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Fig, i. Reel-time digital intensity enslyeer

The introduction at rest time analysis using dlgllll Ill-
terlng techniques tor the processing at signals lroln

two closely spaced microphones has given a leap ter-
ward In the precision with which acoustic Intensity
measurements may be carried out. The use at digital
litters hoe Increased the possible lreouency range and
practically ellmlneteo the Inherent tacit at real time
capabilIty associated with FFT—anelysls oi the continu-
Ing but time veryan signals moat otten encountered lh
scaustlce

A llit octave digital tlltar system Is shown In Fig.1.

The signals Irern the two microphones ere Ireduency
analysed In parallel In real time and the sum and the

dIIIerence el the two signals Ior each lremency hand
are calculated. The omerenee to Integrated over time
and divided by the distance between the microphones
at the probe to yield the particle velocity V,. The sumv
and thus the pressure corresponding to a Point mid«
way between the two microphones. Ia than multiplied

by the particle velocity to yield the sound Intensity
vector component I, In a direction given by the oriente-
tlon oi the erebe.
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The use ol the two microphone technique to measure
sound Intensity does Introduce limits to the usetut tre-
querrcy range at the measuring system. A principal
ayetematlc error le Inherent In the approximation at the
pressure gradient by etlnite pressure dltterence. II is

this approximation which eete the upper frequency
limit lor practical ayateme. The approximation error
can be calculated tor Ideel sources. 9.9. monopole.
dipole and quadrupole sources. For a monopole
source the error In de. denoted by L. between the
approximated sound Intensity and the exact Intensity.

law-.1
where k la the wave number and Jr is the distance
between the acoustic centres oi the microphones and
r. the distance between the geometrical centre at the
microphone prone and the source. It Is seen that the
approximation error Is not only a function at It - Ar but
also at am. when Ar << r as shown In Fig.2 the
approximation error takes the term at underesllmetlon
ot the sound Intensity and this error become greater
with Increasing trequency.
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Fig.2. High frequency limitations
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ii transducers were periect and signal processing Ide-

oi. the approximation error could be reduced by mak-

ing the microphone spacing as small as possible.

However. Intensity measurements based on.the twe
microphone technique are highly sensitive to limer-

ences between the phase responses oi the two micro-

phone chsnnela. Phase mismatch has the greatest

influence Ier small values ol microphone spacing and

Ior low Ireduencies. This sets the lower Irequency limit
Ior the system. The approxhnellun erroriuue to a

phase matching of 0.5“. wh|ch is typical to! a 35K

intensity system. Is shown In Fig.3 as s lunctlon oi

lrequency.

 

Fig.3. LOW frequency limitations.

Thus the microphones used In the probe system should

be selected by matching their phase responses to min-

lmile this error. Typical phasematchlnp oi as. K rnlcro-

phone probe Is shown In Fig.4.
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Fig.4. Typicsi phasemeiching at as K
microphone probe

   

II the orientation oi the probe la changed by taa° then
it is seen "Om the equation lor L, that the Iflianslly wlIl

be overestimated Instead ot underestimated. An aver-
age oi the two Intensliy measurements made at low

lrequencles with s 180' change In probe orientation

ior the second measurement will considerably reduce
the approximation error.

  

Fig.5. A sound intensity probe

To optlmlre both the lies Ileld amplitude response and

as previous mentioned the phase response, a new

probe has been designed using BOX 2633 type pream-

pllflars, Also the need tor a last calibration method.
easy change oI microphone spacing (:l dillerenl

lengths oi spacing are supplied). as well as a choice

between l/Z' and 1/4' microphones has been taken

into account In the construction. The probe configura-
tion is shown In Fig.5 and the Irequency response In

Fig.6.
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Fig.6. Amplitude response 0! the probe
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Fig.7. Elieciiva separation as a lunctian oI Ireauency

The physical configuration used in placing two micro-

phones cloee to each other Is also very Important.To

obtain good performance above ZkHl lefiulres carsIui

3.1.1.2
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consideration or in: geometry, The verlallen In the
eflectlve acouatlcel aeparellen Ar ea a lunatlon of
Irequency hes been Investlgated lor dlllersnt conllgu-
ratlona. A comparison at varlatlon In Ar la shwn In
FIgJ lot a slos-by-elde contlguretlonand s lace-to-
Iace (allt grld) conllguratlon.

Both when uslng the system tor sound power determl-
riatlon end [or ecouetlc eource endslnk Iocellori It Is
Important to notlce the iilrectlonal characterletlce o!

the probe (see Flgfi). whlch la a coslne functlon.

   

Fig.8. Directional cherulerletlce DI the plabe

For sound power determlnatlon It Is seen that although
the probe msy he directed up to 80' an axle to the
dlrectlon ol mexlmum sound Intenslty, the measured

 
Fig.9. unsymmelllcal direct/anal characterlsllca due to

lack a! pneeamatcnlng

8.1.1.3

 

sound Intensity level decreases lty only 863 from the
mallmum level. "waver. Iar source leeetlon eittrsme-
Iy good dlrectlariel eenalttvlty Ie elven by eaarchlriu tor
lntenelty mlnlms (detected by change In the brlghtnsss
ol the channels).

In addltlon It Show also be notleed Ior nqu source
location that phase mlemetch (at low trequenclse) In-
Iredunes an angle error In lecatloli of the dliectlon to
the source as shown In Flg.9. 'thle error ls mlnlmlzsd
censldernbly by phase matchlng ol the system and by
cholce oI a large epacer.

For the electronle pan 0! the system matched comptr
nenia are used In "I! MIWIhg tour blocks: Freairipllll-
er — Input Attenuator - Antlellsstng Fllter and Sample
and Heldt Tnls means that the only lhIltg whlch la
needed belore each new measurement Is In aellhrete
the emptltude ot the two channels by Inle 0| a
pletonphone.

the dlgltel Illter system has the great edventege that
there I: no phase Inlsmatch between the two channels.
In tact It Is the some Illter unlt beliig Ilmeehereo be-
tween the two channels. the octave Chebyehev Flltera
IUIIII the ANSI SLI‘I class II lllter standards. the "3
octave chebyshev Illtere the ANSI 51.11 class III stan-
dards. whlcti are the moat atrtcl lllter etenderde es
shown In Flg.10. In practlce It Is Impeeelble te dlstln-
gulsh between analogue and dtnltal Illters except that
the emblIIty olthe dlgIlaI llllers I: II! more superlor.

     

I
Fly. 10. Filter chereclerlsllcs a! the enelyaer

  

Unlortunately an Ideal olgltal Integrator does not exlst
so In the deslgn at the Integrator clrcult s compremlee
he: to be made. Due to the Importance of the phase
response a very simple aigitai lllter glven by the
equatlon:

Y" = X" + Xn.‘ Q Vn-t
he: been chosen.
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Flg. 1 l. The dIgItal Integrator

A calculallon cl lhe amplllude and phase elves:

mun = lcot w/Zhl

< up.) u —eo°

so we have exactly lhe required phase curve and an
smplllude curve wnlch Is very easy to correcl.

The only consequence nl an Ideal Inlepralor Ia met It

an error slgnal In one way or another has erlsan In the

Integrator, It wlll alay mare Ieraver. So the Integrator Is

always automallcally cleared belere a meesuremenl Is
slerled.

The number at appllcatlona ol lhe sound Inlenslly ana-

Iyslng syslom are leglpn. The system not only perlcrms
many standard measurements easlly and efllclenlly.

bul alsoopens up new measurement posslpllllles.

Consldsr. Iar example. the Inveetlgallon ol dlesel mo-
tors. The elanderd melhod Involves lhelaborlous tech-
nlque ol wrapplng varleus parts or the motor wllh lead
sheellng In order lo locate and Idenllly lhe varleus

sound sources. The lelal Invesllgallon could easlly last
weeks. Wllh the sound Inlenslty analyslng system the
prlnprel sources can be located an ranked In order or
lmparlance In a matter ol mlnulea.

As already menlloned. source locallen Is very aaslly
perlermed wllh lhla system because at the dlrecllonal
characterlstlcs ol lhe sound Inlenslly probe. where the
measured aound Intenslty la a Iuncllon al the angle.
The mlnlma ol lhe measured sound Inlenslly are espe-
clelly sharp and well—defined. whlch makes ll very easy
In locale acousllc sources. Another example laken
lrom "Ia melor Induslry I: lhe control 0| nolse INDIGO
the passenger compartments 01 vehicles. By slmply
lraclng the sound lntenally llew Ilnee wllh the props lhe
sources and elnks ol acousllc energy can be louno:

lhal Ia. lhe places where nolae enters and leaves lhe
companment. Maps ol these sources and slnks are

exlremely helplul when lackllng nolee reducllon
problems.

3.1.1.4

The Sound lntanslty Anelyelng System Is also emlnenl-
Iy sullable Ior aound powerdelermlnetlen. as sound
power In arlglnelly dellned In terms 0! sound lnlenslly.

- What we have lo do Is to make a llnear Integration ol
the sound lnlenslly over a surlece enclosan lhe
saurce. vmlch Ie qulle slmple because ol the dlallal

approach ol the system. The measurement can be
done on slle, lhel means. no speclal room (mg. aeml-

snecholc chamber) Is requlred, even II lhe envlron-
ments are nolsy or lhe machine Is coupled In other
machlnes. The melhod ellll works because lhe conlrl-
sullen Irern all sources nol sllualed wllhln lhe enclos-
Irlg surlace wlll aulcmallcally be Integrated \0 [8'0
accordlna lo Gauss‘ theorem. A pracllcal measure-
menl wlll only take a I” mlnulea.

To summarlze. the as K Sound Inlenelly Analyzlng
System Type 3360 opens new horlzons for scousllcal
measurements. The Instrument operales both In sound

pressure (Irom 1.6m to 20km) and sound Intenslty

mode (from 3.2Hz to 10kHz) In real Ilme. am In many

appllcallens there Is a dlsllnol advantage In measurlng
the vector quanllty sound IMEIIEIIY ralher Ihen lhe aca-
Iar quanllly sound pressure.
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