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ABSTRACT

Small room acoustics are characterized by a limitetiber of dominant low-frequency room modes whiagult in
wide spatio-pressure variations that traditionalnnecorrection systems find elusive to correct avéroad listening
area. A psychoacoustic-based methodology is praposkereby signal components coincident only with
problematic modes are filtered and substituted ibyal-bass components to forge an illusion of suppressed
frequencies. A scalable and hierarchical approacktudied using the Chameleon Subwoofer Array (CS#J
subjective evaluation confirms a uniform large-apssformance. Bass synthesis exploits parallelimear and
phase vocoder generators with outputs blendedwascdon of transient and steady-state signal aante

1. INTRODUCTION configuration, there are often room modes that are
nearly impossible to fully correct, resulting in an

Room modes in small- to medium-sized closeéhcomplete solution to the problem at hand.

acoustical spaces often cause wide variations \w o

frequency response across a listening area. Thds room modes are a physical phenomenon, it is

acoustical spatial variance will result in largdifferent proposed that a psychoacoustical method could

impressions of a room and/or sound system, commondjrengthen a physically-based correction technique

with adjacent listeners experiencing antitheticapossibly even operate as a standalone correction

acoustical conditions. procedure. This would ease the physical requirésnen
of the system and allow for problematic room mottes

A surplus of research exists concerning room-modee addressed largely within the psychoacoustical

correction/suppression, including passive, activel a domain.

hybrid systems. Many well-accepted correction syste

perform effectively in decreasing the consequerafes A system is presented in this paper whereby the

room modes, but often fall short concerning spatidprinciple of the missing fundamental” (or virtubkss

variation minimization and can require highly-coewl synthesis) is utilized to create the impressiontied

signal processing. Depending on the systempresence of certain narrow frequency bands winle



Hill and Hawksford Psychoacoustic room mode correction

actuality thesedominant bands are removed from thavhere the room-mode frequenciég,are calculated for
audio signal. This procedure effectively eliminatae 7, », and », from zero upwards withx, y and z
physical reinforcement of the most problematic roomepresenting the dimensions (in meters) of a rgctan
modes with the aim of significantly reducing splatiaspace and, the speed of sound in air (m/s) [4].
variation across a listening area while maintaining
consistent signal fidelity. 100

90 A

Common small-room, low-frequency correction
procedures will be briefly discussed, highlightitize 80
pros and cons of each system followed by an arsabfsi
the standard procedures used to implement theiplénc
of the missing fundamental by meansaofiovel hybrid
system. The virtual-bass procedure will then be
described in the context of room-mode suppressior £ 5
including subjective evaluation results. Finallyjhet
virtual-bass correction procedure will be analyzethe 40
context of the Chameleon Subwoofer Array (CSA) low-
frequency wide-area correction system [1, 2] whie t
purpose of dealir_lg with problematic room modes to 29: 5 e
ease system requwements. Frequency (Hz)

70

60,

plitude (dB)

30

Figure 2.1 Simulated frequency responses of 25
listening locations ina 5 m x 4 m x 3 m room wath
single subwoofer in the room corner

2. LOW-FREQUENCY ROOM ACOUSTICS

Room acoustics are influenced largely by room modes
below the Schroeder frequency, as defined in Eqnati 05
2.1[3].
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where the Schroeder frequendy,(Hz), is defined by
the reverb timeRTs, and the room volumey (md).

This limit for the low-frequency range of a closgshce
operates on the principle that above the Schroeder
frequency room modes become sufficiently spatially 01
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and spectrally dense so as not be subjectivelyndist 0.0/
largely due to masking within the human hearing 0 ,
mechanism. 0 02 O ime (seconds) 08 !

Room modes are a consequence of standing wavegyure 2.2 Simulated 80 Hz tone burst measurenants
between one or more set of parallel reflectiugfaces 25 listening locations in a5 m x 4 m x 3 m roonthva
and arise at frequencies with integer multipleshar single subwoofer in the room corner
half-wavelengths fitting perfectly within the stang
wave pattern (Equation 2.2). Listeners experiencehe largely varying frequency response over arisig
largely different steady-state and transient respsrat area, shown in Figure 2.1, demonstrates how grétagly
these frequencies, depending on their locationiivel#o  Jow-frequency steady-state acoustical responseerdiff
the complex standing wave pattern (Figures 2.18.2. petween closely-spaced listening locations. At some
locations certain frequencies may be overpowering
¢ I mn2  ma2 a2 while at other I_ocations the same frequgncies aan b
fm =3 (—) +(—y) +(—Z) (2.2) virtually non-existent. The related transient resgm
2 Mx y z also experiences similar spatial variation among
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listeners, often causing difficulty in perceivingtdiled 120 T T T 1
time-domain nuances (i.e. following the bass line) L
within a signal, illustrated for example by the B 1001

tone burst [5] shown in Figure 2.2.

©
o

3. COMMON ROOM-MODE CORRECTION
PROCEDURES

Amplitude (dB)
(2]
o

Low-frequency room-mode correction can be addresse  “7

with a number of well-known passive and active
procedures. Each of these techniques approaches t
modal problem from a different perspective, resgltin

20

varying advantages and disadvantages between tI g5 5 TR B R ToTomToR o
methods. These positive and negative aspects df eac Frequency (Hz)

approach must be considered when selecting a (a)

correction procedure that meets system requirements 120

3.1. Passive correction — surface absorption 100

Increasing the surface absorption in a room isvgpkE
technique to mask modal problems within a space
Absorption is generally increased by adding saftpps
materials such as foam to the walls of a room. The
decreased reflections from the walls limit the tup of
standing waves and cause the modes to exhibit arwid
Q, resulting in less noticeable room resonancestdue
an increased modal overlap (Figure 3.1).

o]
o

Amplitude (dB)
[o2]
o

While Figure 3.1 highlights a noticeable decrease i % 30 Qe i O 80 90 100
sharp room modes as absorption is increased tenfola

spatial variance only decreases by a marginal atrmfun _ ) (b)
5.0%. Even though the acoustic space will exhibit Figure 3.1 Simulated frequency responses over a

significantly fewer low-frequency resonances with iStening area with (a) 2% wall absorption andZ6%o
added wall absorption, a strong variance will sitist wall absorption
between listeners. ) )

3.2. Passive correction — source placement

Simple foam-based absorbers are regularly used to = | " o )
reduce high-frequency reflections, but can bedlifito I Situations where additional absorption is naiqpical
implement for lower frequencies since their size i§nd there are minimal signal processing optionimit
dictated by the wavelengths in the target frequendf® System, intelligent source placement can peowd
range. This would require unreasonably large aleserb Significant reduction in spatial variance.

for low frequencies; hence this correction methaaym

not be suitable for low-frequency spatial variancéften the goal is to achieve maximum low-frequency
reduction purposes. output without high levels of amplification. Thigs

been achieved by keeping subwoofer to room-mode
coupling in mind [6]. When a subwoofer is placéa@ua
anti-node of a room mode, coupling will be maxintize
When the subwoofer is placed at a node, coupliih wi
be minimized (theoretically zero) due to placemant
the standing wave's zero crossing [4]. Placing the
subwoofer in the corner has the added benefit ef th
Waterhouse effect, where each nearby boundary

AES 129th Convention, San Francisco, CA, USA, 2010 November 4-7
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120

contributes a 6 dB boost to the sound pressurd, leve
giving an 18 dB boost for a corner location [7].

While this simple expedient projects greater low-
frequency energy into the room, it does not proade 80 //\
equal response at all listening points. This is tuthe
strong dependence on source to listening locatior
coupling. To providemore uniform coverage at low-
frequencies when using a single subwoafeshould be 0
placed close to as many nodes as possible. Althoug
the center of a room generally contains the mos
frequency nodes common to a single point, it is
normally an impractical location for a subwoofen |
addition, center placement does not benefit from th %o 30 4 etensy
Waterhouse effect, resulting in lower system output

Amplitude (dB)
(2]
o
<Y

20

70 80 90 100

Figure 3.3 Simulated frequency responses over a
Due to the drawbacks of central subwoofer placen@nt |istening area with a four subwoofer system coisist
compromise can be made by placing the single of one omnidirectional unit at each wall midpoint
subwoofer ground level at a wall midpoint (Figur@)3
This placement provides a 16% spatial variancepis configuration provides a more uniform listegin
reduction compared to corner placement (while m”trexperience throughout a space, but with lower
placement results in a 38% reduction). Howevewils  efficiency due to the destructive interference used
passive absorption techniques, single  subwoof§t the buildup of standing waves and also thelaio

placement cannot provide sufficient spatial var@ncpjacement of the sources (low source to room cogpli
reduction to guarantee equal listening experierfoes

all listeners.
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Figure 3.2 Simulated spatial variance values foious
single subwoofer placements over the first haki of
5mx4mx3mroom

3.3. Active correction — parametric

equalization
A simply implemented room-mode suppression
technique involves parametric equalization. This

method usually targets three to five of the most
problematic room modes by applying notch filters
centered at these frequencies to limit their rerdment
within the sound system. This strategy limits the
buildup of standing waves at these frequenciescand
help to reduce spatial variance.

While this low-frequency correction method does not
address all modal problems within a space, it can b

easily used as a quick fix for the worst acoustical
problems in a room. Problematic modes can either be
identified and handled automatically with room

measurements or addressed manually by ear.

Research has also been conducted using multiplée drawback to this technique is that it elimisate

omnidirectional subwoofers to minimize

spatialinformation in the targeted frequency bands; thueef

variance, concluding that four subwoofers located dsteners may be missing key elements of the audio
wall midpoints is the most practical solution gigin Signal in exchange for modal suppression.

significant spatial variance reduction (Figure 34)8].
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3.4. Active correction — single point the listening area and are grouped based on sityilar
equalization and/or weighted based on location importance te giv
significant spatial variance reduction [9 — 13].
Another common correction technique similar to
automatic parametric equalization is single-poinSome of these methods employ fixed equalizatioe-{on
equalization. This operates by taking a measurementtime measurements) while others utilize adaptive
the primary listening point in a room, generallytiwa  systems where measurements are continuously taken a
maximum length sequence (MLS) test signal. Once thibe system is operational, leading to a probleimaiving
frequency response is calculated from the measumememeasurement microphones throughout the listenieg ar
an inverse filter will be created based on the ritada at all times. This problem has been eliminated it
response within the target frequency band andeghpdi  system presented in [13] since measurements aed tak
the system output. in close proximity to the subwoofer drive unit.

Single-point equalization can be applied over thér@ An additional room correction method that has biben
audible frequency range (20 Hz — 20 kHz) and typica topic of investigations is active absorption [1#ctive
performs well at the target listening point.absorption combines the principles of passive ctioe
Unfortunately, this is not the case for the nomgd&r methods and single/multiple point equalization rodth
points, where source-to-listener coupling is d#far This method generally operates with a set of orvor
from the target location. This causes low correfati primary sources placed at one end of a room. In
between the correction benefits at the target pait addition, an array of secondary sources is platetea
non-target points. Spatial variance will usuallyt noopposite end of the room, with each drive unit llgua
exhibit a noticeable change using single-pointontaining a measurement microphone to monitor the
equalization (Figure 3.4); therefore this technigae signals received from the primary sources. These
only effective for scenarios where there is onlyeonsecondary sources will then reproduce their
listening location and listener using the system titne. measurements with reverse polarity in an attempt to
suppress wall reflections, giving a traveling wavehe

120 , room as if it were anechoic.

110

100l Active absorption can require a large number of

secondary drive units to effectively suppress otibes

%0 within the room, making them difficult and costly t
g s0 1 - -\ implement. When properly calibrated, though, these
2 7 systems can create a virtual anechoic environment
£ V . e )
2., V V where all points (at a sufficient distance from the
< ! I secondary units) will experience the same respbote

50 in the time and frequency domains.

40|

%0 4. VIRTUAL-BASS SYNTHESES

2%0 30 4l0 50 60 70 80 90 100 . . X X

Frequency (Hz) This section describes a low-complexity room-mode

_ ) correction process that builds upon the concept of
Figure 3.4 Simulated frequency responses over a parametric  equalization by  incorporating  a

listening area after single point equalization psychoacoustic-motivated procedure knownvatual
(red line = target equalization point) bass The process is compatible with a wide range of
) ) ) sound reinforcement systems. The core problem with
3.5. Active correction — other techniques conventional parametric equalization is that ineortb

reduce spatial variance it suppresses the freqesticat
There exist a number of additional low-frequencynaximally excite room modes, thus filtering potatii
correction techniques that have been addressed jifiportant audible information. The enhancement
previously published literature. Many of thesepresented in this paper seeks to compensate otois

techniques  involve  multiple-point  equalizationof information by substituting a subjectively ecaient
techniques whereby measurements are taken throtighgignal based upon virtual bass synthesis.
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Virtual bass synthesis operates on the doctrin¢hef The NLD virtual-bass technique operates in the time
missing fundamental. The missing fundamental, er thdomain, applying the effect over all spectral
residue pitch, is a result of the complex pitchr@otion components of the signal. However, this process
mechanism within the inner ear and the brain. Whemormally introduces intermodulation distortion thet
presented with a spectrally-complex sound, thehpitcsignal if there are two closely-spaced spectral
extraction mechanism attempts to make sense of themponents in the input signal. While it has been
received signal by relating various spectral congmt® argued that these components cause minimal auditory
to one another [15]. When suspectral components are artifacts due to psychoacoustical masking at thel&a
equally spaced, this will result in a perceivedclpit membrane in the inner ear [16], intermodulation
corresponding to the greatest common factor of thaistortion is an unwanted peripheral to the NLDuai-
frequency values (in Hz) that falls within the aaldi bass system, which must be handled with care.
range of 20 Hz — 20 kHz. For instance, if the SOUICE arly virtual-bass research utilized a full-wavetifier
contains spectral components at 200, 300, 400 aad 5(FW)|/?) for the NLD [17]. The FWR is simple to
Hz the overall perception will correspond to a ' simp
harmonically-rich tone at 100 Hz. implement, but suffers _from the fact th_at it gemesa
only even-order harmonics. A FWR applied to a 1@0 H
This effect can operate using only two higher harimo pure tone would result in harmonic distortion imoed
componentge.g. second and third) of the fundamentalat 200, 400, 600 Hz and so on. Following the ppileci
Adding additional harmonics will increase the simegs of the missing fundamental, this harmonic seriesukh
of the signal timbre (sound quality) as the averageesult in a perceived pitch of 200 Hz rather th@f Hz.
frequency of the components increases [15]. The perceived pitch is a full octave higher thae th
When applying the missing fundamental for Iow-target pitch perception which results in an inaatar
. Y virtual-bass effect.
frequency applications, it is important to keep the
average frequency of all spectral components to Ehis problem has led to a significant body of reskdo
minimum so that the perceived pitch is as close idevelop the ideal NLD for virtual-bass applicatiofs
timbre to the fundamental as possible. Minimizihg t wide range of NLDs are presented in [16], wherey the
amount of harmonic components introduced will alsare each objectively and subjectively evaluateddst
preserve the fidelity of the source signal sinceséh judge performance. The second exponential-type NLD
virtual-bass components are a form of distortioricwh in [16] was rated highly in both objective and sdbijve
should ideally be kept to a minimum. tests and was therefore chosen as the NLD for this

There are two primary approaches to implementing thWork. The input-output relationship is shown in.Hgl.

virtual-bass effect which both offer unique advages 1
and disadvantages. These two techniques will b
presented in the following sections.

ok | 1

4.1. Nonlinear device virtual bass
-0.50 : 1

A nonlinear device (NLD) is the most common 3
harmonic generator implemented within virtual-bassd -1 - 1
systems for a number of reasons. First, the NLD i
memoryless, allowing for real-time applications. DH.

generally operate using a polynomial approximatén 2} . i
a chosen function. The calculated coefficients them
applied to the input signal as defined in (4.1). 250 ; 1
N -1 0.5 Ingut 05 1
y = Z hyxt (4.1)
= Figure 4.1 Input-output relationship for exponelntia

where, h is a vector containing thé\ polynomial NLD virtual bass

coefficients withx andy representing the signal input NLD virtual-bass systems are implemented with &eser
and output, respectively [16]. of filters to give approximate control of the spatt
components of the effect. The input signal is first

AES 129th Convention, San Francisco, CA, USA, 2010 November 4-7
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processed by a low-pass filter (LPF) with a cutoffntermodulation distortion. Frequency resolutiom dee
frequency set to the upper limit of the requiretvHo determined by (4.2).

frequency extension. This low-passed signal is then

processed by the NLD, generating the harmonic fm:l/t (4.2)
components. w

Next, the NLD output is sent through a bandpassrfil where,f.sis the frequency resolution (Hz) atgis the
(BPF) to remove the fundamental spectral componentindow length (s). For example, a 125 ms window
and to roughly shape the harmonic components. lif ongives 8 Hz resolution while a 500 ms window gives 2
a low-frequency boost is required (as opposed to Hez. This issue leads to smeared transient perfacenan
bandwidth extension), the BPF can be replaced bywehich is clearly evident when applied to audio sign
LPF. After the BPF, gain is applied to the signatla such as drum beats.

then combined with a delayed version of the orilgin

iSrI]glgligl.Lnge overall NLD virtual-bass process isaho reinitializing the phase within the algorithm when
T transient is encountered [20] and also removing any

In Out transients from the input Signal and then reintrti
LPF NLD BPF F’M
_>| |_>| |_>| ‘9_>

aPrevious solutions to this problem have involved

K them, unprocessed, at the PV output [21]. The plase
initialization solution can prove difficult as ielies on
Delay . . . .
'I:ll precise transient detection; otherwise, phase re-
initialization will occur in excess causing pooragk
Figure 4.2 NLD virtual-bass procedure coherency for the steady-state signal componerits. T

transient removal method has had low ranking in
A widely-utilized commercial NLD-based virtual-basssubjective tests since transient signal componargs
system is calledMaxxBass[18]. In addition to the notaddressed within the effect [21].
system architecture in Fig. 4.RaxxBassuses equal-
loudness processing to provide a virtual-bass tffe
subjectively equal in level to the unprocessedadign

Even through the PV cannot handle transients piyfec

ft does perform well on pitched signal components.
Unlike the NLD system, PV virtual bass does not
require a LPF on the input stage, as the algoritim
selectively apply the effect to frequency bins. Mt

An alternative to the NLD virtual-bass approach hathe PV the selected frequencies are pitch shiftethe
emerged in recent years utilizing a phase Vocdayb ( desired harmonic frequencies and amplitude adjusted
as the harmonic generator [19]. The PV virtual-bag®atch any equal-loudness requirements; therefore no
approach provides superior harmonic control, altgwi BPF or HPF is necessary on the output stage.

for selective harmonic inclusion in the effect. &rthis
approach operates in the frequency domain,

4.2. Phase-vocoder virtual bass

Since the PV virtual-bass system is more
. dulation di . be effectivel . tI7’.%mputational|y demanding, it is necessary to down-
intermodulation distortion can be effectively avedd sample the input signal for real-time applicatiofikis

unlike with NLDs. requires a LPF before the down-sampling process to
PVs operate by splitting an input signal into stiorte-  avoid any spectral aliasing. Once the signal hambe
domain windows (generally between 50 — 250 ms). THerocessed, it can be up-sampled to the originapagm

PV takes the fast Fourier transform (FFT) of edofet rate and recombined with the delayed original digna
window, applies the required processing whilelhe overall PV virtual-bass process is shown in &ig.
maintaining phase coherence and then generates t-

output signal either by sum-of-sinusoids or inversel_n_’i LPF i_’l v |_'| PV i_’i T i_’i>_’€9ﬂ’

A

Fourier transforms where each window is overlapeadd —
to minimize amplitude-modulation effects. This eis »| Delay

work utilizes the sum-of-sinusoids method.

A disadvantage to the PV arises due to the trafle-of Figure 4.3 Phase vocoder virtual-bass procedure

between time and frequency resolution. Virtual-basg/hile PVs are commonly used for audio effects sagh
systems require adequate frequency resolutionlésval pitch shifting and time stretching [22], there ame
for accurate harmonic generation in addition toidvmg  known commercial applications for PV virtual bass.
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4.3. Hybrid virtual bass psychoacoustically with the narrow-band virtualdas

rocedure to maintain any information present withi

A virtual-bass system that exploits the respectiv : . :
. ese frequency bins. This room-mode correction
strengths of the NLD and PV systems but circumven rocedure is highlighted in Figure 5.1.

their weaknesses should provide a bass synthesss |
sensitive to changes in input signal content. Wtien

) : . X [ Out
input signal has a high transient content, theesgst — PEQ P
favors the NLD output and conversely, when the align
is more pitched the PV effect is utilized. BPF, —»| VB
) 4
This hybrid approach utilizes a transient content BPF, —» VB ;C)—: G
detector (TCD) which analyzes successive time domai A
windows of the input signal and appropriately wésgh L»BPFy |—>{ VB
the respective virtual-bass algorithms that areingin
parallel (Fig. 4.4). Figure 5.1 Virtual-bass room correction procedure
In D2 In Figure 5.1 the unprocessed signal is sent vea th

I parametric equalization (PEQ) routine with notdtefs
centered at the most problematic modes within dloenr
(generally three to five modes). At the same tithe,
unprocessed signal is sent in parallel through N
bandpass filters (BR) centered at each target
frequency and is then run through the virtual-bass
procedure (VB), as detailed in Section 4 of thipgra

subjective evaluations which rated the new procedu I virtual-bass outputs are then summed with

alongside NLD and phase vocoder approaches Overa_lgpropriate gain (G) applied to the resulting sigithe

wide range of musical genres. The hybrid approacff'Pal wrtqal-bass §|gnal s then recoml_)med witfe t
showed less sensitivity to input content and Wagarametnc equalization output to give the fully

therefore chosen as the virtual-bass procedurghier p_rocessed_ signal to be sent through the remairidbeo
work presented in the remainder of this paper. signal chain.

»| Delay
L

Figure 4.4 Hybrid virtual-bass procedure

The implementation of the hybrid virtual-bass paae
is discussed in detail in [23] including result®rr

5.1. Subjective evaluation procedure

5. VIRTUAL-BASS ROOM-MODE
CORRECTION Since the virtual-bass effect occurs within the hom

hearing mechanism and the brain it is necessary to
Virtual bass can be used as a supplemental componeunbjectively evaluate the proposed virtual-bass
within the parametric equalization structure to phelcorrection procedure. Since the parametric equaiza
suppress the most problematic room modesaihiout  routine will remove various narrow bands from the
losing crucial audio information, as alluded tothe physically reproduced signal, the resulting sigral
previous section. When used as a standalomxpected to have slightly reduced low-frequency
application, virtual bass can often produce arfigiel impact, but with the aspiration of maintaining high
sounding effect which can detract from a naturdidelity with minimal obvious artifacts due to the
listening experience. These applications are oftemarmonic distortion from the virtual-bass effect.
targeted towards bandwidth extension of restricted
loudspeakers where there are few alternativeshieee Tests were carried out in the Audio Research
strong low-frequency perception. Laboratory listening room at the University of Bsse

with room dimensions of 6.0 m x 5.8 m x 2.8 m. The
However, if the virtual-bass effect was limited #0 listening room sound system consisted of two sealed
narrow-band application many of the artificial fatits box subwoofers placed on the ground at wall midysoin
may be masked by the surrounding frequencies @ the left and right of the listening positionsrad with
physically reproduced energy. The narrow band(d¢jvo left and right main stereo loudspeakers. Two
removed from the signal through parametriadjacent listening locations were chosen whereige
equalization could then be reinforced

AES 129th Convention, San Francisco, CA, USA, 2010 November 4-7
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location received strong low-frequency energy doe t5.2. Subjective evaluation results

the close proximity of many mode antinodes while th i _
left location received litle energy due to nodall e test subjects were composed of fifteen males an

six females ranging in age from twenty-three taysix
three years old. Each subject completed the tasglu
The four strongest room modes (41, 58, 67 and 84 Hindependent sessions. The subjective evaluatiastse
were chosen as targets based on FDTD simulatioase presented in Figure 5.2.

using proprietary software [24, 25] and confirmeithw
previous room measurements.

placement.

Ten high-fidelity musical recordings were chosemn fo
the tests, each from a distinct musical genre &aldd
in Table 5.1.

Genre Artist Song
Classical Frank Zappa Dog Breath Variations
Jazz The Bad Plus Big Eater
Blues Bernard Allison | Mean Town Blues
i Left Seat Quality L“Vnghl Seat Quality o "Seat-Seat Variance
Rock Jeff Beck There’s No Other Me
Figure 5.2 Virtual-bass low-frequency room mode
Pop Robert Randolply Diane correction subjective evaluation results
Vocals c}'l\e,j,“;ﬂfws ;?:;Z;;Ees Gwine The subjective evaluation results indicate thatripht
Reggae Bob Marley Get Up Stand Up seat generally received quality ratings in the ‘@joo
range which can be largely attributed to strong-low
Country The Drive-By Bob frequency presence. The left seat, on the othed,han
— z;‘;kner;reitman Tenafly received quality ratings in the “fair” range witbgects
generally commenting that they sensed the left seat
Hard Rock | Audioslave The Worm lacked certain musical information. These diffeesiin
quality ratings are reflected in the unprocessed-&e

. . seat variance ratings in the “moderate” range.
Table 5.1 Musical selections by genre g 9

Subjects were presented first with the unprocesséyter the virtual-bass processing, through, thgeutive
musical sample and instructed to move betweenwbe t atings show a noticeable shift. The right seatjlavh
seats bothto judge overall sound quality and low-ratéd “good” unprocessed, has decreased by
frequency variance between the two locations. Sour@Pproximately five points to the lower bound of the
quality was rated on a one hundred point scale wiga ‘900d” range. The left seat received “fair” quality
hundred being the best possible score. Low-frequenéatings unprocessed, but has increased into thed"go
variance was also rated on a one hundred poine sc&®ngde. The left and right seats’ processed ratangs

with one-hundred representing the significant verga Within two percent of each other which is strongly
and zero representing no noticeable variance. reflected in the processed seat-to-seat variaricgsan
the upper portion of the “not noticeable” range.

The test subjects were first presented with adfsthe

musical selections and asked to choose three b@sedThe subjective evaluations have shown that virhzes
their musical preferences. Next, a sample track wasom correction can provide a reasonable amount of
played, allowing subjects to become accustomedhdo tspatial variance reduction between seats. The
test procedure. Each unprocessed/processed clip pgdmpromise is that seats with naturally superb
was then played until the subject had assignedgsiti responses tend to experience slight decreasedéilityi
The entire test generally required fifteen to twentin order to increase the fidelity of naturally poor
minutes to complete. The signal processing proedusounding seats. The virtual bass ensures thatusical
was not revealed to the listeners to avoid anyipless information present in the unprocessed signals is
biasing. perceptually maintained in the processed signals.
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6. CHAMELEON SUBWOOFER ARRAY 120
APPLICATIONS 110
. . . . 100)
The impetus behind the development of this virbags y A
room correction procedure is the chameleon subwoofe % N '
array (CSA) room-correction system, first proposed g 0 N
[1] and elaborated on in [2]. CSA room correction g 7 /\
operates using subwoofers with multiple drive ynits %60
allowing for frequency-dependent polar patternsrgjv < f
an increased number of degrees of freedom for yste 50
control. Measurements are taken at key target goint 40
within the listening area and complex correctidtefi 30
coefficients are calculated for each drive unitdobsn a " ‘ ‘
set of target frequency responses (Figure 6.1). 0 30 0 ) 80 70 80 90100
L] J\ ‘ 1 Figure 6.2 Simulated frequency responses over a
. o < listening area with a subwoofer system consistifig o
3 —owe, CSA unit at each wall midpoint
sop + == — (uncorrected responses shown in Figure 2.1)
é 101 —
U\/ o 7. CONCLUSIONS
Sl b i 41;‘21:0 A wide-area low-frequency room-mode correction

Frequency (Hz)

method based on a combination of parametric
equalization and the virtual-bass effect has been
presented as a simple solution for reducing theties
effects of room modes (primarily high spatial vade)
\%hile maintaining all input signal information and
réasonable fidelity.

Figure 6.1 Calculated CSA coefficients for 4-umitag

CSA systems generally exhibit ideal behavior when t
multi-driver subwoofers are placed based on passi
placement configurations that give low spatial #ace.

A four subwoofer CSA system, for example, with anit c i thod lexitv is reduced b i
at wall midpoints can achieve spatial variance cédn orrection method compiexity IS reduced Dy no lrtg_jy
of over 90% (Figure 6.2). on a purely physical correction system, but using a

hybrid physical/psychoacoustical system which can b
applied to nearly any sound system. This technigag
developed primarily out of the need to addressféne
narrow frequency bands that prove difficult to eatr
for using a chameleon subwoofer array (CSA).

The drawback to CSA correction is that often aatert
configuration will have difficulties correcting fame or
two narrow frequency bands, as seen in Figure 81 (
85 and 140 Hz). The higher filter coefficients withit

the overall efficiency of the corrected system. . . .
The virtual-bass mode correction algorithm was

subjectively tested by comparing overall sound ital
\Retween unprocessed and processed signals as svell a
Seat-to-seat variance between the two versionalRes
clearly show a sharp drop in spatial variance duthé
irtual-bass procedure with a decreased difference
etween sound quality ratings at each seat.

This efficiency problem is naturally addressed viith
virtual-bass correction procedure, whereby the fe
frequencies that are difficult/impossible to cotréor
can be entirely eliminated within the correctiorsteyn
algorithm and replaced by virtual-bass component%
This will cause significantly lower filter coeffients,

resulting in a more efficient correction system. . . _
9 4 While this correction procedure was developed as an

add-on to a specific low-frequency correction meltho
can easily be implemented in any system in a simila
manner to parametric equalization.
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