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GOALS

This paper describes the processing required for obtaining a
realistic audible sound reproduction and how to perform
good listening tests.

The basic tool is a convolution procedure between “dry” music
and the impulse responses measured (or numerically
simulated) of a theatre

O The overall process is usually known as “Auralization”,
and traditionally it was performed through the binaural
technology (headphones reproduction)

Here the process is generalized to many more
loudspeaker-based reproduction systems:

Stereo, Binaural, Stereo Dipole, Dual Stereo Dipole,
Ambisonics, Ambiophonics.




Theatre la Fenice, Venice

Rl L ' -
The first theatre was realised in 1792 by Gian

Antonio Selva, after the burning of Teatro San
Benedetto

In December 1836 the theatre burned down again
and was rebuilt by G. and T. Meduna the year after

The theatre was closed in 1995 for maintainance; it
had to open again in February 1, 1996, but it burned
two days before (January 29, 1996)

A few weeks before the fire, L. Tronchin measured
binaural impulse responses



Acoustical measurements

Measurements were performed by
L.Tronchin in November-December
1995 with a modified gun (with
omnidirectional diffuser) and
binaural microphones

The goal was to analyze some
acoustical problems about
Intercommunication between
orchestra pit and stage and to
gather information for designing the
orchestra shell

The data were processed with the
software Aurora, which had been
developed just 2 months before.
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& BINALURAL RECENVERS

Acoustical measurements

In 27 positions a
series of binaural
Impulse responses
(with gun shots) was
recorded

Each recording is
consequently a stereo
file at 16 bits, 48 kHz

During the
measurements the
room was perfectly
fitted, whilst the stage
was empty (no
scenery)



Impulse Responses of La Fenice

< Fenice-12.wav - Cool Edit Pro
File Edit View Effects Generate Analyze Favorites Options Window Help
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Auralization Examples — La Fenice

Overture alle Nozze di
Figaro di Mozart

Dry music

Convolution with

experimental |.R. (pt. 12)

Convolution with computer-

simulated IR

Preludio al primo atto della
Traviata di G.Verdi

Dry music

Convolution with
experimental I.R. (pt. 12)

Convolution with computer-
simulated IR




The Past



A PRELIMINARY SUBJECTIVE TEST

Test: questionnaires compiled during headphones
listening of several tracks played in 5 different theatres

Italian theatres choosen:
RTeatro Regio (Parma)
- Opera theatres Teatro Valli(Reggio E.)

Paganini (Parma)

- Auditoria

Sala 700 (Roma)

- Historical theatres ‘ | Teatro Olimpico (Vicenza)




Track used for the test: anechoic tracks auralized with
binaural Impulse Response of 5 theatres. Acquisition of
Impulse Response made with source on the stage and
receiver placed between 5th and 6th of every room.
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Teatro Regio Iin Parma (ltaly)
x|

Ok, ‘ Help

Sawve to File...

Copy to Cliphoard

Store Reterence Signal

Switch to Right Channel

Tuser lirmits:
-5. dB. -15. dB)

Left Channel

Freq.(Hz) [~ 315 [T 63 [~ 125 [~ 280 [ 500 [C 1k [T 2k [T 4k [T 8k [T 16k [T Lin [@ &

Signal (dB) | 48.60 | 5348 | 5726 | 6083 [ 6681 | 6976 [ 7243 | 7161 | 7165 [ 6316 | 7855 | 78.63
Moise (dB) | 25.21 | 1888 [1332 [1941 [ 1937 [ 1696 | 1438 [ 1367 [ 1553 | 2150 | 2876 | 24.01
strenGth(dB) | -20.40 [-1852 [-11.75 | 811 [ 218 [ 076 | 343 | 261 [ 265 | 016 | -045 | 163
(
(

CE0 (@By | 546 | 137 | 023 0.77 0.4 225 | 633 [ 1114 257

9l

4.26 2.61 488 [1051 | 1560 4.93

)
dBy [ -370 [ 280 [ 3.48
)

| | | | | | |
| | | | | | |
? DE0 (%) | 2216 [ 5781 | 5130 [ 5145 | 5444 | 5267 | 5736 | 6267 | 8333 [ 9286 | 6440 [ B3EG d
ﬁ Ts (ms) | 20212 [12381 [10250 | @664 | 6718 | 76.24 | 6754 | 5241 | 2087 [ 1071 | 5318 | 54.42
' ECT (=) 226 | 179 [ 164 | 118 [ 109 [ 120 | 136 | 196 [ 063 [ o038 [ 132 | 113
Teo =) | 294 [ 281 [ 186 [ 121 [ 111 [ 107 | 088 [ 087 [ 068 | 047 | 1m0 | 047
r T20 | 093 [ o83 | o9 [ 083 [ 100 | 100 | 1om [ 1on | o9s | 083 [ 100 | 100
T30 (s | 288 | 217 [ 165 [ 133 | 1318 | 105 [ 100 | o087 [ 065 | 042 | 107 | 099
r T30 | 096 | 08 [ o093 [ o099 [ 100 [ 100 [ 100 [ 100 [ 099 [ o0& [ 100 | 1.00
Tuser () | 195 | 245 [ 136 [ 097 | 117 | 105 | 094 | 095 [ 085 | 040 | 102 | 099
t Tuser | 096 | 086 | oBs | 098 [ 100 | 100 | 099 [ o&s | 098 | 098 [ 089 | 049




Teatro Valli, Reggio Emilia, Italy

|Acoustical Parameters according to ISO3382

0]8 Help

Sawve to File...

Copy to Clipboard

Store Reference Signal

Switch to Right Channel
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i-5.dB. -15. dB)
Left Channel
Freg.(Hz) [T 315 [T B3 [T 125 [T 280 | 500 [© 1k [T 2k [T 4k [T 8k [T 16k [T Lin [@ &
| 33.24 | 5079 | 6347 | 6610 [ 6838 | 6796 | 7318 | 7632 | 7964 | 8210 | 8365 | 8326
[ 1325 | 3282 [ 2481 | 2347 | 2370 |2102 | 2184 | 21652 | 2302 [ 2984 | 3588 | 3056
[-35.76 |-1821 [ 553 | -2890 | -062 | 104 | 418 | 732 [ 1064 [ 13710 | 4865 | 626
[ 155 | 119 | 572 [ 174 [ o852 | 271 | 508 | 140 | 162 [10108 | 284 | 263
[ 361 | 197 [ 583 | 728 | 797 | 557 | 7658 | 606 | 20 [1701 | 846 [ 7.78
| 58.81 | 5681 [ 2112 | 40011 | 5300 | 65.09 | 76.24 | 5799 | 59.23 [ 91.24 | 6631 | 6472
[ 14713 [ 13686 |101.13 | 7380 | 5628 | 56.96 | 4484 | 6236 | 4952 [ 1735 | 4561 | 49.03
[ -- [ e2og [ 1o | o#e | o071 | 132 | 084 | o092 | 067 | -- [ o&D | 07
[ 270 | 242 | 1496 | 191 [ 185 | 184 | 147 | 130 | o098 [ os0 | 1258 | 1.24
| o095 | 094 [ 098 | 099 | 100 | 100 § too | 100 | too [ o83 [ 100 [ 1.00
sl - [ 194 [ 216 [ 132 [ 168 [ 158 | 155 [ 137 | 103 | 057 [ 138 | 134
| -- | 08 | o83 | 1oo [ 100 | 100 | too | too | too [ 087 | 100 | 1.00
gl 412 [ 3¢ [ 18 [ 164 [ 148 [ 147 [ 135 [ 130 | 107 | -- [ 122 | 123
| 089 | o9 [ o9s | 099 | o088 | 100 | too | os9 | oas [ -- | oG8 [ 099




Paganini Auditorium, Parma, Italy
X

Ik Help

Sawve to File...

Copy to Cliphoard

Store Reference Signal

Switch to Right Channel

Tuser limits:

(-5. dE. -15. dB)

Left Channel
Fregq.(Hz) [ 315 [ 63 [ 125 [ 250 [T 500 [© 1k [ 2k [© 4k [© 8k [T 18k [T Lin [@ @
Signal (dBy | 4084 [ 5724 [6880 [6626 [6720 [7003 [ 7341 [ 7409 [ 7750 [ 7502 [ @262 | 81.08
MNoise (dE) | 2040 [ 2631 [ 2357 [ 2483 |zzgd [z2028 [1991 [1727 [ 2364 [ 2046 [ 3316 [ 2811
strenGth(dB) [ -2816 [-11.76 [ -020 [ -274 [ 180 [ 103 | 441 [ 509 [ 880 | 602 [ 352 | 408
ce0 oBy | 238 [ -231 [ 827 [ 618 [-130 [ 121 [ 129 [ o089 [ 428 [ 819 [ 233 [ 204
ca0 @By | 435 [ 033 [-028 [-084 [ 044 [ 220 [ 245 [ 147 [ 637 [ 933 [ 3597 | 348
D50 (3%) [ 6336 [ 3701 [2292 [2329 [ 4257 [s688 [5736 [ 5051 [ 7287 [ @682 [ 6312 [ 6153
Ts (ms) [14530 [159.46 [155.87 [13871 [12z80 | 98.06 | 94353 [10007 [ 4410 [ 1589 [ 6901 | 75.79
DT (| 225 [ 184 [ 188 [ 164 [ 219 [ 195 [ zoe [ 181 [ 101 [ -- [ 148 [ 167
Tzu sy 312 [ 27 | 27 [ 248 [ 208 | 237 [ 235 [ 188 [ 120 | 086 [ 205 | 208
rT20 [ 099 [ o089 [ o097 [ o099 [ 100 [ 100 [ 1o0 [ 100 [ 1o0 [ o9 [ 100 [ 1.00
Ti0 s 653 [ 277 [ zee | 266 [ 208 [ 242 | 232 [ 199 [ 124 [ o060 [ zz0 | 214
r T30 [ 091 [ o83 [o93 [ 100 [ 100 [ 100 [ 1o0 [ 100 [ 1o0 [ o9 [ 100 [ 1.00
Tuseris) | 336 [ 214 [ 198 [ 216 [ zoo [ 230 | 240 [ 180 [ 137 [ 138 [ 18 [ 181
rTuser | 098 [ 098 [ o097 [ o093 [ o098 [ o83 [ 100 [ 1oo [ 100 [ o83 [ 093 [ 1.00




S.Cecllia Auditorium 700, Rome, ltaly
X

Ik ‘ Help

Sawve to File...

Copy to Cliphoard

Store Reference Signal

Switch to Right Channel

Tuser lirmits:
(-5. dB, -15. dE)
Left Channel
Fregq.(Hz) [ 315 [ 63 [ 125 [T 250 [T 500 [© 1k [ 2k |© 4k [© 8k [T 18k [T Lin [@ A
Signal(dBy [ 3750 [ 5810 [ 6958 [ 6765 [69.29 [ 7045 [ 7474 [ 7803 | 7663 [ 7434 [ 8348 | 262
Moise (dEy [ 1710 [ 1819 [ 2326 [1921 [ 1871 [1664 [1807 [2072 [ 2158 [1877 [ 3042 | 26.83
strenGth(dB) [-31.50 [-1090 [ 088 [ -135 [ 028 [ 145 [ 574 [ 903 [ 763 [ 534 [ 448 | 582
ce0 ¢oBy | 080 [ 327 [ o060 [ 207 [ o718 [ o067 [ 273 [ 641 [ 528 [1280 | 445 [ 432
cao By ] 061 [ 381 [ 254 [ 312 [ 218 [ 220 [ 394 [ 683 [ 758 [1700 | 604 | 588
D50 (%) [ 4481 [ 6758 [5345 [61.70 [ 5111 [5386 [6524 [ 7767 [7716 [9502 [ 7388 [7299 ||
Ts (ms) [18127 [10751 [11152 [10003 [10851 [10434 [@109 [ 4846 [3977 [ 1522 [Ge0z [ 5814 | f—uu
DT (| 263 [ 243 [ 162 [ 174 [ 19 [ 195 [ 151 [ o098 [ 074 [ 038 [ 111 [ 114 '
Tzu s3] 316 [ 236 [ 175 [ 2o0 [ 204 [ 190 [ 185 [ 148 [ o083 | 044 [ 172 | 168
rT20 [ 097 [ o088 [ 099 [ 1o0 [ 1o0 [ 1o0 [1o0 [ 1o0 [ 1o0 [ o8 [ 100 [ 100
Ti0 s 318 [ 244 [ 174 [ 193 [ zoe [ 181 [ 182 [ 182 [ 084 [ 047 [ 175 [ 172
r T30 [ ogs [ o099 [o99 [ 1o0 [ 1o0 [ 1o0 [ 1o0 [ 1o0 [ 1o0 [ oss [ 100 [ 100
Tuser () | 281 [ 277 [ 2o0 [ 214 [ 205 [ 218 [ 182 [ 149 [ 083 [ o023 [ 164 | 16D
rTuser | 08 [ 093 [ 097 [ o083 [ 083 [ 1o0 [ 1o0 [ 1o0 [ 1o0 [ os7 [ 100 [ 1.00

T, = 2.04 s



Teatro Olimpico, Vicenza, Italy

Acoustical Parameters according to 1ISO3382

X|

(B]:8 ‘ Help

Sawve to File...

Copy to Clipboard

Store Reference Signal

Switch to Left Channel

Tuser limits:

(-5. dB.-15. dB)

Right Channel
Freq.(Hz) [T 316 [ B3 [ 128 [ 280 | 600 [© 1k [C 2k [ 4k [ 8k [ 16k [T Ln [® A
Signal (dB) [-102.98 [ 6792 [-6466 [B581 [-B484 [E248 [-4660 [-4106 [-4143 [-E180 [-3676 [-37.08
Moise (dB) [-128.23 [-10968 [-109.43 [-10518 [-103.86 [-106.06 [-104.11 [-10857 [-111.06 [-102.07 [-95.95 [-95.74
strenGth(dB) [-171.98 [-136.92 [-133.66 [-124.81 [-123.84 [-121.48 [-11560 [-110.06 [-110.43 [-120.80 [-115.76 [-114.05
ce0 (dB) | 553 [-297 [ 102 [ 285 [-187 [-216 [ 002 [ 030 [-260 [ 163 [ -077 | -068
cao (oey [ 677 [ 328 [ 366 [ 383 [ 071 [-086 [ 131 [ 193 [ 007 [ 444 [ 118 [ 118
D50 (%) | 7874 [ 3351 [&E86 [6482 [3940 [3780 [&0712 [&172 [ 3687 [5863 [ 4568 [ 46.05
Ts (ms) [ 9166 [10985 [ 9444 [9383 [13920 [147.28 [11812 [ 9679 [101.26 [ 6663 [10065 [1023Z
EDT () 128 [ 081 [ 147 [ 218 [ 242 [ 229 [ 231 [ 176 [ 126 [ 083 [ 1858 [ 166
Teo () [ 166 [ 1758 [ 178 [ 208 [ 263 [ 266 [ 230 [ 184 [ 125 [ 074 [ 185 [ 1.90
rT20 [ 089 [ 098 [ nsa [ 100 [ 100 [ 100 [1oo [ 1oo [ 1o0 [ 1oo [ 100 [ 1.00
Ta0 () [ 165 [ 166 [ 183 [ 211 [ 259 | 2656 [ 238 [ 190 [ 128 [ 077 [ 203 | 2.05
¢ T30 [ 089 [ 098 [ nsa [ 100 [ 100 [ 100 [1oo [ 1oo [ 1o0 [ 1oo [ 100 [ 1.00
Tuser () [ 166 [ 162 [ 163 [ 202 [ 248 [ 230 [ 214 [ 177 [ 118 [ 071 [ 162 [ 1.70
rTuser | 087 [ 086 [ o098 [ 098 [ 1oo [ 100 [ 700 [ 100 [ osa [ 100 [ 100 [ 1.00
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Acoustical properties of the theatres

Reverberation Time T20 of 5 Italian theatres
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Acoustical properties of the theatres

According to ISO 3382 standard

Param. Regio Valli Paganini | Roma-700 | Olimpico
C50 [dB] 1.82 7.48 -1.47 -2.45 0.03
C80 [dB] 4.93 9.28 0.81 0.83 1.20
D50 [%] 60 84 42 37 50
Ts [ms] 48 28 115 144 110
EDT [S] 1.08 1.26 2.09 1.98 2.43
T20 [s] 1.10 1.44 2.22 1.99 2.65
T30 [s] 1.11 1.55 2.24 1.99 2.64
LF 0.10 012 0.22 0.12 0.18
IACC (Early) 0.71 0.88 0.60 0.70 0.81
B 1.47 1.70 1.20 1.11 0.91
BR 1.27 1.41 1.17 0.94 0.72




Sound Samples

Chosen In order to evidence the difference between rooms
designed for opera and rooms for purely orchestral music:

ORCHESTRAL:

- G.Verdi, Preludio al Primo Atto de “la Traviata”
- W.A. Mozart, Overture de “le Nozze di Figaro”
- Strauss, “Pizzicate Polka”

VOCAL.:

- Mozart, “Cosli’ fan tutte” (voice and piano)
- Tosti, “Non t'amo piu” (voice and piano)

- “My Funny Valentine” (jazz,voice solo)




Listening seat in Casa della Musica (Parma-ltaly):

Instrumentation:

- A liquid cooled Computer (Futureclient)

- Open dynamic headphones
Sennheiser HD 580 Precision

- Audio-pro Subwoofer for very low
frequencies (18-50 Hz)




Headphones

* Open dynamic headphones:
Sennheiser HD 580 Precision

» Digital equalizing filters are
employed for compensating
the frequency response of the
hedphone+dummy head

* The computation of these
Inverse filters revealed to be
very important for the
“transparency” of the
reproduction chain




Theory of Inverse filters

Single input, single output system

\4

N\~

\ 4

>

A 4

-

Signal source (CD) Filter Amplifier Loudspeaker
Block diagram
X() —> f(x) —> h(z) —>
Input signal Filtering System’s Impulse

coefficients

Response

(Transfer function)

O

Microphone

y(t)

Output signal



Combined transfer functiom

As all the stages are linear:
y(i) = x(i)®f(j)®h(l)

The gola of the filter is to “equalize” — this means to make
the output y(i) to be equal to the input x(i). This is obtained

If:

f(j)@h(l)= a(i)

In which &(i) is the Dirac’s Delta function (a single sample
having unit value, peceded and followed by thousands of
zeroes) — this way the total effect of the filter+system is

simply a delay of a few millisecond, with no other evident

alteration



Possible designe strategies
for an equalizing filter

 Mourjopoulos — Least-squares recursive method in time
domain — the whole frequency range is always
completely inverted.

 Neely & Allen — the filter is designed in the frequency
domain — only the magnitude of the transfer function is
Inverted, so the equalized system will have flat
frequency response, but it will still be “smeared” in time.

 Nelson & Kirkeby — again in the frequency domain, but
the whole complex value is inverted, adding a small
regularization quantity at the denominator for avoiding
Instabilities and ensuring a finite lenght of the inverse

filter



Theory of Kirkeby inversion

« Step 1 - pass to frequency domain through FFT

H(w)= FFT[h(7)]

O Step 2 — make the complex reciprocal at each frequency:

y—___ ConiH(w)]
()= ConlH(o)] H() 1 5@)

0 Step 3 - go back to time domain through an IFF~
f(t)=IFFT[F(o)]

Parametro di regolarizzazione




Regularization parameter g(w)
variable with frequency

A O AF o AF
— —

int N

v

high

Changing the value of the regularization parameter allows for a very accurate filter at
central frequency, and progressively a less aggressive filtering at very low or very high
frequencies.




Example

* A loudspeaker+microphone system
was measured:

>

O,

(1) &

Input signal

C

——>

hw)

Impulse response

—>

(Transfer function)

O

y(r) §

Output signal



Inverse fil
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Inverse filter example

Convolution of inverse filter with the system’s impulse response

if Boze-802-EQU WAV - Cool Edit Pro

File Edit View Transform Generale Analyze Favorites Options

Window Help

X(7) §

Input signal

Not filtered system

—

>

X(W) | —> h(r) &
Input signal System
System with filter
f0) & |—> 2(1)
Filtering Filtered signal

coefficients

y(r) §

Output signal

h(t) g | —>

System

v

y(r) &

Output signal



The software

- Real-time control over
the theatre (ABCDE) and
the music piece (123456)

- Collection of the
guestionnaires with a
graphical user’s interface

- The user is allowed to
switch at will the sound
samples and theatres, and
to change the responses

Risposte soggettive

Unpleasant

Sharp

Hard

Localizable

Enveloping

Rewverberant

Treble attenuated

Bass attenuated

Loud




Statistical Analysis of the results

Aim: possible correlation between objective parameters
measured inside the theatres and subjective descriptors.

Objective parameters choosen:

- Monophonic parameters: reverberation times T10,T20,
T30, EDT,; clarity C50 e C80; center time Ts; D50.

- Spatial parameters: Lateral Fraction(Lf) and Inter
Aural Cross Correlation (IACC)

- Tonal parameters: Tonal Balance (TB) and Bass Ratio
(BR)




Method of analysis: linear regression (multiple regression to
manage the whole matrix of subjective/objective data).

Defining r as coefficient of correlation:

Objective parameter Subjective parameter
Ir|>0,3




Matrix 9x11 of “r”: objective parameters on the
abscissa and subjective parameters on the ordinate.

Cloeff. I}

Eegressione Lineare

OREHFSTRALI — ~
/ \ C50 | CBO|DS0| Ts EDT | T20 | T30 | LF | JACC | TB BE)
Piacevole-Spiacevole| 0T —6-18 024 019 -020-012[-021] 01667 0,00
Rotondo-Spigoloso \ 035 042 046| -051| -035/-037-022(-051 032(-022] 0,15
Morbido-Duro \ 0,17 033 0,28 045 -040-039|-019|-035 0,28-011 0,13
Diffuso-
Localizzabile 017 0300 022 036 035 -037-026|-025 0,26 0,02 021
Distaccato-
Avvolgente -B,l? -0240-013] 0,23 0,16 0,19 009 021 -021/-002| -0,17
sSecco-Kimbombante | JO 24 -042) -032 050 048 030 034 037 036 001 -026
Acuti Accentuati-
Acuti Ridotti 019 -028 035 045 031 026 004 044 -022) 031 002
Bassi Accentuati- /
Bassi Ridotti / 0,22 029 038 -048] -036|-032|-018|-046 0,20-0 34 -0,04
Qmmnessu—ﬂumyn{ -008 -001 000 -011) -015 -00% -002)-005 -001-012]-0,11




Results

Bad correlation between objective and subjective parameters.
Example: pleasant vs. T30 gives a correlation r=-0.20

Piacevole/Spiacevole

T30 [s]

® T.Regio Roma 700 T.Olimpico @ A.Paganini T.Valli




Results

IACC &» diffuse-localisable

0.31 treble boosted-
treble reduced
Tonal Balance

h bass boosted-bass

reduced

Lateral Fraction W round-sharp




Although the results were inherently bad, they were useful
for improving the methodology, along these findings:

& N

Only one music
sample for test

- Future listening tests

Short explanation of the
attributes

- Statistical analysis of "

the results Advanced statistical

methods: factor analysis
or multivariate
regression.




The
Present



THE NEW LISTENING TEST WITH 4
DIFFERENT SOUND SYSTEMS

4 reproduction sound systems being compared.:
1. Headphones
2. Traditional normal stereo
3. Stereo Dipole
4. Dual Stereo Dipole

Monophonic sound source (accordion) — no multiple
soundtracks

The same 5 virtual rooms as in the preliminary
experiment

Different source-receiver distances in each room




Recording of the anechoic music piece

(ASK Industries, Reggio Emilia)




THE NEW LISTENING ROOM

(“Casa della Musica” — Parma)

To reduce the reverberation:

- High Freguencies:
traditional absorbing
panel (glass wool,
pyramid, ecc...)

- Low Frequencies:
resonant open cavities
(cartoon boxes and
tube traps), double side
rigid and vertical
absorbing panels.




Modern multiple-format microphonic systems

© Microphones Neumann KS-140 in configuration
ORTF (angle of 110°)

© Dummy head
Neumann KU-100 with
binaural microphones

® Soundfield ST-250
microphone probe

- Turn table for recordings
to different angles




Binaural / HEADPHONES

- Sennheiser HD 580 Precision

-In principle, they should put the
right pressure exactly where it
was recorded, at the ears,
maintaining perfect separation
and not being affected by the
room response.

- Each signal is passed trough
an inverse FIR filter, which is
computed after a measurement
performed with the headphones
over the dummy head




THE NORMAL STEREO

- Dynaudio self-powered
studio monitors 60°

-The sound is picked up by
the two cardioid
microphones

- Each of the two signals Is
passed through a proper
Inverse filter, computed after
a measurement performed
placing the ORTF
microphones at the listening
position, in front of the
loudspeakers




THE STEREO DIPOLE

Direct path

\ 4

A 4

source

A 4

|
|
|
|
|
|
Audio :
|
|
|
|
|

\ 4

L Co Cross-talk paths

Digital Signal
Processor

The cross-talk cancellation allows for the replica of the
recorded signals at the ears of the listener




THE DUAL STEREO DIPOLE

Frontal

Rear sound

sound

Reproduction over a Dual-Stereo-Dipole loudspeaker rig

It is a four-channel system, in which a frontal stereo dipole is
employed for reproducing the sound coming from directions
located in the frontal hemispace, and the rear stereo dipole
reproduces the sound coming from the rear hemispace.



Reverberation Time of the listening room

0.7
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|

Reverberation Time (s)

125 250 500 1000 2000 4000 8000

Octave Band Centre Frequency (Hz)




Speakers positioning

Mormal

Genelec S30D

Dynaudio
QSC AD-S82H Mo

rmal
stereo




Design of cross-talk canceling filters

 First, a binaural measurement is
made in front of the Stereo Dipole
loudspeakers

.
T  Then, the cross-talk cancelling filters
X ] I .
o | i are computed, so that their
- I ®frl . .
T R, convolution with the measured
Impulse responses reduces to the
Yi . . .
identity matrix
g hIr hrI
h” hrr




Stereo Dipole inverse filters

C(w) =FFT(hy)-FFT(hy)—FFT(h):- FFT (hy)

Conj[C(w)

InvDen(w) = Conj[C(w)]- Clw)+ &(w)

SPL (d8ma)
I
o
<
SPL (d8ma)
=<
SPL (d8ma)




Hardware and Software setup

Digital Signal via FIREWIRE
— Stream Data

8 cables — 4 stereo signals
(1 for each configuration)

10 Channel IN

NOTEBOOK
SW for playing 10 Channel OUT
and output "l Soundcard
selecting

o1 Sharmbinin « Avnlidubih

Soundcard

NETWORKING
AND FILTERING
PC - Audiomulch

10 Channel OUT
Soundcard

LOUDSPEAKERS

- Anechoic tracks preconvolved with IRs of the theatres at the

beginning of the chain

- Filtering through Audiomulch in real time

- Voxengo Pristine Space VST plugin employed as

multichannel convolver




The Voxengo Pristine Space multichannel convolver
) PristineSpace - AudioMulch O] x| _ Fl|tel‘lng

File Edit View Control Help

D= 3 ) > > B @& |4 e 11 St | § w | Soundhn through

VoxengoFrisiineSpace 7
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S N | real time

a OE :
o G = || - oxengo
4 \) = || Pristine Space

SoundOut | AuxOutl Uink To [ -

. . . . . [P R : I
| REVRS | A-GAIN 0313 0625 0938 1250 1563 1875 218 2.500 2813 VS I plugln
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Show File | 1 | slot2 | Slot3 | Slot4  Slot6 | slot7 | slotg | em ployed aS

_.| | | TR \Lavorl\Waves\Audltorlum Parma',

| File.. |X|  1stIR-Soundfield-WY-LeftSpkr

S e ke we | Multichannel

|DUT3 | | DUT4| OUTs:4

slor/Chn I1| L (bl ez (ezder |
[ |

Audlr.i INL | INL | | INL | | INL

Aud Our | | OUT3 |  oUT4 | ODUT1 | ouT 2

ouT1 | | oOut2
w4 bbb b b4 || COnVOolver
-inf dB -inf dB -inf dB -inf dB -inf dB -inf dB -inf dB —|nf dB 0.l l] dB
L] 1 1 L] L] L]
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Software for collecting the answers

YaLUTASIOME IMDICE QUALITA™ ACUSTICA STERED

Situazione d'ascuItDH_ n n n n n m

Piccola

Qual'e la dimensione dell'ambiente che stai ascoltando?

Grande

Molto Grande

realiztico

1 S S
. molto realiztico | J

Labell

- Listening and simultaneous evaluation of 10 sounds,
differing for position inside the theatre and system of
reproduction




GOALS of the new subjective experiment

- Evaluation of spatiality and distance in auditoria
through auralized tracks and different reproduction
systems

- Evaluation of the best system for a realistic
reproduction

- The subjective tests are undergoing in these
months, the results will be published in 2005




Conclusions (preliminary yet)

« The loudspeakers are generally judged more natural than the
headphones

» The frontal (single) stereo dipole is the system providing the better
result/effort ratio: it works with a normal stereo system, it does not
require a lot of computational power for running the inverse filters in
real time, and is generally very natural and provides good localization

» Adding the second stereo dipole gives some advantages, but
generally they are not worth the extra effort required (4-channels
processing, etc.)

* The normal stereo gives very poor localization, and the perceived
spectrum changes with the direction of the sound source, so the
“colour” of the sound is not preserved

 |tis very important to provide a confortable user’s interface: large
LCD screen, wireless mouse, comfortable seat, proper lighting,
thermohygrometric confort.



The Future



Future improvement of the listening room

« Multichannel (surround) sound systems, including:
* ITU 5.1 horizontal surround (2D) through Dolby AC3 or DTS

» Advanced 7.1 horizontal surround (2D) through DTS-ES or
Microsoft WMA

e 1°-order periphonic (3D) Ambisonics (8 loudspeakers)

» Hybrid Stereo Dipole + Ambisonics = Ambiophonics (3D)
* A single computer running both the playback tool and the filtering tool
» Large LCD widescreen display (also good for films!)
» Fanless, completely silent liquid-cooled computer

» 16 playback channels through an Apogee DAC 16 converter and an
RME Hammerfall soundcard with 2 ADAT optical outputs



ITU 5.1 surround

o=

N .
Willlams MMA v
Schematic of the setup
C : Cardioid, 0° 3150m
L, R : Cardioid, £ 40° .
LS, RS : Cardioid, + 120° ® g0om
LS\. 34cm RS
c
e [NA-5
250m 25 cm
Schematic of the setup
C : Cardioid, 0°

L, R : Cardioid, + 90°
LS, RS : Cardioid, = 150°

Ty
L\



ITU 5.1 surround C

OCT L.
S s

Schematic of the setup rsem

C : Cardioid, 0° F U soem

L, R : Super Cardioid, + 90° I

LS, RS : Cardioid, + 180 s/ ! |\ Rs
é | " e
Coem 10 cm

& Visual Virtual Microphone

Master
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Ambisonics 3D 1St order

&

Origipal Rsom Ambisonics decoder ——»

/——//”"’7’ i -~ B-format 4-
\ channels signal Speaker array in the

SoundField Microphone (WXYZ) reproduction room

Reproduction occurs over an array of 8-24 loudspeakers,
through an Ambisonics decoder




The Soundfield microphone

 This microphone is equipped with 4
subcardioid capsules, placed on the faces of a
thetraedron

» The signal are analogically processed in its
own special control box, which derives 4 “B-
format” signals

* These signals are:

e \W : omnidirectional

» X,Y,Z : the three figure-of-eight
microphones aligned with the ISO
cartesian reference system




The B-format components

* Physically, W is a signal
proportional to the pressure,
XYZ are signals proportional
to the three Cartesian
components of the particle
velocity

* when a sound wave
Impinges over the
microphone from the
“negative” direction of the x-
axis, the signal on the X
output will have polarity
reversed with respect to the
W signal




Ambisonics decoding

ZA

'\. v\y>§,r Fi=%-[Gl-W+GZ-(X-cos(oc)+Y-cos([3)+Z-cos(y))]
1

B
Y w B v
-\. ° L4 o4
G ||G|]|G,|]|G;
A .
" v
Each speaker feed is ® cos By
simply a weighted sum ! »é _
of the 4 B-format signals. ! D W B nvritt, |
The weighting l ¢
coefficients are v
computed by the cosines ? €08 B
of the angles between J., ® % InvFilt, _,Q
the loudspeaker and the v v v
three Cartesian axes




4) Ambisonics-Decoder - AudioMulch

Eile Edit View Control

A software Ambisonics decoder
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Rooms for Ambisonics 3D 15 order
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Virtual high-order microphones
(M. Poletti)

One of the two ORTF cardioid is
employed, which samples 36
positions along a 110 mm-radius Q9 >

circumference

From these 36 impulse responses it
IS possible to derive the response of
cylindrical harmonics microphones
(2D Ambisonics) up to 5th order.




Ambiophonics 3D (10
loudspeakers):




Ambiophonics Room at ASK




Ralph Glasgal's Ambiophonics Room
at the Ambiophonics Institute




New hardware tools

Apogee DAC 16 RME Hammerfall soundcard

Liquid-cooled FutureClient PC Toshiba 23" LCD TV/Monitor



Internet resources

All the papers previously published by Angelo Farina can
be downloaded from his personal web site:

www.angelofarina.it

The software system employed for this research is based
on the following modules:

Adobe Audition (www.adobe.com)
Aurora Plugins (www.aurora-plugins.com)
Audio Mulch (www.audiomulch.com)

Voxengo Pristine Space (www.voxengo.com)
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