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Abstract
This paper deals with a new car horn device made of a sound synthesizer and an electrodynamic horn loudspeaker. It presents an onedimensional model allowing to predict the loudspeaker eﬃciency and a speciﬁc method to estimate experimentally the model parameters.
First, this model aims at reducing the time spent in the design process. Second it aims at correcting the sound emitted by the sound synthesizer in order that the listener hears the sound designed for creating the warning message. The study gives a survey of the vast loudspeaker literature. It is based on the conventional electroacoustic approach used for electrodynamic loudspeakers and on wave
propagation models used for characterizing acoustic horns. The estimation of the model parameter values is performed using measurements of the electrical impedance of the loudspeaker and of the acoustic impedance of the horn. The model is assessed by comparing the
calculated and measured electrical impedances and horn eﬃciencies. Results show that the model predicts well the horn eﬃciency up to
2500 Hz, the limitation being due to the horn radiation impedance modelization.
Ó 2006 Elsevier Ltd. All rights reserved.
PACS: 43.38.Dv; 43.38.Ja; 43.38.Tj
Keywords: Horn loudspeaker modelization; Parameter estimation method

1. Introduction
Nowadays, automotive industry is paying more and
more attention to the sounds emitted by cars, and especially to the sounds of car horns, which can be a deciding
factor for potential car buyers. The aim of manufacturers
is now to design diﬀerent car horns for diﬀerent cars, just
as they already design many other sounds such as this of
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a closing door. Yet car horns are peculiar, since they must
address a warning message to the road users [1]. Thus car
horn builders have to design sounds that fulﬁll the car
builders wishes, and at the same time they must ensure that
these sounds are understood as danger signals.
Car horns have been built up to now using electromagnetic excitors coupled together with acoustical (horn) or
mechanical resonators (disk). Unfortunately, these technologies do not enable to design new sounds, unless the horn
builder adapts the resonator. Hence, a new device has been
designed, made of a synthesizer and of an electrodynamic
horn loudspeaker. The electrodynamic loudspeaker has
been used for many years to provide audio signals and
has shown its capability in reproducing many diﬀerent
sounds (see [2] for a review).
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In previous studies [3–5], we have deﬁned acoustic
requirements that allow synthesized sounds to be associated with the warning message. But because of the loudspeaker response, the sounds heard by road-users may
be fairly diﬀerent from the laboratory ﬁne-designed
sounds. Moreover, the horn must meet particular requirements concerning the acoustic level (105 dB(A) at 2 m).
Hence, the loudspeaker behavior has to be integrated
along the design process: sound designers need a physical
model of the loudspeaker to anticipate the sound modiﬁcations, and loudspeaker designers need a physical model
to make the loudspeaker compatible with the signal
requirements.
The purpose of the study is ﬁrst to provide with a
model of the horn loudspeaker made of an electrodynamic
driver coupled together with an acoustic horn. A huge
amount of studies dealing whether with electrodynamical
loudspeakers or with horn propagation have been presented. On this basis, we propose a global model of the
horn loudspeaker and we deﬁne a parameter estimation
method. This method is designed to be easily implemented
in an industrial context. Finally, we assess this physical
model in order to deﬁne the frequency range in which it
can be applied.
In Section 2, we present the state of the art of linear
physical models. We also discuss the choice of linear models. In Section 3, we develop the horn loudspeaker model
using a quadripole formulation. In Section 4 we present
the method used to estimate the values of the input parameters of the model. This method is based on impedance
measurements of the loudspeaker loaded with diﬀerent
closed volumes. Then, we characterize experimentally the
horn and we assess the uncertainty in the parameter estimation in Section 5. Finally, we discuss the limits of the physical model in Section 6.
2. State of the art
The car horn is made of an electrodynamical driver
coupled together with a compression chamber and an

acoustic horn (see Fig. 1). There are two families of physical model for such systems: the linear and the non-linear
models. Linear models enable to describe the horn loudspeaker as a four-pole system, the characteristics of which
depend on frequency. Non-linear models take into
account the non-linearity of the driver (see [6–8]) and
the non-linear propagation of sound in the compression
chamber and in the horn (see [9] for a review). In the case
of horn loudspeaker, non-linearities in the horn are the
major cause of distortion [10]. Global non-linear models
of horn loudspeakers have been proposed in e.g. [11].
These models are very complex and thus allow to ﬁnely
shape the response of the device by means of feedback
or feed-forward control systems (e.g. in order to reduce
distortion). However, they can not lead to simple device
design modiﬁcations, since they hardly allow to identify
which mechanical or electrical cause is responsible for
the observed distortions. Moreover, they are hardly usable
in an industrial context, because of the careful need of
parameter estimation. For these reasons, we decide to
use a linear model of the loudspeaker. The following paragraphs present a state of the art of linear models of loudspeaker and horns.
2.1. Direct radiation loudspeaker models
Most of studies dealing with electrodynamic loudspeaker models are based on the so-called Thiele and
Small’s model. This model results from the work of Thiele
ﬁrst published in 1961 [12], formalized and popularized ten
years after by Small [13,14]. Some work had already been
done before on the basis of Beranek’s [15] and Olson’s
[16] studies, but Thiele and Small’s model had the advantages of both simplicity and accuracy, and shortly became a
standard.
This model is a lumped-elements electroacoustical
model. Each part of the loudspeaker (voice coil, moving
element, diaphragm, etc.) is modelized with an electrical
analogy (resistor, capacitor, etc.). It allows to predict the
loudspeaker eﬃciency (radiated acoustical power as a func-
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Fig. 1. Cross-section vue of the loudspeaker.
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tion of electrical power)1 and hence to assess the inﬂuence
of each component.
Although this model is deﬁned by a few parameters, the
experimental accurate estimation of these parameters may
be diﬃcult. For a long time, parameters have been estimated from loudspeaker frequency response properties
(resonance frequencies, damping factor, etc.) [17]. Since
early 80s, however improvements of computers have made
global model ﬁtting techniques possible. The basic principle is to run an error minimization algorithm between the
measured and the predicted response. The extreme case is
to model the loudspeaker as a two-port ‘‘black box’’.
Experimental procedures and curve ﬁtting techniques
amounts then in measuring the elements of the two-port
model, without any link to the physical constitutive elements of the loudspeaker. Such methods are of very common use for non-linear models (see for example [18]), and
have also been used for linear models [19–21]. Their predictions are much more accurate, but they can not lead to
design speciﬁcations.
Thiele and Small’s model is based on some physical simpliﬁcations (lumped element hypothesis) that let the model
fail to predict ﬁne and high frequency phenomena. Further
work has aimed at improving the ﬁne modelization of each
element. The inﬂuence of the diaphragm shape and of the
resonance modes have been studied in, e.g. [22]. Electrical
phenomena within the voice coil (such as Eddy current)
have been studied and modelized in [23]. Suspension modelization was improved by Knudsen and Jensen [24].
There exists some other studies that have been developed parallel to Thiele and Small’s model [25]. They propose much more precise and physically grounded models
of the mechanical part of the loudspeaker. But these models can no longer be described by lumped-element circuits.
Their predictions are much accurate than Thiele and
Small’s models, but their complexity, and the very delicate
parameter estimation protocols made them very diﬃcult to
use in an industrial application.
2.2. Horn loudspeakers
The propagation of acoustic waves in horns have been
principally described in musical acoustics studies. Acoustical propagation in horn is described in Nederveen’s [26]
reference book. The formulation used in most of electroacoustical studies is summarized in [16].
2.2.1. Acoustic propagation in waveguides
The fundamental equation describing wave propagation
in variable section waveguides is the Webster equation
[27,28]. It allows to express the relationship between input
(throat of the horn) and output (mouth of the horn) quantities: acoustic pressure and volume velocity. Hence one

1
Note that this deﬁnition of eﬃciency is not this one proposed by Thiele
[12]. It rather corresponds to sensitivity, in the case of a microphone.
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boundary condition (the radiating impedance at horn
mouth) is required for solving the system. Computing radiation impedance in the general case is a very complex problem. Levine and Schwinger [29] give a complex analytical
expression for a cylindrical pipe radiating in an inﬁnite
space. Useful approximations are given by Caussé et al.
[30], Dalmont et al. [31] (based on Norris and Sheng’s work
[32]), and Hélie and Rodet [33].
Dealing with the wave propagation, several approaches
are available. First, a horn can be described in the frequency domain by its throat impedance (or equivalently
by transmission matrices). An usual assumption is that
waves propagating along the horns are either plane or
spherical, but Benade and Jansson [34,35] showed that
because of axial to radial mode conversion, none of this
hypotheses is fairly true. However, a fruitful approach
has been introduced by Plitnik and Strong [36]. It consists
in numerizing any bore geometry by a series of cylinders.
Caussé et al. [30] further generalized this method to include
viscothermal losses. A same approach is used by Holland
et al. [37] for the loudspeaker horn. They numerize the
horn as a series of exponential elements, taking axial to
radial mode conversion into account. Another approach
is to modelize the horn with an electroacoustical circuit
[38]. Finally, wave propagation can be described in the time
domain. This approach has been used for real-time simulation of musical instruments (see e.g. [39]).
2.2.2. Loudspeaker horns
Loudspeaker horns allow to adapt impedance between
the diaphragm and the propagation medium. They force
the diaphragm movements to remain small, and they maximize the amount of energy radiated to the medium [40,41].
Attempts to optimize energy transmission has lead to new
geometries of horns [42].
Horns have a strong directivity, that may greatly varies
with frequency. Conical horns are known to be the simplest
bore geometry allowing an uniform directivity [43]. But this
hypothesis is valid only below a particular frequency
(‘‘break wave number’’) [42]. Several horn geometries have
then been proposed to control directivity over a large frequency range [44].
Horns are most of the times coupled together with the
loudspeaker diaphragm by means of an element called
the compression chamber. This element aims at adaptating
impedance between a large diaphragm radius and a smaller
horn throat radius. Its speciﬁc inside geometry (the phase
plug) is designed to cancel radial modes at throat [45],
which would under-optimize energy transmission into the
horn. An electroacoustical model has been proposed by
Henricksen [46].
Finally, only a few studies has been published for proposing a global model of a horn loudspeaker. Leach [47]
proposed a global electroacoustical model of an exponential horn loudspeaker, and demonstrated its band-pass ﬁlter behavior. Geddes and Clark [48] published a rather
complex global model, with a speciﬁc resolution of the
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Webster equation. Their predictions ﬁtted measures very
well.
3. Horn loudspeaker model
3.1. Description of the loudspeaker
The loudspeaker under study is made of three parts: an
electrical to mechanical transducing system (the voice coil
within the magnetic ﬁeld), a mechanical part (the moving
element, made of the suspended diaphragm and coil), and
an acoustical load (compression chamber and horn). The
two former parts deﬁne the electrodynamic driver, while
the latter part deﬁnes the resonator (see Fig. 1).
3.2. General formulation of the problem
Assuming a 1-D propagation model, the horn can be
represented by an equivalent electrical circuit shown in
Fig. 2 (see Tables A.1 and A.2 in Appendix A for a glossary
of symbols). Formally the problem is deﬁned by four independant variables (ug, ig, pd, qd), which represent respectively the input voltage and current, the acoustic pressure
in front of the diaphragm and the volume velocity generated by the diaphragm. They are linked together by

3
2
 
 
Sd
ec
Z ec SBld 1 þ ZZem
ug
pd
Bl
4
5
¼
;
ð1Þ
S
Bl
1
ig
d
qd
Bl

S d Z em

where Sd is the eﬀective surface of the diaphragm, Bl the
force factor, Zec the electrical voice coil impedance,
Zem = Bl2/Zmm the motional impedance (written in the
electrical analogy), and Zmm is the motional impedance
written in the mechanical analogy. The relation between
the acoustic pressure pd and acoustic volume velocity qd
is given by
pd
¼ Z al ;
ð2Þ
qd
where Zal is the acoustical load impedance which represents the boundary condition. The pressure radiated at
horn mouth pm is given by

Zec
ig

pm
¼ T load ;
pd

ð3Þ

where Tload is the transmission matrix of the horn.
The problem is completly deﬁned by the three equations
(1)–(3). The following paragraphs develop the formulation
of Zec, Zmm, Zal, and Tload corresponding to the electrical,
mechanical and acoustical parts of the loudspeakers.
3.3. Voice coil, moving element, and acoustical load
3.3.1. Voice coil
The voice coil is made of a copper winding. The simplest
model is a resistance and an inductance connected in series.
But many empirical studies have shown that this model
fails for high frequencies [12,49,50,23,51]. Vanderkooy
has explained this phenomenon by the presence of Eddy
currents at the magnet surface [51], and proposed a model
to account for these currents (Re + Kx1/2 + jKx1/2 impedance behavior). Wright [50] has then proposed to generalize
this model, since it was not able to explain some of the
reported phenomena at high frequencies, on the basis of
empirical measurements (Re þ K r xX r þ jK i xX i impedance
behavior). We adopt a similar empirical model derived to
ﬁt our own measurements of the voice coil impedance
out of the magnetic ﬁeld
a

r

Z ec ¼ Rec ð1 þ x=xr Þ þ jðxLec Þ ;

where xr, r, and a are empirical parameters which account
for the increase of the resistance and of the decrease of the
inductance at high frequencies (note that the asymptotic
behavior of this model is identical to Wright’s).
3.3.2. Moving element
The dome-like loudspeaker diaphragm is suspended to
the loudspeaker housing by peripherical corrugations of
the membrane. Assuming that the membrane acts like a
rigid piston, this moving element can be modelized by a
single mechanical mass Mmm linked to a mechanical compliance Cmm with mechanical losses Rmm (Kelvin’s model
of suspension [24]). The motional impedance in the electrical domain is then

Zmm
Bl:1

vd

ð4Þ

Sd:1

qd

Zal

Ug

Fig. 2. Equivalent electroacoustical circuit of the loudspeaker.
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where k is the wave number including viscothermal losses
at the walls, and ft is the characteristic impedance at the
throat. After [54,30], they can be approximated at a temperature of 20 °C by


x
1j
j
pﬃﬃﬃ  3  108
1 þ 3  105
k¼
;
ð8aÞ
c
2pr2t f
2prt f


qc
7:61  104
4:89  106
pﬃﬃﬃ
1þ
j
ft ¼
;
ð8bÞ
St
r2t f
rt f

St
Vc1

Lc1

St

Sd

where c is the sound speed and q is the air density at rest.
The pressure at the compression chamber output (horn
throat) pt is related to the pressure at the diaphragm pd by

Sd
Vc0

Fig. 3. Geometrical approximation for the compression chamber and the
phase plug.

Z em ¼ Rec

j xx0 Q1
m

Qm
;
2
Qe 1 þ j x Q1
þ ðj xx0 Þ
x0 m

ð5Þ

where
1
x0 ¼ pﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃ ;
M mm C mm
1
;
Qm ¼
Rmm C mm x0
Q Rec
;
Qe ¼ 2m
Bl =Rmm

pt
1
:
¼ T pipe ðLc1 ; rt ; Z at Þ ¼
cosðkLc1 Þ þ jft =Z at sinðkLc1 Þ
pd

3.3.3.2. Horn. As the cone angles are small, we assume
plane wave propagation (for a 20° angle, plane and spherical wave front area are only 1% diﬀerent). Hence, after
[30], acoustical throat impedance Zat of a conical horn
loaded by an acoustical mouth radiation impedance Zar is
ft

h



i :

Z at ¼

ð6bÞ

Pressure at cone mouth Pm is given as a function of throat
pressure Pt by

ð6cÞ

Pm
¼ T horn ðxt ; xm ; L; Z ar Þ
Pt
xt
1

;
¼
xm cosðkLÞ þ j sinðkLÞ fm  1
jkxm
Z ar

3.3.3. Acoustical impedance
3.3.3.1. Compression chamber and phase plug. Although
there exists some electroacoustical models in the literature
[46,48,53], we propose a semi-empirical model of the compression chamber. It is based both on Smith’s analytical
solution [45] and on geometrical simpliﬁcations (see
Fig. 3). First, a thin air layer (volume Vc0) is compressed
between the diaphragm (section Sd) and the phase plug.
We modelize it as an acoustical compliance Cac0 = Vc0/
qc2. Then waves are propagated along the slits located
between the phase plug and the compression chamber walls
(annular section Sa): we simplify it in a cylindrical waveguide2 of section St and of length Lc1. Finally, waves propagate to the horn throat via a small cylindrical pipe (section
St, radius rt).
With this approximation, and after Caussé et al. [30], the
input admittance Yal of the compression chamber loaded
by an acoustical impedance Zat is given by

1
jkxt

þ tanh jkL þ a tanh

fm
Z ar

 jkx1m

ð11Þ

3.3.3.3. Radiation impedance. Radiation impedance models
can be found in three studies [30,31,33] dealing with unbafﬂed radiating waveguides. We use the Dalmont et al. [31]
approximation of Levine and Schwinger’s [29] and Norris
and Sheng’s work [32]. Hence the radiation impedance
Zar of an oscillating piston of radius rm and section Sm is
Z ar ¼

qc 1  jR0 je2jkd0
;
S m 1 þ jR0 je2jkd0

ð12Þ

throat
apex

St

ð7Þ

Sm
mouth

L
xm

As there are no radial modes, we assume plane wave propagation.

ð10Þ

where xt, xm, and L are given in Fig. 4 and are reminded in
Table A.2. Wave number k and characteristic impedances
ft and fm are given in Eq. (8).

xt

2

ð9Þ

ð6aÞ

are, respectively, the diaphragm resonance frequency, the
mechanical quality factor, and the electrical quality factor.

1
tanh½jkLc1 þ a tanhðft =Z at Þ
Y al ¼
¼ jC ac0 x þ
;
Z al
ft
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Fig. 4. Conical horn dimensions.
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where
jR0 j ¼

1 þ 0:2krm  0:084ðkrm Þ

2

;
1 þ 0:2krm þ ð0:416ðkrm Þ2 Þ
"
#
2
1 þ 0:44ðkrm Þ
2
d0 ¼ 0:6133rm
 0:02 sin ð2krm Þ ;
2
1 þ 0:19ðkrm Þ

ð13aÞ
ð13bÞ

and k is deﬁned in Eq. (8).
3.4. Electrical impedance and horn eﬃciency
Finally, we can derive the electrical impedance and the
eﬃciency of the loudspeaker from the above formulations.
From Eq. (1), the loudspeaker electrical input impedance
Zhp is
Z hp ¼ Z ec þ Z eM ;

ð14Þ

where Zec is the electrical impedance of the voice coil (see
Eq. (4)) and ZeM = (ZelZem)/(Zel + Zem) is the impedance
of the mechano-acoustical load expressed in the electrical
domain. ZeM depends on Zem (Eq. (5)) and on
Z el ¼ Bl=ðS 2d Z al Þ (see Eqs. (7), (10), and (12)).
Combining Eqs. (1), (9), and (11) allows to derive the
loudspeaker eﬃciency
pm
Sd
¼ Z al
ug
Bl


Z eM
T pipe ðLc1 ; rt ; Z t ÞT horn ðxt ; xm ; L; Z ar Þ;
Z ec þ Z eM

ð15Þ

where the total acoustic load impedance Zal is deﬁned by
Eqs. (7), (10), and (12), the coil impedance Zec is deﬁned
by Eq. (4), the pipe and horn transmission functions Tpipe(Lc1, rt, Zg) and Thorn(xt, xm, L, Zar) are deﬁned by Eqs. (9)
and (11).

4. Parameter estimation method
The loudspeaker model presented in Section 3 is deﬁned
by 14 parameters: the coupling factors ratio Sd/Bl, the
voice coil parameters (Rec, Lec, xr, r, and a), the moving
element parameters (x0, Qm, and Qe) and the acoustic load
parameters (Vc0, Lc1, rt, rm, and L).
The usual methods used to estimate the driver parameters imply to measure the electrical impedance when the
diaphragm is freely radiating. This not possible in our case,
since the diaphragm is ﬁxed to the housing by the compression chamber. We have measured that unmounting the
compression chamber (to let the diaphragm freely radiating), and then remounting it changes dramatically the
mechanical parameter values. Thus our method consists
ﬁrst in measuring the horn and compression chamber input
acoustical impedances for the compression chamber and
the horn alone (this can be done once and for once, because
their dimension do not vary from one loudspeaker to
another). Then, without unmounting the compression
chamber, we add diﬀerent acoustical loads to the compres-

sion chambers, and we compare the diﬀerent measurements
of the electrical impedance. This method is, in spirit, closed
to those developed by Makarski and Behler [20,21] for their
two-port ‘‘black-box model’’. These authors describe a
model of loudspeaker similar to ours (described by Eqs.
(1)–(3)). The diﬀerence is that the four elements of the
matrix in Eq. (1) are not analytically related to the constitutive elements of the loudspeaker (e.g. mass of the moving
element, length of wire, etc.), but rather written as
unknown frequency-dependent functions, that have to be
described numerically by measurements. By means of original measurement methods (acoustical impedance of a
Kundt’s tube loaded by the loudspeaker driver, electrical
impedance of two coupled drivers, etc.) and boundary element simulations of the horn, they are able to measure
numerically the four functions of the matrix. The tests
show that this method is able to provide accurate predictions of the loudspeaker eﬃciency, for a wide variety of
loudspeakers and horns, and for frequencies up to
20 kHz. However, since this model cannot lead to identify
any lumped-element values, it cannot be used to modify the
design of the loudspeaker constitutive elements.
4.1. Acoustical load parameters
The horn dimensions (rt, rm, and L) are estimated by
geometrical means. To estimate the compression chamber
parameters (Vc0, Lc1), we measure the acoustical input
admittance of the compression chamber closed by a small
pipe of length Lp, and we ﬁt this measure to Eq. (B.1)
(Appendix B).
4.2. Coupling factors ratio
Following Le Roux’s work [55,56], the ratio Sd/Bl is
estimated by measuring the loudspeaker electrical impedance, in two cases. In the ﬁrst case, the loudspeaker is
loaded by the closed compression chamber the equivalent
volume of which is Veq. In the second case, the compression
chamber is closed by a cylindrical pipe of length Lp, section
St which leads to an equivalent volumeV peq . In both cases
(as long as the moving element resonance frequency is far
below the compression chamber ﬁrst resonance frequency),
we estimate the resonance parameters (resonance frequency
x0 and quality factor Qe), as well as the voice coil resistance
Re. From this estimations, we derive the coupling factor
ratio Sd/Bl with
vﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃ
u
V peq
Bl u 2 Lp Lc

;
¼ tqc p
ð16Þ
Sd
ðL  Lc Þ V eq V eq þ V p
eq

where Lc and Lp are the equivalent mechanical masses3 and
are estimated using

3
Superscripted index c means ‘‘loaded with closed compression
chamber’’.
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Rec
;
xc0 Qce
Rec
Lp ¼ p p :
x0 Qe

Lc ¼

ð17aÞ
ð17bÞ

Eq. (17) are drawn from the inversion of Eq. (B.4) (Appendix B).
4.3. Driver parameters
We estimate the driver parameters by measuring the
input electrical impedance when the driver is loaded by
the closed compression chamber. In this case, by ﬁtting this
measure to Eq. (B.2) (Appendix B), we estimate the closed
chamber driver parameters (Qcm , Qce , xc0 , xr, r, Lec, and a).
Finally the free-radiating driver parameters are evaluated
by
Qe ¼ Qce ;
ð18aÞ
sﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃ
Rec S 2d qc2
x0 ¼ xc0 1 
;
ð18bÞ
Qe xc0 ðBlÞ2 V eq
sﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃ
Rec S 2d qc2
Qm ¼ Qcm 1 
:
ð18cÞ
Qe xc0 ðBlÞ2 V eq

53

to evaluate the estimation method uncertainty. This loudspeaker has a membrane with a 5 cm diameter, and a
22 cm length horn (throat diameter: 2 cm, mouth diameter:
10 cm). The total weight of the device is 600 g.
5.1. Measurement settings
Parameter estimation requires both electrical and acoustical impedance measurements. All electrical impedances
are measured with a 0.125 X resistor connected in series
with the loudspeaker. Sweep measures are made with a
Stanford Research SR785 analyzer. The loudspeaker is
placed in an anechoic chamber. Electrical impedance measurements are compensated for wire transfert function.
Accuracy is estimated at ±0.8% for impedance modulus,
and ±0.1° for impedance phase. During measurements of
both electrical impedance and loudspeaker eﬃciency, the
loudspeaker is fed with a 10 mV input voltage, which
ensures that the average total harmonic distortion is less
than 1%. Acoustical impedances are measured with an
impedance head described in [57,58]. Loudspeaker eﬃciency is measured by recording simultaneously pressure
radiated at horn mouth and loudspeaker input voltage.
Pressure is measured with a Sennheiser KE4 electret microphone (sensibility 153 mV/Pa).

5. Model assessment
5.2. Experimental determination of parameters
In this section, we apply the model and the parameter
estimation method described above to a loudspeaker used
as a new prototype of car horn. This allows us to validate
the modelization of each element of the global model, and

5.2.1. Compression chamber parameters
To estimate Vc0 and Lc1, we measure the input acoustical impedance of the compression chamber closed by a
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Fig. 5. Measured and predicted input acoustical impedance of the compression chamber loaded with a 60 mm long closed pipe.
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60 mm long cylindrical pipe. The length of the pipe let the
system resonance frequencies fall within the sensor bandwidth. A minimum least square ﬁtting method is applied
with 500 points between 100 Hz and 10 kHz (see Fig. 5).
This ﬁgure shows that the two ﬁrst measured resonance frequencies (sensor bandwidth) correspond to the predicted
frequencies with an error smaller than the sensor accuracy,
which validates our model. But the measured amplitudes
are about 6 dB lower than the predicted ones. This error,
greater than sensor accuracy, may be interpreted as viscothermal losses underestimation. Below 400 Hz, the measured slope is steeper than the predicted compliance
behavior (20 dB/decade). This may be due either to systematic failure of the measuring device at low frequencies,
or to a phenomenon which is not taken into account in the
model.
According to the ﬁtting method conﬁdence interval, this
method allows to estimate Vc0 with a precision of ±1.7%
and Lc1 with a precision of ±1.1%.
5.2.2. Horn parameters
First, the input acoustical impedance of the closed horn
is studied in order to test the horn model without taking
into account the radiation impedance. Within the sensor
bandwidth, the diﬀerences between the estimated and the
measured resonance frequencies are less than the sensor
accuracy. The estimated resonance amplitude are 5 dB
higher than the measured ones, which suggests that viscothermal losses are underestimated (see top panel of
Fig. 6). Second, the impedance of the freely radiating
horn is measured. Bottom panel of Fig. 6 shows that the

model predictions and the measurements are consistant
for the frequency domain [100 Hz to 2 kHz] indicating that
the radiation impedance model is valid in this frequency
range.
5.2.3. Coupling factor ratio
Sd/Bl is estimated by measuring the electrical impedance
of the loudspeaker loaded with the closed compression
chamber, and afterwards with the compression chamber
terminated by a closed pipe (27.6 mm). Eq. (B.2) and measurements are ﬁtted with Akabak software [52]. In order to
evaluate the reproducibility errors, estimations are
repeated 10 times. The standard deviation of the reproducibility error is ±1.6%.
5.2.4. Driver parameters
To estimate the driver parameters, we measure the electrical impedance of the loudspeaker with the closed compression chamber and ﬁt it to Eq. (B.2) with Akabak
software [52] (see Fig. 7). It can be noted that the compression chamber ﬁrst resonance appears around 3.5 kHz. We
repeat the estimation 10 times. The reproduciblity errors
are listed in Table 1.
This shows that the mechanical quality factor Qcm is the
most inaccurate value. This explains why Eq. (16) is based
only on Qe. The voice coil parameters fr and Leb estimations are also less accurate. Their estimation is biased by
compression chamber modes. When we propagate this
error to the estimation of the parameters for the freely radiating driver, we found that the most inacurrately estimated
parameter is Cmm: ±6.0%.

Closed horn

Modulus in dB

160
140
120
100
80
0

1000

2000

3000

4000

5000

6000

7000

8000

9000

Freely radiating horn

130
120
df

Modulus in dB

140

110

Measure
Fitted model

100
0

1000

2000

3000

4000

5000

6000

7000

8000

9000

10000

Frequency in Hz
Fig. 6. Acoustical input impedance of the closed and of the freely radiating horn.
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Fig. 7. Electrical impedance of the loudspeaker loaded with the closed compression chamber.

Table 1
Estimated reproducibility error of driver parameters, for the driver being
loaded by the closed compression chamber
Parameter

Standard deviationa
(%)

Parameter

Standard deviationa
(%)

Qcm
frc
Lceb
ac

4.2
2.0
1.4
0.8

Rceb
Qce
f0c
rc

0.2
0.2
0.1
0.0

Modulus in dB (Pa/V)

% of average value.

We estimate the validity of the physical model developed
in Section 3 by comparing the predicted and the measured
electrical loudspeaker input impedances, and the predicted
and the measured loudspeaker eﬃciencies (radiated pressure over input voltage). Measured and estimated eﬃciencies are reported in Fig. 8. For frequencies below
2.5 kHz, error between measured and predicted eﬃciency
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Fig. 8. Eﬃciency (mouth pressure over input voltage) of the free radiating loudspeaker.
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is less than 2 dB. For frequencies between 2.5 kHz and
5 kHz, error is about 10 dB. Around 5 kHz and 7 kHz
the measured response dramatically drops from the predicted one. Hence the predictions of the model are usable
for frequencies below 2.5 kHz. For frequencies above
2.5 kHz, the radiation impedance model fails.
6. Discussion
In this paper, we have proposed a model using 14
parameters for describing the horn loudspeaker made of
an electrodynamic driver coupled together with a compression chamber and a horn. The model is globally deﬁned by
a quadripole equation and a boundary condition. This formulation allows to easily express any desired quantity. We
have deﬁned a method that allows to estimate these parameters without unmounting the compression chamber, which
would change the mechanical characteristics of the loudspeaker. The method is based on electrical impedance measurements of the loudspeaker loaded by diﬀerent acoustic
volumes. It needs to estimate the compression chamber
equivalent volume when the driver is unmounted.
We have applied this model and the estimation method
to a loudspeaker used as a new car horn. Due to conﬁdentiality restrictions, we are not allowed to disclose here the
numerical values of the estimated parameters. However,
the modelization of each element ﬁts rather well with the
measured quantities. The estimation reproducibility errors
are estimated of a few percents.
This model, and the associated parameter estimation
method, suﬀers however from several drawbacks. Electrical
and mechanical driver parameters have to be estimated
with a curve ﬁtting technique based on a measure of electrical impedance. To let the ﬁtting algorithm converge, we
need to simplify the models. While the loudspeaker behavior is fairly predicted by these simpliﬁed models for low frequencies, higher frequency response is clearly, although on
a small amount, inﬂuenced by the compression chamber
resonance modes. Our model is theoretically able to take
this eﬀect into account. This would however result in an
over-parametrized model, that would make the curve ﬁtting algorithm unable to converge.
The acoustic models of both compression chamber and
conical horn used in this study ﬁt the experimental data
only for a limited bandwith up to 3.5 kHz, and so is limited
the prediction ability of the global model. Within this
bandwidth, the model predictions are closed to measurements. More precise models are available for compression
chamber [59] and for horn (chaining small cylindrical elements to ﬁt the precise bore geometry and better estimate
viscothermal losses [36]), but the main limitation results
from the radiation impedance model. A solution would
be to generalize Helie’s work [33] to our cone dimensions.
Then, this model allows to predict the loudspeaker linear behavior. Globally, this device acts like a band-pass ﬁlter. Its bandwith is approximatively 500 Hz to 2 kHz. This
is rather narrow, since our previous work has recom-

mended that car horns fundamental frequency must lie
around 400 Hz, and sounds have to have a rich spectral
content. Hence, loudspeaker design has to be reviewed to
increase bandwith. Our model allows to predict how some
device modiﬁcations may help to reach this goal. This
model also allows to inverse-ﬁlter signal to compensate
for loudspeaker response at high frequencies. This is, however, not possible for low frequencies, because energy boost
at low frequencies would dramatically increase distortion.
Finally, this model allows to listen to the sounds that
would really be emitted by the device, and not only the laboratory created sounds. Therefore, signal speciﬁcations can
be tested directly on the sound that would be heard by road
users.
This model, however, is a linear model that permits to
predict signal linear ﬁltering, but does not allow to predict
harmonic and intermodulation distortions. As car horn signals are very loud signals, it can be assumed that non-linear
phenomena occur when the loudspeaker is used as a car
horn. Then, the next step will be to include the main
non-linear phenomena in the loudspeaker model. However,
care must be taken to design a non-linear model that would
be easily related to physical parameters.
7. Conclusion
In the context of sound quality, car horn builders are
attempting to create new sounds by means of synthesizers
and electrodynamic horn loudspeakers. A previous study
[3] has provided some sound design speciﬁcations, in order
to create new sounds which are still perceived as warning
messages. However, as the laboratory-designed sounds will
be altered by the loudspeaker, the loudspeaker response
must be included in the design process.
Based on the huge literature dealing with loudspeaker,
and on both theoretical and empirical considerations, we
have proposed a linear model with 14 parameters for this
horn loudspeaker. The problem is formalized by a matrix
equation and a boundary condition. To explicit each term
of this system, we have further modelized impedances of
the diﬀerent loudspeaker elements, electrical, mechanical
and acoustical. Our model is mainly based on Thiele and
Small’s model, geometrical modelization of the compression chamber and acoustical studies of wave propagation
in horns. We have also designed a parameter estimation
technique, which allows to estimate the model parameter
values with methods that are easily implementable in an
industrial context. Within our loudspeaker bandwith
(500 Hz to 2 kHz), this model is able to fairly predict the
loudspeaker behavior.
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Table A.1
Glossary of symbols

Table A.2
Glossary of geometrical symbols

Symbol

Analogy

Symbol

q
c
B
l
Sd
ug
ig
vd
qd
pd
pt
pm
Zec
Rec
Lec
xr
r
a
Zmm
Zem
ZeM
Rmm
Cmm
Mmm
x0
Qm
Zal
Yal
Zel
Cal0
Zat
Zhp
Zar
Cac0
ft
Tpipe
Thorn

–
–
–
–
–
–
–
–
–
–
–
–
Elec.
Elec.
Elec.
–
–
–
Mech.
Elec.
Elec.
Mech.
Mech.
Mech.
–
–
Ac.
Ac.
Elec.
Ac.
Ac.
Elec.
Ac.
Ac.
Ac.
Ac.
Ac.

Air density
Sound velocity
Air-gap ﬂux density
Length of voice coil wire
Eﬀective area of the diaphragm
Generator voltage
Voice coil current
Diaphragm velocity
Volume velocity in front of diaphragm
Pressure at acoustical load
Pressure at horn throat
Pressure at horn mouth
Voice-coil impedance
Voice-coil resistance
Voice-coil inductance
Empirical parameters to
characterize voice-coil
impedance
Motional impedance
Motional impedance
Motional impedance including acoustical load
Mechanical losses
Suspensions compliance
Moving element mass
Resonance pulsation of the moving element
Quality ratio of the moving element
Input impedance of the acoustical load
Input admittance of the acoustical load
Input impedance of the acoustical load
Compliance equivalent to an air volume Veq0
Horn throat impedance
Loudspeaker input impedance
Radiation impedance
Compliance of air volume Vc0
Charactristic impedance at throat
Transmission function in a pipe
Transmission function in the horn

suring acoustical impedances, and two anonymous reviewers for their comments on previous versions of this article.

Sd
Vc
Vc0
Vc1
Veq
V peq
Lc1
Lp
Sp
Vp
rt
St
rm
Sm
xt, xm, L

Diaphragm projected section
Compression chamber equivalent volume
Volume equivalent to the ﬂuid layer between diaphragm
and phase plug
Volume equivalent to the volume between phase plug and
compression chamber walls
Volume équivalent to the compression chamber
Volume équivalent to the compression chamber loaded
with a pipe
Length of cylindrical pipe of section Sg and volume
equivalent to Vc1
Length of loading pipe
Section of loading pipe
Volume of loading pipe
Radius of horn throat
Section at horn throat (or compression chamber mouth)
Radius at horn mouth
Section at horn mouth
Horn dimensions

where Cac0 = Vc0/qc is the acoustical compliance equivalent to volume Vc0. The input acoustical impedance of
the closed-pipe loaded compression chamber exhibits then
maxima and minima (resonance) for frequencies
xn ¼ ð2n þ 1Þ 2ðLc1pcþLp Þ. Below the ﬁrst resonance frequency,
compression chamber behaves like a pure acoustical compliance, equivalent to an air volume Veq = Vc0 + Vc1 +
StLp.
B.2. Loudspeaker electrical impedance
Below compression chamber ﬁrst resonance frequency,
loudspeaker electric input impedance may be approximated by Eq. (B.2)
Z php

Qp
¼ Rec mp
Qe

Appendix A. A symbols notation

j xxp Qpm 1
0

1þ

j xxp
0

 2
Qpm 1 þ j xxp
0

þ Rec ð1 þ x=xr Þr þ jðxLec Þl
Table A.1 and Table A.2
Appendix B. Loudspeaker loaded with a small cylindrical
pipe
B.1. Acoustical impedance
When the compression chamber is loaded by a short cylindrial pipe of same section St and length Lp, Eq. (7)
becomes4


1
Y pal ¼ jC ac0 x þ j tan kðLc1 þ Lp Þ ;
ðB:1Þ
ft

4

Superscript index

p

means ‘‘loaded with a closed pipe’’.

ðB:2Þ

with
Bl2
;
Rmm
M mm
Cp ¼
;
Bl2
1
1
S2
þ 2d ;
p ¼
2
L
Bl C mm Bl C eq
Rp ¼

ðB:3aÞ
ðB:3bÞ
ðB:3cÞ

and
1
;
xp0 ¼ pﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃ
Lp C p
Qpm ¼ x0 Rp C p ;

ðB:4bÞ

Qpe ¼ x0 Reb C p ;

ðB:4cÞ

ðB:4aÞ
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Rp, Cp, and Lp are, respectively, mechanical equivalent
losses, compliance and mass.
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