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ABSTRACT equipment ¢mnidirectional loudpeaker such as a

. . . . traditional dodecahedronis insufficient Moreover, in
SIPARIOIs aproject recently funded by thealianregion o 154i0n to performing arts places, where the radiation

Emilia Romagnalt aims to virtually reconstrudioth 3D polar patterns of singers and musicians change

audio and 360 video of real performancelsy making  continuously over timerecordinga monoanechoicsignal

recording and undertaking acoustic measurements insidewith a single microphone is absolutelpt suitablefor the

historical theatres and concert halls spread all ¢ver  purpose of auralization, and a sphere of microphones
Europe. One of the most relevant tapad this projectis surrounding the sources inecessary for recording the

the developmentof a new spherical sound source, sound radiated in every directioand to be used for
equipped with 32 individuallgontrolledloudspeakerfl], auralization[3].

designed fomeasuringacoustic characteristics of these The MIMO RIR provides the filter matrix necessafyr
performing arts place@his loudspeakearrayis capable ~ Virtually reconstrudng the soundfield perceived at

of simulatng thedirectivity of anydynamicsoundsource i stener 6s pos ibyasoundsourbeamtmg g e

The loudspeakercan work also like a traditional arbltraryar_1d tlmechangmgdlrectlwty[4].
e . Thus, avirtual spherical loudspeaker arrayhas been
omnidirectional sound sourcér measuring standard

. ) . developedhs a sound source for the MIMQoro impulse
acoustical parameters hence it can beused in room responseneasuremest The main subject of this papisr
acousticstests in accorance with 1SO3382 standard.  ine characterization of this spherical speaker

Finally, it can create supslirective beamsof various

shapes, witlarbitrarydirectivity patternsuch as spherical 2. SIPARIO PROJECT

harmonics (High Order Ambisonics) or cardioids (Spatial ) i i i

PCM Sampling). The Exponential Sine Sweep (ESS) The SIPARIO projectaims toreconstruct airtual reality

signal has beenemployedin order to measure th@om playbackof artistic performanceexecuted in historical

impulse responseR(R). It is also possible to employ a Italian _theatres. ansidt_aring halls and aud.itoriaaas

Multiple Input Multiple Output(MIMO) approach{2] by ~ €Xtension of musical instrumentsr  singer 6s \
feedingsequentiallythe ESSsignalto each transducer of SIPARIOwill give thepossibilityto listento the effect qf
theloudspeakearray,while a spherical microphone array hese venuesarticularly for places whertne access is

is employed forecording In this paperit is explained how  Imited for presering their integrity

to compute the matrix of FIR filters necess&ryprocess One of t.he objectivesof th_e pl’Oje.CtIS. to recregte a
such a MIMO RIR,and to synthesizearbitrary polar panoramic sourgtapeandan immersivevideoexperience

patternsfor both source andreceiver Moreover future where thdistenercanselecthis position look atand listen

developments of the new soursburce are briefly ~ around (e.g. standingon stag, sitting in one of the
describedn Section 7 including the applicatiors for the ~ Palconiesor from privileged positions Virtual listening
specific project experiences capable tor espond t o t he
movement would be a different way to attract a wide

1. INTRODUCTION audien_C(_a, not onlylimited to experts, musicians or

_ _ acousticians
In room acoustics very often the main purpose of the The capability of enjoying musical performandeeugh
e_xperlmental analysis the measurements afRIR. Thls virtual reality systems assumed recently a great
kind of measurememeedsusuallya sound sourcghich importancebecauseof the COVID19 pandemi¢ which

IS perfe_ctly omnldlrecupnaIHowever, when the aim of the caused thempossibility to assistpersonallyto concerts
acousticmeasurementss to analyze th&IR of a sound .
and othepublic events

source having a complex directivipattern(e.g. human
voice or specific musical instrumet the standard



MeasuringMIM O matrices oRIRsrequiresthe usage of
sphericalarraysfor bothmicrophone and speakébespite

the high resolution microphone arrapsve already been

available since 10 yeaepproximately the utilization of

spherical loudspeaker arsays still expermental This

paper describes the virtual loudspeaker array called

iSi pari o Soundso and its acoust
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3. MICROPHONE ARRAY S

Startingfrom anarray ofM fireal microphoneg, we want
to synthesizeV fvirtual microphoned with specific
directivity and aiming The following figureand equation
show a generisignal processarwhich usesa matrix of

Figure 3: Microphone array characterization
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(; " o[- Therefore, it is necessaty define thearget directiviy Q
R — havingdimension®x V which synthetizg for each of the

V virtual microphons, the gain in each direction D
employedfor the array characterization

Thesegains ould be arbitraity defined however,in [5]
virtual microphones witltardioid ofn" order were used:

Figure 1. Representationf the micophonearray signal

processor y Q,(.j )=[0.5+05G0sy) tosf )" (3
Y1) =a %, * h,, O (1) o
m=1 A set of 32 #-order cardioids pointing in the same
directions as the capsules of tB&32 Eigenmikeé® has
Where * is the convolution operator. been ged forgeneratingan SPS3 2 -fiioPr mat f6]. si gna

A technique to find the filtering coefficientmy, was An alternatives to definghetarget directivities according
described extensively if5]. This technique ispplicable  tothespherical harmonidsinctions (Ambisonics format)
to any microphone arrdyy usingthenumericinversion of In this case a set of thiorder Ambix directivities was
thecharacterizatioimpulse respons®f the microphong  chosen, with £N channel ordering and SN3D amplite
measured in an anechoic chamber or simulated by a varietgcaling[7], as shown in Figre 4.

of methods ¢losed form nathenatics, FEM etc).

w
In particulay the impulse responsef the M-channel Order 0 ‘
microphone array has beencaptured using incident - . : ,
wavdronts from a large number otharacterization ¥ “ z x&
directions D (362 directions with nearly uniform orert . o O

distribuion, that constituts an adequate spatial : : , ) ,

oversampling for 8&2-channelmicrophonearray like he Gedoid V‘h T* R’é\ S* ”’h

EM32 Eigenmike®). Each measurementdirection SO TGS g e e

determine a rov of amatrix c[n] of sizeDx M. qé’a O* M/*\ :é\ L’# N* ng
Order 3

Figure 4: Directivity of spherical harmonics up t&'8rder

The set of filtersh can be derived directly from a set of
measurementdor this,the C matrix has to be numerically
inverted by wusing a technique calledikhonov

Figure 2: EM32 Eigenmike® (by MH-Acoustic)



regularization first introduced for multichannel audio
applicatiors by Kirkeby et al.[8].

A Discrete Fourier Transform (DFTis employed for
pasing into the frequency domainin this way the

to use a sphere equipped with just olaeger and better
loudspeakershown inFigure 6. In order tocreate a 32
channes virtual loudspeaker arrayt, shouldbe rotated in
32uniformly spacedlirectionsusinga two-axesturntable

overdetermined linear systetanbe evaluatedeparately
for eachfrequencyindexk.

as shownin Figure?7.
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The solution could be obtained as reported in the following
equation, which is the solutiarsingthe Kirkeby method
M3D D3V
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Figure 6: Virtual loudspeakearrayi Si pari o Sound
Where H is the Hermitian operataopjugate transpoke
A casualizatiorterm (a pure delayqual to half the filter
length) e "™ has been added the numeratoas well asa

frequencydependentregularizaibn term p[k] to the

denominator

Finally, the filter matrix H determined infrequency
domainis transformed into time domain in order to obtain
thematrix of FIR filters coefficientswhich conversthe M
raw microphone signals into thévirtual microphames

M3V A M3V
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4. LOUDSPEAKER ARRAY S ._,,

e R
A prototype spherical array loudspeaker has been built byFigure 7: The single sphere loudspeaker on the-twes
Dr. Lorenzo Chiesi at the University of Parma, Il It turntable, inside Teatro Regod Parma

consists of avooden sphere having 200mm diameter
equi pped dmiers RCF3VIB2NA(1), as shown
in Figureb.

As in the previous discussionelaied to the microphone
array, it ispossible tacreate radiation patterns of arbitrary
shapeby filtering the signals feeding th® individual
loudspeakergor loudspeaker positionshgain, amatrix

of FIR filters generatedV virtual sourcehavingarbitrary
directivity and aiming
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Figure 5: Prototype spherical array loudspeaKgr

Albeit this unit is equipped with a 3thannels power
amplifier, whenperformingMIMO measurementhe test

signal needs to be emitted by just one of the 32Figure 8 Representation of theudspeaker array signal
loudspeakes; and then theneasuremertias to be repeated Processor

feeding anotheloudspeaker32 times.

As such this loudspeaker array can be practical when anFormula(l) has beemodified into formula 7) below.
arbitrary directivity must be synthesized in live

applications To measue a MIMO RIR it is also possible wo MVrozw o0 i pBY (7



The loudspeaker array is characterized by means of

anechoic impulse response measurements, rotating the

system oratwo axis turntable and measuring the impuls 5. PERFORMANCES OF THE VIRTUAL
responseys of each loudspeaketin a large numbeb of LOUDSPEAKER ARRAY

directions.The result for eachloudspeakerwould bethe ) ) ) )
determiration of one column of a matrix C[n] having This Sectiondeals with the acoustical performances and

dimension®Dx S beamforming capabilities of thartual loudspeaker array

For the prototype speakeemployed here,S = 32 as s_hown ifFigures 6 and 7Theprototype grrayasshown
Ioudspeakpers gnpd D p: 362 dFi)regtions both almost |nhF|gure5, wasalreadyexterf1swel3é desgrlbehd . h

: ' The measurementsvere performed inside the anechoic
uniformly spread on the surface of a sphere. chambekindly made available by IRCAM, in Paris, with
the setupshown inFigure 10.

Test dlrectlo S

€C1 Gy |G| - GsO Fi N

€ C C c U Figure 10: Anechoic measurements at IRCAM, Paris
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e.. u First of all, theon-axisfrequerty response and directivity
C[n] =6 ¢ c o U (8) of the single loudspeeer mounted on the spherical #he

gwa1l 2 | s ottt S U has been measured the horizontal planeas shownn

€. u Figureslland 12

e u " Risposta in direzione i massima dirttvita (1) (348 81

&o1 Cpz - |Cos| - Cosf

For everyW virtual sourcdlirectivity the following step is
to determine the matrix giving the target directivityQ for
each directionAs in the case ofirtual microphonesit is
therefore possibléo convert toa frequency domainin
order to simplify the convolutions.

(48]

Modula
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Figure 11: on-axis frequency response at 1W, ,1single
loudspeaker

The overdetermined linear equation systéf) is solved
with the Kirkeby approacf8]:

D3W

AT

S$D D3S
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Theresulting FIR filter matrixH is transposeth orderto
preserve the convential operation direction (fromniput
spaceof W directive sourceso the outputspaceof S
speaker feedsand converted back to time domairhe
following equationsummarizeshis result:

Figure 12 Directivity of thesingle loudspeaker
T

(11

W3S
Ihs

Thena complete measurement sasbeen completedn
the whole sphere with 362 directignsesulting in the



measured matrix ofmpulse resposes C (eq. 8) The parametersand by visualizing reflections and echoes
beamformingmatrices for SPS2 and 30A(16 ch.)have generated by the sound source

been calculatedy usingeq.10 and 11. This frequency rangensteadis not large enougfor high
These beamforming filter matrices have been applied toquality auralization, which requires full bandwidth
the horizontal data set, as indicated in Figure 12, to showbetweer?0 Hzand20 kHz.

theresults.

Figures 13 and 14 show the resulting directivity patterns

for a 4" order cardioid (SPS2) and for the P-order 4 6. MEASUREMENT SOF IMPULSE RESPONSES
leafed pattern U (see Figure 4). AND PROCESSING

MIMO measurements can be performmdemploying the

proposedspherical speakerarray and a spherical 32

channel microphone arrdiye. EM32 Eigenmike®) and by

feedng the speaker with suitabletest signalanESStype

signalfor instancq9, 10].

An explanation of how the sigresdre processedbs briefly

introduced.

The computer sendgshe ES signalto the amplifier

connected withheloudspeakerthroughone of theanalog
. - E . - outputsof theEMIB Firewireinterface

Figure 13 Directivity of a 4" order cardioid source The EM32 Eigenmike&® acquires the32 microphone

signalssynchronously with the playback.

The measuremeris repeated32 timesby moving the

loudspeaker to the next aiming directionith the

automated turntable.

After the convolution of the recorded sigsalith the

inverse sweepnda proper time windowinga full MIMO

matrixis obtainechavingsizeSx M, whereS= 32 speakers

andM = 32 microphones
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Figure 14: Directivity of HOAc o mponent fi UOg ; 1 " " — !
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Finally, Figure 15 shows the eaxis frequency response a8 &8 88 48 &8 8B

of the virtual source having §rder cardioid directivity. Wy Qp 88 0y 8 ViU

. Bspotain deuions d el et O BT Thisis calledthefi r aMINIO IR matrix.

Appropriate beamforming filter§or both sourceand
1 receivercannow be applied to th rawmatrix. In this way
a newbeamformedMIMO IR matrix is obtainedable to
provide a set of specific directivities for both the sound
source andhe recéver.

Modulo [d8]

v S M M3V
2 1 HIRMIMO- BF[n]H #‘hSA[n]H* HIRMIMO[n]H* HhMA[n]H (11)

In particular,this procedurecan be used fogenerating

L different types ofirectivity patternsfor both the source
Figure 15: on-axis frequency responsd a virtual source ~ andthe receiverTwo typical caseare given below:
with 4" order cardioid directivity AHOA 3 orderfor both source andeceiver,resulting
in a 16X16 Ambisonics IR matrix

Analyzing thesaesults,it can be seen how the resulting ASPS (Spaial PCM Sampling, synthesizing 32

virtual loudspeaker array can control the directivity of the  directive beams at the source a%ﬁidire(;tinethvirtual
radiated sound in the frequency range of 63 Hz to 4 kHz ~ Microphones ahereceiver in both casewith 4™ order

(slightly wider for thecardioid andnarrowerfor spherical cardioid directivity uniformly coveing a whole
harmonics patternsplso the resulting fragency response sphetcal surface area _ o
is reasonably flat within such a frequency range. The HOA matrix is ideal for reatime auralization, as

This frequency rangeis consideredgood enough to initially suggested in [4].
perform acoustical measurementsand to analyze
performing arts places by usingbjective acoustical



The SPS matrix, instead, is perfect for mapping room A increasing the spatial resolutiorof the
reflections and analyzing multiple reflection paths, as microphonearray.
described in [2]. The resuk shown in Section5 proof that the virtual
The exploitation of these possibilities, applied to the loudspeaker array has a very good performamdg inside
theatergneasured within the SIPARIO project, will be the afrequencyrangebetweer63 Hz and4 kHz. This is good
subject of following papers enough for computing acoustical parameterfor tracing
In accordance with the 1ISO 3382:2012 standard [11], reflections and echoes, but is not enough ddvanced
impulse responsameasurements in musical performance auralizationAbove this uppelimit, spatial aliasingffects
rooms(i.e. theatres, auditoria, concert halls, TV studios) disrupt the capability of getting a correct spatial control of
should be udertakenby employing an omnidirectional the radiated sound.
sound source armhomnidirectional microphond his can The only wayto extend the frequency ranges by
be eaily obtaired by selecting just the first row andrst employing alarger number of smaller loudspeakers
columnof the Ambisonics MIMO matrixIn this way it is although this possibility needs to be evaluatedth a
possible tchavean omnidirectional directivity pagrnfor potential constructionof a new loudspeak array,
boththe source anthe microphongagoodS/N ratig and alongsidewith whatwas already described in [1].
a betteromnidirectional pattern than what was previously
possible by using adodecahedrorloudspeaker and a In Section3 it has beerexplainedhow to compute the
standard measuremegitadeOmni microphone. beamformindilter matrix for amicrophonearray. Theone
usedtill now for MIMO measurements a spherical 32
channel microphone arrayproduced byMH-acoustics,
7. CONCLUSIONS AND FURTHER RESEARCH calledEM32 Eigenmike®, available onthe marketsince
10 years The plan is toreplaceit with a new spherical
microphone array made by the sampmeducer called
EM64 Eigenmik&®. As the name suggests, this is
equipped of 64 capsules, mbed on aigid sphere of the
same diameter as the original EM32,sagwn inFigure
17. This new systm is equipped with digital audiobus

Alongside the aim of faithfullgapturingthe physical and
acoustic characterissoof a room one of thegoals of
SIPARIO projectis to perform the auralization of these
venues

This can be performad on lowcost personal virtual reality

systems (heathounted displays plus headphones), as DANTEE , able to managall the 64 channelson a
shown inFigure 16.

standard Etherneatableconnecéd directly toa computer
withoutthe need onyaudio interface (such as the EMIB
which wasrequired by the EM32

Figure 16. Representation ofcoustic virtual reality.
Photoby Shutterstock Studio, 2018

The auralizationhas the primarygoal of providing an
immersivelistening experiene to people that have never
attended suchive performancesin such a wayto be
virtually presentin a theatreusing inexpensive devices
suchas asmartphonea set otheadphones and a Google
Cardboardvisor. ) ) , ) .
Furthermore the constructionof a high quality listening ~ DeSPitenotbeing availablg/etat the time ofwriting, and
roomandthe availability ofHOA MIMO IR matriceswill hence not haV'”Q been tested ybg exp_ectgd re_sults of
make it possibléo performareattime auralization of live e new EM64 Eigenmike®should providesignificantly
music by giving the performer the same acoustical improved spatial resolution, with HOA signals up t 5
feedback as wheplayingor sngingin areal theatre. order (36channels)

The previously describedsystem makes itpossible to

measureghese MIMO IR matrices, which can be uged 8. ACKNOWLEDGMENTS
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A extending thdrequency responss the source

Figure 17: EM64 Eigenmik&® (by MH-Acousticg



