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Topics

= Traditional time-domain measurements with omnidirectional
transducers

= Advanced impulse response measurement methods
= Directional transducers, the first attempts of spatial analysis

= Orthonormal decomposition of the spatial properties in
spherical harmonics: the Ambisonics method

" The reciprocity principle: directive microphones and directive
sources

= Generalization of higher-order spherical harmonics
representation of both source and receiver directivity

= Joining time and space: from Einstein’s view to a
comprehensive data structure representing the acoustical
transfer function of a room

" Practical usages of measured (or numerically simulated)
temporal-spatial impulse response
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Basic sound propagation scheme
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= Pulsive sources: ballons, blank pistol
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Modern electroacoustical methods

= The sound is generated by means of an omnidirectional
loudspeaker

= The signal is computer-generated

= The same computer is also employed for recording the
room’response by means of one or more omnidirectional
microphones

= Also directive microphones can be used: binaural, figure-of-eight

= Different types of test signals have been developed, providing
good immunity to background noise and easy deconvolution of
the impulse response:
» MLS (Maximum Lenght Sequence, pseudo-random white noise)
» TDS (Time Delay Spectrometry, which basically is simply a linear sine
sweep, also known in Japan as “stretched pulse”)
» ESS (Exponential Sine Sweep)

= Each of these test signals can be employed with different
deconvolution techniques, resulting in a number of “different”
measurement methods

= Due to theoretical and practical considerations, the preference is
nowadays generally oriented for the usage of ESS with not-circular
deconvolution
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Measurement process

distorted signal

input x(t) . w(t) linear system output y(t)
> w(t)®N(t)
2 The desidered result is the linear impulse response of

the acoustic propagation h(t). It can be recovered by
knowing the test signal x(t) and the measured system
output y(t).

: It is necessary to exclude the effect of the not-linear
part K and of the background noise n(t).
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Hardware: PC and audio interface

Edirol FA-101

Firewire sound
card:

10 1n /10 out
24 bit, 192 kHz
B} ASIO and WDM
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Hardware: loudspeaker & microphone

Dodechaedron

loudspeaker

Omnidirectional
microphone

R oo _ou ST

.
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Software
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Adobe Audition 1

Checking Recovery Files..,

Stewe Balo, Magendra Bangalore, Mat Chavez, Ron Day, Shawn Devell, Paul Ellis, Yukike Eron, Steve
Fazia, Hidewa Garno, Peter Graen, David Johnston, Bryee Jonasson, Erc Juteau, Rolf Kosmalzki, Jason
Levine, Makata Megura, Ichirou Makarnura, Todd OHer, Chris Robinzon, John Rush, Hart Shafer, Mariman
Sodeifi, Rick Wilzon, Ellzn Wizted, Shanzhi Zhang

Adobe® Audition™ @ 1992-2004 Adabe Systers, Incorporated, All rights rezerved,

See the legal natices in the about box,
Fatina

LIMIPR r\‘ l
hdobe

Aurora Plugins

Generate MLS

Deconvolve MLS

Generate Sweep

. 5 1.5 warsion

Deconvolve Sweep

Convolution

Kirkeby Inverse Filter
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MLS method

n X(t) is a periodic binary

- N stages . signal obtained with a
H B -l -l B suitable shift-register,
configured for
T otages maximum lenght of the
L Ber period.
[ X() |
A mlzh wav Mi=] B3
BT O ¥ T S ¥ T T T 7
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MLS deconvolution

* The re-recorded signal y(i) is cross-correlated with the
excitation signal thanks to a fast Hadamard transform. The
result is the required impulse response h(i), if the system
was linear and time-invariant

1
h = —I\/I
L+1 y

e Where M is the Hadamard matrix, obtained by
permutation of the original MLS sequence m(i)

M(i, j) = m[(i + j— 2)mod L] -
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MLS example

Room Measurement of room

Impulse Response Portable PC with

additional sound card

Loudspe /Er///,’ |
,\,/v »  Outputsignal y
Microphone
MLS test signal X <«
I
Deconvolve Multiple MLS Sequ...

Input Data A Generate Anabyze _Favoes Window _ Help
MLS Ordar m [ e (e[ (e el ) =i =i T (1 Fagdl (V] 1] [ &

M. of measurements 1
M. of sequences / measurement |16
M. of first sequences ta skip 1

Cutput Results

M. of samples for each sequence  |32767

M. of samples to skip 0

" Scale each response separately

[ Bemove DC component

User: |Andreas Langhoff

Reg. key: |m

Cancel Helg
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MLS example

| e o 544988

= e N

Deconvolve Multiple MLS Sequ...

Input Data

MLS Order 56
M. of measurements ’17
M. of sequences / measurement ’157
M. offirst sequences to skip ’17

Output Results

M. of samples for each sequence  [32767
M. of samples to skip 0

[ Scale each response separatehy
[~ Bemowve DC compaonent

User: |Andreas Langhoft

Reg. key: |m

Cancel Help

ck 2* - Adobe Audition
Favorfes Cpbom  Window  Help

R DESERARANCD CERANE N CEE SR e o e = e

ey

PRmme | e o 550000

Asa g zmm e (B0 T B

2 1-MLS 1-M-DodecPR.wav - Adobe Audition

G Arsho Faois Cphom fnds Heio
R FESES ARRORERARACER FAREE e SRR ERmeE 5 Eri O TR < =T e

TR

BonoD oEED
momon| e

HMOUEE et OT WE
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Exponential Sine Sweep method

= X(t) is a sine signal, which frequency is varied
exponentially with time, starting at f, and ending at f..

X(t) =sIn
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Test Signal — x(t)

< Untitled* - Cool Edit Pro
Fil it Vi Eftects

Generate

Analyze

Favorites Options Window Help

000
15000

10000

45 6.0 55 6.0

0:00.000

6dB @ [:02.054 48000 - 32-bit - Mono | 2.06 MB 1104 MEB free:

File Edit WView Effects

Generate

Analyze

Favorites Options Window Help

50 55 6.0

0:00.000

421Hz @ 0:00.435 48000 - 32-bit - Mono | 2.06 MB 1104 MEB free:
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Measured signal - y(t)

= The not-linear behaviour of the loudspeaker causes many harmonics to
appear

B Track 2* - Cool Edit Pro [_ [O] %]

File Edit View Translorm Generate Analyze Favorites Options Window Help

NEEEE | EEEE AEE = =i AEEEE - =R SN

= [ u)® el &S| B . =
ORI EEN EN &),

Completed in 1.64 seconds 48000 - 16-bit - Mono 551551 BEE.14 MB free
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Inverse Filter — z(t)

The deconvolution of the IR is obtained convolving the measured signal

y(t) with the inverse filter z(t) [equalized, time-reversed x(t)]

E-TF; Inv_filter wav - Cool Edit Pro
File | Edit View Transform Generate Analyze Favorites Options Window

[E==D]= CEEEE - 2 E : £ [~ o= Y 5 =

File Edit Options Window Help

|== o[s]- [HH]| =

59

Completed in 090 secor s 48000 - 32-bit - Mono 480000 56939 MB free
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Deconvolution of Log Sine Sweep

The “time reversal mirror” technique is employed: the system’s
iImpulse response is obtained by convolving the measured signal
y(t) with the time-reversal of the test signal x(-t). As the log sine
sweep does not have a “white” spectrum, proper equalization is
required

7

Test Signal x(t) Inverse Filter z(t)
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Result of the deconvolution

Multiple_IR.wav - Cool Edit Pro
File Edit WView Transtorm Generate Analyze Favorites Options Window Help

—

i : : : : : : : : : : : : : : : : : : : : .
smpl 20000 40000 G000 20000 100000 {20000 140000 160000 {20000 200000 U000 240000  2E0000 280000 300000 320000 340000 360000 350000 400000  420WQ0 480000 46000 smpl

LCer

’ ® “ e ____— EL=e L) TR D )
4 Hﬂlmlﬂﬂ 483899 1840,'0
\ |

48000 - 16-bit - Mono 1031550 5,5} B free

Stopped

Impulse response is the linear one, the preceding
are the harmonics distortion products of various orders
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IR Selection

= After the sequence of impulse responses has been obtained, it is possible
to select and insulate just one of them:

Impulse Response selection | = Track 2* - Adobe Audition

E Elle Edit View Effects mmamwﬁa\wmmumm
o Stimlus : R P ) 5 5 o P 5 B - 5

M. of meazurements |1—
M. of sweeps / meazurement I‘l—
Start Frequency [Hz) IEU—
End Freguency [Hz] IW
Sweep duration [z or samples) Im—
Silence duration [ or zamplez) |5— Cancel |

— Reszponsze

M. of samples for each response |24U|:":|
M. of first zamples to skip ID

Harmanic Order Mumber |'| Lirea = I
= Pack Ll and B ol 1 Lin==dPNy
Help |

Uzer I.-’-'mgelo Fari
R liam Ixxxxxxx

0:00.000

[ R B O PR ]

-

AEE D000 4000+ 0Ee Wi | K| TRSGHRe
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ESS example

Room Measurement of room

Impulse Response Portable PC with

additional sound card

Loudspe /ir’/,* |
V ' > Output signal y

Microphone
Sweep test signal x <«
|
Generate Sine Sweep —
— SWEED =~ nrErT EERTREERTTTN FEEEE _'!'-i!'F:'E-" “E - Em 2l

0K
Start Frequency [Hz] |2D_ |_I

End Frequency [Hz) |2DDIJD,
Diuration [z or zamples) I'I i}

Amplitude
' Linear Sweep Cancel | monnE mEE e :
— Fade-in and Fade-out duration === 1

Fade-in [z ar ID.'I
Fade-out [z ar ID_1

— Silence
Duration [z or samples) |5.

— Repetitionz

M. of cycles I‘I Help

™ | Generate contal pulses anraht channe!

™ | Generate inyverse fiten onraht channe! (ne reyerses Eggﬁ% EEE 0:00.000
Uzer: I.-'lngelo Farina
Feq. key I xxxxxxx
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ESS example

2 Untitied.sas® - Adobe Audition

Wrcow bep
BT EFEEN BEEEREFOEER NS ARRRERT MR P RORREERDTO S TEN

Adobe Audition
El[emﬁl Arahye Favxfes (pbos  Window  Hep
FESEE AREERARACEE FEREE e EREERneme 5 s00 O e e EIm e

I Vit e [TV e PR TTRTES

e T (Y

P EEEn o

‘monnD oEmm

MEMETe ENERE

D T

pl-M-DodecPR.wav - Adobe Audition [ I=]x]

o Gorere s _FavrnOptom e tio
OTE FENED ARRTEAARACTN FERER e ERE EEme e O T =T .

e PR T RATES

IV Bypass
— Autarange Chaninels to convolve e
¥ Full autorange & RemoveDC (2 passest .-’-‘«urdinLDrata In(:nfu|l_sef Resp. MG | Ve
* - [Ceft *[Teff
i gz el = - = . — . , ; . ; ' "
I™ Fist Block sutoranc i 461 [ € Fight € Bight e S ———
— Advanced Options ) Both = Both
[ TimeReverse Impulse Response B e ot el I. r
¥ Presstve Lenght [T Presenve 16t bit ™| Impulse Fesponse is 242

— Info

Audio Data; 48000 Hz/32 Bite/Mono/THIEE3 S amples User Im
Impulse Resp. 48000 Hz/32 Bits/Mono/480000 Samples | d

FFT Sizer 1048576 Samples Req. key: |— .
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Maximum Length Sequence vs. Sweep

Left Channel

Aurora - Logarithmic Sine Sweep u{ll

0.0

-20.0

-30.0

-40.0

-50.0

-60.0

-70.0

-50.0 - - - - -
0.000 1.000 2.000 3.000 4.000 5.000

Time {secaonds)
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Post processing of impulse responses

= A special plugin has been developed for the computation of STl according
to IEC-EN 60268-16:2003

Octave-Band Spectrum

dB
120-
110-
STI & Octave Band Analysis 100- CopptoCipbone]
Calibration [Dctave fnalyziz] 97 -
& Full Scale " Leg Compute Octave Band 20- Store az Signal |
Calibration value [dB]:I 120.00 Sizeii 70-
B0 - Store as Moige
Load SFL Yalues fram File...l Save SPL Walues ta File... | B0-
- - - - 40- Store as S|g+N
Hz —BackGnd Moise Level - Signal Level — Signal + Moize Lewel
125 | | 480 70.9 09 || Edt 90- Help
- 20-
250 45.0 70.9 70.9 Edit
il e = = Edft 5] 63 250500 | 1k | 2k | #k | 8k |16k | & |Lin Octave Band Hz)
e 39‘0 51-2 51.2 Edf 16.5/17.9[40.3|555|70.9 |77.0 71.5 |54.2 [36.2 5?.?|an.5|90_2 % Laq (dB) Laft
X . . It
- )
2% | [360 B5.2 853 [ o = = el (2 g
dl 330 452 4593 Edit
g <00 432 | _Ed STI {according to IEC-EN 60268-16:2003)
Left/tona Right Left!Mono  Right Left/Mona  Right MTF Values — gt — — lTl el |
Help
I e | Frequency [125 Hz [250 Hz|SDD Hz [ 1kHz | 2kHz | 4kHz [ BkHz |
 — — — — ) N e SavetaFile...
First Aurival Threshold [% of Full Scale): I 0 |
Copy to Clipboard
Channel Selection
Uszer I.&ngelo Farina o | o [ * Left ) Hiattt
[r— ose = — MTF Settings
Req. key: I ¥ 5/M Camrection

i :Graphlcal MTF Dléi::da_l,l_
— Resuls

STI Male 04970

5TI Femalel 0.979
RasTI I 0933

Band 5TIValues
P Frequency 125 iz |50 Hz 500 Fz | 1K | 2KHe | £k (8 | | 5Tl [ 0981

Band 5TI I 0.907 I 0.978 ID.SSB l 0932 ID.991 l 0956 ID.891 5Tlpa I 0935
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Post processing of impulse responses

= A special plugin has been developed for performing analysis of acoustical
parameters according to 1ISO-3382

Acoustical Paramete... | Acoustical Parameters according to IS03382-1997 (v.... |
il | Cloze I Help I

IJzer Defined Reverberation Time E stremes:
’7 [ |-5_ dE I-‘I b, dE ]_‘ 100 DK - keep processed I

an I

Save Resultz to File...

¥ Enable Moize Comection o :
i Copy Resultz to Clipboard I

[T EDT without linzar regression B0 I
- Store G Reference Signal
= H H 2 b al
First Aurival Tirne Threshold [% of FS]: |4 | et
Peak SPL value coresponding ta FS |12EI. 2D & Left 0 Hight
— Steren Mode - Tuser limits:
10
) 2 Ummidirectional Mizaphones A [5. dB. 15. dB]
% Soundield icroptene (Wi 0.15 0.20 |
£ i EEHt micephene Freq [Hz) [F31% [ 63 [F iz [ 2ot oo [ K [ 2 [ 3 [ 8k [ 16k [~ & [ On
) o Sound [ htensity Frate [Signal [dB) [58.52 [71.52 63.76 [74.06 [73.658 [72.93 [76.27 [7452 [74.93 [90.32 [25.65 [55.03
d [k |_12":' o (mést [340.0 [Moise (dB) [57.08 [4233 [2362 [Mz86 [6aF [ 272 | 368 | 276 N1256 | 2320 [20.23 [45.00
_ [renGthide] 1048 2592 076 [ 506 [ 468 | 293 | 727 I 552 | 593 [21.32 [ 6.65 [11.03
1 Birizonal Doy ead [C50 [de) 049 581 2143 [3019 [2072 4562 [4283 (4067 | 3366 [o364 | 3493 | 2248
IACE Inteqration | "’| [Can [de) F75.65 054 3208 [39.15 [51.23 [61.23 [66.05 6200 [565.80 [54.19 [ 5225 | 29.69
[D50 (%) [51.80 (7320 [39.23 [53.50 99,99 [100.00 0000 [55.99 [59.95 [93.56 [99.97 [99.44
. [ Ts [ms) 6477 5217 [17.a7 | 7.95 | 447 [ 511 [ 671 I 9.23 11115 [10.83 [ 919 [ 10.05
User: |ﬂ”93":' Farina [ EDT (5[ 045 049 017 f005 o3 Ioos [00f 009 [oog [oor [ o003 [ o003
Rea kew [ [T20 (5] T 044 037 Toie [oio [oos Foor [oos Iooe Foos [oos [oos | o6
eg key | (1720 067 (100 (098 088 059 098 [097 095 700 [093 (100 0%
[Ta0 [/ F 042 033 017 [0is [ o0s oo [ ooz [ oor I ooe | oos [ 008 T oel
Cancel Help [rT30 093 099 I 055 |09 093 o939 Jo93 [100 F 100 [ 100 100 |09
[ Tuser () [ 025 F047 021 o1z 007 [o07 [oi0 (003 Food Food [Foos [Foio
[(Tuser 095 [7.00 [095 083 [053 [092 [0s8s (093 M1o0 o539 [Too [0

 Er - r 71 - T - T - T T -7
[ LFC
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ASK

The new AQT plugin for Audition

= The new module is still under development and will allow for very fast
computation of the AQT (Dynamic Frequency Response) curve from within

Adobe Audition

| AQT Analysis

AQT Analysis

—BURST Settings : :
Eurst Length 200 ms. i j
Silence Length |33— . ﬂl
[T Enable non constant Silence Lenght SETl Help |

— MultilB Analyzis

[T lsMukilR M ofIR |1
Trigger Level [&] I =0

Izer: I.-’-'-.ngelu:u Farina

Reqg. key I xxxxxxx

AQT Analysis

copyright {c) 2005 - Andrea Azzali

— Input ‘W aveform Info

[[FFTSize: 15384 Samples] | [[Sample Rate: 44100 Hzl| [[Channels 1 1| [M.ofblocks 0] |[N.ofiR: 1 ] |
IR M. | Charnel M. | Farameters to be graphed
1.1R 1. Ch. Bilanciamento
Ok |
| Page 26
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Spatial analysis by directive microphones

= The initial approach was to use directive microphones for gathering some
information about the spatial properties of the sound field “as perceived by
the listener”

= Two apparently different approaches emerged: binaural dummy heads and
pressure-velocity microphones:

Binaural
microphone (left)

and

variable-directivity
microphone (right)
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“objective” spatial parameters

= |t was attempted to “quantify” the “spatiality” of a room by means of
“objective” parameters, based on 2-channels impulse responses measured
with directive microphones

= The most famous “spatial” parameter is IACC (Inter Aural Cross
Correlation), based on binaural IR measurements

PN o schi gt b oot b ( 7)
ot i g Pr(T)
0:00.067
_ 0 — —
p(t)= — — IACCg =Max[p(t)] te[-1ms..+1ms]
Ipﬁ(r) dr ijR(rth) dr
0 0

18.05.2006 Angelo Farina UNIPR / ASK Industries | All Rights Reserved | Confidential | Page 28



“objective” spatial parameters

= Other “spatial” parameters are the Lateral Energy ratios: LE, LF, LFC

* These are defined from a 2-channels impulse response, the first channel is a
standard omni microphone, the second channel is a “figure-of-eight”

microphone:
Omni
g ho(t)
(o
80ms 80ms 80ms
J-h82(’f)°d’l7 Ihgz(r)-dt jhg(r)-ho(r)-dr
_ 25 _ 5ms _ 5
LE= SOm: LF= 80ms LFC= mBSOms
Ihoz(r)-d'c jhoz(r)-dr J-hoz(r) dt
Oms Oms Oms
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Robustness of spatial parameters

= Both IACC and LF depend strongly on the orientation of the microphones

= Binaural and pressure-velocity measurements were performed in 2
theatres employing a rotating table for turning the microphones

Theatre 1-LF IACC
Parma 0.725 0.266

IACC Auditorium Roma (Sala 1200) - Sorgente a sx

Roma 0.676 0.344
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Are binaural measurents reproducible?

= Experiment performed in anechoic room - same loudspeaker, same source
and receiver positions, 5 binaural dummy heads

g )

Uiy Y plg st ’ [ <V pi

t—h—'—ﬁi’fr’—a

bl 411
7 —4—4—3%
,.KSTE“E_

._ (m:gwi}&ﬁ

LT

i, \i“i

e Bl &0 \\ "‘

e -
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Are binaural measurents reproducible?

= 90° incidence - at low frequency IACC is almost 1, at high frequency the
difference between the heads becomes evident

IACCe - 90° incidence

0.6 1
==B&K4100

(]
Q 7a == Cortex
0.5 | (]
g \ === Head
Neumann
0.4 -
0.3
0.2 1
0.1
O T T T T T T T T
315 63 125 250 500 1000 2000 4000 8000 16000

Frequency (Hz)
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Are binaural measurents reproducible?

= Diffuse field - the difference between the heads is now dramatic

IACCe - random incidence
11— ) N

0.9 | ‘4 \

0.8 A

0.7

0.6 |

=4==B8K4100
S == Cortex
O 05
< ==Head
Neumann

0.4 1

0.3

0.2

N /
0.1 \
O T T T T T T T
31.5 63 125 250 500 1000 2000 4000 8000 16000
Frequency (Hz)
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= Experiment performed in the Auditorium of Parma - same loudspeaker,
same source and receiver positions, 5 pressure-velocity microphones
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Are LF measurents reproducible?

= At 7.5 m distance, the results already exhibit significant scatter

Comparison LF - measure 1 - 7.5m distance
1
== Schoeps
0.9
== Neumann
0.8 === Soundfield
0.7 B&K
0.6 -
% 0.5 1
0.4 -
0.3
Za
0.2
0.1 - ~
0
31.5 63 125 250 500 1000 2000 4000 8000 16000
Frequency (Hz)
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Are LF measurents reproducible?

= At 25 m distance, the scatter is even larger....

Comparison LF - measure 2 - 25m distance
1
== Schoeps
0.9
==Neumann /
0.8 === Soundfield /
e B B&K
0.6 -
%05
0.4 -
0.3 -
0l2 i &
0.1
0
31.5 63 125 250 500 1000 2000 4000 8000 16000
Frequency (Hz)
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3D extension of the pressure-velocity measurements

= The Soundfield microphone allows for simultaneous measurements of the
omnidirectional pressure and of the three cartesian components of particle
velocity (figure-of-8 patterns)
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3D Impulse Response (Gerzon, 1975)

Measurement of B-format

Impulse Responses Portable PC with 4-

channels sound board

B-format Imp. Resp.

of the original room
| B-format 4-channels R g
signal (WXYZ)

SoundField B
Microphone  \| 5 or sweep excitation signal - !

A

A
>l
<

Sound Source

>
.foo 'c§

B-format 4-channels
signal (WXYZ)

Ambisonics decoder

A 4

Convolution of dry signals

with the B-format Impulse
Responses Speaker array in the

reproduction room
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The Waves project (2003)

The original idea of Michael Gerzon was finally put in practice in 2003,
thanks to the Israeli-based company WAVES

More than 50 theatres all around the world were measured, capturing 3D
IRs (4-channels B-format with a Soundfield microphone)

The measurments did also include binaural impulse responses, and a
circular-array of microphone positions

More details on WWW.ACOUSTICS.NET
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Directivity of transducers

LookLine D200 dodechaedron

250 Hz 1000 Hz 0 2000 Hz 0

330

30

300 . 60

270 270 90

240 24 120

4000 Hz 0 8000 Hz 0 16000 Hz 0

330 30 330

30

300 \ 300 Y 300 \ 60

270 270 90| 270 90

240 240 120 240 120

180 180 180
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Directivity of transducers

Soundfield ST-250 microphone
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What about source directivity ?

= Current 3D IR sampling is still based on the usage of an “omnidirectional”
source

* The knowledge of the 3D IR measured in this way provide no information
about the soundfield generated inside the room from a directive source
(i.e., amusical instrument, a singer, etc.)

= Dave Malham suggested to represent also the source directivity with a set
of spherical harmonics, called O-format - this is perfectly reciprocal to the
representation of the microphone directivity with the B-format signals
(Soundfield microphone).

= Consequently, a complete and reciprocal spatial transfer function can be
defined, employing a 4-channels O-format source and a 4-channels B-
format receiver:

Portable PC with 4in-4out

B-format 4-channels channels sound board

microphone (Soundfield)

O-fdrmat 4-channels source ‘

e
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1st order MIMO Iimpulse response

= If only spherical harmonics of order 0 and 1 are taken into account,
a complete spatial transfer function measurement requires
16 impulse responses:

”yww haww Dy hWy hwz (XW\
h h h h X
<yx | _| xw XX Xy X2 |7 L o) {y}:[h]@{x}
Yy Nyw Nyy Ny, Xy
LYz | _hzw hox hzy hzz_ | Xz |

* Once these 16 IRs have been measured, it is possible to compute
the response of the room with a source and a receiver having
arbitrary directivity patterns, given by the O-format source functions
{rw: I Iy, 1.}, @nd the B-format receiver functions {r

ty = 1@y} =1{r}®h]®s|

* In which also each of {s} and {r} are sets of 4 impulse responses,
representing the frequency-dependent directivities of the source
and of the receiver

wW!? X’ yr Z}
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Limits of the 1st-order method

= Albeit mathematically elegant and easy to implement with currently-existing hardware,
the 1st-order method presented here cannot represent faithfully the complex directivity
pattern of an human voice or of an human ear:

W X Y
1.421 0.289 0.000

= Real 195 165
== 1st order approx. 180
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Limits of the 1st-order method

= The polar pattern of a binaural dummy head is even more complex, as shown
here (1 kHz, right ear):

w X Y
0.395 -0.015 0.191

295
290 70
285 75

280 80
275 85
270 90
265 95
260 100

) | == \leasured 001 954 90185
e 1st order approx. 180
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How to get better spatial resolution?

= The answer is simple: analyze the spatial distribution of both source and receiver by
means of higher-order spherical harmonics expansion

= Spherical harmonics analysis is the equivalent, in space domain, of the Fourier
analysis in time domain

= As acomplex time-domain waveform can be though as the sum of a number of
sinusoidal and cosinusoidal functions, so a complex spatial distribution around a
given notional point can be expressed as the sum of a number of spherical harmonic
functions

06

04
02
—dc
\ = Cos(5)

0 —Sin(5)
0 1 15 2 s 3 Cos(10)
—sin(10)

02
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3°-order microphone (Trinnov - France)

= Arnoud Laborie developed a 24-capsule compact microphone
array - by means of advanced digital filtering, spherical ahrmonic
signhals up to 3° order are obtained (16 channels)
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4°-order microphone (France Telecom)

= Jerome Daniel and Sebastien Moreau built samples of 32-capsules
spherical arrays - these allow for extractions of microphone signals
up to 4° order (25 channels)
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Multichannel software for high-order

= Plogue Bidule can be used as multichannel host software, running a number of VST
plugins developed by France Telecom - these include spherical harmonics extraction from
the spherical microphone arrays, rotation and manipulation of the multichannel B-format
signals, and final rendering either on head-.tracked headphones or on a static array of
loudspeakers (high-order Ambisonics)

% Plogue Bidule [ 5, _jerome',chantiers',AmbisoniciDémeo Journées Spatialisation Janvier 2006\Patch_AmbiMic+Transform+AmbiBin| =13l x|
File Edit Tools Help

:OPerf ‘ Save _'[ Undo H,Redo]- 4[ Parent_l_'l Parameters ]_I‘:{:Media l{ Palette l,_

Audio Device (duplex)

Mﬁhilic'hof:tnor 132 sensor aph-ncnl ll'tl)r =¥ 25 lhh o-td-r 3D co-pun-ntn
O 000000000000 0D o000 0D oo o

ms;mmmmmm

"-.'_“.:'-.:k.!'-k._

A

mi:i'l'n.nstomr (sound scene mipu].aticm)
| AmbiTransformer (rotation driven by headtracker)

Anhminbacn&rz.'l in Ambisoni nSkaaonMrZSx!Z 2

\//)))))))

Audio Device (d.uplez] ] l

ILw‘nk from AmbiMicProcessar (32-sensor spherical array -> 25 4th order 3D components | \ |5topped S
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Verification of high-order patterns R
= Sebastien Moreau and Olivier Warusfel verified the directivity patterns of the
4°-order microphone array in the anechoic room of IRCAM (Paris)
xwm“m B IS Ak
5 kHz

AT S

Ja \\\\\t g
gt |ll'l\=“\ \\\\ )
"lE‘l‘l} .' y
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Frequency extension of the patterns b)) e

12000 12000

10000 10000

go0a ... 3000

go00 ... BO0O ...

G000

4000 ..

4000 . 4000

2000 ... 2000 .-

2000

12000

10000

8000 £

BOO00 .

4000 .f..

2000 .f..-

18.05.2006 Angelo Farina UNIPR / ASK Industries | All Rights Reserved | Confidential | Page 52




High-order sound source

= University of California Berkeley's Center for New Music and Audio
Technologies (CNMAT) developed a new 120-loudspeakers, digitally
controlled sound source, capable of synthesizing sound emission
according to spherical harmonics patterns up to 5° order.

T
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= Embedded ethernet interface
and DSP processing

= Long-excursion special
Meyer Sound drivers
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Accuracy of spatial synthesis

= The spatial reconstruction error of a 120-loudspeakers array is frequency
dependant, as shown here:

>
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= The error is acceptably low over an extended frequency range up to 5°-order
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Advanced digital filtering techniques

processor

WO

)

[ EEEEY moutputs

N inputs

= A set of digital filters can be employed for sinthesizing the
required spatial pattern (spherical harmonis), either when dealing
with a microphone array or when dealing with a loudspeaker array

= Whatever theory or method is chosen, we always start with N
input signals x;, and we derive from them M output signals y;

= And, in any case, each of these M outputs can be expressed by:

N
y;=2.hi® X
1=1

18.05.2006 Angelo Farina

UNIPR / ASK Industries | All Rights Reserved | Confidential | Page 56



Example with a microphone array

= The sound field is sampled in N points by means of a microphone array

A Py ()
| ;;_# ity (1)
WMW%% X4 (t)

. Sf j 4 w_al TNy N xj(t) Ere-calculated

filters

Zh@x

Yi(t) Is the time-domain sampled waveform of a wave with well defined spatial
characteristics, for example:

Acoustic fie lul Sampled acoustic field

« a spherical wave centered in a precise emission point P
 a plane wave with a certain direction
« a spherical harmonic referred to a receiver point P,

source
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Traditional design of digital filters

= The processing filters h; are usually computed
following one of several, complex mathematical
theories, based on the solution of the wave
equation (often under certaing simplifications),

and assuming that the microphones are ideal and
Identical

*|In some implementations, the signal of each
microphone is processed through a digital filter
for compensating its deviation, at the expense of
heavier computational load
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Novel approach

*No theory is assumed: the set of h; filters are
derived directly from a set of impulse response
measurements, designed according to a least-
squares principle.

*|n practice, a matrix of filtering coefficients, is
formed, and the matrix has to be numerically
Inverted (usually employing some regularization
technique).

= This way, the outputs of the microphone array are
maximally close to the ideal responses prescribed

*This method also inherently corrects for transducer
deviations and acoustical artifacts (shielding,
diffractions, reflections, etc.)
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Example: synthesizing 0-order shape

The microphone array impulse responses c, ; , are measured for a
number of P incoming directions.

k=1...P sources

18.05.2006 Angelo Farina

Qi G Ga Gy
Qo G2 G G
Qi G Gi Gy
Gn On G G

...we get the filters to be applied to the
microphonic signals from processing the
matrix of measured impulse responses
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Example: synthesizing 0-order shape

We design the filters in such a way that the response of the system
is the prescribed theoretical function v, for the k-th source (an unit-
amplitude Dirac’s Delta function in the case of the example, as the
Oth-order function is omnidirectional).

So we set up a linear equation system of P equations, imposing

that:
Z hijo ®¢y;
i=1 Lets call v, the right-hand vector of known
N results (they will be different for higher-ord
D hio®cy;
=1 Once thls matrix of N inverse filters are
....... computed (for example, employing the
N Nelson/Kirkeby method), the output of the
Zhi 0 ®cCkil=5 microphone array, synthesizing the prescribed
i1 | Oth-order shape, will again be simply:
....... N

Yo = Z Xj ®hj o

Zh 0®Cpj 0o i=1
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System'’s least-sq

= For computing the matrix of
method is employed.

= A “total squared error” g, IS

P

Stot = Z

k=1

uares inversion

N filtering coefficients h,,, a least-squares

defined as:

N

;(hio ® Cki)—Vk

= A set of N linear equations is formed by minimising &,

Imposing that:

OEtot _
ohig

18.05.2006 Angelo Farina

0 (i=1..N)
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Kirkeby’s regularization

* During the computation of the inverse filter, usually
operated in the frequency domain, one usually finds
expressions requiring to compute a ratio between complex

spectra:
H=A/D

= Computing the reciprocal of the denominator D is generally
not trivial, as the inverse of a complex, mixed-phase signal
IS generally unstable.

* The Nelson/Kirkeby regularization method is usually

employed for this task: -
InVD((D) _ - COF\][D((D)]
Conj|D(o)]- D(w)+ &(w)

H=A-InvD

18.05.2006 Angelo Farina UNIPR / ASK Industries | All Rights Reserved | Confidential | Page 63



Spectral shape of the regularization parameter g()

= At very low and very high frequencies it is advisable to increase
the value of «.

Frequency

£ £ fon foa fion
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*DPA-4 A-format microphone
*4 closely-spaced cardioids

*A set of 4x4 filters is required
for getting B-format signals

*Global approach for
minimizing errors over the
whole sphere
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84 IRs were measured, uniformly
scattered around a sphere
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Computation of the inverse filters

= A set of 16 inverse filters is required
(4 inputs, 4 outputs = 1°-order B-format)

* For any of the 84 measured directions, a theoretical
response can be computed for each of the 4 output
channels (W,X,Y,2)

= S0 84x4=336 conditions can be set:

|
c,®h,, +¢c,®h,,, +c;®h,,, +c,®h,,, =out,,

c,® hl,X +C, ® hz,x +C, ® h3,X +C, ® h4,X =out,

> k=1.84
¢,®h,,+c,®h,,+c,®h,, +c,®h,, =out,

c,® hl,Z +C, ® hz,Z +C, ® h3,Z +Cc, ® h4,Z =out, )
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Real-time implementation

& X-Volver 4x4 - AudioMulch - ol x|
File Edit Yiew Contal Help

D@ smr[oc||rr n|o ol 11 [Hm 3

meftvefvor T
— 2=
Fa ™y AT Y i ™
| n IRs | | Pack } | }
. Open IRs || Pack ) . setup
Crilsars\FarinalLavori Ciresa Tvaiss - -

INVO3, wav INVO1.wav INVOD2, wav INVD3.wav INVD4. wav

W INVO4 . wav

INVO5. wav I ] B P — .\.r*._.,.___._.__.

INVOG, wav

INVO7 . wav

INVOEB. wav i

INVO9. wav INVD5, wav \wﬂ?.wav INVOB. wav

INV10. wav

INV11.wav /

w INV12. wav - k ) .
INV13. wav
INV14 . wav

INV15. wav
INV16. wav

1 |
INVO9. wav : INVI1. wav INV12 wav
Main Mixer

0.00 dB -o0 dB

—
Dry Vet INV13.wav INV14. wav INV15. wav INV16. wav

"_dry' | wWat ml:-t-;
5 — I o = e —— —| e —
I
| Reset |

Options

(fj = | "| Soundin ‘ “| SoundOut | AL

4 outputs

File info ——, ~ Mode

WAV (Microsoft) ¥ IR mona FFT size: 512
32 bit float IR muit
samples: 1024 IR 1-To-1
SR: 48000 IR size: 1024
mono

EI : 21 : 31 : 41 : 51 : -1 : 71 : &1 :

L . . . . ) . .
| i | rlallal

| | | 4
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Complete high-order MIMO method

= Employing massive arrays of transducers, it is nowaday feasible to sample
the acoustical temporal-spatial transfer function of aroom

= Currently available hardware and software tools make this practical only
up to 4° order, which means 25 inputs and 25 outputs

= A complete measurement for a given source-receiver position pair takes
approximately 10 minutes (25 sine sweeps of 15s each are generated one
after the other, while all the microphone signals are sampled
simultaneously)

= However, it has been seen that real-world sources can be already
approximated quite well with 2°-order functions, and even the human HRTF
directivites are reasonally approximated with 3°-order functions.

Portable PC with 24in-24out

o
3°-order 24-capsules channels external sound card

microphone array
2°-order 9-loudspeakers
source (dodechaedron)

K ey =\

18.05.2006 Angelo Farina UNIPR / ASK Industries | All Rights Reserved | Confidential | Page 69

\ 4




Conclusions

* The sine sweep method revealed to be systematically superior to
the MLS method for measuring electroacoustical impulse
responses

= |n fact, it is now employed in top-grade measurement systems,
including Audio Precision (TM) or Bruel & Kjaer's DIRAC software

* Traditional methods for measuring “spatial parameters” proved to
be unreliable and do not provide complete information

= The 1°-order Ambisonics method can be used for generating and
recording sound with a limited amount of spatial information

= For obtained better spatial resolution, High-Order Ambisonics can
be used, limiting the spherical-harmonics expansion to a
reasonable order (2°, 3° or 4°).

= Experimental hardware and software tools have been developed
(mainly in France, but also in USA), allowing to build an
inexpensive complete measurement system

* From the complete matrix of measured impulse responses it is
easy to derive any suitable subset, including an highly accurate
binaural rendering over head-tracked headphones.
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