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Time Line
The Past

= Traditional time-domain measurements with pulsive sounds
and omnidirectional transducers

= Electroacoustical measurements employing special computer-
based hardware, a loudspeaker and an omnidirectional
microphone

The Present

= Electroacoustical measurements employing standard sound
cards, 2 or more loudspeakers and multiple microphones

(2 to 8)
The Future
= Microphone arrays for capturing high-order spatial
information

= Artificial sound sources employing a dense array of
loudspeakers, capable of synthesizing the directivity pattern
of any real-world source
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The Past
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Traditional measurement methods

= Pulsive sources: ballons, blank pistol
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Test with binaural microphones

N1
- )

» Cheap electret mikes in the ear ducts
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Loudspeaker as sound source

Room Measurement of Room

Impulse Response Portable PC with

additional sound card

Loudspe L/'
V ' > Output signal y -

L Microphone

MLS test signal x

* A loudspeaker is fed with a special test signal x(t),
while a microphone records the room response

= A proper deconvolution technique is required for
retrieving the impulse response h(t) from the
recorded signal y(t)
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Measurement process

_ distorted signal SutpUL YD
input x(t) w(t) > linear system
' w(t)®h(t)
. 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 iIs necessary to exclude the effect of the not-linear
part K and of the background noise n(t).
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Electroacoustical methods

= 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” and in
Europe as “chirp”)

» 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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The first MLS apparatus - MLSSA

ol R AR

= MLSSA was the first apparatus for measuring impulse responses with MLS
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More recently - the CLIO system

PB-4281 X sc-o1

* The Italian-made CLIO system has superseded MLSSA for most
electroacoustics applications (measurement of loudspeakers, quality control)
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The first TDS apparatus - TEF

= Techron TEF 10 was the first apparatus for measuring impulse responses
with TDS

»= Subsequent versions (TEF 20, TEF 25) also support MLS
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The Present
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Edirol FA-101

Firewire sound
card:

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

Dodechaedron

loudspeaker

Soundfield
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Checking Recowery Files..,

Stewve Balo, Magendra Bangalore, Mat Chavez, Ron Day, Shawn Deyell, Paul Ellis, Yukiko Eron, Stewe
Fazia, Hideya Gamo, Peter Graen, David Johnston, Bryce Jonaszon, En'c Juteau, Rolf Kosmalski, Jason
Lewvine, Makato Megura, Ichirou Makarura, Todd ©der, Chiis Robinson, John Rush, Hart Shafer, Mariman
Sodeifi, Rick Wilson, Ellen Wixted, Shenzhi Zhang

AdobeE F\udltlon © 1992-2004 Adobe Systerns, Incorporated, All rights reserved,
See the legal natices in the about bax

The first ESS system - AURORA

Aurora Plugins

Generate MLS

Deconvolve MLS

Generate Sweep

Adobe’ Audltlon“ 1.5

Deconvolve Sweep

Convolution

Kirkeby Inverse Filter

e TAY
hdobe
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= Aurora was the first measurement system based on standard sound cards
and employing the Exponential Sine Sweep method (1998)

= |t also works with traditional TDS and MLS methods, so the comparison
can be made employing exactly the same hardware
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MLS method

2 X(t) is a periodic binary
- N stages . signal obtained with a
B B suitable shift-register,

- L a configured for
T stages maximum lenght of the
| — period.
- x|
= mls5. way =] B3
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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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Exponential Sine Sweep method

= X(t) Is a band-limited sinusoidal sweep 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)

ntitled* - Adobe Audition
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Measured signal - y(t)

=7 Raw_Response.wav - Adobe Audition
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= The not-linear behaviour of the loudspeaker causes many harmonics to appear
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Inverse Filter — z(t)

ntitled (2)* - Adobe Audition
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The deconvolution of the IR is obtained convolving the measured signal
y(t) with the inverse filter z(t) [equalized, time-reversed x(t)]
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Deconvolution of Exponential Sine Sweep

The “time reversal mirror” technique is employed: the
system’s impulse 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

e-18

Test Signal x(t)

Inverse Filter z(t)
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Result of the deconvolution

&< Multiple_IR.wav - Adobe Audition
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The last 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 extract just one of them (the 1°-order - Linear in this example):

Impulse Response selection .
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Example of an ESS impulse response

= [R-SWEEP-eq. WAV - Adobe Audition
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Maximum Length Sequence vs. Exp. Sine Sweep

Left Channel

Aurora - Logarithmic Sine Sweep q{)
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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
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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
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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
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—BURST Settingz E E
Burst Length 200 . : -
Cancel
Silence Length |33 M. ﬂl
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— Input W aveform |nfo
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1R 1.Ch,
oK. |
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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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IJACC “objective” spatial parameter

= |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

0 -
T L R N e W P R(T )
0:00.067
_ 0 — _
p(t)= — — IACCg =Max[p(t)] te[-1ms..+1ms]
Ipﬁ(t) dt IpZR (t+1t)-dr
0 0
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LF “objective” spatial parameter

= Other “spatial” parameters are the Lateral Energy ratio LF

= This is defined from a 2-channels impulse response, the first channel is a
standard omni microphone, the second channel is a “figure-of-eight”
microphone:

I 1st I "RJ\} SWY_Pr2C.wav*® - Ado ll(-lud
e

Omni

> ! A L 4 i 0 *J\,n, A e T s Pt
o(T)

Figure

-*ﬂ,‘w%‘mumm&wmmﬁ' h T
of 8 " 8(1)

pomne oemn 0:00.063
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Are IACC measurents reproducible?

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

- N y . o

30.09.2007 Angelo Farina UNIPR | All Rights Reserved | Confidential | Page 37




Are IACC measurents reproducible?

» Diffuse field - huge difference among the 4 dummy heads

IACCe - random incidence
1 Hyﬁ
0.9 -
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0.7
0.6 -
e=f==B&K4100
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O 0.5+
< =r=Head
Neumann
0.4 -
0.3 \ \
0.2 - \
N /
0 T T T T T T T T
31.5 63 125 250 500 1000 2000 4000 8000 16000
Frequency (Hz)
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Are LF measurents reproducible?

= Experiment performed in the Auditorium of Parma - same loudspeaker,
same source and receiver positions, 4 pressure-velocity microphones
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Are LF measurents reproducible?

= At 25 m distance, the scatter is really big

Comparison LF - measure 2 - 25m distance

=&—Schoeps
0.9
=fl=Neumann /
0.8 === Soundfield /
0.7 ] B&K
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L 0.5 A

T\ S Y

0.1 ~

315 63 125 250 500 1000 2000 4000 8000 16000
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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 N . 9!
signal (WXYZ2)

SoundField B
Microphone  \1 5 or sweep excitation signal - |

A

A

Sound Source

>
ORO ic§

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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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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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.ACQUSTICS.NET
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The Future
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The Future

= Microphone arrays capable of synthesizing
aribitrary directivity patterns

* Advanced spatial analysis of the sound field
employing spherical harmonics (Ambisonics - 1°
order or higher)

| oudspeaker arrays capable of synthesizing
arbitrary directivity patterns

= Generalized solution in which both the
directivities of the source and of the receiver are
represented as a spherical harmonics expansion
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Directivity of transducers

Soundfield ST-250 microphone

2000 Hz
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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 a complex 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
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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
signals 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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4°-order microphone (Italy)

= Angelo Farina’s spherical mike (32 capsules)
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5°-order microphones (University of Sydney)

= Chris Craig’s dual-sphere concentrical mike (64 capsules)
= And his 32-capsules cylindrical mike
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Verification of high-order patterns

= Sebastien Moreau and Olivier Warusfel verified the directivity patterns of their
4°-order microphone array in the anechoic room of IRCAM (Paris)

=

T E A
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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., a musical 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
channels sound board

B-format 4-channels
microphone (Soundfield)

O-fdrmat 4-channels source

4
A
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Directivity of transducers
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Directivity of transducers

LookLine D-200 dodechaedron
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Directivity of transducers

Omnisonic 1000 dodechaedron
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High-order sound source

= Adrian Freed, Peter Kassakian, and David Wessel (CNMAT) developed a new
120-loudspeakers, digitally controlled sound source, capable of synthesizing
sound emission according to spherical harmonics patterns up to 5° order.
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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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Complete high-order MIMO method

Employing massive arrays of transducers, it will be feasible to sample the
acoustical temporal-spatial transfer function of a room

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 &= |
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Improving
the ESS method
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Topics

= Pre-ringing at high and low frequency before the
arrival of the direct sound pulse

= Pre/post equalization of the test signal performed
in a way which avoids time-smearing of the
Impulse response

= Sensitivity to abrupt pulsive noises during the
measurement

= Skewing of the measured impulse response
when the playback and recording digital clocks
are mismatched

= Cancellation of high frequencies in the late part
of the tail when performing synchronous
averaging

30.09.2007 Angelo Farina UNIPR | All Rights Reserved | Confidential | Page 63




Pre-ringing at high and low frequency

* Pre-ringing at high frequency due to improper fade-out

£% Untitled* - Adobe Audition
Eile Edit View Effects Generate Analyze Favorites Options Window Help

CEE MEEEE REREEREECEE TREEE El o [ = e e el R

450 561465

BE1: GE1470 BE1475 66148 GE1485 BE1400 BE14L
H e H & |afoflia] 661449
IEMrEY | | B =Y
-42.7dB 2 661480 44100 + 32-bit + Mon 521 MB 623 GH fres

This picture shows the preringing obtained deconvolving directly the test
signal, without passing through the system under test
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Pre-ringing at high and low frequency

= Perfect Dirac’s delta after removing the fade-out

&< Untitled* - Adobe Audition
File Edit View Effects Gererate Analyze Favorites Optons Window Help

] | | o | YGRS R R (ST PR =

RRDE | e 1322897

Complsted in 2.36 secands \ 44100+ 324+ Mono | 1042MB | 6,228 free

This picture shows the result obtained deconvolving directly the test signal,
without passing through the system under test, and employing a sine
sweep going up to the Nyquist frequency
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Pre-ringing at high and low frequency

= Pre-ringing at low frequency due to a bad sound card featuring frequency-
dependent latency

&% Track 2* - Adobe Audition
File Edit View Effects Generate Analyze Favorites OCptions Window  Help

eE PEEEE EREERRE R EEEEE B

zmpl BEIT25 Lk GEZTA0 BEZT4S GEZTS0 BEITES BEZTED BEZTES BEZTTO BEITTS BEZTE0
] - 662720
IR | | R

=30 -2 24 21 -18 -15 {2 = & 2 0
-56.3dB @ 662720 44100 « 32-hit = Mono | 576 MB E.21 GB free

This artifact can be corrected if the frequency-dependent latency remains
the same, by creating a suitable inverse filter with the Kirkeby method
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Kirkeby inverse filter

= The Kirkeby inverse filter is computed inverting the measured IR

1) The IR to be inverted is FFT
transformed to frequency domain:

H(f) = FFT [h(f)]

2) The computation of the inverse filter is
done in frequency domain:

C(f) CO”J[H( )]

Conj[H(F)]- H(F )+ =(f)

Where ¢(f) is a small,
frequency-dependent
regularization parameter

3) Finally, an IFFT brings back the
inverse filter to time domain:

c(t) = IFFT [C(f)]
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Inverse filter
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Pre-ringing at high and low frequency

= Convolving the time-smeared IR with the Kirkeby compacting filter, a very
sharp IR is obtained

E# IR-loopback-equalized WAV - Adobe Audition
File Edit \iew Fffects Generate Analyze Favorites Options  Window  Help

IEE NEEEE R EEBEACER R EEE S EE EEEEEE T e ) R R P

H ﬂﬂﬂﬂﬁ”‘ ESEYES I!!

< 83 Bl a7 a4 -2 -8 75 72 -G8 B8 63 60 5T 54 -5 -4 45 -4z -3 38 33
Saved in .02 seconds -47 6dB @ 4144 44100 « 32-hit + Mo E.21 GB fre

The same method can also be applied for correcting the response of the
loudspeaker/microphone system, if an anechoic preliminary test is done
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Topics

= Pre-ringing at high and low frequency before the
arrival of the direct sound pulse

= Pre/post equalization of the test signal performed
in a way which avoids time-smearing of the
Impulse response

= Sensitivity to abrupt pulsive noises during the
measurement

= Skewing of the measured impulse response
when the playback and recording digital clocks
are mismatched

= Cancellation of high frequencies in the late part
of the tail when performing synchronous
averaging
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Equalization of the whole system

= An anechoic measurement is first performed
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Equalization of the whole system

= A suitable inverse filter is generated with the Kirkeby method by inverting
the anechoic measurement

Invert Kirkeby v. 4.1 TS
e BEERD ERRRERRRCCE PEEEE PR EEnnEE O OO o AT i o e

Impulze Responze Info
44700 Hz/Mono/ 1024 S amples

€ Dual kot [ho CressTialk cancelstun]
) Steren (with ErassTalk cancelation]

{01222 [with ErassTalk cancellation] I s el carce el

|verse Filker Length [zamples] |4E|SE;

IN-band Beqularization Parameter W
OUT-band Beqularisation Pararmeter |1EI—
Lower cut frequency [Hz) |33— Cancel |
Higher cut frequency [Hz] IW
Transiion Width (act] o
Aweraging Mode Im Help |

= S ET A S e
Iype IDctaves - I it [Spectal Eoimts ar IE.e-DD2

—Gain Settings
¥ Autorange fof anual it [dE]: |14.5656

Uzer I.-’-‘n.ngelo Farina Feg. key I"""“"’“‘

A4100 = T34« Mono | BAE. 621 GE e
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Equalization of the whole system

= The inverse filter can be either pre-convolved with the test signal or post-
convolved with the result of the measurement

= Pre-convolution usually reduces the SPL being generated by the
loudspeaker, resulting in worst S/N ratio

= On the other hand, post-convolution can make the background noise to
become “coloured”, and hence more perciptible

* The resulting anechoic IR becomes almost perfectly a Dirac’s Delta
function:

£7 BK412B-onaxis-equalized.wav - Adobe Audition
File Edt View Effecls Gerwrate Anshze Favorites Optiors Window Help
Y = 5 o 5 i e e e ™ ™ B || PGS = TR = BT
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Topics

= Pre-ringing at high and low frequency before the
arrival of the direct sound pulse

= Pre/post equalization of the test signal performed
in a way which avoids time-smearing of the
Impulse response

= Sensitivity to abrupt pulsive noises during the
measurement

= Skewing of the measured impulse response
when the playback and recording digital clocks
are mismatched

= Cancellation of high frequencies in the late part
of the tail when performing synchronous
averaging
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Sensitivity to abrupt pulsive noises

= Often a pulsive noise occurs during a sine sweep measurement

#< Sweep_riregistrata_dodecequa(Left)_notequ{right).wav* - Adobe Audition
File Edit \iew Fffects Generate Analyze Favorites Options  Window  Help

e 5 5 )| o R i e e =

=mpl s0000  doooon £O000 200000

o

Stopped [7711He @ 4002 | 48000 - 320t~ Mono 348 | 62268 fee
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Sensitivity to abrupt pulsive noises

= After deconvolution, the pulsive sound causes untolerable artifacts in the
impulse response

e swLwav‘ - Adobe m:niiln:lcm .
A EEEE  ERRERNRACEN C RS BEE aEnnms O O R = -

02 04 D6 D8 10 12 14 16 18 20 2.2 24 26 28 30 32 34 36 338

02 04 D6 08 10 12 14 16 18 20 22 24 26 28 30 32 34 36 338

The artifact appears as a down-sloping sweep on the impulse response.
At the 2 kHz octave band the decay is distorted, and the reverb. time
is artificially increased from 2.13102.48 s
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Sensitivity to abrupt pulsive noises

= Several denoising techniques can be employed:
» Brutely silencing the transient noise
» Employing the specific “click-pop eliminator” plugin of Adobe Audition
» Applying a narrow-passband filter around the frequency which was being generated in
the moment in which the pulsive noise occurred
= The third approach provides the better results:

FFI. F_ I t w.,a:.h.n.n Addosten ﬂm_!lr_l.(m - -
ner o MERED BRarRRERTmE CEERE SRE ERneEE T Eer O S
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'''''''
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P!"ES.EI‘Sl M ﬂl FFT Size Windowing Function [~ Bypass
Eahigé?t[e.r?:se Frequency Hespnns; I"‘“:'E‘E ;I IBLﬁCkma” ;I Presiew |
e-Eszer

Inharmnonic Resonance
Inharmnonic Resonance Shide

— TimeX ariable Settings lil

Fill The B0Hz Ground Loop Ird Lock to Congtant Filker Cloze
Kill The Mic Rumble ol ek

Kil The Subharmonics o Cancel |
M aztening - Gentle & Marrow hal

jsi |2 Trarisitinn (E |
¥ Enable Prerall and Postrall Preview ples il ranzion LA Help |

477330
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Topics

= Pre-ringing at high and low frequency before the
arrival of the direct sound pulse

= Pre/post equalization of the test signal performed
in a way which avoids time-smearing of the
Impulse response

= Sensitivity to abrupt pulsive noises during the
measurement

= Skewing of the measured impulse response
when the playback and recording digital clocks
are mismatched

= Cancellation of high frequencies in the late part
of the tail when performing synchronous
averaging
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Clock mismatch

= When the measurement is performed employing devices which exhibit
signifcant clock mismatch between playback and recording, the resulting
impulse response is “skewed” (stretched in time):

& Skewed-IR.wav - Adobe Audition

Blo ESt Vew Effects Geershn Fevogbes Cpbors  Wndow  Help :
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The pictures show the results of an electrical measurement performed
connecting directly a CD-player with a DAT recorder
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Clock mismatch

= |t is possible to re-pack the impulse response employing the already-
described approach based on the usage of a Kirkeby inverse filter:

M3l Skewed-IR.wav* - Adobe Audition
Ble Et Wew Bt Generstn Favoibes Cpbors Window Help
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However, this is possible only if a “reference” electrical (or anechoic)
measurement has been performed. But, in many cases, one only gets
the re-recorded signals, and no reference measurement is available, so

the Kirkeby inverse filter cannot be computed.
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Clock mismatch

= However, it is always possible to generate a pre-stretched inverse filter,
which is longer or shorter than the “theoretical” one - by proper selection
of the lenght of the inverse filter, it is possible to deconvolve impulse
responses which are almost perfectly “unskewed”:

M1 EI W& skewed-1R-realigned. wav - Adobe Auditi
Eiler En\owwmﬁwuau mrmmm

& Skewed-IR-realigned.wav - Adobe Auditi
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The pictures show the result of the deconvolvution of a clock-
mismatched measurement, in which a pre-strecthed inverse filter is
employed, 8.5 ms longer than the theoretical one.
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Topics

= Pre-ringing at high and low frequency before the
arrival of the direct sound pulse

= Pre/post equalization of the test signal performed
in a way which avoids time-smearing of the
Impulse response

= Sensitivity to abrupt pulsive noises during the
measurement

= Skewing of the measured impulse response
when the playback and recording digital clocks
are mismatched

= Cancellation of high frequencies in the late part
of the tail when performing synchronous
averaging
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High-frequency cancellation due to averaging

= When several impulse response measurements are synchronously-
averaged for improving the S/N ratio, the late part of the tail cancels out,
particularly at high frequency, due to slight time variance of the system

|‘. ."” Y l|r|l|||| I ““]|||F|J||
I ]f le “”\l' i I""“h”nﬂmfh'r i

i

Spectrum of a single sweep of 50s (above)

005 D010 005 020 025 030 035 D040 045 050 055 060 D085 versus 50 sweeps of 1s (bGIOW)
short-FFT spectrum at 200 ms after direct sound

Comparison of a single sweep 50 s long with the synchronous average of
50 sweeps, 1 s long each.
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High-frequency cancellation due to averaging

= However, if averagaing is performed properly in spectral domain, and a
single conversion to time domain is performed after averaging, this artifact
Is significantly reduced

* The new “cross Functions” plugin can be used for computing H1:
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Hl(f ) = —= Result of transfer function H1, processing a

G LL sequence of 50 sine sweeps (above)
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Conclusions (I of Il)

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

= Traditional methods for measuring “spatial parameters” (IACC,
LF) proved to be unreliable and do not provide complete
iInformation

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

= For obtaining 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
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Conclusions (Il of Il)

= ESS is now employed in top-grade measurement systems:
Audio Precision (TM), Rhode-Schwartz and B&K / DIRAC

= However, these completely-packaged measurement systems
often do not allow to play “tricks” and to adjust the signals for
solving problems, which have been shown here

= Workarounds have been found for the problems occurring when
performing ESS measurements

* These workarounds are easily applied by working with a general
purpose sound editor (Adobe Audition)

= A number of additional plugins have been developed, making
easy to generate the test signal, to deconvolve and process
Impulse responses, to compute inverse filters and to perform
advanced processing (STI, AQT, etc.)

= These plugins are freely downlodable at the AURORA web site:
www.aurora-plugins.com
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