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ABSTRACT

The acoustic design of auditoria involves the djEtion of the room geometry and boundary propsrtand any
additional acoustic elements such as reflectordiftusers, to usefully direct sound to produce aimbel subjective
experience, quantified by measurable acoustic petemn This design must take into account theatifie of sound
within the stage area, the early reflections frivm $tage to the audience and the reverberant respdrthe room.
The sound produced by the audience can also begortant consideration. Active acoustic systemyigman al-

ternative approach to controlling subjective eigrare. They use microphones, electronic processutdoudspeak-
ers to create reflections and reverberation intadio those produced by the naturally-occurringrsl field. The
acoustic properties can be changed instantly, laa@mnhanced acoustic properties of the auditoriamtypically be
varied over a wider range than can be producedabigive passive techniques. The design of activasiics follows

that of passive approaches, but rather than thsiqgadyarrangement of the room surfaces, it comnsendth an ex-
isting passive space with some minimum acoustiditiom, and requires the arrangement of microphdoetetect
relevant sound and the choice of processors artspmaker positions to direct it usefully back itite room to pro-
duce a desired set of acoustic parameters. WHileeagystems have historically been developed thighgoal of en-
hancing either the stage or audience sound, they gamerally provide the same control of soundaasipe acoustic
design. This paper discusses the principles of@etcoustic systems and how they are used to atievrequired
range of control. A survey of current commerciadteyns is given and some implications for the futfréve per-

formance are explored.

INTRODUCTION

The acoustical characteristics of any room usegésform-
ing live music have a significant impact on the jeative
impression of the performance. The room surfacecte
sound generated by the performers onto the audigioe
ducing, ideally, an enhanced subjective experieniceéhe
performance. The acoustic design of a venue isthier an
important component of its commercial success.

The study of subjective impressions of sound quaélits lead
to the development of a number of measurable aicopat
rameters that allow acousticians to predict thejestive
quality of a venue’s acoustics [1-4], and which bandeter-
mined from impulse response measurements [5,6].eker
ample, reverberation can produce a sensation dh&ss of
tone” that is desirable for some types of musid anquanti-
fied by the reverberation timeRT) [1]. The early decay time
(EDT) is important since only the early part of theendoer-
ant decay is audible in continuous music, the taterber-
ance being audible only during periods of silentdee time
between the direct sound and the first reflectithre (nitial
time delay gap) quantifies the sensation of “adoakinti-
macy” [1].

More recently, measures that account for the dpdistribu-

tion of early and late energy arriving at the liehave been
developed. These may be measured from impulse mespo
using pairs of directional microphones or a dumneach
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[2,7]. The spatial properties of the early soun@eyos the
sense of broadening of the sound source withoatiwdf its
localization (the Apparent Source Wid&BW) [8-10]. The
ASW can be quantified by the early lateral energy tioac
[9]. Early sound arriving from directions other théateral
also contribute [9,11]. Early energy is also impatt for
speech intelligibility [12].

An alternative measure oASW is the inter-aural cross-
correlation coefficientlACC) of the early part of the binaural
impulse responsd ACCg), [1,3,13,14]. The binaural quality

index BQI =1-1ACC_, increases with spaciousness and is
a good predictor of subjective impression [1].

The detailed pattern of early reflections is alspartant to
subjective quality. Typically there should be atiekly large
number of reflections arriving at uniform times.iFffieature
is termed texture [1]. Texture will be influencey khe
amount of diffusion in the hall [15].

The spatial properties of the late energy arrivatghe lis-
tener leads to the impression of being envelopedthay
sound. The Listener EnvelopmentEy) is well correlated
with the level of late arriving lateral energy aetlistener,
althoughLEV, like theASW, is also increased to some extent
for other directions-of-arrival of late energy [16].
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Listener envelopment and Apparent Source Widthcare-
plementary parameters that relate to the balanearty and
late energy in the halLEV tends to be higher thalSW in
many halls [20,21].

Many of the acoustic parameters developed to dfyanti

acoustical quality relate to the same subjectivprassions.
Therefore, minimal sets of independent parametavs been
sought which best quantify the room acoustics [2R-For
example in the analysis of concert halls, [BQI, EDT,g,
strength factor at mid frequenci€g,q, strength factor at 125
Hz G5, surface diffusivity indeX@DI and initial-time-delay

gap ITDG were suggested, and texture and late lateral

strength were mentioned as new potentially usefubime-
ters. In the assessment of opera houses [23]waepframe-
tersRTig, BQIgs, ITDG, Gy g, and Bass Rati®BR, were sug-
gested. The measurement of many of these paranietevs/
standardized [25].

The acoustics produced on stage are importanteidopners
[26-33]. Musicians require a balance between thendoof
their own instruments and that of the other perfmin-
struments [28,30]. Acoustic parameters which gdaritie
quality of stage acoustics have therefore been |dped
[31,32]. For example, Support is a measure of darlgirect
energy one metre from a source which describes hat w
extent the early reflections assist a performegyipg.

PASSIVE VARIABLE ACOUSTICS

In many venues, a variety of performance typeshased,
and these require different acoustic conditions doropti-
mum audience experience. Musical styles have dpeélo
with the changes in hall designs [1,34] and mod®uriti-
purpose auditoria would ideally recreate the agousindi-
tions best suited to the style of performance [®]th the
proliferation of modern music forms such as pop &k,
the required range of acoustic conditions is evesatgr,
particularly due to the higher levels of bass sogaderated
by electronic instruments. Clarity at frequenciearad below
125 Hz is important and a fI&T curve is desirable [35]. The
acoustics below 125 Hz is also considered impoitaetas-
sical venues [36]. The development of multi-purpeseues
must therefore include a consideration of whetheracous-
tics should be variable.

Variable acoustics can be provided by passive mganas

vided that the physical changes are significantughoto

produce noticeable effects [2,36-43]. The revetimmnaime

of an auditorium can be altered by varying its apson or

its volume. Varying the room volume will providertool of

RT without a significant change in loudness. Reduding

reverberation time by increasing room absorptioli also

reduce loudness which may be undesirable [2]. Adttvely,

reducing absorption in small halls to produce regeation

times sufficient for chamber music may produce ssive

loudness [37,38]. The positioning of absorptionredats will

also allow control of the early energy and hencepaters
such as clarity and lateral fraction, but in preetihis can be
hard to achieve [2].

Absorption can be altered by using moveable cuwstain

rotating panels with different absorption on eaddes
[1,2,39]. Movable reflector panels can be useditect early

energy onto the audience, but their effectivengsiependent
on their size [2]. Significant variation is posghbin cases
where a large percentage of the room surface caratied.

For example, the Varechoic chamber at Bell Labsyred a
reverberation time variation from 0.1 to 1.6 secofD].
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Variable diffusion can alter the ratio of earlylate energy in
a room by dispersing reflected sound so that tieeggnin the
specular reflection is reduced. The addition ofudiérs does
not significantly affect the room absorption anch cdange
the structure of impulse responses without altetirgiy total

energy [2,44]. Many recent diffusers have been ldpes

using the properties of number sequences such adratic

residue, primitive root (which can suppress thecsjze re-

flection completely) and maximum length [45].

Room volume can be altered by using roof space atiwve
ceiling [2,41], or by using reverberant chamberthwariable
openings [1,46,47]. The use of specially constaiatbam-
bers allows the additional acoustic space to baniged for
acoustic use. If the additional volume is poorlygied to the
main room the sound decay in the auditorium becdhesof
a coupled room [48-50]. To achieve a greater \anatn
volume, many designs use multiple coupled spacéshw
increases the coupling and the resulting rd@m[51]. By
varying the coupling area and the absorption instimndary
space(s) a variety of double-sloped decays canrdduped
which alter the early decay time of the room [52,%he of
the claimed advantages of coupled systems is kiegt ¢an
maintain clarity with late reverberance by the llelate use
of double-sloped decays [46].

A combination of absorption and volume variatiom gao-
duce a useful range of acoustic conditions. Fomgne, the
Concert Hall in Lucerne provides both variable votuand
absorption, and can alter the mid-frequeRdyfrom 1.5 to
2.15 seconds [1]. The Espace de Projection at IRCAbs U
both volume and absorption variation to provideagation
in RT from 0.5 to 2 seconds [2].

The early energy properties in an auditorium caralbered
by controlling the radiation of sound energy frohne tstage
area, for example by the use of stage shells tftaease the
early energy and block off the fly tower. Howeviis can
also affect the late energy. For example, altethng stage
ceiling in one hall to increase stage reverberattso in-
creased the rooRRT by 10 to 15 % [42]. Passive techniques
have also been applied to stage acoustics to prarddation
of ensemble and support [26,27]. However, significane-
chanical changes are also required to produce eaitie
changes in stage acoustics [27,43].

To summarise, passive variation of acoustics cadumre
useful variations of room acoustics, but requirgmiicant
variation to give appreciable acoustic change, Wwihéguires
considerable time for alteration, or large mechanéctuator
systems. In addition, many passive variable verdgesot
offer much variation of bas®T which would be required to
accommodate both classical and modern music [30R7,

ACTIVE VARIABLE ACOUSTICS

The alternative to passive variable acoustics fva@cous-
tics, in which sound in the auditorium is detectsthg mul-
tiple microphones, processed electronically, andaticast
back into the room via loudspeakers [54-63]. AcSystems
allow many of the physical limitations associatedhwpas-
sive acoustics to be overcome. Sound can be ditgtdbfrom
the room surfaces with reduced delays and larg@liades
than passive reflections, limited by the acousgedback
from the loudspeakers to the microphones. Loudsgeatan
produce reflections over a wide frequency range basks
energy problems, which can occur with small paseéfiec-
tors, can be eliminated. Active systems can beaintist al-
tered to a number of pre-configured settings imgletad in
software, which can be more reliable than the mesichh
control required for passive variability. The priin of the
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acoustics produced by active systems is less arith@n that
of passive fixed acoustics, as the parameters tbfeasys-

tems can be easily altered after installation, jpled that the
number of transducers and their layout is sufficienpro-

duce the required range of acoustic conditions. él@y,

prediction is also possible if passive acoustipoeses can
be determined from scale or computer models [57,64]

Since active systems increase the energy in tha,raomul-
tipurpose hall intended for active enhancement didel built
for a minimum energy operation (ie with minimum eev
beration time and strength, suitable for speechetample)
and the active system would allow the energy tinbeeased
for other performance types. Modern active systeamstypi-

cally produceRT gains of 2 or greater and most offer en-

hancement of the early energy, so that a wide raxfigeer-
formance types can be accommodated.

Background

The principles of electroacoustics for sound disttibn, and
the risks associated with feedback in a single opicone/
loudspeaker “channel”, were well-established by 18960s
[65-73]. The earliest applications of electroacmssto the
enhancement of room acoustics known to the autbgarin
the 1950s. For example, H. Olsen reported a sy§teran-
hancing room acoustics using magnetic tape and sticou
tube delays in 1959 [74], and compared the progertf
passive and active acoustic systems in 1965 [54]V&R-
meulen developed a system for enhancing stere@depr
tion using a magnetic delay wheel to produce réfies [75].
This system was applied to acoustic enhancemesgveral
halls including La Scala Theatre, Milan. G. Duttigveloped
a similar system for EMI in 1966 [76]. Other eaglystems
are described in [77-81].

The technological limitations of the time meanttttie audio
quality in these systems was not ideal [79]. Foanexle,
Vermeulen'’s system was disabled after three yé&#ks Bar-
nett noted in 1988 that the use of active systeias iw de-
cline due to the “failure of these system to méetéxpecta-
tion of the recipients” [55].

Modern active acoustics systems are for the mastspailar

in their design to early systems, but have bertfitem the
increased quality and reliability of audio compots€it1,62].
Microphones are now available with very low selfsgolev-

els and with flat responses over a wide frequeaage. The
reliability of power amplifiers has been improveg the use
of improved self-protection circuitry, increasedeigration,
or by the use of techniques which reduce heat miitish

such as power supply variation (class G) or pulskhw
modulation, sigma-delta or other self-oscillatingitshing

designs (class D) [82].

Loudspeakers are available with relatively flapp@sse char-
acteristics, and the reduction of loudspeaker failerom

overheating and overstressing at high sound ldvatsbeen
achieved by improved thermal design, or by thegiratgon of

the loudspeaker driver with the amplifier whichoats con-
finement of the driver signal to safe levels. Sopaesvered
loudspeakers have the facility for remote monitgrin

The use of oversampling and optimal dithering ialag to
digital and digital to analog conversion means ttiafital
processing is now equivalent to analogue processiitig
additive noise, with low phase distortion and wdlantisa-
tion noise independent of the signal [83], and &iga noise
ratios of modern convertors exceeding 90 dB. The afs
floating point processors eliminates dynamic raagé scal-
ing issues in digital filtering, and time delays aiy value
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can be implemented using interpolation [84]. In mary, the
digital processing of acoustic signals is effedtivénear,
with noise levels which are low compared to acaultck-
ground noise.

In-line and Non-in-line Systems

There have been two main approaches to the debiggtive
systems [56]. The first developed from sound ratgment
systems which use a small number of directionalranic
phones close to the stage area to maximise thetdiore
reverberant sound ratio. Thegeline or non-regenerative
systems create early reflections and reverberdtiom the
sound sources on stage and minimize sound feedbaitie
microphones. Some of the earliest in-line systerasevthe
Acoustoelectronic Auditorium developed by Olson][#te
Ambiophony system [75,87] and the patents of Graf&0h
and Veneklasen [81]. More recent examples are thkaD
Stereophony system [85,86] and the system in [78].

More recently, Jaffet al developed some of the first digital
delay systems for implementing early reflectionsl atis-
cussed methods for reverberation enhancement Woidesl
regeneration of sound, such as the ReverberatioDedmand
System [55,88].

The LARES system is one of the first of the curmhmer-
cial systems [89-93]. It was originally developeg D.
Griesinger using Lexicon time-varying reverberattwrscor-
rect acoustic deficiencies in the Elgin theatrerofito [89].
LARES uses a small number of microphones close ¢o th
stage, and a large number of loudspeakers to azlo@vsis-
tent sound distribution. The time variance is desdy to
minimize pitch shift artifacts. LARES has also begplied
to outdoor venues [93].

The System for Improved Acoustic Performance (SIABY
developed in the Netherlands for improving roomustics
while maintaining a balance between the visual armlistic
perceptions of the space [94-97]. The system ussmsall
number of microphones (typically 4 for a mediunesizstal-
lation) and has time-varying digital processing dontrol
colouration, although the time-variation is not ajs used.

The Acoustic Control System (ACS) was originally deve
oped as an application of wave field synthesisetham the
Kirchhoff Helmholtz integral [98-100]. Wave fielg/isthesis
is a method for sound field synthesis or reproduncti
[101,102], but can be combined with a microphorrayato
sample and modify the sound field generated byopeérs
on stage. ACS uses an array of 18 to 24 microphoowess-
ing the stage area, and digital processors to genearly
and late reflections for a number of loudspeaképuts.

The Vivace system is an in-line system recentlyettgyed by
Mller-BBM [103,104]. It uses low-latency convolutido
implement reflections and reverberation. Time-u#oia is
employed to maintain stability.

In-line systems can provide high levels of direstied and
early reflections to listeners, making them ideal dontrol-
ling early energy. They can also provide reverhenaten-
hancement for sound sources on stage. Howeverrahatu
reverberation occurs for sources at any positiothénroom,
contributing to room ambience and the audienceeBgnce
of the hall acoustics. In-line systems do not pevihis
global enhancement &T. This can be an advantage since
audience noise is not enhanced. However, globa&rbeva-
tion enhancement is required for audience participasuch
as congregational singing in churches, and is itaporfor
supporting the audience’s response to a performance
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The alternative approach to in-line systems isnibrein-line,
or regenerative system, which uses microphones distributed
around the room to enhance reverberation time [66F of
the earliest of these was the Assisted Resonantensyde-
signed to increase the low-frequerky in the Royal Festival
Hall by reducing the damping of individual room nesd
[105-112]. For each mode, this was achieved usingcao-
phone placed inside a Helmholtz resonator conneicied
loudspeaker via a phase control circuit which adidwthe
generation of positive feedback at the mode frequ¢h08].
In the Festival Hall installation 172 channels wesed to
cover a frequency range of 58 Hz to 700 Hz, prauyenRT
increase from 1.4 to 2.5 s in the 125 Hz octavedl{a06].
Subsequent systems were developed using wider dizamd
nels which allowed a reduction in their number [[LO8

An alternative approach was the Multichannel Anigdifion

of Reverberation (MCR) system, which used multipleewi
band microphone-loudspeaker channels to reduce @&mm
sorption and increase reverberation time over aewie-
quency range [112-117]. In the MCR approach individua
room mode control does not occur. Instead, thecefiéthe
channels on room modes is random, with some modp-da
ings reduced and some increased, the net effedhich is an
increase in reverberation time and an increasene® in
mode damping factors [118]. As the number of chinne
increases the variance in mode dampings reduceatiry
more linear decays at the enhand€fl and higher sound
quality due to a decrease of modes with low damfétprs
compared to the mean. The MCR system does not require
phase adjustment, but does require equalisaticall ahan-
nels to ensure that the enhanced reverberation me
smooth function of frequency [112,114-116].

A system that includes a regenerative componentasino
the MCR approach is the Meyer Sound Constellatiotesys
(developed from the VRA system), which, unlike MCR, in
cludes a multichannel reverberator between theapfhwnes
and loudspeakers [118-129]. This produces an eksobiusti-
cally coupled room, and its behaviour is similarthat of
passively coupled rooms [125]. The Constellationtesys
produces a reverberation time gain which is greduan the
steady state sound power gain, which allows revatios
enhancement at lower loop gains. This reduces cation,
loudness gain and amplification of the room backg
noise. The reverberator is time-invariant, and aamitary
property which is the multichannel equivalent of alpass
filter, so it does not degrade the stability cheedstics as
non-unitary reverberators would [122]. The Conat&h
system also includes an in-line early reflectiorstegn in
which microphones close to the stage are procebged
time-invariant, unitary early reflection generatohis hybrid
system aims to maintain the global property of reggation
and the local property of reflections from the stagea.

The Yamaha Active Field Control (AFC) system is aereg
erative system that uses digital, time-varyingténimpulse
response (FIR) filters to increase the echo demditye re-
generated sound [130-132]. The filters implementiéti-tap

delay line and the delay of each output is variét its own

frequency modulation and time range [131]. In &@dditan

“Electronic Microphone Rotator” is used in which thaut-

ings from the microphones to the loudspeakers ared in

time, producing a form of spatial variation of ttoem trans-
fer function matrix. This technique further reduties risk of
instability. The AFC system also uses microphonesecto
the stage area processed by time-invariant FI&dilto allow
control of early reflections [131].

An alternative non-in-line approach arose from ithea of
controlling the impedance of the room surfaces {133].

4
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An “active wall” can be implemented by using a elgs
spaced microphone and loudspeaker to either redude-
crease the local wall surface absorption, allovitmg natural
room RT to be either increased or reduced, respectively.
However, the addition of a delay between the micome
and loudspeaker would allow a ‘virtual wall’ to Imeoved
outward, creating an effective increase in roonund.

The virtual wall concept is employed in the CARMENss
tem [136-138]. The system operates by reducingrptiea
to enhance early reflections and reverberation,teme so —
like other systems — it does not increase the rabgorption.
Since each cell in the CARMEN system has a microphone
close to a loudspeaker, the cell must be madeestabton-
trol of the cell loop gain or by use of a feedbaakcellation
system. If the feedback is perfectly cancelled, ¢bk pro-
vides a single reflection but each cell loudspeakeoupled
to the microphones in the other cells via the robience the
system is still regenerative.

Regenerative systems are well-suited to the globlahmce-
ment of reverberation time since the microphonesbayond
the hall reverberation radius from all sound sosirdgow-
ever, they are less suited to the enhancementriyf zergy
as the microphones are typically far from the staga and
can not detect direct sound early enough, or witfficéent

amplitude, to provide significant early energy emfement.

Some of the more recent in-line systems were deeel@fter
experience with early regenerative systems, withsgbecific
goal of avoiding regeneration and the risk of coddion
[55,88,94,98]. However, modern regenerative systpnas
duce reverberation gain without colouration and egalty
both approaches are considered to produce hightyjea-
hancement [61,62].

Some systems adopt a hybrid approach, using miorggsh
close to the stage for early reflection control amtributed
microphones for global enhancement of reverberation
[124,127,131]. Similarly, some in-line systems maniro-
phones out into the room to produce reverberatidmaece-
ment for sources in the audience area [94]. Hybyistems
are able to control the balance of early and lateiag en-
ergy and so produce trade-offs between ASW and LEV
[127,139]. Many commercial systems also offer dpeci
systems for enhancing on-stage acoustics.

FEEDBACK IN ACTIVE ACOUSTICS

Although the historical problems of poor audio cament
quality are largely eliminated, all active acoussigstems
retain the fundamental physical limitations caubgdacous-
tic feedback from loudspeakers to microphones. ¢Ecdn-
cellation techniques can in principle be appliedéducing
this feedback [140-144]. However, the correlaticatween
the loudspeaker feedback path signals and theedesiicro-
phone signals is problematic [141,142,144], andcaoent
systems use such techniques.)

At sufficiently high loop gains, any active systaran be-
come unstable, and when operating below the pdimtsta-
bility, colouration effects can occur which redube sound
quality. While each type of system avoids thesksris dif-
ferent ways the underlying stability theory of thin@ariant
and time-variant systems is the same [145-150]ceSiall
current systems use wideband channels, we will ioent
some aspects of stability theory for wideband rohéinnel
time-invariant, and time-variant systems.

The analysis of stability of multichannel systenssiuanes
there areN independent microphones and loudspeakers.
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However in most practical systems there ladeudspeakers
andM microphones, ant is greater tha to avoid localiz-
ing sound to a loudspeaker (an exception is the CERM

system for whichM=L). The digital processor distributes the
M microphone signals to theloudspeakers, and can be rep-

resented as dnx M transfer function matriX (Fig 1a), and
the room transfer function matrid is M x L (Fig 1b). At
each frequency thi®l x M loop transfer function matrikd X

can be represented as an uncoupled set of indepetale
genchannels”, represented as a diagonal mAtrross cou-

pled by a matrix of eigenvecto® HX = QAQ ™ [147,149].
The number of “channelsl, is then the number of non-zero
eigenchannels (the rank BifX) which is the minimum o

andL. For most systems, the number of channels thealequ

the number of microphones.

B_

L

1 H
1 1 . (@) M
[o==T0;
el | =

—1
X(w)
@) (b)

Figure 1: System processor (a) and its arrangeimet
active acoustics system (b)

The stability of the active system is derived assgnthat the
loudspeaker-microphone distances are greater Hearever-
beration radius, in which case the room transferctions
behave statistically as independent, zero-mean lgoxmmor-
mal process [151]. The statistical behaviour of #igen-
channels are in this case known [147]. Assuming tha
transfer functions have a constant envelope wilquency,
and that the processor is unitary so that it dagsincrease
the variance of the loop gain (this is true, foamyple, for the
MCR and Constellation systems) allows a derivatiorthef
minimum risk of instability which depends only ohet
bandwidth of the chann® and the room reverberation time
T [112,145,149]. The probability of instability fevideband
channels with 8T product of 20,000 is shown in fig 2.

Probability of instability
s o ° o o ° o o
[ = o > 3 >
T T T T T T T T

o
o
T

L L L L L L L L L
-22 -21 -20 -19 -18 -17 -16 -15 -14 -13 -12 -11 -10 -9 -8 -7

mu

Figure 2: Probability of instability of multichaningys-
tems assuming unitary proces€t=20,000

We note from Fig. 2 that the transition from staioleinstable
operation is more rapid for largé which means that large
systems tend to be either stable or unstable wwith prob-
ability of transitioning from one state to the ath&mall
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variations in individual channels have a small &ffen the
total loop gain, and — with a suitable stabilityrgia — pro-
duces negligible risk of instability.

For example, the 50 % probability-of-instabilitymit for
N=1is -9 dB and a margin of 2.5 dB is requiredetduce
the risk to 0.1 %. FoN =16 channels the 50 % limit is
—15.2 dB and a margin of 1.2 dB is required for 0.1igk.
The required margin reduces with the number of ohkn
which means that for a relatively modest loop gaargin, a
large installation is extremely stable. Furthere thisk of
colouration can be defined in a similar mannerhiat ©f in-
stability, and also produces increasingly rapidsigons aN
increases [149]. Hence, the risk of colouratioraiye mul-
tichannel systems is also low with sufficient loggin mar-

gin.

Broadband equalisation is required in regeneratgéems to
compensate for the power response of the loudspealkel
the acoustic absorption of the room and to produsmooth
increase in reverberation time [114,126]. A singimooth,
equalisation curve may be derived for all chanfiem the
norm of the room transfer function matrix, whiclnmehates
the variation observed in a single transfer funct[@26].
Narrowband equalisation is not typically used, simctive
systems operate well below the loop gain where uald
be necessary [70,72].

Modern systems using digital gain control and eigatbn
are able to produce extremely stable loop gainsckletime-
invariant systems with large numbers of equalizednoels
and appropriate loop gain margins produce highgblst
colouration-free performance. Those systems whaghdigi-
tal reverberation can provide additional increaseRT that
are independent of the loop gain, allowing the ofstower
loop gains and further reductions in the risk ofoaoation
[120].

The stability of time-varying systems has been istidn
[145,150] and the behaviour of various modulatioethods
examined in [148]. The 50% time-invariant stabillignits
and the time-varying stability limits with frequgnehifting
from [150] are shown in table I. (Note that we gavémit of
0 dB for the single channel case as discussed 81159]).

N _ Tim_e- Time- Difference
invariant variant

1 -9.0 0 9.0

2 -10.2 —2.4 7.8

4 -11.6 5.9 5.7

8 -13.3 -9.0 4.3

16 -15.2 -12.0 3.2

Table 1: Stability limits for unitary feedback miaghiannel
systems, from [150]

The improvement in stability limit produced by time
variation reduces with the number of channels. Ror 1
channels it is 9 dB and for 16 channels it is aro8ndB.
Time-varying systems tend to require a larger Igam mar-
gin [145], and the difference in useable loop gaas found
to be 0 dB for 16 channels [150]. Hence, for largstems
with N 216 there is no advantage in using time variation.
Systems which use time variation are in-line systeising a
relatively small number of microphones where tinagiance
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is beneficial. Time-invariant systems tend to w@gér num-
bers of channels where time variance produces vansage.

NATURAL ACOUSTICS

Active acoustic systems may be viewed as a recerva-
tion that follows the historical application of temlogy to
the live performance of music. While active systeraa be
exploited to produce novel acoustic conditions fia@dern
performances, they must be capable of providingaitwus-
tics associated with traditional performance spaces

The risk of active acoustic systems is that they praduce
unnatural artifacts that relate to their methodopération.
For example, time-invariant systems can produceucation
effects caused by the greater variance of damgntpifs of
the modes in the enhanced room, and time-varyistesys
can produce noticeable pitch-shifting effects.

Acoustic artifacts can be detected by listeningstes objec-
tive measurements could be designed to detect tirem.
example colouration in time-invariant systems can de-
tected by a statistical analysis of enhanced romansfer
functions [152,153] or by estimating the modulattcensfer
function (MTF) [58,154]. While some subjective assments
of time-varying systems have been carried out ifj few

objective measures have been proposed. Pitchrghitrti-

facts could be quantified by recording the respdnsgngle
or multiple tones and comparing the modulated nese®
with known subjective thresholds. Nielsen has alsggested
that the MTF might be useful for quantifying colation in

time-varying systems [154].

The use of an active system involves achievingsirel set
of acoustic conditions without producing noticeabtdour-
ation effects. If this ideal is achieved, the aetacoustics are
natural in that they can produce acoustics indistishable
from a passive acoustic design. Of the systemsusisd
above those known to have a significant numberecemt
installations are MCR, CARMEN, ACS, SIAP, LARES,

Constellation and AFC, and these have to a largenexte

earned a reputation for producing natural acoufit$2].

Despite this fact, there are listeners who claiat #@ny form
of electronic assistance is inherently unnaturd].[6This
belief has in some cases lead to the removal abliigy of
systems that were functioning adequately, and éwvemne
recent case known to the author (not a Constdilatistalla-
tion) where the perception of poor sound qualitys aitrib-
uted to the active acoustics in a venue when intfecactive
system was not operating. This echoes the statelnyevier-
meulen [75] that ‘Under no circumstances must thblip
become aware of the use of loudspeakers, for tapirtation
has become so bad by misuse that the mere suggéistio
they are present can spoil appreciation of theopexdnce,
even when they are not in use.” While the technplbgs
improved, the mistrust of electronic assistance faassome,
remained.

The belief in the inherent unnaturalness of actgeustics
could be countered by two arguments. Firstly, agued

above, well-designed active systems are now abpedduce
acoustics indistinguishable from passive conceltsh&ec-
ondly, it can be argued that the definition of ‘mal” as

using passive architecture is arbitrary. For examplarkin
states [155] ‘How much further shall we see elattraids
spread in the future? They have obvious advantages,
equally obvious dangers, and electronic aids fosimtaise
many ethical problems. It can be said that it it ‘matural”

for the acoustics to be affected in this way, thantwhat is
natural about a concert-hall or music itself fattmatter?’
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More recently, Blesser states in a similar vein [5B{it even
in the “natural acoustics” of a concert hall with@lectron-
ics, listeners hear the acoustic interventions otins-
dispersing statues, sound-reflecting ceiling panstaund-
diffusing walls and sound-absorbing panels. Thererily
one relevant question. Does any particular inteigarbene-
fit the aural experience of a musical space? Dehabmut
natural versus artificial are thus spurious andeaiing.’

Hence, placing active systems in the history ofitetogical

development, we find that the definition of nataeds used
against active systems is obtained by settingettienological
boundary “the use of electronics”. However, thisutdary

could just as easily be set elsewhere in histarghsas “the
point where complex sequences were applied toeabkigd of

diffusers” [44]. With this definition, the use ofipitive root

diffusers would be unacceptable as they supprefises
specular reflection that any natural planar refieavould

produce [45,62].

These arguments, however, do not address the anseoof
the resistance to active systems, which lies nobgch in the
subjective assessment of acoustic quality, buelrefs about
the role of technology in art [156-162]. For exaepn ar-
gument against the use of technology in art is #rats a
human endeavour, and technology risks disengagiegé-
cipients from the reality of that art [157,158].rFexample,
Borgmann states, regarding stereo reproductionregsténat
‘Loudspeakers have no visible affinity to the hurvaice, to
the brass or the strings whose sound they reprdduce

Another argument against active systems is thataanform
should be experienced in the environment in whiclvas
originally performed [162]. While this is a valiérstiment, it
is also problematic since the environment includesny
factors. For example, instruments in orchestras tdevel-
oped since the compositions were written, (leadmgome
cases to attempts to recreate period instrumeRtgYher,
listeners no longer have the aural tradition osthwho heard
the earlier renditions of the art [159,162]. Forample:
Braun [159] states that ‘sound recordings have alfla-
enced music listeners to such an extent that mamedo the
concert hall with aural expectations modelled agirtexperi-
ence of recorded music.” Also, modern musicians iplay
differently to earlier musicians. As an example reneibrato
is used in modern violin playing than was usedhe past
[159].

Generally, then, it is almost impossible to arrafayelisten-

ers to have the same experience of music as treinéars as
the social context has irrevocably changed. Aclystems
might be viewed as one of the more benign of modtano-

vations since they can recreate the acousticsadliitional

spaces as far as measurement allows, and do rset tree
philosophical questions that music reproductiortesys do,

since they remain in the service of the human esgive of

music in live performance [157].

A positive argument for technology is that it siifipk the
life of the user, and is a means of improving upature and
allowing an enhanced engagement with reality [16@,.1
Active systems, with their ability to supply souatl more
arbitrary times and levels, may allow ideal listenicondi-
tions to be more closely approached at a greatetbeu of
seats. If this is the case, then the use of asyatems can
result in acoustics superior to that supplied bgspe de-
signs. As an example, the music director K. Nagstabes:
“Performing at Zellerbach Hall with the Constellatisys-
tem, one can deeply appreciate how far technologly szi-
ence have developed. The hall's acoustics coméfetdnl
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response and one can tell that the audience anitiemssare
having a new and extraordinary experience.”

Ultimately it must be accepted that some conceetrgovill

be unwilling to accept an active system. High dyasingle-
purpose, passive concert halls will always prowdealterna-
tive, and be a reference against which active systaust be
measured. However, multipurpose venues with actomis-
tics is an emerging paradigm which offers considleraene-
fits to owners and to the public, and it is likehat subse-
quent generations of listeners will be more accodated to
the presence of electronics in live performanced, gerhaps
even to expect the greater range of acoustic dondithey
provide [159,162].

DISCLOSURE

The author is the inventor of the VRA system, whigimow
the basis of the Meyer Constellation system.

REFERENCES

1) L. Beranek, Concert and Opera Hall, How They Sound
(Published for the Acoustical Society of Americathg
American Institute of Physics, 1996).

2) M. Barron, Auditorium Acoustics and Architecturiae-
sign, (E. and F. N. Spon, London 1993).

3) Y. Ando, Architectural Acoustics, (AIP Press fBger,
1998)

4) L. L. Beranek, Seeking concert hall acousticEHESig.
Proc. Mag., pp 126-130, September 2007

5) J. P. A. Lochner and J. F. Burger, “The influenteeflec-
tions on auditorium acoustics,” J. Sound Vib., }, @
426-454, 1964

6) M. R. Schroeder, “New method of measuring reverbe
tion time,” J. Acoust. Soc. Am., 37 (3), pp 409-419265

7) M. R. Schroeder, D. Gottlob and K. F. Siebras8em-
parative study of European concert halls: corretatf
subjective preference with geometric and acousti€ p
rameters,” J. Acoust. Soc. Am., 56 (4), pp 11954120
1974

8) A. H. Marshall, “A note on the importance of m@ross-
section in concert halls,” J. Sound Vib., 5, p 10867.

9) M. Barron and A. H. Marshall, “Spatial impressidne to
early lateral reflections in concert halls: theidation of
a physical measure,” J. Sound Vib., 77 (2), pp 282+
1981.

10) A. H. Marshall and M. Barron, “Spatial respoesiess in
concert halls and the origins of spatial impres3iéppl.
Acoust., 62, pp 91-108, 2001

11) M. Morimoto, K. lida and K. Sakagami, “The rod
reflections from behind the listener in spatial feg
sion,” Appl. Acoust. 62, pp 109-124, 2001

12) J. S. Bradley and H. Sato, “On the importancearfy
reflections for speech in rooms,” J. Acoust. Som,A13
(6), pp 3233-3244, 2003

13) T. Okano, L. L. Beranek and T. Hidaka, “Relasion
among interaural cross-correlation coefficient (IAGCE
lateral fraction (LFE), and apparent source widkis\(V)
in concert halls,” J. Acoust. Soc. Am., 104 (1), 25—
265, 1998.

14) R. Mason, T. Brookes and F. Rumsey, “Frequency de-
pendency of the relationship between perceivedtaydi
source width and the interaural cross-correlatiosffe
cient for time-invariant stimuli, J. Acoust. SocmA117
(3), Pt. 1, pp 1337-1350, March 2005

15) C. Haan and F. R. Fricke, “An evaluation of thpar-
tance of surface diffusivity in concert halls, Appl
Acoust., 51, (1), pp 53-69, 1997.

16) J. S. Bradley and G. A. Soulodre, “The influentéate
arriving energy on spatial impression,” J. Acoustc.
Am., 97 (4), pp 2263-2271, 1995.

ISRA 2010

Proceedofgbe International Symposium on Room Acousti8RA 2010

17) J. S. Bradley and G. A. Soulodre, “Objective sueas of
listener envelopment,” J. Acoust. Soc. Am., 98 (%),
2590-2597, 1995.

18) H. Furuya, K. Fujimoto, C. Y. Ji and N. Higa, rtival
direction of late sound and listener envelopmeAppl.
Acoust., 62, pp 125-136, 2001

19) P. Evjen, J. S. Bradley and S. G. Norcross, ‘Gffect of
late reflections from above and behind on listesrarel-
opment,” Appl. Acoust., 62, pp 137-153, 2001

20) J. S. Bradley, R. D. Reich and S. G. Norcross, tién
combined effects of early- and late-arriving sourd
spatial impression in concert halls,” J. Acoustc.Sam,
108 (2), pp 651-661, 2000

21) H. Furuya, K. Fujimoto and A. Wakuda, “Psyclgial
experiments on listener envelopment when both the
early-to-late sound level and directional late ggeatios
are varied, and consideration of calculated LE\Adtual
halls,” Appl. Acoust., 69, pp 1085-1095, 2008

22) L. L. Beranek “Subjective rank-orderings and ustizal
measurements for fifty-eight concert halls,” Actaua-
tica united with Acustica, 89, pp 494-508, 2003

23) T. Hidaka and L. L. Beranek, “Objective and saliye
evaluations of twenty-three opera houses in Eurdpe,
pan and the Americas,” J. Acoust. Soc. Am., 107 gp)
368-383, 2000

24) A. Farina, “Acoustic quality of theatres: cdatens
between experimental measures and subjective evalua
tions,” Appl. Acoust., 62, pp 889-916, 2001

25) ISO 3382-1:2009 Acoustics — Measurement of room
acoustic parameters — Part 1: Performance spacas$, a
able at www.iso.org

26) E. L. Harkness, “Performer tuning of stage atios,”
Appl. Acoust., 17, pp 8597, 1984

27) M. Barron, “The Gulbenkian great hall, Lisboh, An
acoustic study of a concert hall with variable stagl.
Sound Vib., 59 (4), pp 481-502, 1978

28) S. Ternstrém, D. Cabrera and P. Davis, “Sebittter
ratios measured in an opera chorus in performante,”
Acoust. Soc. Am., 118 (6), pp 3903-3911, 2005

29) L. Parati, N. Prodi and R. Pompoli, “Computerdwsio
investigations on the balance between stage and pit
sources in opera houses,” Appl. Acoust. 68 pp 1156—
1176, 2007

30) A. H. Marshall, D. Gottlob and H. Alrutz, “Acstical
conditions preferred for ensemble,” J. Acoust. Saa.,
64 (5), pp 1437-1442, 1978.

31) A. C. Gade, “Investigations of musician’s rooooastic
conditions in concert halls. | Methods and labanatex-
periments,” Acustica, 69, pp 193-203, 1989

32) A. C. Gade, “Investigations of musician’s rooooastic
conditions in concert halls. 1l Field experimenig ayn-
thesis of results,” Acustica, 69, pp 249-262, 1989

33) G. lannace, C. lanniello, L. Maffei and R. Romano,
“Room acoustic conditions of performers in an oleérmp
house,” J. Sound Vib., 232 (1), pp 17-26, 2000

34) Y. Kwon and G. W. Siebein, “Chronological anaysf
architectural and acoustical indices in music penénce
hall,” J. Acoust. Soc. Am., 121 (5), pp 2691-26RRy
2007

35) N. W. Adelman-Larsen, E. R. Thompson and A. Ql&Ga
“Suitable reverberation times for halls for rockdapop
music,” J. Acoust. Soc. Am., 127 (1), pp 247-25mu
ary 2010

36) F. Rumsey, “Concert hall acoustics: Let the arguim
begin!,” J. Audio Eng. Soc. 56 (11), pp 1001102208

37) M. Aretz and R. Orlowski, “Sound strength andere
beration time in small concert halls,” Appl. Acoysto,
pp 1099-1110, 2009

38) X. Zha, H. V. Fuchs and H. Drotleff, “Improvintie
acoustic working conditions for musicians in small
spaces,” Appl. Acoust., 63, pp 203—-221, 2002



29-31 August 2010, Melbourne, Australia

39) P. Arni, “Rooms with reverberation time adjustabver
a wide frequency band,” J. Acoust. Soc., Am. 22 ()
353-354, 1950

40) W. C. Ward, G. W. Elko, R. A. Kubli and W. C McDou
gald, “The new varechoic chamber at AT&T Bell Labs,”
Wallace Clement Sabine centennial symposium, Cam-
bridge, Massachusets, USA 5-7 June 1994

41) J. Valentine, “North shore theatre in the Briwtason
theatre: Commissioning measurements,” 14th Biennial
Conf. of the N.Z. Acoust. Soc., pp 6-5.1-6-5.11,7199

42) J. E. West, G. M. Sessler and J. L. FlanagBepénd-
ence of reverberation time on stage-enclosure gordt
tion in the Philadelphia academy of music,” J. Astou
Soc. Am., 55 (5), pp 1022-1027, 1974

43) W. Chiang and Y-k Shu, “Acoustical design ofgst
with large plane surfaces in rectangular recitalsiia
Appl. Acoust., 64, pp 863-884, 2003

44) M. R. Schroeder, “Diffuse sound reflection byxmaum-
length sequences,” J. Acoust. Soc. Am., 57 (1)14@-
150

45) T. J. Cox and P. D’Antonio, Acoustic absorbangl dif-
fusers: Theory, design and application, (Spon Piass
don, 2004)

46) R. Johnson, E. Kahle and R. Essert, “Variablepleal
cubage for music performance,” Proc. MCHA'95, 1995,
Kirishima, Japan.

47) M. Ermann and M. Johnson, “Exposure and maditgria
of the secondary room and its impact on the imptése
sponse of coupled-volume concert halls,” J. Souid,V
284, pp 915-931, 2005

48) C. F. Eyring, “Reverberation time measurementsour
pled rooms,” J. Acoust. Soc. Am.,, 3, p 181-206119

49) H. Kuttruff, Room Acoustics, (Applied sciencebfish-
ers Ltd, London, 1973)

50) L. Cremer, H. A. Miller and T.J. Schultz, Prples and
Applications of Room Acoustics, Vol. 1, (Applied Sci
ence Publishers, London, 1982)

51) J. C. Jaffe, “Innovative approaches to the desifgsym-
phony halls,” Acoust. Sci. & Tech., 26 (2), pp 2283,
2005

52) D. T. Bradley and L. M. Wang, “The effects ofmpie
couled volume geometry on the objective and subgct
results from nonexponential decay,” J. Acoust. Joun.,
118 (3), Pt. 1, pp 1480-1490, 2005

53) D. T. Bradley and L. M. Wang, “Optimum absorptio
and aperture parameters for realistic coupled velum
spaces determined from computational analysis abd s
jective testing results,” J. Acoust. Soc. Am., 12Y, pp
223-232, 2010

54) H. F. Olson, “Passive and active acousticséhitectural
enclosures,” J. Audio Eng. Soc. 13 (4), pp 307-3985

55) P. W. Barnett, “A review of reverberation enhement
systems,” AES 16th Conf., Sound Reinforcement, pp
518-533, May 5-8, 1988

56) M. Kleiner and P. Svensson, “Review of activetegns
in room acoustics and electroacoustics,” Proc.Sygmp.
Active control of sound and vibr. (Active 95), pp-34,
Newport Beach July 6-8, 1995

57) P. Svensson, On reverberation enhancementlitoaa,
PhD Thesis, (Chalmers Univ. Tech., Gothenburg, Swe-
den, 1994)

58) J. L. Nielsen, Control of stability and coldoat in elec-
troacoustic systems in rooms, PhD Thesis, (Norwegia
University of Science and Technology, 1996)

59) B. Blesser and L-R. Salter, Spaces speak, ardisten-
ing, (MIT Press, Cambridge Massachusetts, 2007)

60) O. Warusfel, J. Blauert, D. Wessel “SynopsiRRefer-
beration Enhancement Systems,” Forum Acusticum,
Sevilla, 2002

Proceedofghe International Symposium on Room Acousti8®A 2010

61) A. Hardiman, “Electronic acoustic enhancemgstesns:
Part one,” Lighting and Sound America, pp 88-96,
March 2009

62) A. Hardiman, “Electronic acoustic enhancemegstesns:
Part two,” Lighting and Sound America, pp 74-79riAp
2009

63) F. Kaiser, Acoustic Enhancement Systems, Bachelo
Thesis, (Graz University of Technology, 2009)

64) P. U. Svensson, “Influence of electroacoustimmeters
on the performance of reverberation enhancement sys
tems,” J. Acoust. Soc. Am., 94 (1), pp 162-171,3199

65) H. F. Olson, Elements of acoustical engineerfbg Van
Nostrand, New York, 1947)

66) H. Burris-Meyer and V. Mallory, “Sound in thkeatre
11,” J. Acoust. Soc. Am., 22 (3), pp 256—259, 1950

67) L. L. Beranek, “Sound systems for large auditms,” J.
Acoust. Soc. Am., 26 (5), pp 661-675, 1954

68) W. B. Snow, “Frequency characteristic of a seund
reinforcing system,” J. Audio Eng. Soc., 3 (2), ##-76,
1955

69) W. Rudmose, “Equalization of sound systems,”sHoi
Control, pp 232-237, July 1958

70) C. P. Boner and C. R. Boner, “Minimizing feedback i
sound systems and room-ring modes with passive net-
works,” J. Acoust. Soc. Am., 37 (1), pp 131-13%39

71) R. V. Waterhouse, “Theory of howlback in reveant
rooms,” J. Acoust. Soc. Am., 37, 921-923, 1965

72) W. K. Connor, “Theoretical and practical considions
in the equalization of sound systems,” J. Audio .Eng
Soc., 15 (2), pp 194-198, 1967

73) G. J. Curtis, “An analysis of the regeneratigeerbera-
tion effects of acoustic feedback in rooms,” Accest20
(3), pp 119-133, 1968

74) H. F. Olson, “Acoustoelectronic auditorium,”Alcoust.
Soc. Am., 31 (7), pp 872-879, 1959.

75) R. Vermeulen, “Stereo-Reverberation”, J. AudiogEn
Soc., 6, (2), pp 124-130, April 1958.

76) G. F. Dutton, Reverberation reinforcement byagedl
electro-acoustic feedback — Ambiophony,” Audio Eng.
Soc 31st Conv., New York, October 1966, Preprint 485

77) R. W. Guelke and A. D. Broadhurst, “Reverberatiore
control by direct feedback,” Acustica 24, pp 32-4971

78) E. J. Voelker, C. L. Mueller and D. Kitter, "Eteonic
modification of the room acoustics in a concert,hal
Audio Eng. Soc., 24 (7), pp 572-576, 1976

79) M. H. Jones and F. Fowweather, “"Reverberatiein-r
forcement — and electro-acoustical system for axirey
the reverberation time of an auditorium,” Acust&a pp
357-363, 1972

80) G. K. Graham, Acoustic studio with variable eghera-
tion time, US patent 2,542,663, 1951

81) P. S. Veneklasen, “Method for synthesizing tordim
sound,” US patent 3,535,453, 1970

82) D. Self, Audio Power Amplifier Design Handbodko-
cal Press, Burlington USA, 2009)

83) S. P. Lipshitz and J. Vanderkooy, “Pulse-codminta-
tion—An overview,” J. Audio Eng. Soc., 52 (3), pp02
215, 2004

84) T. I. Laakso, V. Valimaki, M. Karjalainen and. K.
Laine, “Splitting the unit delay,” IEEE Sig. Proglaga-
zine, pp 30-60, January 1996

85) W. Anhert, “Complex simulation of acoustic wdiedds
by the delta stereophony system (DSS),” J. Audig.En
Soc., 35 (9), pp 643-652, 1987.

86) E. J. Voelker, M. Mueller and W. Teuber, "Muitiannel
digitally delayed sound system with perfect direatim-
pression,” AES 80th Conv., Preprint 2353 (F1), Madeh
7, 1986

87) H. T. Chaudiere, “Ambiophony: Has its time figahr-
rived?”, J. Audio Eng. Soc., 28 (7/8), pp 500-50980.

ISRA 2010



29-31 August 2010, Melbourne, Australia

88) J. C. Jaffe and P. H. Scarborough, “Electronéhigec-
ture: Toward a better understanding of theory gualia
cation,” AES 93rd Conv., October 1-4, 1992, preprin
3382 (F-5)

89) D. Griesinger, “Improving room acoustics thrhugne-
variant synthetic reverberation,” Audio Eng. So€to
Convention, Preprint 3014, 1991.

90) S. Barbar, "Further Development in the Deslgmle-
mentation, and Performance of Time Variant Acoustic
Enhancement Systems". I0A Conference, Windermere,
1994

91) D. Griesinger. "Recent Experiences with Eletdtro
Acoustic Enhancement in Concert Halls and Opera
Houses" Sixth Int. Cong. Sound and Vib., Copenhagen
July 1999

92) D. Griesinger, “Progress in electronically ahte acous-
tics,” Proc. W. C. Sabine Cent. Symp., Acoust. Sau. A
pp 57-60, 1994

93) S. Barbar, “Inside out — Time variant electroadoustic
enhancement provides the missing link for acoumtisic
outdoors,” 127th Audio Eng. Conv., New York 2009; pa
per 7831

94) W. C. J. M. Prinssen and M. Holden, “System ifor
proved acoustic performance,” Proc. Inst. of Acqukt
(2), pp 93-101, 1992.

95) W. C. J. M. Prinssen and B. H. M. Kok, “Techhica
novations in the field of electronic modificatioharous-
tic spaces,” Proc. Inst. of Acoust., 16 (4), pp -84,
1994

96) W. C. J. M. Prinssen and B. H. M. Kok, "Activedan
passive acoustics: Comparison of performance claract
istics and practical application possibilities, ggstation
of a case study,” Proc. Inst. of Acoust., 17 (7)nthr-
mere, November 1995

97) W. Anhert and T. Behrens, “Experiences with &t-e
tronic enhancement system in a mid-size theatrmt.P
19th Int. Conf. Acoust., Madrid, September 2-7,200

98) A. J. Berkhout, D. D. Vries and P. Vogel, “Actiagon-
trol by wave field synthesis,” J. Acoust. Soc. A38. (5),
pp 2764-2778.

99) M. M. Boone, E. N. G. Verheijen and P. F. Var,To
“Spatial sound-field reproduction by wave-field Hye-
sis,” J. Audio Eng. Soc. 43.(12), pp 1003-1012,5199

100) A. J. Berkhout, D. de Vries and J. J. Sonkerdy
technology for acoustic wave field synthesis inlenc
sures,” J. Acoust. Soc. Am., 102 (5), pp 2757-271897

101) S. Takane, Y. Suzuki and T. Sone, “A new metfoy
global sound field reproduction based on Kirchtoffi-
tegral equation,” Acustica-acta acustica,.85, pp-257,
1999

102) E. G. Williams, Fourier Acoustics, (Academice$s,
San Deigo, 1999).

103) www.muellerbbm.se/Products/tabid/73/Default.aspx

104) F. Walter and F. Melchior, “On the measuremeit
electro acoustic enhanced sound fields,” AES 124th
Conv., Paper 7468, May 17-20, Amsterdam, 2008,

105) P. H. Parkin and K. Morgan, “A special repont the
experimental ‘Assisted Resonance’ system in the Royal
Festival Hall,” J. Sound Vib., 1 (3), pp 335-34964.

106) P. H. Parkin and K. Morgan, “Assisted resarerin
the Royal Festival Hall, London, 1965-1969,” J. Asiou
Soc. Am., 48 (5) Pt. 1, pp 1025-1035, 1970

107) G. Dodd, “The stability of room transmissi@sponse
maxima and the related effects on assisted resersyse
tems,” J. Sound Vib., 36 (4), pp 443-471, 1974

108) G. Berry and G. L. Crouse, “Assisted resonande,”
Audio Eng. Soc. 24 (3), pp 171-176, 1976

109) J. G. Charles, J. Miller and H. Gwatkin, “Asisig the
Assisted Resonance at the Central Hall, York, UK,”
Appl. Acoust. 21, pp 199-223, 1987

ISRA 2010

Proceedofgbe International Symposium on Room Acousti8RA 2010

110) J. S. Bradley, “In-channel response of an elacbustic
feedback channel,” Acustica 32, 1, pp 1-12, 1975

111) J. S. Bradley, “The response of an electrodwofeed-
back channel with a remote source or a remotevecei
Acustica, 32, pp 13-22, 1975

112) A. Krokstad, “Electroacoustic means of coditngl
auditorium acoustics,” Appl. Acoust., 24, pp 275828
1988

113) N. V. Franssen, “Sur l'amplification des champ
acoustiques,” Acustica, 20, pp 315-323, 1968.

114) S. H. de Koning, “The MCR system — multiple{zhel
amplification of reverberation,” Philips Tech. Rewije41
(1), pp 12-23, 1983/84.

115) S. Strom, A. Krokstad, S. Sgrsdal and S. BieriPe-
sign of room acoustics and a MCR reverberation system
for Bjergsted concert hall in Stavanger,” Appl. Astu
19, pp 465-475, 1986

116) S. Dahlstedt, “Electronic reverberation eqweptrin the
Stockholm concert hall,” J. Audio Eng. Soc., 22, (&
627-631, 1974

117)www.xInt-mcr.com last accessed April 21, 2010

118) M. A. Poletti, The Performance of Multichani@sund
Systems, PhD Thesis, (University of Auckland, 2001)

119) M. A. Poletti, "On controlling the apparentsalption
and volume in assisted reverberation systems," thays
78, pp 61-73, 1993

120) M. A. Poletti, “The performance of a new atesisre-
verberation system,” Acta Acustica, 2, pp 511-33894.

121) M. A. Poletti, “An assisted reverberation systfor
controlling apparent room absorption and volumei- A
dio Eng. Soc. 101st Convention, Preprint 4365, 1996.

122) M. A. Poletti, “A unitary reverberator for neced
colouration in assisted reverberation systems,”Sgmp.
on Active Control of Sound and Vib. (ACTIVE95), pp
1223-1232, 1995.

123) M. A. Poletti, “The statistics of single chahrelec-
troacoustic systems,” Acta Acustica, 84, pp 1078210
November/December 1998.

124) M. A. Poletti, “The analysis of a general si&=i rever-
beration system,” Acustica-Acta Acustica, 84, pB-76
775, July/August 1998

125) M. A. Poletti, “A comparison of passive andi& cou-
pled rooms for acoustic control” Internoise 98, i€hr
church 16-18 November, 1998.

126) M. A. Poletti, “Equalisation of assisted redwenation
systems,” Sixth Intl. Congress Sound Vib., Copenhage
July 1999

127) M. A. Poletti, “The control of early and laemergy
using the variable room acoustics system,” Pro@use
tics 2006, 20-22 November 2006, Christchurch, New
Zealand

128) M. A. Poletti and R. Schwenke, “Prediction afetifi-
cation of Powered Loudspeaker Requirements for an As
sisted Reverberation System,” 121st AES Convention
2006 October 5-8, San Francisco, CA, USA

129) R. Schwenke, S. Ellison and M. Poletti, “Prédic and
measurement of reverberation increase from elec-
troacoustic architecture systems,” 157th Meetingust.
Soc. America, 18-22 May 2009, Portland, Oregon, USA
(J. Acoust. Soc. Am. (125), 4, pp. 2545, April 2p09

130) F. Kawakami and Y. Shimizu, “Active field cooltin
auditoria,” Appl. Acoust., 31, pp 47-75, 1990

131) H. Miyazaki, T. Watanabe, S. Kishinaga anK&wa-
kami, “Active Field Control (AFC): Reverberation en-
hancement system using acoustical feedback cdhtrol,
AES 115th Conv., Paper 5861, New York, October 2003

132) F. Kawakami, “Recent progress in AFC technolbgy,
AES Korea Section Conv., March 1993 Korea

133) H. F. Olson and E. G. May, “Electronic sour a
sorber,” J. Acoust. Soc. Am., 25 (6), pp 1130-11353



29-31 August 2010, Melbourne, Australia

134) H. F. Olson, “Electronic control of noise \akibn and
reverberation,” J. Acoust. Soc. Am., 28 (5), pp-9B&2,
1956

135) D. Guicking, K. Karcher and M. Rollwage, “Cohgre
active methods for applications in room acoustick,”
Acoust. Soc. Am., 78 (4), pp 1426-1434, 1985

136) C. Rougier, I. Schmich, P. Chervin and P. Gdler
“CARMEN in the Norwich Theatre Royal, UK,” Acous-
tics’08, pp 2499-2504, Paris, June 29 — July 48200

137) X. Meynial and F. Nicol, “Influence of intencelation
between channels in regenerative reverberationnegha
ment systems,” Proc. 17th ICA, Rome 2001

138) O. Vuichard and X. Meynial, “On microphone itios-
ing in electroacoustic reverberation enhancemest sy
tems,” Acustica, 86, pp 853-859, 2000

139) U. P. Svensson, “Energy-time relations in @mawith
an electroacoustic system,” J. Acoust. Soc. An¥, (B),
pp 1483-1490, 1998

140) C. W. K. Gritton and D. W. Lin, “Echo canceitat
algorithms,”|EEE ASSP Magazine, pp 30-38, April 1984

141) A. Goertz, “An adaptive subtraction filter flmedback
cancellation in public address sound systerRsgt. 15"
Intl. Cong. Acoust., pp 69-72, Trondheim, Norway, June
1995

142) F. J. van der Meulen, S. Kamerling and C. Rsda‘A
new way of suppressing acoustic feedbadiga™ AES
Conv., paper 4735, May 1988

143) Y. Cao and M. A. Poletti, “Advanced system iifera-
tion techniques for acoustic enhancemeift;bc. 16th
Intl. Cong. Acoust./135th mtg. Acoust. Soc. Am., June 20-
26 Seattle, 1998

144) G. Rombouts, T. van Waterschoot, K. Struyve lsind
Moonen, “Acoustic feedback cancellation for longas-
tic paths using a nonstationary source modHEEE
Trans. Sg. Proc., 54, (9), pp 3426-3434, 2006

145) M. R. Schroeder, “Improvement of acoustic-fesk
stability by frequency shifting,” J. Acoust. SocmA36
(9), pp 1718-1724, 1964

146) G. Behler, “Untersuchungen am mehrkanaligen- lau
sprecheranlagen zur verlangerung der nachhallzeit i
raumen,” Acusticag9, pp 95-108, 1989

147) M. Ohsmann, “Analyse von mehrkanalanlagen,”
Acustica,70, pp 233-246, 1990

148) J. L. Nielsen and U. P. Svensson, “Performaficgame
linear time-varying systems in control of acoudged-
back,” J. Acoust. Soc. Am106 (1), pp 240-254, 1999.

149) M. A. Poletti, "The stability of single and itishannel
sound systems,” Acustica-Acta Acustic8, pp 123—
178, 2000

150) M. A. Poletti, “The stability of multichannsbund sys-
tems with frequency shifting,” J. Acoust. Soc. A6
(2), pp 853-871, August 2004

151) M. R. Schroeder, “Frequency-correlation funtdiomf
frequency responses in rooms,” J. Acoust. Soc. Ah.,
(12), pp 1819-1823, 1963

152) M. A. Poletti, “Colouration in Assisted Reveraigon
Systems,” Proc. ICASSP, 1994, Adelaide, Australia, 2
pp 269-272

153) X. Meynial and O. Vuichard, “Objective measunfe
sound colouration in rooms,” Acustica—acta acusBéa
pp 101-107, 1999

154) J. L. Nielsen, “Detection of colouration irveeberation
enhancement systems,” Proc. Intl. Symp. Active Gdntr
Sound Vib, (Active95), pp 1213-1222, 1995

155) P. H. Parkin, “The eighth annual Fairey leetuifhe
acoustics of auditoria,” J. Sound Vits4 (3), pp 331-
344, 1977

156) R. C. Scharff and V. Dusek (Eds), Philosophyeth-
nology: The Technological Condition, An Anthology,
(Blackwell Publ. Malden, USA, 2003)

10

Proceedofghe International Symposium on Room Acousti8®A 2010

157) A. Borgmann, Technology and the character aofero-
porary life: A philosophical enquiry, (Univ. Chicago
Press, Chicago, 1984)

158) P.-P. Verbeek, “Devices of engagement: On Bomisa
philosophy of information and technology,” Tectth§l),
pp 69-91, Fall 2002

159) H-J. Braun (Ed), Music and technology in therttieth
century,” (Johns Hopkins Univ. Press, Baltimore, @00

160) J. Schummer, “Aristotle on technology and r&tu
Philosophia Naturalis38, pp 105-120, 2001

161) T. P. Hughes, Human-Built World: How to Thinkdut
Technology and Culture, (Univ. Chicago Press, Chicago,
2004)

162) G. Dodd, “Listener habits and choices — ard timpli-
cations for public performance venues,” J. Sound. Vi
239 (4), pp 589-606, 2001

ISRA 2010



