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Low-frequency sound reproduction Summary

Summary

This researchaims to develop a low-frequency response controhethodologycapable of
delivering a consistent spectral and temporal response over a wide listening area. Low
frequency room acoustics anaturally plaguedby roommodes a result of standing waves at
frequencies with wavelengths that are integer multiples of omeooe room dimension. The
standing wave pattern is different for each modal frequesarysinga complicated sound field
exhibiting a highly positiordependent frequency response.

Enhanced systemsare investigatedwith multiple degrees of freedon{independatly-
controllable sound radiating sources) to provide adequatdrémmency response control. The
proposed solution, termedcaameleon subwoofer array CSA adopts the most advantageous
aspects of existing rooimmode correction methodologies while emphasizing efficiency and
practicality.

Multiple degrees of freedom are ideally achieved by employing what is designaiduic
subwoofey which provides four mhogonal degrees of freedom configured within a medest
sized enclosurelhe CSA softwarealgorithm integrateboth objective and subjectiveeasures

to address listener preferences including the possibilitgdd¥idual reattime control.

CSAs and existing techniques arevaluated withire novel acoustical modelingystem(FDTD
simulation toolbox developed to meet ¢hrequirements of this researdBxtensivevirtual
development of CS#ahasled to experimentatiomusing a prototype hybrid subwoofehe
resulting performance is line with the simulationswhereby variance across a wide listening
area is reduced by over 50% wahly four degrees of freedom.

A supplementalnovel correction algorithm address correction issues at select narrow
frequency bands. Theseequenciesare filtered from the signal and replaced using virtual bass
to maintain all aural informatigna psychoacoustical effect giving the impression of-low
frequency. Virtual bass is syntheed using an original hybrid approach combining two
mai nstream synthesis pr oc e dumherentweaknesseslhiss up p
algorithm is demonstrated to improve CSA output efficiency while maintaiacogptable
subjective performance.
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1 Introduction

The primary objective of sound reproduction has historically bedis$eminate recorded aural
information. Although the primary focus has changed little over the years, system objectives
have expanded considerably. No longer is the average listener content by simply hearing
program material, but now expec¢b be envelope by a virtual soundscape, either accurately
replicating the recorded environment or synthesizing a sound field otherwise impossible in the
real world. These heightened expectations translate into greater sound reproduction systet
requirements, necessitadi hardware and software capable of accurately manipulating a given
acoustical environment to match that of the program material and to give users a consistent!
positive listening experience.

An ongoing task within the acoustics and audio engineering conyrfocuses on the effective
interfacing between the electmechanical sound reproduction system (loudspeakers, power
amplifiers, processing and playback units) and the acoustical environment. Closed acoustice
spaces strongly color the transmitted tenap and spectral response of a reproduction system,
largely due to wall reflections, and consequently result in posipendent listening
experiences where some (or many) listeners may not experience the intended soundscape.

In the highfrequency rangeproblems largely lie with stereo/surround imaging which can be
smeared if an individual is significantly offset from the central listening area or if there are
strong wall reflections. While this problem is largely solvable by repositioning the main
loudspeakers (for stereo systems) or adding supplementary loudspeakers (for surrounc
systems), solving problems inherent to the-foequency band is not as straightforward.

1.1 Problem statement

Low-frequency room acoustics are shaped by what are referredrtmrmsnodes. When a
frequencyds wavelength is an integer mul ti
pattern results, hence a roenode at that frequency. This occurrence causes certain areas
within the space to receive strong amplitudes atibdal frequency while other areas receive
nearly nothing. The standing wave pattern is different for all modal frequencies, causing a
complicatedvariable lowfrequency response across the listening area.

There exists a wealth of solutions targetuagiarce minimization. Some call for alterations to
the physical configuration of the room and/or sound reproduction sy§#rars implement
signal processingoutines based on room measurements. In a few case$,elpuency polar
pattern control is proposed minimally excite the most problematic roanodes, generally by
utilizing multiple driveunits within each subwoofer and adhering to a suggested source
placement to minimize sourt¢e-room coupling.

The aim of this research is to develop a method for \aréa lowfrequency spatiotemporal
response control by combining aspects of previously proven techniques as well as establishin
novel system components, both in the hardware and software domains, to overcome
deficiencies characteristic of the various agmhes. Broadly, the intended outcome calls for a
low-frequency sound reproduction system capable of delivering a consistent spectral anc
temporal response across a large listening area while simultaneously considering the subjectiv
requirements of indiduals within the space. Both the hardware and software should be
practically realizable with emphasis placed on keeping both the required quantity of sound
reproduction units and the computational requirements to a minimum while still achieving
acceptableesults.
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1.2 Proposed solution

The centerpiece of the proposed {@quency roormode correction technique is the concept
of exploiting multiple degreeef freedom within a system construct. Degreégreedom are
defined in this worlas relating tondependentlyontrollable radiating sources within the sound
reproduction spacd-or example, a conventional lefirequency source (subwoofer) contains
just one driveunit which contributes a single degree of freedom towards system correction.
This inevitdly limits the possibilities for sound manipulation, especiailan attempt tdimit
frequency response variance among listeners.

The presented research explores enhanced systems mmawultigle degrees of freedom to
provide adequate lodrequency respa@e control.This is achieved either by creating arrays of
conventional, single drivanit subwoofers or by employing what is designatedhyarid
subwooferthat has beedeveloped specifically for this project and whigtovides up to four
orthogonal degreeoffreedom configured withia modesstized enclosure.

The proposedmplementation uses softwarebased algorithm to help achieve the desired
results. The newhgstablished method results from an extensive study of existing digital signal
processing (DB) methods utilized for similar purposes. It adopts the most advantageous
aspects of eachoutine while placing constraints/bounds to ensure efficeamt consistent
system operatianThe algorithm integrates both objective and subjective (psychoacopustical
measures that can address listener preferences including the possibility of customitzex real
individual control.The hybrid loudspeaker and software package are complementary and form
a system termed ahameleon subwoofer arragr CSA The CSA DSP isshown to be
compatible with existing hardware structures to achieve similar results as when paired with
hybrid subwoofers.

1.3 Thesis organization

This thesis is structured to reflect the interdependence of various subjectcansaiered
germane to His pioject where Fig. 1.1 depicts a hidével overview explaining the
interconnectivity of the core topics and chaptdise research ipresented in chronological
order to lead readers through a logical progressighafght commencing with generalized
literature review which becomes progressively more specific with relevant original research anc
results presented, as needed, until the objectives are adequately met approaching tf
culmination of the work.

A discussion on lovwirequency room acoustic€lapte 2) bestows the required background
necessaryio comprehend the targeteatoustical issues of this project (expressed in general
terms inSectionl1.1). This commences with a discussion on room acoustics including various
metrics for acoustical responseachicterizatioriollowed by an introduction to rooimodes, the

crux of the problem in smatbom lowfrequency acousticsThe chapter concludes with a
presentation of useful metrics to objectively classify a -feguency response among
numerous listeningokations and also commonplace techniques for measuring said values,
including maximum length sequences (MLS) and tone bursts.

An investigation into lowfrequency modeling is undertaken @hapter3 to provide a toolset

for virtual prototyping. Techniquesea considered from the geometrical, statistical and hybrid
categories examining each met hodos advan
published literature. Finitdifference timedomain (FDTD) modeling is chosen for this project

as it is shown to eet the simulation requirements and is straightforward to implement.




Low-frequency sound reproduction 1 z Introduction

1. Introduction

v v

3. Low-frequency acoustical modeling

W

2. Low-frequency room acoustics

v v

4. Conventional room-mode correction

v
5. Chameleon subwoofers arrays (CSA) v
| —|—> 6. Virtual bass systems

7. Extended CSA applications

v y

8. Conclusions & proposed future work

Appendix C

! |
! i
I 1 3 3 1 ' 1
,FDTD simulation toolbox equations, full grid | | Full reproduction of journal publications
I

i masking example and software CD-ROM

P e e e e e e P e e e e e

I ]

I 1

‘Additional FDTD simulation toolbox discussion : Full listing and reproduction of :
1 I

I

! and set of fully-worked simulation examples | ! select conference papers

Fig. 1.1 Organization of the main body of the thesis

Following a survey of the availabBmulation software, it was determined that this research
required thedevelopment of a bespolacousticalmodeling toolbox to allow for adequate
simulation flexibility and data analysis. This led to the development of the FDTD simulation
toolbox which is described in the latter section€bépter3 with further detail (including a full

set of modkng equations and additional worked examples) presentégpendices A and B.
Thediscussion focusingn the simulation toolbox includes resu#tlidation using comparisons

of simulated responses to theoretical, measured and other published simitatiengy the
tool boxdés accuracy.

With a software package capable of modeling a wide variety of physical topologies containing
various lowfrequency sound reproduction systems, the research critically examines
conventional roonmode correction techniqueSi{apterd). The considered methods fall within

two designated categories, namghassive and active correction. In this work, passive
correction is defined as control by just the physical configuration of loudspeakers within the
listening spacewhereas aove correction includes signal processing. As a benchmark most
common correction techniques are examined usiegFDTD toolbox to demonstrate their
capabilities and corresponding drawbacks.

The analysis irChapterd provides the roormode correction frmework, leading directly to the
development of a novel routine (both software and hardware based), tersteimaleon
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subwoofer arrayCSA), detailed extensively i€hapter5. This chapter begins by emphasizing
the focus placed omlegrees of freedomand haov the idea naturally leads to the hybrid
subwoofer (with multiple degrees of freedom) approach. Asstfstem is aligned using a direct
calculation procedure, a detailed discussion on system @i#gtis includedthat examines the
most appropriate fregncy range of operation as well as limitations related to source and
measuremenpoint layout. The chapter concludes with a set of directives for implementation of
such a system, including practical results obtafn@uh the system prototype development.

As discussed irChapter5, it is shown that narrow frequency bands can exist that impose
unrealistic demands on theproduction systenA novel solutiorto this problemnis proposed in
Chapter6, whereby the psychoacoustical phenomenon of virtual badsedangeted to replace

the physical reproduction of a limited number of more problematic narrow frequency bands.
This procedure can subjectively maintain transmission of all aural data within the program
material while easing physical reproduction requeata. This approach is applicable to any
correction system, or can even be used as a standalone system, although particular emphasis
placed here on its applicability to &S.

Chapters 4 6 concentrate predominantly on achieving an even spatiotempspanse over a
wide-area within smaikized listening roomsThe inherent flexibility of a CSA lends itself to
broader applications, three of which are discussé&hampter7. First, the CSA algorithm allows
each listener the ability to manipulate theicdbzed frequency response without affecting
surrounding users, where this can be performed intiraal due to the CSA direct calculation
procedure. Second, this localized correction application is explored in the context &icaleye
live-sound reinfocement where systems are required to deliver an even distribution -of low
frequency energy over a wide audience area while reducing stage levels to protect the
performersd hearing. I't i s shown that the
without the need for new hardware. Lastly, the BBy CSA approach iapplied to smail
room home theater scenarios by adapting the procedure to avattisurround sound system.

The thesis concludes i€hapter8 with a summary of the research presented, with emphasis
placed on the results obtained together with a reinforcement of claims for originality. The
chapter contains suggestions for future work principally directed towards focusing system
development toardsa marketable product, either in home theater or live sound reinforcement.
A set of appendices follow€hapter 8 containing the previously mentioned additional
discussiortogether with workegexamples from the FDTD simulation toolbokppendicesA

& B) and reproductions of journal publication&ppendix C) and select conference papers
(AppendixD).

1.4 Qaims for originality

The original aspects of this research fall into three core subject aredsetmency acoustical
modeling, chameleon subwooferrays and virtual bass (although all are targeted towards
chameleon subwoofer array implementation).

The original aspects ¢dw-frequency acoustical modelingare:

1) The FDTD simulation toolboypresents a unique collection of acoustical modeling and
data anbysis routines configured within areasy to use package. Most included
components are previously known (aside from points 2 in this list), although
containing all elements within a single piece of softwateelgvedunique.

10
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2)

3)

4)

A maskbased implementatio of nonrectangular topology modeling is developed
allowing for simulation of rooms of any shape. The procedure lends itself to modeling
room obstacles, a network of rooms or even loudspeaker enclosures.

Several routines are included within the toolboxluding: single/multiple source
placement optimization, room dimension ratio optimization, live sound subwoofer
placement optimization and a live sound subwoofer cluster configuration tool.

The toolbox has a useful set of visualization capabilities allpvior inspection of
sound propagation during simulation (either in two or three dimensions) and detailed
spatiepressure plots for pesimulation analysis. Also included is a collection of data
plotting tools, specifically tailored for certain test signsilich as tone bursts.

The original aspects @hameleon subwoofer arraysre:

1)

2)

3)

4)

5)

Thedesign of the hybrid subwoofer, which ideally can consist of six -dnts (one per
cubicenclosure face) creating four orthogonal source components which
correspondinglgontributefour degrees of freedom towards system correction.

A directcalculation routine for lowirequency correction allowing for precise réiate
adjustable sounfleld manipulation with constraints in place to avoid drivver
excursion or correadn outside the effective lodwequency band.

The combination of signal processing and multiple loudspeakers (conventional and/or
hybrid) to obtain accurate leWwvequency sound reproduction over a wide area,
exhibiting superior time and frequency domainf@enance (time domain is regularly
ignored in most existing approaches).

Individualized lowfrequency equalization capabilities are included in the correction
routine allowing users to adjust their localized frequency response wdigpificantly
affecting surrounding users.

A live-sound lowfrequency coverage pattern control is developed, largely based on (4),
addressing the need for even sound dispersion across the audience while limiting energ
on stage.

The original aspects efrtual bass are:

1)

2)

A hybrid nonlinear device (NLD) and phase vocoder (PV) virtual bass synthesis
technique whereby a transient content detector (TCD) monitors the input signal and
dynamically weights the two virtual bass synthesis procedures (running in parallel)
based on whit best serves the signal. The technique is shown to be signal eontent
insensitive, unlike mainstream NLD and PV virtual bass systems.

A virtual bass roonmode correction procedure which, in its standalone form, utilizes
multiple parametricequalization bagkstop filters to remove problematic roemode
frequency bands from physical reproduction and replaces them with virtual bass
components tailored to subjectively reinfotbe aural data not physically present. The
procedure is intended as a supplemeidwefrequency correction techniques.

11
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2 Low-frequency room acoustics

Room acoustics is a multifaceted topic within audio engineering drawing extensively on key
principles of physics, specifically fluid dynamics. An in depth exploration of room acoustics
can highlight how acoustics influences sound reproduction within atyasf spaces ranging
from small closed spaces to large outdoor environments.

The fundamental aspect of smadbom lowfrequency acoustics, the primary focus of this
research, involves the physical layout of the acoustical space. This includes roomatigjens
surface material properties, subwoofer placement and listener location, among a variety of othe
factors. Each of these aspects must be considered during the design of a listening room with
sound reproduction system.

This section accentuates prewsly published work concerning these topics. A mathematical
explanation of key lowirequency acoustical attributes is presented followed by an exploration
of the critical factors that shape the lmgquency acoustical response within a closed space
along with wellke st abl i shed objective measurement
acoustical characteristics.

2.1 Overview

All sound within a room originates at one or more source. Sources emit a sound pressur
wavefront, which is evident ispatiopressureplots where the wavefront appears as a line
connecting points of equal sound level (FAd.) [10].

15
Width (m)

Fig. 2.1 Simulated example of sound pressure wavefronts emitted from a sealed loudspeaker a
the center of the diagram

Two metrics commonly used to measigsound at a point in space are sound intensity and sound
pressure. Sound intensity is a measure of sound power per unit area in watt per square met
(W/m?). This is commonly converted to a logarithmic scale where the value is termed sound
intensity levé which is calculated from EQ.1 [1].

12
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0 paePO P

sound intensity level (dB)
sound intensity (W/R)
102 W/m?, reference sound intensity

where: L
I

lo

Sound pressure is a more common metric in practice, as it is easily measured with a pressul
microphone. Sound pressure, measured in Pascal (Pajpgertional tothe square root of
sound intensityand can similarly be converted to a logarithmic scale withZ2). a valued
known as sound pressure level (SPL) [1]. Both sound intensity level and sound pressure leve
are measured in decibels (dB).

0 & ¢ T € P K3
where: Lp free = freefield sound pressure level (dB)

p = sound pressure (Pa)

Po = 20x10° Pa, reference sound pressure

Sound intensity is directly proportial to the square of sound pressu@ (] ), given thatl =

pv, wherev is the particle velocity (m/s) [1]. Note that the coefficient in EQ. is 20 rather

than 10 due to the sound intensity to sound pressure relationship. Restoring the exponents ft
the pressure terms in Eg2 results in a coefficient of 10 (Eg.3).

0 f p T € i &

In a freefield, the wavefront intensity decreases by a factor of four for every doubling of
distance from the source. This is known as the inverse square lad4E[.].

O =/ c8

where: P source power (W)

radiation distance (m)

The law operates on the principle that sound radiatgsally in all directions, creating a
spherical leading edge with a radius corresponding to distance from the source. The amount ¢
instantaneous energy radiated fr om ?wherethes o u
radius of the spherical wafrontisr and e x pandf=s gl%wben the radus is
doubled to2r. The quadrupled surface area results in the sound intensity to surface area
relationship described by the inverse square law. This corresponds to a halving of sounc
pressure-6 dB sound pressure level) for every doubling of radiation distance.

The inverse square law does not necessarily hold true in smaller closed spaces. Whe
wavefronts encounter a surface within a space they are partially absorbed (and transmittec
through thesurface and partially reflected back in the space at an angle normal to the angle of
incidence (Fig2.2) [10].

In the simplest of cases, surfaces are treated as perfectly rigid with frequndepgndent
absorption. This means that a sound wave encongta simple surface is absorbed/reflected
equally over the entire audio spectrum. In more complex (and realistic) cases, surfaces exhib
frequencydependent absorption. A sound wave encountering aigohsurface experiences
different levels of absotn/reflection across the frequency spectrum. In addition, the surface

13
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may resonate at various frequencies, as defined by the material properties, causing addition:
colorations to the reflections.

Fig. 2.2 Absorption, reflection and transmission afcaund wave by a wall [10]

These noranechoic properties distort the direct waveform emitted from the source(s) through
interference between the direct and reflected (reverberant) wavefronts. The inverse square |a
is therefore not accurate in smaller rdgrant spaces due to the strong influence of the room
on the sound field [1, 2]. In small rooms the overall pressure level is not a critical issue, given
sufficient listening distances from the source. In fact, small rooms often exhibit a stronger
revetbeant field than direct f i?&lEd 25vkhere #/Adns s
Q/ & rfepresent the reverberant and direct sound field, respectively [1].

.. 01
0 © pﬁlﬁg d®

where: Lp = sound pressure level (dB)
Lw = sound power level from source (dB)
Q = directivity factor
A = total absorption (f)

The reverberant sound field contribution, 4/A, is derifredn the fact that in the steadyate

the rate of energy absorption by the wafigst balance the total power output of the soulifce.
this is not the case (i.e. A = 0), the steady state sound pressure level will diverge to irtfmity.
precise derivatio of this componens beyond the scope of this investigation, but can be found
in Chapter 6 of97].

Sound power level ioundby comparing the power of a source to a reference power6\10
[1] and then converting to a logarithmic scale in decibels (dB). For example, if a sound source

produces 5 W of acoustical power, the sound power level is calculatggd=a$0log(5/W) a
127 dB, where W= 10" W.

The directivity factor,Q, of a souce is found by taking the ratio of the sound intensity at a
distancer in front of the source to the average sound intensity in all directions. An
omnidirectional source results in a ratio of 1:1, giving a directivity factor of one. If a source
radiates ina hemispherical pattern the ratio is 2:1, giving a directivity factor of 2. A more
detailed discussion on source directivity is presentéthapters.

14
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Total absorptionA, is calculated if a roomds surf ac
each mateal in the room has an absorption coefficidftranging from zero (no absorption) to
one (full absorption) and a surface aigan square meters (EQ.6) [1, 2].

o Y C&

As discussed earlier, surface absorption is usually freqeeemgndant, so care must be taken
when choosing coefficients for absorption calculations inZHs). Absorptive characteristics of
common materials are published over a number of frequency bands in the audible spectrum ar
can be used to make appropriate calculations.

2.2 Room-modes

A 60 dB drop i n sound pressur e l evel I S
reverberatiorattributes, either by measurement or calculation (Eq. 2.7), as developed by Sabine
in the late 19 century [4]. This 60 dB drop generally is reached aftsound wave travels a
distance of twenty to thirty times the largest dimension of a room [3].

vy QO
5 &
where: RTso = reverberation time (s)
Cs = constant factor, 0.161
Y, = room volume (M)

The reverberation time of a room can vary widely across the frequency spectrum due to the
frequencydependent absorption characteristics of a room. A number of researchers have argue
that reverberation time is not a useful metric at-foegquencies due to whare known as
roommodes [59].

The large number of reflectiofi®m a sound source gives rise to standing waves within a room
which occur when the halfavelength of a particular frequency isieple integer multiple of

one or more combination déngths betweemparallel surfaces [2]. Th&equencies at which
these standing waves occur are referred to as eigenfrequencies, enodes Roormodes
significantly contribute to the coloration
Theoretcal roommode frequencies are calculated for rectangular rooms using &fR]. Of
course, roormodes exist in all closed spaces, althoughmeatangular spatial distributions are
difficult to predictusing closedorm solutions

N ca

5 o 0 &y

where: fm theoretical roonmodes (Hz)

C = speed of sound in air (m/s)
dv yvd d = mo d a | indices (0, 1, 2,
L Ly, Lz = roomdimensions (m)

There are three primary varieties of rcomodes. The first occurs between a single set of
parallel surfaces, termed an axial mode. This is represented &when only one modal
i nde,xyarg isinorzero. The second variety of roemode is called a tangential mode,
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occurring between two sets of parallel surfaces with twezesa modal indices in EQ.8. The

last primary type of rooamode is an oblique mode. Oblique modes occur betweengbteef
parallel surfaces with all modal indices roero. Higher order roormodes occur in spaces
with more than three sets of parallel surfaces, but can be difficult to calculate and are bes
predicted using simulation software [2].

The issue encountd (and central to the current research) with rooodes is that the
received sound pressure | evel i's |l argely d
wave pattern. This can result in substantially different aural perceptions between adjacen
listeners. This phenomenon is discussed later in this chapter.

2.2.1 Definition of the low -frequency spectral range

Although roommodes are present throughout the entire frequency spectrum, they become
much less noticeable as frequency increases. The reduseehrode sensitivity with rising
frequency is due to increases in modal spatial and spectral proximity. The human ear
discriminates betweefiequency components using the Basilar membrane in the codilea [
12]. At a certain point in the frequency spectiimommodes are sufficiently dense so that the
human ear cannot distinguish individual modkse to its limited frequency resolutiom
addition, as frequency increases the modal spatial distribution varies over such a short distanc
that the differepes in level are averaged within thaditory processing systeand adjacent
listeners have similar perceptions (disregarding any subjective biasing or stereo/surrounc
imaging effects) [2].

The transition point most often used to describe the boundarg®etmodal (lowrequency)

and diffuse (higHfrequency) bands is known as the Schroeder frequency, first presented in
1954 [13] and revised in 1996 [14] by M.R. Schroeder (E£9). An alternative form of this
equation is presented by Geddes in [15] &1O).

Y'Y

"0 ' 2
Cmm ﬂw— C
VTITT T
iy

where: fe Schroeder frequency (Hz)

| mean absorption coefficient in a room

A detailed derivation of the Schroeder frequency (E9) is contained in [9]. The derivation
makes an approximation of modadacing by calculating the derivative of the equation for the
theoretical number of rooimodes below a given frequency (E@sl1 & 2.12). The modal
spacing approximation (EQ.11) is applied to an equation for the minimum number of modes
located withinthe mean halfvidth of a resonance within the room (Ex13) that results in a
diffuse field, where distinct roofmodes are not noticeable (EGsl4 & 2.15).

LR Sm P ® P
TQ T“(IQ cfﬁ)q
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where fm = upper limit for modal analysis (Hz)
N(f) = number of modes belofy (Hz)
1Q = mean modal spacing (Hz)
YyQ = mean resonance halfidth (Hz)
m = scaling constant

An optimal value ofm = 3 was found experimentally in [16]. With m = 3, Ej15 can be
simplified to match Eqg2.9, the Schroeder frequency equation. The above derivation describes
how a sound fields considered diffusavhen enoughroommo d esgeétralresonant curves
intersect within an average hdldndwidth of the mean modalomresonance (EQ.14).

2.2.2 Theoretical modal contributions

In the discrete modal range (below the Schroeder frequendgtioas in response are easily
perceived as a listener moves about a room. This variation is due to fluctuations in room to
source coupling. These factors can be calculated for defined source or receiver locations at eac
roomrmode (Eq2.16) [7].

o (‘*)T _ (.b.-. o d

where: Y = modal distribution function
X, Y, Z = source/receiver location coordinates (m)

The net contribution of a roomode to the overall room response is calculated using the
resulting modal distribution functions from Ej16 (Eq.2.17) [7].

T wl /T RO ETY

S 1 @ X
1 1
where: Ipl = modal sound pressure contribution (Pa)
"Ny Ny, Nz = modal order scaling factor for motie
y(s) = source distribution function for sourse
Y (R) = recever distribution function for receive®
YN = natural angular frequency of mobgrad/s)
¥ = angular frequency under inspection (rad/s)
N = damping factor of mods

The modal damping factors are calculated using the total absorptiofgr eatr room
dimension along with room volume and the relevant modal scaling factors. The modal scaling
factors used in published research are one for theardey mode (0 Hz) and two for all other
modes (Eq2.18) [7].
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Of 46 T 50 T 0
oo q
Finally, the overall sound pressure is found for a given frequency with specified source and

receiver locations using a summation of each individual modal contributio2.(2.[18]. The
derivation for this equation is presented by Walker in [7].

P Y
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where: pr
}

reverberant field sound pressure (Pa)
air density (kg/r)

The total sound pressureoftributions of the reverberant field summed with the direct sound)
is calculated using Eq2.20 & 2.21 [7].
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where: Pd = direct sound pressure (Pa)

Pt = total sound pressure (Pa)

These calculations give theoretical preidics of the pressure distribution across a closed
rectangular space. The above equations operate assuming the system consists of a single sol
source. When a system consists of multiple sources, superposition can be used to determine tl
total sound presse by calculating the contribution from each individual source separately and
then summing the contributions.

2.2.3 Spatial variance

The equations in the previous section provide a means for calculating sound pressure &
individual locations within a closed rectangular space. It is important to have a method for
relating individual locations within a space to determine the overallyreesariation across a
listening area. A metric that serves this purpose is referred to as spatial variancd 92, 17
Spatial variance is calculated one discrete frequency bin at a time, over multiple listening
locations. The frequency bin spatial vadas are averaged, giving a single value representing
spatial variance over the specified listening locations and frequency biraZEQ[18]. Before
calculations are carried out, sound pressure (Pa) must be converted to sound pressure lev
(dB).

High spatial variance values indicate weak correlation betweesireayuency responses across
the listening area. This indicates that over a vadEa the listening experience varies greatly,
which is the underlying problem concerning samabm lowfrequency aoustics.

0 nhQ 0 C& ¢
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where: SV = spatial variance (dB)
\7 = number of frequency bins
Np = number of listening locations
fio, Thi = frequency range (Hz)
0 nARQ = sound pressure level (dB) at listening location,
p, and frequency bin,
0 = mean sound pressure level (dB) over all

listening locations at frequency bin,

2.2.4 Magnitude deviation

Another netric used to characterize lefnequency acoustics is magnitude deviation. Magnitude
deviation represents how the frequency response at a single location differs from the averag
response over all listening locations [18, 19]. While spatial variance diighlthe extent of
spatiopressure variation, it does not provide detailed insight into which location responses
differ the most from the average room response. Magnitude deviation allows for this
characterization (Eq2.23) and can be averaged over afitdning locations to give an
alternative metric to spatial variance [18].

- Q
v O G 5 0 V] Cq o
where: MD = magnitude deviation (dB)
0 Q = sound pressure level (dB) at frequency bin,
0 = mean sound pressure level over all frequency
bins (dB)

Magnitude deviation is of particular use when evaluating aflone quency corr ec
performance over a large area. Spataliance gives a single metric indicating the extent of
response variation, but magnitude deviation provides more detail by highlighting the areas tha
contribute most to spatial variance.

2.2.5 Mean output level

Finally, mean output level (MOL) is a metric usedjudge system efficiency by comparing
pressure output between various configurations. MOL is calculatel@aiel (dB) over all
frequency bins and listening locations, giving the mean sound pressure level across a listenin
area (Eq2.24) [19].

0 nARQ & T

This is especially useful to compare correction systems in terms of efficiency. Generally, it is
desirable tohave a corrected system MOL close to the uncorrected system MOL. Large
differences between uncorrected and corrected system MOLSs indicate poor efficiency.

A useful extension to this metric is proposed by Welti in [17] where a correction factor based
on thenumber of sources is applied to the raw MOL value &26). This is termed the low
frequency factor.
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where: LF
Ns

low-frequency factor
number of active sources

The lowfrequency factor provides a dimensionless metric where higher values indicate higher
system efficiency. Welti demonstrates that as additional subwoofers are added to a system, tt
low-frequerty factor will decrease due to destructive acoustical interference of the outputs of
each individual unit [17]. Any practical muubwoofer correction system should be able to
maintain a high lowrequency factor, indicating acceptable efficiency.

2.3 Influential factors

Low-frequency room acoustics are greatly affected by factors rooted in the nadaxllying
room acoustics. Some of these factors af
specifically MOL and lowfrequency factor (presented the previous section), while others
influence the modal frequencies which can be critical when considering the implementation of a
low-frequency correction system.

2.3.1 Surface absorption and reactance

The surface properties of the materials in a room straondllyence the acoustical nature of a
space. This has been demonstrated to a certain extent by the calculation of the theoretic:
reverberant field, which is largely due to the total absorption of a room, and also the derivation
of the Schroeder frequendgrmula, where the absorption level has an inverse relationship to
the lowfrequency upper boundary.

Sound reproduction systems in small rooms rely on the room acoustics to reinforce overall
sound output through wall reflections. This is specifically ingoarat lowfrequencies where

the isolated sound power output from subwoofers may not be adequate. Often the reflective (o
reverberant) sound field is stronger than the direct sound, as previously highlighte®i, Eq.
showing the role room acousticsngalay in the overall perception of reproduced sound.

Given the reverberant fielddbs dominance a
strongly shape the reproduced characteristics of a sound. Lack of absorption capabilities in
narrow frequencypand can cause an unpleasant resonance in a room, while-efiergnt

absorption may cause a room to sound Adead

Unpleasant resonances also arise due to the reactive properties of a surface where certe
frequencies xcite the surface within a characteristic resonant band, injecting additional energy
in that band into the room. This occurs when-nigid construction materials are used. Rigid
materials such as concrete generally do not introduce this variety of reesnan

2.3.2 The Waterhouse effect

An important principle related to leWvequency sound reinforcement is known as the
Waterhouse effect, named after Richard Waterhouse, who first described the effect in 195¢
[20]. The effect occurs through interaction of direstl aeflected sound waves from a source
placed in close proximity to a surface. If the source is placed 30 cm from the surface, for
example, there will exist a virtual source located 30 cm on the opposite side of the surface
Assuming perfect reflectancedqsurface absorption), the reflected wave will interfere with the
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direct sound to boost or cut the perceived output at a standard listening distance; an effec
which is frequencydependent based on wavelength of the frequency under inspection.

If a sources placed precisely at the surface, then the source and virtual source exist at the sam
location. This effectively doubles the pressure output of the source over all frequencies due fc
the simultaneous wall reflection, corresponding to a 6 dB boost in BIBting a source at a
room junction (two surfaces) gives 12 dB SPL boost due to the three virtual sources while roormr
corner placement (three surfaces) gives an 18 dB SPL boost due to the eight virtual sources [:
20]. The principle of the acoustic centdlows a subwoofer to be positioned so that the direct
and virtual sources originate at the same location [21, 22].

2.3.3 Helmholtz resonance

This lowfrequency room acoustics discussion has assumed closed spaces to this point
Unfortunately, this is not thease in practical situations. Doors and windows (along with
ventilation shafts) are regularly opened, eliminating the closed status of the space. Assumin
openings are sufficiently small compared to the reproduced wavelengths, a resonance occurs.

This vaiety of resonance is known as Helmholtz resonance, described as a rigid enclosure o
air connected to an external space through a small opening (relative to wavelength) [23]. The
coupling of the two spaces results in what is analogous to a mass anchsgehmanical system.
Equation2.26 is used to calculate the Helmholtz resonant frequency [23].

q & 0
Q - aa T c& ¢
where: fu = fundamental Helmholtz resonze(Hz)
An = crosssectional area of the openingjm
Iy = length of the opening (m)
O = @ O = end correction term

The fundamental resonant frequency found withZ26 is only approximate in real rooms, as

the geometry of the door, windows and/or the ventilation shafts are complex and not accounte
for in the calculation. Nevertheless, Helmholtz resonance has an influence on the acoustice
response of a room (especially at very low frequencies) and thenefistebe considered when
addressing various sound reproduction problems.

2.3.4 Temperature and humidity

Temperature and humidity are influential factors in acoustics that are often ignored. These
factors cause variations in the speed of sound in air and atse iavel of air absorption. The
speed of sound in air due to temperature is calculated usiriyZZdq24].

R c& X

absolute temperature (°K)

1.3987 = ratio of specific heats

8.31451 J/Kmol = universal gas constant
0.028904 Kg/mol = mean molar mass, dry air

o <o -
|
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Most calculations assume a room temperature of 20 °C (293 °K).givas 343 m/s as the
speed of sound. If the temperature were increased to 30 °C (303 °K), then the speed of sour
increases to 349 m/s, an increase of 2%. This may not be a major change, but when considerir
the range of temperatures encountered in outdgents (00 40 °C), the speed of sound may
vary up to 7% which causes acoustical calculations based on room temperature to exhibi
errors. It is suggested that temperature at a single location within a room can vary by plus o
minus 10% due to air flon2@]. Whether this is problematic must be explored when designing
room correction procedures with computer simulations to ensure accuracy.

While air humidity is not considered to cause significant changes to the speed of sound (due t
minimal change in thenean molar mass [24]), it can cause changes in air absorption, possibly
up to 10% [24], which alters the acoustical characteristics of a space. Most closed spaces
however, maintain fairly constant humidity, thus this does not factor greatly into clesesl sp
acoustical considerations. As with temperature, humidity plays a significant role for outdoor
applications, requiring sound to be transmitted through long distances in the air. Higher
humidity levels increase air absorption making it more difficultr&msmit soundver long
distances.

2.4 Measurement techniques

The various acoustical characteristics mentioned in the previous sections of this chapter requir
accurate measurement techniques to allow researchers to precisely characterize acoustic
spacesWhile a number of methods are available in practice, two techniques were chosen for
this specific project: maximum length sequences (MLS) and tone bursts. Each of these
measurements delivers key data indicating

2.4.1 Maximum length sequences (MLS)

Maximum length sequences (MLS) are commonly used for acoustic measurements, often whe
high amplitude background noise (a low sigtmahoise ratio) prevents accurate direct impulse
response measurements. The MLS is a pseaigidom binary signal that consists of a
repeatable pattern, generated using a feedback shift register with values determined usin
recursion relations [25]. The MLS exhibits a flat frequency spectrum up to the Nyquist
frequency (half the sampling rate) cixding the DC term.

MLS generation begins by defining a recursion relation. A primitive polynomial for an MLS
signal of the & order is shown in E.28 [25].

Vo o o p & Y

The feedback shift register fol’4rder MLS generation is shown in F&3, wherea; andais;
correspond tox and 1 in Eq2.28, respectively. The' term does not play a role in the summing
procedure, as the geess has only four elements, hence therder descriptor.

T
e

/]

di+3 dito it 2| d; > oulput

N

Fig. 2.3 Feedback shift register fof érder MLS generation [25]
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Based on the shift register structure shown in Eg.and the primitive polynomial in EG.28,
the recursion relation cde written as:

) ) ) & w

where the terma:4 is calculated usingy.; and & and held in temporary memory until the
registers are shifted to the right, giving an output of the value previouslyaimd movingai:4

to thea;,3 element. Since an MLS is binary by definition, the output values of the shift register
must equal zero or one. To avoid Aainary valuesg andai.; are run through an exclusive OR
(XOR) gate, as opposed to using a simple summation.

The initial state of the register elementauemportantsince the shift register cycles through
every nonzero fourdigit binary combination over the entire MLS sigraaid is periodic.
However, a initialization of all zeros cannot be used since the XOR gate would never generate
a one [25]. For illustrative purposes, the elements were initialized to all ones and the first ten
MLS samples were generated with the systerfig. 2.3 and displayed in Tab21 [25]. An

MLS signal will be2™ 7 1 samples long, whemais the MLS order.

Time step () | Elements @i+s, ai+2, @i+1, &) | MLS value
1111
0111
0011
0001
1000
0100
0010
1001
1100
0110
10 1011

Table2.1 First ten output values of & drder MLS

OO NO|OTBA|WIN|F|O

OO|FRIOCIO|O|FR(F|IF|F

When taking measurements using a loudspeaker it is ideal to have a signal that covers
transducer 6s full oper atlitmly The BlSdseby definiti@n, in s |
the range of O to 1. To rectify this, the MLS can be converted-1ota 1 scale by setting all
zeros to 1 and all ones tb. This is accomplished using E430 [25].

i p CH T

where: S
MLS

adjusted MLS element at time step,
raw MLS element at time step,

Impulse response extraction is relatively straightforward for an MLS signal. The measured
signal is by definition the convolution of the source signal and the iepulse response (Eq.
2.31).

w izQ C® p

wherey is the measured signal, withand h representing the MLS source s& and room
impulse response, respectively. Since the goal is to determine the room impulse rdsponse,
correlation with respect to the MLS source sigaatan be applied to EQ.31 (Eq.2.32).
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n noz'Q C® ¢

correlation of the MLS and measurement
autocorrelation of the MLS signal

where: sy
Dss

Since correlation of the MLS with itself (autorrelation) gives a perfect impulse (flat
frequency response), the equation can be reduced to indicate that the impulse response of t
system is equal to the correlation between the input (MLS) and output (measured) signals (Eg
2.33) [25].

Q o C® o

Measurements using only one variation of an MLS signal are not always sufficient.
Measurements contain harmonic digtmr which can reduce measurement accuracy. This
problem is diverted by generating multiple MLS signals of the same order, but with slightly
different recursion relations [26]. The multiple room impulse responses extracted from the MLS
measurements are agged to suppress the unwanted distortion.

An effective method to accomplish this discards the maximum and minimum values of the
measurements at each time step and averages over the remaining data. The effectiveness of t
technique is highlighted in Fi@.4 [27], where the bold blue line represents the mean response
which does not exhibit angharp peaks due to distortion (peaks which are present in the
individual measurements in Fig.4).

With harmonic distortion suppressed, the impulse responseeofybtem can be used to
determine the frequency response. This technique is very effective for analyzing the steady
state characteristics of a system, assuming that a sufficiently long MLS is utilized, so that the
room has time to reach steashate [25].

X 10J4
T T T T T T T T I

Amplitude (linear)

/
| | | | [ | | | |
0.0246 0.0247 0.0248 0.0249 0.025 0.0251 0.0252 0.0253 0.0254

Time (seconds)

Fig. 2.4 Magnification of the extracted impulse responses from five separate MLS
measurements and a smoothed response after averaging (solid blue curve) [27]
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2.4.2 Tone bursts

Tone bursts, while less popular than MLS, are used specifically for transient measurements of .
system. This technique has been used for many years, where one of the first application
utilized tone bursts to determine the correlation of transient measotemof this type to
subjective test data [28], while a decade later Kaminsky used tone bursts to measure th
transient behavior of loudspeakers [29].

Corrington and Kaminskyds applications on
Linkwitz condwcted significant work applying tone bursts to determine transient and steady
state characteristics [382]. The initial goal of these tests was to evaluate loudspeakers by
removing the room effects on the response, giving purely anechoic data [30].

Tone busts are simple signals to generate. A pure sinusoid is generated over a specifiec
number of full cycles. Next, a window is applied through multiplication. Any variety of
window can be used. Linkwitz employs a raised cosine window in his worl2 @).[31].

v ... O
OOEIC“W CH T

Vallhe)
Fall o)

raised cosine window
time length of the window (s)

where: w(t)
Tw

The burst is repeated a given number of times (usually arouind)3and simultaneously
measured at one or more listening location. For nwitst signals the modulation rate is a
fixed percentage of the carrier frequency (E§5) [31].

0

Q o

C® L

where: fm tone burst modulation frequency (Hz)
tone burst frequency (Hz)

number of sinusoidalycles per burst

=h
&
I mn

The number of cycles in each tone burst repetition determines two things. First, it determines
the frequency resolution of the test signal. For example, -ayida burst with an envelope
generated using E®.34 covers orghird an octae with a center frequency at the burst
frequency. A wider burst shape gives higher frequency resolution, but this is not necessary o
desirable when focusing on transient characteristics [32].

The second aspect of the test signal controlled by the nurlagcles (in conjunction with
window shape) dictates whether the test signal measures transient or-sséady
characteristics. A short burst is ideal for transients, while a longer burst allows a room to react
steadystate. According to Linkwitz, the idénumber of cycles for steadyate measurements

in a small room is around forty cycles, while transient measurements are best taken utilizing
five- to fifteencycle bursts [32].

An interesting observation by Linkwitz is that certain source/receiverigmosibmbinations
cause the perception of twice the original modulation frequency, but still have the perception of
the correct burst frequency (Fi@.5). Other positions give accurate perception of the
modulation frequency, but with a slightly inaccurpé&zceived burst frequency [32].
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Amplitude (linear)

Fig. 2.5 Tone burst inpubutput comparison showing modulation frequency doubling
(top = input tone burst, bottom = measured respontbe Bstening location)

These observations highlight the advantages of tomstd) as certain transient characteristics
may not be noticed with other forms of test signals, such as MLS. Linkwitz suggests that using
test signals that only measure steatbte characteristics may not indicate a noticeable
difference between omnidcgonal and dipole sources. The major differences often lie in
transient characteristics [32].

It is clear that tondurst testing is necessary to determine the advantages/disadvantages
between sources of varying polar patterns. Transient characteaistid&ely critical to these
differences, while the steagyate may not be drastically affected.

2.5 Chapter summary

There are numerous aspects influential to room acoustics, specifically in tHestmency
band. Room dimensions and construction mategpiaperties define the lowand high
frequency band ranges. In the ldr@quency band, these factors contribute to the occurrence of
standing waves at certain frequencies, known as -{moghes. Roommodes result in
spatiotemporal variation in the frequenegponse, which complicates matters when attempting
to deliver equal listening experiences toiadlividualsscattered over a wide area.

Two useful measurements used to analyze a
tone burst. MLS measuremenisayaccurate steaestate impulse response data for points in a
room, allowing for accurate frequency response inspection. The MLS also has the advantage c
being insensitive to background noise, as it can function with very low dignalse ratios.

Tonre bursts are useful for inspecting transient behavior at individual frequencies. Tone burst
measurements highlight waveform degradation that occurs between the source and listene
location. By altering the number of cycles per burst, these measuremeni® aeged for
steadystate characteristics as well, but are less useful than MLS since they can only be
performed at one frequency at a time.

The discussed issues in smabm acoustics must be considered when designing low
frequency room response correctisystems. Failure to address these aspects can result in
ineffectiveness, inefficiency or instability. The topics discussed in this section are addressed ir
forthcoming chapters as existing roenode correction methods are analyzed and novel
methods deveped.
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3 Low-frequency modeling

Software that accurately simulates room acoustics can be a powerful research tool, saving time
materials and funding that woutitherwise be required to implement different systems in the
real world. A great deal of research has been carried out on acoustics simulation methods ove
the past haltentury, resulting in a wideariety of techniques. Each of these techniques offers
its own advantages and disadvantages, which must be taken into account when choosing &
appropriate approach. This chapter first highlights the most common acoustical simulation
methods, followed by a detailed description of the chosen simulation technigtiesfavork

and concluded with a description of an original simulation toolbox developed in MATLAB.

3.1 Simulation methods

Acoustical simulation methods can be divided into three general categories: geometrical,
statistical and hybrid. Geometrical approaclessider the physical layout of a space to
determine how sound waves interact with various surfaces in terms of absorption and
reflections. Statistical approaches utilize a discretized form of the wave equation to model
sound wave propagation throughous@ace, commonly making geometrical approximations,
but providing more detailed wave propagation data. Hybrid methods combine geometrical anc
statistical approaches. These techniques are configured to apply statistical modeting for
low-frequency rangeof detailed wave behavior which is important in analyzing modal
behavior within a space, while the higlkequency range is simulated with a geometrical
approach to ensure there are no negative effects due to any geometrical approximation
(especially withcurved surfaces). Geometrical approaches are usually computatieffigilgnt

at higher frequencies, so hybrid methods run faster than-eafigke statistical approach. The
following sections highlight modeling techniques used in acoustics research.

3.1.1 Image source

Image source acoustical modeling is of the geometrical variety, operating on the assumptior
that surface reflections can be modeled by reconstructing a space using virtual sources ths
mirror the primary source along the plane of the reflectivéase [33]. This method gained
popularity within the acoustics community in the early 1970s due to its simplicity and
correspondingly high computational efficiency [34, 35].

The simplest form of image source modeling treats room boundaries as perfattlgliogving

a surface reflection to be represented by an image placed symmetrically on the opposite side ¢
said surface. This can be expanded to higher order reflections where image sources from lowe
order reflections are included. The approximate nurobenage sources is calculated based on
the required simulation radius, defined by the simulation time 3H¢.[33]. This principle is
represented graphically in Fig.1 (adapted from [35]). The images within the dotted circle are
included in the mode

o —="Y oP

number of reflections (image sources)
simulation time (s)

—
I
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Fig. 3.1 Image sourcspatial configuration
(circle = receiver, crosses = sources, gray box = modeled room)

Once the image source positions are known, the propagation delay can be calculated relative 1
the receiver location(s). The received signal is constructed from thiess wéa a summation

of delayed versions of the source signal. If the reflection coefficients of the walls are not equal
to one (perfectly reflective) then the original source signal must be attenuated based on hov
many walls each image source traversesutdph before arriving at the receiver.

While this technique is useful for generating impulse responses for single listener locations, it
can prove to be inefficient when multiple locations are required, as each location requires
multiple summations of thesource signal, increasing memory needs. Also, if a room is
nonrectangular, the number of images increases rapidly, as demonstrate®.2y{ &2j.

E p P £ P o

number of surfaces
reflection order

where: Ns
m

Due to this complexity, image source models are generally used for rectangular geometrie:
where a solution based on lewder reflections suffices [33].

3.1.2 Ray tracing

Like the image source method, ray tracing is of the geometrical variety of acoustical modeling
and operates by calculating reflections due to the surfaces of a space. While image sourc
modeling achieves this by placing a number of virtual sources atidesabutside the
simulation space to approximate the propagation path of a reflected sound wave, ray tracin
operates by scattering sound patrticles in various directions from the source which are trace
throughout the room as they bounce off the surfa&gsvith image sources, when each particle
encounters a surface it loses energy based on the absorption coefficient of the surface and i
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reflection angle is determined by the angle of incidence [33]. This method was first described
by Krokstad et al in 1688 [36].

The response at a receiver is determined by defining a small area surrounding the receiver thi
serves to catch the reflected (and direct) sound particles. Since a method like this runs the ris
of not catching all reflections in this mannerjsitnecessary to define a minimum number of
elements (or rays) that must be emitted from each source to generate an accurate response at
receiver (Eq3.3) [33].

. Yo,
0] ——0 oY
0
where: Nrays = minimum number of rays required
t = analysis time (s)
Ar = surface area of the receiverjm

A problem with ray tracing is choosing an appropriate ray shape. The goalingl a shape

(with the accompanying density function) that provides maximal accuracy. At the moment,
triangular pyramids are the common ray shape, but this is likely to change as alternate
approaches are developed [33].

In terms of lowfrequency acougtal modeling, ray tracing encounters issues because the
propagation distance of the majority of the reflections is less than the wavelengths in-the low
frequency band, resulting in an incomplete representation of the overall frequency response
The methoddoes benefit, however, from good accuracy in the -higguency band and is
computationally efficient.

3.1.3 Finite element method (FEM) and boundary element method (BEM)

One of the more popular statistical simulation methods is the finite element method (FEM).
FEM is used extensively in structural engineering applications where precise mathematica
calculations are difficult due to complex geometries and material prapefies method is

used to approximate these difficult problems by splitting the area of interest (acoustical space
physical structure, etc) into small interlocking elements. These elements are connected by node
which can be points (1D), lines (2D) or fages (3D) [37]. Once the elements and nodes have
been initialized (a process called meshing), equations are defined to determine the value ¢
interest for each element. Generally, neighboring elements influence each other based on whi;
are called shape egtions. With the shape and property equations known, an overall solution
can be determined by summing all individual elements [37].

FEM accuracy is limited by the size of the elements. Smaller elements allow for accuracy at
higher frequencies, but regeigreater computational resources. For-foaguency acoustical
analysis, however, this should not be an issue as wavelengths are sufficiently large to allow fo
a small number of elements while maintaining reasonable accuracy. FEM operates in the
frequeny domain and it has been suggested that it can be difficult to accurately convert FEM
frequency domain results to the time domain [38].

In cases where only the response at surfaces needs to be moddlednteryelementmethod

(BEM) is more efficienthan FEM. BEM only considers the boundary elements in a model
while operating using the same principles as FEM. This allows for-thmneensional FEM
models to be scaled to twhmensional problems, reducing the computational complexity. This
method is pratcal for loudspeaker horn design and has been used extensively for such work in
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the past [39]. As with FEM, this method operates in the frequency domain and can prove
difficult to convert to the time domain.

3.1.4 Hybrid methods

Given the shortcomings of eacii the described acoustical modeling methods, it is common
practice to combine methods to form a hybrid system. Generally, these systems consist o
statistical modeling for the lodequency range (up to the Schroeder frequency) and
geometrical modeling fothe remainder of the bandwidth [33]. This avoids the-feeguency
problems encountered with geometrical methods and also limits computational complexity of
the statistical methods since they are only required to operate in thigetpyency band,
necessating relatively few elements.

Hybrid systems consisting of only statistical methods have also been developed. These systen
combine FEM and BEM where the FEM portion of the model simulates thdamardary
conditions of the acoustical space and the Bjdvtion concentrates only on the boundaries.
This allows for the BEM elements, which only exist in a-swmensional space to be smaller,
giving finer detail of surface diffraction and scattering while the FEM elements remain larger to
maintain system eifiency [40].

While hybrid models are valuable for fulinge simulations, they are not necessary for low
frequency analysis. For these cases, a-@lalksen statistical method will suffice.

3.2 Finite -difference time -domain theory

The finitedifference tmed o mai n ( FDTD) si mul ati on met hod
electromagnetics research, but has only begun to gain popularity in acoustics over the past tw
decades, with early work conducted by Bott
acousical modeling is that it operates in the time domain, allowing for transient analysis and
simple conversion to the frequency domain [38]. Also, the method is relatively straightforward
to implement, unlike FEM or BEM, functioning on a small set of equsatithrat can be
expanded to include the desired system complexity.

3.2.1 Structure

FDTD operates over a set of offset grids. For adivoensional simulation, this set consists of

a single sound pressure grid and two particle velocity grids (one fordimeension and one

for the ydimension). The elements of these grids are uniformp@ced over each dimension

(not necessarily the same spacing in each dimension, though) with the particle velocity grids
offset from the sound pressure grid by half of the spacing interval32ig.

In addition to the spatial offset of the grids, the edata are also offset temporally. The
simulation begins with a predefined sound pressure time sequence at the source location(s
These points are used to calculate the adjacent particle velocity values in between the pressu
grid time steps. The calculakgarticle velocity elements are then used in turn to update the
pressure grid on the time step. This computation process continues until the simulation ha:
reached its conclusion. Since the grid points are calculated recursively, only the two most recer
sets of elements must be stored in memory; the others may be discarded, unless they a
required for posprocessing.

The FDTD update equations operate on a discretization of the wave equation using couple
first-order differential equations by computitige derivative with the central finite difference
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[38]. This means that a straight line is placed between values at neighboring points (in time o
space) and the slope is taken as thienas¢ of the first derivative.
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Fig. 3.2 Grid layout of a 2D FDTDiswlation

Non-boundary elements are updated using a set of four equations for aithesesional
simulation, using zeroed pressure and particle velocity grids at t = 0 as the initial condition
(Egs.3.471 3.7, expanded from 2D equations in [4ZThese egations are valid for all nen
boundary elements. Boundary condition handling is discussed in the following section.
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3.2.2 Boundary conditions

Upon inspection of the particle velocity equations (E8d. 7 3.6), it is clear that it is
impossible to calculate particle velocity values at boundaries bedhaare is only one of the

two required adjacent pressure values available. In order to properly handle boundary
conditions, the model must utilize an asymmetric finite difference approximation for the spatial
derivative [38, 42]. This approximation ispressed by E(B.8 (x-dimension example shown).

The last term in EcB.8 is the unknown pressure value and must be expressed as the product of
the particle velocity at the element near the wall (perpendicular velocity component) and the
characteristic walimpedance (Eq3.9) [42]. Since complex walimpedancedata is rarely
available, the characteristic wathpedancdas assumed to be reand ithas been argued that

the real component is the dominant factor [41]. The characteristic wall impedances,

calculated using E@.10 [41].
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Equation3.10 shows that the characteristic watipedanceZ, approaches infinity when the
absorption coefficient, is very small. Olesen handles with this by assuming that the particle
velocity changes linearly over adjacent time steps 8EdL). Substituting this assumption into
Eqg. 3.9 gives the final boundgicondition for a rigid surface that is stalfleg. 3.12), due to the
elimination of the dependence on the absorpsensitive wall impedance equation (Bgl0)
[42].
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For simplicity, the fraction containing the air density tegmjs lumped into a constant (Eq.
3.13). This simplifies the positive-dimension boundary condition to E&|14. The negative-x
boundary condition equation is achieved by reversing the direction of the particle velocity
component calculated using the pressapproximation (E@.15).
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Similar calculations are used for theand zdimensions. A complete set of equations for the
FDTD simulationis contained in Appendix A.

3.2.3 Advanced boundary conditions

The described boundary handling assumes surfaces to be perfectly rigid. In other words
surfaces exhibit frequenggpdependent properties. Advanced versions of these boundary
conditions have been explored in the literature allowing for frequdapgndentbsorptive
properties and also reactive (nogid) surfaces [41, 44, 45].

The most common implementation of advanced boundary conditions coaaehtboundary
elementto act as loworder infinite impulse response (IIR) filters [44]. This requires {ime
dependence where previous pressure values at the boundary (and particle velocity value
adjacent to the boundary) are stored and used within the IIR filter structure to calculate
reflections. This, of course, requires additional computational menu@greasg model
efficiency.

Alternatively, advanced boundary conditions can be implemented using a classical
electromagnetics approach for signal transmission through two or more mediums with different
characteristic impedances [45]. This model does not teteniabithe surface elements, but
carries on to model the entire structure of the surface and could possibly expand to mode
adjacent rooms. As in electromagnetics, the reflected and transmitted waves are calculate
based on the material properties, inclgdithe angle of reflectance and transmission. The
characteristic impedances can be complex, allowing for frequéemgndent characteristics.
This implementation, as with other advanced methods, provides more precise simulation result
at the cost of moreotnputational power.

As thisphaseof research aims to use modeling only to achieve approximate results that can be
appliedto shape practical solutions to ldvequency control problems, perfectly rigid surfaces
should suffice. Validation of the FDTD tedlque is presented Bection3.4.

3.2.4 Stability

Care must be taken when defining the element spacing and time step to avoid spectral and/
spatial aliasing. A smaller time step allows for modeling up to higher frequencies, governed by
the Nyquist frequencywhich requires at least two sample points per frequency wavelength to
accurately reproduce the signal. Less than two sample points per wavelength introduces aliasir
where the frequency is folded back over the Nyquist frequency causing incorrect id@ntifica

of a component at a lower frequency [43]. Additionally, the element spacing must be
sufficiently less that the smallest wavelength within the bandwidth of interest. It is suggested
that reasonable results can be achieved with five to ten elementgapelength [38]. An
element spacing of 10 cm, for example, produces accurate results up to 600 Hz, by this
measure.

The time step is calculated based on the-dséined element spacing to ensure stability. It is
important to choose a time steqmt that orresponds to the element spacing to allow for
accurate sound wave propagation and to minimize grid dispersion errors. This is calculatec
using the following equation [38].
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Since EQ.3.16 gives the maximum time step allowed for system stability, it can be used to
ensure stability and maximal computational efficiency.
3.2.5 Non-rectangular FDTD simulation

As few spaces in the real world are perfectly rectangular, it is necessary to provide a modeling
method capable of handling noectangular topologies. Theimplest of the three most
common methods ignores elements outside a defined boundary. In thefcaseued
boundary, this results in a stke spatial discretization (Fig.3).

Fig. 3.3 Discretization of an elemegrid for a circular 2D spadeeddots = pressure elements)

The approximations made in this process can cause inaccuracies iftegcosstic scattering
at the boundaries. These inaccuracies are largely freqaependant, and worsen with
increasing frequency [46].

An advanced version of the above spatial discretization employs a tooafigrmal grid to
reduce scattering errorshis technique, proposed in [46], allows for variable element spacing,
which is used to provide a denser concentration of elements near room boundaries, wher
scattering accuracy is crucial, while keeping element density as low as possible for non
bounday conditions, increasing computational efficiency (RBdh).

Locally-conformal element spacing operates by inspecting if the space between two potentia
elements is intersected by a boundary. If yes, an additional element in placed at the midpoin
betwea the two original elements. This process is repeated oveeldmenito-element
interval until the minimum element spacing, as defined by the user, is reached. The process i
performed on all adjacent elements within the grid structure [46]. This reqeére when
computing pressure and particle velocity updates as the element spacing yatgesOd o ¥

are not constant. The increased resolution around curved room boundaries improves accurac
especially concerning scattering at high frequenciesleasonstrated in [46]. This benefit is
similar to emjpoying an FEM/BEM hybrid model.
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Jeobhdbdb

Fig. 3.4 Locally-conformal discretization of an element grid for a circular 2D space
(reddots = pressure elements)

A third approach to nerectangular topology handtinhas existed since the early research
concerning FDTD applications in acoustics [41]. The technique takes a rigid Cartesian grid
structure of elements set up according to the approach detailed B 3-mnd shifts elements
adjacent to boundaries so ttlihey are closer, essentially rounding the grid structure around
nonrectangular edges and surfaces (Bi§).

Fig. 3.5 QuasiCartesian discretization of an element grid for a circular 2D space
(reddots = pressure elements)

This technique was developed largely due to the low computing capabilities of the day where
finer element spacing would be too computationally demanding. The-Qadsisian grid
layout was shown to give more accurate spectral and temporal results $oofgnidiely spaced
elements as compared to Cartesian layouts [41]. Again, care must be taken with this approac
to ensure the spacing variables in the equations are correct for each element pair/trio.
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As this project is concerned primarily with lewequency analysis (below ~200 Hz) and is not
focused on developingl@oadbandnodeling routine, the Cartesian grid layout was selected as
it provides acceptable lefvequency accuracy for modal analysis [38, 42].

3.2.6 Non-rectangular and room obstacle grid masking

Although nonrectangular topology modeling is presented in existing research [41, 46] there is
no detailed published explanation regarding the specifics of element grid generation. It is vital
to ensure obstacles within a space are handled properly iregabdundary element
designation, which has not been discussed in any of the reviewed literature.

In order to effectively implement nemectangular topology and obstacle handling into the
existing FDTD modeling routine, element grid masking was chosercliwhiweltsuited for
MATLAB matrix operations). All examples in the remainder of this section are presented for
two-dimensional scenarios with the understanding that the technique can be expanded to thre
dimensions.

The first step in mask generation © define the pressure element grid (F8g6). This is
entirely usercontrolled and does not involve any special algorithms. For illustrative purposes,
the individual grid elements are represented by boxes, rather than dots, to enforce the matri
implemenéation within MATLAB.
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Fig. 3.6 Pressure element grid mask example
(white boxes = inside space (1), gray boxes = outside space (0))

The gray boxes in Fig3.6 represent pressure elements lying outside theremiangular
acoustical space and are assigaextro value in the mask matrix. All white boxes are pressure
elements within the acoustical space and are assigned a one in the mask matrix. All pressul
elements are neboundary, by definition, so no additional masle®d to kb generated in terms

of pressure elements for the pressure update equatior3.(Bqg.

Separate xand y particle velocity element grid masks are generated from thedeeed
pressure element grid mask since the grids each have different dimensions, as illustrated in Fi
3.2. Apressure element grid of dimensions 20x20 (x by y) corresponds tpamicle velocity
element grid of dimensions 21x20 and-particle velocity element grid of dimensions 20x21.
This is due to the fact that pressure elements are always surroundeattible velocity
elements, requiring an additional element in each primary dimension. With this in mind,
particle velocity element grid masks are generated from the pressure element grid mask b
searching the pressure element mask for anyzeom valuesThe corresponding indices of
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these nofzero values are then addressed in the particle velocity mask matrices (initialized to all
ones) so that these indices are set to zero (outside tHeonodary element set) along with an
additional zeroed element adgnt to the final pressure mask defined zeroed element in the
positive moving direction (Fid3.7).
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(a) (b)
Fig. 3.7 Nonboundary (a) xand (b) ydimension patrticle velocity grid masks
(white boxes = inside space (1), gray boxes = outside spgce (0

Next, the norboundary particle velocity masks are used to generate boundary masks which
indicate the particle velocity elements that must be updated with the boundary element
equations. These masks are generated by inspecting tHeonodary masks ansetting any
elements marked outside the space, but adjacent to an element within the space, to be inside t
boundary space (set to 1). All other elements are set to zero (outside the boundary space). The
masks are valid for use within all particle wvaty boundary condition update equations (Fig.
3.8, only x-dimension examples shown).

Additionally, masks must be generated for the-hoaondary and boundary particle velocity
grids for use within the pressure update equation, which does not operatethasisgme
dimensions as the particle velocity update equations. An additional pressure grid mask must b
generated for use within the particle velocity update equations. These masks can be generat
by addition or removal of a row/column of nrorclusive eéments to meet the dimension
requirements. A full set of masks for the tdionensional example is found in Appendix A.

Using this matrix implementation of FDTD modeling, the individual element update equations
(Egs. 3.43.7, 3.143.15) can be simplified toperate over all elements in one pass using the
masks (Egs. 3.1V 3.23, twaedimensional exampleNot e t hRbato ptehreat®r r e
entrywise product of two matrices of equal dimensions (known as a Hadamard product). This
operation is used to regsent the masking of the data matrices. Additionally, it is assumed that
these equations are for use within a programming environment whereby masked matrices (suc
as6 z0 ) are updated using their previously stored values (also represented: by

with this example).
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Fig. 3.8 X-dimension boundary condition particle velocity masks for
(a) negative xdirection direction and (b) positivedirection
(white boxes = inside space (1), gray boxes = outside space (0))

- Nonboundary particle velocity update equations:
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- Negative (left) xdirection particle velocity update equation:
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where: Uy = x-particle velocity element matrix
Uy = y-particle velocity element matrix
Z,,Zr, 21,28 = characteristic wall impedance values
U, Uym = velocity masks, no#boundaryelocity updates
Pwmx 1, PMx2 = pressure masks, ndsoundary velocity updates
Puvy1, Pvy2 = pressure masks, ndyoundary velocity updates
UmL, UMR, UmT, UmB = velocity masks, boundary velocity updates
PML PMR, PMT, PvB = pressure masks, boundary velocity updates
Pwm = pressure mask, all pressure updates
Unixp1, UMxp2 = velocity masks, all pressure updates

Non-rectangular topologies can be efficiently modeled in two or three dimensions while
allowing for any number of obstacles within the acoustical space. A cherm®e toolbox
exploiting this ability is detailed in the following sections includitihge validation of the
model 6s accuracy.

3.3 Simulation toolbox overview

Due to the lack of a publically/commercially available lorequency acoustic simulation
toolbox with adequateand appropriate flexibility, a bespok®olbox was developed in
MATLAB using the FDTD modeling techniques highlighted in the previous section. The initial
aim of the toolbox was to provide a means of visualizing-fimguency behavior in small
closed spaces due to any number of placed sources usifAgnmeanimations, overaound
pressuralistribution plots and frequency/time domain analysis. Upon achieving these goals, the
toolbox was expanded to include a wealth of functions specificalibyed to the needs of this
research. The key features of the toolbox are discussed in the forthcoming sectiondepih in
discussion on using the toolbox can be found in Appendix B.

3.3.1 Core simulation code

Equations3.171 3.23 were converted into MATLAB code to serve as the core of the FDTD
toolbox. As half time steps are not practical in digital computing, particle velocity and pressure
updates were performed on whole time step intervals, with particle velocity updatgs alwa
preceding pressure updates. This process is carried out witbml@p, operating using the
variable thum which runs from 1 to the number of time steps needed to reach the desired
simulation time (Fig3.9). Only the most recent matrix values fortfgde velocity and pressure
values are saved, keeping memory requirements to a minimum.

Obstacles placed within the room do not necessarily have the same absorptive properties as tl
boundary surfaces within the spa€onsequently,ite boundary condition masks detailed in
Section3.2.6 must be split into two masks: one for room boundaries and one for obstacle
surfaces. This is achieved by examining if a boundary in the mask is the first (or last) along &
certain dimension. If so, isiconsidered a room boundary and is placed into the relevant mask.
Otherwise, the element is considered an obstacle surface and is placed into the obstacle ma
(see CBROM included with Appendix A for source code).
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The distinction between room boundariesd obstacles allows for separate absorption
coefficients for each variety of surface (and in each direction). This requires separate particle
velocity boundary condition updatguations (Fig. 3.9, lines 129).

Since all sound sources have predefinedndopressuresignals, the corresponding pressure
elements must be updated both with the predefined signal and with the resulting pressur
response due to its surroundings. This is handled by updating the source pressure elements wi
the predefined signgFig. 3.9, lines 385) and then updating the source pressure elements
along with all other pressure elements using the normal update equation (Fig. 3.9,-B8¢s 38

1 % loop to update the wvelocities and pressures over the time steps, n

&= for n = 1 : tnum

3 % update the non-boundary condition nodes for particle wvelocity

4 - ux (uxM) = ux{uxM) - uCx*(pipM=l) - p(pM=x2)):

3 - uy (uyM] = uy(uyM) - uCy*(p(pMyl) - pipMy2)):

&

7 % update the velocity at the left wall

8 — ux {uML) = ({(Bx - ZL}/{Bx + ZL)) *uxi(uML) - {2/ (BEx + ZL)) *p(pML):

[}

10 % update the wvelocity at the right wall

11 - ux (uMR) = ((Bx - ZR)/(Bx + ZR)) *ux(uMR) + (2/(BEx + ZR)) *p(pME):

12

13 % update the wveloclity at the bottom wall

14 — uy(uMB) = ((Ry - ZB)/(Ry¥y + ZB)) *uy(uMB) - (2/(Ry + ZB)) *p (pME);

15

16 % update the wvelocity at the top wall

13 = uy (uMT) = ((Ry - ZT)/(R¥y + ZT)) *uy(uMT] + (Z/(R¥ + ZT)) *p (pMT);

18

19 % update the wvelocity at the left obstacle

Z0 — ux (uMLI) = {(Bx — ZLI)/ (Bx + ZLI)) *ux(uMLI) - {2/ (Ex + ZLI)) *p(pMLI);
21

22 % update the welocity at the right ocbstacle

23 — ux (uMRI) = ((Bx - ZRI)/ (Bx + ZRI)) *ux(uMRI) + (2/(BEx + ZRI)) *p(pMERI);
24

25 % update the wvelocity at the bottom ochstacle

26 — uy (uMBI) = ((B¥y - ZBI)/|(Bv¥ + ZBI)) *uv(uMBI) - {2/ (R¥ + ZBI)) *p(pMBI);
27

28 % update the wvelocity at the top obstacle

29 — uy (uMTI) = ((By — ZTI)/|(By + ZBI)) *uv(uMBI) + (2/(Ry + ZBI)) *p(pMEI);
30

31 % sSet the pressure at the source location(s)

32 = for z = 1 : n3

33 pisgrid({z, 2), sgrid(z, 1)) = ...

34 source iz, n) + pisgridiz, 2), sgridiz, 1)):

35 — =nd

3@

37 % update the pressure at all nodes

38 - pipM) = pipM) - pCx*(ux{uMxpl) - ux{uMxpZ))...

38 - pCy*iuy(uMypl) - uyiuMypl)):

40 - end

Fig. 3.9 Core FDTD toolbox simulation code in MATLAB (twdimensional case)

3.3.2 MATLAB graphical user interface (GUI) programming

A graphical user interface (GUI) for the FDTD simulation toolbox was designed using the
GUIDE function in MATLAB. GUIDE allows a GUI to be creatéd a visual manner where

text boxes, drojglown menus, plotting axes and pushbuttons are placed directly on a visual
layout. The function converts the layout design to an approps@tece codestructure,
allowing for the necessary code to be insertegémh GUI object.
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The FDTD simulation toolbox GUI allows all features and functions of the toolbox to be
accessed within a single window, without any need to alter the source cod8.1Big.The
features include spatial topology configuration, source signal definition, data analysis and
auralization.
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Fig. 3.10 FDTD simulation toolbox GUI in MATLAE
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3.4 Simulation validation

It is of utmost importance to verify that the simulation toolbox exhibits a high degree of
accuracy for lowfrequerty acoustical modeling. There are a number of methods for validation,
including comparisons to theoreticadlommode predictiongboth spectrally and spatially),
realworld measurements and previously published results. These methods are considered in tt
following subsections, followed by a general discussion on the overall accuracy of the FDTD
simulation toolbox.

3.4.1 Theoretical modes

The first step in validating the output of the simulation is to compare the simulatedrodes

to those predicted theoredity. A virtual rectangular space of dimensions 5 m x 4 m x 3 m was
configured with a single omnidirectional subwoofer in the corner and a tigatyoint
listening grid. All surfaces were set to 10% absorption and an MLS signal was used to measur
the lesponse at the listening locations. A frequency response plot was generated with the
theoretical modes included as colored vertical lines, where axial modes are blue, tangentia
modes red and oblique modes green (Bigyl).
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Fig. 3.11 Simulated frequey responses over a-@wint listening grid (solid blue line = room
average response) in a5 m x 4 m x 3 m room with theoretical modal frequencies displayed as
vertical lines (axial = blue, tangential = red, oblique = green)

The theoretical and simulatedodal comparison indicates that the FDTD toolbox is predicting
modes at the correct spectral locations, where the axial modes tend to have more influence ov
the frequency response than the tangential and oblique modes.

Having verified the spectral accasaof the simulated roormodes, it is necessary to examine
the spatiepressure distribution at various roenodes and compare them to the theoretical
distributions, as predicted by the roenode calculator function of the toolbox. Three modal
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values were lrosen for this comparison: 70.0 Hz (axial mode), 112.4 Hz (tangential mode) and
163.2 Hz (oblique mode). The theoretical spatiessure distributions comparisons to the
simulated distributions are shown in Figsl2i 3.14.

Fig. 3.13 Theoretical (left) and simulated (right) tangential mode (2, 2, 0) gfiatrdoution

Fig. 3.14 Theoretical (left) and simulated (right) oblique mode (2, 8pajicdistribution
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3.4.2 Lab measurements

While the simulation results agree nicely with theory, it is also necessary to compare
simulations to realvorld measurements. To accomplish this, measurements were taken in the
Audio Research Laborato}ARL) listening space. The measurements were taken using Clio
8.5 measurement software [47] with an Audiomatica MICmeasurement microphorEghe
ARLOGs r edimeasionsarle 6805 m x 5.79 m x 2.80 m with a large cabinet structure of
dimensions 1.73 m x 0.33 m x56 m at the rear of the room. Nine listening locations were
arranged in a square formation with 1.0 m spacing in both horizontal dimensions. The listening
grid center point was located at (3.50 m, 3.00 m, 1.50 m).

First, the system was configured to ¢ a single subwoofer in the corner of the room (0.40
m, 0.40 m, 0.30 m) and then measured and simulated using an MLS. The resulting frequenc
responses for all nine listening locations were plotted and comgiaiesidy-sideto examine the
simulationtodb o x 6 s accdu¥.acy (Fi g.
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Fig. 3.15 Simulated (top) and measured (bottom) frequency responses for a single subwoofer
system with room corner placement (solid blue line = room average)

The general trends of the frequency responses show similaritiesjadigpat low frequencies.
Inaccuracies can be attributed to a number of factors. First, the simulation does not include an
reactive surfaces or frequency dependent absorption coefficients. Although the side walls ant
floor of theARL are thick concretethe ceiling consists of a series of porous acoustical tiles that
tend to resonate when excited. Also, the simulation operates using an approximate bandpa:
response characteristic for the virtual subwoofers. In reality, the subwoofers used for the
measureents do not exhibit a flat response over the central subwoofer range which likely
colors the responses. Lastly, subwoofers are simulated as point sources, disregarding ar
diffraction effects of the enclosure. This simplification adds a slight inacctwaitye toolbox,
although if thorough simulations are required, an enclosure can be included.

In addition to the single room corner subwoofer system, a second subwoofer can be added i
the opposite room front corner and then simulated, measured and codifipgra.16).
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Fig. 3.16 Simulated (top) and measured (bottom) frequency responses for a dual subwoofer
system with front room corner placement (solid blue line = room average)

The dual subwoofer system shows approximate agreement between simulattbns an
measurements, where the general trends of the responses at each listening location are exhibit
in each plot.

Despite the above mentioned inaccuracies, the comparison shows enough agreement betwe
simulations and measurements to conclude that the awokd capable of delivering an
approximate solution to various acoustical scenafieghe toolbox was developed as a design
aid instead of a highccuracy simulation procedure this is acceptaivlee the toolbox predicts

the strongest axial roomodes & within 1-2 Hz of the measured roemodes. These are the

key frequencies that must be addressed using a correction procedure (to be developed using t
toolbox), so it is important that the virtual and real environments are in agreement.

3.4.3 Previously pub lished results

While comparisons to theory and reabrld measurements provide clear indication if a
simulation is accurate, it is also useful to compare simulation results to previously published
results using different simulation methods. Welkirformeda considerable amount of work
concerning subwoofers in home theater applications wWéeti simulated numerous room
configurations for an Audio Engineering Society convention paper [17]. All published results
compared to the FDTD simulation toolbox results are taken from this paper.

Welti employs a geometrical model of a rectangular topolodit 7 The relevant equations

for this procedure are discussedSection2. 2 . 2 . Wel ti 6s configur a
dimensions 6.1 m x 7.3 m x 2.8 m with 5% wall absorption on all surfaces. A spa@én
listener grid, centered in the room with 6@ pointto-point spacing, was placed to monitor
pointto-point responsgariation. The paper doe®t detail the height of said grid, so the center

of the vertical dimension was utilized as the paper specifies the grid is perfectly centered in the
room.

45



Low-frequency sound reproduction 3 z Low-frequency modeling

The first configuration explored is a subwoofer in the room corner. The frequency response was
calculated from the measured responses franil00 Hz, in accordance with the data in [17].
The response comparison is shown in Big7.
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Fig. 3.17 Simulation results for a single subwoofer in a room corner from [17] (top) and the
FDTD simulation toolbox (bottom)

The comparison bet viteEDID iadbiox résdlts showeckse lagreemeatn d
across the entire spectrum, with the exceptiolnadt boost bel omodd duklto i n
the mathematical model including the DC reaomde. The boost below 5 Hz occusince

below the lowest (n6C) roommode the sound field is determined by volume changes due to
the source resulting in increasimgom pressurization with decreasing frequency [5]. The
FDTD toolbox does not display this behavior since the response ipasgged to approximate

a subwoofer (although this function can be disabled, if necessary). This is also the cause of th
gradually increasing sound pressure level with frequerdgxt, results obtained when the
subwoofer is shifted to a wall midpoint (on the ground) are compared3(ER).

Again, the toolbox results agreselyw i t h  Wath theiexcaption of some vertical room
modes, likely due to the ambiguity of listening grid vertical height. The FDTD listener grid was
placed perfectly in the center of the vertical dimension, the exact location of a number -of room
mode nodal planed.istening locations located along these nodes do not experience strong
modal behavior, hence their absence in the FDTD simulation results.

Lastly, a multiple subwoofer system is investigated where a subwoofer is placed at wall
midpoints along three of theur room walls (Fig. 3.19). The comparison of results fitbra
multiple subwoofer configuration shows that the FDTD toolbox is in agreement with the results
obtained by Weltids geometrical approach.
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Fig. 3.18 Simulation results for a single subvieroat a wall midpoint from [17] (top) and the

FDTD simulation toolbox (bottom)
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Fig. 3.19 Simulation results for three subwoofers at wall midpoints from [17] (top) and the

FDTD simulation toolbox (bottom)
3.4.4 Discussion

Three different methods of simulation validation have been employed to examine the accurac)
of the FDTD simulation toolbox developed for this research project. The comparison of

simulated and theoretical spectral and spatial distribution of-raodes give good agreement.

In addition, the simulation results closely resemble those from published work, using different
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acoustical modeling procedures. In comparing the simulation tewad measurements,
errors do arise. These errors can be attributed toosippations made within the simulation
such as ignoring reactive surfaces, loudspeaker enclosures arabhiglexly geometriesThe
measurements do show similar characteristics in frequency response to the simulatizduhg,

at low-order axial modesgvhich are the primary cause of significant spatial variation in small
rooms (and must be targeted using correction methdtis).elevaes theconfidence that the
simulation is sufficiently accurate for use primarily a®w-frequency roommode correction
methodologyprototyping tool.

3.5 Chapter summary

There exist many adequate options for acoustical modeling. These options fit into three
categories: geometrical, statistical and hybrid. Geometrical methods include image source an
ray tracing, which exhit good highfrequency accuracy while maintaining acceptable
computational efficiency. Image source models lose efficiency as spatial topologies increase ir
complexity while ray tracing methods can have accuracy problems ditdquencies since the
wavekngths will be larger than the modeled space.

Statistical methods, on the other hand, provide very highflesuency accuracy while also
providing simple capabilities for tracking multiple sources and receivers. The three most
common of these techniquesed&EM, BEM and FDTD. While FEM and BEM operate in the
frequency domain, which can result in transient accuracy issues, FDTD operates in the time
domain yielding very accuratetime and frequency domain simulations. The dominant
disadvantage of these metlsad the requirement of finer grid structures as frequency increases
to avoid spatial aliasing. Throducesa significant decrease in computational efficiency as the
required upper simulated frequency limit increases.

Hybrid methods combine the best lmbth worlds, often utilizing a statistical method for the
low-frequency band and a geometrical method for the-figdguency band. This ensures that
the model produces acceptable low and fifglquency accuracy while keeping computational
demands to a mimum.

The FDTD acoustical simulation method was chosen for this project since the research focuse
only on lowfrequency behavior yet requires high accuracy in both the time and frequency
domains. The simulation method was linked inté&sdl in MATLAB to allow for simple
configuration of an acoustical space with extremely flexible data analysis functionality. The
toolbox allows for animation/visualization of waveform propagation as the simulation is
running as well as posimulation data analysis with thémato aid in the development of a
prototype lowfrequency room correction system.

The FDTD simulation toolbox results were validated using three methods. First, the simulated
roommodes were compared to the theoretical predictions, both spectrally diadlyspdext,

the simulation results were compared to-fgatld measurements using a number of subwoofer
configurations. Lastly, the results were compared to published work which utilizes entirely
different simulation methods.

The theoretical and publistevork comparisons show very strong agreement with the FDTD
resultsboth spatially and spectrally and with a number of different subwoofer configurations.
The measurement comparisons also show similarities, although the results did differ from the
FDTD dat at certain points, especially at higher frequencies. This can be attributed to the
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approximations within the simulation including details concerning the room topology,
subwoofer enclosure and the acoustical properties of the wall materials.

The simulatio toolbox is meant to provide approximate results for various acoustical scenarios
to aid in the development of novel configuration and correction methods. Extremely high
accuracy is not necessary. The validation process shows that the toolbox doestadheory

and different simulations used by notable researchers. Even though it does not agree perfect
with realworld measurement®r the reasons stated, it cha taken as accurater this work
especially in the context of creating a wadifined vitual acoustic world for experimentation.

A number of worked examples highlighting the broad usefulness of the toolbox are contained in
Appendix B.
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4 Conventional room -mode correction

The impact of rooamodes on the spatiotemporal response across a wide listening area is
discussed in detail iChapter2. Roommodes cause variable frequency responses between
listeners which can prevent higjuality listening experiases for everyone. Methods aimed at
roommode suppression/reduction/correction have been researched extensively where many
solutions achieve a considerable reduction in spatial variance.

This chapter highlights prominent methodologiesrmmmode contrglincluding passive and
active approaches. In this work, passive approaches are classified as methods without ar
necessary electronic signal manipulation while active approaches are classified as thos
requiring some form of signal processing to achidee desired results. The advantages and
disadvantages of each approach are discussed in detail with many approaches bein
demonstrated using the FDTD simulation toolbox, which was descriligabipter3.

4.1 Passive correction

The fundamental aspects of ldvwequency response in small rooms involve the physical layout
of the space. This includes the room dimensions, subwoofer location(s), listener location(s) anc
the quantity of subwoofers. Each of these aspects must be considered when designing
listening ramm containing an active sound playback system.

Since trial and error methods of room layout can take an unrealistically long time to carry out,
metrics exist to highlight key attributes that can be objectively optimized to provide the best
possible spatt@mporal response over the listening area. Many of these metrics (spatial
variance, magnitude deviatiomean output levelare detailed ilChapter2.

Published work on these topics is highlighted in the following sections. Room dimensions are
explored including suggestions for optilmabm-dimensionratios and how these ratios relate to

the listening experience. Material properties are also discussederdrating on absorption
levels and their relation to roemodes. Subwoofer to room coupling is explored, focusing on
the effect of source/receiver placement and also on proposed single/multiple subwoofer
configurations that can minimize spatial variance

4.1.1 Room dimensions

A method of modal suppression often discussed in published work is room dimension
optimization. Desirable room dimensions cause maximal spectral spacing between room
modes. This helps avoid modal groupings where adjacent modes havecangrspectral
overlap (or even share a center frequency) causing great irregularities over -finegioswncy
spectrum [48].

As roomrmodes are a function of any combination of room dimensions, problematic modal
grouping is at its worst when room dimensiamns integer multiples of one another. This results
in each dimensionds respective axi al mo d e
dimensions. This extreme grouping causes large boosts in the frequency response at the moc
frequencies, stronglgoloring the room response.

With this in mind, a room quality index can be utilized, as presented by Walker in [48] (EQ.
4.1). This quality index takes into account the msequare spectral distance betweeom:
modepairs.
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where: Ql meansquare room quality index
N number of modes within the frequency band
f modal frequency for th&' mode

Using the measquare room quality index, Walker proposeam-dimension ratio criterion
[48] (Eq.4.2).

pfpl’) Q (‘x,,Q 0 QT T8
where: I, w, h = length, width, height of a room (m)

Walker suggests that this proposal permits smaller rooms with extremely even modal
distributions. He claims that other room dimension ratio recommendations require unnaturally
tall rooms (over four meters), even for shrked listening rooms.

Other suggested criterions were generated through similar optimization calculations as with
Wal ker 6 s, but using total surface area anc
accomplished by determining the expected nunolbeoommodes below a specified frequency
(Eq. 4.3) [49]. The equation is commonly simplified to the form contained in2Ed.. This

modal density calculation requires an accurate calculation of the expected number -of room
modes, therefore Ed.3 is enployed. The modal density (modes/Hz) is calculated by taking
the derivative of Eq4.3 with respect to frequency and then carrying out the necessary
computations (E4.4) [15, 49].
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where Lr = total length of all room edgdm)

modal density (modes/Hz)

Using this calculation technique, Milner arrives at the ratio of 1 : 1.186 : 1.439 for rectangular
rooms, although he emphasizes that better modal spacing can be achievedectargyular
spaces such as roomglwat least one set of ngarallel walls [49].

One ratio appears more than any other with noticeably less experimental evidence to prove it

superiority. This popular ratio is commonl
on the Fibonacci $pience where each number (except the first in the sequence) is the sum of
the previous two sequence numbers (1, 1, 2, 8,%3,21,34 ¢éeé) . After progr

the sequence (to around 377) a constant ratio appears between adjacent valueso,This rat
(Phi), equals 1.61803 (or 0.618#3the ratio is inverted) and is often suggested to exist in
nature, art, music and architecture. Specifically, it has been observed that the cochlea in th
human ear i's in the shapeneratdd using thegratib, 8l.n s
Whether this is a factor in preference to music composed using the golden ratio, has yet to b
sufficiently proven.
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Even with lacking scientific evidence for its value, the golden ratio appears in room acoustics
discussions quite regularly. The golden ratio for a talieeensional room is 1 : 1.62 : 2.62
[50]. Again, while this ratio is similar to the two objectivelyfided ratios presented in this
section, little work has been done to prove the superiority of the golden ratio. In addition to the
gol den rati o, there are also ASilvero and
similar quadratic equationfzqgs.4.51 4.7) [51]. These ratios have yet to be proven as relevant
to audio and acoustics. In recent years, claims of the golden ratio superiority have beer
disproven in select publications [51, 52].

W W p T T8
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where: Eqg.4.5 roots Golden Ratio (1 : 1.618)

Eqg.4.6 roots
Eqg.4.7 roots

Silver Ratio (1 : 2.414)
Bronze Ratio (1 : 3.303)

A function built into the FDTD simulation toolbox assists in room dimension optimization. This
function takes in a range of possible room dimensions set by the user and performs frequenc
response measurements across a grid of listening locations for eaclsidimesmbination.
Spatial variance is calculated for each permutation to determine the configuration resulting in
the minimal spectral variance. Magnitude deviation and rsgaare room quality index are

also calculated and the corresponding best and wasst scenarios for these measures are
determined. Often (but not always) the beste is the same for all three valuéss important

to note that spatial variance is sensitive to listening area placement. Moving the measuremer
point grid generally ults in significant changes to the characteristics of a room dimension
analysis plot.

A rectangular room of height 3 was set up in the toolbox with a grid spacing of 10 cm. A
25-point listening grid was positioned in the center of the room with a height of 1.8 m with a
single omnidirectional subwoofer placed at a room corner. The width and depth of the room
were sweptrom 3.0 to 6.0m, in steps of 10 cm. Upon completion of the simulation, a plot was
generated showing spatial variance due to room width and deptd.(Big.

The spatial variance displayed in Fig. 4.1 was calculated froni 2@0 Hz (subwoofer
operating lnd). Asmodal frequencies are a function of room dimensions, the decrease in
spatial variance with decreasing room dimensions can be clearlylsegmaller rooms the
lowest possible roormode is at a much higher frequency than in larger ro@mse the
frequency band used to calculate spatial variance is fixed at120 Hz and smaller rooms
naturally have a larger portion of that analysis range sitting below the lowest mode (where
spatial variance is minimal), small spaces are expected to exhibit gpagal variance than
larger rooms using this form of room dimension analysis (as seen in Fig. 4.1).

The dimension optimization indicates that spatial variance is minimized for room dimensions
4.1 m x 3.9 m x 3.0 m. This corresponds to a dimensiom 041.00 : 1.30 : 1.37, and is similar

to the ratios devised by Milner [49]. Magnitude deviation calculations give approximately the
same ratio, while the room quality index indicates the best configuration is 5.6 m x 5.1 m x 3.0
m, giving a ratio of 10 : 1.70 : 1.87. This ratio agrees perfectly with the relationship proposed

by Walker [48].
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Fig. 4.1 Spatial variance (dB) versus room dimensions (room height fix@dgat

Although spatial variance is largely dependensouarceto-room coupling a few simple rules

can be dedted from the theoretical and simulated results. First, room dimensions should not be
integer multiples of one another. Doing so results in significant modal overlap and strong
resonances. Even though spatial variance decreases with room size, this shawdiled if
system efficiency is important. If the bulk of the subwoofer operating bantl 120 Hz) falls

below the lowest roormode then this range will not benefit from acoustical reinforcement
since the wavelengths will be significantly larger th&we room dimensions. In addition,
smaller rooms may not be practical for systems desigmée listened to by many individuals

at once, simply due to spatial restrictions.

It is important to note that although spatial variance can be reduced with appropriate room
dimensions, the reduction is not significant (arourid2LdB). Supplementary techniques must

be utilized if further spatial variangeductionis required; many ofuch options are discussed
later in this section. Despite the lack of spatial variance reduction, a carefully designed room
avoids overly strong lovirequency resonances, which ensures no strong coloration of the room
response due to the room geometry.

4.1.2 Absorption

Increasing surface absorption in a room is one technique to mask modal problems. As most wa
materials exhibit similar absorption at ldvequencies (anywhere from 11 10%), surface
absorption can be increased by adding soft, porous mataer@isas foam or fiberglass to the
walls of a room. These materials effectively dissipate acoustical energy as the air particles
encounter a significant amount of resistance when moving through the material causing friction,
thus converting the acousticalexgy to heat [2].

The decreased reflections from the walls limit the buildup of standing waves and cause the
modes to exhibit a lower Q, resulting in less noticeable resonances due to increased mod:
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overlap (Fig.4.2). While Fig.4.2 highlights a noticdde decrease in sharp roemodes as
absorption is increased tenfold, spatial variance only decreases by a marginal amount (5.0%
Even though the acoustic space exhibits significantly fewer sharp resonances with added wa
absorption, a strong variancdlsixists between listeners.
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Fig. 4.2 Frequency response simulations over-p@hat listening grid for surface absorption of
(@) 2% and (b) 20%

Foambased absorbers are regularly used to reducefteghency reflections (most eft in
recording studios and higgrade listening rooms), but can be difficult to implement for lower
frequencies since their size is dictated by the wavelengths in the target frequency band. As th
absorbers operate by attenuating particle velocity, Idgitates that they must be placed at
particle velocity maxima. At the room boundaries, particle velocity is theoretically zero;
therefore this form of absorption would be very weak at this location. In order to maximize
efficiency, absorbers must be placadquartetwavelength from the surface, at the particle
velocity maximum for the axial rooimodes [2].

While this is no problem for higfrequencies, long wavelengths at ksgquencies require
these absorbers to intrude by over two meters into a roond iShimpractical, but is
nonetheless implemented for certain applications (primarily anechoic chambers). Disregarding
the unrealistic size requirements of the passive absorbers, passive absorbers do not contribt
greatly to spatial variance reductionushcannot be considered a relevant solution.

Basstraps are commonly implemented to provide additional absorption at keymoa®s

(not over a wide spectral range). A variety of bmaps are available in practice, including
porous absorbers and resongtiabsorbers. These approaches each have their advantages anc
disadvantages, as discussed in [2, 53, 54]. OveraHltlb&gss can suppress the most problematic
modal resonances, but cannot address spatial variance over the entire subwoofer operating ba
unless an unreasonable numberraps are included in a space.

4.1.3 Single subwoofer placement

The lowfrequency room response can be significantly altered with subwoofer placement. Most
commercially available subwoofers have omnidirectional polar patterns wheubwoofer
operates as a pressure source. An omnidirectional subwoofer causes differing room respons
depending on whether it is placed near a pressure node (pressure = minimum, particle velocit
= maximum) or a pressure amde (pressure = maximumarticle velocity = minimum) [19].
When placed at a node, the subwoofer exhibits weak coupling with the room, causing the room
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mode to be minimally excited~{g. 4.38. The opposite is true when placement is near an anti
node (Fig4.3b) [2].
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Fig. 4.3 Average frequency response over gabt listening grid with a single
omnidirectional subwoofer at (a) (0.4 m, 2.0 m, 0.4 m) and (b) (0.4 m, 0.4 m, 0.4 m)

The suppressed mode shown in Fia corresponds to the (0, 1, 0) axiabde at 42 Hz.

Using the roormode spatialistribution function from the FDTD toolboxhighlighted in
Section3.4.1) to assess the two source locations tested, it is clear that the corner location (0.4
m, 0.4 m, 0.4 m) is close to an antidal plane for 48.Hz, while the central wall location (0.4

m, 2.0 m, 0.4 m) is directly on a nodal plane (Fgl). As expectedthe corner location
strongly excites the roomodes while the central wall location causes minimal excitation.

Height (m)

Length (m) Width (m)

Fig. 4.4 Theoretical modal spatial distribution for the (0, 1, 0)) mode ina5mx4mx3m
rectangular room (red = antinodal plane, blue dat@lane)

Considering the above results, placing the source directly in the center of the room shoulc
suppress many lowrder axial modes that have antinodal points/planes at the room center. The
low-order modes of (1, 0, 0), (O, 1, 0) and (0, O, 1) altethbeen minimally excited due to the
sourcebs centr al pl @&b.ement, as displayed i
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Fig. 4.5 Average response over aaint listening grid with a single omnidirectional
subwoofer at the room center (2.5 m, 2.0 m, 1.5 m)

While central placement shows increased modal suppression, it is not a practical location for «
subwoofer. Consequently, a single source position optimization routine is provided in the
simulation toolbox, with spatial variance minimization in mind. Foarepgle, the position
optimization routine can be carried out for placement along theisywall with a distance
range to the wall from 0.2 to 2.6 m (F§6).

The single source placement optimization routine indicates, as discussed earlier, that centre
room placement results in the lowest spatial variance (although this is not a practical
placement). Wall midpoint placement, on the other hand, is a reasonable source location witt
reduced spatial variance. It must be noted that remlaice placement minizes excitation of
unwanted roonmodes, thus the subwoofer output is not strongly reinforced by the room due to
the low roomto-sourcecoupling. As a result, the system is less efficient requiring higher
subwoofer output capabilities; a fact that must bas@ered during the system design and
configuration process.
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Fig. 4.6 Spatial variance (dB) for various subwoofer positions withina5mx4 mx 3 m
rectangular room (subwoofer height = 0.4 m)
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4.1.4 Multiple subwoofers

More often than not, subwoofer placamés restricted by practicality (e.g. objects present in
the roomand aestheti¢swhere placement of a single subwoofer at the center of a rectangular
room to optimally reduce resonances is unrealistic. A solution to this compromise scenario is tc
employ multiple subwoofers located at amtbdal positions of opposite polarity. That is, one
subwoofer is placed at a location corresponding to a positive pressure amplitude maximun
while another is placed at a negative pressure amplitude maximum. The opoterity of
antinodal positions causes destructive interference, minimizing excitation [2]. This placement
gives similar results (Figd. 7a) to placing a singl e 4B3a)bwoc
which utilizes a single subwoofer at a node to @eohi modal suppression. Two more
subwoofers can be placed at the other corners to help suppress thedérsmnode along the
width of the room (Fig4.7b) and thus achieve further spatial variance reduction.
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Fig. 4.7 Mean frguency response over a-@bint listening grid with (a) two omni sources at
(0.4 m, 0.4 m, 0.4 m)and (0.4 m, 3.6 m, 0.4 m) and (b) four omni sources at (0.4 m, 0.4 m, 0.4
m), (0.4 m, 3.6 m, 0.4 m), (4.6 m, 0.4 m, 0.4 m) and (4.6 m, 3.6 m, 0.4 m)
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Again, sytem efficiency must be considered, noting that sound pressure in the room is not
linearly related to the number of sources. With each additional source, there exists more
destructive interference which suppresses the problematic-mumes; hence, a doud of
sources in a room will not correspond to a doubling of sound pressure.

An efficiency/spatial variance compromise suggested in previous work [2, 19] employs four
omnidirectional subwoofers placed at wall midpoints on the ground 4RY. This placement
follows the optimal placements indicated in Hg6, where modal suppression is maximized
due to strategic nodal placement of the single sources and opposhngdaitplacement for

the two pairs of sources.

This configuration gives spatial variance reduction of 74.3% (@00 Hz), although the
resulting frequency response is far from flat, exhibiting a strong resonance around 60 Hz, due t
thefirst-orderaxial mode in the vertical dimension. This problem could in theory be afiedn

using parametric equalization since each listening location would benefit equally from this
gl obal application of correction (althoug
discussed in the following section). A possible downside to thpsoaph, though, could be a
smearing of the transient response, depending on the type and order of equalization utilizec
Above 70 Hz the benefits of this form of passoegrection are not clear, due to difficulties in
suppressing tangential and obliqued®as by source placement.
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Fig. 4.8 Average frequency response over gabt listening grid with 4 omni sources at (0.4
m, 2.0 m, 0.4 m), (4.6 m, 2.0 m, 0.4 m), (2.5 m, 0.4 m, 0.4 m) and (2.5 m, 3.6 m, 0.4 m)

4.1.5 Passive correction conclusions

A number of passive techniques geared towards spatial variance minimization exist, ranging
from physical room construction to single/multiple source placement. Room dimensions are
crucial in determining the spectral médhstribution. Dimensions that are equal or integer
multiples of one another share modal frequencies, causing strong room resonances which cz
prohibit a subjectivehpleasing acoustical environment. A number of dimension ratios have
been previously suggted to give an even spectral distribution of remades to avoid this
problem. This technique, however, does little to limit spatial variance and therefore cannot be
used on its own to achieve aocuratespatiotemporal response across a large listemgay a

Similarly, surface absorption is wused to s
fully suppress all rooamodes, rather widening resonances, reducing wall reflections and
suppressing just a few dominant modes. Absorption atfleguences is impractical as the
absorbers must intersect points where particle velocity is maximum; usually a quarter
wavelength from a surface for axial modes. This requires unrealistically long absorbers, thus is
not a practical solution in most cases.

Single/multiple source positioning is utilized for spatial variance reduction by placing sources
at either mode nodal points to avoid the excitation of a particular-roode or conversely
placing sources at opposing mode @adal points to achieve the same efffas with nodal
placement, but with destructive interference.fdur-subwoofersystem with wall midpoint
placement is recommended in the literaf@,el9] as a suitable solution to the problem, which
has been verified with the FDTD toolbox to reduce spatial variance by over 70% as comparec
to a single corner subwoofer placement. While this is a strong step towards delivering an eque
listening experiencever a wide listening areathe multiple source configurations are only
efficient in suppressing axial modes and therefore are only beneficial in the lower range of the
subwoofer band. In the case of the 5 m x 4 m x 3 m room, this corresponds to modal
suppresion below 70 Hz. Spatial variance is largely unchanged above this point due to the
unsuppressed tangential and oblique modes.
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4.2 Active correction

As discussed in the previous section, many forms offtegquency roormode control involve

the physicalconfiguration of a room and sound reinforcement system. While adjusting the
system layout can improve spatiotemporal accuracy over a wide area, it can only work up to ¢
point. Beyond that, active correction is necessary.

Active correction can involve a nubar of different techniques. One method that is regularly
used involves generating an inverse filter based on a measured impulse response at a prima
listening location to flatten the frequency response. Other methods expand on this principle tc
include nultiple measurement points to generate the inverse filter, thus addressing the respons
over a wider area.

Multiple-point techniques have been expanded upon in certain published work to allow for
adaptive filtering where the filter coefficients are continsly updated to compensate for
environmental changes. These systems keep a room response as close to optimal as possi
regardless of any changes to the room and/or system. Most of these techniques ar
predominantly focused on the frequency magnitudearse to avoid filter instability, but other
techniques exist that address phase as well. Phase correction can be performed independently
frequency magnitude correction and vice versa.

Aside from filterbased correction, a number of alternative appresdmave been heavily
researched including subwoofer polar pattern control, active absorption and radiation
resistancébased control. The most common forms of active correction are discussed in this
section, highlighting the advantages and disadvantagesaai while providing simulation
examples, where appropriate.

4.2.1 Static single -point equalization

A linear timeinvariant (LTI) system is characterized by both an impulse response (time
domain) and a complex frequency response (frequency domain) whicheaeel i@y a Fourier
transform pair (Eqst.8 & 4.9) [55].

O] MQOQ Qo &
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where: H( v) complex frequency response

h(t) impulse response

The complex frequency response can be converted to polar form to give a clear definition of the
magnitude and pisa response (E4.10).

O 01 K’ P T

where: sO] s
N

magnitude response
phase response
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Traditionally, a graphic oparametric equalizer is inserted into the reproduction chain in order
to attenuate large peaks in the magnitude response to give a roughly flat (linear) response. Th
technique, while simple to implement, requires manual fine tuning which prohibits grecis
correction results. Additionally it has been claimed, although not supported by empirical data,
that a flat response is not perceptually satisfactory in many cases as individuals are used t
hearing the natural acoustical characteristics of a space [70].

To circumvent manual system correction, an inverse filter based on a transfer function
measurement can be generated. The transfer function, commonly representeddortianz

is expressed by its zeros and poles (£G1). The transfer function is said be minimum
phase when all zeros lie within the unit circle and, in such cases, the complex response of th
system can be directly related using the Hilbert transform. If this is the case, precise systen
correction (in terms of magnitude and phase)lmaperformed with a single inverse filter since

it will be LTI (Eq. 4.12) [56].

e 2 0 a
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where: H(z) = transfer function
B(z) = transfer function zeros
C(2) = transfer function poles
A(z) = inverse filter fo response correction

If a stable filter cannot be generated due to amoenmum phase transfer function it is still
possible to create an inverse filter, but it can only be based on the minimum phase componen
of the transfer function. The excess phesmponents can then be dealt with separately [56].

Inverse filter generation by Egé.11 and4.12 is the simplest form of singf@int equalization,
commonly used in commercially available home theater systems. This method, in theory, works
well for correcting acoustical anomalies at the primary listening location to give a flat (or any
other desired) response.

Roomto-listenercoupling is not identical for each location in a room. Therefore, siagjlet
equalization cannot benefit a wide listening ai&hile the primary location may be corrected
properly, other locations can deviate greatly from a flat (or the desired) response. This gives
little (or no) reduction in spatial variance (F49).

Although the primary listening location (red line in HIg9) is equalized to give a flat response

all other locations still exhibit wildly differing responses. Since the target point naturally
exhibits a lowamplitude response around 55 Hz, this has to be compensated within the inverse
filter, thus all other pints in the room show a strong unnatural resonance at 55 Hz after
equalization. Clearly, this system does not contribute to spatial variance minimization.
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Fig. 4.9 Simulated frequency responses over-p@ht grid with a singlesubwoofer at (0.4 m,
2.0 m, 0.4 m) with (a) no equalization and (b) sifgbent equalization at the red line

4.2.2 Adaptive single -point equalization

Static singlepoint equalization techniques operate as linear,-immariant systems. In other
words, correction is applied to a signal in a predefinathimar. Adaptive filters, on the other
hand, are linear, timearying systems, adjusted with a tkwariant error signal. The error
signal is usually defined as the difference between a predefined target response and th
measured response at a single listgocation [56].

A correction filter is constructed from this signal at each time window in order to minimize the
error. This minimization routine is generally performed using a-leasin squares (LMS)
algorithm, although this is not the only techniquailable [57]. It has been argued, although
without much objective evidence, that the LMS criterion is not optimal in regards to
psychoacoustics [58]. Regardless of the algorithm utilized, the generalized process of
determining the error signal is shownFig. 4.10 [59].
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Fig. 4.10 Adaptive singlgoint equalization error signal calculation structure [59]

where: wEe = source signal
Q¢ = impulse response of the correction filter
W = impulse response of the system
z® = modelingdelay
Q¢ = error signal
wEe = equalized source signal
Q¢ = target signal (delayed source)
Qe = measured signal
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Adaptive filters are often of the findienpulse response (FIR) variety. FIRs are used due to the
simplicity of defining their response, whe
coefficients [56]. The fewer coefficients, the shorter theetwindow, resulting in less time
delay and greater time domain accuracy, but with a reduced frequency resdiagofilter
frequency resolution is given by:

0 T 62 5 ® 0
where: fres = filter frequency resolution (Hz)

fs = sample rate (Hz)

N = number of filter coefficients

As with static singlgooint equalization, singipoint adaptive equalization provides acate
correction at the target location, but can cause other points to exhibit far worse spatiotempora
responses than before correction. It has been found that-pimigleequalization corrects over

an area corresponding to a circle with a 2.8 cm radarscorrection up to 200 Hz) [59]. The
area of correction is determined by esieth the shortest wavelength in the correction band. As
sourceto-listener coupling is not identical at all locations, correction is only relevant extremely
close to the targdocation [56].

4.2.3 Multiple -point equalization

One solution to the problems encountered with stpgiat equalization is to add more
measurement points within a listening area. The equalization process is roughly the same &
with singlepoint equalizationput with the addition of extra measurements. These additional
measurements are used within an expanded spaje equalization structure to determine
their individual error signals. The goal with the adaptive filter variety is to use a procedure to
minimize all error signals. The ideally flat response probabliynot be achievable since the
system is attempting to find a solution for all error signals; however the listening locations are
likely to exhibit much less spatial variance. The process fomignthe error signals in adaptive
multiple-point equalization procedures is shown in Fig. 6.11 [59].
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Fig. 6.11 Adaptive multiplgpoint equalization error signal calculation structure [59]

This form of filter generation raises the issue of how to weight individual error signals within
the minimization process. The simplest solution equally weights each response. This assume
each listening location is distinctly different from the others muwdt be handled individually

[59]. In recent years, however, a considerable amount of research has focused onpoirtiple
equalization using specialized weighting functionsi[a®!].
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The bulk of these explorations analyzes measured responsedeterthines similarities
between each individual response (either in the time or frequency domain). The procedure i
performed over multiple frequency bands, allowing for the formation of similarity clusters in
each band. The error signal weighting is themebased on the number of responses included in
each cluster. More responses in a given cluster cause that cluster to have a higher weightir
than clusters with fewer members. The advantage to this process is that the most commo
frequency responses witha listening area are concentrated on while responses that occur only
at singlepoints do not have a huge effect on equalization. The discussed researcbZp0
mentions that it is possible to have low correlation between all measurements, preventing t
formation of clusters. In this case, equalization utilizes traditional mujbipiet static/adaptive
equalization where all points are equally weighted.

This weighting procedure is discussed in earlier work [65], but without clustering. In this case
individual responses are weighted based on an LMS criterion. It is suggested that this syster
can be used even if only a single equalization filter is available to the system.

It is important to note that a simple averaging of measured room responses geedrate a
single inverse filter is unlikely to produce a reduction in spatial variance. This is due to low
correlation between listening location responses, therefore an averaging of responses will nc
produce a filter that specifically addresses anylooation, let alone them all. Whatlikely to
happen ighatthe responses will remain equally divergent from the target response, although
the room average will be very close to the target @I).
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Fig. 4.12 Simulated equalization results usingtatic multiple measurement point, single filter
room average approach (red line = equalized room average)

4.2.4 Polar pattern control

All low-frequency roommode correction methods discussed to this point assume
omnidirectional subwoofers. The ndirectionalradiation of these sources excites remmdes
equally when placed near a corner. High modal excitation can be seen as advantageous for
number of reasons. First, subwoofers can deliver-aighlitude lowfrequency content due to
natural reinforcement frorthe room acoustics, as alluded toGhapter2. This phenomenon,
known as theWaterhouse effectbecomes stronger as a source approaches more room
boundaries.

In addition to increased output at modal frequencies, omnidirectional squedesm well
below the lowest roonmode due to their directieimdependent radiation which serves to
pressurize a room when no modal reinforcement iseptgd$]. However, as demonstrated in
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previous sections, a problem with omnidirectional sources is the substantial spasiace
below the Schroeder frequency [13]here exist a number of approaches regarding spatial
variance minimization where this section focuses on a more radical approach using low
frequency directivity control.

Subwooferdirectivity is achieved usinthe principles presented by Olson concerning gradient
loudspeakers [66]. Gradient loudspeakers utilize the techniques of microphone polar patterr
control, but applied in reverse. These methods (with the exception of therderovariety) call

for two or more spaced drivanits within each source to achieve the desired directionality. A
number of configurations are presented by Olson which prowddeseful tool set for low
frequency polar pattern control.

The zereorder gradient source is the buildingdik for all higherorder gradiensources. This
consists of a single drivenit which radiates energy equally in all directions (Bid3).

INPUT

(a) (b)
Fig. 4.13 Zeroeorder gradient source (a) configuration and (b) polar pattern
Firstordergradient sources combine two zenaer sources, one of reverse polarity (Bid4).

This configur at i on-epengentlorathe ppysidaltseparationiosthehwog |
sources (E4.14).

INPUT

Fig. 4.14 Firstorder gradient source configurationgole)

Y i QE0éi — (4.14)
where: Rq = system responseaxisat d (r a
k = wave number
D = source spacing (m)

Spacing at a quartevavelength of the target frequency results in a dipole pattern, but spacing
at a full wavelength gives a folobed pattern (Figd.15).
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240300 240 300

(@) (b)

Fig. 4.15 Firstorder gradient source (dipole) polar pattern with driné spacing at
(a) ¥a wavelength and (b) full wavelength

The dipole firstorder gradient source can be adjusted to give a cardioid pattern. This involves
adding electronic delay to the second duwvet which directly corresponds to driverasing
(Fig. 4.16). Again, the polar pattern is higkhdgnsitive to driver spacing (E4.15) as quarter

wavelength separation gives a cardioid pattern, but full wavelength separation gives a dipole
pattern rotated 90° ofixis (Fig.4.17).

INPUT

Fig. 4.16 Firg-order gradient source configuration (cardioid)
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Fig. 4.17 Firstorder gradient source (cardioid) polar pattern with dumg spacing at
(a) ¥a wavelength and (b) full wavelength
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Secondorder gradient sources are formed using two dipoledidér sources and placing them
together with a physicaeparation and an electronic delay on the secondofidelr source
directly corresponding to the separation distance @&If). The polar pattern is described by
Eq. 4.16 [66] and, like with other gradient configurations, is largely dependent on source
spacing (Fig4.19).

-I JELAY
INPUT *

Fig. 4.18 Secondrder gradient source configuration
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Fig. 4.19 Secondrder gadient source polar pattern with driuait spacing at
(a) ¥a wavelength and (b) full wavelength

Higher order gradient sources are realized by combining-,zérst- and seconeorder
configurations in a similar manner. It is expectbat as source order increases, polar pattern
becomes increasingly focused. It must be noted, however, that as order increases sourc
efficiency decreases due to destructive interference betweenruthitge66]. This is similar to
efficiency loss due toadditional omnidirectional subwoofers within a room for modal
suppression, as discussed earlier.

Modi fying a subwaoa ény cabses apdedreaseeffipeacyy, tba can also
drastically affect optimal source placement within an acouptices A solution to this problem

is to determine generalized positions with maximal modal coupling for each common variety of
polar pattern (omnidirectional, dipolar, cardioid). As previously discussed, an omnidirectional
sourceods modal edwhempglaced gt antirodesreadkmirmmized when placed at
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nodes. The reverse is true for dipoles since they operate as velocity sources, although dipol
couplingcanbefine uned by adjusting the sourcebds or

Cardioid sources have been suggddo be relatively positieimdependent in terms ebom

mode coupling [67]As with dipolar sources, cardiogburces can be firgned to best suit the
acoustical space by adjusting their orientation. In addition to low position sensitivity, cardioid
sources have been shown to be unaffected by substantial changes in room absorption and a
not greatly influenced by room asymmetry due to their highly directional radigditbarn [5].

Below the first roormmode cardioid sources show no clear advantage onmidirectional
sources and, in fact, can be a poor choice if system efficiency is important.

With this in mind, Backman proposed a subwoofer with a hybrid, frequégegndent polar
pattern [5]. Below the lowest roemode the subwoofer operates as an omnidirectional source
while above that mode it operates as a cardioid source. This approacseystem efficiency

at very lowfrequencies while simultaneously reducing source position sensitivity.

Backman highlights two implementatiots this system. One approach (F@20a) involves
applying an alpass filter (APF) to one drivenit to modify its phase, achieving the desired
frequencydependent polar pattern. The alternative approach @229b) places a higpass

filter (HPF) before one drivenit so only one of thérivers radiates energy below a defined
frequency. The first method is preferable since it has the advantage of two drivers radiating
below the lowest mode, resulting in tegtpressurization of the room.

(b)
Fig. 4.20 Hybrid loudspeakepolar pattern configurations [5]

Backmanés hybrid | oudspeaker approach 1is
underlying methodology led, in part, to thevel roommode correctiorprocedure developed
over the duration of this research project

Lastly, it is important to keep the subjective impact of different polar patterns in mind. Linkwitz
performs a detailed analysis of perceived sound quality between omnidirectional and dipole
subwoofers in [32]. Linkwitz concludes that perceived diffeesnbetween the polar pattern
varieties are largely due to the differing interactions within the room. Omnidirectional sources
couple strongly to rooamodes and result in longer decay times. Dipole units, on the other
hand, were only found to strongly coapb the roommodes along their eaxis direction. This

leads to less modal excitation and shorter decay times [32]. This difference between polal
patterns must therefore be considered when designing an appropriatedoency sound
reproduction system.
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4.2.5 Absorption

The drawback of passive absorption techniques atfleguencies is discussed in detail in
Section4.1.2. The fundamental issue is that the required size of the absorbers is on thaf order
several meters; highly impractical for smsitted Istening rooms. The question a handful of
researchers have posed, therefore, is whether these passive forms of absorption can |
substituted with an active means of absorption.

There are a number of methodologies focused on this questidn7[BBvhere mosutilize the

same core procedure. These systems call for two independentipllable lowfrequency
reproduction components: one to serve as the primary source and the other to provide th
absorption. The most straightforward implementations [68, G9]sf@n a tweor four-source
system in rectangular rooms. One/two of the sources are placed on antinodal planes of the low
order axial modes. The secondary source(s) are placed at the opposite wall, mirroring the
primary sources. These secondary sourceslalayed according to the propagation delay from
the primary sources and with their signals inverted and attenuated to compensate for th
propagation loss across the room. ldeally, the absorber sources emit signals reflected off th
wall (but inverted)

This technique was thoroughly tested in [69], both with simulations andwoehd
experiments. The system shows a strong ability to suppress modal resonances for the lowe
axial roommodes. It does not, however, provide significant correction for higiger axial or
tangential/oblique modes.

This shortcoming was subsequently addressed in [70] where inspiration was drawn from the
work in [71]. Instead of using static delay and attenuation to generate the absorption signals
Vanderkooy suggests utilizingpicrophones placed at or near the absorber sources. This way
the signals received at the absorbers can be directly inverted and reproduced from the absorbe
to perfectly cancel wall reflections.

This should produce a perfect travelling plane wave aloegptimary listening dimension.
Vanderkooy notes that there is more work necessary for this system to be realized concernin
stability, as the measurement microphones need a form of echo cancellation to avoic
uncontrollable feedback between the microph@rebsthe active absorbers.

The potential advantages of this active absorption method are clear, nonetheless. Unlike th
pure source delay/attenuation in rectangular rooms, this system allows for arbitrary source
placement in a space of any a@ttangulatopology. At the time of writing, though, a stable
active absorption system of this variety has yet to be successfully implemented, although ther:
appears to be a considerable amount of research focused on achieving this goal. There ar
however, commercily available systems using similar active absorption routines, such as
noisecancelling headphones.

4.2.6 Radiation resistance

An alternative lowfrequency roomrmode correction approach to impuissponse
measuremenrbased equalization and active absorptionpisposed by Pedersen in [72].
Pedersends technique involves correction b
loudspeaker. It operates using two measurements. Radiation resistirsteneasured using a
reference loudspeaker in a refezerroom. Next, the measurement is repeated in the listening
room with the actual loudspeaker. Pedersen claims the relationship between the twc
measurements can be used to construct an equalization filter that allows the perceived timbre «
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the loudspeakem the listening room to resemble that of the reference loudspeaker in the
reference room. This permits a user to choose any target timbre since it is based solely on tr
reference measurement.

Radiation resistance can be determined by the following metBo@n a driver moving at
velocity, v, a pressurey, is created in front of the diaphragm. The pressure on the surface of the
diaphragm results in a forc&, acting on the diaphragm. The ratio of force to velocity is
referred to as mechanical impedante.the case of the diaphragm being affected by its
acoustical surroundings, this mechanical impedance is referred to as radiation impegdance, -
(Eq.4.17) [72].

@ o T

0 P X
Radiation impedance is a complex frequedependent number. At low frequencies, the
imaginary component dominates, which corresponds to a portion of air moving alongewith th
diaphragm. This is equivalent to placing an additional mass on the diaphragm [72]. The real
component of the radiation impedance relates to the loss of energy consumed by radiating th
acoustic power [72].

Radiation resistance is found using the ratisamfnd pressurg, and volume velocityg, where
volume velocity is found using E4.18. Another method for calculating radiation resistance
(Eq.4.19) utilizes the radiation impedance found with £4.7. Radiation resistance has a large
influence on tk acoustical power output, along with the dniwet velocity (Eq4.20) [72].
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where: q = volume velocity (m/s)

S = surface area of diaphragm?m

R = radiation resistance

Re(%) = real component of radiation impedance

Pa = acoustic power output (W)

Pedersenb6és proposal utili zes a me asceineome nt

anechoic spaces. This involves taking two measurements of the sound pressure near the surfe
of the diaphragm (close, but separate locations). The radiation resistance is then calculate
based on the relationship between the two pressure meeznuis (Eq4.21) [72]. Pedersen
assertghat the transfer function of the microphone has very little influence on the radiation
resistance measurement.

1

Y oY QQQﬁQH—n 8 p
where: g = scaling factor (frequency independent)

P1 = sound pressure at measurement point 1

P2 = sound pressure at measurement point 2
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The radiation resistance measurements must be performed both in the eefemancand the
listening room. Once the measurements are obtained, thérdquency correction filter is

generated by the relationship given in EQ2 [72].

050 Yi Q
v S 18 ¢
where: EQ(f) complex filter coefficients

reference radiation resistance measurement

Rr,ref
list. room radiation resistance measurement

Rr,lst

The velocity of he diaphragm will be affected by applying this filter, as shown in4E2g.
This ensures the acoustic power output in the listening room is identical to that in the reference

room (with the reference loudspeaker) (Prédf) [72].
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The benefit of this correction method is that is does not require measurements at multiple
listening locations, but gives roughly the same results.filtees are dominated by boundary

and rooramode effects, but are essentially the same as impedg@nse measuremerdsed
multiple point filtering routines [72]. It is unclear how the method will function when placed at

nodal points for one or more roemodes, where sourde-room coupling is theoretically zero.
This may result in the system essentially ignoring those few modes, which gives an incomplete

solution to the problem.

4.2.7 Ambisonics -style equalization

The active lowfrequency room correction proag@ highlighted in this section differs from the
standard impulseesponse measurement design by being based on a fundamental principle of
ambisonics [73]. The method assumes a sound field can be completely characterized by four
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parameters, consisting of @mnidirectional channel (W) and three dipole channels (X, Y, Z)
oriented along each of the primary dimensional axes.

In this method, the sources must be setup surrounding a single listener. Like in most
conventional systems, the impulse response isumeast the listening location for each source
component in turn. These measurements are then combined to create an equalization filter fc
each source component giving the target response at the single listening locatigh2(Fig.

[73].

Speaker 1 Input

M
v,

e ToS; Output Adder

# ToSiOutput Adder

¥ # ToS; Output Adder
un,lm,(: From f; ; Output
e From f; ; Output
From f; ; Output

Speaker 1 Output

Fig. 4.21 Ambsonicsstyle room correction (only one source component shown) [73]

This method could possibly be expanded to include multiple listening locations and also
adjusted to handle arbitrary source placement. This possibility serves as inspiration for aspect
of this research project, which is discussed in detdlhiapters.

4.2.8 Active correction conclusions

A wide-variety of active lowfrequency correction techniques have been described, highlighting
the strengths and weaknesses of each. The bulk of these methesialely on impulse
response measments at one or more locati@tross a listening area. Some of these
procedures operate statically, with a <imee filter generation, while others operate by
continuously updating the filters (requiring measurememtophones in the listening area at
all times), although both function using similar ersggnal minimization routines. The most
common minimization technique is the leastan squares method, although arguments have
been made for other approaches.

Multiple-point equalization approaches are shown in published research to provide acceptabl
spatial variance reduction, by grouping similar responses in the error minimization function and
weighting them accordingly. None of the described research in this ame@ons how non
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measurement points in the vicinity of the target points benefit (or not) from equalization. Also,
these methods require what can be a-m@suming optimization procedure that could make
reattime system adjustment difficult.

Polar pattem control, active absorption, radiation resistance correction and ambibased
correction are alternative approaches. These methods have been (and continue to be) perused
significantly fewer researchers, but each shows promise of achieving hidh tévepatial
variance reduction. A combination of these techniques has served as an impetus for the work t
be described i€hapterb.

4.3 Chapter summary

There exist numerous methodologies concerning-flequency spatiavariance control in
smallrooms. These methods can be categorized into two varieties: passive and active, althoug
some approaches utilize concepts spanning both varieties.

Passive correction generally involves the physical characteristics of a closed space along wit
the layout ofa sound reproduction system. These approaches have proven beneficial for
controlling the modal spectral distribution to avoid sharp resonancesdsntb suppress strong
low-order axial modes by means of low roéorsource coupling or destructive interference.
Few of these methods, however, significantly contribute to spatial variance reduction. The
multiple-subwoofer positioning approach is anl@utto this statement.

Active correction methods aim to correct for what passive approaches cannot. Most active
techniques involve omegme or continuous measurements in the listening area in order to
generate one or more equalization filters aimed tatera highly accurate spatiotemporal fow
frequency response. These methods can requ
to lend themselves easily to rdéahe adjustments. That point aside, these approaches have
taken large strides towardsh@éeving the stated losirequency reproduction goals.

The various successes of passive and active correction approaches have been taken into acco
in this research, with the goal of developing a system that embraces the advantages of bot
varieties, inalding the nommainstream active methods such as polar pattern control and an
ambisonicdike approachfor wide area correction. The relevant methods are touched upon
again in the remaining chapters.
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5 Chameleon subwoofer arrays

The existing procedures and proposals regarding-flegquency roormode correction
generally assume subwoofer units are of the omnidirectional, single degree of freedom variety
(highlighted as zerarder gradient sources iBection 4.2.4). This restriction limits low
frequency correction as most practical sound reproduction systems only accommodate up t
four subwoofers (although most enteyel commerciallyavailable systems only suppaat

single subwoofer). Theoretically, each system degree of freedom (singleudii\sibwoofer)
allows for correction at a unique listening location. More degrees of freedom allow for
independent control over more locations.

There is, however, a handfof work that alludes to the possibility of using a single subwoofer
with multiple independentigontrollable driveunits or multiple omnidirectional subwoofers
with individual processing for each [5, 19, 66, 73]. In [66], Olson presents methods for low
frequency polar pattern control using multiple driuaits, with physical separation, electronic
delay and/or polarity reversals applied to each driver, as needed (as disci&setibim.2.4).

This approach, while frequenaydependent, provides the firsrlgument towards multiple
degrees of freedom in loudspeakers to better control the room response, although low
frequency modal problems were not the focukisfvork.

Backman expands on Ol sonds gradient | ceud s
low-frequency roomrmode problems encountered in smalked listening rooms [5]. As
discussed inChapter 4, Backman notes that although dipolar subwoofers are useful in
suppressing modal excitation, they rapidly lose efficiency as frequency decreases; a point als
emphasized by Olson [66]. In order to maintain system efficiency to the lower limit of the
reprodiced frequency range, Backman devised a two dnmesubwoofer scheme generating a
qguasi frequencylependent polar pattern using either arpalis filter or a high pass filter on

one of the drivaunits [5]. This results in a dipolar coverage patterrr the higher subwoofer
band, but transitions to an omnidirectional pattern below a specified frequency to boost
efficiency. Backman notes that below the lowest ronode spatial variance is no longer an
issue as the subwoofer simply pressurizes the rodrarearno standing waves can occur [5].

While Olson and Backman focus on the issue of polar pattern control by multipleudiive
subwoofer designs, Howe and Hawksford concentrate less on the specific characteristics of th
loudspeaker and more on the alereffect of the sound reproduction system [73]. Their
approach is rooted in ambisonics where a listener is surrounded by loudspeakers, botl
horizontally and vertically. The encompassing loudspeaker system allows for the delivery of a
threedimensional sond field with accurate control over localization effects. Instead of
concentrating on the localization utilities of the ambisonics methodology, Howe and Hawksford
approach the system as a means for equalizing the room response, thus eliminating an
unwaned acoustical artifacts of the room, such as strong Hmoctes [73]. The system was
demonstrated to provideccurate correction over an 80 cm diameter sphere while targe2ing a
mx2mir egion of equalizationo ar ®uHgd t he tar

Regarding rooamodecorrection over multiple listening points, Welti proposes a system which
operates using multiple omnidirectional subwoofers which are individually controllable to
achieve minimal spatial variation between listening locations B&ch subwoofer is provided

a uniquely controllable FIR filter for correction purposes, with the filter coefficients found
using an optimization routine. This system was demonstrated to drastically reduce spatia
variance in the subwoofer band, althoughk optimization routine often takes several minutes

to complete and the results are limited by the number of single-anivesubwoofers that can
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be accommodated within the listening space [19]. Welti notes that a direct calculation
procedure is possiblprovided there are an equal number of degrees of freedom in the
subwoofer system and listening locations [19].

The above mentioned work provides motivation towards the work for this project. The system
presented in [73] lends\aery powerful tool for r@em equalization over a wide listening area,
although the method requires that the user be surrounded by sourcesethbédsin [5] and

[66] demonstrate that polar pattern control is achievable using multiple-wdritge within a
subwoofer and frequenaependent patterns can be achieved with simple filters [5]. The
system presented in [19] offers a powerful solution to ri@m-mode problem, however
optimization can be timeonsuming and utilizing many single drivait subwoofers can be
impractical in costricted environments.

This chapter focuses on the development and implementation of what are referred to a:
chameleon subwoofer arrag8SA). The theory behind this new system is rooted in the work in
[5, 19, 66, 73], bugrantinggreater flexibility conerning the source layout while also providing
fully frequencydependent polar pattern control, where each frequency bin can ideally have a
different coverage pattern to best suit the needs of the acoustical space.

This chapter begins with an-tgepth presntation on the theoretical concept behind CSA
technology, including various system stability issues. This is followeghhiysis osimulation

results using the bespoke FDTD simulation toolbox. Analysis includes examination of
correction benefits both ,abnd away fromthe target measurement points, as well as the
relationship between the correction efficiency and the physical system layout. CSA correction
results are directly compared to the most common correction procedures in order to determin:
the adbantages and disadvantages of the new practice.

5.1 Theoretical concept

The chameleon subwoofer array (CSA) correction system takes into account the highlightec
shortcomings of existing solutions to ldvequency roormode problems (as discussed in
Chapter2). The relevant components of this concept are described in detail in the following
subsections, highlighting key differences between CSAs and existing approaches.

5.1.1 Degrees of freedom

Sound reproduction manipulation flexibility is directly related to thenlner of degrees of
freedom present in a system. One single duinié subwoofer only provides correction at a
single point, as is highlighted in the discussion on sipgiat equalization irChapter4. An
additional subwoofer theoretically allows for aegtion at a secondary point. Following this

line of reasoning, each single druait subwoofer contributes a degree of freedom to the
correction system, thus allowing for another listening point response to be directly manipulated.
This assumes the prosgsy and amplification stages can accommodate the additional
independent driwsignals.

Welti demonstrates in [19] that more degrees of freedom in a reproduction system increase
control precision over a listening area. This is closely related to the amdssapproach

presented by Howe and Hawksford [73] where each system component is individually
controlled to provide maximum control over the response at the listening location. The CSA
system, therefore, must deliver as many degrees of freedom as eoshkil#d holding to

practical physical limitations. Toole suggests in [2] that up to four subwoofers can be
practically placed in a conventional listening room. More than four subwoofers consume too
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much space, not to mention that it is doubtful any consummaild invest in such a large
number of units. With this in mind, a four subwoofer limit can be placed on CSAs (although
larger arrays will be explored for completeness).

5.1.2 Hybrid sources

Hybrid, multiple driveunit, subwoofers are necessary to providere degrees of freedom
whil e keeping the number of subwoofers- to
unit subwoofer |[5] is a step towards what
subwoofer operating without regard to other systempmrants. Ideally, system components
should adjust themselves so that all active components collaboratively achieve the desiret
coverage pattern.

CSAs are designed to operate with one or more hybrid subwoofer. These hybrid units adopt th:
wisdom of ambisomis where spherical harmonics of various orders are utilized to create
complex coverage patterns [73]. In this case, the hybrid subwoofers consist of siMritsye

one on each side of a sealed cubic enclosure. This configuration allows for four primary
spherical harmonic components; one zerder component (omnidirectional), where all drive
units are driven synchronously, and three fmster components (dipolar) each oriented in one

of the three spatial dimensions.

The first-order spherical harmong (dipoles) are realized by driving the components on
opposing sides of the enclosure with one u
loudspeaker methodology [66[heoretically, this will produce a perfect figuoé-eight pattern

along each pmary dimension, however may be difficult to achieve in practice. As the hybrid
subwoofer is a sealed enclosure, there may exist a level of source componetdlicrtisss
blurring the resulting polar pattern. Additionally, cabinet diffraction effdargély manifested

as shifts in the acoustical center of the individual drive uj@is 22) can cause further
difficulty in achieving the figuref-eight pattern since these fimtder gradient sources are
sensitive to drivaunit spacing, as highlightday Olson in [66].

It can be argued that providing independent control to each-anivegives superior control

over combining the four spherical harmonic components. Upon careful inspection, though, it is
clear that addressing the driueitsindividually is not advantageous as each unit contributes a
roughly omnidirectional radiation pattern (at ldsequencies, relative to the enclosure
dimensions) and since the driueits are positioned in close proximity to one another it can be
surmised hat the room responses from each dung will exhibit high correlation. The set of
spherical harmonics, on the other hand, are orthogonal and can be combined to produce
specific polar pattern.

5.1.3 Mathematical structure

The CSA correction procedure op@wtusing impulse response measurements at each target
listening location with one source component activated at a time. These measurements are take
using an MLS, generally of the 2or 13" order at a sampling rate around 4 kHz (as the
frequency band of interest extends to around 200 Hz). This length MLS allows the room to
reach steadgtate so an accurate assessment can be made of the acoustical characteristics.

The MLS measurements are pessed to determine the impulse response at the target locations
due to each activated source component (Seapter2 for details). The impulse response
measurements are converted to the frequency domain via a fast Fourier transform (FFT) tc
allow for corection filter coefficient generation. If there are more listening locations than
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source components, the superfluous locations are ignored. The same adjustment is performed
there are more source components than listening locations. The system osstat@acaan

exact match in number between listening locations and source components (unless pseudt
inverse filtering is utilized, as detailed $ection5.5.3).

The frequency responses are placed intbllam NSx NF matrix whereNL, NSandNF are the
numbe of listening locations, source components and frequency bins, respectively. This matrix
is labeledFR and is analyzed one frequency bin at a time. To simplify the calculation
procedure, a matrix labeled is loaded with theNL x NS data matrix correspomt to the
current frequency bin under inspection.

A target response must be determined as the CSA correction system steps through th
frequency bin range. This can be any response, but Vanderkooy argues that a good targ
response for lowrequency corréon is the room average response (which is rarely used in
commercial products, which generally target a flat response) [70]. Vanderkooy asserts tha
humans are accustomed to listening to the acoustical characteristics of a space and it would t
nonsensidato remove these characteristics. Therefore, the target response for each listening
location is determined at each frequency bin by taking the average response over al
measurementsThis assumes a linear system, wheuperpositionof the individual souwre
component responses is vallthile norinearities will certainly existn practice, the linearity
assumption should be sufficiently accurate to allow for effective correction. This claim is
supported by a similar assumption for the correction procedaweloped in [19] which
exhibits manyparallelsto the procedure described in this research and has been shown to
provide accurate lovfrequency correction in a widange of listening environment$arget
responses need not be identical, but forittitgal exploration of CSA correction, they are set to
give identical objective responses at each locatimividualized target responses are discussed

in Chapter7.

Listening location target responses are arranged infdLaxi 1 matrix labeledy. This matrix
operatesat one frequency bin at a tinfier memory conservation purposes. The unknowns in
the CSA are the correction filter coefficients, contained inNgx 1 matrix labeledH.
Assuming system linearityhe process dharget response calculati@shown inFig. 5.1.

TARGET

INPUT % H > OuUTPUT

RESPONSE <A NLxNS+ 4 NSxl RESPONSE
Fnrx

Fig. 5.1 Basic CSA correction procedure block diagram

In order to calculate the correction coefficients, ¥amatrix (containing the uncorrected
frequency responses) can be inverted and multiplied by the target response¥Ynahis gives
the correction coefficient matrix] (Eqg. 5.1). This calculation requires an equal number of
source components and measurement points (a sYumagrix), however this restriction can be
subverted using pseudiaverse filtering which is expled in Chapter 5.5.

O () D) uP

Once filter coefficients are calculated for each frequency bin they must beotraedfback
into the time domain so they can be applied to the input signal via convolution. This is
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accomplished with an inverse fast Fourier transform (IFFT). Since correction is ignored above
the Nyquist frequency, all frequency bins above said limitiaiteally zero. To generata

purely realvalued digital filter, these frequency bins must be set to the reflection of the
complex conjugate of the first half of the frequency range (excluding the DC term) over the
Nyquist frequency bin.

Sinceeach filterimpulseresponse is likely texhibit slight preringing, a circular shift must be
applied so that the peak of the response lies at the center of the vector. Once the filters ar
converted to the time domain thaye convolved witlthe source signal tgenerateindividual

drive signals for the source components.

Of course, care must be taken to ensure practical solutions, in terms of filter stability and
coefficient amplitudeThis is addressed in the following sections.

5.2 System practicality issues

As mentioned irBection5.1.3 and in [19], a direct calculation method for correction filters can
potentially cause unrealistic requirements on the sound reproduction system. These problem
arise for a number of reasons including: egecursion of dipolgairs, attempted correction
outside the discrete modal range and also problensaticceto-listener coupling where
correction at certain mode(s) requires an unrealistically large amount of acoustical energy tc
address one or more areas of a listeningespac

5.2.1 Dipole efficiency

The work in [32] and [66] emphasizes that dipolar loudspeakers lose efficiency as frequency
decreases due to increased cone excursion requirements to overcome the destructi
interference between the two drivaeits used to create tltkrectional pattern. This efficiency

loss is approximately 6 dB per octave for fiostler gradient loudspeakers [66]. Considering
these performance losses at very low frequencies it is clear how problems arise with what is
essentially blind correction, aancerned with the physical limitations of the drivaits.

This problem requires examination of the targeted listening area. The upper region of the
subwoofer frequency band (~45 Hz and above) contains multiple wavelengths of each
frequency within the liening area. In this range there is low correlation betwazhacent

pointsdé responses since they Ilie sufficien

In the lower region of the subwoofer frequency band (below ~45 Hz) the measurement points
yield data thaexhibits very high correlation since points are relatively close to each ottisr.

limits precision correction as the measurement paangs strongly correlate@gand naturally
exhibit minimal spatial varianckeetween one anothewhich can imit the invertibility of the
measurement matrix [75]his can result in higlamplitude correction coefficients required to
achieve only minimal spatial variance reductiom.an attempt to correct for such cases it is
likely that the dipolar units wlilface unrealisticoneexcursionrequirements, whickhouldbe
avoided.

The solution is to split the correction frequency range into two bands. As the listening area is
oversampled in the lower band, some measurement points and source components al
unnecessary. The dipolar source components should be inactive in this fsexpregecto avoid
overexcursion issues and measurement points only along the periphery of the listening are:
will be utilized. If, for example, therare four hybrid subwoofers (containing sixteen source
components), then in the lower subwoofer band dmyfour omnidirectional components will
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be used with the four corresponding measurement points. All sixteen source components an
measurement points become active in the upper subwoofer band.

Calculation ofthe crossover pointfy, (Eqg. 5.2) is based on ghwidth of listening grid (in
measurement pointd)y, the width of the room (m)y, the spacing ratio of the listening points
(1.5, 2 or 3 from the FDTD toolbox$p the omnidirectional source component measurement
point spacing ratiogR, and the mean point spacing (i}, (Eq.5.3).

@
TO &Y
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&
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(O] VS

Equation 5.2 states that the crossover pdintjs inversely proportional to four times the
product of the mean measurement point spaeiitly the omnidiretional measurement point
spacing ratio. The spacing ratio represents how manyldaghd (dipole + omnidirectional)
pointsexistbetween each omnidirectional point. Generally, this ratio is3 depending on the

size of the measurement grilhe productof this ratio with the average point spacing
effectively gives the mean omnidirectional measurement point spacing which is critical in
defining the crossover frequency (where the crossover is set to the frequency whigtadee
wavelength fits perfeatlbetween two omnidirectional points).

Equation 5.3 determines the mean measurement point spacing by calculating the width of thi
grid (by multiplying the number of points along one side of the grid with thedesered point
spacing ratiosp, which spaces the points based on the width of the room). The width of the
room is then divided by the calculated width of the grid to give the mesmsuremenpoint
spacing.

The crossovefrequencyensures that only frequencies where at least aeywaavelength fits

within the listening area are corrected for using the full omnidirectional and dipolar source
component system. When less than a quavtarelength fits in the listening area only the
omnidirectional source components are used to ersyistem efficiency and to prevent dipole

unit overload.The crossover point is not used as an abimgpisition;rather there is a smooth
transition between bands with an overlap of 5% surrounding the crossover fredereyis

an additional factoconcerning dipole efficiency thaelates to the physical placement of the
dipole source components in relation to the room boundaries where this topic is explored in
Section5.5.

5.2.2 Lower correction limit

The acoustical characteristics of a space can alssecproblems within a direct calculation
correction procedure. As discussed @tapter2, sound pressure spatial variance over a
listening area is directly related to roenodes. Below the lowest mode, however, spatial
variance largely disappears since ef@ngths at these frequencies do not fit within the space.
Since the sound reproduction system is pressurizing the room in this range, there should only b
minor variations in response over the listening area. These minimal variations result in tightly
couwpled listening location responses which can be difficult to correct for independently due to
the wavelength dimensions being on the order of the primary room dimensions. Attempting to
precisely control this range of frequencies could require unrealistham#s on the system,
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only to achieve minute reductions in spatial variance (where only a small variance existed in the
first place).

Along with the relatively minor spatial variance of sound pressure at very low frequencies, it is
also helpful to note the u ma n senstivityte pressure changés this rangeFletcher and
Munson show in [74] that as frequency decreases, the perceived level change is generally le:
than the objective change in level. For instance, at 1 kHz a reduction in SPL from080Bas/
perceived as a 10 dB drop, but at 30 Hz that same 10 dB reduction is perceived as al
attenuation of less than 2 dBhe underlying points thatat very lowfrequencies the human

ear has poor sensitivity to pressure level changes. Modest spatdibveain this range is likely

to be difficult to perceive. Therefore, precise correction is less critical in this band.

The lower correction limitf,, is calculated using the mean spacing of the omnidirectional
measurement pointsg, as a guide (§s.5.4 & 5.5). The cutoff frequency also depends on the
size of the listening area. A smaller listenauga results in a higher cutoff frequenelyile a

larger area lowers the cutoff frequency. In a sixteen measurement point configuration, for
example, lhe cutoff point is set at the lowest frequency where a sixth of a wavelength fits within
the listening area. Below that limit, correction is not performed.

A
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0 ey Lvd

5.2.3 Upper correction limit

The boundary between the discrete modal {feeguency) and diffuse (higliequency) bands

in small rooms was discussed $®ction2.2. This boundary is referred to as the Schroeder
frequency. Above this frequency roempdes are sufficiently dense in the spatial and spectral
domains so that they are not distinctly noticeable to the human ear. Therefore, above the
Schroeder frequency modal correction is not necessary. The response in this band can &
corrected, if necessarysing the norsubwoofer loudspeakers in the system.

Spatial sampling must also be considered. Similar to-tiomeain sampling where the upper
frequency limit for accurate sampling is defined by the frequency which receives only two
sample points over itwavelength, spatial sampling requires at least two sample points in space
to give accurate sampling. In this particular instance, the sampling points are the measuremel
locations dispersed throughout the listening area (generally in a grid layout). ghesthi
frequency expected to benefit from CSA correctignjd therefore related to the mean spacing
between adjacent measurement points $E).

w

? o

L&

Although Eq.5.6 gives the absolute upper limit for the correction system, this ialikely to

be abovehe subwoofer band. To ensure correction targeted only within the operational range
of the subwoofersthe upper correction limit is reduced to the subwoofer crossover point if EQ.
5.6 gives a higher cutoff frequency.
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5.2.4 Windowing

Aside from unrealistically large filter coefficient amplitudes, filter ringing can causeapce
postechoes. A practical sdion is to apply a gentle window to the correction filter impulse
responses to remove extraneous ringing. The shape and length of the window must be chose
carefully, as it is crucial to preserve as much of the correction data in the filter as p@ssible.
window that is too short will reave most correction benefits. An overly widendow will be

unable to address the worsise ringing. The goal is to choose a window that can handle all
cases, from the best (no ringing) to the worst (heavy persistemnigjngi

A range of windows were tested using eight sourcel/listener configurations & ahleAll
configurations were placed in a virtual 5 m x 4 m x 3 m room with 20 crapgiitt spacing

and 10% surface absorption. Correction was applied froni 2@0 Hz based on impulse
response measurements using & @&ler MLS. Four hybrid subwoofers were utilized along
with a 16point listening grid, thus granting sixteen degrees of freedom. All correction results
were judged using a 36oint walking path through thiestening area. The benefits of using a
walking path are discussed$ection5.4.

In order to judge the effectiveness of CSA correction using various windows, the uncorrected
system spatial variance over a walking path is calculated for each sy@téiguration (Table

5.2). The correction results are judged based on the percent reduction in spatial variance fror
the uncorrected to the corrected systems.

Subwoofer #1 Subwoofer #2 Subwoofer #3 Subwoofer #4 | Listening Grid ¢

# (m) (m) (m) (m) (m) Desgiption
(0.6, 0.6, 0.6) (4.4, 0.6, 0.6) (0.6, 3.4, 0.6) (4.4,3.4,0.6) (2.2,1.8,1.8) Room corner placement
2 (0.6, 0.5, 0.6) (0.6, 1.5, 0.6) (0.6, 2.5, 0.6) (0.6, 3.5, 0.6) (3.0,1.8,1.8) Room front placement

2 x vertical stacks (1/4 roon|

3| (12,0608) | (1.2,06,22) | (1.2,34,08) | (1.2,34,08) | (3.0,18, 1.8) width placement)

4 (0.6, 1.0, 0.6) (0.8,2.2,0.6) (1.4,3.2,0.6) (1.6, 0.8,0.6) (3.0,1.8,1.8) Random placement
5 (0.6, 2.0, 0.6) (4.4,2.0,0.6) (2.5, 0.6, 0.6) (2.5, 3.4,0.6) (2.2,1.8,1.8) Wall midpoints (ground)
6| (0.6, 2.0, 15) (4.4,2.0,1.5) (2.5, 0.6, 1.5) (2.5, 3.4, 1.5) (2.2,1.8,1.8) Wall midpoints

Room corner placement
(rear unitson ceiling)

8| (44,18,06) | (1.0,1606) | (3.8,3.4,06) | (0.6,3.2,06) | (2.2,1.8 1.8) Random placement

7| (06,06,06) | (4.4,06,24) | (0.6,34,06) | (44,34,24) | (2.2,1.8, 1.8)

Table5.1 Room configurations for CSA window choice evaluation

Spatial variance (dB)
3.13250
5.37180
4.98610
4.09160
4.33410
4.26280
3.22250
4.53930

O IN|O|OA|DIW|IN|FP|H

Table5.2 Uncorrected spatial variance of various system configurations detailed irbTlable
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The windows evaluated are designed to cover the entire time frame of the correction filter
impulse response in order to truredhe response at the extremes where ringing should be
suppressedThe reduction in spatial variance between the uncorrected and corrected systems
due to each window was determined using simulations and is displayed in Fig. 5.2.

The windows testedre
Rectangular (no window)

BlackmanHarris

Chebychev (80 dB side lobe attenuation)
Gaussian (U = 2.5)
Hamming

Hanning

Kaiser f = 3.0)

Triangular

= =4 4 -4 48 4 -5 4

100

1
1
1
'

80

-1

60 - == 2
=3
=4

40

20 \ 7

\ ®

N

% Spatial variance reductior

Rect. B-H Cheb. Gaus. Hamm. Hann. Kais. Tri.

-20

Fig. 5.2 Spatial variance reduction between uncorrected and CSA corrected systeéms due
various window selections

This window evaluation provides insight into the operation of the CSA. There are clearly
configurations that benefit more from CSA correction than do others. Configurations 1, 5, 6, 7
and 8 each exhibit 90% or more spatial @ace reduction. Correction for these configurations
appears to be largely independent of window choice, indicating that the correction filters are
stablewith only modest ringingFig. 5.3). Configurations 2, 3, and 4, on the other hand, show a
high dependnce on window choice. In these three cases, the triangular window gave the worst
results with configuration 4 not benefiting at all from correction.

At first gl ance, it may seem odd that the
d o e s Iteb the carrection filters in any way, which should giae ideal solution to the
problem. Considering, however, that correction performance was judged over a virtual walking
path (where most points do not coincide with the measurement points), it istandabléow

the rectangular windowsanperform poorly(Fig. 5.4)
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Fig. 5.3 CSA correction filter impulse responses exhibitimgimal ringing
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Fig. 5.4 CSA correction filter impulse responses exhibiting persistent ringing

The best performing windows for the three worst configurations are the Hamming and Hanning
windows, giving at least 70% spatial variance reduction. Since the Gaussian and Kaisel
windows allow for adjustment of the width of the window in MATLAB, tests weeducted

to examine how the widths of these two window types affect the overall correction benefits and
if a certain width choice outper f ddwvatussfar h e
the Gaussian and Kaiser windows were adjusted from 0.0 (ndow) to 128 (extremely
narrow window) and then inspected for any trends (Fgs& 5.6).

There are clear trends in the data obtained from the Gaussian and Kaiser window width tests
Once the window width reduces to the point where a significant amdudata is lost,
correction benefits drop sharply and can actually worsen the response over the listening area |
extreme cases. Additionally, if the window is too wide ringing may not be entirely suppressed,
introducing errors into the corrected system.
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Based on the presented results, a Kaiser window fwith6.0 is chosen as it gives consistent
results over all tested configurations where most configurations show prime performance
aroundb = 4.0with an estimated peak in performance falling slightly alibigepoint (based on

the data in Fig. 5.6)All CSA correction results presented from this point onwards utilize this
window, ensuring immunity to system instabilities based on this and the bandwidth limitation
procedures.
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Fig. 5.5 Spatial variance reduction between uncorrected and CSA corrected systems due to
various Gaussian window U valu
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Fig. 5.6 Spatial variance reduction between uncorrected and CSA corrected systems due to
various Kaiser widow b values
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5.3 Correction performance

Having addressed CSA correction systwansistencyn Section5.2, focus can be placed on the
performance of the system over a wide area. Before an entire listening area is considered, tr
target measurements points shibe examined to judge how they benefit from the CSA
algorithm. Since measurements from these points are used directly to generate the correctio
filters, they should show close agreement to the target respafteerrection.

A threedimensional virtal space was set up in the FDTD toolbox of dimensions 8 m x 6 m x
3.5 m with grid point spacing of 20 cm and 5% surface absorption. Three system configurations
were utilized for these tests: a engvo- and fourunit CSA with the corresponding number of
listening locations. Focus was placed both on correction accuracy and also the correcte
syst emobs (uadorfected iversus gporrected system mean output level compason)
determine if and how the target points benefit from CSA correction.

5.3.1 One-unit CSA (four degrees of freedom)

The first configuration utilizes a oneit CSA, giving four degrees of freedom, necessitating
four measurement points. The single hybrid subwo@gri¢ placed in one of the room corners

at one meter from each surface with the measurement grid placed approximately at the center «
the room at a height of 2.4 m (Flg7).

Before correction, a series of simulations are run to judge the uncorreciuh pesformance.
These simulations include an impulse response measurement to determine thetateady
frequency responses (Fig. 5.8) which allows for the calculation of the sound pressure spatia
variance between points. In addition to the impulse respaneasurements, twoneburst
simulationsat 35 Hz and 80 Hz (15 cycles per burst, three repetitions) illuminate the transient
characteristics over the listening area (Fig. 5.9).
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Fig. 5.7 Oneunit CSA test system configuration
(Note: target point colors are used in Figs. 5.8 & 5.9)
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Fig. 5.8 Simulated target point frequency responses for the uncorrected system
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Fig. 5.9 Uncorrected system tone burst simulations at (a) 3&ndZb) 80 Hz

The uncorrected system highlights the fundamental issues ofanedelowfrequency sound
reproduction. In Fig5.8 there are significant deviations between each target point frequency
response, resulting in an overall spatial variance d@ 8B (207 85 Hz, the reason for the
frequency range is discussed later). Listeners dispersed throughout the room receive differer
low-frequency responses, making it difficult to reliably deliver adequate listening experiences
to everyone.

The tone burstestsin Fig. 5.9 highlight the transient response issues the uncorrected system

exhibits. In both trials, the three bursts arrive at the target points in very different manners.
Some points clearly distinguish the three bursts, while at the same tincerdadpaints do not

due to transient smearing as well as reduced amplitude. Both of these issues must be address
by CSA correction.

Next, the system has CSA processing applied to create an evenmgasare distribution over

the listening area. Due the wide spacing of the target points, CSA correction can only be
applied up to 85 Hz (based on the limit imposed in%&q6 ) . The correctio
coefficients and impulse responses are shown inSFEi§.
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The correction filtergnforcethe corepts discussed regarding dipole loudspeakers, both in this
chapter and irBection4.2.4. The unit is placed near a room corner; therefore its position is
coincident with the antinodes of most roonodes. The omnidirectional component, which
operates as pressure source, strongly couples to these romdes resulting in a high output.

The dipole units, on the other hand, operate as velocity sources and weakly couple-to room
modes when placed at antinodal positions. This requires more energy to driyeotbeudits to
produce the required output.

400 m
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@® a | |\ X
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Fig.5.10 CSA correction filter (a) complex coefficients and (b) impulse responses

The increased output requirements of the dipoles are evidém correction filter coefficients

for the x and ydipole components in Fi¢.10. The zdipole component does not have as high
correction requirements since all measurement points lie in a horizontal plane, resulting in very
low measuredpatial varation at the vertical roommodes. These heavy requirements on two of
the dipole units lower system efficiency, as compared to the uncorrected system. This
comparison is accomplished by repeating the impulse response and tone bursts simulations us:
to judge the uncorrected system (Fi§sll & 5.12).
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Fig.5.11 Simulated target point frequency responses for the CSA corrected system
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Fig.5.12 CSA corrected system tone burst simulations at (a) 35 Hz and (b) 80 Hz

Compared to the uncorrected system, CSA correction reduces spatial variance from 5.120 dB t
0.785 dB, a reduction of 84.7%. Similarly, the tone burst tests show a marked improvement a:
each listening location receives an objectively clear reproductithred pulses (Figh.12). It

must be noted that the corrected tone burst measurements are not perfectly in line with th
source signal since the CSA correction targets the room average response as opposed to
linear, uncolored (flat) response.

While the fequency band from 5085 Hz sits around 80 dB SPL for the uncorrected system, it
drops to 60 dB SPL after correction. The 20 dB output loss is a consequence of a protective
feature in the algorithm to limit cone excursion of the duwés. Once the imgse responses

are generated, they are normalized so that the maximum amplitude over the filter set is one. Fic
5.10a highlights the excessive correction requirements for thend ydipole units due to
corner placement. These large coefficients redhee amplitude of the generated impulse
responses, which gives a lower overall system output. It is assumed that the subwoofer i
sufficiently raised above the floor so that thdigole operates efficiently.

The hybrid subwoofer can be shifted away fromrtiwan corner to increase the effectiveness of
the dipole units. This is accomplished as shown in &3 with the correction filters in Fig.
5.14 and the uncorrected and corrected target point frequency response$.ib5-ig.
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Fig. 5.13 Oneunit CSA test system configuration
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Fig.5.14 CSA correction filter (a) complex coefficients and (b) impulse responses
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Fig.5.15 Simulated target point frequency responses for the (a) uncorrected and (b) CSA
corrected systems

The effectivenessf the dipole components has been restored by moving the subwoofer less
than a meter farther away from the room corner. This is seen both in the more practical
correction coefficients (Figh.14) and in the uncorrected/corrected system comparison in Fig.
5.15. In this configuration, the SPL levels are approximately the same before and after
correction, indicating no efficiency loss. Spatial variance reduction improves due to the better
operation of the dipoles, now exceeding 88%.

This exploration highlightshe importance of source placement relative to room boundaries, as
dipole units become quite limited when near a surface. Moving units further away from
boundaries increases system efficiency, albeit while sacrificing the benefits of the Waterhouse
effect as detailed irbection2.3.2.

Lastly, it is critical that CSA correction benefits all points over a listening area; not just the
target measurement points. This is explored with a virtual walking path through the area
encompassed by the target points, just as an individual would wemmdagh a space in the

real world (Fig.5.16). The resulting frequency responses are shown irbRig.

The walking path simulation highlights the issue with loosely spaced target points. When a
listener moves away from these points (spaced by 2 msnctse) the benefits of the CSA
correction are potentially lost. This is evident in Fig. 5.17b where betwe&m385Hz there
exists significant spatial variation, largely stemming from the points along the walking path that
stray furthest from the targebints (near the center of the listening area). Due to these errors
there is only a 39.2% reduction in spatial variance which is an improvement, nonetheless, but
cannot be accepted as a robust solution to the problem at hand.
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Fig.5.16 Oneunit CSAtest system configuration with gint walking path
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Fig.5.17 Simulated frequency responses for the (a) uncorrected and {bhibESA corrected
systems over a 3point walking path

5.3.2 Four-unit CSA (sixteen degrees of freedom)

The practical Init of four subwoofers in a closed space has been descrilfeelctiors 4.1.4
and5.1.1. Bearing this in mind, the system configuration can be expanded to this limit by
introducing three additional hybrid subwoofers in the remaining room corners SEH).
Again, the filter coefficients and corresponding impulse responses can be calculated with the
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CSA algorithm (Figs.5.19 & 5.20). The additional subwoofers should ease system
requirements as they naturally exhibit a lower spatial variance as shownerbPab
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Fig. 5.18 Fourunit CSA configuration for (a) calibration and (b)-g6int walking path
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Fig.5.19 CSA correction filter complex coefficients for (a) hybrid source #1, (b) hybrid source
#2, (c) hybridsource #3 and (d) hybrid source #4
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Fig. 5.20 CSA correction filter impulse responses for (a) hybrid source #1, (b) hybrid source #2,
(c) hybrid source #3 and (d) hybrid source #4

The correction coefficients in Figs.19 confirm that the positioning of the additional
subwoofers has contributed to the efficiency of the correction system. The frequency respons:
and tone burst tests were repeated to judge the correction benefits along the walking path usir
the fourunit CSA with subwoofer corner placement (Fig1 & 5.22).

The fourunit CSA gives greater correction benefits than the singiesystem. The walking

path benefits from a 91.2% spatial variance reduction (97.3% at target points). The frequency
responses @r the walking path (Fig. 5.21) are virtually identical, with the largest variance
occurring around 80 Hz, although this variance is only around 3 dB. The same holds for the
toneburst responses Fig. 5.22. Each listening point receives three distintggsy with only

minor amplitude variation for the 80 Hz case, which is consistent with the steidyresponse

in Fig. 5.21.

The fourunit CSA does exhibit a loss in efficiency after correction (approximateli516B

lower output). This can be attributed to one or two causes. First, as seen in-tivet @2®A,
corner placement s ndéal for dipoles. This causes a loss oficghcy, especially if the
correction filters depend heavily on the dipole components. Secondly, thecoimar
configuration results in high destructive modal interference, which suppresses mamyéow
roommodes. Since the CSA attempts to reinserséhmodes into the corrected response, this is
essentially working agauppressiont he systembs n
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Fig.5.22 Tone burst responses for the uncorrected system at (a) 35 Hz and (c) 80 Hz and for th
corrected system over a-point walking path at (b) 35 Hz and (d) 80 Hz

5.3.3 Vertical correction range

Equally importanta providing correction benefits over a horizontaiynfigured listening area

is simultaneously providing the same benefits over a vertical range. ThanbolESA was
maintained for this experiment and frequency responses were determined in the sasre mann
but with the listening grid offset vertically by plus or minus 0.2, 0.4, 0.6 and 0.8 m in individual

trials.
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As vertical offset increases spatial variance also increases, beginning at higher frequencies dt
to their shorter wavelengths. The overall trend of spatial variance reduction as a function of
vertical listening grid offset is displayed graphically in FHg3.

80 / \
70 / N

Spatial variance
reduction (%)

-0.8 -0.6 -0.4 -0.2 0 0.2 0.4 0.6 0.8
Vertical offset (m)

Fig. 5.23 Spatial variance reduction as a function of listening grid vertical offset

The error due to listening grid vertical offset must be considered appropriately, depending on
the listener configuration. If listeners are arranged in a seatd@ygration, it is expected that
there will be approximately 40 cm offset in head height due to the varying height of individuals.
Based on the results in Fi§.23, this means that some listeners will only receive 50% spatial
variance reduction while ogh listeners at the target height will receive over 90%. The goal of
correction is to provide an even spatiotemporal response over aarwede therefore, this
problem must be addressed to give improved correction in the vertical direction while
maintainirg horizontal performance.

The set of sixteen target points was reconfigured in the form of two concentric cubes. The first
cube (3.0 m x 1.8 m x 1.0 m) contains the first eight target points at each cube corner, where th
bottom left and top right cornergere chosen as the omnidirectional target points. The inner
cube (1.0 m x 0.6 m x 0.6 m) contains the remaining points, all of which are target points for
the fullrange system. The overhead view of this setup is displayed iB.Eg.
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Fig. 5.24 Fourunit CSA system configuration for improved vertical correction (listening grid
contains two levels, stacked vertically)
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A similar test was performed as in F§23, where the 0.0 offset point was set to be the center
of the concentric target point cubesiglhwith an offset from2.0 to 0.8 m. Spatial variance
reduction as a function of vertical offset is plotted in FB@®5 for comparison to the nen
vertical target point approach shown in FBg3.
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Fig. 5.25 Spatial variance reduction as a functiohsténing grid vertical offset with the
vertically distributed target point grid

The benefits of this CSA configuration are less than with a system targeting only horizontal
correction. The mean spatial variance reduction over the vertical range irb.Fig.is
approximately 60% while the mean reduction in this case is around 40%. An important point,
however, is that even as the vertical range was offset by over two meters the correction benefit
did not drop significantly, as was seen in the horizetatglet system. The vertically distributed
target point grid provides a consistent response vertically over the listening space which allows
for listeners to stand, sit and generally move about without significant distortions to the
spatiotemporal response.

It is important to consider the size of listening area each system must correct over. The
horizontal correction system addresses a listening area of%.6he horizontal and vertical
system, on the other hand, is responsible for a volume of 3.4This isa considerable
difference in spatial correction requirements and therefore the horizontal and vertical correction
system should not be expected to perform at par with the horizontal system. If comparable
correction performance is desired, more source ocoapts and/or target points must be added

so that there is a higher density of target points within the listening area to allow for precision
control of the acoustical space. This concept is explor&gation5.5.

Although a wide vertical correction component is necessary in a scenario where listeners ar
both standing and sitting (and generally moving about the space), it is not entirely necessary i
users are seated. This is the assumption for the remaindes ofdik, unless stated otherwise,

as convention dictates that in audiophile listening environments users are generally seated in
precisely laidout listening area and remain seated for the duration aifutigion

5.4 Performance versus array configuratio n

The previous section highlights the importance of choosing the appropriated€&fséeand

target point placement to achieve the desired correction over a specified area. It is therefor
important to understand how physical placement of a CSA can imghewaverall correction.

This has been touched on $®ection5.3 in regards to dipole unit placement relative to room
boundaries. Placing a dipole too close to a reflecting surface results in the reflection (essentiall
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the inverted direct signal) causinggificant destructive interference, sharply reducing the
acoustical output level.

This section provides a more comprehensive exploration of CSA unit placement and how a
systemobs passive correction benefits oforr
practical source layouts are compared with varying source spacing to determine if there is ¢
minimum allowable source separation for proper system operation. Also, source position offset
is explored to determine the criticality of maintaining precis@AQunit locations. This is
followed by an investigation comparing performance of a hybrid subwoofer CSA to a CSA
consisting of single drivenit subwoofers. This subject is explored with system output
efficiency and practicality in mind. The section comda with a generalized recommendation

for overall system configuration of a CSA to ensure the best possible correction benefits along
with high system efficiency and practicality.

5.4.1 Array layout performance

CSA simulations indicate a correlation between selalyout and correction performance. This
section aims to determine a method for estimating the correction benefits of a CSA based ol
spatial variance reduction due to the passive (uncorrected) layout as compared to a benchma
system. The benchmark fdnese trials is a single omnidirectional subwoofer in the front left
cornerof a5 mx 4 mx 3 mroom (20 cm grid point spacing, 10% surface absorption) and
inspected over a 3point walking path (Fig5.26).
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Fig. 5.26 36point walking path for use witBSA layout testing

Two values are tracked between the uncorrected and corrected systems. First, spatial variance
calculated to determine the uniformity of the frequency response over the walking path. Ideally,
this value should be minimized by CSA catten. Second, system output efficiency is
deduced by comparing the mean output level (MOL) for the uncorrected and corrected systems
It is expected that efficiency will drop after correction, but reduction should not be excessive
for a reasonable systdayout.

These two metrics are converted to individual percentage values and then combined to give
net percentage gain in system correction benefits. Each metric is equally weighted, based on tt
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assumption that correction precision is irrelevant witreoutacceptable MOL poesbrrection

and viceversa(Eg. 5.7) This method of calculation opens the possibility of negative net gain
percentages. These cases indicate that the system actually performs worse (concerning bo
spatial variance and MOL) afterrcection.

Yoo Yo D00 000

0 QOw Ve M H— — V]
P Yw VLU &
where: SMc = uncorrected spatial variance (dB)
Sk = corrected spatial variance (dB)
MOLuyc = uncorrected mean output level (dB)
MOL¢ = corrected mean output level (dB)

The tested system configurations are shown in Fig. 5.27 with the collected data in Table 5.3.
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Fig.5.27 System configurationsill10 for CSA layout testing
B to UC UCtoC Output
Bto C SV Output Output Net
uc sv SV ) SV SPL loss )
. C SV (dB) | reduction ) SPL UC SPLC correction
(dB) reduction reduction UCtoC .
(%) (dB) (dB) gain (%)
# (%) (%) (%)
1 5.3130 0.0 3.1287 41.1 41.1 72 72 0.0 41.1
2 5.0605 4.8 4.1903 21.1 17.2 75 72 -4.0 17.1
3 3.5508 33.2 1.5477 70.9 56.4 85 70 -17.6 53.3
4 4.8849 8.1 2.3845 55.1 51.2 75 60 -20.0 35.1
5 5.0414 5.1 1.9152 64.0 62.0 80 55 -31.3 32.7
6 3.4057 35.9 0.19684 96.3 94.2 90 83 -7.8 88.5
7 4.4686 15.9 1.2744 76.0 71.5 80 78 -2.5 73.5
8 5.1130 3.8 1.7218 67.6 66.3 80 45 -43.8 23.8
9 5.1403 3.3 0.97854 81.6 81.0 90 75 -16.7 64.9
10 5.0741 4.5 0.80898 84.8 84.1 80 60 -25.0 59.8

Table5.3 Room configurations for CSA window choice evaluation
(UC = uncorrected, C = corrected, B = benchmark, SV = spatial variance)

Ranking the tested configurations based on net gain (spatial variance reduction minus systel
efficiency loss) in descending @d gives: 6, 7, 9, 10, 3, 1, 4, 5, 8 and 2. The four best
performing layouts each encapsulate the target points in some manner. Trials 6 and 7 surrour
the listening area in the horizontal, XY plane. In trial 9 the sources surround the listening arec
over the vertical, YZplane. Trial 10 surroundthe area in a seraircular manner over the
horizontal, XY plane. This aligns with the recommendations proposed in [73] stating that
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sources should surround the target listening point. These trials show thangdbethis
wisdom does, in fact, provide superior correction.

Another observation is that correction benefits decrease with degrees of freedom. This is mor
obvious, as it is clear that more target points grant a higher spatial sampling rate, thus tighte
system control. There are cases, however, where this principle breaks down, suttala8.in

The sources are placed in a straight line across the front of the room, resulting in over 60%
spatial variance reduction, but also over 40% loss in MOL. Bhidue to the fact that the
source components are all similarly coupled to the room (their responses are not orthogonal)
requiring significant processing to achieve the desired response(s).

The best performing configurations have sources at very diffdomations which have
minimal similarities in terms of source to room coupling, providing the desired orthogonal
responses for each source component (giving nearly independent degrees of freedom) ar
resulting in high reductions in spatial variance whilgntaining acceptable output levels.

5.4.2 Source spacing

An important subtlety of CSAs is the effect of source spacing. This was alluded to in the
previous section where it is seen that systems with sources placed a very different location:
perform best. It ca be expected that as sources move closer to one another the correlation
bet ween each sourceobs room coupling fact
independent nature of the systemdés degrees

To highlight the CSA spacing constraintgot and fourunit CSA configurations were tested

with source spacing ranging from 0.4.0 m for the two source system and 0.3.0 m for the

four source system. In each case the first array unit is fixed in the front left room corner to use
as a spacn reference for the remaining unit(s). When a source reaches the limit along one
room dimension, it continues its spacing path along the perpendicular wall. The spatial variance
and efficiency results are presented in Fig88 & 5.29.

Although the sourcelacement tests are dependent on the target point grid location, a general
sense of how CSA unit spacing affects the overall system performance can be deduced. Th
important value to note is the net gain. This is a sum of the spatial variance redudtitwe an
output efficiency loss percentages to give an overall correction rating.

The twounit CSA trials (Fig.5.28) show that although spatial variance can be reduced by
upwards of 60% with very small source spacing, the system suffers from over 40% loss i
outputefficiency. This gives net gains in the range of 20%, which is not significant concerning
the goals of a CSA. As spacing exceeds 3.0 m, however, the systbiticesand there is
minimal loss in efficiency, giving a consistent net gain of arde@fb for spacing between 3.0

and 4.2 m. This is the range where the sources are maximally independent from one another |
terms ofsourceto-roomcoupling. When sources are tightly spaced, ranatdes are excited in

very similar manners, causing difficultiestarget response reproduction.

The fourunit trials (Fig. 5.29) exhibit a similar trend to that of the 4wot case. When the

units are tightly spaced there is an efficiency loss resulting in a negative net gain after
correction. As spacing exceeds I3 through, the net gain improves to 60% which meets the
expectations of CSA correction.

There is a strong dip in correction benefits at 2.6 m source spacing which is dependent on th
particular system layout. In this case the dip is a result of a saacking a room corner (high
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modal coupling, thus high spatial variance), where the correction benefits reach a local
minimum and then climb once again as sotdcesource spacing increases, moving the unit in
guestion away from the room corner.
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Fig. 5.28 Spatial variance reduction, efficiency loss and net system gain after correction using a
two-unit CSA with variable source spacing
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Fig. 5.29 Spatial variance reduction, efficiency loss and net system gain after correction using &
four-unit CSA withvariable source spacing
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5.4.3 Source position offset

While the effects of target point offset have been explored in the form of the virtual walking
paths over a listening space, source position offset has yet to be discussed. This sectio
investigates the effects of moving a CSA unit away from its calilbrggasition. Ideally, this
spatial offset should not impede the correction benefits over the listening area.

The source position offset tests are conducted in an 8.0 m x 6.0 m x 3.5 m virtual space witt
grid spacing of 20 cm and surface absorption of 18%ingle-unit CSA is positioned at (2.0

m, 2.0 m, 1.0 m) and a foyoint target grid is placed within the space so that correction covers
207 120 Hz (Fig.5.30a). The correction filters are generated and then the single hybrid
subwoofer is offset overr@ange of £1.0 m in the x and y dimensions where the resulting spatial
variance reduction (from the uncorrected system at the original source placement) is recorded «
each point (Fig.5.30b). The correction filters remain fixed over all positions so that
flacci dental 06 subwoofer movement can B3 foanal
clarification.
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Fig. 5.30 (a) Source position offset test configuration and (b) spatial variance reduction (%) for
a singleunit CSA offset by a diance from its intended position (2.0, 2.0, 1.0)

The source position offset testing highlights a number of points concerning CSA layout.
Obviously, the system performs best at the intended source position (upwards of 60% spatie
variance reduction). As thanit is offset towards the room corner or towards the listening area,
though, the correction benefits drop sharply to the point where there is nearly no benefit at al
(beyond around 0.4 m offset).

Close proximity to a room corner degrades the systeforpgance since all roosmodes have

an antinodal point/plane at room corners. As the source moves closer to the corner its couplin
to all roommodes increases sharply, invalidating the correction filters, as they were based at ¢
position which was much metdoosely coupled to the roemodes. Additionally, as the source
approaches the room surfaces, the dipoles lose their efficiency causing changes to the behavi
of the system, as discussed in detail earlier in this chapter. Similarly, as the sourcelasares c

to the listening are#he sourceo-listener coupling changes and causes a loss in correction
benefits.

The correction benefits are partially maintained (up to around 40%) when the source is shiftec
parallel to the room surface and listening aredil®/coupling factors still change, many
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remain constant as the unit is maintaining relative distances across two of the three dimension:
In reality, this is an acceptable characteristic of the correction system as it is likely that if a
subwoofer were tdbe moved it would done so along a wall to make way for a new piece of
furniture, for exampleln regards to the addition of a new piece of furniture, recalibration is
necessary if the size of the piece of furniture introduced is comparable to the shortest
wavelength in the subwoofer band (approximately 3 meters or more, such as a large couch’

Smal l er items arendt | i k drequendy cespbnaevas disaussedainr g
[3], therefore recalibration is unnecessary.
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Fig. 5.31 Overlay of spatial variance reduction due to source position offset from
(2.0, 2.0, 1.0) and physical system configuration plots

5.4.4 Single versus multiple drive -unit subwoofers

Although the intended implementation of CSA technology involves multiple -dimtehybrid
subwoofers, the correction procedure can be applied to any subwoofer system. A pertinen
question therefore is whether systemsnsisting of multiple single degreef dreedom
(omnidirectional) subwoofers can match the performance of systems with hybrid subwoofers.
In this section hybrid and omnidirectional subwodfased systems with equal degrees of
freedom are compared based on spatial variance reduction, odtpeney and practicality.

This exploration highlights the possibility of CSA correction using existing hardware so that
newly introduced systeenhancementare only in the form of digital signal processing (DSP).

The first comparison performed involvesur degrees of freedom where the hybrid subwoofer
system utilizes a single source placed at the room corner§Bgp) and the omnidirectional
subwoofer system consists of a source at each room corneb@28). It has been shown in
Section4.1.4 tha subwoofers in all room corners provide substantial passive suppression of
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roomrmodes as compared to single unit corner placement. Therefore, the omnidirectional
system should naturally give greater correction benefits due to its advantageous configuratio

CSA correction filters were generated as before, except the omnidirectional system operate
over a single correction band since the purpose of the-bduma system is to alleviate
requirements on dipoles at very low frequencies to boost system ef§icieme virtual space (5

m x 4 m x 3 m) uses 20 cm grid spacing and 10% absorption. The walking path shown in Fig.
5.26 was used to judge the correction performance. Uncorrected and corrected frequenc
response plots are shown in Fig82cHf.
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Fig. 5.32 System configuration (top), uncorrected (middle) and corrected (bottom) frequency
responses for the single hybrid subwoofer system (left column) and therfibur
omnidirectional subwoofer system (right column)

The hybrd and omnidirectional systems give approximately 30% spatial variance reduction
from their respective uncorrected systems. They differ, however, when efficiency is examined.
The hybrid system gives no change to system efficiency while the omnidirecimtam in
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fact gives a 16% boost in efficiency, likely due to a decrease in the passively present destructiv:
interference achieved by phase adjustments in the correction filters. Combining the spatia
variance and efficiency benefits, the hybrid and omneational systems give net benefits of
33.1% and 44. 5%, respectivel y. The omnidir
three more subwoofers than the hybrid system, which may prove problematic in terms of
practicality.

Next, a system comparisas performed between a CSA consisting of the prescribed practical
maximum of four units (sixteen degrees of freedom) and a skteiénomnidirectional
subwoofer system. The fownit CSA is placed at room corners so that it benefits from the
same pass& modal suppression experienced by the omnidirectional system in the previous
example (Fig.5.33a). The omnidirectional system is configured with placement along the
perimeter of the room (Fi¢.33b). The systems were tested in the same configuraticef@® b

with the uncorrected and corrected frequency responses presented f133gE.
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Fig. 5.33 System configuration (top), uncorrected (middle) and corrected (bottom) frequency
responses for thieur-unit hybrid subwoofer system (left column) and the sixteeit
omnidirectional subwoofer system (right column)
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The comparison between the fawmit hybrid and the sixteemnit omnidirectional systems
highlights the advantages of the mdamponent fibrid subwoofers. Disregarding the practical
limitations of placing sixteen individual subwoofers in a srsaled listening room, the hybrid
system outperforms the omnidirectional system in all areas.

Uncorrected, the hybrid and omnidirectional systextsibit spatial variances of 2.74 and 1.90

dB, respectively, where the omnidirectional system naturally benefits from extremely low
variance due to modal suppression from destructive interference. After CSA correction, spatial
variance is largely eliminateover the walking path for both systems, shown by 93.9% and
88.6% reductions for the hybrid and omnidirectional systems, respectively. Both systems
experience an efficiency |l oss of 5.69%80 Whi
range, the hytid system rates 5% above the omnidirectional system.

The corrected frequency response plots (Figs. 5)38ee nearly identical both in the shape of

the frequency response curves and in amplitude. Although both systems require sixteer
independent chantseof signal processing and amplification, the hybrid system condenses the
physical reproduction components into four relatively small units, as opposed to an impractical
sixteen units. This observation dictates that while omnidirectional implementaficdS/A
correction are equally feasible (and possibly more straightforward) as hybrid unit systems, the
large number of individual subwoofers required can prove unreahsiit does not give
significantperformance benefits over the hybhidsed systems.

5.4.5 Layout recommendations

A generalized set of recommendations for CSA layout can be formulated based on the result
presentedin the preceding subections. Sectiorb.4.1 demonstrates the advantages and
disadvantages of various physical source layouts. In terms of spatial variance reduction
performance is directly correlated to tdegreeof the CSA (humber of subwoofers) aride
passive placement variance characteristitigher degreeCSAs have advantageous layouts
which benefit from higher spatial variance reduction. Thegstems are subjedb high
efficiency losses.

Physical layout considerations are exploredattion5.4.2, where unit spacing is tested with
both a twe and fourunit CSA. Both demonstrate that performance is optimized with large
source separation. This is attributed to the decorrelation of the respective modal coupling
factors for each unit as they moether from one another.

Source position offset from the calibration position causes a reduction in performance. The
worst cases of this involve offsets towards a room boundary or the listening area. Offsets
parallel to a boundary/listening area causecimless severe impairments to the correction.
Generally, offsets above 40 cm in any direction cause significant degradation of the CSA
benefits, but lesser offsets do not have as drastic an effect.

Lastly, it is possible to utilize omnidirectional subwasfas opposed to the proposed hybrid,
multi-component subwoofers. These systems are shovBeation5.4.4 to function equally

well within the CSA correction algorithm. To achieve the necessary degrees of freedom these
omnidirectional systems may requine ianpractical number of subwoofers, thus leading to the
recommendation of hybrid subwoofer CSAs.

In summary, CSAs show optimal operation when placed in positively behaving passive
configurations with maximal unit spacing. Omnidirectional subwoofers carsé@, although
hybrid subwoofers are recommended to keep hardware requirements in the practical range
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While it is not recommendeib move a source after system calibration, small position offsets of
up to 40 cm are tolerable, although systernakbratian is preferred to ensure the best possible
performance over the listening area.

5.5 Additional target points and pseudo -inverse filtering

The preceding sections of this chapteguireCSA source component and target measurement
point quantity equality in aler to directly calculate the inverse matrix (Bdl.). It is possible,
however, to provide CSA correction to systems containing an unequal number of source
components and target points. The MeBenrose pseudaverse 5] provides a technique for
deternining the solution to a system of linear equations that would otherwise be impossible due
to the norsquare matrix in question. The pseudweerse operates by finding the best fit
solution for the matrix inverse, commonly with a leastan squares (LMS) gdrithm. This
function is available in MATLAB as theinvcommand.

As alluded to earlier in this chapter, the addition of extra target points gives an improved spatial
sampling of the listening area and therefore may provide a more robust solution for CSA
correction while avoiding a target point resting on a mmadtlal point having strong influence

on the correction filters. Additionally, if a simpler correction procedure is required, system
calibration can be expedited by utilizing fewer measurements.

5.5.1 Variable listening area, fixed target point density

The pseuddnverse technique was first applied to a scenario with a fixed number of source
components (in a static configuration) using a variable listening area size, but with said aree
covered uniformly vth target points. A virtual 5 m x 4 m x 3 m room was setup in the FDTD
toolbox with 20 cm grid point spacing and 10% surface absorption. All target points were
placed at each grid point in the listening area, ensuring a fixed target point density. fgetre ta

points allow for larger listening areas, hence the variable listening area descriptor of this
section.

Four system configurations were tested: one subwoofer in the front left room corner, two
subwoofers in opposite room corners, three subwoofer in room corners and four subwoofers ir
room corners. All subwoofers were of the hybrid, four degree of freedomtywaEach
configuration had CSA correction applied using a varying number of target points. The number
of points used for each trial was: 4, 9, 16, 25, 36, 49, 64, 81 and 100. Spatial variance reductio
between the uncorrected and corrected systems veasdezl in each permutation over a
predefined walking path over the listening area (5i84).
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Fig. 5.34 Spatial variance reduction as a function of the quantity of unifespdged target
measurement points (variable listenimgaasize)
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This set of trials enforces the usefulness of a high number of degrees of freedom. -The two
three and fourunit CSAs perform consistently, regardless of listening area size. The pseudo
inverse processing giveamlequatecorrection for allpoints, despite the fact that there are an
insufficient number of source components to directly address each target point.

Problems arise with the singlmit CSA. This system ideally operates with féarget points

and indicates over 95% spatial variameduction in Fig5.34. As the quantity of target points
(and the corresponding listening area size) increases, the effectiveness of the CSA declines un
at onehundred target points spaced over a 2 x 2 m area only 55% spatial variance reduction i
achieved. This is a considerable loss from the ideal-fmint case and indicates that the
frequency responses over larger targeted areas differs sufficiently and a robustipsensgo
solution cannot be found using only four source components.

5.5.2 Fixed liste ning area, variable target point density

It is clear that CSAs of two or more hybrid subwoofers are capable of correction over a wide
listening area with uniform target point spacing; however it is also important to understand the
relationship between taeg point density and correction capabilities over a fixed listening area.
This section tests this concept by defining a fixed 2 m x 2 m listening area in the same virtual
space utilized irsection5.5.1.

The quantity of target points is governed by hownynit within the area based on the defined
spacing. The maximum spacing utilized is 2 m, which corresponds to four target points.
Minimum spacing is 20 cm, which requires dmendred target points. Spatial variance
reduction between the uncorrected andexied systems is displayed in F35.
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Fig. 5.35 Spatial variance reduction as a function of the quantity of vaisalalged target
measurement points (fixed listening area size)

All CSA configurations show similar trends this set of trials. When four target points are
utilized (2 m pointto-point spacing) the correction benefits suffer. As target spaecargases,
though, the benefitstabilize where at sixteen target points or greater, there is little change in
spatial variance reduction. The poid-point spacing with sixteen points is 60 cm,
corresponding to a quarteravelength at 140 Hz. This is close to the upper limit of the defined
subwoofer band (120 Hz) and conforms to the requirement of queateslength taget point
spacing for accurate correction.

Above sixteen points (less than 60 cm spacing) the system oversamples the listening are:
where additional points are not necessary. The original target point spacing criteria presented i
Section5.2 is therefoe reasonable for CSA correction and is valid for CSAs ofdagyee
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5.5.3 Pseudo-inverse filtering conclusions

Pseudeinversefiltering is beneficial within the CSA correction algorithm. It is likely that
practical implementations of CSA technology will havadted (and not ideally high) number

of source components. In the direct doe®ne source component to target point approach, this
leads to severe limitations on correction, where a CSA may perform no better than other
existing roommode correction medus.

Eliminating the ondo-one restriction using pseudaverse processing allows users to take
additional measurements to conform to the quavierelength spacing criteria for accurate
correction. The simulations conducted in this section illuminaetivantages of this approach
while also discouraging spatial oversampling.

The first set of trials show that as the listening area expands correction benefits decrease fc
systems with few degrees of freedom, even though target points were uniformlg ap&te

cm (which should allow for accurate correction beyond 120 Hz). Systems with eight or more
degrees of freedom, however, deliver consistent correction over a randomized walking path.

A fixed listening area with variable target point spacing (anddtnentity of target points)
highlights the need for quarteravelength spacing. As point spacing increases beyond the
guarterwavelength limit (60 cm, in this case), spatial variance reduction lowers by
approximately 40% in each case, regardless of thgable degrees of freedom. At quarter
wavelength spacing or better the correction benefits are consistent leading to the conclusion th:
target points must be tightly spaced to handle the entire subwoofer frequency range, even if thi
means adding more pus than there are degrees of freedom. This ensures the space is
adequately sampled and the CSA will perform optimally.

Pseudeanverse processing allows for system flexibility where any number of measurements
can be used in order to provide the most adeucorrection. This concept strengthens the
argument for an upper arralegreeof four, as trials in this section indicate that adequate
correction over the entire subwoofer band is feasible with only four hybrid units using
additional target measuremeatints and pseudmverse processing.

5.6 CSA prototype development

The theoretical and virtual development of CSAs presented in the preceding sections of this
chapter provides a thorough blueprint for a CSA prototype. Although various inconsistencies
between simulations and reabrld implementations are expected due eolmearities present

in practical environments, the implementation suggestions should faltavprototype capable

of spatial variance reduction over a wide listening area. This sedataiisdthis development,

first using an omnidirectional subwoofeiS& and later a CSA consisting of a single hybrid
subwoofer.

5.6.1 Omnidirectional subwoofer CSA experimentation

Prior to development of a hybrid subwoefesed CSA, an omnidirectional subwoofer CSA
was implemented. This particular system consists of two differ@akes/models of
subwoofers: two Bowers & Wilkins ASW 750 and two KEF PSW 1000.2. Both subwoofer
types are active, therefore no external amplification is necessary. Independent drive signals ar
sent to each subwoofer via a MOT2408 [76] external soundtard which has eight analog
audio outputs. All calibration measurements are taken using a customized GUI developec
within MATLAB (Fig. 5.36) while correction evaluation measurements are taken with a CLIO
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SCGO02 [77] box and the accompanying software alongthwan Audiomatica MIE01
measurement microphon€he system was configured as shown in Bi§7. The subwoofer

and target measurement locations for the initial testing are indicated by the small green boxe
and the large central red box, respectivelye Tilack boxes in the figure represent nion
rectangular aspects of the test space.
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Fig.5.37 CSA experimental configurations (all values in coom height 2.74 m target point
height = 1.60 m, subwoofeplaced on the flopr
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As with the simulations, the experimental CSAs require calibration measurements. The systen
was first tested over a 1.35 m x 1.35 m listening area consisting of 100 target points spaced ¢
15 cm intervals throughout. Although thizany target points is unnecessary (as demonstrated
in Section5.5) they were included to ensure the target area was properly sampled to provide the
best possible correction. After the target point impulse responses were calculated (using MLS
exactly as wh the simulations) the system average response was determinesl 38)gvhich

will serve as the target response.
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Fig. 5.38 Target frequency response for the measured omnidirectional CSA

The measurement and target matrices were fed through the C8#thatgto generate the
correction filters which were then applied to a five second logarithmic swept sinusoidal signal
for system evaluation. To best judge the correction benefits the system was simulated using th
FDTD simulation toolbox. The uncorrectadd corrected systems were each evaluated over an
identical walking path, as shown in the configuration plot (Bi§9). The measurement and
simulation results are displayed in Fi§s10 ands.41, respectively.

This system configuration naturally gives low spatial variance due to the wall midpoint
placement of the subwoofers (as discussedClvapter4.1.4). In both the measured and
simulated cases, CSA correction provides additional spatial variance reductomeBbisured
system gives 59.5% reduction while the simulated system gives 52.5% which are in close
agreement to one another, providing further validation for the FDTD toolbox.

The measurements and simulation differ, however, in their uncorrected freqespoyses.
These differences can kargely attributed to differences between the two types of subwoofers
used for the measurements andriwleled poinsource subwoofeutilized in the simulations.

The different frequency responses of the subwoofereamteasured system combine to give
the overall response differently thavith a system consisting of identical subwoofers. This
disparity is not modeled in the FDTD toolbox, so differences in simulated and measured
responses should not be unexpected.

Additionally, the FDTD toolbox models all surfaces as perfectly rigid with frequency
independent absorption. The measured environment, on the other hand, containsaagede

of surfaces. Three of the four walls and the floor are higifective rigid matdaals (with parts

of the front, left and right walls covered with heavy curtains). The upper portion of the front
wall is a large glass window which is likely to exhibit reactive properties. The ceiling consists
of a grid of acoustical tiles and ventilatidacts. Most of these elements are not included in the
acoustical model, and therefore contribute to the inaccuracies between the measurements al
simulations. The most noticeable divergence is a large 65 Hz attenuation in all measurement
(Figs. 5.40, 5.3 & 5.46) which can be presumed to be caused by theigiohglass surface
across the upper half of the front wall, as the dip is present in all measurements, regardless ¢
the subwoofer configuration.
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Fig. 5.39 Simulated and measured systmfiguration (including the walking path)
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Fig. 5.40 Uncorrected (left) and corrected (right) oranbwoofer CSA measurements
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Fig. 5.41 Uncorrected (left) and corrected (right) oranbwoofer CSA simulations

The measured and simulated corrected frequency responses do, on the other hand, exhit
similarities. The +target frequency respon
characteristics rather than t heeisanéaragiodoé r s
responses across the listening area. The measured target respor&s83Fgarly matches the
measured responses in Fg40. This target response is extremely similar to the-gmsection
simulated responses in Fig41l. Althowgh the measured room and the modeled room are not
identical due to approximations within the simulation structure, the basic characteristics of the
responses indicate that the two methods are in close agreement.

The test was repeated with a listening grahsisting of 100 target points but with 30 cm
spacing, corresponding to a listening area of 2.7 m x 2.7 m (the central pink box %BF)g.
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The system configuration along with the measured and simulations are presented3dFigs.
5.44, respectivel

As with the tighterspaced listening grid, the wider listening area benefits from CSA correction
in a similar manner, experiencing measured and simulated spatial variance reduction of 51.19%
and 60.3%, respectively. The measured and simulated respaffsesdde to the reasons
already specified. The wider target point spacing demonstrates the reduction of correctior
benefits at high frequencies due to a lower spatial sampling rate. Nevertheless, CSA correctiol
provides accurate control by achieving theget response over the listening area.
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Fig.5.42 Simulated and measured system configuration (including the walking path)
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Fig. 5.43 Uncorrected (left) and corrected (right) oranbwoofer CSA measurements
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Lastly, the CSA was arranged in a more random configuration where the subwoofers were nc
l onger i n ni deé&.dyb). dhe pistesirig grid atiized i€ thei sgme as with the first
test (15 cm spacing) anke results are shown in Figs46 andb.47.
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Fig. 5.45 Simulated and measured system configuration (including the walking path)
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Fig. 5.46 Uncorrected (left) and corrected (right) oranbwoofer CSA measurements
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Fig. 5.47 Uncorrected (left) ancbrrected (right) omrsubwoofer CSA simulations

This test configuration gives 68.3% and 80.8% measured and simulated spatial variance
reduction, respectively. While the simulation performs better than the measured system, bott
CSAs still provide considebde improvements to the response across the listening area.

Additionall vy, as the subwoofers arenot p |
interference (as with wall midpoint placement), system efficiency is improved, as seen in the
similar outputevels between the uncorrected and corrected systems.
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5.6.2 Prototype hybrid subwoofer development

To demonstrate the practicality of the proposed CSA implementatiomas necessaryo
develop a hybrid subwoofer prototype. This task was carried out in tgesst@he first stage
was part of two finalear undergraduate projects where studeoisstructeda subwoofer with
an independenttgontrollable driveunit on each enclosure face (Fi#8).

Fig. 5.48 Initial construction of the hybrid subwoofaototype

This initial construction had two primaryesignissues. First, the enclosure dimensions (55 cm
cubed) were impractical. The large enclosure faces allowed for high structural resonance whicl
was evident during performance testing, especially vdpposing driveunits were moving in
contrary directions. Secondly, the enclosure faces were poorly sealed, causing subjectivel’
disturbingwhistling due to air transmission.

Despite these drawbacks, the students achieved approximatiEetpyency polar péern
control (omnidirectional and rotated dipolar and cardioid patterns) in outdoor tests. It was
concluded, however, that this construction would not be beneficial for CSA applications due to
the highlighted drawbacks, necessitating a redesign (thedsstanye of developmerdl shown

in Fig. 5.49

Three areas were addressed for the redesigmaaoofer. First, the enclosure dimensions were
reduced to a 44 cm cube; this was sheallest size possible due to internal spacing constraints
of the six driveunits. Secondly, internal bracing was installed between oppasicfpsure
faces to providencreased structural rigidity when drivmits move in opposition. Lastly,
siliconebased sealant was applied to the wall junctiongrovide a seal sihat the undsirable
whistling was eliminated. The redesigned hybrid subwoofer is used for the CSA
experimentation in the following section
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Fig. 5.49 Redesigned hybrid subwoofer used for practical CSA experimentation

5.6.3 Hybrid subwoofer CSA experimentation

The redesiged hybrid subwoofer was configured to operate within a CSA correction system.
The subwoofer configuration does not precisely match that used in simulations due to
limitations of the measurement software in MATLAB which allows for only one pair of outputs
on the MOTU sound card to be active at one tivkile it is possible to access each available
sound input/output device connected to a computer within MATLAB, the-inuflinctions

only allow simultaneous playback/recording on a single stereo pair wkiapd outpstat one

time. MATLAB sees the MOTU 8hannel sound card as a series of four stereo sound cards.
This prohibits utilizing all driveunits for the omnidirectional source component without
rewiring the systemSince the ideal hybrid subwoofeordfiguration requires driving all units
synchronously for the omnidirectional pattern, but independently for the dipole patterns, a
compromise is required for the current prototype (although a workaround in MATLAB is likely
possible).

The prototypesystend s f our degrees of fr eedmdepemdent e
Aomni directional 0 ¢ o mp o Ruaits)tasd two dipotar pairs (onedon d
each horizontal axis)The hybrid subwoofer CSA was tested using the 15 cm target point
spaing (Fig.5.50) with the measurement and simulations results shown inFgsands.52,
respectively. Note that the hybrid subwoofers in the experimental and simulated systems are nc
identical. The simulation utilizes the source components as dicatédr in this section (one
omnidirectional and three dipolar components); therefore the uncorrected frequency response
may not be in close agreement.
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Fig.5.50 Simulated and measured system configuration (including the walking path)
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Fig.5.51 Unorrected (left) and corrected (right) hybrid subwoofer CSA measurements
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Fig.5.52 Uncorrected (left) and corrected (right) hybrid subwoofer CSA simulations

The hybrid subwoofer CSA measured and simulated systems result in spatial variance
reductions of 51.1% and 82.6%, respectively. The discrepancy in performance between the tw
Il ies in the hybrid subwoofer pr ot odegyepseof U
freedom are not fully independent of one another. Since the enclosure is sealed, there is a sm:
amount of crossalk between units as the internal air volume is compressed or stretched.
Crosstalk results in loss of source component orthoggnahich is assumed within the
correction algorithm, giving imperfect correction results (bigl).

Sincethedipoles are restricted at low frequency, both the simulation and measurements display
issues below 35 Hz. In this case, the limit was seusb §bove 35 Hz, therefore onlye
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omnidirectional components are active, reducing the available degrees of freedom. The
measured results do, however, indicate that a hybrid subwoofer CSA is viable and can provide
spatial variance reduction on par withetomnidirectional subwoofer CSAs, but withsiagle
enclosure as opposéalfour.

5.6.4 Discussion

Two prototype CSAs have been evaluated in this section with direct comparisons to their
simulated performance. With the exception of the individual subwoofeudrey responses,

the measured and simulated faumit omnidirectional subwoofer CSA results are in good
agreement, giving strong indication that CSA processing can be practically applied to
subwoofer systems as DSP. The measurements show around 60%vspatige reduction,
which is in the range of what is expected out of the CSA method.

The more interesting experiment in this section was with the simgléybrid subwoofer CSA

(four degrees of freedom). This system is the type that has been thegretichlivirtually
developed throughout this chapter. As the tested system contains an equal number of degrees
freedom as the omnidirectional subwoofer CSA tested, the spatial variance results should b
similar, assuming all source components are orthalgon

The measured and simulated results in this case cannot be directly compared in terms c
frequency response as the source components are not directly in agreement between syster
The spatial variance reduction is comparable, nonetheless, where thgredesystem gives
around 50% reductiomlthough there are clear cretak issues between the hybrid subwoofer
source components, causing correction inaccuraasesjell as nondeal polar patterns for the
dipole source components due to the issuesisisrl in Section 5.1.&he prototype systestill

shows that this approach to ldvequency correction is feasible.

Future work should address the crtal& issues, possibly with an additional set of filters, so
that each source component operategpeddently. Also, to improve practicality additional
work must address lofvequency extension to compensate for the dipole inefficiencies.
Addressing these two issues should make hybrid subwoofer CSAs a more robust system an
potentially a marketable pradt.

5.7 Performance comparisons

Up to this point CSA lowfrequency room response correction systems have only been
compared to themselves. It is necessary to compare CSAs to the systems presdrdaptem

to best judge if a CSA is an improvement ovesenrg methodologies. This section compares
various CSA configurations to conventional correction methods including: passive placement
(single and multiple subwoofer), parametric equalization, sipgiet static inverse filter
equalization and multip}point static average inverse filter equalization.

Simulations are conducted identically to those in the previous sectionsina5m x4 m x 3 m
space. A single omnidirectional subwoofer in the room corner simulation serves as a referenc
(or benchmark) spatial variance to which all other configuratioropeences are compared.
Seventeen configurations and correction methods are tested and spatial variance reductic
percentages calculated to rate each method based on improvement from the reference syste
Test results are shown in Talel, with results naked from best to worst. In the table, CSA
system results are green conventional DSP results areblue and passive layout results are

in purple Note that pseudmverse processing is not included in these comparisons.
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# Correction system type Layout description Spatial variance (dB)| Spatial variance reduction (%
1 CSA 4 units, room corners 0.16821 96.4
2 CSA 4 units, wall midpoints 0.75496 83.8
3 CSA 4 units, two vertical stacks 0.76554 83.6
4 CSA 2 units, opposite room corner 0.86746 81.4
5 CSA 4 units, random placement 1.8356 60.7
6 CSA 4 units, across room front 2.0798 55.4
7 Manual 3band PEQ 4 units, room corners 2.7787 40.4
8 Multi-point average EQ 4 units, room corners 2.7787 40.4
9 Singlepoint EQ 4 units, room corners 2.7787 40.4
10 Passive layout 4 units, room corners 2.7787 40.4
11 CSA 1 unit, room corner 3.1962 315
12 Passive layout 4 units, wall midpoints 3.2012 314
13 Manual 3band PEQ 1 unit, room corner 4.6642 0.0
14 | Multi-point average EQ 1 unit, room corner 4.6642 0.0
15 Singlepoint EQ 1 unit, room corner 4.6642 0.0
16 Reference system 1 unit, room corner 4.6642 N/A
17 Passive layout 1 unit, wall midpoint 5.0371 -8.0
18 Passive layout 4 units, across room front 5.1935 -11.3

Table5.4 Low-frequency systemerformance results due to various configurations and
correction methods (reference system = single subwoofer in a room corner)

Of the systems tested, the CSAs perform with the most consistency over the various layouts
The only CSA that fails to outperform the other methods is the simyleCSA with room
corner placement, due to its low number of degrees of freedom (four) semvaintageous
positioning (high modal coupling). The tested equalization methods confirm the point made in
Chapter6 that although these systems improve the response at a single location in the listening
area, they do not affect spatial variance. All egadéion methods in Tablé.4 perform the

same as the corresponding passive layouts. Concerning the passive layouts, systel
configuration is of upmost importance since performance ranges from reductions of over 40%
to increasesn spatial variance of ovelO%. The CSAs, on the other hand, generally give above
50% reduction regardless of the physical system layout.

The correction methods compared to the CSAs are not the most complicated and robus
available in practice. More advanced methods, such as thesessied irChapter4.2, likely
perform closer to the level of the CSAs. Unfortunately, these systems are either exceedingly
advanced for straightforward implementation within the FDTD toolbox or their DSP algorithms
are not publically available.

Nonethelss, the CSA lowirequencyroom correctiormethodology is shown to outperform the
more common roormode correction systems, both in terms of spatial variance reduction and
insensitivity to physical layout. Testing gives further confirmation to the CSA tayou
recommendations presenteddaction5.4.5, where the systems with larger source spacing and
more degrees of freedom give the best results.
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5.8 Chapter summary

A low-frequency widearea roormmode correction technique has been presented in the form of
achameleon subwoofer array (CSA). These arrays are ideally implemented using hybrid, multi
component subwoofers which allow for up to four degrees of freedom per unit as opposed tc
the single degree of freedom with traditional omnidirectional subwoofers possible,
however, to utilize omnidirectional subwoofers within a CSA, although this approach may
require an unrealistically large number of units to achieve the desired spatiotemporal control
over the listening area.

CSA physical configuration is naa trivial matter. Greater urib-unit spacing results in
considerablesound pressure spatial variance reduction over a wide listening area without
significant loss in system output efficiency. Care must be taken to avoid units in close
proximity to room loundaries, as dipole units are ineffective in these locations due to early
reflectiors from adjacent surfaces causing destructive interference at certain frequencies.

Overall, the longer the CSA (i.e. the more degrees of freedom) the better the system
performance and response manipulation. In terms of practicality, an upper limit oml€fsde

is set to four units, providing sixteen degrees of freedom. This allows for target points to be
placed within one meter of one another, achieving accurate spatiplisg of the listening

ar ea. When target points are spaced far ap
from correction, therefore the system wil/l
uniform response over the entire area

Pseudenverse filtering removes many of the target point constraints resulting from a restricted
guantity of source components. This process allows for denser target point spacing, giving e
better sampling of the listening area. Simulations and praetipe&riments have confirmed that

this procedure is advantageous to the CSA algorithm and provides increased robustness to tl
system.

The indepth development of CSA technology allowed for prototype testing; first with an
omnidirectional subwoofer CSA ardter with a singlaunit hybrid subwoofer CSA. In both
cases, spatial variance reduction of approximately 60% was achieved, which is in close
agreement with simulations dimilar systems. These experiments prove the feasibility of
CSAs as effectivdow-frequency correction devices. Although further work is necessary to
address certain issues present in the current construction of the hybrid subwoofer prototype, th
CSA algorithm appears to translate well from the virtual world to the real world.
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6 Virtual bass systems

Loudspeaker systems commonly operate with restrictedrequency bandwidth due to design
compromises, thus prohibiting the reproduction of thiedudio bandwidth. One approach to
this problem is based on the concept of th
low-order harmonics causes a listener to infer the presence of the fundamental frequency eve
though it is not physically produced. Harmonic synthesis is achieved by applying nonlinear
processing to the input signal in the form of a virtual bass algorithm to enhance the perceptior
of low-frequencies. This methodology is of value to systems with small-dnite that cannot
efficiently reproduce lowfrequencies.

In the case of CSAs, however, ldrequency reproduction is not limited. Nevertheless, issues
can manifest themselves in a few narrow frequency bands in which the CSA cannot perforn
efficient correction due to a comlaition of sourcdo-receiver coupling and target response
requirements (as highlighted @hapter5). Instead of replacing the entire ldvequency band

with virtual bass, the effect can be selectively utilized to ease correction requirements on the
CSA (orany correction system, for that matter). As such, the process is much more subtle thar
normally encountered with virtual bass systems (VBS) which does much to disguise its
somewhat artificial nature.

This chapter first discusses the principles of virtss; primarily the concept of the missing
fundamental. Two approaches for VBS are highlighted, along with a discussion on their
advantages and disadvantages. To overcome the disadvantages of each technique, a hyb
system was developed which is dis@ds# detail including subjective evaluation results. The
hybrid virtual bass procedure can alternatively be implemented as a form ofnroden
suppression, either as a standalone process or a supplemental tool within existing systems. Tr
technique is Hghlighted, including specific remarks on implementation within the CSA
architecture to alleviate the aforementioned issues concerning correction filter practicality. This
discussion includes results from listening evaluations using a standalone vetsismagthod

to emphasize the conceptds potenti al usefu

6.1 Principles of virtual bass synthesis

The phenomenon of the missing fundamental, or the residue pitch, is a result of the comple:
pitch-extraction mechanism within the inner ear and brain. When presented with a spectrally
complex sound, the pitch extraction mechanism attempts to make seahserefeived signal

by relating various spectral components to one another [78]. Eepaled spectral
components result in a perceived pitch corresponding to the greatest common factor of the
frequency values (in Hz) that falls within the audible raofy20 Hzi 20 kHz. For instance, if

the source contains spectral components at 200, 300, 400 and 500 Hz the overall perceptic
corresponds to a harmonicaligh tone at 100 HzThe same concept applies to more
complicaed harmonicallyrich signals, whereenergy mayalready exist at the required
harmonics To achieve the virtual bass effeatew harmonic components mustill be
introduced with proper phase coherency in relation to the fundamental frequency. This
requirement is discussed in detaiSaction 6.3.

This effect can operate using only two higher harmonic components of the fundamental.
Adding additional harmonics increases the sharpness of the signal timbre (sound quality) as th
average frequency of the components increases [78]. Wipyireg the missing fundamental

within low-frequency applications it is important to keep the average frequency of all spectral
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components to a minimum so that the perceived pitch is close in timbre to the fundamental.
Minimizing the number of harmonic cqranents also preserves the fidelity of the source signal
since virtual bass components are a form of distortion which should ideally be kept to a
minimum.

6.2 Time-domain implementation z nonlinear devices

A nonlinear device (NLD) is the most common harmogenerator used within VBS for a
number of reasons. First, the NLD is memoryless, allowing fortiraal applications. NLDs
operate using a polynomial approximation of a chosen function. The calculated coefficients are
applied to the input signal as defined®6.1).

where, h is a vector containing thBl polynomial coefficients withx andy representing the
signal input and output, respectively [79].

NLDs operate in the time domain, applying virtual bass over all spectral components of the
signal. This will introduce intermodulation distortion if there are two or more clsgelged
spectral components in theput signal. While it has been argued that these components cause
minimal auditory artifacts due to psychoacoustical masking at the Basilar membrane in the
inner ear [79],intermodulation distortion is an unwanted peripheral to the NLD virtual bass
systen, which must be handled with care.

Early NLD virtual bass research utilized a fulave rectifier (FWR) [80]. The FWR is simple

to implement, but suffers from the fact that it generates only-ekasr harmonics. A FWR
applied to a 100 Hz pure tone resuih harmonic distortion at 200, 400, 600 Hz and so on.
Following the principle of the missing fundamental, this harmonic series should result in a
perceived pitch of 200 Hz rather than 100 Hz. The perceived pitch is a full octave higher than
the target fdch perception, giving an inaccurate virtual bass effect.

This problem has led to a significant body of research aimed to develop the ideal NLD for
virtual bass. A wide range of NLDs are presented in [79], where they are each objectively anc
subjectivelyevaluated to best judge performance. The second exporgpgaNLD in [79]

rates highly in objective and subjective tests and was therefore chosen as the NLD for this
work. The inputoutput relationship is shown in Fif.1 (polynomial coefficients takedirectly

from [79] for the approximation of the exponential curve)

NLD VBS are implemented with a series of filters to facilitate approximate control of the
spectral components. The input signal is first processed by-pdew/filter (LPF) with @utoff
frequency set to the upper limit of the required-fogquency extension. The lepassed signal

is processed by the NLD, generating the harmonic components. Next, the NLD output passe
through a bandpass filter (BPF) to remove the fundamental apeciponents and to roughly
shape the harmonic components. If a-fogquency boost is required (as opposed to bandwidth
extension), the BPF can be replaced by a LPF to retain the fundamental components. After th
BPF, gain is applied and the resultingrsl is combined with a delayed version of the input
signal. The NLD virtual bass process is displayed in Fig. 6.2.
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Qutput
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Fig. 6.1: Inputoutput relationship for thepolynomial approximation of thexponential NLD

N LPF || NLD | BPF Out

p| Delay

Fig. 6.2 NLD virtual bass procedure diagram

A widely-utilized commercial NLBbased VBS is calledlaxxBass[81]. In addition to the
system architecture in Fi§.2, MaxxBassuses equdbudness processing to provide a virtual
bass effect subjectively equal in level to the unprocessed sijagkBasgs available both in
software and hardware form for use home theater systems as well ascieesound
reinforcement applidans.

6.2.1 Core possessing procedure and code

The first step required to apply NLD virtual bass to a signal is to synthesize and apply a low
pass filter (LPF) to the input signal (while retaining the original signal for later use). This

particular implementain utilizes an FIR filter for straightforward delay calculations (Big).

lIR filters could alternatively be utilized; however, IIRs are not linear phase which is

undesirable for a highdelity sound reproduction system. After applying the filter, résulting

signal is normalized in order for the virtual bass algorithm to optimize nonlinear harmonic
generation.

1 % generate the FIR LPF

2 N1 = 2000; % filter order

3 SidelobelAtten = 40; % window sidelobe attenuation (dE)
4 win = chebwin (N1+1, SidelcobeAtten); % generate Chebychev window

ol b = firl{N1, Fc/|(Fs/2), ...

B "low', win, 'scale');: % generate filter coefficients

7 LPF = dfiltc.dffir (b); % generate digital filter

8

9 % apply the LPF to the input

10 xL = filter (LPF, x): % apply filter to input

11 xL = xL/max (abs (xL)): % normalize signal for processing

Fig. 6.3 MATLAB code for generating and applying a LPF to the input siggal (
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Once the signal has been processed by the LPF it is passed through the nonlinear device (Fi
6.4). It is important to apply the LPF before virtual bass processing so that the nonlinear
distortion components are generated only for the-flequency compomds requiring
replacement. Highdrequencies should not be addressed within the procedure.

13 % run through NLD (see Eg. 8.1)

14 for m = 1 = 11

15 if m == 1

18 vL = hin):

17 else

18 vL = ¥vL + hin)*{xL."(n — 1))
1 end

20 end

Fig. 6.4 MATLAB code for application of the NLD to the lepassed input signaxl)

As per the NLD virtual bass procedure described in [79], the resulting sigisalpass through
a highpass filter (HPF) to remove the fundamental {i@guency) components to achieve low
frequency extension through a bdmdited loudspeaker, where reproduction at such-low
frequencies is not practical (such as mobile device eamgs). The HPF is applied in a similar
manner to the LPF (Fi@.5). If only bass boost is required, the HPF can be omitted.

% gensrate HPF1

22

23 N2 = 5000; % filter order

24 Sidelobelitten = 80; % window sidelobe attenuation (dB)
25 win = chebwin(N14+1, SidelobelAtten); % generate Chebychev window

26 h = firl{NZ, Fo/(Fs/2), ...

27 'high', win, 'scale'); % generate filter coefficients

28 HPF1 = dfilc.dffirib); % generate digital filter

29

30 % apply HPF1 to the processed low-frequency band

31 yL = filter (HPF1, ¥L);

Fig. 6.5 MATLAB code fa generating and applying a HR¥-the virtual bass signayl()

With the HPF applied, the system is reddy signal recombination. First, the original input
signal must be processed with a HPF to remove thefrleguency components that were
addressed in the VBS (Fif.6).

33 % gensrate the FIER HPFZ

34 b = £irl(N1l, Fc/iFs/2), ...

35 "high', win, 'scale'): % generate filter coefficients
38 HPFZ = dfilt.dffirib); % generate digital filter

37

38 % apply HPF to the input

39 xH = filter (HPFZ, =)

Fig. 6.6 MATLAB code fa generating and applying a HR¥-the input signalx

Before the signals can be recombined, they must be individually examined in order to match
signal levels so that the two frequency bands are recombined with equal weighting. This is
accomplished by inspecting the frequency response surrounding the crossgwendyeand
calculating the mean amplitude. The average amplitudes from each band are compared and
differential gain offset is determined (Fi§7).
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41 % determine appropriate galin offset

42 ref = Z0e-&;

43 f1 = Fc*0.8; % lower frequency limit

44 EZN = E A % upper frequency limit

45 fVec = linspace (0, Fs, lengthix)): % frequency wector

48 indl = find(f1 < fVec, 1, 'first'): % lower index

47 ind2 = find(f2 < fVec, 1, 'first'): % upper index

43 X = fft (xH)/length(xH): % high-band fregquency response

48 avgL¥X = 20%loglO(...

50 mean (abs (K({indl : ind2)) )/ /cef): % average high-band frequency response
51 clear X:

52 YT = f£ft(yL)/length(vyL): % low-band frequency response

53 avgLY = 20%loglO(...

54 mean (abs (Y({indl : ind2)) )/ /cef): % average low-band frequency response
55 clear ¥T:

L1 diffl, = avgLX - avgL¥: % average response difference

Fig. 6.7 MATLAB code to find the differential gain offset between the two output signals

This gain diferential is added to the required virtual bass gain (defined by the user for
subjective calibration) and then converted to a linear scale and applied to tbardvgignal
(Fig. 6.8).

58 % apply galn to VB signal

59 GdE = GdE + diffL: % calculate low-bhand gain regquired
&n G = 10" (GdE/Z0) ; % convert gain to linear scale

Bl ¥L = G*yL: % apply gain to low-band

Fig. 6.8 MATLAB code to calculate and apply necessary gain to theblwd signaly(L)

Before the signals are recombined, delay must be applied to thédmghsignal. Both signal
bands have now passed through a FIR filter of order 2000 for crossover purposes.-bhaerdow
signal, however, has had a secondary filter aggiieremove the fundamental leinequency
components; therefore the ldvand signal is delayed from the highnd. This delay is
cal cul at ed as h a [filter otrdér és alwdysfReven withinh this Specificaautthe) r
and applied to the higband signal so that both signals are properly aligned in the time domain
(Fig. 6.9).

63 % apply delay to input

ad temp = =xH: % store high-band signal

65 delay = N2/2; % calculate signal delay

BA *xH = zeros(l, lengthixH)): % reinitialize high-band wector
a7 xHidelay : end) = ...

a8 temp (1l @ end - delavy + 1) % apply delay to high-band signal

Fig. 6.9 MATLAB code to calculate and apply the delay to the Highd signalXH)

Finally, the two signal bands are recombined to give the bstgoal which is bantimited to
prevent attempted sound reproduction below the cutoff frequency of the radiating device with
these components replaced by the virtual bass effect, implemented in this case by an NLD (Fic
6.10).

70 % recombine the signals
71 ¥ = xH + ¥L;

Fig.6.10 MATLAB code torecombine the lowand highband signals to form the output
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6.2.2 Discussion

The primary advantage of NLD VBS is that the NLD is applied solely in the time domain. This
lends itself well to realime applications. Also, the procedure can result in very accurate
transient performance as it does not require a tradeoff between tanegnency domain
resolution. NLD approaches, therefore, are likelyp&sform particularly well for transient
heavy musical signals such as drum beats, staccato cello and-Haséle

However, a central disadvantage to NLD VBS is that it lends onlyoappate control over the
frequency component content of the virtual bass effect. This control is achieved through the ust
of the HPF/BPF which shapes the frequency response of the effect. This control does not hav
the capability to address intermodulatidrstortion, since virtual bass is applied over all
frequencies passed through the device and the harmonic content is dependent on the speci
NLD utilized. The presence of intermodulation distortion can adversely affect signal fidelity
and cause the effeto sound unnatural.

A further disadvantage of the NLD approach is that it is incapable of tracking pitched sounds.
The procedure has no memory, therefore it treats each input sample as a discrete event. £
NLD may see a pitched signal as a weak tramtistomponent, causing pitch to be poorly
converted to the virtual bass domain.

Overall, NLD VBS are advantageous for rale applications of virtual bass for transieich
signals but are likely to suffer from reduced output for pitch signals suocbcats\or organ. A
frequencydomain comparison of input/output signals using this methodology is displayed in
Fig. 6.11a, highlighting the harmonitistortion components introduced to achieve the virtual
bass effect while the lofrequency band has beenemtiated based on the reproduction
capabilities of the loudspeaker system (cutoff at 120 Hz, in this situation). The effect is also
demonstrated as a bass boost application for the same input sign@l1(Hm.
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Fig. 6.11 Input (blue) and output (red) comparison using NLD
(a) low-frequency extension and (b) leinequency boost
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6.3 Frequency-domain implementation z phase vocoders

An alternative to NLD VBS has emerged in recentryedilizing a phase vocoder (PV) as the
harmonic generator [82]. PV VBS provide superior harmonic control, allowing for selective
harmonic inclusion. Since this approach operates in the frequency domain, intermodulation
distortion can effectively be avad, unlike with NLDs.

PVs operate by splitting an input signal into short toleenain windows (generally between 50

T 250 ms). The PV uses a fast Fourier transform (FFT) for each time window and applies the
required processing while maintaining phase cemee and then generates the output signal
either by surof-sinusoids or inverse Fourier transforms (IFFT) where each window is overlap
added to minimize amplitud@odulation effects. The present implementation utilizes-sftm
sinusoids.

A disadvantage oPV arises due to the traddf between time and frequency resolution. PV
VBS require adequate frequency resolution for accurate harmonic generation in addition to
avoiding intermodulation distortion. Frequency resolution can be determined ZEq.

,\Q p b (p&

where,fes is the frequency resolution (Hz) aqgis the window length (s). For examplel25
ms window gives 8 Hz resolution while a 500 ms window gives 2 Hz. This issue can cause
smeared transient performance which is evident when applied to signals such as drum beats.

Previous solutions have involved reinitializing the phase within the algorithm whanssent

is encountered [83] and also removing any transients from the input signal and then reinserting
them, unprocessed, at the PV output [84]. The phasggtialization solution is difficult as it

relies on precise transient detection; otherwises@tainitialization occurs in excess causing
poor phase coherency for pitched signal components. The transient removal methatl has
low rankingin subjective tests since transient components are not addressed within the effec
[84].

Even though the PVannot handle transienperfectlyit does perform well on pitched signal
components. Unlike NLD systems, PV VBS do not require a LPF on the input stage, as the
algorithm selectively applies the effect to frequency bins. Within the PV the selected
frequences are pitch shifted to the necessary harmonic frequencies and amplitude adjusted t
match any equdbudness requirements; therefore no BPF or HPF is necessary.

Since PV VBS are more computationally demanding, it is expedient to-sample the input
sigral for realtime applications. This requires a LPF before the deampling process to
avoid spectral aliasing. Once the signal has been processed, #s@npfed to the original
sampling rate and recombined with the delayed original signal. The P\dlidgs process is
shown in Fig6.12.

Nyl er & | PV ] 1 Out

p| Delay

Fig. 6.12 Phase vocoder virtual bass procedure diagram

126



Low-frequency sound reproduction 6 z Virtual bass systems

While PVs are commonly used for audio effects such as pitch shifting and time stretching [85],
there are no known commercial applications of PV virtual bass.
6.3.1 Core processing procedure and code

The first steps in the PV virtual bass procedure store the initial input signal and sampling rate
define the new sample rate for the PV application and downsample the input signall@ig.

1 % sStore initial signal and sample rate for use later

= xTot = =x.': % sStore initial input signal
3= FsTot = Fs; % sStore inital sample rate

4

5 % copy and downsample signal for more sfficient processing

B — Fs = 408&: % reduced sampling rate

T - ¥ = resample (xTot, Fs, FsTot): % resample the input signal

Fig.6.13 MATLAB code br input signal storage and downsampling procedure

Next, the cutoff for lowfrequency extension is defined and the downsampled signal is passed
through the corresponding LPF to remove irrelevant-fighuency components (Fi§.14).

g9 % define target cutoff frequency

10 — FeV = Fe: % PV cutoff frequency

11

12 % generate the LPF

13 = N1 = 200: % filter order

14 - Jidelokbelitten = &0; % sidelobe attenuation (dE)
15 — win = chebwin(N1+1, 3idelobelitten):; % Chebychev window

16 — b = firl (N1, Feo/(F=/2), ...

17 'low', win, 'scale'}: % generate filter coefficiencts
18 — LPF = dfilt.dffir (b); % generate digital filter
19

20 % apply LPF to the input

21 — ®x = filter (LPF, x):

Fig. 6.14 MATLAB code for defining the VB cutoff frequency and applying the LPF

The PV parameters are initialized by defining the analysis winagwl§ this case a raised
cosine is usedvith a 250 ms lengthN), with the window set to shift by 1/32 second each
analysis ste@dHA). This ensureshat there is sufficient frequency resolution (from the wide
window) and also adequate transient handling (from the small window hop size). Once the
window is constructed, the downsampled input signal is-gadaled so that the begingiand

end of the signal are fully addressed within the VB effect. The necessary number of window
steps for the particular signal is calculatper(d, to be used later in the processing loop and
lastly, the output vectowL) is initialized (Fig.6.15).

Next, the specifics of the PV virtual bass effect are defined. This includes the range of
harmonics to be generated, governed by the lower latph&Ll) and the upper limitalphaH).

These are integer values, whereby a value of one corresponds to tamémtal. An integer

step size gtep is defined to allow generation of even, odd or all harmonics. The frequency
range is definedAcl to Fc2) and is split into separate processing franmésfiames, spaced at

st Hz). The lower and upper limits for eachnge are placed into vectorsL(and rH,
respectively) for use within the processing loop.
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Pt % generate the hanning window at appropriate length

24 - N = 2 nextpow? (Fs/4): % window length

25 = HA = N/8: % hop size

28 — w = (0.5%({1 - cos(2*pi*[0:N-1]/N))).'; 3% Hanning window

27

28 % add silence to beginning and end of input and normalize

28 — L = length(x): % length of the input signal
30 - ®x = [zeros (N, 1); x; zeros(N - mod(L, HA), 1)]...

31 Jmax (abs (x) ) : % zero-—-padded + normalized signal
32

33 % determine number of windows needed

34 - pend = lengthix) - N: % analysis end index

35

38 % initializations

i = vL = zeros(L, 1): % output wector

Fig.6.15 MATLAB code for PV window and output signal initialization

Sgparate processing frames are necessary si
fall below the system cutoff frequency. This requires these frequencies to use higher harmonic
generated for the virtual bass effect. The higher frequency framesod require special
handling since their harmonics will fall within the operating band. The processing code for this
is shown in Fig6.16.

39 % set pitech shift parameter range (increments of 1, 1 = fund)

a0 — alphal. = pwvl; % lowest harmonic generation

4] — alphal = pwvi; % highest harmonic generation

42 — step = pw3; % inter-harmonic step size

43

44 % set up frequency wvector

45 — fVec = linspace (0, Fs, N): % frequency bin wvector

48

47 % define the fregquencies for target/non-target ranges

48 — Fel = 20; % lowest processed freguency bin
49 — Fe2 = FeW; % highest procesed freguency bin
50 — nk = 4; % number of processing frames

51 = 8t = (FcZ - Fel)/nR; % processing frame separation (Hz)
52 — rL, = Fecl + st*linspace (0, nR - 1, nR); % lowv-limit target range vector
53 — rH = Fel + st*linspace (1, nE, nR): % upper limit target range vector

Fig.6.16 MATLAB code for target harmonic definition and frequency frame initialization

The process entersfar loop to target each frequency bin frame independently. Before PV
processing commences, the specific targeted frequency bins must be defined. This is
accomplished using the lower/upper limit vectors defined in the previoussegmeent The
inclusive range of frequencies is used to populateititd/ecwhich holds the index values of

the targets bins. The ndargeted indices are placed witlatherVec These bins are still passed
through the PV, but they are not pitch shifted. Lastly, a temporary owgptdr (internal to the

loop) is initialized just before the PV algorithm begins (Big.7).

The PV virtual bass algorithm steps through each required pitch shift to achieve the desirec
harmonic components. This is performed within anofbetoop. Insice the loop, the Nyquist
frequency (1) is determined (based on the analysis window lengthand the shift range is
checked to ensure the generated harmonics are within the operating band. If not, the shift valu
is incremented by one invahile loop untl the shifted range is appropriate. All PV components
are next initialized (Fig. 6.18). This PV implementation is adopted from the work in [86].
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55 % process sach target range seperately and sum the outputs

568 — for =z = 1 : nR

L) % determine target/non-target frequency bins

58 - indVec = findirLiz) <= £fVec, 1, 'first')

59 find(rH(z) <= fWVec, 1, 'first'):;% indeces of frequencies to shift
a0 — otherVec = []: % indeces of freguencies w/no shift
Bl — for n = 1 : lengthifVec) % f£ill non-shift wector

B2 — if isemptyifind(n == indVec, 1, 'first')

683 — otherVec = [otherVec, n]:

&84 - end

&3 — end

aa

&7 % 1lnitialize temporary output vector

&8 - ¥T = zeros(lengthix), 1):

Fig.6.17 MATLAB code for target frequency bin definition and local output initialization

70 % run the procedure to generate the required harmonics

71 — for alpha = alphal : step : alphaH

72 — Ll = floor (N/2); % Nyquist ewvaluation length

13 - shift = alpha: % pitch shift factor

74

75 % 1f freugency bins are being shifted to below the cutoff range,
78 % scale the shift walue (integer) up until within proper range
17 = while rH(z) *shift < FecV

78 — shift = shift + 1:

79 - end

80

g1 - aVec = ...

a2 otherVec (otherVec <= L1): % address fregs below Nyquist
83 — OMEga = ...

a4 2*pi*HA®[D : L1 - 1]'/N: % sSinusoid reconstruction wvector
a5 — pin = 0O:

88 — pout = 0O:

a7 - phi0 = zeros (L1, 1): % initial measured phase

a8 - r0 = zeros(L1l, 1): % ilnitial magnituds

89 - psi = zeros(L1l, 1) % 1lnitial phase

a0 — grain = zeros(N, 1): % analysis window wvector

B = res = zeros(HA, 1) % resulting signal wvector

Fig.6.18 MATLAB code for PV routine variable checks and initializations

The PV virtual bass effect is applied by stepping through all analysis windows wittiriea
loop. The crucial piece of code this section is contained infar loop from lines 106 115

(Fig. 6.19). The pitch shift is applied to the targeted frequency mi/€9 during the phase
adjustment stage by multiplying the phase increnagltd _ph) by the shift integer value (lines
1117 112). This frequency shifting procedure is illustrated in Fig. 6.20 for clafihe non
targeted binsqVeq are also processed for phase adjustment, just without the shift multiplier
(lines 1091 110). The resulting complex frequency resporsseonverted to the time domain
(res) using a sunof-sinusoids procedure (line 114) and is added to the temporary local output
vector ¢T) in lines 121i 122. Once the PV virtual bass is applied, the temporary output is
added to the overall outpuyl() on line 132. This is the end of the core PV virtual bass
procedure.
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g3
94
g5
98
97
<8

end

% ru
whil

end

n the procedurs
2 pin < pend
grain = ...

X(pin + 1 : pin + M) .*uw;
fol = f£ft (fftshift(grain)):
f foelil @ L1);

r = abs(f):
phi = angle(£f);

analysis window
FFT of analysis window (w/circ shift)

anlysis window up to Nygquist
FFT magnitude
FFT phase
delta phi = omega + mod( (phi - phi0 - omega)
+ pi, -2%*pi) + pi: unyrapped phase diff.

LT T

%
delta r = (r - r0) /HA: % change in magnitude
delta psi = delta phi/HA; %
% apply linear interpolation owver hop size (HA)
for Kk = 1 : HA

% shift each frequency bin

phase increment

rd = r0 + delta r: % adjust magnitude
psiioVes) = psijoVec)
+ delta psi(oVec):; 3% adjust phase
psiiindVec) = psi(indVec)
+ shift*...
delta psi(indVec): % adjust phase w/shift
resik) = r0'*sin(psi); % resulting signal (time domain)
end
phil = phi; % save previous meas. phase
EDS=E % Save previous magnitude
psi = modi{psi + pi, -2*%pi) g
+ pi: % unwrapped phase increment

% create time domain output
vTi{pout + 1 : pout + HA) =

vT{pout + 1 : pout + HA) + res;
pin = pin + HA;
pout = pout + HA:

% normalize output and cut out silence at beginning and end

vT

rea

1(¢T(N/2 + HL + 1 : N2 + HA + L))

% add to total ocutput

vL
end

vL

+ ¥T:

Fig.6.19 MATLAB code for the core PV virtual bass procedure (adopted from [86])

% E
=Y = Ar
=] &n
& = . :
8 s Harmonics generated from >
£ f1a i
f(z) f(Hz)

Fig. 6.20 PV harmonic generation procedure (processingifehéivn for a bass boost
application where the fundamental frequency band is preserved) [82]
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The remaining steps for PV virtual bass are similar to the NLD approach. First, the virtual bass
signal is normalized and passed through an FIR filter which appabes an equdbudness
contour. Additionally, the signal (unlike with the NLD approach) is filtered by comparing input
and output waveform envelopes. It is expected that the PV will smear the transient response ¢
the signal due to the wide temporal as&ywindow. The output envelope is adjusted to match
that of the input to give approximately similar transient characteristics as the unprocessec
signal, except now with the virtual bass components included (lines 1563, Fig.6.21). Once
filtering is cmplete, the signal is upsampled and is now ready for recombination with the high
band signal.

135 % normalize wL

136 — vL = yL/max (abs(yL)):

137

138 % create and apply inverse a-welghing filter

138 % |(approximate equal-loudness contour)

140 - N3 = 1000:; % filter order

141 — fVec2 = linspace (FeWV, 1000, N3 - 7): % frequency bin wvector

14z — m = awelght (fVecl) ; % magnitude weighting wvector
143 — f = zeros(l, N3): % filter frequency wvector
144 — Ef1 : &) = [0 Fc*O.1 Fec*D.2 Fe*bD.3 ...

145 Fc*0.4 Fe*0.7]1/ (Fs/2); % fill target fregquency vec
148 — £(7 : end - 1) = £VecZ/ (Fs/2): % f£ill remaining freguencies
147 — fiend) = 1: % ensure final frequency is 1
148 — temp = m:

148 — m = zeros(l, N3): % set fregs below cutoff to zero
150 — m(7 : end - 1) = temp:

151 = miend) = 1;:

152 — b = £irZ (N3, £, m): % generate Filter coefficiencts
153 = vL = filter(b, 1, ¥L): % apply filter to VB signal
154

155 % determine envelope of input and apply to vb output

156 — x = real (x(N/2 + HL + 1 : N/2 + HA + L)/max(abs(x)));:

157 — envl = abs(hilbert (x)): % 1lnput enwvelope

158 — envZ = abs(hilbert (vL)): % output envelope

159 — envD = envl./envi; % envelope ratio

1&0 % smooth envelope

161 — tol = ceil (Fs/10);

162 — for n = 1 : lengthi{envD)

163 = if (n + tol) > lengthienvD)

lad — envD(n) = mean(envD(n - tol : length{envD))):

165 — elseif (n - tol) = 1

166 — envD(n) = mean{envD (1l : n + tol)):

167 — else

168 — envD(n) = mean(envD(n — tol : n + tol)):

169 — end

170 — end

171 — envD = envD./max (abs (envD) ) : % normalize envelope

172 - vL = vL.*envD (1l : length(vyL)): % apply envelope to VB signal
173

174 % upsample processed signal

175 = vL = resample|(yL, FsTot, Fs): % upsample VE signal

Fig. 6.21 MATLAB code for postPV virtual bass signal filtering and upsampling

Next, the original input signal (stored at the very beginning of this processt)pass through a
HPF to remove the loMrequency data (Fig6.22). As with the NLD approach, this step is
unnecessary if a bass boost is required.
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177 % generate HPF

178 — NZ = Z000: % filter order

alffi e SidelobelAtcen = 40; % sidelobe attenuation (dB)
180 — win = chebwin (241, SidelobelAtten); % Chebychev window

181 — b = firl (N2, Fec/(FsTot/2),

182 'high', win, 'scale'); % generate filter coefficients
183 — HPF1 = dfilt.dffir (b); % generate digital filter

184

185 % apply HPF to input

188 — *xH = filter (HPF1, =Tot):

Fig. 6.22 MATLAB code for generation and application of a HPF to the input signal

Similar to the NLD vit u a | bass code, the two signal b a
to determine their gain offset, which is corrected to ensure the signals combine at comparabls
amplitude levels (Fig6.23).

188 % determine appropriate gain offset

188 = ref = 20e-&:

190 — FElIS =N Ech &2 % lower frequency limit

A=l = £2 = FeV*l.H: % upper frequency limit

192 — fvec = linspace (0, FsTot, length(xTot)):% fregeuncy vector

183 — indl = findifl < fVec, 1, 'first'): % lower index

194 — indZ = find(f2 < £fVec, 1, 'first'); % upper index

195 — ¥ = fft(xH)/length(=xH): % high-band frequency response
196 — avgL¥X = Z0*%logldy. ..

197 mean(abs (X(indl : ind2)))/ref): % average high-band freq response
198 — clear X;

lgg — Y = £ft(yL)/length(yLl) ; % low-band frequency response
200 = avgLY = Z0*logld(...

Z01 mean(abs (Y(indl : ind2)) )/ /ref): % average low-band freq response
202 — clear T:

203 — diffl, = awglX - awgL¥: % average response difference
204

205 % apply gain to VB signal

208 = GdE = GdAE + difflL: % calculate low-band gain regquired
207 = G = 10" (GdAB/20) ; % conwvert gain to linear scale
208 — vL = G¥*yL: % apply gain to low-band

Fig. 6.23 MATLAB code to calculate and apply necessaryngaithe lowband signalyL)

Delay is applied to the highand signal, with care taken to ensure the delay is calculated
properly since the lovwand signal passes through filters at a lower sampling rate. Once the
signals are temporally aligned, they danrecombined. If lowrequency extension is required,

the final output signal is passed through the HPF used ir6R2gto remove any superfluous
fundamental lowfrequency data (Figh.24).

10 % apply delay to HPF input

11 — delay = ceil{ (N1 + N3)*...

1z (FsTot/Fs) - N2)/2): % calculate signal delay

13 - xH = [Eeros(delay, 1); xH]: % apply delay to high-band signal

[
[ I =]

% sum the original and processed signals
if length(xH) > lengthi(vL)
v = xH{1 : length(vyL)) + v¥L:

iy
(31
|

B3 OB) B3 OB} BRI OB} BRI OB) BRI OB BRI OB BRD OB
[
~
|

18— else

19 — v =xH + vL(1 : length(xH)):
20 — end

Z1

22 % apply HPF to output

23 - v = filter (HPF1l, ¥):

Fig. 6.24 MATLAB code for delay application and final sigr@mbination and filtering
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6.3.2 Discussion

The strengths of PV VBS contrast those of NLD VBS. NLD virtual bass is memoryless, lending
itself well to realtime applications with exemplary transient handling but struggling to track
steady, pitched sounds. The P\étiod, on the other hand, performs well applying the effect to
pitched components due to the wide overlapping analysis windows. The downside to this
approach is that the overlapping windows smear sharp transients in the signal. This has partiall
been addrssed by the waveform window matching procedure shown ir6Rf. but is not a
complete fix to the problem, potentially allowing subjectively artificial sounding virtual bass
for signals such as drum beats.

Another inherent downside to PV VBS is the qutational requirements. The process is
performed largely in the frequency domain, requiring numerous FFT operations along with
nested loops to address all frequency bin frames$ timedomain analysisvindows. This
problem is diminished by downsampling the input signal, but the PV still operates slower than
the NLD. If adequate computational power is available, however, this may not prove crucial,
nevertheless, it must be kept in mind when selectwiguwal bass procedure.

Overall, PV virtual bass is advantageous for steadier, pitched signals but is likely to suffer from
smeared transients for signals such as drum beats. A frequency domain comparison C
input/output signals using this methodology ispthyed in Fig.6.25a, highlighting the
harmonic distortion components introduced to achieve the virtual bass effect while the low
frequency band is attenuated based on the reproduction capabilities of the loudspeaker syste
(cutoff at 120 Hz, in thisituation). The effect is also demonstrated as a bass boost application
for the same input signal (Fi§-25b).
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Fig. 6.25 Input (blue) and output (red) comparison using PV (a}i@guency extension and
(b) low-frequency boost
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6.4 Hybrid implementation

A VBS that exploits the respective strengths of the NLD and PV systent&twmnventsheir
weaknesses providémss synthesis lesgnsitive to changes in input signal content. When the
input signal has a high transient content, the systarors the NLD output and conversely,
when the signal is more pitched the PV effect is utilized.

This hybrid approach requires a transient content detector (TCD) to analyze successive tim
domain windows of the input signal and appropriately weight tlspective virtual bass
algorithms running in parallel (Fi§.26).

Out

_I"TCD
\l/—>PV—>’I\—r'T

In_ 3l LpF

{ NLD (——  »| BPF

pi Delay

Fig. 6.26 Hybrid virtual bass procedure diagram

6.4.1 Transient content detector

The transient content detector (TCD) operateth@nfrequency domain, utilizing the improved
low-frequencyresolution of a constat@p transform (CQT) [87]. Changes in spectral energy are
tracked between successive analysis windows by targeting frequency bins in the virtual bas
range (below ~100 Hz). When the change in energy exceeds a certain thresholdrahie ov
weighting function is incremented in the NLD direction, while otherwise moving in the PV
direction. This weighting function achieves the goal for the hybrid VBS where NLDs will be
favored in transientich situations while PVs are utilized when thgut signal contains
steadier, pitched components. The TCD processing code is based on-raaktiome
implementation where the entire signal is processed at the same time. This process could &
built into the virtual bass code for re@he processing.

Like the PV processing, the TCD must normalize and-paddthe input signal so that the
algorithm addresses the beginning and end of the signal properly. Since the TCD uses a slidin
analysis window (just like the PV), zepadding eliminates the possibylitof an abrupt
beginning to the signal which would cause the weighting algorithm to fully favor the NLD. In
order to focus on the lofvequency signal components, the signal is passed through a LPF and
downsampled to improve processing efficiency (Big7).

Next, the TCD analysis window is generated. The window characteristics are defined by the
variablesfact and step which control the window length and hop size, respectively. In this
implementation, the window length is set to 1/24 second with ansasalyndow hop size of

1/48 second. This ensures that even the sharpest transients are detected, including their ons
and decays. With the analysis window defined (indicating the number of windows required), an
analysis window frequency response matinEj is initialized along with vectors to store the
mean spectral energy at each analysis windawergy and the instantaneous rate of energy
change between analysis windowg) (Fig. 6.8).
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g9 % normalize

10 - ®x = x/maxiabsix)):

11

12 % zero pad x

13= zpad = zeros(ceil (FsT/5), 1):

14 - ¥ = [zpad: x; zpad]:

15

1la % apply LPF to the input

17 - N1 = 1000:; % filter order

18 — Foc = fmax: % cuttoff frequency

al ey Sidelobeitten = &0; % sidelobe attenuation (dE)
zZ0 — win = chebwin(MN1+1l, 3Sidelobeldtten); % Chebychewv window

z1 - b = firl(N1, Fe/(FsT/2),

22 "low', win, 'scale'): % generate filter coefficients
23 — LPF = dfilt.dffir b)) ; % generate digital filter
24 — ®x = filter (LPF, =): % filter input signal

25 — Xo = X} % store resulting signal
26

27 % resample

28 — Fs = Z%nextpowl (fmax*3) ; % new sample rate

29 — ¥ = resample(x, Fs, FsT):

Fig. 6.27 MATLAB code for normalization, zerpadding, lowpas filtering and downsampling
of the input signal for use within the TCD algorithm

31 % define window length and overlap

32 — fact = 24; % length = 1/fact seconds

33 = step = 2: % hop size = length/step seconds
34 - L = ceil (Fs/fact); % analysis window length

35 — 0 = ceil (Fs/ (fact*step)): % abalysis window hop size

38 — w = tukeywin (L, 0O} % generate analysis window

37

38 % determine number of windows

38 — nll = ceil(length(x)/0 - step - 1);

40

41 Create zero-padded x wvector

42 - x = [®: zeros(3*0, 1)]:

43

44 % sSplit signal into windows of FFT

45 — inF = zeros(nW, Lj: % matrix to store analysis windows
48 — indl = 1:

47 — ind2 = L:

48 — energy = zeros(l, nll); % wvector to store avg spectral enegy
48 — dE = zeros(l, nll): % wvector to store change in energy

Fig. 6.28 MATLAB code for TCD analysis window definition and matrix initialization

The TCD requires a timiequency transform capable of sufficient lér@quency resolution to
accurately identify the transient and pitchednasigcomponents. Discrete Fourier transforms
(DFT) are commonly used for this purpose, but suffer from pooiflegquency resolution since

the transform operates over linearly spaced frequency bins. This lack of spectral definition
inhibits differentiationbetween transient and pitched signals in thefimguency range (below

100 Hz); therefore it is necessary to utilize a transform which provides higher resolution.

DFTs maintain equal resolution through all linearly spaced frequency bins, but CQTs
(commony used in musical signal analysis) give frequedependent resolution based on
logarithmicallyspaced frequency bins [87]. This is achieved by scaling the time domain
analysis window length based on the frequency bin under inspectior.@gallowing br

CQT calculation through E®.4.
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0] "0 (7))

O = 0 terd o8

where,Nk is the analysis window length for frequency kjtis is the system sampling rate (Hz),
Qs the ratio of frequency to resolutidpjs the frequeng bin value (Hz) an is the CQT for
frequency bink, with wy representing the analysis window function applied to input signal,
[87]. The advantage of CQT over DFT is shown in g9 where a CQT is compared to a
DFT with the same maximum window sifor a signal consisting of pure tones fromi 2000
Hz (10 Hz increments) and 10QL000 Hz (100 Hz increments).

20 30 40 50 60 70 80 90100 200 300 400 500 600 700 800900 1k
Frequency (Hz)

Fig. 6.29 CQT (top) and DFT (bottom) comparison for signal with sinusoidal components at
each grid line (equal maximum analysis windovediar both transform methods)

The CQT and DFT comparison highlights a tradeoff. Since the DFT has fixed analysis window
size, the frequency resolution is equal (in Hz) over all frequency bins; therefore, on a
logarithmic scale (as in Fig.29) there is hyher resolution as frequency increases, but below
100 Hz there are significant inaccuracies. The CQT method, while not as accurate at highe
frequencies, maintains a constant frequency resolution to give equal accuracy on a logarithmi
scale. This result&n much more accurate spectral transforms for frequencies below 100 Hz due
to the CQTo6s adaptive analysis window si zc¢
detailed analysis within the TCD to best track the dynamic nature of an audio signal.

The CQTis implemented first by defining the desireef@gtor for the transformd). Next, the
logarithmic frequency spacing factds) (is calculated and utilized to determine the frequency
bin locations k). The maximum analysis window length is defined by @&actor and the
lower frequency limit, which is used to determine the window lengths for each frequency bin.
Lastly, all analysis windows are generated and stored in a maff)x(Fig. 6.30). The system

is now initialized to perform the CQT procedure.

The CQT procedure steps through the frequency bins one at a time, applying the analysi
window tothe timedomainsignal and then performing a short time Fourier transform (Eq. 6.4)
on the resulting data vector. The process is repeated for each analyssvveitading the
resulting frequency responses in the frequency response niajx The energy level at each
analysis point is calculated and used to determine the change in energy between windows (&
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long as the current analysis window is not the first)is value determines the virtual bass
procedure weighting (Fig. 613
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% Se
Q:
b:
k:
fk =
Nmax
N:

wT =

% ge

Nmax./ (2. (k./b)):
alpha = 0.5;

tup COT

Bt target frequency respolution J-factor
L/ logiZ*fmax/fmin) ; calculate logarithmic spacing factor
O : L - 1; frequency bin index wvector

fmin* (2. (k./b)): loagarithmically-spaced frequencies

= floor (Q%(1/fmin) *Fs) ; maximum window length
window length wvector

vertical window offset

P e e

zeros(lengthik), M(1)): analysis window matrix

nerate frequency-dependent windows and palce in matrix, wT
for m = 1 : lengthik)

n=20: (Mim)j - 1):

temp = alpha + (1 - alpha) *cos(Z*pi*n./IN(m))

temp (ceil (length(temp) /2) : end) = 0;

wTim, 1 : length({temp)) = temp:

Fig. 6.30 MATLAB code for CQT parameter initialization

% perform COT proceedure

for n =1 : nW
*T = [x{indl : indZ). *w;
zeros (Mmax - L, 1)]: % apply window to input + =zZsro-pad
for m = 1 : length(k)
temp = 0;
for d =0 : Nim) - 1

% calculate short time Fourier transform
temp = temp + xT(d + 1) *wT(m, d + 1) *exp(-i*Z*pi*Q*d/I(m)) ;

end
inF(n, :) = temp/N(m); % save freugency response in matrix
end
indl = indl + O;
ind2 = ind2 + O;
energyin) = ...
sum(abs (inF (n, :)))/L; % calcualte spectral energy

% determine change in energy if not the first analysis window
ifn>1

dE (n) = 1e3%* (energv(n) - energvi(n - 1))
end

end

Fig. 6.31 MATLAB code for the CQT procedure and spectral energy calculations

The weighting vector is created by defining a threshold value for the change in energy to
indicate a transient. The vector is stepped through, one window at a time, and assignbd a 1 if t
value exceeds the threshold and a 0 otherwise. The resulting weighting vector passes through
moving average filter to smooth the transition from transient to stsfadly. This is required
since informal subjective testing indicates that when weighsrdigital in nature (1 or 0) the
abrupt transition between virtual bass algorithms sounds unnatural. Smoothing the transition:
eliminates this problem, allowing the system to be immune teoffnieansients in otherwise
steadysignals (Fig6.32).
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91 ¥ gate dE

92 — maxDE = max (abs (dE) ) ; % maximum ensrgy change wvalus
93 — thresh = &; % transient definition threshold
94 — mixC = zerosil, lengthixao)): % initialize weighting wector
95 — con = ceil (FsT/Fs); % ratio of sampling rates

95 — indl = 1: % beginning data index

97 — ind2 = 1 + L*con - 1; % end data index

g8 — for n = 1 : nW

g9 — if abs(dEin)) < (maxDE/thresh) % find steady parts

100 = dE(n) = 0;

101 — else % find transients

102 — mixC(indl : ind2) = 1;

103 — if (n = 1) && (dE(n - 1) == 0]

104 — mixC{indl - O%*con : ind2 - O%*con) = 1;

105 — end

106 — end

107 — indl = indl + O*con:

108 — ind2 = ind2 + O*con;

1o = end

110

171 % create mixing curve between NLD and phase wocoder

alfallzs % (+1 = full NLD, 0 = full FV)

113 = mixC = mixC/max (abs (mixC)) ; % normalize weight wector (0 or 1)
114 — step = ceil (FsT/5000) ; % define moving average step size
115 |= win = ceil (FsT/8) ; % define moving average width
116 — indl = 1:

alalrifes ind2 = 1 + win - 1;

118 — while indZ <= length(mixC) % smooth weight wector

119 — mixC{indl : ind2) = mean(mixCi{indl : ind2)):

120 — indl = indl + step:

121 — ind2Z = indZ + step:

122 — end

123

124 % cutout zero padding

125 — mixC = mixC (lengthi{zpad) + 1 : =nd):

Fig. 6.32 MATLAB code for algorithm weighting vector generation and smoothing

As an example, a dynamic time window was applied to a continuous 60 Hz sinusoid to test the
performance of the TCD. The window was constructed to replicate alternating transient and
pitched components. Ideally, the TCD should heavily weight the NLD when a transient is
encountered and then quickly shift to the PV, while the TCD should remain at full PV

weighting for the pitched signal components (Bi§3).

The results in Fig.33hi ghl i ght the TCDO6s functVvBsmhel it
NLD is used for transient components while the PV is used for the steady, pitched parts. The
smooth transition between operating states ensures no additional distortion will be imtroduce
from the automatic mixing algorithm.

Although the TCD performs as expected with the synthesized test signals, it is helpful to
perform tests onrealworld musical signals to ensure the algorithm functions appropriately
within the hybridVBS. Two clips ofmusic were chosen to test the TCD: one of a sparse drum
beat (Fig. 6.8) and the other a slow, lepitched vocal performance (Fig. 6)3
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Fig. 6.33 TCD weighting function (bottom) due to input signal (top)
(O = full PV weighting, 1 = full NLD weighting)
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Fig. 6.34 TCD weighting function (bottom) due to drum beat sample (top)
(O = full PV weighting, 1 = full NLD weighting)

Fig. 6.35 TCD weighting function (b@dm) due to vocals sample (top)
(O = full PV weighting, 1 = full NLD weighting)

The TCD performs properly with the reabrld music signals. The virtual bass effect for the
drum beat consists almost entirely of the NLD output due to the tramgrgignal content.
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