locations of 
ation value need not be equal to one . If the maximum value the attenuation function peaks as required , for example , in 
is made equal to a lower value so that the attenuation values 5 response to an appropriate control signal ( which could be a 
are scaled to fit the range from zero to this lower value , then beamtracking control signal ) . Also as described above , this 
the beam shape enhancement will be retained , but the overall multiple beam apparatus and method can be accomplished 
sensitivity will be lowered . Similarly if the maximum value with the phase expansion method previously described in is made equal to a higher value than one so that the detail by use of the corresponding phase expansion function . attenuation values are scaled to fit the range from zero to this 10 An example of an excellent application for this technique higher value , then although the beam shape is again is the super - resolution beamformer , where the deleterious unchanged , the overall sensitivity will be increased . It 
should be noted that the term “ attenuation ” is still applied effect of the signal sensitivity side lobes in a first beam 
even when the attenuation value is greater than one , former ' s sensitivity pattern is reduced or cancelled by add 
although in such a situation the opposite of attenuation is 15 ing an appropriately scaled and inverted signal from a 
taking place . In other words , a signal that is multiplied by an second beamformer of the type just described to the signal 
“ attenuation " value greater than one is actually being mag from the first beamformer . To accomplish this cancellation , 
nified ( undergoing a gain ) , rather than attenuated . Never the second beamformer ' s sensitivity pattern would mimic 
theless , the term attenuation will be used herein . This leads the side lobes of the first . Thus , the side lobes of the first 
to a simple method for gain control that can be easily 20 beamforming system are effectively cancelled using this 
integrated into the attenuation method of implementing the means , leaving just the narrow main lobe of sensitivity . 
novel beamforming process . Such gain control , for example , All beam forming systems create some amount of distor 
can be used for Automatic Gain Control of such a system tion of the desired signal . As such a system becomes more 
with an appropriate control signal , as is well known in the aggressive that is , as it produces a narrower sensitivity 
art . There are many applications where gain control , includ - 25 beam pattern — the distortion increases . For the inventive 
ing AGC , is of great benefit . system , the distortion that is created becomes measurable , 

Further in accordance with the invention , a phase differ - but only for high values of the sharpness parameter , S . Thus , 
ence other than 0° can be used as the phase difference for it is valuable to attempt to minimize the value of the 
which no phase enhancement or attenuation occurs , using a sharpness parameter , S , whenever possible , in order to 
function that provides phase expansion or attenuation else - 30 minimize the distortion , and the tradeoff of increased dis 
where . In this manner , the direction of maximum sensitivity tortion can be balanced with increased sharpness parameter 
is steered to an angle corresponding to an azimuthal angle in accordance with the particular application . 
other than that which produces 0° of electrical phase differ - As described above for implementing the inventive signal 
ence . With other parameters held constant , changing the process , both the phase expansion and the phase - based 
input signal electrical phase difference at which no phase 35 attenuation methods have been shown with symmetrical 
enhancement or attenuation is applied shifts the azimuthal improvement functions , for example as shown in FIGS . 6 , 
angle of maximum sensitivity of the sensor system . 13 and 15 . However , the improvement functions , whether 

The attenuation curves 130 , 131 and 132 of FIG . 13 implemented in direct calculation form or in look - up table 
demonstrate no attenuation at the on - axis “ look ” direction of form , need not be symmetrical . Certain applications can 
0 degrees for the input signal electrical phase angle differ - 40 benefit from the use of an asymmetrical beam pattern ; for 
ence number , but demonstrate signal attenuation for input example in an optical application when trying to resolve the 
signal electrical phase angle difference numbers that are signal from a faint star next to a bright star . A narrower beam 
away from 0 degrees . Another use for the inventive appa or greater attenuation to the side of the bright interfering star 
ratus and method is to provide a new way of beamsteering can attenuate the interference from this " noise " source , 
Conventional methods of beamsteering require the applica - 45 while providing the normal beam or attenuation in all other 
tion of time - delay techniques , and / or their equivalent in the directions , thus minimizing the distorting effect of the high 
frequency domain . Instead for example , if the curves shown values of sharpness used to produce the narrower beam . In 
in FIG . 13 are displaced laterally so that zero attenuation this manner enhancement or attenuation is conducted asym 
occurs at an angle other than 0 degrees , as illustrated by metrically about a selected phase angle difference , which , in 
curve 133 , then the effective beam is moved , or " steered " , to 50 the case of curves 130 - 132 ( FIG . 13 ) for example , is zero 
this new angle where the attenuation is zero . degrees , while in the case of curve 133 , it is a value other 

Such steering can be accomplished in a fixed manner , or than zero degrees . 
dynamically in real time by applying an attenuation function Such an asymmetrical directionality improvement can be 
that shifts its peak laterally in real time as needed , or in created by , for example , using one sharpness value for 
response to the control signal from a beam tracking system 55 positive input signal phase difference values while a differ 
( not shown ) . Remembering that Equation 4 shows that there ent sharpness value is used for negative input signal phase 
is a corresponding phase expansion function for every difference values . Similarly , one improvement function or 
attenuation function and vice versa , it will be obvious to one table can be used for the positive side while another is used 
skilled in the art that this new form of beamsteering can also for the negative side . 
be accomplished by utilization of an appropriate ( or corre - 60 Further , the value of the sharpness parameter S can vary 
sponding ) phase enhancement function along with the phase with frequency . For example , using a single value for all 
enhancement methods described above . frequencies creates a beam pattern that is relatively broad at 

Further , there are numerous beamformer applications in low frequencies , but becomes narrower at higher frequen 
which multiple simultaneous beams are required , for cies . This is because the wavelength of a signal varies 
example in sonar and radar applications . Using attenuation 65 inversely with frequency , and therefore the input electrical 
functions with two or more no - attenuation peaks , but with phase difference for an off - axis signal varies linearly with 
finite attenuation between those peaks , can produce mul - frequency . 
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The beam width can be made equal for all frequencies by In the aforementioned configurations , the novel technol 

correcting for this effect . One means of correcting for this ogy is equally sensitive to all signal sources lying on the 
effect is selecting a different sharpness parameter value for sensitivity axis I regardless of their distance from the array , 
each frequency in such a manner as to compensate for the and only attenuates signals based on their angle of arrival . 
change . For example , the uniform beam - width shown in 5 However , in many applications it is desirable to also provide 
FIG . 8 ( b ) occurs when the sharpness parameter , S , is a means for accepting only signals originating from a 
adjusted as the inverse of the frequency difference . When the specific distance , or “ range ” . FIG . 17 shows two methods for 
1 kHz sharpness parameter is set to a value of 10 , at 500 Hz producing a range sensitive beam pattern in accordance with 
the same beam width is created by a sharpness value of 20 , the invention . 
and at a frequency of 2 kHz the required sharpness value is 10 In FIGS . 17 , 18 and 19 , circuit blocks labeled PROCESS 
5 . Therefore , by choosing the sharpness parameter value as implement the novel beamforming process of this invention , 
a function of frequency , virtually any desired frequency using any of the disclosed methods including the phase 
response for off - axis sensitivity can be created . enhancement and / or attenuation methods . Similarly , circuit 

For applications in which a symmetrical improvement blocks labeled AO ENH implement just the phase enhance 
applies or is desirable , the computational cost can be 15 ment process of this invention using any of the disclosed 
reduced by exploiting the symmetry . Using the magnitude of methods . Such uses of the inventive processes are not 
the input signal phase difference value to determine the intended to be limiting . 
amount of noise improvement can remove the need for In FIG . 17 ( a ) , a desired source , S . , is shown located 
calculating the signum sgn ( 40 ) function , for example as in within region 175 at a distance from the array formed by the 
Equation 1 , or can reduce the size of a look - up table by a 20 four sensors A , B , C , and D . Sensors A and B , along with 
factor of two . PROCESS 171 , form a first one of the inventive beam 
Generally , the microphone spacing ( s , in FIG . 4 ) would be forming systems that produces beam 172 . Sensors C and D , 

one - half wavelength or less at the highest frequency of along with PROCESS 173 form a second one of the inven 
interest . This is because the calculated input signal electrical tive beam forming systems that produces beam 174 . The 
phase difference should not exceed u180° . When the differ - 25 sensors are all located at the same distance from the desired 
ence exceeds + 180° , the value becomes ambiguous . For source S , ( as shown ) or their signals may be time aligned for 
example , if the sensor spacing were equal to a full wave - the desired source , using conventional signal time alignment 
length and a noise source was located at an azimuth angle of techniques . The signals put out from these first and second 
90° , the true value of the input signal electrical phase beam forming systems are combined in a third one of the 
difference , 10 , would be 360° . However , the calculation of 30 inventive processes , PROCESS 177 , to produce the final 
the input signal electrical phase difference would create a output signal . In such a way , only signals originating from 
mathematical value of 0° and the resulting signal then would sources within the sensitive region 175 are detected , while 
not be attenuated . The result is that the resulting sensitivity the signals from " noise " sources located outside the sensi 
beam has side lobes at frequencies exceeding that at which tive region 175 are attenuated . Therefore , both angle and 
the spacing is one - half wavelength . This is not necessarily 35 range resolution are achieved by such a system . 
undesirable in some applications , for example , in applica - In such a system , the circuit blocks labeled PROCESS 
tions where all important noise sources have frequency need not be the same . For example , the process at 171 and 
content below the frequency where the sensor spacing is 173 could implement the phase enhancement method , while 
one - half wavelength , but the desired source has content the process at 177 could implement the attenuation method . 
above that frequency . 40 Further , one or more of the process circuit blocks can be 
However , for other applications , without a means of implemented as a conventional beamformer . 

calculating the true input signal electrical phase difference , FIG . 17 ( b ) shows a simpler method for creating range 
such larger sensor spacings can be a problem . FIG . 16 shows resolution using the inventive method . Similar portions of 
a method for both extending the novel method to linear FIG . 17 ( b ) are labeled with the same designations as used in 
broadside arrays of greater than two elements , but also a 45 FIG . 17 ( a ) . Here the sensors lie on a straight line , and time 
means for resolving the input signal electrical phase differ - delay circuits 178 and 179 are used to steer the two beams 
ence ambiguity created by greater sensor spacings . FIG . 16 172 and 174 inward , as shown . Thus , all sensor signals 
shows an array , 160 , having three sensor elements , A ( 162 ) , become time aligned by this means . Alternatively , the sen 
B ( 164 ) and C ( 166 ) , wherein the sensor - to - sensor element sors can be located at equal distances from the desired 
spacing , s , is one - half wavelength , but the array width is one 50 source , as shown in FIG . 17 ( a ) thereby removing the 
full wavelength . Here the system determines the input signal requirement for the time delays shown in FIG . 17 ( b ) . When 
electrical phase differences between all sensor signal pairs , the signals produced by the sensors are thus time aligned , 
A - B , B - C and A - C , wherein the inner pair electrical phase they can be used in a single beamforming process PRO 
differences , A - B and B - C , are always between £180° , but the CESS 177 where the input signal electrical phase difference 
outer pair difference ranges over the interval + 360° . The 55 values for signal pairs A - B and C - D are first determined . In 
inner pair electrical phase difference values can be averaged addition , all four signals arriving at the PROCESS 177 are 
or used singularly as a coarse measure of the azimuthal angle vectorially added together as in a conventional beam form 
of arrival , while the outer pair electrical phase difference ing system to form an intermediate output signal . The largest 
value is used as a fine measure of the angle of arrival . While of the electrical phase difference values is then used to 
the inner pair phase difference value ( s ) resolves the ambi - 60 determine the attenuation to be applied to the intermediate 
guity , the outer pair phase difference value is used to produce output signal in a manner similar to that described in 
the phase expansion or phase - based attenuation of the noise . reference to FIG . 12 or 14 . Once the attenuation is applied , 
Thus , a greater narrowing of the effective beam 168 can be the result is the final output signal shown in FIG . 17 ( b ) . 
achieved without additional distortion of the desired signal . Alternatively the phase expansion techniques , as described 
This method can be extended to any size array with any 65 in reference to FIGS . 5 and 9 can be first applied separately 
number of elements , whether spaced uniformly or non to signal pairs A - B and C - D , before the four resulting phase 
uniformly . expanded signals are then vectorially added together to 
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produce the final output . In this manner , a range sensitive from sensor B arrive at the process 189 in a time aligned 
system can be realized in accordance with the invention . manner . The process 189 is identical to any of the novel 
As so far described with respect to linear broadside arrays , beamforming methods described above with respect to the 

the inventive method produces an effective reduction in the two element broadside arrays . Due to the axial symmetry 
width of a sensor beam produced by an array of sensors . 5 about the sensitivity axis I , this pencil beam configuration 
FIG . 18 shows three different means of using the novel produces a sensitivity beam with restricted sensitivity in 
technology for creating a " pencil ” beam that is , a beam both the X and Y directions . 
with both reduced azimuthal ( width ) and reduced elevational The inventive apparatus and method need not be used 
( height ) extent . Although three different arrangements are only for the creation of narrow sensitivity beams . It can also 
shown , they are intended only as examples of the invention , 10 be used to increase the width of wide sensitivity beams , in 
and are not intended to be limiting . other words to narrow the width of the nulls between 

FIG . 18 ( a ) shows a four sensor method in which the sensitivity lobes . Such operation is valuable in a number of 
signals from sensors A and B are used by a first one of the applications , for example in a type of beamformer system 
inventive processes PROCESS 181 to produce a first inter - called the generalized side lobe canceller ( GSC ) . The best 
mediate signal 182 representing a first effective sensitivity 15 known GSC is the Griffiths - Jim beamformer , originally 
beam that is narrow in the X direction , but relatively wide proposed as a means to improve the performance of radio 
in the Y direction . Simultaneously , the signals from sensors frequency antenna systems . 
C and D are used by a second one of the inventive processes In the Griffiths - Jim beamformer , the signals from the 
PROCESS 183 to produce a second intermediate signal 184 array ' s broadside array sensor elements are combined by 1 ) 
representing a second effective sensitivity beam that is 20 a first method that captures a signal combining both the 
narrow in the X direction , but relatively wide in the Y desired signal and the noise , and 2 ) second methods whose 
direction . The phase difference between the two intermedi - intention is to produce different signals that are versions of 
ate signals 182 and 184 contains information about the the noise only . The second method signals are produced by 
elevational angle of arrival for signals that are off - axis in the a blocking matrix that combines the sensor signals in ways 
Y direction . A third one of the inventive processes PRO - 25 that create nulls in the direction of the desired signal . Signals 
CESS 183 uses this elevational angle of arrival information from the blocking matrix are then modified by adaptive 
contained in these two intermediate signals to produce a filters before being subtracted from the signal resulting from 
final output signal representing a final pencil - shaped sensi - the first method so as to remove the noise from this com 
tivity beam that is narrow in both the X and the Y directions . bined signal . The result is put out as the noise reduced final 

Although relatively simple to create and understand , the 30 signal . Feedback from this noise reduced final signal is used 
pencil beam method of FIG . 18 ( a ) is complex , uses a to adapt the adaptive filter coefficients using a least mean 
relatively high number of components and requires rela - squared ( LMS ) or other adaptation method in order to 
tively high computational power . To reduce this cost , minimize the residual noise in the noise reduced final signal . 
another pencil beam method is shown in FIG . 18 ( b ) . Here a Although this beamforming technique can be used with 
three sensor array consisting of sensors A , B and C in a 35 any number of array sensors greater than one , for simplicity 
triangular configuration is shown . Preferably , the sensor the two - sensor example will be discussed here in reference 
elements are arranged in an equilateral triangle configura - to the application of the inventive apparatus and method . 
tion , but that configuration is not a limitation for the pur - FIG . 19 ( a ) shows the structure of this type of prior art 
poses of this invention and other three sensor configurations two - element noise reduction system . The two - sensor broad 
are contemplated . The three sensor signals are used by the 40 side array 190a is shown with the elements A and B , and it 
inventive process shown at 186 . Although the phase expan - is assumed that the desired signal is arriving from a direction 
sion method of implementing the novel system can be used along the array axis I . The input signals from the two sensors 
at 186 , one of the attenuation processes , such as those are combined in the first method by summing at circuit 191 
described in connection with FIGS . 12 and 14 , will be ( as in the classic delay - and - sum beamformer ) the two sensor 
described . 45 signals produced by the two array elements to generate the 

First the process calculates the absolute value of the input combined signal labeled DS . This first signal has a beam 
signal electrical phase difference values for sensor signal shape that varies with frequency , being a Figure - 8 pattern 
pairs A - B , B - C and C - A . Then either the mean value of these with a maximum pointing in the direction of arrival of the 
three input signal electrical phase difference values is desired signal when the array elements are separated by a 
selected or the largest value is selected , and the resulting 50 distance of one - half wavelength , but with a nearly circular 
input signal electrical phase difference selection is used to beam pattern at frequencies well below the half wavelength 
determine the attenuation amount to be applied to the frequency . 
vectorial average of the three sensor signals . This attenuated The same input signals are also combined in the second 
vectorial average is the final output signal for the system , method by differencing the two signals at 192 , to generate 
and it represents a beam pattern that is narrow in both the X 55 the second noise - only signal labeled NS . The differencing 
and Y directions , as desired . Although any mathematical circuit 191 is the blocking matrix for this two - element array 
mean can be used , in general the average value will be example . The sensitivity pattern for the second signal has a 
desirable . This pencil beam system is significantly simpler Figure - 8 beam shape at all frequencies , but with a null 
and less costly than the four sensor system described with pointing directly toward the desired signal and maximum 
respect to FIG . 18 ( a ) . However , there is an even simpler 60 sensitivity along the orthogonal axis X . Thus , the signal DS 
system configuration for producing a pencil beam using the contains both desired signal plus noise , while the second 
inventive technology . signal NS contains only noise . 

FIG . 18 ( c ) shows such a system . A two - sensor array is The signal NS is then adaptively filtered by the filter 194 , 
formed by sensor elements A and B configured as an end - fire here shown as a digital finite impulse response filter ( FIR ) . 
array along the sensitivity axis I . By time delaying the sensor 65 The adaptation of this filter is controlled by a least mean 
signal from the front sensor A using time delay circuit 187 , squared ( LMS ) circuit 195 that attempts to minimize the 
the delayed signal 188 from sensor A and the direct signal noise power in the final output signal by adjusting the filter 
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coefficients . The output from the filter circuit is subtracted width applications where the element spacing can be made 
from a delayed version of the combined signal DS at 196 to equal to one - half wavelength . 
provide the final noise reduced output signal . The time delay If instead , for the end - fire array configuration 190b of 
193 is required to compensate for the time delay in the filter FIG . 19 ( c ) , the noise signal NS is produced by a blocking 
194 so as to time align the combined signal DS with the 5 matrix 192 consisting of the novel phase enhancement 
noise - only signal created by the filter 194 , before subtraction process , then the variation of the noise sensing beam pattern 
at 196 . can be eliminated by frequency tapering of the values used 

In this system , the width of the null in the beam pattern for the sharpness parameter S . Thus , the null toward the 
desired signal can be maintained constant over frequency , as of the second method signal NS determines the maximum 

noise reduction possible with the Griffiths - Jim beamformer , 10 is required for correct operation of the adaptive noise 
reduction process of the GSC . with a narrower null producing a greater possible noise Similarly , the combined signal DS can be obtained in this reduction . However in the prior art system shown in FIG . end - fire configuration by application of the novel phase 

19 ( a ) , the width of the null is fixed and can not be varied , so enhancement prior to a vector signal difference circuit , as is the maximum amount of noise reduction is fixed . 15 shown at 199 in FIG . 19 ( c ) . However the system shown in 
If instead , as shown on FIG . 19 ( b ) , the blocking matrix ' s FIG 181cl could be alternatively substituted for circuit 

signal differencing circuit used in the Griffiths - Jim type block 199 in FIG . 19 ( c ) in order to produce the combined 
beamformer is preceded with the phase enhancement pro signal DS . 
cess , 198 of this invention , then the width of the null in the Most of the above described beamforming systems utilize 
direction of the desired signal can be reduced in proportion 20 additive beamforming methods , where the phase - enhanced 
to the amount of phase expansion , thereby achieving an signals are summed to produce the output signal . However 
increase of the noise reduction capabilities of the Griffiths there is another class of beamformers that use only signal 
Jim beamformer . differences to create the beam patterns of interest . These 

Another noise reduction limitation of the prior art system beamformers are called subtractive beamformers , and the 
shown in FIG . 19 ( a ) is a result of the frequency variation in 25 simplest is the two - element end - fire array . 
beam shape for the signal DS . This variation produces a Phase compression , the reverse of phase expansion , can 
different frequency response characteristic for every angle of be used beneficially in subtractive beamforming array sys 
arrival . Thus , off - axis noise sources are " colored ” , and the tems . For example , utilizing two omni - directional micro 
adaptive filter must re - adapt whenever there is relative phone elements , an acoustic end - fire beamformer is created 
motion between the sensor array and the noise source or 30 when the rear element ' s signal is subtracted from the front 
sources . During the time that the filter is adapting , the noise element ' s signal . For example , in acoustic pickup sensor 
is not reduced , but is instead passed to the output . applications , the resulting beam pattern is an end - fire Fig 
By substituting the novel process of this invention for the ure - 8 , commonly called a noise canceling microphone sys 

first signal method 191 in FIG . 19 ( a ) , used to create the tem . 
signal DS , the frequency variation can be eliminated , since 35 By compressing the electrical phase difference between 
the value of the parameter S can be adjusted to compensate the two input signals before subtraction , the beam pattern 
for the frequency variation . This is shown in FIG . 19 ( b ) by can be narrowed . In other words , the beam pattern is made 
the circuit block 197 . Elimination of the frequency variation desirably less sensitive to off - axis noise pickup . In the 
of beam shape eliminates the frequency response variation configuration shown in FIG . 19 ( c ) , the combined signal DS 
caused by the relative motion of off - axis noise signals , and 40 may be produced by first phase enhancing the sensor signals 
thereby reduces or eliminates the re - adaptation time caused according to the innovative methods described above and 
by relative motion between the sensor array and noise then differencing those signals , as shown by circuit block 
sources . 199 in FIG . 19 ( c ) . In this case , the phase enhancement is 

In wideband applications , the Griffiths - Jim beamformer preferably a phase compression . 
and many other GSC ' s will not operate with end - fire sensor 45 As an example of phase compression , in Equation 1 , 
array configurations . This limitation is due to the need to phase compression is accomplished by using values for the 
maintain , at all frequencies , a beam pattern null in the parameter , S , of between 0 and 1 , in other words , OsS < 1 . 
direction of the desired source for the blocking matrix The curve for this particular signal phase compression 
signals . For example , in the system shown in FIG . 19 ( a ) , if characteristic is shown in FIG . 6 ( a ) as graph curve 61 . This 
the sensor array were to be configured as an end - fire array , 50 curve results when the value of 1 / 2 is used for the sharpness 
as shown as 190b in FIG . 19 ( c ) , the signals NS and DS in parameter S . Many other phase compression functions and 
FIG . 19 ( a ) would be interchanged , since the first method and curves are possible , and it is contemplated that any such 
second method beams would be rotated by 90 degrees . function or curve can be used within the scope of this 
However as described above , the beam pattern formed by invention without limitation . Similarly , as shown by Equa 
the summation circuit 191 only has a null when the sensor 55 tion 4 , there are corresponding attenuation functions and 
elements are spaced one - half wavelength apart . Since the these are also contemplated to be unlimited within the scope 
one half wavelength condition only occurs at a single of this invention . 
frequency , such a system only operates correctly for fre - Alternative to the frequency domain processing described 
quencies at or near to that frequency . Because the circuit above , the process can be applied in the time domain , 
element 191 is producing the signal NS in this configuration , 60 wherein for example the input signal , either analog or 
at frequencies away from the one half wavelength frequency digitized , is passed through a bank of bandpass frequency 
the null disappears and some of the desired signal “ leaks ” discrimination filters ( either analog or digital as appropri 
into the noise canceling adaptive filter . The result is that a ate ) . The outputs of each of the frequency filters is subse 
part of the desired signal is undesirably removed from the quently processed , for example by using the Hilbert trans 
output signal creating distortion of the desired signal . Thus , 65 form to create an analytic signal for each input signal 
it is possible to create an end - fire version of the conventional channel . The analytic signals are then used to calculate in 
Griffiths - Jim beamformer , but only for very narrow band real - time the instantaneous phase and instantaneous phase 
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difference as well as the instantaneous signal magnitudes , a geometric mean , a harmonic mean , or a root - mean 
using methods that are well known in the art . The phase square of the magnitudes of two or more input vectors ; 
difference is then used to , for example , attenuate the signal 
magnitudes as a function of the phase difference , using any generating an output signal having a magnitude that is a 
of the attenuation functions , or a look - up table , as described 5 function of at least one of the first and second magni 
above , before the processed signals are then combined to tude - matched vectors . 
form a processed output signal by adding together the 2 . The method of claim 1 , wherein the device and / or 
processed signals . Alternatively , the instantaneous signal signal mismatch is accommodated at each of a plurality of 
electrical phase difference can be enhanced using any of the frequencies . ] 
enhancement functions , or a look - up table , before combin - 10 [ 3 . The method of claim 1 , further comprising enhancing 
ing the signals to form the processed output signal by adding an input phase difference of the first and second input 
together the phase expanded signals . vectors . 

Additionally , the novel signal matching method can be [ 4 . The method of claim 3 , wherein enhancing comprises 
applied within such time domain processing techniques , by increasing or decreasing the input phase difference in a 
reassigning the individual instantaneous signal magnitudes 15 frequency - dependent manner using an expansion function . ] 
to be the mathematical mean value of the individual signal 5 . The method of claim 3 , wherein enhancing comprises 
magnitudes . increasing or decreasing the input phase difference in a 

In the time domain processing technique , it is often frequency - dependent manner using a look - up table . ] 
desirable to filter the measured parameters or the processing [ 6 . The method of claim 3 , wherein enhancing is per 
modifications to reduce spurious effects that create noise in 20 formed as a function of an adjustable sharpness parameter . ] 
the process . Such filtering is contemplated to be within the [ 7 . The method of claim 6 , wherein the adjustable sharp 
scope of the invention . The above time domain methods are ness parameter is applied multiplicatively . 1 
exemplary modes of carrying out the invention and are not [ 8 . The method of claim 6 , wherein the adjustable sharp 
intended to be limiting . ness parameter is a function of frequency . 1 

It will be appreciated that while mostly herein described 25 [ 9 . The method of claim 6 , wherein the adjustable sharp 
in terms of audio signals from a pair of microphones ness parameter is inversely proportional to frequency such 
arranged as a broadside array , the method and system of the that uniform sensitivity across the frequency spectrum is 
invention are applicable to any number of sensor elements of achieved . ] 
all types , arranged in one , two or three dimensions . Uses of [ 10 . The method of claim 6 , wherein the adjustable 
microphones , or other sound sensor elements generally , can 30 sharpness parameter has one of multiple values , and its value 
be in vehicle cabins ( telephones , command and control ) for depends on the sign of the phase difference between the first 
civilian and military uses , PCs , tablet PCs , PDAs , appli - input vector and the second input vector . ] 
ances , conference telephones , microphone arrays ( for [ 11 . The method of claim 3 , wherein the enhancement of 
example , on top of PC monitors ) , concerts , sporting events the input phase difference is computed using the ratio of the 
and other large gatherings . Further , the signal enhancement 35 difference to the sum of the magnitudes of a pair of unit 
aspects of the invention are equally applicable to non - audio vectors corresponding to the first and second input vectors . ] 
signals , finding uses in virtually any wave energy system , for [ 12 . The method of claim 1 , further comprising attenuat 
example ultrasound and infrasound systems , sonar and sonar ing the magnitude - matched vectors by an attenuation factor 
imaging , radar and radar imaging , X - rays and X - ray imag - that is a function of an input phase difference of the first and 
ing , underwater warfare , echo location , astronomy , medical 40 second input vectors . ] 
applications , optical imaging , gravity wave detection and [ 13 . The method of claim 1 , further comprising combin 
location , infrared applications , and so forth . ing the magnitude - matched vectors . 1 

The above are exemplary modes of carrying out the [ 14 . The method of claim 13 , wherein combining com 
invention and are not intended to be limiting . It will be prises summing . ] 
apparent to those of ordinary skill in the art that modifica - 45 [ 15 . The method of claim 13 , wherein combining com 
tions thereto can be made without departure from the spirit prises differencing . ) 
and scope of the invention as set forth in the following [ 16 . The method of claim 3 , wherein enhancing is con 
claims . ducted for phase difference values other than a selected 

phase difference value . ] 
The invention claimed is : 50 [ 17 . The method of claim 3 , wherein zero enhancing is 
[ 1 . A method for accommodating device and / or signal applied for a selected phase difference value , and enhancing 

mismatch in a sensor array system having a plurality of greater than zero is applied for other phase difference 
sensors configured to generate a plurality of input signals values . ] 
including first and second sensors generating first and sec - [ 18 . The method of claim 12 , wherein attenuation is 
ond input signals , the plurality of input signals being rep - 55 conducted for phase difference values other than a selected 
resentable , at least one frequency , by input vectors each phase difference value . ] 
having a phase component and a magnitude component , [ 19 . The method of claim 12 , wherein a maximum attenu 
including first and second input vectors , the method com ation factor value is applied for a selected phase difference 
prising : value , and attenuation factors of less than the maximum 

generating the first and second input signals from the first 60 attenuation factor value are applied for other phase differ 
and second sensors ; ence values . ] 

processing , using a processor , the first and second input [ 20 . The method of claim 3 , wherein enhancing is con 
signals , the processing including , at the at least one ducted asymmetrically about a selected non - enhancement 
frequency , using the magnitudes of the first and second phase difference angle . ] 
input vectors to obtain corresponding first and second 65 [ 21 . The method of claim 12 , wherein attenuation is 
magnitude - matched vectors each having a magnitude conducted asymmetrically about a selected non - attenuation 
that is substantially equal to one of an arithmetic mean , phase angle difference . ] 
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values . ) 

[ 22 . A sensitivity matching circuit adapted to accommo - [ 37 . The method of claim 24 , wherein enhancing is 
date device and / or signal mismatch in a sensor array system conducted for phase difference values other than a selected 
having a plurality of sensors configured to generate a phase difference value . ] 
plurality of input signals including first and second sensors [ 38 . The method of claim 37 , wherein zero enhancing is 
generating first and second input signals , the plurality of 5 applied for a selected phase difference value , and enhancing 
input signals being representable , at least one frequency , by greater than zero is applied for other phase difference 
input vectors each having a phase component and a magni 
tude component , including first and second input vectors , the [ 39 . The method of claim 33 , wherein attenuation is 

conducted for phase difference values other than a selected sensitivity matching circuit comprising : 
one or more circuits adapted to generate the first and op ot and 10 phase difference value . ] 

[ 40 . The method of claim 33 , wherein a maximum attenu second input signals from the first and second sensors ation factor value is applied for a selected phase difference and process the first and second input signals , the value , and attenuation factors of less than the maximum processing including , at the at least one frequency , attenuation factor value are applied for other phase differ 
using the magnitudes of the first and second input 15 ence values 1 
vectors to obtain corresponding first and second mag - [ 41 . The method of claim 24 . wherein enhancing is 
nitude - matched vectors each having a magnitude that is conducted asymmetrically about a selected non - enhance 

ly equal to one of an arithmetic mean , a ment phase difference angle . ) 
geometric mean , a harmonic mean , or a root - mean [ 42 . The method of claim 33 , wherein attenuation is 
square of the magnitude of two or more input vectors , 20 conducted asymmetrically about a selected non - attenuation 
the one or more circuits further adapted to generate an p hase angle difference . ] 
output signal having a magnitude that is a function of 43 . A method comprising : 
at least one of the first and second magnitude - matched generating , by an input signal generator , first and second 
vectors . ] input signals from first and second sensors in a sensor 

[ 23 . The method of claim 22 , wherein the device and / or 25 array , wherein the first and second input signals are 
signal mismatch is accommodated at each of a plurality of represented , at least at a frequency , by first and second 
frequencies . ] input vectors each having a phase component and a 

[ 24 . The method of claim 22 , further comprising enhanc magnitude component ; 
ing an input phase difference of the first and second input processing , using a processor , the first and second input 

30 signals , the processing including using the magnitude vectors . component of the first and second input vectors to [ 25 . The method of claim 24 , wherein enhancing com obtain corresponding first and second output vectors prises increasing or decreasing the input phase difference in each having a magnitude that is substantially equal to a frequency - dependent manner using an expansion func a mathematical mean of the magnitudes of two or more tion . ] input vectors ; [ 26 . The method of claim 24 , wherein enhancing com wherein the mathematical mean is a value selected from prises increasing or decreasing the input phase difference in the group consisting of an arithmetic mean , a geomet 
a frequency - dependent manner using a look - up table . ] ric mean , a harmonic mean , a root - mean - square , a 

[ 27 . The method of claim 24 , wherein enhancing is logarithmic mean , and a particular mean selected 
performed as a function of an adjustable sharpness param - 40 based on characteristics of the first and second input 
eter . ] signals ; and 

[ 28 . The method of claim 27 , wherein the adjustable generating , by an output signal generator , an output 
sharpness parameter is applied multiplicatively . ] signal , wherein the output signal is represented , at least 

[ 29 . The method of claim 27 , wherein the adjustable at the frequency , by an output vector generated as a 
sharpness parameter is a function of frequency . 45 vector sum of the first and second output vectors . 

[ 30 . The method of claim 27 , wherein the adjustable 44 . The method of claim 43 , wherein the mathematical 
sharpness parameter is inversely proportional to frequency mean is a value selected from the group consisting of an 
such that uniform sensitivity across the frequency spectrum arithmetic mean , a geometric mean , a harmonic mean , and 
is achieved . ] a root - mean - square . 

[ 31 . The method of claim 27 , wherein the adjustable 50 45 . The method of claim 43 , wherein the processing and 
sharpness parameter has one of multiple values , and its value generating is performed at each of a plurality of frequencies . 
depends on the sign of the phase difference between the first 46 . The method of claim 43 , further comprising enhancing 
input vector and the second input vector . an input phase difference of the first and second input 

[ 32 . The method of claim 24 , wherein enhancing of the vectors . 
input phase difference is computed using the ratio of the 55 47 . The method of claim 46 , wherein the enhancing 
difference to the sum of the magnitudes of a pair of unit comprises increasing or decreasing the input phase differ 
vectors corresponding to the first and second input vectors . ] ence in a frequency - dependent manner using an expansion 

[ 33 . The method of claim 22 , further comprising attenu - function . 
ating the magnitude - matched vectors by an attenuation 48 . The method of claim 46 , wherein the enhancing 
factor that is a function of an input phase difference of the 60 comprises increasing or decreasing the input phase differ 
first and second input vectors . ] ence in a frequency - dependent manner using a look - up 

[ 34 . The method of claim 22 , further comprising com - table . 
bining the magnitude - matched vectors . ] 49 . The method of claim 46 , wherein the enhancing is 

[ 35 . The method of claim 34 , wherein combining com - performed as a function of an adjustable sharpness param 
prises summing . ) 65 eter . 

[ 36 . The method of claim 34 , wherein combining com - 50 . The method of claim 49 , wherein the adjustable 
prises differencing . ] sharpness parameter is applied multiplicatively . 

. 35 
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51 . The method of claim 49 , wherein the adjustable 64 . The sensitivity matching circuit of claim 62 , wherein 

sharpness parameter is a function of frequency . the adjustable sharpness parameter is a function of fre 
52 . The method of claim 49 , wherein the adjustable quency . 

sharpness parameter is inversely proportional to frequency 65 . The sensitivity matching circuit of claim 62 , wherein 
such that uniform sensitivity across a frequency spectrum is 5 the adjustable sharpness parameter is inversely propor 
achieved . tional to frequency such that uniform sensitivity across a 

53 . The method of claim 46 , wherein enhancing is con - frequency spectrum is achieved . 
ducted asymmetrically about a selected non - enhancement 66 . The sensitivity matching circuit of claim 56 , wherein phase difference angle . the first input signal represents a signal originating from 

54 . The method of claim 46 , wherein attenuation is 10 i " before the second input signal . conducted asymmetrically about a selected non - attenuation 67 . A system for signal processing , the system comprising : phase angle difference . 
55 . The method of claim 43 , wherein the first input signal an input signal generator that generates first and second 

represents a signal originating from before the second input input signals from a first and second sensor in a sensor 
array , wherein the first and second input signals are signal . 15 

56 . A sensitivity matching circuit comprising : represented , at least at a frequency , by first and second 

one or more input signal generator circuits adapted to input vectors each having a phase component and a 
perform generating first and second input signals from magnitude component ; 

a first and second sensor in a sensor array , wherein the a processor that processes the first and second input 
first and second input signals are represented , at least 20 signals , the processing including using the magnitude 
at a frequency , by first and second input vectors each component of the first and second input vectors to 
having a phase component and a magnitude compo obtain corresponding first and second output vectors 

each having a magnitude that is substantially equal to nent ; a mathematical mean of the magnitudes of two or more one or more processor circuits adapted to perform pro input vectors ; cessing the first and second input signals , the process - 25 
ing including using the magnitude component of the wherein the mathematical mean is a value selected from 
first and second input vectors to obtain corresponding the group consisting of an arithmetic mean , a geomet 
first and second output vectors each having a magni ric mean , a harmonic mean , a root - mean - square , a 
tude that is substantially equal to a mathematical mean logarithmic mean , and a particular mean selected 
of the magnitudes of two or more input vectors ; 30 based on characteristics of the first and second input 

wherein the mathematical mean is a value selected from signals ; and 
the group consisting of an arithmetic mean , a geomet an output signal generator that generates an output 

signal , wherein the output signal is represented , at least ric mean , a harmonic mean , a root - mean - square , a 
logarithmic mean , and a particular mean selected at the frequency , by an output vector generated as a 

vector sum of the first and second output vectors . based on characteristics of the first and second input 35 
signals ; and 68 . The system of claim 67 , wherein the mathematical 

one or more output signal generator circuits adapted to mean is a value selected from the group consisting of an 
perform generating an output signal , wherein the out arithmetic mean , a geometric mean , a harmonic mean , and 

a root - mean - square . put signal is represented , at least at the frequency , by an 
output vector generated as a vector sum of the first and 40 69 . The system of claim 67 , wherein the processing and 
second output vectors . generating is performed at each of a plurality of frequencies . 

57 . The sensitivity matching circuit of claim 56 , wherein 70 . The system of claim 67 , further comprising an 
the mathematical mean is a value selected from the group enhancer that enhances an input phase difference of the first 

and second input vectors . consisting of an arithmetic mean , a geometric mean , a 71 . The system of claim 70 , wherein the enhancer further harmonic mean , and a root - mean - square . 
58 . The sensitivity matching circuit of claim 56 , wherein performs increasing or decreasing the input phase difference 

the processing and generating is performed at each of a in a frequency - dependent manner using an expansion func 
plurality of frequencies . tion . 

59 . The sensitivity matching circuit of claim 56 , wherein 72 . The system of claim 70 , wherein the enhancer further 
the sensitivity matching circuit is further adapted to perform 50 ? so performs increasing or decreasing the input phase difference 
enhancing an input phase difference of the first and second in a frequency - dependent manner using a look - up table . 

73 . The system of claim 70 , wherein the enhancing is input vectors . 
60 . The sensitivity matching circuit of claim 59 wherein performed as a function of an adjustable sharpness param 

the sensitivity matching circuit is further adapted to perform 
increasing or decreasing the input phase difference in a 55 74 . The system of claim 73 , wherein the adjustable 
frequency - dependent manner using an expansion function . sharpness parameter is applied multiplicatively . 
61 . The sensitivity matching circuit of claim 59 , wherein 75 . The system of claim 73 , wherein the adjustable 

the sensitivity matching circuit is further adapted to perform sharpness parameter is a function of frequency . 
increasing or decreasing the input phase difference in a 76 . The system of claim 73 , wherein the adjustable 
frequency - dependent manner using a look - up table . 60 sharpness parameter is inversely proportional to frequency 

62 . The sensitivity matching circuit of claim 59 , wherein such that uniform sensitivity across a frequency spectrum is 
achieved . the enhancing is performed as a function of an adjustable 77 . The system of claim 67 , wherein the first input signal sharpness parameter . 

63 . The sensitivity matching circuit of claim 62 . wherein represents a signal originating from before the second input 
the adjustable sharpness parameter is applied multiplica - 65 sig ! 
tively . 

eter . 


