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Fig. 4.1 (previous page): Prof. Jacobsen shows the ‘point source on a sphere’ calibrator. 

4.1 Summary 

This chapter is a summary of the calibration techniques that are 
available. It gives an overview on what is possible and it provides 
background information. One has to read the next chapter (chapter 4A: 
standard calibration techniques) get detailed information on calibration 
techniques that are used most common. 

The goal of acoustic calibration is to find out how much the output 
voltage is of a Microflown or microphone when a certain acoustic signal is 
applied. In other words: it has to be determined what the amplitude 
response or the frequency dependent sensitivity is. In case of a Microflown 



Calibration 

 4-3 

it is determined how many volts output per meter per second particle 
velocity input and in case of a microphone, how many volts output per 
Pascal input. In most cases the phase relation of the sensors has also to be 
determined.  

In an anechoic room, a room with sound absorbing walls, the sensitivity 
of the Microflown can be determined by comparing it to a pressure 
microphone. This is because the specific acoustic impedance (the ratio of 
sound pressure by particle velocity) is constant if the distance to the 
loudspeaker is large compared to the wavelength (and therefore the sound 
wave can be considered plane). However for lower frequencies (lower than 
100Hz), the method is difficult to use because it is impossible to get relative 
far from the source and the walls of the anechoic room are not completely 
sound absorbing at lower frequencies. This method is for laboratory use 
only and the useable bandwidth is 50Hz-20kHz.  

Close to e.g. a point source, the specific acoustic impedance of the sound 
field is known. The basis of the Near Field Calibration technique is to 
compare the Microflown response to a pressure microphone in the near field 
of a source with a known radiation. A probe-source distance in the order of 
10-50cm is recommended. In this case the (acoustic) distance probe-source 
is well defined and the Microflown overloading effect reduced. However the 
probe will not be in the near field at higher frequencies. At high frequencies 
the probe is in the far field and possible reflections will influence the 
measurement.  

If the near field setup is used in a ‘normal environment’ it is possible to 
cancel the room reflections by post processing filtering techniques. The 
impulse response is determined from the measurement and time-
windowed to cancel reflections. Practically this technique operates at 
higher frequencies only (higher than 100Hz). 

At lower frequencies the reference sound pressure microphone is put in 
the calibrator and measures the loudspeaker vibrations. The particle 
velocity field in front of the loudspeaker is used to calibrate the Microflown. 
This technique works in a 10Hz-200Hz bandwidth. Room reflections do not 
influence this measurement. 

Two near field methods are developed: the ‘monopole on a sphere’ and 
the ‘piston on a sphere’ [6]. 

A traditional method to calibrate the Microflown is the standing wave 
tube method. A Microflown is put in a tube and the amplitude response is 
determined with a reference pressure microphone at the end of the tube. 
The phase response is determined by the knowledge that the phase shift 
between sound pressure and particle velocity is 90 degrees in the tube. The 
useable bandwidth is in the order of 20Hz-4kHz. 

All above-mentioned methods rely on a calibrated pressure microphone 
and a known acoustic impedance. Both are not always available. 
Microphones are difficult to use if e.g. the temperature is very high and the 
impedance is for example non linear for high sound levels. In such cases the 
very near field method is valuable. 
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Very near to a vibrating plate the particle velocity and the plate vibration 
coincide. So if the vibration of the plate is measured by (e.g. a laser or 
accelerometer) the response of the Microflown can be determined. This is 
the basis of the very near field calibration. 

A shaker can be used as very near field calibrator but it is also possible to 
move the Microflown through the air. If the vibration of the shaker is 
measured (by e.g. a laser or accelerometer) the response of the Microflown 
can be determined.  

The following two methods are absolute calibration techniques meaning 
that no calculations and conversions have to be made. These techniques are 
not simple to execute but are used to verify other calibration techniques. 

The sound power ratio method determines the sound power over two 
different surfaces that both enclose a sound source. The sound power 
(sound intensity multiplied by the surface) should be constant. This method 
provides a very accurate phase calibration. A Laser Doppler Anemometer 
is a device that is able to measure the amplitude of the particle velocity of a 
sound wave. With such a device the sensitivity (amplitude response) of the 
Microflown can be calibrated. 

A high level calibrator is shown in chapter 14: “High sound level 
Microflown”. 

4.2 Introduction 

Calibration is one of the most important issues in (Microflown) acoustics; 
it determines the quality of the measurement. Already from the start the 
issue has been investigated [3], [10], [11] and some final results are 
published in JASA [6]. 

The goal of calibration is to find out how much the voltage output is when 
a certain acoustic signal is applied to a Microflown or microphone. In other 
words: it has to be determined what the amplitude response, or the 
frequency dependent sensitivity is. In case of a Microflown this means how 
many volts output per meter per second particle velocity input and in case 
of a microphone it means how many volts output per Pascal input. 

Apart from the amplitude response, the phase response has to be 
determined too. In general it is not important what the absolute phase 
response is of a microphone. One only needs to know the phase difference 
between sound pressure and particle velocity to determine properties of a 
sound field.  

Because a reference particle velocity microphone doesn’t exist, most 
practical calibration methods that are developed make use of a calibrated 
pressure microphone and a known acoustic environment. 

Not all measurements require the same level of calibration accuracy. For 
example, an intensity measurement in a high reactive field (where the 
sound pressure and particle velocity are almost 90 degrees out of phase) 
requires the highest level of accuracy and a reflection coefficient 
measurement on a highly absorbent material requires not a very accurate 
calibration. 
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For (relative) phase calibration a reference microphone is not needed. A 
known specific acoustic environment is sufficient to determine phase 
response of a sound pressure and particle velocity sensitive combination. 

4.3 Sensitivity of sound pressure versus particle velocity  

By tradition pressure microphones are the standard in acoustics and their 
sensitivity is given in millivolts per Pascal [mV/Pa].  

The Microflown is not sensitive for sound pressure but for particle velocity 
and the unit of particle velocity is meter per second. One Pascal sound 
pressure corresponds to quite an amount of sound (a sound level of 94dB) 
but one meter per second particle velocity corresponds to an enormous 
amount of sound (a sound level of 146dB).  

In order to be compatible to acoustic standards and to be able to 
compare the sensitivity of Microflowns and microphones, a reference level of 
1Pa* is defined. 1Pa* is the amount of particle velocity that corresponds 
with 1Pa sound pressure in a plane wave without reflections. So 1Pa* 
equals 1Pa/ρc≈2.4mm/s. 

The regular calibration methods are based on a known specific acoustic 
impedance and a reference pressure microphone. To be more precise: the 
methods are based on the normalised specific acoustic impedance, i.e. the 
specific acoustic impedance divided by ρc. So in the methods the exact 
value of ρc is not known. It is therefore more appropriate to use Pa* in 
stead of m/s as a reference. 

In the “vibrations world” it is common to think in meters per second so 
the sensitivity is also given in meters per second. For example a sensitivity 
of 10mV/Pa* equals to 4.55V/(m/s) or 4.55mV/(mm/s). 

4.4 General behaviour of the Microflown 

Apart from a calibration technique, an empirical model of the frequency 
dependent behaviour is developed. Because the general behaviour is known 
only a set of specific parameters have to be determined. These parameters 
are determined by for example curve fitting.  

The frequency dependent behaviour of the Microflown can be modelled 
by an electrical network, see Fig. 4.2. The first network R1C1 is a high pass 
filter with a corner frequency in the order of 100Hz (for non packaged 
Microflowns). 

The first low pass filter R2C2 represents the diffusion effects and the 
second low pass filter R3C3 represents the thermal mass of the sensor wires.  

The corner frequency (the frequency of which the frequency response 
decays 3dB) of the first low pass filter is in the order of 1kHz and the corner 
frequency of the second low pass filter is in the order of 10kHz. 
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Fig. 4.2: Electrical model of the frequency dependent behaviour of a Microflown. 

The frequency dependent behaviour in the acoustic bandwidth (20Hz-
20kHz) is of the form: 

2 22
( )

1 1 1e

d hc

LFS
Sensitivity f

f f f

f f f

=

    
+ + +    
       (4.1) 

LFS is the low frequency sensitivity, the sensitivity determined at 250Hz. 
At higher frequencies the sensitivity of the Microflown is decreasing. This 
high-frequency roll-off is caused by diffusion effects (to which the time it 
takes heat to travel from one wire to the other is related). This ‘thermal lag’ 
can be estimated by a first order low pass frequency response that has a 
(diffusion) corner frequency (fd) in the order of 1kHz (depending on 
geometry and operating temperature). The second high frequency roll-off is 
caused by the heat capacity (thermal mass) and shows an exact first order 
low pass behaviour that has a heat capacity corner frequency (fhc) in the 
order of 10kHz for modern Microflowns (depending on geometry and 
operating temperature). 

In the acoustic bandwidth (f>20Hz), for low frequencies the sensitivity of 
the Microflown exhibits a roll off too. This is caused by packaging and 
boundary layer effects. This roll off has a typical frequency of 30-100Hz 
depending on packaging. 

The model of the Microflown predicts a phase response of the form: 
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 (4.2) 

The constants C2 and C3 equal approximately the frequencies fd and fhc 
and the constant C1 is in the order of 30Hz-100Hz. 

The amplitude and phase response of the network given in Fig. 4.2 is 
given in the graphs below. 

In Fig. 4.2 the behaviour of the Microflown is shown in the frequency 
domain by the transfer function. It is also possible to show the behaviour of 
the Microflown in the time domain with the impulse response. 

Most of the acoustic applications require representation in the frequency 
domain but one can choose when the conversion from the time domain to 
the frequency domain is made. It is possible to do a lot of calculations in the 
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time domain and then it is required to describe the behaviour of the 
Microflown as an impulse response. 

One application is the source path analysis where each individual source 
can be made audible. In such case the velocity signal of the source is used 
as input. A convolution is made of the time data and the impulse response 
to get the correct input time signal. 
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Fig. 4.3: Expected frequency and phase response of a Microflown. 

The Microflown is calibrated in the frequency domain and the impulse 
response is calculated from this measured calibration data. See further 
chapter 4a: “Standard Calibration Techniques”. 

Accuracy of the model 

The model that is used to describe the behaviour of the Microflown is of 
course an approximation. Ten pu-mini probes are calibrated with a sphere 
calibrator (see paragraph 4.8 and 4.9) and the average response is fitted 
with the model. The difference of the fitted model and the actual calibration 
curves is shown in Fig. 4.4. In this case the fitting parameters are fe=60Hz, 
fc=650Hz, fhc=8500Hz, LFS=500mV/Pa*, C1=270Hz, C2=580Hz, C3=6900. 
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Fig. 4.4: Difference of the fitted model and the measured calibration curve. 

The model is very accurate at lower frequencies, the deviations at 
frequencies higher than 300Hz are most probably caused by room 
reflections that where present at this investigation.  
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4.5 Calibration of derivative acoustic properties 

The calibration of a sound energy probe or an acoustic impedance probe 
is less difficult than the calibration of e.g. a sound intensity probe. 

For the calibration of a sound energy probe only the amplitude 
response of both probes has to be determined. This is because the phase 
response is of no relevance in determining the sound energy. The 
calibration of the amplitude response is relatively simple. A reference sensor 
(e.g. a calibrated sound pressure sensor) is required. 

The calibration of an acoustic impedance probe has other 
requirements. The amplitude response of both probes is of no relevance; 
only the ratio of the amplitude response of both probes has to be 
determined. Apart from that, the phase response has to be determined. 
Both phase and the ratio of the amplitude response can be calibrated by a 
known sound field. There is no need for a reference sound pressure sensor. 
This is called a relative calibration. The measurement of a highly reflective 
material requires a more accurate calibration then a measurement of a 
damping material [9]. 

Only if the sound intensity is determined both the amplitude responses 
(of both pressure microphone and Microflown) and the phase response of 
the microphone-Microflown pair has to be determined and therefore a 
reference sensor is needed. For the determination of the phase response 
only a known sound field is needed. The phase response of the microphone 
and Microflown combination has to be known to obtain a useful intensity 
result. However an accurate value has only be known if the sound field is 
reactive i.e. if the phase shift of the sound field is close to 90 degrees. Such 
sound fields are usually found ‘near’ to a sound source. Because ‘near’ is 
relative to the wavelength, the phase calibration should be most accurate at 
low frequencies. See further chapter 5: ‘sound intensity measurements’. 

For array applications the similarity between the various Microflowns is 
of importance. Comparing the amplitude and phase response of Microflowns 
is not very difficult. 

4.6 The calibration in an anechoic chamber 

The most straightforward calibration technique seems to be the 
calibration in an anechoic room. A sound source is positioned relative far 
from a Microflown and a pressure microphone. 

In an anechoic room (a room with absorbing walls, so without any 
reflections) and far from the sound source, the specific acoustic impedance 
is a real and constant figure independent of frequency. Closer to a point like 
sound source the specific acoustic impedance becomes frequency 
dependent. This is called the near field effect. For a point source the 
impedance is given by: 

1

ikr
Z c

ikr
ρ=

+  (4.3) 
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Free field conditions are found if kr is very much larger than 1. In where 
k=2πf/c, c is the speed of sound, and f the frequency; the distance from 
loudspeaker and microphones should be chosen so that r>>1/k=c/(2πf).  

So, ‘close’ and ‘far’ are relative, it is depending on wavelength and thus 
frequency. The lower the frequency the larger the distance to the source 
must be to ensure free field conditions. 

In practice the near field effect of a source restricts the use of an 
anechoic room at lower frequencies. To be able to calibrate down to 20Hz, 
the distance to the source must be much larger than 2.8 meters because 
the phase shift of the sound field is still 45 degrees at this distance. There 
are no anechoic rooms that are so large that such low frequencies can be 
measured with a negligible phase shift. Furthermore it is not trivial that a 
sound source behaves like a point source.  

In anechoic rooms, the absorption of the walls becomes more 
problematic at lower frequencies (the walls are not totally absorbent 
anymore). In practical situations 50Hz is the lowest frequency where 
anechoic conditions may be expected. 

If the frequency of interest is higher, the method becomes more valuable 
but it is almost impossible to obtain a measurement with a negligible phase 
shift of the sound field. At 1kHz for example, one has to place the sensors 
more than 3 meters from the sound source to get a phase shift of less than 
1 degrees.  

 

Fig. 4.5: Calibration in an anechoic room (University of Leuven). 
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To determine the relative phase response of a combinational sound 
sensor (a Microflown-microphone pair) in an anechoic chamber is not very 
difficult. The phase shift of the sound field far from the sound source is zero 
degrees. So the inverse of the phase shift that is measured is the phase 
shift that should be corrected for.  

The measured phase response of a Microflown-microphone pair after the 
correction is applied should be zero degrees at all frequencies in an 
anechoic environment and relative far from the source. 

Another disadvantage of this method is that the sound levels far from the 
source are low. It is therefore difficult to get good high level measurements. 
(The sound level reduces with the distance). 

The reference microphone should be positioned in such way that it has a 
flat frequency response. Pressure microphones do have a frequency 
dependent, angle dependency that increases at higher frequencies. A half 
inch pressure microphone has orientation deviations at frequencies higher 
than 4kHz.  

Summary anechoic calibration 

The anechoic calibration is obvious but not trivial. Especially the 
calibration of the phase is difficult without taking the near field effect in to 
account. When this effect is taken into account, one must be able to 
measure the distance from the sound probe to the sound source. This is 
also not trivial because the physical distance does not necessary be similar 
to the acoustic distance (there might be a minor difference [8]). 
Furthermore at a large distance from the source the sound levels are low 
causing possibly noisy results. At low frequencies an anechoic room is not 
anechoic anymore.  

4.7 Near field calibration 

As shown above, it is difficult to measure at such large distance that free 
field conditions are completely met. And if one has to take the source 
properties and distance into account, why should one not calibrate just 
close to the source? The sound levels are high so a good signal to noise 
ratio is achieved. And because of the elevated levels, some reflected sound 
does not influence the measurement a lot. Therefore an anechoic room is 
not longer essential for a near field calibration measurement. Anechoic 
rooms are large, expensive and difficult to use. 

So, instead of avoiding the near field effect, the aim of this method is to 
measure close to a known (e.g. a point like) source. Disadvantage is that 
the distance must be known, this means that there is an extra variable that 
must be determined. Advantages are that the calibration technique allows a 
small system to carry out the calibration and that no special environment is 
required. It is therefore an ideal candidate for a portable system. 

In the near field of a (point) source, the particle velocity level u is 
elevated compared to the sound pressure level p and a phase shift between 
sound pressure and particle velocity is observed. The relation between 
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sound pressure and particle velocity in the near field of a point source is 
given in the previous paragraph and is repeated here: 

(2)

1
pu

ikr
Z c H

ikr
ρ= =

+
 (4.4) 

At a small measurement distance from the point source to the acoustic 
sensors, the distance r is difficult to determine with high accuracy because 

of the size of the acoustic sensors and the size of the source; the speed of 
sound and thus k, is (amongst others) temperature and humidity 
dependent. Besides, the acoustic location and the physical location of the 

sound source are not exactly the same and slightly frequency dependent 
[8]. Therefore a distance of approximately 5cm to 70cm is used. This has 

the advantage that the influence of the (slightly frequency dependent) place 
dependency of the acoustic location of the point source is relatively reduced 
and that influences of the probe position uncertainties are reduced. (Simply 

said: if the uncertainties in the distance r are 0.5mm then this is a small 
error compared to the measurement distance of 5cm). 

Disadvantage of the 5cm measurement distance is that the probe is only 
in the near field of the point source for lower frequencies, see Eq. (4.4). The 
transition between near field and far field is if kr=1. For 5cm this frequency 

is approximately 1kHz. The room reflections do not influence the 
measurement below 1kHz because the probe is in the near field of the point 

source. Above this frequency reflections may influence the measurement of 
the velocity signal.  

These reflections at higher frequencies can be cancelled easily with some 

damping material or with a mathematic procedure. 

The near field calibrator at low frequencies 

The specific acoustic impedance near the point like source is very low at 

low frequencies. For a frequency for example of 20Hz (r=5cm) the specific 
acoustic impedance is then 55 times lower than the characteristic 
impedance. The sound pressure level is therefore 55 times (35dB) lower 

than the particle velocity level. 

Due to the enormous difference in sound pressure level and particle 

velocity level it can be difficult to generate a sound level that is not 
overloading the Microflown and that is still higher than the sound pressure 

at the position of the probe caused by background noise.  

The sound pressure part of background noise that is reflected on the near 
field calibrator and causes it almost to double, compared to the level if the 

source was removed (see also chapter 17: End of line control: Gears & 
motors). So at low frequencies the sound pressure generated by the near 

field calibrator is low and the sound pressure caused by the background 
noise is relatively high. This is the reason why the near field calibrator can 
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only be used without much background noise. This effect determines the 
lowest usable frequency. 

There is a way to solve the problem. The vibrating loudspeaker creates a 
particle velocity at the outside of the loudspeaker housing and at the same 
time a pressure variation at the inside of the loudspeaker housing. The 

sound pressure inside the housing is therefore a direct measure for the 
vibration of the loudspeaker. See further §4.9: ‘Low frequency, near field 

calibration technique’. 

Calibration example 

An example will make things more clear. A half inch reference pressure 
microphone with a sensitivity of 14mV/Pa is placed face to face to the PU 
probe. And the combination is placed 47mm in front of the point source. An 
old type near field calibrator is used, see Fig 1.20.  

The transfer functions between the particle velocity element and the 
reference pressure sensor and the sound pressure element and the 
reference sensor (Sprefu/Sprefpref and Sppref/Sprefpref) are now measured and 
the result is shown in Fig. 4.6. The red line is the response of the Microflown 
(with the pressure microphone as reference) and the black line is the black 
line shows the response of the microphone (with the pressure microphone 
as reference). The 70cm standing wave response is shown in grey as 
comparison.  

As can be seen, the pressure response of the near field calibration is 
similar to the maximal response of the 70cm standing wave tube response. 
This is as expected. The measured ratio between the microphone of the PU 
probe and the reference microphone is 3.5dB (1.5 times). The sensitivity (in 
mV/Pa) is therefore 3.5dB higher than the sensitivity of the reference 
microphone of 14mV/Pa: 1.5x14mV/Pa=21mV/Pa.  

Especially at lower frequencies the velocity signal response is of higher 
value than the 70cm standing wave tube response. This is due to the near 
field effect.  

As can be seen in Fig. 4.6, the transfer function of the Microflown and the 
reference microphone is of poor coherence for frequencies below 50Hz. This 
is because the sound pressure generated by the near field calibrator is lower 
than the background noise. 

The pressure response is not affected by this because both pressure 
microphones measure at the same position and therefore the transfer 
function still can be determined. So at frequencies lower than 50Hz the 
pressure microphones are subjected to a sound field (caused by the 
background noise) with a diffuse character, at higher frequencies the sound 
field is dominated by the point source. For a pressure microphone the 
influence on the response of the sound field is of no relevance at lower 
frequencies so this is no problem (at higher frequencies a different sound 
field causes a microphone to produce a different response). 
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Fig. 4.6: The raw response of the PU probe (before compensation of the near field effect. 

A standing wave tube result is plotted in grey.   

At lower frequencies the background noise has a higher pressure level 
than the noise that is generated by the source. This is shown in Fig. 4.7. 
The black line shows the pressure response. Two responses are shown, the 
upper black line is the output of the microphone with the near field 
calibrator on and the lower line is the output of the microphone with the 
near field calibrator switched off. As can be seen, the background noise is 
dominant for frequencies below 50Hz. Therefore one can say (for this way 
of calibration, see also §4.9: ‘Low frequency, near field calibration 
technique’):  

The lower the background noise level, the lower the lowest frequency the 
near field calibrator can be used. 
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Fig. 4.7: Autospectra of pressure and velocity signals (with source switched on and off) 

show that the sound pressure signal is affected by the background noise and the velocity 

signal is not. 

For the particle velocity this effect is not observed, see Fig. 4.7 red lines: 
there is a large level difference between the background noise and the 
signal. There are three reasons for that: (1) The particle velocity levels are 
elevated due to the near field effect. (2) The sound pressure level and 
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particle velocity level are of similar magnitude in the free field. If the sound 
wave reflects on the rigid surface of the point source, the particle velocity 
reduces and the sound pressure increases. (3) A sound pressure 
microphone is omni-directional and thus measures the sound field in all 
directions. A Microflown measures the particle velocity in one direction. 
Therefore in a (diffuse) background noise a Microflown measures only one 
third of the sound field whereas a pressure microphone measures the total 
sound field. 

The measured levels of background noise in Fig. 4.7 may suggest that 
the velocity part of the background noise level is higher. This is not the case 
because the Microflown has a 25dB higher (free field) sensitivity. 

Near field correction of the velocity signal 

As can be seen in Fig. 4.6, at lower frequencies the velocity signal of the 
near field calibrator response is higher than the response in the 70cm 
standing wave tube calibrator. The measured velocity signal is elevated 
compared to the sound pressure level due to the near field effect (see Eq. 
(4.4)). 

If the velocity response of the near field calibrator is corrected for the 
near field effect, the response overlays with the response as measured in 
the 70cm standing wave tube. See Fig. 4.8 grey lines: the upper one is the 
measured velocity response, the red line is the response that is corrected 
for the near field effect and the blue line is the model.  The lower grey line 
is the response as measured in the 70cm calibration tube. 
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Fig. 4.8: The velocity response of a Microflown in a near field calibrator (upper grey line), 

the response corrected for the near field effect (red line), the fitted model (blue line) and 

the calibration in the 70cm calibration tube (lower grey line). 

The amplitude response of the near field calibrator is corrected by the 
following equation: 
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( )
2

1
20log 1corrected response response

kr

 
 = − +
 
 

 (4.5) 

With k equals 2πf/c, c is the speed of sound (c≈340m/s) and in this 
setup the measurement distance r=47mm. 

As can be seen, the response of the near field calibrator and the 70cm 
calibration tube match fairly. At higher frequencies some ripples occur. This 
is caused by reflections that can be compensated for. The cancellation of 
reflections is treated in one of the next paragraphs. A model of the response 
is fitted over the corrected response (blue line). 

The measurement of the phase response 

Generally speaking, the phase response of the PU probe can be calibrated 
if the probe is subjected to a known sound field. In the standing wave tube 
for example, it is known that the sound field has a phase shift of ±90 
degrees. The near field calibrator has a known sound field that is given by 
the argument of the acoustic impedance that is given by Eq. (4.4): 

1 1
tannearfieldphase

kr

−  
= −  

 
 (4.6) 

The phase response of the PU probe in the near field of the point source 
is shown Fig. 4.9 (red line). The black line is the result after correction of 

the near field with the equation above (r=47mm). As can be seen, it fairly 
matches the model of the phase response. 

The phase response of a Microflown is given by (see also chapter 3: ‘the 
Microflown’): 

1 1 11

2 3

C f f
phase tg tg tg

f C C

− − −= − −  (4.7) 

The frequency values here are 0Hz, 750Hz and 10kHz. These values are 
not exactly the same as the frequency values of the amplitude response of 

the Microflown because in this correction also the phase response of the 
microphone has to taken into account. The C1=0Hz is due to the fact that 

for low frequencies the microphone and Microflown response are 
electronically matched in the signal conditioner. 

The high frequency deviations from 1kHz to 10kHz are most probably 

caused by the room reflections. In the amplitude response deviations from 
the model where also seen at the same frequencies (see Fig. 4.8). 

The increase in phase above 10kHz is caused by the pressure 
microphone. In Fig. 4.10 this can be seen. The phase responses of the 
separate elements of the PU probe are measured with the reference 
pressure microphone as reference.  
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Fig. 4.9: The phase response of a PU probe. Red line is the measured response of the 

near field calibrator black line is the corrected response and the blue line is the model 

fitted.  

The pressure element (blue line) has a sharp decay for frequencies 
higher than 10kHz. The phase of the microphone and Microflown match at 
frequencies below 1kHz. This is because of the electronic tuning of the 
pressure microphone in the signal conditioner. 

100 1k 10k

-180

-150

-120

-90

-60

-30

0

30

60

90

p
h
a
s
e
 [d

e
g
re

e
s
]

Frequency [Hz]
 

Fig. 4.10: Phase response of the Microflown (red line) and the pressure element of a PU 

probe (blue line) compared to a ½” reference microphone. 

If a true point source is used, it is possible to add an electronic circuit (a 
simple RC network, 1st order high pass filter) to correct for the near field 
effect. When applied, the calibrator generates a free field output (as if the 
probe was calibrated in an anechoic room) and the signals do not have to 
be corrected anymore. 
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Due to the limited size of the plane, the source that is shown in Fig. 1.20 
does not behave like an exact point source so another realisation is needed. 
At the Danish Technical University (DTU) Finn Jacobsen designed a source 
that behaves much like its theoretical response. The next paragraphs will 
deal with this source and much of the information is from [6]. 

4.8 The spherical near field calibrator 

Unfortunately it is very difficult to construct a “real monopole” that is, an 
omni-directional source that covers a wide frequency range. In practice a 
plane baffle must obviously be finite, and thus there will inevitably be 
reflections from the edges. This is the reason that the source as depicted in 
Fig. 1.20 does not exactly behave like a point source. Vibrations caused by 
the loudspeaker reaction might also be a problem.  

A spherical baffle has no edges and can easily be made very stiff. The 
sound field on the axis of a small hole in a hollow rigid sphere driven by a 
loudspeaker inside the sphere is given by from [6], [7]: 
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∑
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 (4.8) 

where a is the radius of the sphere, r is the distance from the observation 
point to the center of the sphere, 

m
h  is the spherical Hankel function of the 

second kind and order m, and 
m

h′  is its derivative. 

Fig. 4.11 shows the ratio of the specific acoustic impedance in front of a 
monopole on a spherical baffle, 

(4)

puH , to the specific acoustic admittance in 
front of a monopole on a planar baffle, Eq. (4.4), for several sphere 
diameters at a distance of 10 cm. It is apparent that they are quite similar. 

Note that specific acoustic admittance (that is the particle velocity 
divided by the sound pressure) at a given position in front of a monopole on 
a sphere at low frequencies is larger than the specific acoustic admittance in 
front of a monopole on a plane baffle, in agreement with the fact that the 
acoustic center of a monopole on a sphere is in front of the physical source 
whereas the acoustic center of a monopole on a plane baffle coincides with 
the source [8].  

Note also the small irregularities between 1kHz and 5kHz; they are due 
to interference between the direct wave and a wave that has travelled 
around the sphere. 

Simulations at several distances between 3cm and 15cm from the source 
show results with similar values and shapes as Fig. 4.11 indicating that the 
point source on a sphere behaves almost similar as a point source in an 
infinite baffle. 
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Fig. 4.11: The ratio of the specific acoustic admittance 10cm from a monopole on a rigid 

sphere to the specific acoustic admittance 10cm from a monopole on a plane baffle. The 

sphere diameter is varied from 10cm to 30cm. 

Since the hole in the sphere cannot be infinitely small, one might regard 
it as a small piston of radius b rather than a point source. In this case the 
specific acoustic admittance becomes [7]: 
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Where ( )arcsin b aα =  and 
m

P  is the Legendre function of order m. With θ 
the measurement polar angle from the line in front of the speaker (θ=0 in 
front of the speaker; Pm(1)=1). 
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The ratio of 
(5)

puH  to 
(4)

puH  is shown in Fig. 4.12. As can be seen the effect 
of a finite size of the piston on a sphere is fairly small.  
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Fig. 4.12: The effect of the radius of a circular piston on a rigid sphere with a radius of 

10cm on the magnitude (a) and phase (b) of the specific acoustic admittance at a position 

10cm from the piston. 

Loudspeaker in a sphere 

From [6] is can be concluded that the calibration with a loudspeaker in a 
sphere at 35cm to 70cm from the source in an anechoic chamber is the 
most accurate, see also the next paragraph. Therefore the result of this 
arrangement is simulated. 

The ratio of 
(5)

puH  to the impedance of a point source, Eq. (4.4) is shown 
in Fig. 4.13. The influence of the 6.5cm diameter piston on a sphere 
compared to a true point source is the largest at short distance.  
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The effect of the large (3.25cm) radius of the loudspeaker is determined 
by the ratio of 

(5)

puH  to 
(4)

puH  and is the larges at a short distance. At 25cm 
the deviation is less than 0.2dB and 0.6 degrees (result is not shown). 
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Fig. 4.13: A 6.5cm in diameter piston in a 20.5cm in diameter sphere compared with a 

monopole for various measurement distances (10cm steps). 

Experimental results 

The method has been examined both in the large anechoic room of DTU 
that provides a good approximation to free-field conditions down to 50Hz, in 
an ordinary room of about 180m3 and a reverberation time of about 0.5s, 
and in a small office. In the anechoic room a far field method was also 
applied since, presumably, this method is the most accurate one.  

In all cases a Brüel & Kjær (B&K) “Pulse” analyzer of type 3560 in one-
twelfth octave mode was used (although the results presented in what 
follows are plotted in one-third octave bands). The device under test was a 
Microflown ½-in. p-u sound intensity probe.  
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Two sources were used in these experiments. In the far field 
measurements the source was a 60mm diameter two-way “coincident-
source” loudspeaker unit produced by KEF, mounted in a rigid plastic sphere 
with a diameter of 270mm.  

The “monopole on a sphere” was 90-mm VIFA unit mounted inside a rigid 
plastic sphere with a diameter of 270 mm with a 20-mm diameter hole in 
front of the loudspeaker. Fig. 4.14 shows the Microflown p-u intensity probe 
close to the “monopole on a sphere” in the anechoic room. In the 
background the KEF loudspeaker mounted in a sphere can be seen (the 
‘piston in a sphere’).  

 

Fig. 4.14: The spherical near field calibrator in DTU's large anechoic room [6]. 

Fig. 4.15 shows the amplitude and phase correction of the p-u probe 
measured with the KEF loudspeaker in the anechoic room at four different 
distances from 27cm to 7.2m. The measured frequency responses have 
been processed using Eq. (4.9), that is, assuming that the source can be 
modelled as a piston on a sphere.  

The strange behavior of the phase at 8kHz and 10kHz is due to the 
irregular pressure response of the p-u probe in this frequency range. Close 
examination reveals some small irregularities in the amplitude and phase 
determined at the longest distance where the source has probably been too 
close to the wedges of the anechoic room, but on the whole the results 
agree within 0.3± dB and 1± °  above 100Hz as can be seen in Fig. 4.16.  
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The data have also been processed using Eq. (4.8), this is assuming that 
the loudspeaker can be modeled as a monopole. The results (not shown) 
are very similar, but the agreement is slightly better with the piston-on-a-
sphere model, Eq. (4.9), in particular at the shortest distance.  

 

Fig. 4.15: Amplitude (a) and phase (b) calibration of the Microflown p-u probe determined 

at four different distances from the KEF loudspeaker mounted in a sphere in the anechoic 

room [6]. 

Accordingly, the correction based on this model and data obtained at a 
distance of 70cm are used as a reference in what follows.  

Similar corrections determined in the same anechoic room at different 
distances from a more conventional two-way loudspeaker did not agree 
nearly as well at low frequencies, confirming that a “coincident source” 
loudspeaker mounted in a sphere approximates a monopole (and, of course, 
a piston on a sphere) far better than an ordinary loudspeaker in a 
rectangular box. 
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Fig. 4.16: Amplitude and phase calibration determined at three different distances from 

the KEF loudspeaker in the anechoic room relative to the calibration determined at a 

distance of 70cm [6]. 

Fig. 4.17 shows the amplitude and phase correction determined at three 
different distances from the “monopole on a sphere” in the anechoic room, 
normalized with the reference calibration (the measurement of the KEF 
loudspeaker at 70cm distance). Although it hardly matters the expression 
that takes account of the finite size of the hole was used in processing the 
measured data. In a substantial part of the frequency range the results 
agree with the reference measurement within 0.5± dB and 2± ° . The 
agreement is less perfect but still quite good between 2kHz and 8kHz. 

Fig. 4.18 shows the results of similar measurements at two different 
distances from the “monopole on a sphere” in the ordinary room.  

Above 100Hz the results are similar to the results obtained with the same 
source in the anechoic room, although there are more erratic (small) 
variations with the frequency, but for some reason the amplitude seems to 
have been shifted about 0.7dB. Results obtained at other positions in the 
same room and in the small office (not shown) were very similar except 
below 100Hz. 
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Fig. 4.17: Amplitude and phase calibration determined at three different distances from 

the “monopole on a sphere” in the anechoic room relative to the reference calibration 

(KEF measured at 70cm distance) [6]. 

 

Fig. 4.18: Amplitude and phase calibration determined at two different distances from the 

“monopole on a sphere” in an ordinary room relative to the reference calibration [6]. 
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Effect of error in the measurement distance  

The acoustic impedance at the location of the measurement is estimated 
wrong if the measurement distance is measured wrong. A simulation shows 
the influence of this. For a loudspeaker in a sphere and a measurement 
distance of 28cm and 30cm the acoustic impedance is determined with Eq. 
(4.9). The difference (so the error) of impedance is shown below. 
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Fig. 4.19: Difference in acoustic impedance when measured 28cm and 30cm from the 

loudspeaker in a spherical housing. 

4.9 Low frequency, near field calibration technique 

For higher frequencies a pu-probe can be calibrated using a piston in a 
sphere source (see sphere in Fig. 4.14 on the background). So at the 
measurement position, a reference pressure microphone and the PU probe 
under test is positioned and the loudspeaker is switched on. The 
measurement takes place in a normal room with a normal background noise 
level. 

How the procedure works for higher frequencies is discussed in the 
previous paragraph but as discussed in §4.7, at lower frequencies the 
emitted sound pressure of a near field calibration source (a point-like 
source) is low. Because the sound pressure level at lower frequencies is so 
low, the background noise becomes dominant (see Fig. 4.7). 

If the reference sound pressure of the background noise becomes 
dominant, the measured specific acoustic impedance is not as expected 
anymore: the particle velocity at the measurement position is determined 
by the source but the sound pressure is determined by the background 
noise. The sound pressure and particle velocity will not be correlated 
anymore and the measurement will be useless at lower frequencies. 

At low frequencies it is possible to determine the sensitivity of the 
pressure microphone of a pu probe because one can say that (although the 
sound field is caused by the background noise) the pressure sound field at 
the position of the reference pressure microphone and the pressure element 
of the pu probe is the same.  
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If the sound pressure microphone is put in the sphere it is measuring the 
pressure variations that are caused by the movements of the loudspeaker. 
If the wavelength is much longer than the sphere the sound pressure is 
distributed uniformly in the sphere and the relation is a simple expression. 

So at low frequencies the sound pressure inside the sphere can be used 
as a direct measure for the movements of the loudspeaker. An experiment 
shows this and with this experiment the upper frequency of this method is 
found. 

First a PU Microflown is calibrated in a short standing wave tube. The 
Microflown is calibrated as explained in §4.17, Eq. (4.33). The response of 
the Microflown (u/pref) is shown in Fig. 4.22 black line.  

Then the Microflown is placed very close (1cm) to the loudspeaker of the 
spherical source and the reference pressure microphone was placed inside 
the sphere, see Fig. 4.20.  

The particle velocity that is measured ‘very close’ to the loudspeaker is 
similar to the structural vibration of the loudspeaker, see chapter 7: 
‘vibration measurements’.  

The sound pressure in the sphere is depending on the movements of the 
loudspeaker and not to the velocity of the loudspeaker. Therefore the 
pressure signal has to be differentiated with respect to time (multiplied with 
frequency and the complex value i) to get a signal that is linear depending 
on the loudspeaker velocity. One can derive that for lower frequencies the 
sound pressure inside the sphere and the particle velocity very close to the 
loudspeaker is given by: 

0 0

0 2

p A
p i u

V f

γ

π
∂ = − ∂  (4.10) 

γ  is the ratio of specific heats (1.4 for normal air), A is the surface of the 
loudspeaker, p0 is the mean pressure and V0 is the volume of the sphere.  

Eq. (4.10) is verified with measuring the loudspeaker motion with an 
accelerometer and integrated twice in respect to time. The ratio between 
the sound pressure in the sphere and the loudspeaker motion is shown in 
Fig. 4.21. As can be seen, the relation mentioned in Eq. (4.10) is true up to 
approximately 800Hz. 

At higher frequencies the sound pressure in the sphere is not 
homogeneous and the mass of the accelerometer is also influencing the 
measurement at higher frequencies (because location where the 
accelerometer is glued, the middle of the loudspeaker, is not completely 
stiff). 

As can be seen in Fig. 4.22, the method works up nicely from 10Hz up to 
200Hz. For higher frequencies the method fails because of standing waves 
in the sphere, see also 4.10: ‘Correction for the pressure response inside 
the sphere’. 

The phase shift of sound pressure and particle velocity in a standing 
wave tube equals 90 degrees. This phase can directly be compared with the 
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low frequency sphere calibration because the sound pressure signal has to 
be differentiated: this causes also a 90 degrees phase shift. 

 

Fig. 4.20: The particle velocity is measured very close to the source; the sound pressure 

is measured inside the spherical source. 

1 10 100 1000

-180

-160

-140

-120

-100

-80

-60

 

p
/a

f2

frequency [Hz]
 

Fig. 4.21: Sound pressure in the sphere with as reference the loudspeaker movements 

(measured by an accelerometer glued on the loudspeaker). 

The measured phase response (φPU) in the tube is shown in Fig. 4.23 
black line. The measured phase response (φPU) of the particle velocity in 
front of the speaker and the sound pressure inside the sphere is shown in 
Fig. 4.23 grey line. As can be seen, in a 20-500Hz bandwidth the two 
responses coincide.  
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Fig. 4.22: A short tube calibration (black line, see §4.17), is compared with a low 

frequency near field calibration (grey line). 

This means that the phase and the amplitude response of the 
loudspeaker vibration can be measured accurately with a sound pressure 
microphone inside the sphere from 20Hz up to up to 200Hz. 

If the response is corrected with the first standing wave in the sphere, it 
is possible to use the calibration up to approx. 500Hz. See also 4.10: 
‘Correction for the pressure response inside the sphere’. 
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Fig. 4.23: A short tube phase measurement (black line, see §4.17), is compared with a 

low frequency near field phase measurement (grey line). 

There is no simple relation between the input voltage or the input current 
of the loudspeaker and the pressure in the sphere. It is therefore necessary 
to measure the sound pressure in the sphere. 

There is no simple relation between the sound pressure in front of the 
loudspeaker and the sound pressure in the sphere. It is therefore not 
possible to apply the reference pressure microphone outside the sphere. 

It is impractical to position the pu probe ‘very’ close to the loudspeaker. 
Therefore the relation between the velocity of the loudspeaker and the 
particle velocity at the measurement position is derived [7]. 
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For lower frequencies the particle velocity at the measurement position is 
a function of the velocity of the loudspeaker, see Eq. (4.10). The relation 
between the velocity of the loudspeaker, un, and the particle velocity in 
front of the loudspeaker is given by: 
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= − −∑  (4.11) 

(Functions and constants are defined in the previous paragraph). The 
particle velocity is measured as shown before in Fig. 4.22: the particle 
velocity close to the loudspeaker divided by the sound pressure inside the 
sphere. In Fig. 4.24 the particle velocity (divided by the sound pressure 
inside the sphere) is also shown for a measurement distance of 15cm. As 
can be seen, the signal to noise ratio is a bit worse at 15cm and the signal 
is approximately 30dB lower. 

The phase shift between the sound pressure and the particle velocity 
‘very’ close to the loudspeaker as shown in Fig. 4.23 is copied in Fig. 4.24 
black line. The phase shift is measured again for a measurement distance of 
15cm. It shows that for lower frequencies the phase shift is the same 15cm 
in front of the loudspeaker as very close to the loudspeaker. 

There is no phase shift in the first 15cm at lower frequencies. This is a 
proof that the air in front of the sphere is incompressible.  

100 1k
-70

-60

-50

-40

-30

-20

-10

0

10

ra
tio

 [d
B

]

Frequency [Hz]
100 1k

-240

-210

-180

-150

-120

-90

-60

-30

0

P
h
a
s
e
 [D

E
G

]

Frequency [Hz]
 

Fig. 4.24: The ratio of the particle velocity and the sound pressure in the sphere (upper). 

Lower: the phase shift between the particle velocity and the sound pressure in the 

sphere. Black line is measured very close to the loudspeaker and the grey line is 

measured at 15cm from the loudspeaker.  

The ratio of the surface velocity of the loudspeaker to the particle 
velocity measured 1 to 16cm in front of a (7cm in diameter) piston in a 
sphere (20cm diameter) calculated with Eq. (4.11) and plotted in 1cm steps 
in Fig. 4.25. As can be seen, for lower frequencies (f<200Hz) the amplitude 
ratio is almost constant and the phase shift the phase shift is almost zero. 

A measurement is done to check the model. The surface velocity of the 
loudspeaker is estimated by a particle velocity measurement 1cm in front of 
the loudspeaker. This measurement is compared with the particle velocity 
14cm in front of the loudspeaker. 
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Fig. 4.25: The particle velocity from 1cm to 16cm in front of a d=7cm piston in a d=20cm 

sphere (in steps of 1cm). Upper the amplitude ratio of the particle velocity in front of the 

speaker to the velocity of the speaker is shown; lower the phase shift between the 

particle velocity at the measurement position and the surface velocity of the loudspeaker 

is shown.  

As can be seen, the phase shift between the surface velocity and the 
particle velocity at 14cm is almost zero. In first instance one would expect a 
phase shift caused by the 14cm distance but as the model, Eq. (4.11), 
predicts: the phase shift is almost zero, see Fig. 4.26 (right). 

The ratio of the surface velocity and the particle velocity measured at 
14cm distance is shown in Fig. 4.25 (left). As can be seen, the model and 
the measurement coincide. (The measurement is shifted 5dB to account for 
the underestimation of the surface velocity of the loudspeaker due to the 
1cm measurement distance). 
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Fig. 4.26: A measurement fitted over the model. The surface velocity is estimated by a 

particle velocity measurement 1cm in front of the loudspeaker (see Fig. 4.25 black line). 

Left shows the amplitude ratio of the surface velocity and the particle velocity 14cm in 

front of the loudspeaker. Right shows the phase difference. Black is the measurement, 

red is the model. 

The model, Eq. (4.11), is used to predict the deviation as result of an 
inaccuracy in the measurement distance. So what is the effect of an 
uncertainty in the measurement distance? 

As can be seen in the simulation results, the effect is minimal for the 
phase response; if the measurement distance is varied from 4cm to 6cm, 
the phase difference is changing maximal 0.6 degrees (the upper usable 
frequency is 200Hz), see Fig. 4.27 (right). 
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The variation in the amplitude ratio caused by a position change from 
14cm to 16cm is in the order of 2.4dB at 20Hz. This is much but the 
variation is almost not frequency dependent in the bandwidth of interest 
(20Hz-200Hz): 0.25dB variation in the 0 to 200Hz bandwidth, see Fig. 4.27 
(right).  
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Fig. 4.27: Influence of the measurement distance is shifted from 4cm to 6cm 

(simulation). 

Fig. 4.27 shows that the measurement error is below 0.6degrees and 
0.25dB if the measurement distance variation is less than 2cm. The 
absolute value of the particle velocity is not known exactly because the 
surface velocity of the loudspeaker is determined with a sound pressure 
measurement, see Eq. (4.10). So the absolute level is fitted to the results 
from the piston on a sphere calibration technique for higher frequencies as 
discussed in §4.7. 
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Fig. 4.28: Influence of a fully reflecting plate ca. 50cm behind the probe under test. At 

low frequencies a fully reflecting plate has no influence on the measurement results. 

Room reflections will not influence the measurements at low frequencies, 
as can be seen in Fig. 4.28. Firs a measurement was done in a normal room 
and then the measurement was repeated with a 1m2 fully reflecting plate 
approximately 50cm behind the probe. Below 200Hz no difference can be 
observed between the two measurements indicating that room reflections 
do not influence the measurement result at low frequencies. 
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4.10 Correction for the pressure response inside the sphere 

The pressure field in the sphere is uniform at low frequencies but at 
higher frequencies standing waves occur in the sphere. The deviation of the 
pressure response of the LF sphere calibration is determined by the ratio of 
LF sphere response and a standing wave tube calibration. The ratio is shown 
in Fig. 4.29. A simple cosine function is also plotted in grey. As can be seen, 
the responses match reasonably below 1kHz. Left the comparison is shown 
for a large (see Fig. 4.19) sphere and right it is shown for the small sphere 
(see Fig. 4.33).  
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Fig. 4.29: Black line: ratio of the LF sphere response (corrected) and the standing wave 

response shows that the first dip in the LF sphere response can be estimated with a 

simple cosine response (shown in grey). Left the large sphere, right the small sphere. 

1k
-15

-10

-5

0

5

 4cm

 3cm

 2cm

 1cm

e
ffe

c
t 
[d

B
]

Frequency [Hz]
1k

-10

-5

0

5

10

 4cm

 3cm

 2cm

 1cm

e
ffe

c
t 

[D
E

G
]

Frequency [Hz]  

Fig. 4.30: Effect of position of the pressure microphone in the sphere: the amplitude 

response alters, the phase response is unaffected.  

If the response is corrected for this standing wave, the LF sphere 
calibration can be used up to 1kHz. See also the following paragraph ‘small 
sphere calibration’.  

The effect of the reference pressure probe position in the sphere is shown 
in Fig. 4.30. As can be seen, the amplitude response is affected for 
frequencies higher than 400Hz and the phase response is not affected for 
frequencies bellow 1kHz.  
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Fig. 4.31: Deviation between short standing wave tube and LF sphere calibration. 

Pressure probe is put so that the membrane is close to the internal surface of the sphere. 

Red: large sphere, black: small sphere. Left: difference is dB, right: difference in degrees. 

4.11 Small sphere calibration 

For the low frequency sphere calibration the pressure microphone is put 
in the sphere and the velocity is measured close (=4cm) in front of the 
sphere. The raw responses are given below. Black line is the response of 
the large sphere and the grey line is the response of the small sphere. 
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Fig. 4.32: Raw measurement data u/pref. The reference pressure microphone pref 

measures the pressure inside the sphere, the velocity u is measured closely in front of the 

sphere.  Black lines: large sphere (see Fig. 4.19), grey lines: small sphere (see Fig. 4.33). 

The dips that occur at approx 1500Hz for the large sphere are caused by 
standing waves in the sphere. The small sphere has similar dips but at a 
higher frequency (2.8kHz). 

The response can be corrected for these standing waves with: 

/ / 20 cos( )
2

corrected measured

p

u p u p Log f
f

π
= −  (4.12) 

The large sphere has a fp=1393Hz and for the small sphere this 
frequency is fp=2770Hz. 
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Fig. 4.33: Low frequency calibration with a small sphere (diameter sphere: 9cm, diameter 

loudspeaker: 45mm). 
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Fig. 4.34: The particle velocity from 1cm to 5cm in front of a d=45mm piston in a d=9cm 

sphere, see Fig. 4.33. Left plot: the amplitude ratio of the particle velocity in front of the 

speaker to the velocity of the speaker is shown; Right: the phase shift between the 

particle velocity at the measurement position and the surface velocity of the loudspeaker. 

The sound pressure in the sphere is depending on the movements of the 
loudspeaker and not to the velocity of the loudspeaker. Therefore the 
pressure signal has to be differentiated with respect to time (multiplied with 
frequency and the complex value i) to get a signal that is linear depending 
on the loudspeaker velocity. One can derive that for lower frequencies the 
sound pressure inside the sphere and the particle velocity very close to the 
loudspeaker is given by: 

0 0

0 2

p A
p i u

V f

γ

π
∂ = − ∂  (4.13)  

γ  is the ratio of specific heats (1.4 for normal air), A is the surface of the 
loudspeaker, p0 is the mean pressure and V0 is the volume of the sphere. To 
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compare the results the Microflown is also calibrated in a short standing 
wave tube.  

All responses are shown in Fig. 4.35 (red standing wave tube, black: 
large sphere, grey: small sphere). As can be seen, for frequencies higher 
than 1kHz the responses of the sphere are useless and below 1kHz the 
response of the small sphere (grey line) overlaps the response of the 
standing wave tube best. 

The phase response in the tube and in the low frequency sphere set up is 
both 90 degrees shifted and can directly be compared. The result is shown 
below. It shows that the phase response matches well. 
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Fig. 4.35: Corrected measurement data u/pref. Black line: large sphere response, grey line 

small sphere response, red line small standing wave tube response. 

The high frequency phase response u/pref is shown for the large sphere 
(black), small sphere (grey) and standing wave tube (red). The high 
frequency responses are corrected with the point source impedance 
response, see Eq. (4.4). As can be seen, the responses match well.  

The high frequency results seem to be noisy but this ‘noise’ is caused by 
the room reflections.  
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Fig. 4.36: Corrected measurement data u/pref. Black line: large sphere response, grey line 

small sphere response, red line small standing wave tube response. 

The ratio between the exact model and the point source of a 9cm sphere 
at 31cm is shown in the graphs below. As can be seen: the small sphere 
almost matches a true monopole at 31cm. 
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Fig. 4.37: The model of a 9cm in diameter spherical loudspeaker with a 45mm in 

diameter loudspeaker compared with a point source response for a measurement distance 

of 30cm. 

Conclusion 

The response of the small sphere matches almost a point source at 31cm 
measurement distance. This makes it possible to use an electronic filter to 
allow for the acoustic response of the sphere. If such filter is used, no 
mathematics is needed work out the calibration results. 

The small sphere has a bit lower output so for the high frequency method 
the signal to noise ratio is a bit lower compared to the large sphere. The 
first standing wave in the sphere is found at higher frequencies so for the 
low frequency setup the small sphere works a bit better at higher 
frequencies.  

4.12 Data processing in eg. Excel 

The raw calibration measurement data has to be processed. This is done 
normally in MATLAB but it is possible to use less sophisticated (but more 
widely used) software. 

The exact model that is given in Eq. (4.9) can be approximated by Eq. 
(4.4). The error that is made then is shown in Fig. 4.13. This error is known 
for each measurement distance and sphere configuration and for a standard 
setup it is a fixed function. 

The error in the modulus can be fitted by a function of the form: 

4

1 2 3 5cos( log( ) )* a f
Error a a f a e a= + +  (14) 

(Large sphere). The error curve for a measurement distance of 35cm 
that is shown in Fig. 4.13 can be fitted with the parameters: a1=0.73; 
a2=2.05; a3=3; a4=-0.0025, a5=-0.02. The error then is within 0.04dB 

(Large sphere). The error curve for the phase of 35cm that is shown in 
Fig. 4.13 can be fitted with the function, Eq (14). The coefficients then are 
given by: a1=-78; a2=0.07; a3=4.63; a4=-0.004, a5=-0.1 . The error then is 
within 0.6 degrees. 

For the small sphere, the error curve for the modulus of 21cm can be 
fitted with the function, Eq (14). The coefficients then are given by: 
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a1=0.51; a2=1.83; a3=3; a4=-0.0011; a5=0 . The error then is within 
0.03dB. 

For the small sphere, the error curve for the phase of 21cm can be 
fitted with the function, Eq (14). The coefficients then are given by: a1=-
2.4; a2=1.55; a3=2.5; a4=-0.001, a5=0 . The error then is within 0.5 
degrees. 

The only special procedure that is required is a moving average filter (for 
removal of room reflections). This procedure is found in e.g. Excel. 

4.13 Monopole and dipole calibration 

For reciprocal measurements an omni directional source with a constant 
volume velocity has been developed. This source is calibrated so source 
strength, i.e. the volume velocity is known.  

Near field methods have the disadvantage that the sound pressure level 
is low at lower frequencies and that therefore the low frequency calibration 
based on a known specific acoustic impedance becomes difficult. 

Since the omni directional volume velocity source is calibrated, it is 
possible to use the source as reference. So in fact the calibration works 
similar to the low frequency piston in sphere calibration. With that method 
the source velocity is known by a pressure measurement in the sphere what 
can be related to a source velocity. With the monopole calibration the 
source velocity is known by the use of a reference sensor at the output. 

The particle velocity at a certain distance r from the source is given by:  

2

1
( )

4

ikrQ ikr
u r e

rπ
−+

=  (4.15) 

With Q the known source strength in [m3s-1]. 

At higher frequencies the velocity probe is calibrated using the known 
acoustic impedance of the source and a reference pressure microphone. 

1

p ikr
Z c

u ikr
ρ= =

+
 (4.16) 

The amplitude and phase response of the sound pressure microphone of 
the PU probe is calibrated using a reference microphone and the sound field 
of the source at higher frequencies and the sound field of the background 
noise at lower frequencies. 

The phase response of the PU probe is determined at higher frequencies 
similar to the previous methods: the properties of the sound field of the 
source are known.  

At lower frequencies the background noise dominated for the pressure so 
at these frequencies the phase response is determined separately for the 
pressure probe and the velocity probe. 

First the source is calibrated with a reference microphone, see chapter 9: 
‘monopole sound sources’. Then the phase response of the velocity probe is 
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determined using the calibrated source. The phase that is determined is 
therefore also based on the reference pressure microphone. Then the phase 
response of the pressure microphone is determined with the same reference 
microphone that is used to calibrate the sound source. The phase response 
of the PU probe is then found by subtracting the phase response of the 
microphone and the Microflown of the PU probe.  

A dipole calibration is developed to be able to calibrate at higher sound 
levels. It shows that if a monopole sound source produces high sound levels 
(higher than 120dB PVL), it starts to produce a DC flow. This is because the 
source pushes air outwards in a jet and sucks air inwards in an more omni 
directional way. This non linearity causes a DC wind.  

A dipole that consists of two monopoles in antiphase is constructed to 
avoid this effect. See further chapter 14: : “High sound level Microflown”. 

4.14 Array calibration 

First one probe is calibrated with one of the other calibration techniques. 
Then this probe placed in the array calibrator which is nothing more than a 
sound source that has a sound field that is similar at the two PU probes. The 
calibrated PU mini probe is used as reference and other the response of 
probes is compared with the calibrated response.  

4.15 Mathematical techniques to cancel room reflections 

With some effort it is possible to use the near field calibration technique 
in the full acoustic bandwidth with a very small probe-source distance. 
However it is more practical to use the near field calibration at larger 
distances from the source. 

At lower frequencies room reflections do not influence the measurement 
because of the near field effect. At higher frequencies the probe is not in the 
near field anymore and therefore room reflections will influence the 
measurement. These reflections can be avoided by an anechoic 
environment (that has to be only ‘anechoic’ for these higher frequencies) or 
one can use a filtering technique to eliminate the reflections. This filtering 
technique is called the windowed impulse response. 

Not anybody has access to an anechoic room and such rooms are not 
useful when a portable calibrator is desired. It is possible to measure the 
amplitude and phase response in a normal room (so in a room with 
reflecting walls) and filter out the reflections. This method works only at 
higher frequencies.  

If the response of a velocity sound probe is determined in a true anechoic 
environment the output is given by: 

'
"( )

'

ref

ref ref

p u

p p

S
H f

S
=  (4.17) 
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With H’ is the response of the particle velocity probe compared with the 
reference pressure determined in an anechoic environment. 

If the pu combination is positioned 20cm in front of a monopole, the 
impedance can be approximated by: 

1

ikr
Z c

ikr
ρ=

+  (4.18) 

With k equals the 2πf/c and f the frequency. For lower frequencies 
(f<250Hz) the probe will be in the near field (r=0.2m). In the near field the 
particle velocity level is much higher than the sound pressure level. It 
shows in practice that in the near field room reflections do not influence the 
measurement. 

The probe is not in the near field anymore if the frequency is higher than 
250Hz and thus (room) reflections will influence the measurement.  

At higher frequencies (f>250Hz) the room reflections can be eliminated 
by the following method. If the response of the PU acoustic impedance 
probe is determined in a normal room the output is given by: 

"
"( )

"

ref

ref ref

p u

p p

S
H f

S
=  (4.19) 

From this complex transfer function H”(f) an impulse response is 
determined by the inverse Fourier transformation: 

1
"( ) "( )

2

i t
h t H f e d

ω ω
π

∞

−∞

= ∫  (4.20) 

This impulse response is related to the impulse response of the PU probe 
and the room. In the impulse response, the room (reflections) however 
occur later (in time) than the impulse response of the pu probe, see Fig. 
4.38 and Fig. 4.39. 

If the distance of the first reflection is larger than 1.5 meter, the path to 
reach the probe is at least of double length. So the position of the first 
possible impulse response of that reflection occurs 5ms after the start of the 
impulse response of the PU probe. In this time the response is anechoic. 
The impulse response is windowed so that only the data of the first 5ms is 
used and the rest is set to zero. The windowed response is given by: 

1
'"( ) "( ) 5

2

'"( ) 0 5

i t
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h t for t ms

ω ω
π
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= ≤

= >

∫  (4.21) 
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Fig. 4.38: The impulse response of the PU acoustic impedance probe, this result is 

obtained by the transfer function displayed in Fig. 4.39. The first reflections can be seen 

at 7ms. 

The from this time windowed impulse response h”’(t) the transfer 
function is determined by the Fourier transformation: 

"'( ) '"( ) i t
H f h t e dt

ω
∞

−

−∞

= ∫  (4.22) 
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Fig. 4.39: The frequency response. Red line is the response measured in a normal room, 

black line is the filtered response and the blue line is the model. 

Because only a limited part of the impulse response is used, the lower 
frequencies are less accurate. If only the first 5ms is used (the distance of 
the first reflection is larger than 1.5 meters), the method can be used for 
frequencies higher than 200Hz. 

'''( ) '''( ) '( ) if  >200Hzi t
H f h t e dt H f f

ω
∞

−

−∞

= ≈∫  (4.23) 

For frequencies higher than 200Hz the room reflections at a distance 
larger than 1.5 meters can be eliminated. The probe is located at a distance 
of 20cm of the sound source. Therefore for frequencies lower than 250Hz, 



Calibration 

 4-41 

the sound probe is in the near field of the sound source and room 
reflections do not influence the impedance. 

Due to a fixture a ripple is seen in the calibration shown in Fig. 4.39. The 
blue line shows the calibration using the model as shown in Fig. 4.2. Such 
model cannot be used to represent the ripple. The red line looks noisy but 
the room reflections cause this noisy character. The black line is the result 
of the time window filtering technique. 

Moving average filtering 

In Fig. 4.39 a measurement is shown of a calibration in a normal room 
and (red line) and the signal that was time windowed to remove the room 
reflections (black line). As can be seen, the black line follows the red line 
and is found in the middle. Many measurements have been done and this 
effect was always found.  

Therefore a function ‘moving average’ was tested and found to have 
similar results. A calibration measurement was done in an anechoic room 
and repeated in a normal room to show this. 

As can be seen in Fig. 4.40, the calibration result in an anechoic room is 
a smooth line with some small ripples. The result in a normal room seems 
to be ‘noisy’. This ‘noisy’ signal is not because of a poor signal to noise ratio 
but due to the room reflections.  

Because the room reflections have a random character, i.e. the 
reflections are from all possible directions with all possible phase shifts, the 
deviation from the anechoic calibration is also random. As long as the 
deviations are random (and thus the reflections are random), the moving 
average method will work. 

At lower frequencies (f<150Hz) the method seems to break up and this is 
most probably caused by a dominant reflection (e.g. the ground reflection). 
For frequencies lower than 80Hz the method does not work, most probable 
due to the relative high background sound pressure levels (see further Fig. 
4.7). 
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Fig. 4.40 (left): A calibration measurement in an anechoic room (grey line) and in a 

normal room (black line). Right: same measurement in an anechoic room (grey line). 
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Black line is the moving averaged result of the calibration measurement in a normal room 

that was shown in the left plot. 

4.16 Standing wave tubes 

In the previous paragraph free field methods where shown. The general 
idea is that the specific acoustic impedance (the ratio between sound 
pressure and particle velocity) must be known to be able to calculate the 
particle velocity level out of the sound pressure level. The sound pressure is 
measured with a calibrated reference microphone. 

The phase response of a microphone-Microflown pair is determined by 
using the properties of the sound field and a reference microphone is not 
needed. So, the reference pressure microphone is only needed to calibrate 
the amplitude response. 

It was shown that it was difficult to obtain true far field conditions (i.e. a 
phase shift of zero degrees) in an anechoic room. If one uses the sound 
field relative close to the sound source for a (near field) calibration, the 
distance to the source is an extra variable that has to be known. 

In this paragraph the sound field in a tube is used to calibrate. In 
contrast to an anechoic room where in theory all sound is absorbed at the 
walls, in the tube all sound is reflected.  

There are two types of standing wave tube calibration techniques, a long 
tube technique where the probe is positioned more than one quarter 
wavelength away from the end of the tube. And a short tube technique 
where the probe is positioned closer than one quarter wavelength to the 
end of the tube. Of course ‘long’ and ‘short’ are relative to the wavelength. 

In a standing wave tube, a rigidly terminated tube with rigged side walls, 
the sound wave can only travel in one dimension and all the sound is 
reflected at the end of the tube. This is true up to a certain frequency; in a 
round tube the sound waves are plane below the cut-off frequency:  

1.7
c

c
f

d
=

⋅  (4.24) 

with d the diameter of the tube and c the speed of sound. In a square 
tube the sound waves are plane below the cut-off frequency:  

2
s

c
f

d
=  (4.25) 

with ds the inner cross section of the tube. 

So the bandwidth is limited for high frequencies. The smaller the tube 
diameter is, the higher the frequency where the tube can be used. On the 
other hand, the tube diameter should be chosen large compared to the size 
of a Microflown. A diameter of 5cm showed the smallest diameter that can 
be used for a ½” (12.5mm) Microflown probe and the 5cm diameter is the 
reason that the STW can be used up to 4kHz.  
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At lower frequencies (f<100Hz) small leakages in the probe mountings 
influence the measurements. To avoid these influences, the probes have to 
be sealed with e.g. a rubber ring.  

Long standing wave tube 

The long standing wave tube technique requires that the probe under 
test (it can be a particle velocity and/or pressure probe) is positioned in the 
tube at a distance (l-x) to the end of the rigid end larger than one quarter 
wavelength, see Fig. 4.41. 

u(x)

(l-x)

u,p probe

p
ref

x=0 x=l

 

Fig. 4.41: A standing wave tube that is rigidly terminated at x=l and in which the fluid is 

driven by a loudspeaker at x=0. 

The lower frequency limit of the tube is caused by the length of the tube, 
the sound probe fittings (the probes should be mounted airtight) and in 
some extend to the tube diameter. An overall length of 70cm is chosen for 
practical reasons. With a 70cm length and a 5cm diameter, a lower 
frequency limit of about 100Hz can be achieved when the probe mountings 
and backplate are not airtight.  

This 70cm SWT calibration method shows to be very convenient in a 
bandwidth of 100Hz-4kHz. Apart from the tube, one needs a ½” calibrated 
pressure microphone for the amplitude response calibration.  

For harmonic excitation, one solution that will satisfy the wave equation 
is given by the superposition of the complex pressures associated with a 
positive travelling and a negative travelling plane wave. The plane wave 
approximation is allowed for frequencies lower than the cut off frequency, 
see Eq. (4.24). In general the pressure is given by: 

( ) ikx ikxp x Ae Be−= +  (4.26) 

Where A and B are arbitrary complex numbers which represent the 
amplitude and relative phases of waves travelling in the positive and 
negative x direction respectively, k is known as the wave number and 
equals k=ω/c (ω=2πf using f as the frequency). 

The particle velocity associated with this pressure wave can be found 
using the linearised momentum equation (∂p(x)/∂x=-iωρu(x), see also 
chapter 2): 

( )
ikx ikx

Ae Be
u x

c cρ ρ

−

= −  (4.27) 
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The values of the complex constants A and B are solved knowing that the 

particle velocity is zero at x=l: Ae Beikl ikl− = and at the left hand side of the 
tube the particle velocity is given by the movement of the piston u(0)=U: 

ρcU A B= − . The sound pressure and particle velocity at any place in the 

tube are given by: 

cos( ( )) sin( ( ))
( ) ( )

sin( ) sin( )

k l x k l x
p x i cU u x U

kl kl
ρ

− −
= − =

 (4.28) 

The specific acoustic impedance at place x in the tube is given by: 

( )
cot( ( ))

( )
s

p x
Z i c k l x

u x
ρ= = − ⋅ ⋅ −  (4.29) 

As can be seen, the specific acoustic impedance in a closed tube does not 
equal the characteristic impedance but it is a co-tangent function that varies 
from plus to minus infinity. Such function is not very suitable to use for the 
calibration. A good place to put a reference microphone is at the end of the 
tube since the sound pressure is at its maximum at that place; so 
pref.(x=l)=pref.(l)≡pref.  

If a PU-probe is put at a certain position x in the tube the relation 
between the pressure microphone of the PU-probe and the reference 
(pressure) microphone at the end of the tube is given by: (pprobe=pprobe(x)). 

.

cos( ( ))
probe

ref

p
k l x

p
= −  (4.30) 

The relation turns out to be a simple cosine function. The distance (l-x) 
can easily be obtained by measuring the minima of the cosine function. 

Analogously, almost the same applies for the particle velocity 
(uprobe=u(x)): 

.

sin( ( ))
probe

ref

u i
k l x

p cρ
= −  (4.31) 

The relation of the particle velocity and the reference sound pressure at 
the end of the tube turns out to be a simple sine function. The phase shift 
between them equals plus or minus 90 degrees. 
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Fig. 4.42: The standing wave tube as it was sold by Microflown Technologies until 2005. 

Two probe entrances are made, one 90 degrees and one 45 degrees (not shown at the 

picture). This is to be able to calibrate also 45 degrees bended type of Microflowns. The 

position of the reference pressure microphone can be on both sides: the distance (l-x) is 

changed by this. 

It shows that for calibrating the p-u probe for obtaining the sound 
intensity only the phase mismatch (ϕp-ϕu) should be determined and 
individual phase mismatch of both probes has no relevance.  

The p-u probe phase (ϕp-ϕu) can be determined by measuring the ratio of 
the particle velocity and the sound pressure in the tube. The equation of the 
ratio is given by: 

( ( ))
probe

probe

u i
tg k l x

p cρ
= −  (4.32) 

This relation shows that in a standing wave tube particle velocity and 
sound pressure are 90 degrees out of phase. In this way the p-u probe can 
be phase calibrated in the arrangement as it is used. So the reference 
microphone is not used. 

A calibrated reference microphone is used to determine the amplitude 
response and is not needed to determine the phase response; the phase of 
the sound field is 90 degrees.  

If the phase response is measured and stored, then rotated and 
measured again the sum of both responses is anechoic. This is because if at 
a certain frequency the response is +90 degrees, after rotation the 
response is -90 degrees. The resulting sum equals zero degrees and thus an 
anechoic response.  



Calibration 

 4-46 

 

Fig. 4.43: Amplitude response of ½” Io ICP probe relative to a pressure microphone with 

a sensitivity of 14mV/Pa. In a large (8m/16cm) standing wave tube (grey line, 20Hz-

1kHz), in a 75cm/4,5cm standing wave tube (black line, 100Hz-4kHz) and in a small 

(1m3) anechoic room (grey line, 1kHz-12kHz).  

A set of standing wave tubes of acceptable dimensions can be used from 
25Hz up to 4kHz. An 8 meters tube of 15cm diameter has a frequency span 
from 15Hz up to 1kHz and a 70cm, 5cm in diameter tube has a frequency 
span from 100Hz up to 4kHz. For higher frequencies a small (1m3) anechoic 
room is used, see Fig. 4.43. 

Fig. 4.43 shows an amplitude calibration result of an ICP probe. For 
frequencies below 4kHz the SWT calibration is used. Corresponding to Eq. 
(4.31), it has a modulus sine response. At the maximums the sine function 
values unity and the calibration result is similar to an anechoic 
measurement result. 

Summary long standing wave tube method 

The long standing wave tube (SWT) can be used to determine the 
amplitude and phase response in a limited frequency range (the range is 
limited by the tube diameter and due to the fact that the fittings are not 
airtight, for ½” probes the upper frequency is 4kHz, the lower limit is 
approximately 100Hz). A calibrated pressure microphone is needed to 
obtain the amplitude response. Because only the maxima of the tube’s 
transfer function are used, the position of the sound probe in the tube has 
not to be known. Because the short standing wave tube performs better and 
is smaller, the long tube method is not used anymore. 

4.17 Short standing wave tube calibrator 

The 70cm standing wave tube is sometimes too large for calibration in 
the field and only a few calibration points are used. Therefore a small 
calibrator is developed. Calibration in the 70cm tube is normally done by 
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only observing the maximums of the ratio of the particle velocity and the 
sound pressure at the end of the tube.  

 

Fig. 4.44: Amplitude response of ½” Io probe relative to a pressure microphone with a 

sensitivity of 14mV/Pa. In the 75 standing wave tube (black line), in a short standing 

wave tube (red line) and in a short standing wave tube but corrected (blue line).  

When distance of the PU probe to the end of the tube becomes smaller, 
fewer maximums occur. Therefore not only the maximums have to be used 
for calibration but also the rest of the measured frequency points. With this 
calibration technique the position of the sound probe has to be known to 
obtain the amplitude response but this position can be found by an acoustic 
measurement. The phase response can be determined without this 
knowledge because the sound field is 90 degrees at all positions in the tube. 

If the probe mountings are made airtight, the lower useful frequency can 
be as low as 10Hz [2]. The upper useful frequency where a tube can be 
used is proportional with the inverse of the diameter of the tube. Therefore, 
to increase the bandwidth, a tube with a smaller diameter is realized but 
tested with negative result: the relation between the particle velocity in the 
tube and the sound pressure at the end of the tube is not a sine function 
anymore. It seems that 5cm is the smallest diameter for which a ½” probe 
can be calibrated. So 4kHz is the upper frequency limit for calibrating ½” 
probes in SWT calibrators. 

As an example the frequency response of a Microflown in a 75cm tube 
and in a short tube is shown in Fig. 4.44. The output of the short tube (the 
red line) is corrected for the standing wave so that an anechoic condition is 
obtained see Eq. (4.30) and Eq. (4.31). The correction formula is given by: 
blueline= redline/sin(0.037k). As can be seen: if a Microflown is calibrated 
in a short tube and the output is corrected with a simple sine function, an 
anechoic calibration result can obtained in a frequency range of 200Hz-4kHz 
(a small Plexiglas tube). 

Fig. 4.45 shows the phase response of a ½” Io PU probe. In contrast to 
the amplitude response where the reference is the pressure microphone at 
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the end, the phase response is measured relative to the pressure 
microphone of the PU probe. So the relative phase response is measured. In 
a standing wave tube the phase is 90DEG. 

 

Fig. 4.45: Phase response of a ½” Io PU probe in the 75 standing wave tube (black line) 

and in a short standing wave tube (red line).  

 

Fig. 4.46: Amplitude response of pressure microphone of the ½” probe relative to a 

pressure microphone with a sensitivity of 14mV/Pa. In the 75 standing wave tube (black 

line), in a short standing wave tube (red line) and in a short standing wave tube but 

corrected (blue line). 

The distance (l-x) can be determined acoustically. Two signals can be 
used for that: the pressure response and the phase response. As can be 
seen, the phase shifts 180DEG at 2250Hz and the pressure response has a 
minimum at the same frequency. This is because the probe is positioned 
3.7cm before the rigid closed end of the tube. At this frequency a quarter 
Lambda fits between the end of the tube and the probe: 0.25λ = ¼c/f= ¼ 
333 / 2250 = 3.7cm. 
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The 30cm short standing wave tube 

The short standing wave tube calibration technique requires that the 
probe under test (it can be a particle velocity and/or pressure probe) is 
positioned in the tube at a distance (l-x) to the end of the rigid end smaller 
than a half wavelength, see Fig. 4.47. 

 

Fig. 4.47: The small standing wave tube as it is sold by Microflown Technologies.  

The method for calibration the Microflown and microphone element is 
based on Eq. (4.30) and Eq. (4.31). The response u/pref is measured and 
compensated with the values given by Eq. (4.31) and the response p/pref 
compensated with the values given by Eq. (4.30). 
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Fig. 4.48: Transfer function of the velocity signal (red line), pressure signal (black line) 

for a 5.5cm distance to the end of the tube. 
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At the end of the tube a half inch reference pressure microphone is 
placed with a sensitivity of 14mV/Pa. A half inch PU probe is positioned in 
the tube. The transfer functions Sprefu/Sprefpref and Sprefp/Sprefpref are 
measured at 5.5cm before the end of the tube. The result is shown in Fig. 
4.48. The red line is the velocity transfer function; the black line is the 
pressure transfer function. For frequencies higher than 3.5kHz in theory the 
tube is not valid anymore. 

The transfer function of the velocity signal (Sprefu/Sprefpref) has a 
minimum at fu=3185Hz. Based on Eq. (4.31) the response of the velocity 
signal is corrected for the response of the tube by: 

20 sin( )corrected measured

u

u u Log f
f

π
= −  (4.33) 

The transfer function of the pressure signal (Sprefp/Sprefpref) has a 
minimum at fp=1565Hz. Based on Eq. (4.30) the response of the pressure 
signal is corrected for the response by: 

20 cos( )
2

corrected measured

p

p p Log f
f

π
= −  (4.34) 

The results of the corrections are shown in Fig. 4.49. 
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Fig. 4.49: Corrected transfer function of the velocity signal (red line), pressure signal 

(black line) for a 5.5cm distance to the end of the tube. 

The phase response 

The phase between sound pressure and particle velocity at the same 
position in the tube is ±90 degrees. Because the phase of the sound field is 
known, the reference microphone is not needed. In this example the 
reference is used to be able to show the individual phase response of the 
Microflown and the microphone, see Fig. 4.50. 
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Fig. 4.50: Phase response of the velocity signal and the pressure signal of the PU probe in 

a standing wave tube for a r=5.5cm. 

In the tube the phase shift is ±90 degrees. The phase flips at the 
frequency where the pressure response has a minimum and where the 
velocity response has a minimum. The response is corrected for the tube’s 
response by simply adding or subtracting 90 degrees. The result is shown in 
Fig. 4.51. 
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Fig. 4.51: Corrected phase response of the velocity signal and the pressure signal of the 

PU probe in a standing wave tube for r=5.5cm. 

4.18 Very Near Field Calibration 

The following method is not very accurate compared to the other 
methods. All above-mentioned methods rely on a calibrated pressure 
microphone and a known acoustic impedance. Both are not always 
available. Microphones are difficult to use if e.g. the temperature is very 
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high and the impedance is for example non linear for high sound levels 
(higher than 135dB). In such cases the VNF calibration method is valuable. 

In [4] it was shown that the sound field at a normal distance rn from the 
surface some lateral length scale L is called the very near field if the 
following two conditions are met (see also chapter 7: vibration 
measurements): 

(I) (II)
2

n

L c
r L

f
λ

π
<< << =  (4.35) 

In where λ is the wavelength of the sound wave in air, f is the frequency 
and c the speed of sound in air. In the very near field the acoustic particle 
velocity and the structural velocity are linear related and that the 
underestimation of the structural velocity measured by the acoustic particle 
velocity is less than 3dB. 

 

Fig. 4.52: Sensor positions on a vibrating plate in free conditions. 

The data that is obtained from the Microflown is post processed in the 
following way. The sensitivity of the Microflown sensor is given by: 

2 22
( )

1 1 1e

d hc

LFS
Sensitivity f

f f f

f f f

=

    
+ + +    
       (4.36) 

With LFS is the sensitivity at 250Hz (32.7V/m/s), fe = 119Hz, fd = 1kHz 
and fhc = 17kHz. Therefore the Microflown output is multiplied by: 

2 2 2
119

1 1 1
31.2 1000 17000

not corrected

corrected

output f f
output

f

     
= + + +     

      (4.37) 
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Very near field correction 

The Microflown is measuring in the very near field. At zero distance the 
surface velocity and the acoustic particle velocity coincide. If the distance 
sensor – plate is not zero the acoustic particle velocity will decay in a linear 
manner. In the very near field (if the measurement distance is closer than 6 
times the size of the source), the acoustic particle velocity decay will be less 
than 3dB. Here the measurement distance is in the order of 5mm. A best 
guess of the underestimation of the structural vibration is 1.5dB.  

Therefore to correct for the not infinite small measurement distance the 
frequency corrected response of the Microflown is lifted 1.5dB. The 
measurement results are shown below. 
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Fig. 4.53: Response of a vibrating plate in free conditions measured with a Polytec 

vibrometer (black line), B&K Accelerometer (blue line) and the USP Microflown sensor 

(red line). 

4.19 Shaker (VNF) calibration 

The Microflown is sensitive for particle velocity which is related to 
movement of air. If a Microflown is harmonically moved trough still standing 
air the effect is the same as if moving air passes a still standing Microflown. 
There are two methods to calibrate the Microflown with a shaker. The 
Microflown can be fixed on the shaker to vibrate trough the air or the 
Microflown can be positioned very close to the vibrating shaker. 

In the last case the shaker acts as a sound source and the Microflown is 
in the very near field of that source. In this case the surface velocity of the 
shaker and the particle velocity coincide. The movements of the shaker and 
thus the surface velocity are measured with an accelerometer or laser 
vibrometer. This signal is used as a reference. 

In the other method the Microflown is vibrated in still standing air and 
with an accelerometer or laser vibrometer the movements of the shaker are 
measured. This signal is used as a reference. 
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Fig. 4.54: A Microflown is fixed on a shaker. Left to the fixture an optical displacement 

sensor is placed that is used as a reference. Left picture: The Microflown is in the very 

near field. Right The Microflown is moved through still standing air, results are showed in 

Fig. 4.55. 

With this method the amplitude and phase response of a Microflown is 
determined in a frequency range of 1Hz up to approximately 500Hz. 

It is not possible to measure the amplitude or phase response of a 
pressure microphone with this technique. 

 

Fig. 4.55: Amplitude response compared to an optical displacement sensor when moving 

air passed the scanning probe (grey line) and when the probe can vibrate through still 

standing air (black line). 

4.20 Absolute calibration of the amplitude response 

There are systems that are able to detect particle velocity. A Laser 
Doppler Anemometer (LDA) is an example of such device [5]. Disadvantage 
of such system is that it is a large and expensive setup that is not very 



Calibration 

 4-55 

sensitive. Only the amplitude can be calibrated on one specific frequency. 
Phase calibration is not possible. However it is a known measurement setup 
and the Microflown is calibrated with it to demonstrate the working 
principle. 

 

Fig. 4.56: Photograph of the experimental setup. From left to right: He-Ne laser, beam 

splitter, lens, photo multiplier. In the middle the perplex tube is shown with the 

loudspeaker at one end, and the closed end including a microphone on the other end. 

Particle velocity is measured at the position where the two laser beams cross. The 

Microflown was positioned as close as possible to the position where the particle velocity 

is being measured using the LDA setup [5]. 

 

Fig. 4.57: Particle velocity measured with a Microflown and measured using the LDA 

measured at 1247Hz in the standing wave tube. The plotted line represents the pressure 

divided by the specific impedance [5]. 

In Fig. 4.57 the measurement results are shown. The sound pressure at 
the end of the tube divided by the acoustic impedance, the output of the 
LDA and the output of the Microflown are compared at 1247Hz in good 
agreement. 
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Fig. 4.58: Setup to compare the USP with a PIV system. 

At the group of neurosciences and behavioral biology of the University of 
Wien the frequency response of the USP probe was compared with a PIV 
(Particle Image Velocimetry) system, see Fig. 4.58. A sine signal was 
generated and at each frequency the amplitude of the particle velocity field 
was adjusted so that the PIV system measured 30mm/s at the position of 
the USP. The response of the USP is given in Fig. 4.59. As can be seen, the 
results match fairly. 

 

Fig. 4.59: Setup to compare the USP with a PIV system. 

The calibration of the USP was in this case required to be able to 
measure the particle velocity sound field of a bee antenna, see Fig. 4.60. 
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Fig. 4.60: The USP probe used to measure the movement of a bee ‘antenna’. 

 

Absolute calibration of the phase response (from [3]) 

The LDA measurement shows that the amplitude response of a 
Microflown can be obtained by e.g. a standing wave tube measurement. A 
method to obtain the phase response without the need of a special 
environment is presented here.  

 

Fig. 4.61: Large and small measurement surface and the B&K 4205 Sound source. 
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The sound power of a sound source is determined at two different 
surfaces. Close to the sound source the probe is in the near field which 
means that he phase shift between sound pressure and particle velocity is 
large. Further from the source the sound waves are more in the far field and 
particle velocity and sound pressure will be almost in phase. 

The sound power determined at the large surface and the small surface 
must be equal. First the PU probe is calibrated inaccurately and the sound 
power of the large surface is determined. At the large surface the phase 
error does almost not influence the determination of the sound intensity 
(see also chapter 5: sound intensity). Then the sound power of the small 
surface is determined. After this, the correction of the phase is adjusted in 
such way that the sound power ratio of the large and small surface becomes 
unity. 
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Fig. 4.62: Sound power of the B&K 4205 Sound source, measured with a Brüel & Kjær 

intensity probe and with a Microflown intensity probe on two different measurement 

surfaces (after calibration). 

4.21 Accuracy of the methods 

The analysis presented in [3] showed that the required accuracy of the 
phase calibration of a p-u intensity probe used in sound power 
measurements depends on whether the measurements take place in the 
reactive near field of the source under test or not.  

If near fields are avoided then fairly large phase errors, say 10± ° , can be 
tolerated. However, if the measurement surface is close to a source the 
ratio of the reactive to the active intensity may well take values of up to 
10dB at low frequencies and then even a phase error of 2.5± °  is 
unacceptable (the resulting error in the estimated sound power would be 
1.6 dB/-2.5 dB).  
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With extremely reactive sound field conditions, as in the experiments 
with the loudspeaker dipole described in [3], only a very good calibration 
will be good enough.  

For impedance measurements the phase accuracy is an issue when the 
material under test is highly reflective [9].  

The highest phase accuracy can be achieved with the sound power ratio 
calibration technique (§4.20). The estimated accuracy is in the order of 0.15 
degrees. The amplitude response is not calibrated with this method. 

With the piston on a sphere (see §4.8) the accuracy is within 0.2± dB and 
0.6± °  in a 50Hz-10kHz bandwidth. This accuracy is found in an anechoic 
room. When used in a regular room, the room reflections have to be 
cancelled with a time selective method (see §4.10). The usable bandwidth is 
50Hz-10kHz. 

The monopole on a sphere method (see §4.8) is somewhat less accurate 
but still adequate ( 0.5± dB and 2± ° ). Advantage of this method is that it can 
be used in a normal room without the use of time selective methods to 
avoid reflections. The usable bandwidth is 50Hz-10kHz. 

The standing wave tube techniques are very convenient because of their 
size and the good signal to noise ratio. The bandwidth is limited to 
approximately 4kHz but at the lower side it is possible to calibrate down to 
20Hz. The accuracy of the method is somewhat less than the near field 
methods (an estimate is 0.5± dB and 4± ° ). 

The very near field correction is not accurate but it is a very fast method. 
An estimate is 1± dB and 7± ° ). This method is used where others fail due to 
high temperatures, high sound levels etc.  

4.22 How to correct  

Once the frequency response and phase response of the Microflown and 
microphone are known, the measured data can be corrected. The correction 
can be done in several ways:  

1) An analogue equalizing network can be made that has the inverse 
phase and amplitude response.  

2) The phase and amplitude response can be corrected by a digital filter 
in for example the analyser.  

3) It is possible to post process the measured data. 

Option 1), an analogue filter, can be applied. It corrects the amplitude 
and phase response of the Microflown. It is a convenient solution but it is 
not extremely accurate. This is because it is impossible to exactly correct 
the amplitude and phase response. However for not to extreme sound fields 
this method is appropriate. Real time measurements are possible and all 
analysers can be used (the analyser does not have to be modified). 

A digital filter, option 2), is able to correct the phase and amplitude 
response separate. This method can be implemented in the analyser so that 
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real time measurements still are possible. The method is more accurate 
than option 1). 

The autospectrum (Suu) of the velocity channel must be corrected by: 

,

,

uu measured

uu corrected

microflown
S

=
S

S

 (4.38) 

The sensitivity can be approximated by an equation or with e.g. a table 
of calibration numbers. This can be a text file with the correction value 
given for each frequency. The equation that is a good estimation for the 
sensitivity (Smicroflown) is given by: 
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       (4.39) 

Of course the phase response is not needed to correct the autospectrum. 
To correct the cross spectrum (Spu), the phase response is included: 
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With the relative phase response (φpu), the phase shift of the Microflown 
and microphone, of the form: 

1 1 11

2 3

pu

C f f
tg tg tg

f C C
ϕ − − −= − −

  

The constants C2 and C3 equal approximately the frequencies fd and fhc 
and the constant C1 is in the order of 30Hz-100Hz. 

Option (3), post processing, is a method where the signals of the probe 
are not corrected and the analyser is not modified. The uncorrected 
measurement results are stored and later corrected. This is used mostly in 
array applications where post processing is almost always the standard 
procedure. 
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