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Abstract.  Horn loaded  compression drivers are widely used in the area where high sound pressure levels together with
good directivity characteristics are needed. Major disadvantage of this kind of drivers is the considerable amount of
nonlinear distortion. Due to the quite high air pressures in the driver the air is driven into its nonlinear range. This paper
describes a technique to reduce the distortion caused by this phenomenon. Using a Digital Signal Processor (DSP), a
feedforward compensation technique, based on an equivalent lumped parameter circuit, is implemented and tested in real–
time in series with the loudspeaker. Measurement and simulation results are given. The overall conclusion is that a distortion
reduction is obtained in the frequency span from 600 to 1050 Hz.

1. Introduction
Horn loudspeakers are very suitable for sound reproduction in areas
where high sound pressure levels are desired. Advantages are the
good directivity characteristics and the much higher efficiency
compared to the direct radiator loudspeaker. Disadvantages are the
greater size and higher costs. Major disadvantage, however, is the
production of high acoustical distortions (up to 30 percent second
and third order harmonic distortion).

Instead of improving the transfer behavior of the transducer by
mechanical construction means, we connect a nonlinear circuit in
series with the loudspeaker to reduce nonlinear behavior. When
capable of reducing nonlinear distortion, the compression driver
may also become more simple constructed which will also reduce
the prize of the loudspeaker.

In this paper a reduction circuit will be described which is
based on an electrical equivalent lumped parameter circuit. Such a
circuit is built using the basic elements provided from different
standard works in this area [1–3].

Modeling of the horn loudspeaker is the topic of Section 2. Our
speaker is designed for the mid–frequency range, i.e. 500–5000 Hz.
In this range, it is convenient to model the transducer using lumped
elements because the wavelength is large compared to the
dimensions of the horn driver. Having built an equivalent circuit, it
is simulated in a circuit simulator and parameter values are
optimized on real measurement data. Based on the optimized
circuit, a compensation circuit is derived in Section 3. Obtained
results with this circuit, simulated as well as real–time
measurements, are presented in Section 4. Finally we will draw our
conclusions from this research up to now and will give topics
which will be studied in the future.

2. Modeling of the horn loudspeaker
In Figure 1 a schematic cross sectional view of the used horn

loudspeaker is depicted. Two major parts are clearly
distinguishable: the compression driver and the horn. In the
compression driver the diaphragm is driven by the
electrodynamical principle using a coil in a permanent magnetic
field. In front of the diaphragm a phase correction plug is placed to 
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Figure 1. Cross sectional view of the used horn loaded
compression driver.

prevent dips in the sound pressure response due to interfering
sound waves traveling different paths. However, this plug also
introduces a thin air film between the diaphragm and the plug itself.
High sound pressure levels will drive this thin air film into its
nonlinear region due to the adiabatic behaviour of air. The
thickness of the airfilm is therefore a compromise between good
(flat) response and amount of (nonlinear) distortions.

2.1 Equivalent lumped element circuit
In order to build the equivalent circuit depicted in Figure 2 the

three different domains representative in the transducer, i.e. the
electrical, mechanical and acoustical are considered in detail first.

In the electrical domain we have the well known series circuit
of the voice coil resistance Re and inductance Le. In series with this
circuit the resulting voltage is coupled into the mechanical domain
using the gyrator with gyrator constant Bl. This constant is the
product of B: the effective flux density in the air gap, and l: the
effective voice coil length. This results in a force on the diaphragm
F=Bl⋅il,  with il the current through the voice coil.



From electrical impedance measurements on the driver, with
and without the horn, it appeared that the diaphragm does not
behave as a rigid mass–spring system but as a distributed
mass–spring system around mechanical resonance. For keeping our
model simple we model this by a distributed mass–spring system.
The central mass portion m1 is coupled through the damped spring
system Cm1–Rm1 to the outer mass portion m2 which is coupled to
the outer suspension by the damped spring system Cm2–Rm2. Due
to this break–up the velocity of the central mass (v) differs from the
velocity of the outer mass (v2). The total resulting velocity is
coupled into the acoustical domain by a transformer with
transformation constant Sd, the effective diaphragm area.

The resulting force is transformed into a pressure p=F/Sd in the
acoustical domain. The pressure p is applied to the compliance Cb
formed by the chamber at the back of the diaphragm. The pressure
in front of the diaphragm pg, is not equal to p because of leakage
channels between compression driver housing and magnet. These
channels are modeled by mass Mb and resistance Rb. From the
compliance Cg, formed by the air film between diaphragm and
correction plug, narrow channels lead to the throat of the horn.
These channels are also modeled by a resistance and a mass: Rc and
Mc. Finally we have the impedance at the throat of the horn: Zh.
The horn is assumed to be of infinite length and has an exponential
cross–sectional area increment. This makes modeling by two
lumped elements possible.

2.1.1 Nonlinear compliance
As already mentioned the nonlinear element in the transducer

which is considered is the compliance Cg in front of the diaphragm.
Although there are other nonlinearities present in the loudspeaker
we restrict ourselves first towards only one for simplicity. Adding
more nonlinearities in this way, it is also more clear for what part of
the total distortion each of the added nonlinear elements are
responsible for.

Assuming that the air volumes in the driver behave as adiabatic
processes we use the adiabatic compression relation as a basis for a
relation of the nonlinear compliance:

[po� pg(t)] � [Vo� Vg(t)]�� po � V �

o (1)

with �=1.4 the adiabatic constant of air, po the static pressure, Vo
the static volume at rest and Vg(t) the specific volume of the air film
in front of the diaphragm. Using the definition of the mechanical
compliance we obtain:

Cg(pg(t))�� Sd �
�(pg(t)� po)

�x �
Vo

po�S2
d

� [1�
pg(t)
po

]�
��1
� (2)

In order to isolate the linear term from this pressure dependent
compliance, a series approximation is applied. A binomial series
expansion is straightforward in this case but it turned out that a
polynomial approximation gave best results because of a better fit
for high pressure variations. A nonlinear model based on a second
order approximation will generate second and third order
harmonics. A reduction circuit based on it will reduce them. We
restrict ourselves to these harmonics because they are large
compared to higher order harmonics and therefore have the highest 

Figure 2. Total equivalent lumped element circuit.

significance.
Note from eq. (2) that the compliance is fully determined by

parameters which are known at forehand or can be measured from
the physical dimensions of the driver. Once we have optimized the
linear model parameters and thus have the linear value of Cg, it is
possible to calculate the nonlinear parameters.

Initial parameter values were determined either from electrical
impedance measurements or from the physical dimensions of the
horn loudspeaker.

The network of Figure 2 is transformed into an network
without the gyrator and transformer which makes determination of
the nonlinear differential equation more simple. This way
mechanical and acoustical parameters are transformed into their
electrical equivalents which changes the network topology as well.
The pressure dependent compliance Cg(pg) is hereby transformed
into a current dependent inductor Lg(ig).

2.2 Simulation
The electrical input impedance of the network of Figure 2 was

simulated using the circuit simulator HSpice. With this simulator
the parameter values were optimized on the measured electrical
input impedance. Parameter optimization on impedance and phase
resulted in a relative error averaged over all measurement points
smaller than 5 percent. Final fitting results are given in Figure 3.
From this figure it is clear that the equivalent circuit provides a
good model for the loudspeaker in the frequency interval between 1
and 5 kHz. The discrepancy between model and measurement
below 1 kHz is caused by the assumption of an infinitely long
exponential horn.

3. Compensation circuit
In design of a compensation circuit based on a nonlinear

lumped element circuit a popular technique is to use a Volterra
series expansion, as published in [4–5] for direct radiator
loudspeakers. Main disadvantage of this method is the amount of
work to determine the Volterra kernels especially in the case of the
horn loudspeaker where the lumped element model contains many
elements. The use of the Volterra series expansion is also restricted
to weakly nonlinear systems if we want to obtain convergence with
a small number of kernels. First measurements on the horn have

Figure 3. Simulation results of the input impedance of the
equivalent circuit optimized on impedance measurements.



revealed a strongly nonlinear behavior which would force us to use
a long expansion. This would result in a compensation circuit
which cannot be executed in real time anymore.

Above all, we need to make a choice between a feedforward or
a feedback solution. Major disadvantages of a feedback method is
the need for an additional sensor which makes the system more
expensive and dependable on the quality of such a sensor. Also
there is the possibility of instability due to a badly designed
feedback loop or parameter variations. A feedforward solution may
be sensitive to parameter variations and we need a good model of
the transducer. Comparing both methods we have chosen for the
feedforward solution, having confidence in our model.

We will use a method to design the compensation circuit which
was published by Klippel for a direct radiator loudspeaker [6].
From the nonlinear differential equation which is obtained from the
equivalent circuit the linear and nonlinear parts are separated. From
the nonlinear part a compensation method is derived which in series
with the horn loudspeaker will give an overall linear response. A
nonlinear (digital) circuit based on it consists of linear frequency
dependent parts, and nonlinear frequency independent parts.

The resulting nonlinear compensation filter will predistort the
input of the loudspeaker in such a way that the total system, i.e. the
filter in series with the loudspeaker, behaves as a linear system. The
transfer function of the filter which is obtained from the difference
between the nonlinear differential equation and the desired linear
differential equation is given by:

uout(t) � uin(t) � 1
M
� ��1�H1(s)� * �Lg(ig(t)) � ig(t)�

(3)� 1
M
� ��1�H2(s)� *

d�Lg(ig(t)) � ig(t)�
dt

With M the gain of the amplifier which is connected between
compensation circuit and loudspeaker, uout the output voltage and
uin the input voltage of the filter. The inverse Laplace operator
�–1{} transforms the impedances into the time domain and *
denotes convolution of signals in time domain. H1(s) and H2(s) are
linear transfer functions containing many pertinent parameters and
ig(t) is the current through Lg(ig) representing the transformed
pressure between diaphragm and correction plug. Eq. (3) represents
the compensation algorithm which is schematically depicted in
Figure 4 as it is implemented on DSP. From this figure it is seen
that we need an additional filter Htot which synthesizes the ig(t)
signal from the input voltage of the filter. In this context it is also
easy to see that H1 and H2 are in fact inverse linear filters which
transform the signals back into the electrical domain again.
Additional blocks in Figure 4 are the s–block which is a
differentiator and the delay–blocks which equalize processing times
in different signal paths. From the figure it is clear that addition and
multiplication of two time signals is done using adders and
multipliers while convolution with a linear response and
differentiation are performed using linear filters.

Digital implementation of the algorithm is easily obtained using
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Figure 4. Scheme of the compensation algorithm for the
horn loudspeaker.

the bilinear transform for the linear filters while the differentiator
was implemented as an eight–taps equiripple FIR filter using the
Remez–Parks algorithm [7].

4. Results
Implementation of the compensation algorithm on a DSP is

done using the high level design and simulation package Comdisco
Signal Processing Workstation (SPW). Using this package, C–code
was generated for a TMS320C30 DSP which is mounted on a
PC–board together with A/D and D/A convertors, clock generation
etc.

A sampling of 15 kHz appeared to be the maximum. This
sampling rate is higher than in the version presented previously [8].
This means that reduction of second and third order harmonics is
possible up to approx. 2500 Hz. Fortunately this is also the
frequency range where the distortions are the largest and best
audible. This is mainly caused by the major resonance frequencies
which all lie in this span, including the resonance of the cavity in
front of the diaphragm.

4.1 Simulation
Before testing the compensation algorithm in series with the

real loudspeaker it was simulated also using SPW. In this
simulation the compensation algorithm is connected in series with
the model of the horn loudspeaker which is based on the nonlinear
differential equation. Simulation results are given in Figure 5 where
the second and third order harmonics are depicted for an input
frequency of 800 Hz with and without the compensation circuit. It
is clear that with the compensation circuit the harmonics are
reduced to a level of 100 dB beneath the fundamental. Fourth order
and higher harmonics are increased, however. But by proper design
of the compensation circuit they are not greater than the reduced
second and third order harmonics.

Before implementing the compensation circuit, the model of
the horn loudspeaker, which was also used with the simulations of
Figure 5, was implemented on DSP. From this we obtain a
qualitative impression of the agreement between the distortions of
the real loudspeaker and those predicted by the model. 

The results are depicted in Figure 6 where second and third
order harmonics together with the fundamental response of the
model as well as from the loudspeaker are given as a function of the
fundamental frequency. This fundamental frequency is varied
between 400 and 1500 Hz. We have zoomed in on this frequency
span because it is clearly seen that the qualitative agreement
between the model and measurement is the best  in the frequency

Figure 5. Simulation results of the horn loudspeaker
without (a) and with the compensation circuit (b) in series.
Fundamental frequency is 800 Hz.



Figure 6. Measured fundamental (f1), 2nd (f2) and 3rd
(f3) harmonics of real horn loudspeaker and from the
model on DSP.

span from 600 to 1100 Hz. 
Most probable cause for the discrepancy between model and

measurement outside this frequency span is that other nonlinear
phenomena are responsible for produced distortions in those
frequency spans. Considering that we did not model the influence
of the horn on the higher harmonics nor on the fundamental we
have obtained a fairly good fit using a rather simple model for the
horn loudspeaker.

4.2 Measurements
Measurements on the horn were performed using a microphone

at 2 cm in front of the horn mouth to prevent early reflections. In
the upper part of Figure 7 the measured second and third order
harmonic distortion with and without compensation circuit are
depicted. As expected from simulations, it appears that reduction
performs the best in the frequency span from 600 to approx. 1050
Hz with a maximum reduction of second order harmonic distortion
of approx. 15% around 900 Hz. Other distortion maxima are not
reduced. The maxima around 400Hz and 1500 Hz are caused by
the horn which was not included in the nonlinear model so this
result is not surprising.
 In the lower part of Figure 7 the second and third order
distortion reduction at different driving levels are depicted. It is
seen that the third order reduction is less than the second order
reduction. This could have been predicted from the simulation in
Figure 6. From this figure it is clear that second order harmonics are
better predicted by the model than the third order harmonics. This
is caused by the use of the discrete linear filters near the fold–over
frequency.

Considering both measured second and third order harmonics it
is clear that at some frequency spans the third order harmonics are
greater than the second order. From these results it can be expected
at forehand that with Volterra modeling of this loudspeaker much
terms will be needed before the series will convergence.

5. Conclusions
The main conclusion we draw from this research is that with a

relatively simple model it is possible to reduce nonlinear distortion
in a horn loudspeaker. Although this is an encouraging result we
have not reached reduction of the distortions around 400 and 1500
Hz. If we want to compensate at these frequencies also, extension  

Figure 7. Measured second and third order harmonic
distortion with and without compensation circuit. Upper
figures depict measurement with a voltage of 2.5 Vpeak
and the lower at different driving levels at a fixed
frequency of 800 Hz.

of the nonlinear model and proper modeling of the horn itself are
inevitable. This will be one of the major topics in future research.
Modeling the horn as a transmission line using lumped elements
will give the best trade–off between calculation complexity and
resulting error. Nonlinear wave propagation in the horn can be
easily introduced into such a model. This gives opportunity to use
the same method as described here. The maximum number of
instructions which can be executed in one sample period by the
DSP happens to be a practical limitation of the model expansion.

The sensitivity of the determined nonlinear parameters turned
out to be great so proper determination of their values is important.
Using optimization on measured harmonic distortion could give
improvement here.
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