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Abstract— In this paper a non-linear loudspeaker
model, which accurately reproduces the low frequency
behavior, is presented. This description, derived from
an extension of the well known Small-Thiele equations,
requires far less computational time and memory space
than generic non linear structures. Moreover a notice-
able further reduction of the number of operations and of
the memory cells required has been achieved by means
of a multirate architecture. Inversion of the proposed
model allows digital prefiltering of the electrical signal in
order to compensate for the non idealities of the electro-
acoustic conversion. The above filter structure imple-
mented on a digital signal processor, placed between the
audio signal source and the power amplifier allows ef-
fective compensation of loudspeaker linear (both magni-
tude and phase) and non linear distortion. Measurement
results obtained with a commercial woofer are discussed.

I. Introduction

Voice coil loudspeakers, the most used audio trans-
duction devices, produce an acoustic field in the air as
a result of the action of an electric signal.

The current driven by the audio amplifier flows in the
coil, moving in constant magnetic field, and produces
an axial force-on the cone, which is tied to the coil. In
an ideal system the relationship between input (elec-
tric variables), and output (acoustic variables) would
be a linear one. Unfortunately, the magnetic field is
not constant as the cone is displaced from its equilib-
rium position and the reaction force arising from the
cone suspension is non-linear with the displacement.

These effects result in a deterioration of the emitted
sound that can become even intolerable. Therefore, an
audio signal processor can be inserted before the power
amplifier and the loudspeaker, with the purpose of ad-
justing the signal so that the overall transducer chain
is linear. For simplicity in the following sections the
power amplifier will be considered strictly linear. More-
over the case of a loudspeaker mounted on a virtually
infinite baffle will be assumed.

Preliminary audio processor implementations aiming
at a reduction of distortion are already described in
literature following either a closed-loop or an open loop
control approach [1], [2], [3], the latter being possible
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only thanks to the availability of accurate loudspeaker -
models. The field is extensively studied in the literature
[4], [5], but to the best of our knowledge, the available
models rely on measurement results rather than on first
principles and construction parameters.

II. Loudspeaker non-linear modeling

Until now loudspeakers have been modeled, follow-
ing the well-known Small-Thiele approach [6], that de-
scribes their behavior at low frequencies and small input
power, and produces a linear transfer function. Unfor-
tunately it does not match our requirements; first of all
because it is a liner model and moreover as it does not
describe accurately real Sound Pressure Level (SPL)
curves. In order to describe non linear systems some
general structures have been presented in literature [7],
[8], [9], [10]. Among them, the Volterra series expan-
sion [4] seems useful for describing weak non-linearities.
In parallel with the linear block, quadratic, cubic, and
higher order blocks. are considered and connected as
shown in fig. 1. Due to the great number of operations
required, this structure cannot be adopted for real time
applications.
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Fig. 1. Block diagram of Volterra series expansion.

The proposed model is based on the Small-Thiele
description of the electro-mechano-acoustic equivalent
system reported fig. 2.

The circuit elements in Fig. 2 can be computed di-
rectly from the Small-Thiele parameters measured by

0098 3063/98 $10.00 © 1998 IEEE



Bellini et al.:  Non-Linear Digital Audio Processor for Dedicated Loudspeaker Systems 1025

Lg

e

Eloctric system Mochanical system Acoustic system

Fig. 2. Acoustic-side equivalent circuit for a generalized loud-
speaker system.

the manufacturer [6].

According to this approach direct-radiation loud-
speakers can be modeled at first using lumped-
parameters equivalent circuits for the electric, mechan-
ical and acoustic parts of the transducer. In fact the
mechanical and the acoustic parts of the loudspeaker
are characterized by physical laws formally similar to
those of electric circuits, and therefore it is possible to
represent a mechanical/acoustic system with an equiv-
alent electric circuit. ,

o The linear electric circuit, representing the coil can
be fully described in terms of the voltage at the coil
terminals e(t), and of the current #(¢) flowing in the
coil, which is limited by the wire resistance Rg, by
the coil inductance Lg, and the by the emf at the
primary of the transformer, which represents the
transduction into electric quantities (voltage and
current) of the mechanical quantities (force and
speed) available at the transformer’s secondary.

o The linear mechanical system can be fully de-
scribed in terms of the force F(t), acting on
the coil-cone assembly, and of the cone’s velocity
u(t) = z(t), the dynamic behavior being deter-
mined by the viscous resistance R, = G};}, the
compliance K = C;! of the elastic suspension sys-
tem, the inertial mass M,,, and by the presence of
a transformer primary, representing the transduc-
tion into mechanical quantities (force and cone’s
velocity) of acoustical quantities (pressure and vol-
ume air velocity), at the transformer’s secondary.

¢ The acoustic system can be fully described in terms
of the volume air velocity U (¢), of the acoustic pres-
sure p(t) in front of the loudspeaker, and of the load
represented by the air in front of the loudspeaker,
which can be linearly modeled by Ga(t), which is
the response, in terms of volume air velocity, to the
unity pressure pulse §(t).

This can be formally expressed with the following equa-
tion set

Bli(t) = F(t) (1)

di(t)

e(t) = Reilt) = L=

= Bli(t) (2)

Ut) = Syé(t) 3)

F(t) = Rmi(t) — Mpi — Kz = p(t)S, (4)

U(t) = Ga(?) * p(t) (5)

where S, is the effective radiating surface, Bl is the
force factor of the magnetic field, and the symbol *
stands for the convolution operator. Let py be the air
density, ¢; the sound velocity in the air, supposed con-
stant, and r, the radius of the effective radiating sur-
face of the loudspeaker, S, = 7r7'3. At low frequencies

we can assume the expression of Z,(s) reported by [11]:

s (6)

a1
Za(s) = =—(5) = - s* + 32y

2me,

In order to define a non-linear woofer model suit-
able for a simple inversion and implementation on a
low cost DSP [12], we rewrite the above Small-Thiele
equations, pointing out the dependence of the force fac-
tor Bl = Bl(z), of the suspension stiffness K = K(z)
and, eventually of the coil inductance L = L(z) (that
can usually be neglected at low frequencies) from the
instantaneous cone displacement x(t). The following
relations are thus obtained:

Bi(#)i(t) = F(1 )
e(t) ~ Reilt) — L(z) dfg) = Bi(2)i () (8)
U(t) = S.(t) (9)

F(t) = Rni(t) = My % ~ K(z)z = p(t)S, (10)

U(t) = Ga(t) * p(t) (11)
From equations 9 and 11, by Laplace transformation
U(s) = Srsx(s) = Ga(s)p(s)
that yields:
p(s) = Za(s)Srsx(s) (12)

where Z4(s) is the acoustic impedance, representing the
load. N

Given a set of n fixed displacements z,, we can ap-
proximate Bl(z), K(z) and eventually L(z), respec-
tively with Bl(x/\n), K(xAn) and L(z'\n) in order to lin-
earize the above equations near a;\,,.

Inserting equations (12) and (7) into (10) and taking
the Laplace transforms, we obtain

Bl(ay)i(s) — K (4n)x(s) = J(s)x(s) (13)
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where:
J(s) = s* My, + sRp, + 55, Za(s) (14)

Moreover, from equation (8):

e(s) = [Re + L(zy)sli(s) + Bl(zy)sx(s) (15)

and then
i(s) = e(s) — Bl(x,j\)sx(s) (16)
R, + L(zn)s
From (13) and (16) we derive:
Bl(zy,)e(s) BI2(dy)s

[K(x“n) + I(s)x(s)

x(s)

Hence it is possible to define the system transfer func-

R+ L(dy)s Re + L(ay)s

. .. A
tion for small variations near z =z,

ORI
e(s) le=gn

o (5) = ()
This leads to the definition of a set of expressions de-
scribing the loudspeaker behavior with respect to its
instantaneous displacement.

P (S) K(xn)

xn - Re + sL(:vAn)

_BE(E)s + J(s)} )

R, + sL(xAn)

From the knowledge of the cone instantaneous displace-
ment, or an approximation of it, as a function of the
input signal, we can fully describe the loudspeaker be-
havior. This could be obtained in principles by a linear
approximation, i.e. by a transfer function H(s) produc-
ing the actual displacement as a function of the audio
electric input e(z).

A first loudspeaker model, based on this approxima-
tion is represented by the block diagram of fig. 3.

Unfortunately, the five equations, (1), (2), (3), (4),
(5), of the small-signal Small-Thiele model do not de-
scribe faithfully SPL curves, that, on the other hand,
can be accurately measured. SPL curves, which are ob-
tained by measuring in an anechoic room the response
of the loudspeaker when it is excited with pure sinu-
soidal tones, provide the true system transfer function
<p8(s) = ZJ(:?)Z, measured under linear working condi-

Za(5)Se(s)sBl () [ A

+

tions.
Therefore we propose to derive from the set of rela-
tions ¢ A (s) only the informations concerning the non
Xn

electric / acoustic
lqput output
signal 0]} - .

displacement (x)

H (s)

Fig. 3. Block diagram of the first loudspeaker model.

linear behavior, that means, the variations with respect
to <p8(s), and to use for ¢a(s) the transfer function de-

rived from SPL measurements.
Let us define the function

A Sox/\n (S)

that describes the non linear distortions caused by
the variation of parameters at different displacements.
Then, a linear filter in cascade with the previous sys-
tem can take into account the small signal behavior.
We obtain the model sketched in fig. 4.

electric / acoustic
input | output
signa

/ (pSPL

displacement (x)

H (s)

Fig. 4. Block diagram of the second loudspeaker model.

The proposed model works fine within the whole au-
dio spectrum, if properly adjusted to a particular loud-
speaker. To this purpose the Small-Thiele parameters
and the measured SPL curves are needed. Moreover the
profiles of Bi(z), K (), L(x) and H must be known. It
must be pointed out that while the latter proves to be
critical (its derivation will be discussed in the following
section) a rough approximation of Bl(z) and of K(z)
is sufficient, and L(z) is not relevant for woofers. An
acceptable approximation is
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Bl(z) - BI(0) [a(m:w )2+ﬂmm%+1]
K(z) = Kw)b(%i )i +1]
: mas .

where @ < 0, ¥ > 0 express the fractional reduction
of the magnetic field and the increase of the suspension
stiffness respectively, and 4, stands for the maximum
displacement at nominal input power. The coefficients
B and § account for non symmetrical profiles.

A. Weakly non linear working mode

As mentioned in the previous section a linear filter
H(s) = :J(E)l is required in order to estimate as accu-
rately as possible, the instantaneous displacement of
the driver z(t), given the electric audio signal e(¢). Un-
fortunately, all the nonlinearities caused by the varia-
tions of Bl(x), K(x), L(z), (see equations (7), (8), (9),
(10), (11)) affect the position of the cone. Anyway, we
shall suppose to be in the case of small non-linearities,
so that an appropriate linear filter can produce an out-
put signal resembling the driver displacement. It must
be noted that any error in the phase response of the
synthesized filter produces a delay (positive or nega-
tive) between the real and the calculated position of
the cone causing a remarkable deterioration of the pro-
posed model.

A few solutions to compute H were examined, but
none of them was completely satisfactory. First of all,
an expression of H can be obtained directly from the
linear model:

BI(Z) -

= R. + sL(3)

BI%(%)s

Ha(s) R. +sL(Z)

K(z)+
where a suitable value of Z, that might be different from
zero, be determined while adjusting the model. The
amplitude and the phase of the filter obtained with this
approach are reported in figs. 5 and 6 respectively.

Unfortunately, this solution proved to be non effec-
tive on a wide frequency range.

An alternative solution consists of dividing both
terms of equation 12 by e(s), so as to obtain:

x(s) a
e(s)

Thus it is possible to derive an expression of H from
the transfer function %(5)1 directly measured from the
SPL. We shall hereafter denote the transfer function
%((3, obtained by SPL measurements, by ¢gpy,, rather
than ¢¢. The amplitude and the phase of the filter

=Za(s)S;s Za(s)S,sHx(s) (21)

+3(s)|  (20)

Xfilter # 3

Amplitude (dB)

Frequency (Hz)

Fig. 5. Magnitude of H; filter from Small-Thiele model. {(ideal:
dashed line ; FIR implemented on DSP: solid line)

Xiilter# 3

500 1000 1500 2000 2500
Frequercy (Hz)

Fig. 6. Phase of H; filter from Small-Thiele model. (ideal:
dashed line ; FIR implemented on DSP: solid line)

obtained with this approach are reported in figs. 7 and
8 respectively.

A third option which was not applied due to the un-
availability of the required instruments, is represented
by the direct measure of H(s): from this, a noteworthy
increase of performance can be expected.

B. Highly non linear working mode

In the above section it has been assumed the hypoth-
esis of weak nonlinear distortion. Nevertheless at very
low frequencies and high input power the THD reaches
peaks near 100%. In these conditions the loudspeaker
is not able to reproduce pleasant sounds and almost the
whole input power is shifted on higher harmonic tones.
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Kiler# 1
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Fig. 7. Magnitude of H; filter from SPL measurements. (ideal:
dashed line ; FIR implemented on DSP: solid line)
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Fig. 8. Phase of H; filter from SPL measurements. (ideal:

dashed line ; FIR implemented on DSP: solid line)

The braking effect due to the decrease of the mag-
netic field and to the increase of the suspension stiffness
should be counteracted with an higher input power at
high displacements. Unfortunately this would cause,
at least for the loudspeaker at our disposal, clamping,
plastic effects on the cone suspension and even the de-
struction of the loudspeaker itself. Thus, under these
conditions, it is neither possible nor useful to perform
any kind of correction.

It is, in such cases, convenient to insert an input
high-pass filter to be activated only for high gains of
the power amplifier. This helps the system to avoid
such unacceptable distortion conditions.

Thus, better reliability is achieved, since clamping
and loudspeaker self destruction is prevented, and a

further reduction of nonlinearities by a non-linear pro-
cessing is allowed anytime.

II1. Digital processor for loudspeaker systems

The inversion of the model described in the previ-
ous section and sketched in fig. 4, allows to design
and implement, using a low cost DSP, a digital audio
processor capable to reduce both linear and non-linear
loudspeaker distortion. The processor must be inserted
within the audio chain, before the power amplifier but
necessarily after the volume gain control of the pre-
amplifier. In fact, the exact amplitude of the signal
applied to the loudspeaker must be known, as this is re-
lated to the position of the cone. Fortunately, although
all elements following the processor must have a con-
stant and known gain, a good tolerance is accepted. As
previously discussed, the loudspeaker can be modeled
by means of a linear law whenever it works within small
displacements near xAn. This relation can be inverted to
obtain the inverse filter of fig. 9, where all filters are
considered as a function the index n. In fact, digital
filters [13], [14] are used, rather than continuous-time
filter, since the system is implemented on a DSP.

electric

input pre-processed
signal - audio signal
-1 E
SspL ¥ (n)
Fig. 9. Block diagram of an inverse filter effective for small

displacements near an -equilibrium position.

According to the theory, the (I)gi’L and 1 (n) filters
x

are designed so as to invert the direct (I)SP}‘ measure
and ¢ (n) respectively:

(22)

An estimate of the cone position ag\n, derived from the
signal directly applied to the loudspeaker, is required
for processing each input signal sample with the proper
filter. A possible approach is to neglect the last sample
of the audio signal, which cannot be calculated before
choosing the corresponding filter, Another option is to
neglect the non-linear part of the model, while deriv-

ing mAn. In this latter case, the input node of the H
block is connected directly to the output of the equaliz-
ing filter <I>§113L. In fact, under the hypothesis of weak
non-linearity, the correction operated by the %7} (n)
set of filters will result reasonably small. This choice
corresponds to the block diagram of fig. 10.
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electric

input equalized pre-processed
signal signal Vd audio signal
-1 4
(PSPL W -
H (n)

Fig. 10. Block diagram of the inverse filter.

It is easy to understand that the error thus intro-
duced 1s, in the worst case, as large as the one intro-
duced by deriving the driver displacement through a
linear filter H, driven by the input signal e. In fact, in
this latter case all loudspeaker non-linearities would be
neglected, while only those corresponding to the cor-
rection system are neglected in the proposed filter.

A. On chip implementation

The direct implementation of the structure proposed
in fig. 10 would require a computational cost far too
high to be implemented on a low cost DSP. Therefore a
multirate structure was designed, where low frequency
components are decimated and processed at a lower bit
rate, while the other components are operated by filters
that do not require the compelling constraints, neces-
sary at very low frequencies. Thus the whole system
of fig. 11 has been implemented on a 320C542 Digital
Signal Processor with only 10 Kword of on chip Dual
Access RAM and no other external memory (this being
the major limitation).

. .procesasd
o © BLGE Sgnal

signal

1650 hx 1 16501z
Hm

" Non-linear digital
processing

Fig. 11. Multirate non linear processor.

IV. Results

For the experiments a commercial double coil sub-
woofer with a radiant surface diameter of 110 mm was
used. It has an operating frequency range of [20Hz,
2kHz]. A high-precision audio analyzer [15] was used
to evaluate the Total Harmonic Distortion (THD) and
the Sound Pressure Level (SPL) produced by the loud-
speaker. Measurements were performed in an anechoic
room with a highly linear microphone, while stimulat-
ing the system with pure sinusoidal tones. A remark-
able flattening of the amplitude, fig. 12, and a lineariza-
tion of the phase (fig. 13) of the reproduced SPL has

been achieved. It must be noted the reduction of SPL
at very low frequencies is produced by the anti-aliasing
filters of the low-quality ADC used.

Loudspeaker Magnitude response

-5}

~20 1 L
10’ 10? 10° 10*

Fig. 12. Comparison between the SPL (amplitude) of the consid-
ered loudspeaker with (solid line) and without (dashed line)
the audio processor (3 Volt input signal amplitude).
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Fig. 13. Comparison between the SPL (phase) of the considered
loudspeaker with (solid line) and without (dashed line) the
audio processor (3 Volt input signal amplitude).

Moreover harmonic distortion is reduced as shown
in figs. 14 and 15 over the frequency range of [20Hz,
90Hz] and for each input power. At higher frequencies
the processor is substantially linear.  Of course the
reduction of harmonic distortion corresponds to equal
values of SPL. Distortion was measured by a Bruel and
Kjar audio analyzer [15].
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Fig. 14. Comparison between the THD of the considered loud-

speaker with and without the audio processor (3 Volt input
signal amplitude).
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Fig. 15. Comparison between the THD of the considered loud-
speaker with and without the audio processor (5 Volt input
signal amplitude).

V. Conclusions

A non-linear loudspeaker model, which reproduces
the low frequency behavior with good approximation
is presented. It was inverted and approximated in or-
der to allow the realization of an anti-distortion audio
processor based on a 320C542 Digital Signal Processor.

Measurements performed on the audio signal with
and without the insertion of the designed audio pro-
cessor demonstrate that the audio processor features
better performances in the reproduced sound together
with higher reliability.
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