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SOUND INTENSITY (Part I Theory)
by
S. Gade,

M.Sc.

ABSTRACT
In this article the theoretical concept of sound intensity (a quantity describing
the net flow of acoustic energy) is described, and shows how it makes a
distinction between the active and reactive parts of sound fields. Furthermore, it
is shown how sound intensity can be measured over a wide frequency range by
the use of a specially designed probe, consisting of a pair of closely spaced
pressure microphones.
The different principles of signal processing are discussed, such as the digital
filtering employed in the Bruel & Kjaer Sound Intensity Analyzing System Type
3360, and the use of the Fast Fourier Transform (FFT) technique. The digital filter
sound analyzing system operates in real time and calculates third octave
spectra more than 100 times faster than an analyzer based upon FFT-technique.
The high and low frequency limitations as well as the near field limitations with
the two microphone technique are outlined and shown how they are minimised.
Calibration procedure is also described.
In Part II of the article (Technical Review No.4 - 1982) the practical aspects of
instrumentation will be discussed and applications illustrated.
SOMMAIRE
Get article dGcrit le concept th6orique de rintenslt6 acoustique (une quantity
dGcrivant le flux d'Snergie acoustique moyen), et montre la distinction qui est
faite entre les parties active et reactive des champs sonores. De plus, II y est
montr6 comment HntensitG acoustique peut Gtre mesurGe sur une large gamme
de frequence en utilisant une sonde sp6cialement concue, comprenant une paire
de microphones de pression rapprochGs.
Les dlff6rents principes de traltement du signal sont examines, comme par
exemple le filtrage num6rique utilise sur le Syst^me d'analyse d'intensit6 acoustique BrCiel & Kjaer Type 336Q et la technique utilisant la transformGe de Fourier
rapide {FFT). Les filtres numGrlques des systfemes d'analyse sonore fonctionnent
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en temps r£el et calculent des spectres de 1/3 d'octave 100 fois plus vite qu'un
analyseur bas6 sur des techniques FFT.
Les limites de haute et basse frequence, et les limites de champ rapproche avec
la technique des deux microphones sont mises en valeurs, ainsi que la fagon
dont elles sont minimisees. La procedure d'etalonnage est £galement decrite.
Dans la seconde partie de cet article {Revue technique No.4-1982) les aspects
pratiques des appareils seront decrits avec des illustrations d'applications..
ZUSAMMENFASSUNG
In diesem Artikel wird das theoretische Konzept der Schallintensitat (einer
Grdbe, die den NettofluB der Schallenergie beschreibt) beschrieben, und gezeigt, wie sich aktive und reaktive Schallfeldteile unterscheiden lassen. AuBerdem wird gezeigt, wie man mit Hilfe einer speziell konstruierten Sonde,
bestehend aus zwei dicht beieinander plazierten Druck-Mikrofonen, die Schallintensitat Ciber einen weiten Frequenzbereich messen kann.
Es werden verschiedene Prinzipien der Signalverarbeitung diskutiert u.a. digitale
Filter, wie sie im Bruel&Kjaer-Schallintensitatsanalysator 3360 verwendet werden, und FFT-Technik. Der Schallintensitatsanalysator arbeitet in Echtzeit und
berechnet Terzspektren mehr als 100mal so schnell, wie es nach der FFTTechnik moglich ist.
Begrenzungen der Zwei-Mikrofontechnik bei hohen und tiefen Frequenzen sowie
im Nahfeld werden ebenfalls diskutiert und gezeigt, wie sich diese minimieren
lassen. Daneben wird die Kalibrierung beschrieben.
Im zweiten Teil des Artikels (Technical Review Nr. 4 — 1982) werden praktische
Anwendungen der Gerate diskutiert.

Introduction
In the last decade there has been an increasing interest in measuring
the acoustic quantity, sound intensity, mostly for the investigation and
localization of noise sources.
Furthermore, with the aid of an intensity meter, it is possible to
measure the sound power emitted by machinery even in the presence
of high background noise.
The theoretical background for intensity measurements was already
described by H.F. Olson as early as in 1932. Unfortunately, the problems involved in adjusting and calibrating intensity meters have pre4

vented the development of such instruments based upon conventional
techniques.
The advent of real-time analysis using digital filtering techniques for
signal processing has been the major breakthrough for the precision
with which acoustic intensity measurements can be carried out.

1. Sound Intensity
Sound Intensity or Energy Flux is a vector quantity which describes the
amount and the direction of net flow of acoustic energy at a given
position. Hence the dimension is Energy per Time per Area and the unit
is (W/m 2 ).
This is in contrast to sound pressure which is a scalar quantity (magnitude only).
it can be shown (see appendix A) that in a medium without mean flow,
the intensity vector equals the time averaged product of the instantaneous pressure and the corresponding instantaneous particle velocity
at the same position.
7 = p{thu(t)

(1-1)

(where the bar indicates time averaging) or in direction, r a s
ir = pit). ur(t)

(1.2)

This equation has the well known electrical analogy, power = voltage x
current.
If the sound field is sinusoidal, use of complex notation is convenient.
In terms of complex pressure and complex particle velocity the intensity vector is given by
7 = 1/2 Re (p- uV

(1-3)

lr = M2Re(p,

(1-4)

or in direction, r as
u fV

where time averaging is implicitly given in the formula by the factor V2
and where u * indicates the complex conjugate of u,
5

2. Active and Reactive Sound Fields
One of the properties of Sound Intensity is the distinction it makes
between the active and the reactive part of sound fields, a property

Fig. 1. The active and reactive part of sound fields
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sound pressure does not have. An intensity meter responds only to the
active part and ignores the reactive part of sound fields.
The particle velocity, u can actually be split up into two components,
act,ve
is in phase with the pressure p and
uactive a n c j ureactive^ w here u
ureactive j s QQO o u t o f p ^ a s e w j t h t j ^ e pressure p. Only the in-phase
particle velocity component, u a c t l v e will give a time averaged product
with pressure which is unequal to zero, as shown in Fig.l.
A plane wave propagating in free field is an example of a purely active
sound field. In fact in this case the particle velocity can be calculated
from the pressure by use of the acoustical analogy of Ohm's law
(current = voltage/resistance):
u = p/pc

(2.1)

The magnitude of the intensity is thus given by

|7| - p~77 = p2/pc = pf^/pc

(2.2)

where pc is the impedance of the medium. In fact, when Tree-field
condition is given, the intensity can be determined indirectly from the
sound pressure.
In reactive sound fields the intensity is zero, which means that in this
case there is no net flow of energy. One example is an ideal standing

Fig. 2. Standing wave
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Fig. 3- Diffuse sound field
wave, since the particle velocity u is 90° out of phase with the pressure
p. The pressure has its maximum values at the walls where the particle
velocity is zero (see Fig.2), corresponding to a 90° phase shift between
the two quantities.
Another example of a purely reactive sound field is an ideal diffuse
sound field, where—by definition —the energy flow at a given position
is the same in all directions. Hence, there is no net flow of acoustic
energy at any points —the sound intensity is zero (see Fig.3).
However, in a diffuse sound field the intensity of sound energy passing
through a plane of unit area from one side only is:

3. How can Sound Intensity be Measured
To measure sound intensity, the instantaneous pressure and the corresponding particle velocity must be known. The pressure can easily be
measured and in fact sound pressure is the most commonly measured
quantity in acoustics.
However, a direct measurement of particle velocity is very difficult,
requiring the use of devices like hot wire anemometers, or delicately
suspended mica discs.
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A different method using 2 identical pressure microphones is preferable, since this method allows an easy calibration of the system.
The method is based upon Newton's second law, that is the Equation of
Motion (mass x acceleration = force),

p*—— = -gradp
6t

(3.1)

also called Euler's Relation, where p is the density of air.
In one direction, r we have
c)ur

dp

Since the pressure gradient is proportional to the particle acceleration,
the particle velocity can be obtained by integrating the pressure gradient with respect to time, see Appendix B.
Ur

= -L\^dt

(3.3)

p J dr

In practice, the pressure gradient can be approximated by measuring
the pressures, PA and pe, at two closely spaced points, A and B, and
dividing the pressure difference pe - PA by the transducer separation
distance Ar, thus giving the following estimate for the particle velocity
component ur in the direction r:

Uf =

~ ^TKr i (PB ~ PAJ dt

{3 4)

'

This approximation is valid as long as the separation is small compared with the wavelength ( A r « X).
A practical sound intensity probe can therefore consist of two closely
spaced pressure microphones, allowing for measurement of both pressure and the component of the pressure gradient along a line joining
the centres of the microphones. Hence, the magnitude and the direction of the component of the intensity vector along this line is measured
as shown in Fig.4.
Note, that it is the phase gradient of the pressure which gives a nonzero real intensity vector (see Appendix C).
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Fig. 4, Example of intensity calculation for a plane wave propagating in
the r-direction.
Note how the sign is directly given by the orientation of the
probe (for time integration, see Appendix B)
10

Fig. 5. Directional characteristics
at 500 Hz and 8 kHz for the probe
Type 3519 fitted with 1/2" microphones and 12 mm spacer
11

As already mentioned, it is an intensity vector component
intensity vector, that is measured by this technique.

not the

The consequence is that the theoretical directional characteristics of
the microphone probe is a cosine function
\/r\ = | ? | . cos a

(3.5)

where a is the angle between the direction of net energy flow and the
orientation of the probe.
Fig.5 shows the practical directional characteristics of the B & K intensity probe showing broad maxima and very narrow minima.

4. Signal Processing
For processing the signals from the transducers
approach are in current use today. One approach
which can be implemented by analogue as well as
The second approach, the indirect method can only
use of digital technique.

two main lines of
is a direct method
digital techniques.
be implemented by

4.1. Direct Method
The sound intensity vector component in the direction r is calculated
from:
/ r = pT77r = - ^ —

(pA + pB) j (pB - pA) dt

Fig. 6. The two-microphone technique and the direct method
by the 3360 system to measure sound intensity

12

(4.1)

employed

where the sound pressure is taken as being the mean pressure
(PA + PB)/2 between the two microphones, and where the velocity is
calculated from equation 3.4.
Fig.6 shows a block diagram of a practical real-time sound intensity
meter, including Vo octave digital filters. Notice how the block diagram
follows the equation step by step.
B & K Sound Intensity Analyzing System Type 3360 is based upon this
principle with an analysis range from 3,2 Hz to 10 kHz third octave
band centre frequencies.

4.2. Indirect Method
A Dual Channel FFT (Fast Fourier Transform) analyzer can be used for
intensity calculations within the FFT-limitations (blockwise analysis). It
is shown in Appendix D that the intensity can be calculated from the
imaginary part of the cross-spectrum between the 2 microphone
signals.

I —

^

lm GAB

(4.2)

Today, this forms a commonly used method of calculating sound
intensity. However, a computer or a calculator is required to carry out
the final calculations. Unfortunately this method has certain disadvantages. One of these is that sound measurements are normally specified
in octaves and third octaves, and the calculation of these from narrow
band spectra is a time-consuming procedure, usually requiring multipass analysis and synthesis, which cannot be performed in real time
(Ref.[11])-

5. Calibration
One of the advantages of using the 2 pressure microphone technique is
the ease with which very accurate calibration can be carried out, using
a pistonphone (B & K Type 4220), which provides a 124 dB re. 20 ^Pa
sound pressure level at 250 Hz.
The reference pressure p0 for sound pressure levels is 20 ^Pa and the
reference intensity lQ for intensity levels- is 1 pW/rn2. These reference
values have been chosen so that for a freely propagating plane wave
0 dB sound pressure level corresponds to 0 dB sound intensity level as
shown in equations 5.1 and 5.2.

13

P2

i=^rm

(5i1)

pc
for p = 20 tiPa we have
(20 10~ 6 ) 2
IQ ^
since pc ^ 400

W/m2

= -, pw/m2

(5.2)

kg/m2s.

A calibrated barometer is provided with the pistonphone to determine
the necessary correction for the ambient atmospheric pressure, since
the sound pressure of the pistonphone is proportional to the ambient
pressure
&Lp (pamb)

= + 10 log,o (Pamb/P0)2

=

+

20 log 10 (pamh/Po)

(5.3)

where p0 = 1 atm.

The air density is also proportional to the ambient pressure, so from
equation 4.1 it follows that the correction term due to ambient pressure
for intensity calibration by use of a pistonphone is
AL

f

(Pamb) = + 20 log 1 0 (pamij/p0)

- 10 log 10

= +W\o^0(pambfpo)

(pamb/pQ)
(5.4)

Therefore when calibrating the system for use in sound intensity mode
only half the atmospheric pressure correction indicated on the barometer scale must be applied to each microphone.
Besides the air density is inversely proportional to the absolute temperature T, which leads to the temperature correction term
ALf (temp) = + 10 log 10 (T/T0)

(5.5)

where T0 = 293°K (20°C)
In general, these correction terms can often be ignored since they are
relatively small. For a temperature of 40°C and an ambient pressure of
750 mbar (Mexico City, 2300 meters above sea level) the correction
term is only 1,0 dB.
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6. High Frequency Limitations
The use of the 2 microphone technique imposes limitations on the
useful frequency range of the measuring system. A principal systematic
error is inherent in the approximation of the pressure gradient by a
finite pressure difference. This error is most severe at high frequencies. The approximation error can be calculated for ideal sound fields
and ideal sound sources. Since the sound field is seldom known in
sufficient detail, such calculations only give an idea of the useful
frequency range.
For a plane sinusoidal wave, which for simplicity is assumed to propagate along the axis joining the microphones, the estimate of the
approximated value lr is related to the actual intensity lr by the
expression (Appendix E)
/.

sin (k M

(6 1)

-t = -<*&-

-

where A r i s the distance between the microphones
and
k is the wave number

Apparently the intensity is underestimated, particularly at high frequencies and for large microphone separation distances.

"■

Fig.

7. Approximation
spacers

error,

L6,

at high

frequencies

s

for

various
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Fig.7 shows the approximation error in dB, denoted by Le at high
frequencies for various separation distances (choice of spacer) between the two microphones.

7. Nearfield Limitations
Another bias error occurs, if the intensity changes along the probe, i.e.
if the intensity is different at the two microphone positions.
For a spherical wave, from a monopole source, it can be shown
(Appendix F) that the error between the approximated sound intensity
and the exact intensity is given by

, i,4

2

f(^■(^)-(^K - (") r ™
where the distances Ar, r5 r-\ and r^. are shown in Fig.8.

Fig. S. Definition of the quantities used in the expression

for L6

The approximation error is not only a function of /cAr but also of A r / r .
Fig.9 shows this function, and it is seen that if r>2Ar
this error is
negligible, while for r = A r the error is an overestimation of approximately 1 dB.
For dipole sources it can be shown (Ref.[1], [2]) that the error formula
due to the finite microphone separation is

lr
16

\ kkr

)\r,.r

2

J\

k^r^r2

J

Fig. 9. Proximity approximation

error for a monopole

source

A similar formula for quadruple sources is given in Ref.[1], [2],
From these functions it can be shown, that if the distance between the
probe and the acoustic centre of the different types of sources is
greater than 2 to 3 times the microphone spacing a proximity error of
less than 1 dB is achieved (see Table 1).

Source Type

Proximity error
less than 1 dB for r

Monopole

> 1,1 Ar

Dipole

> i,6
1,6 Ar

Quadrupole

> 2,3 Ar
820045

Table 1. Proximity approximation

error for various ideal sound sources

This indicates that intensity measurements can be performed in the
near field of even rather complex sound sources without introducing
significant errors.
Note that for most situations, the acoustic centre of a noise source is
situated behind the surface of the source. This means that the acoustic
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distance between the probe and the source, normally is much larger
than the physical distance. Since the position of the acoustic centre of
complex noise sources are seldom known, any attempt to correct the
measured intensity values by means of eqn. 7.1, 7.2 would not be
advisable.

8. Low Frequency Limitations
The calculation of particle velocity by use of the 2 microphone technique is based upon measurement of the phase gradient rather than the
modulus of pressure gradient of the sound field. This is indicated in
Appendix C.
The quantity k A r is in fact the phase difference between the two
microphone positions in a plane sinusoidal wave where the probe is
oriented in the direction of propagation.
If a phase mismatch <f exists between the two measuring channels, the
detected phase difference will become klr
± <p instead of kAr leading
to the modified approximation formula
/ _ sin {kAr ± $)
~T
k~Kr

,g .,

Evidently a possible phase mismatch is most critical for small values of
microphone spacings, and at low frequencies. This sets the lower
frequency limit for practical systems.

Fig. 10. Typical calibration
pair 4177
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chart for Condenser Microphone

Cartridge

Thus the two microphones used in the probe system should be selected
by matching their phase responses to minimize this error. Typical
phase matching of the B & K Sound Intensity Probe Type 3519 is shown
in Fig.10.
The digital approach of the B & K Sound Intensity Analyzer Type 2134
ensures phase matching of the 2 measuring channels better than 0T3°
for the total system.
The maximum approximation error at low frequencies for various
spacers for a phase matching of 0T3° is shown in Fig.11. The curves
indicate that the error takes form of an underestimation and is less
than 1 dB at 30 Hz for a 50 mm spacer. If the microphones are interchanged the error takes form of an overestimation of the intensity (See
Fig.12). For very low frequency measurements larger microphone separation is required to minimize the error.

error, Le, at low frequencies
Fig. 11. Maximum approximation
various spacers for a phase matching of 0,3°

for

Frequency Ranges for the various microphone and spacer configurations for the Sound Intensity Probe Type 3519 are shown in Fig.15.
Phase mismatch actually results in distortion of the directional characteristics of the probe. The direction for minimum sensitivity is deflected
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Fig. 12. Overestimation

of the intensity

by an angle $ from the plane perpendicular to the probe as shown in
Fig.13. Geometrical considerations lead to
^ = arc sin — ^ kAr

(8.2)

The graphs in Fig.14 show the directional offset angle as a function of

Fig. 13. Angular displacement
20

of the minima axes

Fig. 14. Angular displacement
for ^ = 0,3°

of the minima axes as a function of J r

frequency for a phase matching of 0,3° and various microphone separation distances.
Note, that for the frequency limits shown in Fig.15 the offset angle for
the B & K probe will be less than 10° - typically better.

Fig. 15. Frequency Range for the various microphone and
configuration for a measurement accuracy of ± 1 dB

spacer
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APPENDIX A
Sound Intensity
The intensity lr is defined as
Ir mst
'

=

dEr
_—
dt-dA

(A.1)

where d£r is the energy passing through the area dA perpendicular to
the direction of propagation in the period of time dt, see Fig.AL

Fig. A1. Energy transport through the area dA in the direction r due to
the total force Fr acting on the surface in the direction r

The energy transport dEr is equal to the amount of work done upon the
area dA in the direction r d u e to the total force Fn i.e.
dEr = Fr. dr = pt- dA.dr

(A.2)

where pt = pa + p is the total pressure consisting of two parts p a , the
ambient (static) pressure and p, the sound pressure.
24

Hence the instantaneous intensity is
dr
dr
where — - ur is the particle velocity in the direction r.
dt
The term containing the ambient pressure p3l which is a pressure dccomponent, will be averaged to zero, when time averaging is performed. Therefore, the intensity vector component in the direction r is
equal to the time-averaged product of the instantaneous sound pressure and the corresponding instantaneous particle velocity in the direction r. The bar indicates time averaging.
Ir = p. ur

(A.4)

This is of course only true when the particle velocity does not contain a
dc-component, that is when the medium is without mean flow. In
Ref.[13] it is shown that even for mean-flow mach numbers below 0,1 in
a duct considerable error in the intensity calculation might be induced
by neglecting the effect of flow, that is the term pa umean.
However, other researchers have reported good results in free air by
use of a windscreen.
For the intensity probe, a zeppelin shaped windscreen made of open
cell polyurethane seems to give the best performance (Ref.[7]).
In three dimensions the intensity vector can be written as
7 ~ p - ux + p • uy + p uz
= p.u

(A.5)

If the sound field is sinusoidal we have:
p = p0. cos (U)t + $1)
u =u0.

cos dot + <j>2)

(A.6)
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Now
-*
— ^
1 [T
I = p ■ u = —J
'

->
p0 ■ u0 ■ cos (<at+ <t>-\) ■ cos (at + $2) dt

■'o

= — /
'

P0- uo- " l ^ o s (2cof+ 0! + <j>2) +cos (<p-\ - <t>2)\dt

'o

^

For sufficiently large T

1

/

= YPo'

u

o ' c o s ' * 1 ~*2^

= Prms ■ "rms

•

cos

^1

- <M

(A.7)
^

The intensity not only depends on the magnitude of the pressure and
particle velocity, but also on the cosine of the phase difference between the two quantities.
For sinusoidal sound fields complex notation is often convenient.
A complex number, A, consists of a real part and imaginary part and
can be written as follows:
A = AQ - eix = A0 . [cosx + j sin x\
where

(A.8)

/ = y"—1 or j2 = - 1

The complex conjugate of A, also denoted as A*, is defined as
4 * = A0 ■ e~ix = A0 . [cosx - j sin x]

(A.9)

that is a change of the sign of the imaginary part.
Using complex notation, p and u can be written as

u = Re[uQ.

e/Yut+ <t>2}\

Equations A.6 and A.10 are identical.
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(A.10)

And by complex notation, the intensity can be calculated from

7 = Re\p.

u*\

= Re\±-.p.u*\

(A.11)

since
flel^-p-

u*\=

=

Re\— p0-u0-

&'(<** + 0 i > . e~i^t+

1
"T" Po- uo-

^ 1 - #2^

cos

^2>\

(A.12)

Equations A.7 and A.12 are identical.
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APPENDIX B
Time Integration
For sinusoidal sound fields and ideal time integration we have
p(x,t)

- p0, ei^T-

fp(x,t)dt = p0.
= p0-

kx

>

(B.1)

e-ikxle*utdt
e-*kx

— ■ <?**>'

= — p(x,t)

(B.2)

1
This means that a time integrator has the transfer function H(w) = — .
Hence an ideal integrator has an amplitude response of -20 dB/decade
and a phase response of - 9 0 ° , as shown in Fig.BI.
A phase shift of -90° means that a sinewave is delayed 1/4 of the
period.
Equation (B.2) indicates that time integration can be carried out for a
1
single frequency as a multiplication by — in the time domain.
Jit

Strictly speaking, this procedure is mathematically incorrect, but is
often used, giving valid results under certain assumptions. To some
extent this procedure will also be used in these notes.
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Fig. B1. Amplitude and phase response of an ideal time

integrator
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APPENDIX C
Active, Reactive Intensity
A phase gradient of the pressure gives a real intensity
which is caused by a net flow of energy. To show this
calculate the reciprocal of the specific impedance, Zs of
that is the ratio between the particle velocity (the acoustic
the pressure (the acoustic voltage).

component,
we need to
the medium,
current) and

A modulus gradient gives an imaginary intensity component, which
describes the amount of energy that fluctuates between the source and
the medium. This means that the reactive intensity is due to a flow of
energy in one direction during one part of the cycle, and an exactly
equal flow of energy in the opposite direction during the next part of
the cycle. The average value of the reactive intensity is of course zero,
and makes no contribution to the net flow of energy. It does however,
contribute to the total energy density,
If standard complex notation is used and sinusoidal field is assumed,
the Equation of motion (equation 3.2) becomes
u

r

- - ^ - . ^ Itofi

(C.1)

dr

Then
Zs

P
1

dp

jcop dr
j
=
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UP

b (In

1
p
p/pj

dr~

<C'2>

p0 is arbitrarily chosen to make the argument of the logarithm function
dimensionless.
Inserting p = \p\ ■ eJ0 we obtain

JL=_L (

H
t

j ^W/Po))

(C3)

Equation G.3 shows that
1. If only a phase gradient, — , exists in the sound field [Zs is real),
dr
then p and u will be in phase.
d(ln\pl/p0)

2. If only a modulus gradient,
is imaginary),

^

r

, exists in the sound field (Zs

then p and u will be 90° out of phase.
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APPENDIX D
FFT Method
For stationary signals we have
t(r) = p(r,t) ■ utr,t)

(D.1)

where the bar indicates a suitably long averaging time.
I(r) can also be expressed as the cross-correlation function; Rpu
between p(r, t) and u(rr t). For arbitrary r we have
Rpu (r, r) = p(r,t). u(r,t + r}

(D.2)

For r = 0
Kr) = RpufcQ)

(D.3)

Now let Spu (rr f) be the cross-spectrum function associated with the
cross correlation function Rpu (r, r). It can be shown that Re{ Spu (r,
f)} is even and Im { Spu {r, f)} is odd, when Rpu {r, r) is a real function.
Then by the use of the inverse Fourier Transform we obtain
Rpu for) =\

Spu(r,f).eiuTdf

and
Kr) = Rpu fcty = \

Spu (r,f) .df=f

Re \spu (r,f). df

(DA)

which means that the intensity can be calculated from the real part of
the cross-spectrum function Spu{r, f).
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Let P{ f) and U( f) be the Fourier Transforms of p( 0 and u( f), respectively, as defined by
P(f) =\

pit)- e-Aot

dt

J — oo

U(f) =

uft). e->wf

tff

(D.5)

Then from equation 3.4 and 4.1 it follows

PW

- J(PA in + PB m)

U(f) = - -^-~(PB

<D-6)

Ift - PA M)

using the fact that if the Fourier transform of x( f) dt is X{f), then the
Fourier transform of

\x(t)dt

is J— X{ f).

By definition (Ref.[12J)
Spu= E[P*(f)-U(f)]

(D.7)

E[ ] means that ensemble averaging is performed on the quantity
inside the brackets. The asterix * indicates a complex conjugate, which
is a change in the sign of the imaginary part, ( x + jy)* = (x - jy). Also
note that for the product of two Fourier spectra P and U we have

s;u = E[{p*.ur]=

E[(P.U*)\=

E[(U*.P)]

=

sup

(D.8)

indicating that we just as well could have used
Sup= E[P(f). U*(f)\

(D.9)

for intensity calculations, since we are only interested in the real part of
the cross-spectrum function.
Inserting (D.6) into (D.9) for example gives
E[p(f).U*(f)]=-

~^~^i

=-

2ajpAr

E\(PAW+PBM)

[/

{SBB-SAA)-J(SAB-SBA)\

{P*B(f)-PZ(f))\

(D.10)
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Now by the use of (D.8) we have

-/" {SAB - SBA)

=

~i

(SAB

~

S

= - / ( j2lm

AB)

SAB)

= 2lmSAB

(D.11)

So equation (D.10) can be written as
E[p

U*\=

- 1 ■ - — ( / (SBB - SAA) + 2lmSAB)

(D.12)

The real part of (D.12), the one sided (only positive frequencies)
intensity spectrum is
Urf\
'

l(f f)

2 lm

-

S

*B

imGAB
^pAT-

_

Z^r

(D.13)

which is calculated from the imaginary part of the cross-spectrum. SAB
denotes 2 sided spectra, while GAB denotes 1 sided spectra.
Finally the desired estimate of the intensity is

% . _ r m^L df
J0

(D,4,

icpAr

The digital form of equation (D.14) is
N/2
1
f
^ ~ " ,m
r
2irpAr /^

G

AB (nAf*
nAf

(D.15)

where the summation starts at the lowest frequency Af = (VT) and
stops at the Nyquist frequency (N/2) A f.
The imaginary part of (D.12), the one sided reactive intensity spectrum,
is

*<m

=

=

^IF(SAA~SBB)
2~^AF (GAA ~ GBB)

which Is calculated from the two auto spectra.
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APPENDIX E
Approximation Error, Plane Waves
Disregarding the e*wt term in equation (B.1.) we obtain;
(E-1)

PA =P 0 * * - ' * '
PB = Po ■ e~ik{r

+

^r> = PA ■ e - ' * A f

(E-2)

The mean pressure value is (see Fig.EI).
P =^(pB+PA)=\po{e~iktr+'\)e~lkr

Fig, E1. Probe orientation

in a plane progressive

(E.3)

wave
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The difference between the two pressures is
PB-PA = P0{e-^r-^)-erikr

(E.4)

Hence the particle velocity will be (using eq. C.1)
ur = - -\~ -?- pQ ( e - M / - - i ) erikr
v
pAr ju
>

(E

.5)

and the complex conjugate of ur,
u ; = — . — ■ Po ( e ^
r
pAr joo °\

r

- 1) eikr
/

(E.6)
x
'

We can now calculate the estimated intensity lr + j Jr, both the real part
as well as the imaginary part,

2pc
=

2/

k Ar

P?ms

1

pc

kAr '

= L.

( e />Ar _

e-jkAr)

2/

sin (kAr)
kAr
sin {kAr}

"'SET-

iE 7>

-

Notice that Jr = 0 in this case as expected, A plane, sinusoidal wave is
a purely active sound field, i.e. all sound energy is transported, but the
sin x ,
measurement technique underestimates the true value by a —— function.
If there exists an angle a between the probe orientation and the
direction of propagation, the approximation error formula becomes
A
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sin (kAr . cos a)
kAr

,_ „

APPENDIX F
Approximation Error, Spherical Waves
Approximation error from a monopole source. For simplicity the line
joining the centres of the microphones passes through the point
source. (See Fig.F1).

Fig. F1. Probe orientation

in a spherical progagating

wave

Q is the volume velocity of the source and * is the velocity potential.
Thus

4> =

. effo>t-kr)

( F 1 1

which gives
ur = - ~=(-+fk)(—) ei(^-kr)
dr V
/\47rr/

(F.2)

and
Pr = P r—= jkpcA—)e^t-kr)

( R 3 )
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Neglecting the term eiwt the true intensity at distance r from the source
is
lr = y Re (pr ■ u?) = - 1 - ukp ( ^ )

—■

(F.4)

By the two microphone technique the measured pressure and velocity
will be
Pm

= 2

(

PB+PA>

= jkpc~~(2 \47rr2

e-*

kr

2

cop ( Q \ / e~ikr2

' ~ IT W> K "

e-ikry)
>

+ —
4irr}

+

e~Jkr] \

(F 5)

^~)

'

- - -^r- ( A e""r2 ^ r- ^ , )
/ojpAr

U

4nrj

\A^r2

/

<F-6>
<F 7)

---Msr)(-V-—)

-

Hence the estimated intensity is
A

A

1

top / Q \ 2 /e~ikr2

■^
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U T )

e-ik^\

jeikr2

eikr\\

( — + —) ( v - — ) <">

We disregard the imaginary part and obtain

'r ~ 2Ar r-\r2 \ 4 f f /
SW

±
2Ar r ^

(-9-)2

\

2/
sin (kAr>

/
(F.9)

\4TT/

Combining equations ( F.4) and ( F.9) we obtain
A. /,.

sin

(kAr*
k Ar

f2

(P-10)

r-i r 2

Note that

indicating that the near-field influence is a function of the ratio between
the microphone separation, A r and the distance, r between the microphone probe and the acoustic centre of the source.
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SOUND INTENSITY (Part II. Instrumentation & Applications)
by
S. Gade, M.Sc.

ABSTRACT
In Part I of this article (Technical Review No.3 - 1982) the theoretical concept of
sound intensity was described, and the different principles of signal processing
were outlined.
In part II this article is continued, where the practical aspects of instrumentation
are examined such as the requirements that have to be fulfilled in the design of
the intensity probe, and how the phase mismatch between the two microphone
channels can be eliminated. The signal to noise ratio achievable in the use of the
two microphone technique is considered, and the instrumentation required for
this technique discussed.
Finally, typical applications of sound intensity in the fields of sound power
measurement and source localization are also illustrated.

SOMMAIRE
Dans la premiere partie de cet article (Revue technique No.3-1982) nous avons
vu le concept theorique de I'intensite acoustique, et notamment les differents
principes de traitement du signal.
Dans la deuxi&me partie de cet article nous verrons les aspects pratiques des
instruments, comme par exemple les exigences qui doivent etre remplies par la
Sonde d'intensite acoustique, et comment on peut eliminer le dephasage entre
les deux voies microphoniques. Le rapport signal sur bruit obtenu avec la
technique des deux microphones est considere, et I'appareillage requis pour
cette technique est discute.
Finallement, des applications caracteristiques de I'intensite acoustique dans les
domaines de la mesure de puissance acoustique et de la localisation des
sources sont montrees.

3

ZUSAMMENFASSUNG
In Teii 1 dieses Artikels (Technical Review Nr. 3 - 1982) wurde die Theorie der
Schallintensitat und die verschiedenen Methoden zur Signalbehandlung
beschrieben.
In Teil 2 werden die praktischen Aspekte der Instrumentierung untersucht, wie
die Anforderungen, die an die Konstruktion der Mikrofonsonde gestellt werden
mussen und wie sich Phasenfehlanpassungen der beiden Kanale vermeiden
lassen. Das mit der Zwei-Mikrofontechnik erreichbare Stor/Nutzsignalverhaltnis
und der notwendige Mebaufbau werden diskutiert.
SchlieBlich werden typische Anweudungsbeispiele der Schaliintensitatsmessung
zur Schalleistungsbestimmung und zur Schallquellenortung gegeben.

9. Eliminating Phase Mismatch
There exists a rather simple method to eliminate a possible phase
mismatch between the two channels, simply by calculating the average
intensity of the 2 measurements, where the second measurement is
performed with the two microphone positions interchanged. The basic
idea of the switching technique is to interchange those parts of the
measuring chains where there is phase-mismatching. Those parts have
to be interchanged at two points in the measuring chain.
Thus, to eliminate phase-mismatching of the full measuring chains, the
microphone positions have to be interchanged (point 1) and the sign of
the spectrum must be changed (for point 2). It is shown in Appendix G
that this procedure leads to the approximation error formula

fr

sin fkAr)

lr

(kAr)

cos^

(91)

It is seen from equation 9.1 that the error due to a phase mismatch is
independent of frequency and spacing, and in practice becomes
negligible.
Note that in general a correction for phase mismatch is not necessary
when using B & K Sound Intensity System, since matched components
for the two channels and digital filter techniques are used.
On the other hand, when using unmatched microphones or tape recordings of the signals, correction for the phase mismatch is essential for
sound intensity calculations. For dual channel FFT-analysis, there exist
4

several correction methods and the 3 most commonly used procedures
will be discussed in the following. Mathematical treatment and further
discussion of the 3 procedures is found in Appendix H.
For the TRANSFER FUNCTION METHOD the calibration of the microphones is accomplished by mounting both microphones on a plate that
can be rigidly attached to the end of a duct. The two microphones are
then assumed to be exposed to the same sound field. The transfer
function KAB between the two channels is then measured and used for
correction of all subsequent measurements, since KAB contains information of phase and amplitude differences between the two channels.

SpiP2

S

^—
l ^ l ' KAB

=

(9.2)

where S P l P 2 is the cross-spectrum of the sound field
SAB
is the measured (FFT calculated) cross spectrum
2
and
\HA\ is the gain factor of channel A.
Calculation for this method is easy, but it is difficult to determine KAB
over a wide frequency range due to resonances of the duct system.
Typically, this method is valid up to 4 kHz. Furthermore calibration
must be periodically repeated on account of drift problems.
The advantages and disadvantages of interchanging the microphones
during the measurement, also called the MICROPHONE SWITCHING
METHOD are just the opposite of those of the transfer function
approach.
(S'AB)*

[SAB-

P
S

PIP2
lP2

=

/

n

^ "

\/\HA\2.\HB\2

9

'3)

Eqn.(9.3) shows that it is the geometrical mean of the two cross spectra
that is used instead of the arithmetic mean. Calculation of the intensity
by the use of this method is more complicated because complex
multiplication and square root extraction is required. Besides the
measurement time is increased by a factor of two. However, no further
calibration is needed and the above mentioned frequency limitations
are eliminated for this method.
A third method, the MODIFIED MICROPHONE SWITCHING METHOD is
a compromise between the two methods described, utilizing the advan5

tages of both methods, so that broad band measurements are carried
out in a shorter measurement time.

10. Dynamic Range and Signal to Noise Ratio
Normally signals representing sound pressure will be contaminated by
noise, predominantly, from microphones or preamplifiers.
By use of the two microphone technique extremely low sound pressure
levels can be measured, since uncorrelated noise in the two channels is
cancelled. Consequently, the dynamic range of an intensity meter is
larger than for the corresponding sound level meter. In practice this is
only true for relatively high frequencies, due to the influence of the time
integrator.
The spacing A r between the microphones is a scaling factor, since the
output of the intensity meter is proportional to the microphone spacing
(equation 4.1). Hence a choice of a larger spacer improves the signalto-noise ratio.
At low frequencies where the difference between two nearly equal
pressure signals is used for the calculations of the particle velocity, the
signal to noise ratio will be poor. In fact, it is seen from equation 4.2
(Technical Review No.3-1982) that the dynamic range is proportional
to the frequency.
11. Probe Design
In the probe design there are several requirements which must be
fulfilled. The ideal intensity probe should consist of 2 microphones with
identical phase response and have a flat amplitude response as a
function of frequency. Furthermore the presence of the probe should
disturb the sound field as little as possible. The shadowing effect of one
microphone on the other microphone should also be minimized for all
frequencies of interest. Finally, the effective acoustical separation
distance must be constant and frequency independent, since this distance is a scaling factor.
Possible microphone configurations take 3 main forms, which normally
are termed "face to face" "side by side" and "back to back" (see
Fig.16).
Investigations have shown that a "face to face" probe configuration
with a solid spacer between the two microphone grids gives the best
6

Fig. 16. Different

probe

configurations

performance and therefore is the best choice. (Ref. [21], [23], [29] ).
This configuration (shown in Fig.17) produces between the cylindrical
spacer and the diaphragm of each microphone a small volume which is
acoustically coupled to the sound field via the slits in the microphone
grid. Thus the incident sound field activates the diaphragm only via the
peripheral slits.

Fig. 17. Sound Intensity Probe Type 3519 showing the two 1/2" microphones separated by the 12 mm spacer. The 1/4"
microphones
are separated by the 6 mm spacer
7

A small change in sensitivity of the microphones with and without the
spacer in front of the grid has been taking into account, when adjusting
the B & K Sound Intensity Analyzer, for intensity measurements.
The amplitude response measurement for the probe consisting of 2
free field corrected pressure microphones has been carried out using
B & K FFT-Narrow Band Analyzer Type 2031. The distance between
sound source and microphone probe was 1,5 m and plane progressive
waves assumed in an anechoic chamber. The variation in amplitude
response is shown for 0° incidence in Fig.18. The two upper curves
show the response for the 2 microphones as they are mounted in the
probe. These curves show a nearly flat frequency response for both
microphones which of course is desirable but on the other hand not
essential. The lower curve shows the difference between these two
curves and leads directly to a part of the shadow effect error from the
probe, pe - PA is less than 0,5 dB for all frequencies of interest.

Fig. 18. Free field responses. The pressure at the two microphones,
denoted by PA and ps, was measured with the probe aligned
along the direction of sound propagation and the difference PB
- PA determined
8
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Fig. 19. Free field responses. The pressure at the microphones measured with the probe aligned perpendicular to the direction of
sound propagation

Fig. 20. Set-up for measurement

of phase

mismatch
9

As another example, sound incidence of 90° is used, and Fig.19 shows
the reflection from one of the preamplifiers around 7,5 kHz, though it
should be noted that the most important curve PB - PA is still rather
independent of frequency.
The microphones supplied with the probe are paired on the basis of
results of phase-matching measurements in a pressure chamber (see
Fig.20). A typical calibration chart for Condenser Microphone Cartridge
Pair Type 4177 is shown in Fig.21. Note that the two curves are from
two relative measurements, the second measurement performed with
the two microphones interchanged. This procedure improves the resolution of the calibration by a factor of 2. Also any influence due to a
possible cartridge capacitance deviation will be suppressed by this
calibration method.

Fig. 21. Typical calibration
pair 4177

chart for Condenser

Microphone

Cartridge

Since the microphone separation is a scaling factor, it is very important
that the effective acoustical separation between the microphones is as
frequency independent as possible. Here again the face to face (slit
grid) configuration shows the best performance especially above 2 3 kHz. The solid cylindrical spacer between the microphones forces the
sound fieid to be sampled through the slits of the protection grid, and
hence also "forces" the acoustic distance to be rather well defined. In
fact variations in the effective separation express the disturbance of
the phase curves of the microphones due to diffraction and scattering
phenomena. The measurement set-up is shown in Fig.22. Fig.23 shows
the variation of the effective microphone separation about the nominal

Fig. 22. Set-up for measurement

of effective microphone

separation

value of 12 mm as a function of frequency for the 2 most commonly
used configurations - the side by side and face to face.
Apart from fulfilling the obvious specifications, the design of the
intensity probe should facilitate quick calibration (microphones should
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be readily separable for use
be relatively easy to change
the microphone separation
taken into consideration in
Fig.17.

with pistonphone). Furthermore, it should
the microphones between V2" to 1 /4" and
distances. All these facilities have been
the construction of the probe shown in

Fig.24 shows the frequency range for the various microphones and
spacer configurations for a measurement accuracy of ± 1 dB. The
number of 1/3 octave bandwidths is given by
BW(±-\dB)^3log2(M4v)-^

(11.1)

As can be seen, the useful frequency range depends only on the degree
of phase matching <p independent of the microphone spacing.

Fig. 24. Frequency range for the various microphone and spacer
figuration for a measurement accuracy of ± 1 dB

con-

12. Instrumentation Techniques
Three different types of instrumentation exist today for intensity calculations, all based upon the use of two closely spaced microphones:
1. Using small transportable analogue based instruments, where the
intensity is measured over broad band (e.g. linear, A-weighted) or in
octaves.
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If only the overall level is needed, or when working on large
machines which are difficult to move about, a small analogue meter
might be the best choice - and the cheapest.
Today, the problem of matching analogue filters has largely been
overcome, but normally the calculation can only be carried out in
one band at a time.
2. Dual channel FFT-analysis, where the intensity is calculated from
the imaginary part of the cross-spectrum function, can be used
where there is a need for very narrow band resolution and where
the blockwise analysis is no limitation (e.g. for analysis of stationary
signals).
3. By using digital filter techniques, which permit evaluation of the
intensity by the use of a double digital filterbank operating in real
time with normalized 1/3 octave and 1/1 octave filters, (see Fig.25).
The Bruel & Kjaer Sound Intensity Analyzer Type 2134 is based upon
this principle.

Fig. 25. Octave and 1/3 octave filter characteristics
Analyzer

of the 2134 Intensity
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For fluctuating signals (often encountered in acoustics) and where
speed is of importance the real time digital filter analyzer is the best
choice.
Digital filter techniques are described in Ref.[14], [15], [16], [17] and
[30]. The design of the digital time integrator is discussed in
Appendix I.

13. Applications
13.1. Sound Power Determination
One of the principal applications of sound intensity measurements is
the determination of sound power radiated by sound sources. In fact,
the radiated sound power can be determined from intensity measurements on a suitable surface enclosing the source, since the intensity
describes the power passing through an area.

W = j IT. dA =\ | ln. dA

(13.1)

The integration (or in practice the summation) over the above-mentioned enclosing surface of the intensity component normal to the
surface, lm will directly give the power of the source, Lw (see Fig.26).

Fig.

14

26. Calculation
of
Measurements

sound

power

from

Sound

Intensity

Some of the advantages of using intensity rather than sound pressure
measurements for determining sound power are:
1.

There are no restrictions upon the sound field which implies that the
measurements can be performed in any room. On the other hand,
the sound power emitted by a source may depend on the impedance of the environment.

2.

Measurements can be carried out in the near field as well as in the
far field. Nearfield measurements improve the signal to noise ratio
and require less space, but the number of measurement points may
have to be increased.

3. There are no restrictions upon the enclosing surface. Any shape
can be used.
4. The method excludes any influence from contaminating
fields.

sound

In the case where a sound source is placed outside the enclosing
surface the net flow through the surface from this source is zero
(Gauss' theorem). Thus the background noise will be eliminated from
the sound power measurement, which means that the sound power of
individual parts of large machines can be measured by the use of the
intensity method (Fig.27).

Fig. 27. Acoustic source not situated within the enclosing surface. This
is Gauss' Theorem and is valid provided there is no absorption
within the enclosing
surface
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This is of great importance when measurements are performed on, for
example, gearboxes or pumps, which normally must be driven by
motors and loaded as under normal conditions to obtain realistic
results, Ref.[31].
As an example, measurements were performed on a motor and a pump
coupled together (see Fig.28). The total radiated Sound Power from the
system was 87,7 dB(A), while the Sound Power from the unloaded
motor was 65 dB(A). In this case there was no doubt that the pump was
the cause of the high level noise.

Fig. 28. Sound Power Measurements of a motor and a pump coupled
together. Note the grid which is used for easy determination of
the measurement
points

On the other hand, intensity measurements revealed that the radiated
Sound Power was 85,8 dB(A) from the motor and 83,2 dB(A) from the
pump, when the two units were coupled together. The explanation is
that the motor acts as a loudspeaker for the pump via the coupling.
(Ref.[26]).
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Another application example is discussed in Ref. [25]. In this case
measurements were performed on a large labelling machine in the
tapping hall of a brewery, where a high level of background noise was
present.
It should be noted that sound power determination, wherever possible,
should be carried out using sound pressure measurements. This is
because:
1.

In general intensity method requires more measurement points than
the corresponding sound pressure method, because of the added
complexity of the intensity sound field. In practice this is a minor
problem when using a real time analysing system.

2. Today (late 1982) there exist no national or international standards
for intensity method of sound power determination.
3. The use of different spacers for the intensity probe is required to
cover more than 5 octave bands within an accuracy of ± 1 dB.

13.2. Noise Source Location
The second main application of sound intensity measurements is noise
source location, or detection of "acoustic leaks" in structures. Several
methods can be used:

1. Comparison
Method
One method is to sweep the probe in 0° positions, i.e. perpendicular to
the surface, back and forth close to the surface whilst watching the
display screen.
When an area with high intensity level is discovered, the spectrum can
be stored and the investigation continued. A further spectrum is stored
and compared with the previous one. In this manner the most serious
offender can be singled out for further investigation.

2. Continuous Sweep Method
A second method, the "continuous sweep" method, utilises the sharp
minimum in the directional characteristics of the probe, (the probe in
90° position, i.e. parallel to the surface), see Fig.5 in Technical Review
No.3 - 1982.
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A passage of the source through the minimum in any octave or 1/3
octave band is indicated on the Display Unit Type 4715 by a rapid
change in the brightness of the corresponding bar on the display
screen showing a change from "positive" to "negative" intensity and
vice versa (see Figs.29 and 30).

Fig. 29. Continuous sweep method for locating sources. As the median
plane of the probe is swept past the source, the intensity
spectrum shown on the display changes in brightness,
indicating that the intensity is now incident from the rear hemisphere
of the probe and not the front
hemisphere
3. Intensity Mapping
For intensity mapping the area of interest is broken down into a grid,
and the normal component of the intensity vector is measured at each
point on the grid (Fig.28). The spectra obtained are then entered into a
computer or calculator (for field measurements into the Digital Cassette Recorder Type 7400, see Fig.31) which through the use of an
interpolation method converts the data into maps of intensity across
the entire grid for each frequency band of interest. Various methods
can be used to represent these maps; one is to plot equal-intensity
contours, another is to use 3-dimensional contours. An equal-intensity
contour map is shown in Fig.32, which shows the variation in intensity
close to the surface of the engine cover of a van (Ref. [19]).
18

Fig. 30. Continuous sweep method for locating sound sources on a
small lathe. As the median plane of the probe is swept past the
source, i.e. the pulley and gear housing, the
mid-frequencies
of the displayed intensity spectrum change in brightness
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Fig. 31. Data storage on Digital Cassette Recorder Type 7400. One
cassette contains more than 1200 third octave spectra or 2400
octave spectra
To make it easier to distinguish between "positive" and "negative"
intensity contours different colours are used. The red colour indicates
"positive" intensity and the blue colour "negative" intensity.
The same data are presented in 3-D plots in Fig.33 and Fig.34; "positive" and "negative" intensities are shown separately in 2 plots.
The term "positive" intensity is used where a net flow of acoustic
energy is emitted from the surface of a machine, in which case work is
done upon the air. Such a surface is often called a sound source.
A sound sink is defined as the surface where "negative" intensity is
located. In this case it is the air which does work upon the surface,
since "negative" intensity indicates a net flow of acoustic energy
towards the surface. As shown in Fig.32, Ref.[19] it is quite possible to
find sources and sinks beside each other on the same machine.
The reason might be that for very close measurements, e.g. only a
fraction of a wavelength, from the surface of a vibrator, not all the
waves would be propagating waves. Some are evanescent waves,
whose amplitudes decrease exponentially with distance from the
20

Fig. 32. Equal intensity contour map measured with 12 mm spacer over
the engine cover of a VW-van at 315 Hz
source. In highly reactive sound fields, e.g. close to a vibrator, also
circulating energy flow would be found, that is, energy which may leave
a part of the vibrating surface only to turn around quickly, within a
wavelength, and flow back into another part of the surface. The energy
is then returned through the vibrator back to the "source" area. (Ref.
[20, 32]).
This clearly demonstrates that sometimes maps of intensity must be
interpreted with caution. In general the spatial resolution must be
smaller than the wavelength of sound, but to avoid influence of the
evanescent waves, below the coincidence frequency, the spatial resolution must also be larger than the wavelength of the vibrator. Furthermore, one must perform a space-time-averaging, by letting the probe
sweep back and forth over the surface element during the measurement time, instead of performing point measurements (Ref.[18]).
21

Fig. 33. 3-D plot of normal intensity over the engine cover at 315 Hz.
Only "positive" intensity, that is where the acoustic
sources
are located, is shown

Fig. 34. 3-D plot of normal intensity over the engine cover at 315 Hz.
Only "negative" intensity, that is where the acoustic sinks are
located, is shown

13.3. Sound Absorption
in-situ measurements of sound absorption coefficients can be mentioned as a third application example. The absorption coefficient is
defined as the ratio between the absorbed sound energy to the incident
sound energy. The absorbed energy can be determined from the
22

average value of the intensity distribution over the absorbing surface.
The incident energy can be estimated from sound pressure measurements in the room (Ref. [21]). For example in a reverberant room
equation 2.3 (Technical Review No.3.-1982) can be used for estimating
the incident energy.

13.4. Sound Reduction Index
As a last application, it can be mentioned that transmission loss (Sound
Reduction Index) measurements can be performed with the use of only
one reverberation room instead of a transmission suite (Ref. [27]).

14. Conclusion
To summarize, the B & K 2 channel Real Time Sound Intensity Analyzing System Type 3360 based upon digital filtering techniques opens
new horizons for acoustical measurements. The instrument operates
both in sound pressure mode (from 1,6 Hz to 20 kHz third octave centre
frequencies) and sound intensity mode (from 3,2 Hz to 10 kHz third
octave centre frequencies).
For many applications there is a distinct advantage in measuring the
vector quantity, sound intensity, rather than the scalar quantity, sound
pressure.
Traditional sound pressure measurements register noise levels at the
receiver (the effect), but only sound intensity measurements are able to
reveal where the sound is coming from (the cause).
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APPENDIX G
Phase Mismatch, Correction Procedure
Interchanging microphones
A

1

ir,s =j(ir-

A

1

=

IV

A

A

-(\lr\+\l'r\)

sin (k Ar — <p) + sin (k Ar + \p)

1
" 2

A

r

kAr

, sin (kA r)
kAr
where <p is the phase mismatch. The error is less than 0,1 dB for <p= 12°

APPENDIX H
FFT-Corrections and Calibration Methods
The basic relation used for all calculations is
S

AB

=

S

p^p2

' HA

-HB

(H-1)

where SAB is the "measured" cross-spectrum or the FFT-calculated
cross-spectrum. S P i P 2 is the cross-spectrum of the sound field at the
position of the 2 microphones. This means that in eqn. D.13 (see
Technical Review No.3-1982), the quantity SAB should be written in full
form Sp^Pr HA and HB are the transfer functions of the two measuring
channels.
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H.1 Transfer Function Approach
If the same sound field is applied to the two microphones (e.g. by use
of a duct as shown in Fig.HI) we obtain
S

AB

=

S

pp • HA ' HB

(H-2)

The measured autospectrum from channel A is
$AA

=

Spp ■ HA . HA

(H.3)

Hence we have
AB

" SAA " HA

(H.4)

The ratio between the transfer functions of the 2 channels is simply
obtained by taking the ratio between the two measured quantities, the
cross-spectrum and the autospectrum.
It follows from H.1 and H.4 that
S

SAB

Fig. H1. Microphone

calibration

in a duct
27

S
=

AB

HA> HA . HB/HA
S

=

AB
\HA I ■ KAB

(H.5)

2

The cross-spectrum SAB between the electrical terminals has to be
corrected for the transfer function KAB between the 2 channels and the
gain factor I H ^ l 2 of one of the channels, to obtain the correct crossspectrum S P l P 2 of the sound field.

H.2 Microphone Switching Method
The measured cross-spectrum is
S

AB

=

S

PyP2 ' HA

' HB

(H.6)

If the microphone positions are interchanged, see Fig.H2, the measured
cross-spectrum is
S

'AB

=

S

P2Pi

' H* A

' HB

(H-7)

or
[S'ABJ

=

(SP2P^y

=

$P,P2-HA-H*B

'

HA

'

H B

*

(H-8)

combining H.6 and H.8 we obtain

V

\HA\

•

\HB\

Selection of the proper root is critical as this determines the indicated
direction of the intensity vector. One or more of the following physical
assumptions may be invoked:
1. The sound propagates from a known direction.
2. The phase angle of the true cross-spectrum is "small", i.e. it lies
between ± x.
3. The phase mismatch is small, hence the true cross-spectrum bisects the smaller angle between the two measured cross-spectra.
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1

J

Fig. H2. Interchanging

Microphones

Procedure

In connection with assumption 2, it should be mentioned that across a
node line in a highly reactive field the actual phase angle can be as
much as -K radians.

H.3 The Modified Microphone Switching Approach
With this method two calibrations are performed, e.g. in the previously
mentioned duct. It is not assumed that it is exactly the same sound field
that is applied to both microphones, only that the sound field is
stationary. Thus there is no limitation at high frequencies.
With the first calibration, the measured quantity is (equation H.1. used
twice)

<|=^=W«v^
S

AA

(H10)

5 p i P i ■ H*A ■ HA

According to this equation it is easy to see that the second calibration
with the microphones interchanged gives (see Fig.H2)
S

_ sp2p:

'AB

■ H*A ■ HB

=

~—
b

BB

;

(H.11)

5 p i P i - H*B.

HB

or
S

{S'ABT

K2

S

BB

=

P,P? ■H*B ■ HA
J ^ 2
_
S

PiP-\

' H*B

'

H

(H12)

B
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Combining H.10 and H.12 together, we have
y/WK^

=

(H.13)

HB/HA

This quantity inserted in the general equation H.5, instead of

KAB>

gives

Eqn. D.13 (Technical Review No.3 -1982) written in full becomes
?(r,f) = - - ? —
copAr

lm S
*

z

(H.15)

APPENDIX I
Digital Time Integrator
Unfortunately an ideal digital integrator does not exist. Due to the
importance of the phase response a very simple digital filter given by
the equation
Yn = *n+xn-\

+

Vn-^

(1-1)

has been chosen (see Fig.11).

Fig. 11. The digital
30

integrator

A calculation of the amplitude and phase gives
\H(to)\ = \cotco/2fs\
L

H(OJ)

= -90°

(1.2)

that is the required phase curve and an amplitude curve which is very
easy to correct (see Fig.12 and 13).
The only consequence of an ideal integrator and that described above,
is that if an error signal in one way or another has arisen in the
integrator, it will stay there forever, and therefore the integrator has to
be cleared before a measurement is started. Note that when the
intensity is selected on the 3360, the integrator is cleared automatically.

Fig. 12. Amplitude

and phase response of the digital

integrator
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Fig. 13. Amplitude
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and phase response

of an ideal time

integrator

FLUTTER COMPENSATION OF TAPE RECORDED SIGNALS
FOR NARROW BAND ANALYSIS
by
Jorgen

Friis
Michaelsen
and
Nis
Moller

ABSTRACT
Fluctuations in tape speed of tape recorders cause distortion of recorded and
reproduced signals known as flutter. The effect of flutter is seen as noise in the
low frequency range below 100 Hz, and as sideband components located around
the main data frequency components due to frequency modulation. This article
shows how these components are suppressed using a specially developed plugin module when the tape recorder Type 7005 is used in conjunction with the High
Resolution Signal Analyzer Type 2033. Results obtained using this module are
also illustrated.
SOMMAIRE
Les variations de la vitesse d'entrainement de la bande sur les enregistreurs
magnetiques causent une distorsion des signaux enregistr£s et lus connue sous
le nom de scintillement. Le scintillement est pergu sous forme de bruit dans la
gamme des basses frequences en dessous de 100 Hz, et sous la forme d'harmoniques situes autour de la composante en frequence de la donnee principale
par suite de la modulation de frequence. Cet article montre comment ces
composantes sont supprimees par un module enfichable specialement developpe pour etre utilise avec Tensemble de mesure Enregistreur magnetique
Type 7005/Analyseur de frequence haute resolution Type 2033. Les r^sultats
obtenus en utilisant ce module sont £galement illustr£s.
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ZUSAMMENFASSUNG
Fluktuationen der Bandgeschwindigkeit bei Magnetbandgeraten rufen Verzerrungen des aufgezeichneten und wiedergegebenen Signals hervor und werden
als Gleichlaufschwankungen (Flutter) bezeichnet. Sie zeigen sich als Storsignale
im Tieffrequenzbereich unter 100 Hz sowie als durch Frequenzmodulation entstandene Seitenbander der Hauptfrequenzkomponenten. In diesem Artikel wird
gezeigt, wie sich diese Komponenten mit Hilfe eines speziell entwickelten
Einschubmoduls unterdrucken lassen, wenn das MeBmagnetbandgerat 7005 in
Verbindung mit dem Schmalbandanalysator 2033 eingesetzt wird. Ebenso werden Ergebnisse der Anwendung des Moduls gezeigt.

Introduction
For years instrumentation tape recorders in conjunction with narrow
band analyzers have been valuable tools for frequency analysis of
signals. Portable, battery driven tape recorders such as the B & K Type
7005, are not only ideal for recording of data in the field, but also for
keeping a permanent record of measurements. Measurements can
therefore be reproduced whenever desired, thus facilitating analysis of
field data to be carried out using sophisticated laboratory based
equipment.
However, with the advent of high resolution real time analyzers featuring the zoom technique, the natural weaknesses of the tape drive
system of tape recorders have become more evident. Fluctuations in
tape speed, result in undesired frequency modulation (flutter) which can
distort recorded and reproduced signals. To reduce the effects of this
distortion, the B & K tape recorder and systems development groups
have produced a special plug-in module which electronically compensates for tape speed variations and thus flutter.

Flutter
One of the limitations that
mechanical tolerances of
cause fluctuations in tape
ed noise modulation of
systems.

affect performance of tape recorders are the
their tape drive system. Very often these
speed, called flutter, which result in unwantthe carrier frequency with FM recording

If a pure sinewave signal is recorded with an FM tape recorder and it is
assumed that only one sinusoidal flutter component is present, then the
reproduced output after demodulation will be:
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e 0 = a cos ojft +
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(1 — a cos co f t) sin ( c j d t
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=
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BCOA
f

sin co f t)

fractional flutter
27rff (ff is the flutter frequency)
27rfC| (f d is the data frequency)
carrier frequency
frequency deviation of carrier

To the original demodulated sine wave
tape drive system adds three terms:

Afc

sin co d t the flutter of the

c

1) (a cos cjft) is a noise component due to flutter modulation of the
carrier and is independant of the data frequency
2) (1—a cos coft) is the amplitude modulation of the data due to flutter.
The influence of this component is usually small and therefore can
be neglected.
a cod
3) — — s i n coft represents the frequency modulation of the data due
to flutter and results in side-band components located on either
side of the main data frequency component. These are separated
by ff and have magnitudes derived from Bessel functions of Aff/f c .
The effect of the above components on the frequency spectrum of
reproduced data may be represented schematically as shown in Fig. 1.
In the following the effects of the noise and frequency modulation

Fig. 1. Frequency spectrum of the demodulated output of an FM tape
recorder showing the influence of flutter
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components (1) and (3) will be considered. In addition, suitable compensating techniques for suppressing unwanted interference caused by
these components will be discussed.

Practical Influence of Flutter
As an example of the influence of flutter on frequency analyses,
measurements were carried out on a B & K Instrumentation Tape Recorder Type 7005. With this recorder the inherent flutter weighted in
accordance with DIN 45 507, is less than 0,06%, which is typical, if not
better than most commercially available portable instrumentation tape
recorders. This is borne out by the narrow-band analysis shown in
Fig. 2 which was measured using the B & K High Resolution Signal
Analyzer Type 2033.

Fig. 2. Narrow band analysis of FM record-reproduce
noise produced
by Tape Recorder Type 7005 showing influence of flutter
The modulation noise caused by the inherent flutter of the 7005 can be
seen by comparing Figs. 3 and 4. Fig. 3 shows the narrow band frequency spectrum of a 1 kHz sine wave reproduced by one of the FM
Channels of the Recorder with its FM Modulator and Demodulator
directly interconnected (i.e. bypasses the recording tape and tape drive
system of the recorder), while Fig. 4 shows the same signal but when
recorded and reproduced via tape. To obtain a more detailed view of
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Fig. 3. Narrow band analysis of 1 kHz sine wave reproduced via one of
the FM channels of a Tape Recorder Type 7005, but bypassing
the tape drive and recording tape.

Fig. 4. Narrow band analysis of on-tape 1 kHz sine wave showing
influence of FM record-reproduce
flutter with Tape Recorder
Type 7005
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Fig. 5. Expanded narrow band analysis of on-tape 1 kHz sine
showing influence of FM record-reproduce
flutter with
Recorder Type 7005

wave
Tape

the side band components around 1 kHz, a x 10 Zoom capability of the
2033 Analyzer can be used. A typical spectrum obtained with such a
zoom for a 1 kHz sinusoidal signal is shown in Fig. 5.
From the above it can be seen that even with tape recorders of the very
best quality, flutter can limit the resolution obtained with narrow band
analyses, particularly where investigation of low level signal components is involved.
Flutter Compensation
In order to limit the effects of record-reproduce flutter, several means
of electrical compensation are available. The first of these is to record
a fixed frequency reference carrier of 54 kHz (for use with tape speed
of 381 cms/s)on tape via a separate channel, which on playback can be
demodulated and subtracted from the reproduced data. It is this method which is provided with the 7005 and is useful for suppressing the
flutter noise component a cos wft (i.e. ff in Fig. 1, noise component not
related to data frequency) previously specified. With flutter components
produced by external movement and vibration of the recorder, as much
as 30 dB of suppression can be obtained. However, where inherent
flutter is concerned, the maximum suppression is normally not as great.
Compare Figs.4 and 6 for frequency components below 100 Hz.
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Fig. 6. Narrow band analysis of on-tape 1 kHz sine wave reproduced
with FM Flutter Compensation selected on Tape Recorder Type
7005.

Another means of flutter compensation is available using the external
sampling facility of the High Resolution Signal Analyzer Type 2033. For
this purpose a special Sampling Frequency Module WB 0722 has been
developed. This plugs into one of the channels of the 7005 and is used
for recording an accurate 51,2 kHz (at tape speed of 381 cms/s) reference frequency on tape, which on playback to the 2033 facilitates
sampling at a constant rate per tape length. Fig. 7 shows the principle
of the set-up used.
The 51,2 kHz reference corresponds to the sampling frequency of the
highest frequency range (0 to 20 kHz) of the 2033. For correct sampling
with the other frequency range settings of the 2033, corresponding
settings may be selected on WB 0722 which divide the frequency of the
reproduced reference accordingly.
Often data containing low frequency signals, are recorded at
38,1 cms/s and played back at 381 cms/s. In this case a reference
frequency of 5,12 kHz is recorded on tape which is automatically
transformed to 51,2 kHz on playback at 381 cms/s.
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Fig. 7. Use of Sampling Frequency Module WB 0722 with Tape Recorder Type 7005 to facilitate flutter compensation with aid of the
external sampling facility of Signal Analyzer Type 2033

A narrow band analysis obtained using the above method of sampling
frequency flutter compensation, is shown in Fig. 8. Comparison with
Fig. 4 shows that it is capable of providing as much as 20 dB suppression of unwanted side-band components produced by flutter, thus
enabling very low amplitude signal components to be accurately
analyzed.

Fig. 8. Narrow band analysis of on-tape 1 kHz sine wave using the
external sampling facility of Signal Analyzer Type 2033 for
flutter
compensation
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Fig. 9. Narrow band analysis of on-tape 1 kHz sine wave with FM flutter
compensation by Tape Recorder Type 7005 plus the sampling
facility of Signal Analyzer Type 2033

In Fig. 9 is shown a narrow band analysis obtained using both the
above methods of flutter compensation simultaneously. To save recording two separate references only the sampling frequency reference
need be recorded for operating the flutter compensation and external
sampling facilities of the Recorder and Signal Analyzer. For this purpose the Sampling Frequency Module WB 0722 should be employed
with channel 2 of the 7005. A minor disadvantage is that reproduced
data will be offset by a small DC voltage owing to sampling frequency
not being identical with the carrier frequency used for recording.
To conclude it can be seen that the above techniques provide a
significant reduction in broadband noise and modulation noise with
tape recorded data, thus greatly expanding the uses of Tape Recorder
Type 7005 in the field of high resolution, narrow band frequency
analysis.
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News from the Factory
Digital Stroboscope Type 4913 and Fibre-Optic Source Type 4915

The Digital Stroboscope Type 4913 is a stroboscopic motion analyzer/
tachometer and includes a built-in digital display for accuracy and
versatility. Using its high intensity, hand-held flash source, a stationary
or slow moving image of all kinds of rapid repetitive motion can be
obtained, making it extremely easy to observe the precise behaviour of
vibration test components, engines, machines etc. whilst actually in
motion.
The 4913 may be synchronized with motion frequencies as high as
10 kHz (600 k r/min) and can be triggered from an internal generator,
power line or external source such as a contact-free tachometer probe.
Separate modes with adjustable time and phase delay permit precise
measurement and observation at any required point in the motion cycle
and a "Slow Motion" mode enables objects to be viewed with an
apparent motion frequency of 0,05 to 5 Hz.
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A microprocessor ensures the calculation of true Leq or SEL values at
intervals of 0,5 s, and the user is able to switch between the two
calculations during measurement, the results being directly displayed
with a resolution of 0,1 dB. A Pause switch permits spatial integration
of sound pressure level.
The large digital
addition to the
overload, under
ments) and A or
tape or paper.

display makes reading errors virtually impossible. In
31/2 digits, the display indicates six other symbols:
range, battery state, time exceeded (L eq measurelinear weightings. An AC Output allows recordings on

The Types 2221 and 2222 are used for assessment of fluctuating or
cyclical noises (L eq ), and for assessment of single noise events (SEL) or
max levels (Max Hold).
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Furthermore, back copies of the Technical Review can be supplied as
shown in the list above. Older issues may be obtained provided they
are still in stock.
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ADDENDUM
The following text was inadvertently omitted from the article Sound
Intensity (Part II. Instrumentation & Applications) printed in Technical
Review No.4-1982. The text should be inserted after Appendix H.1,
page 28.
Note that calibration by use of a duct as shown in Fig.HI is not
recommended by Bruel & Kjaer. The method is very difficult to perform
and might even lead to erroneous results, if great care is not taken.
This is due to the position of the ventilation of the microphones.
For the Bruel & Kjaer method as indicated in Fig.20, page 9, the
ventilation of the microphones is inside the calibration chamber, when
Bruel & Kjaer preamplifiers Type 2633 are used. Also note that the
microphones B & K Type 4178 are sidevented, whereas the microphone
B & K Type 4177 are backvented. See the figure below.
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Acoustic Calibrator
for Intensity Measurement Systems *
by Erling Frederiksen

Abstract
A description is given of an acoustic calibrator for intensity measurement
systems which use microphones of the pressure principle. The calibrator
produces signals corresponding to those detected by intensity probe microphones when the probe is placed in a free progressive sound wave with
either 0° or 90° incidence.
In the 90°-mode the signals of the calibrator are equal with respect to
magnitude and phase. This mode can be used for pressure-sensitivity calibration of intensity systems and for measurement of residual intensity index. Calibrators supplying this type of signals have previously been described in the literature.
However, for a more rigorous calibration it should be verified that the
system responds correctly also to a phase difference between the sound
field signals when this differs from zero. Therefore this calibrator has also
the 0°-incidence mode. In this mode the calibrator signals are equal to the
signals at two points in space within a free progressive sound wave. The
phase difference corresponds to a certain distance between the points
which means that it is proportional to frequency. The signal magnitudes
and the phase difference have revealed high stability and calibration accuracy of 0,1 dB is possible. The calibrator can also be used for particle velocity calibration.

Sommaire
Tout d'abord la description d'une source sonore étalon pour les systèmes
de mesure d'intensité acoustique par microphones sensibles à la pression

* First published in Internoise 1987
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est donnée. Cette source produit des signaux correspondant à ceux qui
sont détectés par les microphones des sondes, lorsque la sonde est exposée
à une onde sonore progressive libre avec une incidence de 0 ou de 90°.
Dans le mode 90°, les signaux de la source sont identiques en amplitude
et phase. Ce mode peut être utilise pour l'étalonnage de sensibilité en pression des systèmes d'intensité et pour les mesures d'index d'intensité résiduelle. Des sources délivrant ce type de signal ont déjà été décrites dans la
littérature.
Cependant, pour un étalonnage plus rigoureux, il faut vérifier que le système répond correctement lorsqu'il y a une différence de phase entre les
deux signaux. C'est pour cela que la source dispose d'un mode 0°, où les
signaux provenant de la source sont identiques aux signaux engendrés en
deux points de l'espace par une onde sonore progressive libre. La différence de phase correspond à une distance donnée entre les points, et elle est
donc proportionnelle à la fréquence. L'amplitude des signaux et les différences de phase ont révélé qu'une très grande stabilité et qu'une précision
de 0,1 dB sont possibles. La source peut aussi être utilisée pour les étalonnages de vitesse particulaire.

Zusammenfassung
Es wird ein akustischer Kalibrator für Intensitätsmeßsysteme mit
Druckmikrofonen beschrieben. Das vom Kalibrator erzeugte Signal entspricht dem von einer Intensitätssonde aufgenommenen, wenn sich dieses
in einem freien Schallfeld mit 0°- oder 90°- Einfall befindet.
Beim 90°-Betrieb erzeugt der Kalibrator Signale, die nach Betrag und
Phase gleich sind. Hiermit läßt sich der Druckübertragungsfaktor des Intensitätsme#systems kalibrieren sowie der Remanenz-Intensitätsindex
bestimmen. Kalibratoren, die diese Signalart erzeugen, wurden bereits
früher in der Literatur beschrieben.
Für eine strengere Überprüfung der Kalibrierung sollte auch das Verhalten bei Signalen, die eine unterschiedliche Phasenlage besitzen, untersucht werden. Hierfür besitzt der Kalibrator den 0°-Betrieb. Hier erzeugt
der Kalibrator Signale, die den Signalen an zwei räumlich verschiedenen
Stellen einer sich frei fortpflanzenden Schallwelle entsprechen. Die Phasendifferenz entspricht einem gegebenen Abstand im Raum, d.h. sie ist
frequenzproportional. Der Betrag und die Phasendifferenz der Signale
sind hochstabil und eine Kalibriergenauigkeit von 0,1 dB ist möglich. Der
Kalibrator läßt sich auch zur Teilchenschnelle-Kalibrierung einsetzen.
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Introduction
Today measurement of sound intensity has proved its usefulness for noise
analysis. Instruments are constantly improving, but as they are quite complex many users have desired means of calibration to gain further confidence in their measurement results.
Most systems use pressure microphones and practically all field calibrations made today are pressure calibrations of the system channels. In fewer
cases the channels are also tested for equality of their phase responses usually at one frequency only.
An acoustical calibrator for a far more extended calibration has been
developed. According to known principles it can be used for pressure level
calibration at 250 Hz and for phase check by measurement of residual intensity index between 10 Hz and 5 kHz.
In addition to these features the calibrator has an extra operation mode
in which it produces signals for calibration of intensity and particle velocity sensitivity of instruments operated in these modes. This new mode is
the main theme of this paper.

Operation Principle of Intensity System with Pressure
Microphones
Most measurement systems which employ pressure microphones determine the instantaneous values of particle velocity, u(t) and of the sound
intensity, I(t) in accordance with the following expressions:

P1(t), p2(t):
ǻro, ȡo:

instantaneous values of the pressure signals
system parameters for microphone distance and air density

For sinusoidal signals the measured values of the particle velocity,
u [rms] and of the time average value of sound intensity, Ʈ become:

Ʈ =
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P1 P2 sin φ
ω ρ o Δ ro

P1, P2: rms-values of the sinusoidal pressure signals
φ, ω: phase angle between the pressure signals and angular frequency

Operation of the Sound Intensity Calibrator
The formulae above show that the measurement results are functions of
four signal parameters. Therefore a calibrator has to produce signals for
which these parameters are stable as functions of time and perform in a
predictable way under common environmental conditions.
A calibrator which statisfies these requirements has been developed. It
consists of a sound source and of a special coupler with two cavities, (a)
and (b), see Fig. 1. The cavities have ports (1, 2 and 3) for connection of
intensity probe microphones. One of the cavities (a) is directly connected
to the source while the second cavity (b) is coupled to (a) via an acoustical
coupling element which contains a resistance and a mass in series
connection.
At low frequencies the acoustical network formed by the coupling element and by the compliance of cavity (b) creates cavity signals with a
phase difference which is proportional to frequency and with magnitudes
which are nearly equal. These properties exactly comply with the pressure
at two points in a space where a plane sound wave is propagating. Thus for
a pressure microphone probe the calibrator can simulate a free field wave
with definable levels of sound pressure, particle velocity and intensity.
The coupler has been designed to create a phase difference corresponding to that valid for 50 mm microphone distance with an angle of zero degrees between the probe axis and the wave's propagation direction. The
coupler properties are independent of the choice of sound source but a well
defined source is needed for sensitivity calibration, therefore a piston-

Fig.1. Principle of the intensity calibrator. The microphones are placed in the ports (1)
and (3) for calibration of intensity sensitivity
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Fig.2. Model of the calibrator driven by the pistonphone with values valid at 1013 mbar
and 20° C. The microphones are placed in the ports (1) and (3) for intensity or velocity
calibration

phone, B & K Type 4220 was chosen for operations of this mode. See a
model of the calibrator in Fig. 2.
The magnitude and phase differences between the pressure of the cavities, (b)-(a) have been measured and calculated, see Fig. 3 which also
shows that within the range from a few Hz to about 500 Hz the phase difference between the ports is nearly equal to the free-field phase lag for
points 50 mm apart. When driven by a pistonphone at 250 Hz the sound

Fig. 3 Magnitude difference (1) and phase difference (2) between the pressure of the
calibrator cavities, (b)-(a) were measured (curves) and calculated (points). The dotted
line (3) shows the free-field phase lag for points 50 mm apart at 20° C
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pressure levels of the cavities are nominally 118 dB therefore the particle
velocity and intensity levels are also close to this value.
Due to the phase linearity with frequency the levels are not critical with
respect to frequency. At 250 Hz the slopes are as small as + 0,7 x 10-3 dB/
Hz for intensity and + 1,5 x 10-3 dB/Hz for velocity.

Environmental Influences
The pressure and intensity levels as functions of the ambient pressure
were measured with an FFT-analyzer and together with the particle velocity level they were also calculated by use of the model. The results are
listed in the table below.
Attention should be paid to the agreement between the measured and
the calculated results and to the fact that the intensity level is practically
independent of the ambient pressure. Notice that the pressure level follows
the ambient pressure (last line of the table) while the particle velocity level
shows the same changes but in the opposite direction.
By measurement and calculation the temperature coefficient of the intensity level has been found to be + 0,024 dB/°C.

Amb. pressure, pa
LI measured
LI calculated
Lp cav.(a) measured
Lp cav.(a) calculated
Lv calculated
20 log (Pa/994)

mbar
dB
dB
dB
dB
dB
dB

700
-0,12
-0,06
-2,89
-2,87
+2,93
-3,05

800
-0,07
-0,03
-1,80
-1,79
+1,82
-1,89

900
-0,02
-0,01
-0,82
-0,82
+0,83
-0,86

994
0
0
0
0
0
0

1000
+0,01
0
+0,05
+0,05
-0,05
+0,05

1013
0
+0,16
-0,15
+0,16

Notes for Application of the Calibrator
The calibrator is designed for laboratory as well as field use. The calibrator
supplies sound pressure to the microphone diaphragms only. The calibrator works correctly with the newly introduced microphone types which are
especially designed for intensity measurements and which have extremely
low vent-sensitivity.
In the calibration mode for intensity sensitivity only very small errors
will occur with ordinary measurement microphones while significant errors might occur in the mode for measurement of residual intensity index,
especially at low frequencies.
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Accuracy and Calibration of the Intensity Calibrator
Determination of the calibrator's intensity and particle velocity levels requires calibration of sound pressure, frequency and of the phase difference
between the cavities which is more simple to measure than might be expected as microphones with known phase characteristics are not needed.
Calibration can be made with any two microphones which load the coupler correctly, i.e. with 250 mm3. During the first phase measurement the
microphones are inserted arbitrarily in the ports (1) and (3) while they are
interchanged before the second measurement. The difference between the
results is twice the phase difference between the cavities. The method
eliminates a possible phase difference between the channels of the applied
phase meter. The resulting calibration levels are found by inserting the
measured values in the formulae given under the discussion of the measurement principle.
An accuracy of the intensity calibration level better than 0,15 dB is rather easy to obtain and seems relevant in practice as artificial stability tests
have given very promising results for the calibrator.

Conclusion
An intensity calibrator with a possible accuracy of 0,1 dB has been developed. The calibrator can simulate two angles of sound incidence on the
intensity probe, 0° or 90°. In the 0°-mode sensitivity of measurement systems can be calibrated while in the 90°-mode the residual intensity index
can be measured.
It might be necessary to correct the calibrator's intensity level for the
temperature but the ambient pressure has practically no influence at all.
The principle is new but the properties of the calibrator have been measured under different environmental conditions and a model has been
worked out. The good agreement between the behaviour of the calibrator
and the model shows that all significant physical effects are known.
For assistance with the experiments the author wishes to thank A.
Halfdaner.
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