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Abstract

Theboreprofile andinput impedanceof a musicalwind instrumentprovide valuable

informationaboutits acousticalproperties.The time domaintechniqueof acoustic

pulsereflectometrycanbeusedto measuretheinput impulseresponseof atubularob-

ject, suchasa wind instrument,from which bothits boreprofileandinput impedance

canbecalculated.

In this thesis,aftera discussionof the theoryof acousticpulsereflectometry, the

operationof a practicalreflectometeris describedandmeasurementsof input impulse

response,boreprofileandinput impedanceareinvestigated.

In general,theexperimentallymeasuredinput impulseresponseof a tubularobject

containsaDC offsetwhichmustberemovedfor accurateborereconstruction.A new,

fastermethodof determiningtheDC offset is introducedwhich doesn’t requireprior

knowledgeof theobject’s dimensions.

Theboreprofileof atestobject,calculatedby applyingalossyreconstructionalgo-

rithm to its input impulseresponse(afterremoval of theDC offset),is foundto agree

with directly measuredradii to within 0.05mm.Variousbrassinstrumentreconstruc-

tionsof similaraccuracy arepresented.

An input impedancecurve, calculatedfrom theinput impulseresponseof thetest

object,is foundto havepeakfrequencieswhichagreewith thoseof atheoreticalcurve

to within 0.7%(a considerablybetteragreementthanwhena standardfrequency do-

mainmeasurementtechniqueis used).Impedancecurvesof variousbrassinstruments

arepresented.

Borereconstructionsareusedto confirmthepresence,andin certaincases,thepo-

sitionsof leaksin instruments.For thespecialcaseof aleakingcylinder, theimpedance

curve is successfullyusedto calculatethesizeof theleak.

Finally, a methodis investigatedwhich allows thepracticalreflectometerto mea-

surelongerobjectsthanpreviouslypossible.
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Chapter 1

Intr oduction

In theacousticalstudyof musicalwind instruments,two typesof measurementhave

provedparticularlyvaluable.Oneis themeasurementof theboreprofile; theotheris

theevaluationof the input impedance,definedastheratio of theacousticpressureto

the air volumeflow rateat the entranceto the instrument.Thesetwo quantitiesare

closely relatedand, in principle, onecanbe calculatedfrom the other. In practice,

however, complicationsfrom featuressuchassideholeslimit theaccuracy with which

theimpedancecanbecalculatedfrom theboreprofile.

For many years,standardmethodsexistedfor measuringthe two quantities.The

boreprofile wasmeasureddirectly with accuratetoolssuchascalipers.However, in

many casesit wasnot possibleto accessthe whole lengthof the instrument,leaving

the measuredprofile incomplete. The input impedanceof the instrumentwasmea-

suredin the frequency domain. To makethe measurement,it was first necessary

to measurethe volumeflow rate. The pressurewas then measuredat the entrance

to the instrumentanddivided by the volumeflow rate to give the input impedance

[Backus1974,Backus1976,Prattetal 1977, Causseetal 1984]. Themethodyielded

excellentresultsbut wasvery time-consuming,requiringthe initial volumeflow rate

measurementandthenapressuremeasurementateachfrequency 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 impulseresponse,from

which thecross-sectionalareaasa functionof axial distanceandtheinput impedance

can be calculated. The advantagesof acousticpulsereflectometryare that it only

requiresapressuremeasurement(removing theneedfor avolumeflow ratecalibration

measurement)and that it is non-invasive (allowing inaccessibleboresectionsto be

measured).As apulsetechnique,all frequenciesaredealtwith simultaneouslymaking

acousticpulsereflectometrylesstime-consumingthanthefrequency domainmethod.

1.1 History of acousticpulsereflectometry

Acousticpulsereflectometrywasoriginally developedasa seismologicaltechnique

for theobservationof stratificationsin theearth’s crust. Theearth’s crustis madeup

of layersof differenttypesof rock. Whenanapproximatelyimpulsive pressurewave

is producedby a sourcesuchasdynamiteandusedto probethecrust,reflectionsare

generateddueto impedancedifferencesbetweenthelayers.Thesereflectionsreturnto

thesurfacewherethey arerecordedand,becauseof the impulsive natureof theexci-

tation,termedtheinput impulseresponse.WareandAki [1969] developeda solution

to theinverseproblemof calculatingthereflectioncoefficientsof thelayerboundaries

from the input impulseresponse.Thesolutionassumedlosslesspropagationthrough

thelayers.Fromtheboundaryreflectioncoefficientsandtheimpedanceof thesurface

layerof rock, theimpedancesof deeperlayerscouldbecalculated.

In the early seventies,the medicalresearchteamled by Sondhinotedthe poten-

tial of acousticpulsereflectometryas a methodfor measuringairway dimensions.

Previous attemptsto measurethe cross-sectionalareaof an airway asa function of

axial distancehadbeencarriedout in the frequency domain,usually by measuring

the input impedanceat the mouthand then(having assumedthe vocal tract length)

usingresonancesto estimatetheareaprofile [Schroeder1967,Mermelstein1967]. In
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a mainly theoreticalpaper, SondhiandGopinath[1971] describedhow, by applying

a soundpulseto the airway underinvestigationandrecordingthe reflectionsat the

lips, the areaprofile of the airway could be calculated. The calculation,although

mathematicallycomplex, did not requireany assumptionaboutvocal tract length. 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 applicableif thelosseswereassumedto have

simpleforms.

Jacksonetal [1977]publishedareaprofilesof exciseddogtracheasandlungsmea-

suredusinga pulsereflectometer. They modelledtheairwayasa seriesof discontin-

uouslyjoinedcylindrical segmentsof equallengthsbut differingcross-sectionalareas

(and,hence,differingimpedances).Theproblemof measuringtheairwaydimensions

wasthusreducedto oneof finding theareasof theindividualsegments(ananalagous

problemto thatof determiningtheimpedancesof the individual layersof rock in the

earth’s crust).Thedesignof thereflectometerwassuchthata soundpulsecreatedby

a sparkdischargewasappliedto theairwayvia a sourcetube. Reflectionsgenerated

at theboundariesbetweenthecylindrical segmentsreturnedfrom theairwayandwere

recordedby a microphoneembeddedin the wall of the sourcetubepart of the way

alongits length. After thefirst of the airwayreflectionspassedthe microphonethey

carriedon up thesourcetube,werereflectedby thesoundsourceandreturnedto the

microphone.Thesourcetubeensuredthatat themicrophonethepassagesof the in-

putpulse,airwayreflectionsandsourcereflectionsdid notoverlap.Theinput impulse

responseof the airway wasdeterminedby deconvolving the airway reflectionswith

the input pulseshape(the deconvolution wascarriedout by performinga frequency

domaindivision). Thealgorithmdevelopedby WareandAki wasusedto calculatethe

reflectioncoefficientsof the inter-segmentboundaries,from which thesegmentareas

werecalculated.AlthoughtheWare-Akialgorithmdid not takeinto accountlossesin
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theairway, goodareaprofileswerestill achievedbecausetheairwaysmeasuredwere

shortenoughfor lossesto be insignificant. An expressionfor the input impedance

of anairwayin termsof its input impulseresponsewasalsoderivedin thepaperbut

no resultswerepresented.Area profilesof humanairway castswerepresentedin a

subsequentpaper[JacksonandOlsen1980].

The first measurementson humanpatientswere carriedout by Fredberg et al

[1980]. The reflectometerusedto makethe measurementswasa substantiallymore

complicatedversionof the oneusedby Jacksonet al. A soundpulse(producedthis

timeby a loudspeaker)wasagainappliedto theairwayvia a sourcetube.However, in

this casethe tubewasfilled with He/O2 gas. The resultantreflectionsreturnedfrom

the airwayandweremeasuredby a microphonein the wall of the sourcetube. The

reflectionswereprocessedasbeforeandanareaprofilewascalculatedusingtheWare-

Aki algorithm. Betweenmeasurements,a valve wasopenedandthesubjectbreathed

in He/O2 gas.Thereasonfor filling theapparatusandthesubject’s lungswith He/O2

wasto increasethespeedof sound(soundtravelsalmosttwice asfast in He/O2 asit

doesin air) therebyincreasingthebandwidthof the input pulse.With moreinforma-

tion from the frequency rangein which airway wall non-rigidity could be neglected

(i.e. above approximately1kHz), Fredberg arguedthat moreaccurateresultsshould

be achieved. On the whole, profile reconstructionsmadeusing the He/O2-filled re-

flectometerappearedto comparemorefavourablywith X-ray resultsthanthosemade

using an air-filled reflectometer. However, the resultswere not conclusive and the

needfor He/O2 hasnot beenproved. Nonetheless,thesystemdevelopedby Fredberg

et al wastestedfurtherandsuccessfullyusedin clinical trials duringthemid-eighties

[Brookset al 1984,Rubinsteinetal 1987, Hoffsteinetal 1987].

In aconferencepaperpresentedatameetingof theAcousticalSocietyof America,

Benadeand Smith [1981] describedan early attemptto measurethe input impulse

responseof a musicalwind instrumentusingacousticpulsereflectometry. An input
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soundpulsewas producedby a sparkdischarge at the mouthpieceof a tuba. The

tubareflections,recordedby a microphonealsopositionedat the mouthpiece,were

consideredto be the input impulseresponseof the tuba. No attemptto remove the

effectsof the input pulseshapeby deconvolution wasreported.Ayerset al [1985a,

1985b]presentedsimilarwork but usedapiezoelectrictransducerasthesoundsource

insteadof asparkdischarge.

A large amountof researchinto the useof acousticpulsereflectometryfor mea-

suring the acousticalpropertiesof musicalwind instrumentswascarriedout at the

Universityof Surrey underthesupervisionof Bowsher.

Thegroup’searliestworkwasundertakenby Goodwin[1981]andDuffield [1984].

They developeda reflectometerwhosedesignwasvery similar to the clinical reflec-

tometerof Jacksonet al. Theonly majordifferencewasthelongersectionof source

tubebetweenthesoundsourceandthemicrophone.This wasnecessarybecausethe

instrumentsunderinvestigationwerelongerthantheairwaysmeasuredby Jacksonet

al. Consequently, the instrumentreflectionslastedlongerthantheairwayreflections,

requiringthe extensionof the sourcetubeto ensurethat they completelypassedthe

microphonebeforethe arrival of the first sourcereflections. A sparkdischarge was

againusedto producethe soundpulsealthoughDuffield did try replacingit with a

loudspeaker. Unlike thesparksource,theloudspeakerconsistentlyproducedpulsesof

thesameshape,enablingthe input pulseandinstrumentreflectionsto beaveragedto

improve the signal-to-noiseratio. Unfortunately, attemptsto calculatethe input im-

pulseresponseof the instrumentby deconvolving the instrumentreflectionswith the

input pulseshapewereunsuccessful.As a result,thesparksourcewasusedbecause

the pulsesit producedweremoreimpulse-likeandso, to a goodapproximation,the

resultinginstrumentreflectionscouldbetreatedastheinput impulseresponsewithout

theneedfor deconvolution.

Deane[1986]reportedmoresuccessfulattemptsatdeconvolution. Theproduction
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of impulse-likepulseswas thereforelesscritical and the inconsistentsparksource

wasreplacedby a loudspeaker. Theconsistency of the loudspeakergeneratedpulses

allowedaveragingof boththeinputpulseandtheinstrumentreflectionsto improvethe

signal-to-noiseratio. Deconvolution thengave theinput impulseresponse.

The researchwascontinuedby Smith[1988], WatsonandBowsher[1987,1988]

andWatson[1989]. They presentedborereconstructionsof variousbrassinstruments

calculatedfrom input impulseresponsesmeasuredusinga pulsereflectometer. Cylin-

drical symmetrywasassumedand,insteadof thearea,theradiuswascalculatedasa

functionof axial distance.The reconstructionalgorithmsemployedweretheSondhi

algorithm and a non-comprehensive versionof the Ware-Aki algorithm (a version

which did not takeinto accountall of themultiple reflectionswithin the instrument),

neitherof which compensatedfor losses. Although this hadnot proved significant

whencalculatingthedimensionsof ashortairway, whencalculatingthedimensionsof

a brassinstrumentwherelossesweregreater, thereconstructedradii shouldhavebeen

increasinglyunderpredictedwith axial distance.However, this underpredictionwas

maskedby thepresenceof aDC offsetin theinput impulseresponsewhichcausedthe

reconstructedprofile to eitherexpandor contractspuriously. Theproceduredescribed

by Watsonto remove this DC offsetwasinappropriate.It involvedrepeatedlyapply-

ing thereconstructionalgorithmandadjustingtheDC valuesubtractedfrom theinput

impulseresponseuntil, at anarbitrarypositiontowardstheendof the instrument,the

reconstructedradiuscoincidedwith themeasuredradius.However, thereconstructed

radiuswasexpectedto beunderpredictedtowardstheendof theinstrument.To force

whatshouldhave beenanunderpredictedradiusto beequalto a measuredradiusre-

quiredthesubtractedDC valueto begreaterthantheactualDC offset. Althoughthis

overestimationof the DC offset appearedto provide somecompensationfor losses

in thereconstruction,thetreatmentwasnot basedon a rigorousanalysis.Watsonalso

publishedinputimpedancecurvesfor aselectionof brassinstruments(calculatedfrom
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theirmeasuredinput impulseresponsesusingtheexpressionderivedby Jacksonetal).

In airway measurementwork carriedout in Edinburgh, Marshall [1990, 1992a,

1992b]took the reflectometerdesignusedby the Surrey groupandattemptedto im-

prove its portability by reducingthe length of the sourcetube. By sharpeningthe

shapeof the input pulseandthusreducingits duration,it waspossibleto shortenthe

sourcetubesectionbetweenthe microphoneandairway whilst still maintainingthe

time separationof theinputpulseandairwayreflections.Marshallalsoinvestigateda

mathematicaltreatmentwhich removed theneedfor maintainingthe time separation

of theairwayreflectionsandsourcereflections(providing ameasurementof theloud-

speakerinput impulseresponsewasmade).Thus,thesourcetubesectionbetweenthe

loudspeakerandmicrophonecould be shortenedandthe input impulseresponsesof

objectsof any lengthcouldbemeasured.A reflectometerwasbuilt with a sourcetube

lengthof a few centimetres.Airway profilescalculatedusingtheWare-Aki algorithm

from input impulseresponsemeasurementsmadeusingthereflectometerwerereason-

ably accurate.However, theaccuracy wasnot asgreatasthatachievedby thelonger

sourcetubereflectometer.

Louis et al [1993] describedanothermethodfor reducingthesourcetubelength.

Theintroductionof a secondmicrophoneinto thewall of thesourcetubeenabledthe

separationof thewavesprobingtheairway(theinputpulseandany sourcereflections)

from thosereturningfrom theairway(thereflectionof theinput pulseandany source

reflectionsby theairway).This removedtheneedfor maintainingthetime separation

of the airway reflectionsandsourcereflections.As a result,the sourcetubesection

betweenthe loudspeakerandmicrophonecould be shortenedandthe input impulse

responsesof objectsof any lengthcould be measured.Again, goodairway profiles

werecalculatedalthoughacorrectionprocedurewasnecessary.

Until recently, thealgorithmsusedto reconstructtheboreprofileof anobjectfrom

its measuredinput impulseresponsedid not takeinto accountthe effect of lossesin
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the object. This hadnot proved significantwhenreconstructinga shortobjectsuch

asan airwaybut whena longerobjectsuchasa brassinstrumentwasreconstructed

it becamemoreimportant. Amir et al [1995b] suggestedthe useof a layer-peeling

algorithmwhich wasmodifiedto includethe effect of losses.Thealgorithmshould

have resultedin reconstructedprofileswhoseradii werecorrectlypredictedat all ax-

ial distances.However, asdescribedearlier, thepresenceof a DC offset in the input

impulseresponseof anobjectcausedthereconstructedprofile to eitherexpandor con-

tractspuriously. In this case,Watson’s DC offset removal procedurewasappropriate

becausethereconstructedradiusat anarbitrarypositiontowardstheendof theobject

wasexpectedto agreewith themeasuredradiusat thesameposition. Hence,forcing

the two radii to coinciderequiredthesubtractedDC valueto beexactly equalto the

DC offset.Thetrumpetandtromboneprofilespresentedwerein verygoodagreement

with directmeasurements.Thealgorithmhadsuccessfullyreconstructedtheprofiles

of instrumentswhoselengthsweresuchthatlossesweresignificant.

1.2 Aims and outline of thesis

Theaimsof thepresentwork are:

1. to producea working reflectometerto accuratelymeasuretheinput impulsere-

sponse,boreprofileandinput impedanceof a musicalwind instrumentor other

tubularobjectwithoutprior knowledgeof its dimensions.

2. to applyacousticpulsereflectometryto theproblemof detectingleaksin musical

wind instrumentsandin tubularobjectsin general.

3. to investigatepossiblemethodsof measuringlongertubularobjectsusingacous-

tic pulsereflectometry.

Chapter2 containsa detaileddiscussionof thebasictheorybehindthe technique

of acousticpulsereflectometry. The formation of the input impulseresponseof a
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tubularobjectfrom internalreflectionsis described,alongwith variousalgorithmsfor

calculatingits boreprofileandinput impedance.

A practicalreflectometeris introducedin chapter3. Theexperimentaldetermina-

tion of the input impulseresponseof a tubular objectis describedandmeasurements

madeonasteppedtubearepresented.

Chapter4 discussesthereconstructionof theboreprofile of a tubular objectfrom

its input impulseresponse.An experimentallydeterminedinput impulseresponsein-

variablycontainsaDC offsetwhichmustberemovedfor accurateborereconstruction.

A new methodis introducedwhich determinestheDC offsetdirectly from the input

impulseresponse.The methodis superiorto previous methodsbecauseit doesnot

requirethe repeatedapplicationof a reconstructionalgorithm nor prior knowledge

of the object’s dimensions.Theaccuraciesof the Ware-Aki algorithmandthe lossy

layer-peelingalgorithm(recentlyintroducedto acousticpulsereflectometryby Amir)

are investigatedby comparingreconstructedprofilesof the steppedtube with a di-

rectlymeasuredprofile. Finally, variousbrassinstrumentprofiles,reconstructedusing

thelossylayer-peelingalgorithm,arepresented.

Chapter5 discussesthe calculationof the input impedanceof a tubular object

from its input impulseresponse.It is shown that the resolutionof the reflectometry

impedancecurve is improvedby zero-paddingthe input impulseresponse.A reflec-

tometryimpedancecurve of thesteppedtubeis comparedwith a curve measuredus-

ing a standardfrequency domaintechniqueandwith a theoreticallycalculatedcurve.

Finally, variousbrassinstrumentimpedancecurves, measuredusing acousticpulse

reflectometry, arepresented.

Theeffect of a leakin thewall of a tubularobjecton theobject’s borereconstruc-

tion andinput impedanceis investigatedin chapter6. It is shown that a small leak

causesthe reconstructionto expandspuriously. Comparingthe reconstructedprofile

with a directly measuredradiustowardsthe endof the object leadsto a methodfor
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identifying thepresenceand,in certaincases,thepositionof a leak. Reconstructions

of variousleakingmusicalwind instrumentsarepresentedto demonstratethesuccess

of themethod.Finally, thesizeof a leakin thewall of a cylindrical pipeis calculated,

usinga theoreticallyderivedexpression,from its reflectometryimpedancecurve.

The lengthof objectthat canbe measuredusinga standardreflectometeris con-

strainedby the formationof sourcereflectionswhich return to the microphoneand

limit thetime over which theobjectreflectionscanbeaccuratelyrecorded.In chapter

7, methodsfor measuringlongerobjectsarediscussed.A new methodis described

whichinvolvesdriving theloudspeakerin suchawayasto absorbtheincomingobject

reflectionsratherthanreflectthem(i.e. it stopsthe formationof sourcereflections).

Goodabsorptionis achieved but the reconstructionof a longersteppedtube(calcu-

latedfrom an input impulseresponsemeasurementmadeusingthemethod)is not so

successful.The introductionof a slowly varying low amplitudecomponentinto the

input impulseresponsecausesthereconstructionto slowly expandandcontract.

Thethesisconcludeswith chapter8 whichcontainsfinal thoughtsonthecompleted

work andsomeideasfor futuredevelopment.
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Chapter 2

Basictheory of acousticpulse

reflectometry

2.1 Intr oduction

MICROPHONE

OBJECTSEMI-INFINITE SOURCE TUBE

INPUT IMPULSE RESPONSE

IMPULSE

Figure2.1: Theoretical pulsereflectometer.

Theideauponwhich thetechniqueof acousticpulsereflectometryis basedis rel-

atively simple. Figure2.1 shows a theoreticalreflectometer. An acousticimpulseis

fired down a semi-infinitecylindrical tube(calleda sourcetube)into theobjectunder

investigation.Theimpulseundergoespartialreflectionandpartialtransmissionateach
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changein cross-sectionalareaalongtheobject’s bore,creatinga reflectionsequence.

Thissequencereturnsfrom theobjectandtravelsbackup thesourcetubewithout fur-

ther reflection.Its passageis recordedby a microphoneembeddedin thesourcetube

wall, at thecouplingbetweensourcetubeandobject.At thisposition(theinput to the

object),the reflectionsequenceis termedthe input impulseresponse. Suitablealgo-

rithmsenableboththereconstructionof theobject’s boreprofileandtheevaluationof

its input impedancefrom theinput impulseresponse.

2.2 Input impulseresponse

To understandhow the boreprofile andinput impedanceof an objectcanbe calcu-

latedfrom its input impulseresponse,it is first necessaryto understandhow theinput

impulseresponseis createdthroughreflectionandtransmissionwithin theobject.

2.2.1 Singlereflectionfr om a singlediscontinuity

Whena planaracousticpressurewavepropagatingin anair-filled cylinderencounters

a changein cross-sectionalarea,the associatedimpedancechangecausesreflected

andtransmittedwavesto begenerated.It canbeshown that theratiosof thepressure

amplitudesof thereflectedandtransmittedwavesto thepressureamplitudeof theinci-

dentwave(definedasthereflectionandtransmissioncoefficientsrespectively) depend

only on thechangein impedancewhich, in turn, dependsonly on thechangein area

[Kinsler etal 1982].

Figure2.2showsasemi-infinitecylinderof cross-sectionalareaS0 discontinuously

joinedat x � 0 to a secondsemi-infinitecylinder of cross-sectionalareaS1. Consider

a pressurewave of frequency ω normally incidenton the boundarybetweenthe two

cylinders,

p
�
0
� P
�
0 ej � ωt � kx � (2.1)
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Figure2.2: Reflectionfroma singlediscontinuity.

which,whenstriking theboundary, generatesareflectedwave

p �0 � P�0 ej � ωt � kx 	 (2.2)

anda transmittedwave

p�1 � P�1 ej � ωt � kx 	 (2.3)

(wherep
i indicatesthatthepressurewavepropagatesin cylinder i in thepositive/negative

x direction). The reflectedand transmittedwavespropagatedown the semi-infinite

cylinderswithout furtherreflection.

The pressureand velocity must be continuousacrossthe boundary. At x � 0, the

following continuityequationsapply:

p�0 � p �0 � p�1 (2.4)

U �0 � U �0 � U �1 (2.5)

(whereU 
i is thevolumevelocity associatedwith thewave propagatingin cylinder i

in thepositive/negativex direction).Thevolumevelocityhasapositive/negativevalue
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dependingon whetherthewave is propagatingin thepositive or negative x direction.

Thevolumevelocity is definedastheparticlevelocity � cross-sectionalarea.

Dividing equation2.4by equation2.5gives:

p0 � p �0
U 0 � U �0 � p1

U 1 (2.6)

Thepressureat a surfacedividedby thevolumevelocity at thatsurfaceis definedas

theacousticimpedanceZ. Hence, �
Z � p

U � (2.7)

andequation2.6becomes:

Z0
p0 � p �0
p0 � p �0 � Z1 (2.8)

(whereZ0 andZ1 aretheacousticimpedancesat any cross-sectionin cylinders0 and

1 respectively).

Examinationof equations2.1, 2.2 and2.3 revealsthat at x � 0, the ratio of the in-

stantaneouspressuresof two wavesis simply the ratio of their pressureamplitudes.

Therefore,rearrangingequation2.8 yields the reflectioncoefficient r0 � 1 (the ratio of

thepressureamplitudeof thereflectedwaveto thatof theincidentwave).

r0 � 1 � P�0
P0 � p �0

p0 � Z1 � Z0

Z1 � Z0
(2.9)

The transmissioncoefficient t0 � 1 (the ratio of the pressureamplitudeof the transmit-

ted wave to that of the incident wave) can also be expressedin termsof acoustic

impedance.Dividing equation2.4by p0 givesthetransmissioncoefficient in termsof

thereflectioncoefficient,

t0 � 1 � P1
P0 � p1

p0 � 1 � p �0
p0 � 1 � r0 � 1 (2.10)
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andsubstitutingin equation2.9gives:

t0 � 1 � 2Z1

Z1 � Z0
(2.11)

Theorderingof thereflectionandtransmissioncoefficientsubscriptsindicatesthatthe

incidentwave is propagatingfrom cylinder 0 towardscylinder 1 whenit strikesthe

boundary.

The acousticimpedanceat any cross-sectionS in a cylinder is Z � ρc � S (whereρ

is thedensityof air andc is thespeedof soundin air) sosubstitutingZ0 � ρc � S0 and

Z1 � ρc � S1 into equations2.9and2.11yields:

r0 � 1 � S0 � S1

S0 � S1
(2.12)

and

t0 � 1 � 2S0

S0 � S1
(2.13)

Thus,thereflectionandtransmissioncoefficientsdependonly on thechangein cross-

sectionalareaof thecylinder.

For a wave travelling from cylinder 1 towardscylinder 0, the reflectionand trans-

missioncoefficientsfor theboundarycanbefoundby interchangingthesubscriptsin

equations2.12and2.13:

r1 � 0 � S1 � S0

S0 � S1
� � r0 � 1 (2.14)

and

t1 � 0 � 2S1

S0 � S1
� 1 � r1 � 0 � 1 � r0 � 1 (2.15)

Note that the transmissionlossexperiencedby a wave travelling forwardsandback-

wardsacrosstheboundaryis:

t0 � 1t1 � 0 ��� 1 � r0 � 1 � � 1 � r0 � 1 ��� 1 � r2
0 � 1 (2.16)
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2.2.2 Multiple reflectionsfr om multiple discontinuities

In theprevioussection,thesimplecaseof a sinusoidalpressurewave incidenton the

discontinuitycreatedby achangein thecross-sectionalareaof a cylindrical tube,was

discussed.In thepresentsection,thecaseof animpulseincidentona tubularobjectof

varyingcross-sectionwill beconsidered.Planewave propagationis againassumed.

l

SEMI-INFINITE
CYLINDER

SEMI-INFINITE
CYLINDER

= 1 2 3 40 II-1 I+15

OBJECT

. . . . . . . . . . . . .segment i

Figure2.3: Cylindrically segmentedtubular object.

A tubularobjectwhosecross-sectionalareavarieswith axialdistancecanbemod-

elledby aseriesof I discontinuouslyjoinedcylindrical segments,eachof lengthl with

correspondingtwo-waytravel time T � 2l � c [Marshallet al 1991]. Figure2.3shows

suchanobject(consistingof segmentsnumberedfrom 1 to I ), terminatedatbothends

by semi-infinitecylinders (definedasbeing the 0th and the (I+1)th cylindrical seg-

ments).

Considera discreteinput pressuresignal p 0 ! r " nT # incidenton theobjectfrom the

sourcetube (i.e. incidenton the boundarybetweensegments0 and1). The signal

will be partially reflectedand partially transmittedat eachinter-segmentboundary.

(The notationis similar to the notationusedpreviously, with p$i ! l % r " nT # representing

thecontribution,from thewavepropagatingin thepositive/negativex direction,to the

total pressureat the left/right end of the ith cylindrical segmentat time nT, where
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n & 0 ' 12 ' 1 ' 32 etc.).

For animpulseexcitationat theinput to theobject,

p(0 ) r * nT +,& δ * nT +,& 1 when n & 0

0 when n -& 0
(2.17)

thesignalwhichreturnsfrom theobjectis theinput impulseresponse,

p .0 ) r * nT +,& iir * nT + (2.18)

Considerthetheoreticalsituationin whichthesignalexperiencesnolosseswhilstprop-

agatingthroughthecylindrical segments.The input impulseresponseiir * nT + is then

composedof a seriesof returningimpulses,spaceda time T apart(i.e. the input im-

pulseresponseis only non-zerowhenn is integer).

For clarity, thehistoryof theimpulseasit propagateswithin theobjectis displayed

in a schematicspace-timediagram(figure2.4). Thearrows indicatethe directionof

propagation(forwardsor backwards)in eachsegmentatdifferenttimes.Thepressures

at the left andright sidesof eachsegmentat differenttimesarealsodisplayed.Note

that below the diagonalall pointshave zeropressure.This is a consequenceof the

propertyof causalitywhich statesthatno backwardtravelling wave canbepresentin

a segmentbeforea forwardtravelling wavehasreachedthatsegment.

Examinationof figure2.4 revealsthatat t & 0 the input impulseresponseiir * 0T +
is simply thereflectedimpulsegeneratedwhentheinput impulsestrikestheboundary

betweensegment0 and segment1 (boundary0/1). This interfacehasa reflection

coefficient r0 ) 1 which (from equation2.9) impliesthat

iir * 0T +,& r0 ) 1 (2.19)

Thereflectedimpulseis referredto asa primary reflectionbecauseit only undergoes

a singlereflectionbeforeemergingfrom theobject.

At t & T, the input impulseresponseiir * 1T + is alsocomposedentirely of a pri-

mary reflection. This primary reflectionis the fractionof the input impulsewhich is
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Figure2.4: Space-timediagram.
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transmittedforwardsacrossboundary0/1,reflectedatboundary1/2andthentransmit-

ted backwardsacrossboundary0/1, beforeemerging from the object. Hence(using

equations2.9and2.16),

iir / 1T 0,1 r1 2 2 3 1 4 r2
0 2 1 5 (2.20)

At t 1 2T, the input impulseresponseiir / 2T 0 is composedof botha primary re-

flection and a higher order reflection(a signal which undergoesmore thanone re-

flection beforeemerging from the object). The primary reflectionis the fraction of

the input impulsewhich is transmittedforwardsacrossboundaries0/1 and 1/2, re-

flectedatboundary2/3andthentransmittedbackwardsacrossboundaries0/1and1/2,

beforeemerging from theobject.Thehigherorderreflectionis thefractionof the in-

put impulsewhich is transmittedforwardsacrossboundary0/1, reflectedat boundary

1/2, furtherreflectedat boundaries0/1 and1/2andthentransmittedbackwardsacross

boundary0/1,beforeemerging from theobject.Hence(usingequations2.9,2.14and

2.16),

iir / 2T 061 r2 2 3 3 1 4 r2
1 2 2 5 3 1 4 r2

0 2 1 5 4 r2
1 2 2r0 2 1 3 1 4 r2

0 2 1 5 (2.21)

An expressionfor the input impulseresponseat t 1 nT, denotediir / nT 0 , wasde-

rivedby WareandAki [1969]. Usingthez-transformz 1 ejωT to denotethetwo-way

travel timethroughasegment,they showedthattheinputimpulseresponseof atubular

objectconsistingof I segmentsis givenby:

iir 3 I 7 z5 1 zI B 3 I 7 1 8 z5
A 3 I 7 z5 (2.22)

whereA andB aretherecursivepolynomials:

A 3 I 7 z5 1 A 3 I 4 1 7 z569 rI 2 I : 1zB3 I 4 1 7 z5 (2.23)

B 3 I 7 z5 1 rI 2 I : 1A 3 I 4 1 7 z569 zB3 I 4 1 7 z5 (2.24)

with A 3 0 7 z5 1 1 andB 3 0 7 z5 1 r0 2 1.
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iir ; I < z= is apolynomialin z representingtheimpulses,spacedby atimeinterval T,

returningfrom the object. Thecoefficient of thenth power of z is the input impulse

responseat t > nT:

iir ; I < z=?> iir @ 0T A B iir @ 1T A z B iir @ 2T A z2 BDC C C B iir @ nTA zn BDC C C (2.25)

Using equations2.22, 2.23 and2.24 to calculateiir ; I < z= andexpandingusinga

binomial series,the individual elementsof the input impulseresponsecanbe found

by gatheringtogetherthedifferentpowersof z. Thecomplexity of thecalculationof

iir ; I < z= increasesrapidlywith increasingI .

Clearly, for thetheoreticalsituationof losslesspropagation,the input impulsere-

sponsecan be expressedin terms of the segment boundaryreflectioncoefficients,

which canbe evaluatedfrom the segmentareasusingthe generalisedform of equa-

tion 2.12:

ri E i F 1 > Si G Si F 1

Si B Si F 1
(2.26)

That is to saythatgiven thedimensionsof theobject,its input impulseresponsecan

becalculated.This is oftentermedthedirectproblem.

In aphysicalsituation,thesignalwill undergofrequency dependentattenuationdue

to viscousandthermaleffectswhilst propagatingthrougheachcylindrical segment.

Thiscausestheimpulseto becomereducedin amplitudeandto developa tail. Hence,

theinputimpulseresponsewill consistof aseriesof pulsesof finite width. If thepulse

widthsbecomegreaterthanT, they will begin to overlap(if thestartof apulseemerges

from theobjectat time t, theendof thepulsewill emergeat a time greaterthant B T

andthepulsewill contributeto bothiir @ t A andiir @ t B T A ). It is thusimpracticalto extend

theWare-Akisolutionof thedirectproblemto includetheeffectsof signallosses.
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2.3 Borereconstruction

In acousticpulsereflectometry, it is necessaryto solve the inverseproblemof evaluat-

ing theobject’s dimensions(reconstructingtheboreprofile) from themeasuredinput

impulseresponse.The input impulseresponseis digitally recordedat samplingfre-

quency F , resultingin a discretesignalconsistingof N sampleseachspaceda time

T H 1 I F apart(whereN is usuallychosento beapowerof 2 to enabletheuseof FFTs

andT is thecylindrical segmenttwo-waytravel time describedin section2.2.2).The

input impulseresponseis thereforeiir J nT K , wheren is integerand0 L n M N.

A solution to the inverseproblemfor the losslesscase,basedon the Ware-Aki

derivation, is discussed.Like the direct problem,it is impracticalto includethe ef-

fectsof lossesin this derivationandborereconstructionsmadeusingthis methodare

inaccuratefor all but theshortestof objects.In orderto compensatefor theeffect of

losseswhenreconstructingboreprofiles,the layer-peelingapproachdocumentedby

Brucksteinet al [1985] is adopted,assuggestedby Amir et al [1995b]. This method

is first describedfor thelosslesscase(whereit givesidenticalresultsto thoseobtained

usingtheWare-Akimethod)andis thenextendedto incorporatelosses.

2.3.1 Ware-Aki method

The Ware-Aki methodof bore reconstructionis basedon the solution to the direct

problempresentedin section2.2.2. Rearrangementof equations2.19,2.20and2.21

yieldsexpressionsfor thereflectioncoefficientsof thefirst threeboundaries,

r0 N 1 H iir J 0T K (2.27)

r1 N 2 H iir J 1T KO
1 P r2

0 N 1 Q (2.28)

r2 N 3 H iir J 2T K R r0 N 1r2
1 N 2 O 1 P r2

0 N 1 QO
1 P r2

0 N 1 Q O 1 P r2
1 N 2 Q H iir J 2T K R r0 N 1r1 N 2iir J 1T KO

1 P r2
0 N 1 Q O 1 P r2

1 N 2 Q (2.29)

30



andsuitablemanipulationof equation2.22yieldsa generalexpressionfor thereflec-

tion coefficientof theboundarybetweenthe ith and S i T 1 U th segments:

ri V i W 1 X ∑i Y 1
mZ 0 Amiir [ S i \ mU T ]
∏i Y 1

mZ 0 S 1 \ r2
mVmW 1 U (2.30)

with r0 V 1 X iir [ 0T ] . Am is thecoefficientof zm in thepolynomialA S i \ 1 ^ zU , calculated

by substitutingi \ 1 for I in equation2.23.

FromthecalculatedreflectioncoefficientsandthesourcetubeareaS0, thecross-

sectionalareasof thecylindrical segmentscanberecursively evaluatedby rearranging

equation2.26to give:

Si W 1 X Si
1 \ ri V i W 1

1 T ri V i W 1
(2.31)

Assumingcylindrical symmetry, theradii of thecylindrical segmentscanbecalcu-

latedandaboreprofileconstructed.Thelengthof eachsegmentis l X cT _ 2 (thespeed

of soundin air is takento bec X 331̀6 a 1 T τ _ 273m/s,whereτ is theair temperature

in oC [Kinsler etal 1982]).

Note that to reconstructan objectconsistingof I cylindrical segments,it is only

necessaryto recordtheinput impulseresponseup to thetime thattheprimaryreflec-

tion from theboundarybetweensegmentsI andI T 1 arrivesbackat themicrophone.

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

notnecessaryto wait for all themultiplereflectionsto decay.

2.3.2 Layer peelingmethod : Losslesscase

The methodof reconstructionsuggestedby Amir et al [1995b] takesa differentap-

proachto the Ware-Aki method. It is basedon a layer-peelingalgorithmwhich, as

thenameimplies,‘peelsoff ’ eachcylindrical segmentin turn,calculatingthesegment

boundarycoefficientsasit doesso.

The layerpeelingalgorithmexploits thecausalitypropertystatedpreviously; i.e.
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no segmentcancontaina backwardtravelling wave beforea forwardtravelling wave

hasreachedit. Referringbackto figure2.4,at a boundarybetweentwo arbitraryseg-

mentsi and i b 1, thereare forward andbackwardtravelling wavesboth to the left

of theboundaryin segmenti, andto the right of theboundaryin segmenti b 1. The

forward travelling waves in segment i b 1 aremadeup of two components;the re-

flectionsof the backwardtravelling wavesin segmenti b 1 andthe transmissionsof

the forward travelling wavesin segmenti. Similarly, the backwardtravelling waves

in segmenti aremadeup of two components;thereflectionsof theforwardtravelling

wavesin segmenti andthetransmissionsof thebackwardtravelling wavesin segment

i b 1. However, at time t c iT d 2 thereis nobackwardtravelling wavein segmenti b 1

(causalityproperty).Hence,thebackwardtravelling wave in segmenti is simply the

reflectionof theforwardtravelling wavein segmenti andtheboundaryreflectioncoef-

ficient canbecalculated.Figure2.5 shows suchanarbitraryinter-segmentboundary.

+
i+1,l

[nT]p [nT]
i,r
+

p [nT]
i,r
-

p

nT=iT/2

segment i+1segment i

p
i+1,l

[nT]- = 0

Figure2.5: Boundarybetweentwoarbitrary segments.
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As before,for animpulseexcitation pe0 f r g nT hji δ g nT h incidenton theobjectfrom

thesourcetube(i.e. incidenton theboundarybetweensegments0 and1), thesignal

whichreturnsis p k0 f r g nT h,i iir g nT h .
Thedigitally recordedinputimpulseresponseiir g nT h is adiscretesignalconsisting

of N samplesspacedatimeT apart(i.e. n is integer).For thepurposesof thealgorithm,

the impulseexcitation pe0 f r g nT h is alsoconsideredto bea discretesignalconsistingof

N samplesspacedatimeT apart.

At boundary0/1, when t i 0 thereis no backwardtravelling wave in segment

1. Hence,the backwardtravelling wave in segment0 is simply the reflectionof the

forwardtravelling wave in segment0 and:

r0 f 1 i p k0 f r g 0T h
pe0 f r g 0T h i iir g 0T h (2.32)

Using equation2.31, the areaof the first segmentS1 canbe calculatedfrom the

reflectioncoefficient r0 f 1 andtheareaof thesourcetubeS0.

Next it is necessaryto find the pressuresof the forward andbackwardtravelling

waves to the right of the boundary. To do this, the following scatteringequationis

used: l
pe1 f l g nT h
p k1 f l g nT h m i 1

1 n r0 f 1
l

1 n r0 f 1n r0 f 1 1 m
l

pe0 f r g nT h
p k0 f r g nT h m (2.33)

Equation2.33 calculatesthe pressuresof the forward and backwardtravelling

wavesattheleft sideof segment1 fromthepressuresof theforwardandbackwardtrav-

elling wavesat the right sideof segment0. It doessousingthepreviously described

relationshipsbetweenforward andbackwardtravelling wavesin adjacentsegments,

andthe reflectionandtransmissioncoefficientsof boundary0/1. The calculationis

carriedout for n i 0 o 1 o 2 o p p p p o q N n 1 r .
To find thepressuresof theforwardandbackwardtravelling wavesat theright side

of segment1, adelayof T s 2 mustbeaddedto pe1 f l g nT h andsubtractedfrom p k1 f l g nT h .
pe1 f r tvu n w 1

2 x T yzi pe1 f l g nT h (2.34)
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p {1 | r }v~ n � 1
2 � T �z� p {1 | l � nT � (2.35)

At boundary1/2, whent � T � 2, thereis no backwardtravelling wave in segment

2. Hence,the backwardtravelling wave in segment1 is simply the reflectionof the

forwardtravelling wave in segment1 and:

r1 | 2 � p {1 | r �T � 2�
p�1 | r �T � 2� (2.36)

In practice,it is impossibleto adda delayof T � 2 to p�1 | l � nT � andsubtracta delay

of T � 2 from p {1 | l � nT � becausebotharediscretesignalsconsistingof samplesspaceda

time T apart.However, exceptfor a shift in the time origin, anequivalentprocedure

is to subtracta delayof T from p {1 | l � nT � andleave p�1 | l � nT � unaltered.Thetime origin

shift thenrequiresthereflectioncoefficient r1 | 2 to becalculatedat t � 0 ratherthanat

t � T � 2.

Usingequation2.31,theareaof thesecondsegmentS2 canbeevaluatedfrom r1 | 2
andthepreviouslycalculatedareaof thefirst segmentS1.

Theprocessis continuedrecursively until theentireareaprofile of theobjecthas

beencalculated.Assumingcylindrical symmetry, the radii of eachof the segments

canbe calculatedanda boreprofile produced.Again, the lengthof eachsegmentis

l � cT � 2 (thespeedof soundin air is takento bec � 331� 6 � 1 � τ � 273m/s,whereτ

is theair temperaturein oC).

As with theWare-Akireconstructionmethod,it is only necessaryto know theinput

impulseresponseaccuratelyupto thetimethatthefinal primaryreflectionarrivesback

at themicrophone.

2.3.3 Layer peelingmethod : Lossycase

Amir et al [1995b]showedthatextendingthelayerpeelingreconstructionmethodto

incorporatelossesis relatively straightforward.In thelosslesstreatment,eachcylindri-

cal segmentsimplyactsasa delayof T � 2. In reality, whilst propagatingthrougheach
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segmentthe signalalsoexperiencesfrequency dependentattenuationdueto viscous

andthermaleffects.In orderto extendthereconstructionalgorithmto compensatefor

theselosses,eachcylindrical segmentis modelledby adigital filter. Thisfilter depends

onthelengthandradiusof thesegment;ateachstageof thealgorithmtheradiusof the

following segmentis calculated,andtheappropriatefilter representinglossescanbe

computed.Propagatingfrom theleft sideof thesegmentto theright side,theforward

travelling wave is simply passedthroughthis filter. The backwardtravelling wave,

however, mustbe passedthroughthe inversefilter. Hence,to extend the treatment

describedin section2.3.2to includelossesthefollowing equationsareinsertedbefore

equations2.34and2.35in thereconstructionprocedure:

p�1 � l � nT �6� p�1 � l � nT � � h1 � nT � (2.37)

p �1 � l � nT �,� p �1 � l � nT � ��� 1 h1 � nT � (2.38)

wheretheoperators� and � � 1 representconvolutionanddeconvolution,andh1 � nT � is
the time domainfilter representinglossesin thefirst segment.To enableconvolution

anddeconvolution, h1 � nT � musthave thesamesamplespacingT andthesametotal

numberof samplesN asthepressuresignals.

Convolution in the time domainis equivalent to multiplication in the frequency

domain,soequation2.37canbeFFT’edto give:

p�1 � l � ejθ �,� p�1 � l � ejθ �j� H1 � ejθ � (2.39)

wherep�1 � l � ejθ � is theFFT of p�1 � l � nT � , thefrequency domainfilter H1 � ejθ � is theFFT

of h1 � nT � , andθ is thediscretizedfrequency. This complex multiplication is carried

out for eachof theN pointswhich makeup p�1 � l � ejθ � andH1 � ejθ � . Theresultantarray

is inverseFFT’edto give theleft handsideof equation2.37.

Deconvolution in the time domainis equivalentto division in the frequency do-

main,soequation2.38canbeFFT’edto give:

p �1 � l � ejθ �,� p �1 � l � ejθ � H �1 � ejθ �
H1 � ejθ � H �1 � ejθ � � q

(2.40)
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wherep �1 � l � ejθ � is theFFTof p �1 � l � nT � , andH �1 � ejθ � is thecomplex conjugateof H1 � ejθ � .
This complex division is carriedout for eachof theN pointswhich makeup p �1 � l � ejθ �
andH1 � ejθ � . Thefactorq in thedenominatoris aconstrainingfactorto preventdivision

by zero.q is setto besmallcomparedwith therestof thedenominator. Theresultant

arrayis inverseFFT’edto give theleft handsideof equation2.38.

Problemsin calculating a filter to representlosses

Theproblemsassociatedwith findingatimedomainfilter hi � nT � to representthelosses

in the ith cylindrical segmentarediscussedin this section.A suitablestartingpoint is

thecontinuoustheoreticalfrequency domainfilter representinglossesin a cylinder of

radiusr andlengthl givenby Keefe[1984].

A straightcylinder is characterizedby the complex wavenumberγ which deter-

mineshow aplanewaveof frequency ω propagatesdown thecylinder:

γ � ω ��� α � ω �6� jω � vp � ω � (2.41)

whereα � ω � is theabsorptioncoefficientandvp � ω � is thephasevelocity. Theabsorp-

tion coefficentandthephasevelocity aregivenby:

α � ω
c � 1

rv   2 ¡ 1 � γ ¢ 1
ν £ � 1

r2
v ¤ 1 � γ ¢ 1

ν
¢ 1

2
γ ¢ 1

ν2 ¢ 1
2 ¡ γ ¢ 1

ν £ 2 ¥
� 1

r3
v   2 ¡ 7

8
� γ ¢ 1

ν
¢ 1

2
γ ¢ 1

ν2 ¢ 1
8

γ ¢ 1
ν3 ¢ 1

2 ¡ γ ¢ 1
ν £ 2 � 1

2
� γ ¢ 1 � 2

ν3� 1
2 ¡ γ ¢ 1

ν £ 3 £§¦ (2.42)

1
vp

� 1
c � 1 � 1

rv   2 ¡ 1 � γ ¢ 1
ν £ ¢ 1

r3
v   2 ¡ 7

8
� γ ¢ 1

ν
¢ 1

2
γ ¢ 1
ν2 ¢ 1

8
γ ¢ 1

ν3¢ 1
2 ¡ γ ¢ 1

ν £ 2 � 1
2
� γ ¢ 1 � 2

ν3 � 1
2 ¡ γ ¢ 1

ν £ 3 £§¦ (2.43)

whererv � r ¨ ρω � η, ν � ¨ ηCp � κ, ρ is theair density, ω is theangularfrequency,

η is the coefficient of shearviscosityof air, Cp is the specificheatof air at constant

36



pressure,κ is the thermalconductivity of air, γ is the ratio of the principal specific

heatsof air, c © 331ª 6 « 1 ¬ τ  273 m/s is the speedof soundin air andτ is the air

temperature.

Assumingthat the input is the wave enteringthe cylinder at the origin, andthe

outputis thewaveexiting thecylinderat thefar end,thecontinuousfrequency domain

filter is givenby

X ® jω ¯°© e± γ ² ω ³ l © e± α ² ω ³ le± jωl ´ vp ² ω ³ (2.44)

InverseFouriertransformingthecontinuousfrequency domainfilter X ® jω ¯ would

give a continuoustime domainfilter x ® t ¯ representingthe lossesalongthe cylinder.

This continuoustime domainfilter could thenbe discretizedto give the filter hi µ nT ¶
requiredin equations2.37 and2.38. However, analyticalcalculationof the inverse

transformis all but impossible. It is thereforenecessaryto discretizethe frequency

domainfilter andto useaninverseFFT[Amir etal 1996].

To discretizethe frequency domainfilter, X ® jω ¯ is calculatedat frequenciesf ©
0 · FN · 2F

N · ª ª ª · ® N2 ¸ 1 ¯ FN · 12F, creatinga vectorof N
2 ¬ 1 points. Thediscretefrequency

domainfilter must have periodicconjugatesymmetryto enablethe inverseFFT to

be calculated. This is ensuredby taking the conjugatedreflectionof the calculated

vector, droppingthefirst andlastpointsandletting this new vectorform thediscrete

frequency domainfilter atfrequenciesf ©¹® N2 ¬ 1 ¯ FN · ® N2 ¬ 2 ¯ FN · ª ª ª · ® N ¸ 2 ¯ FN · ® N ¸ 1 ¯ FN .

Combiningthetwo vectorsgivesavectorof N sampleswhichis thediscretefrequency

responseX µ ejθ ¶ , whereθ is the discretizedfrequency. X µ ejθ ¶ canbe inverseFFT’ed

resultingin a timedomainfilter x µ nT ¶ .
Thefilter x µ nT ¶ is not thefilter requiredin equations2.37and2.38;it is generally

besetby ripple. The origin of the ripple canbe found by examiningequation2.44

which revealsthat thephaseis, in general,non-zeroat frequency 1
2F . This resultsin

a phasediscontinuityin thediscretefrequency domainfilter X µ ejθ ¶ . Upontransforma-

tion, thisphasediscontinuitycausestheripple in thetimedomainfilter x µ nT ¶ .
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To find a filter suitablefor usein equations2.37and2.38,a modelmustbefound

whichgivesa closefit to x º nT » but without theripple.

Rotating phasemodel

Onesolution to the problemof finding a suitablelossy filter model is to apply Pa-

poulis’ rotating phasemethod[Papoulis1984] to the continuousfrequency domain

filter X ¼ jω ½ discussedin the previous section. This methodis discussedfurther by

Gazengelet al [1995]. The rotatingphasemethodworksby forcing the phaseto be

zero at frequency f ¾ 1
2F. The following function is formed from the continuous

frequency domainfilter:

X ¿ ¼ jω ½�¾ X ¼ jω ½�À ejωl Á vp Â 2π 1
2F Ã ¾ eÄ α Â ω Ã leÂ Ä jωl Á vp Â ω Ã Å jωl Á vp Â 2π 1

2F Ã Ã (2.45)

Hence,at f ¾ 1
2F, the phaseis zero. If X ¿ ¼ jω ½ is discretizedasdescribedin the

previoussection,theresultantdiscretefrequency domainfilter X ¿ º ejθ » is continuousin

phaseandcanbeinverseFFT’edto givearipple-freeapproximationx¿ º nT » to thefilter

x º nT » . It shouldbenotedthat the rotatingphasemethoddoesintroducea small time

delay. Thisdelayis a fractionof asamplespacingT in duration.Hence,thesuitability

of x¿ º nT » asanapproximationto hi º nT » in equations2.37and2.38improveswith the

samplerate.

It shouldalsobenotedthat the rotatingphasemodelis a minimumphasemodel,

meaningthat thedelaycausedby the tubeis missing. Otherfilters maynot bemini-

mumphase,in which casethe tubedelayis alreadyincludedandneednot beadded

or subtractedexplicitly. Whenusingsuchfilters, equations2.34and2.35shouldbe

replacedin thereconstructionprocedureby:

pÅ1 Æ r º nT »6¾ pÅ1 Æ l º nT » (2.46)

p Ä1 Æ r º nT »6¾ p Ä1 Æ l º nT » (2.47)

38



All-pole model

In [Amir etal 1996], Amir proposesusingan 40 pole transferfunction to modelthe

results(but without the ripple) obtainedwhenKeefe’s continuousfrequency domain

filter is discretizedand inverseFFT’ed. The autoregressive methodhe suggestsis

documentedby Makhoul[1975]. Thebasicdetailsareoutlinedbelow.

1. Theautocorrelationof the filter x Ç nT È (calculatedby inverseFFT’ing thefilter

resultingfrom thediscretizationof Keefe’s continuousfrequency domainfilter)

is evaluated:

RÇmÈ,É N Ê 1 Ê m

∑
n Ë 0

x Ç nT È x Ç Ì n Í mÎ T È (2.48)

2. Using the calculatedautocorrelationfunction, the 40 predictorcoefficientsak

arefoundusingDurbin’srecursivemethod:

E0 É RÇ 0È (2.49)

pm É�ÏÑÐ RÇmÈ Í mÊ 1

∑
k Ë 1

amÊ 1
k RÇm Ï kÈ ÒÔÓ EmÊ 1 (2.50)

a Õ mÖm É pm (2.51)

a Õ mÖk É a Õ mÊ 1 Ö
k Í pma Õ mÊ 1 Ö

mÊ k 1 × k × m Ï 1 (2.52)

Em É�Ì 1 Ï p2
mÎ EmÊ 1 (2.53)

Equationsaresolvedrecursively for m É 1 Ø 2 Ø Ù Ù Ù Ø 40. Thefinal solutionis given

by

ak É a Õ 40Ö
k 1 × k × 40 (2.54)

3. ThegainG is calculatednext, asfollows:

G ÉÛÚÜÜÝ RÇ 0È Í 40

∑
k Ë 1

akRÇ kÈ (2.55)
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4. Finally, theall-poletransferfunction,

X Þ ß jω à�á G â6ß 1 ã 40

∑
k ä 1

akeå jωk à (2.56)

is calculatedon theunit circle (i.e. at frequenciesf á 0 æ 1
N æ 2

N æ ç ç ç æ N å 1
N ) to give

X Þ è ejθ é .
5. X Þ è ejθ é is theninverseFFT’edtogivexÞ è nT é aripple-freeapproximationtox è nT é .
Unlike therotatingphasemethod,theall-polemethoddoesnot introducea delay

of a fraction of a samplespacing,so xÞ è nT é is a suitableapproximationto hi è nT é in

equations2.37and2.38at all samplingfrequencies.

Like the rotatingphasemodel,however, the all-pole model is a minimum phase

model,sothedelayassociatedwith propagationacrossthecylindrical segmentis not

includedandmustbe addedexplicitly. Hence,equations2.34and2.35mustbe in-

cludedin thereconstructionprocedure(notequations2.46and2.47).

2.4 Input impedance

In section2.2, it was shown that the input impulseresponseis a seriesof reflec-

tions causedby changesin impedancewithin the object. It is clear that the input

impulseresponseandthe input impedancearecloselyrelated. Indeed,the complex

input impedanceof a tubular objectmaybedirectly evaluatedfrom its input impulse

response[Jacksonetal 1977, WatsonandBowsher1988,Watson1989].

Recallingfigure2.1,themicrophonerecordsthepassageof theimpulse(travelling

in thepositive x direction)andthereturninginput impulseresponse(travelling in the

negativex direction).Hence,in thetimedomain,

p0 ê r è nT é á pë0 ê r è nT é ã p å0 ê r è nT é á δ è nT é ã iir è nT é (2.57)

and,usingequation2.7,

Z0 ì U0 ê r è nT é á Z0 ìDí U ë0 ê r è nT é ã U å0 ê r è nT é î
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ï Z0 ðòñ pó0 ô r õ nT ö
Z0 ÷ p ø0 ô r õ nT ö

Z0 ùï pó0 ô r õ nT ö ÷ p ø0 ô r õ nT öï δ õ nT ö ÷ iir õ nT ö (2.58)

wherep0 ô r õ nT ö is thetotal pressuremeasuredby themicrophoneat time nT, U0 ô r õ nT ö
is the volumevelocity at the microphoneat time nT, pú0 ô r õ nT ö andU ú0 ô r õ nT ö are the

pressureandthe volumevelocity associatedwith the wave propagatingin the posi-

tive/negative x direction(at the microphoneat time nT), Z0
ï ρc û S0 is the acoustic

impedanceatany cross-sectionin thesourcetube(ρ is theair density, c is thespeedof

soundin air, S0 is thecross-sectionalareaof thesourcetube)andiir õ nT ö is the input

impulseresponseof theobject.

In thefrequency domainthis gives

p0 ô r õ ejθ ö ï 1 ü I IRõ ejθ ö (2.59)

Z0 ð U0 ô r õ ejθ ö ï 1 ÷ I IRõ ejθ ö (2.60)

wherep0 ô r õ ejθ ö is theFFT of p0 ô r õ nT ö , U0 ô r õ ejθ ö is theFFT of U0 ô r õ ejθ ö andI IRõ ejθ ö is
theFFTof iir õ nT ö . As before,θ representsthediscretizedfrequency.

Hence,thecomplex input impedanceis givenby:

Zin õ ejθ ö ï p0 ô r õ ejθ ö
U0 ô r õ ejθ ö ï Z0 ð 1 ü I IRõ ejθ ö

1 ÷ I IRõ ejθ ö (2.61)
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Chapter 3

Experimental measurementof the

input impulse response

3.1 Intr oduction

The theoreticalreflectometer, describedin section2.1 as a meansof measuringthe

input impulseresponse,clearlycannotberealisedpractically. Productionof anacous-

tic impulseis impossibleandtheconceptof a semi-infinitetubeis solely theoretical.

Therefore,tomeasuretheinputimpulseresponseof anobject,apracticalreflectometer

mustbedesigned.Theconstructionandoperationof suchareflectometeraredescribed

in this chapter. Its usein themeasurementof input impulseresponseis discussedand

sampleresultsarepresented.

3.2 The practical pulsereflectometerand its operation

Figure3.1 shows a schematicdiagramof oneof thepulsereflectometersusedin the

presentstudy. Thereflectometerandtestobjectaremountedin ananechoicchamber,

with theelectronicsin anadjoiningroom(a photographof the reflectometerandtest

objectis shown in figure3.2).
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Figure3.1: Schematicdiagramof pulsereflectometer.

Figure3.2: Pulsereflectometerhousedin anechoicchamber.
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An electricalpulseof width 80µs andvoltage5V is producedby a12bit D/A con-

verter. TheD/A converter, whichis locatedonanIotechDaqBoard100Adataacquisi-

tion boardinsideaViglen486DX66MHzPC,hasbeencustomisedsothatit hasa-5V

to +5V rangeinsteadof a0V to +5V range.Thepulseis amplifiedby aPioneerA-119

stereoamplifier, andusedto drive a FaneProfessionalMD2050 compressiondriver

loudspeaker(to reduce‘ringing’, the stiffnessof the loudspeakerhasbeenincreased

by insertinga thin layerof cottonwool betweenthediaphragmandthemagnetassem-

bly). Theresultantsoundpressurepulsetravelsalonga6.19mlongcoppersourcetube

(of internalradius4.8mmandwall thickness1.2mm)which is clampedto a wooden

boardin a spiralof approximately200mmradius.A Knowlesmicrophoneembedded

partof thewayalongthetuberecordsthereflectionsreturningfrom thetubularobject

undertest,whichis coupledto thefarendof thesourcetube.Themicrophoneoutputis

amplifiedby asecondamplifierandlow-passfiltered(usingaBarrandStroudEF4-03

filter setto 20kHz) to preventaliasing. The resultantsignalis thensampledby a 12

bit A/D converter(usinga samplingfrequency of 50kHzanda samplelengthof 1024

points,giving a sampletime of 20.48ms)andstoredon thePC.TheA/D converteris

locatedon theDaqBoard100Adataacquisitionboardandhasa -5V to +5V range.

Thisprocedureis repeated1000timesandthesamplesareaveraged.Thisimproves

the signal-to-noiseratio by a factor of ý 1000, reducingthe amplitudeof the noise

inherentin thesignalto lessthantheresolutionof thedataacquisitionboard.Precise

time alignmentof successive samplesis achievedby triggeringthesamplerfrom the

electricalpulseto theloudspeaker. A delayof 180msis includedbeforeeachrepetition

to ensureall thesignalfrom thepreviousstephasdiedaway.
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CouplerLoudspeaker Source tube

Figure3.3: Loudspeaker/sourcetubecoupler.

3.2.1 Coupling

Loudspeaker/sourcetube coupling

Theloudspeakeris coupledto thesourcetubewith a taperedaluminiumcoupler(fig-

ure 3.3). Thedownwardstaperbetweenthe loudspeakerandsourcetubeminimizes

reflectionswithin thecoupler, reducingany ‘ringing’ of the input pulse.Thecoupler

is boltedtightly on to theloudspeaker.

Sourcetube/testobject coupling

Thesourcetubeis coupledto thetestobjectwith acouplermadeout of aluminiumor

blacknylon.

Originally a couplerwas designedwhoseinternal radiuschangedsharplyfrom

6.0mm(theexternalradiusof thesourcetube)to theexternalradiusof thetestobject

(figure 3.4). However, this gave a large discontinuityat the join betweenthe source

tubeandthe object,leadingto a large reflectionat the startof the objectreflections.

This reflectionshouldappearasanimpulseat thestartof theinput impulseresponse.
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Figure3.4: Original sourcetube/testobjectcoupler.

However, whentheinput impulseresponseof theobjectwasdeterminedexperimen-

tally (following theproceduredescribedin section3.3), theintroductionof ripple (an

exampleof theGibbsphenomenon,alsodiscussedlater in thechapter)causedtheen-

ergy of this impulseto bespreadover afinite time. Theenergy spreadingresultedin a

‘wrap around’effect with thefinite durationreflectiondividedbetweenthebeginning

andendof theresponse.

To ensurethe reflectionassociatedwith the discontinuousjoining of the testob-

ject wascompletelyincludedwithin the input impulseresponse,the couplerwasre-

designed.The modifiedcouplerhasan internal radiuswhich changesfrom 6.0mm

to 4.8mm(the internalradiusof the sourcetube),remainsat 4.8mmfor a lengthof

50mm and thenchangesto the external radiusof the test object (figure 3.5). This

couplerensuresthatthelargereflectionoccursa shorttimeaftertheobjectreflections

start. Therefore,whentheinput impulseresponseis determined,this largereflection

is completelyincludedtowardsthe startof the response.Note that the objectbeing

measuredis now effectively thesystemconsistingof the50mmlongcouplertubeand

theoriginal testobject.Thissystemis smoothlyjoinedto thesourcetube.
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Figure3.5: Modifiedsourcetube/testobjectcoupler.
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Figure3.6: Sourcetube/brassinstrumentcoupler.
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As it wasdesiredto measurea varietyof brassinstrumentson the reflectometer,

it wasimpracticalto makeindividualcouplersfor eachinstrumentto betested.A set

of six couplerswasdesignedfor useover the whole rangeof brassinstruments(fig-

ure 3.6). As before,eachof the couplershasan internalradiuswhich changesfrom

6.0mmto 4.8mm,andremains4.8mmfor a lengthof 50mm. The internalradiusof

eachof the couplersthenchangesto oneof six differentvaluesandremainsat this

valuefor a further50mm,while theexternalradiustapersdownwards.Whenthecor-

rectcoupleris chosen,thetaperedendenablesit to befitted tightly into theinstrument

to be measured.Again, note that the objectbeingmeasuredis now effectively the

systemconsistingof the100mmlongcouplerandtheinstrument.

3.3 Deconvolution

For anidealdeltafunctionsoundpressurepulse,the reflectionsmeasuredby themi-

crophonewould betheinput impulseresponseof theobjectundertest(or to bemore

precise,the input impulseresponseof thesourcetubesectionl2 andthe testobject).

However, thesoundpressurepulseis not ideal; to obtainthe input impulseresponse,

the reflectionsaredeconvolved with the input pulseshape.The input pulseshapeis

measuredby terminatingthe sourcetubewith a flat perspex plateof thickness5mm

andrecordingthe reflectedpulse[SondhiandResnick1983]. This ensuresthat both

the object reflectionsandthe input pulsehave travelled the samepath in the source

tubeandhave thereforeexperiencedthesamesourcetubelosses.It alsoensuresthat

deconvolution yields the input impulseresponseof the test object alone,without a

sectionof sourcetubeincluded.

The deconvolution is carriedout by performingan FFT on both the samplecon-

tainingtheobjectreflectionsandthesamplecontainingtheinputpulse(eachof length

1024points).To preventleakagein thefrequency domain,bothsamplesmustbeself-

windowing; i.e. the signalmusthave decayedto zeroby the endof the sample.A
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complex division of theobjectreflectionsby theinput pulseis thencarriedout in the

frequency domain. A constrainingfactor q is addedto the denominatorto prevent

divisionby zero.

I IRþ ejθ ÿ�� Rþ ejθ ÿ I � þ ejθ ÿ
I þ ejθ ÿ I � þ ejθ ÿ � q

(3.1)

whereRþ ejθ ÿ is the transformedobjectreflectionsmeasuredat themicrophone,I þ ejθ ÿ
is the transformedinput pulsemeasuredat the microphone,I

� þ ejθ ÿ is the complex

conjugateof I þ ejθ ÿ and I IRþ ejθ ÿ is the transformedinput impulseresponse.θ is the

discretizedfrequency.

I IRþ ejθ ÿ is theninverseFFT’ed to give the input impulseresponseiir þ nT ÿ of the

object.

3.3.1 Reflectivity of perspex

Figure3.7: Perspex reflectivitytestresults.

The measurementof the input pulseshapethroughreflectionby a flat perspex

plateassumesthat the perspex providesa perfectreflectingsurface.To testthat this

is the case,the input pulsewassampledboth beforereflection(asit first passedthe
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microphone)andafterreflection(asit returnedto themicrophone).Thepulserecorded

afterreflectionhadtravelledanextra 2l2=6.18mof sourcetube.Eachsamplewas512

pointsin lengthandwasrecordedat a samplingfrequency of 50kHz. Convolving the

unreflectedpulsewith anall-polemodelfilter representingthelossesassociatedwith

a cylinder of radius4.8mmandlength6.18m(seesection2.3.3)gave theinput pulse

shapeexpectedat themicrophoneaftera perfectreflection. Comparingthis with the

pulseshapemeasuredat themicrophoneafterreflectionby theperspex (figure3.7), it

canbeconcludedthattheperspex platedoesprovideagoodapproximationto aperfect

reflectingsurface.

3.4 Physicalconstraintson the sourcetube

Comparisonof the practicalreflectometerdescribedin section3.2 with the theoreti-

cal reflectometerrevealstwo majordifferences.Thepracticalreflectometerproduces

a pulseof finite width (ratherthanan impulse)which is passeddown a finite length

sourcetube (ratherthana semi-infinitesourcetube). Thesedifferencesexplain the

requiredconfigurationof the practicalreflectometer’s sourcetube,wherethe micro-

phoneis embeddeda distancel1=3.10maway from the loudspeakeranda distance

l2=3.09maway from thesourcetube/objectcoupling.

The sourcetubesectionl2=3.09mis necessaryto ensurethat the input pulsehas

fully passedthemicrophonebeforethefirst of thereturningobjectreflectionsreaches

it. Theminimumdurationof theinput pulseis in practicelimited by therequirement

that the pulsecarriessufficient energy to ensurea goodsignal-to-noiseratio in the

measuredreflections.

(Thetheoreticalreflectometer, hasl2=0mbecausetheinputpulseis animpulseand

takesaninfinitesimalamountof time to passthemicrophone).

After the objectreflectionspassthe microphonethey arefurther reflectedby the

loudspeaker. The sourcetube sectionl1=3.10mis necessaryto separatethe object
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reflectionsfrom thesesourcereflections. It ensuresthat oncethe object reflections

reachthemicrophone,they canberecordedfor up to 2l1
�
c seconds(thetime takento

travel thedistancefrom themicrophoneto theloudspeakerandback)beforethesource

reflectionsreturnandcontaminatethesignal. For thereflectometerunderdiscussion,

this timeperiodis approximately18ms.(In theproceduredescribedin section3.2,the

longersampletime of 20.48msis possiblebecausethesamplingis started3msbefore

thearrival of theobjectreflectionsat themicrophone).

Although the reconstructionalgorithmsonly requirethe input impulseresponse

to beknown up until thefinal primaryreflectionfrom theobject,it wasstatedin sec-

tion 3.3thatto accuratelydeterminetheinputimpulseresponse,all of theobjectreflec-

tionsmustberecorded(i.e. theobjectreflectionsmustcompletelypassthemicrophone

within the2l1
�
c timeperiod).Hence,althoughit firstappearsthatthemaximumlength

of object(includingcoupler)which canbe measuredis 3.10m,the actualmaximum

lengthis shorterthanthis.

(The theoreticalreflectometerhasa semi-infinitesourcetubeso after the object

reflectionspassthemicrophonethey undergonofurtherreflectionandcanberecorded

accuratelyfor anindefiniteperiodof time).

3.5 Input impulseresponsemeasurementsof a stepped

tube

A seriesof measurementsweremadeusingthe steppedtubeshown in figure 3.8 as

the testobject. The tubeconsistsof two cylindrical sections;a 129mmlong section

of 6.20mmradiusdiscontinuouslyjoinedto a 177mmlong sectionof 9.25mmradius.

Caliperswereusedto measurethecylindrical sectiondiametersleadingto a reading

error of � 0.1mmon eachand, hence,an error of � 0.05mmon the radiusof each

section. The lengthsof the cylindrical sectionsweremeasuredby ruler leadingto a
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Figure3.8: Steppedtube.

readingerrorof � 0.5mmoneach.Thecouplerdepictedin figure3.5wasusedto join

thesteppedtubeandthesourcetube.

Figure3.10showsthereflectionsreturningfrom thesteppedtubeandcouplerwhen

theinputpulse(shown in figure3.9)wasinjected.Both theinputpulseandthereflec-

tionsweremeasuredat a temperatureof τ � 16� 5oC. Thesmall reflectionat approxi-

mately3.4msis from thesmalldiscontinuityat thejoining of sourcetubeandcoupler,

thereflectionatapproximately3.7msis fromthestartof thesteppedtube,thereflection

atapproximately4.4msis from thestepin thetube,andthereflectionatapproximately

5.5msis from theendof the tube(which is opento theair). All thesereflectionsare

primaryreflections;all laterreflectionsaremultiplereflections.

To find theinputimpulseresponseof thesteppedtubeandcoupler, it isnecessaryto

transformboththeinputpulseandthesteppedtube/couplerreflectionsto thefrequency

domain. Figures3.11and3.12 show the spectraof the input pulseandthe stepped

tube/couplerreflectionsrespectively.
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Figure3.9: Inputpulse.

Figure3.10:Reflectionsfromsteppedtubeandcoupler.
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Figure3.11:Spectrumof inputpulse.

Figure3.12:Spectrumof reflectionsfromsteppedtubeandcoupler.
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Figure3.13:Spectrumof input impulseresponseof steppedtubeandcoupler.

Figure3.14: Input impulseresponseof steppedtubeandcoupler.
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Applying equation3.1 to thesefrequency domainvaluesyields the spectrumof

the input impulseresponseof the steppedtubeandcoupler(figure3.13)andinverse

FFT’ing yieldstheinput impulseresponse(figure3.14).

Again,thesourceof eachreflectionin theinputimpulseresponsecanbeidentified.

The reflectionat approximately0msis from thesmalldiscontinuityat the joining of

sourcetubeandcoupler, thereflectionat approximately0.3msis from thestartof the

steppedtube,the reflectionat approximately1.1msis from thestepin the tube,and

thereflectionat approximately2.2msis from theendof thetube.

3.5.1 Anti-aliasing filter

The anti-aliasingfilter is includedto remove any frequenciesabove 20kHz from the

signal,thuspreventingthemfrom beingaliaseduponsampling(aliasinggivesrise to

frequenciesabove the 25kHz Nyquist frequency beingtransposeddown in to the 0-

25kHzband).However, examinationof figures3.11and3.12suggeststhat the input

pulseandthesteppedtube/couplerreflectionsonly containfrequenciesup to approx-

imately15kHz. Hence,the purposeof theanti-aliasingfilter is to filter out any high

frequency noisewhich maybe introducedby externalsources,andwhich would get

aliasedinto the 0-25kHzband. With the possibleexceptionof electricalnoise,it is

unlikely thattherewill besuchnoisein theanechoicchamber.

Spectraof the input pulseandthesteppedtube/couplerreflections,alongwith the

resultantinput impulseresponse,measuredwithout the filter in place(figures3.15,

3.16 and3.17) arevirtually identical to the spectraand the input impulseresponse

measuredwith thefilter in place(figures3.11,3.12and3.14). Again, bothmeasure-

mentsweremadeat a temperatureof τ 	 16
 5oC. It is clearthatundertheconditions

of theanechoicchambertheanti-aliasingfilter is unnecessaryandonly servesto add

extranoiseto thesignal.For thisreason,mostof themeasurementsin thepresentstudy

weremadewithout theanti-aliasingfilter in position.However, underlesscontrolled
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Figure3.15:Spectrumof inputpulse(noanti-aliasingfilter).

Figure3.16: Spectrumof reflectionsfromsteppedtubeandcoupler(no anti-aliasing

filter).
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Figure 3.17: Input impulseresponseof steppedtube and coupler (no anti-aliasing

filter).

conditionswhereexternalnoisesourcesmaybepresent,theanti-aliasingfilter mustbe

included.

3.5.2 Gibbsphenomenon

Closeexaminationof figures3.14 and3.17 revealsthat eachreflectionin the input

impulseresponseis rippled. This ripple is anexampleof theGibbsphenomenonand

cannotbeavoided.It is introducedbecauseboththeinput pulseandobjectreflections

have a finite bandwidthdeterminedby the 50kHz samplingfrequency. Both signals

only containfrequenciesupto approximately15kHz(which is well below theNyquist

frequency of 25kHz)sothisfinite bandwidthonly becomesaproblemwhenthesignals

areFFT’edanddividedto give thespectrumof theinput impulseresponse.Theinput

impulseresponseshouldcontainall frequenciesbut the experimentallydetermined

valueis bandwidthlimited to 25kHz(figure3.13). The lack of higherfrequenciesis

thesourceof theripplewhenthespectrumis inversetransformedto thetimedomain.
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Theexperimentallydeterminedinputimpulseresponseis only anapproximationto the

actualinput impulseresponse.
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Chapter 4

Bore reconstruction

4.1 Intr oduction

Directapplicationof oneof theborereconstructionalgorithmsof section2.3to anob-

ject’s experimentallydeterminedinput impulseresponseshouldyield theboreprofile

of thatobject. In this chapter, it is shown thata DC componentmustfirst beremoved

from theinput impulseresponsebeforea profile resemblingthatof theobjectcanbe

produced.Two methodsfor evaluatingthisDC offsetarediscussed.Theaccuraciesof

thealgorithmsarethencomparedandreconstructedprofilesof threebrassinstruments

arepresented.

4.2 DC offsetproblem

Figure4.1 shows theborereconstructionresultingfrom thedirect applicationof the

Ware-Akialgorithmto theinputimpulseresponse(figure3.17)of thesteppedtube/coupler

systemdescribedin section3.5. The input impulseresponsewasdeterminedfrom

measurementsmadeatτ � 16� 5oC.

Similarly, figure4.2shows theborereconstructionresultingfrom thedirectappli-

cationof thelossylayer-peelingalgorithm(usingtherotatingphasemodellossyfilter)
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Figure4.1: Ware-Akireconstructionof steppedtube. DC offsetnot removedfrominput

impulseresponse.

Figure 4.2: Lossylayer-peelingreconstructionof steppedtube (using the rotating

phasemodellossyfilter). DC offsetnot removedfrominput impulseresponse.
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to thesameinput impulseresponse.

In eachcase,thereconstructedprofilebearslittle resemblanceto themeasuredpro-

file. Theradiusof eachsectionof thesteppedtubedecreaseswith increasingdistance

alongthetube,insteadof remainingconstant.

Closeexaminationof figure 3.17 revealsthat the poor reconstructionsarenot a

fault of thealgorithmsbut a consequenceof thepresenceof a DC offset in the input

impulseresponseof thesteppedtubeandcoupler. Theexperimentallydeterminedin-

put impulseresponseof anobjectgenerallycontainsaDC offset.Thisoffset,whichis

aresultof DC offsetsin theinputpulseandobjectreflections,manifestsitself by caus-

ing reconstructionsto expandor contracttoo rapidly. For accuratereconstruction,the

offsetmustbecompletelyremovedbeforeapplicationof a reconstructionalgorithm.

4.2.1 Iterati vemethodof DC offset removal

Originally, theDC offsetvaluewasobtainedby aniterative processof estimationand

adjustment,until a sectionof theobjectknown to becylindrical wasreconstructedas

cylindrical, or (only whenusingthe moreaccuratelossyreconstructionalgorithms)

until theborereconstructioncoincidedwith a directly measureddiameter, at a known

point towardstheendof theobject.Themethodthereforerequiredsomeprior knowl-

edgeof theobject’sprofile. It alsoprovedverytimeconsuming,requiringareconstruc-

tion to becalculatedateachstepof theiteration.However, reasonablereconstructions

couldbeachieved.

Figure 4.3 shows the steppedtubebore reconstructionresultingfrom the appli-

cationof the Ware-Aki algorithmto the input impulseresponseof figure3.17,with

theDC offsetremoved. TheDC offsetwasobtainedby iteratively applyingthealgo-

rithm andadjustingthevalueremovedfrom theresponseuntil thereconstructionhad

approximatelyparallelsides.

Figure4.4shows thesteppedtubeborereconstructionresultingfrom theapplica-
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Figure4.3: Ware-Aki reconstructionof steppedtube. DC offsetremovedfrom input

impulseresponseusingiterativemethod.

Figure 4.4: Lossylayer-peelingreconstructionof steppedtube (using the rotating

phasemodelfilter). DC offset removedfrom input impulseresponseusingiterative

method.
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tion of thelossylayer-peelingalgorithm(usingtherotatingphasemodellossyfilter) to

thesameinput impulseresponsewith, again,theDC offsetremoved. In this case,the

DC offsetwasobtainedby iteratively applyingthealgorithmandadjustingthevalue

removedfrom theresponseuntil thereconstructedradiusagreedwith thedirectlymea-

suredradiusof 9.25 0 � 05mm,at310mmalongthetube.

In both figure 4.3 andfigure4.4, notethe presenceof the couplerat the startof

the reconstruction.The overshootsat eachexpansionin the reconstructionaredue

to theripple in the input impulseresponse(thecauseof which wasdiscussedin sec-

tion 3.5.2).

4.2.2 Cylindrical connectormethodof DC offset removal

50mm403mm

Source tube Cylindrical connector Coupler Object

4.8mm
radius
internal
Object’s

4.7mm4.8mm

Figure4.5: Cylindrical connectorinsertedbetweensourcetubeandcoupler.

An alternativemethodwasdevisedwhich allowedtheDC offsetto bedetermined

directly from the input impulseresponseratherthan 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

andthecouplingto theobjectunderinvestigation(figure4.5). Sincethereshouldbe

no signal reflectedbackfrom this cylindrical connector, the input impulseresponse

shouldbezero.Theaveragevalueof themeasuredinputimpulseresponse(of thecon-

nectorcoupledto thetestobject)over this rangethusgivestheDC offsetvalue. The

methodprovesmuchquickerthanthe iterative method;the DC offset canbe found
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withouta reconstructionhaving to becalculated.Anotheradvantageof this methodis

thatit doesnotrequireany prior knowledgeof theprofileof theobjectbeingmeasured.

Figure4.6: Input impulseresponseof steppedtubeandcouplerwith cylindrical con-

nector.

Figure4.6shows theinput impulseresponseof thesteppedtubeandcouplerwith

thecylindrical connectorin place.TheDC offsetis evaluatedover the1ms-2msrange

andis removedprior to theapplicationof a reconstructionalgorithm.Again,theinput

impulseresponsewasdeterminedfrom measurementsmadeat τ � 16� 5oC.

More accuratereconstructionscanbeobtainedby removing thesmall reflections

presentin the first millisecondof the input impulseresponse(causedby the slight

discontinuityin areabetweensourcetubeandcylindrical connector).This is doneby

zeroingthefirst millisecondof theinputimpulseresponse(aftertheDCoffsethasbeen

removed). Whenapplyinga reconstructionalgorithmto this modifiedinput impulse

response,theconnectorareashouldbeusedinsteadof thesourcetubeareaastheinitial

areaS0.

Figure4.7shows theinput impulseresponseof thesteppedtubeandcouplerwith
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Figure4.7: Input impulseresponseof steppedtubeandcouplerwith cylindrical con-

nector. DC offsetremovedandfirst millisecondzeroed.

cylindrical connectorafter the DC offsethasbeenremoved andthe first millisecond

zeroed.

Figure4.8shows thesteppedtubeborereconstructionresultingfrom theapplica-

tion of theWare-Akialgorithmto themodifiedinput impulseresponseof figure4.7.

Figure4.9shows thesteppedtubeborereconstructionresultingfrom theapplica-

tion of the lossylayer-peelingalgorithm(usingthe rotatingphasemodellossyfilter)

to thesamemodifiedinput impulseresponse.

In bothfigure4.8andfigure4.9,notethepresenceof thecylindrical connectorand

thecouplerat thestartof thereconstruction.Again, theovershootsat eachexpansion

in thereconstructionaredueto theripple in theinput impulseresponse.
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Figure4.8: Ware-Aki reconstructionof steppedtube. DC offsetremovedfrom input

impulseresponseusingcylindrical connectormethod.

Figure 4.9: Lossylayer-peelingreconstructionof steppedtube (using the rotating

phasemodellossyfilter). DC offsetremovedfrominput impulseresponseusingcylin-

drical connectormethod.
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4.3 Comparisonof reconstructionalgorithms

In the previous section,reconstructionsmadeusingthe Ware-Aki algorithmandthe

lossylayer-peelingalgorithm(usingthe rotatingphasemodel lossyfilter) werepre-

sented.

Figure4.10:Losslesslayer-peelingreconstructionof steppedtube. DC offsetremoved

frominput impulseresponseusingcylindrical connectormethod.

Figure4.10showsthesteppedtubeborereconstructionresultingfrom theapplica-

tion of the losslesslayer-peelingalgorithmto themodifiedinput impulseresponseof

figure4.7.

Figure4.11showsthesteppedtubeborereconstructionresultingfrom theapplica-

tion of the lossylayer-peelingalgorithm(usingtheall-polemodellossyfilter) to the

samemodifiedinput impulseresponse.

It is now possibleto comparereconstructionsmadeusingthe four algorithmsde-

scribedin chapter2 (theWare-Akialgorithm,thelosslesslayer-peelingalgorithm,the

lossylayer-peelingalgorithmusingtherotatingphasemodellossyfilter, andthelossy

layer-peelingalgorithmusingthe all-pole model lossyfilter). In this way, the most
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Figure4.11:Lossylayer-peelingreconstructionof steppedtube(usingall-pole model

lossyfilter). DC offsetremovedfrominput impulseresponseusingcylindrical connec-

tor method.

suitablereconstructionalgorithmcanbefound.

The axial resolutionof all the bore reconstructionsis the same. The two input

impulseresponsesto which thereconstructionalgorithmswereapplied,werebothde-

terminedfrom measurementsmadeatτ � 16� 5oC. Hence,thelengthof thecylindrical

segmentsmakingup thereconstructionsis l � cT � 2 ��� 331� 6 � 1 � 16� 5 � 273����� 2 �
10� 5 � � 2=0.0034m=3.4mm.However, theerroron thereconstructedaxial positionis

not � 3.4mm,it is simply � 3 � 4mm. To understandwhy this is the case,considera

pulsereflectedbackto themicrophonefrom theopenendof a cylindrical pipe. The

microphoneoutputis sampled.If thepassageof thestartof thepulsecoincideswith a

samplepoint (figure4.12),thepulsewill berecordedat thecorrecttime. However, if

thepassageof thestartof thepulseoccursbetweentwo samplepoints(figure4.13),the

pulsewill not berecordeduntil thesecondof thesamplepoints,sometime � T later.

If a reconstructionof thecylindrical pipewasmade,its lengthwould beanything up
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T

Figure4.12:Startof pulsecoincideswith a samplepoint.

T

Figure4.13:Startof pulselies betweentwo samplepoints.
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to cT  2 toolong; i.e. theerroron thereconstructedlengthwouldbe ! cT  2. Thus,for

measurementsmadeatτ " 16# 5oC, theerroron thereconstructedlengthis ! 3 # 4mm.

Examinationof figures4.8 and4.10revealsthat,asonewould expect,theWare-

Aki algorithmandthe losslesslayer-peelingalgorithm(neitherof which compensate

for losses)giveidenticalborereconstructions.Thesereconstructionsarein pooragree-

mentwith the measuredprofile of the steppedtube. The first sectionof the recon-

structedsteppedtubeincreasesin radiusfrom 5.8mmto 6.0mm(ratherthanremaining

constantat the measuredradiusof 6.20$ 0.05mm),whilst the secondsectionof the

reconstructedsteppedtubeincreasesin radiusfrom 8.1mmto 8.7mm(ratherthanre-

mainingconstantat themeasuredradiusof 9.25$ 0.05mm).This is becausethelosses

experiencedby the signalwhilst propagatingthroughthe cylindrical connector, the

coupler, the steppedtubeandbackagain,arelarge. Theselossesalsocausethe ex-

pansionsin thereconstructedprofile to beslopedratherthansharp.Theaxial position

of eachexpansioncanbeestimatedastheaxial positionof themidpointof theslope.

Using this method,theaxial positionsof thestartof thetube,thestepandtheendof

thetubecanbeestimatedas454! 3 # 4mm,584! 3 # 4mmand762! 3 # 4mmrespectively.

Thesevaluesagreewith the measuredpositionsof 453 $ 0 # 5mm, 582 $ 0 # 5mmand

759 $ 0 # 5mmto within theerrorbounds.

Examinationof figure4.3showsthatwhenthesignalonly hasto propagatethrough

thecoupler, thesteppedtubeandbackagain,thelossesexperiencedaresmallerandthe

reconstructedprofileis in betteragreementwith themeasuredprofile.Thefirst section

of thereconstructedsteppedtubehasaradiuswhichremainsapproximatelyconstantat

6.3mm(which is actuallyslightly largerthanthemeasuredradiusof 6.20$ 0.05mm),

whilst thesecondsectionof thereconstructedsteppedtubehasaradiuswhichremains

approximatelyconstantat9.1mm(comparedwith themeasuredradiusof 9.25$ 0.05mm).

Although the reconstructedprofile is in betteragreement,the radii still do not fall

within the error boundsof the measuredradii. The smallerlossescausethe recon-
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structedprofile to have sharperexpansions.The start of the tube, the stepand the

endof thetubecanbeestimatedas51% 3 & 4mm,181% 3 & 4mmand359% 3 & 4mmrespec-

tively. Thesevaluesagreewith themeasuredpositionsof 50 ' 0 & 5mm,179 ' 0 & 5mm

and356 ' 0 & 5mmto within theerrorbounds.

Inclusionof the cylindrical connectoris necessaryto enablemeasurementof the

DC offset, so the signal experiencessignificantlossesin most measurementcases.

In orderto obtaingoodreconstructionsof lengthysystems,analgorithmmustbeused

whichcompensatesfor thelossesexperiencedby thesignalwhilst propagatingthrough

theobject;i.e. thelossylayer-peelingalgorithmusingeithertherotatingphasemethod

or theall-polemethodto modelthefilter representinglosses.

Examinationof figures4.9 and4.11shows that the reconstructedprofiles(made

using the two different lossy layer-peelingalgorithms)are in goodagreementwith

the measuredprofile and with eachother. The radii of both reconstructedprofiles

agreewith themeasuredradii of 6.20' 0.05mmand9.25' 0.05mmto within theerror

bounds.Thereconstructedprofilesbothhave sharpexpansionsand,in bothcases,the

startof the tube,the stepandthe endof the tubecanbe estimatedas454% 3 & 4mm,

584% 3 & 4mm and 762% 3 & 4mm respectively. Thesevaluesagreewith the measured

positionsof 453 ' 0 & 5mm,582 ' 0 & 5mmand759 ' 0 & 5mmto within theerrorbounds.

At a samplingfrequency of 50kHz, thedelayintroducedwhenusingthe rotating

phasemodellossyfilter is insignificantandboth lossylayer-peelingalgorithmsgive

similar results. However, the lossy layer-peelingalgorithmtakesapproximatelyten

timesaslong to calculatea profile whenthe all-pole model lossyfilter is usedas it

doeswhen the rotating phasemodel lossy filter is used. Therefore,at a sampling

frequency of 50kHz,thelossylayer-peelingalgorithmusingtherotatingphasemodel

lossyfilter provesthemostsuitablereconstructionalgorithmto use.
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4.4 Reproducibility of reconstructions

In theprevioussection,radii atdifferentpointsalongatypicalsteppedtubereconstruc-

tion (madeusingthelossylayer-peelingalgorithmwith therotatingphasemodellossy

filter) werefoundto agreewith thecorrespondingdirectlymeasuredradii to within the

directmeasurementreadingerrorof 0.05mm.

To find out how reproduciblethe steppedtubereconstructionis (i.e. how much

the reconstructedradii vary betweenonereconstructionandthe next), the input im-

pulseresponseof thetubewasmeasuredfive times.Thelossylayer-peelingalgorithm

wasappliedto eachof theresponses(after theDC offsethadbeencalculatedandre-

movedusingthecylindrical connectormethod),resultingin five borereconstructions.

Halfwayalongthefirst andsecondcylindrical sections,theradii of thefivereconstruc-

tionswerefound.Meanvaluesfor theradiusof thesteppedtubeat thesetwo positions

werecalculated,alongwith thestandarddeviations.

Halfway alongthefirst cylindrical sectionof thesteppedtube,theradii of thefive

reconstructionswere6.173mm,6.176mm,6.189mm,6.187mmand6.165mm. The

meanvaluefor the reconstructedradiusat this positionis therefore6.178mmwith a

standarddeviation of 0.01mm. Halfway alongthe secondcylindrical sectionof the

steppedtube,theradii of thefivereconstructionswere9.213mm,9.205mm,9.219mm,

9.238mmand9.191mm.Themeanvaluefor thereconstructedradiusat this position

is therefore9.213mmwith a standarddeviationof 0.017mm.

Thestandarddeviationprovidesameasureof thereproducibilityof thereconstruc-

tion. It is clearthat the reproducibilityworsenswith axial distancealongthe recon-

structedprofile. However, even towardstheendof thesteppedtube,thestandardde-

viationof 0.017mmis lessthanthereadingerrorof 0.05mmon thedirectlymeasured

radius.
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4.5 Brassinstrument reconstructions

Thecombinedlengthof thecylindrical connector, couplerandsteppedtubewas759mm.

All the reflectionsreturningfrom this systemcompletelypassedthemicrophonebe-

fore thefirst sourcereflectionarrivedat themicrophone(i.e. they completelypassed

themicrophonewithin the time takento travel 2l1=6.20m,thedistancefrom themi-

crophoneto theloudspeakerandback).

Whenmeasuringobjectswhich arelongerthanthe306mmsteppedtube,a longer

sourcetubesectionl1 is necessaryto ensurethat the reflectionsreturningfrom the

cylindrical connector, couplerandobjectarecompletelyrecordedbeforethefirstsource

reflectionarrives.

In this section,reconstructionsof threebrassinstruments(whoselengths,when

combinedwith thecylindrical connectorandoneof thecouplersshown in figure3.6,

areall greaterthan1.6m),arepresented.Theseinstrumentsweremeasuredon a sec-

ondreflectometer, identicalto thereflectometerdescribedin section3.2exceptfor the

sourcetubesectionl1, whichat7.37mis overtwiceaslong. Theinstrumentreflections

weresampledusingthesame50kHzsamplingfrequency but with a samplelengthof

2048points,giving asampletimeof 40.96ms.

4.5.1 Amati-Kraslice trumpet

Figure4.14shows a borereconstructionof anAmati-Kraslicetrumpetin B ( with no

valvesdepressed(calculatedfrom measurementsmadeat τ=17.5oC). This instrument

is a ‘standardmodel’ trumpet.Directmeasurementsaresuperimposedon thegraphto

providea comparisonwith thereconstructedprofile.

AlthoughtheDCoffsetwascalculatedandremovedusingthecylindrical connector

method,theconnectoris not displayedon thegraph. For thefirst 100mm,thegraph

shows thecouplerwhichwaschosen(from thesix couplersdisplayedin figure3.6) to

give a goodfit to thetrumpet. Thecouplerpenetrateda distanceof 13.5mminto the
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Figure4.14:Reconstructedandmeasuredboreprofilesof Amati-Kraslicetrumpet.No

valvesdepressed.

instrument.From 100mmto 1200mm,the graphshows the trumpetprofile (starting

from aposition13.5mmin from themouthpieceend).

After aninitial wideningof thebore(between130mmand300mmon thegraph),

theprofile of thetrumpetis approximatelycylindrical. Theradiusremainsfairly con-

stantthroughthe valve section(between650mmand750mm),which is situatedto-

wardstheendof theinstrument.Thisconstantboreradiusis characteristicof a ‘stan-

dardmodel’ trumpet.At thebell (which beginsat approximately930mm),theradius

beginsto increaserapidly.

Comparisonof thereconstructedprofilewith radii directlymeasuredatvariousac-

cessiblepositionsalongthetrumpetborerevealsthatthereconstructionbreaksdown in

regionswheretheboreradiuschangesrapidly. Primeexamplesof suchregionsarethe

stepsat thebeginningandendof themaintuning-slide(atgraphpositions340mmand

630mmrespectively) andthe flaring bell (from approximately930mmonwards).In

theseregions,thereconstructedprofilehasasmallerradiusthanthedirectlymeasured
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radius.Themostlikely explanationfor this breakdown is thefact thatthereconstruc-

tion algorithmassumesplanewave propagationwithin the instrument.At regionsof

rapidchangein theboreprofile,sphericalwave propagationbecomespredominant.

Figure4.15: Reconstructedbore profilesof Amati-Kraslice trumpet. No valvesde-

pressedandall threevalvesdepressed.

Figure 4.15 shows bore reconstructionsof the Amati-Kraslicetrumpetwith no

valvesdepressedandwith all threevalvesdepressed(calculatedfrom measurements

madeat τ=17.5oC andτ=18.2oC respectively). Depressingall the valvesintroduces

threeextra sectionsof cylindrical tubing (the first, secondand third valve tuning-

slides),thusincreasingthelengthof thevalvesection(whichnow occupiestheregion

between650mmand1350mmon the graph). The total lengthof the instrumentis

increasedby approximately600mm.

Figure 4.16 shows a 3D representationof the Amati-Kraslicetrumpetwith no

valvesdepressed,createdfrom thereconstructiondatadisplayedin figure4.14.
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Figure4.16:3D representationof Amati-Kraslicetrumpet.No valvesdepressed.

4.5.2 Rudall Carte ‘Webster’ trumpet

Figure4.17 shows a borereconstructionof a Rudall Carte‘Webster’trumpetin B )
with no valves depressed(calculatedfrom measurementsmadeat τ=17.7oC). This

instrumentis a ‘conical boremodel’ trumpet.Directmeasurementsaresuperimposed

on thegraphto provideacomparisonwith thereconstructedprofile.

Again, althoughthe DC offset wascalculatedandremoved usingthe cylindrical

connectormethod,theconnectoris not displayedon thegraph.For thefirst 100mm,

the graphshows the couplerwhich waschosen(from the six couplersdisplayedin

figure 3.6) to give a good fit to the trumpet. The couplerpenetrateda distanceof

10.0mminto theinstrument.From100mmto 1200mm,thegraphshows thetrumpet

profile (startingfrom aposition10.0mmin from themouthpieceend).

After aninitial wideningof thebore(between150mmand310mmon thegraph),

the profile of the trumpetcontinuesto expandslowly. The radiusincreasesthrough

the valve section(between310mmand 410mm)which, unlike the Amati-Kraslice

trumpet,is situatedtowardsthestartof theinstrument.Thiscontinualslow expansion

of theboreis characteristicof a ‘conical bore’ trumpet. At thebell (which beginsat
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Figure 4.17: Reconstructedand measured bore profiles of Rudall Carte ‘Webster’

trumpet.No valvesdepressed.

approximately860mm),theradiusincreasesmorerapidly.

Again,comparisonof thereconstructedprofilewith radii directlymeasuredatvar-

iousaccessiblepositionsalongthetrumpetborerevealsthatthereconstructionbreaks

down in regionswheretheboreradiuschangesrapidly (suchasthestepsat theends

of tuning-slidesandtheflaringbell).

Figure4.18showsborereconstructionsof theRudallCarte‘Webster’trumpetwith

no valves depressedand with all threevalves depressed(calculatedfrom measure-

mentsmadeat τ=17.7oC andτ=17.3oC respectively). Depressingall the valves in-

troducesthreeextra sectionsof cylindrical tubing (the first, secondand third valve

tuning-slides),thusincreasingthelengthof thevalvesection(whichnow occupiesthe

regionbetween310mmand930mmonthegraph).Unlike theAmati-Kraslicetrumpet,

theextra tubingis addedtowardsthestartof thetrumpetratherthantowardstheend.

Thetotal lengthof theinstrumentis increasedby approximately520mm.

Figure4.19showsa 3D representationof theRudallCarte‘Webster’trumpetwith
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Figure4.18:Reconstructedboreprofilesof RudallCarte‘Webster’trumpet.Novalves

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

pressed.
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no valvesdepressed,createdfrom thereconstructiondatadisplayedin figure4.17.

4.5.3 Morhange Posthorn

Figure4.20:Reconstructedboreprofile of a Morhangeposthorn.

Figure4.20shows a borereconstructionof a B * posthornprobablyby Morhange

(calculatedfrom measurementsmadeatτ=16.5oC). For instrumentssuchasthese,it is

not possibleto makedirectmeasurementsasthereareno tuning-slidesandtherefore

no accesspoints.Acousticpulsereflectometryprovesvery usefulin themeasurement

of suchinstruments.

Again, althoughthe DC offset wascalculatedandremoved usingthe cylindrical

connectormethod,theconnectoris not displayedon thegraph.For thefirst 100mm,

the graphshows the couplerwhich waschosen(from the six couplersdisplayedin

figure 3.6) to give a goodfit to the posthorn. The couplerpenetrateda distanceof

21.9mminto theinstrument.From100mmto 1200mm,thegraphshows theposthorn

profile (startingfrom aposition21.9mmin from themouthpieceend).

After aninitial wideningof thebore(between170mmand480mmon thegraph),
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theprofile of theposthornis approximatelycylindrical. At thebell (which beginsat

approximately950mm),theradiusbeginsto increaserapidly. Thesuddendecreasein

radiusat 1030mmis causedby a dentin thebell of theinstrument.

Figure4.21 shows a 3D representationof the posthorn,createdfrom the recon-

structiondatadisplayedin figure4.20.
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Figure4.21:3D representationof Morhangeposthorn.
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Chapter 5

Input impedance

5.1 Intr oduction

In this chapter, impedancecurvescalculatedfrom input impulseresponsemeasure-

mentsmadeusing acousticpulsereflectometry, are presented.An alternative, fre-

quency domainmethod(thesweptsinewavemethod)of measuringtheinputimpedance

of anobjectisdescribedandsampleresultsareshown. Impedancecurvesmeasuredus-

ing thetimedomaintechniqueof acousticpulsereflectometryandusingthefrequency

domainsweptsinewavetechniquearecomparedbothwith eachotherandwith a the-

oreticalcurve. Finally, impedancecurvesof two brassinstrumentsarepresentedand

discussed.

5.2 Acoustic pulsereflectometrymethod of measuring

input impedance

Applying equation2.61to thecomplex spectrumof the input impulseresponseof an

objectyieldstheobject’s complex input impedanceover a rangeof frequencies.This

informationis normallydisplayedasanimpedancecurve; themagnitudeof the input
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Figure5.1: Reflectometryimpedancecurvefor steppedtubeandcoupler.

impedanceversusthefrequency.

Figure 5.1 shows the impedancecurve resulting from the applicationof equa-

tion 2.61 to the complex spectrumof the experimentallydeterminedinput impulse

response(figure 3.17) of the steppedtubeandcoupler. The input impulseresponse

wasdeterminedfrom measurementsmadeatτ=16.5oC. Thecrosseson theimpedance

curve indicatethefrequenciesat which theimpedancewascalculated.

Whenevaluatingtheinput impedancedirectly from theinput impulseresponse,it

is notnecessaryto calculatetheDC offset.TheDC offsetonly changestheimpedance

at 0Hz.

5.2.1 Impedancecurve fr equencyresolution

Thefrequency resolutionof animpedancecurveis thesameasthatof theinputimpulse

responsespectrumfrom whichit wascalculated.Thefrequency resolutionof theinput

impulseresponsespectrumisdeterminedby thesamplelengthof theobjectreflections,

which is constrainedby thereflectometersourcetubesectionl1.
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Thereflectometerusedto measuretheinput impulseresponseof thesteppedtube

andcouplerhasl1=3.10m. To avoid sourcereflectionsbeingrecorded,objectreflec-

tionsaresampledovera timeperiodshorterthanthetimetakenfor thesignalto travel

the distance2l1 (from the microphoneto the loudspeakerandback). At a sampling

frequency of 50kHz,whensamplingis started3msbeforetheobjectreflectionsreach

themicrophone,themaximumnumberof pointsover which objectreflectionscanbe

sampledwithout recordingany sourcereflectionsis 1024.Thisresultsin thespectrum

of theobjectreflectionsand,therefore,thespectrumof theinputimpulseresponsehav-

ing a maximumfrequency resolutionof 50000/1024=48.83Hz.This is the frequency

resolutionof theimpedancecurve shown in figure5.1.

To improve the impedancecurve frequency resolutionby samplingtheobjectre-

flectionsovera longertimeperiodeitherthesourcetubesectionl1 mustbelengthened

or thesourcereflectionsremoved. Althoughincreasingl1 improvesthe resolutionof

the impedancemeasurement,the object reflectionsexperienceextra losses.This at-

tenuationof thehigherfrequenciesmeansthat the impedancecanonly beaccurately

calculatedat low frequencies.Chapter7 detailswork concernedwith removing the

sourcereflections(by driving theloudspeakerin suchawayasto absorbtheincoming

objectreflections).

5.2.2 Zero-padding to impr ove impedancecurve fr equencyreso-

lution

Recallingtheconstraintthattheinputpulseandobjectreflectionsmustbeself-windowing,

by theendof theinputimpulseresponsethesignalshouldhavedecayedto zero.There-

fore,thelengthof theresponsecanbeartificially increased,withouthaving to increase

thesamplelengthof theobjectreflections,by paddingit out to thedesiredlengthwith

zeroes(at 20µs intervals, correspondingto the samplingfrequency of 50kHz). By

paddingtheresponseout from 1024pointsto 8192points,thefrequency resolutionof
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the impedancecurve is improved to 50000/8192=6.10Hz.Note thatbeforethe input

impulsecanbe zero-padded,the DC offset mustfirst be removed. The offset need

not bedeterminedasaccuratelyasfor borereconstruction;anestimationfrom visual

examinationof theinput impulseresponseis usuallysufficient.

Figure5.2: Improvedresolutionreflectometryimpedancecurvefor steppedtubeand

coupler.

Figure 5.2 shows the impedancecurve resulting from the applicationof equa-

tion 2.61 to the spectrumof the zero-paddedinput impulseresponseof the stepped

tubeandcoupler. The input impulseresponsewaszero-paddedfrom 1024pointsto

8192points(afteranestimatedDC offsetof 0.0016hadbeenremoved)resultingin an

impedancecurve frequency resolutionof 6.10Hz.

5.3 Sweptsinewavemethodof measuringinput impedance

A standardfrequency domainmethodof measuringthe input impedanceof a tubular

object is the sweptsinewave method. As the namesuggests,the object is excited

85



at its input by a sinusoidalpressurewave. The frequency of the excitation wave is

increasedandthepressureresponseat eachfrequency is recorded.Providedtheexci-

tationwavehasaconstantvolumevelocity, thepressureresponseis proportionalto the

input impedanceof theobject. No phaseinformationis gainedusingthis technique;

only themagnitudeof theinput impedanceis measured.

5.3.1 Experimental apparatusand its operation

CHAMBER

A/DD/A

GENERATOR
DIG

INPUT
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VOLUME
AIR

PLATE

ANECHOIC

Figure5.3: Schematicdiagramof experimentalapparatus.

Figure5.3 shows a schematicdiagramof the experimentalapparatususedin the

frequency domainmeasurementof the input impedanceof a volumeof air. Theloud-

speaker, themicrophonesandthevolumeof air undertestareall mountedin anane-

choicchamber, with theelectronicsin anadjoiningroom.This apparatusis similar to

thatdescribedby Backus[1974,1975].

A voltageis producedby a 12 bit D/A converter(locatedon an IotechDaqBook

dataacquisitionsystemcontrolledby a Viglen 486DX 66MHz PC)andusedto drive
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a Bruel andKjaer Type1023sinegenerator. An inbuilt frequency metermeasuresthe

exact frequency of the generatedwave andoutputsthe result, in binary codeddeci-

mal form, to the PC (via a digital input on the DaqBook). Thegeneratedsinewave

is amplifiedby a Bruel andKjaer Type2706power amplifierandusedto feeda horn

loudspeakerdriver. A Bruel andKjaer 1
2 inch microphonemonitorsthepressuregen-

eratedin acavity mountedin front of thehorndriver. Thispressuresignalis measured

usinga Bruel andKjaer Type 2608measuringamplifier andpassedbackto a com-

pressorcircuit in thesinegenerator. Thecompressoradjuststhesinegeneratoroutput

soasto maintainthecavity pressureconstant.In thepresentcase,this feedbackloop

ensuresthat the cavity pressureremains130 + 0 , 5 dB SPL over the frequency range

50Hz-4kHz. An annularcapillary of length69mmconnectsthe cavity to a plateon

which thevolumeof air undertestis mounted.On theassumptionthattheimpedance

of thecapillaryis independentof frequency andmuchlargerthantheimpedanceof the

volumeof air, thesystemcanbeconsidereda sourceof constantvolumevelocity. The

pressurein the volumeof air, measuredby a Knowles microphoneembeddedin the

plate,is thendirectly proportionalto the input impedanceof thevolumeof air. This

pressuresignalis passedthroughaKemoVBF/3 highpassfilter setto 50Hzto remove

low frequency noise(suchasthenoiseassociatedwith theclosingof doorsoutsidethe

laboratory).Thefilteredsignalis displayedonaBruelandKjaerType2609measuring

amplifierwhichoutputsa voltageproportionalto thepressuredisplayed.This voltage

is sampledby a12 bit A/D converterlocatedon theDaqBookandconvertedbackto a

pressurevalueby thePC.Giventhevolumevelocity, thePCalsocalculatestheinput

impedanceaccordingto equation2.7.

A highervoltageis thenproducedby theD/A converterandusedto drive thesine

generator. A waveof higherfrequency is generatedandtheabove processis repeated.

In this way, the input impedanceof the volumeof air undertest is measuredover a

frequency rangeof approximately1Hz to 4kHz. However, becausethe pressurein
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the cavity is not constantbelow 50Hz, the rangeover which the input impedanceis

accuratelymeasuredis 50Hz-4kHz.

Determination of the volumevelocity

To determinethe volumevelocity, a small volume wasplacedon the experimental

apparatus.TheimpedanceZ of asmallvolumeV is givenby:

Z - ρc2

ωV
(5.1)

whereρ is thedensityof air, c - 331. 6 / 1 0 τ 1 273m/s is thespeedof soundin air,

τ is theair temperaturein oC, andω is theangularfrequency of theexcitationsound

wave.

Substitutingequation2.7into equation5.1andrearranginggives:

U - pωV
ρc2 -32 10

p 4 dB5
20 6�7 2 7 108 5 7 ωV

ρc2 (5.2)

whereU is thevolumevelocity, p is thepressurein Pascalsandp 2 dB6 is thepressure

in decibels.

Thusby measuringthepressureat differentfrequencies,valuesof thevolumeve-

locity canbefound.

For a volumeof air V - 1 7 108 5m3, thevolumevelocitymeasuredat frequencies

over the50Hz-2.5kHzrangewasfoundto haveanaveragevalueof 3 7 108 8m3s8 1.

5.3.2 Sweptsinewave impedancecurve

Figure5.4shows theimpedancecurve resultingfrom themeasurementof thestepped

tubeandcouplerusingthesweptsinewave method.Theobjectmeasuredessentially

consistedof threecylindrical sections;a cylinder of length50mmandradius4.8mm

(thecoupler),a cylinder of length129mmandradius6.20mm(thefirst sectionof the

steppedtube),andacylinderof length177mmandradius9.25mm(thesecondsection
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Figure5.4: Sweptsinewaveimpedancecurvefor steppedtubeandcoupler.

of thesteppedtube).Themeasurementwasmadeatanair temperatureof 18.5oC. The

resolutionof theimpedancecurve is approximately1Hz.

5.4 Theoretical expressionfor input impedance

A theoreticalexpressionfor thecomplex input impedanceof a cylinder is well known

[Kinsler etal 1982]. Using this expression,a theoreticalexpressionfor the complex

input impedanceof anobjectconsistingof threecylindrical sectionscanbederived.

5.4.1 Input impedanceof a cylinder

Assumingplanewavepropagationbut includinglosses,thecomplex input impedance

of a cylinderof lengthl andradiusr is givenby:

Zin 9 ρω
kπr2

:;;< Zloadkπr2

ρω = j tankl

1 = j
Zloadkπr2

ρω
tankl

> ??@ (5.3)
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whereZin is the complex input impedance,Zload is the complex load impedance(at

the endof the cylinder), ρ is theair density, ω is the angularfrequency, andk is the

complex propagationconstant.

Thecomplex propagationconstantis definedasbeing:

k A k B jα A ω
c
B j

1
rc CED ηω

2ρ FHG γ B 1 I D κω
2ρCp J (5.4)

whereγ is the ratio of theprincipalspecificheatsof air, Cp is thespecificheatof air

at constantpressure,η is thecoefficientof shearviscosityof air, κ is thethermalcon-

ductivity of air, c A 331K 6 L 1 F τ M 273m/sis thespeedof soundin air, andτ is theair

temperature.

For an open-endedcylinder, the load impedanceis the radiationimpedancewhich,

for anunflangedend,is givenby:

Zload A 0 K 25
ρω

kπr2k2r2 F j0 K 6 ρω
kπr2 kr (5.5)

Substitutingequation5.5into equation5.3givestheinputimpedanceof anopen-ended

cylinder:

Zin A ρω
kπr2 C 0 K 25k2r2 F j G 0 K 6kr F tankl IG 1 B 0 K 6kr tankl I F j0 K 25k2r2 tankl J (5.6)

5.4.2 Input impedanceof a steppedtube

Figure5.5showsaschematicdiagramof asteppedtubeconsistingof threecylindrical

sections,thelastof which is open-ended.

Thecomplex impedanceZC at theboundarybetweenthesecondandthird cylindri-

cal sectionsis simply theinput impedanceof theopen-endedthird cylinder (of length
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Figure5.5: Schematicdiagram of a steppedtubeconsistingof threecylindrical sec-

tions.

l3 andradiusr3). Hence,substitutingZC for Zin, l3 for l andr3 for r in equation5.6

gives:

ZC N ρω
kπr2

3 O 0 P 25k2r2
3 Q j R 0 P 6kr3 Q tankl3 SR 1 T 0 P 6kr3 tankl3 S Q j0 P 25k2r2

3 tankl3 U (5.7)

Note that in this casek is the propagationconstantfor the third cylindrical section

whichhasradiusr3. Hence,k is foundby substitutingr3 for r in equation5.4.

The complex impedanceZB at the boundarybetweenthe first andsecondcylin-

drical sectionsis simply the input impedanceof the secondcylinder (with a load

impedanceequalto ZC). Hence,substitutingZB for Zin, l2 for l , r2 for r andZC (calcu-

latedusingequation5.7)for Zload in equation5.3gives:

ZB N ρω
kπr2

2

VWWWX ZCkπr2
2

ρω Q j tankl2

1 Q j
ZCkπr2

2

ρω
tankl2

Y ZZZ[ (5.8)

Again, notethat in this casek is the propagationconstantfor the secondcylindrical

sectionwhichhasradiusr2. Hence,k is foundby substitutingr2 for r in equation5.4.

Finally, theinput impedanceof thesteppedtubeZA is simply theinput impedance

of the first cylinder (with a load impedanceequalto ZB). Hence,substitutingZA for
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Zin, l1 for l , r1 for r andZB (calculatedusingequation5.8) for Zload in equation5.3

gives:

ZA \ ρω
kπr2

1

]^^^_ ZBkπr2
1

ρω ` j tankl1

1 ` j
ZBkπr2

1

ρω
tankl1

a bbbc (5.9)

Again,notethatin thiscasek is thepropagationconstantfor thefirstcylindrical section

whichhasradiusr1. Hence,k is foundby substitutingr1 for r in equation5.4.

5.4.3 Theoretical impedancecurve

Figure5.6: Theoretical impedancecurvefor steppedtubeandcoupler.

Figure5.6showstheimpedancecurveresultingwhenthedimensionsof thestepped

tube and coupler are substitutedin to equations5.7, 5.8 and 5.9 (i.e. l1=50mm,

r1=4.8mm,l2=129mm,r2=6.20mm,l3=177mm,r3=9.25mm).A temperatureof τ=16.5oC

wasused.
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5.5 Comparisonof the differ ent methodsof measuring

input impedance

Figure 5.7: Reflectometry, sweptsine wave and theoretical impedancecurvesfor

steppedtubeandcoupler.

Figure5.7 comparesimpedancecurvesfor thesteppedtubeandcouplerobtained

usingthethreedifferentmethodsdescribed.Theimpedancecurvescanbeseensepa-

ratelyin figures5.2,5.4and5.6.

Thebasicshapeof thethreeimpedancecurvesis thesame.However, atthemaxima

andminima,thecurvesdivergein bothfrequency andamplitude.

Comparingthereflectometryimpedancecurve with the theoreticalcurve, thefre-

quenciesof themaximaandminimaof thereflectometrycurve areall approximately

0.7%lower thanthoseof the theoreticalcurve. This impliesthat,whenmeasuredon

thepulsereflectometer, thesteppedtubeandcouplerbehave 0.7%longerthanthedi-

rectly measuredlengthof 356mm(i.e. they behave 2.5mmlonger). However, it was

shown in section4.3thatanobjectmeasuredon thereflectometercanbehaveanything
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up to cT d 2 e 3 f 4mm longer thanits directly measuredlength. Hence,the frequen-

ciesof thereflectometryimpedancecurve agreewith thoseof thetheoreticalcurve to

within experimentalerror. The amplitudesof the peaksof the theoreticalcurve are

uniformly higherthanthoseof thereflectometryimpedancecurve.

Comparingthe sweptsinewave impedancecurve with the theoreticalcurve, the

frequenciesof themaximaandminimaof thesweptsinewavecurveareall lowerthan

thoseof the theoreticalcurve. The frequenciesareapproximately1% lower for the

first two resonancesandapproximately2%lowerfor thenext threeresonances,whilst

thefrequenciesareapproximately1.5%lower for thefirst two antiresonancesandap-

proximately1% lower for the next threeantiresonances.Oneexplanationfor these

differencesis thefalseassumptionthat thesourcecapillaryhasa frequency indepen-

dentimpedance.Thecapillaryis 69mmlong. Whenthewavelengthof theexcitation

sinewave is reducedto four timesthis length(whenthe frequency reachesapproxi-

mately1.2kHz),resonanceeffectsbegin to occur. Hence,by thethird of thestepped

tuberesonancepeaks,capillaryresonanceeffectsarealsosignificant.Anotherexpla-

nationis thefalseassumptionthatthesteppedtubeimpedanceis negligible compared

with thecapillaryimpedance.Theimpedanceatthesteppedtuberesonancepeaksis of

theorderof 108 ohms.Thisis significantwhencomparedwith thecapillaryimpedance

whichis of theorderof 109 ohms.Theamplitudesof thepeaksof thetheoreticalcurve

areuniformly higherthanthoseof thesweptsinewave impedancecurve.

5.6 Brassinstrument impedancecurves

To illustratetheuseof impedancecurvesin thestudyof musicalinstruments,results

for two 19th centurycornets(measuredusingboth the acousticpulsereflectometry

methodandthesweptsinewave method)arepresentedanddiscussed.

The reflectometryimpedancecurveswerecalculated(usingequation2.61) from

zero-paddedinput impulseresponsemeasurementsmadeusingthelongersourcetube
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reflectometerdescribedin section4.5. Thelongersourcetubeensuredthatthereflec-

tions returningfrom eachof the cornetswerecompletelyrecorded.The two setsof

reflectionsweresampledat 50kHzwith samplelengthsof 2048points;the resultant

input impulseresponseswerebothzero-paddedup to 8192points.

Eachcornetwas connectedto the reflectometersourcetube or the microphone

andsinewave sourcecapillaryusingoneof thecouplersshown in figure3.6. These

couplershave approximatelythe samevolume as a cornetmouthpiece. Thus, the

impedancecurvesmeasuredfor eachcornetareagoodapproximationto theimpedance

curvesfor eachcornetwith its mouthpieceattached.

5.6.1 Boosey& Co. cornet

Figure5.8: Impedancecurvesfor Boosey & Co. cornetwith no valvesoperated.

Figure5.8 shows impedancecurvesfor a Boosey & Co. ‘Acme’ modelcornetin

B g with no valvesoperated(both impedancecurvesweremeasuredat 17.4oC). This

instrumentis a ‘standardmodel’ cornetwith a cylindrical borethroughthevalves. It

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

5.6.2 Rudall Carte cornet

Figure5.9: Impedancecurvesfor RudallCartecornetwith novalvesoperated.

Figure5.9 shows impedancecurvesfor a RudallCarte‘conical boremodel’ cor-

net in B h with no valvesoperated(again,both impedancecurvesweremeasuredat

17.4oC). This instrumentis characterisedby its bore which increasesin diameter

throughthe valve pistonsandbetweenonevalve andthe next. Comparedwith the

Boosey & Co. cornet, the bore is narrower and more gently taperingbetweenthe

mouthpiecereceiverandthevalves.Theinstrumentwasdesignedto playat a pitchof

A4=452.5Hz.

5.6.3 Discussion

Comparisonof the curvesfor the two cornetsclearly shows thatall the peaksareat

slightly lowerfrequenciesfor theBoosey & Co. cornetwhichhashaditspitchlowered.
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In fact,analysisof thefrequenciesof thepeakssuggestthattheBoosey & Co. cornet

shouldplayatapitcharound116centslowerthantheRudallCarteinstrument.Playing

testsconfirmthatthis is indeedthecase.It appearsthatthehigh pitch instrumentwas

designedto playat A4 with its tuning-slidespartiallywithdrawn.
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Chapter 6

Investigationof leaks

6.1 Intr oduction

In this chapter, theeffect of a leakin thewall of a tubular objecton theobject’s bore

reconstructionandinput impedanceis investigated.Examinationof the borerecon-

structionleadsto a methodfor detectingthepresenceof a leak in any tubular object.

It is shown thatfor certainobjects,theaxial positionof a leakcanalsobedetermined.

Finally, for thespecialcaseof a cylindrical pipe,a methodfor determiningthesizeof

a leakfrom input impedancemeasurementsis described.

6.2 Detectingthe presenceof a leak in a tubular object

A smallleakin thewall of anobjectbeingmeasuredonthepulsereflectometercanbe

thoughtof asa sidebranchof complex impedance(discussedfurther in section6.4).

Thesidebranchpresentsareductionin themagnitudeof theimpedanceseenby thein-

comingpulse.Thischangeis similarto thechangein impedancecausedby awidening

of thebore.Hence,theleakappearsasanexpansionin theborereconstruction.

A leakingobjectreconstructedusingthecylindrical connectormethodof DCoffset

removal (describedin section4.2.2)will give a reconstructionwhich is correctasfar
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asthepositionof theleak,afterwhichit will expandto anextentdependentonthesize

of theleak.

Figure6.1: Reconstructedbore profileof cylindrical pipewith andwithoutleak.

As anexample,figure6.1shows two borereconstructionsof a 501mmlongcylin-

drical pipeof internalradius5.0mmandwall thickness1.0mm. In the first casethe

pipewall containsa 0.5mmradiuscircularhole (drilled 200mmfrom thestartof the

pipe) whilst in the secondcasethis hole is sealed.The reconstructionswerecalcu-

latedfrom measurementsmadeat τ i 17j 0oC usingthe original pulsereflectometer

(describedin section3.2).

Although the DC offset was calculatedand removed using the cylindrical con-

nectormethod,the connectoris not displayedon the graph. The startof the graph

correspondsto the startof the cylindrical pipe, with the expansionfrom the 4.7mm

radiuscylindrical connectorclearlyvisible. Thetwo reconstructionscoincideuntil the

positionof the leak,200mm from thestartof thepipe. Fromthis point onwards,the

reconstructionof the leakingpipe expands,reachinga final radiusof 9.0mm,whilst

thereconstructionof theairtightpipecontinuesat thecorrectradiusof 5.0mm.
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From theseobservations,a methodof leakdetectionwasdevised. If theborere-

constructionof anobjectpassesthrougha directly measuredradiusat a known point

towardstheendof theobject,the objectcanbeconsideredairtight. If, however, the

reconstructionhasa larger radiusthanthe directly measuredradius,theremustbe a

spuriousexpansionpresentandtheobjectmustcontaina leak.

Of course,for the simplecaseof a cylindrical pipe, the merepresenceof a re-

flection must indicatethe presenceof a leak. Hence,the methodof leak detection

describedabove, whilst valid, is not strictly necessary. However, whendealingwith

morecomplicatedtubularobjectswhoseboresexpandandcontract,reflectionscanre-

sult from eithera changein boreradiusor from a leak in theobject’s wall. For such

objects,themethodof leakdetectiondescribedabove mustbeused.

6.2.1 Rudall Carte cornet

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

valvesoperated.

Figure 6.2 shows a bore reconstructionof a Rudall Carte ‘conical bore model’
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Figure6.3: Reconstructedbore profile of Rudall Carte cornetwith leak sealed.All

threevalvesoperated.

cornetin B k with all threevalvesoperated(calculatedfrom measurementsmadeat

τ l 19m 9oC usingthelongersourcetubereflectometerdescribedin section4.5).

For thefirst 100mm,thegraphshows thecouplerwhich waschosen(from thesix

couplersdisplayedin figure3.6)to couplethecornetto thecylindrical connectorwith

thebestpossiblefit. Thecouplerpenetratedadistanceof 35.3mminto theinstrument.

From100mmto 1800mm,thegraphshows thecornetprofile(startingfrom a position

35.3mmin from themouthpieceend).

At a tuningslidetowardstheendof theinstrument(theaxialpositionon thegraph

is 1337mm),the internal radiusof the cornetwasmeasuredusingcalipers. The di-

rectly measuredradiusof 5.8n 0.05mmwas found to be significantly lessthan the

reconstructedradiusof 7.7mmat thesameaxialposition,suggestingthepresenceof a

leakbeforethis position.

Examinationof the cornetrevealeda crack in the third valve tuning slide. Fig-

ure 6.3 shows a secondbore reconstructionof the sameRudall Carte‘conical bore
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model’ cornet,madethis time with the cracksealed(calculatedfrom measurements

madeat τ o 17p 2oC usingthe longersourcetubereflectometer).The reconstruction

andthedirectmeasurementarenow seento bein goodagreement,showing thatthere

arenoothersignificantleaksin thesectionof theinstrumentbeforethemeasuredpoint.

6.2.2 King tr ombonebell section

Figure6.4: Reconstructedbore profileof King trombonebell sectionwith leak.

Figure 6.4 shows a bore reconstructionof the bell sectionof a King trombone

(calculatedfrom measurementsmadeat τ o 18p 3oC usingthe longersourcetubere-

flectometer).

Thecouplershown in figure3.5wasusedto couplethecylindrical connectorto the

trombonebell section.Thegraphshows thecouplerfor thefirst 50mmandthenthe

tromboneprofile from 50mmto 1200mm.

At two different positions(347mmand 637mmon the graph), the internal ra-

dius of the trombonewasmeasuredusing calipers. The directly measuredradii of

7.0q 0.05mmand 9.0q 0.05mmwere found to be significantly lessthan the recon-
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structedradii of 9.2mmand10.9mmat thesameaxial positions,suggestingthepres-

enceof a leakbeforethesepositions.

Figure6.5: Reconstructedbore profileof King trombonebell sectionwith leaksealed.

Examinationof the trombonerevealeda cracknearthe start of the bell section.

Figure6.5 shows a secondborereconstructionof the sameKing trombonebell sec-

tion, madethis time with the cracksealed(calculatedfrom measurementsmadeat

τ r 18s 3oC usingthe longersourcetubereflectometer).The reconstructionandthe

directmeasurementarenow seento bein goodagreement,showing that thereareno

othersignificantleaksin thesectionof theinstrumentbeforethemeasuredpoint.

6.3 Identifying the axial position of a leak in a tubular

object

For anobjectwhoseentireboreprofile is not known in advance,anexpansionin the

reconstructiondueto a leakmaybe indistinguishablefrom anactualwideningof the

bore.Hence,althoughthepresenceof a leakcanbedetected,its axialpositionmaybe
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difficult to determine.

For certainobjects,theaxialpositionof aleakcanbefoundby producingtwo bore

reconstructions:thefirst with theobject’s input coupledto thecylindrical connector,

the secondwith the object reversedso that its output is coupledto the cylindrical

connector.

Thefirst reconstructionstartsat theobject’s input,endsattheobject’soutputandis

correctup until thepositionof theleak(afterwhich it expandsto anextentdependent

on the leaksize). Thesecondreconstructionstartsat theobject’s output,endsat the

object’s inputandis correctup until thepositionof theleak(afterwhich it expandsto

anextentdependenton theleaksize).Therefore,reversingthesecondreconstruction

andsuperimposingit on thefirst yields a completeprofile. Theaxial positionof the

centreof theleakis thepointwherethetwo reconstructionscoincide.

This methodcanbe applieddirectly to a leakingobjectwhoseoutputandinput

radii aresimilar (e.g.a flute)but not to onewhoseoutputradiusis significantlylarger

(e.g.aninstrumentwith aflaringbell). Thereasonfor this is thepracticaldifficulty of

couplingtheoutputendof theobjectto thecylindrical connector.

The methodcan,however, be usedto examinea sectionof an objectsuchas a

trumpet.Thefirst reconstructionis produced,asbefore,by couplingthemouthpiece

endof thetrumpetto thecylindrical connector. Thesecondreconstructionis produced

in aslightly differentwayto thatdescribedpreviously. Insteadof attemptingto couple

the trumpetbell to the cylindrical connector, the coupling is madeat a tuning-slide

towardstheoutputendof theinstrument.In this way, theinstrumentbell is bypassed,

removing the couplingproblembut restrictingtheexaminationof the trumpetto the

sectionbetweenthemouthpieceendandthetuning-slide.
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Figure6.6: Reconstructedbore profile of Blessingflutewith leakingpad. Inputendof

flutecoupledto cylindrical connector.

6.3.1 Blessingflute

Figure6.6showsa borereconstructionof a Blessingflute with all thepadsclosedbut

with oneleaking.To measuretheflute, theheadjoint wasremovedandtheinput end

of theflutebodywascoupledto thecylindrical connector(usingthecouplershown in

figure3.5). Thereconstructionwascalculatedfrom measurementsmadeatτ t 19u 3oC

usingthelongersourcetubereflectometer.

Thegraphshows thecouplerfor thefirst 50mmandthentheflute profile,starting

with the input endof the flute at 50mmandendingwith the outputendat 535mm.

The reconstructionis correctup until thepositionof the leak,afterwhich it expands

spuriously.

Figure6.7 shows a borereconstructionof the sameBlessingflute. In this case,

the flute wasturnedaroundandthe outputendof the flute body wascoupledto the

cylindrical connector. Thereconstructionwascalculatedfrom measurementsmadeat

τ t 19u 5oC usingthelongersourcetubereflectometer.

105



Figure6.7: Reconstructedbore profile of Blessingflutewith leakingpad. Outputend

of flutecoupledto cylindrical connector.

Thegraphshows thecouplerfor thefirst 50mmandthentheflute profile,starting

with the outputendof the flute at 50mmandendingwith the input endat 535mm.

The reconstructionis correctup until thepositionof the leak,afterwhich it expands

spuriously.

Figure6.8shows theborereconstructionof figure6.7 reversedandsuperimposed

on theborereconstructionof figure6.6. Theresultis a completereconstructedprofile

of theBlessingflutewith its headjoint removedandall thepadsclosed.Onthegraph,

theaxial positionof thecentreof the leakingpadis approximately285mm.Thefirst

50mmof thegraphis thecouplersotheleakingpadis 235mmfrom theinput endof

theflute. Directmeasurementconfirmedthis prediction.
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Figure6.8: Reconstructedbore profilesof Blessingflutewith leakingpad.

6.4 Evaluating the sizeof a leak in a cylindrical pipe

Thesizeof a holein a leakingcylindrical pipecanbecalculatedfrom thepipe’s com-

plex input impedance(measuredusingthepulsereflectometer),providedtheaxialpo-

sitionof theleakandtheradius,lengthandwall thicknessof thecylinderareknown.

h
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l 2

l hz

C

CYLINDRICAL
SECTION 1
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SECTION 2

rh

z A z zB

Figure6.9: Schematicdiagramof a leakingcylindrical pipe

Figure6.9 shows a schematicdiagramof a cylindrical pipe with a sidehole. To

find the radiusof the hole rh, the leakingpipe (of radiusr andwall thicknesslh) is

thoughtof asconsistingof two non-leakingcylindersof lengthsl1 andl2, onebefore
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theholeandoneafter. Fromthis model,anexpressionis foundfor the impedanceof

theholeZh in termsof theinput impedanceof theleakingpipeZA. Thecalculatedhole

impedanceis thensubstitutedinto a theoreticalexpressionwhich givestheradiusof a

holein termsof its impedance.

6.4.1 Impedanceof the hole in a leaking cylinder

Expressionof Zh in terms of ZB and ZC

The impedanceat the end of the first cylindrical section,ZB, is madeup of con-

tributions from the input impedanceof the secondcylindrical section,ZC, and the

impedanceof thehole,Zh. Theimpedanceof theholecanbeexpressedin termsof the

impedancesZB andZC:

1
Zh v 1

ZB w 1
ZC v ZC w ZB

ZBZC
(6.1)

Thus

Zh v ZBZC

ZC w ZB
(6.2)

Evaluation of ZB

Equation5.3givestheinputimpedanceof anon-leakingcylinderwith aloadimpedance

at its end. Thefirst cylindrical section,of length l1, is sucha cylinder, with an input

impedanceZA anda load impedanceZB. By substitutingZA for Zin, l1 for l , ZB for

Zload andrearranging,an expressionis obtainedfor the load impedanceZB (i.e. the

impedanceat theendof thefirst cylindrical section)in termsof the input impedance

of theleakingpipe,ZA:

ZB v ZA w j
ρω

kπr2 tankl1

1 w j
ZAkπr2

ρω
tankl1

(6.3)

wherek is thepropagationconstantgivenby equation5.4.
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Evaluation of ZC

Equation5.6 givesthe input impedanceof a open-endednon-leakingcylinder. The

secondcylindrical section,of length l2, is sucha cylinder, with an input impedance

ZC. SubstitutingZC for Zin andl2 for l in equation5.6gives:

ZC x ρω
kπr2 y 0 z 25k2r2 { j | 0 z 6kr { tankl2 }| 1 ~ 0 z 6kr tankl2 } { j0 z 25k2r2 tankl2 � (6.4)

wherek is thepropagationconstantgivenby equation5.4.

Evaluation of Zh

Substitutingequations6.3 and6.4 into equation6.2 givesthecomplex impedanceof

the hole,Zh, in termsof thecomplex input impedanceof the leakingpipe,ZA (mea-

suredusingthepulsereflectometer).

6.4.2 Radiusof the hole in a leaking cylinder

Thecomplex impedanceof a sideholecanalsobeexpressedtheoreticallyin termsof

its depthlh andradiusrh [Kinsler etal 1982]:

Zh x ρωkh

4π
{ j

ρω | lh { Erh }
πr2

h

(6.5)

whereE x 1 z 595 ~ 0 z 58 � rh

r � 2
is thesumof theinnerandouterendcorrectionsfor a

holesetflushwith thecylinderwall. TheinnerendcorrectionEi x π
4 y 1 ~ 0 z 74 � rh

r � 2 �
is derivedin [Keefe1982]. TheouterendcorrectionEo is alsodiscussedin thepaper

by Keefewheremeasuredvalues[BenadeandMurday1967]rangingfrom 0.8to 0.82

arequoted.A valueof Eo=0.81is usedhere.

Thepropagationconstantis denotedby kh becausethewave is propagatingin the

hole.kh is foundby substitutingtheholeradiusrh for r in equation5.4.
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Expandingequation6.5gives:

Zh � ρωk
4π � j

ρω
4πrhc �E� ηω

2ρ �H� γ � 1 � � κω
2ρcp � � j

ρω
πr2

h � lh � 1 � 595rh � 0 � 58
r3
h

r2 �
(6.6)

Consideringonly theimaginarypartof theimpedanceZh:

Zhimag � ρωlh
πr2

h � 1 � 595ρω
πrh � 0 � 58ρωrh

πr2 � ρω
4πrhc � � ηω

2ρ �H� γ � 1 � � κω
2ρcp � (6.7)

Rearranginggivesacubicequationfor rh:

r3
h ��� 1 � 724πr2Zhimag

ρω � r2
h��� 0 � 431r2

c � � ηω
2ρ �H� γ � 1 � � κω

2ρcp � � 2 � 75r2� rh ��� 1 � 724lhr2 � � 0 (6.8)

Substitutingthevaluefor Zhimagcalculatedin theprevioussectionfrom theleaking

pipe’s complex input impedance(measuredusingthe pulsereflectometer)into equa-

tion 6.8andsolving[Pressetal 1988], yieldsa valuefor theholeradius.

Thesuccessof equation6.8in predictingtheradiusof theholewill clearlydepend

on a suitablechoiceof frequency. A smallholehaslittle effect on the impedanceof

the air columnif it is in the vicinity of a pressurenode;thus,at frequencieswhich

correspondto this conditionthepredictionof holesizefrom impedancemeasurement

canbeexpectedto breakdown. Likewise, the holehaslittle effect on theacoustical

propertiesof thepipeat frequenciesmuchabove thecutoff frequency, which is deter-

minedby the radii of themaincylinder andthehole. This setsanupperlimit on the

usablefrequency range.
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Figure6.10:Comparisonof predictedandmeasuredholeradii at variousfrequencies.

6.4.3 Practical predictionsof hole radii.

Thecomplex input impedanceof a leakingcylindrical pipeof length501mm,internal

radius5.0mmandwall thickness1.0mmwascalculatedfor threedifferentsizeof hole,

from measurementsmadeatτ � 17� 0oC usingtheoriginalpulsereflectometer. Thein-

put impulseresponsewasnot zero-paddedbeforetheinput impedancecalculation.In

eachcase,theholewas200mmfrom thestartof thepipe. Figure6.10illustratesthe

predictionsfor the threedifferentholesizes,calculatedfrom thethreecomplex input

impedancemeasurementsusing equations6.2, 6.3, 6.4 and6.8. Graphingthe pre-

dictedradiusasa functionof frequency in this way is useful,sincethedivergencesof

thepredictionallow animmediateidentificationof thefrequenciesfor whichpressure

nodescoincidewith thehole.In thepresentcase,thedivergencesoccurat integermul-

tiplesof 570Hz,asexpectedfrom theknown geometry. Thepredictionsalsostartto

breakdown, althoughlessdramatically, above approximately2000Hz,which is in the

vicinity of thecutoff frequency for thelargesthole.

As aprescriptionfor selectingvaliddatafor predictingtheeffectiveradiusof aleak
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in anopenendedpipemeasuredin thisway, it is suggestedthatthefrequency F of the

first divergenceis estimatedby inspectionof thegraph.Valuesof rh in thefrequency

ranges1.25F-1.75F and2.25F-2.75F arethenaveragedto give a bestpredictionof

theeffectiveradiusof thehole.

Measured Predictedradius(averaged Predictedradius(averaged

radius over712.5-997.5Hz) over 1282.5-1567.5Hz)

1.0� 0.05mm 0.979� 0.02mm 1.044� 0.04mm

1.5� 0.05mm 1.440� 0.02mm 1.463� 0.07mm

2.5� 0.05mm 2.479� 0.05mm 2.627� 0.16mm

Table 6.1: Comparisonof predictedhole radii (averaged over specificfrequency

ranges)andmeasuredholeradii.

Predictionsdrawn in thiswayfrom figure6.10arecomparedin table6.1with direct

measurementsusing calipers. Six predictedvaluesare averagedin eachfrequency

range;theuncertaintiesquotedaresinglestandarddeviations. For eachof theholes,

thepredictedradiusagreeswith thatmeasureddirectlywithin experimentalerror.
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Chapter 7

Measurementof longer objects

7.1 Intr oduction

In chapter3,amethodfor measuringtheinputimpulseresponseof atubularobjectwas

described.Themethodinvolved injectinga soundpulseinto theobject,via a source

tube,andthenmeasuringtheresultantreflections.However, aftertheobjectreflections

passedthemicrophoneembeddedin thesourcetubewall, they werefurtherreflected

by the loudspeaker. Thesesourcereflectionsreturnedto the microphone,restricting

the time over which the objectreflectionscould be accuratelysampledto 2l1 � c (the

time for the first of the objectreflectionsto travel the distancefrom the microphone

to the loudspeakerandback). This in turn put a constrainton the lengthof object

that could be measured.The input impulseresponseof the objectwasobtainedby

deconvolving theobjectreflectionswith theinputpulseshape(measuredby reflection

from a rigid termination).Fromthe input impulseresponse,theobject’s boreprofile

andinput impedancecouldbecalculated.

Variousmethodsfor measuringtheinput impulseresponsesof longerobjectshave

beenproposed. The simplestmethodwas describedin section4.5 wherea longer

sourcetubesectionl1 wasused,allowing theobjectreflectionsto beaccuratelysam-

pledover a longertime period. Unfortunately, lengtheningthesourcetubeonly pro-
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videsapartialsolutionto theproblem.Thereisalimit to how muchl1 canbeincreased

beforethe attenuationof the input pulseasit travels from loudspeakerto objectbe-

comestoogreatfor accurateresultsto beobtained.

An alternativemethodwasproposedby Marshall[1992a].A soundpulseis again

injectedinto theobjectbut in this casethemicrophonesignalis sampleduntil all the

objectandsourcereflectionsdecayto zero. The signal is describedasa geometric

series.Thefirst termin theseriesrepresentsthepulsepassingthemicrophoneon its

way down thesourcetube,thesecondtermrepresentstheobjectreflectionstravelling

backup thesourcetube(theconvolution of theinput pulsewith the input impulsere-

sponseof theobject),the third termrepresentsthesourcereflectionstravelling down

the sourcetube(the convolution of the object reflectionswith the input impulsere-

sponseof the loudspeaker),the fourth term representsthe sourcereflectionsbeing

furtherreflectedby theobjectandtravelling backup thesourcetube(theconvolution

of the sourcereflectionswith the input impulseresponseof the object), andso on.

Giventheinput impulseresponseof theloudspeaker, theinput impulseresponseof the

objectcanbe calculatedfrom the sumof thegeometricseries.Althoughreasonable

reconstructionsweremadeusingthis method,themeasurementswerenot asaccurate

asthosemadeonalongersourcetubereflectometer. Similarwork carriedoutby Amir

et al [1995b]suggestedthatthemethodis verysensitive to mainsnoise.

A moreestablishedmethodinvolvestheintroductionof a secondmicrophoneinto

thesourcetubewall. Firstmentionedby Schroeder[1967], theconceptsaredescribed

in greaterdetail by Louis et al [1993]. As before,a soundpulseis injectedinto the

object via the sourcetube. From the pressuresmeasuredby the two microphones,

the waves travelling down the sourcetube into the object (the input pulseand any

sourcereflections)areseparatedfrom thewavestravellingbackupthesourcetube(the

reflectionof the input pulseandsourcereflectionsby theobject). The input impulse

responseof the objectis foundby deconvolving thesignalreturningfrom the object
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with the signalprobing the object. Although goodresultswere reportedusing this

method,a correctionprocedurehadto be employedto prevent reconstructionsfrom

becomingunstablewith increasingaxialdistance.Evenwith thecorrectionprocedure,

accurateandstablereconstructionswereonly achievedwhenthepressureof theinput

pulsewasof theorderof 100timesgreaterthanthenoiselevel.

Amir [1995a]put forwardanotherideafor measuringtheinput impulseresponse

of a longer object. He suggestedthat the formationof sourcereflectionscould be

preventedby building a reflectometerwith the loudspeakerpositionedin the source

tubewall (seefigure7.1).A soundpulseproducedby theloudspeakerwouldtravel two

2

SOURCE TUBE

l

AMPLIFIER

MICROPHONE

COMPUTER

D/A A/D

OBJECT

AMPLIFIER
AND

FILTER

LOUDSPEAKER
l1

Figure7.1: Pulsereflectometerwith loudspeakerin sourcetubewall.

ways.Someof thepulsewouldtravel alongthesemi-infinitesourcetubesectionl1 and

undergo no furtherreflection.Therestof thepulsewould travel pastthemicrophone

andalongtheshortsectionof sourcetubel2 into theobject,creatingobjectreflections

asbefore. The objectreflectionswould travel backalongthe sourcetubesectionl2,

be recordedby the microphoneand thencontinuealongthe semi-infinitesectionl1

without further reflection. In this way, the object reflectionscould be recordedover

an indefiniteperiodof time. Again, the input impulseresponsewould be found by
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deconvolving the object reflectionswith the input pulseshape.This ideahasnever

beenimplemented.To behave asa semi-infinitesectionof tubing, l1 would needto

be sufficiently long for theobjectreflectionsto decayto zerowhilst travelling along

it. This would makethe systemvery bulky. Anotherpotentialdifficulty would be

matchingthe acousticimpedanceof the loudspeakerto that of the sourcetubewall.

Any differencein impedancewouldstill producesourcereflections.

In thischapter, anothermethodwhich involvespreventingtheformationof source

reflectionsis proposedandinvestigated.This methodusesthe reflectometerof sec-

tion 3.2but forcestheloudspeakerto behave asanabsorbingterminationsothatafter

the objectreflectionspassthe microphonethey areabsorbedby the loudspeaker, in-

steadof being reflected. To achieve this, at the sametime as the incoming object

reflectionsarereflectedby the loudspeakerdiaphragm,the loudspeakeris driven so

thatit emitsasignalof oppositephase.Hence,thesourcereflectionsarecancelledout,

removing therestrictionon thelengthof time overwhich theobjectreflectionscanbe

sampled.

7.2 Description of absorbing termination method

The original reflectometer(describedin section3.2) is usedin the investigationof

the absorbingterminationmethod.Previously objectreflectionsmeasuredusingthis

reflectometerwererestrictedto amaximumsamplelengthof 1024pointswhenasam-

pling frequency of 50kHz was used. Samplingfor longer than this resultedin the

recordingof spurioussourcereflections. Herethe object reflectionsaresampledat

50kHz and storedin an array of 2048 points. The secondhalf of the samplewill

becontaminatedby sourcereflectionsunlessthey areperfectlycancelledat the loud-

speaker. Theextentof thecancellationis investigated.

As before,an electricalpulseis produced,amplifiedandusedto drive the loud-

speaker. In this case,however, the5V electricalpulseformsthefirst 80µs of a wave-
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form of 4096pointswith theremainderof thewaveformsetto 0V. This waveformis

playedout at 50kHzproducinga soundpulsewhich is injectedinto theobjectvia the

sourcetube.As thewaveformis playedout, themicrophonesignalis simultaneously

sampled(alsoat 50kHz) forming a secondarrayof 4096points. This arrayof 4096

pointscontainstheinput pulse,theobjectreflectionsandthesourcereflections.This

procedureis repeated1000timesandthesamplesareaveraged.

The microphoneoutput is analysedand the time at which the first of the object

reflectionspassesthemicrophoneis determined.(Thefirst objectreflectionpassesthe

microphone� l1 � 2l2 � � c secondsaftertheinputpulseis producedby theloudspeaker).

For thenext 2l1 � c seconds,themicrophonesignalconsistssolelyof reflectionsfrom

the object. For l1 � 3 � 10m, this meansthat for approximately18msonly objectre-

flectionsarerecorded.At 50kHz,512sampleslastfor 10.24ms,thereforethefirst 512

samplesafter thestartof theobjectreflectionsareguaranteedto besourcereflection

free. These512 samplesareput into an arrayandconvolvedwith an all-polemodel

filter representingthelossesassociatedwith sourcetubesectionl1 (seesection2.3.3).

Thisgivestheshapeof thefirst 10.24msof objectreflectionsjustprior to their further

reflectionby theloudspeaker.

In orderto find the first part of the cancellationsignal,it is necessaryto find the

shapeof thefirst 10.24msof sourcereflectionsat theexit of the loudspeaker. Hence,

the512pointarraymustbefurtherconvolvedwith afilter representingtherelationship

betweenthe pressuresignalbeforeandafter reflectionby the loudspeaker;i.e. the

input impulseresponseof the loudspeaker. (The determinationof the input impulse

responseof the loudspeakeris describedin section7.2.1). This gives the shapeof

the first 10.24msof sourcereflectionswhich, when inverted,provides the required

cancellationsignal.

To find theelectricalsignalnecessaryto producethis cancellationsignal,the512

pointarrayis deconvolvedwith a filter representingtherelationshipbetweentheelec-
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trical input to the loudspeakerandthe resultantpressureoutput. This givestheelec-

trical signalasa rateof changeof voltagefrom which, by integration, the required

voltagesignalcanbecalculated.The integrationis carriedout by performinga ‘run-

ning sum’; i.e. sample0 remainsthesame,sample1 becomessample0 + sample1,

sample2 becomessample0 + sample1 + sample2 etc. (The determinationof the

filter andthereasonfor usingtherateof changeof voltageastheinput to thefilter are

discussedin section7.2.2).

Thetime takenfor asignalto travel down thesourcetubeandbackis 2 � l1 � l2   ¡ c.

Hence,the first objectreflectionsreachthe loudspeakera time 2 � l1 � l2   ¡ c after the

productionof theinputpulse.Thus,theoriginal4096pointwaveformis alteredsothat

thecalculatedvoltagesignalis playedout 2 � l1 � l2   ¡ c secondsafterthe5V electrical

pulse.

Whenthenew waveformis playedout,a soundpulseis producedwhich is passed

down thesourcetubeandreflectedby theobject. Theobjectreflectionsreturnto the

loudspeakerat which point in time thefirst partof thecancellationsignalis emitted,

resultingin theabsorptionof thefirst 10.24msof theobjectreflections;i.e. the can-

cellationof the first 10.24msof sourcereflections.Again, the microphoneoutputis

sampledsimultaneouslyandstoredin a 4096pointarray. Theplayingoutof themod-

ified waveformandsimultaneoussamplingof themicrophoneoutputis repeated1000

timesandthesamplesareaveraged.

Thenew microphoneoutputis analysedandthesecond512samplesafterthestart

of the object reflectionsare isolated. Theseare now also guaranteedto be source

reflectionfree. They areprocessedin the sameway as the first 512 samplesof the

object reflections,resultingin the calculationof a secondvoltagesignal. The 4096

pointwaveformis furtheralteredsothatthesecondvoltagesignalisplayedoutstraight

afterthefirst.

This procedureis continuediteratively until thecalculatedvoltagesignalfills the
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4096pointoutputwaveform.Whenthisfinal waveformis playedout,asoundpulseis

producedwhichis passeddown thesourcetubeandreflectedby theobject.Theobject

reflectionsreturnto theloudspeakeratwhich point in time thefull cancellationsignal

is emitted,resultingin theabsorptionof all theobjectreflections;i.e. thecancellation

of all thesourcereflections.Again, themicrophoneoutputis simultaneouslysampled

andstoredin a 4096point array. Theplayingout of thefinal waveformandsimulta-

neoussamplingof themicrophoneoutputis repeated1000timesandthesamplesare

averaged.

The microphoneoutput is analysedand the time at which the first of the object

reflectionspassesthemicrophoneis determined.Theobjectreflectionsareput in an

arrayof 2048points. Now that the sourcereflectionshave beencancelled,the only

limit to thesizeof thearrayof objectreflectionscomesfrom thehardwarewhichonly

allows waveformsof up to 4096pointsto besimultaneouslyplayedout andsampled.

The object reflectionsaredeconvolved with the input pulseshapeto give the input

impulseresponse.As before,the input pulseshapeis measuredby reflectionfrom a

rigid terminationbut in thiscasethedescribedcancellationtechniqueis usedto ensure

thatno sourcereflectionsarerecorded.

7.2.1 Determination of the input impulse responseof the loud-

speaker

To determinetheinput impulseresponseof the loudspeaker, thereflectometersource

tubewasterminatedby a perspex plate. A 5V electricalpulselasting80µs waspro-

ducedand usedto drive the loudspeaker. Meanwhile, the microphoneoutput was

simultaneouslysampledat50kHz,andstoredin an4096pointarray. Thereflectionof

the input pulsefrom the rigid terminationandthe subsequentsourcereflectionwere

located,isolatedandstoredin two 512point arrays.Thereflectionfrom thetermina-

tion wasthenconvolvedwith anall-polemodelfilter representingthelossesassociated
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with sourcetubesectionl1. Thesourcereflectionwasdeconvolvedwith thesamefilter.

Thisgave thepressuresignalsimmediatelybeforeandimmediatelyafterreflectionby

the loudspeaker. Deconvolving the post-reflectionsignalby the pre-reflectionsignal

yieldedtherequiredloudspeakerinput impulseresponse.

7.2.2 Determination of the filter relating the loudspeaker’selectri-

cal input and the resultantpressureoutput

The electricalinput to the loudspeakerand the resultantpressureoutputareclearly

related. To investigatethis relationshipa simple modelof the loudspeakeris used

[NelsonandElliott 1993].

In the model, the loudspeakerdiaphragmis representedasa pistonof massMm

which is supportedby a suspensionwith stiffnessKm and dampingRm. Passinga

currentthrougha coil which is attachedto the diaphragmandheld in the magnetic

field of apermanentmagnetforcesthediaphragmto movebackwardsandforwardsin

anoscillatorymotion.To setthediaphragmin motiontheforcedueto thecurrentmust

overcometheinertia,stiffnessanddampingof thesuspension.In additionit encounters

anotherforcedueto theacousticpressurefluctuationswhich loadthesurface.

From this model, an equationof motion for the loudspeakerdiaphragmcan be

written:

jωMmu ¢ Rmu ¢ Kmu
jω £ BIl ¤ pS (7.1)

whereharmonicmotion hasbeenassumedandu is the diaphragmvelocity, p is the

acousticpressurewhich actsover theareaSof thediaphragm,I is thecurrentflowing

in thecoil andBl is theproductof themagneticflux densityandthelengthof thecoil.

For a coil with electricalresistanceR andinductanceL, whena voltageV is ap-

plied:

jωLI ¢ RI £ V ¤ Blu (7.2)
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whereBlu is thebackemfproducedin thecoil by its motionin themagneticfield.

Rearrangingequation7.2givesanexpressionfor thecurrent,

I ¥ V ¦ Blu
jωL § R

(7.3)

whichwhensubstitutedin to equation7.1yields:

jωMmu § Rmu § Kmu
jω
¥ BlV

jωL § R
¦©¨ Bl ª 2u

jωL § R
¦ pS (7.4)

Rearrangingequation7.4givesanexpressionfor thepressure:

p ¥¬« Bl
S¨ jωL § Rª  V ¦�« jωMm

S
§ Rm

S
§ Km

jωS
§®¨ Bl ª 2

S¨ jωL § Rª  u (7.5)

Assumingplanewave propagation,the particle velocity (which is equal to the di-

aphragmvelocity) is relatedto thepressureby thespecificacousticimpedancez, which

is theproductof theair densityandthespeedof soundin air.

u ¥ p
z
¥ p

ρc
(7.6)

Substitutingequation7.6into equation7.5gives:

p « 1 § jωMm

ρcS
§ Rm

ρcS
§ Km

jωρcS
§¯¨ Bl ª 2

ρcS¨ jωL § Rª  ¥°« Bl
S¨ jωL § Rª  V (7.7)

whichcanberearrangedto give:

p ¥²±³³³´ Blρc¨ jωL § Rª¶µ ρcS§ jωMm § Rm § Km

jω
§ ¨ Bl ª 2¨ jωL § Rª¸·

¹ ººº» V (7.8)

TheFaneProfessionalMD2050compressiondriverloudspeakerusedin thereflec-

tometerhasa resistanceR ¥ 6 ¼ 2Ω, an inductanceL ¥ 21µH, a magneticflux density

B ¥ 1 ¼ 74T, a voicecoil of lengthl ¥ 3 ¼ 5m,a diaphragmmassMm ¥ 2 ¼ 8g,a damping
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constantRm ½ 9 ¾ 7Ns/mandasuspensionstiffnessKm ½ 3 ¾ 8 ¿ 106N/m (thelargestiff-

nessvalueisaresultof insertingathin layerof cottonwool betweenthediaphragmand

the magnetassemblyto reduce‘ringing’ - seesection3.2). Thestandardtechniques

usedto measurethesecharacteristicsaredescribedby Hall [1987]andaresummarised

in appendixA.

Using thesevalues,equation7.8 canbegreatlysimplified. Theratio betweenthe

resistanceand the inductanceof the loudspeakeris RÀ L ½ 294762rad/s, implying

that the loudspeakerbehaves mainly resistively below ω=294762rad/s; i.e. below

f =46.9kHz.Thefrequency spectrumof theelectricalinputto theloudspeakercontains

no significantenergy at or above this frequency so the loudspeakercanbe treatedas

purelyresistive. Equation7.8thereforereducesto:

p ½²ÁÂÂÂÃ Blρc

R Ä ρcSÅ jωMm Å Rm Å Km

jω
Å�Æ Bl Ç 2

R È
É ÊÊÊË V (7.9)

At all frequenciesωMm Å Km À ω ÌÍÌ ρcSÅ Rm Å Æ Bl Ç 2 À R, soequation7.9canbefur-

thersimplifiedto:

p ½ ÁÂÂÃ Blρc

R Ä Km

jω
Å jωMmÈ

É ÊÊË V ½²ÁÂÂÂÃ Blρc

R Ä Km

jω Î ω2Mm

jω È
É ÊÊÊË V

½ÐÏ Blρc
RÆ Km Î ω2Mm Ç Ñ jωV ½°Ï Blρc

RÆ Km Î ω2Mm Ç Ñ dV
dt

(7.10)

So at all frequenciesbelow f =46.9kHz,the pressureis dependenton the rateof

changeof voltageratherthanon thevoltageitself. Hence,whendeterminingthefilter

relatingtheelectricalinput to theloudspeakerto thepressureoutput,it is mostappro-

priateto usetherateof changeof voltageastheinput to thefilter.

To determinethefilter, thereflectometersourcetubewasagainterminatedby aper-

spex plate. This time a 0.25V electricalpulselasting80µs wasproducedandusedto
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drive theloudspeaker. (A 0.25Velectricalpulsewaschosenbecause0.25Vis compa-

rableto thevoltagesrequiredto cancelthesourcereflections.At theselowervoltages

theloudspeakerbehaveslinearly; i.e. it obeys thederivedrelationshipbetweentherate

of changeof voltageandtheoutputpressure.Whena5V electricalpulsewasused,the

loudspeakerbehavednon-linearlyresultingin a filter whichdescribedtherelationship

betweenelectricalinput andpressureoutput incorrectlyat the low voltagesrequired

for sourcereflectioncancellation).Themicrophoneoutputwasagainsimultaneously

sampledat50kHzandstoredin a4096pointarray. Thereflectionof thepulsefrom the

rigid terminationwaslocated,isolatedandstoredin a 512point array. Thearraywas

thendeconvolvedwith anall-polemodelfilter representingthelossesassociatedwith a

lengthl1 Ò 2l2 Ó 9 Ô 28mof sourcetubeto find theshapeof thepulseimmediatelyafter

productionby the loudspeaker. The rateof changeof voltageof the electricalpulse

wascalculatedby differentiatingthevoltageof thepulse.To carryout thedifferentia-

tion, theelectricalpulsewasplacedin a 512point arrayandthentransformedso that

sample0 remainedthesame,sample1 becamesample1 - sample0, sample2 became

sample2 - sample1 etc. Deconvolving the pressuresignalby the rateof changeof

voltageof theelectricalpulsegave therequiredfilter.

7.3 Cancellationof sourcereflections

To investigatethe viability of the absorbingterminationmethodasa meansof mea-

suringtheinput impulseresponsesof longerobjects,it wasfirst necessaryto seehow

effectively sourcereflectionswerecancelledusingthemethod.All themeasurements

weremadeata temperatureof τ Ó 21Ô 5oC.
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7.3.1 Perspexplate

The first object testedwasa perspex plate, chosenbecauseof the simplicity of the

objectreflections(i.e. the reflectionof the input pulse)andbecausethey completely

passedthemicrophonebeforethesourcereflectionsreachedit. Thus,theobjectand

sourcereflectionswereseparatedin time enablingthe cancellationof the sourcere-

flectionsto beclearlyobserved.

Figure7.2: Reflectionsfromperspex plate. No cancellationto removethesource re-

flections.

Figure7.2 shows the signal recordedby the microphonebeforethe loudspeaker

wasforcedto actasanabsorbingtermination.Thegraphstarts5msbeforethepassage

of theperspex platereflections.Thesourcereflectionspassthemicrophone18msafter

theperspex platereflections.

Figure7.3showsthesignalrecordedby themicrophoneaftertheloudspeakerwas

forcedto actasanabsorbingtermination.Thesourcereflectionsarenow reducedin

amplitudedueto cancellationat theloudspeaker.

The reductionin amplitudeof the sourcereflectionscanbe seenmoreclearly in
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Figure7.3: Reflectionsfromperspex plate. Cancellationto removethesource reflec-

tions.

Figure7.4: Comparisonof sourcereflectionsbefore andaftercancellation.
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figure 7.4. The absorbingterminationmethodhassucceededin reducingthe source

reflectionsto approximately10%of theiroriginalpeak-to-peakamplitude.

7.3.2 Steppedtube

Thenext objecttestedconsistedof thesteppedtubeandthecouplerdescribedin sec-

tion 3.5(with anadditional403mmlongcylindrical connectorinsertedbetweensource

tubeandcouplerfor evaluationof DC offset). Thesteppedtubewaschosenbecause

the objectreflections,althoughmorecomplicatedthanthosefrom the perspex plate,

still completelypassedthe microphonebeforethe first sourcereflectionsreachedit.

Hence,thecancellationof thesourcereflectionscouldagainbeclearlyobserved.

Figure7.5: Reflectionsfromsteppedtubeandcouplerwith cylindrical connector. No

cancellationto removethesourcereflections.

Figure7.5 shows the signal recordedby the microphonebeforethe loudspeaker

wasforcedto actasanabsorbingtermination.Again, thegraphstarts5msbeforethe

passageof the steppedtube reflections. The sourcereflectionsare recordedby the

microphone18msafterthefirst of thesteppedtubereflectionspassesthemicrophone.
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Figure7.6:Reflectionsfromsteppedtubeandcouplerwith cylindrical connector. Can-

cellationto removethesourcereflections.

Figure7.7: Comparisonof sourcereflectionsbefore andaftercancellation.
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Figure7.6showsthesignalrecordedby themicrophoneaftertheloudspeakerwas

forcedto actasanabsorbingtermination.Thesourcereflectionsarenow reducedin

amplitudedueto cancellationat theloudspeaker.

The extentof thecancellationof the sourcereflectionscanbe seenin figure7.7.

Despitethe more complicatedshapeof the sourcereflections,the absorbingtermi-

nationmethodhasagainsucceededin reducingthemto approximately10%of their

originalpeak-to-peakamplitude.

7.3.3 4.19mlong steppedtube

Thefinal objecttestedconsistedof a 4.19mlong steppedtubeandthecouplershown

in figure3.5 (with anadditional403mmlong cylindrical connectorinsertedbetween

sourcetubeandcouplerfor evaluationof DC offset). This steppedtubewasmade

up of four cylindrical sections;a 646mmlong sectionof 6.2mmradius,a 3290mm

sectionof 5mm radius,an 80mmsectionof 6.2mmradiusanda 177mmsectionof

9.25mmradius. Thesevaluesweremeasuredusingcalipersanda ruler, leadingto a

readingerrorof Õ 0.05mmon eachquotedradiusanda readingerrorof Õ 0.5mmon

eachquotedlength.

The4.19mlongsteppedtubewaschosenbecausetheobjectandsourcereflections

werenot separatedin time, with the first sourcereflectionreachingthe microphone

beforethefinal primaryreflectionfrom theobject.

Figure7.8 shows the signal recordedby the microphonebeforethe loudspeaker

wasforcedto actasanabsorbingtermination.Thegraphstarts5msbeforethepassage

of thefirst reflectionsfrom the4.19msteppedtube.Thefirst sourcereflectionsreach

themicrophone18msafterthefirst of thesteppedtubereflectionsand13msbeforethe

final primarysteppedtubereflection.

Figure7.9showsthesignalrecordedby themicrophoneaftertheloudspeakerwas

forcedto actasanabsorbingtermination.Thesourcereflectionshave beencancelled
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Figure7.8: Reflectionsfrom4.19msteppedtubeandcouplerwith cylindrical connec-

tor. Nocancellationto removethesourcereflections.

Figure7.9: Reflectionsfrom4.19msteppedtubeandcouplerwith cylindrical connec-

tor. Cancellationto removethesourcereflections.
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Figure7.10:Comparisonof 4.19msteppedtubereflectionsbefore andafter cancella-

tion.

but theobjectreflectionshave beenleft unaltered.

Thecancellationof thesourcereflectionsandnon-cancellationof theobjectreflec-

tionscanbeseenmoreclearlyin figure7.10.

7.4 Input impulse responseand resultant bore recon-

struction of 4.19mlong steppedtube

Themotivationfor thedevelopmentof theabsorbingterminationmethodwasthemea-

surementof the input impulseresponsesof longerobjects(from which borerecon-

structionscouldbeevaluated).In theprevioussection,it wasshown that themethod

could successfullyreducesourcereflectionsto approximately10% of their original

peak-to-peakamplitude.In this section,theeffectof thereductionin sourcereflection

amplitudeon the input impulseresponseandborereconstructionof the 4.19mlong

steppedtubeis examined.
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Figure7.11: Input impulseresponseof 4.19msteppedtubeandcouplerwith cylindri-

cal connectorafter cancellation.

Figure7.11shows theinput impulseresponseof the4.19mlong steppedtubeand

coupler(with cylindrical connectorin place)obtainedby deconvolving the stepped

tubereflectionsof figure7.9 with the reflectedinput pulseof figure7.3. Due to the

imperfectnatureof thesourcereflectioncancellation,the input impulseresponsebe-

comesa little noisierat 18mswhenthecancellationsignalis playedout.

Figure7.12shows the4.19mlongsteppedtubeborereconstructionresultingfrom

the applicationof the lossylayer-peelingalgorithmto the input impulseresponseof

figure7.11.BeforethealgorithmwasappliedtheDC offsetin theresponsewaseval-

uatedby averagingover the 1ms-2msrange. The offset wasremoved and the first

millisecondof the input impulseresponsewasreplacedby zeroto improve theaccu-

racy of thereconstruction(seesection4.2.2).

Thereconstructedprofile is in goodagreementwith themeasuredprofile over the

first 1.1mof the reconstruction(i.e. over the cylindrical connectorusedfor DC off-

setevaluationandover thefirst sectionof the steppedtube). However, after this the
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Figure 7.12: Comparisonof reconstructedand measured profilesof 4.19mstepped

tube.

reconstructedprofile departsquitedramaticallyfrom theexpectedshape.Thesecond

cylindrical section,from 1.1mto 4.39m,hasa measuredradiusof 5mmbut therecon-

structionexpandsto a radiusof 5.9mmandthencontractsto a radiusof 4mm. The

final two cylindrical sections,from 4.39mto 4.65m,arealsoreconstructedpoorlywith

bothradii underpredicted.

Theexpansionandcontractionin thereconstructionof thesecondcylindrical sec-

tion suggeststhat,after theDC offsethadbeenremoved, the input impulseresponse

still containeda low amplitudecomponentwhich variedslowly with time. Closeex-

aminationof figure 7.11 over the 7ms-25msregion revealsa small variation in the

amplitudeof theinput impulseresponse.Thelikely sourceof this time-varyingoffset

is thehardware.Previously, aninput pulsewasplayedout andthenno furthersignal

wassentto the loudspeaker. Theresultantreflectionswererecordedsometime later.

Now, oncethe input pulsehasbeenplayedout, the D/A convertercontinuesto play

out a signal to the loudspeaker. It appearsthat this introducesa componentinto the
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sampledmicrophonesignalwhich becomesmagnifiedupondeconvolution to find the

input impulseresponse.

Figure7.13: Comparisonof reconstructedprofilesof 4.19msteppedtubebefore and

after cancellation.

Despitethepoorreconstruction,thepotentialbenefitsof theabsorbingtermination

methodcanbeseenin figure7.13.Herethereconstructionof figure7.12is compared

with thereconstructioncalculatedfrom theinput impulseresponseobtainedwhenthe

uncancelledreflectionsof figure7.8aredeconvolvedwith theinputpulseof figure7.3.

It is clearthat thesourcereflectionscauseboth thespuriousnarrowing of the recon-

structionat3.5mandthespuriousexpansionof thereconstructionat 4.2m.

7.5 Discussion

Theresultspresentedshow thepromiseof theabsorbingterminationmethodof mea-

suringlongerinstruments.Cancellationof sourcereflectionsof varyingshapesproved

very successfulbut the input impulseresponseandboreprofile measurementswere
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lessimpressive. A smallundesirabletime-varyingcomponentintroducedinto the in-

put impulseresponseof the4.19mlong steppedtubecausedthereconstructedprofile

to differ from themeasuredprofile. A hardwareupgradeappearsnecessaryto attempt

to eliminatethiscomponentfrom thesampledsignal.If theremoval of thecomponent

canbe achieved, the absorbingterminationmethodshouldprove successfulin mea-

suringtheinput impulseresponsesandboreprofilesof longerinstruments.If not, the

sourcetubewall loudspeakertechniqueandthe two microphonetechniqueappearto

be thebestalternativesfor theaccuratemeasurementof longerobjects(with the two

microphonetechniquehaving theadvantageof only requiringa shortsourcetube).
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Chapter 8

Summary and conclusions

8.1 Achievementof aims

Theinitial researchaimssetout in section1.2have all beenachieved. In this chapter,

eachaim is restatedandtheextentto which theaimwasfulfilled is discussed.

8.1.1 Aim 1

Thefirst aim wasto producea working reflectometerto accuratelymeasuretheinput

impulseresponse,boreprofile andinput impedanceof a musicalwind instrumentor

othertubularobjectwithoutprior knowledgeof its dimensions.

A reflectometerwasbuilt which enabledthe input impulseresponseof a tubular

objectto beexperimentallydetermined.However, input impulseresponsesmeasured

using the reflectometerwereall found to containboth ripple anda DC offset. The

introductionof ripple wasa consequenceof the finite samplingfrequency andcould

not be preventedor removed. The introductionof the DC offset alsocould not be

preventedbut it couldberemovedcomputationally.

For accurateborereconstruction,theremoval of theDC offsetin theinput impulse

responsewasshown to bevital. Applicationof a reconstructionalgorithmto aninput
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impulseresponsewhoseDC offset hadnot beenremoved resultedin a boreprofile

whichexpandedor contractedspuriously. In thepast,theDC offsetwasdeterminedby

repeatedlyapplyingthereconstructionalgorithmandadjustingtheDC valueremoved

until the boreprofile coincidedwith a directly measuredradiusat an arbitrarypoint

towardsthe end of the instrument. A new methodwas introducedwhich involved

insertinga cylindrical connectorbetweenthereflectometerandobject.TheDC offset

wasthenevaluateddirectly from theinput impulseresponse.This methodwasmuch

quickeranddid not requireprior knowledgeof theobject’s dimensions.

The input impulseresponseof a steppedtubewasmeasuredandits DC offsetre-

movedusingthenew method.Variousreconstructionalgorithmswereappliedandthe

resultantboreprofileswerecompared.Thelossylayer-peelingalgorithmwasfoundto

bethemostaccurate,giving a boreprofile which agreedwith directly measuredradii

to within 0.05mm.Reconstructionsof variousbrassinstrumentswerefoundto have a

similaraccuracy.

Theinput impulseresponseof thesteppedtubewasalsousedto calculateits input

impedance.It wasshown thattheresolutionof theimpedancecurvecouldbeimproved

by zero-paddingthe input impulseresponse.The peakfrequenciesof the stepped

tube impedancecurve were found to be approximately0.7% lower than thoseof a

theoreticallycalculatedcurve. Thisagreementwasbetterthantheagreementbetween

the theoreticalcurve anda steppedtubeimpedancecurve measuredusinga standard

frequency domaintechnique.Thepeakfrequenciesof theimpedancecurve measured

using the frequency domaintechniquewere2% lower than thoseof the theoretical

curve. Theimpedancecurvesof variousbrassinstruments(calculatedfrom their input

impulseresponses)werepresentedandinformationabouttheirplayingcharacteristics

wasdeduced.
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8.1.2 Aim 2

Thesecondaim wasto applyacousticpulsereflectometryto theproblemof detecting

leaksin musicalwind instrumentsandin tubularobjectsin general.

It was found that when a leaking object was measuredusing the reflectometer,

the reconstructionwasonly correctas far as the positionof the leak (after which it

expandedto an extent dependenton the sizeof the leak). This led to a methodof

detectingthe presenceof leaksin a tubular object. If the borereconstructionof the

objectpassedthrougha directly measuredradiusat a known point towardsthe end

of theobject,theobjectcouldbeconsideredairtight. If, however, the reconstruction

hada largerradiusthanthedirectlymeasuredradius,theobjectcontaineda leak.The

methodwassuccessfullydemonstratedon two leakingbrassinstruments.

In certaincases,it alsoprovedpossibleto locatetheleakpositionsimplyby turning

the objectaroundandmakinga secondmeasurementusingthe reflectometer. Com-

paringthetwo reconstructionsallowedthepositionof theleakto beidentified.In this

way, two measurementsmadeona fluteenableda leakingpadto belocated.

For the specialcaseof a leakingcylinder, it wasshown that the sizeof the hole

couldbefoundusingreflectometrymeasurements.Giventhecylinderdimensionsand

the leak position, the applicationof a theoreticallyderived expressionto the input

impedanceof the cylinder yieldeda predictionof the hole size. For threedifferent

hole sizes,the predictedradii were found to agreewith directly measuredradii to

within experimentalerror(whichdependedon theholesize).

8.1.3 Aim 3

Thethird aimwasto investigatepossiblemethodsof measuringlongertubularobjects

usingacousticpulsereflectometry.

Theconstrainton thelengthof objectwhich couldbemeasuredusinga practical

reflectometerwasdiscussedandvariousmethodsfor measuringlongerobjectswere
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described.A new methodwaspresentedwhich involved driving the loudspeakerin

sucha way asto absorbthe incomingreflectionsfrom the objectratherthanreflect-

ing thembackto the microphone.This methodstoppedthe formationof sourcere-

flections,allowing the objectreflectionsto be accuratelyrecordedover an indefinite

periodof time. An investigationrevealedthat themethodreducedsourcereflections

to 10%of their original amplitudebut left objectreflectionsunchanged.This should

have enabledlongerobjectsto be moreaccuratelyreconstructed.However, whena

longerobjectwasmeasuredusingthis method,the introductionof a slowly varying

low amplitudecomponentinto the recordedsignalcausedthe borereconstructionto

first expandspuriouslyandthencontractspuriously.

8.2 Further work

Furtherwork is necessaryto producea reflectometercapableof accuratelymeasuring

long objects. An improvementin the electronicsmight enablethe absorbingtermi-

nationmethodto beused.If not, positioningthe loudspeakerin thesourcetubewall

appearsworthyof investigation.Like theabsorbingterminationmethod,this method

would prevent theformationof sourcereflectionsbut it hasthedisadvantagethat the

reflectometerrequiredwouldbeverybulky. Theuseof two microphonesin thesource

tubewall maybea morepromisingapproachasit hasthebenefitof allowing a more

portablereflectometerto beconstructed.

As computationalpower increases,it might prove possibleto producea reflec-

tometerwhich accuratelycalculatesborereconstructionsandinput impedancecurves

in real-time.This would allow, for example,theeffect of depressinga trumpetvalve

on the trumpet’s bore profile and input impedanceto be observed. At present,a

pseudoreal-timereflectometercould be implementedby storing setsof reflections

(sampledwithoutaveraging)andapplyingthedeconvolution,reconstructionandinput

impedancealgorithmsto themat a latertime.
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Input impulseresponsemeasurementsmadeon musicalinstrumentsshouldprove

usefulin thefield of instrumentmodelling.At present,lip modelsareusedin conjunc-

tion with theoreticallycalculatedinput impulseresponsesto modelthecharacteristics

of cupmouthpieceinstruments.Althougha greatdealof work hasgoneinto improv-

ing thetheoreticalinput impulseresponsecalculations[Agullo et al 1995],it wouldbe

interestingto examinetheeffect on instrumentmodelsof usingexperimentallymea-

suredinput impulseresponses.Recentpapersby Valimaki et al [1995] and Keefe

[1996] reportearlywork in this area.
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Appendix A

Measuring the loudspeaker

characteristics

Theelectricalandmechanicalcharacteristicsof theFaneProfessionalMD2050com-

pressiondriver loudspeakerweremeasuredusingstandardtechniqueswhich arede-

scribedby Hall [1987].

A.1 Theory

To understandthesetechniques,it is necessaryto re-examinethe theoreticalexpres-

sionsdeducedfrom theloudspeakermodel(section7.2.2).

The first theoreticalexpression,equation7.1, canbe rewritten by replacingthe

pressureby theradiationimpedance(Zrad) multipliedby thevolumevelocity(U Ö Su).

In fact, the radiationreactanceXrad dominatesover mostof the frequency rangeof

interest,so:

jωMmu × Rmu × Kmu
jω
Ö BIl Ø XradS2u (A.1)

The secondtheoreticalexpression,equation7.2, canalsobe rewritten giving an

expressionfor theeffectiveelectricalimpedanceof theloudspeaker. Dividing through
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by I andrearranginggives:

Ze Ù R Ú jωL Ú Blu Û I (A.2)

The impedanceis madeup of threeterms;the loudspeaker’s electricalresistance,

the loudspeaker’s electricalinductanceanda termresultingfrom thebackemf. This

third term (oftenreferredto asthemotionalimpedance)representsthe loadimposed

uponthecircuit by themechanicalsystemthatis beingdriven.

A.2 Electrical and mechanicalcharacteristics

A.2.1 Electrical resistanceof loudspeaker R

The electricalresistanceof the loudspeaker(R Ù 6 Ü 2Ω) was found by applyingan

ohmmeteracrossthe terminalsof the loudspeakerand makinga DC measurement.

TheDC measurementensuredthatboth jωL andBlu Û I werezeroandthemeasured

impedancewassimply theelectricalresistanceof theloudspeaker(seeequationA.2).

A.2.2 Electrical inductanceof loudspeaker L

To find the electricalinductanceof the loudspeaker, a 1Ω resistorwasconnectedin

serieswith the loudspeakerandan alternatingvoltagewasappliedacrossboth. The

AC voltagesacrosseachindividualcomponentweremeasured,enablingtheelectrical

impedanceof the loudspeakerto becalculated.Theelectricalimpedancewassimply

Vsp Û Vres, whereVsp wasthe voltageacrossthe loudspeakerandVres wasthe voltage

acrosstheresistor(the1Ω resistorensuredthatthevoltageacrosstheresistorwasequal

to thecurrentflowing throughit). Themagnitudeof theimpedancewasmeasuredover

a rangeof frequencies,resultingin a curve which changedfrom a valueof R at low

frequenciesto a valueof ωL at high frequencies(in accordancewith equationA.2).

Theelectricalinductanceof theloudspeaker(L Ù 21µH) wasfoundby applyingahigh
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frequency AC voltageanddividing themeasuredimpedanceby theangularfrequency;

i.e. L Ý Vsp Þ¶ß Vres à ω á .
A.2.3 Magnetic flux densityB, length of voicecoil l , damping con-

stant Rm

Theelectricalimpedancecurvemeasuredin theprevioussectiondidnotchangesmoothly

from thelow frequency valueof Rto thehighfrequency valueof ωL but passedthrough

a peak. This peak,which occuredat the mechanicalresonancefrequency f0, was

causedby the motional impedance.At mechanicalresonance,the diaphragmof the

loudspeakermovesata greatervelocityandthemotionalimpedancebecomeslarge.

At mechanicalresonance,themechanicalreactancevanishesandequationA.1 re-

ducesto Rmu Ý BIl . Since f0 is generallylow enoughfor L to beunimportant,equa-

tion A.2 canberewritten:

Ze Ý R â ß Bl á 2 Þ Rm (A.3)

This electricalimpedanceis purely resistive. Hence,the resonancefrequency f0

can be accuratelydeterminedby adjustingthe frequency until Vsp andVres have a

phasedifferenceof zero. Given the loudspeakerresistanceR, measuringthe electri-

cal impedanceatthisfrequency enablescalculationof ß Bl á 2 Þ Rm. Theloudspeakerwas

foundtohavearesonancefrequency of f0 Ý 5 ã 88kHzatwhichtheelectricalimpedance

was10ã 0Ω. Thus, ß Bl á 2 Þ Rm wasfoundto equal3 ã 81Ω.

Themagneticflux density(B Ý 1 ã 74T)wasgivenin theliteratureproducedby Fane

andthelengthof thevoicecoil (l Ý 3 ã 5m)wasfoundby multiplying thecircumference

of thecoil (π à diameterof coil = π à 0 ã 045m= 0.14m)by thenumberof turnscounted

in thecoil (25). Usingthevalueof 3 ã 81Ω for ß Bl á 2 Þ Rm, thedampingconstantRm Ý 9 ã 7
Ns/mwascalculated.
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A.2.4 SuspensionstiffnessKm and diaphragm massMm

The resonancefrequency f0 ä 5 å 88kHz of the loudspeakerenabledthe ratio of the

suspensionstiffnessKm to thediaphragmmassMm to becalculated:

Km

Mm
ä�æ 2π f0 ç 2 ä 1 å 37 è 109sé 2 (A.4)

Thelargeratiois dueto theincreasedstiffnessof theloudspeakercausedby insert-

ing a thin layerof cottonwool betweenthediaphragmandthemagnetassembly.

To find the massMm of the diaphragm,the cottonwool wasremoved. The res-

onancefrequency of the loudspeakerwithout cottonwool insertedwasmeasuredas

being f ê0 ä�æ 1 ë 2π ç ì K êm ë Mm ä 1 å 15kHz, whereK êm is the suspensionstiffnesswith

no cottonwool inserted.Adding a massm=0.1gto thediaphragmof thespeakerlow-

eredtheresonancefrequency to f ê1 äíæ 1 ë 2π ç ì K êm ë æ Mm î mç ä 1 å 13kHz.Substituting

K êm ä Mm æ 2π f ê0 ç 2 andrearranginggave:

Mm ä m æ f ê1 ç 2æ f ê0 ç 2 ï æ f ê1 ç 2 ä 0 å 1g è 11302

11502 ï 11302 ä 2 å 8g (A.5)

The stiffnessof the loudspeakerwith cottonwool inserted(Km ä 3 å 8 è 106N/m)

wasthencalculatedby substitutingthevalueof Mm=2.8ginto equationA.4 andrear-

ranging.
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Appendix B

Computer programs

Theprogramslistedwereall writtenusingBorlandTurboC.

B.1 Data acquisition program
/* PULSE REFLECTOMETRY DATA ACQUISITION PROGRAM */
/* (produces pulses, samples 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 samples voltages in the -5V to +5V range.*/
/* (thus 0=-5V, 2048=0V and 4095=+5V) */
/* Include library files */
#include <stdio.h>
#include <c:\daqbook\dos\bc\daqbook.h>
/* Declare functions */
void main(void);
/* Main program */
void main()
{
int i, j, x, gainset, del, numofav, sampsize;
unsigned int buf[8192];
float avbuf[8192], sampfreq;
char filename[80];
FILE *fout;
/* Initialise DaqBoard/100 */
daqInit(PORT_0300,10);
daqAdcSetTag(0);
printf("\n\nPULSE REFLECTOMETRY DATA ACQUISITION PROGRAM\n");
printf("(produces pulses, samples reflections and averages)\n\n");
printf("How many averages do you wish to have?\n");
scanf("%d", &numofav);
printf("What is the sample size?\n");
scanf("%d", &sampsize);
printf("What is the sampling frequency (in kHz)?\n");
scanf("%f", &sampfreq);
printf("Enter the gain setting you require:\n");
printf("(1) DgainX1 (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("%d", &gainset);
/* Defaults to DgainX1 if invalid option is selcted */
if (gainset!=1 && gainset!=2 && gainset!=4 && gainset!=8){
printf("This was not an option - gain has been set to DgainX1\n");
gainset=1;
}
printf("How long after the pulse is sent out do you wish to\n");
printf("start sampling (recommended delay for shorter source\n");
printf("tube reflectometer is 24ms and recommended delay for longer\n");
printf("source tube reflectometer is 38ms)?\n");
scanf("%d", &del);
printf("What do you wish to call the output filename?\n");
scanf("%s", filename);
fout=fopen(filename,"w");
/* Set all values of array avbuf equal to zero */
for(x=0;x<sampsize;x++){
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avbuf[x]=0.0;
}
/* Set initial output voltage to zero */
daqDacWt(0,2048);
/* Include delay before sending pulse to allow signal to die away */
delay(1000);
/* Send requested number of pulses and sample after each one */
for(i=0;i<numofav;i++){
/* Switch off computer interrupts */
asm{CLI}
/* Send out 5V voltage pulse */
for (j=0; j<20; j++){
daqDacWt(0,4095);
}
daqDacWt(0,2048);
/* Delay before starting sampling */
delay(del);
/* Sample microphone signal at correct gain */
if (gainset==1){
daqAdcRdN(0,buf,sampsize,DtsPacerClock,0,0,sampfreq,DgainX1);
}
else if (gainset==2){
daqAdcRdN(0,buf,sampsize,DtsPacerClock,0,0,sampfreq,DgainX2);
}
else if (gainset==4){
daqAdcRdN(0,buf,sampsize,DtsPacerClock,0,0,sampfreq,DgainX4);
}
else {
daqAdcRdN(0,buf,sampsize,DtsPacerClock,0,0,sampfreq,DgainX8);
}
/* Add array of samples to array avbuf */
for(x=0;x<sampsize;x++){
avbuf[x]=avbuf[x]+buf[x];
}
/* Switch computer interrupts back on */
asm{STI}
/* Delay to ensure that all signal dies away before next pulse */
/* is sent out */
delay(180);
}
/* Divide summed array of samples by number of averages */
/* and print to file the voltage (converted from samples) */
/* and the time at which it was recorded in milliseconds */
for(x=0;x<sampsize;x++){
avbuf[x]=avbuf[x]/numofav;
fprintf(fout, "%f %f\n",
x*1000.0/sampfreq, -(avbuf[x]-2048.0)*10.0/(4096.0*gainset));
}
daqClose();
}

B.2 Data analysisprogram
/* PULSE REFLECTOMETRY DATA ANALYSIS PROGRAM */
/* Include library files */
#include <stdio.h>
#include <math.h>
#include <alloc.h>
#include <conio.h>
#include <stdlib.h>
#define SWAP(a,b) tempr=(a); (a)=(b); (b)=tempr
#define NAMESIZE 80
/* Declare functions */
int print_menu (void);
void main (void), four_tran (void), deconvolve (void), finddc (void),
removedc (void), repl1ms (void), ware_aki (void), noam (int menu_num),
zeropad (void), input_imped (void), farewell (void);
void dfour1(double huge *data, unsigned long nn, int isign);
void myfft(double huge *real, double huge *imag,
unsigned long samp_num, int isign);
/* Main program */
void main (void)
{
int menu_num;
do {
menu_num=print_menu();
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switch (menu_num)
{
case 1 : {four_tran(); break;}
case 2 : {deconvolve(); break;}
case 3 : {finddc(); break;}
case 4 : {removedc(); break;}
case 5 : {repl1ms(); break;}
case 6 : {ware_aki(); break;}
case 7 : {noam(menu_num); break;}
case 8 : {noam(menu_num); break;}
case 9 : {noam(menu_num); break;}
case 10 : {zeropad(); break;}
case 11 : {input_imped(); break;}
case 12 : {farewell(); break;}
default: {printf("This is not a valid choice\n");}
}
} while (menu_num!=12);
}
/****************************** Functions **************************/
/************************** Print menu function ********************/
int print_menu(void)
{
int menu_num;
printf("\nPULSE REFLECTOMETRY PROGRAMS\n"
"(1) Fourier transform data\n"
"(2) Deconvolve two data sets\n"
"(3) Find DC offset\n"
"(4) Remove DC offset\n"
"(5) Replace first millisecond of iir\n"
"(6) Ware-Aki reconstruction algorithm\n"
"(7) Noam Amir lossless reconstruction algorithm\n"
"(8) Noam Amir lossy reconstruction algorithm (rotating phase)\n"
"(9) Noam Amir lossy reconstruction algorithm (all pole model)\n"
"(10) Zero pad iir\n"
"(11) Input Impedance\n"
"(12) Quit\n");
printf("Enter the number you require\n");
scanf("%d", &menu_num);
return(menu_num);
}
/*******************************************************************/
/*************************** four_tran *****************************/
void four_tran (void)
{
FILE *fin, *fout1, *fout2;
char inputdata[NAMESIZE], fft_comp[NAMESIZE], fft_mag[NAMESIZE];
int samp_num=0, i;
double time, samp_space, max_mag=0, mag;
/* Set up arrays using pointers */
double huge *real, *imag;
if ((real=farmalloc(2048*sizeof(double)))==0){
perror("Malloc failed\n");
exit(0);
}
if ((imag=farmalloc(2048*sizeof(double)))==0){
perror("Malloc failed\n");
exit(0);
}
printf("\nFOURIER TRANSFORM PROGRAM\n");
/* Read in filename and open file containing data to be FFTed */
printf("What is the name of the input file which is to be FFTed?\n");
scanf("%s", inputdata);
if ((fin=fopen(inputdata, "r"))==0){
printf("Unable to open\n");
return;
}
/* Read real values from input file into an array, */
/* make imaginary values=0 and find sample size (samp_num) */
while (fscanf(fin, "%lf %le", &time, &real[samp_num])==2){
imag[samp_num]=0;
if (samp_num==1){
samp_space=time;
}
samp_num++;
}
/* Compute transform */
myfft(real, imag, samp_num, -1);
/* Read in filenames and open files for */
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/* FFT complex and magnitude data */
printf("What do you wish to call the output file containing"
"\nthe fft complex data?\n");
scanf("%s", fft_comp);
printf("What do you wish to call the output file containing"
"\nthe fft magnitude data?\n");
scanf("%s", fft_mag);
fout1=fopen(fft_comp, "w");
fout2=fopen(fft_mag, "w");
/* Calculate maximum magnitude */
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(imag[i],2));
}
}
/* Write fft data to output files */
for (i=0; i<samp_num; i++){
/* Complex file */
fprintf(fout1, " % 17.14le % 17.14le\n", real[i], imag[i]);
/* Magnitude file */
/* Ensure not taking log10 of zero */
if (sqrt(pow(real[i],2)+pow(imag[i],2))==0){
real[i]=real[i]+0.000001;
}
mag=20*log10(sqrt(pow(real[i],2)+pow(imag[i],2))/max_mag);
fprintf(fout2, " %13.6lf % 17.14lf\n",
(1000.0*i)/(samp_num*samp_space), mag);
}
/* Free pointers */
farfree(real);
farfree(imag);
/* Close files */
fclose(fin);
fclose(fout1);
fclose(fout2);
}
/*******************************************************************/
/**************************** deconvolve ***************************/
void deconvolve (void)
{
FILE *fin1, *fin2, *fout;
int samp_num=0, i;
char comp1[NAMESIZE], comp2[NAMESIZE], deconvdata[NAMESIZE];
double real1, imag1, real2, imag2, samp_space, constrain_factor;
/* Set up arrays using pointers */
double huge *real, *imag;
if ((real=farmalloc(2048*sizeof(double)))==0){
perror("Malloc failed\n");
exit(0);
}
if ((imag=farmalloc(2048*sizeof(double)))==0){
perror("Malloc failed\n");
exit(0);
}
printf("\nDECONVOLUTION PROGRAM\n");
/* Read in filenames and open files containing */
/* data to be deconvolved */
printf("What is the file containing your FFTed,"
"\ncomplex input pulse called?\n");
scanf("%s", comp1);
printf("What is the file containing your FFTed,"
"\ncomplex reflections called?\n");
scanf("%s", comp2);
if (((fin1=fopen(comp1, "r"))==0)||((fin2=fopen(comp2,"r"))==0)){
printf("Unable to open one or both files\n");
return;
}
/* Read in constraining factor and sample spacing */
printf("What is the value of the constraining factor?\n");
scanf("%le", &constrain_factor);
printf("What is the sample spacing in milliseconds?\n");
printf("(for 50kHz samp freq the sample spacing is 0.02ms)\n");
scanf("%le", &samp_space);
samp_num=0;
/* Read values from input files into arrays */
while (fscanf(fin1, "%le %le", &real1, &imag1)==2
&& fscanf(fin2, "%le %le", &real2, &imag2)==2){
/* Perform complex division */
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real[samp_num]=real1*real2+imag1*imag2;
real[samp_num]=real[samp_num]/
(pow(real1,2)+pow(imag1,2)+constrain_factor);
imag[samp_num]=real1*imag2-imag1*real2;
imag[samp_num]=imag[samp_num]/
(pow(real1,2)+pow(imag1,2)+constrain_factor);
samp_num++;
}
/* Compute inverse transform */
myfft(real, imag, samp_num, 1);
/* Read in filename and open file for deconvolved data */
printf("What do you wish to call the output file containing"
"\nthe deconvolved data?\n");
scanf("%s", deconvdata);
fout=fopen(deconvdata, "w");
/* Write deconvolved data to file and correct FFT scaling factor */
for (i=0;i<samp_num;i++){
fprintf(fout, "%13.6lf % 17.14le\n",
samp_space*i, real[i]/sqrt(samp_num));
}
/* Free pointers */
farfree(real);
farfree(imag);
/* Close files */
fclose(fin1);
fclose(fin2);
fclose(fout);
}
/*******************************************************************/
/****************************** finddc *****************************/
void finddc (void)
{
FILE *fin;
char deconvdata[NAMESIZE];
double time, signal, total=0, count=0;
/* Read in filename and open file containing deconvolved data */
printf("Enter the name of the deconvolved data file\n");
scanf("%s", deconvdata);
if ((fin=fopen(deconvdata,"r"))==0){
printf("Unable to open\n");
return;
}
/* Average over 1ms-2ms range to find dc value */
while (fscanf(fin, "%lf %lf", &time, &signal)==2){
if ((time>1)&&(time<2)){
total=total+signal;
count=count+1;
}
}
printf("Dc offset=%le", total/count);
fclose(fin);
}
/*******************************************************************/
/****************************** removedc ***************************/
void removedc (void)
{
FILE *fin, *fout;
char deconvdata[NAMESIZE], output[NAMESIZE];
double time, signal, dc;
/* Read in filename and open file containing deconvolved data */
printf("Enter the name of the deconvolved data file\n");
scanf("%s", deconvdata);
if ((fin=fopen(deconvdata,"r"))==0){
printf("Unable to open\n");
return;
}
/* Read in filename and open file for dc-less */
/* input impulse response */
printf("Enter name for the output file containing deconvolved\n");
printf("data with dc offset removed (input impulse response)\n");
scanf("%s", output);
fout=fopen(output, "w");
printf("Enter the dc value\n");
scanf("%lf", &dc);
/* Remove dc offset and print iir to file */
while (fscanf(fin, "%lf %lf", &time, &signal)==2){
fprintf(fout, "%lf %lf\n", time, signal-dc);
}
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fclose(fin);
fclose(fout);
}
/*******************************************************************/
/****************************** repl1ms ****************************/
void repl1ms (void)
{
FILE *fin, *fout;
char input[NAMESIZE], output[NAMESIZE];
double time, signal;
/* Read in filename and open file containing iir */
printf("Enter the name of the input impulse response file\n");
scanf("%s", input);
if ((fin=fopen(input,"r"))==0){
printf("Unable to open\n");
return;
}
/* Read in filename and open file for iir with first 1ms blanked */
printf("Enter name for the output file containing the input\n");
printf("impulse response with first millisecond blanked\n");
scanf("%s", output);
fout=fopen(output, "w");
while (fscanf(fin, "%lf %lf", &time, &signal)==2){
if (time<1.0){
fprintf(fout, "%lf %lf\n", time, 0.0);
}
else{
fprintf(fout, "%lf %lf\n", time, signal);
}
}
fclose(fin);
fclose(fout);
}
/*******************************************************************/
/****************************** ware_aki****************************/
void ware_aki (void)
{
FILE *fin, *fout;
int samp_num=0, i, j;
char deconvdata[NAMESIZE], ware[NAMESIZE];
double samp_space, radius, area, product=1, numerator, time,
speed, length, finlen;
/* Set up arrays using pointers */
double huge *reflec, *F, *G, *r;
if ((reflec=farmalloc(2048*sizeof(double)))==0){
perror("Malloc failed\n");
exit(0);
}
if ((F=farmalloc(2048*sizeof(double)))==0){
perror("Malloc failed\n");
exit(0);
}
if ((G=farmalloc(2048*sizeof(double)))==0){
perror("Malloc failed\n");
exit(0);
}
if ((r=farmalloc(2048*sizeof(double)))==0){
perror("Malloc failed\n");
exit(0);
}
printf("\nWARE-AKI BORE RECONSTRUCTION\n");
/* Read in filename and open file containing iir */
printf("What is the name of the file containing the input\n"
"impulse response?\n");
scanf("%s", deconvdata);
if ((fin=fopen(deconvdata, "r"))==0){
printf("Unable to open file\n");
return;
}
/* Read in filename and open file for Ware-Aki */
/* reconstruction data */
printf("What do you wish to call the output file containing the\n"
"Ware-Aki algorithm reconstruction data?\n");
scanf("%s", ware);
fout=fopen(ware, "w");
while (fscanf(fin, "%lf %le", &time, &reflec[samp_num])==2){
if (samp_num==1){
samp_space=time;
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}
samp_num++;
}
/* Ware-Aki algorithm */
printf("What is the starting radius in metres?\n");
scanf("%le", &radius);
printf("What length do you wish to reconstruct up to?\n");
scanf("%le", &finlen);
printf("What is the speed of sound (in m/s)?\n");
scanf("%le", &speed);
area=3.14159*pow(radius,2);
length=samp_space*speed/2000;
/* Set polynomials=0 initially */
for (i=0; i<samp_num; i++){
F[i]=0;
G[i]=0;
}
F[0]=1;
for(i=0; i<samp_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]);
}
numerator=0;
for(j=0; j<=i; j++){
numerator=numerator+(F[j]*reflec[i-j]);
}
r[i]=numerator/product;
area=area*(1-r[i])/(1+r[i]);
if (area<0){
return;
}
radius=sqrt(area/3.14159);
fprintf(fout, "% 17.14le % 17.14le\n", i*length, radius);
if (finlen<(i*length)){
return;
}
j=i;
while(j>=1){
G[j]=r[i]*F[j]+G[j-1];
F[j]=F[j]+r[i]*G[j-1];
j--;
}
F[0]=1;
G[0]=r[i];
}
/* Free pointers */
farfree(F);
farfree(G);
farfree(reflec);
farfree(r);
/* Close file */
fclose(fout);
}
/*******************************************************************/
/********************************* noam ****************************/
void noam (int menu_num)
{
FILE *fin, *fout;
int samp_num=0, i, j, l;
char deconvdata[NAMESIZE], amir[NAMESIZE];
double samp_space, temp_value, length, samp_freq, rho=1.21,
visc=0.0000181, cond=0.024, cp=1400, ratio=1.4, speed,
v, A, B, C, D, E, rvnndiv2, vpnndiv2, omega, rv, alpha,
vprecip, radius, area, r, finlen, time, sum, G;
static double a[41][41];
/* Set up arrays using pointers */
double huge *reflec_real, *reflec_imag, *input_real, *input_imag,
*fre, *fim, *rr, *e, *k, *Areal, *Aimag, *Hreal, *Himag;
if ((reflec_real=farmalloc(2048*sizeof(double)))==0){
perror("Malloc failed\n");
exit(0);
}
if ((reflec_imag=farmalloc(2048*sizeof(double)))==0){
perror("Malloc failed\n");
exit(0);
}
if ((input_real=farmalloc(2048*sizeof(double)))==0){
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perror("Malloc failed\n");
exit(0);
}
if ((input_imag=farmalloc(2048*sizeof(double)))==0){
perror("Malloc failed\n");
exit(0);
}
if ((fre=farmalloc(2048*sizeof(double)))==0){
perror("Malloc failed\n");
exit(0);
}
if ((fim=farmalloc(2048*sizeof(double)))==0){
perror("Malloc failed\n");
exit(0);
}
if ((rr=farmalloc(2048*sizeof(double)))==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(double)))==0){
perror("Malloc failed\n");
exit(0);
}
if ((Areal=farmalloc(2048*sizeof(double)))==0){
perror("Malloc failed\n");
exit(0);
}
if ((Aimag=farmalloc(2048*sizeof(double)))==0){
perror("Malloc failed\n");
exit(0);
}
if ((Hreal=farmalloc(2048*sizeof(double)))==0){
perror("Malloc failed\n");
exit(0);
}
if ((Himag=farmalloc(2048*sizeof(double)))==0){
perror("Malloc failed\n");
exit(0);
}
printf("\nNOAM AMIR’S ");
if (menu_num==7){
printf("LOSSLESS ");
}
if (menu_num==8){
printf("LOSSY (rotating phase) ");
}
if (menu_num==9){
printf("LOSSY (all pole model) ");
}
printf("BORE RECONSTRUCTION\n");
/* Read in filename and open file containing iir */
printf("What is the name of the file containing the input\n"
"impulse response?\n");
scanf("%s", deconvdata);
if ((fin=fopen(deconvdata, "r"))==0){
printf("Unable to open file\n");
return;
}
/* Read in filename and open file for Noam algorithm */
/* reconstruction data */
printf("What do you wish to call the output file containing the\n"
"Noam algorithm reconstruction data?\n");
scanf("%s", amir);
fout=fopen(amir, "w");
while (fscanf(fin, "%lf %le", &time, &reflec_real[samp_num])==2){
if (samp_num==1){
samp_space=time;
}
samp_num++;
}
/* Noam’s algorithm */
printf("What is the starting radius in metres?\n");
scanf("%le", &radius);
printf("What length do you wish to reconstruct up to?\n");
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scanf("%le", &finlen);
printf("What is the speed of sound (in m/s)?\n");
scanf("%le", &speed);
area=3.14159*pow(radius,2);
length=samp_space*speed/2000;
/* Construct input pulse */
input_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,
radius);
r=reflec_real[0]/input_real[0];
area=area*(1-r)/(1+r);
if (area<0){
return;
}
radius=sqrt(area/3.14159);
fprintf(fout, "% 17.14le % 17.14le\n", i*length,
radius);
if (finlen<(i*length)){
return;
}
/* Scattering junction */
for (j=0; j<samp_num; j++){
temp_value=input_real[j];
input_real[j]=(input_real[j]-r*reflec_real[j])/(1-r);
reflec_real[j]=(reflec_real[j]-r*temp_value)/(1-r);
}
/* Delay */
for (j=0;j<(samp_num-1); j++){
reflec_real[j]=reflec_real[j+1];
}
reflec_real[samp_num-1]=0;
/* Lossy part of algorithm */
if (menu_num==8){
/* Rotating phase */
/* Calculate continuous frequency response of segment */
samp_freq=1000/samp_space;
v=sqrt(visc*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)/pow(v,3);
C=C-0.5*pow((ratio-1)/v,2)+0.5*pow((ratio-1),2)/pow(v,3);
C=(1/sqrt(2))*(C+0.5*pow((ratio-1)/v,3));
D=A;
E=C;
rvnndiv2=radius*sqrt(rho*2*3.14159*samp_freq/(2*visc));
vpnndiv2=(1/speed)*(1+D/rvnndiv2+E/pow(rvnndiv2,3));
fre[0]=1;
fim[0]=0;
for (j=1; j<=(samp_num/2); j++){
omega=2*3.14159*j*samp_freq/samp_num;
rv=radius*sqrt(rho*omega/visc);
alpha=(omega/speed)*(A/rv+B/pow(rv,2)+C/pow(rv,3));
vprecip=(1/speed)*(1+D/rv+E/pow(rv,3));
fre[j]=exp(-alpha*length);
fre[j]=fre[j]*cos(omega*length*(vpnndiv2-vprecip));
fim[j]=exp(-alpha*length);
fim[j]=fim[j]*sin(omega*length*(vpnndiv2-vprecip));
}
for (j=(samp_num/2); j<samp_num; j++){
fre[j]=fre[samp_num-j];
fim[j]=-fim[samp_num-j];
}
for (j=0; j<samp_num; j++){
input_imag[j]=0;
reflec_imag[j]=0;
}
/* Convolve with input pulse */
myfft(input_real,input_imag, samp_num, -1);
for (j=0; j<samp_num; j++){
temp_value=input_real[j];
input_real[j]=input_real[j]*fre[j]-input_imag[j]*fim[j];
input_imag[j]=temp_value*fim[j]+input_imag[j]*fre[j];
}
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myfft(input_real, input_imag, samp_num, 1);
/* Deconvolve with output pulses */
myfft(reflec_real, reflec_imag, samp_num, -1);
for (j=0; j<samp_num; j++){
temp_value=reflec_real[j];
reflec_real[j]=(reflec_real[j]*fre[j]+reflec_imag[j]*fim[j]);
reflec_real[j]=reflec_real[j]/(pow(fre[j],2)+pow(fim[j],2));
reflec_imag[j]=reflec_imag[j]*fre[j]-temp_value*fim[j];
reflec_imag[j]=reflec_imag[j]/(pow(fre[j],2)+pow(fim[j],2));
}
myfft(reflec_real, reflec_imag, samp_num, 1);
}
else if (menu_num==9){
/* All pole model */
/* Calculate continuous frequency response of segment */
samp_freq=1000/samp_space;
v=sqrt(visc*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)/pow(v,3);
C=C-0.5*pow((ratio-1)/v,2)+0.5*pow((ratio-1),2)/pow(v,3);
C=(1/sqrt(2))*(C+0.5*pow((ratio-1)/v,3));
D=A;
E=C;
fre[0]=1;
fim[0]=0;
for (j=1; j<=(samp_num/2); j++){
omega=2*3.14159*j*samp_freq/samp_num;
rv=radius*sqrt(rho*omega/visc);
alpha=(omega/speed)*(A/rv+B/pow(rv,2)+C/pow(rv,3));
vprecip=(1/speed)*(1+D/rv+E/pow(rv,3));
fre[j]=exp(-alpha*length);
fre[j]=fre[j]*cos(-omega*length*vprecip);
fim[j]=exp(-alpha*length);
fim[j]=fim[j]*sin(-omega*length*vprecip);
}
for (j=(samp_num/2); j<samp_num; j++){
fre[j]=fre[samp_num-j];
fim[j]=-fim[samp_num-j];
}
fre[samp_num/2]=sqrt(pow(fre[samp_num/2],2.0)
+pow(fim[samp_num/2],2.0));
fim[samp_num/2]=0.0;
/* Inverse fft continuous complex expression */
myfft(fre, fim, samp_num, 1);
/* Correct FFT scaling factor */
for (j=0; j<samp_num; j++){
fre[j]=fre[j]/sqrt(samp_num);
fim[j]=fim[j]/sqrt(samp_num);
}
/* Calculate autocorrelation function */
for (j=0; j<samp_num; j++){
rr[j]=0.0;
for (l=0; l<samp_num; l++){
if (l<(samp_num-j)){
rr[j]=rr[j]+fre[l]*fre[l+j];
}
else{
rr[j]=rr[j]+fre[l]*fre[l+j-samp_num];
}
}
}
/* 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 (l=1; l<j; l++){
sum=sum+a[l][j-1]*rr[j-l];
}
k[j]=-(rr[j]+sum)/e[j-1];
a[j][j]=k[j];
for (l=1; l<j; l++){
a[l][j]=a[l][j-1]+k[j]*a[j-l][j-1];
}
e[j]=(1.0-pow(k[j],2.0))*e[j-1];
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}
/* Calculate gain G */
G=rr[0];
for (j=1; j<41; j++){
G=G+a[j][40]*rr[j];
}
G=sqrt(G);
/* Calculate A(z) */
Areal[0]=1.0;
Aimag[0]=0.0;
for (j=1; j<41; j++){
Areal[j]=a[j][40];
Aimag[j]=0.0;
}
for (j=41; j<samp_num; j++){
Areal[j]=0.0;
Aimag[j]=0.0;
}
/* Fourier transform to calculate A(z) */
myfft(Areal, Aimag, samp_num, -1);
/* Correct FFT scaling factor and calculate H(z) */
for (j=0; j<samp_num; j++){
Areal[j]=Areal[j]*sqrt(samp_num);
Aimag[j]=Aimag[j]*sqrt(samp_num);
Hreal[j]=G*Areal[j]/(pow(Areal[j],2.0)+pow(Aimag[j],2.0));
Himag[j]=-G*Aimag[j]/(pow(Areal[j],2.0)+pow(Aimag[j],2.0));
}
for (j=0; j<samp_num; j++){
input_imag[j]=0;
reflec_imag[j]=0;
}
/* Convolve with input pulse */
myfft(input_real, input_imag, samp_num, -1);
for (j=0; j<samp_num; j++){
temp_value=input_real[j];
input_real[j]=input_real[j]*Hreal[j]-input_imag[j]*Himag[j];
input_imag[j]=temp_value*Himag[j]+input_imag[j]*Hreal[j];
}
myfft(input_real, input_imag, samp_num, 1);
/* Deconvolve with output pulses */
myfft(reflec_real, reflec_imag, samp_num, -1);
for (j=0; j<samp_num; j++){
temp_value=reflec_real[j];
reflec_real[j]=(reflec_real[j]*Hreal[j]+reflec_imag[j]*Himag[j]);
reflec_real[j]=reflec_real[j]/(pow(Hreal[j],2)+pow(Himag[j],2));
reflec_imag[j]=reflec_imag[j]*Hreal[j]-temp_value*Himag[j];
reflec_imag[j]=reflec_imag[j]/(pow(Hreal[j],2)+pow(Himag[j],2));
}
myfft(reflec_real, reflec_imag, samp_num, 1);
}
}
/* Free pointers */
farfree(input_real);
farfree(input_imag);
farfree(reflec_real);
farfree(reflec_imag);
farfree(fre);
farfree(fim);
farfree(rr);
farfree(e);
farfree(k);
farfree(Areal);
farfree(Aimag);
farfree(Hreal);
farfree(Himag);
/* Close files */
fclose(fout);
}
/*******************************************************************/
/************************** zeropad ****************************/
void zeropad (void)
{
FILE *fin, *fout;
char deconvdata[NAMESIZE], zeropadded[NAMESIZE];
long padsize, i, j;
double time, signal, samp_space;
/* Read in filename and open file containing iir */
printf("Enter the name of the input impulse response file\n");
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scanf("%s", 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 name of the padded file\n");
scanf("%s", zeropadded);
fout=fopen(zeropadded, "w");
printf("What size would you like iir to be padded to?\n");
printf("(maximum size=8192)\n");
scanf("%ld", &padsize);
if (padsize>8192){
printf("This is too big\n");
return;
}
/* Print zeropadded iir to file */
i=0;
while (fscanf(fin, "%lf %lf", &time, &signal)==2){
fprintf(fout, "%lf %lf\n", time, signal);
if (i==1){
samp_space=time;
}
i++;
}
for (j=i; j<padsize; j++){
fprintf(fout, "%lf %lf\n", j*samp_space, 0.0);
}
fclose(fin);
fclose(fout);
}
/*******************************************************************/
/************************** input_imped ****************************/
void input_imped (void)
{
FILE *fin, *fout, *fout1;
long samp_num=0, i;
char deconvdata[NAMESIZE], imped[NAMESIZE], impedcom[NAMESIZE];
double samp_space, radius, imp_real, imp_imag, speed, time;
/* Set up arrays using pointers */
double huge *reflec_real, *reflec_imag;
if ((reflec_real=farmalloc(8192L*sizeof(double)))==0){
perror("Malloc failed\n");
exit(0);
}
if ((reflec_imag=farmalloc(8192L*sizeof(double)))==0){
perror("Malloc failed\n");
exit(0);
}
printf("\nINPUT IMPEDANCE PROGRAM\n");
/* Read in input filename and open file containing */
/* iir data (padded or not) */
printf("What is the name of the file containing the input\n"
"impulse response?\n");
scanf("%s", deconvdata);
if ((fin=fopen(deconvdata, "r"))==0){
printf("Unable to open file\n");
return;
}
while (fscanf(fin, "%lf %le", &time, &reflec_real[samp_num])==2){
if (samp_num==1){
samp_space=time;
}
samp_num++;
}
printf("What is the source tube radius?\n");
scanf("%lf", &radius);
printf("What is the speed of sound?\n");
scanf("%lf", &speed);
/* Create imaginary part=0 and correct FFT scaling factor */
for (i=0; i<samp_num; i++){
reflec_real[i]=reflec_real[i]*sqrt(samp_num);
reflec_imag[i]=0.0;
}
/* Fourier transform */
myfft(reflec_real, reflec_imag, samp_num, -1);
/* Read in filename and open file for magnitude impedance data */
printf("What do you wish to call the output file containing the\n"
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"magnitude impedance data?\n");
scanf("%s", imped);
fout=fopen(imped, "w");
/* Read in filename and open file for complex impedance data */
printf("What do you wish to call the output file containing the\n"
"complex impedance data?\n");
scanf("%s", impedcom);
fout1=fopen(impedcom,"w");
/* Impedance algorithm */
for (i=0; i<samp_num; i++){
imp_real=(1-pow(reflec_real[i],2)-pow(reflec_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));
imp_real=imp_real*((1.21*speed)/(3.14159*pow(radius,2)));
imp_imag=imp_imag*((1.21*speed)/(3.14159*pow(radius,2)));
fprintf(fout, "% 17.14le % 17.14le\n",
i*1.0/(samp_space*samp_num),
sqrt(pow(imp_real,2)+pow(imp_imag,2)));
fprintf(fout1, "% 17.14le % 17.14le\n", imp_real, imp_imag);
}
/* Free pointers */
farfree(reflec_real);
farfree(reflec_imag);
/* Close file */
fclose(fout);
fclose(fout1);
}
/*******************************************************************/
/*************************** farewell ******************************/
void farewell (void)
{
printf("Goodbye\n");
}
/*******************************************************************/
/**************************** myfft ********************************/
void myfft(double huge *real, double huge *imag,
unsigned long samp_num, int isign)
{
int i=0;
double huge *data;
if ((data=farmalloc(17000L*sizeof(double)))==0){
perror("Malloc failed\n");
exit(0);
}
for (i=1; i<(2*samp_num+1); i=i+2){
data[i]=real[(i-1)/2];
data[i+1]=imag[(i-1)/2];
}
dfour1(data, samp_num, isign);
for (i=1; i<(2*samp_num+1); i=i+2){
real[(i-1)/2]=data[i]/sqrt(samp_num);
imag[(i-1)/2]=data[i+1]/sqrt(samp_num);
}
farfree(data);
}
/*******************************************************************/
/******************** dfour1 (Numerical recipes) *******************/
void dfour1(double huge *data, unsigned long nn, int isign)
{
unsigned long n,mmax,m,j,istep,i;
double wtemp,wr,wpr,wpi,wi,theta;
double tempr,tempi;
n=nn << 1;
j=1;
for (i=1;i<n;i+=2) {
if (j > i) {
SWAP(data[j],data[i]);
SWAP(data[j+1],data[i+1]);
}
m=n >> 1;
while (m >= 2 && j > m) {
j -= m;
m >>= 1;
}
j += m;
}
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mmax=2;
while (n > mmax) {
istep=mmax << 1;
theta=isign*(6.28318530717959/mmax);
wtemp=sin(0.5*theta);
wpr = -2.0*wtemp*wtemp;
wpi=sin(theta);
wr=1.0;
wi=0.0;
for (m=1;m<mmax;m+=2) {
for (i=m;i<=n;i+=istep) {
j=i+mmax;
tempr=wr*data[j]-wi*data[j+1];
tempi=wr*data[j+1]+wi*data[j];
data[j]=data[i]-tempr;
data[j+1]=data[i+1]-tempi;
data[i] += tempr;
data[i+1] += tempi;
}
wr=(wtemp=wr)*wpr-wi*wpi+wr;
wi=wi*wpr+wtemp*wpi+wi;
}
mmax=istep;
}
}
/*******************************************************************/

B.3 Programto find the theoretical impedancecurveof
a steppedcylinder

/* PROGRAM TO FIND THEORETICAL IMPEDANCE CURVE OF A STEPPED */
/* CYLINDER DRIVEN AT ONE END AND OPEN AT THE OTHER */
/* Include library files */
#include <stdio.h>
#include <math.h>
/* Declare functions */
void main (void);
void compmult (double aa, double bb, double cc, double dd,
double *ee, double *ff);
void compdiv (double aa, double bb, double cc, double dd,
double *ee, double *ff);
void comptan (double aa, double bb, double *ee, double *ff);
/* Main program */
void main (void)
{
FILE *fout1, *fout2;
double rho, c, gamma, cp, n, kappa, r1, r2, r3, l1, l2, l3,
term1, term2, om, k, alphacy1, alphacy2, alphacy3, numreal,
numimag, denreal, denimag, zcreal, zcimag, zbreal, zbimag,
zareal, zaimag, tempreal, tempimag, s1, s2, s3;
int i;
char impedcom[80], impedmag[80];
printf("THEORETICAL IMPEDANCE CURVE FOR STEPPED TUBE\n\n");
printf("What is your value for the air density (try 1.21)?\n");
scanf("%lf", &rho);
printf("What is your value for the speed of sound in air?\n");
scanf("%lf", &c);
printf("What is your value for the ratio of specific\n");
printf("heats of air (try1.4)?\n");
scanf("%lf", &gamma);
printf("What is your value for the specific heat of air at\n");
printf("constant pressure (try 1400)?\n");
scanf("%lf", &cp);
printf("What is your value for the coefficient of shear\n");
printf("viscosity of air (try 0.0000181)?\n");
scanf("%lf", &n);
printf("What is your value for the thermal conductivity of\n");
printf("air (try 0.024)?\n");
scanf("%lf", &kappa);
printf("What is your value for r1?\n");
scanf("%lf", &r1);
printf("What is your value for l1?\n");
scanf("%lf", &l1);
printf("What is your value for r2?\n");
scanf("%lf", &r2);
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printf("What is your value for l2?\n");
scanf("%lf", &l2);
printf("What is your value for r3?\n");
scanf("%lf", &r3);
printf("What is your value for l3?\n");
scanf("%lf", &l3);
s1=M_PI*r1*r1;
s2=M_PI*r2*r2;
s3=M_PI*r3*r3;
printf("Enter the name of the file for the complex impedance\n");
scanf("%s", impedcom);
fout1=fopen(impedcom, "w");
printf("Enter the name of the file for the impedance magnitude\n");
scanf("%s", impedmag);
fout2=fopen(impedmag, "w");
/* Calculations loop */
for (i=1; i<5000; i++){
/* Calculate alpha */
om=2.0*M_PI*i;
k=om/c;
term1=sqrt((n*om)/(2.0*rho));
term2=(gamma-1.0)*sqrt((kappa*om)/(2.0*rho*cp));
alphacy1=(term1+term2)/(r1*c);
alphacy2=(term1+term2)/(r2*c);
alphacy3=(term1+term2)/(r3*c);
/* Calculation of zcreal and zcimag */
/* Calculate numerator */
compmult(k, -alphacy3, l3, 0.0, &numreal, &numimag);
comptan(numreal, numimag, &numreal, &numimag);
compmult(0.6*r3, 0.0, k, -alphacy3, &tempreal, &tempimag);
numreal=numreal+tempreal;
numimag=numimag+tempimag;
compmult(0.0, 1.0, numreal, numimag, &numreal, &numimag);
compmult(0.25*r3*r3, 0.0, k, -alphacy3, &tempreal, &tempimag);
compmult(tempreal, tempimag, k, -alphacy3, &tempreal, &tempimag);
numreal=numreal+tempreal;
numimag=numimag+tempimag;
/* Calculate denominator */
compmult(k, -alphacy3, l3, 0.0, &denreal, &denimag);
comptan(denreal, denimag, &denreal, &denimag);
compmult(0.0, 0.25*r3*r3, denreal, denimag, &denreal, &denimag);
compmult(denreal, denimag, k, -alphacy3, &denreal, &denimag);
compmult(denreal, denimag, k, -alphacy3, &denreal, &denimag);
compmult(k, -alphacy3, l3, 0.0, &tempreal, &tempimag);
comptan(tempreal, tempimag, &tempreal, &tempimag);
compmult(-0.6*r3, 0.0, tempreal, tempimag, &tempreal, &tempimag);
compmult(tempreal, tempimag, k, -alphacy3, &tempreal, &tempimag);
denreal=denreal+tempreal+1.0;
denimag=denimag+tempimag;
/* Calculate whole expression */
compdiv(numreal, numimag, denreal, denimag, &zcreal, &zcimag);
compmult(zcreal, zcimag, rho*om/s3, 0.0, &zcreal, &zcimag);
compdiv(zcreal, zcimag, k, -alphacy3, &zcreal, &zcimag);
/* Calculation of zbreal and zbimag */
/* Calculate numerator */
compmult(l2, 0.0, k, -alphacy2, &numreal, &numimag);
comptan(numreal, numimag, &numreal, &numimag);
compmult(0.0, 1.0, numreal, numimag, &numreal, &numimag);
compmult(s2/(rho*om), 0.0, k, -alphacy2, &tempreal, &tempimag);
compmult(tempreal, tempimag, zcreal, zcimag, &tempreal, &tempimag);
numreal=numreal+tempreal;
numimag=numimag+tempimag;
/* Calculate denominator */
compmult(l2, 0.0, k, -alphacy2, &denreal, &denimag);
comptan(denreal, denimag, &denreal, &denimag);
compmult(0.0, s2/(rho*om), denreal, denimag, &denreal, &denimag);
compmult(k, -alphacy2, denreal, denimag, &denreal, &denimag);
compmult(zcreal, zcimag, denreal, denimag, &denreal, &denimag);
denreal=denreal+1.0;
/* Calculate whole expression */
compdiv(numreal, numimag, denreal, denimag, &zbreal, &zbimag);
compmult(zbreal, zbimag, rho*om/s2, 0.0, &zbreal, &zbimag);
compdiv(zbreal, zbimag, k, -alphacy2, &zbreal, &zbimag);
/* Calculation of zareal and zaimag */
/* Calculate numerator */
compmult(l1, 0.0, k, -alphacy1, &numreal, &numimag);
comptan(numreal, numimag, &numreal, &numimag);
compmult(0.0, 1.0, numreal, numimag, &numreal, &numimag);
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compmult(s1/(rho*om), 0.0, k, -alphacy1, &tempreal, &tempimag);
compmult(tempreal, tempimag, zbreal, zbimag, &tempreal, &tempimag);
numreal=numreal+tempreal;
numimag=numimag+tempimag;
/* Calculate denominator */
compmult(l1, 0.0, k, -alphacy1, &denreal, &denimag);
comptan(denreal, denimag, &denreal, &denimag);
compmult(0.0, s1/(rho*om), denreal, denimag, &denreal, &denimag);
compmult(k, -alphacy1, denreal, denimag, &denreal, &denimag);
compmult(zbreal, zbimag, denreal, denimag, &denreal, &denimag);
denreal=denreal+1.0;
/* Calculate whole expression */
compdiv(numreal, numimag, denreal, denimag, &zareal, &zaimag);
compmult(zareal, zaimag, rho*om/s1, 0.0, &zareal, &zaimag);
compdiv(zareal, zaimag, k, -alphacy1, &zareal, &zaimag);
fprintf(fout1, "%le %le\n", zareal, zaimag);
fprintf(fout2, "%lf %le\n",
i/1000.0, sqrt(pow(zareal,2.0)+pow(zaimag,2.0)));
}
}
/***************************** Functions ***************************/
/***************************** compmult ****************************/
void compmult (double aa, double bb, double cc, double dd,
double *ee, double *ff)
{
double real, imag;
real=aa*cc-bb*dd;
imag=bb*cc+aa*dd;
*ee=real;
*ff=imag;
}
/*******************************************************************/
/***************************** compdiv *****************************/
void compdiv (double aa, double bb, double cc, double dd,
double *ee, double *ff)
{
double real, imag;
real=(aa*cc+bb*dd)/(cc*cc+dd*dd);
imag=(bb*cc-aa*dd)/(cc*cc+dd*dd);
*ee=real;
*ff=imag;
}
/*******************************************************************/
/***************************** comptan *****************************/
void comptan (double aa, double bb, double *ee, double *ff)
{
double real, imag;
real=2*cos(aa)*sin(aa)/(cosh(2*bb)+pow(cos(aa),2)-pow(sin(aa),2));
imag=sinh(2*bb)/(cosh(2*bb)+pow(cos(aa),2)-pow(sin(aa),2));
*ee=real;
*ff=imag;
}
/*******************************************************************/

B.4 Program to predict the sizeof a leak in a leaking
cylinder

/* PROGRAM TO PREDICT THE SIZE OF A LEAK IN A LEAKING CYLINDER */
/* (OPEN AT ONE END) */
/* Include library files */
#include <stdio.h>
#include <math.h>
/* Declare functions */
void main (void);
void compmult (double aa, double bb, double cc, double dd,
double *ee, double *ff);
void compdiv (double aa, double bb, double cc, double dd,
double *ee, double *ff);
void comptan (double aa, double bb, double *ee, double *ff);
/* Main program */
void main (void)
{
FILE *fin, *fout;
char impedcom[80], holedata[80];
double l1, l2, r, S, lh, rh, om, rho, c, zbreal, zbimag,
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zcreal, zcimag, zhreal, zhimag, k, zareal, zaimag,
freq, numreal, numimag, denreal, denimag, i=0, gamma,
cp, n, kappa, term1, term2, acubic, bcubic, ccubic,
alphacy=0, alphahrh=0, tempreal, tempimag, R, Q,
theta, rh1, rh2, rh3;
printf(" PROGRAM TO PREDICT THE SIZE OF A LEAK IN A LEAKING");
printf("CYLINDER (open at one end)\n\n");
printf("What is the length of cylinder section 1? (in m)\n");
scanf("%le", &l1);
printf("What is the length of cylinder section 2? (in m)\n");
scanf("%le", &l2);
printf("What is the cylinder radius? (in m)\n");
scanf("%le", &r);
S=M_PI*pow(r,2.0);
printf("What is the depth of the leak (in m)?\n");
printf("i.e. the cylinder wall thickness\n");
scanf("%le", &lh);
printf("What is the air density (try 1.21)?\n");
scanf("%le", &rho);
printf("What is the speed of sound (in m/s)?\n");
scanf("%le", &c);
printf("What is the value of the ratio of specific heats of ");
printf("air (gamma) ? \n(try 1.4)\n");
scanf("%le", &gamma);
printf("What is the value of the specific heat of air at constant");
printf(" pressure (cp) ? \n(try 1400)\n");
scanf("%le", &cp);
printf("What is the value of the coefficient of shear viscosity");
printf(" of air (n) ? \n (try 0.0000181)\n");
scanf("%le", &n);
printf("What is the value of the thermal conductivity of ");
printf("air (kappa) ? \n(try 0.024)\n");
scanf("%le", &kappa);
printf("What is the frequency spacing (in Hz)\n");
printf("i.e. resolution of impedance curve?\n");
scanf("%le", &freq);
/* Read in filename and open file containing leaking cylinder */
/* complex impedance data */
printf("Enter the name of the complex impedance file\n");
scanf("%s", impedcom);
if ((fin=fopen(impedcom,"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("%s", holedata);
fout=fopen(holedata, "w");
/* Main loop */
/* Read in complex impedance */
while ((fscanf(fin, "%le %le", &zareal, &zaimag)==2)&&(i<5050)){
if(i==0){
fscanf(fin, "%le %le", &zareal, &zaimag);
i=i+1.0*freq;
}
om=2.0*M_PI*i;
k=om/c;
term1=sqrt((n*om)/(2.0*rho));
term2=(gamma-1.0)*sqrt((kappa*om)/(2.0*rho*cp));
alphacy=(term1+term2)/(r*c);
alphahrh=(term1+term2)/c;
/* Calculation of zbreal and zbimag */
/* Calculate numerator */
compmult(k, -alphacy, l1, 0.0, &numreal, &numimag);
comptan(numreal, numimag, &numreal, &numimag);
compmult(numreal, numimag, 0.0, -rho*om/S, &numreal, &numimag);
compdiv(numreal, numimag, k, -alphacy, &numreal, &numimag);
numreal=numreal+zareal;
numimag=numimag+zaimag;
/* Calculate denominator */
compmult(k, -alphacy, l1, 0.0, &denreal, &denimag);
comptan(denreal, denimag, &denreal, &denimag);
compmult(denreal, denimag, 0.0, -S/(rho*om), &denreal, &denimag);
compmult(denreal, denimag, zareal, zaimag, &denreal, &denimag);
compmult(denreal, denimag, k, -alphacy, &denreal, &denimag);
denreal=denreal+1.0;
/* Calculate whole expression */
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compdiv(numreal, numimag, denreal, denimag, &zbreal, &zbimag);
/* Calculation of zcreal and zcimag */
/* Calculate numerator */
compmult(k, -alphacy, l2, 0.0, &numreal, &numimag);
comptan(numreal, numimag, &numreal, &numimag);
compmult(k, -alphacy, 0.6*r, 0.0, &tempreal, &tempimag);
numreal=numreal+tempreal;
numimag=numimag+tempimag;
compmult(0.0, 1.0, numreal, numimag, &numreal, &numimag);
compmult(k, -alphacy, k, -alphacy, &tempreal, &tempimag);
compmult(0.25*r*r, 0.0, tempreal, tempimag, &tempreal, &tempimag);
numreal=numreal+tempreal;
numimag=numimag+tempimag;
/* Calculate denominator */
compmult(k, -alphacy, l2, 0.0, &denreal, &denimag);
comptan(denreal, denimag, &denreal, &denimag);
compmult(0.25*r*r, 0.0, denreal, denimag, &denreal, &denimag);
compmult(k, -alphacy, k, -alphacy, &tempreal, &tempimag);
compmult(denreal, denimag, tempreal, tempimag, &denreal, &denimag);
compmult(0.0, 1.0, denreal, denimag, &denreal, &denimag);
compmult(k, -alphacy, l2, 0.0, &tempreal, &tempimag);
comptan(tempreal, tempimag, &tempreal, &tempimag);
compmult(-0.6*r, 0.0, tempreal, tempimag, &tempreal, &tempimag);
compmult(k, -alphacy, tempreal, tempimag, &tempreal, &tempimag);
denreal=denreal+tempreal;
denimag=denimag+tempimag;
denreal=denreal+1.0;
/* Calculate whole expression */
compdiv(numreal, numimag, denreal, denimag, &zcreal, &zcimag);
compmult(zcreal, zcimag, rho*om/S, 0.0, &zcreal, &zcimag);
compdiv(zcreal, zcimag, k, -alphacy, &zcreal, &zcimag);
/* Calculate zh from zb and zc */
compmult(zcreal, zcimag, zbreal, zbimag, &numreal, &numimag);
denreal=zcreal-zbreal;
denimag=zcimag-zbimag;
compdiv(numreal, numimag, denreal, denimag, &zhreal, &zhimag);
/* Solve cubic equation */
/* Calculate acubic, bcubic and ccubic */
acubic=(zhimag*M_PI*r*r*1.724)/(rho*om);
bcubic=(0.431*r*r*alphahrh)-(2.75*r*r);
ccubic=-1.724*lh*r*r;
/* Calculate Q and R */
Q=(acubic*acubic-3.0*bcubic)/9.0;
R=(2.0*pow(acubic,3.0)-9.0*acubic*bcubic+27.0*ccubic)/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)));
rh1=-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;
}
else{
printf("At %lfHz 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, "%le %le\n", i, rh2);
i=i+freq;
}
}
/***************************** Functions ***************************/
/***************************** compmult ****************************/
void compmult (double aa, double bb, double cc, double dd,
double *ee, double *ff)
{
double real, imag;
real=aa*cc-bb*dd;
imag=bb*cc+aa*dd;
*ee=real;
*ff=imag;
}
/********************************************************************/
/***************************** compdiv ******************************/
void compdiv (double aa, double bb, double cc, double dd,
double *ee, double *ff)
{
double real, imag;
real=(aa*cc+bb*dd)/(cc*cc+dd*dd);
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imag=(bb*cc-aa*dd)/(cc*cc+dd*dd);
*ee=real;
*ff=imag;
}
/********************************************************************/
/***************************** comptan ******************************/
void comptan (double aa, double bb, double *ee, double *ff)
{
double real, imag;
real=2*cos(aa)*sin(aa)/(cosh(2*bb)+pow(cos(aa),2)-pow(sin(aa),2));
imag=sinh(2*bb)/(cosh(2*bb)+pow(cos(aa),2)-pow(sin(aa),2));
*ee=real;
*ff=imag;
}
/********************************************************************/

B.5 Program to find the input impulse responseof the
loudspeaker

/* PROGRAM TO FIND THE INPUT IMPULSE RESPONSE OF THE LOUDSPEAKER */
/* 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 samples voltages in the -5V to +5V range.*/
/* (thus 0=-5V, 2048=0V and 4095=+5V) */
/* Include library files */
#include <math.h>
#include <stdio.h>
#include <stdlib.h>
#include <conio.h>
#include "c:\daqbook\dos\bc\daqbook.h"
#include <alloc.h>
#define SWAP(a,b) tempr=(a); (a)=(b); (b)=tempr
/* Declare functions */
void dfour1(double data[], unsigned long nn, int isign);
void myfft(double real[], double imag[],
unsigned long samp_num, int isign);
void _far _pascal myhandler(int error_code);
/* Main program */
void main(void)
{
FILE *fout1, *fout2, *fout3, *fout4, *fout5, *fout6;
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 filenm1[80], filenm2[80];
static char filenm3[80], filenm4[80], filenm5[80], filenm6[80];
static double a[41][41], G, tempval;
/* Set up arrays using pointers */
float huge *sample;
unsigned int huge *waveBuf;
unsigned int huge *buf;
float huge *bufav;
double huge *orreal;
double huge *orimag;
double huge *apreal;
double huge *apimag;
double huge *autocor;
double huge *e;
double huge *k;
double huge *srreal;
double huge *srimag;
double huge *sp2real;
double huge *sp2imag;
double huge *lsrreal;
double huge *lsrimag;
printf("PROGRAM TO FIND THE LOUDSPEAKER INPUT IMPULSE RESPONSE\n\n");
/* Set error handler and initialize DaqBoard/100 */
daqSetErrHandler(myhandler);
daqInit(PORT_0300, DMA5+INTERRUPT10);
daqBrdSetDmaMode(DmaRead);
/* Read in filenames and open files */
printf("What do you wish to call the name of the ");
printf("file containing the full microphone output?\n");
scanf("%s", filenm1);
fout1=fopen(filenm1, "w");
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printf("What do you wish to call the file containing the\n");
printf("reflection of the input pulse by the perspex)?\n");
scanf("%s", filenm2);
fout2=fopen(filenm2, "w");
printf("What 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("%s", filenm3);
fout3=fopen(filenm3, "w");
printf("What do you wish to call the file containing the source ");
printf("reflections?\n");
scanf("%s", filenm4);
fout4=fopen(filenm4, "w");
printf("What do you wish to call the file containing the source\n");
printf("reflections just at the exit of the loudspeaker?\n");
scanf("%s", filenm5);
fout5=fopen(filenm5, "w");
printf("What do you wish to call the file containing the\n");
printf("loudspeaker input impulse response?\n");
scanf("%s", filenm6);
fout6=fopen(filenm6, "w");
/* SAMPLING SECTION */
if( (waveBuf=farmalloc(4096*sizeof(int)) )==0){
perror("Malloc 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 waveforms for 20 uS update rate on DAC channel 0 only */
daqBrdDacSetMode(20, DacFIFOChan0, 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 waveform for DAC channel 0 */
daqBrdDacUserWave(0, (unsigned int far *)waveBuf, 4096);
for (y=0; y<4096; y++){
bufav[y]=0.0;
}
/* Sends out pulse and samples result 1000 times */
/* (samples then averaged) */
for (i=0; i<1000; i++){
/* Set output voltage to 0V */
daqDacWt(0,2048);
/* Delay before playing pulse to ensure all signal died away */
delay(1000);
/* Set up the background sampling */
/* a) Reads from channel 0 at DgainX1 */
daqAdcSetMux(0,0,DgainX1);
/* b) No tagged data */
daqAdcSetTag(0);
/* c) Set sampling frequency = 50kHz */
daqAdcSetFreq(50000);
/* d) Set to trigger from a software command */
daqAdcSetTrig(DtsSoftware,0,0,0,0);
/* Start background sampling. The sampled data is read into */
/* an array called buf (DMA is used to send data to computer) */
daqAdcRdNBack((unsigned int far *) buf, 4096, 0, DusDma);
daqAdcSoftTrig();
/* Start output waveform */
daqBrdDacStart();
/* Introduce a delay to ensure all output and input has */
/* stopped before the daqBoard is stopped */
delay(100);
/* Stop output waveform */
daqBrdDacStop();
for (y=0; y<4096; y++){
bufav[y]=bufav[y]+buf[y]/1000.0;
}
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}
/* Close and exit */
daqClose();
farfree(waveBuf);
/* PROCESSING DATA SECTION */
/* Print averaged data to a file */
if ( (sample=farmalloc(4096*sizeof(float)) )==0){
perror("Malloc failed\n");
exit(0);
}
for (y=0; y<4096; y++){
/* Use 2048-buf[], in order to invert signal (after */
/* inversion by amplifier) and to position around y=0 line. */
/* Need to divide by 16.0 because DMA is 16bit */
sample[y]=2048-bufav[y]/16.0;
}
for (y=0; y<4096; y++){
fprintf(fout1, "%d %f\n", y, sample[y]);
}
farfree(buf);
farfree(bufav);
/* Find where input sound pulse passes microphone (define */
/* starting point of input pulse as two samples before the */
/* level rises above 100 - out of a possible 2048) */
for (y=0; y<4096; y++){
if (sample[y]>100){
ipstart=y-2;
break;
}
}
printf("Input sound pulse first apparent at %d\n", ipstart);
/* Calculate where object and source reflections should start */
/* a) Calculate speed of sound from temperature */
printf("What is the temperature in degrees C?\n");
scanf("%lf", &temp);
c=331.6*(sqrt((temp+273.0)/273.0));
/* b) Calculate the delay before object reflections (reflection */
/* of input pulse by perspex) arrive */
/* Length of tube = 2*l2 = 6.18m */
obstart=ipstart+6.18/(0.00002*c);
/* c) Round up or down to nearest integer */
iobstart=obstart;
if ((obstart-iobstart)>=0.5){
iobstart++;
}
printf("Object reflections first apparent at %d\n", iobstart);
/* d) Calculate time taken for signal to travel */
/* length 2*(l1+l2) = 6.192m) */
del=2.0*(6.192/(c*0.00002));
printf("Delay=%lf\n", del);
/* e) Calculate where the source reflections should start */
sfstart=ipstart+del;
/* f) Round up or down to nearest integer */
isfstart=sfstart;
if ((sfstart-isfstart)>=0.5){
isfstart++;
}
printf("Source reflections first apparent at %d\n", isfstart);
/* CALCULATE LOUDSPEAKER REFLECTION RESPONSE */
/* Isolate 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]=sample[iobstart+i];
orimag[i]=0;
}
for (i=0; i<512; i++){
fprintf(fout2, "%d %lf\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);
}
/* Isolate the source reflections - put into a 512 array */
if ( (srreal=farmalloc(512*sizeof(double)) )==0){
perror("Malloc 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]=sample[i+isfstart];
srimag[i]=0.0;
}
farfree(sample);
for (i=0; i<512; i++){
fprintf(fout4, "%d %lf\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 l1 */
/* a) Make first point = 1+0j */
if ( (apreal=farmalloc(512*sizeof(double)) )==0){
perror("Malloc failed\n");
exit(0);
}
if ( (apimag=farmalloc(512*sizeof(double)) )==0){
perror("Malloc failed\n");
exit(0);
}
apreal[0]=1.0;
apimag[0]=0.0;
stlength=3.102;
stradius=0.0048;
/* b) Calculate continous expression over a vector of 257 points */
/* (point 0=0Hz, point 256=25000Hz */
for (i=1; i<257; i++){
om=2.0*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;
alpha=(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(-alpha*stlength)*cos(-om*vpinv*stlength);
apimag[i]=exp(-alpha*stlength)*sin(-om*vpinv*stlength);
}
/* c) Make point 256 entirely real by putting real part=magnitude */
apreal[256]=sqrt(pow(apreal[256],2.0)+pow(apimag[256],2.0));
apimag[256]=0.0;
/* d) Concatenate vector */
for (i=257; i<512; i++){
apreal[i]=apreal[512-i];
apimag[i]=-apimag[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);
apimag[i]=apimag[i]/sqrt(512.0);
}
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/* g) Calculate autocorrelation function */
if ( (autocor=farmalloc(512*sizeof(double)) )==0){
perror("Malloc 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];
}
else{
autocor[i]=autocor[i]+apreal[y]*apreal[y+i-512];
}
}
}
/* 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]=autocor[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++){
sum=0.0;
for (y=1; y<i; y++){
sum=sum+a[y][i-1]*autocor[i-y];
}
k[i]=-(autocor[i]+sum)/e[i-1];
a[i][i]=k[i];
for (y=1; y<i; y++){
a[y][i]=a[y][i-1]+k[i]*a[i-y][i-1];
}
e[i]=(1.0-pow(k[i],2.0))*e[i-1];
}
farfree(e);
farfree(k);
/* i) Calculate gain G */
G=autocor[0];
for (i=1; i<41; i++){
G=G+a[i][40]*autocor[i];
}
G=sqrt(G);
farfree(autocor);
/* j) Calculate A(z) (put in apreal, apimag) */
apreal[0]=1.0;
apimag[0]=0.0;
for(i=1; i<41; i++){
apreal[i]=a[i][40];
apimag[i]=0.0;
}
for(i=41; i<512; i++){
apreal[i]=0.0;
apimag[i]=0.0;
}
/* k) Fourier transform to calculate A(z) */
myfft((double far *) apreal, (double far *) apimag, 512, -1);
/* l) Correct scaling and calculate H(z) */
for (i=0; i<512; i++){
apreal[i]=apreal[i]*sqrt(512.0);
apimag[i]=apimag[i]*sqrt(512.0);
tempval=apreal[i];
apreal[i]=G*apreal[i]/(pow(apreal[i],2.0)+pow(apimag[i],2.0));
apimag[i]=-G*apimag[i]/(pow(tempval,2.0)+pow(apimag[i],2.0));
}
/* Need to deconvolve source reflections with all pole filter for */
/* tube length l1, to find what look like at exit of loudspeaker. */
if ( (sp2real=farmalloc(512*sizeof(double)) )==0){
perror("Malloc failed\n");
exit(0);
}
if ( (sp2imag=farmalloc(512*sizeof(double)) )==0){
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perror("Malloc failed\n");
exit(0);
}
/* Complex division of source reflections and all pole filter */
for (i=0; i<512; i++){
sp2real[i]=srreal[i]*apreal[i]+srimag[i]*apimag[i];
sp2real[i]=sp2real[i]/(pow(apreal[i],2.0)+pow(apimag[i],2.0)+0.01);
sp2imag[i]=srimag[i]*apreal[i]-srreal[i]*apimag[i];
sp2imag[i]=sp2imag[i]/(pow(apreal[i],2.0)+pow(apimag[i],2.0)+0.01);
}
farfree(srreal);
farfree(srimag);
/* Inverse fft for plotting purposes */
myfft( (double far *) sp2real, (double far *) sp2imag, 512, 1);
for (i=0; i<512; i++){
fprintf(fout5, "%d %lf\n", i, sp2real[i]/sqrt(512.0));
}
myfft( (double far *) sp2real, (double far *) sp2imag, 512, -1);
/* Need to convolve the object reflections with all-pole filter */
/* for tube length l1, to find out what look like at input of */
/* loudspeaker */
/* Multiply allpole filter with the isolated object reflections */
for (i=0; i<512; i++){
tempval=apreal[i];
apreal[i]=apreal[i]*orreal[i]-apimag[i]*orimag[i];
apimag[i]=apimag[i]*orreal[i]+tempval*orimag[i];
}
farfree(orreal);
farfree(orimag);
myfft((double far *) apreal, (double far *) apimag, 512, 1);
for (i=0; i<512; i++){
fprintf(fout3, "%d %lf\n", i, apreal[i]/sqrt(512.0));
}
myfft((double far *) apreal, (double far *) apimag, 512, -1);
/* Deconvolve source reflections at exit of speaker with object */
/* reflections at input to speaker, to find the loudspeaker input */
/* impulse response */
if ( (lsrreal=farmalloc(512*sizeof(double)) )==0){
perror("Malloc failed\n");
exit(0);
}
if ( (lsrimag=farmalloc(512*sizeof(double)) )==0){
perror("Malloc failed\n");
exit(0);
}
/* Complex division */
for (i=0; i<512; i++){
lsrreal[i]=sp2real[i]*apreal[i]+sp2imag[i]*apimag[i];
lsrreal[i]=lsrreal[i]/(pow(apreal[i],2.0)+
pow(apimag[i],2.0)+100000.0);
lsrimag[i]=sp2imag[i]*apreal[i]-sp2real[i]*apimag[i];
lsrimag[i]=lsrimag[i]/(pow(apreal[i],2.0)+
pow(apimag[i],2.0)+100000.0);
}
farfree(apreal);
farfree(apimag);
for (i=0; i<512; i++){
fprintf(fout6, "%lf %lf\n",lsrreal[i],lsrimag[i]);
}
farfree(lsrreal);
farfree(lsrimag);
farfree(sp2real);
farfree(sp2imag);
}
/************************** myhandler ******************************/
void _far _pascal
myhandler(int error_code)
{
printf("\nError! Aborted\nDaqBook/100 Error: 0x%x\n",error_code);
daqClose();
exit(1);
}
/*******************************************************************/
/**************************** myfft ********************************/
void myfft(double real[], double imag[],
unsigned long samp_num, int isign)
{
int i=0;
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static double data[2*512+1];
for (i=1; i<(2*samp_num+1); i=i+2){
data[i]=real[(i-1)/2];
data[i+1]=imag[(i-1)/2];
}
dfour1(data, samp_num, isign);
for (i=1; i<(2*samp_num+1); i=i+2){
real[(i-1)/2]=data[i]/sqrt(samp_num);
imag[(i-1)/2]=data[i+1]/sqrt(samp_num);
}
}
/*******************************************************************/
/********************** dfour1 (Numerical Recipes) *****************/
void dfour1(double data[], unsigned long nn, int isign)
{
unsigned long n,mmax,m,j,istep,i;
double wtemp,wr,wpr,wpi,wi,theta;
double tempr,tempi;
n=nn << 1;
j=1;
for (i=1;i<n;i+=2) {
if (j > i) {
SWAP(data[j],data[i]);
SWAP(data[j+1],data[i+1]);
}
m=n >> 1;
while (m >= 2 && j > m) {
j -= m;
m >>= 1;
}
j += m;
}
mmax=2;
while (n > mmax) {
istep=mmax << 1;
theta=isign*(6.28318530717959/mmax);
wtemp=sin(0.5*theta);
wpr = -2.0*wtemp*wtemp;
wpi=sin(theta);
wr=1.0;
wi=0.0;
for (m=1;m<mmax;m+=2) {
for (i=m;i<=n;i+=istep) {
j=i+mmax;
tempr=wr*data[j]-wi*data[j+1];
tempi=wr*data[j+1]+wi*data[j];
data[j]=data[i]-tempr;
data[j+1]=data[i+1]-tempi;
data[i] += tempr;
data[i+1] += tempi;
}
wr=(wtemp=wr)*wpr-wi*wpi+wr;
wi=wi*wpr+wtemp*wpi+wi;
}
mmax=istep;
}
}
/*******************************************************************/

B.6 Program to find the relationshipbetweenthe elec-
trical input and the pressure output for the loud-
speaker

/* PROGRAM TO FIND RELATIONSHIP BETWEEN ELECTRICAL INPUT AND PRESSURE */
/* OUTPUT FOR LOUDSPEAKER */
/* 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 samples voltages in the -5V to +5V range.*/
/* (thus 0=-5V, 2048=0V and 4095=+5V) */
/*Include library files */
#include <math.h>
#include <stdio.h>
#include <stdlib.h>
#include <conio.h>
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#include "c:\daqbook\dos\bc\daqbook.h"
#include <alloc.h>
#define SWAP(a,b) tempr=(a); (a)=(b); (b)=tempr
/* Declare functions */
void dfour1(double data[], unsigned long nn, int isign);
void myfft(double real[], double imag[],
unsigned long samp_num, int isign);
void _far _pascal myhandler(int error_code);
/* Main program */
void main(void)
{
FILE *fout1, *fout2, *fout3, *fout4;
int i, y, ipstart, iobstart;
double c, temp, obstart, om, rv, v, A, B, C, D, E, stlength,
stradius, alpha, vpinv, sum;
static char filenm1[80], filenm2[80], filenm3[80], filenm4[80];
static double a[41][41], G, tempval;
/* Set up arrays using pointers */
float huge *sample;
unsigned int huge *waveBuf;
unsigned int huge *buf;
float huge *bufav;
double huge *orreal;
double huge *orimag;
double huge *apreal;
double huge *apimag;
double huge *autocor;
double huge *e;
double huge *k;
double huge *sp1real;
double huge *sp1imag;
double huge *epreal;
double huge *epimag;
double huge *lspreal;
double huge *lspimag;
printf("PROGRAM TO FIND RELATIONSHIP BETWEEN ELECTRICAL INPUT\n");
printf("AND PRESSURE OUTPUT FOR LOUDSPEAKER \n");
/* Set error handler and initialize DaqBoard/100 */
daqSetErrHandler(myhandler);
daqInit(PORT_0300, DMA5+INTERRUPT10);
daqBrdSetDmaMode(DmaRead);
/* Read in filenames and open files */
printf("What do you wish to call the name of the ");
printf("file containing the full microphone output?\n");
scanf("%s", filenm1);
fout1=fopen(filenm1, "w");
printf("What do you wish to call the file containing the\n");
printf("reflection of the input pulse by the perspex?\n");
scanf("%s", filenm2);
fout2=fopen(filenm2, "w");
printf("What do you wish to call the file containing the\n");
printf("input pulse just after production by the loudpeaker?\n");
scanf("%s", filenm3);
fout3=fopen(filenm3, "w");
printf("What do you wish to call the file containing the\n");
printf("loudspeaker electrical production response?\n");
scanf("%s", filenm4);
fout4=fopen(filenm4, "w");
/* SAMPLING SECTION */
if( (waveBuf=farmalloc(4096*sizeof(int)) )==0){
perror("Malloc 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 waveforms for 20 uS update rate on DAC channel 0 only */
daqBrdDacSetMode(20, DacFIFOChan0, 0);
/* Build a user wave - i.e. a 80uS small voltage input pulse */
for (i=0; i<4; i++) {
waveBuf[i] = 2148;
}
for (i=4; i<4096; i++) {
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waveBuf[i] = 2048;
}
/* Specify the user built waveform for DAC channel 0 */
daqBrdDacUserWave(0, (unsigned int far *)waveBuf, 4096);
for (y=0; y<4096; y++){
bufav[y]=0.0;
}
/* Sends pulse and samples result 1000 times */
/* (samples are then averaged) */
for (i=0; i<1000; i++){
/* Set output voltage equal to 0V */
daqDacWt(0,2048);
/* Delay before playing pulse to ensure signal died away */
delay(1000);
/* Set up the background sampling */
/* a) Set scan sequence - reads from channel at */
/* DgainX1 */
daqAdcSetMux(0,0,DgainX1);
/* b) No tagged data */
daqAdcSetTag(0);
/* c) Set sampling frequency = 50kHz */
daqAdcSetFreq(50000);
/* d) Set to trigger from a software command */
daqAdcSetTrig(DtsSoftware,0,0,0,0);
/* Start background sampling. Sampled data read into an */
/* array called buf using DMA to send data to computer */
daqAdcRdNBack((unsigned int far *) buf, 4096, 0, DusDma);
daqAdcSoftTrig();
/* Start output waveform */
daqBrdDacStart();
/* Introduce a delay to ensure all output and input has */
/* stopped before the daqBoard is stopped */
delay(100);
/* Stop output waveform */
daqBrdDacStop();
for (y=0; y<4096; y++){
bufav[y]=bufav[y]+buf[y]/1000.0;
}
}
/* Close and exit */
daqClose();
farfree(waveBuf);
/* PROCESSING DATA SECTION */
/* Print averaged data to a file */
if ( (sample=farmalloc(4096*sizeof(float)) )==0){
perror("Malloc failed\n");
exit(0);
}
for (y=0; y<4096; y++){
/* We use 2048-buf[], in order to invert signal (after */
/* inversion by amplifier) and to position around y=0 line. */
/* Need to divide by 16.0 because DMA is 16bit */
sample[y]=2048-bufav[y]/16.0;
}
for (y=0; y<4096; y++){
fprintf(fout1, "%d %f\n", y, sample[y]);
}
farfree(buf);
farfree(bufav);
/* Find where input sound pulse passes microphone (define */
/* starting point of input pulse as two samples before the level */
/* rises above 100 - out of a possible 2048) */
for (y=0; y<4096; y++){
if (sample[y]>100){
ipstart=y-2;
break;
}
}
printf("Input sound pulse first apparent at %d\n", ipstart);
/* Calculate where object reflections (i.e. reflection of input */
/* pulse by perspex) should start */
/* a) Calculate speed of sound from temperature */
printf("What is the temperature in degrees C?\n");
scanf("%lf", &temp);
c=331.6*(sqrt((temp+273.0)/273.0));
/* b) Calculate the delay before object reflections arrive */
/* Length of tube = 2*l2 = 6.18m */
obstart=ipstart+6.18/(0.00002*c);
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/* c) Round up or down to nearest integer */
iobstart=obstart;
if ((obstart-iobstart)>=0.5){
iobstart++;
}
printf("Object reflections first apparent at %d\n", iobstart);
/* CALCULATE LOUDSPEAKER PRODUCTION RESPONSE */
/* Isolate 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]=sample[iobstart+i];
orimag[i]=0;
}
for (i=0; i<512; i++){
fprintf(fout2, "%d %lf\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 l1+2*l2 */
/* a) Make first point = 1+0j */
if ( (apreal=farmalloc(512*sizeof(double)) )==0){
perror("Malloc failed\n");
exit(0);
}
if ( (apimag=farmalloc(512*sizeof(double)) )==0){
perror("Malloc failed\n");
exit(0);
}
apreal[0]=1.0;
apimag[0]=0.0;
stlength=3.102+2.0*3.09;
stradius=0.0048;
/* b) Calculate continous expression on a vector of 257 points */
/* (point 0=0Hz, point 256=25000Hz */
for (i=1; i<257; i++){
om=2.0*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;
alpha=(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(-alpha*stlength)*cos(-om*vpinv*stlength);
apimag[i]=exp(-alpha*stlength)*sin(-om*vpinv*stlength);
}
/* c) Make point 256 real by putting real part=magnitude */
apreal[256]=sqrt(pow(apreal[256],2.0)+pow(apimag[256],2.0));
apimag[256]=0.0;
/* d) Concatenate vector */
for (i=257; i<512; i++){
apreal[i]=apreal[512-i];
apimag[i]=-apimag[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);
apimag[i]=apimag[i]/sqrt(512.0);
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}
/* g) Calculate autocorrelation function */
if ( (autocor=farmalloc(512*sizeof(double)) )==0){
perror("Malloc 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];
}
else{
autocor[i]=autocor[i]+apreal[y]*apreal[y+i-512];
}
}
}
/* 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]=autocor[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++){
sum=0.0;
for (y=1; y<i; y++){
sum=sum+a[y][i-1]*autocor[i-y];
}
k[i]=-(autocor[i]+sum)/e[i-1];
a[i][i]=k[i];
for (y=1; y<i; y++){
a[y][i]=a[y][i-1]+k[i]*a[i-y][i-1];
}
e[i]=(1.0-pow(k[i],2.0))*e[i-1];
}
farfree(e);
farfree(k);
/* i) Calculate gain G */
G=autocor[0];
for (i=1; i<41; i++){
G=G+a[i][40]*autocor[i];
}
G=sqrt(G);
farfree(autocor);
/* j) Calculate A(z) (put in apreal, apimag) */
apreal[0]=1.0;
apimag[0]=0.0;
for(i=1; i<41; i++){
apreal[i]=a[i][40];
apimag[i]=0.0;
}
for(i=41; i<512; i++){
apreal[i]=0.0;
apimag[i]=0.0;
}
/* k) Fourier transform to calculate A(z) */
myfft((double far *) apreal, (double far *) apimag, 512, -1);
/* l) Correct scaling and calculate H(z) */
for (i=0; i<512; i++){
apreal[i]=apreal[i]*sqrt(512.0);
apimag[i]=apimag[i]*sqrt(512.0);
tempval=apreal[i];
apreal[i]=G*apreal[i]/(pow(apreal[i],2.0)+pow(apimag[i],2.0));
apimag[i]=-G*apimag[i]/(pow(tempval,2.0)+pow(apimag[i],2.0));
}
/* Deconvolve the FFTed object reflections with the calculated */
/* all pole filter */
if ( (sp1real=farmalloc(512*sizeof(double)) )==0){
perror("Malloc failed here\n");
exit(0);
}
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if ( (sp1imag=farmalloc(512*sizeof(double)) )==0){
perror("Malloc failed or here\n");
exit(0);
}
/* Complex division */
for (i=0; i<512; i++){
sp1real[i]=orreal[i]*apreal[i]+orimag[i]*apimag[i];
sp1real[i]=sp1real[i]/(pow(apreal[i],2.0)+
pow(apimag[i],2.0)+0.00001);
sp1imag[i]=orimag[i]*apreal[i]-orreal[i]*apimag[i];
sp1imag[i]=sp1imag[i]/(pow(apreal[i],2.0)+
pow(apimag[i],2.0)+0.00001);
}
farfree(apreal);
farfree(apimag);
/* Inverse transform for plotting purposes*/
myfft( (double far *)sp1real, (double far *)sp1imag, 512, 1);
for (i=0; i<512; i++){
fprintf(fout3, "%d %lf\n", i, sp1real[i]/sqrt(512.0));
}
/* Forward transform to return to position before plotting */
myfft( (double far *) sp1real, (double far *)sp1imag, 512, -1);
/* Create electrical pulse array (rate of change of voltage) */
if ( (epreal=farmalloc(512*sizeof(double)) )==0){
perror("Malloc failed\n");
exit(0);
}
if ( (epimag=farmalloc(512*sizeof(double)) )==0){
perror("Malloc failed\n");
exit(0);
}
for (i=0; i<512; i++){
epreal[i]=0.0;
epimag[i]=0.0;
}
epreal[0]=100.0;
epreal[4]=-100.0;
/* FFT electrical pulse */
myfft( (double far *)epreal, (double far *)epimag, 512, -1);
/* Correct scaling */
for (i=0; i<512; i++){
epreal[i]=epreal[i]*sqrt(512.0);
epimag[i]=epimag[i]*sqrt(512.0);
}
/* Deconvolve sound pulse at loudspeaker with electrical pulse */
if ( (lspreal=farmalloc(512*sizeof(double)) )==0){
perror("Malloc failed\n");
exit(0);
}
if ( (lspimag=farmalloc(512*sizeof(double)) )==0){
perror("Malloc failed\n");
exit(0);
}
/*Complex division*/
for (i=0; i<512; i++){
lspreal[i]=sp1real[i]*epreal[i]+sp1imag[i]*epimag[i];
lspreal[i]=lspreal[i]/(pow(epreal[i],2.0)+
pow(epimag[i],2.0)+0.000000000001);
lspimag[i]=sp1imag[i]*epreal[i]-sp1real[i]*epimag[i];
lspimag[i]=lspimag[i]/(pow(epreal[i],2.0)+
pow(epimag[i],2.0)+0.000000000001);
}
farfree(sp1real);
farfree(sp1imag);
farfree(epreal);
farfree(epimag);
for (i=0; i<512; i++){
fprintf(fout4, "%lf %lf\n",lspreal[i],lspimag[i]);
}
farfree(lspreal);
farfree(lspimag);
}
/************************** myhandler ******************************/
void _far _pascal
myhandler(int error_code)
{
printf("\nError! Aborted\nDaqBook/100 Error: 0x%x\n",error_code);
daqClose();
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exit(1);
}
/*******************************************************************/
/**************************** myfft ********************************/
void myfft(double real[], double imag[],
unsigned long samp_num, int isign)
{
int i=0;
static double data[2*512+1];
for (i=1; i<(2*samp_num+1); i=i+2){
data[i]=real[(i-1)/2];
data[i+1]=imag[(i-1)/2];
}
dfour1(data, samp_num, isign);
for (i=1; i<(2*samp_num+1); i=i+2){
real[(i-1)/2]=data[i]/sqrt(samp_num);
imag[(i-1)/2]=data[i+1]/sqrt(samp_num);
}
}
/*******************************************************************/
/*********************** dfour1 (Numerical Recipes *****************/
void dfour1(double data[], unsigned long nn, int isign)
{
unsigned long n,mmax,m,j,istep,i;
double wtemp,wr,wpr,wpi,wi,theta;
double tempr,tempi;
n=nn << 1;
j=1;
for (i=1;i<n;i+=2) {
if (j > i) {
SWAP(data[j],data[i]);
SWAP(data[j+1],data[i+1]);
}
m=n >> 1;
while (m >= 2 && j > m) {
j -= m;
m >>= 1;
}
j += m;
}
mmax=2;
while (n > mmax) {
istep=mmax << 1;
theta=isign*(6.28318530717959/mmax);
wtemp=sin(0.5*theta);
wpr = -2.0*wtemp*wtemp;
wpi=sin(theta);
wr=1.0;
wi=0.0;
for (m=1;m<mmax;m+=2) {
for (i=m;i<=n;i+=istep) {
j=i+mmax;
tempr=wr*data[j]-wi*data[j+1];
tempi=wr*data[j+1]+wi*data[j];
data[j]=data[i]-tempr;
data[j+1]=data[i+1]-tempi;
data[i] += tempr;
data[i+1] += tempi;
}
wr=(wtemp=wr)*wpr-wi*wpi+wr;
wi=wi*wpr+wtemp*wpi+wi;
}
mmax=istep;
}
}
/*******************************************************************/

B.7 Dataacquisitionprogram(employingabsorbingter-
mination method)

/* DATA ACQUISITION PROGRAM EMPLOYING ABSORBING TERMINATION METHOD */
/* 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 samples voltages in the -5V to +5V range.*/
/* (thus 0=-5V, 2048=0V and 4095=+5V) */
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/* Include library files */
#include <math.h>
#include <stdio.h>
#include <stdlib.h>
#include <conio.h>
#include "c:\daqbook\dos\bc\daqbook.h"
#include <alloc.h>
#define SWAP(a,b) tempr=(a); (a)=(b); (b)=tempr
/* Declare functions */
void dfour1(double data[], unsigned long nn, int isign);
void myfft(double real[], double imag[],
unsigned long samp_num, int isign);
void _far _pascal myhandler(int error_code);
/* Main program */
void main(void)
{
FILE *fin1, *fin2, *fout1, *fout2, *fout3, *fout4, *fout5,
*fout6, *fout7;
int i, y, ipstart, iobstart, idel, loop;
double temp, c, obstart, del, stlength, stradius, om, rv, v, A, B,
C, D, E, alpha, vpinv, sum, G, tempval, fincurr;
static double a[41][41];
unsigned int chans[2];
unsigned char gains[2];
static char filenm1a[80], filenm2a[80], filenm1[80], filenm2[80],
filenm3[80], filenm4[80], filenm5[80], filenm6[80],
filenm7[80];
/* Set up arrays using pointers */
unsigned int huge *waveBuf;
unsigned int huge *buf;
float huge *sample;
float huge *bufav;
double huge *orreal;
double huge *orimag;
double huge *apreal;
double huge *apimag;
double huge *autocor;
double huge *e;
double huge *k;
double huge *lsrreal;
double huge *lsrimag;
double huge *lspreal;
double huge *lspimag;
double huge *orretemp;
printf("DATA ACQUISITION PROGRAM WHICH EMPLOYS ABSORBING\n");
printf("TERMINATION METHOD\n");
printf("(program calculates the noise cancellation signal\n");
printf("and plays it out)\n\n");
/* Set error handler and initialize DaqBoard/100 */
daqSetErrHandler(myhandler);
daqInit(PORT_0300, DMA5+INTERRUPT10);
daqBrdSetDmaMode(DmaRead);
/* Read in loudspeaker input impulse response */
printf("What is the name of the file containing the\n");
printf("loudspeaker input impulse response?\n");
scanf("%s", filenm2a);
if ( (fin2=fopen(filenm2a, "r"))==0){
printf("Unable to open\n");
return;
}
if ( (lsrreal=farmalloc(512*sizeof(double)) )==0){
perror("Malloc failed\n");
exit(0);
}
if ( (lsrimag=farmalloc(512*sizeof(double)) )==0){
perror("Malloc failed\n");
exit(0);
}
for (i=0; i<512; i++){
fscanf(fin2, "%lf %lf", &lsrreal[i], &lsrimag[i]);
}
/* Read in loudspeaker electrical production response */
printf("What is the name of the file containing the\n");
printf("loudspeaker electrical production response?\n");
scanf("%s", filenm1a);
if ( (fin1=fopen(filenm1a, "r"))==0){
printf("Unable to open\n");
return;
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}
if ( (lspreal=farmalloc(512*sizeof(double)) )==0){
perror("Malloc failed\n");
exit(0);
}
if ( (lspimag=farmalloc(512*sizeof(double)) )==0){
perror("Malloc failed\n");
exit(0);
}
for (i=0; i<512; i++){
fscanf(fin1, "%lf %lf", &lspreal[i], &lspimag[i]);
}
/* Calculate speed of sound from temperature */
printf("What is the temperature in degrees C?\n");
scanf("%lf", &temp);
c=331.6*(sqrt((temp+273.0)/273.0));
/* Calculate the all-pole model filter for tube length l1 */
/* a) Make first point = 1+0j */
if ( (apreal=farmalloc(512*sizeof(double)) )==0){
perror("Malloc failed\n");
exit(0);
}
if ( (apimag=farmalloc(512*sizeof(double)) )==0){
perror("Malloc failed\n");
exit(0);
}
apreal[0]=1.0;
apimag[0]=0.0;
stlength=3.102;
stradius=0.0048;
/* b) Calculate continous expression over a vector of 257 points */
/* (point 0=0Hz, point 256=25000Hz */
for (i=1; i<257; i++){
om=2.0*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;
alpha=(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(-alpha*stlength)*cos(-om*vpinv*stlength);
apimag[i]=exp(-alpha*stlength)*sin(-om*vpinv*stlength);
}
/* c) Make point 256 entirely real by putting real part=magnitude */
apreal[256]=sqrt(pow(apreal[256],2.0)+pow(apimag[256],2.0));
apimag[256]=0.0;
/* d) Concatenate vector */
for (i=257; i<512; i++){
apreal[i]=apreal[512-i];
apimag[i]=-apimag[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);
apimag[i]=apimag[i]/sqrt(512.0);
}
/* g) Calculate autocorrelation function */
if ( (autocor=farmalloc(512*sizeof(double)) )==0){
perror("Malloc 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];
}
else{
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]=autocor[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++){
sum=0.0;
for (y=1; y<i; y++){
sum=sum+a[y][i-1]*autocor[i-y];
}
k[i]=-(autocor[i]+sum)/e[i-1];
a[i][i]=k[i];
for (y=1; y<i; y++){
a[y][i]=a[y][i-1]+k[i]*a[i-y][i-1];
}
e[i]=(1.0-pow(k[i],2.0))*e[i-1];
}
farfree(e);
farfree(k);
/* i) Calculate gain G */
G=autocor[0];
for (i=1; i<41; i++){
G=G+a[i][40]*autocor[i];
}
G=sqrt(G);
farfree(autocor);
/* j) Calculate A(z) (put in apreal, apimag) */
apreal[0]=1.0;
apimag[0]=0.0;
for(i=1; i<41; i++){
apreal[i]=a[i][40];
apimag[i]=0.0;
}
for(i=41; i<512; i++){
apreal[i]=0.0;
apimag[i]=0.0;
}
/* k) Fourier transform to calculate A(z) */
myfft((double far *) apreal, (double far *) apimag, 512, -1);
/* l) Correct scaling and calculate H(z) */
for (i=0; i<512; i++){
apreal[i]=apreal[i]*sqrt(512.0);
apimag[i]=apimag[i]*sqrt(512.0);
tempval=apreal[i];
apreal[i]=G*apreal[i]/(pow(apreal[i],2.0)+pow(apimag[i],2.0));
apimag[i]=-G*apimag[i]/(pow(tempval,2.0)+pow(apimag[i],2.0));
}
/* Read in names of files to write to */
printf("What do you wish to call the file containing\n");
printf("the full microphone output with no cancellation?\n");
scanf("%s", filenm1);
fout1=fopen(filenm1, "w");
printf("What do you wish to call the file containing\n");
printf("the first revised sample?\n");
scanf("%s", filenm2);
fout2=fopen(filenm2, "w");
printf("What do you wish to call the file containing\n");
printf("the second revised sample?\n");
scanf("%s", filenm3);
fout3=fopen(filenm3, "w");
printf("What do you wish to call the file containing\n");
printf("the third revised sample?\n");
scanf("%s", filenm4);
fout4=fopen(filenm4, "w");
printf("What do you wish to call the file containing\n");
printf("the fourth revised sample?\n");
scanf("%s", filenm5);
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fout5=fopen(filenm5, "w");
printf("What do you wish to call the file containing\n");
printf("the reflections after cancellation?\n");
scanf("%s", filenm6);
fout6=fopen(filenm6, "w");
printf("What do you wish to call the file containing\n");
printf("the uncancelled reflections?\n");
scanf("%s", filenm7);
fout7=fopen(filenm7, "w");
/* Play unmodified pulse and obtain unrevised sample */
if ( (waveBuf=farmalloc(4096*sizeof(int)) )==0){
perror("Malloc 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 waveform for 20 uS update rate on DAC channel 0 only */
daqBrdDacSetMode(20,DacFIFOChan0, 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 waveform for DAC channel 0 */
daqBrdDacUserWave(0, (unsigned int far *)waveBuf, 4096);
for (y=0; y<4096; y++){
bufav[y]=0.0;
}
/* Sends out pulse and samples result 1000 times */
/* (samples are then averaged) */
for (i=0; i<1000; i++){
/* Set output voltage equal to 0V */
daqDacWt(0,2048);
/* Delay before playing pulse to ensure signal died away */
delay(1000);
/* Set up background sampling */
/* a) Reads from channel 0 at DgainX1 */
daqAdcSetMux(0,0,DgainX1);
/* b) No tagged data */
daqAdcSetTag(0);
/* c) Set sampling frequency=50kHz */
daqAdcSetFreq(50000);
/* d)Software trigger */
daqAdcSetTrig(DtsSoftware,0,0,0,0);
/* Start background sampling.Reads into an array called */
/* buf (DMA used to send data to computer) */
daqAdcRdNBack((unsigned int far *) buf, 4096, 0 ,DusDma);
daqAdcSoftTrig();
/* Start output waveform */
daqBrdDacStart();
/* Introduce a delay to ensure all output and input has */
/* stopped before the daqBoard is stopped */
delay(100);
/* Stop output waveform */
daqBrdDacStop();
for(y=0; y<4096; y++){
bufav[y]=bufav[y]+buf[y]/1000.0;
}
}
/* Processing data section */
/* Print averaged data to file */
if ( (sample=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 amplifier) and to position around y=0 line. */
sample[i]=2048-bufav[i]/16.0;
}
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farfree(bufav);
for (i=0; i<4096; i++){
fprintf(fout1, "%d %f\n", i, sample[i]);
}
/* Find where input sound pulse passes microphone (define */
/* starting point of input pulse as two sample before the level */
/* rises above 100 out of a possible 2048) */
for (i=0; i<4096; i++){
if (sample[i]>100){
ipstart=i-2;
break;
}
}
printf("Input sound pulse first apparent at %d\n", ipstart);
/* a) Calculate the delay before object reflections arrive */
/* (length of tube=2*l2=6.18m) */
obstart=ipstart+6.18/(0.00002*c);
/* b) Round up or down to nearest integer */
iobstart=obstart;
if ((obstart-iobstart)>=0.5){
iobstart++;
}
printf("Object reflections first apparent at %d\n", iobstart);
/* c) Calculate delay between elec input pulse and elec noise */
/* canc (time taken to travel length 2*(l1+l2) = 6.192m) */
del=2.0*(6.192/(c*0.00002));
/* d) Round up or down to nearest integer */
idel=del;
if ((del-idel)>=0.5){
idel++;
}
printf("Delay=%d\n", idel);
for (i=0; i<2048; i++){
fprintf(fout7, "%lf %lf\n", i*0.00002,
(5.0/2048)*sample[i+(iobstart-250)]);
}
fincurr=0;
idel=idel-9;
/* Build up cancellation signal in blocks */
for(loop=0; loop<4; loop++){
/* Isolate 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]=sample[iobstart+i+(loop*512)];
orimag[i]=0;
}
farfree(sample);
/* 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);
}
/* Convolve object reflections with allpole filter */
for (i=0; i<512; i++){
tempval=orreal[i];
orreal[i]=orreal[i]*apreal[i]-orimag[i]*apimag[i];
orimag[i]=orimag[i]*apreal[i]+tempval*apimag[i];
}
/* Convolve with loudspeaker input impulse response to find */
/* signal at exit of loudspeaker */
for (i=0; i<512; i++){
tempval=orreal[i];
orreal[i]=orreal[i]*lsrreal[i]-orimag[i]*lsrimag[i];
orimag[i]=orimag[i]*lsrreal[i]+tempval*lsrimag[i];
}
/* Deconvolve with loudspeaker electrical production response */
/* to find the elec signal required to reproduce waveform */
for (i=0; i<512; i++){
tempval=orreal[i];
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orreal[i]=orreal[i]*lspreal[i]+orimag[i]*lspimag[i];
orreal[i]=orreal[i]/(pow(lspreal[i],2.0)
+pow(lspimag[i],2.0)+0.0000000000001);
orimag[i]=orimag[i]*lspreal[i]-tempval*lspimag[i];
orimag[i]=orimag[i]/(pow(lspreal[i],2.0)
+pow(lspimag[i],2.0)+0.0000000000001);
}
/* 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);
}
/* Cancellation signal is ‘wrapped around’ need to shift */
/* last 7 samples of orreal back to the start */
if ( (orretemp=farmalloc(512*sizeof(double)) )==0){
perror("Malloc failed\n");
exit(0);
}
for (i=0; i<7; i++){
orretemp[i]=orreal[505+i];
}
for (i=7; i<512; i++){
orretemp[i]=orreal[i-7];
}
for (i=0; i<512; i++){
orreal[i]=orretemp[i];
}
farfree(orretemp);
/* 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("Malloc failed\n");
exit(0);
}
/* Set up waveform for 20 uS update rate on DAC channel 0 */
daqBrdDacSetMode(20,DacFIFOChan0, 0);
/* Build a user wave (add cancellation signal ) */
for (i=idel+(loop*512); i<(idel+(loop+1)*512); i++){
waveBuf[i]=(-(int)orreal[i-(idel+(loop*512))])+2048;
}
farfree(orreal);
farfree(orimag);
/* Specify the user built waveform for DAC channel 0 */
daqBrdDacUserWave(0, (unsigned int far *)waveBuf, 4096);
for (y=0; y<4096; y++){
bufav[y]=0.0;
}
for (i=0; i<1000; i++){
daqDacWt(0,2048);
delay(1000);
/* Set up background sampling */
/* a) Reads from channel 0 at DgainX1 */
daqAdcSetMux(0,0,DgainX1);
/* b) No tagged data */
daqAdcSetTag(0);
/* c) Set sampling frequency=50kHz */
daqAdcSetFreq(50000);
/* d)Software trigger */
daqAdcSetTrig(DtsSoftware,0,0,0,0);
/* Start background sampling. Reads into an array */
/* called buf (data transferred to computer using DMA) */
daqAdcRdNBack((unsigned int far *) buf, 4096, 0, DusDma);
daqAdcSoftTrig();
/* Start output waveform */
daqBrdDacStart();
/* Introduce a delay to ensure all output and input has */
/* stopped before the daqBoard is stopped */
delay(100);
/* Stop output waveform */
daqBrdDacStop();
for(y=0; y<4096; y++){
bufav[y]=bufav[y]+buf[y]/1000.0;
}
}
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/* Processing data section */
/* Print channel 0 data to file */
if ( (sample=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 amplifier) and to position */
/* around y=0 line. */
sample[i]=2048-bufav[i]/16.0;
}
farfree(bufav);
for(i=0; i<4096; i++){
if (loop==0){
fprintf(fout2, "%d %lf\n", i, sample[i]);
}
if (loop==1){
fprintf(fout3, "%d %lf\n", i, sample[i]);
}
if (loop==2){
fprintf(fout4, "%d %lf\n", i, sample[i]);
}
if (loop==3){
fprintf(fout5, "%d %lf\n", i, sample[i]);
}
}
}
farfree(apreal);
farfree(apimag);
farfree(lsrreal);
farfree(lsrimag);
farfree(lspreal);
farfree(lspimag);
farfree(waveBuf);
/* Print cancelled reflections data to file as voltage */
/* versus time in milliseconds */
for (i=0; i<2048; i++){
fprintf(fout6, "%lf %lf\n", i*0.02,
(5.0/2048)*sample[i+(iobstart-250)]);
}
farfree(buf);
farfree(sample);
daqClose();
}
/************************** myhandler ******************************/
void _far _pascal
myhandler(int error_code)
{
printf("\nError! Aborted\nDaqBook/100 Error: 0x%x\n",error_code);
daqClose();
exit(1);
}
/*******************************************************************/
/**************************** myfft ********************************/
void myfft(double real[], double imag[],
unsigned long samp_num, int isign)
{
int i=0;
static double data[2*512+1];
for (i=1; i<(2*samp_num+1); i=i+2){
data[i]=real[(i-1)/2];
data[i+1]=imag[(i-1)/2];
}
dfour1(data, samp_num, isign);
for (i=1; i<(2*samp_num+1); i=i+2){
real[(i-1)/2]=data[i]/sqrt(samp_num);
imag[(i-1)/2]=data[i+1]/sqrt(samp_num);
}
}
/*******************************************************************/
/*********************** dfour1 (Numerical Recipes) ****************/
void dfour1(double data[], unsigned long nn, int isign)
{
unsigned long n,mmax,m,j,istep,i;
double wtemp,wr,wpr,wpi,wi,theta;
double tempr,tempi;
n=nn << 1;
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j=1;
for (i=1;i<n;i+=2) {
if (j > i) {
SWAP(data[j],data[i]);
SWAP(data[j+1],data[i+1]);
}
m=n >> 1;
while (m >= 2 && j > m) {
j -= m;
m >>= 1;
}
j += m;
}
mmax=2;
while (n > mmax) {
istep=mmax << 1;
theta=isign*(6.28318530717959/mmax);
wtemp=sin(0.5*theta);
wpr = -2.0*wtemp*wtemp;
wpi=sin(theta);
wr=1.0;
wi=0.0;
for (m=1;m<mmax;m+=2) {
for (i=m;i<=n;i+=istep) {
j=i+mmax;
tempr=wr*data[j]-wi*data[j+1];
tempi=wr*data[j+1]+wi*data[j];
data[j]=data[i]-tempr;
data[j+1]=data[i+1]-tempi;
data[i] += tempr;
data[i+1] += tempi;
}
wr=(wtemp=wr)*wpr-wi*wpi+wr;
wi=wi*wpr+wtemp*wpi+wi;
}
mmax=istep;
}
}
/*******************************************************************/
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