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DECONVOLUTION METHODS AND
SYSTEMS FOR THE MAPPING OF
ACOUSTIC SOURCES FROM PHASED
MICROPHONE ARRAYS

TECHNICAL FIELD

Embodiments are generally related to phased microphone
arrays. Embodiments are also related to devices and compo-
nents utilized in wind tunnel and aeroacoustic testing.
Embodiments additionally relate to aeroacoustic tools uti-
lized for airframe noise calculations. Embodiments also
relate to any vehicle or equipment, either stationary or in
motion, where noise location and intensity are desired to be
determined.

BACKGROUND OF THE INVENTION

Wind tunnel tests can be conducted utilizing phased micro-
phone arrays. A phased microphone array is typically config-
ured as a group of microphones arranged in an optimized
pattern. The signals from each microphone can be sampled
and then processed in the frequency domain. The relative
phase differences seen at each microphone determines where
noise sources are located. The amplification capability of the
array allows detection of noise sources well below the back-
ground noise level. This makes microphone arrays particu-
larly useful for wind tunnel evaluations of airframe noise
since, in most cases, the noise produced by wings, flaps, struts
and landing gear models will be lower than that of the wind
tunnel environment.

The use of phased arrays of microphones in the study of
aeroacoustic sources has increased significantly in recent
years, particularly since the mid 1990’s. The popularity of
phased arrays is due in large part to the apparent clarity of
array-processed results, which can reveal noise source distri-
butions associated with, for example, wind tunnel models and
full-scale aircraft. Properly utilized, such arrays are powerful
tools that can extract noise source radiation information in
circumstances where other measurement techniques may fail.
Presentations of array measurements of aeroacoustic noise
sources, however, can lend themselves to a great deal of
uncertainty during interpretation. Proper interpretation
requires knowledge of the principles of phased arrays and
processing methodology. Even then, because of the complex-
ity, misinterpretations of actual source distributions (and sub-
sequent misdirection of engineering efforts) are highly likely.

Prior to the mid 1980’s, processing of array microphone
signals as a result of aeroacoustic studies involved time delay
shifting of signals and summing in order to strengthen con-
tributions from, and thus “focus” on, chosen locations over
surfaces or positions in the flow field. Over the years, with
great advances in computers, this basic “delay and sum”
processing approach has been replaced by “classical beam-
forming” approaches involving spectral processing to form
cross spectral matrices (CSM) and phase shifting using
increasingly large array element numbers. Such advances
have greatly increased productivity and processing flexibility,
but have not changed at all the interpretation complexity of
the processed array results.

Some aeroacoustic testing has involved the goal of forming
a quantitative definition of different airframe noise sources
spectra and directivity. Such a goal has been achieved with
arrays in a rather straight-forward manner for the localized
intense source of flap edge noise. For precise source localiza-
tion, however, Coherent Output Power (COP) methods can be
utilized by incorporating unsteady surface pressure measure-
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ments along with the array. Quantitative measurements for
distributed sources of slat noise have been achieved utilizing
an array and specially tailored weighting functions that
matched array beampatterns with knowledge of the line
source type distribution for slat noise. Similar measurements
for distributed trailing edge noise and leading edge noise
(e.g., due in this case to grit boundary layer tripping) have
been performed along with special COP methodologies
involving microphone groups.

A number of efforts have been made at analyzing and
developing more effective array processing methodologies in
order to more readily extract source information. Several
efforts include those that better account for array resolution,
ray path coherence loss, and source distribution coherence
and for test rig reflections. In a simulation study of methods
for improving array output, particularly for suppressing side
lobe contamination, several beamforming techniques have
been examined, including a cross spectral matrix (CSM) ele-
ment weighting approach, a robust adaptive beamforming,
and a CLEAN algorithm. The CLEAN algorithm is a decon-
volution technique that was first implemented in the context
of radio astronomy.

The CSM weighting approach reduces side lobes com-
pared to classical beamforming with some overall improve-
ment in main beam pattern resolution. The results for the
adaptive beam former, used with a specific constant added to
the CSM matrix diagonal to avoid instability problems, have
been encouraging. The CLEAN algorithm has been found to
possess the best overall performance for the simulated beam-
forming exercise. The CLEAN algorithm has also been exam-
ined in association with a related algorithm referred to as
RELAX, utilizing experimental array calibration data for a
no-flow condition.

The result of such studies involves a mixed success in
separating out sources. In other studies, using the same data,
two robust adaptive beamforming methods have been exam-
ined and found to be capable of providing sharp beam widths
and low side lobes. It should be mentioned that the above
methods, although perhaps offering promise, have not pro-
duced quantitatively accurate source amplitudes and distribu-
tions for real test cases. In the CLEAN methodology in par-
ticular, questions have been raised with regard to the
practicality of the algorithm for arrays in reflective wind
tunnel environments.

A method that has shown promise with wind tunnel aeroa-
coustic data is the Spectral Estimation Method (SEM). SEM
requires that the measured CSM of the array be compared to
a simulated CSM constructed by defining distributions of
compact patches of sources (i.e., or source areas) over a
chosen aeroacoustic region of interest. The difference
between the two CSM’s can be minimized utilizing a Conju-
gate Gradient Method. The application of positivity con-
straints on the source solutions had been found to be difficult.
The resultant source distributions for the airframe noise cases
examined are regarded as being feasible and realistic,
although not unique.

As a consequence of the drawbacks associated with the
foregoing methods and approaches, an effort has been made
to develop a complete deconvolution approach for the map-
ping of acoustic sources to demystify two-dimensional and
three-dimensional array results, to reduce misinterpretation,
and to more accurately quantify position and strength of
aeroacoustic sources. Traditional presentations of array
results involve mapping (e.g., contour plotting) of array out-
put over spatial regions. These maps do not truly represent
noise source distributions, but ones that are convolved with
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the array response functions, which depend on array geom-
etry, size (i.e., with respect to source position and distribu-
tions), and frequency.

The deconvolution methodology described in greater detail
herein therefore can employ these processed results (e.g.,
array output at grid points) over the survey regions and the
associated array beamforming characteristics (i.e., relating
the reciprocal influence of the different grid point locations)
over the same regions where the array’s outputs are measured.
A linear system of “N” (i.e., number of grid points in region)
equations and “N” unknowns is created. These equations are
solved in a straight-forward iteration approach. The end result
of this effort is a unique robust deconvolution approach
designed to determine the “true” noise source distribution
over an aeroacoustic source region to replace the “classical
beam formed” distributions. Example applications include
ideal point and line noise source cases, as well as conforma-
tion with well documented experimental airframe noise stud-
ies of wing trailing and leading edge noise, slat noise, and flap
edge/flap cove noise.

BRIEF SUMMARY

The following summary is provided to facilitate an under-
standing of some of the innovative features unique to the
embodiments disclosed and is not intended to be a full
description. A full appreciation of the various aspects of the
embodiments can be gained by taking the entire specification,
claims, drawings, and abstract as a whole.

It is, therefore, one aspect of the present invention to pro-
vide for a method and system for mapping acoustic sources
determined from microphone arrays.

It is another aspect of the present invention to provide for a
“Deconvolution Approach for the Mapping of Acoustic
Sources” (DAMAS) determined from phased microphone
arrays.

It is yet a further aspect of the present invention to provide
for improved devices and components utilized in wind tunnel
and aeroacoustic testing.

It is also an aspect of the present invention to provide for
aeroacoustic tools utilized for airframe noise calculations.

The aforementioned aspects and other objectives and
advantages can now be achieved as described herein. A
method and system for mapping acoustic sources determined
from a phased microphone array, comprising a plurality of
microphones arranged in an optimized grid pattern including
a plurality of grid locations thereof. A linear configuration of
N equations and N unknowns can be formed by accounting
for a reciprocal influence of one or more beamforming char-
acteristics thereof at varying grid locations among the plural-
ity of grid locations. One or more full-rank equations among
the linear configuration of N equations and N unknowns can
then be iteratively determined. The full-rank can be attained
by the solution requirement of the positivity constraint
equivalent to the physical assumption of statically indepen-
dent noise sources at each N location. An optimized noise
source distribution is then generated over an identified aeroa-
coustic source region associated with the phased microphone
array in order to compile an output presentation thereof, in
response to iteratively determining at least one full-rank
equation among the linear configuration of N equations and N
unknowns, thereby removing the beamforming characteris-
tics from the resulting output presentation.

BRIEF DESCRIPTION OF THE DRAWINGS

The accompanying figures, in which like reference numer-
als refer to identical or functionally-similar elements

20

25

35

60

65

4

throughout the separate views and which are incorporated in
and form a part of the specification, further illustrate the
embodiments and, together with the detailed description,
serve to explain the embodiments disclosed herein.

FIG. 1 illustrates an open jet configuration system wherein
an array of microphones is indicated as out of flow and a
scanning plane thereof positioned over an aeroacoustic
source region, in accordance with one embodiment;

FIG. 2 illustrates a system including key geometric param-
eters of an array of microphones and a source scanning plane,
in accordance with an embodiment;

FIG. 3 illustrates a graphical representation of array output
based on standard processing methodologies, wherein fre-
quency is equal to 10 kHz and Ax/B is generally equivalent to
0.083 in accordance with one embodiment;

FIG. 4 illustrates a graphical representation of array output
based on standard processing methodologies, wherein fre-
quency is equal to 20 kHz and Ax/B is generally equivalent to
0.167 in accordance with one embodiment;

FIG. 5 illustrates a graphical representation of array output
based on standard processing methodologies, wherein fre-
quency is equal to 30 kHz and Ax/B is generally equivalent to
0.25 in accordance with one embodiment;

FIG. 6 illustrates a graphical representation of array output
based on standard processing methodologies, wherein fre-
quency is equal to 10 kHz and Ax/B is generally equivalent to
0.083 in accordance with an alternative embodiment;

FIG. 7 illustrates a graphical representation of array output
based on standard processing methodologies, wherein fre-
quency is equal to 20 kHz and Ax/B is generally equivalent to
0.167 in accordance with an alternative embodiment;

FIG. 8 illustrates a graphical representation of array output
based on standard processing methodologies, wherein fre-
quency is equal to 30 kHz and Ax/B is generally equivalent to
0.25 in accordance with an alternative embodiment;

FIG. 9 illustrates a graphical representation of spatial alias-
ing with point source and image shifted between grid points in
accordance with an alternative embodiment;

FIG. 10 illustrates a configuration of a noise flap from a flap
edge to an SADA, in accordance with an alternative embodi-
ment;

FIG. 11 illustrates an open end of a calibrator source posi-
tioned next to the flap edge depicted in FIG. 10, in accordance
with an alternative embodiment;

FIG. 12 illustrates a graphical representation of calibrator
source test data wherein M=0 with an integrated level of 62.8
dB and a DAMAS of 62.9 dB, in accordance with an alterna-
tive embodiment;

FIG. 13 illustrates a graphical representation of calibrator
source test data wherein M=0.17, with an integrated level of
58.1 dB and a DAMAS of 57.3 dB, in accordance with an
alternative embodiment;

FIG. 14 illustrates a graphical representation of a calibrator
source test, wherein M=0 with an integrated level of 62.2 dB
and a DAMAS of 61.6 dB, in accordance with an alternative
embodiment;

FIG. 15 illustrates a graphical representation of a calibrator
source test, wherein M=0.17 with an integrated level of 57.9
dB and a DAMAS of 56.9, in accordance with an alternative
embodiment;

FIG. 16 illustrates a configuration of a test set-up for TE
and LE noise testing, in accordance with an alternative
embodiment;

FIG. 17 and FIGS. 18(a)-18(5) illustrate SADA response
contours for shaded STD processing for TE and LE noise
testing, in accordance with an alternative embodiment;
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FIG. 19 illustrates DAMAS results corresponding to FIGS.
17-18, in accordance with an alternative embodiment;

FIG. 20(a) and FIG. 20(d) illustrate SADA response con-
tours for shaded DR processing with respect to TE and LE
noise tests, in accordance with an alternative embodiment;

FIG. 21 illustrates a graphical representation of a compari-
son of one-third octave spectra from TE and LE noise mea-
surements and reprocessing by DAMAS, in accordance with
an alternative embodiment;

FIG. 22 illustrates shows an airfoil/slat in a deflected open
jet, with a SADA positioned at $=107°;

FIG. 23 illustrates the array output and corresponding
DAMAS result for f, ;=20 kHz using shaded DR processing
over a scanning plane through an airfoil; and

FIG. 24 illustrates beamforming contours and DAMAS
results for shaded DR processing over a scanning plane
placed through an airfoil chord-line.

DETAILED DESCRIPTION

The particular values and configurations discussed in these
non-limiting examples can be varied and are cited merely to
illustrate at least one embodiment and are not intended to
limit the scope thereof. Additionally, acronyms, symbols and
subscripts utilized herein are summarized below.

Symbols and Acronyms

a,, shear layer refraction amplitude correction for e,

A DAMAS matrix with A, ,, components

A,,, reciprocal influence of beamforming characteristics
between grid points

B array “beamwidth” of 3 dB down from beam peak maxi-
mum

¢, speed of sound without mean flow

CSM cross spectral matrix

D nominal diameter of array

DR diagonal removal of G in array processing

& steering vector for array to focus location

e,, component of & for microphone m

f frequency

Af frequency bandwidth resolution of spectra

FFT Fast Fourier Transform

¢ array elevation angle

G, Cross-spectrum between p,,, and p,,,

G matrix (CSM) of cross-spectrum elements G,

H height of chosen scanning plane

1 iteration number

k counting number of CSM averages, also acoustic wave
number

1 representative dimension of source geometry detail

LADA Large Aperture Directional Array

LE leading edge

m microphone identity number in array

m' same as m, but independently varied

m,, total number of microphones in array

n grid point number on scanning plane(s)

M wind tunnel test Mach number

N total number of grid points over scanning plane(s)

P, pressure time records from microphone m

P,, Fourier Transform of p,,

QFF Quiet Flow Facility

Q,, idealized P,, for modeled source at n for quiescent acoustic
medium

r,. distance r,, for m being the center ¢ microphone

r,, retarded coordinate distance to m, T,,c,

R nominal distance of array from scanning plane

SADA Small Aperture Directional Array
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STD standard or classical array processing

T complex transpose (superscript)

TE trailing edge

T,, propagation time from grid point to microphone m
W, frequency dependent shading (or weighting) for m

W shading matrix of w,, terms

W width of scanning plane

Ax widthwise spacing of grid points

X matrix of X, terms

X,, “noise source” at grid point n with levels defined at array,
Ay heightwise spacing of grid points

Y (&) output power response of the array at focus location
¥ matrix of Y,, terms

Y, Y(&), when focused at grid point n

Subscripts
bkg background
diag diagonal
m:n term associated with m, as it relates to grid position n
mod modeled

The first step in a DAMAS formulation or analysis is to
beamform over the source region, using what have become
traditional methods. Post processing of simultaneously
acquired data from the microphones of an array begins with
computation of the cross-spectral matrix for each test case
data set. The computation of each element of the matrix is
performed using Fast Fourier Transforms (FFT) of the origi-
nal data ensemble. The transform pairs P,,(f,T) and P,,.(f,T)
are formed from pressure time records p,,(t) and p,,(t),
defined at discrete sampling times that are At apart, of data
block lengths T from microphones m and m', respectively.
The cross-spectrum matrix element can be provided as indi-
cated in equation (1) below:

5 X L
Gt (f) = m; [Prac (- TPy (£, T)]

This one-sided cross-spectrum can be averaged over K
block averages. The total record length is T, ,=KT. The term
w, represents a data-window (e.g., such as Hamming) weight-
ing constant. G,,,,.(f) can be seen as a complex spectrum with
values at discrete frequencies f, which are Af apart. The band-
width is Af=1/T (Hz). The full matrix is, with m, being the
total number of microphones in the array,

Gip -
(53

Gu Gimg @

[}
1l

G, G,

ol momg

Note that the lower triangular elements are complex con-
jugates of the upper triangular elements. The cross-spectral
matrix can be employed in conventional beamforming
approaches to electronically “steer” to chosen noise source
locations about an aeroacoustic test model.

FIG. 1 illustrates an open jet configuration system 100
wherein a phased microphone array 112 is indicated as out of
flow and a scanning plane thereof positioned over an aeroa-
coustic source region, in accordance with one embodiment.

FIG. 1 generally depicts a particular test setup of a distri-
bution of microphones of a phased array 112 located outside
the flow field containing an aeroacoustic model. A scanning
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plane 102 of grid points can be defined over a noise source
region 101. A tangent array crossing 114 is depicted in FIG. 1
between array 112 and the scanning plane 102. Air flow can
be indicated by arrow 104 in FIG. 1. (A scanning plane may,
for example, be placed through the chordline of an airfoil
section when studying trailing edge and/or leading edge
noise.) The beamforming approach involves steering vectors
associated with each microphone with respect to a selected
steering location. The steering location can be designated as
grid point n, which is illustrated as point 107 in FIG. 1. At
point 109, the value n is equal to the value N. The ray path
indicating flow is generally represented by lines 106, 108 in
FIG. 1, while the ray path for no flow indicated by line 110.
The steering vector can be generally provided by equation (3)
below:

é=colfee,...e 3)

o]

where the component for each microphone m is

Om = O 2 expl 2 f T} “
rC

The vector components serve to phase shift each micro-
phone signal to allow constructive summing of contributions
from the chosen locations. T, is the time required to propagate
from grid point n to microphone m. The phase can be desig-
nated as indicated in equation (5) below:

2, =K % 2Ny o )
— —

Theterm k is the acoustic wave vector, X ,, s the distance
vector from the steering location to the microphone m. The
steering vector components contain terms that account for the
mean amplitude and phase changes due to convected and
refracted sound transmission through the shear layer to each
microphone. The corrections can be calculated through the
use of Snell’s law in Amiet’s method, and adapted to a curved
three-dimensional mean shear layer surface defined in the
shear layer. Note that the variable a,, represents the refraction
amplitude correction.

The value At,, ., represents the additional time (com-
pared to a direct ray path with no flow) it takes an acoustic ray
to travel to microphone m from the steering location n, due to
the convection by the open jet flow and refraction by the shear
layer. As indicted by equation (4), the ratio (r,/r-) can be
included to normalize the distance related amplitude to that of
the distance r. from the source location to the array center
microphone at c¢. Both r,, and r. are in terms of “retarded”
coordinates. With this, r,,=t,,c,, where c, equals the speed of
sound without mean flow.

For classical or standard array beamforming, the output
power spectrum (or response) of the array can be obtained
utilizing equation (6) below:

oTé (6)

where the superscript T denotes a complex transpose of the
steering vector. Here the term Y(€) can be a mean-pressure-
squared per frequency bandwidth quantity. The division by
the number of array microphones squared serves to reference
levels to that of an equivalent single microphone measure-
ment. Note that the cross-spectral matrix (CSM) G often has
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a corresponding background cross-spectral matrix Gb e (€.
obtained for a similar test condition except that the model is
removed) subtracted from it to improve fidelity.

Shading algorithms can be used over distributions of array
microphones to modity the output beampattern. The shaded
steered response can be provided as indicated by equation (7)
below:

T M

where w,, represents the frequency dependent shading (or
weighting) for each microphone m. The variable W repre-
sents a row matrix containing the w,, terms. When all w,,
terms can be set to one and W becomes an identity matrix, all
microphones are fully active in the beamforming to render the
formulation of equation (6). Note that in some implementa-
tions, a special shading can be used to maintain constant
beamwidth over a range of frequencies by shading out
(w,,=0) inner microphone groups at low frequencies and by
shading out outer groups at high frequencies.

A modified form of equation (6) can be used to improve the
dynamic range of the array results in poor signal-to-noise test
applications. The primary intent is to remove the microphone
self noise contamination (i.e., particularly caused by turbu-
lence interacting with the microphones). Such an action can
be accomplished by removing (i.e., zeroing out) the diagonal
terms of (G and accounting for this change in the number of
terms of G in the denominator. The output of Diagonal
Removal (DR) processing can be provided equation (8)
below:

®

ST A X~
& Gigg=02

m%—mo

Y@) =

This modifies the beamform patterns compared to equation
(6). The diagonal can be viewed as expendable in the sense
that it duplicates information contained in the cross terms of
G. However, great care must be taken in physical interpreta-
tion of resulting array response maps, for example, negative
“pressure-squared” values are to be expected over low-level
noise source regions. The corresponding shaded version of
equation (8) can be provided as indicated by equation (9)
below:

®

AT A ST,
& WGggg=oW 2

(E) (2

The common practice for studying aeroacoustic source of
noise with arrays are to determine the array response, using
either equations (6), (7), (8), or (9), over a range (grid) of
steering locations about the source region. For particular fre-
quencies, contours of the response levels are plotted over
planes where sources are know to lie, or over volume regions
in some cases. To extract quantitative contributions to the
noise field from particular source locations, a number of
methods are used. Integration methods can be utilized as well
as special methods tailored to fit particular noise distribu-

Y@) =
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tions, depending upon design considerations. Still the meth-
ods can be difficult to apply and care must be taken in inter-
pretation. This is because the processing of equations (6)-(9)
produces “source’” maps which are as much a reflection of the
array beamforming pattern characteristics as is the source
distribution being measured.

The purpose here is to pose the array problem such that the
desired quantities, the source strength distributions, are
extracted cleanly from the beamforming array characteris-
tics. First, the pressure transform P,, of microphone m of
equation (1) is related to a modeled source located at position
n in the source field as indicated by equation (10) below:

Prin=Onen” 10)

Here Q,, represents the pressure transform that P,,,.,, (or P,,)
would be if flow convection and shear layer refraction did not
affect transmission of the noise to microphone m, and if m
were at a distance of r,. from n rather thanr,,. The e,,.,, " term
represents simply those components that were postulated in
equation (4) to affect the signal in the actual transmission to
render the value P,,. The product of pressure-transform terms
of equation (1) therefore becomes as indicated in equation
(11) below:

P Porn = Queph) # Qe ) an

1y, -
= 0,0n(Epn) * €ty

When this equation is substituted into equation (1), one
obtains the modeled microphone array cross-spectral matrix
for a single source located at n

- (efl)*e;l (12)

(eryxert (eh)eer! o

s X (ex) e (e7')xer!

Tod =

= An

(e;% ) * e;nt .,

where X,, is the mean square pressure per bandwidth at each
microphone m normalized in level for a microphone atr,,=r,.
It is now assumed that there are a number N of statistically
independent sources, each at different n positions. One
obtains for the total modeled cross-spectral matrix

a3

Gmod = Z Moo
n

14

Yot ® =

1s)

AT ~
e, i X llre, @T[] ,
. /
Y, @)= —" o = E ”m'é " X,
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where the bracketed term is that of equation (12). This can be
shown to equal

Y, [(&AX, (16)

where the components of matrix Aare

an

ByequatingY,, |
we have

(&) with processed Y (&) from measured data,

Ax=¥ 18)

Equation (18), for X, also applies for the cases of shaded

standard, DR, and shaded DR beamforming, with compo-
nents A, of A becoming

a9

W W
Ay =
3 wm]
~ ~ 20
(1) o GO
Ann’ = 2 4
-
and

AT T
€, W([]n’ )d;agzow €n

(& o) -2 )

@D

nn’

respectively. For standard beamforming (shaded or not) the
diagonal terms for A are equal to one. For Diagonal Removal
beamforming (shaded or not), the diagonal terms for A are
also equal to one, but the oft-diagonal components differ and
attain negative values when n and n' represent sufficiently
distant points from one another, depending on frequency.

Equation (18) represents a system of linear equations relat-
ing a spatial field of point locations, with beamformed array-
output responses Y,, to equivalent source distributions X, at
the same point locations. The same is true of equation (18)
whenY,, is the result of shaded and/or DR processing of the
same acoustic field. X, is the same in both cases. (One is not
restricted to these particular beamforming processing as long
as A is appropriately defined.) Equation (18) with the appro-
priate A defines the DAMAS inverse problem. It is unique in
that it or an equivalent equation must be the one utilized in
order to disassociate the array itself from the sources being
studied. Of course, the inverse problem must be solved in
order to render X. Bquation (18) can therefore be thought of
as constituting a DAMAS inverse formulation. Equations
(22) to (24), on the other hand, which are describe in greater
detail below, make solutions possible and thus function as a
unique iterative method.

Equation (18) represents a system of linear equations.
Matrix A is square (of size NxN) and if it were nonsingular
(well-conditioned), the solution would simply be X=A'Y.
However, it has been found for the present acoustic problems
of interest that only for overly restricted resolution (distance
between n grid points) or noise region size (spatial expanse of
the N grid points) would A be nonsingular. Using a Singular
Value Decomposmon (SVD) methodology for deterrmmng
the condition of A, it is found that for resolutions and region
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sizes of common interest in the noise source mapping prob-
lem in aeroacoustic testing that the rank of A can be quite
low—often on the order of 0.25 and below.

Rank here can be defined as the number of linearly inde-
pendent equations compared to the number of equations of
equation (18), which is N=number of grid points. This means
that generally very large numbers of “solutions” are possible.
Equation (18) and the knowledge of the difficulty with equa-
tion rank were determined early in the present study. The
SVD solution approach with and without a regularization
methodology special iterative solving methods such as Con-
jugate Gradient methods and others did not produce satisfac-
tory results. Good results were ultimately obtained by a very
simple tailored iterative method where a physically-neces-
sary positivity constraint (making the problem deterministic)
on the X components could be applied smoothly in the itera-
tion. This is described below.

A single linear equation component of equation (18) is

A, X445+ .. +4, X+ . .. +4,,X=T, (22)

With A,, =1, this is rearranged to give

@23

ﬁ: A X

n'=n+l

n—1
Xp=Y,— LZ Ay Xy +
/=1

This equation is used in an iteration methodology to obtain
the source distribution X,, for all n between 1 and N as per the
following equation.

N 24)
=y -|0+ 30 axi
n=1+1
n—1 N
xP=v,- LZ A XP+ YT Ay X5
/=1 ' =n+l

N-1
xPD=vy- LZ Ay X9 40
/=1

For the first iteration (i=1), the initial values X, can be
taken as zero or'Y,, (the choice appears to cause little difter-
ence in convergence rates). It is seen that in the successive
determination of X, for increasing n, the values are continu-
ously fed into the succeeding X, calculations. After each X,
determination, if it is negative, its value is set to zero. Each
iteration (i) can be completed by like calculations, but
reversed, moving from n=N back to n=1. The next iteration
(i+1) starts again at n=1. Equation (24) is the DAMAS inverse
problem iterative solution.

FIG. 2 illustrates a system 200 including key geometric
parameters of a phased microphone array 112 and a source
scanning plane 202, in accordance with an embodiment. Note
that the source scanning plane 202 depicted in FIG. 2 is
generally analogous to the source scanning plane 102
depicted in FIG. 1. In general, FIG. 2 provides identified
important parameters in defining the solution requirements
for DAMAS for a scanning plane 102. The array has a spatial
extent defined by the “diameter” D. It is at a nominal distance
R from a scanning plane containing N grid points, which
represent beamforming focal points, as well as the n locations
of all the acoustic sources X,, that influence the beamformed
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results Y,,. Note that in FIG. 2, circles 203 generally represent
dB level contours over the grid(s) of the source scanning
plane 202.

For a particular frequency, the array’s beamformed output
is shown projected on the plane as contour lines of constant
outputY, in terms of dB. The scanning plane has a height of H
and a width of W. The grid points are spaced Ax and Ay apart.
Although not illustrated in FIG. 2, there are defined noise
source sub-regions of size 1 within the scanning plane (subsets
of' X)), where details are desired. This relates to source reso-
Iution requirements and is considered below. For the scanning
plane, the total number of grid points,

N=[(W/Ax)+1][(H/Ay)+1] (25)

The array beamwidth B is defined as the “diameter” of the
3 dB-down output of the array compared to that at the beam-
formed maximum response. For standard beamforming of
equation (6),

B=~constx(R/D) (26)
For the SADA (Small Aperture Directional Array with a outer
diameter of D=0.65 feet) in a traditional QFF configuration®
with R=5 feet, the beamwidth is B~(10%1) in feet for fre-
quency f in Hertz. When using shading of equation (7), B is
kept at about 1 ft. for 10 kHz=f=40 kHz.

Inthe applications of this report, some engineering choices
are made with regard to what should represent meaningful
solution requirements for DAMAS source definition calcula-
tions. Because the rank of matrix A of equation (18) equals
one when using the iterative solution equation (24), there is no
definitive limitation on the spacing or number of grid points
oriterations to be used. The parameter ratios Ax/B (and Ay/B)
and W/B (and H/B) appear to be most important for estab-
lishing resolution and spatial extent requirements of the scan-
ning plane.

The resolution Ax/B must be small or fine enough such that
individual grid points along with other grid points represent a
reasonable physical distribution of sources. However, too fine
of a distribution would require substantial solution iterative
times and then only give more detail than is realistically
feasible, or believable, from a beampattern which is too
broad. On the other hand, too coarse of a distribution would
render solutions of X which would reveal less detail than
needed, and also which may be aliased (in analogy with FFT
signal processing), with resulting false images.

The spatial extent ratio W/B (and H/B) must be large
enough to allow discrimination of mutual influence between
the grid points. Because the total variation of level over the
distance B is only 3 dB, it appears reasonable to require that
1<W/B (and H/B). One could extend W/B (and H/B) substan-
tially beyond one—such as to five or more. In the following
simulations, resolution issues are examined for both a simple
and a complicated noise source distribution. Two distribu-
tions types are considered because, as seen below with
respect to 1/B, source complexity affects source definition
convergence. The simulations also serve as an introduction to
the basic use of DAMAS.

Regarding execution efficiency of the DAMAS technique,
it is noted that the per-iteration execution time of the meth-
odology depends solely on the total number of grid points
employed in the analysis and not on frequency-dependent
parameters. In general, the iteration time can be expressed by
time=C(2N)?i, where C is a hardware-dependent constant. A
representative execution time is 0.38 seconds/iteration run-
ning a 2601-point grid on a 2.8-GHz, Linux-based Pentium 4
machine using Intel Fortran to compile the code. For this
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study, a Beowulf cluster consisting of nine 2.8 GHz Pentium
4 machines was used to generate the figures shown subse-
quently. Note that in FIG. 2, the value B generally represents
the diameter of three circles.

FIG. 3 illustrates a graphical representation 300 of array
output based on standard processing methodologies, wherein
frequency is approximately equal to 10 kHz and Ax/B is
generally equivalent to 0.083 in accordance with one embodi-
ment. FIG. 4 illustrates a graphical representation 400 of
array output based on standard processing methodologies,
wherein frequency is equal to 20 kHz and Ax/B is generally
equivalent to 0.167 in accordance with one embodiment.
Likewise, FIG. 5 illustrates a graphical representation 500 of
array output based on standard processing methodologies,
wherein frequency is approximately equal to 30 kHz and
Ax/B is generally equivalent to 0.25 in accordance with one
embodiment;

In a traditional contour type presentation, the top left frame
of the graphical representation of FIG. 3 illustrates an array
output based on standard processing methodology of equa-
tion (6), being plotted in terms of constant dB contours over a
scanning plane. In this simulation, the SADA is placed 5 feet
from the plane that is positioned through a typical model
location. In terms of the aforementioned parameters,
H=W=50" and Ax=Ay=1". The resultant number of grid
points is 2601 (underlying grid points are not shown in top left
frame). With a chosen frequency of 10 kHz and the beam-
forming of equation (6), B=12", so H/B=W/B=4.17 and
Ax/B=0.083.

A single synthetic point source is placed at a grid point in
the center of the plane, at n=1301. This is done by defining
X101 to give 100 dB=10LogX, 50, and all other X values to
zero in equation (18), and then solving for Y. The values of
dB=10LogY,, are then contour plotted. This, as with real array
test data, is the starting point for the use of DAMAS. Equation
(18) is solved for X using equation (17) for A ., by way of
equation (24), using X, =Y, at the start of the iteration. The
bottom left frame of the graphical representation 300
depicted in FIG. 3 illustrates the values of X, after one itera-
tion (i=1). Rather than showing contours, the presentation is
one of X, values in terms of dB at the grid points. Each grid
point is actually located at the bottom left corner of the
“blocks”, each of dimension Ax=Ay=1".

In the top right and bottom right frames of graphical rep-
resentation 300 the results after the one thousandth (i=1000)
and the five thousandth (i=5000) iteration, respectively, are
shown. At the highest iteration value, the original input value
of 100 dB has been recovered within 0.1 dB and that the
surrounding grid values over the plane are down in level by
about 40 dB, except for the adjoining grid points at about
15-20 dB down. At the lesser iteration numbers, although
there is some spreading of the source region, the integrated
(obtained by simple summing of values over the spread
region) levels are very close to 100 dB. One obtains 99.06 dB
for 100 iteration (not shown in FIG. 3) and 100.03 dB for 1000
iterations.

The solution dependence on reducing the beamwidth B by
afactor of two (Ax/B=0.167) is demonstrated in FIG. 4 where
the frequency used is 20 kHz using the same standard pro-
cessing over the same grid. The contour pattern is similar, but
contracted, as shown in the left frame. The DAMAS result for
1000 iterations is given in the right frame. Comparing this to
the results of FIG. 3, it is seen that here a more exact solution
is attained with substantially less iterations. One obtains at
peak of 99.97 dB, with all adjoining grid points lower by 27
dB.

20

25

30

45

60

65

14

FIG. 6 illustrates a graphical representation 600 of an array
output based on standard processing methodologies, wherein
frequency is approximately equal to 10 kHz and Ax/B is
generally equivalent to 0.083 in accordance with an alterna-
tive embodiment. Likewise, FIG. 7 illustrates a graphical
representation 700 of array output based on standard process-
ing methodologies, wherein frequency is approximately
equal to 20 kHz and Ax/B is generally equivalent to 0.167 in
accordance with an alternative embodiment. Additionally,
FIG. 8 illustrates a graphical representation 800 of array
output based on standard processing methodologies, wherein
frequency is approximately equal to 30 kHz and Ax/B is
generally equivalent to 0.25 in accordance with an alternative
embodiment. FIG. 9 illustrates a graphical representation 900
of spatial aliasing with point source and image shifted
between grid points in accordance with an alternative
embodiment. FIG. 9 demonstrates the implementation of a
DAMAS methodology with 1000 iterations.

The results of a more demanding simulation are depicted in
FIGS. 6-8, where particular n locations were defined with
same X values (for 100 dB) and others zero. This gives a test
of the solution procedure for a group of line source distribu-
tions. The important scanning plane parameters, including
the number of solution iterations, given for FIGS. 6-8 are
generally the same as above for FIGS. 2-5. In FIG. 6, for
example, for Ax/B=0.083, the beamforming contour plot has
an elongated appearance as one would expect to obtain for a
line source. After using 5000 iterations, however, one begins
to see structure other than a line source. Still, the image has
not converged (i.e., although not shown, it starts to converges
at higher iterations). In FIG. 7, for Ax/B=0.167, an image of
very prominent character emerges at 1000 iterations (i.e.,
although not shown, even at only 100 iterations the image is
recognizable). In FIG. 8, for Ax/B=0.25, all images are appar-
ent. With regard to integrated power, it is found that when
integrating (e.g., by summing grid point values), that the total
noise from the image converges to the correct value rapidly
with iterations.

Such simulations demonstrate that DAMAS successfully
extracts detail noise source information from phased array
beamformed outputs. It is seen that finer Ax/B resolutions
require more iterations to get the same “accuracy.” This
becomes even more valid as the noise source region becomes
more complicated. However, the number of iterations
required should not be the major driving issue as the DAMAS
methodology is proven to be efficient and robust. Also, it is
found that all solutions, examined to date, improve with
increasing iterations (i.e., using double precision computa-
tions). Caution is noted for potential error if Ax/B is made too
large (e.g., Ax/B above 0.2 may be borderline) in real data
cases where significant sources may be in-between chosen
grid points. As previously mentioned for any such error, anal-
ogy can be made with the common data analysis subject of
aliasing errors with respect to FFT sampling rates. No prob-
lems of this nature are possible in these simulations because
the sources are collocated at the grid points.

Experimental applications have been implemented to dem-
onstrate the DAMAS methodology described herein. For
example, experimental data from several airframe component
noise studies can be re-examined with DAMAS. In such
applications, DAMAS is not used with necessarily optimum
resolution and scanning plane size. However, all cases fall at
or near an acceptable range of 0.05=Ax/B (i.e., and Ay/
B)=0.2. For consistency with the simulations, (except for the
calibrator case) the same scanning plane and resolution sizes
are used with the same resultant number of grid points. The
number of iterations used for all is 1000. In contrast with the
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simulations, the experimental results are presented in terms of
one-third octave values, for the array using several different
array beamforming methodologies, in order to compare to the
results of the previous studies.

FIGS. 10 and 11 respectively illustrate configurations 1000
and 1100 of a test set up for flap edge noise test and calibra-
tion. In configuration 1000 of FIG. 10, for example, the noise
path from the flap edge to a SADA device 1014 is illustrated
as represented by ray path 1006. A mean shear layer 1004 is
depicted in FIG. 10 in association with a shear layer 1002.
Arrow 1010 depicted in FIG. 10 represents airflow from a
nozzle 1012. A flap model 1008 is also depicted in FIG. 10.
The nozzle 1012 is located adjacent to and/or integrated with
a side plate 1001.

In configuration 1000 of FIG. 11, on the other hand, the
open end of a calibrator source is depicted positioned next to
the edge of flap 1008. Note that in FIGS. 10-11, identical or
similar parts or elements are generally indicated by identical
reference numerals. Thus, FIGS. 10-11 should be interpreted
together. A sketch of the flap edge noise experimental setup is
therefore depicted in configuration 1000 of FIG. 10, wherein
an airfoil main element is located at a 16° angle-of-attack to
the vertical plane. The SADA device 1014 is shown posi-
tioned out of or away from the flow represented by arrow
1010 in FIG. 10. For configuration 1000 depicted in FIG. 10,
the calibration test can be performed using a noise source,
comprised of an open end of a one-inch diameter tube, placed
next to the flap edge, as depicted in configuration 1100 of
FIG. 11. Note that in the configuration illustrated in FIG. 11,
a calibration source 1102 is shown proximate to the flap 1008.

FIG. 12 illustrates a graphical representation 1200 of cali-
brator source test data wherein M=0 with an integrated level
0of 62.8 dB and a DAMAS of 62.9 dB, in accordance with an
alternative embodiment. Similarly, FIG. 13 illustrates a
graphical representation 1300 of calibrator source test data
wherein M=0.17, with an integrated level of 58.1 dB and a
DAMAS of 573 dB, in accordance with an alternative
embodiment. FIG. 14 illustrates a graphical representation
1400 of a calibrator source test, wherein M=0 with an inte-
grated level of 62.2 dB and a DAMAS of 61.6 dB, in accor-
dance with an alternative embodiment. FIG. 15 illustrates a
graphical representation 1500 of a calibrator source test,
wherein M=0.17 with an integrated level of 57.9 dB and a
DAMAS of 56.9, in accordance with an alternative embodi-
ment;

FIGS. 12 and 13 respectively illustrate DAMAS results
from an experimental implementation thereof. For the cali-
brator source operating with no tunnel flow M=0, FIG. 12
shows SADA response contours for standard (STD) process-
ing with shading, equation (7), over a scanning plane posi-
tioned through the airfoil chord-line. This is a one-third
octave presentation for 10LogY for | ;=40 kHz. The result
was obtained by performing and summing 546 single-fre-
quency beamforming maps (each with frequency resolution
bandwidth of Af=17.44 Hz). Note that with this array-shad-
ing, only the inner SADA diameter of 1.95 inches is active.
For this no-flow case, the convective and shear layer refrac-
tion terms are absent in the steering vector definition, equa-
tions (4) and (5).

The right frame of FIG. 12 illustrates the result for the
rendered source X distribution when DAMAS is applied,
solving equation (18), and using equation (19), by way of
equation (24). The scanning plane used is H=W=12". Con-
sistent with the contour presentation, the DAMAS result is a
one third octave presentation obtained by separately solving
for the 546 separate bands and then summing. With B=12"
and a chosen Ax=Ay=0.55", one has a resolution of
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Ax/B=0.046 (which is close to the recommended lower limit
01'0.05). The number of grid points is 441 and the number of
iterations used is 1000 for each frequency.

Note that a characteristic of the DAMAS solution is the
non-negligible amplitudes distributed at grid points around
the border of the scanning planes in FIG. 13. This is a scan-
ning plane “edge” effect that is found to occur only for experi-
mental data, where noise in the scanning plane is influenced
to some degree by sources outside (or extraneous to) the
plane. DAMAS constructs noise distribution solutions on the
scanning plane grid points totally based on whatever is mea-
sured by beamforming on those grid points. The edge effect
was examined by expanding the scanning plane to eliminate
any edge problem in the region of interest. A result almost
identical to FIG. 12 was found over regions other than at the
edge. Thus the edge effect has negligible impact on these
results. This subject is dealt with subsequently for other appli-
cations.

A small rectangular integration region, illustrated by
dashed lines in FIG. 12, can be used to calculate an integrated
value of 62.8 dB. Correspondingly, for the present DAMAS
result, one simply adds the pressure-squared values of the
grid points within the source region. One obtains a value of
62.9 dB. FIG. 13 illustrates the SADA response contour for
the tunnel flow at M=0.17. Here, the convective and shear
layer refraction terms are important in the steering vector
definition. The integrated value from Ref. 1 is 58.1 dB,
whereas the DAMAS value is 57.3 dB. It is seen by compar-
ing the somewhat smeared image of FIGS. 12-13 that the
affect of the tunnel flow and the resultant turbulent shear layer
is to spread the apparent noise region. The DAMAS result in
FIG. 13 is of particular interest because, to the knowledge of
the authors, it may be the first direct measure of spatial dis-
persion of noise due to turbulence scatter.

For the same test cases as FIGS. 12-13. 7, FIGS. 14-15
illustrate results when diagonal removal (DR), equation (9), is
employed in the beamforming. Correspondingly, DAMAS is
applied using equation (21) for A,,,,. It is seen that although
the DR processing modifies the Y distributions, the X source
distributions and values are calculated to be almost identical
to those of FIGS. 12-13. DR processing has the advantage of
removing the auto-spectra (and possible microphone noise
contamination) from the processing, while still maintaining
full rank for the solution equations.

Although it is beyond the scope of this paper to evaluate the
use of DAMAS for different array designs than the SADA, a
limited application using Large Aperture Directional Array
(LADA) data produced good comparisons for a case corre-
sponding to a frame of FIG. 12. The LADA has an outer
diameter of D=2.83 feet, which is 4.35 times the size of
SADA (i.e., 17.4 times the active diameter of the SADA at 40
kHz for shaded processing). For a similar calibration test to
that of FIG. 12 but for array processing without shading, the
integrated LADA value is 60.3 dB, and the corresponding
DAMAS summed value is 61.4 dB.

A test configuration can be implemented where an airfoil,
with a 16" chord and 36" span, is positioned at a —=1.2° angle-
of-attack to the vertical flow is depicted in FIG. 16. Note that
in FIGS. 10-11 and 16, identical or similar parts or elements
are generally indicated by identical reference numerals. As
indicated in FIG. 16, a mean shear layer 1602 and 1604 are
illustrated with respect to side-plate 1001 and flap 1008. Flow
is generally indicated by arrow 1010, while a ray path 1606 to
the SADA device 1014 is also depicted.

The flap 1008 can be removed and a cove thereof filled in
such a manner as to produce a span-wise uniform sharp Trail-
ing Edge (TE) of 0.005". A grit of size #90 is generally
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distributed over the first 5% of the Leading Edge (LE) to
ensure fully turbulent flow at the TE. The SADA position is at
$=90°. FIG. 16 generally illustrates the array output over a
scanning plane placed through the chord-line. The scanning
plane of size H=W=50" extends “beyond” the side-plates that
hold the 36" span airfoil. The side-plate 1001 regions as seen
from the viewpoint of the array, to the left of the —18" span-
wise location and to the right of the 18" location as depicted
in FIG. 17, represent reflected source regions. In general,
FIGS. 17-18(b) illustrate SADA response contours 1700,
1702, 1704, 1705 and 1800, 1802, 1804 and 1806 for shaded
STD processing for TE and LE noise testing, in accordance
with an alternative embodiment.

The array output illustrated in FIG. 17 is presented for four
one-third octave frequencies for STD processing with shad-
ing, equation (7). As before, individual frequency results are
processed and are then summed to obtain the results shown. It
is seen that for the f; ;=3.15 kHz case, that the most intense
region is just aft of the airfoil TE. As frequency is increased,
the intense regions appear to first concentrate near the TE, and
then to shift towards the LE.

FIG. 19 presents DAMAS results corresponding to FIGS.
17-18. Suchresults are shown as graphs 1900, 1902, 1904 and
1906. For f,,,=3.15 kHz, Ax=Ay=1.8" is used to obtain the
chosen lower-limit resolution of Ax/B=0.047. For 8§, 12.5, and
20 kHz, the chosen Ax=Ay=1" give Ax/B=0.066, 0.083, and
0.083, respectively, for shaded beamforming. The results
shown appear to very successfully reveal noise source distri-
butions, even those not apparent from FIGS. 17-18. The TE
and LE line sources are particularly well defined. The images
at and beyond =18 inches are model-side-plate noises and/or
side plate reflections. There are apparent phantom images,
particularly aft of the TE and around the edges of the scanning
plane. These are addressed below.

FIG. 20 generally corresponds to FIGS. 17 and 18, except
that DR processing is used for beamforming, equation (9),
and for DAMAS, equation (21). FIG. 20(a) and FIG. 20(5)
illustrates SADA response contours 2000, 2002, 2004, 2006
for shaded DR processing with respect to TE and LE noise
tests, in accordance with an alternative embodiment. The
contours 2000, 2002, 2004, 2006 depicted in FIGS. 20(a)-20
(b) demonstrate that although the beamforming contours dif-
fer significantly, the source distributions essentially match.
The exception is that the DR results appear to produce cleaner
DAMAS results, with much of the phantom images removed.
That is, the apparent source distributions over regions away
from surfaces where no “real” sources are likely to exist are
significantly diminished. Also removed with DR is an “appar-
ent” LE noise source distribution from the result of 3.15 kHz.
Considering that the present STD method results are to some
degree contaminated with turbulence buffeting microphone
self noise, the DR results are considered more correct.

Notethatalso present in FIGS. 18(a)-18(b) are edge effects
as are found in and discussed for FIGS. 12-13 and 14-15. The
edge effects can be readily eliminated by expanding the scan-
ning frame beyond the regions of strong sources, thereby
reducing the edge amplitudes and thus any potential influence
on the regions of interest. This has been verified but this is not
shown here, as the edge effect’s presence in FIG. 18(a) and
FIG. 18(b) is instructive. For example, an area where the edge
effect appears to negatively affect DAMAS results is the
side-plate region on the left side near the LE (chord-wise
location 26 in. and span-wise location -21 in.).

The strong array responses (i.e., FIGS.17,18(a), 18(5) and
20) at that location are not correspondingly represented by the
DAMAS source distributions in that region. Instead, DAMAS
puts strong sources along the scanning plane edge and the LE
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corner to explain the array response. (Note that it is well
recognized that the array response over such a corner location
may well be influenced by reflected (and thus correlated)
noise sources, whereas the DAMAS modeling is based on an
equivalent statistically independent source distribution. The
edge effect is unrelated to this modeling/reality physical dif-
ference. Such reflections undoubtedly cause strengthening or
weakening and/or shifting of apparent sources, but it would
not cause source concentration along the edges.) Still, even
with the scanning plane edge effect, away from the edges the
TE and LE noise source regions are unaffected and the fol-
lowing noise spectra serve to verify this.

TE noise spectra were determined from amplitudes of the
array response at the center of the TE, along with a transfer
function based on an assumed line source distribution. Also,
corresponding spectra from the LE noise region were deter-
mined to show grit-related LE noise, which due to beam-
width characteristics were contaminated by TE noise at low
frequencies. FIG. 21 illustrates a graphical representation
2100 of a comparison of one-third octave spectra from TE and
LE noise measurements and reprocessing by DAMAS.

Regarding graph 2100, it is important to note that one-third
octave spectra (per foot) curves for the test conditions
depicted therein generally correspond to the data illustrated in
FIGS. 17, 18, 19, and 12. These spectra are compared to
spectra of TE noise and LE noise determined from DAMAS
using both STD and DR methods. These results are deter-
mined by simply summing the pressure-squared values of
each grid point within the rectangular box region surrounding
the TE and LE regions shown superimposed in FIG. 19. The
region’s span-wise length is 2.5 feet. The sums are divided by
2.5 to put the spectral results on a per-foot basis.

The spectral comparisons are quite good and serve as a
strong validation for the different analyses. Where low-fre-
quency results of DAMAS are not plotted, the integration
regions lacked contributions (not surprising with the very
large beam-widths B). The spectra are seen to agree well with
results over parts of the spectra where each source is domi-
nant. Of course in such spectra shown from Ref. 4, as in the
beamformed solutions of FIGS. 17, 18 and 20, the TE and LE
noise region amplitudes are contaminated by the mutual
influence of the other source over different parts of the spec-
tra. The present DAMAS results exclude such interference.

The slat configuration tested in the QFF can be achieved by
removing the flap, filling the flap cove (as for the TE noise test
above), removing the grit boundary layer trip at the LE, tilting
the airfoil main element to 26° from vertical, mounting the
slat, and setting the slat angle and gap. The large 26° angle is
required to obtain proper aerodynamics about the slatand LE
region. FIG. 22 illustrates a system 2200 in which an airfoil/
slat is present in a deflected open jet, with the SADA posi-
tioned at ¢=107°, in accordance with an alternative embodi-
ment. Note that in FIGS. 10 and 22, identical or similar parts
or components are generally indicated by identical reference
numerals. System 2200 generally includes a scanning plane
2206 and a mean shear layer 2202. A ray path 2204 is also
indicated in FIG. 22 as extending generally from the SADA
device 1014 to the flap 1008. Airflow is indicated by arrow
1010, white a non flow region 2204 is also depicted generally
in FIG. 22.

FIG. 23 illustrates a graphical representation or graph 2300
depicting an array output and a corresponding DAMAS result
for £, ;=20 kHz using shaded DR processing over the scan-
ning plane through an airfoil. The distributed slat noise is seen
to be well identified. There are higher levels toward the left
side of the slat, likely due to a model mount irregularity. The
aforementioned scanning plane edge effect is seen around the
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edge of the DAMAS presentation, and it likely has a mild
impact on the source definition details at this left side. Away
from the edge, the slat noise is generally uniform. The ampli-
tude of the slat noise is determined by summing across the
span within the integration box shown. For this one-third
octave band, the DAMAS level of 57.9 dB (per foot) com-
pares with 59.1 dB, which has been used as an approximate
procedure involving the array output at the slat center and a
derived transfer function.

The flap edge noise test configuration is illustrated in FIG.
12 for the SADA. The flat edge flap test condition of 29° flap
angle and M=0.11 is reexamined for a one-third octave fre-
quency band of f, ;=20 kHz. FIG. 24 illustrates a graphical
representation 2400 of beamforming contours and DAMAS
results for shaded DR processing over the scanning plane
placed through the airfoil chord-line. The DAMAS results
appear to successfully isolate the flap edge noise from sub-
stantial flap cove noise. By using a similar rectangular inte-
gration region, shown in FIGS. 12-13 and 14-15, one finds a
level 0f 44.6 dB for the flap edge noise. This compares to 47.5
dB for a spectrum level determined for this flap edge noise
case. In that spectrum, this frequency corresponds to a local-
ized spectral hump. These present results show that the cove
noise contributed to the higher level measured. DAMAS is
seen to allow one to readily separate and quantify these cover
and flap edge contributions, where previously this was not
possible.

The DAMAS technique described herein represents a radi-
cal step in array processing capabilities. It can replace tradi-
tional presentations of array results and make the array a
much more powerful measurement tool than is presently the
case. The DAMAS equation AX=Y is a unique equation that
relates a classical beamformed array result Y with the source
distribution X. The sources are taken as distributions of sta-
tistically independent noise radiators, as does traditional
array processing/integration analysis. DAMAS does not add
any additional assumption to the analysis. It merely extracts
the array characteristics from the source definition presenta-
tion. The iterative solution for X is found to be robust and
accurate. Numerical application examples show that the
actual rate and accuracy at which solutions converge depend
on chosen spatial resolution and evaluation region sizes com-
pared to the array beam width. Experimental archival data
from a variety of prior studies are used to validate DAMAS
quantitatively. The same algorithm is found to be equally
adept with flap edge/cove, trailing edge, leading edge, slat,
and calibration noise sources

The foregoing methodology thus is generally directed
toward overcoming the current processing of acoustic array
data, which is burdened with considerable uncertainty. Such a
methodology can serve to demystify array results, reduce
misinterpretation, and accurately quantify position and
strength of acoustic sources. As indicated earlier, traditional
array results represent noise sources that are convolved with
array beam form response functions, which depend on array
geometry, size (with respect to source position and distribu-
tions), and frequency. The Deconvolution Approach for the
Mapping of Acoustic Sources (DAMAS) methodology
described above therefore removes beamforming character-
istics from output presentations. A unique linear system of
equations accounts for reciprocal influence at different loca-
tions over the array survey region. It makes no assumption
beyond the traditional processing assumption of statistically
independent noise sources. The full rank equations are solved
with a new robust iterative method.

DAMAS can be quantitatively validated using archival
data from a variety of prior high-lift airframe component
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noise studies, including flap edge/cove, trailing edge, and
leading edge, slat, and calibration sources. Presentations are
explicit and straightforward, as the noise radiated from a
region of interest is determined by simply summing the mean-
squared values over that region. It is believed DAMAS can
fully replace existing array processing and presentations
methodology in most applications. Such a methodology
appears to dramatically increase the value of arrays to the
field of experimental acoustics.

It is important to note that the methodology described
above with respect to FIGS. 1-23 and equations (1) to (26),
which is referred to generally by the DAMAS acronym, can
be implemented in the context of a module(s). In the com-
puter programming arts, a module (e.g., a software module)
can be implemented as a collection of routines and data struc-
tures that perform particular tasks or implement a particular
abstract data type. Modules generally can be composed of
two parts. First, a software module may list the constants, data
types, variable, routines and the like that that can be accessed
by other modules or routines. Second, a software module can
be configured as an implementation, which can be private
(i.e., accessible perhaps only to the module), and that contains
the source code that actually implements the routines or sub-
routines upon which the module is based.

Thus, for example, the term “module,” as utilized herein
generally refers to software modules or implementations
thereof. The world module can also refer to instruction media
residing in a computer memory, wherein such instruction
media are retrievable from the computer memory and pro-
cessed, for example, via a microprocessor. Such modules can
be utilized separately or together to form a program product
that can be implemented through signal-bearing media,
including transmission media and recordable media.

It will be appreciated that variations of the above-disclosed
and other features and functions, or alternatives thereof, may
be desirably combined into many other different systems or
applications. Also that various presently unforeseen or unan-
ticipated alternatives, modifications, variations or improve-
ments therein may be subsequently made by those skilled in
the art which are also intended to be encompassed by the
following claims.

What is claimed is:
1. A method for mapping acoustic sources determined from
a phased microphone array, comprising a plurality of micro-
phones arranged in an optimized grid pattern including a
plurality of grid locations thereof, comprising the utilization
of'a computer to implement the steps of:
forming a linear configuration of N equations and N
unknowns by accounting for a reciprocal influence of a
beamforming characteristic thereof at varying grid loca-
tions among said plurality of grid locations;
iteratively determining a full-rank equation from said lin-
ear configuration of N equations and N unknowns based
on a DAMAS inverse formulation; and
generating an optimized noise source distribution over an
identified aecroacoustic source region associated with
said phased microphone array in order to compile an
output presentation thereof, in response to iteratively
determining said full-rank equation among said linear
configuration of N equations and N unknowns, thereby
removing said beamforming characteristic from said
output presentation.
2. The method of claim 1 wherein said linear configuration
further comprises a system of linear equations comprising A
K=Y, wherein said system of linear equations relates a spatial
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field of point locations with beamformed array-output
responses thereof to equivalent source distributions at a same
location.

3. The method of claim 2 wherein a variable A among said
system of linear equations is utilized to disassociate an array
thereof from acoustic sources of interest.

4. The method of claim 2 further comprising solving for a
variable X among said system of linear equations comprising
AX=Y.

5. The method of claim 1 wherein iteratively determining
said full-rank equation among said linear configuration of N
equations and N unknowns, further comprises attaining said
full rank equation utilizing a solution requirement of a posi-
tivity constraint that is equivalent to a physical assumption of
statically independent noise sources associated with at least
one N location thereof.

6. The method of claim 2 wherein said full-rank equation
represents a rank thereof based on a number of linearly inde-
pendent equations compared to a number of equations asso-
ciated with said system of linear equations AX=Y, wherein N
represents a number of grid points thereof.

7. A system for mapping acoustic sources determined from
a phased microphone array, comprising a plurality of micro-
phones arranged in an optimized grid pattern including a
plurality of grid locations thereof, comprising:

a linear configuration of N equations and N unknowns
formed by accounting for a reciprocal influence of said
beamforming characteristic thereof at varying grid loca-
tions among said plurality of grid locations;

a full-rank equation iteratively determined from said linear
configuration of N equations and N unknowns based on
a DAMAS inverse formulation; and

an optimized noise source distribution generated over an
identified aecroacoustic source region associated with
said phased microphone array in order to compile an
output presentation thereof, in response to iteratively
determining said full-rank equation among said linear
configuration of N equations and N unknowns, thereby
removing said beamforming characteristic from said
output presentation.

8. The system of claim 7 wherein said linear conﬁguration
further comprises a system of linear equations comprising A
X=Y, wherein said system of linear equations relates a spatial
field of point locations with beamformed array-output
responses thereof to equivalent source distributions at a same
location.

9. The system of claim 8 wherein a variable A among said
system of linear equations is utilized to disassociate an array
thereof from acoustic sources of interest.

10. The system of claim 8 further comprising solving for a
variable X among said system of linear equations comprising
AX=Y.

11. The system of claim 7 wherein iteratively determining
said full-rank equation among said linear configuration of N
equations and N unknowns, further comprises attaining said
full rank equation utilizing a solution requirement of a posi-
tivity constraint that is equivalent to a physical assumption of
statically independent noise sources associated with at least
one N location thereof.
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12. The system of claim 7 wherein said full-rank equation
represents a rank thereof based on a number of linearly inde-
pendent equations compared to a number of equations asso-
ciated with said system of linear equations AX=Y, whereinN
represents a number of grid points thereof.

13. A program product for mapping acoustic sources deter-
mined from a phased microphone array, comprising a plural-
ity of microphones arranged in an optimized grid pattern
including a plurality of grid locations thereof, said program
product comprising:

a non-transitory instruction media residing in a computer
memory forming a linear configuration of N equations
and N unknowns by accounting for a reciprocal influ-
ence of a beamforming characteristic thereof at varying
grid locations among said plurality of grid locations;

a non-transitory instruction media residing in a computer
foriteratively determining a full-rank equation from said
linear configuration of N equations and N unknowns
based on a DAMAS inverse formulation; and

a non-transitory instruction media residing in a computer
generating an optimized noise source distribution over
an identified aeroacoustic source region associated with
said phased microphone array in order to compile an
output presentation thereof, in response to iteratively
determining said full-rank equation among said linear
configuration of N equations and N unknowns, thereby
removing said beamforming characteristic from said
output presentation.

14. The program product of claim 13 wherein said linear
conﬁguratlon further comprises a system of linear equations
comprising AX=Y, wherein said system of linear equations
relates a spatial field of point locations with beamformed
array-output responses thereof to equivalent source distribu-
tions at a same location.

15. The program product of claim 14 wherein a variable A
among said system of linear equations is utilized to disasso-
ciate an array thereof from acoustic sources of interest.

16. The program product of claim 14 further comprising
solving for a variable X among said system of linear equa-
tions comprising AX=Y.

17. The program product of claim 13 wherein iteratively
determining said full-rank equation among said linear con-
figuration of N equations and N unknowns, further comprises
attaining said full rank equation utilizing a solution require-
ment of a positivity constraint that is equivalent to a physical
assumption of statically independent noise sources associ-
ated with at least one N location thereof.

18. The program product of claim 13 wherein said full-rank
equation represents a rank thereof based on a number of
linearly independent equations compared to a number of
equations associated with said system of linear equations A
K=Y, wherein N represents a mumber of grid points thereof.

19. The program product of claim 13 wherein each of said
instruction media residing in a computer can be utilized sepa-
rately or together to form a program product capable of being
implemented through tangible signal-bearing media.

20. The program product of claim 19 wherein said tangible
signal-bearing media comprise at least one of the following
types of media: transmission media or recordable media.

#* #* #* #* #*
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