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Abstract

The boreprofile andinputimpedancef a musicalwind instrumentprovide valuable
informationaboutits acousticalproperties. The time domaintechniqueof acoustic
pulsereflectometrycanbeusedtio measureéheinputimpulseresponsef atubular ob-
ject, suchasawind instrumentfrom which bothits boreprofile andinputimpedance
canbecalculated.

In this thesis,after a discussiorof the theoryof acousticpulsereflectometrythe
operationof a practicalreflectometers describecandmeasurementsf inputimpulse
responseboreprofile andinputimpedanceareinvestigated.

In generaltheexperimentallymeasuredhputimpulseresponsef atubular object
containsa DC offsetwhich mustberemovedfor accuratédorereconstructionA new,
fastermethodof determiningthe DC offsetis introducedwhich doesnt requireprior
knowledgeof the objects dimensions.

Theboreprofile of atestobject,calculatedy applyingalossyreconstructioralgo-
rithm to its inputimpulseresponségafterremoval of the DC offset),is foundto agree
with directly measuredadii to within 0.05mm. Variousbrassinstrumentreconstruc-
tionsof similaraccurag arepresented.

An inputimpedancesurve, calculatedrom the inputimpulseresponsef thetest
object,is foundto have peakfrequenciesvhich agreewith thoseof atheoreticaturve
to within 0.7% (a considerablybetteragreementhanwhena standardrequeng do-
mainmeasuremertechniquds used).Impedanceurvesof variousbrassnstruments
arepresented.

Borereconstructionareusedto confirmthe presenceandin certaincasesthe po-
sitionsof leaksin instrumentsFor thespeciakaseof aleakingcylinder, theimpedance
curwe is successfullysedto calculatethe sizeof theleak.

Finally, a methodis investigatedvhich allows the practicalreflectometeto mea-

surelongerobjectsthanpreviously possible.
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Chapter 1

Intr oduction

In the acousticaktudyof musicalwind instrumentstwo typesof measuremertiave
proved particularlyvaluable.Oneis the measurementf the boreprofile; the otheris
the evaluationof the inputimpedancedefinedasthe ratio of the acoustigoressureo
the air volumeflow rate at the entranceto the instrument. Thesetwo quantitiesare
closelyrelatedand,in principle, one canbe calculatedfrom the other In practice,
however, complicationdrom featuresuchassideholedimit theaccurag with which
theimpedanceanbe calculatedrom theboreprofile.

For mary years,standardnethodsexistedfor measuringhe two quantities. The
bore profile wasmeasuredlirectly with accuratdools suchascalipers. However, in
mary casest wasnot possibleto accesghe whole lengthof theinstrumentleaving
the measuredgrofile incomplete. The input impedanceof the instrumentwas mea-
suredin the frequeny domain. To makethe measurementt was first necessary
to measurehe volume flow rate. The pressurevasthen measuredt the entrance
to the instrumentand divided by the volume flow rate to give the input impedance
[Backus1974,Backusl976,Prattetal 1977 Caussestal 1984]. The methodyielded
excellentresultsbut wasvery time-consumingrequiringthe initial volumeflow rate
measuremerdndthenapressureneasuremerdteachfrequeng of interest.

Recently the time domaintechniqueof acousticpulsereflectometryhasbegun
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to be appliedto wind instruments.A pulseof soundis injectedinto the instrument
and the resultingreflectionsare analysedto give the input impulseresponsefrom
which thecross-sectionadreaasa functionof axial distanceandtheinputimpedance
can be calculated. The adwvantagesof acousticpulse reflectometryare that it only
requiresapressureneasuremer{temoving theneedfor avolumeflow ratecalibration
measurementindthatit is non-irvasie (allowing inaccessibléore sectionsto be
measured)As apulsetechniqueall frequenciesiredealtwith simultaneouslynaking

acoustiqulsereflectometrylesstime-consuminghanthe frequeny domainmethod.

1.1 History of acousticpulsereflectometry

Acoustic pulsereflectometrywas originally developedas a seismologicatechnique
for the obsenation of stratificationdn the earths crust. The earths crustis madeup
of layersof differenttypesof rock. Whenanapproximatelyimpulsive pressuravave
is producedby a sourcesuchasdynamiteandusedto probethe crust,reflectionsare
generatediueto impedancdaifferencedbetweerthelayers.Thesereflectiongeturnto
the surfacewherethey arerecordedand,becaus®f theimpulsive natureof the exci-
tation,termedthe inputimpulseresponseWareandAki [1969] developeda solution
to theinverseproblemof calculatingthereflectioncoeficientsof thelayerboundaries
from the inputimpulseresponseThe solutionassumedosslesgpropagatiorthrough
thelayers.Fromthe boundaryreflectioncoeficientsandtheimpedancef thesurface
layerof rock, theimpedancesf deepetayerscouldbe calculated.

In the early seventies,the medicalresearchieamled by Sondhinotedthe poten-
tial of acousticpulsereflectometryas a methodfor measuringairway dimensions.
Previous attemptsto measurdhe cross-sectionahreaof an airway as a function of
axial distancehad beencarriedout in the frequeng domain,usually by measuring
the input impedanceat the mouthand then (having assumedhe vocal tract length)

usingresonance® estimatethe areaprofile [Schroeded 967,Mermelsteinl967]. In
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a mainly theoreticalpaper Sondhiand Gopinath[1971] describechow, by applying
a soundpulseto the airway underinvestigationand recordingthe reflectionsat the
lips, the areaprofile of the airway could be calculated. The calculation,although
mathematicallycomple, did not requirearny assumptioraboutvocaltractlength. In

their treatment,as in the Ware-Aki treatment,lossesin the airway were not taken
into account. An attemptto include the effect of losseswas madein a later paper
[SondhiandResnick1983 but wasonly applicablef thelossesvereassumedo have

simpleforms.

Jacksoretal [1977]publishedareaprofilesof exciseddogtracheasndlungsmea-
suredusinga pulsereflectometerThey modelledthe airway asa seriesof discontin-
uouslyjoinedcylindrical sggmentsof equallengthsbut differing cross-sectionareas
(and,hencedifferingimpedances)The problemof measuringhe airwaydimensions
wasthusreducedo oneof finding the areasof theindividual sgments(ananalagous
problemto thatof determiningtheimpedancesf the individual layersof rock in the
earths crust). The designof the reflectometewassuchthata soundpulsecreatedoy
a sparkdischage wasappliedto the airway via a sourcetube. Reflectionsggenerated
attheboundariebetweerthe cylindrical sggmentsreturnedrom theairwayandwere
recordedby a microphoneembeddedn the wall of the sourcetube part of the way
alongits length. After thefirst of the airway reflectionspassedhe microphonethey
carriedon up the sourcetube,werereflectedby the soundsourceandreturnedto the
microphone.The sourcetube ensuredhat at the microphonethe passagesf thein-
put pulse,airwayreflectionsandsourcereflectionsdid notoverlap. Theinputimpulse
responsef the airway was determinedoy decomwolving the airway reflectionswith
the input pulseshape(the decowolution was carriedout by performinga frequeng
domaindivision). Thealgorithmdevelopedoy WareandAki wasusedto calculatehe
reflectioncoeficientsof the inter-segmentboundariesfrom which the sgmentareas

werecalculated Althoughthe Ware-Aki algorithmdid not takeinto accouniossesn
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the airway, goodareaprofileswerestill achieved becausehe airwaysmeasuredavere

shortenoughfor lossesto be insignificant. An expressionfor the input impedance
of anairwayin termsof its inputimpulseresponsevasalsoderivedin the paperbut

no resultswere presented.Area profilesof humanairway castswere presentedn a

subsequentaperfJacksorandOlsen1980].

The first measurementsn human patientswere carried out by Fredbeg et al
[1980]. The reflectometeusedto makethe measurement&asa substantiallymore
complicatedversionof the oneusedby Jacksoret al. A soundpulse(producedhis
time by aloudspeakenyvasagainappliedto theairwayvia a sourcetube.However, in
this casethe tubewasfilled with He/O, gas. The resultantreflectionsreturnedfrom
the airway andwere measuredy a microphonen the wall of the sourcetube. The
reflectionswereprocessedsbeforeandanareaprofile wascalculatedisingthe Ware-
Aki algorithm. Betweenmeasurements, valve wasopenedandthe subjectbreathed
in He/O, gas. Thereasorvor filling the apparatusndthe subjects lungswith He/O,
wasto increasehe speedof sound(soundtravels almosttwice asfastin He/O, asit
doesin air) therebyincreasinghe bandwidthof the input pulse. With moreinforma-
tion from the frequeng rangein which airway wall non-rigidity could be neglected
(i.e. above approximatelylkHz), Fredbeg aguedthat more accurateresultsshould
be achieved. On the whole, profile reconstructionsnadeusing the He/O,-filled re-
flectometermppearedo comparemorefavourablywith X-ray resultsthanthosemade
using an air-filled reflectometer However, the resultswere not conclusve and the
needfor He/O, hasnot beenproved. Nonethelesshe systemdevelopedby Fredbeg
et al wastestedfurtherandsuccessfullyusedin clinical trials duringthe mid-eighties
[Brooksetal 1984,Rubinsteiretal 1987, Hoffsteinetal 1987].

In aconferencgapermresente@tameetingof the AcousticalSocietyof America,
Benadeand Smith [1981] describedan early attemptto measurehe input impulse

responsef a musicalwind instrumentusingacousticpulsereflectometry An input
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soundpulsewas producedby a sparkdischage at the mouthpieceof a tuba. The
tubareflections,recordedby a microphonealso positionedat the mouthpiecewere
consideredo be the input impulseresponsef the tuba. No attemptto remove the
effectsof the input pulseshapeby decowolution wasreported. Ayerset al [1985a,
1985b]presentedimilar work but useda piezoelectridransduceasthe soundsource
insteadof a sparkdischage.

A large amountof researchnto the useof acousticpulsereflectometryfor mea-
suring the acousticalpropertiesof musicalwind instrumentswas carriedout at the
Universityof Surrey underthe supervisiorof Bowsher

Thegroupsearliestwork wasundertakey Goodwin[1981]andDuffield [1984].
They developeda reflectometemwhosedesignwasvery similar to the clinical reflec-
tometerof Jacksoretal. The only majordifferencewasthe longersectionof source
tube betweenthe soundsourceandthe microphone.This wasnecessarpecauséhe
instrumentaunderinvestigationwerelongerthanthe airwaysmeasuredby Jacksoret
al. Consequentltheinstrumentreflectionsastedlongerthanthe airwayreflections,
requiringthe extensionof the sourcetube to ensurethat they completelypassedhe
microphonebeforethe arrival of the first sourcereflections. A sparkdischage was
againusedto producethe soundpulsealthoughDulffield did try replacingit with a
loudspeakerUnlike thesparksourcetheloudspeakeconsistentlyproducedulsesof
the sameshape gnablingthe input pulseandinstrumentreflectionsto be averagedo
improve the signal-to-noiseatio. Unfortunately attemptsto calculatethe input im-
pulseresponsef the instrumentby decomwolving the instrumentreflectionswith the
input pulseshapewereunsuccessfulAs a result,the sparksourcewasusedbecause
the pulsesit producedwere moreimpulse-likeandso, to a goodapproximationthe
resultinginstrumenteflectionscould betreatedastheinputimpulseresponseavithout
theneedfor decomwolution.

Deang1986]reportedmoresuccessfuhttemptsat decowolution. The production
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of impulse-like pulseswas thereforeless critical and the inconsistentspark source
wasreplacedby a loudspeakerThe consisteng of the loudspeakegenerategulses
allowedaveragingof boththeinput pulseandtheinstrumenteflectiongo improvethe
signal-to-noiseatio. Decorvolution thengave theinputimpulseresponse.
Theresearclwascontinuedby Smith[1988], Watsonand Bowsher[1987,1988]
andWatson[1989]. They presentedborereconstructionsf variousbrassinstruments
calculatedrom inputimpulseresponsemeasuredisinga pulsereflectometerCylin-
drical symmetrywasassumea@nd,insteadof the area,the radiuswascalculatedasa
function of axial distance.The reconstructioralgorithmsemployedwerethe Sondhi
algorithm and a non-comprehensge version of the Ware-Aki algorithm (a version
which did not takeinto accountall of the multiple reflectionswithin the instrument),
neitherof which compensatedor losses. Although this had not proved significant
whencalculatingthedimension®f ashortairway, whencalculatingthedimension®of
abrassnstrumentwvherelossesveregreaterthereconstructedadii shouldhave been
increasinglyunderpredictedvith axial distance. However, this underpredictiorwas
maskedoy the presencef a DC offsetin theinputimpulseresponsevhich causedhe
reconstructegbrofile to eitherexpandor contractspuriously The proceduredescribed
by Watsonto remove this DC offsetwasinappropriate.t involvedrepeatedlyapply-
ing thereconstructioralgorithmandadjustingthe DC valuesubtractedrom theinput
impulseresponseintil, at anarbitrarypositiontowardsthe endof the instrumentthe
reconstructedadiuscoincidedwith the measuredadius. However, thereconstructed
radiuswasexpectedto be underpredictedowardsthe endof theinstrument.To force
what shouldhave beenanunderpredictedadiusto be equalto a measuredadiusre-
quiredthe subtractedC valueto be greaterthanthe actualDC offset. Althoughthis
overestimationof the DC offset appearedo provide somecompensatiorior losses
in thereconstructionthe treatmentvasnot basedn a rigorousanalysis.Watsonalso

publishednputimpedanceurvesfor aselectiorof brassnstrumentgcalculatedrom
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theirmeasuredputimpulseresponsessingtheexpressiorderivedby Jacksoretal).

In airway measuremenivork carriedout in Edinturgh, Marshall[1990, 1992a,
1992b]took the reflectometedesignusedby the Surrey groupandattemptedo im-
prove its portability by reducingthe length of the sourcetube. By sharpeninghe
shapeof theinput pulseandthusreducingits duration,it waspossibleto shortenthe
sourcetube sectionbetweenthe microphoneand airway whilst still maintainingthe
time separatiorof theinput pulseandairwayreflections.Marshallalsoinvestigateca
mathematicatreatmentwvhich removed the needfor maintainingthe time separation
of theairwayreflectionsandsourcereflectiongproviding ameasuremerdf theloud-
speakemputimpulseresponsavasmade).Thus,thesourcetubesectionbetweerthe
loudspeakeand microphonecould be shortenedandthe input impulseresponsesf
objectsof ary lengthcouldbemeasuredA reflectometewasbuilt with a sourcetube
lengthof afew centimetresAirway profilescalculatedusingthe Ware-Aki algorithm
from inputimpulseresponseneasurementsadeusingthereflectometewerereason-
ably accurate However, the accurag wasnot asgreatasthatachieved by the longer
sourcetubereflectometer

Louis et al [1993] describedanothemethodfor reducingthe sourcetubelength.
Theintroductionof a secondnicrophondnto thewall of the sourcetubeenabledhe
separatiorof thewavesprobingtheairway(theinputpulseandary sourcereflections)
from thosereturningfrom the airway (the reflectionof theinput pulseandary source
reflectionsby the airway). This removedthe needfor maintainingthe time separation
of the airway reflectionsand sourcereflections. As a result, the sourcetube section
betweenthe loudspeakeand microphonecould be shortenedandthe input impulse
response®f objectsof ary length could be measured.Again, good airway profiles
werecalculatedalthougha correctionprocedurevasnecessary

Until recently thealgorithmsusedto reconstructhe boreprofile of anobjectfrom

its measurednput impulseresponsealid not takeinto accountthe effect of lossesn
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the object. This had not proved significantwhen reconstructinga shortobjectsuch
asan airway but whena longerobjectsuchasa brassinstrumentwasreconstructed
it becamemoreimportant. Amir et al [1995b] suggestedhe useof a layerpeeling
algorithmwhich wasmodifiedto includethe effect of losses. The algorithmshould
have resultedin reconstructegbrofileswhoseradii were correctlypredictedat all ax-
ial distances However, asdescribeckarlier the presencef a DC offsetin the input
impulserespons@f anobjectcausedhereconstructe@rofile to eitherexpandor con-
tractspuriously In this case Watsons DC offsetremoval procedurevasappropriate
becausehereconstructedadiusat anarbitrarypositiontowardsthe endof the object
wasexpectedto agreewith the measuredadiusat the sameposition. Hence forcing
the two radii to coinciderequiredthe subtractedC valueto be exactly equalto the
DC offset. Thetrumpetandtromboneprofilespresentedverein very goodagreement
with direct measurementsThe algorithmhad successfullyreconstructedhe profiles

of instrumentsvhoselengthsweresuchthatlosseswveresignificant.

1.2 Aims and outline of thesis

Theaimsof the presentvork are:

1. to producea working reflectometeto accuratelyneasureheinputimpulsere-
sponseboreprofile andinputimpedancef a musicalwind instrumentor other

tubular objectwithout prior knowledgeof its dimensions.

2. toapplyacoustiquulsereflectometryto theproblemof detectingeaksin musical

wind instrumentsandin tubular objectsin general.
3. toinvestigatgossibleanethodof measuringongertubular objectsusingacous-
tic pulsereflectometry

Chapter2 containsa detaileddiscussiorof the basictheorybehindthe technique

of acousticpulsereflectometry The formation of the input impulseresponseof a
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tubular objectfrom internalreflectionss describedalongwith variousalgorithmsfor
calculatingits boreprofile andinputimpedance.

A practicalreflectometers introducedn chapter3. The experimentaldetermina-
tion of the inputimpulseresponsef a tubular objectis describecandmeasurements
madeon asteppedubearepresented.

Chapterd discusseshereconstructiorof the bore profile of a tubular objectfrom
its inputimpulseresponseAn experimentallydeterminednput impulseresponsen-
variablycontainsa DC offsetwhich mustberemovedfor accuratdorereconstruction.
A new methodis introducedwhich determineghe DC offsetdirectly from the input
impulseresponse.The methodis superiorto previous methodsbecauset doesnot
requirethe repeatedapplicationof a reconstructioralgorithm nor prior knowledge
of the object’s dimensions.The accuracie®f the Ware-Aki algorithmandthe lossy
layerpeelingalgorithm(recentlyintroducedo acousticpulsereflectometryby Amir)
are investigatedoy comparingreconstructegrofiles of the steppediube with a di-
rectly measuregbrofile. Finally, variousbrassnstrumeniprofiles,reconstructedsing
thelossylayerpeelingalgorithm,arepresented.

Chapter5 discusseghe calculationof the input impedanceof a tubular object
from its input impulseresponse.lt is shavn thatthe resolutionof the reflectometry
impedancecurve is improved by zero-paddinghe input impulseresponse A reflec-
tometryimpedancesurve of the steppedubeis comparedvith a curve measuredis-
ing a standardrequeny domaintechniqueandwith atheoreticallycalculatedcurve.
Finally, variousbrassinstrumentimpedancecurves, measuredising acousticpulse
reflectometryarepresented.

Theeffect of aleakin thewall of a tubular objecton the object’s borereconstruc-
tion andinput impedancas investigatedn chapter6. It is shavn thata small leak
causeghe reconstructiorto expandspuriously Comparingthe reconstructegbrofile

with a directly measuredadiustowardsthe endof the objectleadsto a methodfor
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identifying the presencend,in certaincasesthe positionof a leak. Reconstructions
of variousleakingmusicalwind instrumentsarepresentedo demonstratéhe success
of themethod.Finally, thesizeof aleakin thewall of a cylindrical pipeis calculated,
usingatheoreticallyderived expressionfrom its reflectometrympedanceurve.

The lengthof objectthat canbe measuredising a standardeflectometers con-
strainedby the formation of sourcereflectionswhich returnto the microphoneand
limit thetime over whichthe objectreflectionscanbe accuratelyrecordedIn chapter
7, methodsfor measuringongerobjectsare discussed.A nev methodis described
whichinvolvesdriving theloudspeakein suchaway asto absorltheincomingobject
reflectionsratherthanreflectthem(i.e. it stopsthe formationof sourcereflections).
Goodabsorptionis achieved but the reconstructiorof a longer steppedube (calcu-
latedfrom aninputimpulseresponseneasuremennadeusingthe method)is not so
successful.The introductionof a slowly varying low amplitudecomponeninto the
inputimpulseresponseauseshereconstructiono slowly expandandcontract.

Thethesisconcludesvith chaptei8 which containdinal thoughtsonthecompleted

work andsomeideasfor futuredevelopment.
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Chapter 2

Basictheory of acousticpulse

reflectometry

2.1 Intr oduction

MICROPHONE

IMPULSE i E—

INPUT IMPULSE RESPONSE TL—,ALJTL‘T —

III%

SEMI-INFINITE SOURCE TUBE OBJECT

Figure2.1: Theoetical pulsereflectometer

Theideauponwhich the techniqueof acousticpulsereflectometryis baseds rel-
atively simple. Figure2.1 shaws a theoreticalreflectometer An acousticimpulseis
fired down a semi-infinitecylindrical tube(calleda sourcetube)into the objectunder

investigation.Theimpulseundegoespartialreflectionandpartialtransmissiomteach
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changen cross-sectionareaalongthe objects bore, creatinga reflectionsequence.
This sequenceeturnsfrom the objectandtravelsbackup the sourcetubewithout fur-
therreflection. Its passagés recordedoy a microphoneembeddedin the sourcetube
wall, atthecouplingbetweersourcetubeandobject. At this position(theinputto the
object), the reflectionsequences termedthe input impulseresponse Suitablealgo-
rithmsenableboththereconstructiorof the objects boreprofile andthe evaluationof

its inputimpedancdrom theinputimpulseresponse.

2.2 Input impulseresponse

To understandow the bore profile andinput impedanceof an objectcan be calcu-
latedfrom its inputimpulseresponseit is first necessaryo understandhow theinput

impulseresponsés created¢hroughreflectionandtransmissiomwithin the object.

2.2.1 Singlereflectionfrom a singlediscontinuity

Whena planaracoustigpressuravave propagatingn anair-filled cylinder encounters
a changein cross-sectionadrea,the associatedmpedancechangecauseseflected
andtransmittedvavesto be generatedIt canbe shavn thattheratiosof the pressure
amplitudesof thereflectecandtransmittedvavesto the pressureamplitudeof theinci-
dentwave (definedasthereflectionandtransmissiorcoeficientsrespectrely) depend
only on the changen impedancevhich, in turn, depend®nly on the changen area
[Kinsler etal 1983.

Figure2.2shavsasemi-infinitecylinderof cross-sectionareaS, discontinuously
joinedat x = 0 to a secondsemi-infinitecylinder of cross-sectionareaS;. Consider
a pressurevave of frequeng w normallyincidenton the boundarybetweerthe two
cylinders,

ps = Pyel (2.1)
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Figure2.2: Reflectiorfroma singlediscontinuity
which, whenstriking theboundarygenerates reflectedvave
Py = Py el (@) (2.2)

andatransmittedvave

pf = Pfel@—k (2.3)

(wherepii indicateghatthepressurevave propagates cylinderi in thepositve/neyative
x direction). The reflectedand transmittedwaves propagatedown the semi-infinite

cylinderswithoutfurtherreflection.

The pressureand velocity must be continuousacrossthe boundary At x = 0, the
following continuity equationgpply:
Po+Po = Pf (2.4)
Uf +Ugy =V (2.5)

(whereU;* is the volumevelocity associatedvith the wave propagatingn cylinder i

in the positve/ngative x direction). Thevolumevelocity hasa positve/neyative value
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dependingon whetherthe wave is propagatingn the positive or negative x direction.

Thevolumevelocity is definedasthe particlevelocity x cross-sectionarea.

Dividing equation?2.4by equatiorn2.5gives:

Po+Py _ Pi

Mo TP _ 2.6
U +Ug U (2.6)

The pressuret a surfacedivided by the volumevelocity at that surfaceis definedas

theacoustiampedance&. Hence,

P

+Z= 3 (2.7)
andequation2.6 becomes:
P + Po
Zo——— =123 (2.8)
Ps — Po

(whereZp andZ; arethe acoustiampedancest ary cross-sectiom cylindersO and

1 respectiely).

Examinationof equations2.1, 2.2 and 2.3 revealsthat at x = 0, the ratio of the in-
stantaneoupressure®f two wavesis simply the ratio of their pressureamplitudes.
Therefore rearrangingequation2.8 yields the reflectioncoeficient ry ; (the ratio of

the pressureamplitudeof thereflectedwave to thatof theincidentwave).

LI S R4

P - -
UR et 4t 2o

(2.9)

The transmissiorcoeficientt, ; (theratio of the pressureamplitudeof the transmit-
ted wave to that of the incidentwave) can also be expressedn termsof acoustic
impedanceDividing equatior2.4by pg givesthetransmissioroeficientin termsof

thereflectioncoeficient,

t01:—1:—1:1—|——021—|—l’01 (210)
I Po |
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andsubstitutingn equation2.9 gives:

.2
017 7142

(2.11)

Theorderingof thereflectionandtransmissiorcoeficientsubscriptsndicateshatthe
incidentwave is propagatingrom cylinder O towardscylinder 1 whenit strikesthe

boundary

The acousticimpedanceat ary cross-sectiors in a cylinder is Z = pc/S (wherep
is thedensityof air andc is the speedf soundin air) sosubstitutingZo = pc/S and

Z; = pc/S into equation®.9and2.11yields:

I’071 — 2;2 (212)
and
2
t071: S)?Sl (213)

Thus,thereflectionandtransmissiorcoeficientsdependonly on the changan cross-

sectionakreaof thecylinder.

For a wave travelling from cylinder 1 towardscylinder O, the reflectionand trans-
missioncoeficientsfor the boundarycanbe found by interchanginghe subscriptsn

equation®.12and2.13:

S-S
no=grg ot (2.14)
and
25

Note thatthe transmissiorioss experiencedoy a wave travelling forwardsand back-

wardsacrosgheboundaryis:

toatio=(1+rg1)(1—To1) =1-1§4 (2.16)
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2.2.2 Multiple reflectionsfrom multiple discontinuities

In the previous section,the simple caseof a sinusoidalpressuravave incidenton the
discontinuitycreatedoy achangean the cross-sectionareaof a cylindrical tube,was
discussedin thepresensectionthe caseof animpulseincidenton atubular objectof

varyingcross-sectiowill be consideredPlanewave propagations againassumed.

segmenti= 0 1 2 3 4 5............. -1 1 I+l

0000000001
o -

SREEE —
1111 — T

SEMI-INFINITE OBJECT SEMI-INFINITE
CYLINDER CYLINDER

Figure2.3: Cylindrically sgmentedubular object.

A tubular objectwhosecross-sectionalreavarieswith axial distancecanbe mod-
elledby aseriesof | discontinuouslyoinedcylindrical sgments eachof lengthl with
correspondingwo-waytravel time T = 2| /c [Marshalletal 1991]. Figure2.3shawvs
suchanobject(consistingof sggmentsnumberedrom 1 to I), terminatecat bothends
by semi-infinitecylinders (definedas being the Oth and the (I +1)th cylindrical seg-
ments).

Considera discreteinput pressuresignal pajr [nT] incidenton the objectfrom the
sourcetube (i.e. incidenton the boundarybetweensegmentsO and1). The signal
will be partially reflectedand partially transmittedat eachinter-sggmentboundary
(The notationis similar to the notationusedpreviously, with pﬁ/r[nT] representing
the contribution, from the wave propagatingn the positive/neyative x direction,to the

total pressureat the left/right end of the ith cylindrical segmentat time nT, where
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n=0,113 etc).

For animpulseexcitationattheinputto the object,

1 whenn=0
pg,[NT] = 8[nT] = (2.17)
0 whenn#0

the signalwhich returnsfrom the objectis theinputimpulseresponse,
Po[NT] = ir [nT] (2.18)

Considethetheoreticabituationin whichthesignalexperiencesiolosseswvhilst prop-
agatingthroughthe cylindrical sggments. Theinput impulseresponseir [nT] is then
composedf a seriesof returningimpulsesspacedatime T apart(i.e. theinputim-
pulseresponsés only non-zerowvhenn is integer).

For clarity, thehistoryof theimpulseasit propagatewithin theobjectis displayed
in a schematicspace-timediagram(figure 2.4). The arrows indicatethe direction of
propagatior{forwardsor backwardsjn eachsggmentatdifferenttimes. Thepressures
attheleft andright sidesof eachsegmentat differenttimesarealsodisplayed.Note
that belov the diagonalall pointshave zeropressure.This is a consequencef the
propertyof causalitywhich stateshatno backwardtravelling wave canbe presenin
asggmentbeforeaforwardtravelling wave hasreachedhatsegment.

Examinationof figure 2.4 revealsthatatt = O the inputimpulseresponsair [OT]|
is simply thereflectedmpulsegeneratedvhenthe inputimpulsestrikesthe boundary
betweenseggment0 and sggment1 (boundary0/1). This interfacehasa reflection

coeficientr, ; which (from equatior2.9)impliesthat
iil’ [OT] — I’071 (219)

Thereflectedmpulseis referredto asa primary reflectionbecauset only undegoes
asinglereflectionbeforeemeging from the object.
At t =T, the inputimpulseresponsaeir [1T] is also composecentirely of a pri-

mary reflection. This primary reflectionis the fraction of the inputimpulsewhich is
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Figure2.4: Space-timeiagram.
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transmittedorwardsacrossoundary0/1, reflectedatboundaryl/2 andthentransmit-
ted backwardsacrossboundary0/1, beforeemenping from the object. Hence(using
equation®.9and2.16),

iir [1T] =1y 5(1—r§1) (2.20)

At t = 2T, theinputimpulseresponsair [2T] is composedf botha primaryre-
flection and a higher order reflection(a signalwhich undegoesmore thanonere-
flection beforeemeging from the object). The primary reflectionis the fraction of
the input impulsewhich is transmittedforwardsacrossboundarie€)/1 and 1/2, re-
flectedatboundary?2/3 andthentransmittedoackwardscrosdboundarie®/1 and1/2,
beforeemeging from the object. The higherorderreflectionis thefraction of thein-
putimpulsewhichis transmittedorwardsacrossboundary0/1, reflectedat boundary
1/2,furtherreflectedat boundarie®)/1 and1/2 andthentransmittecbackwardsacross
boundary0/1, beforeemeging from the object. Hence(usingequation.9,2.14and
2.16),

iir [2T] =1y 5(1—15,5)(1—r§1) — i org1(1—1§1) (2.21)

An expressiorfor theinputimpulseresponsatt = nT, denotedir [nT|, wasde-
rived by WareandAki [1969]. Usingthe ztransformz = e/“T to denotethe two-way
travel timethrougha seggment they shavedthattheinputimpulseresponsef atubular

objectconsistingof | sggmentsis givenby:

y ZB(1,1/2)
ir(1,2) = “AlZ) (2.22)
whereA andB aretherecursve polynomials:
All,z) =Al —1,2)+r11+1zB1 — 1,2) (2.23)
B(l,2) =r1+1A(l —1,2) +zB(l1 — 1,2 (2.24)

with A(0,z) = 1andB(0,z) =rg1.
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iir (I,z) isapolynomialin zrepresentingheimpulsesspacedy atimeinterval T,
returningfrom the object. The coeficient of the nth power of z is theinputimpulse

responseatt =nT:
iir (1,2) = iir [OT] + iir [1T]z+ iir [2T]2 + ... +iir [nT]2" + ... (2.25)

Using equations2.22,2.23 and 2.24 to calculateiir (1,z) andexpandingusinga
binomial series,the individual elementsof the input impulseresponsecan be found
by gatheringtogetherthe differentpowersof z. The compleity of the calculationof

iir (I,z) increasesapidly with increasing .

Clearly, for the theoreticalsituationof losslesgropagationthe inputimpulsere-
sponsecan be expressedn terms of the sggmentboundaryreflection coeficients,
which can be evaluatedfrom the segmentareasusing the generalisedorm of equa-

tion2.12:
S§-S41
17§50

Thatis to saythatgiventhe dimensionf the object, its inputimpulseresponsean

(2.26)

be calculated Thisis oftentermedthedirectproblem

In aphysicalsituation thesignalwill undegofrequeng dependeraittenuatiordue
to viscousand thermaleffectswhilst propagatinghrougheachcylindrical sggment.
This causesheimpulseto becomeaeducedn amplitudeandto developatail. Hence,
theinputimpulseresponsevill consistof aseriesof pulsesof finite width. If thepulse
widthsbecomegreatethanT, they will beginto overlap(if thestartof apulseemepges
from the objectattimet, theendof the pulsewill emegeatatime greatethant + T
andthepulsewill contributeto bothiir [t] andiir [t + T]). It is thusimpracticalto extend

the Ware-Akisolutionof thedirectproblemto includethe effectsof signallosses.
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2.3 Borereconstruction

In acoustiqpulsereflectometryit is necessaryo solve theinverseproblemof evaluat-
ing the objects dimensiongreconstructinghe boreprofile) from the measurednput
impulseresponse.The inputimpulseresponsas digitally recordedat samplingfre-
gueng F, resultingin a discretesignal consistingof N sampleseachspaceda time
T = 1/F apart(whereN is usuallychoserto bea powerof 2 to enableheuseof FFTs
andT is the cylindrical sgmenttwo-waytravel time describedn section2.2.2). The
inputimpulseresponsés therefordir [nT], wheren is integerand0 < n < N.

A solutionto the inverseproblemfor the losslesscase,basedon the Ware-Aki
derivation, is discussed.Like the direct problem,it is impracticalto includethe ef-
fectsof lossedn this derivationandborereconstructionsnadeusingthis methodare
inaccuratefor all but the shortesof objects.In orderto compensatéor the effect of
losseswhenreconstructingoore profiles, the layerpeelingapproachdocumentedy
Brucksteinet al [1985] is adopted assuggestedby Amir etal [1995b]. This method
is first describedor thelosslescasgwhereit givesidenticalresultsto thoseobtained

usingthe Ware-Aki method)andis thenextendedto incorporatdosses.

2.3.1 Ware-Aki method

The Ware-Aki methodof bore reconstructions basedon the solutionto the direct
problempresentedn section2.2.2. Rearrangemerdf equations2.19,2.20and2.21

yieldsexpressiongor thereflectioncoeficientsof thefirst threeboundaries,

I’071 — III’ [OT] (227)
iir [1T]
o dir[aT) 2.28
Y- r(%,l) &
i [2T] +194rF (1~ 1G4) _ iir[2T] 4 1o 41 5iir [17] (2.29)

rh3=
(1-r§)(1—r%,) (1-r§1)(1-r%,)
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andsuitablemanipulationof equation2.22yields a generalexpressiorfor thereflec-
tion coeficient of theboundarybetweertheith and(i + 1)th segments:
_ SmeoAwiir[(i —m)T]
ii+1 = i—
N Minzo(1- r%mm-l—l)

with ro1 = iir [OT]. Am is the coeficientof z" in thepolynomialA(i — 1, z), calculated

(2.30)

by substituting — 1 for | in equation2.23.
Fromthe calculatedreflectioncoeficientsandthe sourcetubeareaS,, the cross-
sectionabreasof thecylindrical sgmentscanberecursvely evaluatedoy rearranging

equation2.26to give:
1

—lijit1
- kil (2.31)
140

S11=3
Assumingeylindrical symmetrytheradii of thecylindrical sggmentscanbe calcu-
latedandaboreprofile constructedThelengthof eachsegmentis | = cT/2 (thespeed
of soundin airis takento bec = 3316,/1+ 1/273m/s,wheret is theair temperature
in °C [Kinsler etal 1982]).
Note thatto reconstrucian objectconsistingof | cylindrical sgments,it is only
necessaryo recordthe inputimpulseresponseip to thetime thatthe primary reflec-
tion from the boundarybetweersggmentsl andl + 1 arrivesbackat the microphone.

Provided the input impulseresponsas accuratelyknown over this time period, it is

notnecessaryo wait for all the multiple reflectionso decay

2.3.2 Layer peelingmethod: Losslesscase

The methodof reconstructiorsuggestedy Amir et al [1995b]takesa differentap-
proachto the Ware-Aki method. It is basedon a layerpeelingalgorithmwhich, as
thenameimplies,‘peelsoff’ eachcylindrical sgmentin turn, calculatingthe sggment
boundarycoeficientsasit doesso.

The layer peelingalgorithmexploits the causalitypropertystatedpreviously; i.e.
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no sggmentcancontaina backwardtravelling wave beforea forward travelling wave
hasreachedt. Referringbackto figure 2.4, at aboundarybetweerntwo arbitraryseg-
mentsi andi + 1, thereare forward and backwardtravelling waves both to the left
of theboundaryin sggmenti, andto theright of the boundaryin sggmenti + 1. The
forward travelling wavesin seggmenti + 1 are madeup of two componentsthe re-
flectionsof the backwardtravelling wavesin segmenti + 1 andthe transmission®f
the forward travelling wavesin segmenti. Similarly, the backwardtravelling waves
in sgmenti aremadeup of two componentsthereflectionsof the forwardtravelling
wavesin sggmenti andthetransmissionsf the backwardravelling wavesin sggment
i+ 1. However, attimet = iT /2 thereis no backwardravelling wave in sggmenti + 1
(causalityproperty). Hence the backwardtravelling wave in sggmenti is simply the
reflectionof theforwardtravelling wave in segmenti andtheboundaryreflectioncoef-

ficient canbe calculated.Figure2.5 shavs suchan arbitraryinter-seggmentboundary

I T

D D p [nT] . p M| =0
L L nT=iT/2

I/ 0 O

segment i segment i+1

Figure2.5: Boundarybetweeriwo arbitrary segments.
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As before,for animpulseexcitation pajr[nT] = d[nT] incidenton the objectfrom
the sourcetube(i.e. incidenton the boundarybetweersegmentsO and1), the signal
whichreturnsis py [nT] = ir [nT].

Thedigitally recordednputimpulseresponsédr [nT] is adiscretesignalconsisting
of N samplespacedtimeT apart(i.e. nisinteger). Forthepurpose®f thealgorithm,
theimpulseexcitation pajr[nT] is alsoconsideredo be a discretesignalconsistingof
N samplespacedatime T apart.

At boundary0/1, whent = O thereis no backwardtravelling wave in sggment
1. Hence,the backwardtravelling wave in sggment0 is simply the reflectionof the

forwardtravelling wave in sggmentO and:

_pgloT)
Ot pg,[oT]

= iir [OT] (2.32)

Using equation2.31, the areaof the first sggmentS; canbe calculatedfrom the
reflectioncoeficientr, ; andtheareaof thesourcetube .
Next it is necessaryo find the pressure®f the forward and backwardtravelling

wavesto the right of the boundary To do this, the following scatteringequationis

( p1 [nT]) 1 ( 1 —fo,1> ( p&[”ﬂ)
— (2.33)
py,[nT) 1-rgs —ro1 1 Po, [N Tl

Equation2.33 calculatesthe pressuresf the forward and backwardtravelling

used:

wavesattheleft sideof sggmentl from thepressuresf theforwardandbackwardrav-
elling wavesat the right side of segmentO. It doesso usingthe previously described
relationshipshetweenforward and backwardtravelling wavesin adjacentsggments,
andthe reflectionandtransmissiorcoeficients of boundaryO/1. The calculationis
carriedoutforn=0,1,2,.....,(N—1).

To find thepressuresf theforwardandbackwardravelling wavesattheright side

of sgmentl, adelayof T /2 mustbeaddedo pI, [nT] andsubtractedrom pg,[nT].
+ 1 +
Py [ N+ > T| = py[nT] (2.34)
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_ 1 _
Py Kn— 5) T} = py,[nT] (2.35)
At boundaryl/2, whent = T /2, thereis no backwardravelling wave in segment

2. Hence,the backwardtravelling wave in sggment1l is simply the reflectionof the

forwardtravelling wavein sggmentl and:

i Py, [T/2]
Y2 i [T/2)

(2.36)

In practice,it is impossibleto adda delayof T /2 to pij, [nT] andsubtracta delay
of T/2from Py [nT] becausdotharediscretesignalsconsistingof samplespaced
time T apart. However, exceptfor a shift in the time origin, anequvalentprocedure
is to subtractadelayof T from p,[nT] andleave pI, [nT] unaltered.Thetime origin
shift thenrequiresthereflectioncoeficientr, > to be calculatecatt = O ratherthanat
t="T/2.

Usingequation?.31,the areaof the secondsggmentS, canbe evaluatedromry »
andthe previously calculatedareaof thefirst sgments;.

The processs continuedrecursvely until the entireareaprofile of the objecthas
beencalculated. Assumingcylindrical symmetry the radii of eachof the sggments
canbe calculatedanda bore profile produced.Again, the length of eachsegmentis
| = cT/2 (the speeddf soundin air is takento bec = 3316,/1+1/273m/s,wheret
is theair temperaturén °C).

As with theWare-Akireconstructiomethod|t is only necessaryo know theinput
impulserespons@ccuratelyupto thetimethatthefinal primaryreflectionarrivesback

atthemicrophone.

2.3.3 Layer peelingmethod: Lossycase

Amir etal [1995b] shaved thatextendingthe layer peelingreconstructiommethodto
incorporatdosseds relatively straightforwardin thelosslessreatmenteachcylindri-

cal sggmentsimply actsasa delayof T /2. In reality, whilst propagatinghrougheach
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sggmentthe signalalso experiencedrequeny dependenattenuatiordueto viscous
andthermaleffects.In orderto extendthereconstructioralgorithmto compensatéor
thesdosseseacheylindrical sggmentis modelledoby adigital filter. Thisfilter depends
onthelengthandradiusof thesggment;ateachstageof thealgorithmtheradiusof the
following seggmentis calculated andthe appropriatdilter representingossescanbe
computed Propagatindrom theleft sideof the sgmentto theright side,the forward
travelling wave is simply passedhroughthis filter. The backwardtravelling wave,
however, mustbe passedhroughthe inversefilter. Hence,to extendthe treatment
describedn section2.3.2to includelosseghefollowing equationsareinsertedoefore

equation®.34and?2.35in thereconstructiomprocedure:
P, [nT] = p1y[nT]*ha[nT) (2.37)
P, [nT] = pgy[(NT]+ thy[nT] (2.38)
wherethe operators: and+~* representorvolution anddecowolution,andhy [nT] is
the time domainfilter representindossesn the first sggment. To enablecorvolution
anddecowolution, h;[nT] musthave the samesamplespacingT andthe sametotal
numberof samples\ asthe pressuresignals.

Cornvolution in the time domainis equialentto multiplicationin the frequeng

domain,soequatiorn?2.37canbe FFT edto give:
p7, (%] = pf (€] x Hy[el?) (2.39)

wherepj el is the FFT of p,[nT], thefrequeny domainfilter H[e/®] is the FFT
of h1[nT], and@ is the discretizedfrequeng. This comple multiplicationis carried
out for eachof the N pointswhich makeup pf[€!®] andH[e!®]. Theresultantarray
is inverseFFT edto give theleft handsideof equation2.37.
Decorvolution in the time domainis equialentto division in the frequeng do-
main,soequation2.38canbe FFT edto give:
SICHHEY

_ '9 o
pr €] = 1O 0% 1 (2.40)
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wherepy ,[e/] is theFFT of p, [nT], andH;[e!®] is thecomplex conjugateof Hy[el?).
This complex divisionis carriedout for eachof the N pointswhich makeup py, [e!%]
andH[e!®]. Thefactorq in thedenominators aconstrainingactorto preventdivision
by zero. g is setto be smallcomparedvith the restof the denominatarThe resultant

arrayis inverseFFT edto give theleft handsideof equation2.38.

Problemsin calculating afilter to representlosses

Theproblemsassociatewvith finding atime domainfilter h;[nT] to representhelosses
in theith cylindrical segmentarediscussedh this section.A suitablestartingpointis
the continuougheoreticafrequeny domainfilter representindossesn a cylinder of
radiusr andlengthl givenby Keefe[1984].

A straightcylinder is characterizedy the complex wavenumbery which deter

mineshow a planewave of frequeng w propagateslovn the cylinder:
V(W) = a(w) + jw/Vp(w) (2.41)

wherea(w) is theabsorptiorcoeficientandvp(w) is the phasevelocity. Theabsorp-

tion coeficentandthe phasevelocity aregivenby:

w[ 1 y—1\ 1 y—1 1y—-1 1/y—1\?
- = LAl IOVERly B O At ANl (.
. CLV\/Q(:H_ v>+r3<+ v 2 V2 2<v>
L (7,y-1 1y-1 1y-1 1/y-1\* 1(y-17
r3v2\8 v 2vZ 8vd 2\ v

+ 2 V3

A

1 <1+y—1> 1 (7 y-1 1ly-1 1y-1

i — }|:1_|_ — —
B rv\/z vV |'\§\/é

Vp c 8 v 2vZ 83
T2 2+:—L(y_1)2+} y-1y’ (2.43)
2\ v 2 Vv 2\ v '
wherery = ry/pw/n, v = /NCp/K, p is theair density w is the angularfrequeng,

n is the coeficient of shearviscosityof air, C; is the specificheatof air at constant
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pressurek is the thermalconductvity of air, y is the ratio of the principal specific
heatsof air, c = 3316,/141/273m/sis the speedof soundin air andt is the air
temperature.

Assumingthat the input is the wave enteringthe cylinder at the origin, andthe
outputis thewave exiting thecylinder atthefar end,the continuoudrequeng domain
filter is givenby

X(jw) = e MO = g (W) g=jel/Vp(w) (2.44)

InverseFouriertransforminghe continuousrequengy domainfilter X( jw) would
give a continuougtime domainfilter x(t) representinghe lossesalongthe cylinder.
This continuougtime domainfilter could thenbe discretizedto give the filter h;[nT]
requiredin equations2.37 and 2.38. However, analyticalcalculationof the inverse
transformis all but impossible. It is thereforenecessaryo discretizethe frequeng
domainfilter andto useaninverseFFT [Amir etal 1994.

To discretizethe frequeny domainfilter, X(jw) is calculatedat frequenciesf =
0,5. 2%, ...(8 = 1)5.1F, creatinga vectorof § + 1 points. The discretefrequengy
domainfilter must have periodic conjugatesymmetryto enablethe inverseFFT to
be calculated. This is ensuredby taking the conjugatedeflectionof the calculated
vector droppingthe first andlast pointsandletting this new vectorform the discrete
frequeny domairfilter atfrequencied = (3 + 1)K, (5 +2) ..., (N—=2) L, (N- 1) E.
Combiningthetwo vectorsgivesavectorof N samplesvhichis thediscretdrequeng
responseX[el®], where® is the discretizedrequeng. X[el®] canbe inverseFFT’ed
resultingin atime domainfilter x[nT].

Thefilter x|nT] is notthefilter requiredin equation2.37and?2.38;it is generally
besetby ripple. The origin of the ripple can be found by examining equation2.44
which revealsthatthe phases, in generalnon-zeroat frequeng %F. This resultsin
a phasediscontinuityin the discretefrequeny domainfilter X[el®]. Upontransforma-

tion, this phasediscontinuitycausegheripplein thetime domainfilter x[nT].
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To find afilter suitablefor usein equation®2.37and2.38,a modelmustbe found

which givesa closefit to x[nT] but withouttheripple.

Rotating phasemodel

One solutionto the problemof finding a suitablelossyfilter modelis to apply Pa-
poulis’ rotating phasemethod[Papoulis1984 to the continuousfrequeng domain
filter X(jw) discussedn the previous section. This methodis discussedurther by
Gazengekt al [1995]. Therotatingphasemethodworks by forcing the phaseto be
zeroat frequeny f = %F. The following function is formed from the continuous

frequeny domainfilter:

X'(jw) = X(jo) x il /vp(2m3F) _ g-a(w)l o= jol /vp(w)+ jal /vp(2m3F)) (2.45)

Hence,at f = %F, the phases zero. If X/(jw) is discretizedasdescribedn the
previoussection theresultantdiscretefrequeng domainfilter X'[el®] is continuousn
phaseandcanbeinverseFFT edto give aripple-freeapproximationd[nT] to thefilter
X[nT]. It shouldbe notedthatthe rotatingphasemethoddoesintroducea smalltime
delay Thisdelayis afractionof asamplespacingrl in duration.Hence thesuitability
of X[nT] asanapproximatiorto hj[nT] in equation2.37and2.38improveswith the
samplerate.

It shouldalsobe notedthatthe rotatingphasemodelis a minimum phasemodel,
meaningthatthe delay causedy the tubeis missing. Otherfilters may not be mini-
mum phasejn which casethe tubedelayis alreadyincludedandneednot be added
or subtractedxplicitly. Whenusingsuchfilters, equations2.34 and 2.35 shouldbe

replacedn thereconstructioprocedureby:
P, [nT] = pg,[nT] (2.46)

pL,[nT] = py,InT] (2.47)

38



All-pole model

In [Amir etal 1996, Amir proposesisingan 40 pole transferfunctionto modelthe
results(but without the ripple) obtainedwhen Keefes continuousfrequeng domain
filter is discretizedandinverseFFT’ed. The autorgressie methodhe suggestss

documentedby Makhoul[1975]. Thebasicdetailsareoutlinedbelow.

1. The autocorrelatiorof the filter x[nT] (calculatedby inverseFFT’ing thefilter
resultingfrom the discretizatiorof Keefes continuoudrequengy domainfilter)
is evaluated:

N—1-m
Rim| = Z) X[INT]X[(N+ m)T] (2.48)
n=

2. Using the calculatedautocorrelatiorfunction, the 40 predictorcoeficients ay

arefoundusingDurbin’srecursve method:

Eo = R(O] (2.49)
om= — | RIm + :__llakm‘lR[m— k]] JEm1 (2.50)
aln’ = pm (2.51)

g =a™ Y prall) 1<k<m-1 (2.52)
Em=(1— p2)Em_1 (2.53)

Equationsaresolvedrecursvely for m= 1,2, ....40. Thefinal solutionis given
by
a=a'®  1<k<40 (2.54)

3. ThegainG is calculatechext, asfollows:

40
G= J RO+ > aRK (2.55)
k=1
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4. Finally, theall-poletransferfunction,
40 _
X'(jw) =G/(1+ Y ae 1) (2.56)
K=1

is calculatedon the unit circle (i.e. atfrequenciest = 0,4, 2. ...,8=1) to give

X'[el®].
5. X'[el®] istheninverseFFT’edto give X [nT] aripple-freeapproximatiortox[nT].

Unlike therotatingphasemethod the all-pole methoddoesnot introducea delay
of a fraction of a samplespacing,so X[nT] is a suitableapproximationto h;[nT] in
equation®.37and2.38atall samplingfrequencies.

Like the rotating phasemodel, however, the all-pole modelis a minimum phase
model,sothe delayassociatedavith propagatioracrosshe cylindrical sggmentis not
includedand mustbe addedexplicitly. Hence,equations2.34 and2.35 mustbe in-

cludedin thereconstructioprocedurgnot equation®.46and2.47).

2.4 Input impedance

In section2.2, it was shavn that the input impulseresponseds a seriesof reflec-
tions causedby changedn impedancewithin the object. It is clearthat the input
impulseresponsendthe input impedanceare closelyrelated. Indeed,the comple
inputimpedanceof a tubular objectmay be directly evaluatedfrom its inputimpulse
responsé¢Jacksoretal 1977 WatsonandBowsher1988,Watson1989.
Recallingfigure2.1,the microphoneecordshe passagef theimpulse(travelling
in the positive x direction)andthe returninginputimpulseresponsdtravelling in the

negative x direction).Hence,in thetime domain,

Po[NT] = par[nT] + P, [nT] = &[NT] +iir [nT] (2.57)
and,usingequation2.7,

Zox Ug,[nT] = Zox (U({r[nT] v Uojr[nT]>
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B p3,InT]  po,[nT]
- ZOX( Z0 Z0 )

= PG [NT] = Pg,[nT]

= O[nT] —iir [nT] (2.58)

wherepg[nT] is thetotal pressuraneasuredby the microphoneattime nT, Ug[nT]
is the volume velocity at the microphoneat time nT, pﬁr[nT] and U(fr[nT] arethe
pressureandthe volume velocity associatedvith the wave propagatingn the posi-
tive/nagyative x direction (at the microphoneat time nT), Zg = pc/S is the acoustic
impedanceatary cross-sectioim thesourcetube(p is theair density c is the speedf
soundin air, & is the cross-sectionareaof the sourcetube)andiir [nT] is theinput

impulserespons®f the object.

In the frequeny domainthis gives
por[€®] = 1+ 1R (2.59)

Zo < Ug,[e®] = 1—11Re'®] (2.60)

wherepg,[el®] is the FFT of po,[nT], Ug,[€/%] is the FFT of Ug, [€/®] andIIR(el?)] is

the FFT of iir [nT]. As before,0 representthediscretizedrequeng.

Hence the comple inputimpedances givenby:

1+ 11R[el®]

Po,r [eje]
j 1—11R[el9]

Zin[el®] = Uor o]~ Zo % (2.61)
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Chapter 3

Experimental measurementof the

Input iImpulseresponse

3.1 Intr oduction

The theoreticalreflectometerdescribedn section2.1 asa meansof measuringhe
inputimpulseresponseglearlycannotberealisedoractically Productionof anacous-
tic impulseis impossibleandthe conceptof a semi-infinitetubeis solely theoretical.
Thereforeto measurgheinputimpulseresponsef anobject,apracticalreflectometer
mustbedesignedTheconstructiorandoperatiorof suchareflectometearedescribed
in this chapter Its usein the measuremerdf inputimpulseresponses discusse@nd

sampleresultsarepresented.

3.2 The practical pulsereflectometerand its operation

Figure 3.1 shavs a schematidiagramof oneof the pulsereflectometersisedin the
presenstudy Thereflectometeandtestobjectaremountedn ananechoicchambey
with the electronican anadjoiningroom (a photograptof the reflectometeandtest

objectis shavn in figure 3.2).
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Figure3.1: Shematicdiagramof pulsereflectometer

Figure3.2: Pulsereflectometehousedn anetoic chamber
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An electricalpulseof width 80us andvoltage5V is producedoy a 12 bit D/A con-
verter TheD/A corverter whichis locatedonanlotechDagBoardLOOA dataacquisi-
tion boardinsideaViglen486DX66MHz PC,hasbeencustomisesothatit hasa-5V
to +5V rangeinsteadof a0V to +5V range.Thepulseis amplifiedby a PioneerA-119
stereoamplifier, and usedto drive a FaneProfessionaMD2050 compressiordriver
loudspeake(to reduce’ringing’, the stiffnessof the loudspeakehasbeenincreased
by insertinga thin layerof cottonwool betweerthediaphragnmandthe magnetssem-
bly). Theresultansoundpressurgulsetravelsalonga6.19mlong coppersourcetube
(of internalradius4.8mmandwall thicknessl.2mm)which is clampedto a wooden
boardin aspiral of approximately200mmradius.A Knowlesmicrophoneembedded
partof theway alongthetuberecordsthereflectionsreturningfrom thetubular object
undertest,whichis coupledo thefar endof thesourcetube. Themicrophoneoutputis
amplifiedby a seconcamplifierandlow-pasdiltered (usinga BarrandStroudEF4-03
filter setto 20kHz) to preventaliasing. The resultantsignalis thensampledby a 12
bit A/D converter(usinga samplingfrequeng of 50kHzanda sampleengthof 1024
points,giving a sampletime of 20.48ms)andstoredon the PC. The A/D corverteris
locatedon the DaqBoardLOOA dataacquisitionboardandhasa-5V to +5V range.

Thisprocedures repeated 000timesandthesamplesreaveraged.Thisimproves
the signal-to-noiseatio by a factor of 1/1000, reducingthe amplitudeof the noise
inherentin the signalto lessthanthe resolutionof the dataacquisitionboard. Precise
time alignmentof successe sampleds achieved by triggeringthe samplerfrom the
electricalpulseto theloudspeakerA delayof 180mss includedbeforeeachrepetition

to ensureall the signalfrom the previousstephasdied away.
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Loudspeaker Coupler Source tube

Figure3.3: Loudspeaker/souetubecoupler
3.2.1 Coupling
Loudspeaker/soucetube coupling

Theloudspeakeis coupledto the sourcetubewith a taperedaluminiumcoupler(fig-
ure 3.3). The downwardstaperbetweenthe loudspeakeand sourcetube minimizes
reflectionswithin the coupler reducingary ‘ringing’ of the input pulse. The coupler

is boltedtightly onto theloudspeaker

Sourcetube/testobject coupling

The sourcetubeis coupledto thetestobjectwith acouplermadeout of aluminiumor
blacknylon.

Originally a couplerwas designedwhoseinternal radius changedsharply from
6.0mm(the externalradiusof the sourcetube)to the externalradiusof the testobject
(figure 3.4). However, this gave a large discontinuityat the join betweenthe source
tubeandthe object,leadingto a large reflectionat the startof the objectreflections.

This reflectionshouldappearasanimpulseatthe startof theinputimpulseresponse.
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Source tube Coupler Object

Figure3.4: Original sourcetube/tesbbjectcoupler

However, whentheinputimpulseresponsef the objectwasdeterminedexperimen-
tally (following the proceduredescribedn section3.3), theintroductionof ripple (an
exampleof the Gibbsphenomenoralsodiscussedaterin the chapter)causedheen-
ergy of thisimpulseto bespreadver afinite time. Theenegy spreadingesultedn a
‘wrap around’effect with thefinite durationreflectiondivided betweerthe beginning
andendof theresponse.

To ensurethe reflectionassociateavith the discontinuougoining of the testob-
ject wascompletelyincludedwithin the inputimpulseresponsethe couplerwasre-
designed. The modified couplerhasan internal radiuswhich changedrom 6.0mm
to 4.8mm(the internalradiusof the sourcetube), remainsat 4.8mmfor a length of
50mm and thenchangedo the external radiusof the testobject (figure 3.5). This
couplerensureghatthelargereflectionoccursa shorttime afterthe objectreflections
start. Therefore whentheinputimpulseresponses determinedthis large reflection
is completelyincludedtowardsthe startof the response.Note that the objectbeing
measureds now effectively the systemconsistingof the 50mmlong couplertubeand

theoriginaltestobject. This systemis smoothlyjoinedto the sourcetube.
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Figure3.6: Soucetube/bassinstrumentcoupler
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As it wasdesiredto measurea variety of brassinstrumentson the reflectometer
it wasimpracticalto makeindividual couplersfor eachinstrumento betested.A set
of six couplerswasdesignedor useover the whole rangeof brassinstrumentgfig-
ure 3.6). As before,eachof the couplershasan internalradiuswhich changegrom
6.0mmto 4.8mm,andremains4.8mmfor alengthof 50mm. Theinternalradiusof
eachof the couplersthenchangedo one of six differentvaluesand remainsat this
valuefor a further50mm,while the externalradiustapersdownwards.Whenthe cor-
rectcoupleris chosenthetaperecendenablest to befitted tightly into theinstrument
to be measured.Again, note that the objectbeing measureds now effectively the

systemconsistingof the 100mmlong couplerandtheinstrument.

3.3 Decorvolution

For anideal deltafunction soundpressurgulse,the reflectionsmeasuredy the mi-
crophonewould be theinputimpulseresponsef the objectundertest(or to be more
precise theinput impulseresponsef the sourcetubesectionl, andthetestobject).
However, the soundpressureulseis notideal; to obtainthe inputimpulseresponse,
the reflectionsare decowolved with the input pulseshape.The input pulseshapeis
measuredy terminatingthe sourcetubewith a flat persp& plate of thicknesssmm
andrecordingthe reflectedpulse[SondhiandResnick1983]. This ensureghat both
the objectreflectionsandthe input pulsehave travelled the samepathin the source
tubeandhave thereforeexperiencedhe samesourcetubelosses.It alsoensureghat
decorvolution yields the input impulseresponseof the test object alone,without a
sectionof sourcetubeincluded.

The decowolution is carriedout by performingan FFT on both the samplecon-
tainingtheobjectreflectionsandthe samplecontainingtheinput pulse(eachof length
1024points). To preventleakagan the frequeny domain,both samplesnustbe self-

windowing; i.e. the signalmusthave decayedo zeroby the end of the sample. A
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comple division of the objectreflectionsby theinput pulseis thencarriedoutin the
frequeny domain. A constrainingfactor g is addedto the denominatorto prevent

division by zero.

Rlel®]1*[el®]
[ei®]1*[el®] +q
whereR[el?] is the transformedbjectreflectionsmeasuredt the microphone) [e/9]

IR = (3.1)

is the transformedinput pulse measurecat the microphone,l *[€/9] is the comple
conjugateof |[e®] and |1 R[e/¥] is the transformednput impulseresponse.9 is the
discretizedrequeng.

I1R[e!¥] is theninverseFFT’ed to give the input impulseresponséir [nT] of the

object.

3.3.1 Reflectiity of perspex
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Figure3.7: Perspa reflectivitytestresults.

The measurementf the input pulse shapethroughreflectionby a flat persp&
plateassumeshatthe persp& providesa perfectreflectingsurface. To testthatthis

is the case the input pulsewas sampledboth beforereflection(asit first passedhe
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microphonepndafterreflection(asit returnedo themicrophone) Thepulserecorded
afterreflectionhadtravelledanextra 21,=6.18mof sourcetube. Eachsamplevas512
pointsin lengthandwasrecordedat a samplingfrequeng of 50kHz. Corvolving the
unreflectedoulsewith an all-pole modelfilter representinghe lossesassociatedvith

acylinder of radius4.8mmandlength6.18m(seesection2.3.3)gave theinput pulse
shapeexpectedat the microphoneafter a perfectreflection. Comparingthis with the
pulseshapemeasureat the microphoneafterreflectionby the perspe (figure3.7), it

canbeconcludedhatthe perspe platedoesprovide agoodapproximatiorto aperfect

reflectingsurface.

3.4 Physical constraintson the sourcetube

Comparisorof the practicalreflectometedescribedn section3.2 with the theoreti-
cal reflectometerevealstwo major differences.The practicalreflectometeproduces
a pulseof finite width (ratherthananimpulse)which is passediownn a finite length
sourcetube (ratherthana semi-infinitesourcetube). Thesedifferencesexplain the
requiredconfigurationof the practicalreflectometes sourcetube, wherethe micro-
phoneis embedded distancel;=3.10maway from the loudspeakeand a distance
[,=3.09maway from the sourcetube/objectoupling.

The sourcetube sectionl;=3.09mis necessaryo ensurethatthe input pulsehas
fully passedhe microphonebeforethefirst of thereturningobjectreflectionsreaches
it. Theminimumdurationof theinput pulseis in practicelimited by the requirement
that the pulsecarriessufficient enegy to ensurea good signal-to-noiseatio in the
measuredeflections.

(Thetheoreticateflectometerasl,=0mbecauséheinputpulseis animpulseand
takesaninfinitesimalamountof time to passhemicrophone).

After the objectreflectionspassthe microphonethey arefurther reflectedby the

loudspeaker The sourcetube sectionl1=3.10mis necessaryo separatdhe object
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reflectionsfrom thesesourcereflections. It ensureghat oncethe objectreflections
reachthe microphonethey canberecordedor upto 2l;/c secondgthetime takento
travel thedistancdrom themicrophondo theloudspeakeandback)beforethesource
reflectionsreturnand contaminatehe signal. For thereflectometeunderdiscussion,
thistime periodis approximately18ms.(In theproceduralescribedn section3.2,the
longersampletime of 20.48mgs possiblebecauseéhe samplingis started3msbefore
thearrival of the objectreflectionsatthe microphone).

Although the reconstructioralgorithmsonly requirethe input impulseresponse
to be known up until thefinal primaryreflectionfrom the object,it wasstatedn sec-
tion 3.3thatto accuratelydetermingheinputimpulseresponseall of theobjectreflec-
tionsmustberecordedi.e. theobjectreflectionanustcompletelypasshemicrophone
within the2l1/ctime period).Hence althoughit firstappearshatthemaximumlength
of object(including coupler)which canbe measureds 3.10m,the actualmaximum
lengthis shorterthanthis.

(The theoreticalreflectometehasa semi-infinitesourcetube so after the object
reflectiongpasghemicrophonehey undegonofurtherreflectionandcanberecorded

accuratelyfor anindefiniteperiodof time).

3.5 Input impulseresponsaneasurementsof a stepped

tube

A seriesof measurementwere madeusingthe steppedube shavn in figure 3.8 as
the testobject. The tube consistsof two cylindrical sections;a 129mmlong section
of 6.20mmradiusdiscontinuouslyoinedto a 177mmlong sectionof 9.25mmradius.
Caliperswereusedto measurehe cylindrical sectiondiameterdeadingto a reading
error of £0.1mmon eachand, hence,an error of +0.05mmon the radiusof each

section. The lengthsof the cylindrical sectionswere measuredy ruler leadingto a

51



Figure3.8: Steppedube

readingerrorof £0.5mmoneach.Thecouplerdepictedn figure 3.5wasusedto join
the steppedubeandthesourcetube.

Figure3.10shavsthereflectiongeturningfrom thesteppedubeandcouplerwhen
theinputpulse(shovnin figure 3.9) wasinjected.Both theinput pulseandthereflec-
tionsweremeasuredt a temperaturef T = 16.5°C. The smallreflectionat approxi-
mately3.4msis from the smalldiscontinuityat thejoining of sourcetubeandcoupler
thereflectionatapproximately8.7msis from thestartof thesteppedube thereflection
atapproximatelyt.4msis from thestepin thetube,andthereflectionatapproximately
5.5msis from the endof the tube (which is opento the air). All thesereflectionsare
primaryreflectionsall laterreflectionsaremultiple reflections.

To find theinputimpulseresponsef thesteppedubeandcoupler it is necessarjo
transformboththeinputpulseandthesteppedube/couplereflectiongo thefrequeng
domain. Figures3.11and 3.12 shav the spectraof the input pulseandthe stepped

tube/couplereflectionsrespectrely.
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Applying equation3.1 to thesefrequeny domainvaluesyields the spectrumof
the input impulseresponsef the steppedubeandcoupler(figure 3.13) andinverse
FFT’ing yieldstheinputimpulseresponséfigure 3.14).

Again,thesourceof eachreflectionin theinputimpulseresponseanbeidentified.
The reflectionat approximatelyOmsis from the small discontinuityat the joining of
sourcetubeandcoupler thereflectionat approximately0.3msis from the startof the
steppedube, the reflectionat approximatelyl.1msis from the stepin the tube,and

thereflectionat approximately2.2msis from theendof thetube.

3.5.1 Anti-aliasing filter

The anti-aliasindfilter is includedto remove ary frequenciesabove 20kHz from the
signal,thuspreventingthemfrom beingaliaseduponsampling(aliasinggivesrise to
frequenciesaabove the 25kHz Nyquist frequeng beingtransposediown in to the O-
25kHz band). However, examinationof figures3.11and 3.12 suggestshatthe input
pulseandthe steppedube/couplereflectionsonly containfrequenciesup to approx-
imately 15kHz. Hence the purposeof the anti-aliasingfilter is to filter out ary high
frequeng noisewhich may be introducedby externalsourcesandwhich would get
aliasedinto the 0-25kHz band. With the possibleexceptionof electricalnoise,it is
unlikely thattherewill besuchnoisein theanechoiachamber

Spectreof the input pulseandthe steppedube/couplereflectionsalongwith the
resultantinput impulseresponsemeasuredvithout the filter in place(figures3.15,
3.16 and 3.17) are virtually identicalto the spectraandthe input impulseresponse
measureavith thefilter in place(figures3.11,3.12and3.14). Again, both measure-
mentsweremadeat a temperatur®f T = 16.5°C. It is clearthatunderthe conditions
of theanechoicchambethe anti-aliasindfilter is unnecessargndonly senesto add
extranoiseto thesignal.For thisreasonmostof themeasuremenis thepresenstudy

weremadewithout the anti-aliasingfilter in position. However, underlesscontrolled
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filter).

conditionswhereexternalnoisesourcesnaybepresenttheanti-aliasindilter mustbe

included.

3.5.2 Gibbsphenomenon

Closeexaminationof figures3.14 and 3.17 revealsthat eachreflectionin the input
impulseresponsaes rippled. This ripple is anexampleof the Gibbsphenomenomand
cannotbe avoided.lt is introducedbecausdoththeinput pulseandobjectreflections
have a finite bandwidthdeterminedoy the 50kHz samplingfrequeng. Both signals
only containfrequenciesip to approximatelyl5kHz (whichis well belon the Nyquist
frequeng of 25kHz)sothisfinite bandwidthonly becomes problemwhenthesignals
areFFT’edanddividedto give the spectrumof theinputimpulseresponseThe input
impulseresponseshouldcontainall frequenciesut the experimentallydetermined
valueis bandwidthlimited to 25kHz (figure 3.13). The lack of higherfrequenciess

the sourceof theripple whenthe spectrums inversetransformedo thetime domain.
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Theexperimentallydeterminednputimpulseresponsés only anapproximatiorto the

actualinputimpulseresponse.

59



Chapter 4

Borereconstruction

4.1 Intr oduction

Directapplicationof oneof theborereconstructioralgorithmsof section2.3to anob-
ject’s experimentallydeterminednput impulseresponsehouldyield the boreprofile
of thatobject. In this chapterit is shovn thata DC componentnustfirst beremoved
from the inputimpulseresponséeforea profile resemblinghatof the objectcanbe
produced.Two methoddor evaluatingthis DC offsetarediscussedTheaccuraciesf
thealgorithmsarethencomparedindreconstructegrofilesof threebrassnstruments

arepresented.

4.2 DC offsetproblem

Figure4.1 shows the borereconstructionmesultingfrom the direct applicationof the
Ware-Akialgorithmto theinputimpulseresponséfigure3.17)of thesteppedube/coupler
systemdescribedn section3.5. The input impulseresponsevas determinedrom
measurementsadeat 1 = 16.5°C.

Similarly, figure 4.2 showvs the borereconstructiomesultingfrom the directappli-

cationof thelossylayerpeelingalgorithm(usingtherotatingphasemodellossyfilter)
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Figure4.1: Ware-Akireconstructiorof steppedube DC offsetnotremovedrominput

impulseresponse
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Figure 4.2: Lossylayer-peelingreconstructionof steppedtube (using the rotating

phasemodellossyfilter). DC offsetnot removedrominputimpulseresponse
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to thesamenputimpulseresponse.

In eachcasethereconstructegrofile beardittle resemblancé themeasuregro-
file. Theradiusof eachsectionof the steppedubedecreasewith increasingdistance
alongthetube,insteadof remainingconstant.

Closeexaminationof figure 3.17 revealsthat the poor reconstructionsre not a
fault of the algorithmsbut a consequencef the presencef a DC offsetin the input
impulserespons®f the steppedubeandcoupler The experimentallydeterminedn-
putimpulserespons®f anobjectgenerallycontainsa DC offset. This offset,whichis
aresultof DC offsetsin theinputpulseandobjectreflectionsmanifeststself by caus-
ing reconstructionso expandor contracttoo rapidly. For accurateeconstructionthe

offsetmustbe completelyremovedbeforeapplicationof a reconstructioralgorithm.

4.2.1 Iterati ve method of DC offsetremoval

Originally, the DC offsetvaluewasobtainedby aniterative procesf estimatiorand
adjustmentuntil a sectionof the objectknown to becylindrical wasreconstructe@s
cylindrical, or (only when usingthe more accuratdossy reconstructioralgorithms)
until the borereconstructiorcoincidedwith a directly measuredliameteyat a known
pointtowardsthe endof the object. The methodthereforerequiredsomeprior knowl-
edgeof theobjectsprofile. It alsoprovedverytime consumingrequiringareconstruc-
tion to be calculatedat eachstepof theiteration.However, reasonableeconstructions
couldbeachiered.

Figure 4.3 shaws the steppedube bore reconstructiorresultingfrom the appli-
cation of the Ware-Aki algorithmto the input impulseresponsef figure 3.17, with
the DC offsetremoved. The DC offsetwasobtainedby iteratively applyingthe algo-
rithm andadjustingthe valueremoved from the responseuntil the reconstructiorhad
approximatelyparallelsides.

Figure4.4 shaws the steppedubeborereconstructiomesultingfrom the applica-
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Figure 4.3: Ware-Aki reconstructionof steppedube DC offsetremovedrom input

impulseresponseisingiterative method.
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Figure 4.4: Lossylayer-peelingreconstructionof steppedtube (using the rotating
phasemodelfilter). DC offsetremovedrom input impulseresponseausingiterative

method.
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tion of thelossylayerpeelingalgorithm(usingtherotatingphasenodellossyfilter) to
the sameinputimpulseresponsavith, again,the DC offsetremoved. In this casethe
DC offsetwasobtainedby iteratively applyingthe algorithmandadjustingthe value
removedfromtheresponseintil thereconstructedadiusagreedvith thedirectly mea-
suredradiusof 9.25+0.05mm,at310mmalongthetube.

In bothfigure 4.3 andfigure 4.4, notethe presencef the couplerat the startof
the reconstruction. The overshootsat eachexpansionin the reconstructiorare due
to theripple in the inputimpulseresponséthe causeof which wasdiscussedn sec-

tion 3.5.2).

4.2.2 Cylindrical connectormethodof DC offsetremoval

Object’s
] internal
ffffffffffffffffffffffffffffffffffffffffffffffffffffff radius

403mm 50mm

Source tube Cylindrical connector Coupler Object

Figure4.5: Cylindrical connectoninsertedbetweersource tubeandcoupler

An alternatve methodwasdevisedwhich allowedthe DC offsetto be determined
directly from the input impulseresponseaatherthan from examinationof bore re-
constructions.This methodof finding the DC offset valueinvolvesthe insertionof
a 403mmlong steelcylindrical tube (of wall thickness1.7mm and internal radius
4.7mm,approximatelythe sameasthat of the sourcetube) betweenthe sourcetube
andthe couplingto the objectunderinvestigation(figure 4.5). Sincethereshouldbe
no signal reflectedback from this cylindrical connector the input impulseresponse
shouldbezero.Theaveragevalueof themeasuredhputimpulseresponséof thecon-
nectorcoupledto thetestobject)over this rangethusgivesthe DC offsetvalue. The

methodproves much quickerthanthe iterative method;the DC offset canbe found
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withoutareconstructiorhaving to be calculated Anotheradwantageof this methodis

thatit doesnotrequireary prior knowledgeof theprofile of theobjectbeingmeasured.
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Figure4.6: Inputimpulseresponsef steppedubeand couplerwith cylindrical con-

nector

Figure4.6 shavs theinputimpulseresponsef the steppedubeandcouplerwith
thecylindrical connectoiin place. TheDC offsetis evaluatedover the Ims-2mgange
andis removedprior to theapplicationof areconstructioralgorithm.Again, theinput
impulseresponsevasdeterminedrom measurementsadeat T = 16.5°C.

More accurataeconstructionganbe obtainedby removing the small reflections
presentin the first millisecondof the input impulseresponsegcausedby the slight
discontinuityin areabetweersourcetubeandcylindrical connector).Thisis doneby
zeroingthefirst millisecondof theinputimpulseresponséafterthe DC offsethasbeen
removed). Whenapplyinga reconstructioralgorithmto this modifiedinput impulse
responsetheconnectoareashouldbeusednsteadf thesourceubeareaastheinitial
areaS.

Figure4.7 shavs theinputimpulseresponsef the steppedubeandcouplerwith
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Figure4.7: Inputimpulseresponsef steppedubeand couplerwith cylindrical con-

nector DC offsetremovedandfirst millisecondzeoed.

cylindrical connectorafter the DC offsethasbeenremoved andthe first millisecond
zeroed.

Figure4.8 shaws the steppedubeborereconstructiomesultingfrom the applica-
tion of the Ware-Aki algorithmto the modifiedinputimpulseresponsef figure4.7.

Figure4.9 shaws the steppedubeborereconstructiomesultingfrom the applica-
tion of the lossylayerpeelingalgorithm(usingthe rotatingphasemodellossyfilter)
to the samemodifiedinputimpulseresponse.

In bothfigure4.8andfigure4.9, notethe presencef thecylindrical connectoand
the couplerat the startof thereconstructionAgain, the overshootsat eachexpansion

in thereconstructioraredueto theripplein theinputimpulseresponse.
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Figure 4.8: Ware-Aki reconstructionof steppedube DC offsetremovedrom input

impulseresponseisingcylindrical connectormethod.
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Figure 4.9: Lossylayer-peelingreconstructionof steppedtube (using the rotating
phasemodellossyfilter). DC offsetremovedrominputimpulseresponseaisingcylin-

drical connectormethod.
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4.3 Comparisonof reconstructionalgorithms

In the previous section,reconstructionsnadeusingthe Ware-Aki algorithmandthe
lossylayerpeelingalgorithm (using the rotating phasemodellossyfilter) were pre-

sented.
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Figure4.10: Losslessayer-peelingreconstructiorof steppedube DC offsetremoved

frominputimpulseresponseisingcylindrical connectormethod.

Figure4.10shavsthe steppedubeborereconstructiomesultingfrom theapplica-
tion of the losslesdayerpeelingalgorithmto the modifiedinputimpulseresponsef
figure4.7.

Figure4.11shavsthesteppedubeborereconstructiomesultingfrom theapplica-
tion of the lossylayerpeelingalgorithm (usingthe all-pole modellossyfilter) to the
samemodifiedinputimpulseresponse.

It is now possibleto comparereconstructionsnadeusingthe four algorithmsde-
scribedin chapter2 (the Ware-Aki algorithm,thelosslesdayerpeelingalgorithm,the
lossylayerpeelingalgorithmusingtherotatingphasemodellossyfilter, andthelossy

layerpeelingalgorithmusingthe all-pole modellossyfilter). In this way, the most
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Figure4.11: Lossylayer-peelingreconstructiorof steppedube(usingall-pole model
lossyfilter). DC offsetremovedrominputimpulseresponseisingcylindrical connec-

tor method.

suitablereconstructioralgorithmcanbefound.

The axial resolutionof all the bore reconstructionss the same. The two input
impulseresponset whichthereconstructioralgorithmswereapplied,werebothde-
terminedfrom measurementsadeatt = 16.5°C. Hence thelengthof thecylindrical
segmentsmakingup thereconstructionss | = cT/2 = (3316,/14 16.5/273) x (2 x
107°)/2=0.0034m=3.4mmHowever, the error on the reconstructecxial positionis
not +3.4mm,it is simply —3.4mm. To understanavhy this is the case,considera
pulsereflectedbackto the microphonefrom the openendof a cylindrical pipe. The
microphoneoutputis sampledlf the passagef the startof the pulsecoincideswith a
samplepoint (figure4.12),the pulsewill berecordecat the correcttime. However, if
thepassagef thestartof the pulseoccurshetweernwo samplepoints(figure4.13),the
pulsewill notberecordeduntil the secondf the samplepoints,sometime < T later.

If areconstructiorof the cylindrical pipe wasmade.,its lengthwould be anything up
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Figure4.12: Startof pulsecoincideswith a samplepoint.

Figure4.13: Startof pulselies betweenwo samplepoints.
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tocT/2toolong;i.e. theerroronthereconstructetengthwouldbe—cT /2. Thus,for
measurementsiadeatT = 16.5°C, theerroronthereconstructetengthis —3.4mm.

Examinationof figures4.8 and4.10revealsthat, asonewould expect, the Ware-
Aki algorithmandthe losslesdayerpeelingalgorithm (neitherof which compensate
for lossespiveidenticalborereconstructionsThesereconstructionarein pooragree-
mentwith the measuredrofile of the steppedube. The first sectionof the recon-
structedsteppedubeincreases radiusfrom 5.8mmto 6.0mm(ratherthanremaining
constantat the measuredadiusof 6.20+-0.05mm),whilst the secondsectionof the
reconstructedteppedubeincreasesn radiusfrom 8.1mmto 8. 7mm(ratherthanre-
mainingconstantaitthe measuredadiusof 9.25+0.05mm).This is becaus¢helosses
experiencedby the signalwhilst propagatinghroughthe cylindrical connectoy the
coupler the steppedubeandbackagain,arelarge. Theselossesalsocausethe ex-
pansionsn thereconstructegrofile to be slopedratherthansharp.Theaxial position
of eachexpansioncanbe estimatedasthe axial positionof the midpointof the slope.
Usingthis method the axial positionsof the startof the tube,the stepandthe endof
thetubecanbeestimatedis454—3.4mm,584—3.4mmand762—3.4mmrespectrely.
Thesevaluesagreewith the measuregositionsof 4534 0.5mm, 582+ 0.5mmand
759+ 0.5mmto within theerrorbounds.

Examinatiorof figure4.3shavsthatwhenthesignalonly hasto propagatehrough
thecoupler thesteppedubeandbackagain thelossesxperiencedresmallerandthe
reconstructegrofileis in betteragreementvith themeasuregbrofile. Thefirst section
of thereconstructedteppedubehasaradiuswhichremainsapproximatelyconstansat
6.3mm(which is actuallyslightly largerthanthe measuredadiusof 6.20+-0.05mm),
whilst thesecondsectionof thereconstructedteppedubehasaradiuswhich remains
approximatelyconstantit9.1mm(comparedvith themeasuredadiusof 9.25+0.05mm).
Although the reconstructegrofile is in betteragreementthe radii still do not fall

within the error boundsof the measuredadii. The smallerlossescausethe recon-

71



structedprofile to have sharperexpansions. The startof the tube, the stepandthe

endof thetubecanbeestimatedis51—3.4mm,181-3.4mmand359-3.4mmrespec-
tively. Thesevaluesagreewith the measuregbositionsof 50+ 0.5mm, 179+ 0.5mm

and356+ 0.5mmto within theerrorbounds.

Inclusion of the cylindrical connectoris necessaryo enablemeasuremenf the
DC offset, so the signal experiencessignificantlossesin most measurementases.
In orderto obtaingoodreconstructionsf lengthysystemsanalgorithmmustbe used
whichcompensate®r thelossesxperiencedy thesignalwhilst propagatinghrough
theobject;i.e. thelossylayerpeelingalgorithmusingeithertherotatingphasemethod
or theall-polemethodto modelthefilter representingposses.

Examinationof figures4.9 and4.11 shaws that the reconstructegbrofiles (made
using the two differentlossy layerpeelingalgorithms)arein good agreementvith
the measuredprofile and with eachother The radii of both reconstructegrofiles
agreewith the measuredadii of 6.20+-0.05mmand9.25+0.05mmto within theerror
bounds.Thereconstructeg@rofilesboth have sharpexpansionsand,in both casesthe
startof the tube,the stepandthe end of the tube can be estimatedas 454—-3.4mm,
584-3.4mm and 762—3.4mm respectrely. Thesevaluesagreewith the measured
positionsof 453+ 0.5mm,582+4 0.5mmand759+ 0.5mmto within theerrorbounds.

At a samplingfrequeny of 50kHz, the delayintroducedwhenusingthe rotating
phasemodellossyfilter is insignificantand both lossylayerpeelingalgorithmsgive
similar results. However, the lossy layerpeelingalgorithmtakesapproximatelyten
timesaslong to calculatea profile whenthe all-pole modellossyfilter is usedasit
doeswhen the rotating phasemodel lossy filter is used. Therefore,at a sampling
frequeng of 50kHz,thelossylayerpeelingalgorithmusingthe rotatingphasemodel

lossyfilter provesthe mostsuitablereconstructioralgorithmto use.
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4.4 Reproducibility of reconstructions

In theprevioussectionyadii atdifferentpointsalongatypical steppedubereconstruc-
tion (madeusingthelossylayerpeelingalgorithmwith therotatingphasemodellossy
filter) werefoundto agreewith thecorrespondinglirectly measuredadii to within the
directmeasurementadingerrorof 0.05mm.

To find out how reproduciblethe steppedube reconstructions (i.e. how much
the reconstructedadii vary betweenonereconstructiorandthe next), the input im-
pulseresponsef thetubewasmeasuredive times.Thelossylayerpeelingalgorithm
wasappliedto eachof theresponsegafterthe DC offsethadbeencalculatedandre-
moved usingthe cylindrical connectomethod) resultingin five borereconstructions.
Halfway alongthefirstandseconaylindrical sectionstheradii of thefive reconstruc-
tionswerefound. Meanvaluesfor theradiusof the steppedubeatthesewo positions
werecalculatedalongwith the standardleviations.

Halfway alongthefirst cylindrical sectionof the steppedube,theradii of thefive
reconstructionsvere 6.173mm,6.176mm,6.189mm,6.187mmand 6.165mm. The
meanvaluefor the reconstructedadiusat this positionis therefore6.178mmwith a
standarddeviation of 0.01mm. Halfway alongthe secondcylindrical sectionof the
steppedube,theradii of thefivereconstructionsrere9.213mm9.205mm9.219mm,
9.238mmand9.191mm.The meanvaluefor the reconstructedadiusat this position
is therefore9.213mmwith a standardieviation of 0.017mm.

Thestandardleviation providesa measuref thereproducibilityof thereconstruc-
tion. It is clearthatthe reproducibilityworsenswith axial distancealongthe recon-
structedprofile. However, eventowardsthe endof the steppedube,the standardide-
viation of 0.017mmis lessthanthereadingerrorof 0.05mmon thedirectly measured

radius.
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4.5 Brassinstrument reconstructions

Thecombinedengthof thecylindrical connectorcouplerandsteppedubewas759mm.
All thereflectionsreturningfrom this systemcompletelypassedhe microphonebe-
fore thefirst sourcereflectionarrived at the microphong(i.e. they completelypassed
the microphonewithin the time takento travel 21,=6.20m,the distancefrom the mi-
crophoneo theloudspeakeandback).

Whenmeasuringpbjectswhich arelongerthanthe 306mmsteppedube,alonger
sourcetube sectionl is necessaryo ensurethat the reflectionsreturningfrom the
cylindrical connectorcouplerandobjectarecompletelyrecordedeforethefirst source
reflectionarrives.

In this section,reconstruction®f threebrassinstrumentgwhoselengths,when
combinedwith the cylindrical connectorandoneof the couplersshowvn in figure 3.6,
areall greaterthan1.6m),arepresentedTheseinstrumentsveremeasurecen a sec-
ondreflectometerndenticalto thereflectometedescribedn section3.2 exceptfor the
sourcetubesectionl, whichat7.37mis overtwice aslong. Theinstrumenteflections
weresampledusingthe same50kHz samplingfrequeng but with a samplelengthof

2048points,giving a sampletime of 40.96ms.

4.5.1 Amati-Kraslice trumpet

Figure4.14shavs a borereconstructiorof an Amati-Kraslicetrumpetin B» with no
valvesdepressegcalculatedrom measurementmadeat 1=17.%C). Thisinstrument
is a‘standardmodel’ trumpet.Direct measuremen@resuperimposedn thegraphto
provide a comparisorwith thereconstructegrofile.

Althoughthe DC offsetwascalculatecandremovedusingthecylindrical connector
method,the connectoiis not displayedon the graph. For the first 1L00mm,the graph
shaws the couplerwhichwaschosen(from the six couplersdisplayedn figure 3.6) to

give a goodfit to the trumpet. The couplerpenetrate distanceof 13.5mminto the
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Figure4.14:Reconstructednd measuedbore profilesof Amati-Kraslicetrumpet.No

valvesdepessed.

instrument. From 100mmto 1200mm,the graphshaws the trumpetprofile (starting
from aposition13.5mmin from the mouthpiecesnd).

After aninitial wideningof the bore(betweernl30mmand300mmon the graph),
the profile of thetrumpetis approximatelycylindrical. Theradiusremainsfairly con-
stantthroughthe valve section(between650mmand 750mm),which is situatedto-
wardsthe endof theinstrument.This constanboreradiusis characteristiof a ‘stan-
dardmodel trumpet. At the bell (which begins at approximately930mm),the radius
beginsto increaseapidly.

Comparisorof thereconstructegrofile with radii directly measureétvariousac-
cessiblepositionsalongthetrumpetborerevealsthatthereconstructiomreaksdown in
regionswheretheboreradiuschangesapidly. Primeexamplesof suchregionsarethe
stepsatthebeginningandendof the maintuning-slide(atgraphpositions340mmand
630mmrespectrely) andthe flaring bell (from approximately930mmonwards).In

theseregions,thereconstructe@rofile hasa smallerradiusthanthedirectly measured
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radius. Themostlikely explanationfor this breakdevn is the fact thatthereconstruc-
tion algorithmassumeplanewave propagatiorwithin the instrument. At regionsof

rapidchangean theboreprofile, sphericawave propagatiorbecomegpredominant.
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Figure 4.15: Reconstructedbore profiles of Amati-Kraslice trumpet. No valvesde-

pressedcandall threevalvesdepessed.

Figure 4.15 shaws bore reconstruction®f the Amati-Kraslice trumpetwith no
valvesdepressea@ndwith all threevalvesdepressedcalculatedrom measurements
madeat 1=17.8C and1=18.2C respectiely). Depressingll the valvesintroduces
three extra sectionsof cylindrical tubing (the first, secondand third valve tuning-
slides) thusincreasinghelengthof the valve section(which now occupiegheregion
between650mmand 1350mmon the graph). The total length of the instrumentis
increasedy approximately\600mm.

Figure 4.16 shawvs a 3D representatiorof the Amati-Kraslicetrumpetwith no

valvesdepressed;reatedrom thereconstructiordatadisplayedn figure4.14.
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Figure4.16: 3D representatiorof Amati-Kraslicetrumpet.No valvesdepessed.

4.5.2 Rudall Carte ‘Webster’ trumpet

Figure 4.17 shows a bore reconstructiorof a Rudall Carte ‘Webster'trumpetin Bb
with no valves depressedcalculatedfrom measurementmadeat 1=17.7C). This
instruments a‘conical boremodel’ trumpet.Direct measurementre superimposed
onthegraphto provide acomparisorwith thereconstructegrofile.

Again, althoughthe DC offset was calculatedandremoved usingthe cylindrical
connectomethod,the connectoiis not displayedon the graph. For thefirst 100mm,
the graphshaws the couplerwhich was chosen(from the six couplersdisplayedin
figure 3.6) to give a goodfit to the trumpet. The couplerpenetratedh distanceof
10.0mminto the instrument.From 100mmto 1200mm the graphshaws the trumpet
profile (startingfrom a position10.0mmin from the mouthpiece=nd).

After aninitial wideningof the bore (betweerl50mmand310mmon the graph),
the profile of the trumpetcontinuesto expandslowly. The radiusincreaseshrough
the valve section(between310mmand 410mm)which, unlike the Amati-Kraslice
trumpet,is situatedtowardsthe startof theinstrument.This continualslow expansion

of the boreis characteristiof a ‘conical bore’ trumpet. At the bell (which beggins at
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Figure 4.17: Reconstructednd measued bore profiles of Rudall Carte ‘Webster’

trumpet.No valvesdepessed.

approximatel\860mm) the radiusincreasesnorerapidly.

Again, comparisorof thereconstructegrofile with radii directly measureétvar-
iousaccessiblgositionsalongthe trumpetborerevealsthatthe reconstructiororeaks
down in regionswherethe boreradiuschangegapidly (suchasthe stepsat the ends
of tuning-slidesandtheflaring bell).

Figure4.18shavs borereconstructionsf theRudallCarte’'Webstertrumpetwith
no valves depresse@nd with all threevalves depressedcalculatedfrom measure-
mentsmadeat 1=17.7PC and1=17.2C respectiely). Depressingll the valvesin-
troducesthreeextra sectionsof cylindrical tubing (the first, secondand third valve
tuning-slides)thusincreasinghelengthof thevalve section(which now occupieghe
regionbetweerB10mmand930mmonthegraph).Unlike the Amati-Kraslicetrumpet,
the extra tubingis addedtowardsthe startof the trumpetratherthantowardsthe end.
Thetotal lengthof theinstruments increasedby approximately620mm.

Figure4.19shavs a 3D representationf the Rudall Carte'Webstertrumpetwith
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Figure4.18: Reconstructetore profilesof RudallCarte ‘Webster'trumpet.No valves

depessedandall threevalvesdepessed.
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Figure 4.19: 3D representationof Rudall Carte ‘Webster’ trumpet. No valvesde-

pressed.
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no valvesdepressed;reatedrom thereconstructiordatadisplayedn figure4.17.

4.5.3 Morhange Posthom
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Figure4.20: Reconstructedore profile of a Morhangeposthorn.

Figure4.20shavs a borereconstructiorof a B» posthornprobablyby Morhange
(calculatedrom measurementsadeat1=16.%C). For instrumentsuchastheseijt is
not possibleto makedirectmeasurementasthereareno tuning-slidesandtherefore
no accesgoints. Acousticpulsereflectometryprovesvery usefulin the measurement
of suchinstruments.

Again, althoughthe DC offset was calculatedandremoved usingthe cylindrical
connectomethod,the connectoiis not displayedon the graph. For thefirst 100mm,
the graphshaws the couplerwhich was chosen(from the six couplersdisplayedin
figure 3.6) to give a goodfit to the posthorn. The couplerpenetratech distanceof
21.9mminto theinstrument.From 100mmto 1200mm the graphshows the posthorn
profile (startingfrom a position21.9mmin from the mouthpiece=nd).

After aninitial wideningof the bore(betweernl70mmand480mmon the graph),
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the profile of the posthornis approximatelycylindrical. At the bell (which begins at
approximately50mm),theradiusbeginsto increaseapidly. The sudderdecreasén
radiusat 1030mmis causedy a dentin the bell of theinstrument.

Figure4.21 shavs a 3D representatioof the posthorn,createdfrom the recon-

structiondatadisplayedn figure4.20.
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Figure4.21:3D representatiorof Morhangeposthorn.
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Chapter 5

Input impedance

5.1 Intr oduction

In this chaptey impedancecurves calculatedfrom input impulseresponsemeasure-
mentsmadeusing acousticpulsereflectometry are presented.An alternatve, fre-
gueny domainmethodthesweptsinewave method)of measuringheinputimpedance
of anobjectis describec&ndsampleaesultsareshavn. Impedanceurvesmeasureds-
ing thetime domaintechniqueof acoustiqulsereflectometryandusingthefrequeng
domainsweptsinewave techniquearecompareddothwith eachotherandwith athe-
oreticalcurve. Finally, impedanceurvesof two brassinstrumentsare presentednd

discussed.

5.2 Acoustic pulsereflectometrymethod of measuring
input impedance

Applying equation2.61to the complex spectrunof theinputimpulseresponsef an
objectyieldsthe objects complex inputimpedancever a rangeof frequenciesThis

informationis normally displayedasanimpedanceurve; the magnitudeof the input
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Figure5.1: Reflectometrympedanceurvefor steppedubeandcoupler

impedancerersughefrequeng.

Figure 5.1 shavs the impedancecurve resulting from the applicationof equa-
tion 2.61 to the complex spectrumof the experimentallydeterminednput impulse
responsdfigure 3.17) of the steppedube andcoupler The inputimpulseresponse
wasdeterminedrom measurementsadeat1=16.C. Thecrosse®n theimpedance
curve indicatethefrequenciest which theimpedancavascalculated.

Whenevaluatingthe inputimpedancalirectly from the inputimpulseresponseit
is notnecessaryo calculatehe DC offset. The DC offsetonly changesheimpedance

atOHz.

5.2.1 Impedancecurve frequencyresolution

Thefrequeng resolutionof animpedanceurveis thesameasthatof theinputimpulse
responsepectrunfrom whichit wascalculated Thefrequeng resolutionof theinput
impulseresponsaepectrunis determinedy thesampldengthof theobjectreflections,

whichis constrainedy thereflectometesourcetubesectionl;.
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Thereflectometeusedto measuregheinputimpulseresponsef the steppedube
andcouplerhasl;=3.10m. To avoid sourcereflectionsbeingrecordedobjectreflec-
tionsaresampledver atime periodshorterthanthetime takenfor the signalto travel
the distance2l; (from the microphoneto the loudspeakeandback). At a sampling
frequenyg of 50kHz,whensamplingis started3msbeforethe objectreflectiongeach
the microphonethe maximumnumberof pointsover which objectreflectionscanbe
sampledvithoutrecordingary sourcereflectionss 1024.Thisresultsin the spectrum
of theobjectreflectionsand,thereforethespectrunof theinputimpulseresponsdav-
ing amaximumfrequeny resolutionof 50000/1024=48.83HZzThis is the frequeny
resolutionof theimpedanceurve shovn in figure5.1.

To improve theimpedanceurve frequeny resolutionby samplingthe objectre-
flectionsover alongertime periodeitherthesourcetubesectionl; mustbelengthened
or the sourcereflectionsremoved. Althoughincreasind; improvesthe resolutionof
the impedancenmeasurementhe objectreflectionsexperienceextra losses. This at-
tenuationof the higherfrequenciesneanghatthe impedancecanonly be accurately
calculatedat low frequencies.Chapter7 detailswork concernedwvith removing the
sourcereflectiongby driving theloudspeakein suchaway asto absorktheincoming

objectreflections).

5.2.2 Zero-paddingto improve impedancecurve frequencyreso-

lution

Recallingtheconstrainthattheinputpulseandobjectreflectionanustbeself-windowving,
by theendof theinputimpulserespons¢hesignalshouldhase decayedo zero. There-
fore,thelengthof theresponseanbeartificially increasedwithouthaving to increase
thesampldengthof theobjectreflectionspy paddingit outto thedesiredengthwith
zeroes(at 20us intenals, correspondingo the samplingfrequengy of 50kHz). By

paddingtherespons@utfrom 1024pointsto 8192points,the frequeng resolutionof
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theimpedancecurwe is improved to 50000/8192=6.10HzNote that beforethe input
impulse can be zero-paddedthe DC offset mustfirst be removed. The offset need
not be determinedasaccuratelyasfor borereconstructionan estimationfrom visual

examinationof theinputimpulseresponsés usuallysuficient.
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Figure5.2: Improvedresolutionreflectometrympedancecurvefor steppedubeand

coupler

Figure 5.2 shavs the impedancecurve resulting from the applicationof equa-
tion 2.61to the spectrumof the zero-paddednput impulseresponseof the stepped
tubeandcoupler The input impulseresponsavaszero-paddedrom 1024 pointsto
8192points(afteranestimatedC offsetof 0.0016hadbeenremored)resultingin an

impedanceurve frequeng resolutionof 6.10Hz.

5.3 Sweptsinewave methodof measuringinput impedance

A standardrequeng domainmethodof measuringhe inputimpedanceof a tubular

objectis the sweptsine wave method. As the namesuggeststhe objectis excited
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at its input by a sinusoidalpressurevave. The frequeny of the excitation wave is
increasedindthe pressurgesponseat eachfrequeny is recorded.Providedthe exci-
tationwave hasa constantolumevelocity, thepressurgéesponsés proportionako the
inputimpedanceof the object. No phaseinformationis gainedusingthis technique;

only the magnitudeof theinputimpedances measured.

5.3.1 Experimental apparatusand its operation

ANECHOIC
CHAMBER

AIR
VOLUME

PLATE
MICROPHONE

LOUDSPEAKER

POWER
AMPLIFIER

A

CAVITY

MICROPHONE

COMPRESSOR | MEASURING FILTER
h AMPLIFIER
;A
A 4
SINE _/DIG MEASURING
GENERATOR T\INPUT, AMPLIFIER
DIA e COMPUTER [# AID

Figure5.3: Shematicdiagram of experimentabpparatus.

Figure 5.3 shavs a schematiaiagramof the experimentalapparatusisedin the
frequeny domainmeasuremerdf the inputimpedancef a volumeof air. Theloud-
speakerthe microphonesndthe volumeof air undertestareall mountedin anane-
choicchamberwith the electronican anadjoiningroom. This apparatuss similar to
thatdescribedy Backus[1974,1975].

A voltageis producedby a 12 bit D/A corverter (locatedon an lotechDagBook

dataacquisitionsystemcontrolledby a Viglen 486DX 66MHz PC) andusedto drive
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aBruelandKjaer Type 1023sinegeneratarAn inbuilt frequeny metermeasureshe
exact frequeng of the generatedvave and outputsthe result,in binary codeddeci-
mal form, to the PC (via a digital input on the DaqBook). The generateginewave
is amplifiedby a Bruel andKjaer Type 2706 power amplifierandusedto feeda horn
loudspeakedriver. A Bruel andKjaer% inch microphonamonitorsthe pressuregen-
eratedn acavity mountedn front of thehorndriver. This pressuresignalis measured
using a Bruel and Kjaer Type 2608 measuringamplifier and passedackto a com-
pressorircuitin the sinegeneratarThe compressoadjuststhe sinegeneratooutput
soasto maintainthe cavity pressureonstant.In the presentasethis feedbackoop
ensureghatthe cavity pressureemainsl130+ 0.5 dB SPL over the frequeny range
50Hz-4kHz. An annularcapillary of length69mm connectghe cavity to a plateon
which thevolumeof air undertestis mounted.On theassumptiorthattheimpedance
of thecapillaryis independentf frequeny andmuchlargerthantheimpedancef the
volumeof air, the systemcanbe considere sourceof constanvolumevelocity. The
pressuran the volume of air, measuredy a Knowles microphoneembeddedn the
plate,is thendirectly proportionalto the inputimpedanceof the volumeof air. This
pressureignalis passedhrougha KemoVBF/3 high pasdilter setto 50Hzto remove
low frequeng noise(suchasthenoiseassociatedvith theclosingof doorsoutsidethe
laboratory).Thefilteredsignalis displayednaBruelandKjaer Type2609measuring
amplifierwhich outputsa voltageproportionatto the pressuralisplayed.This voltage
is sampledby a12 bit A/D corverterlocatedon the DagBookandcorvertedbackto a
pressurevalueby the PC. Giventhe volumevelocity, the PC alsocalculateghe input
impedanceccordingo equatior?.7.

A highervoltageis thenproducedy the D/A corverterandusedto drive thesine
generatarA wave of higherfrequeng is generate@ndthe abore processs repeated.
In this way, the input impedanceof the volume of air undertestis measuredver a

frequeng rangeof approximatelylHz to 4kHz. However, becausehe pressuran
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the cavity is not constantbelonv 50Hz, the rangeover which the inputimpedancas

accuratelyneasureds 50Hz-4kHz.

Determination of the volume velocity

To determinethe volume velocity, a small volume was placedon the experimental

apparatusTheimpedance& of asmallvolumeV is givenby:

2
,_0¢
wV

(5.1)
wherep is the densityof air, c = 3316+/1+ 1/273m/sis the speedof soundin air,
T is theair temperaturén °C, andw is the angularfrequeng of the excitation sound
wave.

Substitutingequatior?.7into equationb.1 andrearranginggives:

PV (10°%7) x 2% 1075 x oV

v pc? pc?

(5.2)

whereU is thevolumevelocity, p is thepressuren Pascalsand p(dB) is the pressure
in decibels.

Thusby measuringhe pressuret differentfrequenciesyaluesof the volumeve-
locity canbefound.

For avolumeof airV = 1 x 10~°m?3, the volumevelocity measuredt frequencies

over the 50Hz-2.5kHzrangewasfoundto have anaveragevalueof 3 x 10~8m3s1.

5.3.2 Sweptsinewave impedancecurve

Figure5.4 shavs theimpedanceurve resultingfrom the measuremerdf the stepped
tubeandcouplerusingthe sweptsinewave method.The objectmeasureessentially
consistedf threecylindrical sections;a cylinder of length50mmandradius4.8mm
(the coupler),a cylinder of length129mmandradius6.20mm(the first sectionof the

steppedube),andacylinder of length177mmandradius9.25mm(the secondsection
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Figure5.4: Sweptsinewaveimpedanceurvefor steppedubeandcoupler

of the steppedube). Themeasurememnasmadeat anair temperaturef 18.3C. The

resolutionof theimpedanceurve is approximatelylHz.

5.4 Theoretical expressionfor input impedance

A theoreticakexpressiorfor the complex inputimpedancef a cylinderis well known
[Kinsler etal 1987. Using this expressiona theoreticalexpressionfor the complex

inputimpedancef anobjectconsistingof threecylindrical sectionscanbederived.

5.4.1 Input impedanceof a cylinder

Assumingplanewave propagatiorbut includinglossesthe comple inputimpedance

of acylinder of lengthl andradiusr is givenby:

2
o0 Zj0adKTT + jtankl
krr? 2
= 14 Zj0adkTT tankl
pw
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whereZj, is the comple inputimpedanceZqaq is the comple load impedancdat
the endof the cylinder), p is the air density w is the angularfrequeng, andk is the

comple propagatiorconstant.

Thecomple propagatiorconstants definedasbeing:

w1 nw a4y [ K

wherey is theratio of the principal specificheatsof air, Cp, is the specificheatof air
atconstanpressurer is the coeficient of shearviscosityof air, K is thethermalcon-
ductwity of air, c = 3316,/1+ 1/273m/sis the speedf soundin air, andt is theair

temperature.

For an open-endedatylinder, the load impedanceds the radiationimpedancewhich,

for anunflangecdend,is givenby:

pw > o pw
Zioaa = 0.25, 5Ir? + 0.6, ke (5.5)

Substitutingequatiorb.5into equatiorb.3givestheinputimpedancef anopen-ended

cylinder:

2.2 i
00 (( 0.25k?r2 + j(0.6kr -+ tankl) ) (5.6)

"= kw2 \ (1= 0.6kr tankl) + 0.25K2r2 tankl

5.4.2 Input impedanceof a steppedtube

Figure5.5shavs a schematidiagramof a steppedubeconsistingof threecylindrical
sectionsthelastof whichis open-ended.
Thecompleximpedancé& attheboundarybetweerthesecondandthird cylindri-

cal sectiongs simply theinputimpedancef the open-endedthird cylinder (of length
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Figure5.5: Shematicdiagram of a steppedube consistingof three cylindrical sec-

tions.

I3 andradiusrs). Hence,substitutingZc for Zjn, I3 for | andrs for r in equation5.6

gives:

(5.7)

Ze — W ( 0.25k?rZ + j(0.6kr3 -+ tankls)
N (

kmrg \ (1 0.6krztankls) + jO.25k?r3tankls
Note that in this casek is the propagationconstantfor the third cylindrical section

which hasradiusrs. Hencek is foundby substituting 3 for r in equatiorb.4.

The comple impedanceZg at the boundarybetweenthe first and secondcylin-
drical sectionsis simply the input impedanceof the secondcylinder (with a load
impedancesqualto Zc). Hence substitutingZg for Zj, |2 for I, r for r andZ¢ (calcu-

latedusingequations.7)for Zjpaq in equatiorb.3gives:

kw2
LekI j tankl,
Zg = P9 pw (5.8)
kw3 Zckrrs

1+ j—2tankl
+ ] 0w ankio

Again, notethatin this casek is the propagatiorconstantor the secondcylindrical
sectionwhich hasradiusr,. Hencek is foundby substitutingr, for r in equatiorb.4.
Finally, theinputimpedancef the steppedubeZ, is simply theinputimpedance

of thefirst cylinder (with aload impedancesqualto Zg). Hence,substitutingZa for
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Zin, 11 for |, rq for r andZg (calculatedusingequation5.8) for Zjpaq in equation5.3

gives:
Zgkmr? .
P21 jtankly
Zp= P2 | B9 (5.9)
I_(TI]’% Zgkmr? .

1+ j——Ltankly
pw
Again,notethatin thiscasek is thepropagatiortonstantor thefirst cylindrical section

which hasradiusri. Hencek is foundby substitutingr; for r in equatiorb.4.

5.4.3 Theoreticalimpedancecurve
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Figure5.6: Theoeticalimpedanceurvefor steppedubeandcoupler
Figure5.6shavstheimpedanceurveresultingwhenthedimension®f thestepped
tube and coupler are substitutedin to equations5.7, 5.8 and 5.9 (i.e. 1;=50mm,

r1=4.8mm/>=129mmy»=6.20mm/J3=177mmy3=9.25mm).A temperaturef 1=16.3C

wasused.
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5.5 Comparisonof the differ ent methodsof measuring

input impedance
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Figure 5.7: Reflectometrysweptsine wave and theoeetical impedancecurvesfor

steppedubeandcoupler

Figure5.7 comparesmpedanceurvesfor the steppedubeandcouplerobtained
usingthethreedifferentmethodslescribed Theimpedanceurvescanbe seensepa-
ratelyin figures5.2,5.4and5.6.

Thebasicshapeof thethreeimpedanceurvesis thesame However, atthemaxima
andminima,thecurvesdivergein bothfrequeny andamplitude.

Comparingthe reflectometryimpedancesurve with the theoreticalcurwe, the fre-
guencief the maximaandminimaof thereflectometrycurve areall approximately
0.7%lower thanthoseof the theoreticalcurve. This impliesthat, whenmeasurean
the pulsereflectometerthe steppedubeandcouplerbehae 0.7%longerthanthe di-
rectly measuredengthof 356mm(i.e. they behae 2.5mmlonger). However, it was

shavn in sectiond.3thatanobjectmeasuredn thereflectometecanbehae arything
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up to cT/2 = 3.4mmlongerthanits directly measuredength. Hence,the frequen-
ciesof thereflectometryimpedanceurve agreewith thoseof thetheoreticalcurve to
within experimentalerror. The amplitudesof the peaksof the theoreticalcurve are
uniformly higherthanthoseof thereflectometrympedanceurve.

Comparingthe sweptsinewave impedanceurve with the theoreticalcurwe, the
frequencie®f themaximaandminimaof the sweptsinewave curve areall lowerthan
thoseof the theoreticalcurve. The frequenciesare approximatelyl% lower for the
first two resonanceandapproximately2% lower for the next threeresonancesyhilst
thefrequenciesreapproximatelyl.5%lower for thefirst two antiresonancesndap-
proximately1% lower for the next threeantiresonancesOne explanationfor these
differencess the falseassumptiorthatthe sourcecapillary hasa frequeng indepen-
dentimpedance Thecapillaryis 69mmlong. Whenthe wavelengthof the excitation
sinewave is reducedo four timesthis length(whenthe frequeng reachesapproxi-
mately 1.2kHz),resonanceffectsbegin to occur Hence,by thethird of the stepped
tuberesonancgeaks capillary resonanceffectsarealsosignificant. Anotherexpla-
nationis thefalseassumptiorthatthe steppedubeimpedancas negligible compared
with thecapillaryimpedanceTheimpedanceatthesteppeduberesonanceeakss of
theorderof 10° ohms. Thisis significantwhencomparedvith thecapillaryimpedance
whichis of theorderof 10° ohms.Theamplitudesf the peaksof thetheoreticaturve

areuniformly higherthanthoseof the sweptsinewave impedanceure.

5.6 Brassinstrument impedancecurves

To illustratethe useof impedancecurvesin the studyof musicalinstrumentsresults
for two 19th centurycornets(measuredising both the acousticpulsereflectometry
methodandthe sweptsinewave method)arepresente@nddiscussed.

The reflectometryimpedancecurves were calculated(using equation2.61) from

zero-paddedhputimpulseresponseneasurementsiadeusingthelongersourcetube
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reflectometedescribedn section4.5. Thelongersourcetubeensuredhatthereflec-
tions returningfrom eachof the cornetswere completelyrecorded. The two setsof
reflectionswere sampledat 50kHz with samplelengthsof 2048 points;the resultant
inputimpulseresponsewerebothzero-paddedp to 8192points.
Each cornetwas connectedo the reflectometersourcetube or the microphone
andsinewave sourcecapillary usingone of the couplersshavn in figure 3.6. These
couplershave approximatelythe samevolume as a cornetmouthpiece. Thus, the

impedanceurvesmeasuredor eachcornetareagoodapproximatiorio theimpedance
curvesfor eachcornetwith its mouthpieceattached.

5.6.1 Boosey& Co. cornet
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Figure5.8: Impedanceurvesfor Boosg & Co. cornetwith no valvesopeiated.

Figure5.8 shavs impedanceurvesfor a Boosg & Co. ‘Acme’ modelcornetin
Bb with no valvesoperatedbothimpedancecurvesweremeasuredt 17.4C). This
instruments a ‘standardmodel’ cornetwith a cylindrical borethroughthe valves. It

hashadits playing pitch loweredfrom A4=452.5Hz to 440 Hz by the insertionof
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cylindrical extensionpiecesn its maintuning-slide.

5.6.2 Rudall Carte cornet
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Figure5.9: Impedanceurvesfor RudallCarte cornetwith no valvesopeiated.

Figure5.9 shavs impedancecurvesfor a Rudall Carte‘conical boremodel’ cor-
netin Bb with no valves operatedagain,both impedancecurves were measuredt
17.£C). This instrumentis characterisedy its bore which increasesn diameter
throughthe valve pistonsand betweenone valve andthe next. Comparedwith the
Boosg & Co. cornet,the boreis narrover and more gently taperingbetweenthe

mouthpieceaecever andthevalves. Theinstrumentvasdesignedo play at a pitch of

A4=452.5Hz.

5.6.3 Discussion

Comparisorof the curvesfor the two cornetsclearly shavs thatall the peaksare at

slightly lowerfrequencie$or theBooseg & Co. cornetwhichhashadits pitchlowered.
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In fact, analysisof thefrequencie®f the peakssuggesthatthe Boosg & Co. cornet
shouldplayatapitcharoundl16centdowerthantheRudallCarteinstrument Playing
testsconfirmthatthisis indeedthe case.lt appearshatthe high pitchinstrumentvas

designedo play at A4 with its tuning-slidegartially withdrawn.
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Chapter 6

Investigationof leaks

6.1 Intr oduction

In this chapterthe effect of aleakin the wall of a tubular objecton the object’s bore
reconstructiorand input impedancaes investigated.Examinationof the borerecon-
structionleadsto a methodfor detectingthe presencef aleakin ary tubular object.
It is shawvn thatfor certainobjectstheaxial positionof aleakcanalsobe determined.
Finally, for the specialcaseof a cylindrical pipe,a methodfor determiningthe sizeof

aleakfrom inputimpedanceneasuremenis described.

6.2 Detectingthe presenceof aleakin atubular object

A smallleakin thewall of anobjectbeingmeasureanthe pulsereflectometecanbe
thoughtof asa side branchof comple< impedancgdiscussedurtherin section6.4).
Thesidebranchpresentsreductionin themagnitudeof theimpedanceeerby thein-
comingpulse.Thischangas similarto thechangen impedanceausedy awidening
of thebore.Hence theleakappearsasanexpansionn theborereconstruction.

A leakingobjectreconstructedsingthecylindrical connectomethodof DC offset

removal (describedn section4.2.2)will give a reconstructiorwhichis correctasfar

98



asthepositionof theleak,afterwhichit will expandto anextentdependentnthesize

of theleak.

BT T S e . R

1
+ —— Cylinder without Ileak S
- Cylinder with leak !

Radius/mm

20.0““0‘.1““0.‘2“"0}3““0.‘4““0.5
Distance/m

Figure6.1: Reconstructetiore profile of cylindrical pipe with andwithoutleak.

As anexample figure 6.1 shavs two borereconstructionsf a 501mmlong cylin-
drical pipe of internalradius5.0mmandwall thicknessl.Omm. In the first casethe
pipe wall containsa 0.5mmradiuscircularhole (drilled 200mmfrom the startof the
pipe) whilst in the secondcasethis hole is sealed. The reconstructionsvere calcu-
lated from measurementsadeat T = 17.0°C usingthe original pulsereflectometer
(describedn section3.2).

Although the DC offset was calculatedand removed using the cylindrical con-
nectormethod,the connectoris not displayedon the graph. The startof the graph
correspondso the startof the cylindrical pipe, with the expansionfrom the 4.7mm
radiuscylindrical connectoclearlyvisible. Thetwo reconstructionsoincideuntil the
positionof the leak,200 mm from the startof the pipe. Fromthis point onwardsthe
reconstructiorof the leaking pipe expands,reachinga final radiusof 9.0mm,whilst

thereconstructiorof theairtight pipe continuesat the correctradiusof 5.0mm.
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From theseobsenations,a methodof leak detectionwasdevised. If the borere-
constructionof an objectpasseshrougha directly measuredadiusat a known point
towardsthe end of the object,the objectcanbe consideredirtight. If, however, the
reconstructiorhasa larger radiusthanthe directly measuredadius,theremustbe a
spuriousexpansionpresentandthe objectmustcontainaleak.

Of course,for the simple caseof a cylindrical pipe, the merepresenceof a re-
flection mustindicatethe presenceof a leak. Hence,the methodof leak detection
describedabore, whilst valid, is not strictly necessaryHowever, whendealingwith
morecomplicatedubular objectswhoseboresexpandandcontractreflectionscanre-
sult from eithera changen boreradiusor from a leakin the objects wall. For such

objectsthe methodof leak detectiondescribedabore mustbeused.

6.2.1 Rudall Carte cornet
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Figure 6.2: Reconstructedbore profile of Rudall Carte cornetwith leak. All three

valvesopeiated.

Figure 6.2 shavs a bore reconstructiorof a Rudall Carte ‘conical bore model’
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Figure 6.3: Reconstructedbore profile of Rudall Carte cornetwith leak sealed. Al

threevalvesopeiated.

cornetin Bb with all threevalves operatedcalculatedfrom measurementsiadeat
T = 19.9°C usingthelongersourcetubereflectometedescribedn sectior4.5).

For the first L00mm,the graphshaws the couplerwhich waschosen(from the six
couplersdisplayedn figure 3.6) to couplethe cornetto thecylindrical connectowith
thebestpossibldit. Thecouplerpenetrate@ distanceof 35.3mminto theinstrument.
From 100mmto 1800mm thegraphshaws the cornetprofile (startingfrom a position
35.3mmin from themouthpieceend).

At atuningslidetowardsthe endof theinstrumenithe axial positionon thegraph
is 1337mm),the internal radiusof the cornetwas measuredising calipers. The di-
rectly measuredadiusof 5.8+0.05mmwas found to be significantly lessthan the
reconstructedadiusof 7.7mmatthe sameaxial position,suggestinghe presencef a
leak beforethis position.

Examinationof the cornetrevealeda crackin the third valve tuning slide. Fig-

ure 6.3 shaws a secondbore reconstructiorof the sameRudall Carte‘conical bore
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model’ cornet,madethis time with the crack sealed(calculatedfrom measurements
madeat T = 17.2°C usingthe longersourcetubereflectometer).The reconstruction
andthedirectmeasuremerarenow seerno bein goodagreementshaving thatthere

arenoothersignificanteaksin thesectionof theinstrumenbeforethemeasuregoint.

6.2.2 King trombonebell section

B

—— Reconstructed profile
X Measured points

Radius/mm

=
N

I I I | I I I | I I I | I I I | I I I | I
%. 0.2 04 0.6 0.8 1.0

Distance/m

(@]

Figure6.4: Reconstructedore profile of King trombonebell sectionwith leak.

Figure 6.4 shavs a bore reconstructiorof the bell sectionof a King trombone
(calculatedrom measurementsiadeat T = 18.3°C usingthe longersourcetubere-
flectometer).

Thecouplershavn in figure3.5wasusedto couplethecylindrical connectoto the
trombonebell section. The graphshaws the couplerfor the first 50mmandthenthe
tromboneprofile from 50mmto 1200mm.

At two different positions(347mmand 637mmon the graph), the internal ra-
dius of the trombonewas measuredising calipers. The directly measuredadii of

7.0+£0.05mmand 9.0+0.05mmwere found to be significantly lessthan the recon-
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structedradii of 9.2mmand10.9mmatthe sameaxial positions,suggestinghe pres-

enceof aleakbeforethesepositions.

25
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Figure6.5: Reconstructetiore profile of King trombonebell sectionwith leaksealed.

Examinationof the trombonerevealeda crack nearthe startof the bell section.
Figure6.5 shavs a secondborereconstructiorof the sameKing trombonebell sec-
tion, madethis time with the crack sealed(calculatedfrom measurementsadeat
T = 18.3°C usingthe longer sourcetube reflectometer).The reconstructiorandthe
directmeasuremerdrenow seento bein goodagreementshaving thatthereareno

othersignificantleaksin the sectionof theinstrumenteforethe measuregoint.

6.3 ldentifying the axial position of aleak in a tubular
object

For an objectwhoseentireboreprofile is not known in advance,an expansionin the
reconstructiordueto aleak may be indistinguishabldrom an actualwideningof the

bore.Hence althoughthe presencef aleakcanbe detectedits axial positionmaybe
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difficult to determine.

For certainobjects theaxial positionof aleakcanbefoundby producingiwo bore
reconstructionsthe first with the object’s input coupledto the cylindrical connector
the secondwith the objectreversedso that its outputis coupledto the cylindrical
connectar

Thefirstreconstructiostartsattheobjectsinput,endsattheobjectsoutputandis
correctup until the positionof theleak (afterwhichit expandsto anextentdependent
on theleaksize). The secondreconstructiorstartsat the objects output,endsat the
objectsinputandis correctup until the positionof theleak (afterwhichit expandsto
anextentdependenbn the leak size). Therefore reversingthe secondeconstruction
andsuperimposingt on thefirst yields a completeprofile. The axial positionof the
centreof theleakis the pointwherethetwo reconstructionsoincide.

This methodcan be applieddirectly to a leaking objectwhoseoutputandinput
radii aresimilar (e.g. aflute) but not to onewhoseoutputradiusis significantlylarger
(e.g.aninstrumentwith aflaring bell). Thereasorfor thisis the practicaldifficulty of
couplingthe outputendof the objectto the cylindrical connectar

The methodcan, however, be usedto examinea sectionof an objectsuchasa
trumpet. The first reconstructions produced asbefore,by couplingthe mouthpiece
endof thetrumpetto thecylindrical connectarThe secondeconstructions produced
in aslightly differentway to thatdescribedgreviously. Insteadbf attemptingo couple
the trumpetbell to the cylindrical connectoy the couplingis madeat a tuning-slide
towardsthe outputendof theinstrument.n this way, theinstrumentell is bypassed,
removing the coupling problembut restrictingthe examinationof the trumpetto the

sectionbetweerthe mouthpieceendandthetuning-slide.
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Figure6.6: Reconstructediore profile of Blessingflutewith leakingpad. Inputendof

flute coupledto cylindrical connectar

6.3.1 Blessingflute

Figure6.6 shavs a borereconstructiorof a Blessingflute with all the padsclosedbut
with oneleaking. To measureheflute, the headjoint wasremoved andtheinputend
of theflute bodywascoupledto the cylindrical connectol(usingthecouplershavn in
figure3.5). Thereconstructionvascalculatedrom measurementsadeatt = 19.3°C
usingthelongersourceubereflectometer

Thegraphshaws the couplerfor thefirst 50mmandthentheflute profile, starting
with the input end of the flute at 50mmand endingwith the outputendat 535mm.
Thereconstructions correctup until the positionof the leak, afterwhich it expands
spuriously

Figure 6.7 shavs a borereconstructiorof the sameBlessingflute. In this case,
the flute wasturnedaroundandthe outputendof the flute body wascoupledto the
cylindrical connector Thereconstructiowascalculatedrom measurementsiadeat

T = 19.5°C usingthelongersourcetubereflectometer
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Figure6.7: Reconstructetyore profile of Blessingflute with leakingpad. Outputend

of flute coupledto cylindrical connectar

Thegraphshaws the couplerfor thefirst 50mmandthentheflute profile, starting
with the outputend of the flute at 50mm andendingwith the input endat 535mm.
Thereconstructions correctup until the positionof the leak, afterwhich it expands
spuriously

Figure6.8 shavs the borereconstructiorof figure 6.7 reversedandsuperimposed
ontheborereconstructiorof figure6.6. Theresultis acompletereconstructegrofile
of theBlessingflute with its headjoint remosedandall thepadsclosed.Onthegraph,
the axial positionof the centreof the leakingpadis approximately285mm. The first
50mmof the graphis the couplersotheleakingpadis 235mmfrom the input endof

theflute. Direct measuremergonfirmedthis prediction.
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Figure6.8: Reconstructetore profilesof Blessingflute with leakingpad.

6.4 Evaluating the sizeof aleak in a cylindrical pipe

Thesizeof aholein aleakingcylindrical pipe canbe calculatedrom the pipe’s com-
plex inputimpedancémeasuredisingthe pulsereflectometer)providedthe axial po-

sition of the leakandtheradius,lengthandwall thicknessof the cylinder areknown.

| Lz, Y
it
ZA ZB ZC
| |
———> ¢ 4
Iy "n 5
CYLINDRICAL CYLINDRICAL
SECTION 1 SECTION 2

Figure6.9: Shematicdiagramof a leakingcylindrical pipe

Figure 6.9 shavs a schematiaiagramof a cylindrical pipe with a sidehole. To
find the radiusof the hole ry,, the leaking pipe (of radiusr andwall thicknesdy,) is

thoughtof asconsistingof two non-leakingcylindersof lengthsl; andl,, onebefore
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the holeandoneafter Fromthis model,anexpressions foundfor theimpedanceof
theholez, in termsof theinputimpedancef theleakingpipeZa. Thecalculatechole
impedancaes thensubstitutednto atheoreticakexpressiorwhich givestheradiusof a

holein termsof its impedance.

6.4.1 Impedanceof the holein aleaking cylinder
Expressionof Z, in terms of Zg and Z¢

The impedanceat the end of the first cylindrical section,Zg, is madeup of con-
tributions from the input impedanceof the secondcylindrical section,Zc, andthe
impedancef thehole,Z,. Theimpedanc®f theholecanbeexpressedn termsof the

impedancegg andZ::

— == — A
Zn s Lo Il (©-1)
Thus
ZBZc
Znh— 6.2
"= 2 7a (6.2)

Evaluation of Zg

Equations.3givestheinputimpedanc®f anon-leakingylinderwith aloadimpedance
atits end. Thefirst cylindrical section,of lengthl,, is sucha cylinder, with aninput
impedance&Z anda load impedanceZg. By substitutingZa for Zi,, |1 for |, Zg for
Z0ad @andrearrangingan expressionis obtainedfor the load impedanceZg (i.e. the
impedanceat the endof thefirst cylindrical section)in termsof the inputimpedance

of theleakingpipe, Za:
. pw
YN J_k—Tll’z tanklq

(6.3)

tankl,

wherek is the propagatiorconstangiven by equations.4.
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Evaluation of Z¢

Equation5.6 givesthe input impedanceof a open-endeadhon-leakingcylinder. The
secondcylindrical section,of lengthly, is sucha cylinder, with aninput impedance

Zc. SubstitutingZc for Zj, andl; for | in equations.6 gives:

Zc =

2.2 |
pw (( 0.25k“r< + j(0.6kr + tanklz) > (6.4)

krr? \ (1— 0.6kr tankl,) 4 j0.25k*r2tankl,

wherek is the propagatiorconstangiven by equations.4.

Evaluation of Z,

Substitutingequationss.3 and 6.4 into equation6.2 givesthe complex impedanceof
the hole, Z,, in termsof the comple inputimpedanceof the leakingpipe, Za (mea-

suredusingthe pulsereflectometer).

6.4.2 Radiusof the holein aleaking cylinder

The complex impedancef a sideholecanalsobe expressedheoreticallyin termsof

its depthl, andradiusry, [Kinsler etal 1983:

kK PW(ln+Er
P_thJP(hJr h)

y
T Tam T2

(6.5)

whereE = 1.595— 0.58 <rr—h> ’ is the sumof theinnerandouterendcorrectiondor a
holesetflushwith thecylinderwall. Theinnerendcorrectiong; = 2 (1 —0.74 <rr—h> 2)
is derivedin [Keefel982]. Theouterendcorrectionk, is alsodiscussedn the paper
by KeefewheremeasuredaluesBenadeandMurday 1967]rangingfrom 0.8t0 0.82
arequoted.A valueof E,=0.81is usedhere.

The propagatiorconstanis denotedy ki, becausehe wave is propagatingn the

hole. k;, is foundby substitutingheholeradiusry, for r in equatiorb.4.
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Expandingequation6.5gives:

pwk . pw nw KW . pw rﬁ
= — — — — — | Ih+1 — 0583
Zn I J4th ( 2 +(y—1), /2pcp> + jﬂrﬁ ( h+ 1.595 058r2>

(6.6)
Consideringonly theimaginarypartof theimpedance&,:
pwlh 1.59%w 0.58pwrp pw nw KW
N _ _ R (y=1), ] —— 7
Zhimag w2 L T2 amre \\/ 2p =1 2pCp 6.7)

Rearrangingyivesa cubicequatiorfor ry:

172427y,
rﬁ—l— [ hlmag} I’ﬁ
pPw
[O.43]r2 ( nw
_|_ —
c 2p

+(y—1) %) —~ 2.7&2] rh—[1.724pr?] =0  (6.8)

Substitutinghevaluefor ZnimagCalculatedn the previoussectionfrom theleaking
pipe’s comple inputimpedancgmeasuredisingthe pulsereflectometer)nto equa-
tion 6.8 andsolving[Pressetal 1989, yieldsa valuefor the holeradius.

Thesucces®f equation6.8in predictingtheradiusof theholewill clearlydepend
on a suitablechoiceof frequeng. A smallhole haslittle effect on theimpedanceof
the air columnif it is in the vicinity of a pressurenode;thus, at frequenciesvhich
correspondo this conditionthe predictionof hole sizefrom impedanceneasurement
canbe expectedto breakdown. Likewise,the hole haslittle effect on the acoustical
propertiesof the pipe at frequenciesnuchabove the cutoff frequeng, whichis deter
minedby theradii of the main cylinder andthe hole. This setsan upperlimit on the

usablefrequeny range.
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Figure6.10: Comparisorof predictedandmeasued holeradii at variousfrequencies.

6.4.3 Practical predictionsof hole radii.

Thecomple inputimpedancef aleakingcylindrical pipeof length501mm;internal
radius5.0mmandwall thicknesslL.Ommwascalculatedor threedifferentsizeof hole,
from measurementsadeatt = 17.0°C usingtheoriginal pulsereflectometerThein-
putimpulseresponsavasnot zero-paddedbeforetheinputimpedancealculation.In
eachcase the hole was200mmfrom the startof the pipe. Figure6.10illustratesthe
predictionsfor the threedifferenthole sizes,calculatedrom the threecomple input
impedancemeasurementasing equationss.2, 6.3, 6.4 and 6.8. Graphingthe pre-
dictedradiusasa functionof frequeng in this way is useful,sincethe divergencef
the predictionallow animmediateidentificationof the frequenciesor which pressure
nodescoincidewith thehole. In thepresentasethedivergence®ccuratintegermul-
tiples of 570Hz,asexpectedfrom the known geometry The predictionsalsostartto
breakdown, althoughlessdramatically above approximately2000Hz whichis in the
vicinity of thecutoff frequeny for thelargesthole.

As aprescriptiorfor selectingvalid datafor predictingthe effective radiusof aleak
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in anopenendedpipe measuredh thisway; it is suggestethatthefrequeng F of the
first divergenceis estimatedy inspectionof the graph. Valuesof ry, in the frequeng
rangesl.25-1.79 and2.259--2.75 arethenaveragedto give a bestpredictionof

the effective radiusof thehole.

Measured | Predictedadius(averaged| Predictedadius(averaged

radius over 712.5-997.5Hz) over1282.5-1567.5Hz)
1.0+0.05mm 0.979%+0.02mm 1.044+0.04mm
1.5+0.05mm 1.44G+£0.02mm 1.463:0.07mm
2.5+0.05mm 2.47%0.05mm 2.62A0.16mm

Table 6.1: Comparisonof predicted hole radii (averaged over specificfrequency

ranges)andmeasued holeradii.

Predictionglravn in thiswayfrom figure6.10arecomparedn table6.1with direct
measurementasing calipers. Six predictedvaluesare averagedin eachfrequeng
range;the uncertaintiegjuotedare single standarddeviations. For eachof the holes,

the predictedradiusagreesith thatmeasuredlirectly within experimentalkerror.

112



Chapter 7

Measurementof longer objects

7.1 Intr oduction

In chapte3, amethodfor measuringheinputimpulseresponsef atubularobjectwas
described.The methodinvolved injecting a soundpulseinto the object,via a source
tube,andthenmeasuringheresultanteflections However, aftertheobjectreflections
passedhe microphoneembeddedn the sourcetubewall, they werefurtherreflected
by the loudspeaker Thesesourcereflectionsreturnedto the microphone restricting
the time over which the objectreflectionscould be accuratelysampledo 21, /c (the
time for the first of the objectreflectionsto travel the distancefrom the microphone
to the loudspeakeandback). This in turn put a constrainton the length of object
that could be measured.The input impulseresponseof the objectwas obtainedby
decorwolving theobjectreflectionswith theinput pulseshapgmeasuredby reflection
from arigid termination). Fromthe input impulseresponsethe objects boreprofile
andinputimpedanceouldbecalculated.

Variousmethoddor measuringheinputimpulseresponsesf longerobjectshave
beenproposed. The simplestmethodwas describedn section4.5 wherea longer
sourcetubesectionl; wasused,allowing the objectreflectionsto be accuratelysam-

pled over alongertime period. Unfortunately lengtheninghe sourcetubeonly pro-

113



videsapartialsolutionto theproblem.Thereis alimit to how muchl; canbeincreased
beforethe attenuatiorof the input pulseasit travels from loudspeaketo objectbe-
comesioo greatfor accurategesultsto beobtained.

An alternatve methodwasproposedy Marshall[1992a]. A soundpulseis again
injectedinto the objectbut in this casethe microphonesignalis sampleduntil all the
objectand sourcereflectionsdecayto zero. The signalis describedasa geometric
series.Thefirst termin the seriesrepresentshe pulsepassinghe microphoneon its
way down the sourcetube,the secondermrepresentshe objectreflectionstravelling
backup the sourcetube(the convolution of theinput pulsewith the inputimpulsere-
sponseof the object),the third termrepresentshe sourcereflectionstravelling down
the sourcetube (the corvolution of the objectreflectionswith the input impulsere-
sponseof the loudspeaker)the fourth term representshe sourcereflectionsbeing
furtherreflectedby the objectandtravelling backup the sourcetube (the convolution
of the sourcereflectionswith the input impulseresponseof the object), and so on.
Giventheinputimpulseresponsef theloudspeaketheinputimpulseresponsef the
objectcanbe calculatedrom the sumof the geometricseries. Although reasonable
reconstructionsveremadeusingthis method the measurementserenot asaccurate
asthosemadeon alongersourcetubereflectometerSimilarwork carriedoutby Amir
etal [1995b]suggestethatthe methodis very sensitve to mainsnoise.

A moreestablisheanethodinvolvestheintroductionof a secondmicrophonento
thesourcetubewall. Firstmentionedoy Schroedef1967], theconceptaredescribed
in greaterdetail by Louis et al [1993]. As before,a soundpulseis injectedinto the
objectvia the sourcetube. From the pressuresneasuredy the two microphones,
the waves travelling down the sourcetubeinto the object (the input pulseand ary
sourcereflectionsiareseparateffom thewavestravelling backup thesourcetube(the
reflectionof the input pulseandsourcereflectionsby the object). Theinputimpulse

responsef the objectis found by decowolving the signalreturningfrom the object
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with the signal probingthe object. Although good resultswere reportedusing this
method,a correctionprocedurenadto be employedto preventreconstructiongrom
becomingunstablewith increasingaxial distance Evenwith thecorrectionprocedure,
accurateandstablereconstructionsvereonly achiezedwhenthe pressuref theinput
pulsewasof the orderof 100timesgreateithanthenoiselevel.

Amir [1995a]put forwardanotherdeafor measuringheinputimpulseresponse
of a longerobject. He suggestedhat the formation of sourcereflectionscould be
preventedby building a reflectometemwith the loudspeakepositionedin the source

tubewall (seefigure7.1). A soundpulseproducedy theloudspeakewouldtravel two

COMPUTER

AMPLIFIER
AMPLIFIER AND
FILTER

MICROPHONE
LOUDSPEAKER
I1 I2

SOURCE TUBE OBJECT

Figure7.1: Pulsereflectometewith loudspeakem sourcetubewall.

ways.Someof the pulsewouldtravel alongthesemi-infinitesourceubesection; and
undego no furtherreflection. Therestof the pulsewould travel pastthe microphone
andalongthe shortsectionof sourcetubel, into the object,creatingobjectreflections
asbefore. The objectreflectionswould travel backalongthe sourcetube sectionlo,
be recordedby the microphoneand then continuealongthe semi-infinite sectionly
without further reflection. In this way, the objectreflectionscould be recordedover

an indefinite period of time. Again, the input impulseresponseavould be found by
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decorwvolving the objectreflectionswith the input pulseshape. This ideahasnever
beenimplemented.To behae asa semi-infinitesectionof tubing, |1 would needto
be sufficiently long for the objectreflectionsto decayto zerowhilst travelling along
it. This would makethe systemvery bulky. Another potentialdifficulty would be
matchingthe acousticimpedanceof the loudspeaketo that of the sourcetube wall.
Any differencan impedanceavould still producesourcereflections.

In this chapteranothemethodwhich involvespreventingthe formationof source
reflectionsis proposedandinvestigated. This methodusesthe reflectometeof sec-
tion 3.2 but forcestheloudspeaketo behae asanabsorbingerminationsothatafter
the objectreflectionspassthe microphonethey are absorbedy the loudspeakerin-
steadof beingreflected. To achieve this, at the sametime asthe incoming object
reflectionsare reflectedby the loudspeakediaphragm the loudspeakers driven so
thatit emitsasignalof oppositephase Hence thesourcereflectionsarecancelledut,
removing therestrictionon thelengthof time over which the objectreflectionscanbe

sampled.

7.2 Description of absorbingtermination method

The original reflectometer(describedn section3.2) is usedin the investigationof
the absorbingerminationmethod. Previously objectreflectionsmeasuredisingthis
reflectometewererestrictedo a maximumsampldengthof 1024pointswhenasam-
pling frequeny of 50kHz was used. Samplingfor longerthan this resultedin the
recordingof spurioussourcereflections. Here the objectreflectionsare sampledat
50kHz and storedin an array of 2048 points. The secondhalf of the samplewill
be contaminatedby sourcereflectionsunlessthey areperfectlycancelledat the loud-
speakerTheextentof the cancellations investigated.

As before,an electricalpulseis producedamplified and usedto drive the loud-

speakerIn this case however, the 5V electricalpulseformsthefirst 80us of a wave-
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form of 4096 pointswith the remainderof the waveformsetto OV. This waveformis
playedout at 50kHz producinga soundpulsewhich is injectedinto the objectvia the
sourcetube. As thewaveformis playedout, the microphonesignalis simultaneously
sampled(alsoat 50kHz) forming a secondarray of 4096 points. This arrayof 4096
pointscontainsthe input pulse,the objectreflectionsandthe sourcereflections.This
proceduras repeated 000timesandthe samplesareaveraged.

The microphoneoutputis analysedand the time at which the first of the object
reflectiongpasseshemicrophones determined(Thefirst objectreflectionpasseshe
microphongl; + 2l,) /¢ secondsftertheinputpulseis producedy theloudspeaker).
For thenext 211 /c secondsthe microphonesignalconsistssolely of reflectionsfrom
the object. For I, = 3.10m, this meansthat for approximatelyl8msonly objectre-
flectionsarerecorded At 50kHz,512 sampledastfor 10.24msthereforethefirst 512
samplesafterthe startof the objectreflectionsareguaranteedo be sourcereflection
free. These512 samplesareputinto an arrayandconvolved with an all-pole model
filter representinghelossesassociateavith sourcetubesectionl; (seesection2.3.3).
This givesthe shapeof thefirst 10.24msof objectreflectiongust prior to their further
reflectionby theloudspeaker

In orderto find the first partof the cancellatiorsignal, it is necessaryo find the
shapeof thefirst 10.24msof sourcereflectionsat the exit of theloudspeakerHence,
the512pointarraymustbefurtherconvolvedwith afilter representingherelationship
betweenthe pressuresignal beforeand after reflectionby the loudspeakerj.e. the
input impulseresponsef the loudspeaker(The determinatiorof the inputimpulse
responseof the loudspeakers describedn section7.2.1). This givesthe shapeof
the first 10.24msof sourcereflectionswhich, wheninverted, provides the required
cancellatiorsignal.

To find the electricalsignalnecessaryo producethis cancellatiorsignal,the 512

pointarrayis decowolvedwith afilter representingherelationshipbetweertheelec-
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trical input to the loudspeakeandthe resultantpressureoutput. This givesthe elec-
trical signalasa rate of changeof voltagefrom which, by integration, the required
voltagesignalcanbe calculated.Theintegrationis carriedout by performinga ‘run-

ning sum’; i.e. sample0 remainsthe same samplel becomesample0 + samplel,

sample2 becomesample0 + samplel + sample2 etc. (The determinatiorof the
filter andthereasorfor usingtherateof changeof voltageastheinputto thefilter are
discussedn section7.2.2).

Thetime takenfor asignalto travel down the sourcetubeandbackis 2(11 +12)/c.
Hence,the first objectreflectionsreachthe loudspeakea time 2(11 + 1,)/c afterthe
productionof theinputpulse.Thus,theoriginal 4096pointwaveformis alteredsothat
the calculatedvoltagesignalis playedout 2(11 + 1) /¢ secondsafterthe 5V electrical
pulse.

Whenthe new waveformis playedout, a soundpulseis producedwhichis passed
down the sourcetubeandreflectedby the object. The objectreflectionsreturnto the
loudspeakeat which pointin time thefirst partof the cancellatiorsignalis emitted,
resultingin the absorptiorof the first 10.24msof the objectreflections;i.e. the can-
cellationof the first 10.24msof sourcereflections. Again, the microphoneoutputis
sampledsimultaneoushandstoredin a4096pointarray The playingoutof themod-
ified waveformandsimultaneousamplingof the microphoneoutputis repeated. 000
timesandthesamplesareaveraged.

Thenew microphoneoutputis analysedandthesecondb 12 samplesfterthe start
of the objectreflectionsare isolated. Theseare now also guaranteedo be source
reflectionfree. They are processedn the sameway asthe first 512 samplesof the
objectreflections,resultingin the calculationof a secondvoltagesignal. The 4096
pointwaveformis furtheralteredsothatthesecondsoltagesignalis playedoutstraight
afterthefirst.

This proceduras continuediteratively until the calculatedvoltagesignalfills the
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4096pointoutputwaveform. Whenthisfinal waveformis playedout, asoundpulseis

producedvhichis passedlown thesourcetubeandreflectedby theobject. The object
reflectionsreturnto theloudspeakeat which pointin time thefull cancellatiorsignal
is emitted,resultingin the absorptiorof all the objectreflectionsj.e. the cancellation
of all thesourcereflections.Again, the microphoneoutputis simultaneouslgampled
andstoredin a 4096 pointarray The playingout of the final waveformandsimulta-
neoussamplingof the microphoneoutputis repeated 000timesandthe samplesare
averaged.

The microphoneoutputis analysedandthe time at which the first of the object
reflectionspasseshe microphones determined.The objectreflectionsareputin an
array of 2048 points. Now that the sourcereflectionshave beencancelled the only
limit to thesizeof thearrayof objectreflectionscomesfrom the hardwarewvhich only
allows waveformsof up to 4096pointsto be simultaneoushplayedout andsampled.
The objectreflectionsare decowolved with the input pulse shapeto give the input
impulseresponse As before,the input pulseshapes measuredy reflectionfrom a
rigid terminationbut in this casethedescribedancellatiortechniqués usedto ensure

thatno sourcereflectionsarerecorded.

7.2.1 Determination of the input impulse responseof the loud-

spealer

To determinetheinput impulseresponsef the loudspeakeithe reflectometesource
tubewasterminatedby a perspa plate. A 5V electricalpulselasting80us waspro-
ducedand usedto drive the loudspeaker Meanwhile, the microphoneoutput was
simultaneoushsampledat 50kHz,andstoredin an4096pointarray Thereflectionof
the input pulsefrom the rigid terminationandthe subsequensourcereflectionwere
located,isolatedandstoredin two 512 point arrays. The reflectionfrom thetermina-

tion wasthenconvolvedwith anall-polemodelfilter representinghelossesassociated
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with sourceiubesection ;. Thesourceaeflectionwasdecowolvedwith thesamdilter.
This gave the pressuresignalsimmediatelybeforeandimmediatelyafterreflectionby
the loudspeakerDecorvolving the post-reflectiorsignal by the pre-reflectionsignal

yieldedtherequiredloudspeakemputimpulseresponse.

7.2.2 Determination of the filter relating the loudspealer’selectri-

cal input and the resultantpressue output

The electricalinput to the loudspeakeand the resultantpressureoutputare clearly
related. To investigatethis relationshipa simple model of the loudspeakers used
[NelsonandElliott 1993.

In the model, the loudspeakediaphragmis representedsa piston of massMp,
which is supportedby a suspensiorwith stiffnessKy, and dampingRy,. Passinga
currentthrougha coil which is attachedo the diaphragmandheld in the magnetic
field of apermanenimagnetforcesthediaphragnto move backwardsndforwardsin
anoscillatorymotion. To setthediaphragmn motiontheforcedueto thecurrentmust
overcomeheinertia,stiffnessanddampingof thesuspensionin additionit encounters
anotherforcedueto the acoustigoressurdluctuationsvhichloadthe surface.

From this model, an equationof motion for the loudspeakediaphragmcan be
written:

jmeu—l—Rmu—l—%:Bll—pS (7.1)

whereharmonicmotion hasbeenassumedndu is the diaphragmvelocity, p is the
acoustigpressurevhich actsover theareaS of thediaphragm| is the currentflowing
in thecoil andBl is the productof the magnetidlux densityandthelengthof thecoil.
For a coil with electricalresistancéRk andinductancd., whena voltageV is ap-

plied:
joLl + RI=V —Blu (7.2)
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whereBlu is the backemfproducedn thecoil by its motionin the magnetidield.

Rearrangingequation/.2 givesanexpressiorfor thecurrent,

V —Blu
| = 7.3
joL+R (7:3)
whichwhensubstitutedn to equation7.1yields:
: Kmu BIV (Bl)2u
M — = - — = — 7.4
OMmU+ Rl + jw  jwuL+R jwL+R PS (7.4)
Rearrangingequation/.4 givesanexpressiorfor thepressure:
Bl joMm  Rn  Km  (BI)?
=|=————|V-— — + = - 7.5
p[%u$m] {s st jest Fjarr Y 7P

Assumingplane wave propagationthe particle velocity (which is equalto the di-

aphragnvelocity)is relatedo the pressuréy thespecificacoustiampedance, which

is the productof theair densityandthe speedf soundin air.

_b_"P
u= 2= pe (7.6)
Substitutingequation7.6into equation/.5gives
joMm  Rm Km (BI)? BI
= 7.7
P|1t pcS + pcS j(opcSJr pcSjwL+R) SjwL+R) v (7:7)
which canberearrangedo give:
p= Blpc - |V (7.8)
. - m
(jwL+R) (pCS—I— JOMm + Rm + ]_00 + m)

TheFaneProfessionaMD2050compressionriverloudspeakeusedn thereflec-
tometerhasa resistancdRk = 6.2Q, aninductancd. = 21uH, a magneticflux density

B = 1.74T, avoicecoil of lengthl = 3.5m, adiaphragnmassMy, = 2.8g,a damping
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constanRy = 9.7Ns/manda suspensiostifinesskKy = 3.8 x 10°N/m (thelarge stiff-
nessvalueis aresultof insertingathin layerof cottonwool betweerthediaphragnand
the magnetassemblyto reduce’ringing’ - seesection3.2). The standardechniques
usedto measurehesecharacteristicaredescribedy Hall [1987]andaresummarised
in appendixA.

Usingthesevalues,equation7.8 canbe greatlysimplified. The ratio betweerthe
resistanceand the inductanceof the loudspeakeis R/L = 294762rad/s,implying
that the loudspeakebehaes mainly resistvely belov w=294762rad/s;i.e. belov
f=46.9kHz.Thefrequeng spectrunof theelectricalinputto theloudspeakecontains
no significantenegy at or above this frequenyg sothe loudspeakecanbe treatedas

purelyresistve. Equation?7.8thereforereducego:

Blpc (7.9)

p:
: Km | (BI)?
R(pCS—I—Jme—I— Rm+ jw+—R

At all frequenciesoMm + K/ >> pcS+ Ry + (Bl)?/R, soequation7.9 canbe fur-

thersimplifiedto:

Blpc Blpc

p V= \VJ
R(ﬁ—l— jme> R(&— (1)2-|V|m>
J® J®w J®
B Blpc — Blpc av
- [R(Km—uﬁMm)] JoV = {R(Km—(onm)} at (7.10)

Soat all frequenciedelov f=46.9kHz,the pressuras dependenbn the rate of
changeof voltageratherthanonthevoltageitself. Hence whendetermininghefilter
relatingthe electricalinputto theloudspeaketo the pressureutput,it is mostappro-

priateto usetherateof changeof voltageastheinputto thefilter.

To determinghefilter, thereflectometesourceaubewasagainterminatedy aper

spe& plate. Thistime a 0.25V electricalpulselasting80us was producedand usedto
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drive theloudspeaker(A 0.25V electricalpulsewaschoserbecaus®.25Vis compa-
rableto the voltagesrequiredto cancelthe sourcereflections.At theseower voltages
theloudspeakebehaeslinearly;i.e. it obe/sthederivedrelationshipbetweertherate
of changeof voltageandtheoutputpressureWhena5V electricalpulsewasusedthe
loudspeakebehaednon-linearlyresultingin afilter which describedherelationship
betweenrelectricalinput and pressureoutputincorrectly at the low voltagesrequired
for sourcereflectioncancellation). The microphoneoutputwasagainsimultaneously
samplecat 50kHzandstoredin a4096pointarray Thereflectionof thepulsefromthe
rigid terminationwaslocated,isolatedandstoredin a512pointarray Thearraywas
thendecowolvedwith anall-polemodelfilter representinghelossesassociateaith a
lengthl1 + 2l = 9.28mof sourcetubeto find the shapeof the pulseimmediatelyafter
productionby the loudspeakerThe rate of changeof voltageof the electricalpulse
wascalculatedy differentiatingthe voltageof the pulse.To carryout thedifferentia-
tion, the electricalpulsewasplacedin a 512 pointarrayandthentransformedso that
sample0 remainedhe same samplel becamesamplel - sample0, sample2 became
sample2 - samplel etc. Decorvolving the pressuresignalby the rate of changeof

voltageof the electricalpulsegave therequiredfilter.

7.3 Cancellationof sourcereflections

To investigatethe viability of the absorbingterminationmethodasa meansof mea-
suringtheinputimpulseresponsesf longerobjects,it wasfirst necessaryo seehow
effectively sourcereflectionswere cancelledusingthe method.All the measurements

weremadeatatemperaturef 1 = 21.5°C.
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7.3.1 Perspexplate

The first objecttestedwasa perspe& plate, chosenbecauseof the simplicity of the
objectreflections(i.e. the reflectionof the input pulse)andbecausehey completely
passedhe microphonebeforethe sourcereflectionsreachedt. Thus,the objectand
sourcereflectionswere separatedn time enablingthe cancellationof the sourcere-

flectionsto beclearlyobsenred.
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Figure7.2: Reflectiongrom perspa plate No cancellationto removethe source re-

flections.

Figure 7.2 shaws the signalrecordedby the microphonebeforethe loudspeaker
wasforcedto actasanabsorbingermination.ThegraphstartsSmsbeforethepassage
of theperspe platereflections.Thesourcereflectiongpasshemicrophonel8msafter
the perspe platereflections.

Figure7.3shawvsthe signalrecordedby the microphoneaftertheloudspeakewas
forcedto actasanabsorbingermination. The sourcereflectionsarenow reducedn
amplitudedueto cancellatiorattheloudspeaker

The reductionin amplitudeof the sourcereflectionscanbe seenmoreclearly in
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Figure7.3: Reflectiongrom perspe& plate Cancellationto removethe source reflec-

tions.
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Figure7.4: Comparisorof soucereflectionsefoe andafter cancellation.
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figure 7.4. The absorbingerminationmethodhassucceededh reducingthe source

reflectiongto approximatelyl0%of their original peak-to-peakmplitude.

7.3.2 Steppedtube

Thenext objecttestedconsistedf the steppedubeandthe couplerdescribedn sec-
tion 3.5(with anadditional403mmlong cylindrical connectoinsertecdbetweersource
tubeandcouplerfor evaluationof DC offset). The steppedubewaschoserbecause
the objectreflections,althoughmore complicatedhanthosefrom the perspe& plate,
still completelypassedhe microphonebeforethe first sourcereflectionsreachedt.

Hence the cancellatiorof the sourcereflectionscouldagainbeclearlyobsered.
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Figure7.5: Reflectiongrom steppedubeand couplerwith cylindrical connectar No

cancellationto removehesource reflections.

Figure 7.5 shaws the signalrecordedby the microphonebeforethe loudspeaker
wasforcedto actasanabsorbingermination.Again, the graphstartsSmsbeforethe
passagef the steppediubereflections. The sourcereflectionsare recordedby the

microphonel8msafterthefirst of the steppedubereflectiongpasseshe microphone.
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Figure7.6: Reflectionsromsteppedubeandcouplerwith cylindrical connectarCan-

cellationto removeahesource rreflections.
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Figure7.7: Comparisorof souce reflectionsefoe andafter cancellation.
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Figure7.6 shavsthe signalrecordedby the microphoneaftertheloudspeakewas
forcedto actasanabsorbingermination. The sourcereflectionsarenow reducedn
amplitudedueto cancellatiorattheloudspeaker

The extent of the cancellationof the sourcereflectionscanbe seenin figure 7.7.
Despitethe more complicatedshapeof the sourcereflections,the absorbingtermi-
nationmethodhasagainsucceededh reducingthemto approximatelyl0% of their

original peak-to-pealamplitude.

7.3.3 4.19mlong steppedtube

Thefinal objecttestedconsistedf a 4.19mlong steppedubeandthe couplershovn
in figure 3.5 (with an additional403mmlong cylindrical connectolinsertedbetween
sourcetube and couplerfor evaluationof DC offset). This steppedube wasmade
up of four cylindrical sections;a 646mmlong sectionof 6.2mmradius,a 3290mm
sectionof 5mm radius,an 80mm sectionof 6.2mmradiusanda 177mmsectionof
9.25mmradius. Thesevalueswere measuredisingcalipersandaruler, leadingto a
readingerror of +£0.05mmon eachquotedradiusanda readingerrorof £0.5mmon
eachquotedength.

The4.19mlong steppedubewaschoserbecaus¢heobjectandsourcereflections
were not separatedn time, with the first sourcereflectionreachingthe microphone
beforethefinal primaryreflectionfrom the object.

Figure 7.8 shaws the signalrecordedby the microphonebeforethe loudspeaker
wasforcedto actasanabsorbingermination.ThegraphstartsSmsbeforethepassage
of thefirst reflectionsfrom the4.19msteppedube. Thefirst sourcereflectionsreach
themicrophonel8msafterthefirst of thesteppedubereflectionsand13msbeforethe
final primary steppedubereflection.

Figure7.9shawvsthe signalrecordedby the microphoneaftertheloudspeakewas

forcedto actasanabsorbingermination.The sourcereflectionshave beencancelled
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Figure7.8: Reflectiongrom4.19msteppedubeand couplerwith cylindrical connec-

tor. No cancellationto removehesourcereflections.
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Figure7.9: Reflectiongrom4.19msteppedubeand couplerwith cylindrical connec-

tor. Cancellationto removahesourcereflections.
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Figure7.10: Comparisorof 4.19msteppedubereflectiondefore and after cancella-

tion.

but the objectreflectionshave beenleft unaltered.
Thecancellatiorof thesourcereflectionsandnon-cancellationf theobjectreflec-

tionscanbe seemmoreclearlyin figure7.10.

7.4 Input impulse responseand resultant bore recon-
struction of 4.19mlong steppedtube

Themotivationfor thedevelopmenbf theabsorbingerminatiormethodwasthemea-
suremenbf the input impulseresponse®f longer objects(from which borerecon-
structionscould be evaluated).In the previous section,it wasshawvn thatthe method
could successfullyreducesourcereflectionsto approximatelyl0% of their original
peak-to-pealamplitude.In this section the effect of thereductionin sourcereflection
amplitudeon the input impulseresponsendbore reconstructiorof the 4.19mlong

steppedubeis examined.
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Figure7.11: Inputimpulseresponsef 4.19msteppedubeand couplerwith cylindri-

cal connectorafter cancellation.

Figure7.11shavs theinputimpulseresponsef the4.19mlong steppedubeand
coupler(with cylindrical connectorin place)obtainedby decowolving the stepped
tubereflectionsof figure 7.9 with the reflectedinput pulseof figure 7.3. Dueto the
imperfectnatureof the sourcereflectioncancellationtheinputimpulseresponsde-
comesa little noisierat 18mswhenthe cancellatiorsignalis playedout.

Figure7.12shavsthe4.19mlong steppedubeborereconstructiomesultingfrom
the applicationof the lossylayerpeelingalgorithmto the input impulseresponsef
figure7.11. Beforethe algorithmwasappliedthe DC offsetin theresponsevaseval-
uatedby averagingover the 1ms-2msrange. The offset wasremoved andthe first
millisecondof the inputimpulseresponsavasreplacedoy zeroto improve the accu-
ragy of thereconstructiorfseesection4.2.2).

Thereconstructegrofile is in goodagreementvith the measuregbrofile over the
first 1.1m of the reconstructior(i.e. over the cylindrical connectomusedfor DC off-

setevaluationandover thefirst sectionof the steppedube). However, after this the
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Figure 7.12: Comparisonof reconstructecand measued profiles of 4.19mstepped

tube

reconstructegbrofile departsjuite dramaticallyfrom the expectedshape.The second
cylindrical section from 1.1mto 4.39m,hasa measuredadiusof 5mmbut therecon-
structionexpandsto a radiusof 5.9mmandthen contractsto a radiusof 4mm. The
final two cylindrical sectionsfrom 4.39mto 4.65m,arealsoreconstructegoorly with
bothradii underpredicted.

The expansionandcontractionin thereconstructiorof the secondcylindrical sec-
tion suggestshat, afterthe DC offsethadbeenremored, the inputimpulseresponse
still containeda low amplitudecomponentvhich variedslowvly with time. Closeex-
aminationof figure 7.11 over the 7ms-25msregion revealsa small variationin the
amplitudeof theinputimpulseresponseThelikely sourceof thistime-varyingoffset
is the hardware.Previously, aninput pulsewasplayedout andthenno further signal
wassentto the loudspeakerTheresultantreflectionswererecordedsometime later.
Now, oncethe input pulsehasbeenplayedout, the D/A converter continuesto play

out a signalto the loudspeakerIt appearghatthis introducesa componeninto the
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sampledmicrophonesignalwhich becomesnagnifiedupondecormolution to find the

inputimpulseresponse.
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Figure7.13: Comparisonof reconstructegbrofiles of 4.19msteppedube befoe and

after cancellation.

Despitethe poorreconstructionthe potentialbenefitsof theabsorbingermination
methodcanbeseenin figure 7.13. Herethereconstructiorof figure7.12is compared
with thereconstructiortalculatedrom theinputimpulserespons@btainedwvhenthe
uncancelledeflectionsof figure 7.8 aredecomwolvedwith theinput pulseof figure 7.3.
It is clearthatthe sourcereflectionscauseboth the spuriousnarraving of the recon-

structionat 3.5mandthe spuriousexpansionof thereconstructiorat 4.2m.

7.5 Discussion

Theresultspresentedhow the promiseof the absorbingerminationmethodof mea-
suringlongerinstrumentsCancellatiorof sourcereflectionsof varyingshapegroved

very successfubut the input impulseresponsend bore profile measurementaere
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lessimpressve. A smallundesirablgéime-varyingcomponentntroducedinto thein-
putimpulserespons®f the 4.19mlong steppedubecausedhereconstructegrofile
to differ from the measuregbrofile. A hardwaraupgradeappearsecessaryo attempt
to eliminatethis componenfrom the sampledsignal.If theremoval of thecomponent
canbe achieved, the absorbingterminationmethodshouldprove successfuin mea-
suringtheinputimpulseresponseandboreprofilesof longerinstrumentslf not,the
sourcetubewall loudspeaketechniqueandthe two microphoneechniqueappearto
be the bestalternatvesfor the accurateneasuremerf longerobjects(with the two

microphoneechniquehaving the advantageof only requiringa shortsourcetube).
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Chapter 8

Summary and conclusions

8.1 Achievementof aims

Theinitial researclaimssetoutin sectionl.2 have all beenachiesed. In this chaptey

eachaimis restatechndthe extentto which theaim wasfulfilled is discussed.

8.1.1 Aim1

Thefirst aim wasto producea working reflectometeto accuratelyneasurehe input
impulseresponsebore profile andinputimpedancesf a musicalwind instrumentor
othertubular objectwithout prior knowledgeof its dimensions.

A reflectometermvasbuilt which enabledthe inputimpulseresponsef a tubular
objectto be experimentallydetermined However, inputimpulseresponsemeasured
usingthe reflectometemwereall foundto containboth ripple anda DC offset. The
introductionof ripple wasa consequencef the finite samplingfrequeng andcould
not be preventedor removed. The introductionof the DC offset also could not be
preventedbut it could beremoved computationally

For accuratéorereconstructiontheremoval of theDC offsetin theinputimpulse

responsavasshaown to bevital. Applicationof areconstructioralgorithmto aninput
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impulseresponsevhoseDC offset had not beenremoved resultedin a bore profile
which expandedr contractedspuriously In thepastthe DC offsetwasdeterminedy
repeatedhyapplyingthereconstructioralgorithmandadjustingthe DC valueremoved
until the bore profile coincidedwith a directly measuredadiusat an arbitrary point
towardsthe end of the instrument. A new methodwas introducedwhich involved
insertinga cylindrical connectoibetweerthereflectometeandobject. The DC offset
wasthenevaluateddirectly from the inputimpulseresponseThis methodwasmuch
quickeranddid notrequireprior knowledgeof theobjects dimensions.

Theinputimpulseresponsef a steppedubewasmeasurecndits DC offsetre-
moved usingthe new method.Variousreconstructioralgorithmswereappliedandthe
resultanboreprofileswerecomparedThelossylayerpeelingalgorithmwasfoundto
be the mostaccurategiving a boreprofile which agreedwith directly measuredadii
to within 0.05mm.Reconstructionsf variousbrassnstrumentaverefoundto have a
similaraccurag.

Theinputimpulseresponsef the steppedubewasalsousedto calculateits input
impedancelt wasshavn thattheresolutionof theimpedanceurve couldbeimproved
by zero-paddinghe input impulseresponse. The peakfrequenciesof the stepped
tube impedancecurve were found to be approximately0.7% lower thanthoseof a
theoreticallycalculateccurve. This agreementvasbetterthantheagreemenbetween
thetheoreticalcurve anda steppedubeimpedanceurve measuredisinga standard
frequeny domaintechnique.The peakfrequencie®f theimpedanceurve measured
using the frequeny domaintechniquewere 2% lower thanthoseof the theoretical
curve. Theimpedanceurvesof variousbrassanstrumentgcalculatedrom theirinput
impulseresponsesyerepresente@ndinformationabouttheir playingcharacteristics

wasdeduced.
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8.1.2 Aim 2

The secondaim wasto applyacousticpulsereflectometryto the problemof detecting
leaksin musicalwind instrumentsandin tubular objectsin general.

It wasfound that when a leaking object was measuredising the reflectometer
the reconstructionwasonly correctasfar asthe positionof the leak (after which it
expandedto an extent dependentn the size of the leak). This led to a methodof
detectingthe presencef leaksin a tubular object. If the borereconstructiorof the
object passedhrougha directly measuredadiusat a known point towardsthe end
of the object,the objectcould be consideredairtight. If, however, the reconstruction
hada largerradiusthanthe directly measuredadius,the objectcontainedcaleak. The
methodwassuccessfullydemonstratedn two leakingbrassnstruments.

In certaincasesit alsoprovedpossibleo locatetheleakpositionsimply by turning
the objectaroundand making a secondmeasuremenisingthe reflectometer Com-
paringthetwo reconstructionsllowedthe positionof theleakto beidentified.In this
way, two measurementmadeon aflute enableda leakingpadto belocated.

For the specialcaseof a leakingcylinder, it wasshawn that the size of the hole
couldbefoundusingreflectometryneasurementsiventhecylinder dimensionsand
the leak position, the applicationof a theoreticallyderived expressionto the input
impedanceof the cylinder yielded a predictionof the hole size. For threedifferent
hole sizes,the predictedradii were found to agreewith directly measuredadii to

within experimentalkerror (which dependeantheholesize).

8.1.3 Aim 3

Thethird aimwasto investigatgpossiblemethodsof measurindongertubular objects
usingacoustiqulsereflectometry
The constrainton thelengthof objectwhich could be measuredisinga practical

reflectometewas discussedndvariousmethodsfor measuringongerobjectswere

137



described.A nenv methodwas presentedvhich involved driving the loudspeakemn
sucha way asto absorbthe incomingreflectionsfrom the objectratherthanreflect-
ing thembackto the microphone. This methodstoppedhe formationof sourcere-
flections,allowing the objectreflectionsto be accuratelyrecordedover an indefinite
periodof time. An investigationrevealedthatthe methodreducedsourcereflections
to 10% of their original amplitudebut left objectreflectionsunchangedThis should
have enabledongerobjectsto be more accuratelyreconstructed However, whena
longerobjectwas measuredisingthis method,the introductionof a slowly varying
low amplitudecomponeninto the recordedsignal causedhe borereconstructiorto

first expandspuriouslyandthencontractspuriously

8.2 Further work

Furtherwork is necessaryo producea reflectometecapableof accuratelymeasuring
long objects. An improvementin the electronicsmight enablethe absorbingtermi-

nationmethodto be used.If not, positioningthe loudspeakem the sourcetubewall

appearsvorthy of investigation.Like the absorbingerminationmethod,this method
would preventthe formationof sourcereflectionsbut it hasthe disadwantagethatthe

reflectometerequiredwould bevery bulky. Theuseof two microphonesn thesource
tubewall maybe a morepromisingapproachasit hasthe benefitof allowing a more
portablereflectometeto be constructed.

As computationapower increasesjt might prove possibleto producea reflec-
tometerwhich accuratelycalculateorereconstructionandinputimpedanceurves
in real-time. This would allow, for example,the effect of depressing trumpetvalve
on the trumpets bore profile and input impedanceto be obsered. At present,a
pseudoreal-timereflectometercould be implementedby storing setsof reflections
(sampledvithoutaveraging)andapplyingthe decowolution, reconstructiorndinput

impedancalgorithmsto themat alatertime.
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Inputimpulseresponseneasurementsiadeon musicalinstrumentshouldprove
usefulin thefield of instrumenimodelling. At present|ip modelsareusedin conjunc-
tion with theoreticallycalculatednputimpulseresponseto modelthe characteristics
of cup mouthpiecanstruments Although a greatdealof work hasgoneinto improv-
ing thetheoreticainputimpulseresponsealculationgAgullo etal 1995],it wouldbe
interestingto examinethe effect on instrumentmodelsof using experimentallymea-
suredinput impulseresponses.Recentpapersby Valimaki et al [1995] and Keefe

[1996] reportearlywork in this area.

139



Appendix A

Measuring the loudspealer

characteristics

The electricalandmechanicatharacteristicef the FaneProfessionaMD2050 com-
pressiondriver loudspeakewere measuredising standardechniquesvhich arede-

scribedby Hall [1987].

A.1 Theory

To understandhesetechniquesit is necessaryo re-examinethe theoreticalexpres-
sionsdeducedrom theloudspeakemodel(section7.2.2).

The first theoreticalexpression,equation7.1, canbe rewritten by replacingthe
pressurdy theradiationimpedancé€Z;,q) multipliedby thevolumevelocity (U = Su.
In fact, the radiationreactanceX;p,g dominatesover mostof the frequeng rangeof
interest,so:

JoMmu + Rmu+% = BIl — XaqSu (A1)

The secondtheoreticalexpression,equation7.2, canalso be rewritten giving an

expressiorfor the effective electricalimpedancef theloudspeakemDividing through
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by | andrearrangingyives:
Ze= R+ jwL+Blu/I (A.2)

Theimpedances madeup of threeterms;the loudspeakes electricalresistance,
theloudspeakes electricalinductanceanda termresultingfrom the backemf. This
third term (often referredto asthe motionalimpedance)epresentshe loadimposed

uponthecircuit by themechanicasystemthatis beingdriven.

A.2 Electrical and mechanicalcharacteristics

A.2.1 Electrical resistanceof loudspealer R

The electricalresistanceof the loudspeakefR = 6.2Q) wasfound by applyingan
ohmmeteracrossthe terminalsof the loudspeakeand makinga DC measurement.
The DC measuremergnsuredhatboth jowlL andBlu/I werezeroandthe measured

impedancavassimply theelectricalresistancef theloudspeake(seeequationA.2).

A.2.2 Electrical inductanceof loudspealer L

To find the electricalinductanceof the loudspeakera 1Q resistorwas connectedn
serieswith the loudspeakeandan alternatingvoltagewasappliedacrossboth. The
AC voltagesacrossachindividual componentveremeasuredenablingthe electrical
impedancef theloudspeaketo be calculated.The electricalimpedancevassimply
Vsp/Vies WhereVs, wasthe voltageacrossthe loudspeakeandVies wasthe voltage
acrosgheresistor(the1Q resistorensuredhatthevoltageacrossheresistowasequal
to thecurrentflowing throughit). Themagnitudeof theimpedancavasmeasureaver
arangeof frequenciesyesultingin a curve which changedrom a valueof R at low
frequenciedo a valueof wL at high frequenciegin accordanceavith equationA.2).

Theelectricalinductancef theloudspeakeflL = 21uH) wasfoundby applyinga high
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frequeny AC voltageanddividing themeasuredmpedancdy theangularfrequeny;

|e L — Vsp/(VresX (1))

A.2.3 Magnetic flux density B, length of voicecolil I, damping con-

stant Ry

Theelectricaimpedanceurve measureeh the previoussectiondid notchangesmoothly
from thelow frequeng valueof Rto thehighfrequeng valueof wL but passedhrough
a peak. This peak,which occuredat the mechanicaresonancdrequeng fp, was
causedoy the motionalimpedance.At mechanicalesonancethe diaphragmof the
loudspeakemovesata greatervelocity andthe motionalimpedancéecomedarge.

At mechanicatesonancehe mechanicateactanceanishesandequationA.1 re-
ducesto Rywu = BIl. Sincefg is generallylow enoughfor L to be unimportantequa-
tion A.2 canberewritten:

Ze = R+ (Bl)?/Rm (A.3)

This electricalimpedancas purely resistve. Hence,the resonancdrequeny fo
can be accuratelydeterminedby adjustingthe frequeng until Vsp and Vies have a
phasedifferenceof zero. Given the loudspeakeresistancdRr, measuringhe electri-
calimpedancatthisfrequeng enablesalculationof (Bl)?/Ry. Theloudspeakewas
foundto havearesonancéequeng of fo = 5.88kHzatwhichtheelectricaimpedance
was10.0Q. Thus,(Bl)?/Ry wasfoundto equal3.81Q.

Themagnetidlux density(B = 1.74T)wasgivenin theliteratureproducedy Fane
andthelengthof thevoicecoil (I = 3.5m)wasfoundby multiplying thecircumference
of thecoil (Ttx diameterof coil = tx 0.045m= 0.14m)by thenumberof turnscounted
in thecoil (25). Usingthevalueof 3.81Q for (Bl)?/Rm, thedampingconstanRy = 9.7

Ns/mwascalculated.
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A.2.4 SuspensiorstiffnessK, and diaphragm massMy,

The resonancdrequeny fo = 5.88kHz of the loudspeakeenabledthe ratio of the

suspensiostiffnessky, to the diaphragnmassMy, to be calculated:
N — (211fg)2 = 1.37x 10%s 2 (A.4)

Thelargeratiois dueto theincreasedtiffnessof theloudspeakecausedy insert-

ing athin layerof cottonwool betweerthe diaphragmandthe magnetassembly

To find the massMy, of the diaphragm the cottonwool wasremoved. The res-
onancefrequeng of the loudspeakewithout cottonwool insertedwas measureds
being f5 = (1/2m)\/K,/Mm = 1.15kHz, whereK/, is the suspensiorstifinesswith
no cottonwool inserted Adding a massm=0.1gto the diaphragnmof the speakefow-
eredtheresonancéequeng to f; = (1/2m)/KZ,/(Mm+ m) = 1.13kHz. Substituting
Kin = Mm(2mtf{)2 andrearrangingyave:

(f])2 113¢

M =my2 (1772 = %19 1150 1130 =

2.8¢9 (A.5)

The stiffnessof the loudspeakewith cottonwool inserted(Kny, = 3.8 x 1(°N/m)
wasthencalculatedoy substitutingthe valueof M=2.8ginto equationA.4 andrear

ranging.
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Appendix B

Computer programs

The programdistedwereall writtenusingBorlandTurboC.

B.1 Dataacquisition program

/* PULSE REFLECTOVETRY DATA ACQUI SI TI ON PROGRAM */

/* (produces pul ses, sanples reflections and averages) */

/* The D/ A converter sends out voltages in the -5V to +5V range */
/* (thus 0=-5V, 2048=0V and 4095=+5V) */

/* The A/D converter sanples voltages in the -5V to +5V range. */
/* (thus 0=-5V, 2048=0V and 4095=+5V) */

/* Include library files */

#incl ude <stdio.h>

#incl ude <c:\dagbook\ dos\ bc\ dagbhook. h>

/* Declare functions */

voi d mai n(void);

[* Main program*/

voi d main()

{

int i, j, x, gainset, del, nunofav, sanpsize;

unsigned int buf[8192];

float avbuf[8192], sanpfreq;

char filenange[80];

FILE *fout;

/* Initialise DagBoard/ 100 */

dagl ni t (PORT_0300, 10) ;

dagAdcSet Tag(0) ;

printf("\n\nPULSE REFLECTOVETRY DATA ACQUI SI TI ON PROGRAM n") ;
printf("(produces pul ses, sanples reflections and averages)\n\n");
printf("How many averages do you wi sh to have?\n");

scanf ("%d", &nunofav);

printf("Wat is the sanple size?\n");

scanf ("%d", &sanpsize);

printf("Wat is the sanpling frequency (in kHz)?\n");

scanf ("% ", &sanpfreq);

printf("Enter the gain setting you require:\n");

printf("(1) DgainXl (i.e. 0-5V range)\n");

printf("(2) DgainX2 (i.e. 0-2.5V range)\n");

printf("(4) DgainX4 (i.e. 0-1.25V range)\n");

printf("(8) DgainX8 (i.e. 0-0.625V range)\n");

scanf ("%", &gainset);

/* Defaults to DgainXl if invalid option is selcted */

if (gainset!=1 && gainset!=2 && gainset!=4 && gai nset!=8){
printf("This was not an option - gain has been set to Dgai nX1\n");
gai nset =1;

printf("How long after the pulse is sent out do you wish to\n");
printf("start sanpling (recommended delay for shorter source\n");
printf("tube reflectoneter is 24nms and reconmended delay for |onger\n");
printf("source tube reflectoneter is 38ns)?\n");

scanf ("o%d", &del);

printf("Wat do you wish to call the output filename?\n");

scanf ("%", filenane);

fout =fopen(filenanme, "W');

/* Set all values of array avbuf equal to zero */

for(x=0; x<sanpsi ze; x++) {
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avbuf [ x] =0. 0;
}

/* Set initial output voltage to zero */

dagDacW (0, 2048) ;

/* Include delay before sending pulse to allow signal to die away */
del ay(1000);

/* Send requested number of pulses and sanple after each one */
for(i=0;i<nunofav;i++){

/* Switch off computer interrupts */

asn{ CLI }

/* Send out 5V voltage pul se */

for (j=0; j<20; j++){

daqgDacW (0, 4095) ;

}

dagDacW (0, 2048) ;

/* Delay before starting sanpling */

del ay(del);

/* Sanpl e m crophone signal at correct gain */

if (gainset==1){

dagAdcRdN( 0, buf , sanpsi ze, Dt sPacer C ock, 0, 0, sanpf r eq, Dgai nX1);

else if (gainset==2){
dagAdcRdN( 0, buf , sanpsi ze, Dt sPacer O ock, 0, 0, sanpf r eq, Dgai nX2) ;

else if (gainset==4){

dagAdcRdN( 0, buf , sanpsi ze, Dt sPacer C ock, 0, 0, sanpf r eq, Dgai nX4);
}

el se {

dagAdcRdN( 0, buf , sanpsi ze, Dt sPacer O ock, 0, 0, sanpf r eq, Dgai nX8) ;

/* Add array of sanples to array avbuf */
for(x=0; x<sanpsi ze; x++) {
avbuf [ x] =avbuf [ x] +buf [ x] ;

}

/* Switch conputer interrupts back on */

asn{ STl }

/* Delay to ensure that all signal dies away before next pulse */
/* is sent out */

del ay(180);

/* Divide summed array of sanples by number of averages */
/* and print to file the voltage (converted from sanples) */
/* and the time at which it was recorded in nmilliseconds */
for (x=0; x<sanpsi ze; x++) {

avbuf [ x] =avbuf [ x] / nunof av;

fprintf(fout, "% 9%\n",

X*1000. 0/ sanpfreq, -(avbuf[x]-2048.0)*10.0/(4096.0*gai nset));

ziaqd ose();
}

B.2 Dataanalysisprogram

/* PULSE REFLECTOVETRY DATA ANALYSI S PROGRAM */

/* Include library files */

#include <stdio.h>

#incl ude <math. h>

#include <alloc. h>

#i ncl ude <conio. h>

#include <stdlib. h>

#define SWAP(a, b) tempr=(a); (a)=(b); (b)=tenpr

#define NAMES|I ZE 80

/* Declare functions */

int print_menu (void);

void main (void), four_tran (void), deconvolve (void), finddc (void),
removedc (void), repllms (void), ware_aki (void), noam (int nmenu_num,
zeropad (void), input_inped (void), farewell (void);

voi d df our 1(doubl e huge *data, unsigned long nn, int isign);

voi d nyfft(doubl e huge *real, double huge *inmag,

unsi gned | ong samp_num int isign);

[* Main program*/

void main (void)

int menu_num

do {
menu_nuneprint _nmenu();
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switch (menu_num

{

case 1 : {four_tran(); break;}
case 2 : {deconvolve(); break;}
case 3 : {finddc(); break;}

case 4 : {renovedc(); break;}
case 5 : {repl1lnms(); break;}
case 6 : {ware_aki(); break;}
case 7 : {noan{nenu_nun); break;}
case 8 : {noan{nenu_nun); break;}
case 9 : {noan{nenu_nun); break;}

case 10 : {zeropad(); break;}

case 11 : {input_inped(); break;}

case 12 : {farewel | (); break;}

default: {printf("This is not a valid choice\n");}

% whil e (menu_num =12);

/****************************** Functlons **************************/
/************************** Prl nt menu functlon ********************/

int print_menu(void)

int menu_num

printf("\nPULSE REFLECTOVETRY PROGRAMS\ n"

"(1) Fourier transformdata\n”

"(2) Deconvolve two data sets\n"

"(3) Find DC of fset\n"

"(4) Rermove DC of fset\n"

"(5) Replace first nmillisecond of iir\n"

(6) Ware-Aki reconstruction algorithmn"

(7) Noam Anir |ossless reconstruction algorithmn"

(8) Noam Amir |ossy reconstruction algorithm(rotating phase)\n"
(9) Noam Amir |ossy reconstruction algorithm(all pole nodel)\n"
(
(

"(12) Quit\n");

printf("Enter the nunber you require\n");
scanf ("%", &menu_num;
return(menu_nun;

/*******************************************************************/
/*************************** four tran *****************************/

void four_tran (void)

{

FILE *fin, *foutl, *fout2;

char inputdata[ NAVES| ZE], fft_conp[ NAMESI ZE], fft_mag[ NAVES| ZE];
int sanp_num=0, i;

doubl e tine, sanp_space, max_nmag=0, mag;

/* Set up arrays using pointers */

doubl e huge *real, *imag;

if ((real=farmalloc(2048*sizeof (double)))==0){

perror("Mlloc failed\n");

exit(0);

}

if ((imag=farmalloc(2048*sizeof (double)))==0){
perror("Malloc failed\n");

exit(0);

}

printf("\nFOUR ER TRANSFORM PROGRAM n");

/* Read in filename and open file containing data to be FFTed */
printf("Wat is the name of the input file which is to be FFTed?\n");
scanf ("9%", inputdata);

if ((fin=fopen(inputdata, "r"))==0){

printf("Unable to open\n");

return;

/* Read real values frominput file into an array, */

/* make imaginary val ues=0 and find sanple size (sanp_nun) */
while (fscanf(fin, "%f %e", &ine, &real[sanp_nun)==2){

i mag[ sanp_nun =0;

if (sanp_nume=1){

sanp_space=ti ne;

samp_nums+;
}
/* Conpute transform*/

myfft(real, img, sanp_num -1);
/* Read in filenames and open files for */
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/* FFT conpl ex and nagni tude data */

printf("Wat do you wish to call the output file containing"
"\nthe fft conplex data?\n");

scanf ("9%", fft_conp);

printf("Wat do you wish to call the output file containing"
"\nthe fft magnitude data?\n");

scanf ("9%", fft_mag);

fout 1=f open(fft_conp, "wW');

fout2=fopen(fft_mag, "wW');

/* Cal cul ate maxi num magni t ude */

for (i=1; i<samp_num i++){

if (sqrt(pow(real[i],2)+pow(imag[i],2))>max_mag){
max_mag=sqrt (pow(real [i],2)+pow(i mag[i], 2));

!

}

/* Wite fft data to output files */

for (i=0; i<samp_num i++){

/* Complex file */

fprintf(foutl, " %17.14le % 17.14le\n", real[i], img[i]);
/* Magnitude file */

/* Ensure not taking |ogl0 of zero */

if (sqrt(pow(real[i],2)+pow(imag[i],2))==0){

real [i]=real [i]+0.000001;

mag=20*| 0g10(sqrt (pow(real [i], 2)+pow(imag[i], 2))/ max_nag);
fprintf(fout2, " 9%3.6/1f %17.14lf\n",
(1000. 0*i )/ (sanp_nunt¥sanp_space), nag);

/* Free pointers */
farfree(real);
farfree(img);

/* Close files */
fclose(fin);
fclose(foutl);
fclose(fout2);

/*******************************************************************/
/**************************** deconvol ve ***************************/

voi d deconvol ve (void)

{

FILE *finl, *fin2, *fout;

int sanp_nun¥0, i;

char conpl[ NAMESI ZE], conp2[ NAMESI ZE], deconvdat a[ NAMESI ZE] ;
doubl e real 1, imagl, real2, imag2, sanp_space, constrain_factor;
/* Set up arrays using pointers */

doubl e huge *real, *imag;

if ((real=farmalloc(2048*sizeof (double)))==0){

perror("Mlloc failed\n");

exit(0);

}

if ((imag=farmalloc(2048*sizeof (double)))==0){
perror("Malloc failed\n");

exit(0);

}

printf("\ nDECONVOLUTI ON PROGRAM n") ;

/* Read in filenanes and open files containing */
/* data to be deconvol ved */

printf("Wat is the file containing your FFTed,"
"\'nconpl ex input pul se called?\n");

scanf ("9%", conpl);

printf("Wat is the file containing your FFTed,"
"\'nconpl ex reflections called?\n");

scanf ("9%", conp2);

if (((finl=fopen(conpl, "r"))==0)|]|((fin2=fopen(conp2,"r"))==0)){
printf("Unable to open one or both files\n");
return;

/* Read in constraining factor and sanpl e spacing */
printf("Wat is the value of the constraining factor?\n");
scanf("%e", &constrain_factor);

printf("Wat is the sanple spacing in nmlliseconds?\n");
printf("(for 50kHz sanp freq the sanple spacing is 0.02ns)\n");
scanf ("% e", &sanp_space);

samp_nunx0;

/* Read val ues frominput files into arrays */

while (fscanf(finl, "%e %e", &eall, & magl)==

&& fscanf(fin2, "%e %e", &real2, & mg2)==2){

[* Perform conpl ex division */
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real [ sanp_nuni =r eal 1*r eal 2+i magl*i mag2;

real [ sanp_nun =r eal [ samp_nunj/

(pow(real 1, 2) +pow( i magl, 2) +constrai n_factor);
i mag[ sanp_nun =r eal 1*i mag2-i magl*real 2;

i mag[ sanp_nuni =i mag[ samp_nunj /

(pow(real 1, 2) +pow( i magl, 2) +constrai n_factor);
samp_num+;

/* Conpute inverse transform®*/

nmyfft(real, img, sanp_num 1);

/* Read in filename and open file for deconvol ved data */
printf("Wat do you wish to call the output file containing"
"\'nthe deconvol ved data?\n");

scanf ("%", deconvdata);

fout =f open(deconvdata, "w');

/* Wite deconvol ved data to file and correct FFT scaling factor */
for (i=0;i<samp_numi++){

fprintf(fout, "%43.61f %17.14le\n",

sanp_space*i, real [i]/sqrt(sanmp_nunm);

/* Free pointers */
farfree(real);
farfree(imag);

/* Close files */
fclose(finl);
fclose(fin2);
fclose(fout);

/*******************************************************************/
/****************************** fl nddc *****************************/

voi d finddc (void)

{

FILE *fin;

char deconvdat a[ NAMESI ZE] ;

double tine, signal, total =0, count=0;

/* Read in filename and open file containing deconvol ved data */
printf("Enter the name of the deconvolved data file\n");
scanf("9%", deconvdata);

if ((fin=fopen(deconvdata,"r"))==0){

printf("Unable to open\n");

return;

/* Average over 1ms-2nms range to find dc val ue */
while (fscanf(fin, "9%f %f", &inme, &signal)==2){
if ((time>1)&&(tinme<2)){

total =total +si gnal ;

count =count +1;

printf("Dc offset=%e", total/count);
fclose(fin);

/*******************************************************************/
/****************************** ren-DvedC ***************************/

voi d renovedc (void)

{

FILE *fin, *fout;

char deconvdat a[ NAMESI ZE], out put [ NAVESI ZE] ;

doubl e tine, signal, dc;

/* Read in filename and open file containing deconvol ved data */
printf("Enter the name of the deconvolved data file\n");
scanf("%", deconvdata);

if ((fin=fopen(deconvdata,"r"))==0){

printf("Unable to open\n");

return;

/* Read in filename and open file for dc-less */

/* input inpulse response */

printf("Enter name for the output file containing deconvol ved\n");
printf("data with dc offset renoved (input inpulse response)\n");
scanf ("9%", output);

fout=fopen(out put, "w');

printf("Enter the dc value\n");

scanf ("% f", &dc);

/* Remove dc offset and print iir to file */

while (fscanf(fin, "9%f %f", &inme, &signal)==2){

fprintf(fout, "%Af %f\n", time, signal-dc);
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fclose(fin);
fcl ose(fout);

/*******************************************************************/
/****************************** repl 1”8 ****************************/

voi d repl 1ms (void)

FILE *fin, *fout;

char input [ NAMESI ZE], out put [ NAVES| ZE] ;

doubl e tine, signal;

/* Read in filename and open file containing iir */
printf("Enter the name of the input inpulse response file\ln");
scanf ("%", input);

if ((fin=fopen(input,"r"))==0){

printf("Unable to open\n");

return;

/* Read in filename and open file for iir with first 1ms bl anked */
printf("Enter name for the output file containing the input\n");
printf("inpul se response with first mllisecond bl anked\n");
scanf ("9%", output);

fout =f open(out put, "w');

while (fscanf(fin, "9%f %f", &inme, &signal)==2){

if (time<l.0){

fprintf(fout, "%f %f\n", tine, 0.0);

}

el se{

fprintf(fout, "%Af %f\n", time, signal);

fclose(fin);
fclose(fout);

/*******************************************************************/
/****************************** war e akl ****************************/

voi d ware_aki (void)

{

FILE *fin, *fout;

int sanp_nume0, i, j;

char deconvdat a NAVES| ZE], war e[ NAMVESI ZE] ;

doubl e sanp_space, radius, area, product=1, nurmerator, tineg,
speed, length, finlen;

/* Set up arrays using pointers */

doubl e huge *reflec, *F, *G *r;

if ((reflec=farmalloc(2048*sizeof (double)))==0){
perror("Mlloc failed\in");

exit(0);

}

if ((F=farmalloc(2048*sizeof (doubl e)))==0){
perror("Malloc failed\n");

exit(0);

}

if ((Gfarmalloc(2048*sizeof (doubl e)))==0){
perror("Malloc failed\n");

exit(0);

}

if ((r=farmalloc(2048*sizeof (doubl e)))==0){
perror("Malloc failed\n");

exit(0);

}

printf("\nWARE- AKI BORE RECONSTRUCTI ON\n");

/* Read in filename and open file containing iir */
printf("Wat is the name of the file containing the input\n"
"i mpul se response?\n");

scanf("%", deconvdata);

if ((fin=fopen(deconvdata, "r"))==0){

printf("Unable to open file\n");

return;

/* Read in filename and open file for Vare-Aki */

/* reconstruction data */

printf("Wat do you wish to call the output file containing the\n"
"Ware- Aki al gorithmreconstruction data?\n");

scanf ("9%", ware);

fout =fopen(ware, "wW');

while (fscanf(fin, "9%f %e", &inme, &reflec[sanp_nuni)==2){

if (sanp_nume=1){

sanp_space=ti ne;

149



sanp_numk+;

}

[* \Nre-Aki al gorithm*/

printf("Wat is the starting radius in metres?\n");
scanf("%e", é&radius);

printf("Wat length do you wish to reconstruct up to?\n");
scanf("%e", &finlen);

printf("Wat is the speed of sound (in m's)?\n");
scanf ("% e", &speed);

area=3. 14159* pow( r adi us, 2) ;

| engt h=sanp_space* speed/ 2000;

/* Set polynomals=0 initially */

for (i=0; i<samp_num i++){

F[i]=0;

di]=0;

}

F[ 0] =1;

for(i=0; i<sanmp_num i++){

fprintf(fout, "% 17.14le %17.14le\n", i*length, radius);
if(i>0){

product =product *(1-r[i-1])*(1+r[i-1]);

}

numer at or =0;

for(j=0; j<=i; j++){

nuner at or =nunerator+(F[j]*reflec[i-j]);
}

r[i]=nunerator/product;
area=area*(1-r[i])/(1+r[i]);

if (area<0){

return;

}

radi us=sqrt (area/ 3. 14159);

fprintf(fout, "% 17.14le %17.14le\n", i*length, radius);
if (finlen<(i*length)){

return;

b
J=r
whi |
gj]
Flj]
)=

}
FL0]=1;
qoj=r[i];

/* Free pointers */
farfree(F);
farfree(Q;
farfree(reflec);
farfree(r);

/* Close file */
fclose(fout);

(]
rli
FLj

11 o

=1){
1*F[j] G[ 1]
T+r[i]*

/*******************************************************************/
/********************************* noam ****************************/

voi d noam (i nt menu_num

{

FILE *fin, *fout;

int sanp_nume0, i, j, I|;

char deconvdat a[ NAVES| ZE], ami r [ NAVES| ZE] ;

doubl e sanp_space, tenp_value, length, samp_freq, rho=1.21,
vi sc=0. 0000181, cond=0.024, cp=1400, ratio=1.4, speed,

v, A B C D E rvnndiv2, vpnndiv2, onega, rv, alpha,
vprecip, radius, area, r, finlen, tinme, sum G

static double a[41][41];

/* Set up arrays using pointers */

doubl e huge *reflec_real, *reflec_imag, *input_real, *input_imag,
*fre, *fim *rr, *e, *k, *Areal, *Aimag, *Hreal, *H nag;

if ((reflec_real=farmalloc(2048*sizeof (doubl e)))==0){
perror("Mlloc failed\n");

exit(0);

}

if ((reflec_i mag=farmalloc(2048*sizeof (doubl e)))==0){
perror("Malloc failed\n");

exit(0);

}
if ((input_real=farmalloc(2048*sizeof (doubl e)))==0){

150



perror("Malloc failed\n");
exit(0);

}

if ((input_imag=farmalloc(2048*sizeof (doubl e)))==0){
perror("Malloc failed\n");

exit(0);

}

if ((fre=farmalloc(2048*sizeof (double)))==0){
perror("Malloc failed\n");

exit(0);

}

if ((fimefarmalloc(2048*sizeof (double)))==0){
perror("Malloc failed\n");

exit(0);

}

if ((rr=farmalloc(2048*sizeof (doubl e)))==0){
perror("Malloc failed\n");

exit(0);

}

if ((e=farmalloc(2048*sizeof (double)))==0){
perror("Malloc failed\n");

exit(0);

}

if ((k=farmalloc(2048*sizeof (doubl e)))==0){
perror("Malloc failed\n");

exit(0);

}

if ((Areal =farmalloc(2048*sizeof (double)))==0){
perror("Malloc failed\n");

exit(0);

}

if ((A mag=farmalloc(2048*sizeof (doubl e)))==0){
perror("Malloc failed\n");

exit(0);

}

if ((Hreal =farmalloc(2048*sizeof (double)))==0){
perror("Malloc failed\n");

exit(0);

}

if ((H mag=farmal | oc(2048*sizeof (doubl e)))==0){
perror("Malloc failed\n");

exit(0);

}

printf("\nNOAMAMR S ");
if (menu_nume=7){
printf("LOSSLESS ");

if (menu_nune=8){

printf("LOSSY (rotating phase) ");
}

if (menu_nume=9){

printf("LOSSY (all pole nodel) ");

printf (" BORE RECONSTRUCTI ON\n");

/* Read in filename and open file containing iir */
printf("Wat is the name of the file containing the input\n"
"i mpul se response?\n");

scanf("9%", deconvdata);

if ((fin=fopen(deconvdata, "r"))==0){

printf("Unable to open file\n");

return;

/* Read in filename and open file for Noam al gorithm*/

/* reconstruction data */

printf("Wat do you wish to call the output file containing the\n"
"Noam al gorithmreconstruction data?\n");

scanf ("9%", amr);

fout=fopen(amr, "w');

while (fscanf(fin, "%f %e", &ine, &reflec_real[sanp_nuni)==2){
if (sanp_nume=1){

sanp_space=ti ne;

sanp_numk+;

}

/* Noam's al gorithm*/

printf("Wat is the starting radius in metres?\n");

scanf("%e", &radius);
printf("Wat length do you wish to reconstruct up to?\n");
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scanf("%e", & inlen);

printf("Wat is the speed of sound (in m's)?\n");
scanf ("% e", &speed);

area=3. 14159* pow( r adi us, 2) ;

| engt h=sanp_space* speed/ 2000;

/* Construct input pulse */

i nput _real [0] =1;

for (i=1; i<samp_num i++){

input _real [i]=0;

}

/* Main Loop */

for (i=0; i<samp_num i++){

fprintf(fout, "% 17.14le %17.14le\n", i*length,
radi us);

r=reflec_real [0]/input_real [0];
area=area*(1-r)/(1+r);

if (area<0){

return;

}

radi us=sqrt (area/ 3. 14159);

fprintf(fout, "% 17.14le %17.14le\n", i*length,
radi us);

if (finlen<(i*length)){

return;

/* Scattering junction */

for (j=0; j<samp_num j++){

tenmp_val ue=i nput _real [j];
input_real[j]=(input_real[j]-r*reflec_real[j]
reflec_real[j]=(reflec_real [j]-r*temp_val ue)/

)(1-1);
(1-r);

/* Delay */
for (j=0;j<(samp_num1); j++){
reflec_real [j]=reflec_real [j+1];

reflec_real [ sanp_num 1] =0;

/* Lossy part of algorithm*/

if (menu_nunme=8){

/* Rotating phase */

/* Calcul ate continuous frequency response of segnent */
sanp_freq=1000/ sanp_space;

v=sqrt (vi sc*cp/ cond);

A=(1/sqgrt(2))*(1+(ratio-1)/v);
B=1+(ratio-1)/v-0.5%(ratio-1)/pow(v, 2)-0.5*pow((ratio-1)/v,2);
C=7/8+(ratio-1)/v-0.5*(ratio-1)/powv, 2)-1/8*(ratio-1)/powv, 3);
C=C-0.5*pow( (ratio-1)/v,2)+0. 5*pow((ratio-1),2)/powv, 3);
C=(1/sqrt(2))*(C+0.5*pow((ratio-1)/v,3));

D=A,

E=C,

rvnndi v2=radi us*sqrt (rho*2*3. 14159*sanp_freq/ (2*vi sc));
vpnndi v2=( 1/ speed) * ( 1+D/ r vnndi v2+E/ pow( rvnndi v2, 3) ) ;
fre[0]=1;

finf0]=0;

for (j=1; j<=(sanmp_nun2); j++){

onega=2*3. 14159*) *sanp_f req/ sanp_num

rv=radi us*sqrt (rho*onega/ vi sc);

al pha=( onega/ speed) * (A rv+B/ pow(rv, 2) +C/ pow(rv, 3));

vpreci p=(1/ speed) *( 1+D/ rv+E/ pow(rv, 3));

fre[j]=exp(-al pha*l ength);

fre[j]=fre[j]*cos(omega*l engt h*(vpnndi v2-vprecip));
finfj]=exp(-al pha*l ength);

fin{j]=finfj]*sin(omega*l engt h*(vpnndi v2-vprecip));

}

for (j=(samp_num 2); j<sanmp_num j++){
=fre[samp_numj];
=-finfsamp_numj];

for (j=0; j<samp_num j++){

i nput _i mag[j]=0;

reflec_img[j]=0;

/* Convolve with input pulse */
myfft(input_real,input_img, sanp_num -1);

for (j=0; j<samp_num j++){

tenp_val ue=input _real [j];
input_real[j]=input_real[j]*fre[j]-input_imag[j]*finfj];
input_imag[j]=tenp_value*fin{j]+input_img[j]*fre[j];

}
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myfft(input_real, input_img, sanp_num 1);

/* Deconvol ve with output pul ses */
nmyfft(reflec_real, reflec_imag, sanp_num -1);
for (j=0; j<samp_num j++){

temp_val ue=reflec_real [|];

reflec_real [j]=(reflec_real [j]1*fre[j]+reflec_imag[jl*fin{j]);
reflec_real[j]=reflec_real [j]/(pow(fre[j],2)+pow(finj],2));
reflec_img[j]=reflec_imag[j]*fre[j]-tenp_value*fin{j];

reflec_imag[j]=reflec_imag[j]/(pow(fre[j],2)+pow(finj],2));

myfft(reflec_real, reflec_img, sanp_num 1);

else if (menu_nunme=9){

/* Al pole model */

/* Calcul ate continuous frequency response of segnent */
sanp_freq=1000/ sanp_space;

v=sqrt (vi sc*cp/ cond);

A=(1/sqrt(2))*(1+(ratio-1)/v);
B=1+(ratio-1)/v-0.5%(ratio-1)/pow(v, 2)-0.5*pow((ratio-1)/v,2);
C=7/8+(ratio-1)/v-0.5*(ratio-1)/pow(v, 2)-1/8*(ratio-1)/powv, 3);
C=C-0. 5*pow( (ratio-1)/v,2)+0. 5*pow((ratio-1),2)/powv, 3);
C=(1/sqrt(2))*(C+0.5*pow((ratio-1)/v,3));

D=A,

E=C,

fre[0]=1;

finf0]=0;

for (j=1; j<=(sanmp_nun2); j++){

onega=2*3. 14159*) *sanp_f req/ sanp_num

rv=radi us*sqrt (rho*onega/ vi sc);

al pha=( onega/ speed) * (A rv+B/ pow(rv, 2) +C/ pow(rv, 3));

vpreci p=(1/ speed) *( 1+D/ rv+E/ pow(rv, 3));

fre[j]=exp(-al pha*l ength);
fre[j]=fre[j]*cos(-onmega*length*vprecip);

finfj]=exp(-al pha*length);
finfjl=fin{j]*sin(-omega*length*vprecip);

}

for (j=(samp_nunm 2); j<sanmp_num j++){
fre[j]=fre[sanp_numj];
fin{jl=-finfsamp_numj];

}

fre[ samp_num 2] =sqrt (pow( f re[ sanp_nun 2], 2. 0)
+pow( finfsanmp_nunm 2], 2.0));

finf samp_nun 2] =0. 0;

/* Inverse fft continuous conpl ex expression */
nyfft(fre, fim sanp_num 1);

/* Correct FFT scaling factor */

for (j=0; j<samp_num j++){
fre[j]=fre[j]/sqrt(sanp_num;
finfjl1=finj]/sqrt(sanmp_num;

/* Calculate autocorrelation function */
for (j=0; j<samp_num j++){

rr[j]=0.0;

for (1=0; I<samp_num |++){

if (I<(samp_numj)){
rr[jl=rr[jl+frefl]*fre[l+];

}

el sef
re[jl=rr[j]+re[l]1*fre[l+j-sanp_nuni;
}

!

/* Calculate a values */
e[0]=rr[0];

k[1]=-rr[1]/e[0];

a[ 1] [1] =k[1];

e[ 1] =(1. 0- pow(k[ 1], 2. 0)) *e[ 0] ;
for (j=2; j<41; j+){
sum=0. 0;

for (1=1; I<j; I++){
sunrsumtal | J[j-1]*rr[j-1];

}

K[j]=-(rr[j]+sum/e[j-1];
alj1[i1=k[j1;

for (1=1; I<j; [++)
?['][J]=ﬂ[|][J'1]+k[J]*a[J-|][j-l];

e[j1=(1.0-pow(k[j],2.0))*e[j-1];
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}

/* Calculate gain G*/
Grr[0];

for (j=1; j<41; j++){
G=Gra[j][40]*rr[j];

Gsqrt (O);

/* Calculate A(z) */
Areal [0] =1.0;

Ai mag[ 0] =0. 0;

for (j=1; j<41; j++){
Areal [j]=a[]][40];
Ai mag[j]=0.0;

/* Fourier transformto calculate A(z) */

nmyfft(Areal, Aimag, sanp_num -1);

/* Correct FFT scaling factor and cal cul ate H(z) */

for (j=0; j<samp_num j++){

Areal [j]=Areal [j]*sqrt(sanp_num;

Aimag[j]=Ai mag[j]*sqrt(samp_num;

Heal [j]=GAreal [j]/(pow Areal [j],2.0)+pow Ai nag[j],2.0));
H mag[j]=-G"Aimag[j]/(pow(Areal [j],2.0)+pow(Ai mg[j],2.0));

}

for (j=0; j<samp_num j++){
i nput _i mag[j]=0;
reflec_img[j]=0;

/* Convolve with input pulse */

nmyfft(input_real, input_img, sanp_num -1);

for (j=0; j<samp_num j++){

tenp_val ue=input _real [j];

input_real[j]=input_real[j]*Heal [j]-input_imag[j]*H mag[j];
input _imag[j]=tenp_val ue*H mag[j]+input _imag[j]*Heal[j];

}

nmyfft(input_real, input_img, sanp_num 1);

/* Deconvol ve with output pul ses */
myfft(reflec_real, reflec_img, samp_num -1);
for (j=0; j<samp_num j++){
temp_val ue=reflec_real [j];
reflec_real [j]=(reflec_real
reflec_real [j]=reflec_real
reflec_img[j]=reflec_i mg[
reflec_img[j]=reflec_i mg[

jl*Hreal [j]+reflec_imag[j]*H mag[j]);
17 (pow(Hreal [}, 2) +pow( H mag[],2));
]*Hreal [j]-tenp_val ue*H mag[j];
1/

(pow(Hreal [j],2) +pow(H mag[j],2));

myfft(reflec_real, reflec_img, sanp_num 1);

!

/* Free pointers */
farfree(input_real);
farfree(input_img);
farfree(reflec_real);
farfree(reflec_imag);
farfree(fre);
farfree(fim;
farfree(rr);
farfree(e);
farfree(k);
farfree(Areal);
farfree(A mag);
farfree(Hreal);
farfree(H mag);

/* Close files */
fclose(fout);

[
!
I
]
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/*******************************************************************/
/************************** zeropad ****************************/

voi d zeropad (void)

FILE *fin, *fout;

char deconvdat a[ NAMES| ZE], zer opadded[ NAMVESI ZE] ;

| ong padsize, i, j;

doubl e tine, signal, sanp_space;

/* Read in filename and open file containing iir */
printf("Enter the name of the input inpulse response file\ln");
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scanf ("9%", deconvdata);

if ((fin=fopen(deconvdata,"r"))==0){
printf("Unable to open\n");

return;

/* Read in filename and open file for padded iir data */
printf("Enter the nane of the padded file\n");

scanf (" %", zeropadded);

fout =f open(zer opadded, "w');

printf("Wat size would you like iir to be padded to?\n");
printf("(maxi mum size=8192)\n");

scanf ("% d", &padsize);

if (padsize>8192){

printf("This is too big\n");

return;

/* Print zeropadded iir to file */

i =0;

while (fscanf(fin, "9%f %f", &inme, &signal)==2){
fprintf(fout, "%Af %f\n", time, signal);

if (i==1){

sanp_space=ti ne;

i ++;

}

for (j=i; j<padsize; j++){

fprintf(fout, "%f %f\n", j*sanp_space, 0.0);

fclose(fin);
fclose(fout);

/*******************************************************************/
/************************** | nput | n-ped ****************************/

voi d input_i nped (void)

FILE *fin, *fout, *foutl;

I ong sanp_num=0, i;

char deconvdat a[ NAMESI ZE], i nped[ NAMESI ZE], i npedconi NAMVESI ZE] ;
doubl e sanp_space, radius, inp_real, inp_inmag, speed, tineg;

/* Set up arrays using pointers */

doubl e huge *reflec_real, *reflec_img;

if ((reflec_real=farmalloc(8192L*si zeof (doubl e)))==0){
perror("Mlloc failed\n");

exit(0);

}

if ((reflec_imag=farmalloc(8192L*si zeof (doubl e)))==0){
perror("Malloc failed\n");

exit(0);

}

printf("\nl NPUT | MPEDANCE PROGRAM n");

/* Read in input filenane and open file containing */

/* iir data (padded or not) */

printf("Wat is the name of the file containing the input\n"
"i mpul se response?\n");

scanf("%", deconvdata);

if ((fin=fopen(deconvdata, "r"))==0){

printf("Unable to open file\n");

return;

}

while (fscanf(fin, "%f %e", &ine, &eflec_real[samp_nunj)==2){
if (sanmp_nunme=1){

sanp_space=ti ne;

}

sanp_numk+;

printf("Wat is the source tube radius?\n");

scanf ("% f", &radius);

printf("Wat is the speed of sound?\n");

scanf ("% f", &speed);

/* Create imaginary part=0 and correct FFT scaling factor */
for (i=0; i<samp_num i++){

reflec_real[i]=reflec_real [i]*sqrt(sanp_nun;
reflec_img[i]=0.0;

/* Fourier transform®*/

myfft(reflec_real, reflec_img, samp_num -1);

/* Read in filenane and open file for magnitude inpedance data */
printf("Wat do you wish to call the output file containing the\n"
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"magni tude i npedance data?\n");

scanf ("9%", inped);

fout =f open(i nped, "wW');

/* Read in filename and open file for conplex inpedance data */
printf("Wat do you wish to call the output file containing the\n"
"compl ex inpedance data?\n");

scanf ("9%", inpedcon);

fout 1=f open(i npedcom "w') ;

/* | npedance al gorithm*/

for (i=0; i<samp_num i++){

imp_real =(1-pow(reflec_real [i],2)-powreflec_imag[i],2))/
(1-2*reflec_real [i]+pow(reflec_real[i],2)+
pow(reflec_imag[i],2));
imp_imag=(2*reflec_imag[i])/(1.0-2*reflec_real [i]+
pow(reflec_real[i],2)+pow(reflec_imag[i],2));

i mp_real =i np_real *((1.21*speed)/ (3. 14159* pow( r adi us, 2
i mp_i mag=i mp_i mag* ( (1. 21*speed)/ (3. 14159* pow( r adi us, 2
fprintf(fout, "% 17.14le %17.14le\n",

i*1.0/ (sanp_space*sanp_nun,

sqrt (pow(i np_real, 2) +pow(inp_i mag, 2)));

fprintf(foutl, "%17.14le %17.14le\n", inp_real, inp_img);

1))
1))

/* Free pointers */
farfree(reflec_real);
farfree(reflec_imag);
/* Close file */
fclose(fout);
fclose(foutl);

/*******************************************************************/
/*************************** farev\el | ******************************/

void farewell (void)

{
printf("Goodbye\n");

/*******************************************************************/
/**************************** nryfft ********************************/

voi d nyfft(doubl e huge *real, double huge *imag,
unsi gned | ong sanp_num int isign)

.

int i=0;

doubl e huge *data;

if ((data=farmalloc(17000L*sizeof (double)))==0){
perror("Mlloc failed\n");

exit(0);

%or (i=1; i<(2*sanp_numtl); i=i+2){
datali]=real [(i-1)/2];
datali+1]=imag[(i-1)/2];

}

df our 1(data, sanp_num isign);

for (i=1; i<(2*sanp_numtl); i=i+2){
real [ (i-1)/2]=data[i]/sqrt(sanp_nun;
imag[ (i-1)/2])=data[i+1]/sqrt(samp_num;

farfree(data);

/*******************************************************************/

/******************** dfourl (Nun-erlcal rec' pes) *******************/
voi d df our 1(doubl e huge *data, unsigned long nn, int isign)

unsigned long n,nmax, mj,istep,i;
doubl e wt enp, wr, wpr, wpi , Wi , t het a;
doubl e tenpr, tenpi;

n=nn << 1,

J=1;

for (i=1;i<n;i+=2) {
if (j >i) {

SWAP(data[j],data[i]);
SWAP(dat a[ j +1] , data]i +1]);
}

mEn >> 1;

while (m>=2 &&j >m {
j o= m

m>>:]_;

}

] t=m
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max=2;

while (n > mmax) {

i step=mmax << 1;

t het a=i si gn* (6. 28318530717959/ mmax) ;
wt enp=si n(0.5*t heta);

wpr = -2.0%wt emp*wt enp;

wpi =si n(theta);

w =1.0;

wi =0. 0;

for (mrl; nkmmax; m=2) {

for (i=mi<=n;i+=istep) {

j =i +mmax;

tempr=wr*data[j]-w *data[j +1];
tempi=w *data[j +1] +wi *data[|];
data[j]=data[i]-tenpr;

data[j +1] =dat a[ i +1] -t enpi ;
data[i] += tenpr;

data[i+l] += tenpi;

}

W =(WE enp=wr ) *wpr - Wi *wpi +wr ;
Wi =W Fwpr +wt enprwpi +wi

max=i st ep;

/‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k***********************l

B.3 Programto find the theoreticalimpedancecurve of
a steppedcylinder

/* PROGRAM TO FI ND THEORETI CAL | MPEDANCE CURVE OF A STEPPED */
/* CYLI NDER DRI VEN AT ONE END AND OPEN AT THE OTHER */
/* Include library files */

#incl ude <stdio.h>

#incl ude <math. h>

/* Declare functions */

void main (void);

voi d conpnult (doubl e aa, double bb, double cc, double dd,
doubl e *ee, double *ff);

voi d conpdiv (doubl e aa, double bb, double cc, double dd,
doubl e *ee, double *ff);

voi d conptan (doubl e aa, double bb, double *ee, double *ff);
/* Main program*/

void main (void)

{

FILE *foutl, *fout2;

doubl e rho, ¢, gamm, cp, n, kappa, ri1, r2, r3, 11, 12, 13,
terml, tern2, om Kk, alphacyl, alphacy2, alphacy3, nunreal,
nuni mag, denreal, denimg, zcreal, zcimag, zbreal, zbimag,
zareal, zaimg, tenpreal, tenpimag, sl, s2, s3;

int i

char  inmpedcon{80], inpednag]80];

printf("THEORETI CAL | MPEDANCE CURVE FOR STEPPED TUBE\ n\n");
printf("Wat is your value for the air density (try 1.21)?\n");
scanf ("% f", & ho);

printf("Wat is your value for the speed of sound in air?\n");
scanf ("% f", &c);

printf("Wat is your value for the ratio of specific\n");
printf("heats of air (tryl.4)?\n");

scanf ("% f", &gamm);

printf("Wat is your value for the specific heat of air at\n");
printf("constant pressure (try 1400)?\n");

scanf ("% f", &cp);

printf("Wat is your value for the coefficient of shear\n");
printf("viscosity of air (try 0.0000181)?\n");

scanf ("% f", &n);

printf("Wat is your value for the thermal conductivity of\n");
printf("air (try 0.024)?\n");

scanf ("% f", &kappa);

printf("Wat is your value for ri?2\n");

scanf ("% f", &1);

printf("Wat is your value for [1?2\n");

scanf ("% f", &1);

printf("Wat is your value for r2?2\n");

scanf ("% f", &2);
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printf("Wat is your value for [2?2\n");

scanf ("% f", &2);

printf("Wat is your value for r3?2\n");

scanf ("% f", &3);

printf("Wat is your value for [3?2\n");

scanf ("% f", & 3);

S1=M Pl *r1*r1,

S2=M Pl *r 2*r 2;

S3=M Pl *r 3*r 3;

printf("Enter the name of the file for the conplex inpedance\n");
scanf ("9%", inpedcon);

fout 1=f open(i npedcom "w');

printf("Enter the name of the file for the inpedance magnitude\n");
scanf ("9%", inpedmag);

f out 2=f open(i npedmag, "W');

/* Calculations |oop */

for (i=1; i<5000; i++){

/* Calcul ate al pha */

onF2. 0*M Pl *i ;

k=onl c;

terml=sqrt((n*om/(2.0*rho));

t erm2=(gamma- 1. 0) *sqrt ( (kappa*on) /(2. 0*rho*cp));

al phacyl=(terml+tern)/(rl*c);

al phacy2=(t erml+tern)/ (r2*c);

al phacy3=(terml+tern)/(r3*c);

/* Calculation of zcreal and zcimg */

/* Calcul ate nunerator */

conpmul t (k, -al phacy3, 13, 0.0, &uwunreal, &nun nmag);

conpt an(nunreal , numi mag, &nunreal, &num mag);

conpmul t (0.6*r3, 0.0, k, -alphacy3, & enpreal, & enpinag);

nunr eal =nunr eal +t enpr eal ;

nuni mag=nuni mag+t enpi mag;

conpmul t (0.0, 1.0, nunreal, num mag, &nunreal, &nhum nag);
conpmul t (0.25*r3*r3, 0.0, k, -al phacy3, é&tenpreal, & enpinag);
conpnul t (tenpreal, tenpimg, k, -al phacy3, & enpreal, & enpinag);
nunr eal =nunr eal +t enpr eal ;

nuni mag=nuni mag+t enpi mag;

/* Cal cul ate denominator */

conpmul t (k, -al phacy3, 13, 0.0, &denreal, &deninmag);

conpt an(denreal , deni mag, &denreal, &deni mag);

conpmul t (0.0, 0.25*r3*r3, denreal, deninmg, &denreal, &denimag);
conpnul t (denreal, deni mag, k, -al phacy3, &denreal, &deninag);
conpnul t (denreal, deni mag, k, -al phacy3, &denreal, &deninag);
conpmul t (k, -al phacy3, 13, 0.0, &enpreal, &t enpimg);
conptan(tenpreal, tenpimag, & enpreal, &t enpimg);

conpmul t (-0.6*r3, 0.0, tenpreal, tenpinmg, & enpreal, & enpinag);
conpnul t (tenpreal, tenpimg, k, -al phacy3, & enpreal, & enpinag);
denr eal =denr eal +t enpr eal +1. 0;

deni mag=deni mag+t enpi nag;

/* Cal cul ate whol e expression */

conpdi v(nunreal , numimag, denreal, denimg, &zcreal, &zcimag);
conpmul t (zcreal, zcimg, rho*om's3, 0.0, &zcreal, &zcimag);
conpdi v(zcreal, zcimag, k, -al phacy3, &zcreal, &zcimg);

/* Calculation of zbreal and zbinmag */

/* Calcul ate nunerator */

conpmul t (12, 0.0, k, -alphacy2, &nunreal, &nunm nmag);

conpt an(nunreal , numi mag, &nunreal, &num mag);

conpmul t (0.0, 1.0, nunreal, num mag, &nunreal, &nhum nag);
conpmul t (s2/ (rho*om), 0.0, k, -al phacy2, &t enpreal, & enpinag);
conpnul t (tenpreal, tenpimg, zcreal, zcimg, & enpreal, & enpinag);
nunr eal =nunr eal +t enpr eal ;

nuni mag=nuni mag+t enpi mag;

/* Cal cul ate denominator */

conpmul t (12, 0.0, k, -alphacy2, &denreal, &deninmag);

conpt an(denreal , deni mag, &denreal, &deni mag);

conpmul t (0.0, s2/(rho*om), denreal, denimag, &denreal, &deninag);
conpmul t (k, -al phacy2, denreal, denimag, &denreal, &deninag);
conpmul t (zcreal , zcimg, denreal, deninag, &denreal, &deninag);
denr eal =denr eal +1. 0;

/* Cal cul ate whol e expression */

conpdi v(nunreal , numimag, denreal, denimg, &zbreal, &zbimag);
conpnul t (zbreal, zbimg, rho*om's2, 0.0, &zbreal, &zbimag);
conpdi v(zbreal, zbimag, k, -al phacy2, &zbreal, &zbi mag);

/* Calculation of zareal and zaimag */

/* Calcul ate nunerator */

conpmul t (11, 0.0, k, -alphacyl, &nunreal, &num nmag);

conpt an(nunreal , numi mag, &nunreal, &num mag);

conpmul t (0.0, 1.0, nunreal, num mag, &nunreal, &nhum nag);
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conpmul t (s1/ (rho*om), 0.0, k, -al phacyl, &t enpreal, & enpinag);
conpnul t (tenpreal , tenpimag, zbreal, zbimag, & enpreal, & enpinag);
nunr eal =nunr eal +t enpr eal ;

nuni mag=nuni mag+t enpi mag;

/* Cal cul ate denoni nator */

conpmul t (11, 0.0, k, -alphacyl, &denreal, &deninmag);

conpt an(denreal , denimag, &denreal, &deni mag);

conpmul t (0.0, s1/(rho*onm), denreal, denimag, &denreal, &deninag);
conpmul t (k, -al phacyl, denreal, denimag, &denreal, &deninag);
conpnul t (zbreal , zbimg, denreal, deninmag, &denreal, &denimag);
denr eal =denr eal +1. 0;

/* Cal cul ate whol e expression */

conpdi v(nunreal , nunmimag, denreal, denimg, &zareal, &zainmag);
conpnul t (zareal , zaimg, rho*om'sl, 0.0, &zareal, &zaimag);
conpdi v(zareal, zaimag, k, -al phacyl, &zareal, &zai mag);
fprintf(foutl, "%e %e\n", zareal, zaimag);

fprintf(fout2, "%f %e\n",

i/1000.0, sqrt(pow zareal,2.0)+powzaimg,?2.0)));

}

/‘k‘k‘k‘k‘k************************ Functlons ‘k‘k‘k‘k***********************l
/‘k‘k‘k‘k‘k************************ Con-pn-ult ‘k‘k‘k‘k‘k***********************l

voi d conpnult (doubl e aa, double bb, double cc, double dd,
doubl e *ee, double *ff)

doubl e real, inmag;
real =aa*cc- bb*dd;
i mg=bb*cc+aa*dd;
*ee=real ;
*ff=i mg;

/‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k***********************l
/‘k‘k‘k‘k‘k************************ Con-pdl Vv ‘k‘k‘k‘k‘k‘k***********************/

voi d conpdiv (doubl e aa, double bb, double cc, double dd,
doubl e *ee, double *ff)

doubl e real, inmag;

real =(aa*cc+bb*dd)/ (cc*cc+dd*dd);
i mg=(bb*cc-aa*dd)/ (cc*cc+dd*dd);
*ee=real;

*ff=i mg;

/‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k***********************l
/‘k‘k‘k‘k‘k************************ Con-ptan ‘k‘k‘k‘k‘k‘k***********************/

voi d conptan (doubl e aa, double bb, double *ee, double *ff)

doubl e real, inmag;

real =2*cos(aa) *si n(aa)/ (cosh(2*bb) +pow( cos(aa), 2) - pow(sin(aa), 2));
i mag=si nh(2*bb)/ (cosh(2*bb) +pow( cos(aa), 2)- powsin(aa), 2));
*ee=real;

*ff=i mg;

/‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k***********************l

B.4 Program to predict the sizeof a leak in a leaking
cylinder

/* PROGRAM TO PREDI CT THE SI ZE OF A LEAK I N A LEAKI NG CYLI NDER */
/* (OPEN AT ONE END) */

/* Include library files */

#incl ude <stdio.h>

#incl ude <math. h>

/* Declare functions */

void main (void);

voi d conpnult (doubl e aa, double bb, double cc, double dd,
doubl e *ee, double *ff);

voi d conpdiv (doubl e aa, double bb, double cc, double dd,
doubl e *ee, double *ff);

voi d conptan (doubl e aa, double bb, double *ee, double *ff);
[* Main program*/

void main (void)

{
FILE *fin, *fout;

char inpedcon{80], hol edata[ 80];
double 11, 12, r, S, Ih, rh, om rho, ¢, zbreal, zbimag,
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zcreal, zcimg, zhreal, zhimag, k, zareal, zaimag,

freq, nunreal, num mag, denreal, deninag, i=0, gamma,

cp, n, kappa, ternl, tern®, acubic, bcubic, ccubic,

al phacy=0, al phahrh=0, tenpreal, tempimag, R Q

theta, rhl, rh2, rh3;

printf(" PROGRAM TO PREDI CT THE SI ZE OF A LEAK IN A LEAKING');
printf("CYLINDER (open at one end)\n\n");

printf("Wat is the length of cylinder section 1? (in m\n");
scanf("%e", &1);

printf("Wat is the length of cylinder section 2? (in m\n");
scanf("%e", & 2);

printf("Wat is the cylinder radius? (in m\n");

scanf ("%e", &);

S=M_PI *pow(r, 2.0);

printf("Wat is the depth of the leak (in m?2\n");
printf("i.e. the cylinder wall thickness\n");

scanf("%e", &h);

printf("Wat is the air density (try 1.21)?\n");

scanf("%e", &rho);

printf("Wat is the speed of sound (in m's)?\n");

scanf ("%e", &c);

printf("Wat is the value of the ratio of specific heats of ");
printf("air (gamma) ? \n(try 1.4)\n");

scanf ("% e", &gammm);

printf("Wat is the value of the specific heat of air at constant");
printf(" pressure (cp) ? \n(try 1400)\n");

scanf ("% e", &cp);

printf("Wat is the value of the coefficient of shear viscosity");
printf(" of air (n) ? \n (try 0.0000181)\n");

scanf ("%e", &n);

printf("Wat is the value of the thermal conductivity of ");
printf("air (kappa) ? \n(try 0.024)\n");

scanf ("% e", &kappa);

printf("Wat is the frequency spacing (in Hz)\n");
printf("i.e. resolution of inpedance curve?\n");

scanf("%e", &req);

/* Read in filename and open file containing |eaking cylinder */
/* conpl ex i npedance data */

printf("Enter the name of the conplex inpedance file\n");
scanf ("9%", inpedcon);

if ((fin=fopen(inpedcom"r"))==0){

printf("Unable to open\n");

return;

/* Read in filename and open file for hole radius predictions */
printf("Enter the name of the file for the hole radius\n");
printf("predictions\n");

scanf ("9%", holedata);

fout =f open(hol edata, "w');

/* Main loop */

/* Read in conplex inmpedance */

while ((fscanf(fin, "%e %e", &areal, &zai mag)==2)&&(i<5050)){
i f(i==0){

fscanf(fin, "%e %e", &zareal, &zainmag);

i =i +1. 0*freq;

}

onF2. 0*M Pl *i ;

k=onl c;

terml=sqrt((n*om/(2.0*rho));

tern2=(gamma- 1. 0) *sqrt ( (kappa*on) /(2. 0*rho*cp));

al phacy=(termi+ternR)/(r*c);

al phahr h=(t er mi+t ern2)/ c;

/* Calculation of zbreal and zbinmag */

/* Calcul ate nunerator */

conpmul t (k, -al phacy, 11, 0.0, &unreal, &nhum nag);

conpt an(nunreal , numi mag, &nunreal, &num mag);
conpmul t (nunreal, nummag, 0.0, -rho*onl S, &nunreal, &nuninmag);
conpdi v(nunreal , numimag, k, -al phacy, &nunreal, &nuninag);
nunt eal =nunt eal +zareal ;

num mag=num mag+zai mg;

/* Cal cul ate denoni nator */

conpmul t (k, -al phacy, 11, 0.0, &denreal, &deninag);

conpt an(denreal , deni mag, &denreal, &deni mag);
conpnul t (denreal , denimag, 0.0, -S/(rho*on), &denreal, &deninag);
conpmul t (denreal , deni mag, zareal, zainmag, &denreal, &deninag);
conpnul t (denreal , deni mag, k, -al phacy, &denreal, &deni mag);
denr eal =denr eal +1. 0;

/* Cal cul ate whol e expression */
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conpdi v(nunreal , nunmimag, denreal, denimg, &zbreal, &zbimag);
/* Calculation of zcreal and zcimg */

/* Calcul ate nunerator */

conpmul t (k, -al phacy, 12, 0.0, &unreal, &nhum nag);

conpt an(nunreal , numi mag, &nunreal, &num mag);

conpmul t (k, -al phacy, 0.6*r, 0.0, &enpreal, &t enpimg);

nunr eal =nunr eal +t enpr eal ;

nuni mag=nuni mag+t enpi mag;

conpmul t (0.0, 1.0, nunreal, num mag, &nunreal, &nhum nag);
conpmul t (k, -al phacy, k, -alphacy, & enpreal, & enpinag);
conpmul t (0. 25*r*r, 0.0, tenpreal, tenpimg, & enpreal, & enpinag);
nunr eal =nunr eal +t enpr eal ;

nuni mag=nuni mag+t enpi mag;

/* Cal cul ate denoni nator */

conpmul t (k, -al phacy, 12, 0.0, &denreal, &deninag);

conpt an(denreal , deni mag, &denreal, &deni mag);

conpmul t (0. 25*r*r, 0.0, denreal, deninmag, &denreal, &deninag);
conpmul t (k, -al phacy, k, -alphacy, &t enpreal, & enpinag);
conpnul t (denreal , deni mag, tenpreal, tenpinag, &denreal, &denimag);
conpmul t (0.0, 1.0, denreal, denimag, &denreal, &deninag);
conpmul t (k, -al phacy, 12, 0.0, &enpreal, & enpinag);
conptan(tenpreal, tenpimag, & enpreal, &t enpimg);
conpmul t (-0.6*r, 0.0, tenpreal, tenpinag, & enpreal, &t enpimg);
conpmul t (k, -al phacy, tenpreal, tenpinag, & enpreal, &t enpimg);
denr eal =denr eal +t enpreal ;

deni mag=deni mag+t enpi nag;

denr eal =denr eal +1. 0;

/* Cal cul ate whol e expression */

conpdi v(nunreal , nunmimag, denreal, denimg, &zcreal, &zcimag);
conpmul t (zcreal , zcimg, rho*om'S, 0.0, &zcreal, &zcimag);
conpdi v(zcreal, zcinmag, k, -al phacy, &zcreal, &zcimg);

/* Calculate zh fromzb and zc */

conpnul t (zcreal , zcimg, zbreal, zbimag, &unreal, &num nag);
denreal =zcreal - zbreal ;

deni mag=zci mag- zbi nag;

conpdi v(nunreal , numimag, denreal, denimg, &zhreal, &zhimag);
/* Solve cubic equation */

/* Cal cul ate acubic, bcubic and ccubic */

acubi c=(zhi mag*M Pl *r*r*1.724)/ (rho*on;

bcubi ¢=(0. 431*r*r*al phahrh)- (2. 75*r*r);

ccubi c=-1.724*| h*r*r;

/* Calculate Q and R */

Q=(acubi c*acubi c- 3. 0*bcubi ¢)/9. 0;

R=(2. 0* pow acubi c, 3. 0) - 9. 0*acubi c*bcubi c+27. 0* ccubi c) / 54. 0;

/* Find cube roots using Q and R */

if ((pow(R 2.0))<(pow(Q 3.0))){

theta=acos(R/ (pow(Q 1.5)));

rhl=-2.0*pow(Q 0.5) *cos(theta/3.0)-acubic/3.0;

rh2=-2.0*pow(Q 0. 5) *cos((theta+2.0*M PI')/3.0)-acubic/3.0;
rh3=-2.0*pow(Q 0. 5) *cos((theta-2.0*M PI)/3.0)-acubic/3.0;

}

el se{

printf("At %fHz the cube root can't be found this way\n", i);

/* Print out to file the required cube root (the predicted */
/* hole radius) and the frequency at which it was calculated */
fprintf(fout, "%e %e\n", i, rh2);

i =i tfreq;

/***************************** Functlons ***************************/
/***************************** Con-pn-ult ****************************/

voi d conpnult (doubl e aa, double bb, double cc, double dd,
doubl e *ee, double *ff)

doubl e real, inmag;
real =aa*cc- bb*dd;
i mg=bb*cc+aa*dd;
*ee=real ;
*ff=i mg;

/********************************************************************/
/***************************** Con-pdl v ******************************/

voi d conpdiv (doubl e aa, double bb, double cc, double dd,
doubl e *ee, double *ff)

doubl e real, inmag;
real =(aa*cc+bb*dd)/ (cc*cc+dd*dd);
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i mg=(bb*cc-aa*dd)/ (cc*cc+dd*dd)
*ee=real
*ff=i mg

/‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k***********************l
/‘k‘k‘k‘k‘k************************ Con-p

voi d conptan (doubl e aa, double bb, double *ee, double *ff)

tan ‘k‘k‘k‘k‘k‘k‘k***********************l

doubl e real, inmag

real =2*cos(aa) *si n(aa)/ (cosh(2*bb) +pow( cos(aa), 2) - pow(sin(aa), 2))
i mag=si nh(2*bb)/ (cosh(2*bb) +pow( cos(aa), 2) - pow(si n(aa), 2))
*ee=real

*ff=i mg

/‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k***********************l

B.5 Programto find the input impulse responseof the
loudspealer

/* PROGRAM TO FIND THE | NPUT | MPULSE RESPONSE OF THE LOUDSPEAKER */
/* The DI A converter sends out voltages in the -5V to +5V range. */
/* (thus 0=-5V, 2048=0V and 4095=+5V) */

/* The A/D converter sanples voltages in the -5V to +5V range. */

/* (thus 0=-5V, 2048=0V and 4095=+5V) */

/* Include library files */

#incl ude <math. h>

#incl ude <stdio.h>

#include <stdlib.h>

#i ncl ude <conio. h>

#incl ude "c:\dagbook\ dos\ bc\ dagbook. h'

#include <alloc. h>

#define SWAP(a, b) tenmpr=(a)
/* Declare functions */
voi d df our1(doubl e data[], unsigned long nn, int isign)
voi d nyfft(double real[], double img[],

unsi gned | ong sanp_num int isign)

void _far _pascal nyhandler(int error_code)

[* Main program*/

voi d mai n(voi d)

(a)=(b); (b)=tenpr

{

FILE *foutl, *fout2, *fout3, *fout4, *foutb,
int i, y, ipstart, iobstart, isfstart
double c, temp, del, obstart, sfstart, om rv, v, A B, C D, E
stlength, stradius, alpha, vpinv, sum

static char filennl[80], filenn2[80]

static char filennB[80], filenm[80], filennb[80], filennb[80]
static double a[41][41], G tenpval

/* Set up arrays using pointers */

float huge *sanple

unsi gned int huge *waveBuf

unsi gned int huge *buf

float huge *bufav

*fout 6

doubl e huge
doubl e huge
doubl e huge
doubl e huge
doubl e huge
doubl e huge
doubl e huge
doubl e huge
doubl e huge
doubl e huge
doubl e huge
doubl e huge
doubl e huge

*orreal
*ori mag;
*apr eal
*api mag;
*aut ocor;
*e;

*k;
*srreal
*srimg;
*sp2real
*sp2i mag
*| srreal
*| srimg

printf("PROGRAM TO FI ND THE LOUDSPEAKER | NPUT | MPULSE RESPONSE\ n\ n")
/* Set error handler and initialize DagBoard/ 100 */

daqgSet Er r Handl er (myhandl er)

dag ni t (PORT_0300, DMAS5+| NTERRUPT10) ;

daqgBr dSet DmaMode( DmaRead) ;

/* Read in filenames and open files */

printf("Wat do you wish to call the name of the ")

printf("file containing the full mcrophone output?\n")

scanf ("%", filenml)

fout 1=fopen(filenml, "w')
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printf("Wat do you wish to call the file containing the\n");
printf("reflection of the input pulse by the perspex)?\n");

scanf ("9%", filenn);

fout 2=fopen(filenn2, "wW');

printf("Wat do you wish to call the file containing the\n");
printf("reflected input pulse just prior to further reflection\n");
printf("by the speaker?\n");

scanf ("9%", filennB);

fout 3=fopen(filennB, "w');

printf("Wat do you wish to call the file containing the source ");
printf("reflections?\n");

scanf ("9%", filenmi);

fout 4=fopen(filenmd, "wW');

printf("Wat do you wish to call the file containing the source\n");
printf("reflections just at the exit of the |oudspeaker?\n");

scanf ("9%", filennb);

fout 5=f open(filennb, "wW');

printf("Wat do you wish to call the file containing the\n");
printf("loudspeaker input inpulse response?\n");

scanf ("9%", filennb);

fout 6=f open(filennd, "wW');

/* SAVPLI NG SECTI ON */

if( (waveBuf=farmalloc(4096*sizeof (int)) )==0){

perror("Mlloc failed\n");

exit(0);

}

if ( (buf=farmalloc(4096*sizeof(int)) )==0){
perror("Malloc failed\n");

exit(0);

}

if ( (bufav=farmalloc(4096*sizeof (float)) )==0){
perror("Malloc failed\n");

exit(0);

/* Setup waveforns for 20 uS update rate on DAC channel 0 only */
dagBr dDacSet Mbde( 20, DacFl FOChan0, 0);

/* Build a user wave - i.e. a 5V input pulse of 80uS long */

for (i=0; i<4; i++) {

waveBuf [i] = 4095;

}

for (i=4; i<4096; i++) {
waveBuf [i] = 2048;

]

/* Specify the user built waveformfor DAC channel 0 */
daqgBr dDacUser ave(0, (unsigned int far *)waveBuf, 4096);
for (y=0; y<4096; y++){

buf av[y] =0. 0;

/* Sends out pulse and sanples result 1000 tines */

/* (samples then averaged) */

for (i=0; i<1000; i++){

/* Set output voltage to OV */

dagDacW (0, 2048) ;

/* Delay before playing pulse to ensure all signal died away */
del ay(1000);

/* Set up the background sanpling */

/* a) Reads fromchannel 0 at Dgai nX1 */

dagAdcSet Mux( 0, 0, Dgai nX1) ;

/* b) No tagged data */

dagAdcSet Tag(0);

/* ¢) Set sanpling frequency = 50kHz */

dagAdcSet Fr eq(50000) ;

/* d) Set to trigger froma software comand */

dagAdcSet Tri g( Dt sSoftware, 0,0, 0, 0) ;

/* Start background sanpling. The sanpled data is read into */
/* an array called buf (DMAis used to send data to conputer) */
dagAdcRdNBack( (unsigned int far *) buf, 4096, 0, DusDm);
dagAdcSoft Trig();

[* Start output waveform */

dagBrdDacStart();

/* Introduce a delay to ensure all output and input has */

/* stopped before the dagBoard i s stopped */

del ay(100);

/* Stop output waveform */

daqgBr dDacSt op() ;

for (y=0; y<4096; y++){

buf av[ y] =buf av[ y] +buf [ y] / 1000. 0;

}
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/* Close and exit */

daqd ose();

farfree(waveBuf);

/* PROCESSI NG DATA SECTI ON */

/* Print averaged data to a file */

if ( (sanple=farmalloc(4096*sizeof (float)) )==0){
perror("Mlloc failed\n");

exit(0);

}

for (y=0; y<4096; y++){

/* Use 2048-buf[], in order to invert signal (after */
/* inversion by anplifier) and to position around y=0 line. */
/* Need to divide by 16.0 because DMA is 16bit */
sanpl e[ y] =2048- buf av[y]/ 16. 0;

}

for (y=0; y<4096; y++){

fprintf(foutl, "% %\n", y, sanple[y]);
}

farfree(buf);

farfree(bufav);

/* Find where input sound pul se passes m crophone (define */
/* starting point of input pulse as two sanples before the */
/* level rises above 100 - out of a possible 2048) */

for (y=0; y<4096; y++){

if (sanple[y]>100){

i pstart=y-2;

br eak;

!

printf("Input sound pulse first apparent at %\ n", ipstart);

/* Cal cul ate where object and source reflections should start */
/* a) Calcul ate speed of sound fromtenperature */

printf("Wat is the tenperature in degrees C\n");

scanf ("% f", & enp);

c=331.6*(sqrt ((tenp+273.0)/273.0));

/* b) Calculate the delay before object reflections (reflection */
/* of input pul se by perspex) arrive */

/* Length of tube = 2*12 = 6.18m*/

obstart=i pstart+6. 18/ (0. 00002*c);

/* ¢) Round up or down to nearest integer */

i obstart=obstart;

if ((obstart-iobstart)>=0.5){

i obstart ++;

printf("Cbject reflections first apparent at %l\n", iobstart);
[* d) Calculate time taken for signal to travel */

[* length 2*(11+12) = 6.192m) */

del =2. 0* (6. 192/ (c*0. 00002) ) ;

printf("Delay=%f\n", del);

/* e) Calculate where the source reflections should start */
sfstart=i pstart+del ;

/* f) Round up or down to nearest integer */

isfstart=sfstart;

if ((sfstart-isfstart)>=0.5){

isfstart+t+,

}

printf("Source reflections first apparent at %l\n", isfstart);
/* CALCULATE LOUDSPEAKER REFLECTI ON RESPONSE */

/* Isolate object reflections - put into a 512 array */

/* ready for FFTing */

if ( (orreal=farmalloc(512*sizeof (double)) )==0){
perror("Mlloc failed\n");

exit(0);

}

if ( (orimag=farmalloc(512*sizeof (double)) )==0){
perror("Malloc failed\n");

exit(0);

}

for (i=0; i<512; i++){

orreal [i]=sanmple[iobstart+i];

orimag[i]=0;

for (i=0; i<512; i++){
fprintf(fout2, "% %f\n", i, orreal[i]);

/* FFT the array of object reflections */
myfft((double far *) orreal, (double far *) orimag, 512, -1);
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/* Correct scaling */
for (i=0; i<512; i++){
orreal [i]=orreal [i]*sqrt(512.0);
orimag[i]=orimag[i]*sqrt(512.0);

/* lsolate the source reflections - put into a 512 array */
if ( (srreal=farmalloc(512*sizeof (double)) )==0){
perror("Mlloc failed\n");

exit(0);

}

if ( (srimag=farmalloc(512*sizeof (double)) )==0){
perror("Malloc failed\n");

exit(0);

}

for (i=0; i<512; i++){
srreal [i]=sanmple[i+isfstart];
srimag[i]=0.0;

farfree(sanple);
for (i=0; i<512; i++){
fprintf(foutd4, "o%d 9%f\n", i, srreal[i]);

/* FFT source reflections */

myfft((double far *) srreal, (double far *) srimag, 512, -1);
/* Correct scaling */

for (i=0; i<512; i++){

srreal [i]=srreal [i]*sqrt(512.0);
srimag[i]=srimag[i]*sqrt(512.0);

/* Create all-pole model filter for tube length 11 */
/* a) Make first point = 1+0j */

if ( (apreal=farmalloc(512*sizeof (double)) )==0){
perror("Mlloc failed\in");

exit(0);

}

if ( (apimg=farmalloc(512*sizeof (double)) )==0){
perror("Malloc failed\n");

exit(0);

}

apreal [0] =1. 0;

api mag[ 0] =0. 0;

st engt h=3. 102;

stradi us=0. 0048;

/* b) Calcul ate continous expression over a vector of 257 points */
/* (point 0=0Hz, point 256=25000Hz */

for (i=1; i<257; i++){

ome2. 0*M_PI *i *25000. 0/ 256. 0;

rv=stradius*sqrt(1.21*om 0.0000181);

v=sqrt (0. 0000181*1400. 0/ 0. 024) ;
A=(1.0+(0.4/v))/sqrt(2.0);

B=1. 0+(0. 4/v)-0.5*(0. 4/ (v*v))-0.5*pow( (0.4/v),2.0);
C=7.0/8.0+(0.4/v)-0.5%(0. 4/ (v*v));
C=C-(1.0/8.0)*(0.4/(pow(v,3.0)));

C=C- 0. 5*pow( (0. 4/v), 2.0)+0. 5%*(pow( 0. 4,2.0)/pow( Vv, 3.0));
C=C+0. 5*pow( (0. 4/v),3.0);

C=C/'sqrt(2.0);

D=A;

E=C,

al pha=(om c)*((A/ rv) +(B/ pow(rv, 2.0))+(C pow(rv,3.0)));
vpinv=(1.0/c)*(1.0+(D rv) +(E/ pow(rv,3.0)));

apreal [i]=exp(-al pha*stlength)*cos(-onfvpinv*stlength);
api mag[i] =exp(-al pha*stl ength)*sin(-onfvpinv*stlength);

/* c) Make point 256 entirely real by putting real part=magnitude */
apreal [ 256] =sqrt (pow( apr eal [ 256] , 2. 0) +pow( api mag[ 256],2.0));

api mag[ 256] =0. 0;

/* d) Concatenate vector */

for (i=257; i<512; i++){

apreal [i]=apreal [512-i];

api mag[i]=-api mg[512-i];

/* e) Inverse FFT the continuous expression */
myfft((double far *) apreal, (double far *) apimag, 512, 1);
[* f) Correct scaling of FFT */

for (i=0; i<512; i++){

apreal [i]=apreal [i]/sqrt(512.0);

api mag[i]=apimag[i]/sqrt(512.0);

}

165



/* g) Calculate autocorrelation function */

if ( (autocor=farmalloc(512*sizeof (double)) )==0){
perror("Mlloc failed\n");

exit(0);

}

for (i=0; i<512; i++){

autocor[i]=0.0;

for (y=0; y<512; y++){

if (y<(512-i)){
autocor[i]=autocor[i]+apreal [y]*apreal [y+i];

el sef
autocor[i]=autocor[i]+apreal [y] *apreal [y+i-512];

!

/* h) Calculate a values */

if ( (e=farmalloc(41*sizeof (double)) )==0){
perror("Mlloc failed\in");

exit(0);

}

if ( (k=farmalloc(41*sizeof (double)) )==0){
perror("Malloc failed\n");

exit(0);

}

e[ 0] =aut ocor[ 0] ;

k[ 1] =-autocor[1]/e[0];

a[ 1] [1] =k[1];

e[ 1] =(1. 0- pow(k[ 1], 2. 0)) *e[ 0] ;
for (i=2; i<41; i++){

sunx0. 0;

for (y=1; y<i; y+){

sumrsumra y] [i - 1] *aut ocor[i-y];

-(autocor[i]+sum/e[i-1];
i1=k[i];

e[i]=(1.0-powk[i],2.0))*e[i-1];

farfree(e);

farfree(k);

/* i) Calculate gain G*/
Gmaut ocor[0];

for (i=1;, i<41; i++){
G=G+a[i][40] *autocor[i];

Gsqrt(G);

farfree(autocor);

/* j) Calculate A(z) (put in apreal, apinmag) */
apreal [0] =1. 0;

api mag[ 0] =0. 0;

for(i=1; i<41; i++){

apreal [i]=a[i][40];

api mg[i]=0.0;

%or(i =41; i<512; i++){
apreal [i]=0.0;

api mg[i]=0.0;

}

/* k) Fourier transformto calculate A(z) */

myfft((double far *) apreal, (double far *) apimg, 512, -1);
/* 1) Correct scaling and calculate H(z) */

for (i=0; i<512; i++){

apreal [i]=apreal [i]*sqrt(512.0);

api mag[i]=api mag[i]*sqrt(512.0);

tenpval =apreal [i];
apreal [i]=CGapreal [

[ 1,2.0));
api mag[i] =- G api mg[

1/ (pow( apreal [i], 2. 0)+pow api mag[ i
i1/ i1,2.0));

(pow(tenpval , 2. 0) +pow( api mag[

/* Need to deconvol ve source reflections with all pole filter for */
/* tube length I'1, to find what | ook like at exit of |oudspeaker. */
if ( (sp2real =farmalloc(512*sizeof (double)) )==0){

perror("Mlloc failed\in");

exit(0);

%f ( (sp2i mag=farmal | oc(512*si zeof (doubl e)) )==0){
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perror("Malloc failed\n");
exit(0);

/* Conpl ex division of source reflections and all pole filter */
for (i=0; i<512; i++){

sp2real [i]=srreal [i]*apreal [i]+srimag[i]*apimg[i];

sp2real [i]=sp2real [i]/(pow apreal [i],2.0)+pow(api mag[i], 2.0)+0.01);
sp2imag[i]=srimg[i]*apreal [i]-srreal [i]*apimg[i];

sp2i mag[i]=sp2imag[i]/(pow apreal [i],2.0)+pow(api mag[i], 2.0)+0.01);

farfree(srreal);

farfree(srimg);

/* Inverse fft for plotting purposes */

myfft( (double far *) sp2real, (double far *) sp2img, 512, 1);
for (i=0; i<512; i++){

fprintf(fout5 "% %f\n", i, sp2real[i]/sqrt(512.0));

myfft( (double far *) sp2real, (double far *) sp2img, 512, -1);
/* Need to convolve the object reflections with all-pole filter */
/* for tube length 11, to find out what Iook |ike at input of */
/* | oudspeaker */

/* Miltiply allpole filter with the isolated object reflections */
for (i=0; i<512; i++){

tenpval =apreal [i];

apreal [i]=apreal
api mag[i] =api mag

[i]*orreal [i]-apimg[i]*orimg[i];
[i]*orreal [i]+tenpval *orimag[i];
farfree(orreal);

farfree(orimg);

nmyfft((double far *) apreal, (double far *) apimg, 512, 1);
for (i=0; i<512; i++){

fprintf(fout3, "% %f\n", i, apreal[i]/sqrt(512.0));

}

myfft((double far *) apreal, (double far *) apimg, 512, -1);

/* Deconvol ve source reflections at exit of speaker with object */
/* reflections at input to speaker, to find the |oudspeaker input */
/* inpul se response */

if ( (Isrreal=farmalloc(512*sizeof (double)) )==0){

perror("Malloc failed\n");

exit(0);

}

if ( (Isrimg=farmalloc(512*sizeof (double)) )==0){
perror("Malloc failed\n");

exit(0);

}

/* Conpl ex division */

for (i=0; i<512; i++){

I'srreal [i]=sp2real [i]*apreal [i]+sp2i mag[i]
Isrreal [i]=Isrreal[i]/(powapreal[i],2.0)+
pow( api mag[i], 2. 0) +100000. 0) ;
I'srimag[i]=sp2imag[i]*apreal [i]-sp2real [i]*apimg[i];
Isrimag[i]=Isrimag[i]/(powapreal[i],2.0)+

pow( api mag[i], 2. 0) +100000. 0) ;

*api mag[i];

farfree(apreal);

farfree(api mg);

for (i=0; i<512; i++){

fprintf(fout6, "%f 9%f\n", Isrreal[i],|srimag[i]);

farfree
farfree
farfree
farfree

I'srreal);
I'srimg);
sp2real);
sp2i mag) ;

PPLPlely

/************************** nyhandl er ******************************/

void _far _pascal
myhandl er (i nt error_code)

{

printf("\nError! Aborted\ nDagBook/ 100 Error: Ox%\n",error_code);
daqd ose();

exit(1);

/*******************************************************************/
/**************************** nryfft ********************************/

voi d nyfft(double real[], double img[],
unsi gned | ong sanp_num int isign)

int i=0;
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static doubl e data[ 2¥*512+1];

for (i=1; i<(2*sanp_numtl); i=i+2){
datali]=real [(i-1)/2];
data[i+1]=img[(i-1)/2];

}

df our 1(data, sanp_num isign);

for (i=1; i<(2*sanp_numtl); i=i+2){
real [ (i-1)/2]=data[i]/sqrt(sanp_nun;
imag[ (i-1)/2])=data[i+1]/sqrt(samp_num;
}

/‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k***********************l

/********************** dfourl (Nun-erlcal Rec' pes) *****************/
voi d df our1(doubl e data[], unsigned long nn, int isign)

unsigned long n,nmax, mj,istep,i;
doubl e wt enp, wr, wpr, wpi , Wi , t het a;
doubl e tenpr,tenpi;

n=nn << 1,

=1

for (i=1;i<n;i+=2) {
if (j >i) {

SWAP(data[j],data[i]);
SWAP(dat a[ j +1] , data]i +1]);
}

men >> 1,

while (m>=2&&j >m {
j-=m

m >>= ]_’

}

J +=m

}

max=2;

while (n > mmx) {

i step=mmax << 1;

t het a=i si gn*( 6. 28318530717959/ mmax) ;
wt enp=si n(0.5*t heta);

wpr = -2.0%wt emp*wt enp;

wpi =si n(theta);

w =1.0;

wi =0. 0;

for (mrl; nkmmax; m=2) {

for (i=mi<=n;i+=istep) {

j =i +mmax;

tempr=wr*data[j]-w *data[j +1];
tempi =w*data[j +1] +wi *data[j];
data[j]=data[i]-tenpr;
data[j+1] =data[i+1]-tenpi;
data[i] += tenpr;

data[i+l] += tenpi;

}

wr=( Wt enp=wr ) *wpr - Wi *wpi +wr;
Wi =W Fwpr +wt enprwpi +wi

max=i st ep;

!

/‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k***********************l

B.6 Program to find the relationship betweenthe elec-
trical input and the pressue output for the loud-
spealer

/* PROGRAM TO FI ND RELATI ONSHI P BETWEEN ELECTRI CAL | NPUT AND PRESSURE */
/* QUTPUT FOR LOUDSPEAKER */

/* The DI A converter sends out voltages in the -5V to +5V range. */
/* (thus 0=-5V, 2048=0V and 4095=+5V) */

/* The A/D converter sanples voltages in the -5V to +5V range. */

/* (thus 0=-5V, 2048=0V and 4095=+5V) */

/*Include library files */

#incl ude <math. h>

#incl ude <stdio.h>

#include <stdlib.h>

#i ncl ude <conio. h>
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#incl ude "c:\dagbook\ dos\ bc\ dagbook. h'

#include <alloc. h>

#define SWAP(a, b) tenpr=(a); (a)=(h);

/* Declare functions */

voi d df our1(doubl e data[], unsigned long nn, int isign)
void nyfft(double real[], double img[],

unsi gned | ong sanp_num int isign)

void _far _pascal nyhandler(int error_code)

[* Main program*/

voi d mai n(voi d)

(b) =t enpr

{

FILE *foutl, *fout2, *fout3,
int i, y, ipstart, iobstart
double c, tenp, obstart, om rv, v, A B, C, D, E stlength
stradius, alpha, vpinv, sum

static char filennml[80], filenn2[80], filennB[80], filenmi[80]
static double a[41][41], G tenpval

/* Set up arrays using pointers */

float huge *sanple

unsi gned int huge *waveBuf

unsi gned int huge *buf

float huge *bufav

*fout4

doubl e huge
doubl e huge
doubl e huge
doubl e huge
doubl e huge
doubl e huge
doubl e huge
doubl e huge
doubl e huge
doubl e huge
doubl e huge
doubl e huge
doubl e huge

*orreal
*ori mag;
*apr eal
*api mag;
*aut ocor;
*e;

*k’
*splreal
*spli mag
*epr eal
*epi mag;
*| spreal
*| spi mag

printf("PROGRAM TO FI ND RELATI ONSHI P BETWEEN ELECTRI CAL | NPUT\n");
printf("AND PRESSURE QUTPUT FOR LOUDSPEAKER \n");

/* Set error handler and initialize DagBoard/ 100 */

daqgSet Er r Handl er (myhandl er)

daql ni t (PORT_0300, DNAS+l NTERRUPT10)

daqgBr dSet DmaMode( DmaRead) ;

/* Read in filenames and open files */

printf("Wat do you wish to call the name of the ")
printf("file containing the full mcrophone output?\n")
scanf ("%", filenml)

fout 1=f open(filennml, "w')

printf("Wat do you wish to call the file containing the\n")
printf("reflection of the input pulse by the perspex?\n")
scanf ("%", filennR)

fout 2=f open(filenn2, "w')

printf("Wat do you wish to call the file containing the\n")
printf("input pulse just after production by the |oudpeaker?\n")
scanf (" %", filennB)

fout 3=fopen(filenn8, "w')

printf("Wat do you wish to call the file containing the\n")
printf("loudspeaker electrical production response?\n")
scanf (" %", filenml)

fout 4=fopen(filenmt, "w')

/* SAMPLI NG SECTI ON */

if( (waveBuf=farmalloc(4096*sizeof (int)) )==0){
perror("Mlloc failed\in");

exit(0);

}

if ( (buf=farmalloc(4096*sizeof (int)) )==0){
perror("Malloc failed\n");

exit(0);

}

if ( (bufav=farmalloc(4096*sizeof (float)) )==0){
perror("Malloc failed\n");

exit(0);

}

/* Setup wavefornms for 20 uS update rate on DAC channel 0 only */
dagBr dDacSet Mode( 20, DacFl FOChan0, 0);

/* Build a user wave - i.e. a 80uS small voltage input pulse */
for (i=0; i<4; i++) {

waveBuf [i1] = 2148,

for (i=4; i<4096; i++) {
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waveBuf [i1] = 2048,
}

/* Specify the user built waveformfor DAC channel 0 */
daqgBr dDacUser Wave(0, (unsigned int far *)waveBuf, 4096);
for (y=0; y<4096; y++){

buf av[y] =0. 0;

/* Sends pul se and sanples result 1000 tines */

/* (samples are then averaged) */

for (i=0; i<1000; i++){

/* Set output voltage equal to OV */

dagDacW (0, 2048) ;

/* Delay before playing pulse to ensure signal died away */
del ay(1000);

/* Set up the background sanpling */

/* a) Set scan sequence - reads fromchannel at */

/* Dgai nX1 */

dagAdcSet Mux( 0, 0, Dgai nX1) ;

/* b) No tagged data */

dagAdcSet Tag(0);

/* ¢) Set sanpling frequency = 50kHz */

dagAdcSet Freq(50000) ;

/* d) Set to trigger froma software command */

dagAdcSet Tri g( Dt sSoftware, 0,0, 0, 0);

/* Start background sanpling. Sanpled data read into an */
/* array called buf using DMA to send data to conmputer */
dagAdcRdNBack( (unsigned int far *) buf, 4096, 0, DusDm);
dagAdcSoft Trig();

[* Start output waveform */

dagBrdDacStart();

/* Introduce a delay to ensure all output and input has */
/* stopped before the dagBoard i s stopped */

del ay(100);

/* Stop output waveform */

dagBr dDacSt op() ;

for (y=0; y<4096; y++){

buf av[ y] =buf av[y] +buf [ y] / 1000. 0;

}

/* Close and exit */

daqd ose();

farfree(waveBuf);

/* PROCESSI NG DATA SECTI ON */

/* Print averaged data to a file */

if ( (sanple=farmalloc(4096*sizeof (float)) )==0){
perror("Malloc failed\n");

exit(0);

}

for (y=0; y<4096; y++){

/* \W use 2048-buf[], in order to invert signal (after */

/* inversion by anplifier) and to position around y=0 line. */
/* Need to divide by 16.0 because DMA is 16bit */

sanpl e[ y] =2048- buf av[y]/ 16. 0;

for (y=0; y<4096; y++){
fprintf(foutl, "% %\n", y, sanmple[y]);

}

farfree(buf);

farfree(bufav);

/* Find where input sound pul se passes m crophone (define */

/* starting point of input pulse as two sanples before the level */
/* rises above 100 - out of a possible 2048) */

for (y=0; y<4096; y++){

if (sanple[y]>100){

i pstart=y-2;

br eak;

!

printf("Input sound pulse first apparent at %\ n", ipstart);

/* Calcul ate where object reflections (i.e. reflection of input */
/* pul se by perspex) should start */

/* a) Calcul ate speed of sound fromtenperature */

printf("Wat is the tenperature in degrees C\n");

scanf ("% f", & enp);

c=331.6*(sqrt ((tenp+273.0)/273.0));

/* b) Calculate the delay before object reflections arrive */

/* Length of tube = 2*12 = 6.18m*/

obstart=i pstart+6. 18/ (0. 00002*c);
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/* ¢) Round up or down to nearest integer */
i obstart=obstart;

if ((obstart-iobstart)>=0.5){

i obstart ++;

printf("Chject reflections first apparent at %l\n", iobstart);
/* CALCULATE LOUDSPEAKER PRODUCTI ON RESPONSE */

/* lsolate object reflections - put into a 512 array */

/* ready for FFTing */

if ( (orreal=farmalloc(512*sizeof (double)) )==0){
perror("Malloc failed\n");

exit(0);

}

if ( (orimag=farmalloc(512*sizeof (double)) )==0){
perror("Malloc failed\n");

exit(0);

}

for (i=0; i<512; i++){
orreal [i]=sanmple[iobstart+i];
orimag[i]=0;

for (i=0; i<512; i++){
fprintf(fout2, "% %f\n", i, orreal[i]);

/* FFT the array of object reflections */

myfft((double far *) orreal, (double far *) orimag, 512, -1);
for (i=0; i<512; i++){

orreal [i]=orreal [i]*sqrt(512.0);
orimag[i]=orimag[i]*sqrt(512.0);

/* Create all-pole model filter for tube length | 1+2*12 */
/* a) Make first point = 1+0j */

if ( (apreal=farmalloc(512*sizeof (double)) )==0){
perror("Mlloc failed\in");

exit(0);

}

if ( (api mg=farmalloc(512*sizeof (double)) )==0){
perror("Malloc failed\n");

exit(0);

apreal [0] 0

api mag[ 0] =0. 0;

stlengt h=3. 102+2. 0*3. 09;

stradi us=0. 0048;

/* b) Cal cul ate continous expression on a vector of 257 points */
/% (point 0=0Hz, point 256=25000Hz */

for (i=1; i<257; i++){

ome2. 0*M_PI *i *25000. 0/ 256. 0;

rv=stradi us*sqrt (1. 21*onf 0. 0000181) ;

v=sqrt (0. 0000181*1400. 0/ 0. 024) ;
A=(1.0+(0.4/v))/sqrt(2.0);

B=1. 0+(0. 4/v)-0.5*(0. 4/ (v*v))-0.5*pow( (0.4/v),2.0);
C=7.0/8.0+(0.4/v)-0.5%(0. 4/ (v*v));
C=C-(1.0/8.0)*(0.4/(pow(v,3.0)));

C=C- 0. 5*pow( (0. 4/v), 2.0)+0. 5*(pow( 0. 4,2.0)/pow( Vv, 3.0));
C=C+0. 5*pow( (0. 4/v),3.0);

C=C'sqrt(2.0);

D=A,

E=C,

al pha=(oni c) *((A rv)+(B/ pow(rv, 2. 0))+(C pow(rv,3.0)));
vpinv=(1.0/c)*(1.0+(D/ rv) +(E/ pow(rv,3.0)));

apreal [i]=exp(-al pha*st|ength)*cos(-ontvpinv*stlength);
api mag[i] =exp(-al pha*stl ength)*sin(-onfvpinv*stlength);

}

/* ¢) Make point 256 real by putting real part=magnitude */
apreal [ 256] =sqrt (pow( apr eal [ 256] , 2. 0) +pow( api mag[ 256],2.0));
api mag[ 256] =0. 0;

/* d) Concatenate vector */

for (i=257; i<512; i++){

apreal [i]=apreal [512-i];

api mag[i]=-api mg[512-i];

/* e) Inverse FFT the continuous expression */
myfft((double far *) apreal, (double far *) apimag, 512, 1);
[* f) Correct scaling of FFT */

for (i=0; i<512; i++){

apreal [i]=apreal [i]/sqrt(512.0);

api mag[i]=apimag[i]/sqrt(512.0);
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/* g) Calculate autocorrelation function */

if ( (autocor=farmalloc(512*sizeof (double)) )==0){
perror("Mlloc failed\in");

exit(0);

}

for (i=0; i<512; i++){

autocor[i]=0.0;

for (y=0; y<512; y++){

if (y<(512-i)){
autocor[i]=autocor[i]+apreal [y]*apreal [y+i];

el sef

autocor[i]=autocor[i] +apreal [y] *apreal [y+i-512];
}

}

/* h) Calculate a values */

if ( (e=farmalloc(41*sizeof (double)) )==0){
perror("Mlloc failed\n");

exit(0);

%f ( (k=farmalloc(41*sizeof (double)) )==0){
perror("Malloc failed\n");

exit(0);

}

aut ocor[ 0] ;
-autocor[1]/e[0];
[1]=k[1];

e[ 1] =(1. 0- pow(k[ 1], 2. 0)) *e[ 0] ;
for (i=2; i<41; i++){

sum=0. 0;

for (y=1; y<i; y++){

sumrsumra y] [i - 1] *aut ocor[i-y];

e[ 0]
k[ 1]
a[ 1]

k[i]=-(autocor[i]+sum/e[i-1];
a[i][i]:k[i];
for (y=1; y<i; y++){

[

r
f[y} i1=a[yl[i-1]+k[i]*a[i-y][i-1];
e[i]1=(1.0-powk[i],2.0))*e[i-1];

farfree(e);

farfree(k);

/* i) Calculate gain G*/
Gmaut ocor[ 0] ;

for (i=1; i<41; i++){
G=G+a[i][40] *autocor[i];
}

Gesqrt(Q;

farfree(autocor);

/* j) Calculate A(z) (put in apreal, apinmag) */
apreal [0] =1. 0;

api mag[ 0] =0. 0;

for(i=1; i<41; i++){

apreal [i]=a[i][40];

api mag[i]=0.0;

}

for(i=41; i<512; i++){
apreal [i]=0.0;

api mg[i]=0.0;

/* k) Fourier transformto calculate A(z) */

myfft((double far *) apreal, (double far *) apimg, 512, -1);
/* 1) Correct scaling and calculate H(z) */

for (i=0; i<512; i++){

apreal [i]=apreal [i]*sqrt(512.0);

api mag[i]=api mag[i]*sqrt(512.0);

tenmpval =apreal [i];
apreal [i]=Grapreal [i]/(powapreal [i],2.0)+pow api mag[i], 2.0));
api mag[i]=-Gapimg[i]/(powtenpval, 2.0)+pow api nag[i], 2.0));

/* Deconvol ve the FFTed object reflections with the calculated */
/* all pole filter */

if ( (splreal=farmalloc(512*sizeof (double)) )==0){
perror("Mlloc failed here\n");

exit(0);

}
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if ( (splimag=farmalloc(512*sizeof (double)) )==0){
perror("Malloc failed or here\n");
exit(0);

}

/* Conpl ex division */

for (i=0; i<512; i++){

splreal [i]=orreal [i]*apreal [i]+orimag[i]*apimg[i];
splreal [i]=splreal [i]/(pow apreal[i],2.0)+

pow( api mag[i], 2. 0) +0. 00001) ;
splimag[i]=orimag[i]*apreal [i]-orreal [i]*apimg[i];
splimag[i]=splimag[i]/(pow apreal[i],2.0)+

pow( api mag[i], 2. 0) +0. 00001) ;

farfree(apreal);

farfree(api mg);

/* Inverse transformfor plotting purposes*/

myfft( (double far *)splreal, (double far *)splimg, 512, 1);
for (i=0; i<512; i++){

fprintf(fout3, "% %f\n", i, splreal[i]/sqrt(512.0));

/* Forward transformto return to position before plotting */
myfft( (double far *) splreal, (double far *)splimg, 512, -1);
/* Create electrical pulse array (rate of change of voltage) */
if ( (epreal=farmalloc(512*sizeof (double)) )==0){
perror("Mlloc failed\in");

exit(0);

}

if ( (epimag=farmalloc(512*sizeof (double)) )==0){
perror("Malloc failed\n");

exit(0);

%or (1=0; i<512; i++){
epreal [i]=0.0;
epi mag[i]=0.0;

epreal [ 0] =100. 0;

epreal [ 4] =-100. 0;

/* FFT electrical pulse */

myfft( (double far *)epreal, (double far *)epimg, 512, -1);
/* Correct scaling */

for (i=0; i<512; i++){

epreal [i]=epreal [i]*sqrt(512.0);
epimag[i]=epimag[i]*sqrt(512.0);

/* Deconvol ve sound pul se at |oudspeaker with electrical pulse */
if ( (Ispreal=farmalloc(512*sizeof (double)) )==0){

perror("Malloc failed\n");

exit(0);

}

if ( (Ispimg=farmalloc(512*sizeof (double)) )==0){
perror("Malloc failed\n");
exit(0);

}

[ *Conpl ex di visi on*/

for (i=0; i<512; i++){

| spreal [i]=splreal [i]*epreal [i]+spli mag[i]
Ispreal [i]=Ispreal [i]/(pow(epreal[i],2.0)+
pow( epi mag[i], 2. 0) +0. 000000000001) ;

I spimag[i]=splimag[i]*epreal [i]-splreal [i]*epimg[i];
I spimag[i]=Ispimag[i]/(powepreal[i],2.0)+

pow( epi mag[i], 2. 0) +0. 000000000001) ;

*epimag[i];

farfree(splreal);

farfree(spli mg);

farfree(epreal);

farfree(epi mg);

for (i=0; i<512; i++){

fprintf(foutd, "%f 9%f\n", Ispreal[i],|spimag[i]);
}

farfree(lspreal);

farfree(lspimg);

/************************** nyhandl er ******************************/

void _far _pascal
myhandl er (i nt error_code)

{
printf("\nError! Aborted\ nDagBook/ 100 Error: Ox%\n",error_code);
daqd ose();
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exit(1);
/*******************************************************************l
/**************************** nryfft ********************************l

voi d nyfft(double real[], double img[],
unsi gned | ong sanp_num int isign)

int i=0;
static doubl e data[2*512+1];
for (i=1; i<(2*sanp_numtl); i=i+2){

datali]=real [(i-1)/2];
datali+1]=imag[(i-1)/2];

df our 1(data, sanp_num isign);

for (i=1; i<(2*sanp_numtl); i=i+2){
real [ (i-1)/2]=data[i]/sqrt(sanp_nun;
imag[ (i-1)/2])=data[i+1]/sqrt(samp_num;
}

/‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k***********************l

/*********************** dfourl (Nun-erlcal Rec' pes *****************/
voi d df our1(doubl e data[], unsigned long nn, int isign)

unsi gned long n,mmax, mj,istep,i;
doubl e wt enp, wr, wpr, wpi , Wi , t het a;
doubl e tenpr, tenpi;

n=nn << 1,

J=1;

for (i=1;i<n;i+=2) {

if (j >i) {
SWAP(data[j],data[i]);

SWAP(dat a[j +1], dat a[i +1]);

men >> 1,

while (m>=2 & >n {
j-=m

m >>= ]_’

}

J +=m

}

max=2;

while (n > mmax) {

i step=mmax << 1;

t het a=i si gn* (6. 28318530717959/ mmax) ;
wt enp=si n( 0. 5*t het a) ;

wpr = -2.0*wt emp*wt enp;

wpi =si n(theta);

w =1.0;

wi =0. 0;

for (mrl; nkmmax; m=2) {

for (i=mi<=n;i+=istep) {

j =i +mmax;

tempr=wr*data[j]-w *data[j +1];
tempi=w*data[j +1] +wi *data[j];
data[j]=data[i]-tenpr;
data[j+1] =data[i+1]-tenpi;
data[i] += tenpr;

data[i+l] += tenpi;

W =( Wt enp=wr ) *wpr - Wi *wpi +wr ;
Wi =W Fwpr +wt enprwpi +wi

}

max=i st ep;

!

/‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k‘k***********************l

B.7 Dataacquisitionprogram (employingabsorbingter-

mination method)

/* DATA ACQUI SI TI ON PROGRAM EMPLOYI NG ABSORBI NG TERM NATI ON METHOD */
/* The DI'A converter sends out voltages in the -5V to +5V range. */
/* (thus 0=-5V, 2048=0V and 4095=+5V) */

/* The A/D converter sanples voltages in the -5V to +5V range.*/

/* (thus 0=-5V, 2048=0V and 4095=+5V) */
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/* Include library files */

#incl ude <math. h>

#include <stdio.h>

#include <stdlib. h>

#i ncl ude <conio. h>

#incl ude "c:\dagbook\ dos\ bc\ dagbook. h"

#include <alloc. h>

#define SWAP(a, b) tempr=(a); (a)=(b); (b)=tenpr
/* Declare functions */

voi d df our1(doubl e data[], unsigned long nn, int isign);
voi d nyfft(double real[], double img[],

unsi gned | ong samp_num int isign);

void _far _pascal nyhandler(int error_code);

[* Main program*/

voi d mai n(voi d)

{

FILE *finl, *fin2, *foutl, *fout2, *fout3, *fout4, *foutb,
*fout6, *fout7;

int i, y, ipstart, iobstart, idel, |oop;

doubl e tenmp, c, obstart, del, stlength, stradius, om rv, v, A B,
C, D E alpha, vpinv, sum G tenpval, fincurr;

static double a[41][41];

unsi gned int chans[2];

unsi gned char gains[2];

static char filennmla[80], filennRa[80], filennl[80], filenn2[80],
filennB[80], filenm4[80], filennb[80], filennB[80],
filennv[80];

/* Set up arrays using pointers */

unsi gned int huge *waveBuf;

unsi gned int huge *buf;

float huge *sanpl e;

float huge *bufav;

doubl e huge *orreal;

doubl e huge *ori mag;

doubl e huge *apreal ;

doubl e huge *api mag;

doubl e huge *autocor;

doubl e huge *e;

doubl e huge *k;

doubl e huge *Isrreal;

doubl e huge *Isrimag;

doubl e huge *Ispreal;

doubl e huge *I spi mag;

doubl e huge *orretenp;

printf("DATA ACQUI SI TI ON PROGRAM WHI CH EMPLOYS ABSCRBI NG\ n");
printf (" TERM NATI ON METHOD\ n") ;

printf("(programcal cul ates the noise cancellation signal\n");
printf("and plays it out)\n\n");

/* Set error handler and initialize DagBoard/ 100 */

daqgSet Er r Handl er (myhandl er) ;

daql ni t (PORT_0300, DNVAS+| NTERRUPT10) ;

daqgBr dSet DmaMode( DmaRead) ;

/* Read in |oudspeaker input inmpulse response */
printf("Wat is the name of the file containing the\n");
printf("loudspeaker input inpulse response?\n");

scanf ("%", filennRa);

if ( (fin2=fopen(filennRa, "r"))==0){

printf("Unable to open\n");

return;

}

if ( (Isrreal=farmalloc(512*sizeof (double)) )==0){
perror("Malloc failed\n");

exit(0);

}

if ( (Isrimg=farmalloc(512*sizeof (double)) )==0){
perror("Malloc failed\n");

exit(0);

}

for (i=0; i<512; i++){

fscanf(fin2, "%f 9%f", &srreal[i], &srimg[i]);

/* Read in |oudspeaker electrical production response */
printf("Wat is the name of the file containing the\n");
printf("loudspeaker electrical production response?\n");
scanf ("%", filennla);

if ( (finl=fopen(filenntla, "r"))==0){

printf("Unable to open\n");

return;
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}

if ( (Ispreal=farmalloc(512*sizeof (double)) )==0){
perror("Malloc failed\n");

exit(0);

}

if ( (Ispimg=farmalloc(512*sizeof (double)) )==0){
perror("Malloc failed\n");

exit(0);

}

for (i=0; i<512; i++){

fscanf(finl, "%f 9%f", & spreal[i], & spimag[i]);

/* Calcul ate speed of sound fromtenperature */

printf("Wat is the tenperature in degrees C\n");

scanf ("% f", & enp);

c=331.6*(sqrt((tenp+273.0)/273.0));

/* Calculate the all-pole nodel filter for tube length 11 */
/* a) Make first point = 1+0j */

if ( (apreal=farmalloc(512*sizeof (double)) )==0){
perror("Mlloc failed\n");

exit(0);

}

if ( (apimg=farmalloc(512*sizeof (double)) )==0){
perror("Malloc failed\n");

exit(0);

}

apreal [0] =1. 0;

api mag[ 0] =0. 0;

st engt h=3. 102;

stradi us=0. 0048;

/* b) Calcul ate continous expression over a vector of 257 points */
/* (point 0=0Hz, point 256=25000Hz */

for (i=1; i<257; i++){

omr2. 0*M_PI *i *25000. 0/ 256. 0;

rv=stradius*sqrt(1.21*om 0.0000181);

v=sqrt (0. 0000181*1400. 0/ 0. 024) ;
A=(1.0+(0.4/v))/sqrt(2.0);

B=1. 0+(0. 4/v)-0.5*(0. 4/ (v*v))-0.5*pow( (0.4/v),2.0);
C=7.0/8.0+(0.4/v)-0.5%(0. 4/ (v*v));
C=C-(1.0/8.0)*(0.4/(pow(v,3.0)));

C=C- 0. 5*pow( (0. 4/v), 2.0)+0. 5*(pow( 0. 4,2.0)/pow( v, 3.0));
C=C+0. 5*pow( (0. 4/v),3.0);

C=C'sqrt(2.0);

D=A,

E=C,

al pha=(om c)*((A/ rv)+(B/ pow(rv, 2.0))+(C pow(rv,3.0)));
vpinv=(1.0/c)*(1.0+(D rv) +(E/ pow(rv,3.0)));

apreal [i]=exp(-al pha*stlength)*cos(-onfvpinv*stlength);
api mag[i] =exp(-al pha*stl ength)*sin(-onfvpinv*stlength);

/* c) Make point 256 entirely real by putting real part=magnitude */
apreal [ 256] =sqrt (pow( apr eal [ 256] , 2. 0) +pow( api mag[ 256],2.0));

api mag[ 256] =0. 0;

/* d) Concatenate vector */

for (i=257; i<512; i++){

apreal [i]=apreal [512-i];

api mag[i]=-api mg[512-i];

/* e) Inverse FFT the continuous expression */
myfft((double far *) apreal, (double far *) apimg, 512, 1);
/* f) Correct scaling of FFT */

for (i=0; i<512; i++){

apreal [i]=apreal [i]/sqrt(512.0);

api mag[i]=apimag[i]/sqrt(512.0);

/* g) Calculate autocorrelation function */

if ( (autocor=farmalloc(512*sizeof (double)) )==0){
perror("Mlloc failed\n");

exit(0);

}

for (i=0; i<512; i++){

autocor[i]=0.0;

for (y=0; y<512; y++){

if (y<(512-i)){
autocor[i]=autocor[i]+apreal [y]*apreal [y+i];

el sef
autocor[i]=autocor[i]+apreal [y] *apreal [y+i-512];
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}
}

/* h) Calculate a values */

if ( (e=farmalloc(41*sizeof (double)) )==0){
perror("Malloc failed\n");

exit(0);

}

if ( (k=farmalloc(41*sizeof (double)) )==0){
perror("Malloc failed\n");

exit(0);

e[ 0] =aut ocor[ 0] ;

k[ 1] =-autocor[1]/e[0];

a[ 1] [1] =k[1];

e[ 1] =(1. 0- pow(k[ 1], 2. 0)) *e[ 0] ;
for (i=2; i<41; i++){

sunx0. 0;

for (y=1; y<i; y++){

sumrsumra y] [i - 1] *aut ocor[i-y];

}
k[i]=-(autocor[i]+sum/e[i-1];
a[i][i]:k[i];
for (y=1; y<i; y++){

[

r
ﬁﬂiFﬂHUJHHH%UWHFH;
e[i]1=(1.0-powk[i],2.0))*e[i-1];

farfree(e);

farfree(k);

/* i) Calculate gain G*/
Gmaut ocor[0];

for (i=1; i<41; i++){
G=Gta[i][40] *autocor[i];

Gsqrt(Q;

farfree(autocor);

/* j) Calculate A(z) (put in apreal, apinmag) */
apreal [0] =1. 0;

api mag[ 0] =0. 0;

for(i=1; i<41; i++){

apreal [i]=a[i][40];

api mag[i]=0.0;

}

for(i=41; i<512; i++){
apreal [i]=0.0;

api mag[i]=0.0;

/* k) Fourier transformto calculate A(z) */

myfft((double far *) apreal, (double far *) apimg, 512, -1);
/* 1) Correct scaling and calculate H(z) */

for (i=0; i<512; i++){

apreal [i]=apreal [i]*sqrt(512.0);

api mag[i]=api mag[i]*sqrt(512.0);

tenpval =apreal [i];
apreal [i]=CGapreal [

[ 1.2.0));
api mag[i] =- G api mg[

1/ (pow( apreal [i], 2. 0)+pow api mag[ i
i1/ i1,2.0));

(pow(tenpval , 2. 0) +pow( api mag[

/* Read in names of files towite to */

printf("Wat do you wish to call the file containing\n");
printf("the full m crophone output with no cancellation?\n");
scanf ("9%", filenntl);

fout 1=fopen(filennml, "wW');

printf("Wat do you wish to call the file containing\n");
printf("the first revised sanple?\n");

scanf ("9%", filenn);

fout 2=fopen(filenn2, "w');

printf("Wat do you wish to call the file containing\n");
printf("the second revised sanple?\n");

scanf("9%", filennB);

fout 3=fopen(filennB, "w');

printf("Wat do you wish to call the file containing\n");
printf("the third revised sanple?\n");

scanf ("9%", filenmi);

fout 4=fopen(filenmd, "wW');

printf("Wat do you wish to call the file containing\n");
printf("the fourth revised sanple?\n");

scanf ("9%", filennb);
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fout 5=f open(filennb, "wW');

printf("Wat do you wish to call the file containing\n");
printf("the reflections after cancellation?\n");

scanf ("9%", filennb);

fout 6=f open(filennd, "wW');

printf("Wat do you wish to call the file containing\n");
printf("the uncancelled reflections?\n");

scanf ("%", filennv);

fout 7=fopen(filennv, "wW');

/* Play unnodified pul se and obtain unrevised sanple */
if ( (waveBuf=farmalloc(4096*sizeof (int)) )==0){
perror("Mlloc failed\n");

exit(0);

}

if ( (buf=farmalloc(4096*sizeof(int)) )==0){
perror("Malloc failed\n");
exit(0);

}

if ( (bufav=farmalloc(4096*sizeof (float)) )==0){
perror("Malloc failed\n");

exit(0);

/* Set up waveformfor 20 uS update rate on DAC channel 0 only */
daqBr dDac Set Mobde( 20, DacFlI FCChan0, 0);

/* Build a user wave - i.e. a 5V input pulse of 80uS length */
for (i=0; i<4; i++){

waveBuf [i]=4095;

}

for (i=4; i<4096; i++){
waveBuf [ i ]=2048,;

}

/* Specify the user built waveformfor DAC channel 0 */
daqgBr dDacUser Wave(0, (unsigned int far *)waveBuf, 4096);
for (y=0; y<4096; y++){

buf av[y] =0. 0;

/* Sends out pulse and sanples result 1000 tines */

/* (samples are then averaged) */

for (i=0; i<1000; i++){

/* Set output voltage equal to OV */

dagDacW (0, 2048) ;

/* Delay before playing pulse to ensure signal died away */
del ay(1000);

/* Set up background sanpling */

/* a) Reads fromchannel 0 at Dgai nX1 */

dagAdcSet Mux( 0, 0, Dgai nX1) ;

/* b) No tagged data */

dagAdcSet Tag(0);

/* ¢) Set sanpling frequency=50kHz */

dagAdcSet Freq(50000) ;

[* d)Software trigger */

dagAdcSet Tri g( Dt sSoftware, 0,0, 0, 0) ;

/* Start background sanpling.Reads into an array called */
/* buf (DMA used to send data to computer) */
dagAdcRdNBack( (unsigned int far *) buf, 4096, 0 , DusDma);
dagAdcSoft Trig();

[* Start output waveform*/

dagBrdDacStart();

/* Introduce a delay to ensure all output and input has */
/* stopped before the dagBoard i s stopped */

del ay(100);

/* Stop output waveform */

dagBr dDacSt op() ;

for(y=0; y<4096; y++){

buf av[ y] =buf av[ y] +buf [ y] / 1000. 0;

}

/* Processing data section */

/* Print averaged data to file */

if ( (sanple=farmalloc(4096*sizeof (float)) )==0){
perror("Mlloc failed\n");

exit(0);

}

for (i=0; i<4096; i++){

/* \W use 2048-buf[], in order to invert signal (after */

/* inversion by anplifier) and to position around y=0 line. */
sanpl e[ i ] =2048- bufav[i]/16.0;

}
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farfree(bufav);
for (i=0; i<4096; i++){
fprintf(foutl, "% %\n", i, sanmple[i]);

/* Find where input sound pul se passes m crophone (define */

/* starting point of input pulse as two sanple before the Ievel */
/* rises above 100 out of a possible 2048) */

for (i=0; i<4096; i++){

if (sanple[i]>100){

ipstart=i-2;

br eak;

!

printf("Input sound pulse first apparent at %\ n", ipstart);
/* a) Calculate the delay before object reflections arrive */
/* (length of tube=2*|2=6.18m */

obstart=i pstart+6. 18/ (0. 00002*c);

/* b) Round up or down to nearest integer */

i obstart=obstart;

if ((obstart-iobstart)>=0.5){

i obstart ++;

printf("Cbject reflections first apparent at %l\n", iobstart);
/* ¢) Calculate delay between el ec input pulse and el ec noise */
/* canc (time taken to travel length 2*(11+12) = 6.192m) */
del =2. 0% (6. 192/ (c*0. 00002) ) ;

/* d) Round up or down to nearest integer */

i del =del ;

if ((del-idel)>=0.5){

i del ++;

}

printf("Delay=%\n", idel);

for (i=0; i<2048; i++){

fprintf(fout7, "%f %f\n", i*0.00002,
(5.0/2048) *sanpl e[ i +(i obstart-250)]);

}

fincurr=0;

i del =i del - 9;

/* Build up cancellation signal in blocks */
for(loop=0; |oop<4; |oop++){

/* lsolate object reflections - put into a 512 array */
/* ready for FFTing */

if ( (orreal=farmalloc(512*sizeof (double)) )==0){
perror("Malloc failed\n");

exit(0);

}

if ( (orimag=farmalloc(512*sizeof (double)) )==0){
perror("Malloc failed\n");

exit(0);

}

for (i=0; i<512; i++){

orreal [i]=sanpl e[iobstart+i +(1 oop*512)];
orimag[i]=0;

farfree(sanple);

/* FFT the array of object reflections */

myfft((double far *) orreal, (double far *) orimag, 512, -1);
for (i=0; i<512; i++){

orreal [i]=orreal [i]*sqrt(512.0);
orimag[i]=orimag[i]*sqrt(512.0);

}

/* Convol ve object reflections with allpole filter */
for (i=0; i<512; i++){

tenpval =orreal [i];

orreal [i]=orreal [i]*apreal [i]-orimag[i]*apimg[i];
orimag[i]=orimag[i]*apreal [i]+tenpval *api mag[i];

/* Convol ve with | oudspeaker input inpulse response to find */
/* signal at exit of |oudspeaker */

for (i=0; i<512; i++){

tenpval =orreal [i];

orreal [i]=orreal [i]*Isrreal[i]-orimag[i]*Isrimg[i];
orimag[i]=orimag[i]*lsrreal [i]+tenpval *Isrimg[i];

/* Deconvol ve with | oudspeaker electrical production response */
/* to find the elec signal required to reproduce waveform*/

for (i=0; i<512; i++){

tenpval =orreal [i];
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orreal [i]=orreal
orreal [i]=orreal
+pow( | spi mag[i],
orimag[i]=orimag
orimag[i]=orimag
+pow( | spi mag[i],

I'spreal [i]+orimag[i]*lspimg[il;
(pow(Ispreal [i],2.0)

+0. 0000000000001) ;

Ispreal [i]-tenpval *I spimag[i];
(pow(Ispreal [i],2.0)

+0. 0000000000001) ;

N—— N ——
oO—i— O —i—
=~ o — %

/* Inverse FFT and print out */

myfft( (double far *) orreal, (double far *) orimag, 512, 1);
for (i=0; i<512; i++){

orreal [i]=orreal [i]/sqrt(512.0);

/* Cancel lation signal is ‘wapped around’ need to shift */
/* last 7 sanples of orreal back to the start */

if ( (orretenp=farmalloc(512*sizeof (double)) )==0){
perror("Mlloc failed\n");

exit(0);

}
for (i=0; i<7; i++){
orretenp[i]=orreal [505+i];

%or (i=7; 1<512; i++){
orretenp[i]=orreal [i-7];

for (i=0; i<512; i++){
orreal [i]=orretenp[i];

farfree(orretenp);

/* Integrate rate of change of voltage signal */
orreal [0] =fincurr;

for (i=1; i<512; i++){

orreal [i]=orreal [i]+orreal [i-1];

fincurr=orreal [511];

if ( (bufav=farmalloc(4096*sizeof (float)) )==0){
perror("Mlloc failed\n");

exit(0);

/* Set up waveformfor 20 uS update rate on DAC channel 0 */
daqgBr dDac Set Mobde( 20, DacFlI FCChan0, 0);

/* Build a user wave (add cancellation signal ) */

for (i=idel+(loop*512); i<(idel+(loop+l)*512); i++){

waveBuf [i]=(-(int)orreal [i-(idel+(loop*512))])+2048;

farfree(orreal);

farfree(orimg);

/* Specify the user built waveformfor DAC channel 0 */
daqgBr dDacUser Wave(0, (unsigned int far *)waveBuf, 4096);
for (y=0; y<4096; y++){

buf av[y] =0. 0;

}

for (i=0; i<1000; i++){

dagDacW (0, 2048) ;

del ay(1000);

/* Set up background sanpling */

/* a) Reads fromchannel 0 at Dgai nX1 */

dagAdcSet Mux( 0, 0, Dgai nX1) ;

/* b) No tagged data */

dagAdcSet Tag(0);

/* ¢) Set sanpling frequency=50kHz */

dagAdcSet Freq(50000) ;

[* d)Software trigger */

dagAdcSet Tri g( Dt sSoftware, 0,0, 0, 0);

/* Start background sanpling. Reads into an array */

/* called buf (data transferred to conputer using DMVA) */
dagAdcRdNBack( (unsigned int far *) buf, 4096, 0, DusDm);
dagAdcSoft Trig();

[* Start output waveform*/

dagBrdDacStart();

/* Introduce a delay to ensure all output and input has */
/* stopped before the dagBoard i s stopped */

del ay(100);

/* Stop output waveform */

dagBr dDacSt op() ;

for(y=0; y<4096; y++){

buf av[ y] =buf av[ y] +buf [ y] / 1000. 0;

}

}
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/* Processing data section */

/* Print channel 0 data to file */

if ( (sanple=farmalloc(4096*sizeof (float)) )==0){
perror("Malloc failed\n");

exit(0);

}

for (i=0; i<4096; i++){

/* We use 2048-buf[], in order to invert signal */
/* (after inversion by anplifier) and to position */
/* around y=0 line. */

sanpl e[ i ] =2048- bufav[i]/16.0;

farfree(bufav);

for(i=0; i<4096; i++){

if (1oop==0){

fprintf(fout2, "% 9%f\n", i, sanple[i]);

if (1oop==1){
fprintf(fout3, "% 9%f\n", i, sanple[i]);

}
if (1oop==2){
fprintf(foutd4, "o%d 9%f\n", i, sanple[i]);

if (1oop==3){

fprintf(fout5, "% 9%f\n", i, sanple[i]);
}

}

farfree
farfree
farfree
farfree

apreal );

api mag) ;

I'srreal);

I'srimg);

farfree(lspreal);

farfree(lspi mg);

farfree(waveBuf);

/* Print cancelled reflections data to file as voltage */
/* versus time in mlliseconds */

for (i=0; i<2048; i++){
fprintf(fouté, "%Af 9%f\n", i*0.02,
(5.0/2048) *sanpl e[ i +(i obstart-250)]);

P PLSLPLSLely

}

farfree(buf);
farfree(sanple);
daqd ose();

/************************** nyhandl er ******************************/

void _far _pascal
myhandl er (i nt error_code)

{

printf("\nError! Aborted\ nDagBook/ 100 Error: Ox%\n",error_code);
daqd ose();

exit(1);

/*******************************************************************/
/**************************** nryfft ********************************/

void nyfft(double real[], double img[],
unsi gned | ong sanp_num int isign)

-

int i=0;

static doubl e data[2*¥512+1];

for (i=1; i<(2*sanp_numtl); i=i+2){

datali]=real[(i-1)/2];
datali+1]=imag[(i-1)/2];

}

df our 1(data, sanp_num isign);

for (i=1; i<(2*sanp_numtl); i=i+2){
real [ (i-1)/2]=data[i]/sqrt(sanp_nun;
imag[ (i-1)/2])=data[i+1]/sqrt(samp_num;
}

/*******************************************************************/

/*********************** dfourl (Nun-erlcal Rec' pes) ****************/
voi d df our1(doubl e data[], unsigned long nn, int isign)

unsi gned long n,max, mj,istep,i;
doubl e wtenp, wr, wpr, wpi , wi , t het a;
doubl e tenpr, tenpi;

n=nn << 1,
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=1
for (i=1;i<n;i+=2) {

if (j >i) {
SWAP(data[j],data[i]);
SWAP(dat a[ j +1], dat a[i +1]);
}

mEn >> 1;

while (m>=2 &&j >m {
j o= m

m>>:]_;

}

J+:m

mmax=2;

while (n > mmax) {

i step=mmax << 1;

t het a=i si gn* (6. 28318530717959/ mmax) ;
wt enp=si n( 0. 5*t het a) ;

wpr = -2.0*wt emp*wt enp;

wpi =si n(theta);

w =1. 0;

wi =0. 0;

for (mrl; nkmmax; m=2) {

for (i=mi<=n;i+=istep) {

j =i +mmax;

tempr=wr*data[j]-w *data[j +1];
tempi =w *data[j +1] +wi *data[|];
data[j]=data[i]-tenpr;
data[j+1] =data[i+1]-tenpi;
data[i] += tenpr;

data[i+l] += tenpi;

}

W =( Wt enp=wr ) *wpr - Wi *wpi +wr ;
Wi =W Fwpr +wt enprwpi +wi

max=i st ep;

/*******************************************************************/
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