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Daniel Gert Nielsen, Peter Risby Andersen, Jakob Søndergaard Jensen, Finn Thomas Agerkvist

December 14, 2020

Abstract

Finite element methods are progressively being utilized to assist in the continuous development of loud-
speakers. The core of this paper is the method of lumping certain parts of the finite element model, creating
a significant reduction in the model complexity that allows for e.g. faster structural optimization. This is
illustrated in the paper with a loudspeaker example where the electromagnetic parts are lumped as well as the
spider. It is shown that the simplified model still matches the complex response of the full FE model at very
high frequencies.

1 Introduction

Loudspeakers have been an essential part of society for over a century, the performance requirements vary depending
on the situation and environment in which said loudspeaker is operating in. Therefore, a great effort is made in order
to analyse and predict the behaviour of loudspeakers. Simulating a loudspeaker in a numerical model is a complex
task with respect to modelling the physics in a finite element (FE) model and the associated long computational
times. When considering a particular aspect of the loudspeaker performance, one may simplify and lump those
parts of the speaker that have little influence in the aspect studied, for the linear response at high frequencies, the
electromagnetic part may be lumped as the diaphragm and surround are the most substantial parts. This approach
can be beneficial in many cases, for instance when optimizing mechanical structures where many calculations are
carried out repeatedly, in-order to find an optimized design. Optimization of acoustic-structure problems is a rapidly
growing research field, examples of the applicability can be seen in Refs. [1, 2, 3, 4, 5] and in Refs. [6, 7] examples
of loudspeaker optimization can be found. Therefore, we propose a numerical method for predicting the behaviour
of a loudspeaker in its linear operating range in a simple and efficient manner. The proposed method combines two
well known techniques, namely the FE method [8] and a lumped parameter model (LPM) [9].

The combination of the FE method and LPM is made such that structural optimization ultimately can be
performed on the diaphragm of the loudspeaker, therefore, this part must be considered with a FE-model. A LPM
is then utilized to model the entire electric motor system together with the voice-coil (VC), VC former and the
spider in order to reduce the complexity of the modelling task and the calculation time.

Utilizing a combination of FE and Lumped Elements (LE) is not novel. It is especially common within the
research topics regarding balanced-armature receivers and MEMS microphones. Recently Sun et. al. presented a
modelling technique where a FE-LE model was used to model a simplified balanced-armature receiver [10]. Schrag
et. al. enhances the design of microsystems by combining a lumped model with a distributed system level model
[11]. A computational example in which a balanced-armature receiver itself is represented by a LPM that is then
coupled to a FE model of the vibration isolation system is shown in Ref. [12]. Marttila and Jensen [13] briefly
presents an approach for incorporating a LPM in conjunction with a FE-model.

If the amplitude of the movement of the speaker is small, the loudspeaker is in its linear operating range,
which simplifies the required measurement technique. The small-signal parameters can be measured dynamically
in conjunction with a system identification technique such as the Klippel system described in Ref. [14]. This
measurement technique will yield the Thiele/Small parameters which can be used in a LPM of the loudspeaker.
Klippel describes a measuring technique using a laser scanner to obtain the distributed mechanical parameters
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which could be used in a FE model of e.g. the loudspeaker cone[15]. Furthermore, Cardenas and Klippel estimated
an effective frequency dependent and complex Young’s modulus by fitting FE simulations to measurements of a
loudspeaker [16].

The method disclosed in this paper can be used to fit a numerical model to measurements of a loudspeaker.
Ideally the measurements would contain values of the impedance as a function of frequency and/or measurements of
the magnitude and phase of the pressure 1 meter away from the unit. The measured data is then used to optimally
configure the parameters in the LPM, such that the impedance and radiated sound from the loudspeaker unit in
the numerical model resemble the authentic unit.

This paper is a continuation of the work presented in Ref. [17], but here we study the geometry of an actual 5
inch loudspeaker instead of a flat panel loudspeaker. The lumped circuit model is extended to include eddy currents
by considering the inductor with a fractional order derivative model. Furthermore, an optimization algorithm has
been implemented, which can fit the lumped components in the proposed numerical model to represent an actual
loudspeaker either with parameters from a data sheet or actual measurements.

The paper is structured such that the theory required to combine the FE method with the LPM is presented
together with the optimization problem used for estimating the optimal lumped parameters. Succeeding sections
will contain relevant numerical results and comparisons together with a discussion and conclusion about the results.

2 Theory

Figure 1 shows a sketch of the model problem, which is a loudspeaker mounted in a baffle. The dashed box in the
figure show the components that are contained in the LPM. Namely, the entire electric motor system, the VC, VC
former and the spider. The rest of the geometry and the surrounding unbounded acoustic domain are modelled with
a FE-model. The two models are linked together in ”coupling node i”, referring to a specific node in the FE-model.
This section serves to establish a system of equations that can readily be used to solve an unbounded acoustic-
mechanical interaction problem, then couple it to a LPM model, in which the values of the lumped components are
estimated based on measurements.

2.1 Finite element model

The numerical model is used to simulate the acoustic wave propagation in an unbounded domain caused by a moving
coil loudspeaker. The modelling setup can be seen in Fig. 2, note that the loudspeaker geometry is exaggerated for
explanatory purposes. The loudspeaker geometry and acoustic domain is studied by utilizing an axisymmetric FE
model, which implies that the geometry in Fig. 2 is revolved around the z-axis. Perfectly Matched Layers (PMLs)
have been used to truncate the unbounded domain into a finite domain [18].

The governing equation for the time-harmonic motion of a linear elastic body where body forces has been
neglected can be written as

− ρω2u−∇ · σσσ (u) = 0 in Ωs (1)

σσσ = Cεεε (2)

ε = {εr εθ εz γzr}T (2D Axisymmetric) (3)

εr =
∂ur
∂r

, εθ =
ur
r
, εz =

∂uz
∂z

, γzr =

(
∂ur
∂z

+
∂uz
∂r

)
(4)

here ρ is the mass density of the material, u is the structural displacements, σσσ is the stress tensor, ω is the excitation
frequency in radians, Ωs is the structural domain C is the constitutive matrix for an axisymmetric structure, εεε is
the strain tensor, ur is the structural displacement in the r-direction and uz is the displacement in the z-direction.
Applying the Galerkin method to Eq. (2) and transformation into the frequency domain, yields the following FE
equation (

K− ω2M
)
u = f , (5)

where the capital bold letters specifies a matrix, small bold letters implies a vector, non bold letters are scalars.
The externally applied time harmonic force is denoted f , K is the structural stiffness matrix and M is the structural
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Figure 1: 2D sketch of a loudspeaker placed in an infinite baffle
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Figure 2: Sketch of the loudspeaker geometry, PML regions, the acoustic domain and the location of the measuring point
for the pressure.

mass matrix which can be written as

K =

∫
Ωs

∫ π

−π
BTCBr dΩs , M =

∫
Ωs

∫ π

−π
ρNTNr dΩs. (6)

Here B is the strain-displacement matrix, r is the radial distance to the Gauss point and N is a matrix consisting
of the quadratic iso-parametric shape functions.

In this paper damping is considered as an isotropic structural loss factor, denoted η, such that K = K (1 + jη),
where j is the imaginary number, η equals 0.25 in the rubber surround of the speaker and 0.2 in the diaphragm
and dust cap.

In the acoustic domain the Helmholtz equation is solved in the frequency domain

∆p+
ω2

c2
p = 0, (7)

here ∆ is the Laplace operator in cylindrical coordinates, p is the pressure and c is the speed of sound in air.
A modified Helmholtz equation[19, 20] is solved in a truncated PML region (ΩA), as shown in Fig. 2.

1

γr

∂

∂r

(
1

γr

∂pA
∂r

)
+

1

γz

∂

∂z

(
1

γz

∂pA
∂z

)
+ k2pA = 0, (8)

where pA is the pressure in the PML region, the formulation of γ is from [21], here extended to accommodate for a
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PML in both the r- and z direction

γr(r) = 1− jα
(
r − r∗

t

)2

(9)

γz(z) = 1− jα
(
z − z∗

t

)2

. (10)

Where r∗ and z∗, indicate the interface coordinate between the PML/acoustic domain and r and z are the position
within the PML as shown in Fig. 2. α is the absorption coefficient with a constant value of 10 and t is half the
thickness of the PML which equates to 0.1m.

Equations (7) and (8) are written in the usual FE equations in the frequency domain(
Ka − ω2Ma

)
p = 0. (11)

Here p is the solution vector containing the nodal pressures, Ma is the acoustic mass matrix and Ka is the acoustic
stiffness matrix which can be computed as

Ka =

∫
Ω

∫ π

−π

(
NT
a,rNa,r + NT

a,zNa,z

)
r dΩ +

∫
ΩA

∫ π

−π

(
γz
γr

NT
a,rNa,r +

γr
γz

NT
a,zNa,z

)
r dΩA (12)

Ma =

∫
Ω

∫ π

−π

1

c2
NT
aNar dΩ +

∫
ΩA

∫ π

−π

1

c2
γrγzN

T
aNar dΩA, (13)

where subscript r and z refers, respectively, to the differential operator with respect to global r- and z-coordinates,
Na is a row vector consisting of the quadratic acoustic shape functions, Ω and ΩA refers to the acoustic domain
and the PML, respectively.

The acoustic and mechanical domains are fully coupled at the shared interfaces such that when the mechanical
structure vibrates it acts as an acoustic source, furthermore the surface pressure acting on the mechanical structure
is accounted for. This is included in the coupling matrix S

S =

∫
Γ

∫ π

−π
NTnaNar dΓ, (14)

where na is the normal vector of the interface between the acoustic and structural boundary pointing outwards
from the acoustic boundary and Γ refers to the interface between the acoustic and structural domain.

Combining Eq. 5 and 11 yields the entire system of equations for the FE-model[8]([
K −ST
0 Ka

]
− ω2

[
M 0
ρS Ma

]){
u
p

}
=

{
f
0

}
. (15)

For the remainder of this paper Eq. (15) is written in a compact format(
K̃− ω2M̃

){
u
p

}
=

{
f
0

}
. (16)

2.2 Coupled system

Figure 3 is a schematic drawing of the lumped circuit model representing the entire electric motor system and the
VC, VC former and spider of the mechanical system. Information is passed between the LPM and the FE model
in the coupling node i located as shown on Fig. 1. The left circuit in Fig. 3 is a representation of the electrical
motor system, where eg is the applied voltage from an AC source, ic is the current, RE is the DC resistance in the
wire of the VC, LE is the inductance of the VC and ec is the back-induced voltage caused by the movement of the
loudspeaker. In the expression describing ec, Bl is the force factor and u̇ is the velocity of the movement.

The right circuit on Fig. 3 represents the material properties of the partly lumped mechanical components, the
force applied from the electric motor system is F elek, Mp,lump is the total mass of the lumped components, Rp,lump
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Figure 3: Lumped circuit model with partly lumped mechanical components

is the damping coefficient, Cp,lump is the compliance and the impedance block, ZFEM , represents the contribution
from the FE model.

The equation for the electric motor system is represented in the frequency domain, in which the eddy currents
in the inductor are included with a fractional order derivative model [22, 23]

eg = REic + (jω)
n
LEic +Blu̇i, (17)

where n is the fractional order. The scalar equation for the mechanical components in Fig. 3 including the
contribution from the FE-model via the impedance ZFEM = Fi

jωu̇i
, where sub-index i refers to the value in the

coupling node i is

Blic = −ω2Mp,lumpui + jωRp,lumpui +
1

Cp,lump
ui + jωZFEMui. (18)

As shown in Fig. 1 the coupling node i defines which node in the FE system the LPM should couple to. In order
to identify the degree of freedom (DOF) the contribution from the LPM should be added to, a set of indicator
matrices are created

Iir = eidofre
T
idofr , Iiz = eidofze

T
idofz , L = ele

T
l , (19)

where eidofr and eidofz are zero vectors except with a unit entry corresponding to the r and z DOF of the coupling
node i and el is a zero vector with a unit entry in the last component. An indicator matrix, Jiz, is also created
which has a unit entry in the bottom row corresponding to the z DOF.

The scalar equation (18) is added to Eq. (16) by multiplying the lumped components onto the indicator matrices
in Eq. (19). This yields the system of equations for the hybrid FE-LPM model

([
K̃ 0
0 0

]
+

1

Cp,lump,r
Iir +

1

Cp,lump,z
Iiz +REL−BlJTiz

+jω (Rp,lumpIiz +BlJiz) + (jω)
n
LEL

−ω2

([
M̃ 0
0 0

]
+Mp,lumpIiz

))u
p
ic

 =

 0
0
eg

 ,

(20)

where JTiz is the transpose of Jiz, Cp,lump,r and Cp,lump,z refers, respectively, to the lumped compliance in the r
and z direction. The rest of the lumped parameters are only applied in the z-direction, which is the direction of
the applied force. The FE equations in Eq. 20 are solved with an in-house Matlab code.

6



2.3 Estimation of optimal lumped parameters

Two of the most distinctive parameters used to identify the performance of a given loudspeaker are the pressure 1
meter away from the speaker and the electrical impedance of the VC. These physical quantities are used to formulate
an objective function, such that the measured speaker response can be matched with the numerical model. The
following objective function considers the absolute error squared, meaning the square of the norm of the complex
difference between the numerical model and the measured data, which is normalized with respect to the square of
the norm of the measured data, which in this paper comes from a numerical experiment carried out on a full model
of a loudspeaker

φ =
||pmeas − p||22
||pmeas||22

+
||zmeas − z||22
||zmeas||22

. (21)

Here φ is the value of the objective function, pmeas is the measured pressure 1m away from the speaker at different
frequencies, p is the computed pressure, zmeas is the measured VC impedance and z is the simulated VC impedance.
The optimization problem is stated in Eq. (22), the associated constraints, Ll and Lh are defined in Tab 1.

min
x

φ (x) ,

s.t. Eq. (13) ,
Ll ≤ xk ≤ Lh , k = 1, . . . , 6 ,

(22)

2.3.1 Adapting the proposed method for an experimental setup

The proposed method takes into account both the magnitude and phase of both the pressure and the impedance.
This is done such that the motion of the speaker in the numerical model can match the motion of a measured
speaker. In this work we match our numerical model with a numerical reference model from Comsol. The objective
function is, however, constructed in such a way that the data obtained from Comsol in principle could be replaced
with measurements. These measurements should be done in an anechoic chamber with a pressure microphone and
electrical equipment to measure the impedance. From these measurements one can extract the magnitude and
phase from the pressure and impedance measurements, respectively.

If an anechoic chamber is not readily available another physical quantity that describes the motion of the speaker,
such as the velocity of the diaphragm, could be used. The measurement of the velocity could be carried out with e.g.
the Klippel system that utilizes a system identification technique based on impedance- and velocity measurements.

2.4 Numerical setup of reference examples

The goal is to match the FE-LPM model with a reference loudspeaker. In this paper it is chosen to carry out a
numerical experiment by simulating a full loudspeaker in Comsol Multiphysics. The reference model constitutes of
the loudspeaker in Fig. 2 and the system in Fig. 4, here, the loudspeaker diaphragm is attached to the VC former
as indicated with the dashed line. The system on Fig. 4 consists of the electric motor system, VC, VC former and
spider which is exactly the system in the dashed box on Fig. 1. The VC consists of 100 windings, the wire has a
thickness of 0.3 mm and it is made of copper. The VC-former is made of aluminum.

The reference model is a 2D axisymmetric model, where linear elasticity is assumed, the acoustics are computed
without including viscous losses, the pole piece is made of iron with non-linear magnetic material properties. The
solution procedure follows that of the example in Ref. [24]. First, the problem is considered static and solved in-
order to extract the driving force factor and local permeability. The subsequent full analysis considers the stationary
response of the loudspeaker and utilizes the former stationary solution as a linearization point. This numerical
analysis includes fully coupled physics, which means that Lorentz coupling is used to describe the electromagnetic
force acting on the moving VC in a magnetic field and acoustic-structure interaction is used to model the sound
propagation from the moving loudspeaker.

The reference model is a full model including the entire magnet system which means that this model consists of
584072 DOF. This is computationally heavier compared to our proposed FE-LP method which has 217309 DOF.
The discrepancy in complexity between the two models can mainly be attributed to the entire magnet system that
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Figure 4: Sketch of the electric motor system, VC and VC-former which is included in the FE reference model.

Table 1: Table of values used as a starting guess for the optimization together with the constraint of each individual variable

xk LE [mH] n[−] Cp,lump,z[m/N] Cp,lump,r[m/N] Rp,lump[Ns/m] Bl[Tm]
Start 2.0 0.7 4·10−3 4·10−6 l.2 4.0
[Ll;Lh] [0.1;6.0] [0.2;0.9] 4·[10−6; 10−1] 4·[10−9; 10−4] [0.24;6] [3.5;7.5]

needs to be meshed. The mesh for the reference model contains many small details such as the gap between the
VC and the pole piece or the very thin VC former.

3 Results

The target for the optimization is to find a set of suitable values for the lumped parameter elements in Eq. (20). An
initial guess of the value of the lumped parameters is required, these values are shown together with the constraints
used for each variable during the optimization in Tab. 1.

Two of the lumped parameters are not included in the optimization, one of them is the DC resistance, RE , of the
VC which can be found from the impedance measurement. The value of RE is 3.54 Ω. The second is Mp,lump which
can be found by weighing the spider and VC components, Mp,lump has a value of 0.006 kg. Due to the fact that
a numerical experiment is used we know the force factor, however, this would not be the case for an experimental
set-up of a authentic loudspeaker. Therefore we consider Bl as unknown and as a consequence of that it is included
in the optimization. The input into the electrical motor system is an AC voltage source with the value of 1V.

We apply sequential quadratic programming (SQP) to solve the optimization problem in Eq. (22). The SQP
algorithm is used by calling the internal Matlab function fmincon. The gradients used in the optimization is
computed with finite difference using the default step length

√
ε. Using the SQP algorithm to minimize Eq. (21),

on the system of equations in Eq. (20), using the starting guess in Tab. 1 yields the design history in Fig. 5.
The values of the LPM that minimizes the objective function the most are presented in Tab. 2. We note that

the value found for the force factor is 4.83 T ·m which is only 3 % deviation from the calculated value of 4.67 T ·m.
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Figure 5: The history of the optimization, where the y-axis represents the value of φ for each iteration step.

Table 2: Table containing the optimally estimated lumped parameters

LE [mH] n[−] Cp,lump,z[m/N] Cp,lump,r[m/N] Rp,lump[N · s/m] Bl[T ·m]
3.63 0.77 4.81·10−4 4·10−9 0.53 4.83

We can also observe that the compliance in the r direction reaches its lower bound, if this bound is lowered even
further the compliance will also reach that. This finding makes sense since the compliance in the r direction keeps
the loudspeaker centred, ideally, the stiffness in this direction would be infinite.

The optimal values of Tab. 2 are analysed by computing the pressure response 1 meter away from the speaker
as a function of frequency. These results are compared with results for a full loudspeaker model and results for the
values of the starting guess in Tab. 1. This is shown in Fig. 6.

From Fig. 6 one can observe that the optimization algorithm is able to tune the lumped parameters such that
the the FE-LPM model matches the numerical experiment. A discrepancy between the two models at 316 Hz can
be observed. The discrepancy can be attributed to the lack of viscous and thermal losses in the reference model in
the small slits between the VC and the pole piece and the tube near the z-axis, these features are shown in Fig.
4. It is expected that viscous and thermal losses can have an effect on the actual response, which is to reduce the
cavity resonance effect compared to the lossless counterpart. The cavity resonance at 316 Hz manifests itself in both
the pressure and impedance response. In practice this resonance will hardly be present, this is mainly due to losses
being present but also due to air-vents in the VC former, which prevents a pressure build-up. The discrepancy is
mainly due to model simplifications in the reference loudspeaker and are therefore not considered important.

The values of Tab. 2 are used to simulate the impedance of the VC as a function of frequency. Again, the
obtained response is compared with the reference values from the numerical experiment and the initial guess. This
comparison can be seen in Fig. 7.

Figure 7 shows that the FE-LPM and the numerical experiment has a good agreement from 1 Hz to approximately
4 kHz, above 4 kHz the FE-LPM model starts to deviate from the reference as the frequency increases. No immediate
explanation exist for this deviation, however, some deviation is to be expected due to high-frequency effects that
are present in the full model but not in our simplified approach with lumped mechanical and electrical components.
The full model includes the spider and VC former, where break-up modes will be present at high frequencies, besides
this difference the two FE models have identical mechanical components.
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Figure 6: Pressure response between 1 Hz and 10 kHz. The solid black line is the result of the optimization, the solid blue
line is the full loudspeaker model, the dashed black line is the starting guess and the red diamond-shaped discrete points are
the frequencies which are used in the optimization.
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Figure 7: Impedance between 1 Hz and 10 kHz. The solid black line is the result of the optimization, the solid blue line is
the full loudspeaker model, the dashed black line is the starting guess and the red diamond-shaped discrete points are the
frequencies which are used in the optimization.
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Figure 8: Pressure response between 1 Hz and 10 kHz. The solid black line is the result of the optimization, the solid blue
line is the full loudspeaker model.

3.1 Robustness of the method

This section presents a test case which demonstrates the robustness of the proposed method. It is necessary to test
whether the results obtained in the above section rely on a very specific tuning of the lumped parameters. Ideally
changes to the baseline configuration of the reference loudspeaker and the FE-LPM should not cause a deviation
between the two models. However, if the above results are a product of a fortunate tuning of the lumped parameters
that only works in this specific case, the results will be very sensitive to changes in the baseline configuration. That
means that one should observe a major deviation between the output of the reference loudspeaker compared to
the proposed FE-LPM. The change in the models will be a change of the density of the loudspeaker diaphragm
and dust cap. The density will be halved in these structural regions in both the reference loudspeaker and in the
FE-LPM model. The rest of the material parameters in the FE-model will remain unchanged as will the values in
the LP-model.

Figure 8 shows the pressure response of the test case. It is observed that the trends from Fig. 6 is preserved
and an overall satisfactory agreements is reached between the two models. One can observe a spike in the pressure
at 9.2 kHz which is attributed to a breakup mode that is now present due to the lower density of the diaphragm.

Figure 9 shows the impedance as a function of frequency. Again, the trends from Fig. 7 is also present for the
test case. Figure 9 demonstrates that the FE-LPM accurately captures that the first eigenfrequency of the structure
is slightly higher than that of Fig. 9. This shift of the natural resonance frequency is to be expected since the mass
of the diaphragm and dust cap is lower.

Generally the test case shows that the FE-LPM adapts well to changes. When comparing the FE-LPM model
with the reference loudspeaker we see the same trends as in the previous section. We note the the FE-LPM captures
the break-up mode at high frequencies and the shift in the fundamental resonance frequency of the loudspeaker.

4 Discussion

This paper presents a method that can be utilized together with structural optimization. The method lumps
certain parts of the loudspeaker to create a computational speedup. However, this method is not limited to the
model problem in this paper. The presented method can be extended, such that it can be applied on different model
problems.

In this paper we find values for the lumped components, that works well in the frequency range from 1 Hz to
10 kHz, in reality the components are frequency dependent. Therefore, the presented model could be used to solve
several optimization problems at different frequencies and thus obtaining a frequency dependent mechanical stiffness
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Figure 9: Impedance between 1 Hz and 10 kHz. The solid black line is the result of the optimization, the solid blue line is
the full loudspeaker model.

and damping. Taking this approach one step further would include lumping the surround as well and establishing
a fractional order derivative model of the surround and by that account for the viscoelastic effects in the rubber.

One could consider lumping only the electrical system and therefore include the spider, VC and VC former in
the FE model. This approach could be used to optimize the electrical components of a loudspeaker.

Currently 17 discrete points are used to evaluate the objective function, as shown in Fig. 6 and 7. The
amount of points are limited to 17 due to the computational effort required to carry out the optimization. This
can be attributed to the fact that finite difference is used to calculate the gradients used in the optimization. A
more efficient way would be to compute the gradients with the adjoint approach. Another approach than the one
presented in this paper would be to compute the mechanical impedance of the FE model together with a transfer
function related to the pressure 1 meter away from the speaker, these quantities would replace the FE model. This
will greatly reduce the DOF in the model, which will allow for more discrete points in the optimization. This will
be a very relevant approach if the end goal is only to consider lumped parameter estimation.

The objective function in Eq. (21) considers the pressure generated by the loudspeaker and the impedance of
the VC. However, if there is no reliable way of obtaining the pressure one could possibly use a laser to measure the
velocity of the diaphragm and use that quantity in the objective function.

5 Conclusion

This paper presents a methodology for improving the computational efficiency of FE models of loudspeaker while
preserving the accuracy of the model for a specific purpose. This is illustrated by lumping the motor system and
parts of the mechanical components. We demonstrate that the approach is able to closely mimic the pressure and
impedance response of a full loudspeaker model even at high frequencies. The presented method can be used together
with structural optimization of the diaphragm, dust cap and surround. Simple model effects such as mechanical
damping and electrical inductance were used but more sophisticated models are straightforward to include.
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