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Traditional time-domain measurements with pulsive sounds
and omnidirectional transducers
MLS and TDS methods for electroacoustical masurements

The The PastPast

The The PresentPresent

Electroacoustical measurements employing the Exponential
Sine Sweep method (ESS)

The FutureThe Future
Capturing the complete spatial information by means of 
arrays of transducers
Employment of not-linear impulse responses in the 
auralization process

Time Line
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StartingStarting pointpoint: : roomroom impulseimpulse responseresponse

Omnidirectional receiver 

Direct Sound 

Reflected Sound 

Point Source 

Direct Sound

Reverberant tail
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The The PastPast
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TraditionalTraditional measurementmeasurement methodsmethods

PulsivePulsive sourcessources: : ballonsballons, , blankblank pistolpistol
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ExampleExample ofof a a pulsivepulsive impulseimpulse responseresponse
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LoudspeakerLoudspeaker asas sound sourcesound source

A A loudspeakerloudspeaker isis fedfed withwith a a specialspecial test test signalsignal x(t), x(t), 
whilewhile a a microphonemicrophone recordsrecords the the roomroom responseresponse
A A properproper deconvolutiondeconvolution techniquetechnique isis requiredrequired forfor
retrievingretrieving the the impulseimpulse responseresponse h(t) h(t) fromfrom the the 
recordedrecorded signalsignal y(t)y(t)

Portable PC with 4-
channels sound board

Original Room

SoundField Microphone

B- format 4-
channels signal 

(WXYZ)

Measurement of B- format 
Impulse Responses

MLS excitation signal

Portable PC with
additional sound card

Room

Microphone

Output signal y 

Measurement of Room
Impulse Response

MLS test signal x

Loudspeaker
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Measurement process

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).

 

Not-linear, 
time variant 

system 
K[x(t)] 

Noise  n(t) 

input x(t) 
+ 

output y(t)linear system 
w(t)⊗h(t)

distorted signal 
w(t) 
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ElectroacousticalElectroacoustical methodsmethods

DifferentDifferent typestypes ofof test test signalssignals havehave beenbeen developeddeveloped, , 
providingproviding goodgood immunityimmunity toto background background noisenoise and easy and easy 
deconvolutiondeconvolution ofof the the impulseimpulse responseresponse::

►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)
EachEach ofof thesethese test test signalssignals can can bebe employedemployed withwith differentdifferent
deconvolutiondeconvolution techniquestechniques, , resultingresulting in a in a numbernumber ofof
““differentdifferent”” measurementmeasurement methodsmethods
Due Due toto theoreticaltheoretical and and practicalpractical considerationsconsiderations, the , the 
preferencepreference isis nowadaysnowadays generallygenerally orientedoriented forfor the the usageusage ofof
ESS ESS withwith notnot--circularcircular deconvolutiondeconvolution
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The first MLS The first MLS apparatusapparatus -- MLSSAMLSSA

MLSSA MLSSA waswas the first the first apparatusapparatus forfor measuringmeasuring impulseimpulse responsesresponses withwith MLSMLS
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More More recentlyrecently -- the CLIO systemthe CLIO system

The The ItalianItalian--mademade CLIO system CLIO system hashas supersededsuperseded MLSSA MLSSA forfor mostmost lowlow--costcost
electroacousticselectroacoustics applicationsapplications ((measurementmeasurement ofof loudspeakersloudspeakers, , qualityquality controlcontrol))
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The first TDS The first TDS apparatusapparatus -- TEFTEF

TechronTechron TEF 10 TEF 10 waswas the first the first apparatusapparatus forfor measuringmeasuring impulseimpulse responsesresponses
withwith TDSTDS
SubsequentSubsequent versionsversions (TEF 20, TEF 25) (TEF 20, TEF 25) alsoalso supportsupport MLSMLS
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The The PresentPresent
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Edirol FA-101
Firewire sound 

card:
10 in / 10 out

24 bit, 192 kHz
ASIO and WDM

Today’s Hardware: PC and audio interface
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Hardware: Hardware: loudspeakerloudspeaker & & microphonemicrophone

Dodechaedron
loudspeaker

Soundfield
microphone



|| Page Page 161618.09.200818.09.2008 Angelo FarinaAngelo Farina

Aurora Plugins
Generate MLSGenerate MLS

DeconvolveDeconvolve MLSMLS

Generate SweepGenerate Sweep

DeconvolveDeconvolve SweepSweep

ConvolutionConvolution

KirkebyKirkeby Inverse FilterInverse Filter

Speech Speech TransmTransm. Index. Index

The first ESS system - AURORA

Aurora Aurora waswas the first the first measurementmeasurement system system basedbased on standard sound on standard sound cardscards
and and employingemploying the the ExponentialExponential SineSine SweepSweep methodmethod
ItIt alsoalso worksworks withwith traditionaltraditional TDS and MLS TDS and MLS methodsmethods, so the , so the comparisoncomparison
can can bebe mademade employingemploying exactlyexactly the the samesame hardwarehardware
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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 f1 and ending at f2.
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Test Signal – x(t)
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Measured signal - y(t)

The The notnot--linearlinear behaviourbehaviour ofof the the loudspeakerloudspeaker causescauses manymany harmonicsharmonics toto appearappear
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Inverse Filter – z(t)

The The deconvolutiondeconvolution ofof the IR the IR isis obtainedobtained convolvingconvolving the the measuredmeasured signalsignal
y(t) y(t) withwith the inverse the inverse filterfilter z(t) [z(t) [equalizedequalized, , timetime--reversedreversed x(t)]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

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

The last impulse response is the linear one, the preceding
are the harmonics distortion products of various orders

1°2°
3°

5°
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Maximum Length Sequence vs. Exp. Sine Sweep
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Distortion measurementsDistortion measurements

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

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

Measurements: ESS and Measurements: ESS and 
traditional sine at 1 kHztraditional sine at 1 kHz
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Distortion measurementsDistortion measurements

Comparison between:Comparison between:
traditional distortion measurement with fixedtraditional distortion measurement with fixed--frequency sine (the black frequency sine (the black 

histogram) histogram) 
the new exponential sweep (the 4 narrow, coloured lines)the new exponential sweep (the 4 narrow, coloured lines)
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SpatialSpatial analysisanalysis byby directivedirective impulseimpulse responsesresponses

The The initialinitial approachapproach waswas toto useuse directivedirective microphonesmicrophones forfor gatheringgathering some some 
information information aboutabout the the spatialspatial propertiesproperties ofof the sound the sound fieldfield ““asas perceivedperceived byby
the the listenerlistener””
TwoTwo apparentlyapparently differentdifferent approachesapproaches emergedemerged: : binauralbinaural dummydummy headsheads and and 
pressurepressure--velocityvelocity microphonesmicrophones::

BinauralBinaural
microphonemicrophone ((leftleft))

and and 

PressurePressure--velocityvelocity
microphonemicrophone (right)(right)
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IACC IACC ““objectiveobjective”” spatialspatial parameterparameter
ItIt waswas attemptedattempted toto ““quantifyquantify”” the the ““spatialityspatiality”” ofof a a roomroom byby meansmeans ofof
““objectiveobjective”” parametersparameters, , basedbased on 2on 2--channels channels impulseimpulse responsesresponses measuredmeasured
withwith directivedirective microphonesmicrophones
The The mostmost famousfamous ““spatialspatial”” parameterparameter isis IACC (Inter IACC (Inter AuralAural Cross Cross 
CorrelationCorrelation), ), basedbased on on binauralbinaural IR IR measurementsmeasurements

LeftLeft

RightRight
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LateralLateral FractionFraction (LF) (LF) spatialspatial parameterparameter
AnotherAnother ““spatialspatial”” parameterparameter isis the the LateralLateral FractionFraction LFLF
ThisThis isis defineddefined fromfrom a 2a 2--channels channels impulseimpulse responseresponse, the first , the first channelchannel isis a a 
standard standard omniomni microphonemicrophone, the , the secondsecond channelchannel isis a a ““figurefigure--ofof--eighteight””
microphonemicrophone::

Figure Figure 
ofof 88

OmniOmni
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Are Are binauralbinaural measurentsmeasurents reproduciblereproducible??
ExperimentExperiment performedperformed in in anechoicanechoic roomroom -- samesame loudspeakerloudspeaker, , samesame source source 
and and receiverreceiver positionspositions, 5 , 5 binauralbinaural dummydummy headsheads
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Are IACC Are IACC measurentsmeasurents reproduciblereproducible??

Diffuse Diffuse fieldfield -- hugehuge differencedifference amongamong the 4 the 4 dummydummy headsheads

IACCe - random incidence

0

0.1

0.2

0.3

0.4

0.5

0.6

0.7

0.8

0.9

1

31.5 63 125 250 500 1000 2000 4000 8000 16000

Frequency (Hz)

IA
C

C
e

B&K4100
Cortex
Head
Neumann



|| Page Page 313118.09.200818.09.2008 Angelo FarinaAngelo Farina

Are LF Are LF measurentsmeasurents reproduciblereproducible??
ExperimentExperiment performedperformed in the Auditorium in the Auditorium ofof Parma Parma -- samesame loudspeakerloudspeaker, , 
samesame source and source and receiverreceiver positionspositions, 4 , 4 pressurepressure--velocityvelocity microphonesmicrophones
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Are LF Are LF measurentsmeasurents reproduciblereproducible??

At 25 m At 25 m distancedistance, the , the scatterscatter isis reallyreally bigbig

Comparison LF - measure 2 - 25m distance
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3D 3D ImpulseImpulse ResponseResponse ((GerzonGerzon, 1975), 1975)

Portable PC with 4-
channels sound board

Original Room

Sound Source

SoundField
Microphone

B-format 4-channels 
signal (WXYZ)

Measurement of B-format 
Impulse Responses

MLS or sweep excitation signal

Convolution of dry signals 
with the B-format Impulse 

Responses

Sound Source

Mono Mic.

B-format Imp. Resp.
of the original room

B-format 4-channels 
signal (WXYZ)

Convolver

Ambisonics decoder

Speaker array in the 
reproduction room



|| Page Page 343418.09.200818.09.2008 Angelo FarinaAngelo Farina

3D 3D extensionextension ofof the the pressurepressure--velocityvelocity measurementsmeasurements

The The SoundfieldSoundfield microphonemicrophone allowsallows forfor simultaneoussimultaneous measurementsmeasurements ofof the the 
omnidirectionalomnidirectional pressurepressure and and ofof the the threethree cartesiancartesian componentscomponents ofof particleparticle
velocityvelocity (figure(figure--ofof--8 8 patternspatterns))
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DirectivityDirectivity ofof transducerstransducers
SoundfieldSoundfield STST--250 250 microphonemicrophone
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AA--formatformat microphonemicrophone arraysarrays
TodayToday severalseveral alternativesalternatives toto SoundfieldSoundfield microphonesmicrophones do do existsexists. . AllAll ofof themthem
are are providingproviding ““rawraw”” signalssignals fromfrom the 4 the 4 capsulescapsules, and the , and the conversionconversion fromfrom
thesethese signalssignals ((AA--formatformat) ) toto the standard the standard AmbisonicAmbisonic signalssignals ((BB--formatformat) ) isis
performedperformed digitallydigitally byby meansmeans ofof software software runningrunning on the computeron the computer
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The The WavesWaves project (2003)project (2003)
The The originaloriginal idea idea ofof Michael Michael GerzonGerzon waswas finallyfinally put in put in practicepractice in 2003, in 2003, 
thanksthanks toto the the IsraeliIsraeli--basedbased company WAVEScompany WAVES
More More thanthan 50 50 theatrestheatres allall aroundaround the world the world werewere measuredmeasured, , capturingcapturing 3D 3D 
IRsIRs (4(4--channels channels BB--formatformat withwith a a SoundfieldSoundfield microphonemicrophone))
The The measurmentsmeasurments diddid alsoalso include include binauralbinaural impulseimpulse responsesresponses, and a , and a 
circularcircular--arrayarray ofof microphonemicrophone positionspositions
More More detailsdetails on on WWW.ACOUSTICS.NETWWW.ACOUSTICS.NET
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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

Problems with ESS measurements
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Pre-ringing at high and low frequency

PrePre--ringingringing at high at high frequencyfrequency due due toto improperimproper fadefade--outout

ThisThis picturepicture showsshows the the preringingpreringing obtainedobtained deconvolvingdeconvolving directlydirectly the test the test 
signalsignal, , withoutwithout passingpassing throughthrough the system under testthe system under test



|| Page Page 404018.09.200818.09.2008 Angelo FarinaAngelo Farina

Pre-ringing at high and low frequency

PerfectPerfect DiracDirac’’s delta s delta afterafter removingremoving the the fadefade--outout

ThisThis picturepicture showsshows the the resultresult obtainedobtained deconvolvingdeconvolving directlydirectly the test the test signalsignal, , 
withoutwithout passingpassing throughthrough the system under test, and the system under test, and employingemploying a a sinesine

sweepsweep goinggoing up up toto the the NyquistNyquist frequencyfrequency
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Pre-ringing at high and low frequency

PrePre--ringingringing at low at low frequencyfrequency due due toto a bad sound card a bad sound card featuringfeaturing frequencyfrequency--
dependentdependent latencylatency

ThisThis artifactartifact can can bebe correctedcorrected ifif the the frequencyfrequency--dependentdependent latencylatency remainsremains
the the samesame, , byby creatingcreating a a suitablesuitable inverse inverse filterfilter withwith the the KirkebyKirkeby methodmethod
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KirkebyKirkeby inverse inverse filterfilter
The The KirkebyKirkeby inverse inverse filterfilter isis computedcomputed invertinginverting the the measuredmeasured IRIR

( ) ( )[ ]
( )[ ] ( ) ( )ffHfHConj

fHConjfC
ε+⋅

=

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:

Where ε(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)]

εest

εint

flow fhigh

Δf Δf

Inverse Inverse filterfilter

FrequencyFrequency--dependentdependent regularizationregularization parameterparameter
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Pre-ringing at high and low frequency

ConvolvingConvolving the the timetime--smearedsmeared IR IR withwith the the KirkebyKirkeby compactingcompacting filterfilter, a , a veryvery
sharpsharp IR IR isis obtainedobtained

The The samesame methodmethod can can alsoalso bebe appliedapplied forfor correctingcorrecting the the responseresponse ofof the the 
loudspeakerloudspeaker//microphonemicrophone system, system, ifif anan anechoicanechoic preliminarypreliminary test test isis donedone
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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

Problems with ESS measurements
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EqualizationEqualization ofof the the wholewhole systemsystem
An An anechoicanechoic measurementmeasurement isis first first performedperformed
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EqualizationEqualization ofof the the wholewhole systemsystem
A A suitablesuitable inverse inverse filterfilter isis generatedgenerated withwith the the KirkebyKirkeby methodmethod byby invertinginverting
the the anechoicanechoic measurementmeasurement
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EqualizationEqualization ofof the the wholewhole systemsystem
The inverse The inverse filterfilter can can bebe eithereither prepre--convolvedconvolved withwith the test the test signalsignal or or postpost--
convolvedconvolved withwith the the resultresult ofof the the measurementmeasurement
PrePre--convolutionconvolution usuallyusually reducesreduces the SPL the SPL beingbeing generatedgenerated byby the the 
loudspeakerloudspeaker, , resultingresulting in in worstworst S/N S/N ratioratio
On the On the otherother handhand, , postpost--convolutionconvolution can can makemake the background the background noisenoise toto
becomebecome ““colouredcoloured””, and , and hencehence more more perciptibleperciptible
The The resultingresulting anechoicanechoic IR IR becomesbecomes almostalmost perfectlyperfectly a a DiracDirac’’s Delta s Delta 
functionfunction::
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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

Problems with ESS measurements
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Sensitivity to abrupt pulsive noises

OftenOften a a pulsivepulsive noisenoise occursoccurs duringduring a a sinesine sweepsweep
measurementmeasurement
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Sensitivity to abrupt pulsive noises
AfterAfter deconvolutiondeconvolution, the , the pulsivepulsive sound sound causescauses untolerableuntolerable
artifactsartifacts in the in the impulseimpulse responseresponse

The The artifactartifact appearsappears asas a a downdown--slopingsloping sweepsweep on the on the impulseimpulse responseresponse. . 
At the 2 kHz At the 2 kHz octaveoctave band the band the decaydecay isis distorteddistorted, and the , and the reverbreverb. . timetime

isis artificiallyartificially increasedincreased fromfrom 2.13 2.13 toto 2.48 s2.48 s
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Sensitivity to abrupt pulsive noises
SeveralSeveral denoisingdenoising techniquestechniques can can bebe employedemployed::

► 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 The thirdthird approachapproach providesprovides the the betterbetter resultsresults::



|| Page Page 525218.09.200818.09.2008 Angelo FarinaAngelo Farina

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

Problems with ESS measurements
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Clock mismatch
WhenWhen the the measurementmeasurement isis performedperformed employingemploying devicesdevices whichwhich exhibitexhibit
signifcantsignifcant clock clock mismatchmismatch betweenbetween playback and playback and recordingrecording, the , the resultingresulting
impulseimpulse responseresponse isis ““skewedskewed”” ((stretchedstretched in in timetime):):

The The picturespictures show the show the resultsresults ofof anan electricalelectrical measuremntmeasuremnt performedperformed
connectingconnecting directlydirectly a CDa CD--player player withwith a DAT a DAT recorderrecorder
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Clock Clock mismatchmismatch
ItIt isis possiblepossible toto rere--pack the pack the impulseimpulse responseresponse employingemploying the the alreadyalready--
describeddescribed approachapproach basedbased on the on the usageusage ofof a a KirkebyKirkeby inverse inverse filterfilter::

HoweverHowever, , thisthis isis possiblepossible onlyonly ifif a a ““referencereference”” electricalelectrical (or (or anechoicanechoic) ) 
measurementmeasurement hashas beenbeen performedperformed. . ButBut, in , in manymany casescases, , oneone onlyonly getsgets

the the rere--recordedrecorded signalssignals, and no , and no referencereference measurementmeasurement isis availableavailable, so , so 
the the KirkebyKirkeby inverse inverse filterfilter cannotcannot bebe computedcomputed..
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Clock Clock mismatchmismatch
HoweverHowever, , itit isis alwaysalways possiblepossible toto generate a generate a prepre--stretchedstretched inverse inverse filterfilter, , 
whichwhich isis longerlonger or or shortershorter thanthan the the ““theoreticaltheoretical”” oneone -- byby properproper selectionselection
ofof the the lenghtlenght ofof the inverse the inverse filterfilter, , itit isis possiblepossible toto deconvolvedeconvolve impulseimpulse
responsesresponses whichwhich are are almostalmost perfectlyperfectly ““unskewedunskewed””::

The The picturespictures show the show the resultresult ofof the the deconvolvutiondeconvolvution ofof a a clockclock--
mismatchedmismatched measurementmeasurement, in , in whichwhich a a prepre--strecthedstrecthed inverse inverse filterfilter isis

employedemployed, 8.5 ms , 8.5 ms longerlonger thanthan the the theoreticaltheoretical oneone..
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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

Problems with ESS measurements
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HighHigh--frequencyfrequency cancellationcancellation due due toto averagingaveraging

WhenWhen severalseveral impulseimpulse responseresponse measurementsmeasurements are are synchronouslysynchronously--
averagedaveraged forfor improvingimproving the S/N the S/N ratioratio, the late part , the late part ofof the the tailtail cancelscancels out, out, 
particularlyparticularly at high at high frequencyfrequency, due , due toto slightslight timetime variancevariance ofof the systemthe system

ComparisonComparison ofof a single a single sweepsweep 50 s long 50 s long withwith the the synchronoussynchronous averageaverage ofof
50 50 sweepssweeps, 1 s long , 1 s long eacheach..

Spectrum of a single sweep of 50s (above) 
versus 50 sweeps of 1s (below)

short-FFT spectrum at 200 ms after direct sound

4 kHz4 kHz

4 kHz4 kHz



|| Page Page 585818.09.200818.09.2008 Angelo FarinaAngelo Farina

HighHigh--frequencyfrequency cancellationcancellation due due toto averagingaveraging

HoweverHowever, , ifif averagaingaveragaing isis performedperformed properlyproperly in in spectralspectral domain, and a domain, and a 
single single conversionconversion toto timetime domain domain isis performedperformed afterafter averagingaveraging, , thisthis artifactartifact
isis significantlysignificantly reducedreduced
The The newnew ““cross cross FunctionsFunctions”” pluginplugin can can bebe usedused forfor computingcomputing H1:H1:

ResultResult ofof transfer transfer functionfunction H1, processing a H1, processing a 
sequencesequence ofof 50 50 sinesine sweepssweeps ((aboveabove))

4 kHz4 kHz

( )
LL

LR
1 G

GfH =
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The FutureThe Future
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The Future 1 : The Future 1 : betterbetter spatialspatial informationinformation

MicrophoneMicrophone arraysarrays capablecapable ofof synthesizingsynthesizing
aribitraryaribitrary directivitydirectivity patternspatterns
AdvancedAdvanced spatialspatial analysisanalysis ofof the sound the sound fieldfield
employingemploying sphericalspherical harmonicsharmonics ((AmbisonicsAmbisonics -- 11°°
orderorder or or higherhigher))
LoudspeakerLoudspeaker arraysarrays capablecapable ofof synthesizingsynthesizing
arbitraryarbitrary directivitydirectivity patternspatterns
GeneralizedGeneralized solutionsolution in in whichwhich bothboth the the 
directivitiesdirectivities ofof the source and the source and ofof the the receiverreceiver are are 
representedrepresented asas a a sphericalspherical harmonicsharmonics expansionexpansion
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HowHow toto getget betterbetter spatialspatial resolutionresolution??
The The answeranswer isis simplesimple: : analyzeanalyze the the spatialspatial distributiondistribution ofof bothboth source and source and receiverreceiver byby
meansmeans ofof higherhigher--orderorder sphericalspherical harmonicsharmonics expansionexpansion
SphericalSpherical harmonicsharmonics analysisanalysis isis the the equivalentequivalent, in , in spacespace domain, domain, ofof the Fourier the Fourier 
analysisanalysis in in timetime domaindomain
As a As a complexcomplex timetime--domaindomain waveformwaveform can can bebe thoughthough asas the sum the sum ofof a a numbernumber ofof
sinusoidalsinusoidal and and cosinusoidalcosinusoidal functionsfunctions, so a , so a complexcomplex spatialspatial distributiondistribution aroundaround a a 
givengiven notionalnotional pointpoint can can bebe expressedexpressed asas the sum the sum ofof a a numbernumber ofof sphericalspherical harmonicharmonic
functionsfunctions
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HigherHigher--orderorder sphericalspherical harmonicsharmonics expansionexpansion
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33°°--order order microphonemicrophone ((TrinnovTrinnov -- France)France)

ArnoudArnoud LaborieLaborie developeddeveloped a 24a 24--capsule compact capsule compact microphonemicrophone
arrayarray -- byby meansmeans ofof advancedadvanced digitaldigital filteringfiltering, , sphericalspherical ahrmonicahrmonic
signalssignals up up toto 33°° orderorder are are obtainedobtained (16 (16 channelschannels))
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44°°--order order microphonemicrophone (France Telecom)(France Telecom)

Jerome Daniel and Jerome Daniel and SebastienSebastien Moreau Moreau builtbuilt samplessamples ofof 3232--capsules capsules 
sphericalspherical arraysarrays -- thesethese allowallow forfor extractionsextractions ofof microphonemicrophone signalssignals
up up toto 44°° orderorder (25 (25 channelschannels))



|| Page Page 656518.09.200818.09.2008 Angelo FarinaAngelo Farina

44°°--order order microphonemicrophone ((UniversityUniversity ofof Parma)Parma)

A A sphericalspherical arrayarray ofof 3232--capsules capsules connectedconnected withwith a a portableportable A/D A/D 
conversionconversion systemsystem
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VerificationVerification ofof highhigh--orderorder patternspatterns
SebastienSebastien Moreau and Olivier Moreau and Olivier WarusfelWarusfel verifiedverified the the directivitydirectivity patternspatterns ofof the the 
44°°--order order microphonemicrophone arrayarray in the in the anechoicanechoic roomroom ofof IRCAM (IRCAM (ParisParis))

5 kHz5 kHz

10 kHz10 kHz
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WhatWhat aboutabout source source directivitydirectivity ??
CurrentCurrent 3D IR 3D IR samplingsampling isis stillstill basedbased on the on the usageusage ofof anan ““omnidirectionalomnidirectional””
sourcesource
The The knowledgeknowledge ofof the 3D IR the 3D IR measuredmeasured in in thisthis way way provideprovide no information no information 
aboutabout the the soundfieldsoundfield generatedgenerated inside the inside the roomroom fromfrom a a directivedirective source source 
(i.e., a musical (i.e., a musical instrumentinstrument, a singer, etc.), a singer, etc.)
DaveDave MalhamMalham suggestedsuggested toto representrepresent alsoalso the source the source directivitydirectivity withwith a set a set 
ofof sphericalspherical harmonicsharmonics, , calledcalled OO--formatformat -- thisthis isis perfectlyperfectly reciprocalreciprocal toto the the 
representationrepresentation ofof the the microphonemicrophone directivitydirectivity withwith the the BB--formatformat signalssignals
((SoundfieldSoundfield microphonemicrophone).).
ConsequentlyConsequently, a complete and , a complete and reciprocalreciprocal spatialspatial transfer transfer functionfunction can can bebe
defineddefined, , employingemploying a 4a 4--channels channels OO--formatformat source and a 4source and a 4--channels channels BB--
formatformat receiverreceiver::

Portable PC with 4in-4out 
channels sound board

O-format 4-channels source

B-format 4-channels 
microphone (Soundfield)
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DirectivityDirectivity ofof transducerstransducers
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HighHigh--orderorder sound sourcesound source
Adrian Freed, Peter Adrian Freed, Peter KassakianKassakian, and David , and David WesselWessel (CNMAT) developed a new (CNMAT) developed a new 
120120--loudspeakers, digitally controlled sound source, capable of syntloudspeakers, digitally controlled sound source, capable of synthesizing hesizing 
sound emission according to spherical harmonics patterns up to 5sound emission according to spherical harmonics patterns up to 5°° order.order.



|| Page Page 707018.09.200818.09.2008 Angelo FarinaAngelo Farina

TechnicalTechnical detailsdetails ofof highhigh--orderorder sourcesource

ClassClass--DD embeddedembedded amplifiersamplifiers

EmbeddedEmbedded ethernet interface ethernet interface 
and DSP processingand DSP processing

LongLong--excursionexcursion specialspecial
MeyerMeyer Sound Sound driversdrivers
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AccuracyAccuracy ofof spatialspatial synthesissynthesis
The The spatialspatial reconstructionreconstruction errorerror ofof a 120a 120--loudspeakers loudspeakers arrayarray isis frequencyfrequency
dependantdependant, , asas shownshown herehere::

The The errorerror isis acceptablyacceptably low low overover anan extendedextended frequencyfrequency rangerange up up toto 55°°--orderorder
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Complete Complete highhigh--orderorder MIMO MIMO methodmethod
EmployingEmploying massive massive arraysarrays ofof transducerstransducers, , itit willwill bebe feasiblefeasible toto sample the sample the 
acousticalacoustical temporaltemporal--spatialspatial transfer transfer functionfunction ofof a a roomroom
CurrentlyCurrently availableavailable hardware and software hardware and software toolstools makemake thisthis practicalpractical onlyonly
up up toto 44°° orderorder, , whichwhich meansmeans 25 25 inputsinputs and 25 and 25 outputsoutputs
A complete A complete measurementmeasurement forfor a a givengiven sourcesource--receiverreceiver position position pairpair takestakes
approximatelyapproximately 10 10 minutesminutes (25 (25 sinesine sweepssweeps ofof 15s 15s eacheach are are generatedgenerated oneone
afterafter the the otherother, , whilewhile allall the the microphonemicrophone signalssignals are are sampledsampled
simultaneouslysimultaneously))
HoweverHowever, , itit hashas beenbeen seenseen thatthat realreal--worldworld sourcessources can can bebe alreadyalready
approximatedapproximated quitequite wellwell withwith 22°°--order order functionsfunctions, and , and eveneven the the humanhuman HRTF HRTF 
directivitesdirectivites are are reasonallyreasonally approximatedapproximated withwith 33°°--order order functionsfunctions..

Portable PC with 24in-24out 
channels external sound card

2°-order 9-loudspeakers 
source (dodechaedron)

3°-order 32-capsules 
microphone array
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The Future 2 : The Future 2 : notnot linearlinear systemssystems

OftenOften impulseimpulse responsesresponses are are measuredmeasured forfor beingbeing
employedemployed in in auralizationauralization systemssystems (i.e. (i.e. WavesWaves))
Linear Linear convolutionconvolution isis employedemployed forfor thisthis
ThisThis methodmethod indeedindeed doesdoes notnot sound sound realisticrealistic, , asas itit
removesremoves anyany notnot--linearlinear effecteffect
WeWe can can nownow exployexploy the the resultsresults ofof anan ESS ESS 
measurementmeasurement forfor performingperforming a a notnot--linearlinear
convolutionconvolution
ForFor thisthis, , indeedindeed, the , the measuredmeasured ““harmonicharmonic ordersorders
IRsIRs”” havehave toto bebe transformedtransformed intointo correspondingcorresponding
Volterra Volterra kernelskernels
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TheoryTheory ofof nonlinearnonlinear convolutionconvolution

The basic approach is to convolve separately, and 
then add the result, the linear IR, the second order
IR, the third order IR, and so on.
Each order IR is convolved with the input signal
raised at the corresponding power:

( ) ( ) ( ) ( ) ( ) ( ) .....inxihinxihinxih)n(y
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The problem is that the required multiple IRs are 
not the results of the measurements: they are 
instead the diagonal terms of Volterra kernels
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FromFrom measuredmeasured IRS IRS toto Volterra Volterra KernelsKernels
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A simple linear system allows for computation of A simple linear system allows for computation of VolterraVolterra Kernels starting Kernels starting 
from the measured from the measured ““harmonic ordersharmonic orders”” IRsIRs

VolterraVolterra
KernelsKernels

Linear IR (1Linear IR (1stst order)order)

22ndnd order IRorder IR33rdrd order IRorder IR

44thth order IRorder IR

55thth order IRorder IR
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EfficientEfficient nonnon--linearlinear convolutionconvolution

As As wewe havehave gotgot the Volterra the Volterra kernelskernels alreadyalready in in frequencyfrequency
domain, domain, wewe can can efficientlyefficiently useuse themthem in a multiple in a multiple 
convolutionconvolution algorithmalgorithm implementedimplemented byby overlapoverlap--andand--savesave ofof
the the partitionedpartitioned input input signalsignal::

 

Normal 
signal 

input x(t) 

x2 

output y(t) 
h1(t) 

Squared 
signal 

x3 

Cubic signal

x4 

Quartic 
signal 

⊗

+ 

h2(t) ⊗

+ 

h3(t) ⊗

+ 

h4(t) ⊗
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Software Software implementationimplementation

A A smallsmall ItalianItalian startupstartup company, Acustica Audio, company, Acustica Audio, developeddeveloped a a 
VST VST pluginplugin basedbased on the on the DiagonalDiagonal Volterra Volterra KernelKernel methodmethod, , 
namednamed NebulaNebula

ThisThis isis capablecapable ofof realreal--time time operationoperation eveneven withwith a a veryvery largelarge
numbernumber ofof filterfilter coefficientscoefficients
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Software Software implementationimplementation

Nebula Nebula isis alsoalso equippedequipped withwith a a companioncompanion applicationapplication, Nebula , Nebula 
SamplerSampler, , designeddesigned forfor automatizingautomatizing the the measurementmeasurement ofof a a notnot
linearlinear system system withwith the the ExponentialExponential SineSine SweepSweep methodmethod::
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TimeTime--variantvariant systemssystems

Nebula can sample Nebula can sample 
alsoalso timetime--variantvariant
systemssystems, , suchsuch asas
flangersflangers or or 
compressorscompressors, , byby
repeatingrepeating the the sinesine
sweepsweep measurementmeasurement
severalseveral timestimes, , alongalong a a 
repetitionrepetition cyclecycle or or 
changingchanging the the signalsignal
amplitudeamplitude



|| Page Page 808018.09.200818.09.2008 Angelo FarinaAngelo Farina

ReconstructionReconstruction accuracyaccuracy

Nebula Nebula isis actuallyactually limitedlimited toto Volterra Volterra kernelskernels up up toto
55thth orderorder, and , and consequentlyconsequently doesdoes notnot emulatesemulates
highhigh--frequencyfrequency harmonicsharmonics::
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AudibleAudible evaluationevaluation ofof the performancethe performance
OriginalOriginal signalsignal Linear Linear convolutionconvolution

Live Live recordingrecording NonNon--linearlinear
DiagonalDiagonal Volterra Volterra KernelKernel

These last two were
compared in a formalized

blind listening test

StopStop
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SubjectiveSubjective listeninglistening testtest

A/B A/B comparisoncomparison
Live Live recordingrecording & & nonnon--
linearlinear auralizationauralization
12 12 selectedselected subjectssubjects
4 4 musicmusic samplessamples
9 9 questionsquestions
55--dots dots horizontalhorizontal scalescale
SimpleSimple statisticalstatistical analysisanalysis
ofof the the resultsresults
A A waswas the live the live recordingrecording, , 
B B waswas the the auralizationauralization, , 
butbut the the listenerlistener diddid notnot
knowknow thisthis

95% 95% confidenceconfidence intervalsintervals
ofof the the answersanswers
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ResultsResults
StatisticalStatistical parametersparameters –– more more advancedadvanced statisticalstatistical methodsmethods wouldwould bebe

advisableadvisable forfor gettinggetting more more significantsignificant resultsresults

CommentsComments
-- MostMost listenerslisteners judgedjudged the the twotwo samplessamples identicalidentical

-- HoweverHowever, sample B, on , sample B, on averageaverage, , hashas slightlyslightly ““betterbetter timbertimber””
((lessless distortiondistortion at high at high frequencyfrequency), ), whilstwhilst sample A sample A isis ““more more 
distorteddistorted””..

-- DespiteDespite ofof the the slightslight reductionreduction in in perceivedperceived distortiondistortion, the , the notnot--
linearlinear emulationemulation waswas slightlyslightly preferredpreferred toto the the realreal--worldworld
recordingrecording..

 Question Number Average score 2.67 * Std. Dev.
1 (identical-different) 1.25  0.76
3 (better timber) 3.45  1.96
5 (more distorted) 2.05  1.34
9 (more pleasant) 3.30  2.16
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AnotherAnother exampleexample
OriginalOriginal signalsignal Linear Linear convolutionconvolution

Live Live recordingrecording NonNon--linearlinear
DiagonalDiagonal Volterra Volterra KernelKernelStopStop
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ConclusionsConclusions

The The sinesine sweepsweep methodmethod revealedrevealed toto bebe systematicallysystematically
superiorsuperior toto the MLS & TDS the MLS & TDS methodsmethods forfor measuringmeasuring
electroacousticalelectroacoustical impulseimpulse responsesresponses
The ESS The ESS methodmethod alsoalso allowsallows forfor measurementmeasurement ofof notnot--
linearlinear devicesdevices and and toto assessassess harmonicharmonic distortiondistortion
CurrentCurrent limitationlimitation forfor spatialspatial analysisanalysis in in roomroom acoustisacoustis
isis due due toto transducerstransducers ((loudspeakersloudspeakers and and 
microphonesmicrophones))
A A newnew generation generation ofof loudspeakersloudspeakers and and microphonesmicrophones, , 
mademade ofof massive massive arraysarrays, , isis under under developmentdevelopment..
The The ““harmonicharmonic ordersorders”” impulseimpulse responsesresponses obtainedobtained
byby the the exponentialexponential sinesine sweepsweep methodmethod can can bebe usedused forfor
notnot--linearlinear convolutionconvolution, , whichwhich yieldsyields more more realisticrealistic
auralizationauralization


	IMPULSE RESPONSE MEASUREMENTS BY EXPONENTIAL SINE SWEEPS
	Time Line
	Starting point: room impulse response
	The Past
	Traditional measurement methods
	Example of a pulsive impulse response
	Loudspeaker as sound source
	Measurement process
	Electroacoustical methods
	The first MLS apparatus - MLSSA
	More recently - the CLIO system
	The first TDS apparatus - TEF
	The Present
	Today’s Hardware: PC and audio interface
	Hardware: loudspeaker & microphone
	The first ESS system - AURORA
	Exponential Sine Sweep method
	Test Signal – x(t)
	Measured signal - y(t)
	Inverse Filter – z(t)
	Deconvolution of Exponential Sine Sweep
	Result of the deconvolution
	Maximum Length Sequence vs. Exp. Sine Sweep
	Distortion measurements
	Distortion measurements
	Spatial analysis by directive impulse responses
	IACC “objective” spatial parameter
	Lateral Fraction (LF) spatial parameter
	Are binaural measurents reproducible?
	Are IACC measurents reproducible?
	Are LF measurents reproducible?
	Are LF measurents reproducible?
	3D Impulse Response (Gerzon, 1975)
	3D extension of the pressure-velocity measurements
	Directivity of transducers
	A-format microphone arrays
	The Waves project (2003)
	Problems with ESS measurements
	Pre-ringing at high and low frequency
	Pre-ringing at high and low frequency
	Pre-ringing at high and low frequency
	Kirkeby inverse filter
	Pre-ringing at high and low frequency
	Problems with ESS measurements
	Equalization of the whole system
	Equalization of the whole system
	Equalization of the whole system
	Problems with ESS measurements
	Sensitivity to abrupt pulsive noises
	Sensitivity to abrupt pulsive noises
	Sensitivity to abrupt pulsive noises
	Problems with ESS measurements
	Clock mismatch
	Clock mismatch
	Clock mismatch
	Problems with ESS measurements
	High-frequency cancellation due to averaging
	High-frequency cancellation due to averaging
	The Future
	The Future 1 : better spatial information
	How to get better spatial resolution?
	Higher-order spherical harmonics expansion
	3°-order microphone (Trinnov - France)
	4°-order microphone (France Telecom)
	Verification of high-order patterns
	What about source directivity ?
	Directivity of transducers
	High-order sound source
	Technical details of high-order source
	Accuracy of spatial synthesis
	Complete high-order MIMO method
	The Future 2 : not linear systems
	Theory of nonlinear convolution
	From measured IRS to Volterra Kernels
	Efficient non-linear convolution
	Software implementation
	Software implementation
	Time-variant systems
	Reconstruction accuracy
	Audible evaluation of the performance
	Subjective listening test
	Results
	Another example
	Conclusions

