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Abstract

In this thesis the analysis of measured directigpatialimpulse responses and their re
synthesis with improved spatial imaglearpnesss discussedFor both thedirect sound
and early reflectins, the time of arrivalis determined by the detection of transients o
curring in the impulse responses. Seveagbroachesre compared. Further analysis
and resynthesidgs based on the principle of Directional Audio Coding @m). In the
analysis phasehefrequency dependedirectional information of the transients and the
diffusenessof the signalsare establishedby means ofenergy calculations. The ngea
ured results are compared with a reaooustic simulation. Furthermore, it is shown
that the SondField SPS200Ambisonics B-Format microphoneusedin this thesis,
shows deviations thedirectiondetection of source positions due to diffares inre-
cording quality. These deviations occur at higher frequencies, when half the wavelength
of the incicent sound fieldcoincideswith the distance between the microphone-ca
sules, or the sound incidene45°. The databtainedfrom the analysiss appliedto
the resynthesisDuring re-synthesisencoding of the impulse responseshigher order
Ambisonics is focused on particularlyThe nordiffuse pars of the impulse responses
arere-synthesizedhroughdifferent weighting of the Ambisonics channead thedif-
fuse parts are re-synthesizedndependentlyby decorrelation. Furthermore, a possible
transfeé of room acoustic propertieis discussed In additionto captumng both the
acoustic properties of theurceroom andthe reproductin room, additionalprovisions

and assumptionseed to be taken into account




Kurzfassung

In dieser Diplomarbeit wird die Analyse von messtechnisch erfassten gerichteten
Raumimpulsantworten und deren Resynthese mit verbesserter raumlicher
Abbildungsscharfe behandelt. Dfeitpunkte des Eintreffens von Direktschall und den
frihen Reflexionen in den Impulsantworten werden durch die Detektion von
auftretenden Transienten bestimmt. Mehrere Verfahren werden miteinander verglichen.
Die weitere Analyse und Resynthese basiert darh Prinzip von Directional Audio
Coding (DIrAC). Frequenzabhangig werden in der Analysephase die
Richtungsinformationen der Transienten und die Diffusitdt in den Signalen durch
energetische Berechnungen ermittelt. Die ermittelten Messergebnisse werd@memit
raumakustischen Simulation verglichen. Weiters wird gezeigt, dass das zur Aufnahme
verwendete Soundfield SPS200 AmbisonieB@dmat Messmikrofon Abweichungen in

der Richtungsdetektion von Quellpositionen auf Grund unterschiedlicher
Aufnahmequalitdrzeigt. Diese Abweichungen treten bei h6heren Frequenzen auf, wenn
die Halfte der Wellenlange des einfallenden Schallfeldes dem Abstand zwischen den
Mikrofonkapseln ahnlich wird, oder der Schalleinfallswinkel 45° betragt. Die gewonnen
Messdaten aus der Aygake kommen in der Resynthese zur Anwendung. Ein besonderer
Schwerpunkt innerhalb der Resynthese liegt in der Kodierung der Impulsantworten in
Ambisonics hoherer Ordnung. Die Niebiffusanteile der Impulsantworten werden
durch unterschiedliche Gewichtungerd Ambisonics Kanale resynthetisiert, die
Diffusanteile unabhangig davon durch Dekorrelation. Des Weiteren wird ein moéglicher
Transfer von raumakustischen Eigenschaften diskutiert. Neben der Erfassung der
raumakustischen Eigenschaften des zu uUbertrageRéemmes, als auch jene des
Reproduktionsraumes mussen zusatzliche Vorkehrungen und Annahmen getroffen

werden.




Table of Contents

1 Introduction 8
L L IMOTIVALION ...t ettt e e et e e e s et e e e e s smmme s e e e e e 8
1.2 AIM OF the TRESIS.....co oo e e e e e eeee e 9
1.30Uutling Of the TRESIS.....ciiiiiiiiiiee e 10

2 Ambisonics 12
2.1 Spherical Coordinate SYSTEIM........ccuiiiiiiiiiiii e 12
2.2 First-Order AMDISONICS .....coviiiiiiiiieee e e 14
2.3 Higher Order AMDBIiSONICS (HOA).....uuuuiiiiie et eeeei e meee e 17

P20 T8t 1= (oo T[] o o F TSP P PP PRPPPI 17
PR 107 B LT ol o Lo |1 o TR PP PP PPTTPPPN 22

3 Measuring Directional Room Impulse Responses 25
3.1 R0O0OM IMPUISE RESPONSES......coiiiiiiieeeeiietieeee ettt smme e eeeeeas 25
3.2 Exponential Sine Sweep (ESS) Method...........ccooviiiiiiiieniee 27
3.3 C0oINCIAENT MEASUIEIMEIL ... ...uuiiiiiiiiiiiieeeieeeiitti ettt e et e e e e e e e e e emer e e e e e e e e e e e e e e e e e e e aaanns 28
SUAMUMUTH e e e e e e e e e s e e e e e nnaas 30
B D CUBE .. et e e 33

4 Analysis Phase 36
4.1 Directional Audio Coding / Spatial Impulse Response Rendering..................... 36
4.2 ONSEE DELECHION. .....uuiiiiiiiiiiii ettt e e ees e 38

4. 2. IPTEPIOCESSING ....ciiiiii i eeee et eeeeae bbb e et e e e e e e e e enne e 40
4.2.20NSEIAPPIOACNES .....eeiiiiiiiie e 41

4.2.3PCaK PICKING. ... .iiiiiiiiiiie e ee ettt e e e e et mmmr s e e e e eeat e e e e e esnnmrenaen 50




4.2 A0NSEE COITOCIION. .t e e e ee e e e e e e e e e e e e 53

4.3 Directional ANAIYSIS. ... .coouiiiiie et 55
4.3.1SigNal PreProCESSING ......ccciiiiiieeiiiiiiiitimmme e eeeeee et e e eeernnar s e e e aeeaaaes 55
4.3.2AuUditory FIlterDank .........ccooeeeiiiiiiieieeeeee e 57
4.3.3INTENSILY VECIOIS ...ciiiiiiieiiiiiiiiie sttt e e e e e e srnese s s e e e e e e e e e e e e e e e eeeanees 59
4.3.4DiIrectional RESUILS.........viiieiiiee e ereee e e e eeeeeeeee 63

4.4 DiffUSENESS ANAIYSIS.....uuviiuiiiiiiieie e e e ceeeiis s e e e e e e e e e et et et eees e e e e eeeaeeeeeeeeereeenesnnne s 81
4.4.1nstantaneous ENergy DENSILY........coeiiiiiieieiiiiieeeiee e eeeeeeeeeeeeeee e 81
4.4.2DIfTUSENESS RESUILS.......coiiiiiiiiiiii e e e 82

5 Synthesis Phase 85

B, L PrEPIOCESSING .. .ccci i i e e eeeeeee et eeee et ennnr 86

5.2NON-DIffuSE SYNTNESIS... ...t e e 88
5.2.1ANGIE INLEIPOIALION.......eeeiiiiiiiiiii e 89
5.2.2Higher Spatial Order Reproduction...............uuuuiuiiiiccsreeeeeieiiceeee e eeeeens 91

5.3 DiffUSE SYNINESIS. .. iiiii it 93
G T 1 LT ol o] 4 £ =] F= 1[0 o 94
5.3.2Diffuse Higher Spatial Order ENCOAING..........coovviiiiiiiimne e 97

5.4Room Acoustics Transfer Approach.........cccccoeeiiiiiiceeii e 98

6 Summary, Conclusion and Outlook 100
7 References 103




1 Introduction

1.1 Motivation

With regard to visual impulses, humans lmgdted to the frontal directionwith aural
stimulus, it is however possible to detect and localize sources from any dir&ctem

tional hearing plays aonobtrusivebut important role in daily lifelt is however also
becoming increasingly important ithe presentation and perception of music in every
way imaginableThe ability to discriminate between incoming sound events iitgit
direction isquite precise but alsothe ability to identify vether a source is located in
front, behind, below oaboveis possibleHearing in threelimensionsvorks well and
spatial properties and aspects significantly influence the pleasure of list€Ehmdjs-

tener is able to roughly estimate the properties of the acoustic environment anskcan di
tinguish whethemusic is performed in a small room, a large reverberant room or even

in an anechoic environment.

Researcing spatial analysis and spatial-cemposition is motivatethy practical ra-
sons.In particular, in more modern productions, with @us on thecomposition of
eledronic music, integrate spatial sound design, and spatial effects are attributed to
great importanceSound rendering techniquesch asAmbisonics(cf. [1]) havebeen

shown to preide great improvements for such applications. This rendering technique
simplifies the adaptation to various loudspeaker layouts at different event locatjons
failing to considerany further changes to the defined sound object sjiaee
trajectoriesHowever,several realizations of such perceivable trajectories depend on the
concrete available room acousti€ften, compositional effects and ideas can only be
realized with difficulty, due to the differences in room acoustics of various performance
spaes.Special and additionathearsalsre requiredwhich often stress the budgein

many situations this means that an adaptation of the desired compositional effects, to the
environment cannot be realized. To overcome this problem a practical sadotold

be required to provide composers the ability to examine the targeted acoustic sound

scene.




1.2 Aim of the Thesis

Theam of this thesis is twofoldOn the one hangpatial analysis and+@mpositionof
directional room impulse respongssisedo increaseand improve thapatial represe
tation of thesound field On the other hand the same techniqeess be usetb transfer

the naturatoom acousticrom a given event location to another roffAgure 1.1).
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Figurel.1: lllustration Room Acoustics Transfer

Both the targeted room, and the room from which the acoustic properties are B be ca
tured must measured and analyz&doudspeaker array is required to render the results
in the reproduction rooniThe excitéion of thelocation where the acoustic properties
areto becaptured can be realized wilsingle loudspeakesampling the evalued e-
closing surface at several defined positifi|s Various different approaches twow to
determine and extract the position of a sound source in three dimensionalbsisacke

on multrchannel measuremenexist already3] [4] [5] [6]. In this thesis the analysis

is based on coincident measurements uaiBgFormatrecording from a conventional
first-order Ambisonicamicrophone.Directional room impulse responses are measured
from various loudspeaker positions, characteristic of the various reproduction systems.
In order to analyze the rod@manpulse responses is essential to know where thé d

rect sound and the discrete reflens occuy andwherethe diffuse sound prevails. In
the case of music information retrieval, onset detection is a well known method-to ch
racterize features in audio signals (rhythm, pitch, segmentation, harmony,/e{&)

[9] and it is used in thithesisto detect and localize the discrete reflections signifid

an increases otemporal focuse@nergy.The diffuse part will be modelledy direc-

tional, frequency dependent and thenolving acoustical energy measurksthe case




of (Higher Order) Ambisonics reproduction systems, the results are combined &to a d
coding procedureot reproduction and as a means to transfer these results to tise acou

tic space.

1.3 Outline of the Thesis

In chapter2 the Ambisonics approactowardsencoding and decoding dirst-order
Ambisonics as well as higher order Ambisonics (HOA) is discussed. The spherical

coordinate system is establishadhis thesis.

Chapter3 provides a brief theoretical insight into the structure and function of roem i
pulse responses. FurthermaxJMUTH and CUBE, the two analyzed rooms are-pr
sented with their geometric properties and their 3D Ambisonics smnttkring sg-
tems.The topic of coincident measurements and the procadsedfor recording the
directional room impulse responsesaddressedith regard to thdirst-orderAmbisan-

ics approach.

Chapter4 describes the analysis phase of directional room impulse responses-re
ordedin both roomsThis chapter gives short introduction into Spatial ImpulseR
sponse Rendering (SIRR) and Directiodaldio Coding (DirAC) approachesvhich

are the basic approaches used in this thegsisoWs onset approachase applied and
comparedto find relevant sound evenis the individual impulse responsaad hence
direct sound and refléons The directiorof arrival is analyzed at these special events
and the diffuseness is determined in these regkinally the results from the direction

and diffuseness analysis are evaluated and presented.

The different steps otfhe synthesis phaseegardingthe measured room impulsesre
ponsesandaccording to thebtainedanalysis datare presented in chapterThe m-
plementatiorof the nondiffuse part€o a higher spatial order reproduction andsie
thesis of thaliffuse partsvia a decorrelation method are specified. Finally,approach

for thetransfer of acoustic properties from aeemto anothelis discussed

10



Chapter6 gives a summary of what has been achievedamndutlook onfurther m-

provements and processing.

Thewhole algorithm implementation is carried out in MATLAB

1 MATLAB is a trademark of The MathWork Inc.

11



2 Ambisonics

The Ambisonicsapproach describesmultichannelsystem for encoding and rendering
a 3D sound field10] [11]. The Ambisonics approach wdsvelopedorimarily by Mi-
chael Gerzor12] and is oftermentionedalongsidethe decomposition of sound fields
in spherical harmonics. It provides the ability record and reproduca periphonic
sourd field. It is assumed that both in the recorded amthe synthesized system only
plane waves occuand his is generally the case when the sound sources are far enough
away from the listening positioifhis assumption greatly simplifies the calculatioms
the summation of the recorded sound waves from diffdoerdspeakes at a certain
point in the listening area, ideally in the origin of the coordinate sydtemase of 3D
the sound waves are represented in a spherical coordinate system (se& S@ckoat
designs and implementations of Ambisonics encoding and decoding usedlirsinly
orderAmbisonics. The sound field encoded into four channels and is known as the B
Format.Regardless of thibudspeakesetupthe spatiafoominformationof the recod-

ed soundn the Ambisonicsapproachs encodedogetherwith the soundtself. In this
casethe order of Ambisonics indates the accuracy efcoding. The higher the order,
the more precise the direction can be determiBeth first-order Ambisonics and B
Formatrespectivelyis described inextion 2.2 Higher order Ambisonicss thendis-

cussedriefly in section2.3.

2.1 Spherical Coordinate System

Throughout this thesis and for further calculati@rspherical coordinate system as
shown inFigure2.1 is introducel for a sound field descriptiofhe origin of the cooe

dinate systens the poinfrom whichthe sound field is describeshd analyzed.

12



Figure2.1: Spherical Coordinate System

Each point on aphericalsurface idefinedby the azimuthangled, the elevationangle
@ and theradiusr in thesphericakoordinate systenihe transformation from spherical

coordinates t&artesian coordinates can be deritredn

x cos 6 cos @

Y |=r| sinfcose (21

7 sing
where the azimutlngle® is defined in the rangkn, n] and theelevationangle in
the range[—g,g]. The reverse transformation in tephericalcoordinate systeroan be

performedby the following equations

JxX?+y?+2z2

T
0] = atan2(y,x) (2.2
@

atan2 (Z, VX2 + y2>

where the tweargumenttan?2 functiors areprovided to eliminate quadrant confusion.

13



2.2 First-Order Ambisonics

Recording a sound field in three dimensigmeves to be alemanding undertaking
Ideally the microphones have to beasmged coincideht for spatial recordingoutit is
not possibldo place the capsules exactly the same pointin Gerzon[13] [14] an @-
proach tosolve the geometric problem by developing a microphone withdardioid
microphone capsules in t@trahedralarrangemenis presentedThis microphoneis
composed of four capsulesachwith a cardioid directional characteristiavhich lie
very close together anake arranged orthe verticesof a regulartetrahedron pointing

outwards A possible arrangement is showrHigure?2.2.

Figure2.2: A-Format (left: Tetrahedrahicrophonedesign[15], right: Coincidentcardioid

representation ispherical harmonicgl 6])

In this arrangement, the microphone capsules ar@naectselycoincident, but they are
equally norc 0i nci dent i n each axisod6 direction.
tion of the norcoincident responsil6]. The recorded sound field is availaltefour
channelsasrequired forfirst-order Ambisonics the socalled A-Format (LFU, LBD,

RFD, RBU)[15]. Table2.1 shows the orientation of the four microphone capsules.

14



Capsule Azimuth Elevation

LFU (left-front-up) 45° 35.3°
LBD (left-backdown) 135° -35.3°
RFD (rightfront-down) -45° -35.3°

RBU (right-backup) -135° 35.3°

Table2.1: Capsule orientation in degrees for theFormatfirst-order Ambisonics mico-
phone[16]

Since each of the capsules hasaadioids patternall the recorded sound will bie
phase.Simple calculations cabe performed on thes&-Format signalgo transform

theminto the common Brormat signalgeq(2.3)).

W'’ = LFU + LBD + RFD + RBU

X' = LFU + RFD — LBD — RBU
(2.3)
Y’ = LFU + LBD — RFD — RBU

Z' = LFU + RBU — LBD — RFD

B-Format

Both A-Formatand B-Format Ambisonicsare composed of four signal3hus afirst-
ordersound field representation is givemhere a minimum of four channels is needed
for a 3D reproductionThe firstW-channeland thus the zerorder, referto theomnk
directional signabnd representhe pressu of the recorded sound fieldio complete
the first-order Ambisonics representation, the three other signals have a-fifnaight
characteristigointing inthe directionof thex, y, and z axigroportional to the sound
particle velocity component$hey are called the-XY- and Zchannet and contain the
direct information of the recorded sound field according to the three spatialfaxes

graphical illustration of these fourBormat signal responses is giverFigure2.3.

15
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Figure2.3: B-FormatFirst-Order AmbisonicsPatterns(cf. [16])

As mentioned abovedeally, the microphones should be plaetthe same positiarin
the case of B~ormat recordings this is hard to realize with omiimectional and figure
of-eight characteristic microphoné&herefore, the natural sound field is recorded in A
Formatfirst, and then transferred into-Bormat.The corresponding calculation is given
in eq(2.3). These signals afeowevernot the required output signasdaretherefore
denoted here with aapostropheFurther filtering isobligatory The required complex
mathematicalvorkings for this filtering will not beexplained in more detaibecause
the SoundFieldmicrophone usedor this thesis(see sectior8.3) provides a software
implementation for the conversion of the recordeBfdkmat into the BFormat signals.
More detailed explanations angimarksconcerning the filtersan be foundn [11] [15]
[17]. Eq. (2.4) shows thesimplemathematicaform for the B-FormatAmbisonics cha-
nels.

we
V2

X =cosfcos@ (2.4)

Y =sinfcos¢

Z =sing

Theseequationsare used to encode a sound source and represent the gains applied to

the sound fothe channes$ of the B-Format signal, Wwerethe azimuthd as well aghe

elevationg specifythedirection.The weighting of the \Wehannelwith the multiplier\/ii

16



is applied to obtain a more even signal level distribution withinAtimdisonicschan-
nels[18§].

2.3 Higher Order Ambisonics (HOA)

Higher Order AmbisonicsHOA) is considered an extension of fivst-orderAmbisan-

ics approach presented in the previaestions.The notationfirst-order suggests that

even higher order signals can be usedmbisonicssystemsHere the sound field is
decomposed into a es of spherical harmorsdunctions A higher orderentailsto a

larger sweet area and also results in a more accurate sound field reproduction at higher
frequenciesBut at the same time moleudspeakers and channels for the transmission

and storage are required.

The encoding and decoding process arepaddent of each othefhus, portability of
the encoded material is possilgieen without the knowledge of theudspeaketayout

in the decodingphase With an array ofaninfinite amount ofloudspeakers on sphere
anaccurate sound field reproductioan be achievedlhis ishowevernot realizable in
real world applicationdUsing a finite number of loudspeakearranged on a spherical
surface a good approximation of thariginal sound field can bebtainedfor the sweet
spot The higher thesphericalharmonis order, the more stable and more truthfully the
sound field can be mappsgatially[19]. Theencoding and decodingquess are brie

ly described in the following sectio2s3.1and2.3.2

2.3.1 Encoding

The goal ofAmbisonicsis to synthesize a copy of a recorded plane wave in a different
place[20]. This plane wave is then converted back into a real sound field by reprodu
tion depending on the loudspeaker positidhss necesary, during analysisto find a
closed description of such a plane waweingemitted by a monsource The encoding
phase describes the procedbyewhich amonosource includingdirection information

is described as a plane wave

17



By writing the 3D wave equation in the spherical coordinate system~(gaee 2.1),
andbased on the spherical harmaecomposition of the sound figelithe Ambisanics

representatiors obtainedThe mathematical formulation of the wave equation is shown

in eq.(2.5),
A+ kHpF,w) =0 (2.5)

where A is the Laplace Ogrator in spherical coordinatek,the wave numbewith
k =2nf/c = w/c andp the sound pressuréhe speed of sound is= 340 ? There-

fore the sound field can be written as the spherical FeBeesel seriegl1],

A =) (k) > Bim¥in(0,0) (26)
n=0

osmsn,o=+1

wherej,(kr) are the K order Bessel functianand Y,%,, arethe spherical harmorsc

functions whicharedefined ag11] [21]

cosmf foro=1

sinm6 foro=-1 2.7)

Yr?m(gi QD) = Npm - an(Sin 90) ) {
P, describsthe associated Legendre functions of omdandmodem [11]. Table2.2
lists a small selection of the associated Legendre functions up tonord8randmode

m = 0. For each orden there ar&n + 1 modes.

The spherical harmonids?,, form a set of orthogonal basis vectors. tBg appropriate
choice ofN,,,,, theorthogonal basis is normalizetio receive the who-normalized La-

lace spherical harmoni@g,,, is defined as

B 2ntl  (n—m)!
Nom = (1) \/ A gm(n+m)! 28)

with &, = 1 ande,,, = 2 for m = +1 and wherd is the factorial.

18



n Pon(singp) m=0

0 1
1 sing
1
2 > (3sin2p —1)
1
3 5(5 sin® ¢ — 3 sin @)

Table2.2: Associated Legendifolynomials withOrder n andMlodem = 0 (cf. [11] [21])

The orthenormalizedspherical harmonicgy, up to third ordeareshown inFigure2.4
andlisted inTable2.3. For each order n andodem with 0 < m < n, various spherical

harmonies functions exist for both indexes= +1 [22].

w
N
-
o
-
N
w
v3

1
v Y;
" n )

Yaa Y2z a Yat

X & &

Figure2.4: SphericaHarmonics up td hird Order (cf.[11])




Order g a(SNBD)Z(B )

nm
1 1
0 00 AT
1 3
11 e - (cos 6 cos @)
-1 3
1 11 ~ |am - (sin 6 cos @)

10 - (sin @)

—
m

22 (cos 28 cos? @)

[E=N
BE
uFs

29 (sin 20 cos? @)

|
=y
|
B5E
~|a

21 (cos 6 sin 2¢)

N
L -
|
mm
Nm Sl

21 (sin @ sin 2¢)

1 5 1

20 E 5(3511’1 (p—l)

1 /7 V1o

33 yy= T(COS39 cos3 ¢)
-1 ’7 V10

33 ~ |z T(smS@ cos3 @)
1 7 V15

37 . T(cosZH sin ¢ cos? @)

-1 7 \/15
3 =2
32 e (sin 26 sin ¢ cos? @)

: 7 Y8 costcos (s 1)
31 a7 3 (cosOcosg sin? @

-1 /7 V6

31 ~ |2 T(sm@cosq)(Ssm @ —1))

1 701, _
30 E-E(Ssm @ — 3sin @)

Table2.3: Ortho-Normalized LaplaceSphericalHarmonics up td hird Order (cf. [21])

2 The exponent tag (SN3D) attached to the spherical harmonic fundifpnsieans that thesare the

seminormalized encoding functior&l].




Looking at the directioal information of aplanewavdront at the origin, he desired
AmbisonicschannelsB?,, (eg.(2.9)) can be epresented simply by multiplying thie-
ceived pressursignals with real encoding gaingf the spherical harmonid’,, in the
direction 6., ¢, from which the source radiates the plane wghg. This equation €-

scribes the Ambisonics encoding process of a spatialized signal.

Bim =s- Yri‘m(gsr (ps) (2-9)

Due to the complete description of the plane wawds possible to resynthesizethe
original sound field with a reproducing system. The series expansion is truncated after a
certain term because th@nsmissiorand reproduction of an infinite number of oha

nels is not possibl&he L transmission cinnels are determined by the Ambisonics o

derN according to the following equation in tB®:
L3P = (N + 1)? (2.10

Due tothe truncation of theeries expansigm loss of information occu@ndthe plane
wave is not completely representabifeorder to avoid reconstruction errptise repo-

duction system should exhilit> (N + 1)? loudspeakers.

Combining all the achieveAmbisonicschannelsthe reduced Ambisonics sound field

can be rewritérom eq.(2.9) in avectorrepresentation
B=s;"Y(0; ) (2.11)

The individual channels of the Ambisosisound field are denoted by the lettef the

alphabein the following form:

By

Bi
B=|B|=

Bi,

(2.12)

N < XS

By usingsuperpositionan Ambisonicssound field of a specific ord&an containany

number ofvirtual sound sources with consistent propertiasadding severaAmbisan-
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ics sound fields eachwith different soundsources at arbitrary positions, the resulting

sound field is a representation of several virtual sources.
k
B =) s Y(0,0) (213

i=1

for k sound sources.

2.3.2 Decoding

In a further step, the describpthne wavas converted back into a real sound field with
a loudspeaker arrayhe encoded sound field can be reprodundtie sweet spaif the
reproduction system by superposing a set of loudspeaker sifhagrocess is called

decoding.

The aim of an Ambisonics reproductiosystem isto re-synthesize the original sound

field S as accurately as possiblée following applies:

SAnalyse = SSynthese (2- 14)

Accordingly, the relationshigbetween the encoded sound field of a single source and

the resynthesized sound field can be writgen

L
S V(000 = ) 11 Yim(01,01) (219
=1

wherep; is the signal of thélloudspeaker at directiof}, ¢;. This can be rewrittemto

thecompact matrix form as
B=C:-p (2.16)

wherep represets the loudspeaker signals wiph= [p;, p,, ps3, ..., p,]T andthe decad-

ing matrixC, containing the decoded loudspeaker directng;, with
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Y010(91, ®1) Yolo (62, 92) ... Y010(9L; ®L)
Y110(91' ®1) Y110(92; ) .. Y110 (6L, o)
€= Y1_11 (61, 01) Y1_11(93; ®3) .. Y1_11 (6L, ¢1) (2.17)

YA;I\1/I(91'(p1) Yﬁzlw(ez;fpz) YI\;1\1/I(9LJ(/)L)

By reshaping e((2.16), thesignals to drivdoudspeakers can be obtained by inversion

of the matrixcC.
p=C'B=D-B (2.19)

for N = L, where thanverted matet C~1 is referred to as the decoding matixHow-
ever generallyN # L, and thus the loudspeaker signgksare achievedby using the

pseudeinverse ofmatrix C as mentioned in e@2.19)
D = pinv(C) = CT-(C-cMH1 (2.19)

To ensure that the contained directional informationtainedn the Ambisonics cha
nelsreman afterdecoding, the number of loudspeakemust be greater or equal to the

number of Ambisonics channdls.
L>M (2.20)

Optimal decodingpccuis whenM Ambisonicssignals are decoded to the= L louds-

peakerqcf. [11] [19]), thus the sound field representation error is minimized.

In general the higher the Ambisonics order is chosen,rtiege accurate the repraciu
tion and the smaller éhaberrations of sound sourcés.[2] and inFigure 2.5, Zotter
shows the relatiomsp between the Ambisaes order and theorrespondingspherical
beamwidths. In the right illustration, theharacteristics ofhe spherical main and side
lobesare showraccording to the Ambisonics ordefsis clearly visiblethat hie width
of the main bam with increasing order significantly narroweras welland thusin-
creases thsharpness olocalization. In the right illustration, the correspondimg@in

lobewidthsof certain weighting factors of the sourme shown
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Figure 2.5: BandLimited Spherical BeanwWidths (left: characteristics of basiehited
spherical beams, rightorrespondingnain lobe width) 2]

The resaltion or order of the system plays a major role in terms of localizatidnis
likewise shown in[23]. Here,usingthe case of a 2D mbisonics3rd order system it is
shown that by weighting therders a stability of the localizatiomccursand thus the
consistency of theeproductionshould be increaseddowever, weighting theorders
leads to expansion dhe source whichin turn leadso morelocalization blur. An m-

crease in the Ambisonics order wdwounteract this effedi23]

Ambisonics is a coincident recording processere due to the physical size of maer
phonesonly limited complex microphone characteristiesist Thus, with this method,
the recordng of real sound fields with orders greater thais bnly possiblewith me-
thodwith limitations(seesection3.3). However, asleducedrom syntheticaly generé&
ed sound fieldsthe limiting factors arecomputing powerthe number of transmission
channels and the physicallyudspeakersavaileable The required number of transni

sion channels is derived frotine realized systemrder. [24]
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3 Measuring Directional Room Impulse

Responses

In addition to measumeentand analyze of directional room impulse responsis a
room, oneaim in this thesis is theeproduction and transfer of natural room acoustics
from one room to anothefrherefore an acoustic masurement procedufer thetrars-

fer of the acoustic properties appliedto bothto the sourceandto thetargetroom As a
concrete example the two roorsslectedfor the procedure are the concert hall in the
MUMUTH (House of Music and Music Theatre) and the IEMBE (Institute of Ele-
tronic Music and Acoustics) at the University of Music and Performing Arts in Graz,
Austria. In both rooms an Ambisonics 3D sounddesing system for the upper hemi
phere is installedAn acoustic measurement procedure is appbeetrieve directional
room impulse responseshich are measured from every single loudspebétrin the

sourceand thetargetroom[25].

3.1 Room Impulse Responses

This section gives a brief introduction to room impulse respoff&ssn impulse rg

ponses are closely related to spatial impressions and the perception of sound in a room
or hall. In such environments the propagation of sound has a significant influence on the
auditory impression. The acoustic properties can be described by many pesaiete

[26] [27] [28] [29] several important asgts concerning the spatial impression have
been reported and various objective descriptive parameters have been developed.
formation from the cited references to describe the characteristics of room impgulse re

ponses are given in the following paragrsph

As soonasa sound source emits a signal in an enclosed racsound field ireated
out of the sound waves reflected from the walls, the floor, the ceiling and the objects in
the room. These sound waves copaek from different directionseachng certain -

sitions in the roomsuchas a listener or a microphone at different times. A schenhatic |
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lustration of an impulse response with the different regions of direct sound, eay refle

tions and reverberation is shownRigure 3.1.

direct sound
i

early (distance) reflections
reverberation

200 50 150

time in milligeconds

Figure3.1: Impulse Response lllustration. Direct sound, early reflections and revésherat

are shown[30]

Firstly the direct sound from the sound souocceurs followed by the first reflections.
After acertaintime, these reflections bame denser anduild up creating a reverbar

tion. The acoustic properties of a room are defined by these components, and thus infl
ence the way a sound is perceivedcontrast to the ambience, the direct sound is the
first sound wave which arrives at the listening or measuring position without having
been reflectedThe arriving of the first wave front as a direct sousdmportantfor the
determination of directignwhile the amhance is essential for thecoustic qualityof a

room.

The early reflections have different effects ondditory impresen depending orthe
sound eventTheauditory impression depends on the delay tithejntensity, and the
directionsof early reflectionsThe time frame in which reflections are considered to be
early reflections varies between 50 ms and 80 ms afteditbet signal, depending on
the referenced literature, and is influenced by the size of the rDoenteflections are
important for the clarity of the sound impression as well as the perceptgpacbs-
ness In particular, the first reflection plays amportant role. The later it arrives after

the direct sound the bigger thomis perceivedo be

The late reflections occur about 150 ms after the direct sound and form the r@verber
tion. They are responsible for the enveloping effect. The reverberatassociated with

the diffuseness in a sound field.diffuse field consists of an infinitamountof unca-

26



related plane waves from various directiohisis meanghatno energy flows in anyid

rection and thactiveintensity is zero.

3.2 Exponential Sine Sweep (ESS) Method

Various methodfor measuring room impulse resporesaéstand d make use of diffe

ent excitation signaldt is importantthat the excitatioprovide sufficient energyat all
desired frequenciethatit be deterministic anceproducible Established excitation i
nalsare he Maximum Length SequenddILS) with a pseudorandom binary sequence
similar to white noise, the Time Delay Speatetry (TDS) with a linear sweep and the
Exponential Sine SwediESS)with an exponential sBe sweepThere are plenty of gt
dieswhich deal withthe advantages and disadvantagethes$edifferent method$31]
[32). For the measurementstbie roomimpulse responses in thisesisthe ESS method

according to Faring33] [34] wasselected.

The relationbetween the excitation signal ahdne the recorded signal is given hy |

near convolution
x(t) = s(t) * h(t) 3.1

wheres(t) is the excitation signah(t) the room impulse response anthe convol-

tion operator.

The ESS excitation signal calculatedas

w T L on(@2
s(t) = sin|— - (eT 1n(w1) - 1) (3.2
]
with w = 2nf and with the start frequendgy Hz at a timet = 0 and the stop frequency
f, Hzatatimeg =T.

To obtain the impulse responskeconvolution must be carried puthichis appliedby

means otheFast FourieTransformation (FFT) as follows
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fft(X(t))> 33)

he) = iff (m

Note s(t) is of lengthN, andh(t) of lengthN;,, thusthe resulting signat(t) from eq.
(3.2) is of lengthN, = N + N, — 1 after convolution. To allow the deconvoluticH-

culation in eq(3.3), s(t) must be zergadded tav, samples.

Fregquency (Hz)

Figure3.2: Exponential Sine Sweep

The usedexponential sine sweep shownin Figure3.2 andconsists of a lengthi = 4 s

and afrequency rangéom f; = 0 Hzto f, = 22 kHz.

3.3 Coincident Measurement

To characterize the acoustics of natural rodmasic standard measurement procedures
such adSO STANDARD 3382 and ISO STANDARD 1823&ve been formulatedo
measure and analyze room impulse responses with only a single undirected microphone
is however insufficient with regard to the direct resolutad incoming sound events.
Coincident microphone setups represent a good approach to capture sound from a single
source in the same phase by all microphoAesoincidence measurement is obtained

with a coincident microphone arrangement in which two orencapsules are places

close to each other as possiblais hasthe advantagéhat there isio time differences
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betweenthe measurements of the different capsuldé® principle here is to use level
differences caused by directive microphones oriemedifferent directions for the
acoustic source localizatiods previously mentioned in sectio.2, Ambisonics B
Format is onesuchoption for concident measurementdowever,recordingfionlydo i n
first-orderformat does not providsufficient directional resolution results the dire-
tivity patterns are still too broad to recdsdsicallynon-diffuse soundThe ideal case
would be a coincidentesup where the microphone orientation corresponds to the-loud
peaker configurationOne microphonedr each loudspeakewherebyonly the direct
and nordiffuse sound would be picked up and reproduced through an adequate loud
peaker setup close to the @t directionsBut the higher the number of required-m
crophonesthe higher the cost of suehmicrophone system artdussuch an arrareg

ment can hardly be achievd85]

Figure3.3: SoundField SPS20@icrophoné

Neverthelessmulti-channel coincident measuremeats appliedfo determine theot
cation of sound source in tlB® [25]. Theseprovide a basis for the directional rooes r
sponse measurements in this thesid for the aim of the fgynthesis to higher order

reproduction (see chapt®y.

A SoundField SPS200 microphometh its multicapsule microphone unit shown in
Figure3.3 is used as a measuring instrument to capture the spatial impulse responses
this caseThis microphone is aaposed of four capsulesachwith cardioid directional

characteristi¢ which lie very close together and are arrangedhanverticef a regular

3 www.soundfield.com
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tetrahedron pointing outward&f. Figure 2.2, left). The SoundField SPS200 nuer
phone is able to deliver a recording of the spatial impulse respons&annAatwhich

can be cowerted by matrixing into thefirst-orderAmbisonics BFomat[17] with four
channels (see sectior2.2). The W-channel represents an onthiiectional channel and
the X-, Y- andZ-channels have the directional pattern of a dipole, organized orthog
nally to deliver the sound information correspbng to axes in the Cartesianordinate
system(see sectiorz.1). However, several other arrangements providing the possibility

to determine thespherical harmonicsepresentation at the origin are adeqUiaé [37].

3.4 MUMUTH

The firstroom to be analyzed, tis®urceroom,where the directionabom impulse re-
ponses are captudées the concert hall in thelUMUTH. An Ambisonics 3D sound re
dering system equipped with 29 loudspeakers is installed in the concewithathe
room dimensions from approximéte32x17x11m®. The appropriate layout igisua-

lized ina simpk shoe box model ifrigure3.4.

Figure3.4: Loudspeaket.ayout in the MUMUTH A simple shoe box modelf the concert

hall showingthe 29 installed loudspeakefsom the Ambisonics reproduction sgm

The coordinates of the 28udspeakersat the momenthe impulse response measur
mentsare carried outgan betakenfrom Table3.1. The positions are denoted by Gart

sian coordinates and spherical coordinates. During the measurethen8undField
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microphone was located at a height ¢f ineters at theenterof the hdl and the loug-
peakers were directed towards to the sweet Jputs the position of the microphone

with the center of the loudspeaker arrangement coincide.

Cartesian Coordinates Spherical Coordinates
Loud- . .
Rig speaker X[m] yim] z[m] z*[m] Eleiv a}’tlon AZ|m°uth
Number 0] dr’]
upper center 1 0,000 0,000 7,000 5,800 89,3 -
upper 2 -0,358 -2,674 6,594 5,394 63,4 -99,0
3 2,910 -1,875 7,000 5,800 60,5 -33,9
4 3,067 1,258 6,747 5,547 59,1 22,8
5 0,258 2,674 6,594 5,394 63,5 85,5
6 -2,910 1,875 7,000 5,800 60,5 147,9
7 -3,067 -1,258 6,747 5,547 59,2 -157,9
middle 8 -3,233 -6,239 6,500 5,300 35,2 -117,7
9 1,753 -6,588 6,500 5,300 36,0 -75,1
10 6,298 -5,258 6,758 5,558 33,5 -38,2
11 6,825 -0,832 6,198 4,998 36,0 -7,1
12 6,298 3,363 5,885 4,685 32,5 26,5
13 3,233 6,239 6,500 5,300 35,2 62,9
14 -1,753 6,588 6,500 5,300 36,0 105,3
15 -6,548 5,258 6,758 5,558 33,5 141,6
16 -6,825 0,832 6,198 4,998 36,0 173,1
17 -6,548 -3,363 5,885 4,685 32,5 -152,7
lower 18 -4,738 -6,675 3,265 2,065 8,0 -125,4
19 -0,389 -6,675 3,418 2,218 8,0 -93,7
20 3,381 -6,675 3,015 1,815 8,0 -63,5
21 10,125 -5,258 3,165 1,965 8,0 -27,7
22 11,400 0,000 3,181 1,981 8,0 -0,1
23 10,125 5,258 2,362 1,162 8,0 27,4
24 4,738 6,675 3,265 2,065 8,0 54,5
25 0,389 6,675 3,418 2,218 8,0 87,0
26 -3,381 6,675 3,015 1,815 8,0 1175
27 -10,125 5,258 3,165 1,965 8,0 1527
28 -11,400 0,000 3,181 1,981 8,0 -180,0
29 -10,125 -5,258 2,362 1,162 8,0 -152,6

Table3.1: LoudspeakePositions in Cartesiaand SphericaCoordinates, MUMUTH

Table 3.1 ranks the loudspeakers according to their arrangement. The setup is divided
into three rigsat different heights plus one loudspeaker in the cembeatedexactly
above thamicrophone. This loudspeaker is dencésthumber one, followed by theu

per rigwith six loudspeakers, then the middle rig with ten loudspeaker§iraily the

lower rig with twelve loudspeaker$he positions are given in Cartesian and spherical
coordinates. Note, theaordinates without the * atbe distancérom the ground and

the zcoordinates marked with the * aitee distancérom the microphone positiori,2

meters above the ground.
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Figure3.5: B-FormatRoom ImpulseResponsesfter Deconvolution,LoudspeakeNumber
1, MUMUTH. (first: W-channel, second:-Xhannel, third: ¥Ychannel, fourth: Zhannel)

To obtain the acoustic properties of the room,dpatialimpulse responsesom each
loudspeakemwas measuredThe exponential sine sweep methoéntioned insection
3.2was chosemndthe excitation signalisedis shown inFigure3.2. The resulting g-
nal, which was recorded at the measuring point, represents the sweep that was played,
convolved with the impulse response of the HBdl.determine the impulse responses,
the measured sound pressdigtributionsweredeconvolvedvith the known excitation
signalin frequency domairkigure3.5 shows an example of thecordedroom impulse
response in Ambisonics-Bormat from the loudspeaker numbeinthe MUMUTH. In
the first illustrationthe Wrsignal followed by the X Y- and Zsignak for approximag-

ly the first200 msis plotted.Takingthe different scaling of the amplituslento account,
one can see that the masttheenergyis foundin thefirst sound event and thus the d
rect sound at the-ghannel.This is obvioudy dueto the fact that the loudspeaker pos

tion is exactly above the microphone.
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3.5 CUBE

The second roonthe reproductionroom where the acoustic properties from thel-M
MUTH are tobe transferredo, mustbe measured and analyzethe CUBE is a ne-
dium-sized concert halisedmainly for the reproduction of electaroustic musi¢39].
The room isapproximately 10x11x5 frand isequipped with an Ambisonics 3D sound
rendering system carsting of 24loudspeakerThe appropriate layout is visualized in a
simple shoe box model ifrigure3.6.

Figure 3.6: Loudspeaketayout in the CUBEA simple shoe box modelf the medium
sized concert haBhowingthe 24 installed loudspeakers from the Ambisonics reproduction
sydem

Again the single positisof the 24 loudspeakers are listedlable3.2 in Cartesian and
spherical coordinate§.he 24 loudspeakers are arranged in three rigs where the lower
rig consists of twelve loudspeakers, the middleofigight and the upper rigonsists of
four loudspeakers. The-coordinates in the table denoted with tharé the distance

from the microphone position 1,2 meters above the ground during the measurements.
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Cartesian Coordinates

Spherical Coordinates

Rig Lo[tljlcjifnpbe;ker X[m] yIm] 2[m] 2+[m] Elelzjvat]l?nA Az&mlit[h A

lower 1 4,635 0,000 1,341 0,141 1,7 0,0
2 4,600 2,023 1,381 0,181 2,1 -23,7
3 4,113 4,596 1,401 0,201 1,9 -48,2
4 1,574 5,028 1,405 0,205 2,2 -72,6
5 -1,289 5,553 1,406 0,206 2,1 -103,1
6 -4,376 3,873 1,358 0,158 15 -138,5
7 -4,636 0,016 1,371 0,171 2,1 -179,8
8 -4,331 -3,860 1,353 0,153 15 138,3
9 -1,068 -5,533 1,400 0,200 2,0 100,9
10 1,821 -4,943 1,376 0,176 1,9 69,8
11 4,481 -4,456 1,387 0,187 1,7 44,8
12 4,711 -1,850 1,385 0,185 2,1 21,4

middle 13 4,230 1,766 3,828 2,628 29,8 -22,7
14 1,806 4,441 3,938 2,738 29,7 -67,9
15 -2,189 4,873 4,173 2,973 29,1 -114,2
16 -3,624 1,476 3,478 2,278 30,2 -157,8
17 -3,602 -1,577 3,493 2,293 30,2 156,4
18 -2,055 -4,782 4,160 2,960 29,6 113,3
19 1,925 -4,210 3,854 2,654 29,8 65,4
20 4,223 -1,767 3,771 2571 29,3 22,7

upper 21 1,368 1,456 4,423 3,223 58,2 -46,8
22 -1,252 1,324 4,153 2,953 58,3 -133,4
23 -1,267 -1,342 4,142 2,942 57,9 133,4
24 1,399 -1,325 4,392 3,192 58,9 43,4

Table3.2: LoudspeakePositions in Cartesiaand SphericaCoordinates, CUBE
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Figure3.7: B-FormatRoomImpulseResponses after DeconvolutidmudspeakeNumber
1, CUBE (first: W-channel, second:-Xhannel, third: Ychannel, fourth: Zhannel)
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The same impulse response measurement techagjuas useth the MUMUTH was
applied.Figure3.7 shows an example of the measureBd@mat room impulse response
from the loudspeaker number 1 in the CUBE. This loudspeaker is positioned per defin
tion in alignment with the Jaxis. Once g@ain whenthe different scaling of the anipl
tudes is taken into accounbne can see that theckannel exhib#& the most energpf

the direct soundneasuredrFor further analysisf the directions of incoming sounds see
sectior4.3.
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4 Analysis Phase

4.1 Directional Audio Coding / Spatial Impulse Re-

sponse Rendering

Spatial Impulse Response Rendering (SIRR39] [40] and Directional Audio Coding
(DIrAC) [3] [37] [41] gives an insight into the recent techniques forréproduction
and transfer of natural room acoustics with a multichannel loudspggkemThe s@-
tial perception of human hearing is determined by the direction of arrivatliffose-
ness and the spectral and temporal properties of the sound4f@&ldThe Dirac -
proach takes these aspects into accounisahdsed on aanergyanalysis of the sound
field and is a welprovedtechniquen spatial soundeproductior5] [36].

The DirAC process is divided into two parts. Firstananalysis phasehe directionof
arrival and the diffuseness of a sound fiald estimateth auditoryfrequency bands as
a function of time measuredat a sirgle point. The resulting metadata of the analyzed
roomis transmitted asn additionalinformation together with one or more audio tha
nels for a reproductioand resynthesisof the sound fieldThis data can then used in
another room with a multichannel loudspeaker system for exa®get®nd, in the o
lowing synthesis phase the recordsalnd is split up in two parts, the ndiffuse
stream and the diffuse streairhe nondiffuse streamcontainsdirectionalinformation

of the incident sound and issed to creatpoint-like virtual sourcesThe diffuse part
consists of the diffuse sound possible noise in the measungdceand issynthesized

by decorrelation

The SIRR techiguediscussed i139] [40] follows mainly the same methodology axl
based orDirAC. Whereas the DirAC approadh particularlyconstrued to analyze and
re-compose high quality applicahs such as music reproductionetSIRR approach is
especiallyscaledfor the analysis and reproduction ofatipl impulse responsehara-
teristic to short transientsound eventsThe signals are also subjected to a time

frequency analysim orderto retrieveinformationof the directionof arrivaland the dt

36



fusenesf sound.This is followed the extractionf spatial multichannel impulse se
ponseswhich can be tailored to any loudspeaker systemsneans of synthesiSIRR
is primarily a technique to reproduce such room impulse responses for conveling r
verberatorsHowever, there is a great similarity betwn thetwo methodsmentioned

above

Based on the SIRR method the following sections of chaptiscribe the analysis
phase and chapt8rthe synthesis phase from the measured directional spatial rgem re
ponses in the MUMUTH and the CUBE (see sec8ahand sectiorB.5).

The flow chart inFigure 4.1 displays a general overview of the performed stephim

analysis phase.

TIME-FREQUENCY ANALYSIS ENERGY
ANALYSIS _
Onsets _
o
. ( onset Detection] Azimuth 0 =
#| Onset Detection > o
B-Format |~ —r Direction and _ -
-Forma v Filterbank messesges| Diffuseness Elevation ¢ ol
Channels - usen :
: > Estimation Diffuseness g =
>
(7}

[

Figure4.1: Flow Chartof the AnalysisPhase A time-frequency analysis of theirectional
impulse response®corded in BFormatis performed followed by anenergyanalysis to

obtain the required metadata for the synthesis phase.

First of all, the measuredirectional roomimpulse responsepresentdin Ambisonics
B-Format go throughtime-frequency processind.he sound pressui@nd particle e-

locity measuredt one single point of the sound field is needed as a function of time and
frequency.Transientsandthusthe arrival of direct sound ant$ reflectionsare located

in the impulse responses using an onset detection prec&hweralapproachesvere
reviewedwith regard tathe efficiency and usefulness in this specific case and the most
appropriate methot selectedThe implementation is described saction4.2 andits
corresponding subsectiorased on the equivalent rectangular bandwidth (ERB) scale,
all microphone signals are dividedarfrequency bands for analysishich isexplained

in section4.3.2 Following this,the conditions for obtaininthe direction of arrival of
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the incident sound events and the diffuseness of the sound field gr@eegyanalysis

can bedesigned Thedirecional analysisand the diffuseness analysis with the results

are shown in the sectiods3 and4.4. The collected information and metadata (onsets,

the angles azimuth and elevation and the diffuseness parameters) are required for the
following spatialre-synthesisprocessin chapter5. All processes described in the-fo

lowing steps areperformedon all spatial impulse responsemeasuredfrom every
loudspeaker in thBIlUMUTH and the CUBHEsee sectio.4and sectiorB.5).

4.2 Onset Detection

Onsetdetectionis used to detedhe beginningof discrete events in acoustical signals
[7]. In this casehe short transient events in thgherical harmonicsepresent#on res-
ponsesnust be detectedrigure4.2 depictsthe definition of onset, transieahdattack.
An onset is defined as the point in time, where a significant chizaqgeensn the sg-
nal characteristicsThis point occurst the eginning of an event or a transiemhe a-
tackrefersto the time periodn whichthe amplitude envelopacreaseswhile the tran-
sientrefers to short intervals in which the signal evolves quickly in a-tvoral and wun-

predictable way.

attack

H .
- ransient

Figure4.2: Onsetlllustration[7]

38



Original

signal
| time
[ (optional) Pre - processing
[pre—processed] ¢
Audio
signal

Detection
function

Onsel********* *

S .
localization time

Figure4.3: OnsetDetectionProcedurd 7]

The general structure dfi¢ onsetdetectionproceduras shown inFigure4.3. In an @-

tional preprocessing step it is possible to accentuate important aspects of the original
signal for further analysis. The signal is transformed thoso calledletection fun-

tion, an intermediate representation of the signal itselivhich the following peak
picking algorithmlocatesthe most likely onsetandidates.

In thisthesisthe direct sound and the reflections from the measured spatial rgem re
ponses are determined Agonset analysisf the undirectedV-channel for each lowsd
peaker Several onset approach@ee sectiod.2.2 were applied and evaluated to get

an appropriatenethod for detecting the short transient events in the room impulse re

Onset Detection Onset Correction Onset Positions

Figure4.4: ImplementedOnsetDetectionProcedure

ponses.

w-Channel
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The mplementednsetdetection process is shown in the flowcharFigure4.4. As a
first step the measuleN-channelis pre-processedsee sectiod.2.1) and prepared for
calcuating the detection function in the actual onset detection procetheerocesso
receivea suitable representation of the detection funaligmend®n severafactors and
variables. Theseariablescan vary from method to method and must be care$etyoy
hand. The exact settings in the different implemewtesktdetectionmethods for b-
taining an appropriatdetectionfunction of the signaarediscussedn the correspoai
ing subsections teection4.2.2 The peakpicking algorithmdescribedn section4.2.3
chooses thpeaks according to the local maxima of the detection functions thiatoste
likely to be onset event&inally incorrectly detected onsets will be removed (see se
tion 4.2.4 to get the correct onset positions for further analysis and synthesis of the

room impulse responses.

4.2.1 Pre-Processing

B-Format
Signal

Pre-processed
w-Channel

w-Channel

Band Limitation Frame Segmentation STFT Computation

Figure4.5: PreProcessindor Onset Detection

In a general prprocessing phas@-igure 4.5) the loaded BFormatsignals ardiltered
with an ordinary2"order Chebyshebandpassfilter with a low cutoff frequercy of
50 Hz and a higbut-off frequency of 4 kHzOnly approximately the first 200 ms of the
measured impulse responses are used in the further calculdtiong this analysis
phase(cf. Figure3.5 andFigure3.7). In both the MUMUTH and CUBEno significant
singular detectableeflections will occur after this period amlous the impulse response
after 200 ms igrrelevantfor the calculation of onset evenihereafter the omnidirect
W-channel will bezeropadded to ensure correct onset deteditathe start and the end
beforedividing it into time frames for the following STRTShortTime FourierTrars-

form) computation The time resolution must be kept very snialbrderto detect tra-

“ Note that for the time domain approach (cf. sectich2.) no STFT computation is needed in the-pre

processing phase.
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