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Abstract

Virtual acoustic prototyping (auralization) is the rendgof a virtual sound field that is
created from the calculated acoustic response of a nabstelecture. Auralization is
useful in the design and subjective evaluation of buildiaggymobiles, and aircratft.
The virtual acoustic prototyping method in this thesis disdte element modeling
(FEM), the equivalent source method (ESM), and headetktaansfer functions
(HRTFs). A tradeoff exists between the accuracyefauralization process and the
number of equivalent sources (and thus computational paksrare required.

The goal of this research is to validate (numericallgt subjectively) a virtual
acoustic prototyping method for use in structural desigs;thasis illustrates the first
attempt to apply the aforementioned methods to a strutttateepresents a typical
building or automobile. The structure’s acoustics werdeteal using FEM, ESM, and
HRTFs. A prototype of the modeled structure was buil3686 correlation was
achieved between the model and prototype. Slight vam@tn boundary conditions
caused significant FEM error, but the data representgaicalk structure.

Psychoacoustic comparison testing was performed to deeethe number of
equivalent sources that must be used in an auralizatiacctoately recreate the sound
field. The number was found to be dependent on the typeisd that is played to the
test subject. A clear relationship between the nwalecorrelation of two sounds and
the percentage of subjects who could hear a differerteeebr those two sounds was
established for impulsive, broadband, and engine noises.



Acknowledgements

| would like to thank my advisor, Dr. Marty Johnson, fiimng me to complete this
project, teaching me about acoustics, and overseeingomky vin addition, | am grateful
for the direction and support this project has receivaah AuSIM, Inc. in Mountain
View, California. 1 would also like to thank the staffd student researchers of the
Virginia Tech Vibration and Acoustics Laboratories ®Aparticularly Dr. Jamie
Carneal for assistance with equipment and technicaérsaDan Mennitt for the
preparation of some data and figures in Section 2.3; anddd&Villiams for her support
of myself a the rest of VAL. A thank you also goes touthe all students and faculty of
VAL for performing my psychoacoustic testing and generllgporting my project.
Finally, 1 would like to thank friends | have made in &y years at Virginia Tech and

my family for supporting me in this educational endeavor.



Abstract

Acknowledgements
Table of Contents
List of Multimedia Objects

Nomenclature
Chapter 1: Introduction

1.1 Introduction to Virtual Acoustics . ............

1.2 Motivation For Work ... oL

1.3 Review of Literature ... ...,

1.4  Scope and Relevance of Work ~ ...........

1.5 Outline of Thesis .. ... .. .. ...
Chapter 2: Auralization Theory

2.1 Head-Related Transfer Functions

2.2 The Equivalent Source Method and Least-Squares Solution

2.3 Numerical Error
Chapter 3: Numerical Modeling

3.1 FEM Theory ..

3.2 Calculating the Structural Acoustic Response

3.3  Application of ESM and HRTFs
Chapter 4: Validation of the Numerical M odel

4.1  Construction of the Structural Acoustic Test Platfor

4.2  Validation of the Finite Element Model

4.3 Manikin Measurements

Table of Contents

11
12

13
13
16
20

28
28
33
39

53
58
65



Chapter 5: Psychoacoustic Testing 70

5.1 Reason for Psychoacoustic Testing . .................. 70
5.2 Interface and Test Procedure  ................... 72
5.3 Results of Subjective Testing e e 76
Chapter 6: Conclusion 91
6.1 Summary and Conclusions . ....... .. .ceeu 91
6.2 Future Work e 94
References . ... 96

Appendix A: Microphone Array Measurements e e 100
VA e 102



List of Tables

Table 3.1
Table 5.1
Table 5.2
Table 5.3

List of Figures

Figure 1.1
Figure 1.2
Figure 1.3
Figure 1.4
Figure 1.5
Figure 1.6
Figure 2.1
Figure 2.2
Figure 2.3
Figure 2.4
Figure 2.5
Figure 2.6
Figure 2.7
Figure 2.8
Figure 3.1
Figure 3.2
Figure 3.3
Figure 3.4
Figure 3.5
Figure 3.6

List of Multimedia Objects

Material properties for Lexan, MDF, and air.
Matrix of test cases.

Total number of trials for each noise tgpmlity, and sphere size.

Linear fit and correlation coefficients.

Flowchart of the virtual acoustic prototypinghodt

Finite element model output.

ESM attempts to recreate a pressure field.

Relationship between HRIR, ITD, and IID.

Auralization through the use of HRTFs.

Diagram of a fully-computed auralization system.
Definition of the HRTF azimuth angl and elevation anglep
The “cone of confusion”.

ESM approximates a sound field from a vibratingsire.
Propagation of sound due to a monopole source.

FEM nodes, evaluation points, and equivalent saurce
LSQR error versus evaluation sphere size andemwhsources.
HRTF application in the frequency range of humeaning.
Total ESM error plus HRTF application error.

Several applications of FEM.

2-D FEM of a thin plate acting on an acosgtace.
Application of FEM to a rod in axial compressi

CAD model of a structural acoustic test platfor

Assembly of the enclosure.

Loads and boundary conditions for the enclosadel.

36
75
81
86

o 9O o0 b

15
17
18
22
24
26
27
29
30
31
34
35
37

Vi



Figure 3.7
Figure 3.8
Figure 3.9
Figure 3.10
Figure 3.11
Figure 3.12
Figure 3.13
Figure 3.14
Figure 3.15
Figure 3.16
Figure 4.1
Figure 4.2
Figure 4.3
Figure 4.4
Figure 4.5
Figure 4.6
Figure 4.7
Figure 4.8
Figure 4.9
Figure 4.10
Figure 4.11
Figure 4.12
Figure 4.13
Figure 4.14
Figure 5.1
Figure 5.2
Figure 5.3
Figure 5.4
Figure 5.5
Figure 5.6
Figure 5.7

Mesh of the enclosure model.

Location of the head and evaluation spheres.
Evaluation sphere sizes and quality levels.

LSQR error versus frequency and evaluation spawHus.
LSQR error as a function of frequencySRW/L

LSQR as a function®PWLand evaluation sphere radius.
Left and right HRTFs for two azimuth angles.
Frequency content of the left and right bihaigaals.
Time-domain left and right binaural signals.

Percent difference between the frequencegmoot the best case.

Structural acoustic test platform, completeMitbut door.
Structural acoustic test platform, completle daior.
Connection of three subassemblies.

Interior of the connection shown in Figu@e 4.

Attachment of the %4”-thick Lexan window.

Attachment of the shaker to the Lexan window

Planar microphone array.

Final comparison between 50 and 250 Hz.

Locations used in comparing model output to tlasumed FRFs.
Comparison between model output and the meadriFed F
KEMAR inside the structural acoustic test qiatf

Position of the KEMAR in the enclosure.

Comparison between the measured and calcudatezsponses.
Comparison between the measured and calcudatexsponses.
Two signal comparisons.

Subjective test cases.

Spectograms of convolved time signals.

User interface for psychoacoustic testing.

Subjective testing environment.

Sample table of responses.

Response matrix, cases matrix, and percemages.

38
40
41
43
44
45
48
50
51
52
54
54
56
56
57
58
61
61
63
64
65
66
68
69
71
73
77
78
79
80
80

Vii



Figure 5.8 Numerical and perceptual differences (impulsive).
Figure 5.9 Numerical and perceptual differences (broadband).
Figure 5.10  Numerical and perceptual differences. (engise)noi

Figure 5.11  Linear fit between perceptual difference anderioah correlation.

Figure 5.12  Numerical and perceptual differences. (purely)tona

Figure A-1  Comparisons for two low-frequency acoustic modes

83
84
85
87
89
101

viii



ai

b
br
bi

BL
Br

€LosR

EPWL
ESM

FEM
HL

Hr
HRIR
HRIRR
HRTF

Nomenclature

linear-fit coefficient, constant term

linear-fit coefficient, first-order term
cross-sectional area

time-domain binaural signal at the left ear
time-domain binaural signal at the right ear
arbitrary time-domain binaural signal
frequency-domain equivalent of left binaural signal
frequency-domain equivalent of right binaural signal
speed of sound

damping matrix

occurrence of perceived differences (percentage)
exponential function

least-squares algorithm error

modulus of elasticity

evaluation points per acoustic wavelength
equivalent source method

frequency (Hertz)

force vector

finite element modeling

Left head-related transfer function

Right head-related transfer function

Left head-related impulse response

Right head-related impulse response
head-related transfer function

index

square-root of -1

wave number (except for Section 3.1)

element stiffness (Section 3.1)



KEMAR
L, Li
LSQR
m, m

Pi(«)

Qi

Qv

le

R, R;

SPWL

to

T, T(w)

stiffness matrix

Knowles Electronic Manikin for Acoustics Reselar
beam length

least-squares algorithm

element mass (Section 3.1)

mass (Section 3.2)

mass matrix

numerical correlation between two time signals
number of equivalent sources

acoustic pressure

axial beam loading (Section 3.1)

atmospheric pressure (Section 3.2)

nodal pressure from finite element model
pressure vector at evaluation points
time-domain equivalent source strength
volume velocity

frequency-domain equivalent source strength
equivalent source strength vector

radius of an acoustic radiator

radius of the evaluation sphere

gas constant for air (Section 3.2)
source-to-receiver distance (except for Section 2 drapter 5)
correlation coefficient (Chapter 5)

surface area of an acoustic radiator

equivalent sources per acoustic wavelength
time

time delay

temperature (Section 3.2)

transfer function betwedhandQ (except for Section 3.2)
surface velocity of an acoustic radiator
displacement vector



<

D H R X8 P % ®R QN
£

a3 o

c

element displacement
velocity vector
acceleration vector

element acceleration

volume

number of points in the evaluation volume
mass-proportional damping coefficient

stiffness-proportional damping coefficient

beam deflection
headelevation angle
elevation angle
wavelength

mean

headazimuth angle
azimuth angle
density

density of air
standard deviation
Poisson’s ratio
frequency (radians)
natural frequency (radians)

damping ratio

Xi



Chapter 1: Introduction

The objective of this thesis is to summarize the @tghresearch in the field of virtual
acoustics. The work performed relates specificalyneovialidation of a virtual acoustic
prototyping method for use in structural design. In ordemiterstand the motivation
and scope of this research and the current literatutki®topic, a brief introduction to

virtual acoustics is given.

1.1 Introduction to Virtual Acoustics

Virtual acoustics is the study and practice of creatirtgai sound fields; it is part
of the broader practice of virtual reality, whichhe tprocess of using a computer to
create a simulated environment. Virtual reality usualigsists of two sensory
components — visualization and auralization — and ther lafles virtual acoustics.
Kleiner defines auralization as “the process of rendeaiudible, by physical or
mathematical modeling, the sound field of a source paaes in such a way as to
simulate the binaural listening experience at a giveitipo$ the modeled space.” [1]
Binaural sound contains directional cues that are intetwlgive the perception that the
sound emanates from outside of the true source. A swgadisten to a simulation
using a set of headphones and hear audio cues that appearaming from specific
directions and from far outside of the head.

Virtual acoustic prototyping is the application of virtaabustics as a design tool
during the development phase of a structure. Noise learlbe predicted virtually
without constructing a physical prototype, which can dyeatuce the cost of
developing a new product. Since noise and sound qualitpamglex and subjective
measures, effective auralization of a virtual acoysttotype is a challenging task.

A flowchart of the virtual acoustic prototyping methoddisethis thesis is
shown in Figure 1.1. The process consists of three coemp&r structural-acoustic
modeling, the equivalent source method (ESM), and the appficof head-related
transfer functions (HRTFs). The acoustics of the stinecare modeled using one of many
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geometry
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equivalent source strengths

HRTF Application ®
Right binaural signal
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Head tracker (location and angle)

Figure 1.1. Flowchart of the virtual acoustic prototyping methoddusethis thesis.

available techniques, such as the finite element rdgfi&M), the boundary element
method (BEM), ray tracing, or statistical energy asialySEA). The information can
also be obtained from an analytical model or measuriq e acoustic data must be
complex (containing both magnitude and phase informatiBBM is the primary

modeling technique used in this thesis, so it will beattig method discussed in detail.



In acoustic modeling,
ibaicted on by a Lexan

The geometry and material properties of the acoustiesadt surrounding structure are
monopole source) and boundary conditions are then splecfieneshing tool is used to
-density fiberboard (MDF)

divide each part into hundreds or thousands of finite elesne=inally, the response of
element modeling of large structures is only effectiea frequencies. [2] Figure 1.2

plate. The acoustic pressure field is solved for at afdeequencies; the total acoustic

specified in a dedicated FEM software package. The lo&d$diice on structure,
the characteristic length of an element should betlessone sixth of the acoustic
response of the space is achieved by summing the préstisdor each particular

wavelength at the highest frequency in question. Bea#Hubes general rule, finite
shows an example of the output for a finite element hafden acoustic space

the acoustic space is determined at a specified setcqufdncies.

surrounded by ¥4"-thick medium

frequency.
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Figure 1.2. Finite element model output. An acoustic medium is sunded by MDF (white) and a
blue indicates low pressure.



In order to produce binaural sound, the direction from lvthe sound is coming
needs to be known. In a structural-acoustic systemy aant on every moving surface
acts as a source of sound. If the structure is simpdd, &s a vibrating plate, the surface
can be discretized and each patch can be treated gaiaalent source. [3] A real
structure, such as an automobile, is complicated by fandaces, reverberation, and
absorptive material. Treating each surface and reragibe as many equivalent sources
would be computationally prohibitive. Therefore, thenpéex acoustic response is
calculated using FEM or another method, and that responsereated using a much
smaller number of sources in the equivalent source metho

The finite element data is in the form ¥, z, p), wherex, y, andz represent spatial
coordinates angd represents the acoustic pressure at that nodes ottie no
directional information is contained in the data. ESMsed to give directional
information to the sound field. A subset of the firstement data, termed the evaluation
volume, is recreated using virtual monopole sources, ovaguot sources. The sources
are placed on a large sphere around the evaluation as shéigure 1.3. An iterative
solver is used to determine the amplitude of each equivsdemce that is necessary to
recreate the sound field, {/, z, p). Large numbers of nodes require many equivalent
sources, so often only a small portion of the acoysassure field is recreated using
ESM.

*  FE Model Mode
*  Evaluation Volume
Equivalent Source
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Figure 1.3. ESM attempts to recreate a pressure field (red), wkmsee may be a vibrating structure,
using simple monopole sources (green) distributed on a sphere



To complete the auralization, HRTFs are applied to ¢juévalent sources.
HRTFs are measurements of the direction-dependent acbitsting that a free-field
sound experiences due to the head, torso, and pinnae éatgef4] HRTFs contain
information about the interaural time difference (ITahd interaural intensity difference
(IID) between the two ears. HRTFs are a functioeaf(left or right), elevation angle,
and azimuth angle, and sound frequency. A head-related impsfsense (HRIR) is the
time-domain equivalent of an HRTF. The HRIR is theustic response in the ear canal
due to an impulse sound source at a particular directigure-iL.4 illustrates the concept
of the HRIR; HRTFs will be described in greater detaChapter 2.

Impulse Sound Source

ey N

Right Ear Response
Left Ear Response

Figure 1.4. Relationship between HRIR, ITD, and 1ID. The sounst feaches the right ear, and after
microseconds, it reaches the left ear with a sliglther amplitude.

The appropriate HRTFs are applied to each equivalent saimce;the
equivalent sources may not all be the same distancethe listener, a time delay and
gain is applied to each source. The time domain sougnalsiare superimposed and
played over a set of headphones. The listener wableeto hear the modeled structure,
and the sound source will appear to be coming from theadocation. If a head-
tracker is used, the listener can move and rotate amsbiind will still appear to be at the
same location. Figure 1.5 illustrates this phenomefd® equivalent sources are
constant, but as the head is rotated, the head trackmrtdriggers a change in the HRTF

filters. Thus, as the head moves, the actual soundes(lreadphone speakers shown in



green) move with the head, but the apparent sound sotme&n$n red) does not
change.

™ \
. - . . |
Right binaural signal
—» HRTF d J

— Filters
—

Equivalent T
Sources

Left binaural signal

Head tracker (location and angle)

Actual Sound Source
#® Apparent Sound Source

Figure 1.5. Auralization through the use of HRTFs allows for pineduction of sound that appears to
emanate from outside of its true source.

This virtual acoustic prototyping method has only bestetenumerically; no
subjective tests have been performed. Noise and sounty @ualhighly biased
measures, subjective validation of this method is inipera

1.2 M otivation for Work

Commercially available acoustic simulation softwdlens a user to predict
natural frequencies, identify vibration hot spots, ardesfor the pressure response.
Auralization packages are available that let the useleh@structure and subsequently
experience its sound. Currently, no auralization softvisaavailable that allows the user
to perform a head-tracked acoustic simulation in red;ttims would be a practical tool
for virtual acoustic prototyping.

Virtual acoustic prototyping is useful in the design and stilbge evaluation of
buildings, automobiles, and aircraft. Time and moneybeasaved by predicting sound
problems during the structural design phase rather thag fixoblems after construction
or mass-production. Since noise, vibration, and hasshhave adverse effects on human
health, resources can be saved in the long run as well.



In aircraft and automotive design, acoustic engineerisgybaerally taken place
after production. Millions of dollars are spent annuilyind ways to reduce internal
and external noise emanating from aircraft. Hundredsiliéns of dollars are spent
optimizing the appearance and performance of a new cdgndesome are immediately
shunned by automotive editors because of excessivermaibgnor a rough engine note
[5], while others are hailed for a sporty engine oraewih note. Car and Driver magazine
recently praised the high-performance 2005 Pontiac GT(hdist gases flow freely,
and the drum beat is enough to cause meek dogs to cower.” [6

In building design, sound sources have been inadvertentigdtao close to
work areas. A mechanical room in Virginia Tech’'s CamrhHall was placed across the
hall from a row of offices; the work environment bews noisy whenever the elevator is
used. In home theatre design, even the best spealkessumtl unclear if the acoustic
properties of the room are substandard. Virtual acopstiotyping seeks to predict and
eliminate these problems at the minimum cost.

An effective, real-time, head-tracked auralization mdttvould be a welcome
enhancement for virtual acoustic prototyping. To perfarnead-tracked acoustic
simulation, the ESM is required in order to apply HRTFthtofinite element data; the
result is a binaural signal. Software has been deweldya® implements the ESM. The
time needed to compute the equivalent source magnitudesutas depending on the
number of sources. The number of equivalent sourcelsecencreased or decreased by
altering the density of sources or by changing theddiziee evaluation volume. Having
more equivalent sources typically produces greater accufidwy.objective of this work
is to determine the level of accuracy at which aitist can hear a difference between a
sound and its ESM reproduction.

1.3 Review of Literature

The research outlined in this thesis is the subjeeglidation of a 3-D virtual
acoustic prototyping method. The purpose of a virtual aopisitotyping package is to

allow a user to experience the acoustics a structuregdilnendesign phase. Extensive



research has been performed in the areas of acoust®ling and the application of
HRTFs to produce 3-D sound. However, the researcheoautfalization of acoustic
models is more limited. Detailed studies concerned théhsubjective validation of
virtual acoustic prototyping methods have not been pegdrm

Currently, the most available auralization systefulig-computed auralization
(FCA). [1] Figure 1.6 is a diagram of a FCA system. H@a not been applied to a
modeled-structure in a real-time head-tracked environrbehtyith proper development,
this is an achievable goal. The structure in questithibevmodeled on a computer to
calculate the binaural room impulse response (BRIR);wkithe acoustic response of
the room to an impulse source. The source can be eihed or a force on the
structure. A digital signal processing algorithm will bediso convolve the BRIR with
an input signal. Auralization is achieved by presentiggrésulting binaural signal to a
listener using a set of headphones. Head-tracking casdoketo enhance an auralization;
the sound will appear to be coming from the same latatispace regardless of the
head’s orientation. Therefore, the apparent sourtieeacgsound will not move with the
head.

SUE FERWEER DR S -]

— | Digital Signal Processor

i

Listener w/Headphones

Actual Sound Source

Structural Model

, ® Apparent Sound Source
Input Signal

Figure 1.6. Diagram of a fully-computed auralization system.

FCA has been applied at the NASA-Ames Research Ceassarchers have
developed the Virtual Environment Workstation (VIEW) —aaoustic display that is
capable of generating directional sound cues over headpinoad time. [7] In order to
localize the sound cues, VIEW uses measured HRTFs thdrecomputed BRIRS. The



perceptual accuracy of the application of HRTFs in a B¢Aem has been validated
subjectively. However, VIEW cannot be used as a \lidoaustic prototyping system
because the sound cues corresponding to structural excaagicnot known.

Johnson [8] proposed the equivalent source method (ESMgfermining the
sound cues that simulate structural excitation. The ES#4 the principle of wave
superposition to recreate a complex acoustic field. 8¢ Mmodeled acoustics of a
control volume within a structure would be reproduced bst @&virtual monopole
sources with a known location and frequency contenesd hirtual sources — which will
from now on be - termed “equivalent sources” — are soued necessary for
auralization. The application of equivalent source nethaimilar to the production of
virtual orchestras [10], whereby several strategiqa#tiged loudspeakers are used to
simulate the acoustics of live orchestra consisting wiich larger number of musicians.
The ESM approximates the acoustics of a complex vilyyatiructure using a relatively
small number of monopole sources.

The ESM requires a model of the acoustics of the strithat is auralized.
Acoustic modeling of structures has been comprehensesdarched. Finite element
modeling is the most popular method, which was first aghpdiestructural acoustics
problems by Zimmerman and Gladwell [11]. Variationathoels were used to
formulate the equations governing the harmonic vibratfocoupled structural-acoustic
systems. Zimmerman [12] applied his method to the siogsles of air-membrane and
air-plate coupling.

As computer technology progressed, the finite elemerttadetas applied to
more complex acoustics problems, and the results wenpared to measured data. Petyt
and Koopmann [13] modeled rectangular and irregular encloande€raggs [14]
investigated the sound transmission between two ene®soiupled by a plate.
Predicted and measured natural frequencies typically diffgrésks than 2%. Initially,
the finite element method was used only to determimendltural frequencies of a
structure. Later, damping was added to models in the foalbsorptive elements [15]
and wall impedances [16]. Nefske [17] applied finite elertexttniques to the

automotive design process; resonances and panel-ta+afdr functions were calculated



for a particular car model in the frequency range of 20-2Q0He car design was
altered, reducing noise levels by up to 5 dB.

For frequencies higher than 500 Hz, the finite elemethoakis not desirable.
Since wavelengths are smaller, more elements mustdze the model solution is also
very sensitive to boundary conditions and material pt@ggser Ray tracing and statistical
energy analysis (SEA) are typically more appropriaténigin-frequency modeling of
structures. In a complex structure, finite elementriigetes may be appropriate for one
part while SEA techniques are appropriate for another pasice and Shorter [18]
recently developed a hybrid method that can combirte fséément data and SEA data.
Hopkins [19] and Shorter [20] validated the method with stma¢tmodels and
experimentation. Other methods of structural modeliolydie the evaluation of scaled
models produced by stereo lithography. [21] Although it prodacesrate results, this
practice is currently limited to determination of nat@mequencies; it is suitable for
structures of extremely complex geometry. SEA, theithybchnique, and scale
modeling have not been used in conjunction with the ESkese techniques should be a
topic of future research, since they may hold the keyutalization at higher frequency
ranges where the finite element method is no longssildte.

The finite element method, as formulated by Zimmernsaa,paradigm for
computing the acoustic pressure field of a structure. Téwspre field alone contains no
information about the acoustic source location, sd&EBB is required to calculate the
sound cues that correspond to structural excitation. Hegoitvsources are distributed
about the surface of a virtual sphere that encircleptbssure field location, and their
amplitudes are adjusted to match the pressure field. Theemwhequivalent sources
required is usually much lower than the number of noddifinite element model of
the pressure field.

The mathematical robustness of the ESM has beatatedi [22,23], and the error
has been quantified extensively using finite element ¢i244 However, the method has
not been tested subjectively. Psychoacoustics —ulg ef the human perception of
sound — is a well-documented field. [25,26] However, previessarch concerned with
the human factors involved in the auralization of gtrtad acoustics is limited to interior
and exterior aircraft sound. Sullivan et. al. [27] hdgeeloped an aircraft interior noise

10



simulator for psychoacoustic testing at the NASA-Lanlegearch Center, but
auralization is not performed with real-time head tnagkil he accuracy of the
auralization method depends on the number of equivalertexyuhere is a tradeoff
between computation time and mathematical errois possible that there is a
diminishing return for increasing the number of equivadenirces — continuing to
increase the number of sources may not change thedis perception of the
simulation. The relationship between the mathemamzuracy of the ESM and the
perceptual accuracy of the binaural signal is currently anvkin

Acoustic modeling, the ESM, and the application of HRh#&& been researched
almost exhaustively, the research in this thesisritbescthe mathematical validation of a
complete virtual acoustic prototyping system. In additiba,psychoacoustic robustness
of the ESM and the subsequent application of HRTFs iepted.

1.4  Scope and Relevance of Work

The goal of this research is to validate — both nulriand subjectively —a
virtual acoustic prototyping method for use in structuraigthesThis thesis illustrates the
first attempt to apply the aforementioned methods tougtsire that represents a typical
building or automobile.

In the first part of this research, two models wesated — a physical model and a
numerical model. For the numerical model, FEM, ESM, ldRTFs were applied to a
hypothetical structure. For the physical model, the thgie@al structure was actually
built. A manikin was placed inside and the acoustic respahthe ears was measured.
The outputs of the numerical and physical models are c@chpar

In the second part of this research, subjective veste performed to determine
what ESM error level is audible to the average listedde exact reproduction of a
complex sound field using ESM is not feasible; the dene#l depends primarily on the
number of equivalent sources that are used in the reproducfiomputing power
dictates the upper limit on the number of equivalent seute# can be used in an
auralization. The addition of more sources reducesuh®@ncal error, but the human

11



ear may not notice the small reduction in error. dbal of the subjective testing was the
determine the point of diminishing return in ESM.

15 Outline of Thess

Chapter 2 of this thesis will expand on the introduct@wirtual acoustics in
Section 1.1; HRTFs, ESM, and the numerical error agtatiwith the virtual acoustic
prototyping process are explained in greater detail. Ch38ptescribes the numerical
modeling of virtual acoustic prototyping for a particulaustural acoustic test platform
(which is frequently referred to as “structure” or “@stlre”). The structure is modeled
using FEM and, subsequently, ESM is applied to an evaluspiogre positioned in the
enclosed acoustic space. HRTFs are applied to a hymaihetnikin residing inside the
sphere. Chapter 4 describes the numerical validatitmeahodel from Chapter 3. A
real structure is built, and a manikin is inserted; twuatic response at the ears is
measured and compared to the numerically-modeled respGhagter 5 discusses the
subjective testing that was performed; the purpose wdsteymine an appropriate
number of equivalent sources to use to recreate a FieMiatad sound field. Finally,
Chapter 6 summarizes the results of the experimentagiscribed in this thesis and
makes a conclusion. Suggestions for future work in thealtincoustic prototyping field
are introduced.
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Chapter 2: Auralization Theory

This chapter will discuss the theory that was used teldp\the experiments discussed
later in this thesis. Section 2.1 covers the produdf@iD sound via the use of head-
related transfer functions. Section 2.2 illustratesetiigvalent source method (ESM) in
detail. Section 2.3 describes the numerical error &gsdowith the ESM; the ultimate
goal of this thesis is to determine the level of nucagéerror that can be detected by a

listener during auralization.

2.1 Head-Related Transfer Functions

Head-related transfer functions (HRTFs) are measursmétibe direction-
dependent acoustic filtering that a free-field sound expegg&due to the head, torso, and
pinnae (outer ears). HRTFs are defined as a functitmed variables: azimuth ang,
elevation angleg and source frequencyy The definition of the azimuth and elevation
angles is shown in Figure 2.1. They are defined as tjle batween the line connecting
the source and the center of the head and the linespanding to zero azimuth and
elevation. For a person in the standing position, aemuth and elevation is straight

ahead and parallel to the ground.
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H (6. 0. @), Ha(6. 0. o) HL(0. ¢ @), Ha(0. ¢. o)

Sound Source .

Center of Head 8

Figure 2.1. Definition of the HRTF azimuth anglé, and elevation anglez

The simplest HRTF model — Duplex theory — was proposed Yeigain 1907.
[28]. Duplex theory states that our perception of soundtibre depends on interaural
time difference (ITD) and interaural intensity diffecen(IID). The head is modeled as a
uniform sphere; impinging sound waves are diffracted andladédo The extent to which
this occurs is highly dependent on the frequency of thadseource. The wave fronts
arrive at each ear with different intensities andifrent times. A low-frequency sound
(with a wavelength much longer than the diameter oh#aal) originating from the left
will first reach the left ear, and the wave will daitt around the head and arrive at the
right ear microseconds later. A high-frequency sound(svilvavelength much smaller
than the diameter of the head) is typically attenuatedhadowed, by the head; since the
wavelength is small. The IID is mainly a high-frequeatfect, and the ITD is important
at low frequencies.

Duplex theory has several limitations. It does nabaat for the shadowing of
sound due to the pinnae and torso, and the absorption &adtaih of sound by the

14



head differs for each person. In addition, loci of sagoulce positions exist that can
provide an identical ITD and IID [4]. Figure 2.2 shows sueh locus of points, which is
dubbed the “cone of confusion”. According to Duplex theargound source on the
circle that describes the base of the cone (withpex at the ear) is indistinguishable
from a sound source at any other point on the cirglthough models such as Duplex
theory is too simplistic to be effective, parametsian of HRTFs is still a current topic

of research.

Cone of Confusion

Figure2.2. The “cone of confusion”. According to Duplex theaal,points on the
circle have the same ITD and IID.

A person’s HRTFs are typically measured by insertingyanicrophone into
each ear canal. [4] A sound signal, which containsegjlencies of interest, is played
over a loudspeaker at the elevation and azimuth angieteadést. The HRTF is the
transfer function between the sound at the loudspeakdharsmbund at the microphone.
This cannot be measured directly; the transfer fundi@ween the loudspeaker input
and microphone output is measured, and the dynamics afutiedeaker and
microphone are subsequently removed. In practice, HRfig~easily measured for
azimuth angles between -188nd 180. HRTF measurement for elevation angles below
-40° are usually not feasible since the ground impedes therméatt of a sound source.
However, sets of HRTFs that contain the full rangele¥ation and azimuth angles do

exist.
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2.2  TheEquivalent Source M ethod and L east-Squares Solution

In a complex vibrating structure, every point on eackingpsurface acts as a
sound source. Figure 2.3a shows a discretized vibrating(pla# that is in close
proximity to a listener (black circle). Every blue pocontributes to the total acoustic
pressure at the black circle. Auralization of evemgple structure would be
computationally infeasible because of the large numbgsources. In an enclosure,
reflections would also contribute to the pressure alistemer’s location; reflections
would need to be modeled as additional “virtual” sourcesicate geometry and
realistic surface types (absorptive or transmittinghiidurther complicate the
determination of the sources. Due to their extremebeunit would be very difficult to
apply HRTFs to all of these sources in order to conduetugalization. However, finite
element modeling (FEM) or the boundary element meth&M)Bcan calculate the
acoustic pressure field in and around a structure.

ESM approximates a complex sound field, such as one nesfitbim the
vibrating plate in Figure 2.3a, using a set of monopole ssytaced on a sphere about
the listener location, as shown in Figure 2.3b. Thmddield in a small sphere — with a
radius between 0.1 and 0.5 meters — can be accurately mmhifrecreated using a

relatively small number of monopoles (shown in red).
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. . o} . '
(@) (b)

Figure 2.3. ESM approximates a complex sound field due to a vibratingtsiie (a) using a set of
monopole sound sources placed on a sphere (b).

A monopole source is a radially-vibrating sphere thdiatas sound equally in all
directions. Figure 2.4 illustrates a monopole; the speréuces sound by expanding
and contracting along its radius. True monopoles on$t extheory, although a low-
frequency loudspeaker attached to a speaker cabinet caly elpproximate a monopole.

[29] The sound propagation due to a monopole in the frequemaginlds

— i & jat - KR
MR@—N{Méﬁee (2.1)

wherep is the acoustic pressuie,s the distance from the source to the receiss,the

sound frequencyy is the density of air, arjdequals\/—_l; k is the wave number and is

equal to

K=& (2.2)

wherec is the speed of sound. The volume veloQtig

Q=Su (2.3)
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whereu is the velocity of the vibrating surface of the sghendSis the surface area of

the sphere that is given by:

S=47? (2.4)

wherer is the radius of the sphere.

Figure 2.4. Propagation of sound due to a monopole source. The menaglates sound equally in all
directions.

To carry out ESM, a structure is modeled usingigefielement software package.
The acoustic pressure response on a three-dimahgiash, or evaluation volume, around
the listener location is calculated. The goahentto determine the equivalent source
strengths that recreate the FEM pressure fieldoaslg as possible. The problem can be

written in matrix form as:

_Tll T12 Tlm | B i Pl |
Q
T21 T22 T2m Q P2
T(@Q(a)=Pla) — [T, T, T | 2 (=P (2.5)
_Tnl Tn2 ' Tnm _ _Qm L Pn _
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HereP is the FEM pressure field atevaluation points, an@ is the vector of volume
velocities form equivalent sources. The matifibcontains theamin transfer functions
that represent the contribution of the sources t@tl@istic pressure at the evaluation

points. For example, the transfer functia is:

Tale)= jof 2 fe ™ 26

whereRs; is the distance between the second source and tetailuation point.Ts
represents the contribution of the second source tadiwstic pressure at the third node.
Note that

Ts (w) * QPQ;((C:))) (2.7)
but rather
Py(e) = Toy () (@) + Top (@)Q(0), + ..+ Ty (0)Q,, (@) (2.8)

Linearity and the principle of superposition is assumedwvdoenbining the equivalent
sources to recreate the approximate FEM pressure Tidld.least-squares method
(LSQR) [30] is used to provide an approximate solution to tempsaof the form

AXx=B (2.9)

LSQR, an iterative method which continually seekslatism with lower error, is not the
only way to solve the system; it was chosen beciagsevides good conditioning
properties. In the case of ESM, the goal is to mzenthe LSQR errol sor Which is
equal to the root-mean-square difference in the acqustssure at all nodes in the
evaluation volume. The error is between the modelectated sound field:

eLSQR=\/i(m(w)q(w)m(w)qz(w)+--.+rm(w)Qm(w)—e(w»z 2.10)

i=1
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To obtain the equivalent source strengths, Equation 2skivsd once for each
frequency in the band of interest.

2.3 Numerical Error

The virtual acoustic prototyping process described in @edtil cannot exactly
reproduce the binaural signal that will be present @tenkr’s ears in the physical
structure. There are four major sources of error &gsacwith an auralization:

» Discrepancies between the finite element model andgathgsructure
* Numerical error is the solution of the finite elememdel

* Reproduction of the calculated sound field in a small etialuaolume
* Use of a limited number of equivalent sources in LSQ@Rrdédhm

* Interpolation and approximation in the application of HRT

The error from the early steps propagates through to gudastesteps. For this reason, it
is imperative that the finite element model accuradelycribes the structure. In this
thesis, the last three sources of error in the abaolketed list are of primary interest; they
will be quantified and subjectively evaluated.

The modeling of the structure’s acoustics is the stageei auralization process
that is most sensitive to input parameters. The @dtetilacoustic pressure field that
serves as input to the ESM software depends on a vafispecifications in the model.

In order to have an accurate output, the properties oh#terials that are used in
software must match those of the structure’s buildingerizds. In addition, the

assembly constraints and boundary conditions that acinsoftware must match the
assembly conditions of the final structure. Matemaich as plywood and medium-
density fiberboard (MDF) are difficult to characteri®rause no two batches are exactly
alike. When two wooden panels are bolted togethernaitstresses are introduced into
the material; this phenomenon is nearly impossiblctount for using a commercial
finite element package. The natural frequencies ofratuilg structure can usually be
determined with an error of 2-5%. In acoustic modeligyIFean typically provide an
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accurate solution at low frequencies (less than 500 Wgpgtlhigher frequencies,
obtaining an accurate solution becomes computationédlgsible. The frequency range
of interest in this thesis is between 50 and 1500 Hz. afb#ysis in Chapter 4 will show
that this step is the source of error in the auradingierformed in this thesis. For this
reason, the finite element model accurately desdnibstructure. Matching the finite
element model output to the acoustic response of a physxtatype is an extremely
difficult task. However, it is possible to use FEM teate a model that is representative
of the prototype. This means that although the num&aceelation between the model
output and prototype response will be low, the sounds ahtdel output and prototype
response will be very similar and will have the sgrsychological effect on the listener.
Section 4.2 will discuss this issue further; in this ihBgh numerical correlation was

not achieved between the modeled structure and the alhstsiecture, but the sounds of
their responses were remarkably similar.

ESM recreates the sound field that is calculated bfirtibe element software;
instead of using the entire model output, only the outpatsmall evaluation volume is
used. The evaluation volume is a sphere that is cenbeoeind the probable location of
the listener’'s head. A set of nodes from the fialegnent model's acoustic space must
be contained within the evaluation sphere. The acguia@n auralization depends on
the radius of the sphere. Theoretically, the soundii*fiaside of an evaluation sphere
containing only one node can be exactly reproduced uslgigpna equivalent source.
However, the binaural signal will not sound like a viloig structure; it will sound like a
single concentrated source located somewhere outsitle béad. To create an accurate
sound field using equivalent sources, the evaluation spheuddsbe as large as possible.
The available computational power will limit the numbéequivalent sources — thus
limiting the size of the sphere that can be auralized.

The accuracy of ESM depends on the number of evalyatiots that are used in
the calculation of the equivalent source strengths. ntineber of evaluation poini¢EP

is equal to
NEP = S 2 (2.11)
(A / EPWL)
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whereEPW.Lis the “evaluation points per acoustic wavelength” patanUmi, is the
smallest acoustic wavelength (which corresponds tbighest frequency of interest),
and$ is the surface area of the evaluation sphere given by

S, =42 (2.12)

wherer. is the evaluation sphere radius. Not all of the nad#®e evaluation volume

are used to calculate the equivalent source strengthseFduillustrates the relationship
between finite element model nodes, evaluation panis,equivalent sources. From the
locus of nodes in the evaluation sphere (green and redjtan number are chosen to be
evaluation points (red). Equation 2.11 specifies the nuofoesdes that should be used
as evaluation points. The point of diminishing retumusing more evaluation points is
nearEPWL= 6. [31]

. s . * * *e. *  Eguivalent Source
v *. ~§. FE Model Node
e . . *  Evaluation point
. - * * ':-""ili't :-"‘

Figure 2.5. Finite element (FE) model nodes, evaluation poimd,egjuivalent sources. A certain number
of nodes are chosen as evaluation points, which acetaosalculate the equivalent sources.

The number of equivalent sources that are used also depetis size of the
evaluation sphere. The number of soudESis given by

NES= S (2.13)

(A / SPWL)?

min
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whereSPWLIs the “sources per acoustic wavelength” parametethelory, the point of
diminishing return for using more evaluation points is1&RWL= 3.7. [31] All sources
are placed on a sphere that is concentric with thieaN@n sphere; the source sphere has
a minimum radius of 0.7 meters greater than the radidsedahtaluation sphere.

Equation 2.6 is used to calculated the matrix of tranafestionsT between the

evaluation point acoustic pressuReand the source strengts The matriXT should

not be square; if the number of sources is equal touimber of evaluation points, then
the pressures at the evaluation points can be reproduttexitverror, but the error at the
other nodes in the evaluation sphere would be high (ihenztical terms, this is known
as ill-conditioning). In addition, the calculated sowstrengths could be excessively
large. Since the acoustic pressure values at the notles evaluation sphere is recreated

using a smaller number of equivalent sources, there éxact solution to

TQ=P (2.14)

so the least-squares (LSQR) algorithm is used to sajuation 2.5 and reduce the error
(which is defined in Equation 2.10) to an acceptable le@¢her algorithms were
considered, but LSQR was found to be the most effiddht. Figure 2.6 shows the error
associated with the LSQR algorithm as a function afueation sphere radius and number
of equivalent sources. [32] A diffuse field containing fdiiferent frequencies was
recreated using ESM. the lowest error occurs whenvdlaation sphere is small and the
number of equivalent sources is large. However, th@gemall evaluation sphere will
not necessarily produce an accurate result. The LSgRthim has a greater error at
higher frequencies because the acoustic wavelengtheaters(and thuSPWLis

lower).
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The application of HRTFs to the equivalent sources prodhedsinaural signal
that is played over a set of headphones; this stemlintes additional error to the
auralization process. Each person’s head is diffendnith means no two people have
exactly the same HRTFs. Often a representativef4¢éRTFs is used, such as those of
the Knowles Electronic Manikin for Acoustics Reseai€BEMAR). [33] Another source
of error comes from the interpolation and extrapatatib HRTFs. HRTFs are usually
measured for all azimuth angles atifitervals. Due to physical constraints, they are
usually only measured for elevation angles betweehand 90 at 5 intervals. ESM
places sources on the source sphere at all elevatibazanuth angles. If a source is
placed at an azimuth of 5&nd an elevation of 30then the appropriate HRTF must be
interpolated from the known HRTFs in the set. The 30akegievation HRTFs for
azimuth angles of 35and 60 are combined in a weighted average to provide an
approximation of the S6HRTF. For sources that lie below *4®HHRTFs are
extrapolated. [34] At locations closer to the nortd south poles (elevation =9and —
90°, respectively), the HRTFs’ magnitude versus frequencyesuend to flatten because
pinnae interactions are less prevalent. The southHi®E- is calculated by averaging
the -40-degree-elevation HRTFs for all azimuth anglds®e HRTFs for elevations
between -40and -90 are then calculated by interpolation. Figure 2.7 shbeaverage
error in the HRTF application process as a functiomuofber of equivalent sources and
frequency. [32] At frequencies less than 1500 Hz, HRTF appstiin error is
miniscule. Above 3000 Hz, the HRTF error is more os tamstant across the frequency
band. The error tends to diminish as more equivalantes are included in the

auralization.
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Figure2.7. HRTF application in the frequency range of human hgarifhe magenta lines indicate the
band from 50 to 1500 Hz, which is of interest in this ithes

Figure 2.8 shows the combined ESM and HRTF applicati@m es a function of
evaluation sphere radius and number of equivalent souB&sThis is the total error
associated with the virtual acoustic prototyping proaassincluding inaccuracies in the
finite element model. It is the difference betwdes lbinaural signal created from a set
equivalent sources and the binaural signal created fronsdéimds of original sources
(such as the blue dots shown in Figure 2.3). The tata srlowest when a relatively
large evaluation sphere and many equivalent sources ate Hs®r increases with
frequency because the LSQR algorithm error is gre&iigure 2.8 indicates that a limit
on the number of equivalent sources is present in alizaticn system, then an upper
limit on the useful frequency range of ESM may exist.2800 Hz, the numerical error
exceeds -15 dB for the entire feasible range of evaluapbere sizes and equivalent
source quantities. Chapter 5 will subjectively determihat numerical error level is
noticeable in several different kinds of sounds. Theai acoustic prototyping method
must be able to keep the numerical error below thisepéual threshold.
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Chapter 3: Numerical Modeling

This chapter will describe the numerical modeling ofvingial acoustic prototyping
process for a hypothetical structure. This modeling pedd here will provide the
structural acoustic data set that is necessary to gatrhe virtual acoustic prototyping
process described in Section 1.1. Section 3.1 brieflyidesahe finite element method
(FEM) and its applications. The application of FEM tad that is subject to an axial
force is shown. Section 3.2 covers the finite eldmadeling that was necessary for
calculating the structural acoustic response. Sectioexplains the application of the
equivalent source method (ESM) and head-related transfetidns (HRTFs) to the

finite element model output.

3.1 FEM Theory

The finite element method is an engineering analgsisthat can be applied to
structures of complex geometry. An intricate structsidiscretized into finite elements
of simple geometry, and the laws of physics are appliehtb element to form a
coupled system of equations. The structural responskeugatad by solving the system
of equations. FEM has application in many engineeringlgnas, including solid
mechanics, fluid mechanics, heat transfer, and struetcoastics. [35]

Figure 3.1 shows three example applications of FEM. Figuris a model an I-
beam. The structural response — which can include nétegalencies, mode shapes,
stress, and displacement — is solved for a specified sedterial properties, boundary
conditions, and force inputs. Figure 3.1b is a model ofluigeflow around the cross-
section of an automobile body. The lift and drag fomoeshe car are calculated for a
specified set of material properties and flow charastiesi Figure 3.1c is a model of the
complex geometry of a disc-brake rotor. The temperaligtebution is calculated for a

given set of air and rotor properties, initial condiipand heat inputs.
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(a)

(b)

(c)

Figure 3.1. Several applications of FEM: (a) mechanical modeof-beam (b) air flow model over an
automobile body (c) heat transfer model of a brake roto

FEM can also be used to model the interaction betwedsrating solid and an
acoustic medium. Figure 3.2 shows a two-dimensional mdaeilon plate acting on an
acoustic space with rigid walls. A complex geometry elassen because no analytical
exists, and a numerical method such as FEM must be usetl/éothe model. The plate
is excited at a particular node or node set by a mezdidarce of the plate. The plate
and acoustic space are constrained in a way such ttia plate deforms, the air behind
the plate moves as well. The vibration of the piat@éses the propagation of a pressure
wave, or sound. The reflection of the sound off ofritpel surfaces results in a complex
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pressure field inside of the acoustic space. Using feiment analysis software such as
ABAQUS, the transfer function (for a discrete sefrefuencies) between the input force
and acoustic pressure can be calculated for each node.

Acoustic Space

- /

L/ /)
117

N
\\
HH"‘HH

Figure 3.2. Two-dimensional finite element model of a thin platéing on an acoustic space.

The simplest application of FEM is a rod that is suljean axial force. Figure
3.3a shows a rod that is fixed at one end; the otheexgreliences a compressive force
P. For this analysis, the rod will have masdengthL, cross-sectional areg and
modulus of elasticit{. The bending of the rod under its own weight is assumée t
negligible. In Figure 3.3b, the rod is discretized intonsassesn that are connected by
five springski. The finite element representation of the rod @ashin Figure 3.3c; the
model consists of five elements that connect six sodde equation of motion for a
multiple-degree-of-freedom (MDOF) spring-mass-damper system

MX +Cx + Kx = F (3.1)

whereM, C, andK are the mass, damping, and stiffness matrices, reggedi is the
force vectorx is the displacement vector, aiRds the acceleration vector.
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Expanding Equation 3.1 for the system of Figure 3.3b (@ith0) results in:

m O O O 0 O0]|x
Om O O O O]|X
O 0 m O 0 O0|Xx N
O 0 0 m O O0]|X,
0O 0 0 0 m O |X
10 0 0 0 0 my|X]
[ k, -k, 0 0 0 0 "Xl_ [0 ]
-k, k +k, -k, 0 0 0 | X%, 0
0 -k, k,+k, -k, 0 0 |[ % _ 0 (3.2)
0 0 -k, ki+tk, -k, 0 |[x, 0
0 0 0 -k, k,+ki —-ki| X 0
| O 0 0 0 -k Ks [ %] |—P]
Z
- P
Z
(a)
k5
m K me i ma3 i m4 ki m& G - P
(b)
M1 M2 M3 M4 ME MG
& & & & & P
E1 E? E3 E4 ES
(c)

Figure 3.3. Application of FEM to a rod in axial compression. Rad fixed at one end and forced at the
other end. (b) Discretization of the rod into a six-éegof-freedom system. (c) Finite element
representation of the rod using six nodes and five eleanent

31



For a rod in axial compression, the longitudinal defiectirelates to the dimensions,

modulus of elasticity, and force magnitude according to:

F=—— (3.3)

k=—=——="= (3.4)

Since the rod is uniform along its length, each ss#eis equal to:

ki:AE_ AE _4AE _, (35)
L (L/4) L

The masseny are determined for each node by taking the masglea node and node
i+1 and dividing it evenly between nodand node+1. Massesm andmg are equal to
0.1m, and massesy, throughms are equal to Or. The resulting equation of motion for

the system is given by:

‘olm 0 0 0 0 07x%

O 02m O 0O 0 0 |%

0 0 02m 0 0 0 |%|,

O 0 0 02m O 0 |[X

O 0 O 0 02m 0 |%

0 0 0 0 0 0im|¥%]
k -k 0 0 0 Oo7x] [0]
-k 2k -k 0 0 O0|x| |0
0 -k 2 -k 0 0|x|_|O0 (3.6)
0 0 -k 2k -k 0]x]| |o0
0 0 0 -k 2k -k|x| |o0
0 0 0 0 -k kx| [-P
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The fixed end condition is modeled by lettixg= O; the first equation is eliminated and
the system becomes five-degree-of-freedom. This exaspl simple case that can be
solved without special software. Finite element safewpackages such as ABAQUS,
NASTRAN, and ANSYS are useful tools for formulating antvisg models with
complex geometry, material properties, and loading congitio

3.2 Calculating the Structural Acoustic Response

Figure 3.4 shows the design of a structural acoustic te&irptethat was used as
a tool to validate the ESM software. The enclosestior space is a rectangular box (44
%" x 49” x 69 ¥4") minus a triangular section as showne Walls are single-ply, %"
medium-density fiberboard (MDF), and the panel that aosithe window is double-ply.
The window is ¥4” Lexan with a 22" x 36” visible ared;edges are clamped securely.
The enclosure was designed to be constructed in siwsgctlhe panels overhang each
other so all bolted connections can be made frorott&de. Since the inside walls of
the enclosure are smooth, the finite element modefitige interior space was simpler.
A flush-mounted door in the side allows for access ¢artkide. Excitation of the

acoustic space can occur either by driving the anamntspeaker or the window.
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Figure 3.4. CAD model of a structural acoustic test platform.

The theoretical response of the structure acoustiplasbrm was calculated
using ABAQUS — a FEM software package. The accuracyeofribhdel output relies on
the model parameters, so great care was taken whesintp¢ow to define the enclosure
in software.

Establishing the geometry of the panels was thesliegi in the FEM process. For
simplicity, the acoustic space and each panel was modkelethe trim pieces and bolted
joints were neglected and treated as boundary conditiantater stage. The MDF
panels were sized such that the perimeter of each wasedqual to the perimeter of the
corresponding face of the acoustic space. Figure 3.5 ghevesiclosure assembly; the
panel faces were mated to the faces of the acoustie ¢phich is obscured by the
panels in the picture). The windowed panel is double-plyhs inner MDF panel was
constrained to both the acoustic space and the outerpdbél. The window hole in the
inner panel was designed to be two inches longer in \aiadhheight, such that the Lexan
window could be inset and bolted to the outer MDF palmethe model, the perimeter of
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the Lexan plate was fixed to the outer panel. No caimstwas established between the

window and the inner panel.

Figure 3.5. Assembly of the enclosure. The Lexan and MDF panete sized around the acoustic space
(hidden by panels), and the panel faces were mated fadé® of the acoustic space.

The material properties that are used in the finitenete model have a direct
effect on the natural frequencies and damping ratiosecdi¢bustic and structural modes
of the enclosure. The widely-published value for the mdklulus of aifE is 140,000
N/m?, and the density of air is obtained handily from theal gas law:

PV=mRT — p="-F (3.7)
whereP is the air pressurd, is the air temperature, aRE= 287 J/kg-K is the gas
constant for air. The density of air was set to 1.15kigl ABAQUS; this is slightly
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lower than many published values because of the altitaghel thus lower air pressure —
of Blacksburg, Virginia. Lexan is generally manufactui@d tight tolerance; MDF
varies greatly between brands and production runs, buunesasnt of material
properties for each panel would have been impracticdight of this, average published
values of modulus of elasticiey and Poisson’s ratie were used for Lexan and MDF.
Table 3.1 summarizes the material properties that wexkinghe enclosure model. To
calculate the internal damping of the Lexan and MDF, mtap@al damping was

assumed:

C=aM + &K (3.8)

wherea andf are the proportional damping constants. The ratioaetibn polynomial
method of modal analysis [36] was performed to deterrhiadinst ten dominant natural
frequenciesw and their corresponding damping ratids Using a pair of natural

frequencies and damping ratios, the damping constants @aiché&ted according to

¢ =2 +P9 o123 [37] (3.9)
2w 2

Ten different pairings afvalues were used to obtain an average estimateanfl 5.

Table 3.1. Material properties for Lexan, MDF, and air.

Property Lexan MDF Air Units
a 0.000006 0.00012 N/A none
B 0.5 0.5 N/A none
o 1075 800 1.15 kg/m®
E 900 3500 0.14 MPa
% 0.37 0.37 N/A none

Part interactions, boundary conditions, and fordingrtions were modeled after
the enclosure geometry was established. The paretsallowed to breathe as the
acoustic pressure inside changed. The displacerméthe air and panels at the edge of

the acoustic space were tied together. As a p#nales, the air touching it vibrates as
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well; this phenomenon causes the propagation of souncdswave translational
displacement of the enclosure was constrained in sp@tieevuse of boundary
conditions. All edges of the acoustic space — wher®bE panels join together — were
fixed in the x-, y-, and z-directions. The edges wése Bot allowed to rotate; this
simulates the bolted connections on the structural &icdast platform that was built.
Excitation of the acoustic space was achieved byusaidal force (at the frequency of
interest) on the window at a location four inchesdefd down from the top-right corner
of the window. Figure 3.6 illustrates the boundary conaiitiand loads for the enclosure
model.

Figure 3.6. Loads and boundary conditions for the enclosure modeb. blue arrow on the window shows
the location of the sinusoidal force input. The blue gellow arrows indicate the edges that were
constrained in all six (three translational and thiotational) degrees of freedom.
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The final step, before solving, in the FEM processéshing. Figure 3.7 shows
the mesh for the structural acoustic test platforme géneral rule of thumb for finite
element models in acoustics is to used at least sheeks per wavelength. Wavelength

A is related to frequendyby the speed of sourtd

Element with a characteristic length of two inchetis$y this rule of thumb for
frequencies up to 1145 Hz.

Figure 3.7. Mesh of the enclosure model. The characteristic lenfja typical element was two inches,
which provides more than six elements per wavelength.

The response of the acoustic space was calculatedrgtirteger frequency between 50
and 1500 Hz. Above 1145 Hz, the accuracy may be slightly rdchemause fewer than
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six elements per wavelength were used. Since the immdpense is of interest, the
sinusoidal response of the acoustic space was later dibjde/((j c)>+cf) at each
frequency; the result is the response of the acoustie gpaan impulse force on the
window. ESM and HRTFs are applied to the finite elemaemtiel output in Section 3.3.
The model response is compared to the constructed stiuatatsstic test platform in
Chapter 4.

3.3  Application of ESM and HRTFs

After FEM, the next step in the auralization procedsie application of ESM to
an evaluation volume within the modeled acoustic spaa@re 3.8 shows the location
of the head and evaluation spheres that were specifieel head directly faces the
forcing location on the window and is located slighffyaenter is all three directions.
The cyan circles indicate the radii of the evaluaspheresr¢ = 0.14, 0.17, 0.20, and
0.23 meters). The sphere sizes were picked because Figueexl2.7 show evidence
of a numerical error gradient within the chosen rarigeaddition, smaller spheres were
not feasible because the finite element mesh wasneo¢nough. ESM calls for a certain
number of evaluation points per acoustic wavelengB\\L, refer to section 2.3), and
small spheres do not contain a sufficient number of sitaleneet this requirement. A
finer mesh would allow smaller evaluation spheres tevaduated, but this was not
feasible due to the size of the structure and the alaitamputational power.
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A=1g"

Force —pm

B=24"
C=32"

h 4

Figure 3.8. Location of the head and evaluation spheres. ESNapplged to the finite element model
output using four sizes of evaluation sphere (shown in.bltee head location is shown by the red dot.

The eight equivalent source quantities, or quality leviled, were chosen for each
sphere size correspond to 1.5, 2.0, 2.5, 3.0, 3.5, 3.7, 4.0, and 4&lexdisources per
acoustic wavelengtSPWL, refer to Section 2.3). Prior research indicatesrendihing
return on using more equivalent sources at approximalL= 3.7. [31] Figure 3.9
illustrates the eight equivalent source recreationseftoustic pressure field in the four
evaluation volumes (yielding a total of 32 cases). Tigledst quality level corresponds
to SPWL= 4.5, or 258 equivalent sourcéSPWLshould not meet or exce&PWL or ill-

conditioning problems will occur.
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Figure 3.9. Evaluation sphere sizes and quality levels. ESM wdsrpeed at 32 different error levels
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The numerical least-squares (LSQR) error associat&dB&8M is shown in
Figures 3.10, 3.11, and 3.12. Figure 3.10 includes four plots — oeadoof four
different SPWLvalues — indicating that as the evaluation sphere radiusases, the
LSQR error increases as well. Larger evaluation gshesive more nodes contained
within them; the number of nodes increases in propotbahe cube of the radius.
However, according to Equations 2.12 and 2.13, the number obéqiisourcesNES
only increases in proportion to the square of the radilerefore, large evaluation
spheres use fewer equivalent sources per node. The blaslsan Figure 3.9 shows
this ratio; for a 0.14-meter evaluation sphere radisSis almost equal to the number of
nodes, whereas a 0.23-meter evaluation sphere has twaeglyas many nodes as
equivalent sources. This results in a greater LSQR asrevaluation sphere radius
increases (but recall from Figure 2.7 that overall azatdin error decreases with radius).
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Figure 3.11 includes four plots — one for each of four difteegaluation sphere
radii — indicating that aSPWLincreases, the LSQR error decreases. However, at a
guality level of approximatel$PWL= 3.5, the addition of more equivalent sources
appears to have a diminishing return. This observatpees with the theory. For the
largest evaluation sphere, the use of only 2.5 equivalemtss per acoustic wavelength
is sufficient. Figure 3.12 includes four plots — one for eddbur different octave bands
— that show the LSQR error increases with frequendyeaaluation sphere radius and
decreases d$ESincreases. This trend is not obvious for the 125-Hiz2&40-Hz octave
bands (89 to 178 Hz, and 178 Hz to 356 Hz, respectively) sindeSIQR error is
comparable for all sphere sizes &i8Svalues. The error for the 1000-Hz octave band
(712 to 1428 Hz) is large when compared to the other thtegeobands, but it the error
plot is comparable to the theoretical LSQR error platwn in Figure 2.5. The error
discussed here only applies to the impulse response siirtleture; the perceptual error
associated with ESM due to other forcing functions isugised in Chapter 5.
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After calculating the frequency-domain equivalent sounangthsQ, HRTFs
were applied to the equivalent sources in order to cadcthatleft and right binaural
signals (represented by andbg in the time domain, and, andBxg in the frequency
domain). Since the head is at the geometric centtieadvaluation sphere, all of the
equivalent sources are at the same distance from ber @ the head. Thus, the sound
emanating from each equivalent source will reach theecef the head at the same time.
Therefore, all of the sources can be summed in thedcy domain without being
delayed in time. The left and right frequency-domainuiaksignals can be calculated
using

NES

BL(w):iZ:l:Qi(w)EHL(ei_eH’W_%’w) (3-11)

NES

BR(W):;Q(W)EHR(Q _eH’W_%’w) (3-12)

whereQ; is the frequency response function of il equivalent source, attk andH,
are the left and right HRTFs, respectively.
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The HRTFs are functions of acoustic frequetciead elevation anglg;, head
azimuth anglédy, and the elevation and azimuth anglesnd 4, between theth
equivalent source and a reference direction. The referdirection is defined in the
finite element model and points in the same direct®tha positive x-axis. If the head
was not centered in the evaluation sphere, the sowamad need to be delayed hy

which is given by:

i =9 (3.13)
C

whered is the distance between the source and the centiee bBad. The HRTFs can
then be applied in the time domain and used to obtaieftrend right time-domain

binaural signals:

bL(t)=§qu(t—to)D HRIR (6, ~6,,9 - @,.1) (3.14)

ba(t) = > a,(t~t;) DHRIR(6, - 6,,.9 - @, ) (3.15)

i=1

whereHRIR. andHRIRi are the left and right head-related impulse resesiitime
domain equivalents of HRTFS), respectively, gnd the time response of th¢h
equivalent source.

The HRTF set used in this thesis was measuredeoKribwles Electronic
Manikin for Acoustic Research (KEMAR) [33]. The HIRs are defined over the full
range of elevation and azimuth angles {-@@®< 90° and -180 < ¢< 18C’). Figure 3.13
shows the left and right HRTFs at two locationg; HRTF in the left plot corresponds to
an azimuth of 45and an elevation of 59.4above the head and slightly to the left), and
the HRTF in the right plot corresponds to an azimaft-45 and an elevation of 59.4
(above the head and slightly to the right). Thenath angle closer to the right ear has a
greater right-ear response, and the azimuth atggercto the left ear has a greater left-
ear response. The KEMAR set is symmetric witheespo the centerline of the body.
Since the measurements were made on a manikircangfully molded head and torso,

this observation makes sense; the shape and diae béad and torso are primarily
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responsible for shaping the HRTFs at low frequencieligatfrequencies, the pinnae
geometry becomes important to the HRTF).

-25

Azim -459
Elev 59.4°

Azim 459
Elev 59.49

-30

HRETF Magnitude (dB)
a
[Sin]

— Right Ear | |
Left Ear

—— Right Ear | |
Left Ear

0 500 1000 1500 0 500 1000 1500
Frequency (Hz) Frequency (Hz)

Figure 3.13. Left and right HRTFs for two azimuth angles locatedpposite sides of the head. The left
HRTF has a larger amplitude for azimuth angles betweerf €@ 0; the right HRTF has a larger
amplitude for azimuth angles betweénad 180. HRTFs are approximately symmetric about the head.

The frequency response function of the left and rigtdubial signals for four
different head azimuth angle&(= 0°, 45, 9C°, and 180) is shown in Figure 3.14. The
0.23-meter sphere and 258 sources were used in the creatieneidht signals that are
plotted. Low frequencies (between 50 and 600 Hz) and high fiegsgbetween 1200
and 1500 Hz) appear to dominate. The response is alsoatedfiyyd;; although the
individual sources should sound louder to the ear thatselthe total binaural signal
should sound just as loud at both ears. This meanstatditess of their location on the
source sphere, the equivalent sources have approximatelystrengths.

Figure 3.15 shows the time-domain left and right binaugakds. Fordy = 0° —
when the head is exactly facing the forcing locatidhe-impulse response over the first
0.5 seconds after impact is nearly equal in magnitude ape shdoth ears. For
&, = 9C¢° — when the right ear is facing the forcing locatidwe tesponse just after impact

is equal also nearly equal in magnitude at both earsheAtime of impact, the window is
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excited, causing sound to be propagated towards the righfkarstructure’s walls also
begin to vibrate due to the impact and sound propagationatkeehighly reflective, and
the structure’s acoustic response takes a long time heaortler of a few seconds — to
die out after being excited. The multitude of reflectiand sound emissions from the
structure’s MDF walls should reach the left and right @ath approximately equal
amplitudes. The transient response of the structuremmdted by the first acoustic
mode of the structure at 107 Hz.

The evaluation sphere radius and quantity of equivalentssaiffect the
frequency content of the binaural signal. Since a nizajof the LSQR error occurs at
high frequencies, the impulse responses will have différigh-frequency content. High
frequencies are attenuated very quickly, but are imporbattiet sound of the initial
impact. Figure 3.16 shows the percent difference betweeindquency content of the
best case and cases using smaller evaluation spheriesvendalues o5PWL The
difference gets gradually larger as a smaller sphere a@dl &guivalent sources are
used. The psychoacoustic significance of this plotbeilevaluated in Chapter 5.
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Chapter 4: Validation of the Numerical Model

This chapter will cover the construction of the stuuat acoustic test platform that was
described in Chapter 3. The enclosure was built to valite overall numerical model,
which includes the finite element model, the equivadentrce method (ESM), and the
application of head-related transfer functions (HRTFction 4.1 discusses the
physical construction of the enclosure and how it diffesm the model. Section 4.2
shows the measurements that were made on the encdogltleir relation to the finite
element model output. Section 4.3 describes the insartite Knowles Electronic
Manikin for Acoustic Research (KEMAR) into the enclos and the measurement of the
acoustic response at the ears to a structural force iffhng response at the KEMAR'’s
ears is compared to the hypothetical response calcuta&sttion 3.3.

4.1 Construction of the Structural Acoustic Test Platform

In order to validate the numerical model described inp@he3, a structural
acoustic test platform was built in accordance withdigign in Figure 3.4. The primary
goal in design and construction was to hold a tight totaxan the size of the enclosed
acoustic space. See Figures 4.1 and 4.2 for photographssbfiitieire. Medium-
density fiberboard (MDF) and Lexan were the primarydingl materials. MDF was
chosen because of its low cost, wide availabilitgl darability; it is a conglomeration of
tiny wood particles that have been drawn into fibes @ressed together with resin. It is
representative of common building materials such as glgvamd sheetrock. All of the
MDF used for the enclosure was %" thick. It is veab dimensionally, but the
disadvantage to using MDF is that its modulus of elastetyvery greatly (2-5 GPa).
For acoustic research purposes, MDF is still superiother particle board and plywood.
Lexan was chosen for the window material becausts dfgh impact strength and
machinability. Its modulus of elasticity is typicalpO MPa, but there is typically a
large negative tolerance on the thickness. The ¥gtsised in this test had some spots
that thinner than 0.240”. Lexan sheets with a neawdgteuniform thickness are costly.
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Figure4.1. Structural acoustic test platform, complete but witltmar. The enclosure was constructed
from six subassemblies that are all bolted togethergatioeir outside edges.

Figure 4.2. Structural acoustic test platform, complete with dddie door panel clamps into its slot from
the outside, leaving a smooth interior wall.
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The enclosure was constructed from six subassembdiebaht together along
their outside edges as shown in Figure 4.3. Wooden triragigere constructed from
12" x 1¥%2" x 8’ sticks of lumber. The trim was fastérsecurely to the perimeter of
each subassembly via wood screws. The large top at@hbpanels were prevented
from sagging by attaching additional trim pieces for suppbigure 4.3 shows the
connection of three subassemblies (it is a detailedngie- taken from a different angle —
of the top-right corner in Figure 4.2). The MDF panelsengzed to overlap; when the
bolts connecting the trim pieces on adjacent panels tightened, the MDF panels were
squeezed together to minimize the gaps along the seatine mside. Figure 4.4 shows
the interior of the corner in Figure 4.3; the seamsatebstructed by any trim pieces.
The acoustic space was modeled as a five-sided extruglosharp corners in
ABAQUS, so it is important that the enclosure wasstartted with all of the bolted
joints on the outside.

The windowed panel is the only side of the enclosisiedédrom the door itself)
that was constructed using double-ply MDF. The Lexan windattached to the outer
MDF panel and clamped down around its perimeter by %2"-tdiskinum bars. The
inner MDF panel is attached to the outer panel by scmewhe middle and bolts around
the edges. The window is not attached to the innel.p&igure 4.5 shows this
connection in greater detail. The door panel is a deplplpiece of MDF that fits
securely in a slot (shown in Figure 4.1) and gets clampea dasvshown in Figure 4.2).
This design allows easy access to the acoustic spaleeméntaining a smooth interior

wall.
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Figure 4.3. Connection of three subassemblies (distinguishedéosetthlines). The trim is attached to the
MDF by screws (i.e. blue circle) and the subassemaliedolted (i.e. green circle).

Figure4.4. Interior of the connection shown in Figure 4.3. Thams (outlined in green for clarity) are
not covered with any trim pieces, so the acoustic spasesharp corners as designed.
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A 112" Aluminum Bar
B. Outer MDF Panel
C. 14" Lexan Window
D. 1/2" Aluminum Bar
E. Inner MDF Panel

Figure4.5. Attachment of the ¥"-thick Lexan window. The photgdravas taken from the inside of the
enclosure. The light conditions caused the window to apjezeptively thin.

The maximum dimensions of the interior of the enclesre within %4” of the
44%5” x 49" x 69¥4" acoustic space that was modeled in Chapt&h8.density of air,
MDF, and Lexan used in the enclosure were measured lixfmige entered into the
model (see Table 3.1 for values). Although the modulutasfieity and Poisson’s ratio
were not directly measured for the MDF and Lexan, timepitay values were calculated
from measured data. The bolted connections along tle @ages were approximated in
ABAQUS by constraining the edges in six — three rotati@nd three translational —
degrees of freedom. Modeling all of the trim pieceswssr and bolts would be
impractical; the lumber properties vary greatly from @isx piece, as does the clamping
force due to the fasteners. These uncertaintieyjgicakin the construction process.
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4.2 Validation of the Finite Element M odd

To check the finite element model for validity, thedaboutput was compared
with the measured frequency response functions (FRFEBg @tructural acoustic test
platform that is described in Section 4.1. To measwé&RFs, two types of forcing and
two types of output were used. The acoustic space couldvee dnth a mid-range
speaker in the corner of the enclosure near the dbiwe.structure could be excited by a
shaker that was attached to the Lexan window as shokigure 4.6. The shaker
location is two inches over and two inches down fthentop-right corner of the window.
It was hung with two bungee cords so the body was frete; the goal was to
simulate the way an impulse force would excite the winddWwe stinger was attached to
the window using superglue. A force transducer (PCB Piezicg 208C01) was placed
inline with the shaker’s stinger to measure the ingnly one method of forcing was
used at a time.

Figure 4.6. Attachment of the shaker to the Lexan window of thecstiral acoustic test platform.
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The enclosure was instrumented with microphones ankllbfe walls were
instrumented with accelerometers. Both drive methoed asvhite-noise input that was
high-pass filtered at 50 Hz and low-pass filtered at 2000THi2 noise was generated on
a laptop computer and played over the headphone output jaeksigial was fed into a
filter (Ithaco 4302 Dual 24dB/octave) and then through an éengdlyamaha HTR-5440
receiver). The microphone, accelerometer, and fmacesducer outputs were passed
through a signal conditioner (PCB Piezotronics 433A wétcP Panel 070A17) and fed
into a National Instruments SCXI-1001 data acquisitionsibas he sampling rate was
8192 Hz, and ten four-second samples were taken for easffetréunction. Four types

of transfer functions were measured:

» Microphone output per speaker input
» Accelerometer output per speaker input
* Microphone output per shaker input

» Accelerometer output per shaker ouput

The first observation was that the microphone FRE&ewemarkably similar for both
speaker and shaker forcing. FRFs for both types ofigpi@mntained acoustic modes and
structural modes. As expected, the shaker excitesrtieigte and the acoustic space. In
addition, the sound emanating from the speaker causesubtigal walls to vibrate.

The accelerometer FRFs indicate this phenomenon laslivef them contain both
acoustic and structural modes. The magnitudes of thevitvations are approximately
the same for shaker and speaker input (with the exceptimeasurement points close to
the shaker). Since the shaker and speaker do not thesgructural acoustic test
platform differently, only the shaker was used for #m@ainder of this analysis.

The comparison between the finite element model aménhklosure’s actual
response was performed in two stages. Initially, ribguiency range between 50 Hz and
250 Hz was investigated. The six most dominant acoustiemwere measured, and the
material properties were altered slightly to make tt@iresponding natural frequencies
match as closely as possible. As discussed in S&@phere is a degree of uncertainty

associated with the densities, Young’'s moduli, and dampiefficents in the finite
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element model. Following adjustment of the model, titidréquency range — 50 Hz to
1500 Hz — was investigated. The damping coefficients dfbE were modified until
the modal density and peak heights in the magnitude plbeahbdel’'s frequency
response matched the magnitude plot of the measured FRFs.

To measure the acoustic modes between 50 and 250 Hz, thermplarophone
array shown in Figure 4.7 was constructed from PVC pipdittinds. The perimeter of
the array has the same shape as the cross sectlmsifuctural acoustic test platform; it
is placed at different depths of interest in the encéasiihe pipes can be reconfigured to
produce even more measurement locations. Only 30 micnephwere used, but 472
FRFs were measured by using the array in eight locatiesh$wo configurations. The
measurements showed that the acoustic natural frequereiesoughly 2-6% higher
than the model predicted. The density of air was losvewel.15 kg/my, which according
to the ideal gas law is a good estimate for the danksburg, Virginia. Damping was
added to the model as well, since the original peaks twerkarge; the first model did not
include any damping. All other parameters were unchangigdire 4.8 shows the final
comparison between the finite element model output anddasured “microphone
output per shaker input” between 50 and 250 Hz. The six moshaanacoustic natural
frequencies (107, 143, 173, 191, 218, and 235 Hz) are highlighted withtanageles.
Both curves use data from Location 2, which is indicatdéigure 4.9. For more
information about how the planar microphone array ugesl to collect and evaluate the
structural-acoustic data, refer to Appendix A.

60



Figure4.7. Planar microphone array. This setup allows for #péd measurement of “microphone output
per shaker input” FRFs at all locations inside the ek
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Figure 4.8. Final comparison between the finite element model owtpdtthe measured “microphone
output per shaker input” between 50 and 250 Hz. Five of thm@sx dominant calculated acoustic modes
appear to be present in the measured enclosure FRF.
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After a satisfactory match between the model anarids@sured FRFs was
obtained between 50 and 250 Hz, the solution was calcutatéief full frequency range
of 50 to 1500 Hz. Since ABAQUS calculated the respondeeaémclosure to a
sinusoidal force input at each frequency, and the impuig®nse is of interest, each
point in the modeled FRF was divided d&(j «)*+c) to obtain the impulse response
FRF. The subsequent output showed just as many modesrmasabered FRFs, but the
peaks were significantly higher than the measured pediis.résult indicated that the
damping coefficients needed to be raised in the modelveMer, the addition of more
damping would the modes to have lower peaks and becoménpdishable in the
magnitude plot. Suitable andf values were chosen to strike a balance between modal
peak height and modal density. The final model paramatershose listed in Table 3.1.
The output was calculated in ABAQUS using the final paramsgfigure 4.10 shows the
comparison between the model and the measured FRFsatidrol and Location 2
(shown in Figure 4.9).
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Figure4.9. Locations used in the comparison of the finite el@nmeodel output to the measured FRFs.

The correlation between the finite element model oudpdtthe measured FRF at
was 36.1% at Location 1 and 35.3% at Location 2. From Fgafk it is apparent that a
difference in the FRFs exists between 800 and 1500 Hz.mdHdel response contains
many modes, and thus an extremely high modal overlapr fecpresent; few modes
stand out and dominate the response. The physical erelogs many more modes
between 800 and 1500 Hz that arise from elements thatneeéraodeled such as the
door and stiffening ribs that are attached to the baelad the panels. The model is
symmetric and the structure is not (due to imperfecttoactson), so several instances of
mode splitting appear in the measured response. Althouglerically, the correlation
coefficient is low, the binaural signals that wereated from the finite element model
output sounded very similar to the physical excitatiothefenclosure. The numerically-
large discrepancies occur as a result of small deviatiathe material properties and
boundary conditions from their modeled values. Few@high-frequency modes
overlap, but the two very-different frequency responaasoccur in two very similar
instances of the same structure [20].
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4.3 M anikin M easurements

The binaural acoustic response at the ears of the kéadwectronic Manikin for
Acoustics Research (KEMAR) was calculated using a feleenent model and ESM in
Section 3.3. After obtaining a satisfactory matchwveein the predicted response from
the finite element model and the measured response sfrilctural acoustic test
platform, a KEMAR was placed in the enclosure as shaviigures 4.11 and 4.12. The
manikin was oriented such that it faced the shaker,hwkas coincidentally at nose-
level. The response was measured at both ears usinigaBdlikjser microphones. Their
output was passed through a Briiel and Kjeer signal condiamaeinto a National
Instruments SCXI-1001 data acquisition chassis. For égaél,sten four-seconds

samples were recorded at 8192 Hz. The transfer functen®én the left and right ear

signals and the shaker input (taken from a force transdweee measured.

Figure4.11. KEMAR inside the structural acoustic test platform.eTasponse at the ears was measured
and compared to the calculated response shown in S&8cBon
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Figure 4.12. Position of the KEMAR in the enclosure.

Binaural signals were measured for five head azimuth su@le= 0°, 45°, 90°,
135°, and 180°) at head elevation angle= 0°. For the first and last angles, the left and
right ears are at the same distance and angle froah#ker, but for the other three cases,
the right ear is spatially closer and aimed closehéoshaker. In theory, the right and left
ear impulse response signals should be nearly identic8l fo 0° and4y = 180°. The
initial impact should sound the same at both ears, anceflections will have similar
frequency content. Since the enclosure is not synevaiout the centerline of the head,
differences between the left and right signals surf&oe.thed; = 45°, 44 = 90°, and
&, = 135° cases, the initial impact should reach the righfiest. In addition, the
magnitude of the impact should be greater at the rightReflections will come from all
directions, so the frequency content of the left aglit rsignals should be similar, just as
in the & = 0° andd; = 180° cases. The intensity and arrival time of eaflbction
differs for each ear. The difference between thealed right signals should be greatest
for &4 = 90°, and the difference should increase with frequency.

Figures 4.13 and 4.14 show a comparison between the measdrealcautated
binaural ear responses for four head anghks=(0°, 45°, 90°, and 180°). The calculated

binaural signals were generated by applying ESM and HRY #eetfinite element model
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output as outlined in Section 3.3. The acoustic resportée @nclosure to a sinusoidal
input was determined in ABAQUS, and the output was divided/{§jc)*+c) at each
frequency to obtain the impulse response. ESM was afpii¢dur different evaluation
sphere radii (ranging from 0.14 to 0.23 meters) and eightefiffeuality levels (ranging
from 1.5 to 4.5 equivalent sources per acoustic wavelengtg. KEMAR HRTF set
was applied to the equivalent source sets to produce tlanéefight binaural responses.
The modeled responses shown in Figures 4.13 and 4.14 useydst &@raluation sphere
and the greatest number of equivalent sources (258). fEat @f using fewer sources
and smaller evaluation spheres will be investigated psydustically in Chapter 5.

Figure 3.13 shows azimuth anggs= 0° andd,; = 180°; the manikin is facing
directly towards the shaker and directly away from tfaksr, and as predicted, the
measured binaural signals are approximately equal in magmiheifeequency content.
The interaural time delays, interaural intensity delaysl pinnae effects are the same at
both ears since the manikin is symmetric. Howetv@me are more clearly defined
modes between 800 and 1500 Hz at the left ear in thedsstand the right ear in the
second case. This indicates that the doored MDF mahakimore vibration modes in
that frequency range than the non-doored panel. Thi®pieon would not be
apparent in the modeled response because the door wasdeled; the panel was
treated as though it were a continuous sheet of MDF.

Figure 3.14 shows azimuth angés= 45° and4; = 90°; the manikin is oriented
with its right ear pointing closer to the shaker. Ha second case, the manikin is facing
the door. The modeled responses are the approximagedathe at both ears for these
head angles, but the measured responses differ. Theaigtésponses are similar in
magnitude to the left ear responses between 50 and 600réin 6B0 to 1200 Hz, the
average response is several decibels greater at theaighAt higher frequencies, the
left and right binaural signals become equal in magnitudia,agdicating that the
response is dominated by reflection-induced vibratiath@MDF walls in this range.

The numerical correlation between the measured respanskethe calculated
signals is low. However, upon initial listening, theisds of the modeled and actual
binaural signals are very similar. Analysis of th@ahbral signals in the time domain will
be performed numerically and subjectively in Chapter 5.
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Chapter 5: Psychoacoustic Testing

Chapters 3 and 4 discussed the numerical associated witinttize acoustic prototyping
process. Inthe same way the finite element modethk-ibput and output — does not
perfectly represent the physics of the enclosure thataenstructed, the equivalent
source method (ESM) cannot exactly reproduce the prefssdréhat was calculated in
ABAQUS. Head-related transfer functions (HRTFs) arly discrete approximations of
a typical head, so their application only closely estas the binaural signals that a
person would hear. This chapter discusses the psychoadesthg that was performed
in order to relate numerical error to perceptual diffeesnn the comparison of two
signals. Section 5.1 explains the reason for subjeistang, and Section 5.2 describes
the interface and test procedure. The results of thectivie testing, including the
allowable error level for ESM, are discussed in Secdi3. The signals used in the
subjective testing were preprocessed; a real-time haakietd configuration was not used
because the only available real-time auralizatiotesyfad not been fully debugged at

the time of testing.

5.1 Reason for Psychoacoustic Testing

As discussed in Section 2.3, an auralization can begeoafl to produce very
low error level if sufficient computational power isaglable. By using careful finite
element modeling (FEM) techniques, larger evaluation splaegreater number of
equivalent sources, and densely-measured HRTFs, a bisgmalcan be produced over
a set of headphones that will give a listener the iegiwe that he is actually in the
modeled structure. However, numerical difference betwsersignals does not
necessarily cause a perceptual difference between wwlso Figure 5.1 illustrates this
point; the plot on the left contains a decaying sineenfaed) and a copy of this signal
with a slight delay in time (blue). It is obvious frahe substantial amount of white
space between the two signals that the numericaletiiberis relatively large. However,

if the two signals were played sequentially over a Eaeadphones, a listener would not
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be able to determine which one contains the deldne plot on the right contains a
decaying sine wave (red) and a slightly noisy copy efglgnal (blue). The numerical
difference between these two signals is very sniiaihe signals were played

sequentially over a set of headphones, a listener wewddble to pick out the noisy

signal very easily.

Magnitude

Magnitude

Time Time

Figure5.1. Two signal comparisons. There is a large numeri@rence (and almost no perceptual
difference) between the two signals in the left gragpid a large perceptual difference (and a small
numerical difference) between the two signals in tgletrgraph.

The goal of the psychoacoustic testing described irsémBon is to determine the
evaluation sphere radius and the number of equivalent sopeceacoustic wavelength
that are needed to create an accurate auralizatiocur#ay is determined by whether or
not a typical listener can hear a difference betweenbinaural signals. One reference
signal is created using the greatest number of equivaantess and the largest
evaluation sphere. The other signal uses a smallererurhisources and an equal-sized
or smaller evaluation sphere. The evaluation spheeeasid number of sources can be
chosen to provide an acceptable level of error witkeaxaeeding the maximum available

computational power.
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5.2 Interface and Test Procedure

The psychoacoustic testing in this thesis consisss4i-minute sound
comparison exercise. Pairs of sounds created froimirtaaral output of the virtual
acoustic prototyping process were played over a set dpheaes and the test subject
specified whether of not he could hear a differencachBubject performed 204
comparisons; three different sound types, four evaluabhmme sizes, and eight
equivalent source quantities were used.

According to Figure 2.7, the lowest numerical error inkdin@ural signal occurs
for a large evaluation sphere and many equivalent sourégsre 5.2 shows the 32 error
levels that were used in the test — with the loweasitrdreing in the top-right corner. The
magenta and blue circles indicate the cases for evatusphere radii 0.14, 0.17, 0.20,
and .23 meters using 1.5, 2.0, 2.5, 3.0, 3.5, 3.7, 4.0, and 4.5 equseaissds per
acoustic wavelengtSPWL, refer to Section 2.3). All but nine comparisons were
between a particular noise type at the lowest erve, lendicated by the magenta circle,
and the same noise type at one of the other errelsleWine tests of the reference case
versus itself — three for each noise type — were incltale@termine the trustworthiness
of the subject’s responses. The red circles in Fig@slow the number of evaluation
points that were used to calculate the equivalent sowandghe green circles show the
total number of nodes in the evaluation sphere. Tdtectses were chosen such that the
number of equivalent sources did not meet or exceed eithieese quantities. A finer
mesh would allow more equivalent sources, but there &vidence that more sources

would significantly reduce the numerical error.
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Figure5.2. Subjective test cases. Binaural signals at 32 ezveid (magenta and blue circles) were
compared to the signal that uses the largest evalugi@resand the most sources (magenta circle).

The three noise types used in testing were impulsiveJ {engine noise), and
broadband. The finite element model output is the respointdhe acoustic space to an
impulse force on the window. Thus, the binaural sigmatl tesults from the application
of ESM and HRTFs is a rapidly-decaying sine wave; thdas as if a window was
being tapped or hammered. To obtain the structural resporasdifferent forcing
function, then that forcing function must be convolvathwthe impulse response. In this
testing, the binaural impulse response was convolvedtwithsignals consisting of:

» a series of seven harmonics (200, 400, 600, 800, 1000, 1200, and 14@&xklz).
harmonic had a lower amplitude than the one beforéhe resulting time signal
sounds like the horn of a car.

* white noise with frequency content between 50 and 1500THe. resulting time
signal sounds like the interior of a car on the ingtesor the interior of an aircraft

cabin.
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* aHanning pulse. This convolution gave the impulsive sothatsvere played
during testing; A pure impulse has zero width (which doe®xist in practice).
The Hanning pulse has a width on the order of one eaitied, and the resulting
time signal sounds like a realistic structural impact.

* engine noise. This sound consists of eighteen harsaiitic amplitudes that
increases slightly with time. The sixth, twelftindaeighteenth harmonics are

dominant. The resulting time signal sounds like a rewhktgengine.

The spectograms of these signals are shown in FigureCmly.the Hanning pulse, white
noise, and engine noise were played to the test sufjeetseason for this is that ESM
does not appear suitable for use with a purely tonal sidgngbwill be explained in
greater detail in Section 5.3). Each of these threaed®was convolved with the 32
binaural impulse responses that correspond to the exr@s] A total of 96 sounds were
created and used in the psychoacoustic testing.

Each noise type was used in 68 different comparisons; ts/aesach noise type
correspond to one of four evaluation sphere sizes. bablshows the matrix of tests.
Matrix of test cases. S1, S2, S3, and S4 are the ewalisgthere sizes from smallest to
largest, and N1, N2, and N3 are the noise types (imputsiial, and broadband,
respectively). The sphere size and noise types tad bd the top of each column, and
the quantities of equivalent sources — which will be eetfiguality” from now on — are
listed in the rows (with “1” being the lowest qualitylab SPWLand “8” being the
highest quality of 4.5PWL. The first seven rows indicate comparisons between
reference sound and a less accurate sound. The lowass@unds are shown with red
text, and correspond to the largest evaluation spherthardghest quality. Rows eight
through ten all use the highest quantity of equivalent ssuit.5SPWL), but varying
sphere sizes. The nine numbers shown in red sigeifieibeat cases, and are intended to
test the credibility of the subject’s answers. Tihalfseven rows are labeled “It” and
indicate the iterative tests. For each sphere sideaise type, seven iterative
comparisons are made. The first iterative companses quality “5”, and next six tests
use a quality level that depends on the subject’s pri@tite comparison answers for
that particular sphere size and noise type. If the suipdicates that he can hear a
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difference in the iterative comparison, then the itexative comparison will use a higher
quality; if the subject indicates that he cannot hedifference twice in a row (for the
same pair of sounds), then the next comparison wilhuseer quality.

Table5.1. Matrix of test cases. S1, S2, S3, and S4 are the spiiessfrom smallest to largest, and N1,
N2, and N3 are the noise types (impulsive, tonal, andibeval, respectively).

SIN1 S2N1 S3N1 S4N1 SIN2 S2N2 S3N2 S4N2 SIN3 S2N3 S3N3 S4N3

00O ~NO UL WNPE
0000 ~NO UL WNDNPE
0000 ~NO UL WNPE
OO0 ~NOOUAWNDNLPE
00O ~NO UL WNDNPE
00O ~NOULA WNPE
00O ~NO UL WNDNPE
00O ~NOOULAWNDNLPE
00O ~NO UL WNDNPE
00O ~NO UL WNDNLPE
00O ~NO UL WNDNLPE
OO0 ~NOOULBA WNDNPE

At the beginning of each subject’s test, a 204-by-2 “onckirix” was created to
store the sequence of the test cases shown in Tabld Be elements of Table 5.1 were
chosen in a random order and their row and column numieesplaced in the 2-
element rows of the order matrix. The noise typesluation sphere sizes, and quality
levels were mixed so the subject could not acclimatsélf to a particular sound.
Beginning at the top of the order matrix, the pairsoninsls were played to the subject,
and after each pair was played, he was asked to inditetthev he could hear a
difference. The test cases and the subject’s respamsesstored in a data file.

Figure 5.4 shows the National Instruments’ Labview fater that was used in the
psychoacoustic testing. Once the subject agrees toipai# in the comparison exercise,
he is directed to the interface. After reading th&uasions, the subject clicks on the
“Start” button and the first pair of sounds is playedpod-up window asks “Do you hear
a difference?” and the subject clicks “yes” or “no”.oientarily, the next pair of sounds
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is presented, and the process repeats. The total Bkotest time is 45 minutes; the
interface stops running after time runs out, even 2@l tests have not been completed.
Testing occurs in three periods of 15 minutes, with arfirute break between each.
All instructions and break periods are built in, so thigexct does not need to interact
with an examiner during the testing (thereby elimirgatine potential source of major

error).

5.3.  Resultsof Subjective Testing

The psychoacoustic test outlined in Section 5.2 was ¢av@2 subjects that were
obtained from the Virginia Tech faculty and student bo#élgproximately half of the
subjects work for the Vibration and Acoustics Laboragrbut few have experience
performing or administering subjective tests. Four stbj@ere given the test twice to
determine consistency between trials (for a totdl@®élata sets). The number of subjects
was sufficient to achieve a strong correlation betweeory and the psychoacoustic test
data. The test environment is depicted in Figure 5.5.rddw is approximately 12-feet-
by-12-feet with a carpeted floor. The walls and ce#ing covered in a burlap-type
material and cover a several-inch-thick layer ofrfijtess insulation. The walls and
ceiling absorb most sound above 500 Hz. The computerananplaced on a table in
the center of the room, and the user sits facing #waythe door. The user has access
to the headphones, a keyboard, and a trackball. The cemgypiositioned under and
behind the table; for noise reduction, thick melamuant covers three sides and the top
of the computer. Some ambient noise enters thegesiom through and around the
door. Subjects were asked whether or not they notimgtd@hersome sounds emanating
from outside of the room. The noise, which congisimarily of occasional faint
footsteps and pinging from nearby steam pipes, is nofisartiin magnitude. Only one
subject mentioned that he could hear the background heiseted that it was a

conversation between two people that only lasted asémends.
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Each subject’s responses were stored in a matrixi&emne shown in Figure 5.6.
The test number, quality level, evaluation sphere sazisge type, and corresponding
response is shown in each row. The number of sounmoesmses from quality “1” to
quality “8”, and the evaluation sphere radius increases §ive “1” to size “4”. Noise
types “1”, “2”, and “3” correspond to impulsive, engine, andaolband sounds,
respectively. Comparisons were between the casensinaive table and the case of

sphere “4” and quality “8” for the same noise type.

Figure5.5. Subjective testing environment. The picture is tefkam the door.

The 204-row matrix was then divided — based on noise typ@-three sets of 68
rows. For each noise-type, three matrices werdentess shown in Figure 5.7. The rows
in these matrices correspond to quality levels anddharms correspond to evaluation
sphere radii. The response matrix contains the swat @ffthe subject’s responses for
each of the 32 different cases presented for the ngise Each element corresponds to a
particular case, and the value is equal to the numbéned the subject indicated that he

heard a difference for that case. The cases mambams the number of times the
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subject heard each case. To obtain the percentages, it responses matrix was
divided (element-by-element) by the cases matrix. pdreentages matrix contains the
percent of times the subject could hear a differencedoh case. Each subject’s
responses were checked for validity; this was done lyngnaure the number in the
eighth row and fourth column did not exceed 0.33. The betigimh corner of the
matrices corresponds to a comparison of the best gaatityargest evaluation sphere
case versus itself. If the subject indicated thatdaeda difference more than one-third

of the time, his data was not included in the follonamglysis.

Test No. Quality Sphere Noise Response
1 1 4 3 1
2 6 2 1 0
3 5 3 1 1
4 5 2 3 0
5 6 4 2 0
6 5 3 3 1
7 5 3 2 0
8 5 3 3 1

Figure5.6. Sample table of responses. A table like this oreegeaerated as each subject performed the
listening test. No difference is indicated by “0” andlifference is indicated by “1” in the response
column.

Response Matrix Cases Matrix Percentages Matrix

1 0 1 © 1 1 1 1 1 0 1 0
1 0 1 1 1 1 1 1 1 0 1 1
1 1 0 1 2 1 1 1 0.5 1 0 1
2 0 2 2 | divided 4 1 4 5 |equals |05 0 05 0.4
O 4 0 1 by 3 5 2 4 0O 08 O 0.25
1 0 0 © 2 3 3 1 05 O 0 0
O 0 1 © 1 2 2 1 0 0 05 0
O 0 0 O 3 3 3 3 0 0 0 0

Figure5.7. The subject’s response data is used to generate tlomsesgases, and percentages matrices.
The percentages matrix contains the percent of tineesuthject heard a difference for each case.

For each noise type, quality, and sphere size, the respoatrices for all subjects

were added together. The cases matrices for all sslbyece also added together, and

the three overall responses matrices were dividedebthtiee overall cases matrices to
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produce an overall percentage matrix for each noise type.overall cases matrices are
presented in Table 5.2. The iterative portion of thgestilze testing allowed for more
comparisons between sounds near the perceptual threspmld of theNESr. plane
(number of equivalent sources and evaluation sphere radms) pwhere it is more
difficult for a listener to tell whether or not twownds are different.

Table5.2. Total number of trials for each noise type, quaityd sphere size. The iterative testing
allowed for more trials near the perceptual threshanreof theNESr, plane.

Impulsive Broadband Engine Noise

Q1 12 12 12 12 |12 12 12 12 |12 12 12 12
Q2 12 12 13 15|12 12 14 12 |15 16 15 15
Q3 14 18 18 23 (13 13 16 13 |20 24 22 28
Q4 25 3 35 33|19 21 20 20|28 37 37 39
Q5 44 42 46 39|38 38 43 52 |44 36 40 37
Q6 33 28 26 28 |37 38 36 33|29 22 25 23
Q7 24 20 16 17 |30 29 24 22|18 18 16 14
Q8 40 37 38 37|43 41 39 40|38 39 37 36

S1 S2 S3 S4 S1 S2 S3 S4|1S1 S2 S3 S4

The results of the subjective testing were comparedegmiimerical correlations
between the binaural signal pairs. The numerical tiva sounds was performed in
the time domain. The correlation coefficient R betw two time-domain binaural

signalsb; andb; is given by

R(D,b,) = D) o (5.1)

1~ 2

whereog; ando; are the standard deviationstafandb,, respectively, and col(,b,) is

the covariance, which is defined by
cov(o,,b,) = ((b, — )b, - ,)) (5.2)

whereys andy, are the mean values of theandb,, respectively, an«j ) Is the mean

operator. The numerical correlations coefficiaarts plotted in the top halves of Figures
5.8 (impulsive), 5.9 (broadband), and 5.10 (engmise). The plots show the numerical
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correlation coefficients between the best casgdltrevaluation sphere and most
equivalent sources, which corresponds to top-right cousesus the other cases, which
are indicated with a black dot. The valueRdbr the best case versus itself is always 1.0,
andR typically decreases smoothly as the evaluation steireks and fewer equivalent
sources are used. The drop-off in numerical correlétiothe less accurate cases
depends on the noise type. The lowest quality sound matbrhallest evaluation sphere
has a 90% correlation with the best case when tlse gpe is impulsive, but the
correlation drops to 60% when the noise type is broadb@hd.lowest correlation for
engine noise is approximately 80%. This makes sensed®etae numerical ESM error
is greatest at higher frequencies, and the broadbandtypéseas the greatest high-
frequency content.

The bottom halves of Figures 5.8, 5.9, and 5.10 show theiyedahfferences
between pairs of binaural signals in tYESr. plane. The data points are denoted by
black dots; the numerical values at each dot are themeage of the trials in which the
subjects indicated that they heard a difference bettiettase and the best case. The
trends in the psychoacoustic test data and the numeoicalation plots are similar for
all three noise types (the color scale is invertad/éen the two types of data because the
top plots show correlation and the bottom plots shofereifices). For all noise types
there are regions in the NES-re plane that correspohthéaural signals that are
indistinguishable from the best case signal. This regitargest for the engine-revving
sound; the value ot or SPWLcan be cut by 40-50% from the best case before subjects
begin to notice a difference. For the impulsive nojpe, the value of. or SPWL can
be reduced by 30-40% from the best case before subjecatstbawitice a difference.
Subjects are most sensitive to changes andSPWLwhen listening to the broadband
signals. This makes sense because, in general, theicalroerrelations are lower for
the broadband signals. In the upper frequency range, LBQRf®m ESM is greatest;
of the three noise types, the broadband signals cahi&imost high frequency content.
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The next step in the data interpretation is to obt&ieasible, a linear fit between
the numerical correlatior’$ and the perceived differencBsfor each noise type. This
curve will allow a structural designer or psychoacoustt proctor to predict what
percentage of subjects will hear a difference betwwerstgnals with a known numerical
correlation and noise type. The 32 data points — indidatélde black dots in Figures
5.8, 5.9, and 5.10 — were used to determine the coeffiggatsla; in the linear

regression model

D=a,+aN (5.3)

The linear fits for each noise type are plotted in Fagud 1. Thirty-two blue dots mark
the “perceived difference versus numerical correlatdata points in th&l-D plane; the
magenta lines were calculated using by applying a leastesyjtegression algorithm. A
straight line appears to be the proper curve for the dé¢at, the correlation coefficients
and P-values were calculated for ti® pairs of each noise type. A P-value is the
probability of obtaining a correlation coefficient l@gh as the calculated correlation
coefficient by random chance (when the true corelat actually zero) [39]. As a
general rule, two data sets are significantly corrdldtine P-value is less than 0.05; this
is true for all three noise types. The correlation§9% (impulsive), 68% (broadband),
and 60% (engine noise) are statistically significanthéfnoise type is known, then the
model introduced in Equation 5.3 can be used to predict a peatefterence between
two sounds in the presence of a numerical correla#fdiiinear regression and

correlation coefficients, as well as P-values, aramarized in Table 5.3.

Table5.3. Linear fit and correlation coefficients for thengparison of the perceptual differences to the
numerical correlations.

Qo a R P-value
Impulsive 4,94 -4.55 0.59 0.000419
Broadband 1.49 -1.04 0.68 0.000022
Engine Noise 1.49 -1.23 0.60 0.000282
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In addition to the impulsive, broadband, and engine-reuwnsges, a purely-tonal
noise type was psychoacoustically tested using four sapjbet spectrogram for this
noise is plotted in the top-right corner of Figure 5.3¢e Pphre tone contains a 200-Hz
component and smaller amounts of the next six harmoribirty-two binaural signals
were created using the same values ahdNESas for the other three noise types, and
the same comparisons were presented to the subjdatspurely tonal noises were
mixed with impulsive and broadband signals to preventubgst from learning the test.
Figure 5.12 shows the perceptual difference between thedmset and the other cases
(indicated by black dots); the numerical correlation gatearly identical to the plot for
the engine-revving noise (top of Figure 5.10). Howevergestdwere able to
consistently tell a difference between all pairsin&bral signals except for the trials of
the best cases versus itself. The numerical ESM Brrmt large when it is averages
over the entire 1000 Hz octave band, but the error &tfeaguency can be large; only
seven frequencies are present in the signals. Theiysetahfferences in the binaural
signals are large for all comparisons except for tisé deese versus itself, which means
that humans are sensitive to moderate changes indpernions of the various tones that
are present in a sound. Even the best case may actbiate; if the evaluation sphere
size was increased and more equivalent sources were #aeldihaural signal would

likely sound different from the current best case.
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Figure 5.12. Numerical and perceptual difference between the highestygbedaural signal and sounds
created with fewer equivalent sources and smaller evatuspheres. These two plots show the results for
a purely tonal noise; the black dots indicate the poiretswere tested.

The plots in Figures 5.8, 5.9, 5.10, and 5.12 indicate that thestreess of ESM,
when applied to the finite element model output of a sirsiplectural design, is heavily
dependent on what type of noise signal is exciting tletstre. For impulsive or
broadband excitation of the structure, using only 3.7 e@uitvvaburces per acoustic
wavelength is adequate from a perceptual standpoint. Wikengut has frequency
content that is changing in time, as is the caskdrehgine-revving noise, then a binaural
signal using only 2.5 sources per wavelength may be irglissimable from a signal that
uses 4.5 sources per wavelength. For all three typesitdt@n, a point of diminishing
return on the evaluation sphere radius exists. Largduaion spheres require more
equivalent sources to recreate their internal sourdj fighich translates to a greater
computational power requirement; there is typically an ufypéron the number of
sources that can be handled by the auralization hardvizx@tation that contains only a
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few frequencies that are not changing in time producesewaere ESM may not be
feasible. No point of diminishing return on the evaarasphere size or the number of
equivalent sources was determined for the purely tonsérigpe; at least 4.5 sources per
wavelength or a huge evaluation sphere must be used.

For three noise types, the relationship betweenuhgerical correlation of two
binaural signals and the percentage of subjects thgbevdeive a difference between the
sounds was established. If the noise type and numeoig&lation between two sounds
is known, then the ability of subjects to perceivef@ince can be predicted. If ESM is
used in the psychoacoustic evaluation of a simple structesgn, then an appropriate
number of equivalent sources can be chosen in ordeottupe the desired numerical
and perceptual accuracies.
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Chapter 6: Conclusion

This thesis summarized the author’s work in the fieldiwfial acoustics. The equivalent
source method — which is integral to the real-timedheacked auralization of a modeled
structure — was evaluated both numerically and psychoacallystiSection 6.1 provides
a summary of the first five chapter of this thesid egiterates the important conclusions
that were drawn. Section 6.2 suggests areas for fututetivatrrelated to virtual

acoustic prototyping.

6.1 Summary and Conclusions

This thesis began with an introduction to virtual aceasind a description of the
research that was performed. Chapter 1 started withngtida of virtual acoustic
prototyping; the definition was followed by a descriptadrhead-related transfer
functions (HRTFs), the equivalent source method (ESht,the use of finite element
modeling (FEM) in the auralization process. The maitvefor virtual acoustic
prototyping was also established; it can be a usefulidbke design and subjective
evaluation of a structure’s acoustics. Engineering feamssave a lot of money by
auralizing and enhancing the acoustics of an automabaéfice building during the
design phase (rather than after a physical prototypaliy bChapter 1 also contained a
review of recent literature on virtual acoustics, HRTESM, the use of FEM in
structural acoustic problems, and psychoacoustics. Adffaglasts between numerical
accuracy and computational time. The scope of the waitikg thesis was defined; the
goal was to subjectively validate ESM and the subseqpgtication of HRTFs by
determining what numerical error level is acceptable.

Chapter 2 introduced the basic theory behind the viatt@listic prototyping
method used in this thesis. HRTFs and ESM were exglangetalil; immediately
following was a discussion of the numerical error aissed with an auralization. Error
arises from three sources — the evaluation volumetbiggyumber of equivalent sources,
and the interpolation and extrapolation of HRTFs. gsirsmaller evaluation sphere
means that a smaller portion of the sound field fronbiating structure is recreated with
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equivalent sources; the smaller sound field may notgresentative of the full field in
and around the structure. Using too few equivalent sopresents the sound field
inside the evaluation sphere from being recreated aetyrathe final step in the
auralization process is the creation of a binaurabsigom the set of equivalent sources.
HRTFs are only measured at discrete azimuth and elevatgles, and they are usually
not measured for elevation angles below -40°. If an el source does not lie at the
exact azimuth and elevation of a measured HRTF, the ppgi® HRTF must be
estimated from the known HRTFs. Each person hasaadiff set of HRTFs, so using a
representative set during auralization introduces soroe. efihe goal of this thesis is to
psychoacoustically determine what numerical error lsvebticeable.

The numerical modeling of the virtual acoustic prototygngcess was covered
in Chapter 3. The finite element method was introdutteddtheory behind the method
was discussed, and to demonstrate the method, the matace formulated for a rod in
compression. The structural acoustic test platform us#dsi thesis was introduced.
FEM was performed on the enclosure; the acoustic shaxan window, and MDF
walls were all modeled in an effort to produce an satisty match between the acoustic
responses of the modeled structure and a physical prototype same structure. ESM
was applied to the model output to recreate a portionecdabind field in the enclosure;
four different evaluation sphere radii and eight valueSR){VL(equivalent sources per
acoustic wavelength) were used, which provided a tota2 @lases. HRTFs were applied
to each equivalent source set, and an analysis otitherital error was performed. A
large evaluation sphere should be used whenever possibiebe is a diminishing
return on the use of more equivalent sources; above apately SPWL= 3.0, more
equivalent sources does not significantly reduce the ncaheriror. This observation
agrees with theory.

The structural acoustic test platform modeled in Chaptess3constructed in
Chapter 4. The assembly of the panels was discussethin didicrophones and
accelerometers were added to the enclosure and wallg, straker with force transducer
was attached to the Lexan window to excite the enequency response functions
(microphone output per shaker input) were measured at 472 fmoohesermine the
dominant acoustic natural frequencies between 50 and 25U ézmaterial properties in
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the model were adjusted within reason to create a rbateteen the first six acoustic
modes. The model was solved again between 50 and 1500 Hhgadd®F damping
coefficients were changed slightly to provide a satisfgomatch between the numerical
model and the physical prototype. A 36% correlation wagged; this is numerically
low, but the sounds of the modeled acoustic field and dasuaned acoustic field are very
similar. Finally, the Knowles Electronic Manikinrfdcoustic Research (KEMAR) was
inserted into the enclosure; the response at itaneftright ears was measured for a
shaker force input. The measured responses were compdheddinaural signals
calculated in Chapter 3; once again, the numerical diiferevas large, but the perceived
difference between the sounds was much smaller. Thermatly-large discrepancies
occur as a result of small deviations in the matpriaperties and boundary conditions
from their modeled values. Few of the high-frequency maderlap; but the two very-
different frequency responses can occur in two veryagimistances of the same
structure. This result is consistent with the avialéterature.

Chapter 5 covered the psychoacoustic evaluation of ESMh&napplication of
HRTFs. A comparison test was created in which subjgete asked to compare 204
pairs of sounds. The sounds were created from the equigalerces (which are impulse
responses). The impulse responses were convolvedowithypes of sounds — a
Hanning pulse, white noise, engine noise, and a sdriegmonics. Subjects were asked
whether or not they could hear a difference betweeiéist binaural signal for a given
noise type (created using the largest evaluation sphdrh@amost equivalent sources)
and a lower quality sound of the same noise type (cresird a smaller evaluation
sphere and/or fewer equivalent sources). The goal wadstéomine how many
equivalent sources should be used to provide acceptable padcspturacy. A
relationship between evaluation sphere size, numbegu¥alent sources per acoustic
wavelength, and numerical correlation and perceptual elifters between two binaural
signals was established. Finally, a linear regressasperformed to allow a structural
engineer or a psychoacoustic examiner to predict themp@ge of subjects that will hear
a difference between two sounds if their noise typenaincerical correlations are known.

For three noise types (impulsive, broadband, and engise)nthe relationship

between the numerical correlation of two binauralagand the percentage of subjects
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that will perceive a difference between the soundsestablished with correlations
coefficients of 59%, 68%, and 60%, respectively. If theent/pe and numerical
correlation between two sounds is known, then théyabfl subjects to perceive a
difference can be predicted with accuracy. If ESM isluseéhe psychoacoustic
evaluation of a simple structural design, then an apprepnianber of equivalent
sources can be chosen in order to produce the desiredicalraad perceptual
accuracies; the number of sources depends heavily moideetype. Subjects are most
sensitive to changes in the number of sources whemoike type is broadband; at least
3.5SPWLshould be used. For impulsive and engine-revving sountsyas 3.0 and
2.5SPW.Lcan be used, respectively. The results of this stutiyaite that only a small
percentage of subjects will be able distinguish thesealesurate sounds from those
sounds which use 4SPWL

6.2 Future Work

The finite element method has a very limited capgliditpredict the response of
a coupled structural-acoustic model. To date, ESM hasbesrly applied to the output of
a finite element model. The response of a structure peusalculated for a discrete set
of frequencies in a range of interest, and the charstatdength of each mesh element
must be less than one-sixth of an acoustic waveler@timputation times are on the
order of days or weeks for models as large as the oddarutigs thesis. During the
design and prototyping phase of an automobile or building, p@niods of time are not
always available. Therefore, as a matter of futuvekwESM should be applied to other
structural acoustics modeling techniques such as raydratatistical energy analysis
(SEA), and the recently-developed hybrid FEM-SEA method.

In this thesis, ESM was only validated for short saspif three noise types. The
subjective testing and analysis described in Sectionhb3d be extended to other types
of noises during future research endeavors. Not muclowrkabout why certain noise
types can be rendered accurately using fewer equivalerteso@and why ESM appears
not to work for purely tonal noises) when all of tlealiral signals were created from the
same finite element model output. A set of general gogekhould be established to
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determine — without psychoacoustic testing — how many dgotvsources should be
used to render new noise types.

The subject testing environment used in this thesisatidecurately represent the
surroundings of the structure being tested. A personisydbildistinguish between two
binaural signals and a sound’s impression on a listeaegraatly affected by the testing
environment. To date, some work has been done &ABA-Langley Research Center
to create a aircraft simulator for use in subjectiwaieation of sound [27]. An extensive
literature search revealed that a realistic automslmielator has not been created for
use as a psychoacoustic test platform. This should be'med as a matter of future
work; a subject’s ability to evaluate the acoustica oér or truck would be enhanced in a
realistic driving environment.

None of the psychoacoustic testing in this thesispeaformed in a real-time,
head-tracked format. If the auralization softwareaskmg correctly, a subject should
not be able to tell the difference between a binaigakl that is rendered in real time
and a signal that has been preprocessed. Howevémrdfchtracker is used, the subject
can rotate his head and the sound source will still agpda# coming from the same
direction in space; the binaural signal changes asethe totates and translates. A head
tracker can only be used properly in real-time. Heaxkimg introduces greater
complexity to the auralization process. ESM shoulddidated using a real-time, head-
tracked subjective testing in future experiments to maletbgrmethod does not lose its
robustness with the additional complexities.

This thesis showed that ESM is a useful tool in thegdesnd psychoacoustic
evaluation of coupled structural-acoustic systems. Aattemof future research, the
work outlined here should be performed to validate ESM uadéder variety of
circumstances. Following further validation, an effecauralization tool can be placed
in a user-friendly package and distributed to architectstandtural engineers; this
project is currently being undertaken by AuSIM, Inc. inudtain View, California.
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Appendix A: Microphone Array Measurements

The planar microphone array shown in Figure 4.7 was plynused to determine the
acoustic modes of the structure between 50 and 250 Hz. rilyenss configured to
allow 59 microphone measurements (on a two-dimensioiBltgrbe taken rapidly. To
A three-dimensional grid was achieved by sliding theyawwaeight different depths in the
enclosure. A total of 472 frequency response functionsgf-®Rere measured for two

forcing functions:

» ashaker force input to the window

» a speaker excitation in the corner of the enclosure

The speaker FRFs were used to determine the most domatantl frequencies and the
corresponding mode shapes. In ABAQUS, the material priep@f the acoustic space
were tweaked to provide a better match. Figure A-1 slaosesnple comparison of the
acoustic mode shapes calculated in ABAQUS and the mogdesHatermined from the
measured data.

After the low-frequency acoustic modes were matcheda, tthee damping
parameters in the MDF and Lexan panels were modifigtjnaieason, to give a better
match at higher frequencies. Obtaining the overakmbetween the model and
enclosure was an iterative process, and relied on thdrdan the shaker excitation of the
structure. The data collected with the microphone amexrg compared to the final finite

element model to determine a 36% correlation.
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Figure A-1. Comparisons for two low-frequency acoustic modesappear in the finite element model
and microphone array data. The top plots are from AB8@Wd the bottom plots were generated from the
measured FRFs in Matlab. The left plots are for thderat 102 Hz an the right plots are for the mode at
155 Hz.
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