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ABSTRACT

In thispaperanew auditorily motivatedanalysismethodfor room
impulseresponsesis presented.Themethodappliessamekind of
time andfrequency resolutionthanthe humanhearing. With the
proposedmethodit is possibleto studythe decayingsoundfield
of a room in moredetail. It is applicableaswell in the analysis
of artificial reverberationandrelatedaudioeffects. The method,
usedwith directionalmicrophones,givesus alsohints aboutthe
diffusenessandthe directionalcharacteristicsof the soundfields
in thetime-frequency domain.As a casestudytwo exampleroom
impulseresponsesareanalyzed.

1. INTRODUCTION

Traditionally, roomimpulseresponsesareanalyzedwith octaveor
one-thirdoctave bandsin the frequency domain. For visualiza-
tion, a spectrogramwhich shows the temporalbehavior of each
frequency band,is often used. However, this analysisapproach
is not optimal from a perceptionpoint of view. This is the rea-
sonwhy perceptuallymorerelevantway to analyzeroomimpulse
responsesis presentedin thispaper.

In auditory modeling the aim is to find mathematicalmod-
els which representsomephysiologicalor perceptualaspectsof
humanhearing.Auditory modelingis potentiallyvery usefulbe-
cause,with a goodmodel,audiosignalscanbeanalyzedin a sim-
ilar way thatourhearingdoes.Themethodpresentedin thispaper
is not anaccurateauditorymodel,it is ratheranaudioengineer’s
approachto the modelingof perception.Also, we do not try to
modelthebinauralpropertiesof theauditorysystem,ratherweuse
directionalmicrophonesfor capturingthedirectionalcomponents
of thesoundfield.

This paperis organizedasfollows. First, asa motivation,the
timeandfrequency resolutionof humanhearingisdiscussed.Then
theproposedanalysismethodis presentedin section3 anddirec-
tionalanalysisis discussedin section4. In section5 two roomim-
pulseresponsesareanalyzedwith theproposedmethod.Finally,
conclusionsaredrawn with a discussionon future guidelinesof
research.

2. FREQUENCY AND TIME RESOLUTION OF HUMAN
HEARING

The frequency resolutionof humanhearingis a complex phe-
nomenonwhich dependson many factors,suchasfrequency, sig-
nal bandwidth,andsignallevel. Despiteof thefactthatour earis
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Figure 1: Magnitude responsesof a gammatonefilterbank (40
channels,100-20000Hz).

very accuratein singlefrequency analysis,broadbandsignalsare
analyzedusingquite sparsefrequency resolution. Critical band-
width theory (see,e.g., [1]) andBark scaleis a classicalway to
explain the frequency resolutionof humanhearingwith broad-
band signals. Another scale,consideredmore accuratefor au-
ditory research,is the EquivalentRectangularBandwidth(ERB)
scale[2, 3]. It haslogarithmicbehavior in a wider frequency band
thanthe Bark scale. The width of an ERB band(in Hz) is typi-
cally 11-17% of centerfrequency. OneERB band,asa function
of centerfrequency

���
, canbecalculatedwith equation[2]
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where
���

is thecenterfrequency (in Hz) of theband.
The ERB bandis a psychoacousticmeasureof width of the

auditoryfilter bandwidthat eachpoint of thecochlea.A practical
implementationof ERB filters as a filterbank was presentedby,
e.g., Slaney [4]. The filters are basedon gammatonefunctions,
oneof which is definedby
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where
$  3�&�(@*A7 definesthestartof theresponse,B � � � " is theband-

width of the ERB band(in Hz),
� �

is centerfrequency and
?

is
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Figure2: Integrating windowusedin theanalysis,usinga) linear
andb) logarithmicamplitudescale.

phase.In Fig. 1 magnituderesponsesof a gammatonefilterbank,
whichcontains40ERBfilters,arepresented.

The time resolutionof humanhearingis even morecomplex
phenomenonthanthefrequency resolution.In somecasesmonau-
ral timeresolutionof ourhearingis 1-2msathighfrequenciesand
a little bit worseat lower frequencies.On theotherhandthetem-
poral integrationtime constantandthepostmaskingeffect aftera
noisemasker (whenmasker is longer than200 ms) areover 100
ms,even200ms.

A completemodel for time resolutionis not known. In this
studywehave tried to find anintegratingwindow whichsimulates
the temporalintegrationphenomenonof humanear. After apply-
ing severalwindowsweendedupusingaslightly modifiedversion
of thewindow presentedby PlackandOxenham[5]. It is claimed
to be sufficiently good for varioussituations. The shapeof the
temporalwindow is describedby a combinationof two exponen-
tial functions:

C �! '" ���)� D-��E , 3�8GF#H#7 ����� �-
IE , 3�8GFJ.1K#7MLONQPSR�TVUXW �
(3)

and
C �! '" � , 39(/8GF#Y[Z \'7 L]NQPSR�T^U`_ �

(4)

where
C �! '" is a temporalweightingfunctionand  is time(in ms)

measuredrelative to the maximumof the weightingfunction. A
pictureof thetemporalwindow appliedis depictedin Fig. 2.

3. AN AUDITORILY MOTIVATED ANALYSIS METHOD

A block diagramof theproposedanalysismethodis presentedin
Fig. 3. The input signal is fed to a gammatonefilterbankwhich
dividesthesignalinto 40ERBbands,similarfrequency bandsthan
thehumaneardoes.

After the division to the ERB bandsthe signalsaresquared
which resemblesthehalf-wave rectificationdoneby thehair cells
in thehumanhearing.Thenthereis a sliding window which sim-
ulatesthe time resolutionof the ear. The implementationof the
temporalwindow usedis discussedin moredetail in section3.1.
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Figure3: A block diagramof theanalysismethod.

The humanauditorysystemexhibits varying sensitivity asa
functionof frequency. Thiscanbemodeledasafrequency weight-
ing filter, suchasthe inverseof 60 dB equalloudnesscurve. For
the purposeof this study we did not add suchprocessingsince
in auditoryperceptionsuchpermanentemphasisis at leastpartly
compensatedfor andthusit canbedroppedin thevisualizationof
analysisresults.

Thefinal stepin theanalysisis to usesomemathematicalop-
erationfor visualizationpurposes.By taking thelogarithmof the
rectifiedandtemporallyprocessedsignal in eachfrequency band
we can depict the decibelvaluesin a time-frequency plot. An-
otherusefultool for visualizationis to applycompressionto geta
desiredpartof thewholedynamicrangeemphasized.

3.1. Implementation issues of the proposed method

Implementationdetailsof designingthegammatonefilterbankare
out of thescopeof this article,for moreinformationsee,e.g.,[4].
Anotherimplementationanda freeMatlabcodeis availablein the
HUTeartoolbox[6].

Theeffective durationof the temporalwindow (seeFig. 2) is
severalthousandsignalsamples(at44.1kHz samplingfrequency).
An FIR implementationof thisresponseleadsto acomputationally
expensive implementation.Härmä [7] hasproposedan efficient
implementationby dividing the filter into causalandnon-causal
parts.First thecausalpartis implementedwith asecondorderIIR
filter (Z-transformof the IIR implementationof equation(4), at
samplingrate= 44.1kHz), thetransferfunctionof which is

a � �cb;" � �edV��� DID�D��ID-� b (+*
�Qdf�I� D�D�g�EIh�E b (@* �i�)� D�D�g�EIhID b (/. (5)

Thenon-causalpartof thewindow functionis a time-reversedex-
ponentialfunction.Thereis no causalIIR implementationfor this
kind of impulseresponsebut it is possibleto implementby using
a time-reversedsignalwith thefollowing filter

a & �cb;" �
�

�edj�)� D��-E b (+* (6)

As a summarythefiltering algorithmis (for theinput signal k �Gl@" )
1. Filter k �Gl@" using

a � �cb;" to producesignal m * �Gl@"
2. Reversek �Gl@" in time andfilter with

a & �cb;" to producesig-
nal m . �Gl@"
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Figure4: An exampleenergy-timecurveof analyzedimpulsere-
sponse. Theresponseis measuredon thetopof thesecondseating
row of a 500-seatconcerthall. Both the source and the micro-
phonehadomnidirectionaldirectivitypatterns.

3. Reversem . �Gl@" in time againandshift it backwardsby one
sampleperiod

4. Finaloutputis givenby m �Gl@" � m * �Gl@" � m . �Gl@" .
In this way theimplementationis easyandefficient.

A final implementationproblemof the proposedmethodre-
latesto thevisualizationof results.Theamountof analyzeddata
from one impulseresponseis quite extensive and the result is a
functionof bothtimeandfrequency. If colorscanbeused,thebest
plotscanbeobtainedwith a 2-D plot (seeFig. 5) wherethemag-
nitudeis indicatedwith differentcolors.Theotherway to present
resultsis to usea 3-D waterfall plot, which is useful in detecting
decayingpropertiesof eachchannel(seeFig. 6).

4. DIRECTIONAL ANALYSIS OF ROOM RESPONSES

A properway to includedirectionalandspatialpropertiesof au-
ditory analysiswould be to develop a binaural auditory model
[8]. Perceptionof sourcedirection, basedon direct soundbut
discardingthe influenceof early reflections(precedenceeffect),
perceiving spatialattributesdue to reflectionsand reverberation
at differenttime moments,etc.,aregenerallyknown phenomena.
However, thereexist no detailedbinauralmodelsfor roomacous-
tics analysisthat include theseeffects beyond interauralcross-
correlation[9] or similar simplifiedmethods.

Insteadof hypothesizingnew advancedbinauralmodelswe
combinedmonauralauditoryanalysisandsignalscapturedby di-
rectional microphones. In this way the physicsof the arriving
soundwavefrontsis alsoeasily interpretable.For example,car-
dioid microphonescancapturethecomponentof asoundfield that
is arriving from the main axis frontal direction. If this first or-
der directionalaccuracy is not enough,microphoneswith higher
directivity canbeappliedaswell.

Basedon this kind of directionalselectivity it is possibleto
studythe spatiotemporalformationof the soundfield in a room,
andyetapplymonauralauditoryanalysisfor propertime-frequency
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Figure5: An exampleof auditorily motivatedanalysisof an im-
pulseresponse.

resolution.For examplediscreteechoescanbeanalyzedusingthis
approach.Two concerthall caseswill be discussedbelow where
thearrival of soundenergy at differenttimespansis analyzed.

5. EXAMPLE ANALYSIS OF TWO IMPULSE
RESPONSES

To illustratethe analysismethod,two exampleroom impulsere-
sponsesareanalyzed.First oneis measuredin a 500-seatconcert
hall while theotheris from a2000-seatconcerthall.

5.1. Small concert hall

Thebroadbandenergy-timecurve(ETC),whichis thesquaredim-
pulseresponse,of asmallconcerthall is plottedin Fig. 4.

The sameimpulse responseis analyzedwith the proposed
methodandthe result is depictedin Figs.5 and6. The analysis
is doneon thefrequency rangeof 100-20000Hz, regardlessof the
factthatthesourceusedin themeasurementdoesnotradiatemuch
energy above 10 kHz. This canbe seenin Figs.5 and6, aswell
asthe rapid attenuationof high frequenciesover time. An inter-
estingdetail in Fig. 5 is thedark areasaround300ms. From the
ETCcurve(Fig.4) it canbeseenthatthereis agroupof reflections
around300ms.Again from Fig. 5 it is seenthattheenergy of this
reflectiongroupis at low frequenciesaround250Hz andaround
600Hz adozenmillisecondslater. It wouldbeinterestingto know
from which directionsthesesoundcomponentscomefrom.

Theproposedmethodallowsusalsostudythedirectionalchar-
acteristicsof the impulseresponses.For this studywe have done
thesameimpulseresponsemeasurementwith two cardioidmicro-
phoneswhich werepointedto thestageandto theaudience.With
thesemicrophonespositionedbetweenthestageandtheaudience
areawe obtainedtwo impulseresponsesthat tell us somefacts
aboutthedirectionalcharacteristicsof thesoundfield at themea-
surementpoint. If the two responsesareanalyzedwith the pro-
posedmethodandsubtractedfrom eachother, anestimationof the
directionof soundenergy flow at eachtime momentis acquired.

DAFX-3



Proceedingsof theCOSTG-6 Conferenceon Digital AudioEffects(DAFX-00),Verona,Italy, December7-9,2000

0

200

400

600

100
594

2064
6159

17567

−80

−60

−40

−20

0

Time [ms]

Source S1, Receiver r1 omni−mic

Frequency [Hz]

M
ag

ni
tu

de
 [d

B
]

Figure6: Thesameresultasin Fig. 5, but presentedasa waterfall
plot.
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Figure7: An exampleof theanalysisof directionalaspectsof the
soundflow.

Becauseof temporalintegrationof the analysismethodthis sub-
tractionis morereliablethana subtractionof two ETC curves.

Theabove describeddirectionalanalysiswasdoneandthere-
sult is shown in Fig. 7. Theblackareasareobtainedwhenthereis
moreenergy propagatingfrom thestageareato theaudiencearea
thantheotherway. In otherwordswhentheresultof subtraction
haspositive values,soundflows from stageto theaudience.It is
seenin Fig. 7 thatin this casetheenergy before150msis flowing
to theaudienceareaandthenbackduring the next 100 ms. This
is anexpectedresult,since150mscorrespondsto about50meters
distance,which in this hall is the distancefrom soundsourceto
the backwall andthento themeasuringpoint. After 250ms the
soundfield is moreor lessdiffusebecauseno blackneitherwhite
areasaredominating.An interestingfinding canbemadearound
300ms.Thereflectionsaround250Hz arecomingfrom thestage
area(black color in Fig. 7) while the other group of reflections
around600Hz is comingfrom theaudiencedirection(white area
in Fig. 7).

5.2. Large concert hall

The broadbandETC curve of a large concerthall is plotted in
Fig. 8. From this curve we canseethat thereis onedistinct re-
flectionat about20 msafterthedirectsoundandlaterafterabout
50 ms thereis a groupof strongreflections.Theauditorily moti-
vatedanalysis(seeFigs.9 and10) tells usthefrequency contents
of thesereflections.For example,thereis a possiblegroupof re-
flectionsat low frequenciesafter 100 ms time stamp,becauseat
this time the magnitudeis even higherthanthe magnitudeof di-
rectsoundat low frequencies.

In thiscasetwo cardioidmicrophoneswerealsoused,but this
time they werepointing to thesidewalls of thehall. By this way
we could have informationon the directionof the lateralenergy
flow at the measuringpoint. The auditorily motivatedanalyses
weredonefor bothimpulseresponsesanda subtractionof themis
plottedin Fig. 11.

It canbe seenthat the above-mentioneddistinct reflectionis
comingfrom theright sideof themeasuringpointwhile thegroup
of reflectionsafter100mstimestampis comingfrom theleft side.
(At leastmajorpartof reflectionsis comingfrom left sidebecause
the energy at measuringpoint at this particulartime momentis
flowing from left to right.)

6. CONCLUSIONS

A new way to analyzeroomimpulseresponsesis presented.The
analysismethodresemblesthe traditional one-thirdoctave band
spectrogramanalysis. It filters the impulse responseto several
subbandsandthenappliesa temporalsmoothingto theenergy en-
velopeof eachband.

Althoughtheproposedmethodis notbasedona full-scaleau-
ditory model,it betterrespectsthe frequency andtime resolution
of humanhearingthana one-thirdoctave bandspectrogram.Also
theintegratingtemporalwindow is a simplifiedmodelof thetime
resolutionof humanhearingandit might not be an ideal onefor
the analysisof impulseresponsesfor small rooms. Nevertheless,
the features,suchasfrequency or time analysisparametersof the
model,canbeadjustedaccordingto desiredresults.

Themodelis monauralbut it canbeusedto studydirectional
aspectsof soundfields by applying two or moredirectionalmi-
crophones.An interestingapplicationof this featureis searchfor
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Figure8: TheETCcurveis measured in themiddleof mainfloor
of a 2000-seatconcerthall. Both thesource and themicrophone
hadomnidirectionaldirectivitypatterns.
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Figure9: Anauditorily motivatedanalysisof theETCcurveshown
in Fig. 8.
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Figure10: Anauditorily motivatedanalysis,presentedasa water-
fall plot, of theETCcurveshownin Fig. 8.
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Figure11: An exampleanalysisof lateral energy flow. Whitear-
easare obtainedwhento theleft-pointingcardioid microphoneis
dominatingand black areaswhento the right-pointing cardioid
microphoneis dominating.
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disturbingdiscreteechoesandtheirpossiblesourcesby directional
analysis.

Theproposedmethodis only a framework for moreaccurate
andauditorilymotivatedanalysisof roomacoustics,evenif it is al-
readyprovento beanapplicabletool, aspresentedwith two exam-
plesabove. Futurework shouldincludeaddingauditorymodeling
details,particularlybinauralfeatures,in orderto seeif they con-
tributeto theanalysisanddesignfor betterroomacoustics,virtual
acousticsapplications,or evaluationof spatialaudioeffects.
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