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ABSTRACT 

Monopole sound sources (i.e. omni directional sound 
sources with a known volume velocity) are essential for 
reciprocal measurements used in vehicle interior panel noise 
contribution analysis. Until recently, these monopole sound 
sources use a sound pressure transducer sensor as a 
reference sensor. A novel monopole sound source principle 
is demonstrated that uses a Microflown (acoustic particle 
velocity) sensor as a reference sensor. 

As compared to a sound source that uses a sound 
pressure transducer as a reference sensor, the new sound 
sources demonstrated are relatively easy to calibrate, not 
sensitive to changes in ambient temperatures, and suitable 
to use in all sorts of acoustic environments. 

INTRODUCTION 

Monopole sound sources are required for reciprocal 
measurements [5], [6], [7], [8], [9], [10], [11]. These 
reciprocal measurements are found in e.g. NVH 
applications for the reason of the very different space 
requirements of sound sources and sensors; measurements 
of acoustic transfer functions are often much easier done 
reciprocally, i.e. when source and sensor are interchanged.  

A typical application is the measurement of acoustic 
transfer paths of sound radiated from a vehicle's engine to 
the driver's ear. The engine compartments of today's cars 
are almost completely filled with the engine itself and its 
various subsystems. Therefore, a microphone can be 
installed much easier than a loudspeaker, whereas in the 
cabin there should be enough space for a sound source.  

When measuring reciprocally, e.g. with a sound 
source inside the cabin, all transfer paths are excited - and 
thus can be measured - simultaneously. This means a 

significant reduction in time requirements compared with 
the direct method, where each transfer function of interest 
has to be measured one after another. 

The quality of a monopole sound source is very 
important because the reciprocal measurement is the base of 
many measurements. If the source performs otherwise than 
expected, the result of the complete procedure may become 
useless.  

A monopole sound source has a volume velocity 
output in cubic meters per second and an omni directional 
directivity. Volume velocity is equal to the particle velocity 
(in meters per second) times the surface of the sound 
source. 

Practical monopoles are created when the diameter of 
the source is much smaller than the wavelength of the 
emitted sound field. The sound that leaves the output is 
omni directional if the wavelength of the highest frequency 
of interest is much longer than the diameter of the source 
output. ‘Much longer’ is rather vague. A save rule of thumb 
to create omni directionality is a wavelength more than six 
times larger than the diameter. 

THEORY 

The simplest source to describe mathematically is a 
pulsating sphere with radius a, that expands and contracts 
harmonically with spherical symmetry, see Fig. 1. If the 
radius (a) of the sphere is much smaller than the wavelength 
(ka<<1), the source becomes a monopole or in other words 
a point source. Such sources are difficult to create in 
practice but the monopole sound source is a central concept 
in theoretical acoustics. 



A point source is also called an omni directional 
sound source of constant volume velocity. In practice such 
sources are used for e.g. reciprocal measurements. 

 

Fig. 1: A pulsating sphere can be regarded as a 
monopole if the radius of the sphere is small compared to 
the wavelength. 

A monopole sound source has a sound field with point 
symmetry. The sound pressure field is depending on the 
distance to the source (and not on the angle) and is given 
by: 
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With Q the source strength in [m3s-1], and r the 
distance from the source. The acoustic impedance of a 
monopole is given by: 
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The particle velocity field can be derived by 
combining Eq. (1) and Eq. (2) and results in: 
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As can be seen, relative close to the source (kr<<1), 
the particle velocity field is decreasing with the square of 
the distance and in the far field (kr>>1) the particle velocity 
field is, just as the sound pressure, decreasing 
proportionally with distance. 

Close to the source (kr<<1) the particle velocity is in 
phase with the source Q and the sound pressure is 90 
degrees out of phase. The sound power P [W] of an omni 
directional monopole is given by: 
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The sound power is proportional to the square of the 
frequency, indicating that a small pulsating sphere is not an 
efficient radiator at low frequencies. 

THEORY ON PRACTICAL MONOPOLES 

A point source can be constructed using a high 
impedance loudspeaker (e.g. a horn driver) connected to a 
socket by a flexible tube, see e.g. Fig. 3. In a frequency 
range where only plane waves can propagate in the tube 
(f<c/1.7d), an omni directional behavior of the acoustic 
radiated field from an open-ended tube is obtained for 
ka<<1, i.e. for wavelengths much larger than the tube radius 
a [3]. The tube diameter, d=2a, must be much smaller (in 
the order of 2 to 3 times) than a third of the wavelength of 
the sound wave: 
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In practice this means that to get an omni directional 
response (±1dB) up to f=4kHz a tube diameter of 
d=2a=1cm is required (in this case ka=0.35<<1, with a the 
tube radius). 

In practice the upper frequency for a monopole with 
diameter d is given by: 
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For a proper prediction of the generated volume 
velocity, it is not possible to use the loudspeaker signal as 
reference because the standing wave pattern in the tube is 
(a.o.) temperature dependent. And although it is possible to 
calculate where the maximums and minimums in the 
transfer function are, it is hard to calculate how high or low 
they exactly are: the damping in the tube is difficult to 
model exactly. It is also reported that the driving current of 
the loudspeaker and the measured sound level is not linear 
related. It is therefore required to have a reference sensor at 
the end of the tube. 

The volume velocity at the tube opening has to be 
known to determine the source strength. There are three 
choices as reference sensor: a pressure microphone, a pair 
of closely spaced microphones and a particle velocity 
sensor (a Microflown). These three options are discussed in 
more detail below. 

A MICROPHONE AS REFERENCE SENSOR 

In a traditional approach a microphone is used as 
reference sensor due to a lack of particle velocity sensitive 
microphones in the past. A source with a microphone 
reference sensor is commercially available (e.g. LMS, 



ISVR) and was developed in a European project [2]. The 
acoustic impedance of an open ended tube is used to 
convert the sound pressure in a volume velocity.  

If the termination of the tube is rigid, it can be 
considered that the specific acoustic impedance is infinite 
and the incident wave is totally reflected. For an open-
ended tube the common simplification of zero impedance at 
the termination is not correct since the tube radiates sound 
into the surrounding medium. 

The impedance for the open-ended tube for ka<<1 is 
given by [4]: 
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With a the radius of the tube. For a radius of 0.5 cm 
the impedance as described in Eq. (7) is depicted in Fig. 2. 
The upper frequency where Eq. (7) is valid is given by: 
f<<c/(2� a)� 11 kHz, so f<4 kHz. (The source is omni 
directional up to approximately 4 kHz.)  
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Fig. 2: The impedance of an open-ended tube for a 0.5 
cm radius. 

As can be seen, the impedance is very low at lower 
frequencies indicating that almost all sound is reflected at 
the end of the tube and at higher frequencies the normalized 
impedance approaches unity meaning that much energy is 
radiated from the tube. 

One of the major concerns related to the one 
microphone approach is the required independence of the 
surrounding impedance. In [2] some critical situations were 
tested (i.e. the actuator was put close to a hard wall) and this 
requirement was fulfilled if the source is relative far away 
from the obstacles. Another concern is that the impedance, 
and therefore also volume velocity estimation, is (a.o.) 

temperature dependent at the open end. Furthermore, the 
sound pressure and particle velocity are only linear related 
at lower sound levels (below 135 dB) so one can question if 
Eq. (7) is valid at the higher sound levels that are commonly 
seen at the source output. 

In the tube a standing wave pattern exists with a 
minimum sound pressure at the end of the tube. Due to the 
standing waves the amplitude of the pressure field is 
(especially at higher frequencies) strongly position 
dependent. The positioning of the microphone is therefore 
critical. Apart from this, the (large) volume velocity is 
determined from a small value of the sound pressure. This 
may also introduce some errors. 

�

Fig. 3: A monopole source with a pressure 
microphone as reference. 

A practical disadvantage of the pressure reference at 
the end of the tube is that the particle velocity (and thus the 
volume velocity) can only be calculated for an open tube, 
see Eq. (7). The source strength cannot be derived from the 
pressure measurement in situations where the source is not 
used in an open space e.g. for application in an artificial 
head or close to a surface. 

If the monopole source is used in e.g. a head shaped 
loudspeaker, a pressure microphone as reference makes no 
sense: the specific acoustic impedance is not known at the 
end of the source and therefore the volume velocity cannot 
be calculated for the sound pressure. It is also not possible 
to derive the source strength from a pressure measurement 
in an anechoic chamber because Eq. (1) is only valid for a 
point source.  



TWO CLOSELY SPACED MICROPHONES AS 
REFERENCE SENSOR 

To avoid some of the aforementioned problems it is 
also possible to use two closely spaced and matched 
microphones at the end of the tube. A two microphone 
solution is commercially available at e.g. B&K. With such 
arrangement it is possible to estimate the volume velocity 
from the pressure gradient: 
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Problems that are reported with this two microphone 
technique are similar to the problems that are reported with 
intensity probes [1]: The negative effect of phase errors and 
spacing problems: for lower frequencies the gradient 
becomes very small. The latter can be solved by adding a 
third pressure microphone with a larger spacing. 

Furthermore, the sound pressure and particle velocity 
are only linear related at lower sound levels (below 135 dB) 
so one can question if Eq. (8) is valid at the higher sound 
levels that are commonly seen at the source output. 

A PARTICLE VELOCITY SENSOR AS REFERENCE 
SENSOR 

The most obvious reference sensor is a particle 
velocity sensor (Microflown) at the end of the tube, since 
the volume velocity is defined from the particle velocity 
times the surface of the source output. 

The advantage compared to a pressure microphone as 
reference is that the source strength is known, independent 
of the acoustic environment. This is a very important 
advantage.  

The source output particle velocity level is relatively 
high at normal sound levels. If a SPL of 80 dB (which 
corresponds to 0.2 Pa) at 1 meter at 1 kHz is required, the 
source strength can be derived by rewriting Eq. (1): 
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The particle velocity at the end of a tube with a 
diameter of 12 mm can be calculated by: 
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A particle velocity of 3 m/s is very high (156dB re. 50 
nm/s). The upper particle velocity limit of the standard 
Microflown element is in the order of 138 dB so at these 
levels the Microflown will overload. 

To avoid overloading, a high level Microflown is 
used. That is a Microflown built in a nozzle source 
approximately 90 degrees rotated. Due to this, the 
sensitivity is reduced considerably, in the order of 20 dB. If 
this trick is applied, levels up to 160 dB (5 m/s) can be 
measured, without overloading the sensor. If the particle 
velocity becomes too high, turbulence and wind induced 
noise may occur.  

The relation between the particle velocity at the output 
of the source and the pressure at a certain distance r from 
the monopole source is given by: 
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The particle velocity at the source output is a function 
of frequency and the diameter squared. So to reach a certain 
sound pressure level at one meter, the particle velocity level 
or the source diameter has to be increased if the frequency 
decreases. To avoid too high velocity levels (and therefore 
turbulences and wind noise), the diameter has to be 
increased. Of course the diameter of the source has to be 
chosen so that the restrictions of Eq. (5) are respected: 
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The particle velocity of the sound source should be 
chosen smaller than 1 m/s to avoid wind noise and 
turbulences. 

 

Fig. 4: A hose type monopole source. A small 
extension tube is used for calibration. 



CALIBRATING THE SOURCE 

The aim of calibrating the sound source is to find out 
how much sound (power or volume velocity) the source 
produces. First the source is calibrated with a standing wave 
tube technique and for verification the source is calibrated 
in an anechoic room. 

Standing wave tube calibration  

The monopole sound source is simply a tube with a 
particle velocity reference sensor at the end. The calibration 
can be done when the source output is extended with a tube 
that is terminated rigidly. In the rigid termination a 
reference pressure microphone is placed. Now a standing 
wave calibration tube is created so that that the reference 
sensor can be calibrated with standard standing wave tube 
calibration method [12]. Here the theory will be explained 
briefly. 

In a standing wave tube, a rigidly terminated tube with 
rigid 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 circular 
tube the sound waves are plane below the cut-off frequency:  
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with d the diameter of the tube and c the speed of 
sound. So the bandwidth is limited for high frequencies, the 
smaller the tube diameter, the higher the frequency where 
the tube can be used. This upper frequency limit is of no 
consequence because Eq. (5) (stating the upper frequency 
for omni directionality) shows that the upper frequency 
where the source is still is omni directional is given by: 
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Fig. 5: A standing wave tube that is rigidly terminated 
at x=l and in which the fluid is driven by a loudspeaker at 
x=0. 

For the monopole source an extension tube of 15 mm 
diameter and 2 cm in length is used. The pressure 
microphone is used as the rigid termination. 

 

Fig. 6: A standing wave tube with a reference pressure 
microphone mounted for calibration of monopole sound 
source. 

The particle velocity sensor is positioned at the end of 
the tube of the sound source. This tube is extended with a 
small tube with length (l-x). The relation between the 
particle velocity and the reference pressure at the end of the 
tube is given by: (uprobe=u(x)): 
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The relation of the source reference particle velocity 
sensor and the reference sound pressure at the end of the 
tube turns out to be a simple sine function. The transfer 
function Sprefu/Sprefpref is measured. The result is shown in 
Fig. 7 grey line. 
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Fig. 7: Raw calibration standing wave curve (grey) 
and the corrected calibration curve. 

The transfer function of the velocity signal and the 
reference pressure microphone has a minimum at fu=3200 
Hz. Based on Eq. (15) the response of the velocity signal is 
corrected for the response of the tube by:
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The result of the correction is shown in Fig. 7 black 
line. Once the sensitivity of the reference sensor is known, 
the particle velocity level inside the tube can be determined. 
The volume velocity of the source is given by the particle 
velocity level times the tube cross section area. 

If the calibration tube has to be designed, it is wise to 
choose the length such that the dip in the response (at fu) is 
at the highest frequency that the source is still omni 
directional, see Eq. (14). The upper frequency for 
calibration is higher than that frequency, see Eq. ((13). So: 
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If the length of the standing wave tube is chosen 1.5 
times the diameter, the dip in the response (at fu) will be 
below the upper frequency where the tube can be used for 
calibration and above the useable frequency where the 
source is still omni directional.  

The source strength Q is easily derived from the 
calibrated particle velocity reference sensor at the source 
output: the volume velocity Q equals the measured particle 
velocity times the surface of the source: 
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COMPARISON OF ANECHOIC AND STANDING 
WAVE TUBE CALIBRATION 

The source strength that is calculated from the particle 
velocity reference sensor is compared with the source 
strength that is derived from a pressure measurement at a 
certain distance from the source in an anechoic room, see 
Eq. (1) and Fig. 8.  

The source strength as function of the input current of 
the source determined with both methods is shown in Fig. 9. 
The grey line represents the source strength that is derived 
from a pressure measurement at two meters from the source. 
The black line represents the source strength derived from 
the velocity measurement at the end of the source, see Eq. 
(18). As can be seen, the source strengths determined with 
both methods are in very good agreement. 

 

Fig. 8: A prototype hose type monopole source is 
calibrated in an anechoic room with a sound pressure 
measurement at a known distance. 
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Fig. 9: Source strength per ampere determined with a 
sound pressure measurement in an anechoic room (grey 
line), source strength per ampere determined with a 
calibrated particle velocity reference sensor (black line). 
The measurement set up of this measurement is shown in 
Fig. 8. 

SOURCE STRENGTH OF THE MONOPOLE 
SOURCE 

The source is driven with white noise. The sound 
pressure level is measured in a normal room at 20 cm 
distance. The particle velocity is measured at the source 
output with the reference velocity sensor. The sound 
pressure at 20 cm is calculated with Eq. (1). As can be seen 
in Fig. 10, both results are in good agreement. At higher 
frequencies the source becomes less omni directional. This 
may cause the sound pressure to increase in front of the 
source.  
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Fig. 10: Black line: measured sound pressure level at 
20 cm, red line: calculated sound pressure level based on 
the velocity reference sensor. 

THE LOW FREQUENCY MONOPOLE SOURCE 

A point source is not an effective radiator at low 
frequencies, so the generated sound pressure level is low at 
low frequencies. A very high volume velocity is required to 
reach a proper sound pressure level for low frequencies. 
One can increase the particle velocity to reach an acceptable 
sound pressure level but this will result in turbulences or 
‘wind noise’ at the end of the tube. 

To keep the particle velocity within limits, for low 
frequencies a source is created with an increased diameter 
of the tube. In this case a diameter of d=15 cm is chosen, 
which means that the upper frequency for omnidirectional 
radiation is limited to 260 Hz, see Eq. (6). 

100
-100

-90

-80

-70

-60

-50

S
u/

S
pr

ef
 [d

B
]

Frequency [Hz]
 

100

0.1

1

S
Q
 V

/(m
/s

)

Frequency [Hz]
 

Fig. 11: upper plot, grey line: raw calibration data of 
the reference sensor of the low frequency source. Upper 
plot black line: corrected for the standing wave tube 
response (fu=540 Hz). Lower plot: the sensitivity of the 
reference particle velocity sensor at the end of the tube. 

  

Fig. 12: Picture of the low frequency monopole 
source.  

The source is built with a cylinder (diameter 32 cm 
and height 27 cm) that is closed at one side and at the other 
side a tube is mounted (diameter 15 cm, height 22 cm). A  
bass loudspeaker (diameter 27 cm, maximum power 200 
Wrms) is mounted just in front of the tube. A 28 cm long 
standing wave tube is used for calibration. 

The reference Microflown at the end of the source 
exhaust is calibrated by putting a 28 cm closed tube with a 
reference microphone at the closed end (see Figure 12). 

The ratio of the Microflown signal and the reference 
pressure microphone signal at the end of the tube 
(sensitivity is 14 mV/Pa) is given as a calibration result in 
Fig. 11 grey line. The raw data of the calibration is 
corrected for the standing wave tube behavior, see Fig. 11 
black line. 



The source is driven with white noise and the signal of 
the reference probe is used to calculate the sound pressure 
level at 50 cm. This is shown in Fig. 13 red line. The sound 
pressure is also measured at 50 cm in front of the 
loudspeaker in a normal room. As can be seen, the 
calculated and the measured sound pressure level are in 
reasonable agreement up to 250 Hz. At higher frequencies 
the measured sound pressure level is higher than the 
calculated one. The source becomes directional at these 
higher frequencies. This is most probably the reason for the 
higher measured levels. 
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Fig. 13: Red line: calculated sound pressure level at 
50 cm from the source. Black line measured sound pressure 
level at 50 cm in front of the source. 

The output voltage of the reference sensor is measured 
and divided by the sensitivity of the sensor. To increase the 
driving power the speaker was driven with a pure tone 
signal. The measured velocity at the source exit is shown in 
Fig. 14. (This measured velocity should be multiplied with 
the cross section area of the tube to get the volume 
velocity). 
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Fig. 14: The output of the source. Upper: source 
velocity in m/s; Second upper: calculated sound pressure 
level in dB re 20µPa at 1 meter distance from the source;  
Second lower: volume velocity in [m3/s]; Lower: volume 
velocity in dB. 

If the source is driven at 50 Hz and the output is 1 m/s 
there is a DC wind going outwards the tube’s exit. The wind 
can be noticed by hand 0.5 m from the source output. This 
effect is caused by the fact that the tube sucks air from all 
directions and blows in only one direction. 

The volume velocity is derived from the particle 
velocity and the cross section area of the tube. It is possible 
to express the volume velocity in a level. The reference 
volume velocity is then is 50 nm3/s.  



ACOUSTIC CENTRE 

A monopole sound source is an omni directional 
source. The acoustic centre is found just above the output of 
the tube. An example of a measurement that shows the 
acoustic centre is shown in Fig. 15.  

  

 

Fig. 15: A series of measurements with a Microflown 
shows the acoustic centre of the monopole sound source. 
Upper picture shows the low frequency source and the 
picture below the high frequency source. 

A Microflown (which has a directional sensitivity) is 
moved in a line over the monopole sound source. At each 
position the Microflown is rotated so that the sound source 
can not be measured. That position is photographed and the 
probe is moved again. A series of photographs is overlaid 
such that the probe positions and orientations can be seen. 
A line trough the two circles at the top of the Microflown 
shows the line of zero sensitivity. The crossing point of all 
lines shows the acoustic centre of the monopole sound 
sources. 

VELOCITY DISTRIBUTION AT THE OUTPUT 

The volume velocity of the source can only be 
determined by the particle velocity times the cross section 
area of the output if the velocity profile is rather constant at 
the output of the source. The velocity profile is measured 
with a scanning probe for a 35 mm diameter hose. 

A d=35 mm realization of a monopole is omni 
directional up to about 1 kHz. As can be seen in Fig. 16, the 
velocity profile is almost constant.  
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Fig. 16: velocity profile of a 35 mm hose type 
loudspeaker. 

CONCLUSION 

A set of two monopole sound sources with a particle 
velocity sensor as reference sensor are made. For low 
frequencies (20 Hz<f<260 Hz) the source diameter is 15 cm 
and for high frequencies (200 Hz<f< 4 kHz) the source 
diameter is 15 mm.  

The sources are easily calibrated with a reference 
sound pressure microphone in a standing wave extension 
tube. The results are checked in an anechoic room and 
proved to be accurate. 
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