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Constrained Spectral Conditioning for the Spatial Mapping of Sound

Taylor B. Spalt

ABSTRACT

In aeroacoustic experiments of aircraft models and/or components, arrays of microphones are
utilized to spatially isolate distinct sources and mitigate interemioise which contaminates
singlemicrophone measurements. Array measurements are still biased by interfering noise which
is coherent over the spatial array aperture. When interfering noise is accounted for, existing
algorithms which aim to both spatialkolate distinct sources and determine their individual levels
as measured by the array are complex and require assumptions about the nature of the sound field.

This work develops a processing scheme which uses $paledined phaseonstraints to
remove correlated, interfering noise at the sing@nnel level. This is achieved through a merger
of Conditioned Spectral Analysis (CSA) and the Generalized Sidelobe Canceller (GSC).-A cross
spectral, frequeneglomain filter is created usinthe GSC methodogy to edit the CSA
formulation.The only constraint needed is the udefined, relative phase difference between the
channel being filtered and the reference channel used for filtering. This process, titled Constrained
Spectral Conditioning (CSC), prockes singlechannel Fourier Transform estimates of signals
which saisfy the userdefined phase differencelh a spatial sound field mapping context, CSC
produces suldlatasets derived from the original which estimate the signal characteristics from
distind locations in space. Because singléh a n n e | Fourier Transf or ms
outputs could theoretically be used as inputs to many existing algorittsrem Axample, data
independenfrequencyd o mai n beamf or ming (FDBF) towesghibhg CSC
finer spatial resolution and lower sidelobe levels than FDBF using the original, unmodified dataset.
However, these improvements decrease @igimatto-Noise RatiofNR), and CSCO6s quan
accuracy is dependent upon accuratedeling of he sound propagation and intsource
coherencef multiple and/or distributed sources are measured

In order to demonstrate systematic spatial souadping using CSJt is embedded into the
CLEAN algorithm which is then titled CLEAXCSC. Simulated data analysis indicates that
CLEAN-CSC is biased towards the mapping and energy allocation of relatively stronger sources



in the field, which limits itsability to identify and estimate the level of relatively weaker sources
It is also shown that CLEANCSC underestiates the true integratéslelsof sources in théeld

and exhibits highethantrue peak source levels, and these effects increase and decrease
respectivelywith increasing frequencyfive independent scaling methods are proposed for
correcting theCLEAN-CSC total integrated outip levels, each with their own assumptions about
the sound field being measuréd the entire output map is scaled, these do noiextdor relative
source level errors that may exiBesults fom two airfoil tests conducted MASA Lange y 0 s
Quiet Flow Facility showthat CLEAN-CSC exhibits less map noise than CLEAN yet more
segmentedpatial sound distributions and lower integratedrce leveldHowever, using the same
source propagation model that CLEAN assursealedversions of theCLEAN-CSCoutpusyield
integrated source levelghich more closely agreeith those obtained with CLEAN.
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CHAPTER Il INTRODUCTION

1. Introduction

Noise pollutionfrom aircraft is one of the most negative impacts created by the aviation
industry. The reduction in noise generated began in the 1950s, which saw the debut of the
commercial turbojet engine. Today, urban areas are becoming more and more populated and the
demand for air travel is increasingpmpounding the noise pollution problem. Noise concerns
restrict expansion of the industry (number/frague of flights, airport size generating an
economic confligtfurther increasing the importanoé the field ofnoise reductiompast just that
of a public health conceffStansfeld & Matheson 200&orreiaet al 2013] And this is not to
mention the effects airports play in the reatate markets surrounding th@ielson 2003] Until
adequately reduced, noise pibn from aircraft will remain at the forefront of issues the industry
facesand is actively regulated by the Federal Aviatkaministration[FAA 2005].

In efforts to reduce noise emitted by aircrfe specific noise sourcgenerated by thme must
first be identifiecand thertheir levelsgquantified Flow in aeroacoustic experiments is essential to
provide realistic modeling of the noise sources. Experiments are usually carried out in wind tunnels
which have two primary benefits over fsitale, outdootesting: a scaled modetéducesthe
associated cost by orders of magnitude, and the flow is controlled which alleviates any
environmental unknowns and accurately simulates flight conditldasiever, the wind tunnel
environmentcan introduce otheinterfering noise sources(wind tunnel flow mechanism
interaction of flow on components other than the test model, anainhelshear layerwhich
contaminate the desired sound to be meadiBaldr et al. 2011] namelythat emitted from the
aircraft model and/or components under stldiingspecificallydesigned arrays of microphones
[Underbrink & Dougherty 1996]the mitigation ofinterfering noise [Bulté 2007; Koop &
Ehrenfried 2008] and spatial separation of distinct sojidemphreyset al. 1998 Hutcheson &

Brooks 2002becomes possiblelowever, the quantitative accuracy of the source levels measured
through processing isqually important tahe qualitative accuracy in aeroacoustic studiesly
attempts to reconcilihe array techiquesusedwith their output sounéevels [Gramann & Mocio
1995;Dougherty & Stoker 1998rooks & Humgreys 1999Mosheret al 1999]were limited in
problem scope. Consequently, more advanced processing methodssbaveelbeloped which
aim to accuratelyboth locate/distinguish aeroacoustic noise sources and quantify their levels
[Blacodon &Elias 2004 B8rooks & Humphreys 2002006h Sijtsma 2007; Michel & Funke 2008;
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Suzuki 2008; Ravettaet al 2009;Sarradj 2010Yardibi et al 201(®; Bahr & Catafesa 2012;
Dougherty 201B These advances microphone arraprocessingiaveincreased the complexity
of the algorithms and the assumptions on which they are based.

This workcombines threeareas of researgh an attempto spatially map sound measured by
microphone arrays in thearffield of the source(s): (1) Interferingoise cancellation, (2)
Statistically optimumbeamforming, and3) Systematicspatial sound mapping\s the single
channel microphone outputs are editée, algorithmic formulation presentedrves as a starting
block for follow-on processingdlhat chosen in this work is formulatiohCrossSpectral Matrices
for dataindependent frequey-domain beamforminfyan Veen & Buckley 1988anda modified
versionof the CLEAN algorithm [igbom 1974] The work presented is evaluated for arrays
outside of the wind tunnel flown the farfield of the source(s)but is not restricted to this

measurement setup.

1.1 Background

The outpus obtained usingnicrophonearray processingare algorithmdependentand the
algorithmchoserdepends othe userdefined parameters of interdst the type of problem being
studied The end goal of this research area is systematic, accurate spatial sound (generated
aeroacousticallyymappy. The term Asyst emat i odsaresystemswhidh bec a
utilize multiple componentsto generate their outputsPrior researchwhich applies
directly/indirectly to the work presented herge discussedThe studiesegin with processing
methals which are very general in use and end ajblicationspecific, more complealgoithms
which accomplish systematic spatial sound mappiig former methods can be applied to those

listed after thenfan example ofhisis found inSpaltet al. (2011).

1.1.1 Adaptive/Non-Adaptive Noise Cancellation

Adaptive noise cancellation (AN®) a digital signal procesgirmethod which aims to remove
interferingsignals) which contaminaterathersignal of interestThe accuracy of spatial sound
mapping depais on removing (or accounting for) signal which interferes with the measurement
of the desired source to be mapped. In this sense, interfering noise cancellation, adaptive or
otherwise, benefits spatial sound mapping (see for example Koop & Ehrenfri@&) ¢(2@Epaltet
al. (2011)).Pioneering work inANC began at Stanford University in 1960 with work done on
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adaptive switching circuitsWidrow & Hoff 1960. This and accompanying work<pford &
Groner1964 and lead to the development of theast Mean Squas adaptive algorithm and
pattern recognition scheme respectively. In 18¥5principlesof ANC to date were published
[Widrow et al. 1975]along withbackground theory developmertdexamples of gpications of

the technologylt reviewed optimal filtering and early progress made in adaptive filtering. For
successful noise cancellation a suitable reference input was crucial and allowed the processing of
signals whose properties were unknoavpriori. Weiner solutions to statisal noise cancelling
problems were derived to demonstrate the increase in SNR analytically. The effect of primary
signal in the reference input was investigated and it was determined that a small amount of signal
in the reference input did not render tiese canceller useless.

Modifications to the classical ANC implementation addressing this aforementioned icdnstra
have been published. Liang aktlik (1987)used three microphones in a linear arrangement to
reject speech arriving from a nqmeferreddirection. Federet al (1989) used a maximum
likelihood problem to better estimate the parameters needed to cancel the noise and then solved
for them using the iterative Estimataximize technique. Van Compernolle and Van Gerven
(1992) decorrelated theoutputs of the classic ANC implementation to obtain further noise
cancellation. Weinsteiet al. (1993) achieved noise cancellation using two microphones that
contained both noise and the desired signal by imposing the constraint that the two signalksestima
are statistically uncorrelatedNgjar et al. (1994) prewhitened the input signals before
decorrelating the outputs of the classical ANC implementation.

A frequencydomain equivalent of ANC for stationary (steagtgte) inputs iConditioned
Spectral Aalysis (CSA)[Bendat & Piersol 1986)hich is based on the WienElopf equation
CSA is nonadaptive however as it operates on the {aweraged statistics of the microphone
outputs.Another noradaptive, frequenegomainform of interfering noise removalwhich is
common in aeroacoustic applicatioaspectral subtractiofWeisset al. 1974. The method relies
on a separate acquisition of ttrterfering background noise in the testing environment from that
when the noise source under study is presdpbn converting signals to the frequency domain,
this fibackground onl yo ac qg-squased basig) fromithat ofstheb t r a c
primary aquisition (signal plus noiseyVith the introduction of beamforming using microphone
arraysfor aero@&oustic studigsthis same principle has been appliedCtossSpectral Matrices
(CSMs since the late 1990s [Humphreyal 1998; Brooks & Humphreys 1999; Hutcheson &
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Brooks 2002;Brooks & Humphreys 2003; Hutcheson & Brooks 2004; Brooks & Humphreys
2006; Brooks et al. 2010J. Both singlechannel and CSM spectral subtracticely on the
cancellation of the noise in its statistical sense, since the background noise present will not be
identical during two aagjsitions separated in time. Spectral subtractiarthe CSMallows further
noise reduction beyond whainglechannelspectral subtraction can achievihis is because
uncorrelated noise at distinct array microphones is reduced by thecorosistions pdormed
when forming the CSMBendat & Piersol 986; Mosher 1996

All of the aforementioned techniques aim at removinggrfering, correlated noise on
microphone array outputs. Subsequent processing with these obtgmishown improved
accuracy compared to when theéerferingnoise is left intact [Baltet al. 2011], and thus serve as

a firstorder improvement in accuracy for spatial sound mapping.

1.1.2 Beamformingin Aeroacoustic Testing

Beamforming, a general term for the synthesis of array (in this case microphone) asigrals,
to spdially isolate sound sources through udefined manipulations of the array outputa.
beamformer acts like a spattemporalfilter in order to estimate thetrength/location o$ignals
which have overlapping frequency contget arrive from distinct locatianIn some instances, a
beamformer can provide sufficiently accurate information of the sound field, depending upon what
information is desireqMacDonald & Schultheiss 1969; Sarradj 2012hr most aeroacoustic
applications, where distributed sources witltying degrees of setfoherence are desired to be
mapped, beamforming is a firstder, lessthanoptimum solution [Raiclet al 1998].That said,
it is still a computationalkefficient, versatile technique which is widely us@the subsequent
researclsummary briefly describes the applications of beamifognm aeroacoustic testing and
considerations necessary when applied.

For early aeroacoustic applicatio@mderman and Nob[@975)used an endire microphone
array with digital time delays to diceonally scan the array to focus on noise sources with the
intentions of rejecting background noise and revetlmersiin the NASA Ames 40by 80-Foot
Wind Tunnel Array performance depended on the microphone spagingvelength ratio and
orientation inthe wind tunnelOne year later, Billingsley and Kinns (194f)blished their work
on a microphone array with a digital computer that processed the signals and output source
distributions with respect to position and frequency. Theory for a line souregbitrarily
correlated monopoles analyzed in finequencydomainwas developed and its application in

4
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statistical property estimation of the sound source region was detailed. Broaks(1987)
investigated rotor noise with a-t@icrophone, fowelemen, symmetricalsquare directional array

of microphones. The theory behimdtaindependenfrequencydomain beamformingFDBF)

was given. A design goal was achieved in that the sensing area of the main directional lobe was
controlled independent of lookag | e (r el ated to array focal poir
range. An array blending concept was proposed that divided the array into symmetrical clusters
which were then fiweightedod depending onl what
resolution and side lobe size. Gramann and M@®85)investigated the use of adaptive data
independenFDBF for aeroacousti measurements in wind tunnefdaptive FDBF minimized
thearrayresponse while holding the output at the desired focal point conatahthus provided
greatermeasuremendccuracy tharmdataindependentDBF for the test setup studietosher

(1996) and Humphrey=t al. (1998) gave very complete summaries on the tiigprocessing,

array design, hardware, and testing considerationF@BF in wind tunnels at that time
Humphreyset al. (1998) addressed shear layer refraction correction, calibration, and shading
algorithms for two different apertized arrays.Douglerty and Stoker(1998) studied
modifications toFDBF for sidelobe suppressiarsing simulated wind tunnel data.was found

that all modified implementations resulted in narrower mainlobe widths and lower sidelobe levels
than thedataindependenformulaion, however errors in source location and/or microphone
position were not simulated amportantfactor affecting the modified techniques studied).

Brooks and Humphreys (1999%udied the relationship between directional microphone array size

and noise rmasurement resolution and accutaky t ec hni que cal l ed fAsourc
was developed for the analytical model to provide a total spectral sound output for distributed
sources. Implications for opens. closeesection wind tunnels such as Sigt@&Noise Ratio,

scattering effects, and noise floor were considered. Criteria were established to guarantee noise
source levels independent of array size when source region integration was perf@rdi et

al. (201®&) conducted an uncertainty anat/ef dataindependent-DBF using an analytical
multivariate and a numerical Mon@arlo methodT he beamf or mer 6s out put
were shown to be affected by many factors, arahlibration procedure [Dougherty 2002] was

shown to reducéhis uncertainty In particular, 95% confidence intervals were withip dB of

mean | evels when the indivhutdhecal evadbé¢ Saradp moiue $

(2012) investigated four different steeg vectors used in FDBFA simulation was wd to
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measure location and magnitude of three point sources located in -@ithezesional grid with
respect to a planar array. Results were given with respect to array aperture and frequency. Of the
four steering vectors studied, none were able to prppgaedict both source location and
magnitude; two predicted location well and two magnitude well. Prediction error was seen to
decrease with increasing frequency and/or array aperture. For the given application the preferred
steering vector was one thatacately predicted location and had very low magnitude estimation
error.Recently, Dougherty (204b detailed a modified formulation DBF which utilizes an
eigendecomposition and subsequeatsing of thebeamform output and CreS8pectral Matrix

(CSM) eigenvaluedo a power andnverseof that power respectivelyrhe techniqueemoves
sidelobes from the output beamform map and slightly improves its spatial resolution when
compared to thdataindependentesult.Onedrawback is that relies on an (usclosed) diagonal
optimization procedure whicintends to remove any microphone galfise present on the
channes; another is that the accuracy ofgpatially integréedvalueshas not been investigated to

date.

1.1.3 Statistically Optimal Beamforming

Although some of the aforementioned works [Gramann & Mocio 1995; Dougherty & Stoker
1998;Dougherty 2014a,b] investigated modificatidagrequencydomain beamforming (FDBF
the majority we e A dnadteap e impleamertafions[Van Veen & Buckley 1988]. This
signifiesthat the weights used to modify the input data mathie CSMin FDBF) are formed
without consideration af. If information about the input data matrix is used to somedstned
end, the beamforming algorithm is termfécs t at i st i dragerenal, theege tformulatibns .
aim to provide more accurate beamforming results, either through the attenuation of interfering
sources, finer spatial resolutiqgmaller mainlobe width)or both. The processing method
presented hein, whenapplied to FDBF both attenuates (correlated) interfering sources and
provides finer spatial resolution than datdependent beamformingnd thusis a form of
statistically optimum beamformingn this respect,tiis related to the Minimum Vamae
Distortionless Response (MVDR) beamformer and even more similar to the Generalized Sidelobe
Canceller (GSC)MVDR beamforming [Capon 1969)ses input data matrix weights which
minimize the beamform output with the constraint that the signal arrivorg & usedefined
location in spacéor directionof-arrival) is unmodified.This serves to attenuate the influeinée
interfering noise and sources arriving from locations other than that being targétedsSC

6
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[Hanson & Lawson 1969; Griffiths & Jim 19BBas the same goal as the MR, except that a
threestep process is used. First, a datiependent beamform is generated. Trerseparate
beamform is generatddom datawhich has had the signal which originates froine tageted
spatial locatiorfi b | eodt Binally, thisblocked beamform valuis filtered thensubtracted from
the datandependent beamform value to remove influence from interfering noisslardources
not located at the targeted position.

Both MVDR and GSC suffer from desired sigeahcellationdue to: (1) Errors irthe user
defineddifferences in arrival time between microphones for a signal which origiateéesrgeted
location, and (2) Correlationebwveen the targeted signal and other sourcése field. Although
solutions tothese drawbacks have beemposedfor exampleCox et al (1987 and Shan and
Kailath (1985)) thar nonlinear formulation andutput uncertainty has led to only a few usages
within the aeroacoustic fieldDjpugherty & Stoker 1998Suzuki 2011;Huang et al 2012;
Dougherty 2014b]. Thus, while statistically optimal beamforming @f§ enhanced spatial
resolution and mitigation of interfering sources which is unavailable ataimdependent
beamformers, these aforementioned issues must be addressed beafoveldspread usin the
aeroacoustic field will be seen. The technique presented in thisagtdrkssethese drawbacks.

1.14 Systematic Spatial Sound Mapping for Aeroacoustic Applications

A dataindependent beamformer is a straightforward, computtieefficient manner of
estimating the location/strength of souraea field measured with a microphone array. In simple
source fields it can provide accurate resiitAc cur acy o i n the spati al
signifies both the correct localizati (qualitative) and strengtiietermination (quantitative) of the
source distribution being measur€bhmmon aeroacoustic testing sceagare complex and thus
warrantmorecomplex methodthan FDBRo accurately solve for the source laoas, strengths,
and in some instaecs t y pe ( mo n oTheofdll@ving adei effootd ire the) aeroacoustic
field of systematic spatial sound mappinthe majority of algorithms assume incoherent
distributions of monopole sourcdglore complex formulations build upohdt. All techniques
described operate in the fixeld of the source(s)The basictask of the algorithms is to form
gualitatively/quantitativelyaccurate source mappings measured by the arrajlore complex
tasks include identifying the source typesnigemeasureand the relative magnitudes/phases
between sourcedlost algorithms aim to solve a system of equatiwwhigh in compact form can
bestatedas
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« =e (1.1)

where« is that which is measurednd=s the transfer function which describes thanner in
which e (the true source distribution) generatessmeasured by the arragenerally, solving for
e has been done one of three ways:

1. Solving Eq. (11), posed as aonlinear system oéquationsvia nonlinear optimization,

2. Solving Eg. (1.1) posed as linear system of equatignteratively, or

3. Decomposition of with source power allocation to the highest peak of the source map at

each step in the decomposition
All techniques havassumptions ancbnstraintsvhich are justifiedaccording to tha@ature of the
source and measurement seflipe list ofresearctdescribed below is not meant to be exhaustive
(even within the aeroacoustics field), but is intendgatégent a breadth tdchniques which have
been applied to aeroacoustjgatialsource mapping.

In 2003 Blacodon and Elias developed a method for spatially mapping sowadirce
locationspowers from measured array microphone ddtseir method was based on signal
restoratimm, in which alinear model of the distortion (and noise) which contaminates the
measurement of a desired signal iGvenascarthing o r ec
grid where all sources which contribute to the measured SuesdralMatrix (CSM) are assunde
to lie, a modeled CSM is created by summthg Point Spread Functions (PSFs) from all grid
points to all microphone locationBhe PSF defines threlative phases and amplitudes that would
be theoretically be measured by an artsyng a used e f i n e & fudgtior eelatihg the
S 0 U s type/amplitudgyosition and propagation effect®.g. shear layerjo the microphone
positions. Monopole source radiation was assumed (i.e. source directivity is uniform in all
directions) andhesources were assumed to be uncorrelated.sblutions tehe unknown source
powers were obtained through leasfjluares error minimization between the measured and
modeled CSMsusing the nonlinear optimization tool Restarted Conjugate Gradient Method
Accurate results were obtained for both simulated and experimental data, suggesting that the
assumptions used féine modeled CSM were not violated that and method used to minimize the
error between CSMs producegbod approximations to the true source disttions. The
drawbacks to this method were that the modeled C&Msproduced from assumed source
propagation characteristics and that lessgtares minimization produces ronique solutions for

complex problems.
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Brooks and Humphreys (2004ublished a rathod that represented a step change in the
aeroacoust noise measurement communityheir methodology, called the Deconvolution
Approach for the Mapping of Acoustic Sources (DAMAS), uses the beamform response as a
precursor and removes microphone arragracteristiciassumed to be defined by the P&¥)
provide an estimation dhe sound soursepositionsstrengtls that exists in the scanning region.

It relies on a positivity constraint, allowed by the independent source assumption, which renders a
defined linear system of equations sufficiently deterministic. An iterative, relaxgfienmethod

is used to solve the oveetermined system of equations and provide-amibiguous, enhanced
resolution presentations of sound sourc&smodification to DAMAS titled DAMAS2 was
proposed by Dougherty (2005) which significantly redlttee computation time required for
deconvolution of the beamforming maghis was achieved by assuming the PSF to be- shift
invariant over the map defined and then treatingptblem as an image deconvolution. Thus, the
beamform map was iteratively deconvolved via forward and inverse spatial Fourier Trarafforms
the estimated underlying source distribution at each iteraionilar to DAMAS, the source
distribution is updated bad on the minimization of the measured beamform map and that
calculated via the estimatédt r diseiliution and PSFand a positivity constraint rejects negative
source amplitudes.

In 2006, Brooks and Humphreys published an extensidhAMAS to allow for coherence
between sources [Brooks & Humphreys 2006b]. The same iterative formulation was used, and
crossbeamformingrelationshipsbetween grid points was leveraged to calculate coherence
between sourcesn laddition to the source hees forced to positive values, thelative phase
betweensources was constrained to be zero. Simulations correctly produced the true source
characteristicshoweverexperimental data did not yietésultswhich exhibited the intesource
coherence the gbrithm intends to define due to the wavelerggtthe frequency investigatedd
estimated coherence [gihs of the sources under studyother issue was the problem scaling, as
the matrix defining the PSFs increaseth the 4" power of the number ofrigl points mapped.

Sijtsma (2007) developed an updated version of the CLEAN algorkd@gijom 1974]titled
i CL E-S K,0which intended to account fosound propagation to the array which was
inaccurately described by the PSFLEAN decomposes the initi@SM using PSFs which are

scaled by the beamform value of the peak source in the map. At each iteration a scaled PSF is

removed from the CSM, a new beamform is plotted withfindse gr aded o CSM, a neyv
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found and the process continues until a aefined stop criterion is satisfie€CLEAN-SC
changed the APSFO whi c hbymaifyisguhe steeang Yeetals usetito e a ¢ h
describe sound propagation from peak locations found on the beamfornTmapvas achieved
byrequiring thatthéf PSFO0 f or med vy i e ibeamfarm (wéhogespest totthepedk cr o s
source location) as that formed via the degraded C3ii4. is in contrast to CLEAN, where the

PSF does not changeduring the iterative decomposition of the CSNhe CLEANSC
experimental results showed improved resolution over FDBF, and more accurate source
localizationand dynamic rang@or the experimental setup showtman CLEAN and DAMAS

which both rely on the PSF.

Suzuki (2008)nvestigated solving a similar linear equationpased in DAMASyet using
eigendecompositonDue t o the complex nature of the #de
eigenvalue and vector), source types were chasepriori. Given the source type, the
corresponding PSFs wemngsed as models for soungropagation from the sources to the
microphonesln an iterative procedure, the complex source amplitudessebred for. Simulated
results showed accurate identification of source types. The experimental results presented were
gualitativelyfeasible buguantitativelynon-verifiable.

Sarradj (2010) also looked at subspaoalysis to spatially map sounid. this method, the
eigenvaluesfectorsdeemed a part dhe signal subspace were each used to form CSMs. Using
these individual CSMs, beamform mapsiddue generated corresponding to each eigenvalue. The
peak level and location in each map was saved, and the final source map was the summation of all
peaks obtained usin@eh eigenvalue. As eigenvectors are orthogonal to one another, the method
was termd Orthogonal Beamformingd.he results presented showed finer spatial resolution than
FDBF and had qualitative/quantitative accuracy similar to that of DAMA®. drawbacks were
that a cuoff for the number of eigenvalues to use had to be-dskned andthat eigen
decomposition suffers from similguantitative inaccuracies which plague FDBF, namely main
and sidelobe contamination

Bahr and Cattafesta (201Rjtroduced a method for deconvolving the measured array data
using planewvave decompositiorforthis, the CSM waselated to source autandcrossspectral
entities in the wavenumbelomain, and the measured aatnd transfer function matrix wee
accordingly posed in wavenumbgomain coordinateslhe solutionwas solvedfor iteratively

usingconstaints fromBrooks & Humphrey$2006b)as well as relaxation parameter to stabilize
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the solution procedurelhe iterative formulation sidest@pd the storage of thdull transfer
function which kepthe problem scaling tractable. Simulated results gld@ecurate functionality
in resolving source fields and coherent magnitudes/phases between sBxpegsnental data
resulted in qualitatively feasible source maps but uncertainty in quantitative \ea®lfound
possiblydue to the asumption that the swce field wa sufficiently characterized by plameave
propagation by the time the array sveeached.

These techniqugsrovide spatial estimates of the sound field being measérdchwback of
many of then is that the transfer functios in Eq. (1.1)must be modeledThe next section
describes the scope of this work and the approach taken to estsmmtnd useit to

gualitatively/quantitatively map the source power distribution.

1.2 Scope and Objectives

The overall sope of the work is tgualitatively/quantitativelynap spatial sound distributions
through processingf measuredarraydata In order to narrow the scope, relationships between
sources in the field are not consideraithough tie methodology useohly supports incoherent
source distributions, source directivitiesnd degree of coherena@e not assumediVhile
coherence between sources has not been studied, additional information used to modify the
technique to allow for coherent source mapping is feasible.

The algorithm presentesl a modification of Conditioned Spectral Analysiged Constrained
Spectral Conditioning (CSQCWhich operates osinglechanneFourier TransformsCSC aims to
obtain the sound characteristics at each microphone array chamm#rfgeted locations in space
(i.e. sound generation locations on the model under stlrdy)ost aeroacoustic test setups, the
total sound field measured at the array is a combination of the sound fields generated by multiple
and/or distributed sourcebhus, CSC aims to process the initially measured array data (all sources
present) and ideally decompose it into -slatasets which contain only the sound field
characteristics of a single targeted location. Referer€iggl.1,white lines are drawn whic
emphasize the idea of targeting the point on the model aircraft body where piedlteading
edge intersects thmdy. If the CSC processing is successful, the user would obtain an array dataset
(Fourier Transforms) corresponding to the sound genebgtedly that location on the model. In
order to do this, the sound field information from other (spatially separated) sources (e.g. wing

tips) must be filteredut. CSC performs this spatial filterilog each array channel by using other

11
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Figure 1.1. Hybrid Wing Body aircraft model inverted on its test stand in the NASA Langley

14- by- 22-Foot Subsonic Tunnel. View is looking downstream. Nineseven channel
microphone array (grey disk) mounted overhead used to obtain spatiadation about the sound
generated by the mod&White lines drawn from approximate microphone locations on the array
to the drooped leadingdge intersection with the body are shown to emphasize the idea of
targeting locations on the model, which is damerder to estimate the contribution to the total
measured sound field (as measured by the array) from the targeted location.

array channelé ir e f e r e n ¢ enedifigd, themshhbitracted fram tee channel being filtered
The way in which the referenahannels are modified is the key to CS@ne delays (or phase
shifts in the frequency domain) are used to relate the signal emanating from a targeted spatial
location to all array channel€SC modifies the reference channels used for filtering suclafthat
possible signal is removed in the subtraction process except that which satisfies the tise delay
defined between the channels and the targeted locdtims signals which arrivat the array
from locations other than that being targetelll have distinct time delaygwith respect to those
being preservedndare subject to cancellation during the filtering procésshis manner CSC
produces different filtered stdatasets whiclpreserve signal at targeted spatial locations and
attenuate that aving from distinct spatial locations from that targeted.

Finally, & CSC06s o0 u fTransformsEoald bei ieverséransformed to produce

microphone presswtame historiest he al gori t hmés output <coul d

12
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many existing algathms. In this researchCrossSpectal Matrices (CSMs) are formedndthe
CLEAN algorithm is usetb locate sources on a usifined grid and produ@stimates of from

Eq. (1.1) recast as

B;Yp(’,‘?ﬁ', B}‘Ypaiﬁixdk?
« =oeo o (1.2)
a poOo

where"Ysignifies the total number of sources in the fishdid the number of array microphones
The focus of this work ign estimatingthe wy , which can bedescribed as the source
characteristiceas measured by theray, more readilydescribedas0 , w. Once thew; have
been estimated, thoptions forsolving for thew are numeroud)ere dataindependentrequency
domain beamforming(FDBF) is chosen.Together, these three elements (CLEADSC and
FDBF) enable the spatial mapping of a source fietd p foomw data measured by a microphone
array.

The significant contributions include:

A Conditioned Spectral Analysis is constrained such tudierentsignal between two
channeldgs removed from onéprimary) using the other (referencejhile signal which
hasa userdefined phase delay between the channels is preserved

A The abovdormulationis embedded within an iterative loop whistocesses, chanriy-
channel, an entire array dataset for aaefined location in space. The lodptermines
the optimumreference channelsom the array based omaximum interferingsignal
cancellationandterminates the loopased omlatainformedcriteria,

A The outputCSMs formed from thigrocessare manipulatedin order to improvetheir
accuracy based amataindependenfrequencydomain beamforming, which is shown to
beageometrical projectionperation,

A Theoutpus of this entire process atfeenused to modifthe CLEAN algorithm in order
to spatially map ta sound poweat userdefinedlocationsin space

A Five methods of scaling the resulting source maps from thisfraddCLEAN technique
are given, whictare applicable to othatgorithms €.9g.CLEAN, CLEAN-SC, Orthogonal

Beamformim), and
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A A method is premnted to adaptively extrattte desired signabetween two channelghen
the crosscorrelations of the desired aKicbrrelated)interfering signaks) are sufficiently

separated.

1.3 Organization

The second chapter in this wogkvesthe motivationfor singlechannelprocessing which
yields subdatasets (derived from the origindijat are related to specific locations in the field
being measured. The processing methodology, algorithmic formulation, and supporting equations
of Constrained Spectral Conditioni(l@SC)are detiled.Examples are given which exemplify the
processing resultd.astly, he CSC outputs are used to form CSMs and FDBF values, venech
used to modifghe CLEAN iterative schemend produce a novspatial sound mapping technique.

Chapter 3 shows the behavior of C&6ed to modifyCLEAN ( A-CBEAN when
mapping a simulated, incoherent source distribution whose cantegtated levels and position
areknown. Various source and measurement conditions are investigated in otdawx toosv the
different scenarios affect CLEARSCo6 s abi l ity to accurately map
the scaling methods given in Chapter 2 are shown as a function of frequency. Implications of the
results are discussed and processing recommendatiade.

Three experimental test cases from dadrea col |
presented in Chapter. A calibration point source example is shown to verify CLEEBN C 6 s
gualitative/quantitative accuracy under experimental conditibhen, twoairframe component
test cases are shown which can be refeceticpreviously publishe®AMAS results|Brooks &
Humphreys 2006aJrhese are an airfdilailing/leading edge test and an airfoil with flap edge/cove
test Agreements and disagreenebetweeidAMAS, CLEAN, and CLEANCSC are discussed.

A summary of the entire work is given in Chapter 5. Major conclusions are listed and
recommendations for future work are providdthe appendices start with a technique for
estimating the crosspectral magnitude/phase of a desired signal between two channels when
correldged noise exists on each. Nea&trors which are present in the dd&pendent values used
in CSC are given, folloed by those arising fronmcorrectlydefined steering vector$hen the
spatial resolution of CSC is defined in more absolute terms than those given in Chiajizih?.
anexpermental dataset is used to shtiwe effects of using the dateependent ansteering vector

errors to constrain CSC.
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CHAPTER 2 THEORY

2  Theory

This chapter details the methodology used to process microphone array datasbis goal
of qualitatively/quantitativelyaccurate spatial sound source mapping. Supporting equations are
given as wellas illustrative examples. The beginning starts with siabknnel processing and

builds to a full algorithm which spatially the maps the sound field measured by the array.

2.1 Constrained Spectral Conditioning

A method which removes correlated sigriedm singlechannel microphone quits is
presentedThe purpose of the information rewabis to produce different sedatasets (all derived
from the original) which contain distinct information of different parts of the sound\ikidh
was originally masured.lmproved spatial sound mapping accuratg follow-on processing
techniquess the impetus for preprocessing the singt@annel dataln this work, CrossSpectral
Matrices (CSMs) are formed from the preprocessed datasets which are then udeth for
independent frequengyomain beamforming (FDBF). The FDBF values obtained from these
CSMs prove to be more accurate than those generated from the initial, unprocessed CSM.
Constrained Spectral Conditioning is used to estimate the signal comingtixogetad spatial
location from data measured by a microphone array. The general concept of the algorithm can be
summarized as follows. Using the microphone outputs, information about targeted locations in the
field is desired. In order to produce more aatel estimations of the source characteristics at a
targeted location, information from other sources in the fieldat the targeted locatioshould
be removed. Targeted locations in space are related to the array by time delays of the sound from
the spéal locations to the microphones. In the frequency domain, these time delays are equivalent
to phase delays (or shifts). Figure 2.1 gives a phasor diagram which represents the common signal
between two microphones as a green arrow: the length of the pnesents the magnitude of the
signal, and its position within the four quadrants represents its phase. Note that this total signal
(green arrow) between the microphones is dualtsources present in the field being measured.
When a single location isutgeted, the phase a source at that locatmid havebetween the two
microphones can h@e-calculated This phase is given in Fig. 2.1 by a blue arrow. Now, in order
to estimate the signal which has the phase of the blue arrow we will remove inforfraticthe

total signal (green arrow). In order to preserve the signal we desire in this removal process, only
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Phase (delay) between

Phase orthogonal channels from source
(¥90°) to targeted at targeted location
location

Signal between channels
which can be removed
without affecting signal
from targeted location

Figure 2.1. Phasor diagram describing the function of Constrained Spectral Conditioning.
Information is removedb{ack arrow) fromthe total signal (green arrow) without affecting the
signal which is being estimated from a targeted location in space (phase of blue arrow) because
the information removed is orthogonal to (red line)ghase of the targeted signal.

information which has aorthogonal phas€+90°) to our targeted location can be removed from

the total signal. In Fig. 2.1, this orthogonal information is represented by the black arrow. In
summary, the signal represented by the black arrow can be remowethf total signal (green
arrow) without affecting the signal we are trying to estimate (with phase of the blue arrow) because
the phase of the black arrow is orthogonal to the signal coming from the targeted location.
Constrained Spectral Conditioningrfiems this information removal from the total microphone

signals measured in order to estimate the signals coming from a targeted spatial locations.

2.1.1 Background

This first section presents the theory and supporting equatitiok are needed to ddep the
novel singlechannel filtering methodyiven in sections 2.1:2. All supporting material is
referenced accordinglyAdaptive noise cancellation (AN@msto remove the linear effeg; in a
leastsquares sense, of ngtationary (norsteadystate)inputs to a given systerit.was originally
formulated for use in the tirmgomain [Widrowet al 1975] and was later extended to the
frequencydomain [Dentinoet al 1978] which yielded the same result accuracy and decreased
computation time. Under simfikd test conditions, ANC has shown improvement of array

processingesults in low Signato-Noise Ratio conditions when the interfering noise was coherent
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between a reference sensor and the array channels EBpalt 2011]. The classical ANC
formulationis limited in the sense that directional information about the spatial sound field is not
used in the processing. When the classical formulation is modified to leverage directional sound
field properties its use can be extended to situations in whichtidred ANC would give
erroneous results ([Spat al 2012]; Appendix A).

Conditioned Spectral Analysis (CSPendat & Piersol 1986] is the egalent of ANC in the
frequencydomain for stationary (steagbate) inputs. The statistical convergence erogs of
ANC yield more accurate results than CSA due to the bioditock adaptation of its filtering
process. However, ANC must be constrained to prevent instabilities [Bershad & Feintuch 1986]
and is significantly more computationally expensive th&A\CAs the current research deals with
steadystate signals, and thus blettdkblock statistical variations are expected to be minimal, CSA
iS a more apppriate processing scheme. This work modif@SA in order to enable its
generalized usage for arragopessing beyond its classical formulatarthe unique applicatian
shown in Spaléet al (2012) and Appendix A.

The novel methodintroduced inthe next sectioms a merger of£CSA and a modified version
[Liu & Van Veen1991] of the Generalized Sidelobari€eller [Hanson & Lawson 1969; Griffiths
& Jim 1982]. Both aim to remove the linear effects, in a iegafires sense, of inputs to a given
system Starting with GSA, the equation foremoving the linear effects of an inpli@ from an

input&Q is gven as

0 O Q 60 Q 600 Q

(2.1)

where6O "Q is the discrete Foiar Transform at frequenc¥obtained from the pressure time
history of microphoned (i3Q), 'O  "Q is the onesided block-averaged crosspectrum
betweert3Q andd3Q [Bendat & Piersol 1996

O Q —B 0§80 HYSEO j WY (2.2)

where0 is the number of data blocks that thmdihistory is divided into;Ythe lengh of a data

block in samplesy a data window constanand the asterisk * signifies complex conjugation.
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Finally, "O "Q is the onesided, blockaveraged autospectrum (calculated as in(Eg)) of

microphore & . CSA useshe WienerHopf equation

Qo Q (2.3)

asthe optimum, leassquares estimate of a weighting term that when multiplied ®ith "Q
and subtraed from&"0 "Q, removes theorrelatedsignalbetweenidQ anddQ from ¢3Q at
frequencyQn a leastsquares sense.

Some notation details are addressed. Frequency dependence is implied and will be omitted
hereafter unless explicitly statedherwiseor if an equation would be incomplete without its
inclusion Using the convention @dendat and Piersol (1986) hat * above a variable signifies an
estimate of that variable (a measured lgeuantit
(theoretical). Also, in instances where the spatial significance of the microphone(s) is emphasized,

a vector above variable will be used @ie. however, this is just for emphasiscas @ .

The Generalized Sidelobe Cancell&30 is an unconstiaed, adaptive processing scheme
which eliminates signal in a beamform which does not arrive alongetreeinf or mer 6 s st e
direction (which corresponds to a targeted location in spatle)s, signal arriving from this
targeted location is preserved amghsls arriving from other spatial locations are attenudter.

is accomplished with three separate filters shown inFgwis thediscrete timenput data from

—
I e — yDAS * +
xm=1__m — / r T szc
- -
> B —x,—&» W —Y, —4
>
/

Figure 2.2. Block diagram of the Generalized SidelobeCanceler.

asetof 0 microphones,andi s t er med t h ewhiclhid desigked to @mawveasigmali x o
in @ which arrives from asteering direction defined b2 Using a delaandsum (DAS)
beamformer [Van Veen & Buckley 1988] as an exampie,dutput ofé could be obtained by
delaying by the same delays used@and then subtracting thefrom & in order to (ideally)

remove the signal arriving from the steering direction. The adaptive dilteés designed to
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transforma into a leassquares estimate of the correlated signal betwieeandw . This
estimate @ ) is finally subtracted fronco  to give the GSC beamformed signal . Note that
@ andw have multichannel inputs and are each single outgtaismore details and how GSC
fits into the general beamforming context S&& Veen anduckley(1988)

A variation on the GS(Liu & Van Veen1991]is to perform the adaptation accomplished by
w prior to the DAS beamformer. Thus, the filteiis still designed taemove the signal coming
from 'Q but the subsequent adaptive filtering is performed on the original input sgi@ito
beamformingas shown in Fig2.3. Note that each channel is filtered independently and then
combined to form the beamfoed resulto ;. The advantage of this modified formulation is
that the signals are edited at the singfl@annel level, and thus follean processing not available
to the formulation shown in Fig. 2&ould be availableAlso, the filtering procss (i.e. before
synthesis occurs) can be repeated. disadvantage is thalynthesizedstimates (whethab
or w ) used inhe cancellation step of Fig. 2aPe more accurate than the singl@nnel estimates
used in the cancellation step Fig. 2.3 because: (1) Signals which sumphase are reforced
and those owbf-phasettenuated, and (2) Incoherent noise between channels is attenuated [Bendat
& Piersol 1986]0Only the final outputef Figs. 2.2and3 are equivalent [Liu & Van Veen 1991].

v +
xm=1 ; Z ‘
B, - Xm,B > Wm - xm,BW
b -
: L ) e ! yGSC,mod
v +
xm=M ] ; |z

> BM XM’B > WM - xM,BW J
AR

Figure 2.3. Block diagram of the modified Generalized SidelobeCanceller.

The novel pre-processing techniqudevelopedin sections 2.1:2 uses the methodology
employed by CSA and the philosophy of the modified GSC shown inZ3g.The CSA

methodology was chosebecause the area of reseaddals with acoustic sources which are
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stationary in time and space, allows for pagicessing which is not spesdnsitive, and requires
results in the frequency domain. That s#i, inpus to CSA are frequenejomain quantities and
more accurate for stationary signals. The proposedilgreng technique aims to remove from
the original dataset theorrelated|inear effects of signals which do not arrive at the microphones
from userdefined spatial locations (philosophy of GSC) using a modified version of2Hq.
(methodology of CSA), and is termed Constrained Spectral Conditioning (CSC)is the main
novel contribution of this work and builds upon the techniques described ind¢hansks details

are given in the following three sections.

2.1.2 Blocking/Filtering Weight Term Definition for CSC

CSC is performed by using a term which combines the blockingvarghting functions of
Fig. 2.3into a term similar to Eq. (2.3) foisa in Conditioned Spectral Analysis (CSA). The first
step is to spatially relate the microphones to points in space where information about the sound
field is desiredThe freef i el d Greendés function defining the
a pointin space to a microphoné as a function of frequencand Euclidean distande

betweeri andd in a quiescent, isotropic medium is

— Qofe— — Qaip (2.4)

whereais the speed of sound in the medium betwieandd . Note that both the steering location
and microphone position are denoted as Euclidean vectors. Eq(@dpis an example of a
steering vector betweeni and & ; for other example formulations usdd aeroacoustic
beamformingreference SarradR012. Therelative phase between two microphodesnd &
corresponding to sound arriving from locatibrcan be calculated from the difference in their

steering vector phases

n. "M h n n — i i (2.5)

The aim ofthe GSC as presented Fig. 23 is to remove signal on channéls p© 0 which
does not arrive froma targeted locatioh. TheCSA methodology is to be used to accomptisis,
yet Eq.(2.1) does not contain spatial constraints necessary to preserve the signaroving

from i. What is removed is the coherent signal betw&eand & , accomplished through Eq.
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(2.3), which is similar in functn tow from Fig. 23 but noradaptive ReferencingFig. 23,
something which accomplishes the function of the blocking métiix needed which does not
allow the signal from to be removed frond"O in Eq.(2.1).

The proposed technique leverages the existing coheleastsquares signal removal
accomplished by the use of tiléenerHopf equation [Eq. (2.3) in Eq. (2.1)The WienetHopf
equationis then modified to accomplish the functionéofrom Fig. 23. In order to preserve the
signal emanating from, only the magnitude of the coherent signal weighting term from Eq. (2.3)

which is orthogonal to the relative phase betw@eandd corresponding to (" . ) is used.

Through geometry this magnitude is

S— oo - (2.6)

which is the magnitude of the projection of the vector defined by Eg. (2.3) which lies along the

line orthogonal t@ . To complete the modification of Eq. (2.3), the phase of the line onto

h
which it has been pjected replaces theossspectral phasef Eg. (2.3).In the timedomain, this
is equivalent toremoving from one channelll possible correlatedignal betweent and the
reference channelhich does not have a usdefined timedelay between tme; thedelay would
be that calculated between the channels for signal emanating from a targeted location. in space
Concluding, the modified version dhe WienerHopf equation which in a novel fashion

accomplishes the functions @f andd from Fig. 23 simultaneously, is defined as

w6 i ——QE& D o - Qoran . - (2.7)
Figure 2.4gives the geometrical representation of the transformation of Eq. (2.3) into (2.7).
This is the same diagram from Fig. 2.1 only with the underlying equations includied; Eq.

(2.7), the modified version @SA (Eq. (2.2) is
6 Oy, i 60 wo6ihh 60 2.8)

Equation (2.8) represents the means by which spatiatipstrained spectral conditioning is
performed in the current woidnd is termed Constrained Spectral Conditioning (CB@lies on

CSA for the frequencgomain removal of information frorme channel using another as a
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Figure 2.4. Modification of the Wiener-Hopf weight vector through orthogonal projection.
Modification allowsfor correlated signdiltering yet preserves signal which has the wtsfined

steering vector phase. =~ betweerthe channel being filtered and the reference channel used.

Areferenceo. |t borrows the idea of #fAblockinc
specifed location in space which is being targeted. The merger of the CSA and GSC is achieved
using orthogonality and allows CSA which is strictly dd&gendent to become CSC which is

data and spatiallydependent.

The effectiveness ab 6 can be ascertaiddrom its magnitude. Note that it is comprised of

two distinct component$l) —— which is similar in form to the ordinary coherence function
[ — (2.9)
and isdatadependenonly, and(2) AT O noe — which acts as a spatial filter for a

giveni, &, a , and"Qand thus is spatiatyand datadependent (datdependence from ).

Thus, signal removal in E(R.8) is greatest for high coherencdweend andd , low incoherent

noise between the channels (as increasing the level of incoherent noise-drived Tmasv ©

H), and a crosspectral phase as close to —as possible. Conversely, the closer the

h
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crossspectral pasen comes to the steering vector phase  (in the time domain this

would be the closer the time delay between the channels comes to that defined for the targeted
location in space)the smaller the magnitude of 6 becomes reducing the ammuof signal
subtracted frondO in Eq.(2.9).

In a noisefree, singlesource field, it is verified that the information from that souicg is

preserved 000 when performing CSC with Egs. (2.7, 8) and targeting the location of the source

(i i ). Thisis due to the fact that the crag®ctral phase on the channels is solely dileite.
n n . . Thus Eq. (2.7) becomes
@O i ——oér . 0. -Qaofy . - mE2I10

and Eq. (2.8) reduces to

0 Oy i 060 moo 60 (2.11)

However, multiple and/or distributed sources will have a combined influenée on. Under

these circumstances, the preservation of a soukcis ainly upheld for incoherent sources and/or

di stributions (using the phase modelling defi
superimposed on the channels. For this fieltvftal sources, the autospectral densitg aand

crossspectral density and phase betwéeandda are
0 B O
0 s B Oy Oy Qofpy (2.12)
»T BT 0 Qo
Therefore, given this source field and targeting sourcey 6 can be written

06 ik B ————GEn . 0 . - Qof -
(2.13)
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Wheni i ,the cose term equals zero, and thus that term of the summation is zeroed preserving
sourcel . Note that sources which are coherent with respect to each other have additional cross

spectral phase terms

n O, O Q'# 0y 0 Qo N op
i

(2.14)

wherel is the ordinary coherence between soureadi . Therefore, wheh i the cosine

term in EqQ. (2.14) can have additional terms (comparéthjtd2.13)) preventing from zeroing
itself and thupreventing the preservation iof.

Concludingfor the steering vector formulations used her@, is only accurate for incoherent
source distributions. However, if information about the coherent nature of the field can be
incorporated into the crospectral phases between chann@l$, could be used under coherent
source conditions and its accuraepuld depend on the accurate modelling of the coherence

effects on the crosspectral phases.

2.1.3 Optimum Reference Channel fors: ||

Constrained Spectral Conditioning (H@.89)uses a single @f¢§foerence
perform cancellation. If more than two channels comprise the array, the refetearmel which
is usednust now be chosen. As the goal is maximum cancellatidler the constraint of Eq. (2.7
(preservation of signal froir), the optimunreference cannel is that wth the maximungo 6sas
close to 1 as possible without exceedingld s p enlargesd"O in Eq.(2.8), which, while
hypotheticallyvalid under noiseless measurements of incoherent sources, in practice will amplify
both the signal and n@son60  degiding the accuracy of Eq. (2)8Thus, for a given and

a , the optinumreference channél satisfies
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(2.15)

2.1.4 CSCProcessing Algorithm

Equationg2.5, 7, 8, 1pdefine the properties @SC which removsignal from array channels
while preservingsignal froma targeted point in space fan incoherent source field\ novel
algorithm is now introduced which automatig processing of an initiarray dataset using
known miaophone array coordinates amskerdefinedscanning locations.

The initial 0 time-pressure records of the fulink dataset are Fourier Transformed and a
CrossSpectral Matrix (CSM)dach elemerformed according to E@2.2)) is formed

«© Q E O, ]

O 110 E A é (2.16)
[1é E én
o E E O U

This CSM is used to provide the autospectta ( ) and initial crossspectral magnitudes and
phases (O andn ) for use inw 6. Then, the difference in steering vector phases is
computed for each microphone ipfr a given steering location frokg. (2.5). Note that changes

to the Gr eenods (24))duetb iheopnopagédtian snediurh Bust be accounted for.
For example, if sound is convected by wind tul
layer, the quantitg* "¥Yo f must be addedr subtractedo the phase of Eq2.4). This

value is themodified (compared to the direct path of H&.4)) time required for the sound to
propagate from to & due to convection by the flow and refraction by the shear layer. It can be
cal cul ated usi ng m8thod JAniét 4978hdapted itora uskelafinesl sudface
approximating the shear layarastly, note that any uselefined phase may be used, depending

on the experimental setup, which is thought to best approximate the propagation from a location
in space to the microphones. dmote that these relative phases are the only constraints that CSC
needs to process the channel data, however other modifications can be applied (for example,

relative magnitude differences between channels).
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An iterative loop is used to remove sigfraim each channel using other chanmelseferences

(one reference per iteratiorhe iterative procedure for chanigeland scanning locatioinis

~ ~

50 i 80 ®6 ik 60 0 p
(2.17)
50 i 80 ifa w6 i 60 Q p

In each iteratione O is recalculated using ain determined from Eq. (2.15) block diagram
illustrating the first iteration of Eq§2.17) is given inFig. 2.5 At each iteration, thepdated channel
is only saved if the following two criteria are met:

60 i 60 i (2.18)

—B 00 . 00 . 0

py

0
=
=

(2.19)
00 : w6 i 60
If both conditions are not met, a new reference channél is used (in descending orderthé
calculatedgw 6sfor that iteration). Once all reference channels have failed the criteria of Egs.

(2.1819), the channel is saved (for the givg@rand a new channel is processed.

+ ;
—CH,, > & —cHi (5 mp ) —

WB'Y=1(5,m)
i Estimate of
T -: Estimate of Coherent Signal Orthogonal Sl it
- Pseudo-Ordinary-Coherence To Steering Vector Phase
f : |WB| chosen
Il (data dependence only) (data and spatial
-.E .'. dependence) :
: A ; = max||WB™=1(5,m,m")
|Gmm’| cos (@ " ——E)exp i( I i [l’ Y |]
G L mm smm’ 9 5;mm' ! fOT m=1-
mm H

:
I eemaeememeemceesesesesmaseem-esSm—-————--——ees——ess——eee—.--—————————————-—e} my F m

Figure 2.5. Block diagram of first iteration CSC (Eq. (2.17).
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The criterion of Eq. (2.18) prevents the addition of signal to the channel which would be
counterintuitive to the processing methodology. That of(E49) dictateshe magnitude of the
signal to be removed be greater thiha crossspectral magnitude dhe incoherentnoise floor

betweend& and & . This implies that the coherent signab be removed fromo™O
w6 ihay 6= cannot giveaccurateestimates once theagnitude of therossspectral

noise floor level betweed andd has been reached. ANoi se f|
incoherentsignal, whether electronic or real, which is present on the chatmefgy static (no
flow) conditions.This noise floor is the lower bound at which a coherent signal can be measured
on the microphonedts incoherence is stressed because incoherent signal between channels will
not contribute deterministically toO orn

Constrained Spectral Conditioning as a novel filtering technique for arrays has been defined
via Egs. (2.57, 8, 15, 1719). The following two sectiongive examples of how CSC filters the

initial dataset using weknown statistics in frequenayomain aeroacoustic applications

2.1.5 CSCCross-Spectral Magnitude/Phase Convergence

The resulting channel autasgira, crosspectral magnitudes, and cregsectral phases after
CSC has iterated fully are a function of the cancellation ability of the array for a given dataset and
scanning location. The only constraint used is the steering vector phase (or maeyprew
resulting phase differences between channels) of a signalifrdrne iterative process of Egs.

(2.17-19) gives a CSC output crespectrum betweetr anda for locationi

Oy, 0, QO ; (2.20)

which is an estimate of the cresgectrum betwee@ andda if only the source at were being
measured.

An example of the convergence of the crepectral magnitude and phase between channels
during Constrained Spectr@onditioning is shown. The microphoaeraylayoutshown in Fig.
2.7 is used to generate synthetic datasEtevenincoherentpoint sources are positioned in a
scanning plane 600hdf rusme dt teo arernaey agleames ound
the Large Aperture Directional Array (LADA, [Humphreyst al 1998]) The processing
parameters used for data generation were a sampling r&&»50 kHz 0 =1000 data blocks

27
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and a datdlock length™¥8192.An estimate of the average array powemnfra source at is

given by thedataindependent frequeneomainbeamform (FDBF) using the initial CSND

A — (2.21)

where a component of the steering vector marifor channely is

Q — Qi
(2.22)
Q ©Ot@ Q E Q
where & is the geometriccenter array microphone and supersciigisignifies conjugate

transposition. The beamformed value is a me@ssuresquared quantity calculated for a spatial

locationi and frequenciQreferenced to a single microphone level by dividing by the total number

of array channels squared (numbenofirzero CSM elements)he magnitude ratio term—

serves to account for the difference in distance travellediftora andd . An increasedlynamic

range version of Eq. (2.21s obtained by setting the diagonal elements@fo zero(diagonal

removed = DR)

NI R — (2.23)

which serves to remove microphone sw®lise contaminationfMosher 1996; Brooks &
Humphreys 1999]The point sourcstrengths are set sudmat each source indendently has a

DR FDBF value of 100 dB atraarrowband frequency of 17 kHEig. 26). Although none of the
sources mainlobefrea directly surrounding source peakg within 3 dB of each other, their
sidelobegconstructive phase suming generates false source locationge the peak source level

in the map to 101 dBThe mean ordinary coherence between array channels (excluding auto
coherence) [is 0.1 due to the presence of multiple sources.

The middle source at (x,y) = (0,0) in Fig. 2.6 (box drawn around it) is targeted and no steering

vector errors exist (i.é. i and the phases fromto all microphone® are the same phases

used to generate the data). The first and second chanrleés iMDA (marked with red crosses
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in Fig. 2.7) are used for subsequent analysis. The two channels are processed (using all array

channels as possible references) with CSC until the stop criteria have been satisfied

100
99

98

X
dB

Figure 2.6. DR FDBF for synthetic source setupll incoherent point sourci,: 17 kHz, z=
6 0 Ye,= Y« =0 . 2rBean coherence across array%0.1.
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Figure 2.7. LADA microphone layout. Channels marked with red crosses useaiadysis.

Figure 28 shows the crosspectral magnitude and phase convergence of Eq. (2.20) with

iteration in the top and bottom subplots respectively. The correct-gpessral magnitude and

29



CHAPTER 2 THEORY

phase for a single source at (x,y) = (0,@hiesare plotted a solid red lines. Due to the number of
sources the crosspectral magnitude between the channels starts out (i.e. the initial, unprocessed
CSM crossspectral magnitude) at 108.6 dB. As the first channel is processed thesmpeossl
magnitude and phas®mnverge toward their correct values. Note that when the CSC processing

has ended on channel 1, the crsgsctral magnitude and phase are very close to their correct

L 1
108 ‘Bcgin processing CH | ‘
106 =, CH, converged,
1 ~ N —
2 104 Start of CH2 processing
102 CH2 converged
100
1
T
0.6
—
= 0.4
[
s .
o 0.2
< o - A g
.._vﬁ}‘;m Ny T R W e e S DR WR—
= O T = PR
Q0 2Fe= " _‘a.."_.-
-0.4

0 100 200 300 400 500
Iteration

Figure 2.8. Crossspectral magnitude and phase convergence thiincreasing iteration of Eq.
(2.17) Two channelauused are thosmarked with red crosses in FigYZI: 17 kHz,7=0.1, SNR
=40 dB.Solid red linegdenote true crosspectral magnitudeh@ase values for the targeted source
(box drawn around it in Fi@.6). Black dots ar¢he changing crosspectral magnitude and phase
between the channels as a function of iteration.

values (errors are +0.3 dB atdO1radians), and channel 2 has yet to be processed. This is because
channell has had the influence of the other 10 sources present on the initial dataset almost
completely removed, and thus the cohesghal between the channels is almost entirely due to
the source being targeted. Once channel 2 begins to be processed dlustnatie crosspectral
magnitude and phase are seen. Note that the magnitude only changes slightly, but as the
information from other sourcesrnsmoved fronthannel 2 the phase between the channels is much
more sensitive. As channel 2 continues to bEc@ssed the values continue to converge. Once
channel 2 has finished being processed the final error.8%dB and6.4e4 radians.

The same dataset is used again, however the SNR is lowered to 20 dB. Rgin@\& the
convergence results. At thever SNR it is quickly apparent that the results are less accurate. The
final converged errors are +1.6 dB aticbe?2 radians. This decrease in accuracy is due to the
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Figure 2.9. Same ad-ig. 2.8 for simulated field of FDBF in Fig. 2.6except SNR= 20 dB.

lower bound thatv 6 can take before the noise floor stop criterion is enforced (note the reduction
in iterations between Figs.and 9. This is due both to the increase in the level ofikeherent
noise floor as the SNR is decreased, and the decrease in thiepatent part ab 6 due to the
increase in its denominator.

A third case is investigated. The DR FDBF is shown in Fit0.ZThe same conditions from
theprevious case remaihpwever 6 of the 11 sources have been removed. The resulting mean
ordinary coherence is now 0.21. The peak value omtdge is now 100.5 dB. Figure 2.fives
the crossspectral magnitude and phase convergence results. Due to the reduced number pf sources
the initial crossspectral magnitude is now only 103.1 dB. Similar convergence trends are seen
from the previous two cases. However, when the two channels are finished being processed, the
error is much lower than that seen in Fig. 2.9 (0 dB-&ntke3 radians). The reduced iteration
count is due to the decrease in number of sources to remove. The accuracy increase is due to the
increased coherence (due to fewer sources) increasing the numerator of-thepdatient part of
wO0.

A final case ignvestigated. The DR FDBF is shown in Fig. 2.12. The same conditions from
theprevious case remain, however the sources are moved much closer to the targetsolceater
The influence of the neighboring sbpdBrsmeas 6 mai
the beamform such that 5 distinct sources are no longer identifiable, and the center source appears
to move upward slightly The resulting mean ordinary coherence is now 0.22. Figure 2.13 gives the

crossspectral magnitude and phase convergeeselts. Due to the spatial concentration of the
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Figure 2.11. Same as Fig. 8 for setup shown with FDBF of Fig. 210 (7= 0.21).

sources, the initial crosspectral magnitude is now 106.1 dB. The resulting convergence errors

seen in Fig. 2.3 are now greatehan the previous case0.2 dB and3.5e2 radians. Even though

the SNRIis equal and [slightly higher between Figs. ZXnd 13the accuracy decreases due to

the encroachment of sources on the targeted source, decreasing-thediafzatiallydependent
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cosine term ofw 6 thus decreasing its cancellation ability before tioise floor criterion is

reached.
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Figure 2.12. FDBF similar to Fig. 210 except £ = 0.2 and sources moved closer to (X,
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Figure 2.13. Same agrig. 2.11 for setup shown with FDBF inFig. 2.12 (5= 0.22).

These results indicate that both high coherence between array channels and low levels of

incoherent noise (high SNR) will increase the accuracy of CSC in producing correctprossl
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magnitudes and phases when targeting soucegitms. It was also shown that decreasing distance

bet ween a targeted source and neighboring sou

2.1.6 CSC Beamwidth and Sidelobes
Given the ability to remove signal froanray channelget preserve sign&lom a targeted point
in space, the objective of Constrained Spectral Conditiasitwofold:
1 When targeting docationi where a sourcé is located remove all signal fronthe
channelexcept that due tb , and

1 If no source exists @t remove asnuch signal fronthe channelss possible

The spatial resolution of the algorithm is dependent upenability to cancel signal on the
channels when targeting locations in space near sources. This will depend on the calculation of

o 6, separated intostcomponents. The spatial and edépendent tern € i no

-, in general decreases (reduced cancellation ability) with:

1 Decreasing frequency,

1 Decrease in the number of unique vector spacings of tkerrag [Haubrich 1968
Underbrink 200p,
Decrease in the number of microphgnes
Decrease in the array apertuaad

Increase in distance between the array and the source(s)

The datadependent termy——, decreasgwith:

Increasing frequengy

Increasing number of individual sources

1

1

1 Increasing spatial extent of distributed souyces

1 Increasing magnitude of incoherent noise between chaftezisease in SNR), and
1

Decrease in distance between the array and the source(s)

Fora given array, frequency, source field, and fixed source field/array geometry, the incoherent
noise present on the dataset will be the limiting factor of the spatial resolution. The incoherent
noiseaffecst he al gor i t hmds HEgo(R. e which lndsrthe emagnitside ofa i n t
signal that can be remové@dq. 2.17)) in the following two ways:
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1) As the level of the noise floor increases, the-dafgendent part @b 6 decreases

(as the noise floor is incoherei®  will grow much faster thanO  with an increasing
noise floor level, especially as © H as increased averaging will lower the crspgctral

amplitude of incoherent signgBendat & Piersol 1998, and

2) The crossspectral value of the noise floo€( ki Increases.

Assuming that the incoherent noise does not/bias [Bendat & Piersol 1986the decrease in

the datadependent part ab 6 decreases the lowdound of the cosine term which in turn limits

n - approaching . To grasp why this affects resolution, take the scenario of a monopole

source, nois-freeenvironment, and quiescent, isotropic propagation medium. In this instance, the
location of the source is denotedandn n n .. The spatiafesolution ofCSC
is determined by the ability to remove signal from the array channels when targeting locations in

space surrounding . Thus, as the targeted location in space approeichesﬁ on .

andAT © N - Al © : o - 0 AT O- 1 Therefore, any
decease in , increase in"O kR » or both, raises the lowdound that
AT O n o - can takgas part offw 609 and stillsatisfy the incoherent noise floor

constrant (Eqg. (2.19)).
In order toi nvestigate CSCo0s spati al cancdatd | ati or
independent frequenayomain beamformin@~DBF) for a gvensimulated setup, frequency, and
SNR. Leveragingelated work that has been published, Bghtally generated dataill be used
for the Large Aperture Directional Array (LADA) in a setup investigatedBmooks and
Humphreys(2005) A monopole point sourcis simulated a distance af=  § i@ kine with the
geometrical center of the array sampling rate ofOE250 kHz was used and=1000 data blocks
were generated with length=8192.The narrowband frequencies simulated are 1, 6, 10, and 40
kHz, at SNRs 0f10, 0, 10, and 20 d®&here SNR is defined as

32 pk i C (2.24)
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andd is the average power (pas@lsf the signal across all channels

0 -0 10 (2.25)
whered 1 denotes the matrix trace (sum of its main diagonal).
A grid bisecting the point source location of area 3®vith gridp oi nt spacing of
CSCis carried out for all channels and scanning locatiori¥producing a new datasettimes
large than the initial one. In other words Fourier Transformed pressure records become)
Fourier Transformed pressure records, one sét ofécords for each. Once all channels have
been pocessed using CSC, autand crossspectraare obtainedrom Eq. (2.20) forming the

resulting CSM foii

@
Je;
M
O

. .
1 7). - 2 2

o a8 B &7 (2.26)
11 e _ ,..E e ]
jor E E Op U

which ideallycontains only the information from the sourcé .at
Replacing the unmodified, initial CSMith that obtained from CS@ Eq (2.23 gives the
CSC DR FDBF output at

ooy i —I (2.27)

For each frequency and SNiRe metrics tadatedarethe lateral (parallekith the array plane)
and longitudinal (perpendiculamtthe array plane) beamwidtithe lateral beamwidth is
defined as the width across the main beamform lobe whose level is within 3 dB of the peak level.

The longitdinal beamwidth is defined as

& Y 'Y (2.28)

where'Y is the 3 dB down distance between the array and the sourc¥ ahe 3 dB down
distance from the source extending away from the array.

As anexample case for plotting narrowband frequency of 10 kHz will be used at a SNR of
20 dB Figure 2.14 shows the laterahnd longitudinalbeamforming results fdDR FDBF (Eq.
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(2.23)) and CSC preprocessedeamforming(Eq. (2.27) Levels are plotted normaéd to the
peak, such that the peak level a{source locatior (0, 0, 60 in) is 0 dB and other locatiorase
plotted in negative dB relative to the pe&@omparing Figs. 24h and b, it is seen that of
2.13 is mud smaller than 2.28(0.0r vs.2 . 5 4 0 ) peaknsidielobels present in 2ak8e ~23
dB higher than those in 2.13k8(3 vs.-30.4 dB). The sidelobes have been redugecause no
source exists at those locaticgausd consequently the resultif@;, 5 have a greatly reduced

magnitude when compared’®@ . The only location where signal is preserved is that of the source
e § @ [ { .Thelongitudinal beamform is plotted in the same manner as Fig
2.14a,b in 2.4c,d The center of planigisects the source location but thaxis is now the -axis
representing perpendicular distance from the array face. The same differences e itvEid
asabyet2l14ddoesndt r es o htioneas dlobety ass2db3the tateral Iresotidan for
arrays is sharper than the longitudinal, a tratlsdfound inBrooks andHumphreyq2005).

Table2.1 includes results for narrowband frequencies of 1, 6, 10, and 40 kHz, abENRs
0, 10, and 20 dB. e laterabeamwidth and longitudinal beavidth are givenTheaverage ratio

— for both techniques is1d1.]1, regardless of SNR or frequenchhis signifies thatCSC

preprocessing still exhibits the same general loss in resolution in the longitudinal directional
relative to the laterads FDBF. Note that at a SNR o6fL0 dB, the CSC preprocessingbiarely
implementeddue to thenoise floorconstraint of Eq.4.19) and thus the CSC output CSM is very
similar to the input CSM 1.0y ‘O . As the SNR increaseghe spatial resolution
improvement oveFDBF increases dramatically: from ~2.8 times sharper at 0 dB to ~30.8 times
the spatial resolution at 20 dB SNRastly, the source strengttor all cases was equal between
the methods(® | W [ (), indicating that CSC does not remoseurce signal
from the channels when correctly steered to its location.

Figure 2.5 shows the trends of lateral beamwidth and highest sidelobe as a function of
frequency for FDBF and FDBF using C&ISMs. Forle lateral beamwidth (Fig. 54) thetrend
to that of Table 2.1 is seen. Characteristic of arrays, the beamwidth decreases with increasing
frequency. As the SNR increases, CSC is able to remove more signal from the initial dataset thus
producing a smalldbeamwidth when targeting locations next to the source. Figusb 2Hows
that the highest sidelobe also decreases with increasing SNR for the same reason: signal at false

source locations (sidelobes) is removed. The sidelobe level is invariant witkrfogowhich is
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also a general array characteristic. The combinatidime two results in Fig. 2.85 demonstrates

the advantage in using CSMs generated via CSC in a FDBF context using the beamwidth of the

array (spatial resolution) and the sidelobe leitedxhibits (spatial signal leakage). However,
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Table 2.1. Initial, unprocessedCSM vs. CSGCSM DR FDBF results for LADA and single
synthetic point source locatedazk=6 0 0 f r o m . hateralaayd lohgiutlieal
beamwidths given as a function of SNR and frequency.

SNE, | Freq., By, in By, in

dB | kHz |Standard| CSC |Standard| OCSC
1 25775 2544 &0 &0

10 6 4,20 4.15 47.00 46 44
10 2.53 2.50 26.45 26.14
40 0.63 062 6.37 6.29
1 2575 9.12 w0 187 43

0 [ 4,20 1.43 47.00 16.55
10 2.53 0.88 26.45 939
40 063 021 637 234
1 25775 245 &0 2712

10 6 4,20 0.41 47.00 4,38
10 2.53 0.25 26.45 2.59
40 0.63 0.06 6.37 066
1 2575 0.8l w0 8.87

20 [ 4,20 0.1z 47.00 1.46
10 2.53 0.07 26.45 0.87
40 063 0.01 £.37 021
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Figure 2.15. Initial, unprocessedCSM vs. CSGCSM DR FDBF results for LADA and single
synthetic point source locatedat=6 0 0 f r o m @)Lateral bednavith vs. frequency,
and (b) Highest sidelobe level (normalized to peak) vs. frequency.

2.1.7 CSC-CSM Modification

This section gives a novel CreSpectral Matrix (CSM) modification technique usedhrtore
closely nodel the CSM induced by a source astarting from lhe CSM obtained via CSC outputs
(Eqg. (2.26)) Its manipulation producesraore accuratestimateof theCSMinduced athe array
from sourceati giventhat:

1. The userefined steering vector phasesween andthe array channels are accurate, and

2. The FDBF givescomputationallyefficient,crossspectralbased magnitudestimation of

a source targeted with the uskfined steering vector phases.
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The first assumption is standard in aeroacoustiayaprocessing. The second is subsequently
detailed.

Starting with the minimursize CSM 2x2), it can be shown that the frequertmgmain
beamform (FDBF) executes a c espectralenagnitudes. Uangi on ¢
the diagonally removed (DR) CSM

T 0O Qwin
ISR (2.29)
O QuwiP T
where "O ‘O andn n , and steering vectofrom locationi to the channels
(omitting magnitude manipulation)
00 i
~ o 'ﬁ (2.30)
Qw i

the DR FDBF at is (omitting the normalization by the number of active elements’)

. , ) Tt O Quip )
w j Q Q (2.31)
O QuwiN T
where
Q Qunn QN (2.32)

Multiplying outthe right side of Eq. (2.31ye obtain

0 Qe QdnN  Qnn 0 QO QAR Qofp
(2.33)

Writing the difference in steering vector phases between the channels as
and leveraginghe equalities given after Eq. (2.29) was introduced, we can write Eq. (2.33) as

0 QO Ny QoRr 0 (2.35)

¢
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Equation (2.35) can be simplified employing the trigonometric identity
QOO Qoo ché d (2.36)

and the DR FDBF for is finally written (including active element normalization)

AR “ (2.37)

which for a greatechannel count is extended as

& s i —B B 0 Qéd N
(2.38)

Thus, the cosine term modulates the cissctral magnitudes from 14bbased on the difference
between their assspectral phases and those of the steering vectors defined bétaeereach
channel. As seen in Fig.£& this cosine modulation can be represented as a geometrical projection.
In this case, the FDBF sums the crspectral magnitudes which projectito the steering vector

phases. If a crosspectral and steering vector phase are equal, 100% of thisspessal

magnitude is counted in the FDBF sum. If the difference is between 0 andnly part of this

magnitude will be added in the summatielawever, if the difference between a cregectral

and steering vector phase is greater that) the magnitude which projects onto the phase equal

to the steering vector phase ptuss subtractedrom the summation. In this sense, as the FDBF

cannot brm a geometrical projection onto the steering vector phase, thespexsgsal magnitude

i s Aassumedo to be d,amthe doserthesdifferenae betwedn the érdsse r  t |
spectral and steering vector phase comésttte more of this magnitude is subtracted from the

FDBF summation. Summarizing, the FDBF uses the CSM to form a geometricakbasite of

the arraymeasured magnitude of sourceat i by addingcrossspectralmagnitudes which
geometricallyproject ontotheir steering vector phases and subtradifogewhich do not. The

accuracy of the FDBF suffers because a geometrical projection can only be assumed accurate for

two incoherent, orthogonal sources (phase difference between them at all chanrg¢la/l®se

coherence does not decrease over the array apéepending on the steering vector used, FDBF

is shown to accurately estimate either a poin
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of noise) [Sarradj 2012], be an optimum maximum liketid estimator for beamy estimation in
the farfield [MacDonald & Schultheiss 1969], and a ksanoptimum bearing estimator when
the source is spatially distrilrd [Raich et al. 1998]. Any incurred inaccuracies due to using the
FDBF are accepted a&3s more computationally efficient than eigenspace techniques (for example
Schmidt(1986, Sarradj(2010) and remains in the crespectral domain (which is not essential
for CSC but reduces its complexity and computation time).

Using the geometrical adlification used in FDBF and known steering vector phases, the CSC
output CSM from Eq. (28 is modified as

O O wWEe N g n i Qoo i
a poOov
& poD (2.39)
a a
WE P R o Tt

Equation (2.39) modifies the CSC cregsectral magnitudes according to their geometrical
projections onto the steering vector phases for the location being targeted, and tepeaxtra
phases are set to the steering vector phases. Theissthat negative crospectral magnitudes

(units of pressurequared) could result which would be a@al. Thus, the magnitudes of cross
spectral channel pairs which incur a negative cosine magnitude modulation in Eq. (2.39) are

estimated via the stamg vector crossnultiplication

s s 0 .I_GQ(*)@IW if_éie'Qd)hlnifﬁ*
aG 1A
(2.40)
WEDN .o N T

Note that the overbar is used because the -gpsstra are unscaled. The netdép in the CSC

CSM modification is the normalization of Eq. (2.39). If one or more channel pairs has a negative
cosine output in Eg. (2.38), the CSC DR FDBF of Eq. (2.27) will be lower than the mean CSC
CSM magnitude used to form the FDBF due to theraabon of those channels pairs from the
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total summati on. I f tfihe €SCGIMcisuovesestimatea and muwstba |
corrected. This is achieved by normalizing the cissectral magnitudes of Eq. (2.39) by their

mean value (the magndas of Eq. (2.40) are already normalized)

. Qia®e o

Qs ¢ 0 a0 e -
0N Tha ia® gy (2.41)

WE Moo Mpsw T

where0 r)is the number of channel pairs whose cosine in E§9Y(&s positive. Finally, the full
modified CSGCSM is composed of Egs. (2-4Q) and scaled by the CSC DR FDBF valué at

(Eq. (2.27))

v T Orr  E Op
I+~ . - = "
Or 5§ W o ||Oh A'j E . ? i (2.42)
11 e B !? € 1l
uOn & E E n U

Note that if the CSM autospectra are notsekero, the steps of Egs. (2-88) are followed except

theautospectral normalizatida performedria the autospectral mean

Ok ¢ QBQL“Z,M
0 (2.43)
a poo
and the beamform value useddq. (2.42) would be via a CSCSM with its diagonal intact.
Summarizing:
1 Ideal CSM phases are defined by the «tkfmed steering vectors,
1 Ideal CSM magnitudes have been calculatdteeby:
1. Geometrical projections onto the steering vector phases, or
2. Crossmultiplication of the steering vectors when no geometrical projection is
available, and

1 The CSM is normalized by its mean magnitude and scaled by the CSC DR FDBF
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This processpduces a CSMhich more closely estimates that induced by a souricéhan that
resulting from CSCoutputsalone It also leverages the array gain potential against incoherent
noise (which is dependent on the number of channels and steeringsvestthy but is

approximatedere as only dependent on the number of channels [Mosher 1996])
511 VOQp mé D Q6 (2.44)

2.1.4.1 CSC Result Accuracy

Although the true crosspectral magnitude is unknowthe correct crosspectral phase is
known for a source at locatian(for userdefined steering vectsiQ). Thus, the crosspectral
phase convergence of all channels when targetaamn be used as an estimate for the accuracy of
the CSM produced fra CSC (CSGCSM) for that location. For each channel pair, the difference
between the resulting crespectral phase t&r CSC processing (Eg. (2)2@&nd steering vector

phase can be calculated

n i i i (2.45)

This phase difference is normalized ‘byas an absolute difference ‘ofradians represents the
worst case scenario between the desired and resulting CSC phase. This normalization gives each
channels pair a phase error between 0lafthe mean of all channel pairs represents an accuracy

metric for the CSECSM at a given as a percentage

v

T yn i

C

[T
S

”p”/n . hop

~ e >

M — A - R L 2.46

1 h ] é i} LE é 1 ( )
W ;i E E n U

The lower the CSE&SM error the more accurate its solution at locaition

Another metric which relates information about the solution in an indirect way is the
coherence. When multiple sources exist in the measured field the coherence between array
chamels will decrease. As CSC removes coherent signal between channels which does not arrive
from the point in space being targeted, the resulting coherence of the CSC output CSM will be
higher than the coherence measured on the initial unmodified CSM. Jha iindirect

measurement of the CSC result accuracy (as compared to the normalized phase difference) because
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incoherent noise (which is not removed with CSC) will bias low this estimate. For example, if all
other signals were removed except that fromrgetad location, the normalized phase error (Eq.
(2.46)) would be ~0 because the crepsctra would be due to only the sourde(given sufficient

block average® to decrease the incoherent noise effects in the -spssira); however, even
though the crossspectral magnitudes would be accurate, incoherent noise present in the

autospectra would reduce the coherence below 1.
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2.2 Spatial Sound Mapping via CLEAN and Constrained Spectral
Conditioning

Restating the overarchingpal of this work, weaim to obtain qualitative (accurate spatial
source distribution) and quantitative (accurate source levels) information of the measured sound
field through processing of the microphone array dataset used to measure s&ibGflthdeen
developed as a mel spatial filtering technique, araithough it has higher spatial resolution and
sidelobe attenumn than conventional frequencpmain beamforming (under certain SNR
conditions, Fig. 2.8), it is a nonlinear process which does tnallow for accurateéntegration
[Brooks & Humphreys 1999r deconvolution Blacodon& Elias 2003 Brooks & Humphreys
2004 Suzuki 20080f the resultng source maps.sACSC defaults to FDBF at low SNRs, a scaling
of the source mape(g.[Dougherty 2018]) would be inaccurate-or these reasons, CSC used
a beamforming contexepresents at best a statisticallytimalbeamformeandat worst thelata
independenfrequencydomain beamformein order to meet the aforementioned goal, a more
advanced spetl mapping technique is warrantéithis section demonstratesavelmodification
of the CLEAN algorithnrfHogbom 1974py embedding CSC within its processing methodology.
This modification achieves the desiragistematicspatial sound mappingdue to CLEAN s
structure andyenerates nre accurate mapping than CLEANhder certain conditions by using
CSC within it.

2.2.1 The CLEAN Algorithm
For an incoherent source distribution, assuming that the undesired background noise is
incoherent with the source(s) and witbelf (over the spatial extent of the microphone separation

distance), a CSM obtained from measurement of this physical setup can be modeled as

'O B 'O O (2.47)

wherei are sources an@® is the CSM of thericoherent background noise.| t he CSMés di a
is set to zero and the number of block averagapproackshb, this becomefBendat & Piersol
1984

'O B O (2.48)
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Thus,"O contains the linear superposition of all individual source characteristics, and could be
decomposed into its constituédt; .The CLEAN algorithm accomplishes this using scaled

FDBF values and Point Spread Functions.
The first iteration of CEAN starts with a FDBF map over a spatial region (Figs)Aritended
to include all sources which contribute t® (diagonally removed CSMs are used for

consistency)

(2.49)
i pory
The maximum value on the map is foumd, i . Note that different methods for

maximum source location may be used which have higher resolution and sidelobe suppression

tangent /
at ray \I
additional scanning crossing

planes when
3D imaging

R
LG

Phased Array
of Microphones

anning Plane
over Noise
Source Region

Figure 2.16. General 3D scanningdiagram for an out-of-flow array [Brooks & Humphreys
2006)].

if care is taken in implementation.@.Capon(1969, Griffiths andJim (1982, Cox et al (1987,
Dougherty(2014)).

The assumed induced CSM from the sourde at is defined by the Point Spread Function
(PSF)

Q 0 (2.50)
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Its contribution is removed from the initial CSM by

O 0 e® 5 i Q Q (2.51)

wheremt ¢« pis a safety facfme Icadd eglaifin oco@8Mgd i anlos
scal e factor 0. FDOBFwludaadthus theeCEM (in shis eakedhe PIFhused to
iteratively decompose the initial CSM\ new FDBF map is generated with the edited CSM

@ ol
(2.52)
i poOY
and the iterations continue until a final iterat{@@ ‘QPsatsfies
B O B O (2.53)

which signifies that sources should be found (and removed) in order of decreasing strength. The
initial CSM is decomposed into one which contains the estimate source CSMédeygtaded
CSM

O B o Q Q O S (2.54)
Finally, the ficleanedd sour ce maqbganwidth forgheven by
FDBF values) a sumation of the FDBF value® ° ; { ° attheir respectivei

() o B o ol
(2.55)

The first problem with accurately deteining the qualitative and quantitative information of
a measured source field using CLEAN is that the sidelobes and finite spatial resolution of FDBF
will generally produce inaccurate levdtsr all but the simplest of source fields. However, this can
be overcome using small value for the CSM scale facfer 1@t @ in this instance, the true

FDBF and CSM magnitudes are approacHi?Zdm the bottord and the decomposition and
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CLEAN source fied mappingwill more closely match the true source distribution and lénel
if larger values forr are usede( = 0.99is common) However, evenfia smalles is used,
inaccuracies remain due to decomposition of titeal CSM with CSMs estimated vihe PSF,
which assumes uniform source directivity, no losscaolierence over the array aperjuaad

accuratelydefinedpath lengths from source(s) to microphones.

2.2.2 CLEAN Based on Constrained Spectral Conditioning (CLEANCSC)

In the novel modificatin of CLEAN presented heré&onstrained Spectral Conditioning is
used to overcome using the PSF as a model for sound propagation forisducegilCSM
estimation. The CSCSMs™O;;, i (EQ. (2.42)) are formed under the sole assumption that
the source 4t has a relative phase between channels defined by the steering usetbrlt does
not make any assumptions about the source -gmsstral magnitudes. CSC correctly locates
sources but will attenuate their true levels (Appeliidue todatadependent and steéeg vector
errors [Appendices B, ICif left unconstrained. However, left unconstrained, a buildup of
attenuated source strengths at the correct locations would eventually lead to correct overall levels
if proper scaling is used. lwrder to accomplish this, the CLEAN methodology is ubet CSM
estimates are obtained withCSC The met hod i s termed ACLEAN Ba
Conditioni-€@3€») (CLEAN

CLEAN-CSC uses the exact same iteration loop as CLEAN, however theup8ade (Eq.
(2.51)) and output FDBF values (Eqg. (2.52)) are modified. For each max location found during the

iterative loop, a CSECSM is generated via Eq. .49 : & | and FDBF value via Eq.

2270 { i .Itisimportant to note thd® . . . and® j | do not use a

superscript for an iteration count. This is because the resulting Fourier Transforms from CSC (Eq.
(2.17)) cannot be iterated upon using the CLEAN methodology due to the error growth when
iterating usingmodifiedFourier Transforms. Thus, tf@&SGCSM and FDBF are generated once

from the initial dataset and saved, and CSC is not used again untilia nevg identified. This

presents a drawback to using a GSEM within the CLEAN loop: because it can only begin with

the initial dataset{ unl i ke CLEAN) it cannot take advanta
available as the initial CSM is decomposede TLEAN-CSC FDBF value for that iteration is

@ g cW (2.56)
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and CSM update

O 0 0 i (2.57)

Note that the same locatibrmay be identified as the max location on the map at multiple times
during theiterative CLEAN loop. Each time this occurs, the FDBF value from Eg. (2.56) is saved.

Iterations stop when the criterion of Eq. (2.53) is met. The initial CSM has been separated into

o 0 ﬁ 0 -
(2.58)

0 «B O

3¢
¢
=
=

14 r

(2.59)

The advantage of using CSC to obtain an estimate of the CSM due to a sduis¢hat if
accurate, it accounts for all t hecteity ccherenecempt i o
loss between channels, afdt-order (i.e. translatical) steering vectoerrors. Lastly, using the
steering vectors as defined harto obtain FDBF values accounts for amplitude changes due to
distance differences between chanmeld thus can introduce error in source location if inaccurate

microphone locations are used [Sarradj 2012].

2.2.3 CLEAN-CSC Output Scaling

As the FDBF values obtained via CSCSMs arenot statisticallyoptimal given typical
aeroacoustic test setypbe output source map obtained from CLEADNSC should be scaled in
order to obtain correct integrated levels. Note that as CLEAL provides FDBF estimates of
source levels using best estimates of their induced CSMs on the array, the integrated map level is
simply a pressursquared summation of the individual FDBF source levels. Also, the initial CSM
is assumed to be the most Aaccurateo for the

coherent noise is present dddue to the wind tunnel nozzlgl(and this noise is stationary
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between acquisitions), it is assumed that backgrautdraction [Weis®t al 1974 Brooks &
Humphreys 1999would be performed in order to remove it froi® before CLEANCSC
processing begins. Or, if high levels of incodr@ noise are present d@due toa tunnelshear
layeror microphone selhoise the diagonal ofOis expected to be set to 0 [Mosher 1996; Brooks

& Humphreys 1999]. These modifications serve to both more accurately define the true source
levels on"Oas well as improve its peak source location ability in the outer CLEAN laasily,

the five scaling methods presented are independent of one aaathexach carry their own

assumptions.

2.2.3.1 AutospectraPowerScaling
If the autospectra of theitral, unmodified CSM areot contaminatedy incoherent noise

(such as electronior microphone sefhoise) and/or biased by reflectioasd/or other sources
besides that under studly the test facility the output map can be scaled by the ratio of the

autospectral mean to the CLEAGISC integratednaplevel

@ AR . : @ M (2.60)

where'Y is the total number obsirces located with CLEAXCSC. This ensures the total integrated

|l evel of the map sums to the me aThismeilodistipeect r al
preferred scaling methods singlechannel levels are commonly used as a reference in
aero@oustic testingThe following four other scaling methods should be considered only in the

casewhere the initial autospectral levels are not considered accurate.

2.2.3.2 CrossSpectral Power Scaling
The second method scaltee CLEAN-CSC output level®y the ratio of thecrossspectral

power of the initial CSM to that of the summed CSEMsdeterminedn the CLEAN-CSC loop

@ AR AN — © R (2.61)

This scaling fomulation assumes that tbeossspectral power of the sum of the individual GSC
CSMs must equal that of the initial CSM. &dbatively, the degraded CSéflossspectral power
can be added to that of thensmed CSECSMs to scale the CLEACSC output levels
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D) AR L - h D) B (2.62)

This scaling assumes that the total crgigsctral pwer is a summation of that which was found
during the iterative CLEAN loop and that remaining in the degraded @®&iX& that both the
second and third methods assume that the correlated signal contributing to tspectsd power

of the CSMs originate from spatial locationsvithin the mapping region. In other words, if
correlated signal originates from somewhere outside of the scanning region (and is thus not
mapped), the crgsspectral magnitudes used in Egs. (26&2) will no longer represent thetéd
crossspectral power that CLEAICSC intends to capturélso, the numerators of Egs. (2:62)

are assumed approximately equalt Eq. (2.61) is preferred as its numerator is unprocessed.

2.2.3.3 Modeled Crossspectral Power Scaling
The last two saling methods assume that the summation of €SMs formed during

CLEAN-CSC(Eq. (2.58)) accurately capture the way in whichititdvidual true source CSMs
combine(complex summation) to give a total cresgsectral power (denominator of Eq. (2.61)).
Using the CLEANCSC output source powers, the (diagonal included) CSMs they induce can be
modeled. A commonly used model is the PSF which yields

"0 P & S T o T o (2.63)

The crossspectral power of the summation of all modeled CSMs can be compateat ad the
initial CSM to obtain a modeled crespectral power ratio used to scale the CLEBSC output
akin to Eq. (2.61)

& - LI N & i (2.64)
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(2.65)

These last two scaling techniques carry the same assumsis their nemodeled counterparts,
and simply provide a different estimation of the crggsctral power obtained from the CLEAN
CSC solution by modeling ttemurceinduced CSMs as PSHEanother source propagation model
is available and believed tie more accurate than the P@®Fthat obtained via the CSCSM9,
this could be used to replace the PSF in Eq. (2.63).
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3 Simulated Data Analysis

In order to investigate thgualitative/quantitativeccuracy of CLEANCSC, simulated data
were generated in which the correct locations, peak levels, and spatiafjyated levels are
knowna priori. Point sources are simple in nature and rarely occur in practice. Thus, a spatially
complex, incoherent soce distribution was generated with usiefined source directivity &ach
of the array microphone$he array used for the simulations is the Jet Directional Array (JEDA)
[Brookset al 2010]. The following nominal conditions were used for processingasgntation

of resultsunless otherwise noted:

1 The PSF is used as a model for source directivity and phase,

1 A narrowband frequency of 20 kiHz

9 Signatto-Noise Ratio (SNRE(g. (2.2))) of 20 dB

1 Dynamic plotting range of 20 dB

1 1000 data block&)),

1 CSM sale factorr =0.01,

f Mapping grid plane 240Xd6&® 0.n25%d ea with gr
1 Diagonal removal applied to CreSpectral Matrices (CSMsand

1 CLEAN-CSC results scaled to the mean autospectral powerZBg))(

I n order to d¢redtue i ®@andqourdRkd fpaoiixnt sources wer
from the array face with the largest soutoes o ur ce spacing equal to O.
geometrical perfection, random perturbations (maximum of 1/64 in) in the X, y;axebwere

applied to each source. Thus, steering vector errors (App€heéixist which further simlated an
experimental dataseEinally, true peak and integrated levels for the source distribution were
calculated as follows. Depending on the grid used tothmapources (grid point locations and grid
spacing), the arraynducedCSM for each source which falls within a grid point is summed with

all other source CSMs which also lie within that grid pointla#aindependent frequenayomain

beamform (FIBF) is calculated at that grid point using the summed CSM for those sources which

lie within its boundaries. This process is repeated for the entire grid. The true FDBF integrated

l evel I's t he s squaned} of thenindiyidugd FDBBE walues.elfeak is simply

the max of these values. Lastly, the summation of all contributing point source CSMs into one
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provides the initial CSM"Q. The mean of its autospectra provides another estimate of the true

integrated level.

3.1 lterative Solution Build-Up

The first example giveshows the iterative buileup of the CLEANCSC solution. Figure 3.1a
gives the true source distribution used to ge
that its integrated level is approximately 3 dB less thanthatd he AVO i n order
unbalanced souregtrength distribution. The text box at the bottom right corner of the scanning
pl ane gives the total i ntegrated and peak map
and ATO ar e flsedtoendiose eack source.rSgnllaepsocessing metrics are given in
the textboxes in the CLEAIECSC plots. The second line of the bottright CLEAN-CSC textbox
gives the mean weighted phase error

(3.1)

This serves to weight the mean crggectral phase error for eaabusce location (mean of Eq.
(2.46)) foundduring the CLEANCSC loop by itsCSCFDBF value. The reasdor this is twofold:
stronger sources will influence the final solution more than weaker sources both in terms of
integrated level and their effect on the CSM decomposition, and sidelobes should not contribute
significantly to the mean phase error anid th accomplished by normalizing them by their CSC
FDBF levels (assuming they are low). The third line givesGB& scale factofs ) used and
number of iterations performed

The CLEAN-CSC algorithm uses CSMs dexd from CSC (CSE€SMs, Eg. (2.4p to
estimate the arrapduced CSMs due to sound from targeted points in the field. The iterations
cease when the crespectral magnitude of the degraded CSM of the current iteration is greater
than that of the previous (Eg. (293 The CLEANCSC mappingat 3 stages of the iterative

process is shown in Figs. 3-tlb At each successive stepetfscaled to the mean autospectral

powe) i ntegrated | evel of the AVO decreases and
being relatively strongerthanh e A TO0 i s mapped first. Thus, wh
scaled to the mean autospectr al power of the
the ATO | ow. As more sources which compose th
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Figure 3.1. CLEAN-CSC tterative solution build-up. (a) True source distributiof)) CLEAN-
CSC after 100 iterationgc) CLEAN-CSC after 200 iterationgd) CLEAN-CSC after 457
iterations( k= 457),(e) FDBF usinglegraded CSMy ¢4 =4 m gl ) after457 iterations, and
(f) CLEAN-CSC forced to 4570 iterations.

balances. The final CLEAMCSC result (Fig. 3.1d) overestimat
underestimatesthatf t he ATO0. Wi th a mean weighted phas:
the AVO can be attri but e-spectrabmagnitieesedietheeCST i mat i
CSMs (A complicated source field yields low coherence between channels andC8tis

estimates will (in general) be biaserdmotei gh (t

signal from the sources surrounding the targeted location is diminished). This leads to-an over
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removal of signal from the initial CSM at the earlier iteiaons when the @AVO

=1}

mapped, and thus a sparser (relative to the
inaccuracies present in the G&SMs (nost likelyoverestimatomd ue t o t he sourcedo
naturg alsolead to inaccuracies in locating the true locations of the underlying source distribution
(compare Figs. 3.1aand ot e t hat f@fAaccuracyo here is defin
CSMs approximate the arréiyduced CSMs of the sources at targetedtiap locations or
equivalently how closely Eq. (2.48) is satisfiedlhe decomposition of the initial CSM is thus
inaccurate, and energy remaining in the degraded CSM once the algorithm has terminated (mapped

in Fig. 3.1e) cannot be accurately mappetiue source locationg¢ seen ifrig. 3.1f).

3.2 Variation in CSM Scale Factor ¢ )

The source distribution of Fig. 3.2a is used to investigate how varyaftects the CLEAN
CSC results. Figure 3.2b gives the CLEAI$C result using = 1. Due to the high value of
only 5 iterations were performed before #hgorithm terminated. Figure 3.2c shows the CLEAN
CSC result using = 0.1. The source distribution is now much fuller than the previous case. This
is due to the ability of thalgorithm to both remove and detect source locations with more
accuracy. As the weighted mean phase engy () is 35.2%, the crosspectral magnitudes of
the CSCCSM estimates used to decompose the initial CSM are biased high. By using a low value
of « , the crossspectral magnitude estimates for the targeted source are more likely to be lower
than their true values (in an absolute sense, but relative inaccuracies remain). Thus, using a small
» , CLEAN-CSC approachesitsr ue CSM ma g nu g ahdreas usifigpadargers m
more | ikely t o-doowenroe)s.t iTnmaitse aiptp r(ofiatcohp (a) | ower
and (b) preserves more signal from surrounding sources when removing the source being targeted
allowing for an improvement in tiresubsequent detection, estimation, and removal. Both of these
characteristics are seen when comparing Fig. 3.2b to c. Finally, Fig. 3.2d shows the results using
* = 0.01. The levels are equal to Fig. 3.2c yet the resulting source distribution isahdler

slightly lower (more accurate) peak value is obtained.
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Figure 3.2. Variation in ¥. (a) True source distributior(p) CLEAN-CSC withv =1, (c)
CLEAN-CSC with =0.1, and (dICLEAN-CSC withv =0.01.

3.3 Variation in Ye, Y

The same source distribution from Fig. 3.2a is used to examine the effects of grid spacing on
the CLEAN-CSC results. Due to the previously seen increase in accuracy withelpwealue of
* =0.01is used. Figure 3.83ao0wsthe CLEANCSC map f or a gri charepaci nc
grid spacing groups many underlying sources into each grid point. Consequently, the FDBF values
are higher when compared to finer resolutions yet the integrated levels remain roughlyrdonsiste
The issue with such a coarse grid spacing (given the true spacing of the sources which compose
the distribution) is that the decomposition of the initial CSM is performed with-CSKas which
are restricted in phase to far fewer locations than thentmoger of sources which underlie the
distribution. However, this also leads the coarser grid spacing to have a more spistiatyted
result leading to more accurate integrated levels. That said, the mean weighted phase error is the
highest atYoo Yw= 106 due to: (1) Grid | ocations are
locations the finer the grid spacing becomes, and (2) Their values will be more evenly weighted

as there are more values in the mean and lower peak values. This increase imigojotipos
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Figure 33. Variation in Ye, ¥¢. CLEAN-CSC with¥e = ¥« (in): (a) 1 (6)0.5, (c) 0.25and(d)

0.125.

|l eads the AVO to have more rel at i amthgsaher ce |
integrated level difference between them increases as the spacing becomes finer. This increase in
spatial accuracy is limited however: firstbythe r ay 6 s FDBF resol ution (at
resolution is finer than that from FDBF)detecting level differences between adjacgiut points

(used to determine ), and then by thability of CSC to estimate distin€iDBF values for
adjacent grid point$Appendix D) Note that for sources with approximately equal levels, a finer

grid spacing would be preferred due to its qualitative increase in accuracy.

3.4 Variation in Grid Size

A spatial parameter which is important for the DAMAS algorithm [Brooks & Humphreys
2006 is the total grid size (specifically the map width/height with respect to the beamwidth at
the frequency being processed). The effect of grid size on the CIESI@Iresults is investigated
in Fig. 3.4. The first subplot (Fig. 3.4a) uses a grid which éxasicompasses the source
distribution. Figure 3.4luses thenominal gid seen throughout this chapt@4x16n). These
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dimensions are doubled for Fig. 3.4c and again for 3.4d. Note that only insignificant changes are
seenim,r and the peak level. Thategrated source levels remain constant (to withm@t v
dB). This is a fundamental property of CLEADSC: the results are governed solely by the eross

spectral phasashich are defined by the steering vectors used. For the same set of available cross

5*|_ Int Lyl =122.5 dB _' T 1 i IntLyl=122.5dB Int Lvl =_11_7.3.dB .
L - . 10 4 L
25 1 L] .
L _' Lyl =117.3 dB ) .
- | 105
S0 =)
- - =
- = 5 100 = -
2.5+ L] ]
[ Int=123,6 dB, Pk=113.1 dB 4 y ¢
o 11";ul w)g}atld phse _T?:ji 6% ||| 95 F
5 . phi=0.01. itns=46 r Ini=123.6 dB, Pk=113.1 dB~
-10 (a) -5 0 5 10 [ (b) mn wghtd phse crr=35.6%
B 87‘ phi=0.01, itns=469
-12 6 0 6 12
16— 32
8 16
Itlvl=1225dB  IntLvi=117.3 dB
‘ i IntLvl=1225dB  TmtLvl=1173dB
S0 0
(el a
[
8 -16) -
Int=123.6 dB, Pk=113.1 dB Int=123.6 dB, Pk=113.2 dB-
I (C) mn wghtd phse err=35.5% (d) mn wghtd phse err=35.8%
! phi=0.01. itns=486 3 phi=0.01, ims=190
18, -12 0 12 24 s 24 0 24 48
X, in X, in

Figure 34. Variation in grid size. CLEAN-CSC withgrid size (in x in): (a) 20x1,0(b) 24x16,

(c) 48x32 and(d) 96x64.

spectraphases (i.e. the grid was not shifted in Figs.-8.4anly enlarged), theame result can be
expected. A caveat to this is noted. For real datasets in which the source components present in
the CSM are less exact, incoherent noise is stronger, and coherent sources may exist outside of the
scanning plane, it is possible that $odes outside of the source integration area are located as
ng the CLEAN i

should render the resulting FDBF values low, and they will not be integrated with the energy

Asourceso duri terative |l oop. At

preent in the desired source region(s). However, if the grid is restricted to one immediately
surrounding the desired source location, any sidelobe contamination will be integrated with the

desired source.
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3.5 Variation in Frequency

The behavior of CLEANCSCwith frequency isshown in Fig.3.5. The subplots range from

2.5t020 kHz, doubling in frequenc¥he figure key gives the mean coherence between all channel

pairs (] for each frequency. t S

seen

t hat

as t he

frequency, so does thlgialitativemapping of the true source distribution: & and 5
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Figure 35. Variation in frequency (kHz). (a)|=2.5(#=0.60, (b)[]=5 (5=0.40, (c)|j= 10
(#=0.23, and(d)J=20(#=0.10.

kHz a distinct shape resemblirfiettrue source is not seen; bykiz the general shapeveel|

made out and b¥0 kHz the distribution is even more accurataBppedThe CLEAN-CSC result
accuracy increases with frequoy to 10 kHz and then decreases at 20 kHz. This is an interesting
characteristic of CLEANCSC: the optimum results (qualitatively/quantitatively) are obtained
when the best balance of spatial resolution (for the given source under study) and coherence is
obtained. Both are important for accurate results: (1) The resolution affects the FDBF ability to
correctly CSCbs ability t
increasing frequency) can be exploited in the cosine tertheab 6 (Eqg. (3.7)), and (2) High

target sour ces and
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coherence is necessary for a laggeds and thus greater CSC cancellation. This accuracy is
reflected comparing the 10 kHz result to the ¢
and ATO ar etruevatusseasd (2) The overall @aak level is the lowest (closest to the

true peak level) at 10 kHz.

3.6 Variation in Signal-to-Noise Ratio

The Signalto-Noise Ratio (SNR) is varied in order to show its effects on the CLLESC
results (notéinoise here is incoherent). The true source distribution is that of Fig. 3.2a. Due to
incoherent noise contamination, the mean autospectral level cannot be used to scale the CLEAN
CSC results and the true source total integrated level is used.

Figure 3.6a shows the CLEANSC source mapping at a SNR of 10 dB. As compared to the
20 dB case (Fig. 3.5d for example), the spatial distribution and integrated level accuracy suffer
slightly (the AVO of Fig. 3. 5dB hiams HRing.er3.ofa ;o
error of Fig. 3.5d is1 dB and-1.6 dB in Fig. 3.6a). As the SNR is lowered to 0 dB (Fig. 3.6b) and
-10 dB (Fig. 3.6¢) the source distribution becomes less recognizable. Once the SNR reaches the
arrayo6s appr oxi ohdé dB, oalynoise\exists & itha oulput map.tThe decrease
in mapping accuracy with decreasing SNR leadstoa higher. Thi s trend i s d1
decreased ability to remove signal which does not arrive from the targetgmhas well as the
crossspectral magnitude and phase accuracy reduetiothe SNR decreaseghe latter factor
affects both the accuracy of the G8SM estimates as well as the ability of FDBF to accurately
locate the sources in the field. As the interfering noise is ineah&etween channels (and the
CSM autospectra are zeroed), the accuracy of both CSC and FDBF can be recovered by increasing
the number of averages used (i ndodateasegenarapdt he a
This is due to the decreasethei n c o h e r e n t -spaatral magritsde with imseasing
[Bendat & Piersol 1986which leads to increasing CLEANSC accuracy by: (1) Allowing CSC
to iterate longer before reaching one of its stop criteria (Eq. (3.19)) and, (2) Lowering the random
error of the crosspectral magnitude and phase estimates which contribute to more accurate CSC
CSMs and source location via FDBF. Figures 3.6e and f illustrate this effect. The same limiting
case SNR of16 dB from Fig. 3.6d is used. Figure 3.6e showstiprovement in accuracy when

10000 averages are used. The fAVO is now disti.
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averages are increased to 50000, the resulting CLEAR source map resembles those of the 10

and 20 dB SNR cases. Note that theamweighted phase error decreases with increasing
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Figure 3.6. Variation in SNR (dB). (a) SNR= 10 (L = 1000) (b) SNR=0 (L = 1000) (c) SNR
=-10 (L = 1000) (d) SNR=-16 (L = 1000) (e) SNR =-16 (Lt = 10000) and (f)]SNR =-16 (L
= 50000).

64



CHAPTER 3 SIMULATED DATA ANALYSIS

3.7 Variation in Dynamic Range

CLEAN-CSCO6s accurate spatial source mapping uc¢
relatively stronger source and underestimate the relatively weaker sdwenehe two are present

in close proximity. Figure 3.7 shows this trend as the weaker source becomes relatively weaker.
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Figure 3.7. Variation in dynamicrange.i To 6 dB | o(&) €rue sautcaistribufion o :
(b)) CLEAN-CSC;A TO 9 dB | o(®) €rue sdautceadistridut\grand (d) CLEANCSC.

Figure 3.7a gives the true source distributi
Figure 3.7b gives the CLEAIESC result. The integrated levelf t he AVO has gone
relative to the nominal case of Fig. sBucBd. Thi
locations are found aroundh e AVO and it i s f ulidweaker,acdethat r e s ul
1ri has improvedlightly from the nominal case. This is because the CSC FDBF estimates are
|l ess biased by the energy of the ATO0 when t he
error for t he-1dBTodthenansnalicaseconeparedddddB fa Fig. 3.7b. This

trend continues for the case 1wh édasdecreaseglaghif 0 i s
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and the integrated lero r

remained the same.

f

or

3.8 Variation in Dire ctivity

t HleD . T A Bi

P urtow he

i ntegrated

Up to this point, théoint Spread Function (Eqg. (2)bas been used to create the component

source CSMs which make up the initial frdink CSM. This is an assumption which is widely

used in aeroacoustic array processing [Blacodon & Elias;2Bfbks & Humphreys2006a,

2006h Ravettaet al 2009]. However, this assumption may breakdown in practice. The CLEAN

SC algorithm demonstrated improved results over CLEAN due to the PSF being an inaccurate

model for sound propagation in the experimedéhset on which it was used [Sijtsma 2007]. One

of the strengths of CSC is that apart from the steering vector phase defined between the scanning

grid locations and microphones, no other assumptions are made.

Figure 3.8 shows the JEDA spatial micropadayout with microphone locations denoted in

black circles. In the analysis to come, the channels marked with red crosses will have their

directivities modified. This is done by applying a factor (less than 1) to the PSF for those channels

and for all sou c e s

wh i

ch

make up

t he

channels indicated:he channels were chosen simply based on the first and secondthalf
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Figure 3.8. JEDA channel coordinates with modifiedsourcedirectivity channels indicated.

array groups. The directivity modifications are not based on physical phenomena (such as dipole

directivity) but are meant as an extreme example in order to demornisé&kect orCSC.
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Figure 3.9a gives the nomin@LEAN-CSC result when the PSF is used to define the source
amplitudes and phases at the channels. For reference, the CLEAN solution (scaled to the mean
autospectral power of the initial CSM) is shown in Fig. 3.9b. The CLEAN solution demonstrates
lowereror f or both the fAVO andCSE 3olutiow(CLEANCEGR spect t
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Figure 39. Variation in sourcedirectivity. UnmodifiedPSF directivity:(a) CLEAN-CSC, (b)
CLEAN; (PSF directivity)/4 on modifie directivity channels (Fig. 3)8(c) CLEAN-CSC, (d)
CLEAN; (PSF directivity)/10: (e) CLEANCSC, and (f) CLEAN.

error: AVOo-1+0d.B4 dCHB,EAMT Cer r 0.4 dB). Thig & dué to th&smallil T 0

value ofe used: as the PSF accurately describes the source propagation to the channels, using a
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smalle approaches each sourceds true CSM from the
and beamwidth at the frequency used, unscatedl) FDBF values overémate the true
underlying source values).

Figure 3.9c and d show the CLEABISC and CLEAN results whehd PSF directivity is
lowered t025% of its true value at the channels indicated in Fig. 3.8. The CLEB® source
distribution is still clearly made ou. l'ts relative er rr1o3rdB (naderthat: AV O
the true integrated levels are different from the nominal case due to the directivity modification).
I n contrast to this, the CLEAN out petetipoorlg dr as
(error is+1.8 dB)a n d HhadTfailed to be located at .allastly, Fig. 3.9e and f show the
corresponding CLEAMCSC and CLEAN resul t when the PSFO
channels is reduced to 10% of its true value. Again, CLEX9C praluces a fairly accurate
di stribution and has r eslulbt idnBg (eirTrogr.s Tohfe +O0L.EGA

failed to poduce any source distribution whatsoever.

3.9 CLEAN-CSC Output Scaling Results

To this point, the CLEANCSC results presited have been scaled to either the mean
autospectral power of the initial CSM or t he
practice, the former may netliable and the latter is never known for Atrivial datasets. The
five scaling echnigquegiescribed in Section.2.3 are examined for their effectiveness to correct
the unscaled CLEANCSC output levels to true integrated valigsmmarizing the methods:

1. Autospectral power scaling (Eg. (2.60))

2. Crossspectral power scaling based on the ratibwben the initial CSM and the
CLEAN-CSC output CSMEQ. (2.61))

3. Crossspectral power scaling based on the ratio between the sum of the degraded and
CLEAN-CSC output CSMs and the CLEABISC output CSM (Eq. (2.62))

4. Modeled crosspectral power scaling based the ratio of (2) (Eq. (2.64))

5. Modeled crosspectral power scaling based on the ratio of (3) (Eq. (2.65))

A frequency range of 0-80 kHz is used to examine the scaling behavior. Figure 3.10a shows
the FDBF integrated level error (calculated as tHiemrince between the scaling method output
and the true integrated level) as a function of frequency. Note that all methods below ~1 kHz are

above the true integrated level. This is due to the large beamwidth in that frequency range and thus
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the distributd s our ce appears as a point source to th
together with that from the AVO. For this san
kHz (Fig. 3.10Db).

The unscal ed, AVO i nt #deg naolidblgde ahdelecredse relativetor d a't
the true level as frequency increases (Fig. 3.10a) oPtre reason for this is thaegringvector
errors (SVES) exist: the targeted locations (defined by the grid points) do not exactly match those

of the ®urces and CSC removes signal which does not lie along the steering vector phases

Error, dB

[ ==Unscaled
==SF 1
—SF 2
3 SF3
—SF 4
214 SF 5

Error, dB

10° 10" 10’ 10*

Frequency, Hz Frequency, Hz

Figure 3.10. FDBF integrated and peak level errors vs. frequency for CLEANCSC scaling
methods.Horizontal back lines denote 0 dB erroPSF directivityused to create array dafaT 0

3 dB | owes =01lHaIntegfateddevel error fai Vo ,1 n(tbe)gr at ed | evel e
(c) Peak level error foit V 6, d@eak levele@rjorfoii T O .

(Appendix B. The second reason is that the coherence decreases with increasing frequency and
CSC becomes less effective at removing signal which does not arrive from the targeted location.
Thus, the CSESM estimates are less accurate favder source locations ardentified during
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the CLEAN | oop. (The hump seen in the integrat
to be resolved separately from the AVO0O, and t

The first scaling method (dashgdeen) yields lowntegratederror ( ¢ dB) from ~1.5 kHz on
(Figs. 10a & b). This is expected as the mean autospectral level capttetal energy of the
source, and for the high SNR is actually a more accumtdgrated level than that derived from
the FDBF valuesTheerror that exists using this method is due to CLEBSIC not being able to
assign energy to the AV0O and ATO0 at the corre
of the AVO is coupled with underestimation of

The second method (solidd) scales the data assuming the mean @psstral magnitude of
the CLEAN-CSC output CSM should equal that of the initial CSM. Only after ~6 kHz does this
method adjust the unscaled levels, and the adjustment is minimal (less than 1 dB). This is because
the crossspectral energy of the summation of the GS8&Ms remains largely intact with respect
to that of the initial CSM. The total integrated levels are low because this energy must be assigned
correctly to true source locations and CLEAIC gives spars¢hantrue representations of the
underlying source field for the case studied in this chapter.

Scaling method 3 assumes that the total mean-spesdral power should equal that of the
CLEAN-CSC output CSM and the degraded CSM. This method is sesways increase the
l evel of the unscal ed d a tspectalpowerwdl alagsde gredterd CS N
than 0. This increase grows slightly at higher frequencies due to slightly less energy being
attributed to the source distribution (andghmore remaining in the degraded CSM).

The fourth method is similar to the second only that a modeled CSM is used obtained from the
CLEAN-CSC FDBF values and the PSF. Below ~2 kHz, the modeled CSM has similar average
power to the initial CSM and thus létlevel adjustment from the unscaled data is s€hbis. is
due to the small phase variations over the array at low frequency. Thesnthetion of CSC
CSMsyields very similar power to the summation of CSbbtained via PSFAs the frequency
increaseshe power in the modeled CSM decreases rapidly with respect to that in the initial CSM
which leads to an increase in the scaling levels of method 4 with respect to method 2. This is
because the PSF exhibits a smoother magnitude ratio across the arthg G&E€CSMs, which
exhibit a larger range of craespectral magnitudewith increasing frequencyeither due to
directivity orinadequate signal cancellation. At higher frequencies, the phase differences across

the array become larger, and thus the complemmation of the CSCSMs and PSFs (which
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have equal mean power, yet widely varying individual csgsectral powers) yield largely
different magnitudes. Lastly, as the PSF was used to generate the source directivities for Fig. 3.10,
scaling method 4 slutd produce more accurate results than 2, which it does.

The fifth method uses the modeled CSM in place of the output CLEBN CSM to scale the
data akin to method 3. Like method 3, this method always adds power to the unscaled data. An
improvemenseen over ntbod 3 at higher frequencies is due to the aforementioned phenomenon
which yields improved scaling with method 4 vs. 2. Note that left unscaled, the GIEAN
results undepredict true integrated levels and show fewemtrue source locatian Thus, the
crossspectral power used in method 5 is still lower than the true level and thus the numerator in
method 5 is always lower than that of 4 which consistently yields lower scaled integrated levels
(Figs. 3.10a,b).

Figures 3.10c and d shatlhve peak map level errors over the same frequency range. As the
scaling methods used are multiplicative factors applied to the resulting CIEFN FDBF
values, a greater integrated value leads to a greater peak level. In general, the peak levels exhibit
the trend in resolution that arrays suffer from: the presence of neighboring sources whose
mainlobes faHoff at slower rates with decreasing frequency increases the peak map level. As the
frequency increases the resolution improves and the true sourcedeselpproached. Past ~20
kHz steering vector errors and/or inaccurate source localization lead to lower than true peak levels
(Figs. 3.10cd).

3.10 Simulated Data Conclusions and Processing Recommendations

Using a simulated, complex source distribatiof incoherent sources with usifined
directivity allowed for the quantitative and qualitative assessmentof CEEANC 6 s abi | i t vy
the source field. Significant conclusions are:

1. The CLEAN-CSC algorithm terminates prematurely: while source enengpains in the
degraded CSM when the iterations terminate @lg), it is unable to be accurately
mapped to source locations (F3ylf) due to inaccuracies in the CSMs used to decompose
the initial dataset

2. Using a low value of the CSM scale factoresults in a fuller source distribution mapping
and consequently a higher (more accurate) integrated source level. At a certain point results
were onlyimproved qualitatively (Fig. 32vs. d). The reason for improvement is due to
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thetrue source levelsben g approached from fAbel owo (i . e.
likely with smaller values of .

3. A smaller grid spacing resulted in maecurate qualitativeesults This is because the
phase definitions available more accurately match those of therlyindesource
distribution the finer the resolutiohis qualitative improvemernis limited however by:
the (l)anrdBF»)s CSCb6s ability to accurately
points.

4. The grid size used to map the source field hadligiblp effects on the
gualitative/quantitative result accuracy, given that the source was fully enclosed by the
map. For real datasets, grids which are larger than theohitba source(s) may prove
beneficial inthe event that sidelobes exist which wbuabt be counted within the source
integration region.

5. The qualitative accuracy of the algorithm
resolution capability at that frequency. Although resolution improvements over FDBF are
achieved, CLEANCSC is not a deconvolution algorithm. The CLEABSBC results
improve qualitatively with increasing frequency. The quantitative accuracy with respect to
frequency is highest when resolution (which allows for accurate source location and more
effective CSC signakmoval) and coherence (which allows for more effective CSC signal
removal) are balanced. These will both depend on the geometry of the source(s) being
measured.

6. The decrease in Signt-Noise Ratio adversely affected the qualitative/quantitative
CLEAN-CSC accuracy. However, increasing the length of the data acquisitions in time
reduces the effects of the incoherent noise on the-spmsgral statistics. This allowed for
more accurat&€DBF results (for source location;SCresults (due to its propertiggnd
CSMsformed from CSC. Due to this, similar accuracy was obtained at low 3MRs
long acquisition timeas compared to high SNRs with shorter acquistiioes

7. Due to inaccuracies present in the CSMs generated from CSC, the decomposition of the
initial CSM is biased towards the location (and energy allocation) of relatively stronger
sources in the fields they are targeted first in the CLEAN lodjhis effect was shown to

worsen as the relative level difference between the two simulated sounessad.
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8. CLEAN-CSC demonstrated very small differences in result accuracy when the sound
propagation model used for array data generation was modified, due to only the phase
definitions between grid points anehicrophones used as constraints (which were
unmodified).

9. If the mean autospectral array power is accurate, scaling the CAESMNresults based on
this anchors the spatial integration level to the average single microphone level observed.
In instanceswvhereautospectral scaling unreliable the modedd crossspectral power
scaling to that of the initial CSM (#4) proved most accurate as it used a CSM model (the
PSF) which was equal to that used to generate the GaEEAN-CSC displayed higher

thantrue peak levels regardless of scaling over the fre;yueange investigated.
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4  Experimental Results

The previous chapter provided insight to the behavior of CLEXSC under simulated
conditions where the correct results were knousing the resultartharacteristics as a reference,
this chapter details the application of CLEAMNSC toexperimental datasetsher e t he At r
solution isunknownandcompares thesesults to CLEAN and DAMA3$Brooks & Humphreys
2006a]. Three setupsare investigated(1) A calibration point source(2) An airfoil trailing
edge/leading edgeoisetest and(3) An airfoil with flap edge/coveoise testTheoriginal work
was reported itHutchesorand Brooks (2002, and Brooksand Humphreys(2003, (2004, and
(2006a)Alltestswer e performed in NASA Langl eyds Qui et

4.1 Calibration Point Source

A point source experimental dataset is used to investigate the behavior of GLEEMue to

(a) Shear )
Layer ., / N

Mean
Shear
Layer

Ray Path

i -
[ {f T I
““ “ Model HI‘J‘I‘ = SADA

T Flow
Sideplate

Nozzle

(b)

Calibrator Source

Figure 4.1. (a) Sketch of flapedgenoise testin QFF with SADA positioned outside of the
tunnel shear layer, and (b) Calibration point source placed next to flap edge [Brooks &
Humphreys 2006a].

the correct answer for the source verified with low uncertainty both qualitatively and

guantitatvely. The flap edge test setup is shown in Fig. 4.1. Figure 4.1b shows the open end of the
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calibration point source (10 di anletidolimaddel be) pl
is held in place by two sideplates on opposite sides of ttdendr'he view of Fig. 4.1a is as if the

sideplate closest to viewer were transparent. The Small Aperture Directional Array (SADA)
[Humphreyset al 1998] was used to measure the sound emitted by the point source and was

located outside the flow shearlaye at a di stance of 600 from the

4.1.1 Processing Details

Data was recorded simultaneously on all 33 array channels at a samplin@iyate1(42857
Hz and split into§ ) 250 noroverlapping blocks of lengthiy 8192 samples yielding a 17.4#%
narrowband bandwidth. In order toptieate the processing used in Brooks ataimphreys
(2006a)a Hamming data window was applied to each pressuretisbery block.

The array shadin@r weighting)defined inHumphreyset al (1998, whose weightsamprise
the vector , was optionally used for the SADA. This shading serves to maintain an approximately
constant beamwidth over frequency {4® kHz) and steering direction, and is accomplished by
grouping the channels by their wavenumlagrgth productWhen the diagonal of the Craess
Spectral Matrix (CSM) is set to zero (DR), tfrequencydomain beamform(FDBF) of the
weighted, DR CSM is

where the division by theedn o mi nat or accounts for the number
(note elements ab can take on values other than 0 or 1). As BNECSC operates on the CSM

this shading must be used at the beginning of the algorithm to modify the initial CSM

@y O @ 0@y (4.2)
and every time a Constrained Spectral Conditioning CSM (CSWM) is generated

e Y
. o ]
Qo i oy @ @ Qo i vioy (4.3

and thus is nio(doubly) applied in the numerator of the beamform of Eq. (4.1).
Corrections for the convection of sound by t

layer were calculated for the steering vectors used [Amiet 1978; Humpairayd4998; Bahret
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al. 2014]. For simplicity, a twalimensional, infinitelythin shear layer which extends straight
upwards (no expansion) from the nozzle lip was used. It was found that over the frequency range
investigated (2.-25.3 kHz), using these corrections spatialhfted the resulting CLEANCSC
source maps to their true locations but did not change the total or relativeogridevels
appreciably. Therefore, the corrections were not applied for the results presented herein.

Finally, as no ambient dataset waaiéable at the time of processing, the ambient (static) noise
level on all channels was assumed to be 20 dB below the averagspmeossl magnitude of the
initial DR CSM

"0 B O (4.4)

and equal on alll@annels. This was used in Eq.1@) as one of the two CSC stop criteria. Note
that the diagonallyemoved CSM is used in Eq. (4.4) as CSC only uses a measure of the ambient
noise on channel pairs. Although the 20 dB dynamig@eais assumed to be conservative,

increasing it did not affect the results appreciably.

4.1.2 Background Subtraction for Constrained Spectral Conditioning

The CSM acquired at the same flow coimlis with the airfoil absent should bebtracted (on
a pressuresquared basis) from the initial CSM to ideally remove any stetatg contributions
from the flow which interfere with the accurate measurement gbpdime source or test article
Note that the background flow noise is assumed to be sitattyad its seconerder statistics
are calculated via the (tirreveraged) CSM. This procedure is unavailable to CSC because it
operates on the Fourier Transforms. As the background flow noise is acquired with a separate
acquisition from that when the airfoil isstalled, the blocko-block characteristics of the flow
noise are only assumed to be constant in an average sense and therefore a direct Fourier Transform
subtraction of the flow only dataset would badaurate. In thé&ourier Transform domain, the
magqnitude of the flow noise can be accounted for however. The (autospectral) psepsaned

subtraction of the flow noise is performed on each channel

Qamadoaicod 0dak ¢ 61 Bt v Q@ akas £ 0
(4.5)

a poOo
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If the resulting pressurgquared value is negative, the mean of the background subtracted channels
which are not negative is multiplied with the

ratioto generate a pseudo backgrdwwubtracted autospectrum
00 Quawosoiicwd &
“Q,vru'rvn\,,,,m,!g‘g,y,.‘.‘é.,_&@c’% “Q,vr'.TT...,.,,'r‘,QS[
aho ww Qi iEd® ah € 601 CQELL)J a p o w QQi iEdd (4_5)

"oy o Qak ¢ 01 Bk o
VL Q Qe ¢ 6160k 0557 g, . ~n .
[poqthSOle'ZEU

whered are the channels whose background subtraction of Eq. (4.5) is po@ftidieectivity
differences are thought to exist over the array aperiurepuld be achosemumber of channels
(which do not yield negative presstgguared values after background subtractishich are
physically nearthe channel which yields a negative presspearedvalue after background
subtractiof). Equation (4.6) serves to estimate ackground subtracted autospectral level for
channels where the subtraction process of Eq. (4.5) yieldpmgsical answers (negative
pressuresquared values). Note that the process of Eqs:64i$ used for the autospectra of the
initial, unprocesse@SM which isdecomposed in the CLEAN loop

As the Fourier Transforms are in units of pressure and not presguaieed, the square root of
the ratio of theébackgrounesubtracted pressuresquared magnitude to thaithout background

subtractions used to mdify the Fourier Transforms prior to use with CSC

6"Q o 6"@ Qe o HQQIiEDE Q (4_7)

Q ak ¢ 61 e o

The ibaeskigprtaowmrcd edo Fourier Transformsafrom
Aibackgsruobutnrdact edo CSM for use with CSCcC. The
performed with Eqgs. (4-3) will reduce the crosspectral magnitudes of the CSM generated from

the Fourier Transforms of Eq. (4.7). However, as only the channel adgditvere modified, the
crossspectral phases of this CSM will be equal to those of the initiatbaokgrounesubtracted

CS M. This is a departure from Atraditional o
background crosspectral elements from the of the initial CSM is normally a complexector

subtraction. Due to this, the traditional background subtraction process would produce a CSM with
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modified amplitudeand phaserossspectral elements. (This is a more accurate process than the
modified ba&kground subtraction performed by Eqgs. {4)%and is used as the initial, background
subtracted CSM for use the outer CLEAN loojp Finally, note that unless crespectral phases
between the initial airfoilnstalled CSM elements and backgrotordy C3M elements are equal,

the crossspectral amplitudes produced from Egs. {A) %vill be lower than those estimated from
the traditional, complexector background subtraction process (the amplitudg subtraction

carried out by Egs. (4-B) is akin to arequatphase, complex vector subtraction).

4.1.3 Calibration Point Source Mapping via CLEAN-CSC

The ability of CLEANCSC to map a point source i®w investigated A scanning plane
parallel with that of the microphones, of area 56,in. 6 0 0 f nayonricrophbne plame, and
centered on the point source is used to map the point source. A grid spadiog¥f= 10 and
* = 0.1 were used. Finer grid spacings were investigated and it was found that the resulting
CLEAN-CSC spatial sound distributi@md integrated levels did not change considerably. A lower
« value led to slightly more distributed source mappings but identical integrated levels. ELEAN
CSC was run at each narrowband frequency fror® kHz (band comprising the 8 kHz 1/3 octave
band) The pressursquared quantities at each grid point were summed over all narrowband
frequencies to create a single map for the 1/3 octave band.

Figure 4.2 giveshe CLEAN-CSC resultavhen CSM shading (Egs. (43) is applied. The
verticaldarklinesat1 86 i ndi cate the tunnel sideplates wt
horizontal line represents tlarfoil leading edgelE)and t he top (chor dwi se
horizontal line theairfoil trailing edge(TE). The flap is outlined on the righA 40 dB dynamic
plotting range is usedrhe statistics given in the textboxes are averaged over all narrowband
frequencies, except for the peak antégrated levels. Lastly, the dashed box drawn around the
point source location shows the integrated nedar determining the summed pressageiared
level attributed to the point source in the CLEAI$C maps, given in the last line of the text
boxes.

The first two subplots (Fig. 4.2a,b) give the point source mapping under static (no flow)
conditionsIn Fig. 4.2a the CSM diagonal is left intact and is remamdelg. 4.2b. For these cases,
CLEAN-CSC yields integrated levels less than 0.1 dB below the peak FDBF Iegtlshpwn;
taken to be the true source levels), and the source is accurately locatadtat$betion of the
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Figure 42. CLEAN-CSC results for alibration point source mapping with CSM shading
applied. 8 kHz 1/3 octave bandtatic conditions (Mach): (a) DR not applied(b) DR applied;
Flow on (Mach0.17):(c) DR not appliegdand (d)DR applied

flap edge and airfoil trailing edge. Figures 4.2c,d give the corresponding mappings when the flow
is on at Mach 0.17. The integrated CLEAMNC levels are within 0.1 dB of the FDBF peaks and

the source is again located accurately. Note that under both static and flow conditions, using
diagonal removal (DR) produces less map noise (energy allocated to locations where no source is
present) and a lower mean weighted phase efitus is most likely de to the autospectral

contamination from turbulence buffeting microphone-selsewhich is removed when applying
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DR. Concluding DR exhibits equal quantitative amdproved qualitative behavior (a trend found

in Brooks and Humphrey2006g) and will beused for all subsequent processing.

4.2 Trailing Edge and Leading Edge Noise Test

Next, an airfoil trailing edge (TE) and leading edge (LE) noise experiment is used to investigate

the behavior of CLEANC S C. A

360

S p an, -216 Gidfoil wak placed atdR@AIC A

6 3

angleof-attack (AoA) relative to thevertical tunnel flow at Macl®.17, held in place by two

sideplates on oppost sides of the nozzle (Fig. %.&ize #90 grit was applied to the first 5% of

the LE in order to create fully turbulehtl ow a't

t he

TE

(0.8 6889t hi ck)

three typesf selfnoise generation were identified for this dataset: boundary layer turbulence

passing the TE (Fig. 4.3a), vortex shedding due to laminar boundary layer instabilities (Fig. 4.3b),

and vortex shedding from blunt TEs (Fig. 4.3n)addtion to these, it was shown Hutcheson

andBrooks( 200 2)

and

Brooks and

Humphreys

(2006a) t

the grid placed slightly aft of the LE in order to trip the boumdiayer at higher frequencies (>10

kHz). The SADA was used to measure the-selse produced by the airfoil and was placed

out si de

t he

(@)

(b)

(©)

fl ow at a distance

Turbulent
boundary layer Trailing edge

A ———

Turbulent-boundary-layer—trailing-edge

noise
Laminar Vortex
‘_\houndary layer Sshedding

Airfoil —D ==
Instability

waves

Wake

Laminar-boundary-layer—vortex-shedding
noise

Vortex shedding

Trailing-edge-bluntness—vortex-shedding
noise

of 600 from th

Figure 4.3. Select airfoiltrailing edge self-noise generation mechanisms [Brookst al 1989].
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Figure 44. TE/LE noise test setup sketch [Brooks & Humphreys 2006a].

4.2.1 Background Flow Noise Characteristics

The background flow noiséharacteristics for this experimental setup are given for reference.
The narrowband, arragverageddataat Mach 0.17 are shown in Fig54.The solidblack line
denotes the mean level when the airfoil is installed, the dasldedthen the airfoil is remode

from tunnel, and the dastottedgreen the presswsgjuared difference between the two. Note that

45 — Airfoil Installed N
===Background Flow Only
Airfoil Installed Background Subtracted

SPL, dB ref 20 uPa
W &
L <

(73]
<
T

10"
Frequency, Hz

Figure 45. Background flow noise characteristics at Mach 0.17 for TE/LE noise test.
Narrowband, meaarray levels shown.

background flow noise than that when the airfoil was installed is not included in the mean. Below

~4 kHz the background flow noise level is very close to that of the airfoil installed and background
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subtraction results may be inaccurate if statisticabtians in the flow noise were present between

the two acquisitions. From#0 kHz a greater difference in level is seen but care should be taken

in interpreting the results. After 10 kHz the level difference is sufficient such that the background
subtracton data are assumed accurate. Note however that this would not account for any sideplate
reflection once the airfolil is installed or any microphone-geise generated only when the airfoil

is installed due to changes in the flow field.

4.2.2 Traili ng/Leading Edge Noise Mapping via CLEAN and CLEANCSC

The spatial sound mapping abilities of CLEAN and CLEBNC are compared for this
trailing/leading edge noise setup. The same scanning plane and processing parameters are used
from the previous sectiofCLEAN and CLEANCSC were run at each narrowband frequency
from 2.245.3 kHz. For each 1/3 octave band within this range, the presguaeed quantities at
each grid point were summed over all narrowband frequencies to create a sinfpe thapl/3
octave bandNo output scaling was used for thaurce map presentations, DR $&d,background
subtraction (conventional for CLEAN and that defined in Eqs.-T%.for CLEAN-CSC) is
applied,CSM weighting from Humphreyst al (1998) is appliedand a CSMscale factor«() of
0.1 is used.

Figure 46 gives the CLEANmMaps for four,onethird octave bandécompare to Fig. 13 of
Brooks and Humphreys (2006aB.15 8, 12.5, and 2BHz. Noise locatecht 1 8 ar farther
outward is due to the modsideplate juntion and/or sideplate reflectionghe distributed nature
of the trailing edge noise is seen in Fig. 48#& TE and LE spatial integratioreas are indicated
in Figs. 4.6a anda with dotted boxes and will be discussed afterwa#si¢he frequency inelases
the dominant source switches from the trailing to leading edlgfgough map noise exists at all
frequencies, the TE/LE sources are well defigtergy present at locations other than the TE/LE,
sideplates, or sideplate junctions coulddbe to: (3 The effects of the background flow noise not
being completely removed, (2) Th®int Spread Function (PSF) not being valid for all targeted
A s o u reach grial point)andbr (3) Inaccurate decomposition of the CSM due to (1) and (2)
(i.e. how well do e constituent CSMs approximate the initial CSM in Rgt&)) Also note that
although the radiated noise is assumed to have an incoherent distribution oMei{Breoks &
Hodgson 1981; Hutcheson & Brooks 2002], its reflection (and that from the LEIR®fkof the

sideplates could be coherent which would also invalidate (to some unknown extent) the assumption
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Figure 4.6. CLEAN mapping of the airfoil sel-noise 1/3 octave band center frequer(kyz):
(a) 3.15, (b) 8, (c) 12.5, and (d) 20.

of a superposition of incoherent sources which CLEAN assumes.

Figure 4.7 gives the corresponding CLEANSC maps to Fig. 4.@he distributed nature of
the sources and shift from TE to LE noise with increasing frequency is againVéierthe
exception of the 3.15 kHz map, CLEABISC produces lower peak levels than CLE#&idoverall
lower map levelsThis could be due to: (1) Thamaller beamwidth and lower sidelobe levafls
FDBFs produced via CSC, (2) CLEABISC performing fewer iterations than CLEAN due to
possible inaccuracies in the C&SMs used for decomposition which leads to a premature
termination of the iterative CLEANbp (ref Fig. 3.1), and/or (3) TI&SC background subtraction
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Figure 4.7. CLEAN-CSC mapping of the airfoil selfnoise.Key same as Fig. 4.6.

of section 4.1.2 generally yielding lower values than would traditional background subtraction
(which is applied to the CLEAN data). Also note that after 3.15 kHz, CLEAN displays more evenly
distributed TE/LE sources and more sourceBeatelatively weadr source (8 and 12.5 kHz plots).

Both of these characteristics were seen in the prevabapter using simulated data: CI)EAN-

CSC tends to exhi bdenterdfhdistrisupedsowsce lealing td alless epehlya s e
distributed resultand @) Due to the mapping of the relatively stronger sofirsg the relatively

weaker source is underestimaiednumber of spatial locations and consequently total energy.
Lastly, note that fewer sideplate reflections are seen (possibly due to their ras@&C assumes
source incoherence) and less map noise is pr@aento the sidelobe reduction capability of CSC)
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when comparing Figs. 4.6 and Qualitatively, the CLEAN TE/LE mapping results are more
similar to those obtained via DAMAS (Fig. 13 frommd®ks and Humphreys (2006a)), probably
because both use the PSF as an assumed propagation model.

4.2.3 Comparison of CLEAN/CLEAN-CSC TE/LE Integrated Levels vs. Frequencyto
Transfer Function Method

Figure4.8 compares the integrated presssgeiared ma levels obtained usinGLEAN and
CLEAN-CSC with a trasfer function (TF) method from Hutcheson aBioks(2002. The TF
TE data are plotted in sololack andhe TF LE in dashedottedblack; both argiven on a per
foot basis. Note that as diagonal ral (DR) was usetiere and was not used to obtain the TF
levels the TFdatawere scaled byhe ratio of the DRFDBF levels (pressursguared) to those of
the nonDR FDBF levels at the spanwise centers of the TE andThis scalingserves to more
accuraely compare the TF levels to tit EAN/CLEAN-CSC resultgiven here Theoutlined
boxes shown in Figs. 4a6and7a were used as integration zones for @é&AN/CLEAN-CSC
results plotted. Note Fig. 4¢n be comparedoosely, due to the TF manipulation)Ra@. 14 of
Brooks and Humphreys(2006a) and the same frequenciesid dB scalewere plotted for
consistency.

In Fig. 4.8 theunscaled CLEANCSC integrated levels for the TE are plotted in sdilde,
those scaled ith method 4 (modeledrassspectral scaling) in soligreen and the unscaled
CLEAN TE levels in solid redThe same color scheme holds for the LE data but dakbtesd
lines are used. BeforekHz, the unscale@€LEAN-CSClevels are very close to theF levels.
Referencing results seen in the previous chapter, this is due to: (1) The TE noise being dominant
and thus its energy allocation not being biasedheyLE noise, and (2) Steering vectoroes
(SVEs) are minimal at low frequencies and thus them@hcancellation of the signait each
point targeted occurgfterwards, the unscaled CLEANSC datdall off at a much faster rate
than all other TE data plotted possibly due to increasing Srteéor the CSC background
subtraction of section 4.1.2 geaBy yielding lower values than would traditional background
subtraction (which is applied to ti.EAN andTF data) Scaling the CLEANCSC TE data using
modeled PSFésolid green)eads to a much closer approximation of the TFsItpe However a
1-2 dBovershoot exists until ~13 kHz possibly due to coherent sideplate reflection energy (which

diminishes at higher frequencies and thus after 13 kHz the scaled COS&Ndata and TF agree
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Figure 48. CLEAN and CLEAN-CSC results comparison to Transfer Function TE/LE
results from [Hutcheson & Brooks 2002] Note that TF levels have been adjusted to account for
DR processing.

well) present in the crosspectral magnitudes of the initial CSM which is used for scaling (EQ.
(2.64)). This suggests that the PSF is a better model than th€SBIE for this comparison. The
general closer agreement of both the CLEAN and DAMAS reswltll both use the PSF) to the

TF data corroborate this. A result found here but not in Brooks and Humphreys (2006a) is that the
CLEAN, CLEAN-CSC, and modified TF TE levels faiff after ~15 kHz. If TE noise indeed
exists at these higher frequencies, ttasnparison would suggest that DAMAS has a higher
dynamic range than CLEAN/CLEANSC. Note that the CLEAN data owaredict both the TE

and LE TF data at most frequencies. This could be due to inclusion of map noise within the
integration zones and/orcohe nt si depl ate noise Al eakingodo int
underprediction of the LE TF levels by CLEARSC is moresevere than for the TE comparison
most likely due to increasing SVEs with increasing frequency. Again, scaling the GIEAN

output using modeled PSFs provides a close approximation to the LE TF levels. As a final note,

scaling the CLEAN or CLEANCSC data to the mean autospectral levels (not shown) generates
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higher levels than any of the corresponding data in Fig. 4.8. If thepaatosiscaled levels are
assumed Acorrecto, this would n ettal 20ld]andise f i r s
discussed belowif the TF | evel s ar e a s sonarexpganation forbthee higheror r e c
autospectrascaled levelgould be hat both CLEAN and CLEAMCSC relatively oveestimate
the TE/LE levels due to reasons stated above. Another is that various factors could bias the
autospectra high: (1) Incomplete removal of the background flow characteristics, (2) Incoherent
noise (e.g.urbulence buffeting selfioise) present only once the airfoil is installed (and thus not
removable by background subtraction), (3) Sideplate junction noisdora@ Sideplate
reflections.A discussion of comparing autospectral levels to thdseimed va FDBF is given
below, as the quantitative interpretation of the results depends on understanding the factors which
affect them both.

Al t hough the FDBF formul ation accounts for 0
when including the autospectthe crossspectra overly influence the solution by a factor of
0 p (ratio of cross to- autospectral elements). Distributed sources, incoherent noise, and
reverberation and/or scattering are all factors which tend to decrease the coherence between
channés as frequency increases [Bendat & Piersol 19880, turbulent decorrelation of the
propagatings ound waves passing through thaedctossnnel 0s
spectralmagnitudeswith increasing frequencysichlinker & Amiet 1980; Broks & Humphreys
1999; Doughert003] Theseeffects taken together indicate that spatial sound mapping solutions
derived from FDBF values will be biased lgelative toautospectral leveldn an indirect way,
this is somethinghe CSM shadingused hereaims to correct for. By maintaining a constant
beamwidth over a broad frequency range, an influence shift from the outer to the inner array
channels occugr as frequency increases. Thiedduces the influence of channel pairs which
experience decreasing cobece with increasing frequendyote that this willalsoserve to the
preservehe validity of the PSF (assuming uniform source directivity is upheld) which assumes no
loss of coherence over the array apertlireeseconsiderationprovide apossible explanation for
the TFlevels being less than tlaeitospectrascaledevels for both CLEAN and CLEANCSC.
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4.3 Flap Edge and Flap Cove Noise Test

As a final case e flap edge and flap e noise test setup studied in Brooks &linphreys

(2003, (2004, and(2006a)is shown in Fig. 4. TheNACA 63,-215 maire | e me n t

ai

chord,360 span)is at ap @ AoA, and the4 . 8hord h#f-span Fowleflap at ¢ wrélative to the

airfoil. The SADA is again positioned out of the Mach 0.11 flow.

CLEAN and CLEANCSC are used to map the setfise produced by the airfoil/flap
configuration of Fig. 4.9. For comparative purposes to Fig. 17 of Brooks and Humphreys (2006a),

the same 1/3 octave band frequency (20 kHz) was tB®@lever, quantitative comparisons are

not readily made because no background dataset was availabld-igere. 4.1@ gives the

rfoi

CLEAN mapping The general flap edge/cove source is made out however the two sources are not

readily separated. Some sitip eflection exists from thdélap cove noise and is seen past

X=+180.

and anotheat the right airfosideplate junctionlead to an unclear mapping of the flap edge/cove

I n ad dndtwb sparipus soarges (one slighdy upstream of the flap cove

noise.The CLEAN-CSC result in Fig. 10b has far less map noise andegparate flap edge and

/ [/
|
|

| U
\‘J Model

T Flow
Sideplate

, /
/)
I
//
1/

1

=

Figure 4.9. Flap edge/cove noise test setup sketch [Brooks & Humphreys 2006a].

+Ray Path
/ y

T
S
:ij/ SADA

cove sources are slightijmore discernablehowevernedther CLEAN or CLEAN-CSC have

separated the two to the same degree as the DAMAS result shown it/ Fof.Brooks and

Humphreys (2006aYhe spurious sources asideplate reflection have been reduced possibly due

t o

CSCos

abi |l ity heintegaatioh @eas matked wihi daskeld bokes are used

to quantify the flap edge and cove noise and these levels are given in the last line of the textboxes.

The CLEAN integrated levels are ~4 dB higher than those obtainedWEAN-CSC which is
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Figure 4.10. Mapping of the airfoil flap edge/cove selhoise.20 kHz 1/3 octave ban€CSM
shading applied: (a) CLEAN, (b) CLEARSC; CSM shading not applied: (c) CLEA&Rd(d)
CLEAN-CSC.

mostlikely dueto steering vectorreors (S/ES) at this frequency.caling the CLEANCSC result

via modeled PSFs brings its flap edge integrated level to within 0.1 dB of that obtained with
CLEAN, and raises the flap cove lewval CLEAN-CSC to 0.6 dB higher than CLEAN. If the
spurious offshoot slightly upstream of the cove is included irlClhEAN flap coveintegrated

level this difference becomes only 0.3 dbhis again demonstrates the ability of scaling the
CLEAN-CSC output leels to agree with the source propagation model used for other analyses
(CLEAN here and both CLEAN and DAMAS in the previous sectiéimally, the CLEAN and
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CLEAN-CSC results are presented without CSM shading applied. This is done to illustrate the
increae in resolution obtained when the contributions from the array channels which are at the
outer diameter of the array are kept intact. As compared to Figs. 4.10a,d, Figsl now clearly

isolate the flap edge noise from that of the flap coMee same&omparative trends exist between
CLEAN and CLEANCSC. Notehat the CLEANCSC levels have increased due to the increased
iterationcount (Fig. 4.10b vs. d). As the outer microphones are the most spatially separated, they
benefit from greaterCSC cancellabn ability due to the probability of the increased phase
difference between them whichcreases the cosine tewhthe CSCweight vectorw 6. Thus,
including these chanrge(y not shading them) producesharefiaccuraté CSGCSM which leads

to lesspremature stop of the CLEAN iterative loop.
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5 Summary and Conclusions

This final chapter provides a summary of the work @nésd herein, conclusions drafvom
it, and ideas for future work relating to thisesearch. The overall goal was
qualitaively/quantitatively accurate spatial sound mapping usingophone arrayslhis work
covered three critical areas affecting this goal: (1) Interfering noise which is correlated between
channels, (2) Beamforming as a fistder method of spatial soundapping, ad (3) More
complex systematidechniquesusedto spatially map soundA novel singlechannel filtering
scheme was developed which increased the arr
sources at locations other tharnargeted locatiom spaceThis processing waased to modify

the CLEANalgorithmto produce anovel spatial sound mapping technique.

51 Summary

This research started from a building block of many existing techniques, the cagieel
Fourier Transform®f microphonearray outputsWith the goal of singkehannel filteringto
enablemore accurate spatial sound mapping witicrophone arraysConditioned Spectral
Analysis (CSA) was introduced as a method for removing correlated signal between two channels
at the FourieMr ansf orm | evel . However, Abl i ndd signa
two main drawbacks: (1) Robuysindesired signal cancellation is usually only obtained with some
degree of cancellation of the desired sigilidrow et al 1975] and (2)It does not offer
incorporation of spatial information

In a beamforming context, where (unlike CSA) spatial considerations are allowed, the
Generalized Sidelobe Canceller (GSC) achieves both sidelobe reduction (akin to attenuating the
influence of undesiredorrelated sources) and finer spatial resolution (smaller mainlobe width).
However, in its common formulation, only a single beamform value is obtained i.e. the single
channel information has been lost. In order to generalize the GSC output figatiodito it was
presentedvhich uses the same principles yet cancels signal at the-simghmel (timehistory)
level. Suggestions given for the determination of the blocking and weighting terms needed to
perform GSC were either vague or computationally intensvith unclear transferability to

frequencydomain, crosspectral analysis.
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In order to accomplish the processing approach of the sthgienel GSC he formulaton of
CSA wasslightly modified This allowedfor a frequencydomain implementation of tHaocking
and weighting term that areneeded in GSC simultaneously. The udefined phase between
channels of signal arriving from a targeted location in space was the only constraint necessary.
This frequencydomain, crosspectral blocking/weighting ten was formed as a geometrical
projection of the crosspectral vector between the channels onto the phase orthogonal to that due
to the signal desired to be preservéldis is akin to preservingignalwhich has alistincttime-
delay between the channetven this formulation, the magnitude of this term was dependent on
the coherence between the channels as well as the difference between their relatspectEs
phase and that of the desired signal to be presenvadsl shown that the phase definitions as
presented are only applicable to source fields which do not exhibitsimiece coherence,
however this could be extended to include coherence through proper modelling and corresponding
modifications to the phassonstraints. In this sense, the filtering term is general, but relies on
accurate modelling of the sound field being measured.

Next, the optimum method for reference channel selection was determined to be based on the
magnitude of the blockingkight vector used for signal cancellation. Given the blocking/weight
term definition and method to select reference channels, an iterative loop was developed in order
to process an entire array dataset for a targeted spatial location. The loop was Hmunded
constraints which ensutethat: (1) Signal was removed each iteration, and (2) The coherent
signal between two channels was greater than the incoherent noise level between them. The entire
iterative procedure was titled Constrained Spectral Comdfitijp(CSC)and is the main novel
contribution of this work

Examples were given of how processing the array channels using CSC induces convergence
toward the true magnitude/phase values of a targeted source within the field being measured.
Another simulatd example showed the sharper spatial resolution and sidelobe reduction ability of
CSC when compared to ddtalependent frequenayomain beamforming (FDBF). CSC was
compared to FDBF as it is a common tool used in spatial sound mapping for aeroacoumsfic test
If a CrossSpectral Matrix(CSM) are formed with the CS@reprocessed Fourier Transforms, a
CSM postmodification based on the FDBWwas proposed intended to improve its accuracy.
Finally, it was proposed that a metric for determining the accuratye @ $C solution for a given

targeted location would be the difference in output espestral phase vs. the uskafined cross
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spectral phas@eeded toconstrain the processing, with a smaller difference meaning higher
accuracy.

Forming part of the staiically-optimum beamforming class, CSC suffered from drawbacks
which affect this class, namely errors in defining the true propagation paths between sources and
the microphones. As such, it was shown to be qualitatively accurate but producethkowtene
levels when estimating source strengths. To overcome this, CSC was embedded within the CLEAN
algorithm, and renamed CLEARSC. This provided two characteristics which were unavailable
to CSC alone: (1) The locations of the sources in the field arexdetst by peaks in the FDBF
maps, and the number/location of sources determined by a decomposition of the initial CSM, and
(2) The total integrated level of the mapped sound field is its summation. Lastly, five quantitative
methods of scaling the CLEARSC output levels were proposed, all based on-defzendent
metrics derived from the dataset being procesBké.first method scales the output source map
to the mean autospectral level at the array and is preferred if the autospectral levels are not biased
by signal (noise or real) which is not that from the model under study. The four other methods are
meant to be used if the finst not reliable due to autospectral bias. The second and¢hatdthe
output crossspectral energy of CSMs obtained aftdtBEAAN-CSC has terminated to the cross
spectral energy of the initial unprocessed CSkk final two methods are akin to two and three
however the PSF is used as a model for the output CLEAR CSMs

Using the CLEANCSC algorithm with a simulated distrileat source setup, a variety of
parameters which affect spatial sound mapping in general and CSC in particular were tested. These
were: spacing between points on a wdgfined scanning grid, total grid size, narrowband
frequency, Signalo-Noise Ratio, dynaic range between neighboring sources in the field, and
source directivity. The ability of the scaling methods to correct the CL-ESIE output levels to
the true FDBF integrated level was examined, and recommendations for processing experimental
datasetsvere given based on results obtainethg simulated data.

Finally, CLEAN and CLEANCSC wereused to spatially map sound from three different
experiment al dat aset s QueehHRow rracdity. AmampNulled®y L an gl
background subtraction meith was presented for use with CSC. A calibration point source was
examined first in order to demonstrate the qualitative/quantitative accuracy of GCES&ANvhen
the correct source location/amplitude are known. Next, an airfoil configured such that d¢gatodu

trailing edge selhoise and griinduced leading edge selbise was studiedCLEAN and
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CLEAN-CSC wereused to producepstial maps at fougnethird octave bands and the trailing
and leading edge contributions were tabulated over a broad freqaegey The third dataset was
from the same airfoil positioned at steeper amugtattack with a flap deployed. A single 1/3 octave
band was mapped and the effects of CSM shading on CLEAN and GIESXINwere shown

5.2 Conclusions

With the goal ofaccurate spatial sound mapping via microphone arrays id, rtfienovel
technique presented here was used to 8iteglechannel Fourier Transforms in order to estimate
the singlechannel characteristics tife signal originating from targeted locatioimsspace. The
ability of CSC to effectively cancel correlated signal between channels which arrived from
locations other than that targeted was shown to depend on the blocking/weighting éerm
Separatingn 0 into its constituent parts, it was foundaththe spatial term (cosine modulator)
exhibits decreasing cancellation ability with:

1 Decreasing frequencgy

91 Decrease in the number of unique vector spacings of therag

1 Decrease in the number of microphanes

91 Decrease in the array apertuaad

1 Increase in distance between the array #tmedsource(s),

And the pseudaoherence term (datdependent) exhibits decreasing cancellation ability with:
Increasing frequengy
Increasing number of individual sources

1

1

1 Increasing spatial extent of distributed smg

1 Increasing magnitude of incoherent noise between chafdesiszase in SNR), and
1

Decrease in distance between the array and the source(s)

The aforementioned factors govern the degree to which the intisieff Transforms can be
filtered to bestestimate those that would be obtained if only the solneing targeted was
measured. Being a common format for aeroacoustic data manipulagse, dutputs were then
used to form CrosSpectral Matrices (CSMs) and it was shown through geometrical egpioeal
that their accuracy is improved when their crspsctral magnitude/phases are modified in the

same manner as frequendgmain beamforming (FDBF) estimates are obtained.
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Using CSMs generated from CSC, a novel modification to the CLEAN algorithm was
developed titled CLEANCSC.Processing simulated array datasets WitHEAN-CSC allowed

for

systematic spatial isoundo Mostipporiantlg, thet nd e r

accuracy of the CSMs generated for targeted locations in space is depgpaierdll of the

aforementioned factors which affect CS&curacyheremeans the degree to which the GSC

CSM approximates the arrdyduced CSM due tadhe sourcés) at the spatial location being

targetedKeeping this in mind, specificonclusions obtairtefrom the simulated data results are:

T

Due to inaccuracies in tHteSGCSMs used to decompose the initial CSM in the CLEAN
loop, the number of source locations mapped is lahantrue with a resulting lower
thantrue integrated map level,

Using a low vale of the CSM scale factgr 1) resulted in a fuller source distribution
mapping and consequently a higher (moreuaate) integrated source level,

The qualitative accuracy of CLEARSC i s cl osely tied to the
The quantitave accuracy with respect to frequency is highest when resolQaith

respect to the true source distributiand coherence across the array are balanced,
Decreasing the Signab-Noise Ratio adversely affected the qualitative/quantitative
CLEAN-CSC acaracy. However, this was ameliorated by increasing the length of the data
acquisitions in time which reduced the effects of the incoherent noise on thepecssl
statistics,

The decomposition of the initial CSM is biased towards the location (anglyeaikrcation)

of relatively stronger sources in the field. Thiise strength ofelativelyweaker sources
tendsto be undeestimatedand that of relatively stronger sources slightly esstimated
CLEAN-CSC demonstrated very small differences in teaaturacy when the sound
source directivitywas modified, and

If autospectral scaling is not used, the most accurate scaling method is that which most
accurately models the sound propagation to the array and equates the resulting cross

spectral energy dhe modeled CSM to that of the initial CSM.

Simulating data is useful as the correct answer is known and the inputs adefussd.

However, experi ment al data provides a true

uncertainty in theaccuracy of the final results. Main conclusions from the experimental data

analysis are:
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For thepoint sourcalataset analyzed, CLEARSC producedyualitatively/quantitatively
accurate mapsyithoutoutput scaling,

For the airfoil trailing/leading edge rsa datasetCLEAN-CSC produced lower overall
levels and less map noise than CLEAN due to its finer spatial resolution and lower
sidelobesThe lower levels couldilsobe due talifferences between the CSTSMs and
the true arraynducedsource CSMsvhich ledto a premature termination of the iterative
CLEAN loop, and/or the background subtraction process used for CSC resulting in lower
channel magnitudes than the background subtraction used for CLEAN
TheCLEAN-CSCoveralllevelsdecreasedith increasing frequency relative &oTransfer
Function (TF) methodCLEAN, andDAMAS most likely due to steeringeetorerrors,
Neither CLEAN or CLEANCSCdetecedthe presence of TE noise after ~15 kMiich
was detected in corresponding DAMAS results

CLEAN overpredictedthe TF levels possibly due to inclusion of map noise in the
integration areas ral/or coherent sideplate noise biasitige frequencydomain
beamforming FDBF) values used

Scaling of the CLEANCSC results based on modeled PSFs showed closgitgtiae
agreement with both CLEAN and DAMAS,

Autospectral levels were Higr than those obtained via FDBF,

For the flap edge/cove dataseé&EM weighting reduced the CLEAN/CLEANSC spatial
resolutionand la to lower CLEAN-CSC output levels due to fewéeratiors of the
CLEAN loop.

Finally, Constrained Spectral Conditioning is nmvel first-order processing step which

provides singlechannel estimates of signals emanating from distinct spatial locations. Two final

conclusions foCSCare:

i

i

With proper cosideration for the way in which data are manipulated, CSC could serve as
a starting point for many existing algorithms which start from Fourier Transforms er time
histories of data which are assumed stestdye, and

When the CSC outputs areused to form @ssSpectral Matrices, its advantage over
algorithms which useéhe Point Spread Function will increasiege more the PSF differs

from the true propagation model between the source(s) and array
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5.3 Future Work

The first step that should be taken for improvement of Constrained Spectral Conditioning
(CSC) is modification of the output Fouri€ransforms. This could be based on comparing the
CSC output crosspectral phases to the theoretical phases used to ¢orikerdlocking/weight
vector. Currently, only the crospectral magnitudes are modified to project onto these ideal
phases. Ideally, the modificah would happen at the Fourierafisform level, such that upon
CSM formation the crosspectral phases wallmatch the theoretical values and the aatal
crossspectral magnitude estimates would be closer to their true va#lnether improvement
could beto more accurately estimate t8enerHopf equatior{datadependent part of the weight
vector used herejia a technique like that given in Goldsteinal (1998).

Having optimized th€SC output, steps should be taken at the array level to further minimize
the difference between the CEISM and the arrajnduced CSM due to the source at the location
targeted.Suggestions for this are: (1) Use DAMAS to deconvolve the FpB®duced from this
CSGCSM. Given the resulting source distribution, subtract the PSFs (scaled by their DAMAS
output) of sources which are not at the point being targeted from th€2SBIC(2) Use CLEAN
SC to estimat¢he arrayinduced CSM due to the source at the targeted locatiom thisCSG
CSM, (3) Use Orthogonal Beamformingn this CSGCSM and only keep the CSM whose
eigenvalue/vectorpoint to the location in space being targetaxdd (4)Given a model for the
CSM and this CSE&SM, use nonlinear optimization to solve for its magnitude Bé&sodonand
Elias (2003) or Suzuki (2008) for example).

Oncethe aforementioned techniquesvereducel the difference between the proces&&SM
and that due to the source at a targeted loca@&@M weighting should be applied based on
modelling of the physics which are present in the test $sagBrooks and Humphreyd.9%) or
Dougherty (2003) for exampleJhese final CSMs could beormalized and used #se source
propagatiormodels formanyexisting deconvolutiotechniques.

Lastly, a factor which dfects all spatial mapping schemessisurceto-array propagation
modelling. Specific to this work, turbulent decorrelation effeasfthe sound passing through a
tunnel shear layer could be added to more realistically model aof-flotv array. Precise
definitions for steering vectors are needed, which become even more fousialations such as

sound passinthrough two shear Yeersor throughnonshearlayer turbulence.
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Appendix

A CrossSpectral Source Estimation in the Presence of Correlated Noise

When the correlation functions of a desired signal and undesired noise are sufficiently
separated the possibility of separating them waithptive noise cancellatioANC) arises. In this
context, the correlated noise between microphones could be subtfemte either of them
producing an autospectral estimate of just the desired signal on the channel. This procedure has
two issues(1l) The coherent noise estimate extracted with AN@iased due to the presence of
uncorrelated signal on the channels [$mdlal 2012], and (2 The coherent noise between the
channels does not necessarily predict the effect of the noise on each channel ind[@dbhaldy
Cattafesta 2011

In light of these limitations, the proposed idea is to extract the correlated lsegwaen two
channelsand devise a factor to correct for the bias present during the ANC procedure. This cross
spectral estimate could then be used to compute autospectra depending on assumptions made about
the source fieldBahr & Cattafesta 2011

A.1 Cross-Spectrum Calculated from the CrossCorrelation

The estimated crossorrelation for discrete, reahlued signals is defined fBendat & Piersol
1984

Yoty fom (A1)

where¢ are the discrete samplésthe total number of samples, ahthe lag (samples) at which

the crosscorrelation is computed. The technique propaseBrookset al. (1989 assumes the
correlation of the background noise between two sensors to be invariant between a background
noise only and combined acquisition. Thus, the eooseelation resulting from the background

noise only acquisition is subtracted from tha¢ doi the combined acquisition

(A2)
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The resulting crossorrelation should be fre# correlations due to the background noise leaving
only those due to the desired signal. Simplifying the techniqueBromwkset al. (1989, a section

of the crossorrelation centered on the desired signal peak is used to create an equivalent
autospecum [Nelson & Elliot 1992

0 ¢ Q —B Y ; ta— (A3

where the summation is taken over a number of lags equal to the block sipkeé3arsed for the
FFT processing.

A.2  ANC Extracted Signal Amplitude and Phase Correction

Assuming that the cros=orrelations of the desired signal and undesired noise are sufficiently
separated, ihas beershown[Spaltet al 2012]that an estimatef either will be biased in the
frequencydomain due to the uncorrelated presence of either betweehdhaels. This warrants
a frequencydomain correction. The optimal, unconstead Weiner transfer function [Widroet

al. 1979 between the two channets
W' — (A4)

If only the desired signal between the two channels is correlated this bdE&pakest al 2012]

z

O 0 : (A5)

where * denotes complex conjugalie the timedomain ANC formulation [Widrovet al 1975]
the correlated signal between the channels is obtained by convolving the weight vectbe with

reference channel. In tHeequencydomainthis is

z z

“Q —0ooQ —— (A.6)
Therefore, an estimate of the sigrsabbtained as

O Q 60 MO O (A.7)
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A.3  Simulation

CROSSSPECTRAL SOURCE ESTIMATION

IN THE PRESENCE OF

In order to test Eq. (A)7asimulateddataset was created.block diagram of thesimulation

is shown in Fig. Ala

MA T L A B 0-sand@ns reimberogenerator was used to create four

uncorrelated signalS N, inl, andin2. Four distinct transfer functiort$1-H4 were simulated by

delayingnl6 s

low-pass filterstdN, u s i n g

s(iigmadr der

to si

MATLABOGS
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, applyng 8 diffenent t

,Bnd ttwo differet bangassfilterdtd e r
S The sampling rate was 20 kHz, the block size 512 samples, the bandwidth ~39.1 Hz, and 193

averages were used when computing the FRRsautospectrum ofaeh channel is given in Fig.

A.lb.
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Figure A.1. (a) Block diagram used to generate simulated microphone data, and (b)
Autospectra of all signal components.

Adi

In order to correlate only the desired signal between the channels, the following processing
guidelines were used@he ANC filter length was ches to be 512 samples to match the resolution

of the FFT processing. A delay of 1024 samples was used for channel 1 resulting in the maximum
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background noise cros®rrelation being centered in the ANC weight vector. A small step‘size (
= 6e6) was chosem order to ensure convergence and low mean square Eagkih 198§. In
order to reach an optimum value, the system was left to iterate at this step size. A converged filter

weight vector was gradually reached after 30 iterations. The ANC procesomasiao slowly
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Figure A.2. (a) Crossspectral source extraction using ANCwith and without correction
factor applied compared to true crossspectrum of desired signal, andb) Level difference in
correct ANC result from true cross-spectrum.

converge in order to extract an estimate of the correlated signal between the two channels. This

result with the correction factor from EdA.7) is shown in Fig. Aa and lhe associated error in
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Fig. A.2b. It is seen that erran recovery stays within = 0.5 dB as far as 3 dB down from the
desired signal dés max amplitude, and twshblhi n N

between the channels).

A.4  Experimental Validation

Having simulated the performance of trerected ANC results, experimental data was used
to evaluate its performance in a wind tunnel environment. The data was taken from a test in NASA
Langl eyds Qui et FIl ow Facility (QFF). Aof-NACAO0O
Attack (AoA) subjeted to incident, homogeneous, isotropic turbulence. The turbulence was
generated by a metal grid mounted across the exit plane of the model. The data used was taken at
Mach 0.127. For a complete test setup descriptiomséehesoret al (2011).

A diagram of the test setup and arample photo are given in Fig..& The airfoil test is a
good candidate for separated correlation function ANC processing: no noise reference exists that
is free of airfoil signal and/or has very low SNR, and the flog@propagates parallel to the flow

direction while the airfoil noise leading edge noise is perpendicular to it at 0° AoA.

(450) MA[)A/\ [o] =[ 0
P
(60°) m <« |
(75°) M2 Il a | ~IAVER
-~ 1\ |
v oo=g0c (Il )|
MODEL
| |
| |
M4 | |
(o5’ " ([
M5 * s
L] ' plate|
(120°) /
Mﬁ, NOZ ZLE
(135°)

Figure A.3. (a) Diagram of airfoil self-noisetest setup with microphone placementand (b)
Example photoof test setup

To illustrate this separation, cressrrelations are taken between microphones 4 and 2 when
the 90 chord airfoil was installed in the tes

with an empty test section. These microphones were chosea theedipolelike radiation of the
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airfoil 6s | ead Huichesaetla) 2011aThis radiatios shéutd hus[be captured

at microphones 4 and 2 with almost no delay between the signal and high magnitude/coherence
(relative to more ofB0°-axismicrophones). Figure A.shows that therosscorrelationsignature

of the airfoil is distinct and separated from that of the flow noise. This allows for correlated signal
extraction using ANC as previously described. The subtraction of the flow ongfat@mn from

the combined flovand airfoil correlation is givefor reference and will be subsequently used.

m—Flow (M 0.127)
== O Adrfoil + Flow
9" Airfoil - Flow

Normalized Correlation

e

1 1 1 1
-400 -300 -200 -100 0 lag +100 +200 +300 +400
Relative Delay, samples

Figure A.4 Cross-correlations between microphone 4 and 2" chord airfoil, M 0.127, 0° AoA.

Figure A5 gives three crasspectra between microphones 4 and 2: that obtained when only
the flow is present, that when the 90 chord
result of these. High SNR is seen below ~650 Hz allowing spectral subtraction to Sexve a
benchmark in this frequency range. This will be used to compare the ANC andpecssim
derived from crossorrelation results.

Figure A6 displays results comparing the ANC technique to that of obtaining the cross
spectrum from théackgrounesubtracted crossorrelation (seelashdot green line in Fig. A).

It is seen that the crospectrum obtained from the cressrrelation more closely matches that of
spectral subtraction in both magnitude and phase. The errors between thaosispectrum
from crosscorrelation results and spectral salotion are plotted in Fig. &. Although the ANC

result less accurately duplicates the spectral subtraction result, the differences are within +1 dB
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CROSSSPECTRAL SOURCE ESTIMATION

IN THE PRESENCE OF
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Figure A.5. Crossspectral magnitude and unwrapped phase, microphones 4 and2' chord
airfoil, M 0.127, AoA 0°.

and +10° below 600 Hz for magnitude and phase respectively. Note that this result was obtained

with only one (airfoil installed) acquisition, and the othveo imethods require a separate
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Figure A.6. Cross-spectral magnitude and phase for microphones 4 and 2.

background noise acquisition which assumes the noise measured in each to be stationary. Also,

the phase of the AGI result hasower variancedtandard deviation than both the spectral
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subtraction and crosspectral phase obtained from the crosgelation results. This indicates

Figure A.7. Magnitude and phase error (relative to spectral subtraction).

better tracking of the leading edge source which dominates at thisAaéHesoret al 2011.

IN THE PRESENCE OF

A geometry calculation including the effects of shear layer refraction would be nemded t

determine the phase offdedtm an ideal phase between microphones 4 and 2 from a point source

at the airfoil leading edge.

A.5 Discussion

A frequencydomain correction factor which is applied to the extracted correlated signal

between two channels using ANC was derived. Usirgnaulation which atbwed for ideal

evaluation of the technique showed that its accuracy was within = 1 dB until the incoherent noise

threshold between the channels was reached.

The

techni

que

wa s

t hen

applied

t o AGAOOILS

t unne

airfoil at 0° AoA subject to turbulence. Where SNR was high, the difference in ANC results

compared to spectral subtraction was +1 dB and +10° for magnitude and phase respectively. The

phase of the ANC redt also had lower variancgAndard deviadn compared to the spectral

subtraction and crosspectrum computed from the cressrelation results, possibly indicating a

better tracking of the leading edge noise which dominated at the AoA investigated.
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APPENDIX AT CROSSSPECTRAL SOURCE ESTIMATION IN THE PRESENCE OF
CORRELAED NOISE

Given completely separated desired signal amdesired noise correlation functions between
two channels, the correction factor derived allows ANC msiog to accurately extract the
desired signal 6s magnitude/ phase to within
Problems arise whendfcorrelation functions are notropletely separated (see Fig.4A\ In this
instance, the user must decide how much of
correlated signals between the channels; too much and the estimate is bidsedifyesired
noise, too littleand it is incompleteMore research could be done to determine signal distortion
for given ANC extraction parameters whtns decision must be made.
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APPENDIX BI DATA-DEPENDENT ERRORS

B Data-Dependent Errors (DDES)

This section addresses the random errors present in the calculation of the blocking/weighting
tern w 6 for experimental data. These adae to the finitenumber of averages used in the
calculationof the datadependent terms i 6 and the coherence between channels being less than

1. From Bendat and Piersol (1988 following mndom errors are given in Eq..{B assuming
the data have a constant spectrum over the narrowband bandwidthr-usélde normalized error

in autospectral magnitude, normalized error in coherence, normalized error irseossl

magnitude, and standard deviation in crsgsctral phase (radians) between channedsmdd .

(B1)

It is seen that the error in autospectral magnitude islywhaole to the number of averaged
Fourier Transform blocksThe errors present in the coherence and &psstral magnitude, and
the standard deviation in crespectral phase depend upon the number of averages and the

coherence. The normalized errors can be used directly on thdegmadent values to compute

the ranges in which their true values must fall Ce. p - O O p

- . The standard deviation in phase however delimits a distribution aboutwherein the

true phase lies. Assuming this distribution to be Gaussiatyub phase is has a 99.73% likelihood

of being located within a range about the estimated phase plustmieestandardeviations.e.

n O, p n n O, » . Due totheaforementioned ranges in which the
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APPENDIX BI DATA-DEPENDENT ERRORS

true values of the autospeait magnitude, coherence, and crgpgctral magnitude/phase exist
given their estimated values, modificationst® and the choice ai must be made.

The first modification is to reduce the magnitudewod due to the uncertainty of how close
O , 0 ,andn are to their true values. The magnitude terms are reduced in order to

produce the lowest possitd®w 6s given their range limits

S o (B2)

In the same fashion, the cressectral phase which minimizes the magnitude of the cosine term of

w 0 is used

~

WE N no. - 0O aQaé b O, » no - (B3)

Then, reference channels are disqualified in the choi@e @fhich violate certain condition3he
violations given in Eq. (Bl) are: when the normalized errors of E}1( are greater than or equal
to 1, when 3 standard deviations in the cigigsctraphase is greater thanand when the steering

vector phase falls within the crespectral phase range. The first condition is used because a
normali zed error of 1 or greater | eads to the

violation is defined by the principal value range of the arcsine function and ensures that the range
limits of n still contain a positive projection onto he last conditiorensures that signal is

not removed belonging to a source at

d OOE HEDI @B QR

(B4)

ﬂ 0” n n el n 011 n

This canbe explained with the situation of a singleurce field. If no error were present and

n n , the single source located @t is preserved when' no. kn
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APPENDIX BI DATA-DEPENDENT ERRORS

because@o & i — T When error is present, this signal preservationordy be upheld while

the steering vector phase is outside of the espsstral phase range (Eg.4)). This is due to the

fact that the range of possibfle  encompasses , and thereforét must be assumed that

h
o n in order to &oid cancellation of the source. FiguBel depicts this scenario.

The DDEs giveninEq.(B)L are used to modi fy-ciabe aslcgomai i
approach (lowest possilge 6 sused, Egs. (B-3)) and by disqualifying channels that can be used
as references due tountive error violations (Eq. (B)}. This accounts for the statistical nature of
the estimates used in the algorithm in order to ensure that source signals are not cancelled when
using estimates which inherently have inaccuracieocated with them. Constraining the

algorithm due to the DDBsIll reduce the amourmif signal cancellation possible. The CSM

T
mf,ﬁﬁ + E \ @_‘ e
GfQ & m !
>
X )
\ @ 7
& mm
fQ@‘
300
Do
D srim? — 2

Figure B.1. Crossspectral phase error rangeBecausehe steering vector phase lies within the
range of the possible true value of the crgissctral phase, the estimated ciggsctral phase must

be assumed equal to the steering vector phase.

formedusing the DDE constraints is termé&;, , andthe beamformed output at each

scaming locationi is
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APPENDIX BI DATA-DEPENDENT ERRORS

AT Lh (B5)

As an examle, the scenario from Fig. 2.1glused to visualize the reduction in resolution due
to the reduced cancellation ability. The difference in resolution

PTONE D 5 | GED f i (B.6)
both laterally and longitudinally iplotted. It is seen that for the given frequency and SNR,
accounting for the DDEs adds up to 3 dB at certain scanning locations around the source location
compared to the values obtained when not accounting for the errors. In the lateral direction the
reol ution remains quite sharp as only ~1 dB
and 10 from the source the differences are
greater extent: at 3w pipn isfstillovertl dBogreatdrdni pnd t he

This was to be expected however given the ~11x decrease in resolution longitudinally compared
to laterally (ref. Table 2.1).
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Figure B.2. Resolution loss due to accounting for DDEsSetup that of Fig. .24. (a) Lateral
resolution differenceY®= Y& = 0.04", and (b) Longitudinal resolution differenceYo = Y& =
0.125".
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APPENDIX Ci STEERING VECTOR ERRORS

C Steering Vector Errors (SVES)

This section covers the affects that errors in the steering vectors used for CSC have on its

output.Accurate steering vector definitions rely the locations of bothiyand0 to becorrectly
known, and that any changes in the propagationiunedre correctly accounted foin real
experimental setups, the steering vectors can only be determined to some finite level of accuracy
due to the myriad of factors which influence experimental acculdaay.e t o sp@ti@lC o6 s
cancellation ability,even slight steering vector miscalculations can lead to severe source
cancellationon the array channel3herefore,CSC canbe additionally constrained in order to
prevent the cancellation of sources duSWEs.

In order to constrain the algorithm, theer must first define the lateftahgitudinalresolution
to be used for processingnce defined, th¥afYufa creae rectangular spatial volumes at which
sound informatiom s desi r ed. Cons eopjectva it lewsed tatlthesreanavbdl gor i t h
of signal from the array channels of sound not coming from the volume with centwdide
preserving signal whichriginates fromwithin that volumeThis signal preservation is achieved
by limiting the possible values &b 6 Swhich can be used fa given spatial locatioh. The
calculation of these limits begins with the assumption that espatjal volume with centroid of
the userdefined scanning grid contains an independent, monopole source. For a given source,
when the steering locatidnequals that of the sourc¢e, no steering vector error exists and the
source is preserved. However, given thats only approximately knowin practice, we desire
that as long aé is within the volume defined byafYcfYd, when targeting theentroid of this
volume () the signal fromi is preserved. Thus, within this volena separate grid is defined
usingYo Yo Ya as shown in FigC.1 The centroid is drawn as a red asterisk at (0, 0, 0) and
the separate interolume gridpointsdrawn with black dots. The grid spacing show¥ds Y

Y& pand the intewolume
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Figure C.1. Example scanning volume.

grid spacing/® Y& Y& & uThe intervolume grid spacing requirement so that a source

is notmissed is

Yo Yo
Yo o Yo (C1)
Ya  Ya

whereYo Yo Y& are the source dimensions.

For a given datas&upplying the——) and predefined scanning grich 6Scan be calculate

for each of the intevolume grid pointd defined byYowRYwhYa . The crossspectral phases
replaced by the steering vector phase of locatipand the targeted location remains fixethat

centroidi . The datadependent, phasaserted waght vector due to a possible sourceé atvhen

targeting the spatial volume with centraoids

w6 if Mk —EPr . o0 - (C2)

Then, the DDEs and associated modifications to thectsmbeof & ar e us e d-casen

scenari o0 manner
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