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Time Line

The Past

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

= MLS and TDS methods for electroacoustical masurements

The Present

= Electroacoustical measurements employing the Exponential
Sine Sweep method (ESS)

= Capturing spatial information with multichannel microphones

= Post processing of measured IRs for computing acoustical
parameters and for auralization
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The Past

22.09.2008 Angelo Farina | Page 3



Starting point: room impulse response
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Traditional measurement methods

= Pulsive sources: ballons, blank pistol
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Loudspeaker as sound source

Room Measurement of Room

Impulse Response Portable PC with

additional sound card

Loudspe /ﬂ/, |
,\/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

input X(t) : w(t) linear system output y(t)
> wW(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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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 signhals 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

A

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

PB-4281 X sc-01

* The Italian-made CLIO system has superseded MLSSA for most low-cost
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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Theory of MLS method

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

- L a configured for
T otages maximum lenght of the
L Ber period.
- X |
A mlzh wav Mi=] 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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MLS example

Room Measurement of Room

Impulse Response Portable PC with

additional sound card
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Octave-Band Spectrum
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The Present
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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
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The first ESS system - AURORA

Aurora Plugins

Generate MLS

Deconvolve MLS

Generate Sweep

Adobe*"Audltlon“ 15

Checking Recovery Files.., Convolut|0n }:::I:I

Deconvolve Sweep

m== il
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Stewe Balo, Magendra Bangalore, Mat Chavez, Ron Day, Shawn Deyell, Paul Ellis, Yukike Eron, Steve

Fazio, Hideya Garna, Peter Green, David Johnstan, Bryce Janassan, Enc Juteau, Rolf Kosrmalski, Jason

Levine, Makata Megura, Ichirou Makarnura, Todd OHer, Chris Robinzon, John Rush, Hart Shafer, Mariman H H
Sodelﬁ Rick Wilson, Ellen Wizted, Shenzhi Zhang Kll"keby |nverse Fllter

Adobe® Audition™ @ 1992-2004 Adabe Systers, Incorporated, All rights rezerved,
See the legal notlces in the about box,

ariee TAY

Speech Transm. Index

= Aurora was the first measurement system based on standard sound cards
and employing the Exponential Sine Sweep method

= |t also works with traditional TDS and MLS methods, so the comparison
can be made employing exactly the same hardware
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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) =siIn
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Test Signal — x(t)

ntitled* -

Adobe Audition
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Measured signal - y(t)

aw_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)
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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

7

Test Signal x(t) Inverse Filter z(t)
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Deconvolution = rotation of the sonograph

Au Adobe Audition - Untitled*
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= Convolving with the inverse filter rotates the time-log(f) plane counter clockwise
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Result of the deconvolution

&7 Multiple_IR.wav - Adobe Audition
File Edit WView Effects Generate Analyze Favorites Options Window Help
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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 insulate just one of them:

Impulse Response selection | = Track 2* - Adobe Audition
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Maximum Length Sequence vs. Exp. Sine Sweep

Lett Channel
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= [R-SWEEP-eq. WAV - Adobe Audition
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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-
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Save toFile... |

Copy to Clipboard
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The STI Method

1/F

< >
Q A
ie) .
O Acoustic
T system
LL
> >
>
(¢b)
= 7,

time

The STI method is based on the MTF concept: a carrier
signal (one-octave-band-filtered noise) is amplitude
modulated at a given modulation frequency with 100%
modulation depth. At the receiver, the modulation depth
IS reduced, due to noise, reverb, echoes, etc.
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MTF from Impulse Response

“|t iIs possible to derive the MTF values from a
single impulse response measurement:

To compute each value of m(F) from the impulse response
h(t), an octave-band filter is first applied to the impulse

response, in order to select the carrier’s frequency band f.
Then m(F) is obtained with the formula

o0

jhfz(r)-exp(— j-2-7-F-7)-dr

m(F) == -
jhfz(f)-df
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Background noise

* [f the background noise is superposed to the impulse
response, the previous method already takes care of it, and
the MTF values are measured correctly

= However, in some cases, it is advisable to perform a noise-
free measurement of the IR, and then insert the effect of the
noise with the following expression:

1
1+1o[ Lm“’Lﬂgnalj

This makes it possible to measure a “clean” impulse
response, and then to perform separately the signl an noise
recordigs

m(F)=m'(F)-
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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 ISO3382 (v. 4.2) |
.

| Close I Help I

— User Defined Reverberation Time Extremes —— 45
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o |12":I el | 2 247 | 341 | 2% | 629 | 408 | 507 | -408 .32 | 590 | 934 |-080 011 ¢ C50(dE)
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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

| 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 Hz] | [[Charnels:

11][M.ofblocks: 0] | [M.oflR: 1 ] |

IR N. | channelN. |

Parameters to be graphed

1R 1. Ch.
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oK |
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Distortion measurements

*A headphone was driven
with a 1 V RMS signal,
causing severe
distortion in the small
loudspeaker.

*The measurement was
made placing the
headphone on a dummy
head.

= Measurements: ESS and
traditional sine at 1 kHz
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Distortion measurements

n Left Channel Dwerlays
5 e
1| overlay 1
-50.0 2|V cverlay 2
Lingar response 3| Overlay 3
_EE'ZW\ Al Overlay 4
-60.0 __,__,_._——f‘ Optiuns...l
700 Znd order distortion
9 80.0
I -66.49 dB 2rd order distortion
=
= W
E -80.0 m T
=y
= ' ’
&-100.0 -107.27 dB]
i 4th order distortion !
-110.0
-120.0
130.0
1400 ]
1.0k 2.0k 3.0k 4.0k
Freguency (HZ

= Comparison between:

= traditional distortion measurement with fixed-frequency sine (the black
histogram)

= the new exponential sweep (the 4 narrow, coloured lines)
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Spatial analysis by directive impulse responses

= 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

Pressure-velocity
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

I 1st-1R_PR-Aud_BIN_Pt2C.wav*® - Adobe Audition
fle ESt Vow Effuct Gererste Aravie Favohs Optiors  Window el
R AEFED ERRNEREACEE CEOO0 e PRR ERROE [ e = - @ e e

R T

| ‘ : o e g 6 P Bt p (T)
L

T R RNE e W e pR(r )

0:00.067

_ 0 _ _
p(t)= — —— IACC: =Max|p(t)] te[-1ms..+1ms]
jpE(t) dt jsz (t+1t)-de
0 0
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Lateral Fraction (LF) spatial parameter

= Another “spatial” parameter is the Lateral Fraction 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:

Omni R
] ho(7)

BRnoG BREm| 0:00.063
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Are binaural measurents reproducible?

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

B S S SR )

| Page 43



Are |IACC measurents reproducible?

= Diffuse field - huge difference among the 4 dummy heads

IACCe - random incidence

11— ﬁ' N
0.9
0.8 2
0.7
0.6
e=4=B&K4100
S == Cortex
O 05
< ==Head
Neumann
0.4 -
0.3
0.2
N /
0.1 1 \
O 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
1
== Schoeps
0.9
== Neumann /
0.8 === Soundfield /
e B B&K
0.6 -
%05
0.4 -
0.3 -
0l2 i &
0.1
O T T T T T
31.5 63 125 250 500 1000 2000 4000 8000 16000
Frequency (Hz)
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3D Impulse Response (Gerzon, 1975)

Measurement of B-format

Impulse Responses Portable PC with 4-

channels sound board
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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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Directivity of transducers

Soundfield ST-250 microphone
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A-format microphone arrays

= Today several alternatives to Soundfield microphones do exists. All of them
are providing “raw” signals from the 4 capsules, and the conversion from
these signals (A-format) to the standard Ambisonic signals (B-format) is
performed digitally by means of software running on the computer
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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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The Ciresa project (2005)

Measurements of the vibrations and radiated sound from wood panels
Mapping of harmonic tables by means on an XY scanner

= Pressure measured by means of a linear microphone array

= Velocity measured by means of a laser vibrometer

1359 Hz 1312 Hz

20 30 40 5 0 10

Radiated sound pressure level (Left) and vibration velocity (Right)
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Conclusions

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

*The ESS method also allows for measurement of not-
linear devices and to assess harmonic distortion

= Current limitation for spatial analysis in room acoustis
IS due to transducers (loudspeakers and
microphones)

*A new generation of loudspeakers and microphones,
made of massive arrays, is under development.

*The “harmonic orders” impulse responses obtained
by the exponential sine sweep method can be used for
not-linear convolution, which yields more realistic
auralization
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