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Fig. 1. Real-time digital intensity analysar

Tha introduction of real time analysia using digltal fil-
tering tachniques for the processing of signals irom
two closely spaced micraphones has given a leap tor-
ward in the preglslon with which mcoustic intensity
measuremenis may be carrled out. The use of digital
filters has Increased the possible frequency range and
praciically ellminatad the Inherent lack of raal time
capability assoclated with FFT-analysls of the continu-
ing but time varying signals moat often encountered In
acoustics.

A 1/3 octave digital fliter system is shown In Fig.1.

The signalg from the two microphones are frequency
anatysed in paraltel in real time and the sum and tha
ditference ol the two signals for gach frequency band
are calculated. The diffarence s Integrated over time
and divided by the distence between the microphones
of the probe to yield the particle velocity V.. Tha sum,
and thus the pressure ¢orresponding to a point mid-
way between the two microphones, ia than mulllplied
by the particle velogcity to yield the sound intensity
vector component |, in a direction given by the orlenta-
tion of the probe,
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The use of the two microphone technique to measure
sound Intensity does introduce limits to the usefut fre-
quency range of the measuring system. A principal
systematic error Is inherent In the approximatian of the
praessaura gradient by a finite pressure ditference. It ia

this approximation which sets the upper frequency
limit for practical aystams. The approximation error
can be calgulated for Ideal sources, e.g. monapole,
dipole and quadrupole sources. For a monopole
source the ereor in dB, denoted by L. between the
approximated sound Intenaity and the axact intensity,
I3 glven by
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where k is the wave number and Ar is the distance
betwaen the acousiic contres of the microphones and
r, Ihe distance betwaan the geometrical cantre of the
microphone probe and the source. It Ia aeen that the
approximation error s not only a function of k - Ar but
alse af A¢/r. When Ar << r as shown in Fig.2 the
approximation arror iakes the form o underestimailon
of the sound Inténsity and this error becomes greater
with Increasing frequency.
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Fig.2. High frequency fimitations
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I tranaducers were parfect and signal processing ide-
al, the approximation error could be reduced by mak-
ing the microphone spacing as small as possible.
However, Intensity measurements based on .the two
microphone technique are highly senaltiva to differ-
ences beh 1 the phase r of the two micro-
phone channels. Phase mismatch has the greatest
influence for small values of microphone spacing and
for low trequencles. This sets the lower frequency limit
tor the system. The approximation error.dug to a
phase matching ot 0,5°, which is typical for.a B&K
intensity system, is shown In Fig.3 as a function ol
frequency,
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Thus the microphones used in the probe system should
be selected by matching their phase responses to min-
Imize this arrer. Typleal phasamatehing ot B& K micra-
phene probe Is shown In Flg.4.
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Fig.4. Typicat phasemaiching of B& K
microphone probe

11 the orientation of the probe I8 changed by 180° then
it is seen from the aguation for L, that the Intensity will
pe overestimated instead of underestimatad. An aver-
age of the two Intensity measuremenlis made at low
trequencles with a 180° change in probe arientation
for the second measurement will considerably reduca
the approximation error.

Fig.5. A sound Intensity probe

Ta optimize both the Iree fleld amplliude response and
ag previous mentloned the phase response, & new
probe has been designed using B& K 26833 type pream-
plitiers. Alse the need far a fast calibration mathod,
easy change of microphone spacing (3 different
lengths of spacing are aupplied), as well as a chelce
between 1/2° and 1/4" microphanes has been taken
Into account in the construction. The probe configura-
tion I8 shown in Flg.5 and the frequency response in
Fiy.6.

Fig.§. Amplitude response of the probe
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Fig.7. Effectiva separation as a funclion of frequency

Tha physical configuratien used in placing two micro-
phones ¢lose o each other |3 also wvery Important. To
obtain good pertormance above 2kHz requires caraful
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cor tion of the g y. The varlation in the
effective acoustical separation Ar as a function of
fraquency has been Investigated lor diflarent conltigu-
rations. A comparison of varlation in Ar I8 shown in
Flg.7 for a side-by-side fil lon and a face-t
face (slit grid) contiguration.

Both when using the system for sound power determi-
nation and for acoustic source and sink locatlon it is
Important to notice the dirgctional gharacteristics of
the probe {see Fig.8), which is a cosine function.
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Fig.8. Diractional charactaristics of the probe

For aound power determination It 1a sean that atthough
the probe may ba direcied up to 80° oIf axis to the
direction of maximum sound intensity, the measured

Fig 8. Unsymmetlrical directional charactariatics due to
fack of phasematching
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sound Intensity level decreases by only 3dB from the
mMaximum level. However, lor source location extreme-
1y good directional sensltivity ls given by searching for
Intensity minima {detected by change in the brighinass
of the channels).

In addition it shoutd also be noticed for nolee source
location that phase mismaich {at low frequenclea) In-
troduces an angle ervor In location of the direction to
the source as shown in Fig.9. Thia error 13 minimized
considerably by phase matching of the system and by
cholce of a large apacer.

" For the electronic part of the system matched compo-

nents are used In the totlowling tour blocks: Preamplii-
er — Input Attenuator - Antlallaging Filtar and Sample
and Hold. This meany thal the only thing which is
needed before egch naw measurement is to callbrate
the amplitude of the two channels by means of a
pistonphone.

The digital filter syatam has the graat advaniage that
thera |3 no phase mismatch between tha two channels.
In 8¢ it |5 the same filter unit belng timeshared be-
tween the two channsals. The octave Chebyshev Filters
fulfil the ANSI 51,11 class Il fiter standards, the 1/3
octave Chebyshey filters the ANSI $1.11 ctass Il stan-
dards, which are the moest strict filter standards aa
ehown In Fig.10. In practica it s impossible to distin-
guish between anatogue and digital filters except that
tha stability of the digial fllters is far more superlor.
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Fig. 10. Filter characteristics of tha analyser
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Unfortunatety an tdeal digltal Integrator does not exlst
30 In the design of the Integrator circuit & compromise
has to be made. Dua to the Importance of the phase
respense a very gimple digital filter given by the
aquation:

Yn = Xn + Xn-t + Yaou
has been chosen.
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Fig.11. The digital integrator

A calculstion of the amplitude and phase gives:

| H{w}| = cot w2ial
< Hi{w} = -80°

so we have exactly the required phase curve and an
amplliuds curve which is very easy to correcl.

The anly consaquence of an ideal Integrator Is that if
an arrcr slgnal In one way or another has arisen in the
Integrator, it will stay there foraver. So the integrator Is
always automatically cleared before & measurement is
started.

The number of applications of the sound Intensity ana-
Iyalng system are legton. The system not only perferms
many standard measurements oasity and efficlently,
but alse opens up new measuremant possibilities.

Conaldar, 1or example, the Investigation of dlesel mo-
tars. The atandard method invotves the laborlous tech-
nique of wrapping vaslous parts of tha motor with lead
sheeting In order 1o locate and ldentify the varlous
sound sources. The total Investigation could easily last
weeks. With the sound intensity analysing system the
princlpal sourges can be locaied an ranked In order of
Importancs In a matter o minutes.

As already mentioned, source location Is very aaslly
partormed with this system hacause of tha directional
charemarlstics of the sound Intensity probe, where the

d sound Ir Is a function of the angle.
Tha minima of the measured sound Intansity are espa-
clally sharp and well-defined, which makes It vary easy
to locate acoustic sources. Another examplo laken
{rom tha motar Industry ia the control of nolse Inside
the passenger compartments of vehicles. By simply
tracing the sound intensity low lines with the probe the
sources and sinks of agousiic energy can be found:
that is, the places where nolae entera and leaves the
compartmant. Maps ¢f these sources and sinks are
extremely helpful when tackling nolee reduction
problems.
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The Sound intensity Analysing System is also eminent-
ly sultable for sound power determination, as sound
powaer is orlginally defined in terms ol aound Intensity.

- What we have to do |s to make a linear Integration of

the sound Intensity over a surface enclosing ha
source, which is quite simple because of the digital
approach of the systam. The measurament can be
done on site, thal meane. no special room {e.g. semi-
angcholc chamber) Is required, even if the environ-
ments are noisy or the maching is ¢oupled 1o othar
machines. The mathod still works because the coniri-
bution from all sources not situated within the encles-
Ing surface will aulomatlcally ba Integrated to zero
according 1o Gauss’ theorem. A practical measura-
rment wlll only take a few minutes.

To summarize, the BAK Sound Intensity Analyzing
Systemn Type 3360 opens new harlzons for acoustical
measuremsants. The inatrument operates baih in sound
pressure (from 1,8Hz to 20kHz} and sound Intensity
maode (from 3,2 Hz to 10kHz) In real time, But in many
applications there is a distinct advantage In measuring
the vector quantity sound intenslty rather than the sca-
lar quantity sound pressure.
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