“ The sound intensity application”

The sound intensity measurement is the first application that comesin
mind if one examines the unique particle velocity sensitive capabilities of
the Microflown. Thisis mainly due to the effort that is taken to determine
sound intensity in the traditional way.

Particle velocity is traditionally determined by measuring sound
pressure at two closely spaced places. The so-obtained pressure gradient
is used to caculate particle velocity (see chapter 2). The sound pressureis
calculated by averaging the two pressure signals.

Since nowadays apart from the sound pressure, particle velocity can
be determined instantly by the Microflown, acoustic quantities as sound
intensity, acoustic impedance and sound energy density can be measured
instantaneous and on one position in space. Although one can measure
apart from the intensity also the impedance and sound energy, this part is
focussed on sound intensity.
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Note: Above the 135dB sound is not linear so p-p and u-u method are
not valid anymore! So at that levels particle velocity cannot be
determined from two closely spaced microphones.

Sound intensity is the average rate at which sound energy is
transmitted through a unit area perpendicular to the specified direction at
the point considered. It is a vector quantity (it has a magnitude and
direction); defined as the time averaged product of the sound pressure
(scalar) and the corresponding particle velocity (vector) at the same
position.

o 17
W /m?] = lim ?'!u(t) Ch(t)dt

The measurement enables to determine the amount of radiated sound
power of a source without the need for a special acoustic environment
(such as areverberant room or an anechoic room).

It is quite a work to determine the radiated sound power of a source
since a number of separate measurements on an imaginary surface around
the source must be taken. On the other hand the use of reverberant or
anechoic rooms is expensive and not always possible. If for instance the
source is too large or if it is not possible to transfer the source the sound
intensity measurement is the only option.

The phase between sound pressure and particle velocity contains
important information for the sound intensity is determination, see Fig.
46.

A quite loud sound has for example 1Pa pressure variation, if the
sound wave is relatively far from the source and when no reflections are
present the accompanying particle velocity then is 2.3mm/s. In such case
the phase difference between sound pressure and particle velocity is zero
degrees. The sound intensity is the mean value of the lower |eft plot of
Fig. 46. As can be seen, it values 2.3mWm™. If the phase shift dtersin to
60 degrees, the sound intensity will be half compared to the zero-degrees
situation. If the phase shift is 90 degrees, the sound intensity will be zero
and if sound pressure and particle velocity are out of phase (phase shift
equals 180 degrees) the sound intensity values -2.3mWm? So, even
when the amplitude of sound pressure and particle velocity is not
changing, the can sound intensity vary strongly.
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A comparison between the traditional and novel intensity method is
presented paragraph Al. Both types of probes have been tested in critica
situations.

To get a better understanding of the pu method all steps to determine
the emitted sound intensity of a loudspeaker has been presented in

paragraph B2.

A one-dimensional sound intensity probe can be extended to a three-
dimensional probe by using one microphone and three Microflowns. All
the probes are till in one plane, see Fig. 72. The advantage of thisis that
the 3D sound probe can be positioned near to a sound source (the novel
method can aso be used in the near field). A broad band three-
dimensional sound probe will offer many advantages. The magnitude and
direction of the acoustic energy flow can be measured directly and this
will improve the effectiveness of the measurement (the traditiona probe
can only measure in certain bandwidths so severa measurements are
needed to cover the complete audio band). A measurement will provide
vector-based information. If a one-dimensional probe is used only the
projection of an energy flow is measured. The 3D measurement allows
measuring non-stationary sound fields as for example the noise of
moving objects, like aeroplanes. The three-dimensiona sound probe is
capable of measuring the sound intensity vector in the full band sound but
also the total sound energy E and three-dimensional acoustic impedance
can be measured with this probe. Only the 3D-sound intensity is
investigated in chapter A2.

Due to the sensitivity decay at higher frequencies, the signal to noise
ratio at these frequencies is one of the subjects that is questioned often
when debating the Microflown’s capabilities. Regarding sound intensity
this subject is of lesser importance. Selfnoise problems are strongly
reduced when measuring sound intensity because all non-correlated noise
sources (electrical noise etc) are eliminated by the method itself. Thisis
explained in paragraph A3.
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Fig. 46: Upper plots: sound pressure and particle velocity. Lower plots: instantaneous
sound intensity and sound intensity (straight lines) as function of the phase shift
between particle velocity and sound pressure.

The unwanted senditivity for wind could cause problems when
measuring outdoors. This sensitivity is measured with and without a
standard windshield. It shows that regular windshield can be used to
eliminate wind induced problems. This subject is discussed in paragraph
A4,

A method that is complementary to the traditional sound intensity
method is discussed in paragraph A5. The traditional method uses two
microphones whereas this method uses two Microflowns. The result is a
sound intensity probe that has a higher directivity.
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Fig. 47: Photo of a p-u sound intensity probe (2000).

201



Bl THE P-U PROBE; COMPARISON TO THE
BRUEL & KJAER P-P PROBE

The performance of a p-u sound intensity probe, a probe consisting a
14" sound pressure probe and a Microflown, has been compared to the
commonly used Bruel & Kjaer p-p probe. The B&K p-p probe that has
been used for this comparison consists of two %2 matched pressure
probes and belongs to the best probes available on this moment. Both
types of probes have been tested in critica situations. This chapter is
based on the work that is presented in [3].

Introduction, why sound intensity?

Sound intensity measurements are quite useful as an acoustic
measuring technique, since in a reverberant environment the free-field as
well as the diffuse-sound field are determined. The measurement of the
sound pressure only gives the sum of the free-field and the diffuse- sound
field. The freefield properties are obtained from the (time averaged)
product of the instantaneous pressure p(t) and the corresponding
instantaneous particle velocity u(t) at the same position:

1
== l p(t) [(t)dt (116)

Where the intensity | and the velocity u are vectors. (A smple
explanation for the property that the intensity determines the free-field
properties is that for an acoustic wave travelling in the negative x-
direction the phase difference between p(t) and u(t) is 180°, while for a
wave in the positive x-direction p(t) and u(t) are in phase.) The measured
intensity corresponds to the net flow of acoustic energy at a given
position. If the intensity around a sound source is measured at a number
of positions, the radiated sound power can be determined. Even in the
presence of reverberation or background noise one can determine in this
way the (free-field) radiated power of a sound source. Since the intensity
provides information about the strength and the direction, it can aso be
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used for localisation of complicated sound sources and for determining
their directional characteristics.

Sound intensity probes

p-p probe

The standard, commercially available, sound intensity probe consists
of two closely spaced-identical pressure microphones; in most cases the
microphones take the form of short cylinders, which are placed “face to
face”, see Fig. 2.20. From the difference in measured pressure, the
pressure gradient is determined, which, by Newton’s law, is proportional
to the time derivative of the velocity (see chapter 2). The average
pressure is determined from the sum of the two microphone signals. The
intensity can be calculated from the imaginary part of the cross-spectrum
between the two microphone signals using a dua-channel audio analyser
[1]. Although this probe works well in most practical cases, there are
some drawbacks:
= For different frequency ranges one should use different spacers (e.g.
12mm for 125Hz<f<5000Hz and 50 mm for 31.5Hz<f<1250Hz;
using f asthe frequency [1]). The measurement time increases due to
the changing of the spacers.

= The properties of the two microphones, and especialy the phase
characteristics, should be the same. Therefore a pair of carefully
matched microphones are used (Bruel & Kjaer supplies eg.
microphones with a phase matching smaller than 0.3° [1]). This
mismatch causes the low frequency limit.

= The qudity (or bandwidth) of the sound intensity measurement
depends on the reactivity of the sound field. The low end of the
bandwidth isrising if the reactivity increases.

= The p-p sound intensity probe is relative large, measurements in
small cavities or cabinets will therefore beimpossible;

= The sound intensity probe can not be used in the near field of a sound
source, when intensity changes along the probe, i.e. if the intensity is
different at the two microphone positions.
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p-u probe

A more direct approach would be to combine a pressure microphone
with a particle velocity microphone, e.g. the Microflown. It should be
encapsulated so that it has the same externa configuration as the used
microphone, see Fig. 48. The microphone and the particle velocity sensor
can be positioned quite close to each other, so that the pressure and
velocity are determined at amost the same point. Using the same dual
channel audio analyser as is used for the p-p probe, the intensity is now
caculated from the real part of the cross-spectrum between the
microphone and the particle velocity signal.

Fig. 48: Photo of the first operational p-u intensity probe consisting of a %" Bruel &
Kjaer microphone and a particle velocity sensor, the Microflown that was tested in the
Philips Natlab in 1997.

u-u probe

It is possible to calculate the pressure and create a sound intensity
probe from two particle velocity probes. This method is somewhat similar
to the p-p method and is based upon the linearised equation of mass
conservation, see chapter 2. Here the p-p method and the p-u method are
compared, the u-u probe will be the subject in chapter B5: “The u-u
sound intensity measurement method” .
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Directional characteristics

Assuming that the sound pressure microphone has omnidirectional
properties the p-p and the p-u should have the same directional
characterigtics, i.e. | O cos(d); referring to the photograph of the p-u
probe (Fig. 48), $=0 is defined as the direction normal to the photo; for
the p-p probe ¢=0 is the direction aong the line joining the centers of the
microphones (see Fig. 2.20).

Effect of the phase mismatch of probes

The calculation of the sound intensity of the p-p method is very
sensitive to a phase mismatch of the two pressure microphones. The
particle velocity is derived from the difference signal of both the pressure
microphones. Two large signals are subtracted and the (small) result is
used to calculate the particle velocity. A phase difference of 0.3° is
considered to be large.

The calculation of the sound intensity of the p-u method is not very
sengitive to a phase difference since the signals of both pressure
microphone and particle microphone (the Microflown) are multiplied and
not subtracted. A phase difference of 0.3° is considered negligible.

Critical situations

When the distance between sound source and intensity probe is larger
than the reverberation distance (the reverberation distance is defined as
the distance to the source where the direct field and the reverberant field
are equal) it becomes difficult to determine the intensity accurately. The
same holds when a high-background noise level is present or when the
intensity is directed in a oblique direction (¢ =90°) or the sound field
consists of more uncorrelated parts of equal strengths. A quantity for the
validity of intensity measurements is the reactivity index, defined as: Ly
=L \-L p, where L, and L, are the intensity and the pressure in dB’s
(reference to 1pW/m® and 2x10° N/m® , respectively). The idea
condition is of course when L=0 thus L,=L, (free-field condition). When
L« becomes strongly negative the measured pressure (in dB) is much
higher than the free-field pressure; the latter quantity is then difficult to
determine accurately.
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Experimental

The intensity has been measured using a p-p Bruel & Kjaer intensity
probe and a p-u probe consisting of a%2" Brud & Kjaer microphone and
aMicroflown (see Fig. 48). A dua channel Bruel & Kjaer audio analyser
(type 3550/2035) is used for calculating the intensity in 1/3-octave bands.
If the p-p probeisused | O Im(Gpg) , where Im(Gpg) is the imaginary part
of the cross-spectrum between the two microphone signals. If the p-u
probe is used, then in principle the intensity can be calculated from the
red part of the cross-spectrum between the microphone- and the
Microflown signal. However, since the two sensors differ in ther
physical behaviour and the preamplifiers of both pressure microphone
and particle velocity microphone are quite different, there may be an
extra phase difference. This phase difference has been determined in an
experiment in the anechoic room, using one sound source (a loudspeaker)
and the p-u probe, connected to the dua channel audio analyser. Suppose
that in that experiment a phase difference I, between the p- and u sensor
was found, then the intensity measured in another experiment (more
sources or reverberant room) is found from:

I Ocos( 1o ) [R(Gyg ) +sin( 1y ) UM(G g ) (117)

Gap being the cross-spectrum between the microphone- and the
Microflown signal.

Critical experiments have been performed using two loudspeakers. In
the first experiment the two loudspeakers were positioned on one line,
with the intensity probe in the middle, see figure 2*. The two
loudspeakers were excited by two uncorrelated noise sources. When the
excitation strength of the two loudspeakers are equal, the net energy flow
should be zero, but both the pressure as the particle velocity level should
be 3dB higher than when one loudspeaker is excited.
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Fig. 49: Measurement set-ups: (A) two loudspeakers positioned on one line, (B) two
loudspeakers perpendicular to each other.

In order to make the reactivity index more negative the same
experiment was performed in a reverberation room; the reverberation
time Tg was about 3-8s. A second experiment has been performed using
two loudspeakers at right angles to each other. The intensity probe is
placed such that the contribution to the intensity from the second
loudspeaker should be zero ($=90°), see figure 2°. The distance between
loudspeaker and intensity probe was about %2 meters.

Experiments

Two sound sourcesin line, figure 2

For the configuration as sketched in figure 2* the intensity was
measured. Some results are given in Figures 3,4..7; figures 3 and 4 refer
to the anechoic room for the 1/3 octave bands of 125 and 3150Hz
respectively. Figures 5,6 and 7 refer to the reverberation room for the 1/3-
octave bands of 125, 315 and 3150Hz.

The loudspeakers are excited with (uncorrelated) noise, where the
excitation of loudspeaker 1 is fixed (s;) and of loudspeaker 2 variable
(s). In the figures (s,/s,)? is plotted horizontally. The relative intensity is
plotted verticaly; | is the measured intensity when loudspeaker 2 is
switched off and only loudspeaker 1 is excited.

The straight line in the figure corresponds to the expected behaviour,
i.e. 1/l O (so/sy)? with 1=0 for s, =s,. For the 1/3-octave bands with centre
frequency below 1250Hz three intensity probes were used: p-u and the p-
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p probes of Bruel & Kjaer with spacers of 12mm and 50mm; for higher
frequencies the p-u probe and the p-p probe with a spacer of 12mm were
used. The abbreviations in the figures refer to these probes. In the
experiments in the reverberation room the reactivity index (L) when s,
=0 (I=lp) was about -7dB.

Almost all experimental results, represented in figures 3,4..7 are in
good agreement with the expected theoretical results. The only exception
is when in the reverberation room the p-p probe with a spacer of 12mm is
used for the 1/3-octave band of 125Hz. This is not unexpected since for
the lower frequencies a spacer larger than 12 mm should be used (1). For
afrequency of 125Hz, with a spacer of 12 mm and a reactivity index of -
7 dB, the actual phase difference across the two microphonesisonly 0.3°;
whereas in the specifications of Bruel & Kjaer for this pair of
microphones a phase difference of about 0.1-0.3° is given.

Two sound sources at right anglesto each other, figure 2°.

For the configuration as sketched in figure 2° the measured intensity
should be independent of the excitation of loudspeaker 2, since the direct
acoustic field is perpendicular to the direction of the intensity probe (O] =
90°) and the contribution of the reverberant field is also zero.

The following experimental steps were carried out:

1) The excitation level of the (uncorrelated) noise to the two
loudspeakers were adjusted such that the pressures at the microphone
were amost equal; the excitation of the first loudspeaker is denoted
as S.

2) The intensity was measured with loudspeaker 2 switched off and
loudspeaker 1 being excited with the signal so; the measured intensity
is lo.

3) Theintensity | was measured as a function of the excitation s, of the
first loudspeaker, with loudspeaker 2 switched on or off.

One expects to measure a linear relation between I/1, and (si/s).
Some experimental results are given in figures 8, 9 and 10; l/ly is

plotted vertically and (si/s,)® horizontally; a straight line is the expected
relation. Similar to the previoudy mentioned measurements three
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intensity probes were used: p-u and p-p probes from Bruel and Kjaer with
spacers of 12mm and 50mm.

The abbreviations in the figures refer to these probes and to whether
loudspeaker 2 is switched on or off; eqg. ‘s2off p-u means that
loudspeaker 2 is switched off and the intensity is measured with the p-u
probe and ‘s2on 12mm’ means that loudspeaker 2 is switched on and the
intensity is measured with the p-p probe with a spacer of 12mm.

The reactivity index for (s1/s5)?=0.04 and s, ‘on’ was about —15dB to -
20dB.

The figures show a good agreement between the experimental results
and the expected (theoretical) results; the only exception is the p-p probe
with a spacer of 12 mm for the 160 Hz 1/3 octave band. This is not
unexpected since the actua phase difference between the two
microphones of the intensity probe was about 0.1-0.2°, whereas Brud &
Kjaer specifies that the phase matching of the microphones is about 0.1-
0.3°.

Conclusions

The intensity probe, consisting of a pressure microphone and a
particle velocity probe, p-u praobe, is a good aternative for the existing p-
p intensity probe. Critical experiments show that the behaviour of the p-u
probe is similar to the p-p probe. Advantages of the p-u probe above the
p-p probe are that for different frequency ranges the same configuration
can be used (no spacers), that no accurate matching of the sensors is
necessary, the dimensions of the p-u probe can be smaller, so that also
near-field measurements could be performed.

References.

[1] Bruel & Kjaer Tech. Review no 3,4 (1982), 4 (1985), 4 (1986), 1 (1996).

[2] H.E. de Bree et a, The Microflown, Sensors and Actuators: A, Physical, volume
SNA054/1-3, pp 552-557, (1996).

[3] W.F. Druyvesteyn and H-E. de Bree, A new sound intensity probe; comparison
to the Bruel & Kjaer p-p probe, J. audio Eng. Soc., Voal. 48, 2000 No. 1/2
January/February.

209



pu intensity probe

M easurement results
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Fig. 50: Measurement performed in the anechoic room at 125 Hz in a 1/3-octave
band. The measurement results should be on a line from (0,1) to (3,-2). The 12mm
and the 50mm p-p probe have the expected results. The p-u probe performs also well.
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Fig. 51: Measurement performed in the anechoic room at 3150Hz in a 1/3-octave
band. The measurement results should be on a line from (0,1) to (3,-2). At this

frequency it is not possible to use a 50mm p-p probe. The 12mm p-p probe and the p-
u probe are performing well.
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Fig. 52: Measurement performed a reverberant room at 125Hz in a 1/3-octave band.
The measurement results should be on aline from (0,1) to (2,-1). As can be seen it is

not possible to use a 12mm p-p probe, thisis due to the reactivity of the sound field.
The 50mm p-p probe and the p-u probe are performing well.

"

=
5 - 5
> (52/91)
ks
0
oj5 \\i\<5 25
(]
05 *
L
e
NG
[l ",

* p-u
= p-p 12mm
A p-p 50mm

Fig. 53: Measurement performed a reverberant room at 315Hz in a 1/3-octave band.
The measurement results should be on a line from (0,1) to (3,-2). For higher

frequencies it is possible to use the 12mm p-p probe and the 50mm p-p probe. The p-u

probeis performing well.
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54: Measurement performed a reverberant room at 3150Hz in a 1/3-octave band.
The measurement results should be on a line from (0,1) to (3,-2). At this frequency it

is not possible to use the 50mm p-p probe. The 12mm p-p probe and the p-u probe are
performing well.
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Fig. 55: Measurement performed a reverberant room at 160Hz in a 1/3-octave band to
determine the linearity of the probes. The measurement results should be on a line
from (0,0) to (0.35,0.35). The 12mm p-p probe is performing poorly if the
perpendicular loudspeaker is switched off and even worse if it is turned on. The
50mm p-p probe and the p-u probe are performing well.
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Fig. 56: Measurement performed a reverberant room at 800Hz in a 1/3-octave band to
determine the linearity of the probes. The measurement results should be on a line
from (0,0) to (0.4,0.4). At these frequencies the 12mm, the 50 p-p probe and the p-u
probe are performing well.
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Fig. 57: Measurement performed a reverberant room at 2500Hz in a 1/3-octave band
to determine the linearity of the probes. The measurement results should be on aline
from (0,0) to (0.4,0.4). At this frequency the 50mm p-p probe can not be used. The
12mm p-p probe and the p-u probe are performing well.
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B2 APUINTENSITY MEASUREMENT

The haf-inch pu (sound) intensity probe is developed to have a far
better price performance than the normally so expensive sound intensity
measurements. An optimal total cost of ownership is based on the
following reasons:

(1) Reduced measurement time (personne cost), the complete

acoustic spectrum can be measured at once.

(2) No specia analyser is needed (soundcard of a PC can be used).

(3) The same accessories (mountings, windscreen etc.) as a half-inch

microphone can be used (it is simply one %2” probe).

(4) The (open source) software for data acquisition is available as

freeware.

(5) Simple and low cost calibration possihilities are demonstrated.

This paragraph is based on the work that is presented in [1].

I ntroduction

Sound intensity is a useful measure in acoudtics because in a
reverberant environment free-field measurements can be done. The low
cost intensity probe combines a sound particle velocity sensor and a
microphone, which can be used as separate devices or in one housing so
the velocity and the pressure are measured at almost the same location.
Since the intensity is calculated from the cross spectrum of the velocity
and pressure, a very accurate phase matching, as for the p-p method, is
not necessary; and its signal to noise ratio (SNR) is higher than for the
separate sensors. The data-acquisition and processing is implemented on
a standard personal computer, combined with a simple calibration, and
thus creating a very powerful intensity-measuring device.

Apart from the sound intensity this probe determines other acoustic
properties like sound energy and acoustic impedance. However in this
paragraph the focus will be de determination of sound intensity.
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What is sound intensity?

Sound intensity measurements are quite useful as an acoustic measuring
technique, since in a reverberant environment, even with background
noise, the free-field as well as the diffuse sound field are determined. The
measurement of the sound pressure directly gives the sum of the free-
field and the diffuse- sound field, the free-field properties are obtained
from the (time averaged) product of the instantaneous pressure p(t) and
the corresponding instantaneous particle velocity u(t) at the same
position:

1T
== [ p(t)m(t)dt (118)
]

where the intensity | and the velocity u are vectors. The measured
intensity corresponds in fact to the net flow of acoustic energy at a given
position. If the intensity around a sound source is measured at a number
of positions, the radiated sound power can be determined. Even in the
presence of reverberation or background noise one can determine in this
way the (free-field) radiated power of a sound source [2].

Design consider ations

At first instance only a speciaised half-inch Microflown was used to
perform the p-u measurements. The combination of this (bowed version
of) a%2" velocity probe and a standard %2’ microphone seemed to be the
most cost-effective realisation of alow cost intensity probe, see Fig. 47.
Theidea was that the person that is interested in sound intensity has most
likely a%%” microphone so only an additional ¥z’ Microflown is needed to
create an intensity probe. Although this soundslogical it seemed not to be
the right way to go. It showed that the realisation of the holder to position
the Microflown and microphone introduced mechanical problems and
standard accessories like windscreens would not fit anymore.

So a %' probe that contained a Microflown and a miniature
microphone was realised. Although the miniature microphone introduced
new costs (it must be fitted into the ¥2° Microflown) and new calibration
efforts (now both Microflown as miniature microphone need to be
calibrated) this realisation proved to be most convenient.
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Fig. 58: Cross section of the half-inch sound intensity probe.

The standard 2’ accessories can be used and the calibration of the
miniature microphone can be done at the same time the Microflown is
calibrated. Furthermore this type of realisation determines sound pressure
and particle velocity at the same position.

Fig. 59: The half-inch sound intensity probe.
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Calibration of the p-u probe

Calibration of acoustical sensors is difficult because the acoustical
environment is often not known, and a reference particle velocity sensor
is not available. Several calibration techniques can be used, al with its
pro’s and contra's. These calibration techniques are:

(1) Standing Wave Tube

2 Anechoic environment
(©)) Open window calibration
4 Reverberant environment.

The first two calibration methods are dealt with in chapter A, the open
window and the reverberant method will be discussed in this paragraph.

Open window method

It seems obvious that a setting without any reflections creates an
anechoic environment. So as an dternative for the anechoic room, we
carried out measurements with the sound probes situated outside an open
window. The results where remarkably consistent.

Rever berant room

With use of a single sound source in a reverberant room and the p-u
probe it is possible to determine how much sound is direct, and how
much belongs to the reverberant sound field (diffuse sound), see aso
chapter B7 and [12]. From measurements of the particle velocity in the
direction of the direct sound wave, combined with measurements of the
same velocity in the perpendicular direction (only diffuse sound is
measured with the particle velocity sensor), we can calculate the ratio of
direct and reverberant sound, knowing that only a third of the power in
the diffuse sound field is measured with the particle velocity probe due to
the directivity (cas(6)) of the Microflown.

g =+ (119)

U5 =Y, (120)
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where uj® and w.® are the auto spectra of the measured particle
velocities in the two directions not in the direction of the sound source.
Note that the units are not important here since ratios are used. We can
rewrite this in terms of the ratio of the direct (free field) and reverberant
sound as:

Ou, O -3
dir E - H3uz o (121)
rev O
and
Uz, =uf —u? (122

Taken that the reverberant sound field to be uniformly diffuse and the
microphone has a omni-directiona sensitivity all power in both direct and
reverberant field will be measured.

p* = pi, + Pl (123)

where p? is the auto spectra of the measured pressure and pg,> and pre,” of
the direct and reverberant pressure.

The combination of the pressure due to the direct sound field, and the
particle velocity due to the direct sound field yields the sensitivity of the
particle velocity sensor.

-1

0 gy, 0°0
oh, = p B+ [ (124)
: ﬁl Ji. 0 0

Taken that the microphone is unidirectional, we can use this ratio for
calculation the pressure on site of the p-u probe caused by the direct
sound. Assuming al sound waves to behave as plain waves, we can
derive easily that the ratio between the direct and reverberant particle
velocity equals the ratio between the direct and reverberant pressures.

Pair _ Yar (125)
pre\/ ura/

The combination of the pressure due to the direct sound field, and the
particle velocity due to the direct sound field yields the sensitivity of the
particle velocity sensor. The pressure sensor can be calibrated for phase

218



pu intensity measur ement

and sensitivity against a known (cdibrated) pressure sensor, if the
directivity is comparable.

Combining the pressures and particle velocities of the derived direct
sound we are able to calibrate the particle velocity sensor sensitivity S, in
terms of [V/Pa] or S in [V/(ms™h)] by dividing by pc.

S. = |rs (126)

and

Cdlibration of the phase between the pressure and particle velocity
sensor is more difficult in a reverberant environment because the sound
field is not known. The method above only yields the auto spectra of the
free field pressure and particle velocity.

In a pure diffuse sound field, there is no acoustical power in the plane
perpendicular to the direct sound field because the a purely diffuse sound
does not contain net power, and thus the pressure and particle velocity are
out of phase by 90 degrees. Secondary acoustical paths, however, like
floors, ceilings, walls and furniture can cause some acoustical power in
the plane perpendicular to the direct sound field. Avoiding these
secondary paths as much as possible it should be possible to measure the
phase between the pressure and particle velocity sensors. Use of a pulse
and time-window measurement it is possible to measure the direct sound
anechoic also, but in most practical situations the distances are short
leaving not much time for measurement and thus resulting in a very poor
frequency resolution.

The phase may be determined in the following manner. Because with
the previous method the free-field auto spectra of the sound pressure and
particle velocity are determined, the product of the free-field pressure and
velocity can calculate the sound intensity.

On the other hand, the product of the auto spectrum of the measured
pressure and velocity and the cosine of the phase of the sound field
obtains the sound intensity. Combining the phase of the sound fielded
with the phase between the measured pressure and particle velocity we
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should be able to calculate the cosine of the phase between the two
acoustical sensors. Thisway at least the active part of the sound intensity
can be measured using these sensors.

Calibration Data Acquisition Hardware

Calibration is most likely to be the most essential part of this

measurement technique because the results will differ strongly depending
on the calibration.
Several parts in the system should be calibrated in order to be able to
measure accurately. We should calibrate the pressure- and particle
velocity sensor and the A/D converter in the soundcard or an external
A/D converter. It is aso possible to introduce a preamplifier so that we
benefit most of the resolution of the used A/D converter.

The A/D converter can easily be calibrated with the use of a known
signal because we can assume them to be aimost perfectly linear in the
frequency domain. A preferably white or pink signal can be connected to
the inputs with known power. With use of little data acquisition and
processing, sengitivity and a phase difference between the channels can
be easily calculated and implemented. We should note that the gain and
panning of the input should not be altered on the personal computer since
thiswill be applied on the acquired signals. If a preamplifier is being used
it should aso not be adjusted after calibration. The preamplifier can be
calibrated as where it part of the Soundcard. Depending on the quality the
phase between two channels can be severely large, for example up to 140
degrees at 20kHz for a standard PC Soundcard or only 2.5 degrees for an
external A/D converter.

Software

The software is programmed in MATLAB® around a Graphical User
Interface for convenience in usage, and because MATLAB® is widely
used and is an easy program language so that users are able to modify the
software to their demands, see also appendix Il. The program is capable
of working in three modes: Instantaneous, a measurement for 30 seconds
and data processing from awavefile.
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The instantaneous mode is very useful in examining the acoustical
situation. In the instantaneous mode it is possible to compute and show
various windows containing:

» theauto spectra of the pressure and particle velocities.

» the coherence between the two signals.

» theintensty (active, reactive, and the phase).

* thesound energy.

» the active and reactive intensity divided by the energy (indicating a
net power transport velacity and reflection).

» theacoustical impedance (magnitude, real and imaginary part).

All axes can be chosen as linear or logarithmic scales and the vertical
axis are by default in dB. Both the frequency spectrums in terms of the
frequency as the spectrum in 1/3-octave bands can be displayed.
Calculated spectra’s can be saved to the workspace, or as MATLAB®
.mat files and as ASCII files for further processing. It should be noted
that the 1/3 octave band of 20kHz is an underestimation in case a sample
frequency of 44.1kHz is used. This underestimation is due to the fact that
the power is not know in the whole 1/3 octave band, and the A/D
converter will not be less accurate above 20kHz. If sample frequencies of
48kHz (or higher if possible) are used, the 20kHz 1/3 octave band will be
computed correctly.

In the instantaneous mode it is not convenient to use large frames
because of computing time and power, resulting in a small frequency
resolution, the default size of the frame is set a 2048. For higher
resolution it is advisable to save the signals into wave files so that they
can be processed later with higher frequency resolution. We should note
that a good frequency resolution is necessary if we would like to use the
advantage of low frequency measurements, which is possible due to the
physics of the p-u probe. The size of frames for the Fast Fourier
Transform can be altered according the wanted frequency resolution, and
computation time (default 16834). By default a Hanning window is used
for increasing the spectral resolution.

It is possible to record measurements using external hardware like
external A/D converters connected to digital Soundcards, CD-Recorders,
or DAT-recorders. This is also very convenient since most of these are
rather mobile while measuring becomes rather easy and post processing
can be automated with use of the available software.
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Data processing

The data processing is performed on the raw data according to the
processing block (see Fig. 60). The left signal is supposed to contain data
from the pressure sensor while the right signal is supposed to contain the
data from the particle vel ocity sensor.

(1) Firgt the signals are converted to the frequency domain because in
this domain it is much easier to correct for the sensitivity and
phases in the signals than it would be in the time domain.

(2) Secondly, the datais converted from arbitrary units to Volts with
the use of the cdibration of the soundcard or external A/D
converter, amplifier combination.

(3) Note that also the phase shift due to the soundcard isimplemented
here so that the signals, know in Volts, are in the right phase.

(4) If the signals are known in Volt, the program converts them to the
pressure and particle velocity signals using the calibration of the
sensitivity and phases of the acoustical probes. The signals are
converted to Pascal’s for the pressure signal, and to ms* for the
particle velocity signal using values for g and ¢ which can be
adtered in the parameter settings (default 1.219 kgm?® and
343ms™).

(5) From the pressure and particle velocity signals the various auto-
and cross-spectraare calculated, Gyp, Guy, Gpu

The sound Intensity in a sound wave is the product of the pressure and
particle velocity, this product is called the instantaneous Intensity. Sound
Intensity is defined as the mean of the integral of the instantaneous sound
intensity integrated over al times. In practical casesit is never possible to
integrate over al times and it is convenient to integrate fromt=-Ttot =
Torfromt=0tot=T.

Theintensity is defined by:
1 T
| =lim— _L p(t)u(t)dt (128)
The above equation can be rewritten as a cross correlation:

T

| =lim(]/T)Ip(t)u(t)dt =R, (0) (129)

0
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Note that the subscripts of the cross spectra are not used uniquely. In
this text a definition often used in signal processing is used, see [24]. The
advantage of this usage is that the reactive part of the intensity equals the
imaginary part of the cross spectrum while otherwise a factor —1 to keep
up with the convention [2], [21], [9].

Make wav -file
30 sec stereo 16bit 44.1kHz Left=pressure, right=velocity

Instantanious

read sound card

‘ Model p, model u, model soundcard ‘

4

Processing
FFT left & right, correction sound card
correction freq. resp. pressure & velocity
correction phase response pressure & velocity
calculate coherence
calculate intensity, Energy and Impedance

I \|/
Display

Auto spectrum pressure & velocity
Phase pressure and velocity
Coherence between channels
Active & reactive intensity
Sound energy
Active & reactive intensity/ sound energy
Real, Imaginary & Magnitude impedance

v

Save display as: *.txt *ma *wav

Fig. 60: Schematic representation of the software.

The distribution in frequency is given by the Fourier transform of the
cross-correlation function, which is termed the Cross-spectral Density S

S (w) =%T} R, (T)exp(-iwr)dT (130)

For practical reasons it is convenient to redefine the spectral density
functions S as single-sided functions of frequency G. Because the signals
of the pressure and particle velocity sensors are both rea we can
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represent only half the frequency span without losing any information.
The advantage of the single sided spectral density function is the fact that
less data has to be stored and computing time and effort is decreased.

G, (w) =28, (w) for w>0 (131)

From this cross spectrum the intensity spectrum is easily obtained
because the active intensity equals the real part of the cross spectrum
between the pressure and particle velocity, while the reactive intensity
equals the imaginary part.

| cive = RE(G, ) (132

active

| eseive = 1M(G ) (133)

By integration over the frequency spectra we can calculate the
intensity over frequency spans.

| (f,1,) =}Gpu(f)df (134)

The program calculates both the intensity spectrum in the frequency
domain as the intensity spectrumin 1/3 octave bands.

The energy density is defined as[2]:

p*(t) 2
E(t)=——=+1pu°(t 135
()= 55 +2o0(0) (139)
Using the earlier calculated cross spectra, the time averaged energy
density can be calculated as:

G
E= Tps:z +%p0Guu (136)
0

The acoustical impedance is defined as the ratio between the pressure and
the particle velocity. The program computes the acoustical impedance as:

_PszU

Z=—
Uu G

(137)

uu
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M easur ements

The haf-inch sound probe is calibrated in a short standing wave tube
and a small 1m® anechoic chamber. The standing wave tube can be used
for fregquencies up to 4kHz, the anechoic chamber can be used for
frequencies higher than 1 to 2kHz. As estimation for the frequency
response a simplified model is used. At 4kHz the model has 4dB under-
estimation and for frequencies higher than 6kHz it has a 3dB over-
estimation. Our opinion is that we can correct for the resulting errors later
manually.

%_m' . /f\/d
S
@ ||

Frequency[H7
Fig. 61: Cadlibration measurement of the miniature microphone in a standing wave
tube and a small anechoic room. The dotted line represents a simplified model.

The model that we used to estimate the frequency response of the
microphoneis:

f2
S
H,|=223 3kHZ* MV ] (138)

2 2
\/8|<sz2 +1 x\/ 25:;2 +
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Fig. 62: Calibration measurement of the phase of the miniature microphone in a
standing wave tube (gray and black lines). The dotted line is the model.

We use a constant value of -177DEG as a model for the phase
response of the miniature microphone.

The model that we used to estimate the frequency response of the
Microflownis:

_ 35 \V
|Hu|-\/ = J = M) (139)
1x +1

650 2500°

A Microflown is sendgitive for particle velocity rather than sound
pressure so the sensitivity cannot be given in mV/Pa. As a reference we
use the sensitivity of aMicroflownin mV/Pa with Pa’ is 1m/s/pc.

The phase of the Microflown can aso be determined in the standing
wave tube. Two measurements are done were the microphone was rotated
by 180 degrees so that the mean phase of the two sound fields in the
standing wave tube equals zero (see Fig. 64). The phase wasfitted by:

Arg{H } =-152 Xtan'lﬁ (140)
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Fig. 63: Calibration measurement of the Microflown in a standing wave tube and a
small anechoic room (gray line). The dotted line represents the model.
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Fig. 64: Cdlibration measurement of the phase of the Microflown. The black and gray
line represents the phase response in the standing wave tube for the two Microflown
orientations. The black line in between is the average phase response, the dotted line
represents the model.
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Calibration measurements, open window and rever berant room

Although the frequency and phase response are known due to the
previous calibration measurements, the alternative methods are presented
here. The advantage of these alternative methods is that no special
facilities are needed.

With the acoustical sensors placed outside an open window we can
create an anechoic sound field. Depending on the weather conditions this
can be very effective. In the measurement shown a breeze was present,
thisis visible below 100Hz in the measurements. The use of windscreens
will account for this, but the distance between the p-u probe and the
reference microphone should not be that large.

-2

8

Output re. 1Pa [dB]

5

Frequency[HZ]

Fig. 65: Calibration measurement (and gray line the model) of the amplitude response
of the microphone. Measured with the open window method.
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Fig. 66: Calibration measurement (and gray dotted line the model) of the amplitude
response of the Microflown. Measured with the open window method.
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Fig. 67: Calibration measurement of the phase response of the Microflown (black
line, and dotted line the model), and of the miniature microphone (gray line, and the
model) measured with the open window method.

We aso applied the so-called reverberant room calibration technique.
The two signals of the p-u probe are measured while a reference
microphone was positioned as close as possible. The sensitivity of the
pressure is calculated using the transfer function between the two
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microphones and the sensitivity of our reference microphone. The
sensitivity of the particle velocity probe is obtained using the calculated
auto spectra of the free field pressure and free field particle velocity,
according to the presented method, combined with the sensitivity of the
used microphone.

[
o

w
o

Output re. 1 Pa [dB]
. 5 :
(62}

-35 :/

-40

100

Frequency [Hz]

Fig. 68: Calibration measurement (and dotted line the model) of the amplitude
response of the miniature microphone. Measured with reverberate room method.

The cdculated senditivities of both the pressure (see Fig. 68) and the
particle velocity sensor (see Fig. 69) are consistent with the models that
are obtained from the standing wave tube and the anechoic
measurements. Above 10kHz the calculated sensitivities out of the
reverberant measurements are not valid anymore (see Fig. 69) because no
acougtical power is available in the used sound field due to the used
loudspeaker (see Fig. 70).
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Fig. 69: Calibration measurement (and gray line the model) of the amplitude response
of the Microflown. Measured with reverberate room method.

I ntensity measur ements

Intensity measurements are performed in a reverberant room using a
p-p probe and the described p-u probe. The p-p probeis aBrie & Kjaeer
intensity probe, type 2260 Investigator, using two %2' microphones (type
4181). The measurement was executed twice using a spacers of 50mm
(type UC 5270) and of 12mm (type UC 5269) so that we could measure
up to 1/3-octave center frequencies of respectively 1.25kHz and 5kHz.
The intensities in the 1/3-octave frequency bands are calculated using the
Investigator B& K 2260.

The signals of the p-u probe were measured using a personal
computer combined with a digital soundcard combined with an external
A/D converter and a preamplifier set at about +40dB for both channels.
The signals were acquired using Cool Edit Pro. A white noise of
5.1mVrms was applied in order to calibrate the hardware. The created
wave file was read into MATLAB® and the power was calculated so that
we are able to determine the signal in Volts for our calculations. With use
of the presented software we calculated the active intensity in 1/3-octave
bands presented in the figures below.

First the Intensity of a small loudspeaker was measured using the p-p
and the p-u technique. In the figure below we can notice that the Intensity
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measured with the p-u method dlightly over estimates the measurements
of the p-p measurement in all frequency bands. The cause of this over
estimation is very likely to be found in the calibration of the acoustical
sensors, and/or preamplifier/soundcard combination. More accurate
calibration of the acoustical sensors and data acquisition hardware,
including the p-p probe, should minimise this discrepancy.

It should be naoticed that below 150-250Hz the loudspeaker radiates
almost no acoustical power and the measured intensities are mainly from
the background. The noise levels in the p-p measurement mainly cause
the discrepancies in the measurements for frequencies below 100Hz.
Noise levels can be found in paragraph B4.

The intensities calculated using the p-u method for frequencies above
10kHz do overestimate the actual intensity because the model for the
microphone sensitivity is not valid anymore (see Fig. 61 and Fig. 68).

~
o

) MW puprobe

%60 Epp 50mm

G Oppl2mm

c

& 50 1

=

°

< 40 | 1

=1

o

(%]
30 H
20 H
10 1

25 50 100 250 500 1k 2k 4k 8k 16k

Frequency in 1/3-octave bands

Fig. 70: Measured sound intensity of a simple loudspeaker (p-u probe (black), p-p
probe 50mm (dark gray) and p-p probe 12mm (light gray)). The pu probe is used in
the compl ete frequency range, the 50mm p-p probe form 25Hz up to 1.25kHz and the
12mm p-p probe from 100Hz up to 5kHz. No measurements where executed with a
6mm, ¥4 p-p probe (possible up to 10kHz).

Secondly we performed intensity measurements in between two
identical loudspeakers, which were the same as describe above. The
power to loudspeaker 1 (S1) is kept at a constant level, while the power to
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loudspeaker 2 (S2) is varied. A linear relationship is expected between
the active intensity and the ratio between the acoustical power of both
loudspeakers [11]. The minus sign indicates that the power is coming
from the direction of loudspeaker 2. From the measurement at for
example 1kHz (see Fig. 71) we can note that this is the case for both
measurement techniques. Again we notice a small discrepancy between
the p-p and p-u measurement.

400

3 - ®- pu
300 = H
B ,‘ pp 50mm
y N —A—pp 12mm
200 A i i
~\ﬁh\\\t:\
M -~
100 A~

0-—4\

-100

Sound Intensity [re. 10° Wm?]

-200

-300

-400

S2/S1 [

Fig. 71: Sound intensity measurements between two identical loudspeakers at 1kHz
1/3-octave band versus the ratio of the electrical power sent to the loudspeakers.

Conclusions

Intensity can be measured using the p-u probe and a conventional
soundcard as is shown in the measurements performed. The measured
active intensity is somehow overestimated compared to the p-p
measurements, but adequate hardware and calibration should account for
this.

The main advantage of the p-u probe versus the p-p praobe is its low
cost of ownership. Measurements over the whole frequency range can be
made at once without changing the probe itself. The main disadvantage is
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the calibration of the p-u probe. Because the two signas measure two
different acoustical properties it is not possible to use the same method
for both sensors unless the sound field is known well. A few calibration
methods are presented all with their own accuracy and simplicity.

The combination of the p-u probe and the software creates an
affordable and easy to use intensity measuring device. Also other
acoustical parameters like the reactive intensity, phase of the sound field,
the energy density, and the acoustical impedance are being calculated
without extra effort because they are also obtained out of the auto and
cross spectra of the pressure and particle velocity signals.
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B3 3D P-U SOUND PROBE

A one-dimensional sound intensity probe can be extended to a three-
dimensional probe by using three p-p probes (six microphones) or one
microphone and three Microflowns (p-u®). All the probes are till in one
plane, see Fig. 72. The advantage of thisis that the p-u® sound probe can
be positioned near to a sound source (the pu method can also be used in
the near field).

The redlisation of a three-dimensiona p-p probe is much more
difficult. It now consists on six closely spaced sound pressure
microphones. The prize of such probe will be very high and the frequency
range is limited even more than the 1D p-p probe. This is because for
measuring higher frequencies, the microphone spacing should be small
and this stands in the way in a three-dimensiona realisation: the six
microphones will be too close to each other. This chapter is based on the
work that has been presented in [1] and [2].

Fig. 72: Realisation of the 3-D probe that consists on three half-inch Microflowns and
ahalf-inch sound pressure microphone.
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Fig. 73: Redlisation of the 3-D %2’ p-p probe that consists on three matched pairs of
pressure microphones (G.R.A.S.).

A broad band three-dimensional sound probe will offer many
advantages. The magnitude and direction of the acoustic energy flow can
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be measured directly and this will improve the effectiveness of the
measurement. A measurement will provide vector-based information. If a
one-dimensional probe is used only the projection of an energy flow is
measured. The 3D measurement allows measuring non-stationary sound
fields as for example the noise of moving objects, like aeroplanes. The
three-dimensional sound probe is capable of measuring the sound
intensity vector in the full band sound but also the total sound energy E
and three-dimensional acoustic impedance can be measured with this
probe. Only the 3D-sound intensity isinvestigated in this chapter.

Realisation

The redlisation that is acoustically examined in this chapter is
composed from three half inch particle ICP velocity probes and a B&K
half-inch pressure microphone. The four probes are arranged by four
microphone clips and a brass frame. The possible next step in order to
miniaturise the 3D sound probe is an on-chip three dimensiona
Microflown. The redlisation of this 3D Microflown is described in the
discussion of this chapter.

Experimental

The experiments were performed in two rooms, in an anechoic room
and in a reverberation room. The dimensions of the reverberation room
are about 8.5x7.2x5.1m°, (a volume of 228m°); it is a nonrectangular
room. The reverberation time was about 7 seconds; the corresponding
reverberation distance is about 0.5 meter.

As sound source a small loudspeaker box was used. The excitation
was noise in the frequency range of 20Hz - 5000Hz. As pressure
microphone a2’ Brud & Kjaer, type 4134, was used. The Microflowns
were encapsulated such that the external configurations are the same as
the configurations of the pressure microphone, see Fig. 74. The pressure
microphone is ailmost omni-directional, the Microflowns do have a polar
pattern like a figure of eight. The signals from the sensors are connected
to aBrud & Kjaer two-channel analyser (type 2035) or to a Siglab four-
channel analyser. An averaging over 1/3-octave frequency bands is
performed.
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Fig. 74: Detail of the 3-D probe.

First the sensors are calibrated in the anechoic room. The u, and u,
sensors are rotated 90° such that the three sensors are sensitive in the x-
direction. The senditivity and phase differences, as compared to the %%’
pressure microphone, were measured, using as a sound source a
loudspeaker at the x-axis.

The second step was to rotate the three sensors back to the position as
shown in Fig. 74. The sound source, a loudspeaker, was positioned at a
distance of 1m from the probe; various directions were used, which will
be indicated as[x;,Y;,z]. A constant excitation and the frequency spectrum
of the noise was taken. The intensity was calculated as V(I,>+,%+1,),
where I, I, and |, are determined in the same way as in chapter B1 “A
comparison of the p-u method with the p-p method”.

The experiments were performed in the anechoic- and the
reverberation room. Some results are shown in Fig.75. The measured
intensity is compared with the intensity 1,An,[1,0,0], being the intensity
as measured in the anechoic room with the sound source in the x-
direction and a distance of 1m between sound source and probe. The
difference I[xi,yi,z] — 1,An,[1,0,0] is plotted vertically in the figure (in
dB). Horizontally the various directions for the sound source are given,
where the following abbreviations are used:
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An,[110] means. anechoic room, source in [1,1,0] direction at 1m from
the probe; R,[111] means: reverberation room, sourcein [1,1,1] direction
at 1m from the probe; R’ refers to the case where the distance source —
probe in the reverberation room was diminished from 1 m to 0.55m, thus:
R’,[101] means: reverberation room, source in [1,0,1] direction at 0.55m
from the probe.

7

6 A
M 160 Hz: difference with 1[100] An. H
5171 0800 Hz: difference with I[100] An.
| B2 5k Hz: difference with I[100] An.

001
110
111
101
100]

R

RI

R,

R

R
R,[110]55
R,[100]55

R,[101]55
R[111]55

Fig.75: Measurements with a 3D p-u sound intensity probe. The first five values (An)
should be zero: these are the measured intensities in a certain direction in an anechoic
room compared with intensity [1,0,0] direction anechoic room.

The three columns for each direction/room refer to the three 1/3-
octave band of 160, 800 and 2500Hz. When the distance between sound
source and probe is 1m the differences in intensity, as compared to the
measured intensity in the anechoic room with the source in the [1,0,0]
direction at 1m distance are small; for a distance of 0.55m the differences
are, as expected about 5-6dB.

The second five values (R) should aso be zero: these are the
measured intensities in a reverberation room in a certain direction
compared with intensity [1,0,0] direction in an anechoic room.

The last four values should be about +5.2dB: these are the measured
intensities in a reverberation room in a certain direction at 0.55m
compared with intensity [1,0,0] direction anechoic room at 1m.
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Ultra miniature 3D sound (intensity) probe

Fig.76: Redlisation of an ultra miniature (5x5x5mm) three-dimensional sound
(intensity) probe (2001).
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A three-dimensional, miniature sound (intensity) probe was realised
using three Microflowns and a miniature microphone. The Microflowns
are protected with a package that introduces almost no gain (see Fig. 12)
so the signal to noise ratio will be approximately 10dB less than the half-
inch Microflown (see Fig. 82). The miniature microphone that is used in
this realisation has a 5dB better selfnoise than the miniature microphone
that is used in the half-inch sound probe (see Fig. 82). So the signal to
noise ratio of the intensity measurement will be about 5dB to 10dB less
goad as the haf-inch sound intensity probe. This ultra miniature three-
dimensiona sound (intensity) probe will fit in an imaginary 5x5x5mm
cube.

Conclusions and discussion

* The experiments show that the particle velocity sensor is a good
addition to the existing acoustic measurement devices. A three-
dimensional sound intensity probe based on three Microflowns
and a sound pressure microphone (p-u®) has been realised and
tested up to 5kHz in an anechoic and reverberation room
comparison. The measurement results were satisfactory.

» It showed possible to measure the 3D sound intensity with the use
of four discrete sensors.

e An ultra miniature sound (intensity probe) was redised that
allows sound (intensity) measurements with a good signal to noise
ratio.

e It is dso possible to create a 3D Microflown. If a miniature
pressure microphone is added a 3D sound intensity probe can be
manufactured with the size of a sugar cube.

A three dimensional Microflown

A realisation of the p-u® probe is shown in Fig.76. In order to make a
fully micro machined sound intensity probe a three dimensional
Microflowns is redlised. The 3D Microflown has the advantage the
physical dimensions are reduced and the sensors are placed orthogonal
but several problems have to be sold before it will be ready as a product.
The packaging will be the main issue to solve.
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The first step in the redisation of the p-u® probe is the micro
machining part. The special part is solving the paradox of realising a
three dimensiona probe in the two dimensional (planar) technique. The
through-the-wafer etching solves the planar character: u, and u,
Microflowns are made on the surface and the u, Microflown is obtained
through the wafer, see Fig. 3.

A 300nm low-stress silicon nitride layer is deposited on a 3" silicon
wafer by low-pressure chemical vapour deposition. A 200nm platinum/10
nm chromium layer is deposited and patterned on the bottom and on top
of the wafer. The chromium layer is used for adhesion purposes.

The silicon nitride layer is patterned (top and bottom) with a reactive
ion etching technique. The finalising step of the micro machining is the
anisotropic wet chemical etching with a KOH solution.

Fig.77: Redisation of athree dimensiona Microflown (Erwin Berenschot 1999).

243



3D pu intensity probe

(1]
(2]
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B4 SIGNAL TO NOISE RATIO OF INTENSITY
PROBES

Theory and measurements are presented on the signal to noise ratio of
the pu sound intensity probe and compared to p-p probe. Measurements
of the signals and noise levels are presented.

I ntroduction

Two types of sound intensity probes (the p-p probe and the p-u probe)
will be compared on their noise behaviour. First the noise behaviour of
the particle velocity determination will be observed. For comparison a
theoretical plane sound wave with an intensity level of 94dB SIL will be
offered to both probes. This means that both sound pressure level as
particle velocity are 94dB, SPL respectively PVL, see chapter 2.

After the signal to noise (S/N) behaviour of the particle velocity
probesis calculated and the S/N of the sound pressure probe is presented,
the S/N of the sound intensity determination is observed.

Other aspects of the p-p probe will not be presented extensively in this
chapter. In short, the particle velocity is determined from the pressure
difference between two closely spaced pressure microphones, see chapter
2. The sound pressure is calculated by the sum of both microphones.
Usually the spacing between both probes is 12mm. Because the pressure
gradient becomes smaller at lower frequencies the spacing is increased to
5cm in the bandwidth of 20Hz-1kHz. The lowest frequency the sound
intensity measurement is still valid is determined by the reactivity of the
sound field (the amount of reverberation). The 20Hz measurement is only
possible under ideal circumstances (almost anechoic conditions) if the
reactivity increases to higher levels, the lowest frequency that can be
measured increases to 100-200Hz.

For high frequency measurements (above the 5kHz), the wavelength
becomes short compared to the 12mm spacing and therefore the spacing
has to be reduced to 6mm. For very high frequencies (10kHz-20kHz), the
p-p probe becomes bulky and accurate measurements are not possible
anymore.
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S/N particle velocity deter mination (p-p)

First the signal to noise ratio of the particle velocity determination
will be calculated. After that, the signal to noise ratio of the p-p sound
intensity probe will be presented.

An example of a high quality matched pair is the Briel & Kjaa sound
intensity microphone pair B&K 4181 [27]. One of the %2 inch matched
microphones has a selfnoise of 20dB(A) and a sensitivity of 11.2 mV/Pa
(Usgra=11.2mV at 1 Pa (=94dB SPL) pressure a 1 kHz). It will be
convenient to express noise values in voltages and in one Hertz
bandwidth the noise is than expressed in V/VHz.

The noise level of the sound pressure probes is; U vis=31.6nV/VHz at
1 kHz [27]. The microphones do have a 1/f noise behaviour that will be
dominant at frequencies under 500Hz [30]. Note that the 1/f noiseis“ 1/f”
in the power spectrum. The noise behaviour in the voltage domain is thus
proportional to f* Because the pressure difference is measured to
determine the particle velocity, two microphones are used, the total noise
will increase by afactor V2.

The signal (that will be used to calculate the particle velocity) is
produced by the subtraction of both pressure microphone outputs. Under
the condition that the microphone spacing is much smaller than the
wavelength (see also chapter 2), For harmonic sound waves (p(t,X)=po
cos(at- ax/c)), the output of the pressure difference is given by:

p(x,t) - plx + . t) =PI TROHE NG A sty =2 p(x,t) ax (141)
JAVY dx c

For low frequencies (wavelength is small compared to the spacing of
the sound probes) the pressure gradient is increasing linearly with the
frequency. In Fig. 78 the output of the pressure difference assembly is
depicted if a plane wave with a sound intensity level of 94dB is offered to
the p-p probe. The signal is calculated for the three spacings that are
commonly used.

For frequencies below 500Hz the signal to noise ratio decreases
rapidly, Fig. 78. This is because of the presence of Uf noise of the
pressure microphones and due to the fact that the pressure difference
signal is decreasing proportional with frequency.

For the particle velocity determination, the signal will be integrated,
see Eq. (3) and therefore the frequency response will be flat, the noise
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however will also be integrated and therefore the signa to noise ratio
therefore will not be altered.

Ar=12mm
10mv
Ur,-Ur,
Ar=50mm 12dB Ar=6mm
Signals
mv 18dB g
100pv
100V
76dB
1pv
110dB 110dB
5 iOdB/dec
~~o_
100nV = Noise (theory)
45nV/SQRT(Hz) ™~ ~ oise (theory.
31.6nV | nVISQRI(Hz) T B i
100 1k 10k

Frequency [Hz]

Fig. 78: Calculated noise output voltages in V/VHz and signals due to 94dB SIL of a
pp sound intensity probe.
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Fig. 79: Measured noise spectrum of a GRAS Type 40AC (2" Free field) in VIVHz
Signa (14mV/Pa) is calibrated only at 1kHz and is assumed to have a flat frequency
response. Both signal as noise are 40dB amplified.
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S/N particle velocity deter mination (p-u)

The Microflown in the haf-inch ICP probe is powered with 40mwW
and the operating temperature 600K (see chapter Alll “The half-inch ICP
Microflown, electronics and performance’). The measured frequency
response and noise spectra are shown in Fig. 23. The frequency behaviour
has a low frequency roll-off at 10Hz due to the ICP preamplifier
electronics. The noise is measured in a 1Hz bandwidth so the noise
spectrum that is presented in Fig. 23 isgivenin dB(V)/VHz.

0 Signal due to 94dB PVL
- \
-0 \‘\
S
g | |o0dB 100dB 110548 AN
%-60 100dB
>
a
5 ®
‘\
o e 75dE
. . \\
-0+ 1Hz bandwidth rpmse output —y
v & _ 1o

Frequency [H7]

Fig. 80: Measured output of a¥2’ ICP Probe: the signal is due to 94dB PVL, the noise
spectrumis given in dB(V)/VHz.-

Comparing signal to noise ratios of particle velocity
determination

As can be seen in Fig. 78 and Fig. 23 the S/N of the Microflown is
higher for frequencies below 300Hz and the signal to noise ratio of the p-
p method becomes better for frequencies between the 2kHz to 10kHz.
The general conclusion is that the signal to noise ratio of a Microflown is
better for lower frequencies (f<300Hz) that the two probes have
comparable noise figures in the bandwidth of 300Hz up to 3kHz and that
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the p-p probe has a better signal to noise ratio for frequencies in the 3-
10kHz bandwidth.

SN of the sound intensity probes

The signa to noise ratio of the particle velocity determination has
been observed, now the sound pressure determination will be examined.
Sound intensity is defined as the time averaged product of the sound
pressure and the corresponding particle velocity at the same position.

T

1
| —?'([p(t)ﬁlj(t)dt (142)

Normally this product is determined by taking the cross spectrum of
both signals but in fact this provides the same results. If a p-p method is
applied, the particle velocity is calculated like (see chapter 2):

R v
U = (P o X (143)

and the sound intensity determination will become:

|pp_ ,OAI’TJ-(pa Po %(pa—pb)dr%t (144)

If the output (signal plus noise) of a sound pressure microphone is
described as: p=4p+dp, using 4p as the signal part and Jp as the noise
component, Eq. (144) will ater in:

11

'w TJ’(A'Oa * P40y By )%:(Apa + %, —4Ap, — &, )dTEjt (145)

The time-averaged product of two non-correlating sources is zero (at
least in theory) and therefore Eq. (145) will ater in:

I pp I PP noisefree + %I{@ajd)adt + d)bj’d)bdt} dt (146)

If the noise is of the form: d’pzdbcos(wt+§), the expression
6pafc5padt equals &> sin(2cut+2§)/ 2w of which the time average is
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zero. Therefore (in theory) the noise of a pp intensity probe should be
zero. Of course the sameistrue for the pu intensity measurement:

| pu =T1J'(Ap+d3)EMu+dJ)dt 147

= +?1J'Apdj+5pﬂu+djdo)dt:I

7 PUngisefree PU noisefree

In case of the pp sound intensity method, the imaginary part of the
cross spectrum is taken, in case of the pu sound intensity method, the red
part of the cross spectrum is used, see chapter Bl “A comparison of the p-
u method with the p-p method”. Either way, the cross spectrum is used
and two non-correlating sources will result theoretically in a zero outpuit.

Signal and noise measur ements.

For the pu sound intensity method the signal and noise have been
measured. In table 1 results are shown for a 42" Brud & Kjaer pressure
microphone (type 4134) and an example of a Microflown. Results have
been taken from [25].

Table 1: frequency, in 1/3 octave bands, measured signalsin dB of pressure
microphone and Micr oflown sensor.

Freg. p p U u p U p.u p.u p.u
signa | noise signal noise SN S/N signal noise SN
40 49.3 40.8 57.8 42.0 8.5 16.8 53 40.1 12.8
80 63.2 44.2 66.2 34.1 19 32.1 64.6 37.6 27
500 75.5 171 65.2 28.7 58.4 36.5 704 55 64.9
4000 83.3 25.1 48.2 26.8 58.2 5.8 65.2 54 59.8

In table 1 measured values are given for the pressure microphone,
when a signal was applied to the loudspeaker (p, signal) and when no
signal was applied (p, noise). The measured values are in dB, the
difference thus being a sort of S/N ratio (signal to noise ratio); the
transfer function of the loudspeaker hasto be taken into account to obtain
the regular S/N.

In Fig. 81 the measured S/N ratio’s are plotted for the 1/3 octave
bands for the pressure microphone, the Microflown and the intensity
(cross correlation).
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The generd trend is that at high frequencies the SIN ratio of the
pressure microphone is better, while at low frequencies the reverse results
appear. Besides that the intensity determines the free-field properties of a
sound source, the S/N ratio as determined from the intensity can be better
than the SN ratio’s of the separate sensors. A similar effect has been
demonstrated using two pressure microphones [31].

The S/N ratio of the time averaged product of pl(t).p2(t) (pl(t) and
p2(t) are the two microphones signals) is higher than the SN ratio’s of
the separate microphones [31]. The reason for this effect is that in the
time-averaged product of the two sensor signals the uncorrelated noise is
cancelled. For the p-u probe this effect is shown in Fig. 81 and table 1.
The SIN ratio referring to the intensity determination is always larger
than lowest S/N ratio of the p- and u- probe, in some frequency bandsit is
higher than the SN ratio’ s of both sensors.
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Fig. 81: SIN ratio’s of the pressure microphone, Microflown and cross-correlation of
both.

Signal to noiseratio %2’ p-u probe[32]

The signal to noise ratio (S/N) of ap-u sound intensity probeis higher
than the SN of the auto-spectrum of separate probes. This is related to
the fact that the cross-spectrum of two non-correlated noise sources (the
selfnoise of the microphone and Microflown) istheoretically zero.
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Fig. 82 shows the noise level of a calibrated half inch p-u probe given
in dB SIL and measured in 1Hz bandwidth (sound intensity level has a
reference of 1pW; in a plane wave a certain SIL in dB corresponds to the
same amount number of SPL in dB).

1/f noise is the cause of the low frequency noise and the reduced
signal to noise ratio of the Microflown causes the high frequency noise.

D

Noise level in dB / Sgrt (Hz)

Frequency[H7]
Fig. 82: Measured noise levels of a half-inch p-u probe. The noise level of sound
pressure microphone (solid line) is given in dB SPL (re. 20pPa)/VHz, the Microflown

(dotted line) is given in dB PVL (re. 20nm/s)/NHz and the sound intensity signal
(dashed line) isgivenin dB SIL (re. 1pW)/\Hz.

For al frequencies sound levels well below the threshold of hearing
can be measured with this¥%" p-u sound intensity probe, see also Fig. 2.9.

252



[29]
[26]

[27]
(28]

[29]
(30]

(31]
(32]

SIN intensity probes

Noise level in dB in 1Hz bandwidth
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Frequency[HZ]

Fig. 83: Measured noise levels of a haf-inch p-p probe. The noise levels of the sound
pressure microphones (dotted line) are given in dB SPL (re. 20pPa)/NHz, the sound
intensity signal (solid line) isgiven in dB SIL (re. 1pW)/NHz. From frequencies above
5kHz ¥4" microphones should be used so the intensity determination such as displayed
here will not valid anymore. For frequencies above 10kHz no intensity measurement
can be performed anymore.
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BS INFLUENCE OF WIND

This chapter is based on the work that has been described in [1]. In the
anechoic room the intensity was determined using one sound source
(loudspeaker) at a distance of 1.2m and a fan at a distance of 1.0m from
the intensity probe; the loudspeaker and the fan were at opposite sides of
the probe. When the fan was switched on the wind velocity at the
intensity probe was about 3.4 m/sec. First the intensities were measured
with a p-p probe and a p-u probe with the fan switched off. Then the
same measurement was repeated with the fan switched on.
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Fig. 84: Influence of wind, no windscreen.

Some experimental results are shown in Fig. 84 and Fig. 85. The
abbreviations in the figure refer to the p-p probe (BK) and the p-u probe
(pu). Horizontally the frequency in 1/3-octave bands is plotted, vertically
the measured difference in intensity when the fan is switched on or off.
Fig. 84 shows a strong influence of the wind caused by the fan; this
influence is stronger for the p-u probe and is not acceptable. In order to
diminish this influence a windscreen, as delivered by Bruel & Kjaer with
the p-p probe is used; see aso [1]. In Fig. 85 similar results asin Fig. 84
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are shown, but now with the windscreen around the p-p or p-u probe.
This figure shows that the influence of wind is still stronger for the p-u
probe than for the p-p probe, but that the effects are for frequencies above
100Hz smaller than 1dB and thus acceptable.
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Fig. 85: Influence of wind, including windscreen.
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B6 THE U-U SOUND MEASUREMENT

As stated in chapter 2, it is possible to calculate sound pressure with
the use of two closely spaced particle velocity microphones. If the sound
pressure is calculated and particle velocity is measured sound intensity
can be determined. In this chapter theory, redlisation and measurements
are presented.

Fig. 86: First redisation of the u-u probe (1996). The spacing between the
Microflowns is five centimetres. Cantilever Microflowns are located just below the
metal protection wires.
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I ntroduction

This chapter will show the possibility of using two particle velocity
microphones (Microflowns) to determine sound pressure. The sound
pressure that is derived from two closely spaced Microflowns is
directional, which is remarkable since sound pressureisascalar.

An acoustic wave is described by sound pressure and particle velocity.
With the use of two closely spaced Microflowns it is possible to measure
the particle velocity gradient, from which sound pressure can be derived.

One possible application is the determination of sound intensity. The
(time-integrated) product of the sound pressure and the particle velocity
defines sound intensity. Traditionally in sound intensity measurements,
one had to measure the particle velocity by using two pressure
microphones, because particle velocity microphones did not exist. This
method requires two exactly identical pressure microphones, otherwise
measuring errors become unacceptable large. A disadvantage is that for
different frequency bands a different spacing is required; to measure the
complete frequency band the spacing should be atered and the probe re-
calibrated three times. This leads to longer measurement times.

When the Microflown isused it becomes alot easier to measure sound
intensity. If a Microflown is combined with a conventional pressure
microphone, the sound intensity is easily determined by multiplying both
output signals (thisis called the “direct or pu method”, see chapter B1“ A
comparison of the p-u method with the p-p method” ).

A method using two Microflowns to measure sound pressure and
sound intensity is treated here, it is called the u-u method. At first sight
this method has the same disadvantages as the p-p method. However,
since the Microflown is made in a batch process it easy to create identical
sensors and phase mismatch problems are reduced. When multiple
Microflowns are used in one line, altering the spacing is not necessary:
one can smply switch Microflowns and thus spacing electronically.
Possible difficulty could be the calibration, no effort is spent to solve this.

One fundamental difference of the u-u method compared to the p-p
method is that the polar pattern of the p-p determined sound intensity is a
“figure of eight” (a cosB function). The polar pattern of the sound
intensity that is determined using the u-u method determined has more
directivity, a cos’@ function. This is due to the directivity of the sound
pressure determination of the u-u method, see paragraph 1.5
“discussion”.
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Theory

The sound pressure (or just pressure) can be seen as a temporary
increase and decrease of the number of particlesin a certain small volume
at a fixed temperature. When the number of particles increases in this
volume, particles have to enter this volume and there has to be movement
of particles. This movement is associated with the particle velocity.

The sound intensity in a specified direction, r, at a point is the average
rate a which sound energy is transmitted through a unit area
perpendicular to the specified direction at the point under consideration:

_1 -2
l == lur (t) Cp(t)dt [Wm2] (148)

Where u,(t) represents the particle velocity [m/s] in the specified
direction e, p(t) [Pa] the sound pressure and T [g] the integration time.

The specific acoustic impedance is defined by ratio of pressure and
particle velocity. Thisimpedance is normally a complex value varying in
place, indicating that the pressure and velocity are not in phase. The
pressure can therefore not be determined by simply multiplying the
velocity with a constant value (like for instance the free field impedance).

To obtain the sound pressure, a method in which two closely spaced
Microflowns is applied. This method is based upon the linearised
equation of mass conservation, see also chapter 2:

), , Al.n)
+ =0 149
X Po P (149)
Where o, is the intrinsic density of the medium and ¢ the undisturbed
velocity of sound . Some calculations will lead to (see also chapter 2):

p(t,r) = —p, (& qw dt (150)

In practice, the particle velocity gradient, Ju(t,r))/&, can be
approximated by measuring the velocities, u, and u,, a two closely
spaced points, with a separation of Ar. Dividing u,-U,, by the distance Ar
gives the following estimation for the pressure p(t,R) at position R:

Po (€’

p(t,R) = -
p(t.R) P

q(ub(t,R—}éAr)—ua(t,R+}§Ar))dt (151)
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This approximation is valid as long as the separation (Ar) is small
compared to the wavelength of interest. The particle velocity component
of the sound wave is estimated by the sum of both Microflowns divided
by two. The sound intensity can be determined by using the block
diagram that is depicted in Fig. 87.

uy +uy

Microflown T particle velocity = Non comy Sound
Gadget + Sound . .
") . 3 intensity
intensity
Apparent -
Microflown 11 Gadeet op L) -pyc’ N _)Avemgmg
———{Gadgei -— essure —_— c O Lo
/g pressure X A - fiow( @) circuit
A B C D E F G H

Fig. 87: Block diagram to measure the sound intensity by the use of two particle
velocity probes.

M easur ements

The Gadget is used as preamplifier, see chapter 4. The transfer
function of the Microflown, H,qoun(c)), is depending on the frequency
and shows a low pass characteristic. Only linear operations are performed
on the signals of both Microflowns and these have been fabricated in the
same batch, which suggests the sensors to be practically identical.
Therefore the compensation for this behaviour can be performed after
multiplying particle velocity and apparent pressure (point E in Fig. 87).
When subtracting (point B..C), the signal is very sensitive to a phase
mismatch. By shifting the compensation networks, errors can be avoided.

For the measurement of sound pressure and particle velocity a
standing wave tube which is driven by aloudspeaker and is closed rigidly
at the end is used. A standing wave is realised, whereby the phase shift
between sound pressure and particle velocity is theoretically 90°. The
measurement set-up isillustrated in Fig. 88.
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Fig. 88: Standing wave tube.

In the rigidly terminated tube the RMS value of the minima and
maximums were measured real time with a pressure microphone and with
two closely spaced Microflowns (see Fig. 86).

Now observe point D in Fig. 87: the sum signal of the Microflowns
represents the averaged particle velocity and the integrated differential
signal of the two Microflowns the sound pressure. The measured results
in astanding wave are illustrated in Fig. 89.

As can be seen, at 550 Hz the minimain the pressure are separated by
30 centimetres. The minima in the particle velocity are shifted by %
wavelength, which is 15 cm.

- - - - particle velocity
. —— pressure
— - apparent pressure

Output
~

Distance [cm]

Fig. 89: The minima and maximumsin a closed tube of the particle velocity, pressure
and apparent pressure.

260



u-u probe

In an environment without reflections (anechoic conditions), the
sound intensity has been measured. The results can be seen in Fig. 90, as
expected the sound pressure and the particle velocity do have a phase
shift of zero degrees (point D in Fig. 87). The sound intensity before
averaging is shown in the lower part of the graph with a solid line. The
result of the direct method is also shown (dashed ling).

- - —apparent pressure (D) ----- ul +u2 (D)

ul- u2(C)

timé [s]

Fig. 90: Instantaneous sound intensity in a tube without reflections. The phase shift
between sound pressure and particle velocity is zero degrees. In the lower part of the
figure the sound intensity measured with two closely spaced particle velocity probes
is depicted by a solid line and the sound intensity measured with the use of a sound
pressure probe and a velocity probe is depicted by a dashed line.

Discussion

It is shown that it is possible to measure the apparent pressure and
sound intensity with two Microflownsin one direction, it iscalled the u-u
method. The method doesn’t differ much from the p-p method. Still there
is an important difference: the p-p method is based on the linearised
equation of momentum conservation. The sound pressure is a scalar
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guantity and the pressure gradient determines the particle velocity
component in one direction.

The u-u method uses the linearised equation of mass conservation. A
three-dimensional extension of Eg. 2.14 is the use of the divergence of
the particle velocity to calculate the sound pressure:

p = —p,C? A M A (152)

X oy oz

So in fact to calculate sound pressure one should use six Microflowns.
However, in practical situations the one-dimensional realisation will be
sufficient. For the p-p probe and the p-u probe the polar pattern is a
“figure of eight”. Contradictory, one can deduct that the sound pressure
determination of the u-u method has a “second order figure of eight”
polar pattern (cos’(6) shape). (One way to look at this is that pressure
gradient generated by (omni directional) pressure microphones results in
a figure of eight response and so a gradient generated by elements that
have afigure of eight response for them selves will generate the square of
a figure of eight response. Another argument is based on the fact that
cos’G+sin*6=1; cos(G+909=sing).

A one-dimensiona sound intensity probe (in the direction u,) is
described with:

17
== (pdt (153)
]

If the sound pressure is calculated with three dimensional particle
velocity probes the expression altersin:

I j%poj uy th%]hxdt

SN
ID U +J'—ydtm +f U2 gt o, ot
Ly
px py ﬁ

The sound pressure p, a scalar, is composed of three parts: py, py, p;
associated with the corresponding particle velocity componentsinthe x, y
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and z direction. If an intensity probe is constructed with only particle
velocity sensorsin the x direction, I’y it detects:

_pO H W ot [, it (155)

X

Since u,=cosBu], where 6 represents the angle between the axis of
measuring and the propagation vector of the sound wave, and p,= p cos’d
, for the detected is found: I',.= | cos’@. A one-dimensiona u-u sound
intensity measurement will result in an under estimation of the off-axis
intensity.

Fig. 91: Polar plot of the particle velocity, calculated pressure and sound intensity of a
one-dimensiona u-u probe.

To be able to measure the apparent pressure and sound intensity in
rea time at different frequency bandwidths, some electronics have to be
implemented. Industrial systems available for sound intensity
measurements can easily be remade for the two Microflowns method.

For the pp method, the two pressure microphones are spaces by a
spacer. This is a solid tube between the two probes. This spacer serves
two purposes: it is easy to create a correct spacing. More important is that
it solves the following problem. The position where a sound probe seems
to observe sound pressure is not exactly at the membrane but alittle bit in
front of it. This position is frequency dependent. The spacer keeps the
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physical location of the sound probes and position where it seems to be
perceived at the same position.

Thisis not possible for the u-u probe. If thisis a problem is not clear,
this phenomenais not yet studied.

A complete other way of performing a free field measurement in a
diffuse field is by the use of two Microflowns that are positioned in
perpendicular to each other:

The u,-ug Probe freefield measurements in a
rever berant room.

In chapter 2 it was shown that the directional characteristics (the polar
pattern) of a Microflown behaves as u=cosf. This means that if the
Microflown sensor is oriented in a plane perpendicular to the direction of
the direct-particle velocity, only the contribution of the diffuse sound
field is measured. If the second Microflown sensor is positioned in the
direction of the direct field (i.e. the free field) then this sensor measures
the direct- and the reverberant sound field. It is therefore a sort of sound
intensity measurement.

In the anechoic- and the reverberant room the following
measurements were performed:

e The sound source (a loudspeaker) is positioned on the x-axis at a
distance of 1 meter from the u,-ug probe.

« One probe (uy) is positioned such that 8=0° (the resistance wires of
the probe are paralld to the y-axis and in the x-y plane).

« For the other probe (uy) 8=90° (the resistance wires are in the y-z
plane).

e Using the same loudspeaker excitation the rms signals from the uy
and up were measured.

One expects to obtain the following results:

Anechoic room: u,’=ug’; ug® = 0, i.e. no reverberant field.

« Reverberation room: u,’=Uy*+1/3Ue,%, Ur°=1/3U,e,°, Where u, means
the free field particle velocity (in the anechoic- and reverberation
room) and u,e, means the diffuse particle velocity in the reverberation
room; the factor %2 is due to the directiona characteristics of the
Microflown sensor, see section 3 (integral cos(¢) = 1/3).
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Thus;

2 —,,2 — 2 2
Up = u//anechoic: - u//reverberation ~ Unreverberation
The measured deviations are given in Fig. 92; vertically is plotted "Diff.
Free".
Diff .Free= 1OLOg{ uleanechoic} —10Log{ u/2/reverberation - uéreverberation}

Thereverberant field isalso plotted in Fig. 92 as"Rev."

u2

U 0
Rev.= 1OLOg{ u;re\/erberation} - 10"09{ u/Z/anechoic} = 1OLOg g--'- 2[,]62/ E
o

Fig. 92 shows that with this simple measurement the direct and diffuse
sound field in areverberant room can be determined.
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Fig. 92: Difference in free field determined anechoic- and reverberation room, and
reverberant field.
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The method is under investigation now. More results of this method
may be expected in the near future.
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