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1. INTRODUCTION

JBL—Smaart was developed to provide affordable real-time and disk-based processing of audio
measurements and recorded audio data. JBL-Smaart runs on the Microsofl' Windows“ operat-
ing system. using standard Windows-compatible audio hardware to provide audio Input and
output. The program Is divided Into two sections: a Real-Time module and an Analysis module.

The JBL-Srnaart Real-Time module provides two diennel spednmt analysis and real-time
transfer fundion calculation as well as a Delay Looator'“ feature. The Delay Looator also
functions as an Impulse response calculator. The JBL-Srnaart Analysis module provides wave-

' form displays. a disk based FFT generator and several frequency domain displays including
Individual FFT frames. 1: 3-dlmenslonal spectrographlc display (time vs. frequency with magni-
tude represented by color) and 111m Slices“. magnitude vs. time plots for user selected
frequency renge(s). The Analysis Module also has the ability to calculate several quantier
acoustical quantifies from data gathered In the Real-Time module's Delay Locate:

2. INDEPENDENCE FROM DEDICATED
AUDIO MRDWARE AND STIMUWS GENERAHON

The JBL-Smaart version 1.0 differs from most other acoustic measurement systems In that:
1) the program uses standard (Windows-compatible) audio hardware. note dedicated Digital
Signal Processing (DSP) platform. 2) no stimulus signal ls generated try the program Itself.

There are two reasons why JBL-Smaart does not generate stimulus signals Intemaliy: 1) the
transferfunction detonation is (within limitations) independentot' stimulus. and 2) Windows
provides only nominal hardware-Independent support for syndtronized full-duplex operation of
audio hanMare. To help understand this. a simplified discussion of the way in which Windows
allows programs to control audio signals Is provided below.

The Microsoft Windows multimedia services provide several Application Program Interfaces
(APls) that effectively isolate audio appiimtions from concerns about specific audio hardware,
Using these APls. a Wmdows application, ag., JBL-Smaart can utilize any Windows-compliant
sound card to record audio data. play audio data. and change audio related parameters such
as sampling rate and numberof channels. The APIs exist In a layer ofWindows multimedia
system DLLs wt-Ilch translate application requests and pass them to vendor specific DLLs,
which then pass vendor specific requests to the audio hardware drivers.

Windows provides two levels of APIs. 'High Level' APls provide simple ways to perform simple
tasks such as playing wave files and recording data directly to wave files. Vinndows' ‘Low
Level' APis require more programming but provide a greater level of control. in particular, data
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may be played from and recorded to memory buffers. allowing rapid and real time
monitoring. JBL-Smaart uses low level audio services to play, record. and monitor audio data.

If the installed audio hardware supports full-duplex operation. low level audio APIs allow the
application to play and record audio data simultaneously. U . the kw: level APIs do
not Inciude syndironlzation functions needed to precisely align playbadt and recording (in
lime). There are techniques that will let an application get close to signal alignment but Win-
dows does not provide a standard interface to request predse alignment (to the sample level)
from ttte hardware-specific drivers.

To achieve this level of control without restricting use of the program to specific or dedicated
hardware' the JBL-Smaart development team found it would be necessary to convince and
rely upon all of the hardware manufactures themselves to support highly synchronized full-
duplex operations. We realized thatthis would be a potentially infinite task. given the number
of parties Involved, the frequency of updates, the lack of standards and docurnantation, and
the email Incentive for providing such a high level of level supportfor a small segment of their
market. However we also realized that we could make useful measurements while satisfying
the program design objectives of low cost and hardware Independence simply by utilizing an
external stimulus signal source.

3. REAL-TIME SPECTRUM ANALYSIS AND THE TRANSFER FUNCTION

The basic function of the real-time module is two-channel spectrum analysis. In this mode of
operation. two independent channels of audio data may be transformed into the frequency ‘
domain and the magnitude of the signals frequency content displayed. The frequency domain
data may be displayed In either narrow-band or fractional octave-band resolution.

The limiting factors when determining the ability of the spectrum analyzer to stay In 'real time'
arethespeedotthecomputenthesamplingrataoftheincomlngdataendtheslzeot‘the
FFT being used (larger FFl's require more processing power). In the Reel-Time module,
JBHmaart supports sampling rates up to 44.1kHz and Fi-‘l’ sizes up to 4098 points for real-
tlme epemurn analysis. The frequency domain data genemted from the FFI' calariatlons may
bedisplayed lnnarrow-band.or1l1.1l30r1l6tradicnalocuve band resolution (Withthe
octave bands derived from the FFT data). As there is arrrently no standard for transfonnlng
FFT-generated data into fractional octave bands.JBL-Smaart attempts to mlmlcthe ISO/ANSI
standard filters as dosely as possible and does not display fractional odeve band data with
lassthanz FFi'data points perband.

 

Figure #1: Simple block diagram of measurement setup.
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Using 488 or Pentium processors. it is possible to compare two signals in the frequency do.
main. In real-time. by complex division of the FPI' data of each input d1annel. As displayed in
Figure #1. a typical teat settip provides I test signal (enamel to the measurement software),
which is srllitI with one 'brandl' of the signal sent directly to the computer and the other branch
sent through the system to be tested (see Figure #2)‘

Figure #2: Transfer Function display.
Two measurements are displayed.
a loudspeaker measurement was
made and stored and an equalizer
measurement was inverted to allow
direct comparison with the stored
measurements.

  

This Transfer Function (frequency domain comparison of Mo signals) is valid under the follow-
ing conditions:

- The two input signals are “aligned' in time
- The test signal used has sufficient energy dilation and is well-behaved in the frequency

bands of hierest
- Therels nodynarnic processing on stlherelgnalpath

To address the alignment of the two slgnds. JBL-Srnesn coral-ins a digital signal delay intemel
to the program (Implemented In animate). This single dismal signal delay I: assignable to
eitherchannel. Ind can be satin 0.1Dmllllsecond slaps. from CLO sec. to 250 mSeconds‘ For
Transfer Function measurements. the delay lnl'lerent In the ND converer of the sound can:
can be disregarded as ltis common to both lnputdtamels.

The sufflclemy testls) forsuileble test signals canbe detwnunedbycerefd measurement of
nowherenceMncflonbeMeenmemdunnstsmmeyhavebeensflgmdinume. Practi-
allyJusppfiufiomhprofesshnumdnmmntyplcelypinkismenusedasa
mmMsIQnal.JBL-Smsnpmiduameneemealwhflon,uspostpmcess
ofmehanslerhncfimdats,tnhelpdelennimmsveidflyofflansfermmn dataasafunc—
tienoffrequencyt
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4. THE LOCATOR AND THE lMPULSE RESPONSE

The signal alignmentetttetiaforlha real-timetransterfunottonrequires thattheuserbeabieto
mmhnhfivedeiaybatweenmm.mmquesamoommlyusedm

rmeasmthedelay'betnuen‘lhelwosipnals;aeorrelattonreutinewhid‘ttomsesitonthe
amatdalaylimeuslngsn lteraiiveprooess. orfltemeastnmenteftheimpulseresponse
between lhetwosignals, (which In practioswill be the impulse responseotthe entire system
undertest). JEL-Srnaart provides the userm‘dr the latterledrnique,Atr-ansterftatclien be-
twesnlhelwoinputsianetsis oalwlatedandflteinverse Fi-‘rtsusedtooaloutatethe lime
dornaln representation ofthe system's impulse response. In practice it Is often very easyto find
the propagation delay of a system by simple visual examination of the impulse response.

To provide valid results, the Daley Locatorl impulse response measurement requires the:
1) the input signal to each channel have sufficient broadband energy of sufficient duraflon.
2) The system undertestbehave linearly. and 3) thatlhe FFTtirne eorutantseiectedtoru-re
mmlaruewmpamdliolhedeclyoflhelyflem underlest Onsesgsln sul'iielenw
can bademonstraledbyeomparisonwith knomresuits. orbyoaiwtation oftheooherenoe
function. The linearity requirement requires thatatl dynamic processing in the system. such as
compressors. limiters etc. be bypassed during measurement,

The Delay Localor‘s Ft-‘l' time constant is calculated by dividing the user-selected FFT size by
auser-seleded samplingrate. JBL—Smartpoltsheeomdcsrd installedend listsaltsempting
rates supported by both the card and JBL-Srnearl as options. Increasing the FF!’ size or
decreasing the saman rate will ectto increase the Delay Locslms FFI' Trme Constant As
the delay at many acoustic systems, such aslarge room orsounds systems with long propa-
gation paths, often require Fi-T little eoostmlswith length at one ormore seconds, large FFTs
are mqui'ed. JBL—Smaarl’s Delay lumber provides FFT sizes from 123 to 85k points and
sampling rates from film: 44.1kHz. providing a wide rangeof possible FFl' time constants.
flunsnretttratfimsofeseoondlo meretseoonds. AslergerFFl's require mommmputatr'on
time, sndthe impulseresponseotthe system is assumednotlndtange (the tineerityrequire—
mans). thedelsyleeatorceiordettonisnoldonehreel—li'ne. Rather. auserdefinedsmomtof
data is eoliedad (Le. recorded) and the Impulse response oelwietton is done immediately. as a
postprooess.ei‘lentskhgsevereiseoortdstooompiete.1he usermaychooselohavea
number of measurements made and the results averaged.

Loudspeaker

 

Figure #3:Simple measurement system setup.
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it is important to note that the Delay anetnr's tmnsfer hmotlon—besed impulse response mea-
surement doe: notdiredty provide semi-anaemic results. Replacing. the 'syetem undertost'
blockin Flawetawiu'lan eiootroruceystem sudteeanequalizer. animputee responeewill
provide thetime. magnimde and phlse information describing stole ol‘ the ewelizer. Replean
the “system under test” with an amplifier! loudspeaker! rlllcl'ophone I acoustic-environment,
see figure #2. win yield the impulse response of the entire signal path. not the impulse of any
one device in the signal chain. It Is possibleto post process the entire impulse responsth a
time window to achieve slmnar results to traditional semi-anaemic techniques.

Figure #4: Delay Locator
The output ofthe delay locater.
Th amplitude scale is in decibels.

  

The outputof the Delay anetorla stored as a Windows standard wave file and can be displayed
on either a logarithmic. liner or absolute value ampliludl scale (see Flaue #4). Unity the
Mndowseteruhrd wave filefonnetellwrs demodulated bylhe Real-Me moduloto be read
bythe JBL-SmeartAnalysismodule oreny atherprogrum tl'ietwonuwlthwhdmwave files.

5. THE JBL-SMAART ANALYSIS MODULE

A:finnedflmmduhkmdforepecmmmelysuenddeleymsenspmsealwle-
MmeJBL-Slnufl-AnuyskModuhptowdeenmtmhmmmskbam
IudedM,hbofl1fl1aflmamthquenoydumein.fimedomelndetemoybavlewadone
userseieetahletimelalleendeliherlogefltllmio. llneerorebsoluteveheamplihfle sales.

TheNielyslemoddeeenreedmndud 1mmfiluomtelnlngellheretenoormono
mumnIyJBL-Smemmmuwaveflesmnmwnadehetmwmmgmte
endenyampliluda lesolutionupto 1B hitebuldoeenetluppencompreeeedoudiofilehnnels
sudweeADPCMJudiedexenuybehensfonnedfmmlhetimadomeinhtetlu
dolrlalrl.vieFl-‘l'eelmlationeranglmh'om 128mm32kpolme. Sevendatew‘lndewsanda
user-selectable FFT overlap parameter are also provided.

The generic Window: wave file format allows for sanitary extensions mat. in theory. should not
effect older programs that do not understand the extensions. This would allow JBL~Smaart to
include extended date in its wave files while lfill allowing old programs to read the basic wave
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Inionnafion. Urii‘ormnately, many popular and well-established programs do not read wave files
in a genericmanner. To allow JBL—Smaart inadd extra information in wave file: would break
cornpeiibiiity wiih inese well known programs.

Forflineelon.mdiemaimfl1ihehiegntyaiineodainaleudndaiefiles, meAneiysismod-
mmmwdenuinéahmmemeaiwlefiomanmmpiexpairfomat)insepa-
mes.mspmhwmaiinpMMMeumemeamampem
Imlfisialfile resides In “resume direwlry as mew-VB file. “Analysis module will find iteny
iimeihewave Eels leaded making buflriheiime— and frequency-domain data immediater
aveiiabiaferdispley.

JBL—Smeari pruvides three main display type: for froquenaj domain dais:

- The Frequency Slice (Memimde vs. Frequency)
- The SD Mullah (Frequency vs. Time wiih Magniiude by Color)
- mesueemnimdevsImquiededfreq.)

mquuonqSiiuuadaMadmagflhdewflequenqpiotdewaubamwadwa
nimlborofirequencymies.hiembanddeie,anbedispiayedoneiflrerelineereriogeflli-r-
micfraquenn/Iceie. Fradonamdavebenddepieysenfl, 1I50r1IBii1 octave displays are
eieomiiabie.Apmerlpedrum averaneofaii. cram-selected rengeoffrequencylFFT)
kmmmydwbeceimmdenddispieyedmmyeimenequencywaies.

When daignthBL-Smmwe opted isepruvideaaD spectrograph, miner man he irediiienel
waieri‘aiidispiaHsee Flame“). A 3D spemareph prmrides etepogrephicai viewaiihe
signal,wiihiimeeiangflrex-azds.itequencyeiengmey-eads(eneiiherlinearorlogafimrnic
min)mum-animusnpretentedbyoeior.Thausermeyspecifyfliedepfl1(hdedbeis)offlre
WDWMMMMMMWmWBBWJhQnumWM
eebnuudhmetpmphpietfiunszaelflwmnmuwo.Wmdwsm20
mnethW‘mlhmusemeieombie.Weheve provided
adduendopflmwiddrelmmelpewmphmhdmwnvdflreedr FFl'frameiaparntad
fremadleaentfrarnesbyamheandwflhflwwflflwfaadr FFrrrame dependenlon
magnitude.

Hmnfizswdrugraphflkneon
linen-lads, raquencyoniheY-erdn
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The .lBL-Smaert Time Sfioe Is a magnitude vs. time plot for I selected ftequency range (see
Figure #6). The frequency range may be specified as 1-octave. 1I3-octave or nenuw band.
mmeeslieeptotsrepresentingutreediflerenttrequenqr-tges rneybeviewedon a
ralnbawptot. with each frequency range displayed In a dflerentootor. thththeJBL-Smsart
Time Slice display the user may draw a line on the plot to define a slope. Values for the slope
are displayed hem In units of dBIseoend and equhratent T60 veins. Alternately, JBLSmeai-l
will calmlata reverberatian time. early decay rate. and various energyratioa for all in or 113
octave bands based on a peak location and other Iaiulletlon parameters defined by the user.

Figure #6: The Time Slice display.

 

B. MEASUREMENT TECHNIQUES AND FOCUS.

Sineeits introduction in Meyol1996. JBL-Smaartttee bemused irt agnetmany applications.
Oneal me more popular uses has been optimization allergens-Id systems. The measure-
ment system, consisting ofaeomputerwilh sound card nlnnhg .lBL-Smeert and a smell exter-
nalmileriaeonneetedintoesoundeystematvadouspohu.Theuseranthensvvimhbe-
tween rneasuementofslgnalt I'mrn differentlrteertpoint: using the lament-I mbter see Figure
#7. tnmiseonfigumumdteuurmmubeghbymeemmmeddaymeflenmmugh
eadtsignflpahdtmeayam.Whenuhushnsfufimcfimcdumlbhnpommtebe
awareofalmusol prupegltlondelay.Mmyerhmdevleeeueedhmodemsomd
systems. sudtesdifltdequflizenandmsmenbevemdtybnawpmgmn-dw
dentprupagationtimes.

Onoefl'leinpulee responeeofthesystemundertuthasbeenceluflatedushgthe Delay
Loo-tor. lheprepagationdellyisdetermhedbyvtwetexarmntionef themeuu'edimpulse
response.Te helprnakelhie measurernenteaslerm read, itie advantageouste use theetemal
mixer tn adjust the levels react-ting the computer in a pointwere they we approximately equal
in amplitude. At this point the user may GI‘IOOSB to examine the measued Impulse response in
more detail using the Analysis module features.
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Figure #7:Typiml field measurement setup.

Having determined the pmpagalien delay. an internal signal delay is assigned to the channel
providing the reference signal to achieve aligth (in time) of the two input signals. It I: e
goodpncticemthen re-measurethelmpullereeponee nt'the system usingthedeieyiocetor
to ensure that the delay ls set oorrectty end the two signals ere. in fact. aligned. The Real-Time
tt'eneterl'unction meythen be calmlated. and stored for comparison with charms-lured
results.

it is at common predict) for measurements at loudspeaker systems to be Itored and compared
with ‘tlve' measurements at equalizers and crossover netweriu. The Reel-Tame module's
ebilitytninvertthedlspteyofameesured respcrueendevedeymredmeemmenteeloflter
devicesmekesvieuelccmparisenverycenvenientm ofthlatechniqueforeetting
equafizere.ittt1attttebendwidlt1requiredforeed1flter. endthehteredicnofadjeeentmerels
easilyeeenendcompered. Theequelizercenelsobeadiuetedandthedtengescenbeboth
seen Incl-teen! in reattirrte. Thiseliewstheueermcbtein e‘best-flt'equalurreeporueboth
objecflveiytflwafly)emmbieofively(eudiberbmepmeofflnammbehg optimized.

7. A TOOL ts JUSTA TOOL

ItmightboeppmprietetepointoutfltetJBL-Smeertm tobacueefultleldtoelmat
elderdtfictestinstnmentThegoellr-tdesiorhg JBLSrrtaertweete-dd'essenereeof
Montanendemficmeesummthfie-gedfl-hmmmebgmddgital
eudoeyetemeremelmemorpheulydefinedend heddreeueystemevelmttnnand
Wm,megmetefimmbeitgmedebprovldeueefu.tdcedefledlvebmfa
Iysterndeelgn, predictionetperrcnnence. ecoultic elmmmfimlpedflmm ZDend
BDeystemdt-ewimemeopfinizettenofeoutdeyetemsend Weluationofmneeeuttlee
Wmemdmmmbn.memkmegreunmtmgerdhgmtedtnlques.m
endeventhe ultimehgoelsforaystemoptknization.

In providing .tBL-Smean to the acuustit: and audio communities. we do not expect to sotve all
of the probierm of sound system optimization. For example. setting delay tit-nee end equalizers
will not solve coverage, power handling or many other system design endler configuration
pmbiems (except in extremely rare cases). Further. the goals in setting equalizers and delays
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in sound systems are not always me same. In the case of a systems deslgned prImarIIy for
playback only, spedrel balance mlght be the most Important concern. In e "vs sound reInforoe-
ment system, mbfllty. I.e.. gaIn-before-Ieedbadt may be Ihe prImary goal 01 Ihe system Inner.

. We hope that In JBL-Smaen. we have created a moo! Ihat will let eeous‘IIoaI oonsulIants and
sound cont-adore tows Inelr energles on understanding Ihelr deslgns and Installefions end
not theIr measurement system.
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