Adaptive Stabilization of Electro-dynamical Transducers

Wolfgang Klippel, Klippel GmbH, Dresden, Germany

A new control technique for electro-dynamical transducer is presented which stabilizes the voice coil position, compensates
for nonlinear distortion and generates a desired transfer response by preprocessing the electrical input signal. The control law
is derived from transducer modeling using lumped elements and identifies all free parameters of the model by monitoring the
electrical signals at the transducer terminals. The control system stays operative for any stimulus including music and other
audio signals. The active stabilization is important for small loudspeakers generating the acoustical output at maximum effi-

ciency.
0 INTRODUCTION

Electro-dynamical transducers generating the required acous-
tical output at high efficiency, low cost, small size and mini-
mum weight are strongly nonlinear systems causing not only
harmonic and intermodulation distortion but also generating
a DC-displacement which drives the coil away from the rest
position [1].
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Fig. 1. Amplitude of the AC and DC components of the
voice coil displacement for a sinusoidal stimulus above reso-
nance

A well-made transducer having a high efficient motor struc-
ture may also bifurcate into two states with a positive or neg-
ative DC displacement if the stiffness is too low or the sus-
pension becomes softer over time due to aging of the material
over time or climate impact. This instability inherent in the
electro-dynamical transduction principle is a major concern
in the development of moving coil loudspeaker and can gen-
erate a DC-component which exceeds the RMS-value of the
AC-component as shown in Fig. 1. The transducer engineer
can cope with the instability by using a relatively stiff me-
chanical suspension (spider, surround) with progressive non-
linearity of stiffness characteristic Kns(x) which increases the
resonance frequency and reduces the maximal peak displace-
ment Xmax.

This paper develops a new concept for stabilizing such trans-
ducers actively by digital signal processing.

1 CONTROL WITHOUT STABILIZATION

Before presenting the new approach the basic principle of the
transducer-related control technique [3] will be discussed.
The basic principle is illustrated as a signal flow chart in Fig.
2.
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Fig. 2. Adaptive control system without stabilization

A digital signal processor generates from an audio input sig-
nal z(t) a control output signal w(t) which is supplied via a
power amplifier to the terminals of a woofer, tweeter, micro-
speaker or any other electro-dynamical transducer. The
power amplifier has usually a low output impedance and uses
a high-pass to avoid driving the transducer with a DC com-
ponent. Based on the voltage u(t) and the measured input cur-
rent i(t) a detector identifies the free parameters of a trans-
ducer model summarized in vector P. The parameter are as-
sumed as time-invariant over a limited period (T < 1 min) but
depend on the ambient climate condition, aging of the trans-
ducer materials and other changes of the mechanical or
acoustical load driven by the transducer [2]. To cope with
these parameter variations the detector generates updates of
vector P[n] which are fed back to the audio signal processing.
Contrary to the negative feed-back of state signals the param-
eter feed-back can cope with any latency caused by DAC,
ADC and other digital signal processing. It is also useful to
store the vector P[n] in a memory M and to use old values as
initial parameters after restarting the adaptive control system.
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Fig. 3. Equivalent circuit of the electro-dynamical transducer

1.1. Lumped parameter modeling

The parameter identification in the detector and the pro-
cessing of the audio signal are based on the lumped parameter
model [4] shown in Fig. 3. This model corresponds to the
integro-differential equations
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with the force factor
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which are nonlinear functions of the voice coil displacement
X(t). This representation uses the inverse Laplace transform
L-}{} and the convolution denoted by *. The linear parameters
[5] are the voice coil resistance R and the total mechanical
impedance
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describing the effect of the mechanical stiffness Kns(x=0) at
the rest position, the mechanical resistance Rpys, the moving
mass Mps and the load impedance Zwad(s) of the coupled
acoustical and mechanical system. The order M describes the
number of poles and zeroes in the rational transfer function
Zn(s). A transducer mounted in a sealed enclosure can be
modeled by a second-order function Zn(s) while a vented box
system, panel or in a horn requires a higher-order system,
which makes the identification of the linear parameters a; and
ci more difficult.

1.2. Parameter identification

The free parameters of the electrical equivalent model sum-
marized in the parameter vector

P=[P.. P .. PT (6)

]
can be identified from the voltage and current monitored at
the terminals reproducing an audio signal (e.g. music) by the
transducer. The system identification is based on minimizing
an error signal such as the difference
e(t) =u'(t) —u(t) (7

between voltage u’(t) predicted by the model in (1) and the
measured voltage u(t). The optimal parameter vector P can
be determined by searching for the minimum of the mean
squared error

P=arg min(E{e(t)z}) (©))
P
corresponding to the requirement
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giving the Wiener-Hopf-equation
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with the expectation value E{ ...} and the gradient vector G(t)
: : 7T (11)
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The gradient vector G(t) is generated in the gradient calcula-
tor GC in Fig. 4 based on the state vector S; generated by a
transducer model in accordance with (1).
Alternatively the optimal parameter vector

P[n]=P[n 1]+ n(t)e(t)G(t) (12)
can be estimated iteratively by using the stochastic gradient
method (LMS-algorithm) with the learning speed matrix p(t)
as shown in Fig. 4.
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Fig. 4. Detector estimating the parameter vector P based on moni-
tored voltage u and current i

If the stimulus provides no persistent excitation [6] of the
loudspeaker, the matrix R in (9) becomes positive semi-defi-
nite giving an infinite number of solutions for the optimiza-
tion problem. A stimulus with a sparse spectrum, especially a
single tone, may cause the LMS-algorithm to diverge from
the optimal parameter values identified with a broad-band



noise signal. Furthermore, a badly conditioned matrix R re-
duces the learning speed and the accuracy of the parameter
measurement process.

Therefore, a supervisory system DS shown in Fig. 4 sets at
least one learning speed parameter in p(t) to zero if the rank
rk(R) of the matrix R is smaller than the number J of free
parameters in vector P.

1.3. Audio signal processing

The identified parameter vector P is used for the processing
of the audio signal as shown in Fig. 5. A state estimator gen-
erates a state vector S, which comprises the voice coil dis-
placement

X(t) = LH{H, )}y () (13)
corresponding to the target transfer function Hy(s) of the lin-
earized overall system and the nonlinear input current i pre-
dicted by ().
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Fig. 5. Processing of the audio signal with mechanical protection
and feed-forward linearization (mirror filter).

A mechanical protection system attenuates the input signal
z(t) if the predicted absolute value of the voice coil displace-
ment |x| exceeds a permissible limit value Xmax. The parameter
and state information are also used in the control law

w(t) = a(P.S;)[y(t) + A(P.S,)] (14)
to compensate the nonlinear distortion and synthesize the de-
sired overall transfer behavior [4-6]. The prediction of the
state vector S, and the generation of the both control gain
a(P,S,) and the control additive g(P,S, ) exploits the non-

linear transducer model in (1) as described in [11].

1.4. Adaptive control limitations

The control and protection system is based on a transducer
model which neglects creep and other viscoelastic behavior
of the suspension [12][13]. The creep effect reduces the stiff-
ness at low frequencies and generates a higher value of the
DC displacement than predicted by (1). A similar problem
occurs when the transducer is operated in an enclosure which
is sufficiently sealed for audio frequencies. A small leakage
in the enclosure required to compensate for static air pressure
variations will reduce the stiffness of the enclosed air volume

at very low frequencies. Thus, the DC displacement is signif-
icantly higher than predicted by the total stiffness found at the
resonance frequency. Extended models developed for visco-
elastic behavior of the mechanical suspension and for leaky
enclosures are less useful for adaptive control because the ac-
curate identification of the model parameters requires a me-
chanical sensor which measures displacement at low frequen-
cies. This information cannot be derived from electro-motive
force (EMF) found in electrical signals at the transducer ter-
minals.

A further disadvantage of the known control technique is that
the adaptive parameter estimation requires a persistent exci-
tation of the transducer. For example, the parameters of a
transducer cannot be identified with a single tone stimulus
while generating a high DC displacement as shown in Fig. 1.

2 ACTIVE TRANSDUCER STABILIZATION

To cope with the unknown voice coil position in the adaptive
control system an additional variable Xof(t) is introduced in
the nonlinear parameters

BI(x) = ibi (x+ xg (1)) (15)
Kms (X) _K ms(o) = i I(i (X + Xoff (t))i
L00 = (%, 1)

The offset Xor(t) may be considered as a time-variant param-
eter depending on the interactions between transducer nonlin-
earities and stimulus, viscoelastic behavior of the suspension,
gravity and other external influences. The offset Xof(t) may
be also interpreted as a state variable which comprises only
low frequency components far below the audio band. By in-
troducing the offset Xof(t) the time variance of the coefficients
bi, ki and Ii in (15) can be reduced.
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Fig. 6. Control System with stabilization of voice coil position
1.5. Voice coil offset identification
The detector has to identify the coil offset Xq#(t) in the back-

EMF at the transducer terminals by exploiting the nonlinear
distortion generated in the audio band. The instantaneous



value of Xe(t) is permanently supplied to the audio pro-
cessing as illustrated in Fig. 6.
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Fig. 7. Detector estimating the parameter vector P and the voice coil
offset xoff based on monitored voltage u and current i

The detector as shown in Fig. 7 uses two transducer models
according to (1) and (15). The first model describes the long-
term behavior of the loudspeaker where the expectation value
E{Xor:(t)}=0. Thus, the identification of parameter vector P
corresponds to the conventional approach shown in Fig. 4.
The second model considers the instantaneous coil offset and
generates a second error signal e(t) which is used in a second
LMS algorithm

Xot (1) = Xoir (= AL) + g4 €, (1) G o (1) (16)
with the gradient
SR an
08U, (t) 8BI(x) . AUy (1) K, (x) . au, (t) aL(x)

CBI(X) Xy Ko (X) Xy OL(X) DX
generated by the gradient calculator GOC from the state vec-
tor S, provided by the second model. The constant learning
parameter Wt permanently enables learning the offset varia-
ble xo(t) for any stimulus (including a single tone !) supplied
to the loudspeaker. The adaptive estimation of the offset var-
iable Xor(t) only stagnates if the stimulus generates no dis-
placement of the voice coil.
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Fig. 8. Processing of the audio signal with mechanical protection,
linearization and stabilization.

If the stimulus z(t) provides persistent excitation of the trans-
ducer to identify all parameters by, ki and |; in (15), the param-
eter vector P will represent the voice coil position, and the
offset variable xo(t) becomes zero eventually. Therefore only
the parameter vector P will be stored in the memory M and
used with Xos(t)=0 as initial values after restarting the control
system.

1.6. Audio processing with stabilization

The state estimator as shown in Fig. 8 and the control law
W(H) = (P, Sp, X )[Y(O) + A(P.S 5 Xy (18)

consider the instantaneous voice coil offset Xo(t) in the non-
linear parameter definition (15). The mechanical protection
system compares the total displacement [x(t)+Xof(t)| with the
permissible limit value xmax to detect a mechanical overload
of the transducer and to attenuate the input signal in time. The
instantaneous offset xos(t) may reduce the permissible peak
or bottom value of the AC signal x(t) to avoid voice coil bot-
toming or irregular operation generating impulsive distortion
commonly called “rub and buzz”.
The new concept of active stabilization of electro-dynamical
transducers exploits information from transducer modeling.
All free parameters in this model and uncertainties due to vis-
coelastic behavior and external influences can be identified
by monitoring electrical signals at the terminals only. There
is no need to measure the absolute position of the voice coil
by using a mechanical sensor such as a laser triangulation
sensor. There are no additional hardware requirements to en-
sure reliable protection and linearization of the transducer. If
a DC-coupled power amplifier is used in the application, an
offset compensator as shown in Fig. 8 detects the symmetry
point Xsym in the nonlinear force factor characteristic BI(x) and
synthesizes a DC signal zo+ which moves the coil’s rest posi-
tion to the symmetry point xsym, ensuring highest efficiency
and minimum distortion.

3 PRACTICAL EVALUATION
The new control technique has been implemented in a micro-

controller based on ARM 4 architecture connected viaa DAC
to an AC-coupled power amplifier. A conventional high-pass
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was required in the analogue path because the available hard-
ware components generated an unwanted DC offset in the
output voltage under long-term operation.

Due to the hardware limitation, the new control technique
was used to identify the instantaneous offset X« and for ad-
justing the protection and linearization subsystems in the
feed-forward control only. The generation of a DC signal zqs
to compensate actively for the offset was disabled in all fol-
lowing experiments.
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Fig. 9. Minimum and maximum values of the voice coil displace-
ment (thin and dashed lines) and the instantaneous voice coil offset
Xoft (solid line) identified by using voltage and current monitoring
versus time while reproducing various stimuli.

Fehler! Verweisquelle konnte nicht gefunden werden.
shows the peak and bottom values of the voice coil displace-
ment versus time as thin and dashed lines for different stim-
uli. The offset X0t Shown as a solid line was permanently
identified even if the stimulus provides no persistent excita-
tion for the estimation of the parameter vector P.

BI
IN/ATE
C // \\
14% N
127 " &
= N
I I N
10157 X
i off
8T "
F 1
67T .
o
27
08 4 2 ¢ 2 4 6

X [mm]

Fig. 10. Used working range of the nonlinear force factor charac-
teristic BI(x) represented as a solid line in comparison to the permis-
sible working range (dashed line) for a sinusoidal stimulus at in-
stance t1 as shown in Fig. 9.

Fehler! Verweisquelle konnte nicht gefunden werden.
shows the used working range in the nonlinear force factor
characteristic BI(x) between the instantaneous peak and bot-
tom values as a solid line and the instantaneous offset X as
a vertical line at time instance t; corresponding to Fehler!
Verweisquelle konnte nicht gefunden werden.. Although

the offset is negligible the asymmetrical shape of the BI(x)
curve will generate significant 2"9-order distortion.
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Fig. 11. Used working range of the nonlinear force factor charac-
teristic BI(x) represented as a solid line in comparison to the permis-
sible working range (dashed line) for a sinusoidal stimulus at in-
stance t2 as shown in Fig. 9.

At a later time instance t, in Fig. 9 the detector identifies a
higher positive value of the offset x.which moves the work-
ing point towards the maximum of the BI(x) curve reducing
the asymmetry of the force factor as seen by the coil. Thus,
the offset X« depends on the interaction between the woofer
and the properties of the stimulus and has a major impact on
the optimal control of the woofer.
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Fig. 12. Relative 2"-order harmonic distortion of the loudspeaker
output without control (thin line), with non-adaptive control with
fixed parameters (dashed line) and adaptive control with offset com-
pensation (solid line).

Fig. 12 shows the active linearization a woofer for a sinusoi-
dal stimulus. This signal is a very critical signal because it
generates at low frequencies (f < fs) high voice coil displace-
ment but provides no persistent excitation for the identifica-
tion of of other loudspeaker parameters. Thus the adaptive
identification of the parameter vector P is temporarily disa-
bled and previous estimates P=[i]=P[i-1] are used for the pre-
processing of the audio signal. Apparently the synthesized 2"
order harmonic distortion do not match the distortion gener-
ated by the woofer and the compensation fails and the non-
adaptive control produces more distortion in the acoustic out-
put. The new adaptive control which provides the offset Xof
for any input signal which ensures optimal performance.
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Fig. 13. Relative 3™-order harmonic distortion of the loudspeaker
output without control (thin line), with non-adaptive control with
fixed parameters (dashed line) and adaptive control with offset com-
pensation (solid line).
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While the 2"-order harmonic distortion are sensitive symp-
tom for any asymmetry in the curve shape of the nonlinear
parameters and the influence of a DC component generated
dynamically by the loudspeaker itself, the 3"-order distortion
are more related with symmetry of the nonlinear characteris-
tics limited by geometrical constraints in the design of the
motor and suspension. Fig. 13 shows a significant reduction
of the 3 —order harmonics which is almost independent of
the offset Xofr.

4 CONCLUSION

Active voice coil position stabilization is a fundamental re-
quirement for all control objectives such as mechanical pro-
tection, linearization and equalization of the transducer. For
example, a significant DC component as shown in Fig. 1 re-
duces the maximum amplitude of the AC component by 6 dB
where bottoming of the voice coil at the back plate occurs.
The moving coil transducer’s tendency to generate DC and
unstable rest position increases in smaller loudspeakers,
which generate sound with less hardware resources and en-
ergy. A nonlinear motor structure optimized for highest force
factor BI(x=0) at the rest position x=0 provides maximum
overall efficiency for common audio signals having bell-
shaped probability density function pdf(x) of the voice coil
displacement. Such a nonlinear but efficient motor structure
can be combined with a soft mechanical suspension resulting
in a lower resonance frequency and more low frequency dis-
placement. While beneficial for most applications, such a
transducer requires active stabilization to cope with the DC
component generated dynamically by the transducer. A digi-
tal amplifiers combining amplification with digital-analogue
conversion is beneficial for transferring the control input con-
taining a DC compensation signal at sufficient accuracy and
robustness to the speaker terminals and to ensure that the
coil’s rest position stays at the BI(x) maximum over the entire
life time of the product.

The adaptive control algorithm presented in this paper has
been illustrated on a moving coil transducer but the same ap-
proach can also be applied to other transduction principles

such as the balance armature transducer used in hearing aids
and in-ear phones.

REFERENCES

[1] Klippel, Tutorial: “Loudspeaker Nonlinearities - Causes, Pa-
rameters, Symptoms* J. Audio Eng. Society 54, No. 10 pp.
907-939 (Oct. 2006).

[2] W. Klippel, “Modeling load-induced aging of loudspeaker sus-
pension,” Proceedings of the Acoustics 2012 Nantes Confer-
ence, 23-27 April, 2012, Nantes, France.

[3] W. Klippel, ,,Active Compensation of Transducer Nonlineari-
ties,” preprint in 23rd International Conference of the Audio
Eng. Society on “Signal Processing in Audio Recording and
Reproduction”, Copenhagen, Denmark, 23-25 May 2003.

[4] A.J. Kaiser, “Modeling of the Nonlinear Response of an Elec-
trodynamic Loudspeaker by a Volterra Series Expansion,” J.
Audio Eng. Soc. 35, p. 421, (1987 June).

[5] R.H.Small, “Vented-Box Loudspeaker Systems Part I: Small-
Signal Analysis, J. Audio Eng. Soc., Vol. 21, No. 5, pp. 363-
372.

[6] L.Ljung, T.Glad, “On global identifiability for arbitrary model
parametrizations,” Automatica, Vol. 30, Issue 2, Feb. 2, 1994,
p. 265-276.

[71 W. Klippel, “Adaptive Nonlinear Control of Loudspeaker
Systems,” J. Audio Eng. Society 46, pp. 939 - 954 (1998).

[8] H. Nijmeijer and A.J. van der Schaft, Nonlinear Dynamical
Control Systems (Springer, New York, 1990).

[9] J. Suykens, J. Vandewalle and J. van Gindeuren, “Feedback
Linearization of Nonlinear Distortion in Electrodynamic Loud-
speakers,” J. Audio Eng. Soc., Vol. 43, No. 9, pp. 690-694
(1995).

[10] W. Klippel, "Direct Feedback Linearization of Nonlinear
Loudspeaker Systems,” J. Audio Eng. Society 46, pp. 499-507,
(1998).

[11] W. Klippel, "The Mirror Filter - a New Basis for Reducing
Nonlinear Distortion Reduction and Equalizing Response in
Woofer Systems", J. Audio Eng. Society 32, Heft 9, S. 675-
691, (1992).

[12] M. H. Knudsen and J. G. Jensen, “Low-Frequency Loud-
speaker Models that Include Suspension Creep,” J. Audio Eng.
Soc., vol. 41, pp. 3-18 (1993 Jan./Feb.).

[13] F. Agerkvist and T. Ritter, “Modeling Viscoelasticity of Loud-
speaker Suspensions using Retardation Spectra”, presented at
the 129th Convention of the Audio Eng. Soc. in San Francisco,
Nov. 4-7, 2010, preprint 8217.



