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An experimental analysis of a subsonic compressed-air sound source has been
carried out. The design of the source is described, in which a sliding plate which
modulates the air flow is driven by an electrodynamic shaker. Friction between
the sliding plate and its housing are reduced by coating their faces with glass-filled
PTFE. The alternating acoustic pressure at the source output has been measured
for various conditions. On the basis of these experimental results, the validity of
the theoretical model derived in a companion paper is assessed. Predistortion of
the subsonic source to produce a sinusoidal output is considered. A predistortion
processor is placed in series with the electrodynamic shaker, the output of which
is being computed on the basis of the fundamental equation of the subsonic
compressed-air source. The measurement of the pneumatic efficiency of the
source is also considered, by using a hot-wire anemometer for the measurement
of the air flow across the source. The experimental results are found to be in
good agreement with the theoretical predictions developed in the companion
paper, Part I.
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1. INTRODUCTION

A theoretical analysis of electropneumatic transducers was developed in a
companion paper (Part I). The main conclusion was that electropneumatic sources
were potentially good candidates for secondary sources in active noise control
systems since they are ruged and capable of operating with high efficiencies. The
analysis revealed that the pneumatic efficiency of these sources was very large
compared to that of a sonic electropneumatic source, and was even larger than
the electro-acoustic efficiency of electrodynamic loudspeakers. The theoretical
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analysis also showed, however, that unlike sonic electropneumatic sources, the
subsonic transducer was a non-linear device, at least when used as a conventional
acoustic generator. In this case, the source can be linearized by using a
predistortion processor. When the transducer is connected to a small acoustic
impedance, which is generally the case when the source is acting in an active noise
control system, the source non-linear behaviour is strongly reduced. An
experimental analysis of the sonic electropneumatic source was presented by
Glendinning et al. [1]. A gas bearing was used by these authors to support the
friction-free motion of a sliding plate which modulated the supply of compressed
air. The main conclusion from this work was that the acoustic volume velocity was
linearly dependent on the valve displacement; hence the interest in reducing the
distortion in the valve movement by using the gas bearing.

This paper describes an experimental analysis which has been carried out on a
subsonic electropneumatic source built in the laboratory of Acoustics of the
Faculté Polytechnique de Mons (Belgium), in collaboration with the Institute of
Sound and Vibration Research of the University of Southampton (U.K). The
paper is organized as follows. Section 2 describes the design of the subsonic
electropneumatic source.

Section 3 is devoted to the presentation and the discussion of the results of the
experimental analysis of this source, whereas section 4 deals with the validation
of the theoretical model described in the companion paper. Section 5 is concerned
with the important issue of the linearization of the source by using a predistortion
processor. Finally, the measurement of the pneumatic efficiency of the source is
considered in section 6.

2. DESIGN OF A SUBSONIC ELECTROPNEUMATIC SOURCE

The design of a sonic source has been fully discussed by Glendinning et al. [2].
In this reference, two different architectures were discussed: the annular sleeve
design and the sliding plate design. The annular sleeve design was considered by
Fiala et al. [3]. An analysis of this type of design reveals that it suffers some major
drawbacks: it is difficult to manufacture and assemble the coil and flexure; it is
an inflexible design in that the modification of the slot area or shape requires
complete re-manufacture of the valve. Moreover the clearance between the stator
and the moving parts cannot be varied and turning the flow through 90° causes
a reduction in the pressure pulses developed at the slots. The sliding plate design
avoids these problems and has the additional advantage that it can be driven by
using a standard electrodynamic vibrator. Its main drawback is the pressure
loading on the sliding plate, causing high frictional forces and hence limiting the
throw of the valve and its linearity. Glendinning et al. [2] used an aerostatic thrust
bearing to support the plate. In the subsonic case, the relatively small pressure
difference between the plenum chamber and the source output section does not
seem to necessitate such a heavy and costly solution as the use of low friction
materials (PTFE) for the contact surfaces is probably more appropriate.

The main requirements of the subsonic source that was designed in the current
work were as follows: frequency range 20–200 Hz. Above this frequency
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substantial valve motion is impossible without recourse to an exotic driving
mechanism. The plenum pressure should also be only a few hundred Pascals above
the atmospheric pressure. Such a low pressure excess allows the source to work
in the region where it is the most efficient (but the most non-linear). Another
requirement from the source is its flexibility: it has to be designed in such a way
that changes in the valve geometry are possible without complete re-manufacture.
The driving system chosen was an electrodynamic vibrator (Brüel and Kjaer type
4810), developing a peak force rating of 10 N and a peak-to-peak maximum
displacement of 6 mm. This vibrator does not require external cooling. By
enclosing the vibrator in the plenum chamber the need for any sliding seals was
averted. The vibrator was placed vertically, in order to avoid force imbalance on
its suspension. The swept area was chosen to be 48 mm2. In order to explore the
full potential of the transducer at low frquency, i.e., minimize pressure loss
through the slots, a slot width of 1 mm was chosen. The final slot arrangement
was as follow: 4 slots, length 12 mm, width 1 mm, gap between the slots 1 mm.
The slider thickness was chosen equal to 2 mm. Such a thickness was shown to
be able [2] to resist pressure loading as large as 3×105 Pa. The slot thickness was
reduced to 1 mm by milling the centre of the slider, in order to reduce the weight
of the slider. A second reason for reducing the slot thickness was aerodynamic and
was discussed in Part I: when the slots are aligned, the flow through the port results
in a pressure difference between the two sides of the slot, tangential to the flow,
and the net force acts to close the valve. The magnitude of this force varies with
valve opening position, decreasing as the valve opens and therefore leading to a
non-linear behaviour of the valve. This force is dependent on the side area of the
slots exposed to the flow so that a reduction in this area causes a corresponding
reduction in the axial force and therefore reduces the valve non-linear behaviour.
In order to minimize its mass, the slider was constructed in aluminium alloy. The
rod connecting the shaker and the slider was chosen to be stiff enough to avoid
any transversal movement of the slider, as illustrated in Figure 1. The use of a stiff
rod has two drawbacks: it is likely to increase the rod weight and it is unable to

Figure 1. Connecting rod between the slider and the shaker, impeding any slider transversal
movement.
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accommodate any small misalignment between the vibrator and the slider.
However this arrangement has three major advantages: it simplifies the design of
the slider housing, that is no longer required to enclose the slider; it allows a
reduction of friction between the slider and its housing; and it also allows a fine
setting of the clearance between the slider and the housing, by using two screws
placed on the housing. The connecting rod was also constructed in aluminium
alloy, to reduce weight. The reciprocating mass of the valve, i.e., the mass of the
slider and connecting rod, was approximately 8 gm.

For proper operation of the source, the plenum chamber must be large enough
to guarantee a constant plenum pressure along the cycle. Assuming the output flow
from the source is sinusoidal, one can write

Qtotal (t)=
Q
2

+
Q
2

sin vt+leakage flow, (1)

where Qtotal (t) is the output flow from the source and Q/2 is the output flow when
the valve is half open. Assuming that the leakage flow, that mainly depends on
the clearance between the slider and its housing, is negligible, one can write

Qtotal (t)3
Q
2

+
Q
2

sin vt. (2)

The time average output flow is equal to Q/2: the input steady flow in the device
is therefore equal to Q/2. The volume deficit in the chamber is maximum for
vt+ p, and is equal to

max volume deficit=g
p

0

Q
2

sin vt dt=
Q
2 $−cos vt

v %
vt= p

vt=0

=
Q
v

. (3)

The volume deficit is largest at low frequencies. In equation (3), the mean flow
rate Q is computed by using the source fundamental equation that was derived
in Part I,

Q2(t)=A1(t)zCd (ppl − p2(t))/r (4)

(the notation being that used in Part I). The minimal volume of the plenum
chamber can be assessed by using Boyle’s law (an adiabiatic transformation is
assumed):

p1v1 = p2v2. (5)

Here v2 is the initial volume of the plenum chamber, v1 is the initial volume of the
plenum chamber minus the volume deficit, p2 is the plenum pressure, and
p1 = p2 + dp2 is the plenum pressure for maximum plenum volume deficit. If the
variations of the plenum pressure dp2 are fixed as 1% of p2, then one can write

(p2 + p2/100)(v2 −Q/v)= p2v2. (6)

This last equation gives the minimum free volume of the plenum chamber for 1%
plenum pressure variation. For the source described here A�1 =2·4×10−5 m2,
ppl − p̄2 =500 Pa, r=1·2 kg/m3, fmin =20 Hz and Cd =2, from which one can
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compute Q=0·7×10−3 m3/s and hence the minimum plenum chamber volume as
v2 =101×0·7×10−3/(2×20p)=0·56 dm3.

The plenum chamber external dimensions were chosen as follows: length
290 mm, width 240 mm, height 254 mm. The plenum chamber was made from
18-mm plywood. One side of the chamber was made from transparent plastic to
offer the possibility of analyzing the slider movement, by using a stroboscope for
example. The plenum chamber free volume was roughly estimated to 10 dm3 and
was therefore largely over-dimensioned compared to the calculation above, but
this made the manufacture of the source more practical. Initially, the plenum
chamber was supplied with compressed air by using a small compressor (maximum
flow rate=100 1/min), via a 2-m long 53-mm internal diameter circular pipe. The
plenum pressure was adjusted by using a small valve at the compressor output.
However, initial measurements on the source revealed that it was very difficult to
adjust the plenum pressure, the small valve at the compressor output not being
very accurate, and so the output flow from the compressor exhibited large
fluctuations in time, leading to variations of the plenum pressure throughout the
cycle. The compressor was also very noisy and influenced by acoustical
measurements. For these reasons, the compressor was replaced by a cylinder of
dry air. A pressure reducer was placed at the output of this cylinder. The problems
mentioned above then disappeared.

The source output section, located downstream the slider housing, was made
from a circular pipe whose dimensions are as follows: length 111 mm, internal
diameter 15 mm. It is possible to connect the source to two different ducts. The
first one, that will be labelled the 220×280-mm duct, is a 3-m long rectangular
duct having internal dimensions of the cross-section 220×280 mm. An acoustic
termination was designed at the end of this duct to minimize the reflection of sound
from the far end of the test section but to allow the free escape of air. The second
duct has a circular cross-section (diameter 21 mm, length 3 m). This time, because
of its small cross-section, no anechoic termination was placed at the duct output.

In order to achieve a sinusoidal, full modulation of the valve, the mean position
of the slider must be such that the slots are half open. A first possibility was to
use a mechanical system to change the mean slider position. However, a
preliminary study revealed that this solution was difficult to implement. For this
reason, a controllable d.c. component was added to the electrical voltage feeding
the shaker, which allowed the electrical modification of the mean slider position.
The shaker was driven by using a 60-W d.c. power amplifier. In order to prevent
overheating of the coil of the shaker, an electronic fuse was placed at the output
of the power amplifier.

The vertical displacement of the slider versus time, which is proportional to the
throat area A1(t), was measured by using an infrared LED coupled to a receiving
diode, as illustrated in Figure 2. The output current of the receiving diode is
proportional to the light intensity it receives, which is itself dependent on the slider
position. The output current was converted to a voltage that was measured by
using an instrumentation amplifier. Preliminary measurements showed that this
system was linear for slider peak-to-peak displacements up to 2 mm and that the
system was not sensitive to external lighting. The plenum pressure was monitored
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Figure 2. Measurement of the slider position by using a LED and a receiving diode.

by using a small piezo-resistive differential pressure sensor, whose ports
respectively vented to the plenum pressure and the ambient pressure. The output
of the sensor was connected to a low noise high accuracy instrumentation
amplifier. A photograph of the source is shown in Figure 3.

3. EXPERIMENTAL ANALYSIS OF THE TRANSDUCER

3.1.     

The linearity of the slider movement was assessed by measuring the slider
displacement versus time for various plenum pressures, by using the optical sensor.
The shaker was driven by sine input voltages of various frequencies. The degree
of linearity of the slider movement can be assessed via the computation of the
harmonic distortion dh of its linear displacement d(t), defined as

dh (%)=100
zA2

2f +A2
3f +· · ·+A2

nf

zA2
1f +A2

2f +A2
3f +· · ·+A2

nf

, (7)

Figure 3. A view of the subsonic electropneumatic source during the assembly phase, showing the
vibrator placed in the plenum chamber.
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Figure 4. Linearity of the slider movement. (a) Contact between the slider and its housing; (b)
no contact between the slider and its housing. Experimental conditions: sinusoidal, full modulation
of valve, f=40 Hz, plenum pressure= patm +300 Pa.

where Af is the amplitude of the fundamental in the spectrum of signal d(t) and
Aif is the amplitude of the ith harmonic in this spectrum. The throat area versus
time and the power spectrum of this signal are illustrated in Figure 4 for the
following experimental conditions: full modulation of valve; frequency 40 Hz,
plenum pressure patm +300 Pa. The harmonic distortion in this case was measured
to be 2·5%. Other results showed that the harmonic distortion never exceeds 5%,
and was independent of the plenum pressure (at least for the plenum pressures up
to patm +500 Pa). Figure 4 suggests that the main cause of distortion of the slider
movement is the friction between the slider and its housing. It was possible to
increase the gap between the slider and its housing but this increased the leakage
and hence reduced the pneumatic efficiency of the source. Another possible
method of reducing friction would be to replace the PTFE coating by an air
bearing, but this was not required here since the residual distortion with the PTFE
coating was felt to be acceptable.

3.2.      

The acoustic pressure at the source output was measured in various
experimental conditions, by using the experimental set-up of Figure 5. This system
allows the measurement of both the slider displacement and the acoustic pressure
at the source output. The acoustic pressure was measured by using a pressure
microphone. Measurements were carried out for various frequencies ranging from
20 to 120 Hz, and for various plenum pressures up to 300 Pa. In a first set of
experiments, the source was connected to the 220×280-mm duct. The position
of the measurement microphone with respect to the source output is illustrated
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in Figure 5, and Figure 6 illustrates a typical result. The frequency of the sine wave
generator was set to 56 Hz, which is a particulary interesting frequency because
the response of the 220×280-mm duct is almost identical for both the
fundamental, the second harmonic (112 Hz), the third harmonic (168 Hz) and the
fourth harmonic (224 Hz). The distortion in the signal p2(t) at this frequency is
thus hardly influenced by the duct and is only due to the source. The harmonic
content of the acoustic pressure p2(t) is quite similar to that of the signal A1(t) in
this case, which suggests that the main source of non-linearities in the system is
the slider movement. The phenomenon of pressure equalization expected from the
theoretical analysis does not appear to occur. The magnitude of acoustic pressure
fluctuations at the source output is, however, only equal to a few percent of the
excess pressure in the plenum chamber. The situation is different when the source
is connected to the 21-mm duct, in which case the results of the measurements are
illustrated in Figure 7. Once again a frequency was chosen for which the duct had
almost no influence on the waveform at the source output. The phenomenon of
equalization now clearly appears, and the magnitude of acoustic pressure
fluctuations at the source output is almost equal to the excess pressure in the
plenum chamber. This preliminary experimental analysis demonstrated the effect
of the acoustic load impedance on the output waveform of the source. This effect
is also demonstrated in the theoretical analysis since the smaller the acoustic
impedance seen by the source, the smaller the acoustic pressure variations at the
source output. In this case, the fundamental equation of the subsonic source

Figure 5. Measurement of the acoustic pressure at the output of the subsonic electropneumatic
source. For each measurement, a sinusoidal, full amplitude modulation of the valve was achieved.
The valve movement was controlled by using a stroboscope. For convenience, the differential
pressure sensor for measuring the plenum pressure is not illustrated in the figure. The acoustic
pressure at the source output was measured by using a pressure microphone located as follows: (a)
source connected to the 220×280-mm duct, X=9 cm, Y=7 cm; (b) source connected to the 21-mm
duct, X=20 cm; Y=0·5 cm.
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Figure 6. Acoustic response of the subsonic source. Experimental conditions: f=56 Hz,
ppl = patm +150 Pa. Source connected to the 220×280-mm duct. (a) Throat area versus time and
power spectrum of this signal; (b) acoustic pressure at the source output and power spectrum of this
signal. The d.c. part of this signal was measured by using the differential pressure sensor described
in section 2. Ports of this device respectively vented to the ambient pressure and to a location close
to the microphone of Figure 5.

(equation (4)) becomes almost linear since ppl − p2(t) is close to ppl , which is a
constant. The production of sound is rather inefficient if the source is operated
in this mode, however. If the system is to have large efficiency, the load resistance
must be large compared to the resistance of the throat opening, since the acoustic
power derived by the source is the power dissipated in this radiation resistance.

4. VALIDATION OF THE THEORETICAL MODEL

In the theoretical analysis of Part I, an equation was given for the prediction
of the volume velocity at the output of the subsonic electropneumatic source
(equation (4) of this paper). The accuracy of this theoretical model was examined
experimentally. Initial experiments were conducted to determine the optimal value
of the discharge coefficient Cd . The procedure for the estimation of the optimal
discharge coefficient Cd,opt can be described as follows, with reference to Figure 8.
In this figure, p2th (t) is the ‘‘theoretical’’ value of p2(t) if equation (4) is valid and
is defined as

p2th (t)=0aA1(t)Xppl − p2mes (t)
r 1 ( za (t), (8)
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Figure 7. Acoustic response of the subsonic electropneumatic source. Experimental conditions:
f=37 Hz, ppl = patm +300 Pa. Source connected to the 21-mm duct. (a) Throat area versus time;
power spectrum of this signal; (b) acoustic pressure at the source output; power spectrum of this
signal.

where a=zCd is the square root of the discharge coefficient, ( is the convolution
operator, za (t) is the impulse response of the duct to which the source is connected,
and p2mes (t) is the measured value of the acoustic pressure at the source output.

The computation of p2th (t) requires the measurement of A1(t) and (ppl − p2mes (t))
and the estimation of za (t), the impulse response of the duct. The optimal value
of coefficient a, aopt , is the value that mlinimizes the cost function J, defined as

J=E[(p2th (t)− p2mes (t))2], (9)

Figure 8. Determination of the optimal discharge coefficient. Block diagram.
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Figure 9. Experimental set-up for measuring the acoustic input impedance of the duct
(220×280-mm or 21-mm duct) to which the source is connected.

in which E is the mean value operator. Upon defining the function f(t) as

f(t)=0A1(t)Xppl − p2mes (t)
r 1 ( za (t) (10)

then equation (9) can be written by using equation (8),

J= a2E[( f(t))2]−2aE[( f(t)p2mes (t))]+E[(p2mes (t))2]. (11)

The optimum value of a is the value for which the derivative of J with respect to
a is equal to zero. After derivation of equation (11) one finds

aopt =E[ f(t)p2mes (t)]/E[( f(t))2]. (12)

The optimal discharge coefficient Cd,opt is then the square of aopt . The validity of
the theoretical model can be estimated by computing the correlation coefficient K
between functions p2mes (t) and p2th (t), defined as follows if zero mean processes are
assumed (see for example reference [4]):

K=
E[p2th (t)p2mes (t)]

zE[p2th (t)2]zE[(p2mes (t))2]
. (13)

The closer this coefficient is to 1, the more accurate the theoretical model can be
assumed to be. The validation of the theoretical model requires the estimation of
the acoustic impedance and of the impulse response of the duct to which the source
is connected. The source output was slightly modified to allow this measurement,
as illustrated in Figure 9. The loudspeaker was fed with white noise and the linear
velocity of the diaphragm, v(t), was measured with an accelerometer. The acoustic
pressure in front of the loudspeaker, p(t), was also measured by using a
microphone. The slider was arranged to be completely closed for these
measurements. If V( jv) and P( jv) are the Fourier transforms of the signals v(t)
and p(t), then the acoustic impedance Za ( jv) at the entrance of the duct can be
calculated as

Za ( jv)=P( jv)/SV( jv), (14)

where S is the area of the loudspeaker diaphragm. The impulse response of the
duct is the inverse Fourier transform of Za ( jv). The impulse responses of both
the 220×280-mm duct and of the 21-mm duct were measured in this way. The
impulse response of the 220×280-mm duct is shown in Figure 10. Because of the
acoustic termination at the end of this duct, the impulse response is reasonably
well damped.
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In the experiments A1(t) was measured by using the optical sensor, ppl by using
the differential pressure sensor, and p2mes (t) by using the microphone. For all the
measurements, a sinusoidal modulation of the valve was achieved. By using the
impulse response of the duct and the measured signals A1(t) and p2mes (t), the
function f(t) was computed by using equation (10). The optimal coefficient aopt is
then computed by using equation (12). The signal p2th (t) is then computed by using
equation (8). Finally, the coefficient of correlation K between p2th (t) and p2mes (t)
is computed (equation (13)). This procedure was carried out for various
frequencies up to 100 Hz and for vairous d.c. plenum pressures. Figures 11(a,b)
present some typical results. The optimal discharge coefficient calculated for
various driving frequencies and plenum pressures is illustrated in Figure 12. This
coefficient was measured when the source was connected to both the 21-mm duct
and the 220×280-mm duct described in section 2. No major difference in the
discharge coefficient was noticed between these two cases. The discharge
coefficient is close to 2, a result that was derived theoretically by Sivian [5], Clark
Jones [6] and Ingard and Ising [7]. According to Sivian’s work, this value of the
discharge coefficient shows that the flow across the orifice is fully turbulent. The
assumption used in the theoretical analysis of a constant discharge coefficient of
2 is thus seen to be reasonably well validated by the experimental investigation,
under a wide variety of conditions. The fundamental equation of subsonic
compressed-air sources derived in the theoretical analysis can thus be taken as a
good model for explaining the behaviour of the subsonic electropneumatic source.
The coefficient of correlation between the predicted pressure and the measured
pressure was larger than 0·9 in every case, which again suggests that the theoretical
model is a good one, particularly if one takes into account the various sources of
error in the procedure of validation. These include the error in the measurement
of the duct acoustic impedance, the error in the measurement of the source output

Figure 10. Impulse response of the 220×280-mm duct.
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Figure 11. Comparison of the measured acoustic pressure (– – – –) with the acoustic pressure
computed by using the model (–––). The source was connected to the 21-mm duct. Experimental
conditions are as follows: (a) sinusoidal, full modulation of valve, ppl = patm +60 Pa, f=37 Hz; (b)
sinusoidal, full modulation of valve, ppl = patm +60 Pa, f=86 Hz.

acoustic pressure, in the measurement of A1(t) and in the measurement of the
plenum pressure.

5. PREDISTORTION OF THE SOURCE

Pressure equalization was shown in the theoretical analysis to be the main cause
of non-linearity in the subsonic source. The linearization of such a source has been
discussed by Allen and Watters [8], whose purpose was to control the waveform
at the output of an acoustic siren, a device that was demonstrated to have a similar
behaviour to that of the subsonic compressed air source. Allen and Watters
demonstrated that although the siren was non-linear, it was still possible to
generate a sinusoidal wave by varying the open area of the siren port in a
non-sinusoidal way. They proposed an analytic expression to compute the time
variation of the port area leading to the generation of a sinusoidal waveform. This
time variation of area was designed into the stator port shape. The experimental
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results demonstrated that the output waveform was almost perfectly sinusoidal:
harmonics were more than 20 dB below the fundamental over a wide range of
plenum pressures. The main drawback of the Allen and Watters siren is that the
production of other than a sinusoidal waveform requires a complete
re-manufacture of the stator of the siren. In the subsonic electropneumatic source
the throat area versus time is controlled by the electrical current feeding the
electrodynamic shaker, which offers more flexibility. In the theoretical analysis of
Part I an equation was derived that gives the throat area versus time for the
production of a required pressure p2required (t)=A sin (2pft), which is

A1(t)=K sin {2pf(t− u)} 1

zppl − {A sin (2pft)}
, (15)

where K is a constant and u is a time delay which is a function of the phase angle
of the acoustic impedance of the duct to which the source is connected at frequency
f. Equation (15) suggests that, in practice, the required throat area can be
computed by using the following procedure: (a) the plenum pressure ppl is
measured by using the pressure sensor described in section 2; (b) the pressure
p2required (t) is defined by p2required (t)=A sin (vt); (c) the difference between the
plenum pressure and the required pressure is computed as u(t)= ppl − p2required (t);
(d) the square root of the signal u(t) is computed, to produce the signal s(t); (e)
the inverse of signal s(t) is computed, producing signal i(t); (f) the signal i(t) is
multiplied by the signal d(t), a delayed version of signal p2required (t), v(t)= i(t)d(t),
with d(t)= p2required (t− u); (g) the signal u(t) is sent to the power amplifier and then
to the shaker. This process of linearization is an open loop procedure whose

Figure 12. Optimal discharge coefficient versus driving frequency and plenum pressure. +, 21-mm
duct, ppl =60 Pa above atmospheric pressure; w, 21-mm duct, ppl =150 Pa above atmospheric
pressure; ×, 21-mm duct, ppl =300 Pa above atmospheric pressure; (, 220×280-mm duct,
ppl =150 Pa above atmospheric pressure.
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Figure 13. Open loop linearization of the subsonic compressed-air source. Block diagram.

block-diagram is illustrated in Figure 13. The various operations were
implemented on a Texas Instruments TMS320C25 signal processing board,
programmed by using the assembler language. In order to check the accuracy of
the predistortion system, the acoustic pressure at the source output was measured
by using the arrangement of Figure 14. For each of these measurements, a

Figure 14. Experimental arrangement for the linearization of the subsonic compressed-air source.



(a)
300

100

200

0

A
c.

 p
re

ss
u

re
 (

P
a

)
(b)

–20
–30
–40

–10

–50

(c)
300

100

200

0
0.05

0.00 0.10
0.15

0.20

Time (s)

(d)

–20
–30
–40

–10

–50
1000 200

Frequency (Hz)

(Frequency = 25 Hz)

(a)
300

100

200

0

A
c.

 p
re

ss
u

re
 (

P
a

)

(b)

–20
–30
–40

–10

–50

(c)
300

100

200

0
0.05

0.00 0.10
0.15

0.20

Time (s)

(d)

–20
–30
–40

–10

–50
1000 200

Frequency (Hz)

(Frequency = 37 Hz)

(a)
300

100

200

0

A
c.

 p
re

ss
u

re
 (

P
a

)
P

o
w

. 
sp

ec
tr

u
m

 (
 d

B
)

P
o

w
. 

sp
ec

tr
u

m
 (

 d
B

)

P
o

w
. 

sp
ec

tr
u

m
 (

 d
B

)
(b)

–20
–30
–40

–10

–50

(c)
300

100

200

0
0.05

0.00 0.10
0.15

0.20

Time (s)

(d)

–20
–30
–40

–10

–50
1000 200

Frequency (Hz)

(Frequency = 50 Hz)

. .   . . 444

Figure 15. Linearization of the subsonic compressed air source. The experimental conditions are
described in the text. (a) Acoustic pressure versus time at the source output when the slider has a
sinusoidal movement; (b) power spectrum of this signal; (c) acoustic pressure versus time at the
source output when the source is linearized; (d) power spectrum of this signal.

sinusoidal acoustic pressure at the source output was required and a full
modulation of the source was achieved. The plenum pressure was 300 Pa above
the atmospheric pressure. To assess the effect of predistortion, the measured
acoustic pressures at the source output was compared with the acoustic pressures
achieved for a sinusoidal movement of the slider. This comparison is illustrated
for three frequencies in Figure 15. This figure shows that the predistortion
processor is reasonably successful in linearizing the subsonic electropneumatic
source, particularly for low frequencies. The degree of linearization at the source
output however quickly decreases when the frequency increases and at f=50 Hz
the method of predistortion is not very efficient. The cause of this failure is to be
found in the poor frequency response of the mechanical part of the subsonic
compressed air source, which falls off rapidly above 45 Hz. For this reason it does
not seem possible to linearize the source for frequencies larger than, say, 40–45 Hz
by using the arrangement shown in Figure 14. The frequency response of the slider



0.16

0.14

0.12

0.10

0.08

0.06

0.04

0.02

0.00
2.01.51.00.50.0

Position along the diameter (cm)

V
el

o
ci

ty
 (

m
/s

)

  ,  445

could be improved by reducing its weight or increasing the stiffness of the shaker,
and the linearization method outlined above could then be operated up to higher
frequencies. Alternatively the frequency response of the slider could be
compensated for within the processor used in the linearizer shown in Figure 14,
although this possibility has not been investigated in practice.

6. EFFICIENCY OF THE SOURCE

The pneumatic efficiency of electropneumatic sources was defined in Part I. A
thermodynamic method of measuring the pneumatic efficiency was proposed by
Clark Jones [6]. The method is based on the assumption that the only form of
energy, other than heat, into which the available energy of the air stream is
converted, is acoustical energy. If all the available energy were used in this fashion,
the temperature of the exhausted air would be less than the temperature of the
air in the chamber by the amount corresponding to an adiabatic, reversible
expansion from the chamber pressure to atmospheric pressure. Thus, the
pneumatic efficiency of the source is the ratio of the measured temperature
difference to that corresponding to an adiabatic reversible expansion between the
two pressures. A similar result was used to measure the efficiency of a turbine. The
basic quantity to be measured is therefore the difference between the temperature
of the air immediately below and above the slider. The analysis of turbine
operation and of modulation shows that the physics of the systems is quite
different however. This difference was explicitly noticed by Mitchell and Muster
[9]. The second method for measuring the pneumatic efficiency of the subsonic
compressed air source is the direct method, in which both the source pneumatic
input power and acoustic output power are measured, and this was the method
adopted here.

Figure 16. Velocity profile along one diameter of the cross-section of the 21-mm duct.
Frequency=47 Hz, plenum pressure= patm +50 Pa.



. .   . . 446

T





1

M
ea

su
re

m
en

t
of

th
e

pn
eu

m
at

ic
ef

fic
ie

nc
y

of
th

e
su

bs
on

ic
el

ec
tr

op
ne

um
at

ic
so

ur
ce

:e
xp

er
im

en
ta

lr
es

ul
ts

;(
1)

gi
ve

n
ab

ov
e

th
e

at
m

os
ph

er
ic

pr
es

su
re

;
(2

)
re

fe
re

nc
e

2
×

10
−

5
P
a;

(3
)
co

m
pu

te
d

by
us

in
g

th
e

fo
llo

w
in

g
va

lu
es

fo
r

th
e

ac
ou

st
ic

lo
ad

re
si
st

an
ce

:
R

l
=

2·
44

×
10

6
N

s/
m

5
(
f=

47
H

z)
;

R
l
=

4·
88

×
10

6
N

s/
m

5
(
f=

52
H

z)
;

an
d

R
l
=

4·
63

×
10

6
N

s/
m

5

(
f=

95
H

z)
;
(4

)
so

un
d

po
w

er
le

ve
l
at

20
cm

fr
om

th
e

so
ur

ce
ou

tp
ut

,
re

fe
re

nc
e

10
−

12
W

SP
L

P
ne

um
at

ic
F

re
qu

en
cy

P
le

nu
m

(d
B

)
A

co
us

ti
c

po
w

er
P
ow

er
le

ve
l

F
lo

w
P
ne

um
at

ic
ef

fic
ie

nc
y

(H
z)

pr
es

su
re

(1
)

(2
)

(W
)

(3
)

(d
B

)
(4

)
(m

3 /
s)

po
w

er
(W

)
(%

)

47
50

12
5

5·
18

×
10

−
4

87
2·

18
×

10
−

5
1·

09
×

10
−

3
47

·5
15

0
13

4
4·

12
×

10
−

3
96

5·
71

×
10

−
5

8·
53

×
10

−
3

48
35

0
14

1
2·

06
×

10
−

2
10

3
1·

21
×

10
−

4
4·

23
×

10
−

2
48

52
50

11
7

4·
11

×
10

−
4

86
2·

20
×

10
−

5
1·

10
×

10
−

3
37

15
0

12
6

3·
26

×
10

−
3

95
5·

76
×

10
−

5
8·

63
×

10
−

3
38

35
0

13
1

1·
03

×
10

−
2

10
0

1·
20

×
10

−
4

4·
17

×
10

−
2

25
95

50
12

7·
5

4·
86

×
10

−
4

87
2·

21
×

10
−

5
1·

11
×

10
−

3
44

15
0

13
5·

5
3·

86
×

10
−

3
96

5·
93

×
10

−
5

8·
91

×
10

−
3

43
·5

35
0

14
3

1·
72

×
10

−
2

10
2

1·
18

×
10

−
4

4·
13

×
10

−
2

42



70

10

20

30

40

50

60

0
1.021 1.022 1.023 1.024 1.0251.020 1.026

Plenum pressure (Pa)    (   105)

E
ff

ic
ie

n
cy

 (
%

)

R1=4.63   106

R1=2.44   106

R1=4.88   105

  ,  447

6.1.     

When the source is connected to a purely resistive acoustic load, the acoustic
power can be estimated by measurement of the rms value of the acoustic pressure
at a position close to the source output. The acoustic power was thus measured
only at frequencies for which the acoustic load was purely resistive. The source
was connected to the 21-mm duct, and the microphone was placed in a position
similar to that given in Figure 5.

6.2.     

The pneumatic power can be estimated via the measurement of the plenum
pressure ppl and of the d.c. flow ū1A�1. The flow across the source was measured
by using a hot wire anemometer. The hot-wire probe was placed 0·5 cm away from
the output of the 21-mm duct and the velocity of air was measured every 0·1 cm
along only one diameter of the duct cross-section. This methodology was justified
by preliminary measurements that showed that the velocity of air was independent
of the diameter chosen (laminar flow). The flow Q across the system was computed
from the equation

Q= ū1A�1 =g gS

u(S) dS, (16)

where S is the area of the cross-section of the duct and u(S) is the d.c. component
of the velocity of air at various positions of this cross-section.

Figure 17. Pneumatic efficiency of the subsonic source for various experimental conditions, ×,
f=47 Hz (load resistance 2·44×106 N/m5); +, f=52 Hz (load resistance 4·88×105 N/m5); (,
f=95 Hz (load resistance 4·63×106 N/m5). For comparison, solid lines give the pneumatic
efficiency computed in the theoretical analysis. Values of the acoustical loads R1 on these curves are
in Ns/m5.
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6.3.  

The frequencies chosen for the measurements were 47, 52 and 95 Hz, for which
the input impedance of the duct was almost entirely real and was equal to
2·44×106 Ns/m5, 4·88×105 Ns/m5 and 4·63×106 Ns/m5, respectively. To ensure
a fair comparison between the theoretical and the experimental results, the source
was connected to the predistortion processor, in order to produce an acoustic
pressure which was as close as possible to a sine wave.

The sound pressure level at the source output and the velocity profile along a
diameter of the cross-section of the duct were measured for three different plenum
pressures: patm +50 Pa, patm +150 Pa and patm +350 Pa. The throat area was fully
modulated. A typical velocity profile is illustrated in Figure 16. From the
measurements the acoustic power at the source output, the flow across the source,
the pneumatic power required to feed the source with compressed air and the
source pneumatic efficiency were successively computed. Table 1 summarizes the
results and Figure 17 gives a plot of the pneumatic efficiency calculated from the
measured data in the conditions described above. The measured pneumatic
efficiencies depend on the source load resistance and slightly decrease as the
plenum pressure increases. The measured efficiencies are in reasonably good
agreement with the theoretical prediction from Part I, which are also shown in
Figure 17. The additional losses encountered in the experimental source can be
attributed to several causes, including the air leakage, the backward radiation into
the plenum chamber, the losses due to turbulence at the throat and the losses
through the walls of the duct to which the source is connected. There are also
several possible causes of error in the experimental determination of the pneumatic
efficiency of the subsonic source which include the distortion in the acoustic
pressure signal, which is particularly prevalent at 95 Hz, and the effect of the air
flow on the measurement of the acoustic pressure, which affected all the
measurements to the same extent.

7. CONCLUSIONS

A subsonic compressed air source has been constructed to test the validity of
the theoretical analysis developed in Part I. The device was originally designed to
work up to 200 Hz, but the dynamics of the shaker used to drive the slider
prevented reliable operation above about 100 Hz. The valve movement was
measured with an optical detector and found to be a linear fraction of the input
voltage to the shaker. As expected, the mechanism of sound production in
subsconic sources is found to be non-linear and is subject to the phenomenon of
equalization between the plenum chamber and the source output section. The
experimental results are in good agreement with the theoretical model derived in
the companion paper. The source was also linearized by using a predistortion
processor which worked reasonably well for frequencies up to 45 Hz, say. The
problem with this procedure at higher frequencies was the limited frequency
response of the moving system which comprised the shaker, the slider and the
housing. The pneumatic efficiency of the source was also measured at several
frequencies for which the acoustic load was purely resistive. Pneumatic efficiency
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ranges between 25 and 50% and is found to be in reasonable agreement with that
predicted from the theoretical analysis. The subsonic compressed air source
designed is thus confirmed as being a relatively efficient sound generator since for
small plenum pressure excess, their pneumatic efficiency is close to the theoretical
maximum pneumatic efficiency for sine waves which is 50%. The use of the
subsonic source as a secondary actuator in active noise control systems is currently
being investigated.
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