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Figure 1: Overview of the functional modules of an active feedback controlled subwoofer.
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Introduction

Most designers would love to work entirely from scratch with unlimited funds and
time. Unfortunately that is unrealistic in the audio world and it would make any
project financially unfeasible. For that reason a more pragmatic approach is generally
chosen by using readily available functional modules, like the driver, sensor, amplifier
and power supply, while modifying them if required and combining them with inhouse designed parts in such a way that the final result is unique and not easy
to duplicate. This whitepaper describes the general steps that should be taken to
design an active feedback controlled loudspeaker. It is meant to be rather generic
than precise, serving as a guideline only. The final realisation always asks for
additional fine tuning.
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Overview

Figure 1 shows an overview of the functional modules of an active feedback controlled
subwoofer:
• The Pre-filter/ limiter to prevent the system from getting into trouble due to
control tasks (setpoint values) that cannot be met.
• The difference amplifier to determine the error between the measured value
and the setpoint.
• The controller to filter the loopgain such that a maximum error reduction is
achieved with minimal stability issues.
• The current amplifier to drive de current in the driver without influence of
resistance, selfinductance and inductance-related distortion.
• The driver to drive the air.
• The acceleration sensor to measure the driver.
In the following first the driver and sensor will be presented, because these are the
most difficult to adapt, which makes them leading items for the design of the other
modules.
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Figure 2: Cross section of a low frequency driver with an acceleration sensor mounted on a
sensor carrier at the connection between the diaphragm and the voice coil.
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Driver and sensor

At first sight active control of an MFB loudspeaker seems easy for control engineers,
because it is in essence a system with motion in only one degree of freedom (DOF).
And indeed, if one does it in a right way it is not necessary to apply a controller with
crosstalk compensation in a MIMO (Multiple Input Multiple Output) control setup.
When this is not done well, compensation would require sensing and actuation in
multiple directions and such complex control structures would make the design
extremely costly and prone to errors.
The key conditions for achieving this necessary single DOF behaviour are:
• All actuation forces should act in one direction at the centre of mass of the
moving system.
• The sensor should measure only the motion component in that same direction.
In Figure 2 it is shown how this can be achieved and where the pitfalls are. First of
all the voice coil from the actuator shall drive the diaphragm in its centre of mass.
When the magnetic field is completely homogeneous the coil will only exert a linear
force in the upward direction. In reality the magnetic field will vary slightly over the
airgap due to the mounting tolerances of the concentric iron parts. This difference
in magnetic field causes a small torque around the centre of mass. Fortunately
this “parasitic” torque is effectively cancelled by the stiffness of the spider and the
surround suspension however at higher frequencies this causes a “rocking” motion
that can be sensed by the sensor. For that reason the sensor should be mounted as
close as possible in the centre of mass as then any rotations around that centre will
hardly be detected. This means that the sensor should at least be mounted near the
symmetry axis, which requires a platform, the sensor carrier, to mount it.

3.1
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Driver Parameters for Motional Feedback
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Figure 3: Frequency response of a driver with 4 different mass values for the moving part,
while all other parameters are kept identical. It illustrates that the moving mass
is less relevant for the lowest frequencies.

3.1

Driver Parameters for Motional Feedback

Standard drivers are designed towards favourable values for the so-called “ThieleSmall” parameters. These include the force constant B`, the selfinductance L, the
moving mass M , the compliance Cm of the support and the mechanical and electrical
quality factors Q . These values are normally used to determine the response of the
driver when placed in an enclosure and driven from a standard audio voltage-source
amplifier. It allows to determine the total Q and the low limit of the bandwidth at
the first resonance frequency. It is important to be aware that a high B`-value, a
small mass and a high compliance all give a lower Q -value. Further a low mass is
required for sufficient sound output above the first resonance frequency and finally
large magnets are expensive. For these reasons manufacturers aim at a low moving
mass, which allows for a small B`- value.
For reproduction of sound around and below the first resonance frequency with
motional feedback, the “Thiele-Small” optimisation is, however, far less important
and partly irrelevant or even counterproductive. First of all a high Q by lack of
damping is beneficial as it increases the feedback loopgain at the useful frequency
range. Secondly below the first resonance frequency the stiffness of the air in the
enclosure is dominant in the efficiency, while the moving mass is far less important.
When a certain volume of the enclosure is given, also the related stiffness is a mere
fact and in order to get a sufficiently large diaphragm excursion one should maximise
the force constant (B`) for a given coil resistance and not care (too much) about the
moving mass.

3.1

3.1.1

Driver Parameters for Motional Feedback

Impact of Moving Mass

Of course one should not take the statement on the less relevant moving mass
too literally as is shown in Figure 3 where the undamped frequency response is
calculated for an example 250 mm driver with three different mass values while all
other parameters are kept the same. It is clear that at 20 Hz the difference in output
is small as there the stiffness of the enclosure determines everything. Above the first
resonance, however, the differences become large, and more proportional to the mass
values. For a subwoofer, which only has to reproduce frequencies below 70 – 100 Hz,
this drawback is less an issue because the 20 Hz output level is always lower than
the 100 Hz level. Only with wider range woofers this lack of efficiency above the
resonance frequency becomes relevant. With this example of a 250 mm driver a
mass of 0.2 kg is fully acceptable, especially when considering that the output at the
crossover frequency of 70 – 100 Hz is -6 dB relative to the lower frequencies due to
the preferred 4th order Linkwitz-Riley crossover. A lower mass of 0.1 kg would bring
only a higher output above 60 Hz which is hardly relevant.
3.1.2

Impact of the Force Constant

The force constant B` determines the overall efficiency and the damping or Q factor
of the driver in its enclosure. When applying a current amplifier, as will be shown
in Section 4, the impact of B` on Q becomes negligeable. This means that with a
current amplifier there is no limitation to the maximum value for B` other than
cost.
Increasing the B` value can be done in two ways, increasing the magnet volume and
increasing the coil volume. The magnet is often the most expensive part, though
the cost of large ferrites with Br values of ≈ 0.25 T is not prohibitive. The only
consequence of a large magnet is a large iron structure to guide the magnetic field to
the airgap and the resulting extreme weight of the magnetic system as a whole. By
applying modern magnet materials like NdFeBo with Br values of ≈ 1.3 T it is possible
to reduce the mass of the magnetic system significantly, however the cost is much
higher. On the other hand a large mass has also a benefit as it reduces vibrations
to the floor due to the reaction forces of the actuator. As Newton already stated,
the actuator exerts equal opposite forces, useful ones to the moving diaphragm and
parasitic reaction forces via the magnetic system to the loudspeaker as a whole.
These forces result in accelerations of the loudspeaker enclosure and the floor that
are inversely proportional to the mass of the loudspeaker.
3.1.3

Rugged Diaphragm

A more important parameter, which is hardly noted in numbers but rather in qualitative terms, is the rigidity of the moving part. A paper or plastic diaphragm with
curved surfaces shows more elastic deformation and breakup at low frequencies then
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Driver Parameters for Motional Feedback
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Figure 4: Part of the SEAS datasheet on the L26RO4Y subwoofer. From the mentioned
data only the force factor B`, the effective piston area, linear coil travel, power
handling and voice coil resistance are important for motional feedback.

metal diaphragms and even when damped that will influence the dynamic behaviour
of the driver when applying feedback. To reduce the risk of unwanted resonances
a stiff, piston-like diaphragm is highly preferred. That means either the use of
materials ranging from carbon fibre reinforced plastics in a honeycomb sandwich
structure to relatively thick aluminium. The first option is rather expensive and a
real stiff straight diaphragm is then preferred.
For experiments and small series where customisation is not affordable only two
manufacturers, SEAS from Norway and Dayton Audio from USA, supply subwoofers
with elevated B`-values, large excursion values and a rugged aluminium piston like
diaphragm, as required for the use in motional feedback. Both have the drivers
manufactured in Taiwan, keeping the cost to acceptable levels. Due to their rugged
design they miss the sonic refinement that some brands strive for when using them
in standard passive loudspeakers but with motional feedback that disadvantage is
simply overcome, although the additional cost of the sensor partly “consumes” the
cost benefit.
For reasons of experience with the driver unit at the university for a student test-
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Acceleration Sensor
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Figure 5: At 40V RMS the acceleration of the SEAS driver in a small enclosure of 15 litres
shows a peak at 100 Hz due to the high selfinductance while the maximum
excursion occurs at the low end of the frequency range.

bench on motion control, it was decided to use the SEAS L26RO4Y “Designed by
SEAS” from Figure 4 as driver for the initial experiments and regular production. It
has also some more advantages of which the ease of removing the dustcap1 to place
the sensor is an important one.

3.2

Acceleration Sensor

The maximum acceleration levels of the diaphragm of a subwoofer are in the order2
of 1500 m/s2 . Figure 5 shows the calculated acceleration and excursion amplitude of
the diaphragm of the SEAS subwoofer driver when mounted in a small (≈15 litre)
enclosure at 40 V RMS excitation, which is 400W at 4 Ohm. These acceleration
levels correspond to sound levels of 110 dB and one of the biggest problems is to
find sensors that can simultaneously withstand acceleration levels of more than
1500 m/s2 and show noise levels of at least 90 dB below that level to be inaudible
in a quiet bedroom (30 dB). When considering that some audiophiles love to check
the noise character by listening near the driver, even -90 dB is not sufficient. In
practice a sensor with 100 dB SNR relative to full scale is required, while also the
characteristic spectrum of the noise is important, preferably it should follow a 1/ f
characteristic due to the sensitivity of the human ears (Fletcher-Munson).
Next to these simultaneous demands on high acceleration and low noise, also the frequency and phase response is important. Preferably the sensor should not decrease
the phase and gain margin too much (less than 5◦ ).
Several principles exist by which acceleration sensors are made of which two examples are shown in Figure 6. All are based on the principle of inertia, using a seismic
1 this

can be done with a hot air gun and a soft tipped rod pusher from the back.
some reason many suppliers of accelerometers relate their sensors to the acceleration of
gravity (G), which is not an SI unit and not a constant either so for those who like to work with
wrongly specified data 1500 m/s2 matches 150g.
2 For
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Figure 6: Two potentially useable principles of accelerometers for motional feedback. The
modern MEMS based sensors of which one principle is shown at the left are not
yet good enough and the classical piezoelectric sensor for professional use as
shown at the right, which is too expensive.

mass, which exerts forces to its support in response to its acceleration. It is the
measurement of this force that provides the electric signal. Force is a difficult to
imagine physical phenomenon as it is not directly visible and only can be observed
indirectly by acceleration and deformation of materials and it is the latter that
brings us the sensor function.
One method of sensing acceleration is to mount the seismic mass in leaf springs
of which the deformation is measured by strain gages on the springs as in the
left image of Figure 6. In a second method the deformation is measured and the
force is compensated by means of an actuator in feedback. A third method applies
piezoelectric materials, which give a voltage when being deformed. Of these the
closed-loop feedback method is mainly used to measure very low acceleration levels
at low frequencies with high accuracy. For that reason this principle is not applicable
in motional feedback loudspeakers.
The most recent (however for motional feedback still disappointing) developments on
accelerometers are the integrated MEMS accelerometers, which are used in airbags
for cars and in smartphones. Their high reliability, ruggedness and ability to measure from DC onwards, seem to be perfect for the application in motional feedback,
however they utterly fail on noise and bandwidth. Partly this is due to the low
inertial mass, which makes the deformations extremely small but also the industry
demand for digital sensors with integrated A/D conversion, which introduces latency,
does not help in the application for fast feedback control.
For this reason it is still necessary to revert to old technology with piezoelectric
sensors and it is good to see what can be learned from the first Philips Motional
Feedback loudspeakers. As shown in Figure 7 Philips used a tin droplet as seismic
mass on top of a piezoelectric bending element elastically supported by two rubber
sleeves on the platform. The piezoelectric bending element creates a high sensitivity
with good linearity and the shown FET created a buffer stage to amplify the signal.
This buffer stage is necessary because a piezoelectric element is capacitive by nature

3.2
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Acceleration Sensor

Figure 7: In the 70s Philips developed a full range of motional feedback loudspeakers
with acceleration sensors. Due to their own loudspeaker manufacturing plant
in Dendermonde they could design and integrate their own sensor, which was
sufficient for the applied moderate loopgain and bandwidth.

with a capacitance in the order of only 100 pf, which necessitates the use of an
amplifier with an extremely high input impedance to be able to transmit signals at
low frequencies according to the RC product of the capacitance and resistance. For
100 pf and 20 Hz bandwidth the resistance would need to be:
f lim =

1
1
1
⇒ R=
=
= 80 · 106 [Ohm]
2πRC
2π f lim C 2π · 20 · 100 · 10−12

(1)

This was sufficient for that time but when a higher loopgain is aimed for the phase
margin would suffer too much and a lower sensor bandwidth with a higher resistance
value would be required. A professional solution would have been to apply a charge
amplifier3 but that would be too expensive for a consumer product. The use of rubber
for the support was also a compromise. On one side it reduces the effect of static
forces due to temperature and mounting but on the other side it limits the upper
bandwidth due to the elasticity and the mass of the piezoelement and seismic mass.
By choosing material with high internal damping this has been brought to acceptable
levels but it is a typical product that should be made in large numbers and due to
the fact that Philips terminated their activities in high-performance audio for many
years already it is no longer made.
3 The

charge amplifier is well described on internet and in the book “The Design of High Performance Mechatronics”.

3.2

Acceleration Sensor

Figure 8: The Measurement Specialties ACH01 applies piezoelectric polymer in a sandwich
between the seismic mass and the ceramic support. It has some favourable
properties and is used in several MFB systems.
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Figure 9: The force of the actuator generates a larger in-plane force in the diaphragm due
to the angle. The sum of these forces causes a squeezing force at the interface
between the diaphragm and the voice coil. This squeezing force will deform the
sensor platform, which also deforms the ceramic bottom plate of the sensor and
the piezoelectric material between the seismic mass (the metal part) and the
bottom plate.

Fortunately another technology development of later years is shown to be helpful
in creating an affordable sensor and that is the invention/discovery of piezoelectric
polymers. Due to their lower stiffness and higher dielectric constant these materials
generate higher voltages at higher capacitance when applied in a simple compression
design, similar to the right example of figure 6.
The company Measurement Specialties from the USA, recently being taken over by
TE connectivity, introduced a sensor, which has been designed for this application
as it is rugged, can withstand 1500 m/s2 with a SNR of 100 dB, 0.1% linearity
and a frequency bandwidth from 2Hz to more than 10 kHz. Its price is affordable
although rising quickly and the delivery hampers with long lead times because they
are produced in the far east.
This component is shown in Figure 8 and it only has one technical problem in its
huge Base Strain Sensitivity, which excludes the possibility to mount the sensor
directly flat on a platform. As shown in Figure 9 the carrier platform for the sensor
receives a strong squeezing force from the actuator coil connection to the diaphragm,
both inside and outside directed. Especially the inside directed force will compress
the platform from the sides, which leads to a bending deformation due to the fact
that it is impossible to lead the force exactly in the centre plane of the platform. In
most cases the platform will be mounted on top of the voice coil and as a result an
inside directed squeezing force will cause bending in the upwards direction. This
gives a positive strain in the top plane of the carrier plate and the bottom plate of
the sensor and a corresponding voltage. This voltage is proportional to the force

3.2

Acceleration Sensor

Figure 10: Two options of a sensor carrier to avoid deformation of the sensor by the squeezing forces. At the left a conical stud blocks bending stress from the carrier plate
from reaching the flat connection with the sensor. At the right a 3-D printed
ABS support is shown, which is designed such that the top plane will not deform
under squeezing forces at the interface with the driver.

and not dependent of the frequency, hence it is static. The frequency response of the
total system becomes then the sum of the acceleration signal and this static voltage,
giving either an “anti-resonance” around 10-20 Hz when the signals are equal with
opposite phase, as shown in Figure 9 or a flattening out of the response (more
signal at lower frequencies) below 20 Hz when the phase is equal, all depending on
the bending direction. In both phase situations the control has shown to become
extremely difficult so it is necessary to design a structure that completely cancels
this effect by means of blocking or canceling.
Figure 10 shows two executions that have proven to be effective. The first applies
a conical interface made of very stiff material, like steel, between the carrier plate
and the sensor. The thinner lower part of the cone is so small that bending strain
from the carrier will hardly lead to bending strain at the top plane of the conical
interface. The second option is a carrier that is modelled by means of finite elements
in a shape that shows no bending strain in the top plane when squeezed. This second
option is more difficult to manufacture and small deviations of the dimensions could
introduce residual strain. In any case many other possibilities can be pursued to
create a well suitable solution.
3.2.1

Sensor Mass

At this point the reader will certainly wonder what mass is added to the system and
it can be concluded that the sensor carrier adds the most. The example at the left of
Figure 10 has a moving mass of ≈ 25 g, which brings the total moving mass with the
SEAS driver from 173 g to ≈ 200 g. This matches a gain loss above the resonance
frequency of only 20log (173/200) = 1.25 dB, which is fully acceptable in view of the
reasoning in Section 3.1.1.
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3.3

Signal Transfer

Figure 11: Side view on the spiral wound flexible wire connection for the sensor signal at a
Dayton Audio driver. A flexible glue is used for the guiding.

3.3

Signal Transfer

One of the less advantageous aspects of motional feedback is the need to transfer
the signal from the sensor to the controller. This should be done such that the signal
is not disturbed by the high voltage signal or magnetic field from the moving coil.
This implies coaxial shielding and avoiding of loops in the signal path. With the
Philips MFB sensor a two wire principle was applied where the build-in FET acted
as variable current source. The high impedance of the FET reduces the impact
of varying magnetic fields and this allowed the signal transfer to run via similar
wires as the power wires to the moving coil. By sufficient shielding and grounding
measures, like the frame of the driver, the influence of hum could be mastered.
The ACH01 sensor however is a three wire sensor, which requires a two-wire singleended power supply and one additional wire for the signal transfer. As this does
not allow wires at a distance, a very flexible two-conductor shielded coaxial cable is
required, while a buffer amplifier directly at the loudspeaker frame helps to reduce
interference issues. The buffer amplifier can be a simple single op-amp amplifier
with capacitor coupling to the high input impedance of the low-noise op-amp. A
schematic is shown on the datasheets of the sensor.
Figure 11 shows a view on the connecting wires of one of the many prototypes
that were made. A suitable candidate for the wire is made by Mogami (W2794-0)
originally designed for fast and frequent moving magnetic recording heads in large
disk drives. By gluing the wires in a curl to the spider the total motion is evenly
divided over the curls and the bending of the spider is not significantly affected.

14

15

4

Current Amplifier

One of the most controversial and innovation-blocking issues in audio is the use of
almost religiously worshipped power amplifiers with a very low output impedance.
Fortunately the pursuit for “damping factors”4 of 100 or more has calmed down a bit,
possibly due to very good sounding tube amplifiers with low damping factors. When
cutting all audiophile crap from the many opinions on this subject there is only one
reason why audio amplifiers need a low impedance and that is to create damping
of the first resonance frequency, as described in the whitepaper “ Low Frequency
Sound Generation by Loudspeaker Drivers”.
In the professional high-tech industry voltage amplifiers are only used in motion
systems when the performance is not critical or when no feedback is applied. As a
matter of fact, as described in several other whitepapers like “Motional Feedback
Theory in a Nutshell” a voltage amplifier creates proportional velocity feedback,
which can indeed be useful in case no sensors are present.
In all other cases where motion sensors are applied for feedback control it is a bad idea
to use a voltage amplifier, because it introduces parasitic forces that are determined
by the actuator motion and selfinductance. In an active feedback controlled system
it is necessary that the forces as delivered by the actuator fully match the calculated
forces from the controller. Any deviation will reduce the quality of the control system
and for that reason amplifiers should have an extremely high output impedance.
They should be real “transconductance amplifiers”, delivering a proportional output
current to the input setpoint as given by the controller.
Due to the high “current source” output impedance of such an amplifier (further
just called a current amplifier) the current is no longer determined by the motion
voltage or the self inductance of the moving coil. This has three important effects.
First of all the frequency response is no longer affected at higher frequencies by the
increasing impedance of the selfinductance. Secondly the damping effect is fully
cancelled, causing a high Q first resonance and thirdly the distortion at frequencies
just above the first resonance is reduced up to -10 dB, as shown in the whitepaper “
Distortion Sources in Loudspeaker Drivers”.

4.1

Designing a Current Amplifier

The design of a current amplifier is slightly more difficult than a voltage amplifier.
In principle a current amplifier is created from a voltage amplifier by applying an
additional current feedback loop. The current is measured by means of a resistor
or a special current sensor and this value is fed back to the input. Figure 12 shows
the principle of a current amplifier. It also shows the frequency response when an
amplifier is used with a standard Op-Amp frequency characteristic, like with so
many regular voltage amplifiers. The “slightly more difficult” issue is now that the
4 The
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Designing a Current Amplifier
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Figure 12: A current amplifier is created by measuring and control the current from a
voltage amplifier by means of feedback. The stability of the feedback loop is
affected by the selfinductance of the actuator. When the amplifier gain G a,o is
having a typical Op-Amp open-loop frequency response with very high gain, a
main pole at ≈ 1 Hz with matching -1 – slope and -90◦ phase, the selfinductance
will add another -1 – slope and 90◦ leading to a potential stability issues when
more poles are present (as there always are).

actuator is placed in the feedback loop. Especially the selfinductance will cause the
current to drop at higher frequencies for a certain voltage level. This represents a
first order low-pass filter with a pole at the corner frequency and a corresponding
90◦ phase lag.
Especially with heavy duty subwoofer drivers this selfinductance can be very high.
With for instance the SEAS driver from Figure 4 the corner frequency equals:
f0 =

1
3.3
1 Ra
=
≈ 135 [Hz]
2π L a 2π 3.85 · 10−3

(2)

As explained in the whitepaper ”Motional Feedback Theory in a Nutshell” the stability of the motional feedback loop requires a sufficiently large phase margin at the
0 dB crossover points. This demands the current amplifier to have a significantly
larger closed-loop bandwidth than the MFB-controller, however in practice a bandwidth of 5 kHz is sufficient. This may seem low for audio but in view of the effect of
the additional pole due to the selfinductance the phase margin of the current feedback loop would be insufficient and for that reason a current amplifier is designed
differently. Key in the design is to incorporate the frequency response of the actuator
impedance in the forward path of the feedback loop filter. One very suitable method
is to start with a regular audio voltage power amplifier with a closed-loop bandwidth
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_

Figure 13: By cascading a low power difference amplifier with a regular voltage amplifier
and using the pole of the selfinductance of the actuator as main pole in the
current feedback loop a stable current amplifier with sufficient bandwidth is
obtained.

of more than 20 kHz and a first-order roll off above the bandwidth. By adding
an additional difference signal amplifier with a flat frequency response as current
controller and use the pole by the actuator selfinductance as the first, dominant pole
of the current feedback loop, a stable current amplifier is obtained. This works well
in many cases, especially with the UcD and NCore amplifiers from Hypex, because
they show a first-order roll off above 35 kHz, due to a differentiating capacitor in
their feedback control scheme. This configuration is shown graphically in Figure 13.

5

Pre-filter/limiter

The pre-filter/limiter serves to define the signals that should be produced by the
loudspeaker. Its important main functions are several:
• Crossover Filter The incoming signal is filtered such that the output of the
subwoofer matches the output of the other drivers according to preferably a
Linkwitz-Riley type crossover filter characteristic.
• Subsonic Filter An active feedback controlled subwoofer with a low frequency
bandwidth of 16 – 20 Hz will still strongly react on lower frequencies as there
the new resonance frequency is placed with a Q of ≈ 1.3, when the low frequency
phase margin is 45◦ . When the music source contains such low frequencies, for
instance due to rumble by traffic near the recording location, it will continuously
move the diaphragm with significant amplitude against the strong air spring
of the enclosure. This will heat up the actuator coil, which will hardly cool
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down due to the slow movements at those low frequencies. For this reason a
steep (≥ 6th -order high-pass filter at 16 Hz should be added to the pre-filter
if such a filter is not applied earlier in the audio reproduction chain (preamplifier/processor).
• Amplitude Limiter The high loopgain of the feedback controller will force the
amplifier/driver to correct errors. This only works when the amplifier/driver
can fulfil the demand. The most important sharp limitation is by clipping of
the amplifier. In that case the controller will drive the amplifier deeper in its
saturation and recovery takes longer than without motional feedback, creating
a sudden very well audible harsh sound. For that reason the pre-filter section
has to limit the signal to the difference amplifier to such level that the current
amplifier will not clip under any circumstance.
• FRF Correction The pre-filter also has to correct any flaws that are coming
from the feedback controlled system. These can be deviations in the frequency
response near the bandwidth limits due to the increased sensitivity, while
frequencies at the upper frequency limit will experience a resonance with a
Q of ≈ 1.3, when the high frequency phase margin is 45◦ . For that reason it
should be avoided to ask the system to reproduce frequencies at this upper
bandwidth limitation. As a rule of thumb with 500 Hz upper bandwidth the
subwoofer should not be used for frequencies above 250 Hz.

6

Feedback Controller

In the whitepaper “Motional Feedback Theory in a Nutshell” it is explained that a
feedback loop is a combination of elements with each their own dynamic behaviour
as described by the transfer function and frequency response. This means that a
feedback controller is just an electronic analogue or digital filter, which adapts the
frequency response of the other elements of the controlled system in such way that
the overall frequency response becomes as required.
In order to do so it is first necessary to determine the frequency response of the
other elements, which is the combination of the amplifier, the driver and the sensor.
As long as the amplifier is designed such that its bandwidth is significantly higher
than the targeted upper-frequency bandwidth of the motional feedback controller,
as described in Section 4, then it is the driver with the sensor, which determines the
dynamic behaviour.
This requires dynamic modelling for better understanding.
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Dynamics of Driver and Sensor
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Figure 14: Dynamic model of an MFB driver with modelled and measured frequency response of the acceleration, gain-normalised to 0dB at the flat response area.
The example is a prototype with the ABS sensor carrier of Figure 10.

6.1

Dynamics of Driver and Sensor

Figure 14 gives a dynamic model of an MFB driver with the calculated and measured Bode plot showing the frequency response of the acceleration for phase and
magnitude when driving it with a force F at the centre of the moving part, which

6.2

Control Filter design

is modelled as two elastically coupled bodies with very little damping. The first
body is the diaphragm and voice coil, which is connected to the stationary world by
springs formed by the spider and the surround suspension. The second body is the
sensor, which is connected by the very stiff sensor carrier (shown as a spring) to the
first body. At low frequencies the response shows a second order upwards slope (+2)
with +180 ◦ phase. At higher frequencies the stiffness of the sensor carrier defines a
second resonance with the mass of the sensor. Above the second resonance frequency
the sensor will no longer be able to follow (and measure!) the motion of the voice
coil and the response will follow a second order downslope (-2) with a corresponding
-180◦ phase.
As shown at the real measured plot the model is close to reality when using a current
source amplifier, because that does not cause damping.
When comparing the modelled an measured frequency responses, three deviations
can be noticed.
The first is the small uplift below 1Hz, which is not logical as there the sensor
would cause a downslope due to its capacitive nature. This uplift is a small and
harmless remnant of the squeezing issue as described in Section 3.2 due to the
extreme sensitivity of the sensor for static deformations.
The second deviation is the so called decoupling of the rubber surround at 800 Hz,
above which frequency the rubber can no longer follow the movement of the diaphragm. This phenomenon is characterised as an uplift preceded by a sink and
a phase lead over a limited frequency range. Above this frequency the mass of the
rubber surround no longer moves and this effectively reduces the moving mass with
a corresponding increase of magnitude on the frequency response above 800 Hz.
The third deviation is an irregular pattern due to many resonances above 2kHz,
which are caused by buckling of the diaphragm and other parasitics. These all
should be addressed when designing the control filter.

6.2

Control Filter design

With the information of the dynamic properties of the driver plus sensor the challenge
is to design a control filter which creates a high loopgain in the frequency area
between approximately 40 and 200 Hz, while simultaneously safeguarding the phase
and magnitude margins at the outer parts of the frequency band. The following
minimal basic steps can be taken in the design strategy according to Figure 15:
1. The low frequency 0 dB unity-gain cross-over point (16 – 20 Hz) is chosen as a
starting point for the overall gain.
2. A filter with a negative slope (more gain at lower frequencies) is applied around
the low frequency 0 dB unity-gain cross-over point to reduce the up-slope as
shown in Figure 14 and create phase margin.
3. The peak of the first resonance is extended to > 150 Hz.
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Figure 15: First analysis of the frequency response of the amplifier/driver combination
indicates areas where the control filter should have a low or a high gain.

4. A shelving filter is applied at 800 Hz to reduce the effect of the decoupling of
the rubber surround.
5. An attenuating peaking filter is used to notch the second resonance.
6. An additional low pass filter is used above the second resonance to attenuate
all further resonances.

6.3

Results

A prototype controller filter response as realised in a DSP is shown in Figure 16. The
in the previous section mentioned measures can be recognised. The resulting total
open-loop frequency response is shown in Figure 17. The combination of the first
resonance with the peak in the controlfilter shows an area between 50 Hz and 100 Hz
where the loopgain and corresponding error correction equals ≈ 30 dB. The 0 dB
unity-gain cross-over frequencies are at 16 Hz and 500 Hz, both with approximately
45◦ phase margin. Within the high gain area the phase lead or lag is never larger
than 180◦ , which means that the system is unconditionally stable, allowing the
overall gain to be tuned from zero to maximum.
Figure 18 shows a free field measurement done outside of the frequency response in
closed-loop including a Low-pass cross-over filter at 120 Hz. This plot clearly shows
the 3 dB peaking at both sides of the frequency band due to the phase margin of
45◦ . As explained in the whitepaper on “Motional Feedback Theory in a Nutshell”
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Figure 16: Frequency response of control filter.
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Figure 17: Frequency response of control loop including control filter, amplifier, driver and
sensor.

it looks like that the first resonance has shifted from 45 Hz to 15 Hz, which is not
audible anymore. This huge shift of a factor three is equivalent to a (virtual!) mass
increase with a factor 32 = 9, which means that the virtual mass by the acceleration
feedback equals approximately 8 × 0.2 = 1.6 kg.
Finally Figure 19 shows a free field measurement of the distortion of the same
system. The moderate attenuation of the second harmonic corresponds to the lower
loopgain at 40 Hz but more importantly, the almost 30 dB attenuation of the third
harmonic is significant, while also higher harmonics are suppressed. The more
regular spread of the distortion, gradually decreasing with frequency, is part of the
reason why people are generally enthusiastic about its sonic character. The lack of
any resonances in the frequency band of interest is the second reason.
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Figure 18: Free field hemisphere measurement of the frequency response of a motional
feedback subwoofer prototype with 120 Hz 4th -order Linkwitz-Riley low-pass
filter. The 45◦ phase margin causes a 3 dB uplift at the 16 and 500 Hz bandwidth
limits. At 500 Hz this also increases the noise, which is one of the reasons that
a low-noise sensor is a prerequisite for motional feedback.
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Figure 19: Measured distortion of 20 Hz signal with and without active feedback control.
The dominant and most annoying third-harmonic is reduced the most.

