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Ironless loudspeakers
G. Lemarquand

Abstract

We note the drawbacks of classical loudspeaker motors: the inductance varies with the coil’s position, there is
a reluctant effect and Eddy currents appear because of the iron in the motor. We then present ironless structures of
loudspeaker motors to eliminate these drawbacks. These structures are studied with the use of Coulomb’s model of
permanent magnets, which affords analytical calculations. Thus the design can be optimized to create a uniform,
high level induction in the space where the coil moves.

I. CLASSICAL IRON STRUCTURES

Classical loudspeakers have a well-known structure: the coil moves in front of the iron pole pieces of a magnetic
circuit which is excited by a permanent magnet. This structure has three major drawbacks [1]. The magnetic field in
the airgap is non-uniform. The inductance of the coil varies with the coil’s position. Both effects create a distortion
that increases with the displacement of the coil i.e. with the sound level. Eddy currents in the pole pieces create
a force that ejects the coil out of the airgap and lessens the stability of the loudspeaker. The suppression of the
nonlinearities has been the permanent challenge of moving coil loudspeaker designers [2].

A. Electrical model

The simple descriptions of the electrodynamic loudspeakers use equivalent electrical circuits. The voice coil is
considered an impedance that is resistive and inductive, where the coil gives rise to a back electromotive force
(EMF) proportional to the cone velocity. The acoustomechanical aspects of the cone motion are reflected in the
impedance, and the loudspeaker output can be predicted from the electrical input in the range of frequencies for
which the cone moves as a rigid assembly [3] [4] [5].

B. Inductance effects

Several parameters make the inductance vary and we describe here all these effects.
The iron pole pieces increase the inductance of the moving coil. The corresponding impedance increases with

the frequency. The loudspeaker is fed by a voltage amplifier, and the force exerted by the coil on the diaphragm is
proportional to the current [6]. So the force decreases with the frequency, and this force is not in phase with the
voltage. The phase shiftings of the harmonics of the electrical signal are not maintained. This frequency-dependent
impedance variation causes a variation in the applied force. In the classical structure, a short circuiting coil is added
on the stator to reduce the inductance of the moving coil and thus the distortion of the speaker’s output.

Another effect of the iron pole pieces is the following. The coil behaves like a moving iron yoke coil, the yoke
in this case is around the coil. When the coil moves, the position of the yoke changes and as a consequence the
reluctance of the magnetic circuit of the coil varies. For a displacement from the centered position of the yoke
with regard to the coil, the reluctance increases and this leads to the creation of a force on the coil in a direction
that decreases the reluctance. A centering effect is thus observed. This force is proportional to the current in the
coil. Both described effects are in fact position dependent. When a high frequency signal is superimposed to a low
frequency signal, the answer of the loudspeaker is not the same as for the high frequency signal alone, because the
mean position of the coil in the airgap is not the same. As a result, intermodulation is observed.
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Fig. 1. Ironless loudspeaker structure.

C. Eddy currents effects

Many authors have noted that Eddy currents flowing in the solid iron pole structure modify the electrical
impedance. The voice coil motors have a normal inductive behavior at low frequencies. At high frequencies,
the Eddy currents hinder the magnetic flux from penetrating the iron. A first consequence is the decrease of the
effective permeability of the iron and so, a decrease of the inductance of the coil: this decrease is a proof for the
existence of the Eddy currents. The measurement of the inductance is the easiest way to determine the frequency
at which Eddy currents appear. Vanderkooy describes this as a semi-inductive behavior of the loudspeaker [7].

The Eddy currents appear to suppress that which creates them. The Eddy currents flow circularly in the iron pole
pieces around the coil’s axis. They create a magnetic moment that has the same direction as the one created by
the current in the coil. Thus they create a magnetic field in the coil that is opposed to its own field. The moving
coil becomes axially unstable (and radially stable). As soon as the coil moves, the action of the Eddy currents is to
create axial forces that tend to eject the coil from the airgap. The system behaves like an Eddy current magnetic
bearing. This axial force is another cause of distortion.

To reduce Eddy currents Yamamuro [8] and Bank [9] propose to use laminated pole pieces.

II. I RONLESS MOTOR

We present an ironless structure, made totally out of permanent magnets. The first advantage is that the inductance
of the coil is very low and constant. The second advantage is the absence of the reluctance effects and a great
decrease of the Eddy currents, depending on the electrical conductivity of the permanent magnets’ material. As a
consequence, some sources of distortion are suppressed. The third advantage is the increase of the magnetic field
and the decrease of the magnetic leakage, leading to good efficiency of the loudspeaker [10].

Our major goal is to create a very uniform induction in the space of the moving coil to cancel the harmonic
distortion. The induction level must be increased to improve the efficiency of the loudspeaker.

The maximum excursion of the coil is limited in the presented structure by the inversion of the magnetic field
in the areas outside the nominal displacement. This constitutes a good protection for the suspensions elements,
spider and outer peripheral edge when a peak of power is applied to the voice coil motor. It is noticeable that these
structures are not very difficult to realize with the use of plastic bonded magnets.

A. Geometry of the device

The motor comprises two concentric sets of permanent magnets rings (Fig.1). The rings have a triangular section.
Each set is a stack of three rings. The ring in the middle has a radial magnetization. The two other rings are axially
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Fig. 2. Single rectangular magnet structure.
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Fig. 3. Radial magnetic induction,Br (T), created by one magnet, along the observation axis. Induction created by the near face, by the
far face (dashed line) and resultant induction (bold line).

magnetized. The radial space between the sets defines a cylindrical airgap in which the whole coil is located.
At standstill, the sets are centered and the centers of the central ring of each set are in the same perpendicular

to the axis plane. The radial component of the magnetic field in the airgap goes from the inner set to the outer set.
We consider this direction as the positive one.

B. Analytical study of the structure

We consider a magnetic polar model for all the permanent magnets. We assume that the magnetization of the
magnets is uniform, so we have to consider only surface pole densities. For a general purpose, we consider that
the magnetization of each magnet is equal to 1 tesla. We consider a structure of infinite radius (length) in order to
show results that are independent of the radius of the device. We give the result for one set of rings.

We use Coulomb’s theorem to calculate the field created in the free space by a charged plane and apply it to all
the planes. For the whole structure, the total field is calculated by multiplying the previous result by two (for the
two sets) and by the real value of the magnetization of the magnets. The curvature must be taken into account too.

1) Field created by one magnet:We calculate the field created by a single rectangular magnet (height,h, of
2cm, width, w, of 1cm, infinite length) in the air at a distance,d, of 0.5mm of the magnet (Fig.2). This analytical
calculation uses the well-known formulas of the field created by two charged planes [11].

Fig.3 shows the component,Br, of the magnetic induction along the observation axis. The field created by the
near face (the face at the lower distance from the observation axis) is almost uniform in front of the magnet. The
field created by the far face (the face at the greater distance from the observation axis) has the opposite sign and
varies over the front of the magnet. We notice that for a thin magnet (the width is the half of the height) the
resultant field is lowered and distorted by the influence of the far face. For a position on the observation axis no
longer in front of the magnet the sign of the radial component,Br, of the induction changes.

Fig.4 shows the influence of the width of the magnet.The dashed line shows the induction created by the near
face alone. Of course, when the width increases the resultant induction approaches the induction created by the
near face. When the width decreases, the induction is both decreased and distorted.
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Fig. 4. Radial magnetic induction,Br (T), along the observation axis, created by the near face (dashed) and by one magnet for various
values of the width, from bottom to top,w = 0.5cm, 1cm, 2cm and4cm.
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Fig. 5. Three magnets structure.

2) Three prismatic magnets structure:We consider now our new device with the stacked structure of the magnets
illustrated by Fig.5.

We first compare the induction created by this structure with the one created by a single square magnet (w is
2cm, h is 2cm). The central magnet is2cm high and2cm wide. The angleθ defining the dimensions of the side
magnets is varied. Whenθ equals90o the whole structure has a square section, identical to the single magnet one.
Fig.6 shows that the induction in front of the central magnet increases nevertheless by22%. We observe that when
θ decreases, the induction in front of the central magnet increases. As an example, this increase reaches76% for
a value ofθ of 30o. We also notice that an optimal value ofθ exists that makes the radial induction,Br, quite
uniform in front of the central magnet. These structures increase the induction value on the side of the observation
axis (front) because they diminish the flux on the other side of the structure (rear). Indeed, the rear flux appears as
a leakage for the loudspeaker.

An optimum is found whenθ equals45o (Fig.7). Both first and second derivatives of the induction are null in
front of the central magnet (x = 0), so, the induction is almost a constant for small displacements of the coil. The
value of the induction is0.57T , which represents164% of the value obtained whith a single square magnet.

As a remark, the magnetic pole density,σ∗c , of the central magnet on the inclined plane is:

σ∗c = Jcosα (1)

whereJ is the magnet polarization andα the magnet’s angle defined on Fig.5. The magnetic pole density,σ∗l , of
the lower (resp. upper) magnet on the same inclined plane is:

σ∗l = −Jcos(90− α) (2)

When the width,w, is greater than the half height,h/2, the angleα is greater than45o. So,σ∗c is greater thanσ∗l
and the resulting magnetic pole density on the inclined separating plane of the magnets is negative. Of course, there
is no magnetic pole density on the lateral sides of the upper and lower magnets (rear of the structure). When the
width, w, equals the half height,h/2, the angleα is 45o and there is no magnetic pole density on the separating
plane of the magnets.
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Fig. 6. Radial magnetic induction,Br (T), along the observation axis. Comparison between the single magnet structure (dashed) and the
three magnets structure whenθ equals30o, 60o and90o (from bottom to top) andw = 2cm, h = 2cm.
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Fig. 7. Radial magnetic induction,Br (T), along the observation axis, created by the optimal structure:θ = 45o andw = 2cm, h = 2cm.
Dashed line: single magnet.

When the width,w, is smaller than the height,h, the value of the induction in front of the central magnet is still
greater than for the single magnet, but the second derivative of the induction can no longer be cancelled (Fig.8).
The radial induction varies greatly in front of the central magnet. In this case also, variations ofθ only modify the
induction in the area which is not in front of the central magnet.

3) Improved thin structure:Fig.9 shows the three magnets structure where the central magnet is no longer
triangular, but has been truncated to a trapezoid. The angleα can now be varied independently from the width,w,
of the structure. This allows the optimization of the shape of the induction in front of the central magnet (Fig.10,
Fig.11). Of course, the induction created by a thin structure is lower than for a wide one. For a7mm (resp.5mm)
width, w, the radial induction created by a single magnet is0.19T (resp.0.14T ). But the three magnets structure
still gives higher induction levels than the single magnet. The optimal structure with regard to the uniformity of
the induction reaches a value of the induction188% (resp.195%) higher than the single magnet one.

III. C ONCLUSION

The principal aim in the design of a loudspeaker motor structure is to achieve the greatest possible magnetic
field strength and uniformity in the space where the coil moves. We note that in classical structures, the iron of
the motor makes the inductance of the coil vary with the position of the coil, thereby creating a reluctant effect.
These solid iron pole pieces also allow Eddy currents to appear. The consequence is a distortion of the sound of
the loudspeaker. We propose ironless structures of motors: the inductance is small and constant, there is neither
reluctant effect, nor Eddy currents. The analytical calculations of the induction in these structures, using Coulomb’s
model of a magnet, afford optimization of the dimensions of the structures with regard to the induction uniformity.
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Fig. 8. Radial magnetic induction,Br (T), along the observation axis, created by thin three magnets structures. From bottom to top:w=2cm,
h=5mm,d=0.5mm,θ = 30o, 60o, 90o. Dashed line: single magnet.
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Fig. 9. Three magnets structure with a central trapezoid magnet.
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Fig. 10. Radial magnetic induction,Br (T), along the observation axis, in the optimal truncated three magnets structure.w = 7mm,
θ = 30o, α = 40o, h = 2cm, d = 0.3mm. Dashed line: single magnet.
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Fig. 11. Radial magnetic induction,Br (T), along the observation axis, in the optimal truncated three magnets structure.w = 5mm,
θ = 35o, α = 31.5o, h = 2cm, d = 0.5mm. Dashed line: single magnet.
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Stacked structures of magnets afford high induction values. These ironless structures seem to be an interesting
alternative to the classical structures of loudspeaker motors.
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Loudspeakers in Vented Boxes: Part 1* 

A. N. THIELE 

Australian Broadcasling Commission, Sydney, N.s.W. 2001, Australia 

An investigation of the equivalent circuits of loudspeakers in vented boxes shows that 
it is possible to make the low-frequency.acoustic response equivalent to an ideal high
pass filter or as close an approximation as is desired. The simplifying assumptions appear 
justified in practice and the techniques involved are simple. 

The low-frequency performance of a loudspeaker can be adequately defined by three 
parameters, the resonant frequency f., a volume of air Va., equivalent to its acoustic 
compliance, and the ratio of electrical resistance to motional reactance at the resonant 
frequency Q,. From these three parameters, the electroacoustic efficiency '7 can be found 
also. A plea is made to loudspeaker manufacturers to publish these parameters as basic 
information on their product. The influence of other speaker constants on these param
eters is investigated. 

When f. and Va• are known, a loudspeaker box can be designed to give a variety of 
predictable responses which are different kinds of high-pass 24-dB per octave filters. For 
each response, a certain value of Q is required which depends not only on the Q, of the 
loudspeaker but also the damping factor of the amplifier, for which a negative value is 
often required. 

The usual tuning arrangement leads to a response which can be that of a fourth-order 
Butterworth filter. This, however, is only a special case, and a whole family of responses 
may be obtained by varying the volume and tuning of the box. Also an empirical "law" 
is observed that for a given loudspeaker the cutoff frequency depends closely on the 
inverse square root of the box volume. The limitations of this "law" may be overcome 
by the use of filtering in the associated amplifier. For example, for a given frequency 
response, the box volume can be reduced at the price of increased low-frequency output 
from the amplifier and vice versa, with little change in the motion required of the loud
speaker. 

Acoustic damping of the vent is shown to be unnecessary. Examples are given of 
typical parameters and enclosure designs. 

Editor's Note: The theory of vented-box or bass-reflex 
loudspeaker baffles has always seemed to have an air of 
mystery, probably because the total eIectroacoustic sys
tem has four degrees of freedom and seems four times 
as complicated as the closed-box baffle with its two de
grees of freedom. Beranek gives a good foundation for 
theoretical analysis and Novak has performed numerous 

* Presented at the 1961 I.R.E. Radio and Electronic Engi
neering Convention, Sydney, N.S.W., March 1961. Reprinted 
from Proceedings of the IRE Australia, VO\. 22, pp. 487-508 
(Aug. 1961). The author was formerly with E.M.I. (Aust.) 
Ltd., Sydney, N.S.W. 

JOURNAL OF THE AUDIO ENGINEERING SOCIETY 

valuable calculations. Those working in the design of 
loudspeakers have used these analysis techniques and 
probably asked essentially the same seven questions that 
A. N. Thiele recognized at the turn of the previous 
decade. 

The seven questions and their answers were published 
in the August 1961 issue of the Proceedings of the IRE 
A ustralia, and the elegance of the answers adequately 
justifies republication of Thiele's work in the Journal of 

the A udio Engineering Society. In his classic discourse 
ThieIe observes that the topology of the equivalent cir
cuit (Fig. 1) is simply that of a high-pass filter. If suffi-
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cient simplification can be justified, Thiele reasons that 
the methods of modern network synthesis should be 
applicable to loudspeakers. This is a profound observa
tion because it means that once the system transfer 
function is chosen, a logical sequence can be followed 
to specify driver and baffle parameters. This is much 
more efficient than the cut and try methods based on 
either analysis or measurements. 

Although the idea is profound because of its simplicity, 
much work is required to develop, utilize, and demon
strate its use. In the interest of compatibility with format 
in this 10urnal, we have received permission from A. N. 
Thiele to republish his work in two parts. This first part 
develops the synthesis approach and summarizes all of 
vented-box design in a table of 28 alignments. The sec
ond part will apply the method and draw some very 
pertinent conclusions about efficiency, driver Q, box vol
ume, and amplifier output impedance. 

The high point of this work is Table I which gives 28 
alignments for vented-box loudspeakers. I have been so 
impressed with this table that I have written a Fortran 
program to quickly apply Thie!e's synthesis methods to 
any loudspeaker with adequately known parameters. This 
program and a run or two for typical woofers will be 
published after Part n. 

In considering this manuscript for republication, Thiele 
has suggested that after 10 years his only change of atti
tude would be to change the emphasis in Section XIV 
(Part II). In contrast to the original preference for use 
of a closed box (which is still quite valid), Thiele would 
now emphasize the use of a vented box for measure
ments. This is indeed a trifling matter and in concurring 
with Thiele's opinion, I can only add emphasis to how 
well this paper has passed the test of time-it is just as 
pertinent now as it was ten years ago. 

1. R. Ashley 

I. INTRODUCTION: The technique of using a vented 
box to obtain adequate low-frequency response from a 
loudspeaker has been known for many years. The prin
ciple seems simple, yet the results obtained are variable. 
Since comparatively cheap and reliable methods of acous
tic measurement, especially at low frequencies, virtually 
do not exist, the only check of results is the "listening 
test." The listening test is after all the final criterion of 
the performance of an electroacoustic system, but as a 
method of adjusting for optimum it is very poor indeed. 
Quite apart from one's prejudices and memories of pre
vious "acceptable" equipments, the adjustment of a vented 
box in ignorance of the loudspeaker parameters involves 
two simultaneous adjustments, box tuning and amplifier 
damping. And again there is a strong temptation to ad
just the low-frequency response to something other than 
flat to "balance" response errors at high frequencies, 
when in fact the two problems should be tackled sepa
rately. 

For a long time it has seemed to the writer that the 
methods of design of vented boxes were unsatisfactory, 
leaving a number of questions unanswered. 

1) What size of box should be chosen? Usually it 
seems the larger the better, but how much better is a 
large box and what penalty does one pay for a small box? 
And for a given speaker, what is a "large" box or a 
"small" box? 

2) What amplifier damping should be used? In general 

the answer is, the heavier the damping the bette , though 
with high-efficiency speakers this could caus a loss of 
low frequencies. But then again, negative damping is 
sometimes used, especially in the United States. And 

when vented enclosures often give excellent results, why 
should they be known by some as "boom boxes"? 

3) Is it advisable or necessary to use acoustic damping 
to flatten the response? Some claim good results [1] while 
others [2] warn against it. The general principle of flat
tening response with pa�asitic resistance, and thus dis
sipating hard-won power, seems wrong, especially in an 
output stage and when a maximum bandwidth is sought. 
The principle seems to apply equally to an amplifier
loudspeaker-box combination and a video output stage. 

4) To what frequency should the vent be tuned? The 
conventional answer is to tune it to the loudspeaker 
resonant frequency, but Beranek [3, p. 254] mentions that 
"for a very large enclosure, it is permissible to tune the 
port to a frequency below the loudspeaker resonance," 
while small boxes are sometimes tuned above loudspeaker 
resonance. 

5) What should be the area of the vent? The con
ventional answer is to make it equal to the piston area 
of the loudspeaker, but Novak [2] states that "it is per
missible to use any value of vent area," and again "the 
vent area should not be allowed to be less than 4 in2." 
Again, should we use only a hole for the vent or should 
we use a duct or tunnel? 

6) If we equalize the amplifier to correct deficiencies 
in the speaker and enclosure, what penalties result for 
example in distortion? Can we trade amplifier size for 
box size? 

7) Assuming that we know how to design a box (and 
associated amplifier) given the loudspeaker parameters, 
how may the parameters be measured? 

There are other questions that could be asked but the 
seven above seem the most important; at any rate, they 
are the ones that the present paper hopes to answer. 

11. DERIVATION OF BASIC THEORY 

The theory of operation of loudspeakers in vented 
boxes has been covered so many times in the literature 
[3, pp. 208-258], [4] that it should be unnecessary to 
repeat it here; therefore only sufficient of the theory will 
be quoted to make the present approach intelligible. 

This approach derives from Novak [2] to whom the 
reader is referred, not only for his method, but for his 
introductory paragraph . . . "Trade journals tell of 'all 
new enclosures, revolutionary concepts, and totally new 
principles of acoustics' when in reality there is a close 
identity with. enclosure systems described long ago in 
well-known classics on acoustics." This should be framed 
and hung on the audio engineer's wall alongside Lord 
Kelvin's dictum. The present paper is the result of a dif
ferent emphasis on, and interpretation of, Novak's treat
ment. It should be emphasized that, unless stated spe
cifically otherwise, the results apply only to the "piston 
range" of the speaker. This is the region where the cir
cumference of the speaker is less than the wavelength of 
radiated sound, i.e., below 400 Hz for a 12-inch speaker, 
and below 1 kHz for a 5-inch speaker. The performance 
of loudspeakers above the piston range is another subject 
altogether. 

We will be dealing later with a simplified equivalent 
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ELEC. MECHANICAL 
PART OF PART OF 
SPEAKER LOUDSPEAKER 

Mad Cas 

� 
{R9+R.)S� 

DIAPHRAGM BOX 
RADIATION 

VENT VENT 
RADIATION 

Fig. 1. Complete (electromechanical) acoustical circuit of 
loudspeaker in vented box (after Beranek [3]). 

circuit, but first consider Fig. 1 in which the complete 
equivalent circuit of the loudspeaker and enclosure is 
given in acoustical terms. 

We note that there are three possible equivalent cir
cuits, electrical, mechanical, and acoustical. To convert 
from electrical to mechanical units, 

where 
Z8 electrical impedance 

Zm equivalent mechanical impedance 
B magnetic flux density in air gap 

1 length of wire in air gap. 

(1) 

Again to convert from mechanical to acoustic units, 

(2) 

where 
Za acoustical impedance 

Sd equivalent piston area of diaphragm (usually 
taken as area inside first corrugation). 

Taking then in Fig. 1 the first impedance after the gen
erator which is the acoustical equivalent of the electrical 
resistance of the amplifier output impedance Rg in series 
with the voice coil resistance Re' we can see that the 
various equivalents for this impedance are 

Ze = Rg+Re 
Zm = B2[2/(Rg+Re) 
Za = B2/2/Si(Rg+Re). 

In Fig. 1, 
Eg open-circuit voltage of audio amplifier 

(3) 
(4) 
(5) 

Mar!. ( =  Mmd/Si) acoustic mass of diaphragm and 
voice coil 

Mmd mechanical mass as usually measured 
CaB acoustic compliance of suspension 
RaB acoustic resistance of suspension 

Rarl acoustic radiation resistance for front side of 
loudspeaker diaphragm 

Mal acoustic radiation mass (air load) for front 
side of loudspeaker diaphragm 

M ab acoustic mass of air load on rear side of loud
speaker 

Rab acoustic resistance of box 

Cab acoustic compliance of box 
Rar2 acoustic radiation resistance of vent 
Ma2 acoustic radiation mass (air load) of vent 
Map acoustic mass of air in vent 
Rap acoustic resistance of air in vent 

Uc volume velocity of cone 

U b volume velocity of box 

Up volume velocity of port, or vent. 

The advantage of using this large complete equivalent 
circuit in the first place is that the equivalent circuit of 
the loudspeaker in a totally enclosed box may be shown 
by removing the mesh representing the vent. To repre
sent the speaker operated in an infinite batHe, Cab and 
Rab are short-circuited. If the speaker is operated in open 
air (un batHed), the circuit is as in an infinite baffle, but 
the values of Rarl and Mal are modified [see 4, Fig. 5.2]. 
The details of these circuits are very well covered in [3] 
from which Fig. 1 and the accompanying symbols are 
taken. 

To make the circuit more manageable, we simplify it 
to Fig. 2. 

Mas cas Ra::;: 

Fig. 2. Simplified acoustical cirCUit(" 
f loudspeaker in vented 

box. 

I 
1) The three acoustic masses !Mad, Mal' and Mab are 

lumped together to make a single mass Ma.,. However, 
we must be careful to remember that this is an artifice. 
Mas is not fixed, and some error results by assuming it 
to be so. For example, the reduction of Mab and hence 
of Ma. when the speaker is tested in open air causes a 
rise in resonant frequency, which must be accounted for 
in measurements, as in Section XIV. 

2) Rarl and Rar2 are neglected in the equivalent circuit, 
even though they are responsible for the acoustic output 
of the loudspeaker. The whole essence of Novak's theo
retical model which makes a simple solution possible 
i� that a loudspeaker is a most inefficient device. In mea
surements of fifty loudspeakers using the method of Sec
tion XIV covering a wide range of sizes and qualities, 
efficiencies ranged between 0.4% and 4%. For this reason, 
the radiation resistances may be safely neglected. Since 
radiation resistance varies with frequency squared, this 
simplifies analysis considerably. For, as pointed out in [3, 
p. 216], the radiation resistance of a loudspeaker in a 
"medium-sized box (less than 8 ft3)" is approximately 
the radiation impedance for a piston in the end of a long 
tube. And the radiation resistance of the vent (or port) 
is the same. Thus 

(6) 

where Po is the density of air and c is the velocity of sound 
in air. 

Note that the radiation resistance is independent of the 
dimensions of the piston or vent. Note also that Eq. (6) 
is an approximation which is accurate only in the piston 
range of the loudspeaker (compare [3, Fig. 5.7] or [4, 
Fig. 5.2]). 

3) Ma2 and Map are lumped together as Mav, the total 
air mass of the vent. 

4) Rob and Rap are neglected since for most practical 
purposes their Q is very high compared with that of the 
loudspeaker, especially when its damping is properly con
trolled by the amplifier. 

For example, it will be shown later that the Q of speak-
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Fig. 3. Simplified mechanical circuit of loudspeaker in 
vented box. 

er plus amplifier for a vented box will usually lie between 
0.3 and 0.5. The Q of the vent, on the other hand, can be 
found by combining [3, Eqs. (5.54) and (5.55)] to give 

Qv = wMa/ Rap = (SJ/ ,,»/,(1'+ 1.70a) / (1'+2a) 

where 

Qv effective Q of vent 

(7) 

Sv area of vent (assumed to have constant cross 
section) 

I' actual length of vent 
a effective radius of vent 
p. kinematic coefficient of viscosity; for air at 

NTP, p. = 1.56 X 10-5 m2/s. 

Thus if Sv = 4 in2, the bottom limit specified by No
vak, and I = 25 Hz, then Qv = 64. 

Since these are the smallest values of Sv and I likely to 
be found in practice, it is clear that little error will result 
from this source, and this is confirmed in Section XI. In 
the preceding discussion, the effect of Ma2 and Rar2 has 
been neglected, but in no case investigated has the total 
Q" fallen below 30. 

5) As a result of measurements of fifty loudspeakers, 
it appears that the Qa of the speaker due to R as lies usual
ly between 3 and 10, so that this does not affect matters 
greatly, but since Ras can be lumped with the equivalent 
electrical resistance (see Eq. (8» and because it has some 
importance in the loudspeaker measurements of Section 
XIV, it is included in Fig. 2 

The mechanical equivalent circuit (Fig. 3) is derived 
from Fig. 2 by multiplying all the acoustical impedances 
by the conversion factor Sd2 as in Eq. (2). Thus these 
impedances represent the mechanical impedances at the 
loudspeaker diaphragm due to the whole acoustical
mechanical circuit. Since the conversion is obtained by 
multiplying by a constant, the form of the circuit remains 
the same. However, when the conversion is made from 
Fig. 3 to Fig. 4, the electrical equivalent circuit, it can 
be seen from Eq. (1) that an impedance inversion 
takes place. Thus all series elements become parallel 
elements, inductances become capacitances, and vice 
versa. Thus Lees is the electrical inductance due to the 
compliance of the loudspeaker suspension, Cmes is the 
electrical capacitance due to the mass of the loudspeaker 
cone, Cmcv is the electrical capacitance due to the mass 
of the vent, and Lccb is the electrical inductance due to 
the compliance of the box. In Fig. 4 an additional pair of 
circuit elements which were neglected in the earlier cir
cuits have been added within the dashed lines. These 
are the inductance and shunt resistance (largely due to 
eddy current loss in the pole piece and front plate) of 
the voice coil. 

It is hoped that this will not cause confusion. These 
elements contribute very small effects at the low fre
quencies we are considering, but show the reason for the 

Rg 

Eg 

,---- ---
I Lees Re: R!.h Res Cm4S 

j Le \,,-------- Cmo,v 
Lc'eb 

Fig. 4. Simplified electrical circuit of loudspeaker in vented 
box. 

shape of the resulting electrical impedance curve of 
Fig. 5 above In' However, this will be of greater impor
tance when we come to testing procedures in Section XIV. 

Ill. DERIVATION OF RESPONSE CURVE 

The expression for the frequency response of the sys
tem is obtained by analysing the circuit of Fig. 2. To 
simplify the expression, we lump all the series resistance 
into a total acoustic resistance, 

Rat = Ra., + [B212/(Rg+Re)Si]. (8) 

Now we have seen already that the radiation re si stances 
of speaker and vent must always be the same. And since 
the radiated sound depends on the sum of the volume 
velocities U c and Up (or rather their difference, since Up 
derives from the back pressure of the speaker), then the 
acoustic power output is 

while the nominal electrical inp power is 

Wei = EiRe! g+Re)2. 

Thus the efficiency is 

TJ = Wao/Wei 

(9) 

(10) 

= [IUc-UpI2Rarl(Rg+Re)2]/(Eg2Re). (11) 

Analyzing the circuit, we find that 

(Uc-Up)/[EgBI/Sd(Rg+Re)] = l/pMas X [ p4MasMavCasCab ] { p4Ma"MavCasCab + p3MavCa.,CabRat }. 
+ p2(Ma"Cas+MavCas+MavCab) + pCasRat+ 1 

(12) 
To make the expression easier to manage we write 

E(p) for .the expression inside the square bracket on the 
right-hand side which is a fourth-order high-pass filtering 
function. Also if jw is written for p, the steady-state re
sponse E(jw) is found. We also convert pMas from the 
operational form to the steady-state form jwM a8' and then 
substitute 

(13 ) 

This puts the expression for mass into a more intelligi-

Fig. 5. Typical impedance curve of loudspeaker in vented 
box. 
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ble form, but it is emphasized that the total loudspeaker 
mechanical mass Mms includes not only the mass of the 
cone plus voice coil, but also the mechanical equivalent 
of the acoustic air load. The latter is only a small part 
of the total, but varies with the speaker's environment, 
e.g., box volume [3]. Thus if we substitute Eqs. (6), (12), 
and (13) in Eq. (11), 

(14) 
or 

Thus the expression for efficiency contains three parts: 
1) a constant part containing physical constants, 
2) a constant part containing speaker parameters, 
3) a part IE(jw) 12 which varies with frequency. 

IV. CONTROLLING THE FREQUENCY 
RESPONSE 

The problem of greatest interest is the control of fre
quency response; so we consider first (3), IE(jw) 12, or 
preferably its operational form E(p). To make this easier 
to manage we substitute in E(p) of Eq. (12) 

T82 = (1/w.)2 = MasCa. 
Tb2 = 0/w/) 2 = MavCab 
Qt = (Ma./Cas)'/:.jRat 

(16) 
(17) 
(18) 

where w., is the resonant frequency. Wb is the box resonant 
frequency, or more exactly, the frequency at which the 
acoustic mass of the vent resonates with the acoustic ca
pacitance of the box. It should not be confused, as is 
often done, with", or 1/ of Fig. 5, which are by-products 
of I. and Ib (see Eqs. (105) and (106». 

Qt is the total Q of the loudspeaker when connected to 
its amplifier. The acoustic resistance in the loudspeaker 
Ra. has a smaIJ effect, but usually the resistances reflected 
from the loudspeaker resistance Rc and the amplifier Rg 
contribute the greater part of Qt. Then E(p) of Eq. (12) 
becomes 

E(p) = 

For many purposes this is more conveniently written as 

E(p) = l/{l+I/pQ/Ts+ 
(1/p2) [1 /T/)2+ 1/Ts2+C",/Ca/)T}] 

+ 1/p:;T/)2TsQt+ 1/p4Tb2Ts2} . (20) 

This expression corresponds to Novak's expression for 
the modulus in his Eq. (15) which is simplified into his 
Eq. (16). (Note that in the captions for his Figs. 7, 9, 11, 
12, and 13, a positive sign is wrongly substituted for a 
negative sign). 

As stated before, this is a fourth-order high-pass func
tion, that is, it has an asymptotic slope in the attenuation 
band of 24 dB per octave, and can be written in the gen
eral form 

E(p) = 1/{l + xJlpTo +X2/p2T02 
+X3/p3T03+ 1/p4T04} (21) 

which is defined by a time constant To ( = 1/ Wo' the 

nominal cutoff frequency) and three coefficients Xl' X2, Xa 
which determine the shape of the response curve. In fact, 
the general expression is often written with a constant 
Xo and X4 instead of the two unity coefficients in the 
denominator of Eq. (21); but the expression can always 
be reduced to the form of Eq. (21) by division of the 
whole expression by a constant, and suitable adjustment 
of To and the X coefficients. Considering Eq. (20) now 
from the viewpoint of what can be done with a given 
speaker, the parameters Cas and Ts are fixed. Thus there 
are three variables Q/, T /)' and Cab, and it is possible to 
achieve any desired shape of curve (i.e., any desired com
bination of the three X coefficients); but in doing so To is 
determined (see Eq. (27». 

For identity between the two Egs. (20) and (21), the 
coefficients of the various powers of p must be identical, 
that is, 

x,jTo = l/QtT. 
x2/T02 = 1/Tb2+1/Ts2+Ca.,/C"bTs2 
X:;/To3 = 1/QtT/)2T" 

I/T04 = 1/T/)2Ts2. 

From these, the relationships can be established 

Tb/T., = Xl/X:; 

To/Ts = (Xl/Xa) y" 

Qt = 1j(xlx:�)y" 

Ca.,/Cab = (XIX
2
X:I-Xa2-XI2)jX12. 

(22) 
(23) 
(24) 
(25) 

(26) 
(27) 
(28) 
(29) 

The Hurwitz criteria [5] for stability of a network 
defined by Eq. (21) are 

1) all the X coefficients are positive, 
2) XIX

2
X3-X32 _ XI2 is positive. 

If (1) and (2) are true, then all the parameters deter
mined by the four Eqs. (26)-(29) are positive and there
fore realizable. Thus we have in the four equations a set 
of simple relatio.nships which enable us to achieve, for 
any speaker, any shape of low-frequency cutoff (fourth
order) characteristic. The only requirement is that we 
have sufficient freedom to choose a suitable box resonant 
frequency 1jT/" box volume Cab' and total Q of speaker 
plus amplifier Q/. and can accept the resulting value of To. 

The first parameter Tb presents no practical difficulty; 
the second, Ca/), can cause trouble if space is limited, but 
in this case, as shown in Section VII, we can work back
ward and choose a suitable response characteristic to suit 
the box size; the third, Q/, is controlled by the source 
impedance of the amplifier. If the required Qf is greater 
than the speaker's natural Q, a positive output impedance 
will be required of the amplifier and this can be controlled 
by the usual negative feedback techniques. If less, a nega
tive output impedance will be required, and this can be 
achicved by applying feedback from a separate winding 
on the voice coil, or by a combination of positive current 
and negative voltage feedback. There is a practical limit 
here if the degree of negative impedance required is too 
large, but this wiIJ be discussed in Section XII. 

V. �ME PRACTICAL RESPONSE CURVE 
APES 

Fourth Order Butterworth Response 

Armed .with Eqs. (26)-(29) we can calculate the pa
rameters required for different response characteristics. 
The most obvious one to try first is the fourth-order 
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maximally flat (Butterworth) 1 characteristic for which 

iE(jW) i = 1/[1 + (wo/w)8] 'h (30) 
or 

(31) 

and, in the operational form, 

E(p) = 1/(1 +2.613/pTo+3A14/p�T02 
+2.613/p:lToH+1/p4To4). (32) 

Note that in Eq. (31) and others which will follow, the 
ratio of any two frequencies, say Wa/Wb' is identical to 
1,'/1 b' Note also that all Butterworth responses are 3 dB 
down when W = WO' i.e., wTo = 1. 

A characteristic of Butterworth responses, though not 
peculiar to them, which simplifies calculations even fur
ther is that in all cases 

Thus In this class or response, 

Tb = Ts 
To = T, 
Qt = l/xJ 

Ca.,/Cab = x�-2. 

Thus in the fourth-order case where 

we have 

Xl = X3 = 2.613 
X2 = 3A14 

Qt = 0.383 
Cas/Cab = 1.414. 

(33) 

(34) 
(35) 
(36) 
(37) 

(38) 
(39) 

(40) 
(41) 

This is alignment no. 5 of Table I. The term "alignment" 
seems appropriate since the problem is similar to the 
choice of alignments for other filters, e.g., RF and IF 
amplifiers. This is obviously the conventional type of 
box alignment, for the box frequency Ib is identical with 
the speaker resonant frequency Is, and also the frequency 
la with which the response is - 3 dB. Note that because 
of the rapid change of attenuation the response is only 
-0.9 dB at 1.2/.,. � .. 

However, it also shows thill: a tnIe maximally flat 
characteristic is obtained only if the correct values of 
box size Ca., and especially Qt are chosen also. It is easy 
to show from Eq. (20) that in any alignment, at the 
upper resonant frequency (f h of Fig. 5), the response is 

E(jw) = j(Qtw/'/ws)/[1-(Wb2/Wh2)] (42) 

that is, the response varies directly with Q/. Also at the 
box resonant frequency, Ib 

(43) 

that is, the response is independent of Qt. (The response 
at It is similar to Eq. (42) when Wh is replaced by W/' but 
as this is in the attenuation band, it is less important.) 
Thus if Qt is twice the optimum value, there will be a 
response peak 6 dB high. Now as a general rule a speaker 
with a Q of about OA, as required in this case, is usually 
of high quality. 

A Q of 0.8 is typical of a medium quality speaker and 
a Q of 1.6 is typical of a low ("popular" or "skimped
magnet") quality speaker. Thus these speakers would 

1 Hence the expression Butterworth box. However, in spite 
of the phonetic similarity, butter boxes are not in general 
suitable as loudspeaker enclosures. 

have response peaks (at 1.76ws in this case) of 6 dB and 
12 dB, respectively, if fed from a zero output impedance 
amplifier, 12 dB and 18 dB if fed from an amplifier with 
impedance equal to loudspeaker resistance Re (e.g., pen
tode with 6-dB negative voltage feedback), and even 
more with higher amplifier impedances. Hence the ex
pression "boom box." 

An amplifier with negative output impedance half that 
of the loudspeaker resistance Reo a quite feasible figure, 
would correct the medium quality speaker, and reduce 
the peak on the cheaper one to 6 dB. An amplifier with 
a negative output impedance three quarters of Re' to 
correct the cheaper speaker, is possible but would need 
care in respect of stability (see Section XII). 

Fifth-Order Butterworth Response 

This has the characteristic 

The operational form can be factorized to 

E(p) = 1/[(1 +l/pTo)(l + y'5/pTo 
+ 3/p2 T02+ y' 5/p3T03+ 1/p4To4)] 

(44) 

(45) 

which is the characteristic of two filters in cascade: 1) a 
first-order filter which can be provided by a eR network 
with a time constant To, and 2) a fourth-order filter pro
vided by a loudspeaker and box for which 

To = TB = Tb 
Qt = OA47 

Cas/Cab = 1. 

(46) 
(47) 
(48) 

The alignment, no. 10 of Table I, has the advantage if 
the extra box size can be tolerated (a smaller value of 
Cas/Cab means a larger box) that a maximally flat re
sponse can be obtained down to the loudspeaker resonant 
frequency, while at the same time, a very simple "rumble" 
filter tapers off the input to the amplifier in the attenu
band. This helps the amplifier, but more importantly it 
greatly reduces the maximum flux density in the output 
transformer and also the maximum excursion of the loud
speaker (see Section X and Fig. 10). 

Sixth-Order Butterworth Response 

This has the characteristic 

IE(jw) 12 = 1/[1 + (wo/w)12] (49) 
while the operational form may be factorized to 

E(p) = 1/[(l+1.932/pTo+l/p2T02) 
(1+ 1.414/pTo+ 1/p2To2) 

(HO.518/pTo + 1/p2T})] . (50) 

As in the previous case, the overall alignment is 
achieved by providing one factor with an external filter, 
in this case second order, and making the fourth-order 
response of the loudspeaker plus box the product of the 
two remaining factors. Thus we can obtain the identical 
response in three different ways. These are listed in 
Table I as alignments no. 15, 20, and 26, the three sepa
rate classes depending on whether the auxiliary electrical 
circuit has the lowest, middle, or highest X value of the 
three factors in the alignment. Not only do the three align
ments produce the same response, but as shown later 
(Section X and Fig. 10) the cone excursions are identical. 

JOURNAL OF THE AUDIO ENGINEERING SOCIETY 



Alignment Details Box Design Auxiliary Circuits 
Approximately 

Constant 
Quantities I 

--j-N-O-

.

- !I-T-)-'I-' C-' '--k--'
I
-
R
-j-

PP
-
I
e- --j-'

, 
-If ,- I,--f,-
I
r-. - ,-C-•• -, -IC-.-b 

:--
Q
-,--I-r-.-ux-

I
-f,- I Y a

ox 
i
!
-
�
-

ej
-
��

-
:-f 

p
-k- If-

,
- ---(-�a-,r ;---Q-,f.-

1 (db) i '  I ! (db) I Ca bra' r, 
-- '-

QH
� - -------- -- 2.u8 

--W---io.4S-
.180 i�-i--_--i--=------=---I

I
"- 1.47-----:;;;0--

QB: �.:!8 , 1.32 7.4S .209 I - 1 - :, ---- ! -- : I.H .31i:! 
I : 

.; 

(j 

7 

8 

\) . 

QB, 1.77 1.2;; 4.4(; .21)!) i i I IA:I 

QBJ lA.; 1.18 :!.!J,; .303 i I 
B" ! 

( '  I 

(' , 

( '  , 

c , 

1.0 

,8 

.(i 0.2 

0.1) 

1.8 

, I 

J.()(�O
- J-.�);;(;-)A14- - .383 

----,,----- 1- -- --- ----

I 
.Su7 .!!3;; l.O;',;; 

.7:!!) .S7!! 

.lioll .847 

.41::; 

.7:!B .466 

,:,;')9 .I)IS 

.557 

IAI 
Loll 

I.H 

1.37 

1 .3H 

1.35 

.:171 

.:I!lH 
10 H, I.() .447 

----- , - ---- ----, ----------- . 
LOO 

I ... .. 
1: o 
..<: 

II .7 

I:! 

.St;:! .1134 

O.:!.J .7:1-1 .HS!! 

� 1:1 i ('5 .3;;;; 0.;; .704 .SS:! I 
.,;83 .M;; 1.43 

.810 2.f>O 

.:2:27 .924 2.!)3 

.191 i I. I02 3.60 
__ i�_ : __ �5 __ ! ____ 

.:!7�· ___ ��_I��-i-!22-
! I;; : H, . 1.0 i - I  1.000 ! 1.000 

---- ---- --- ----,---- -2.73 .2!H) l.OO -1.732 H.O 1.07 

17 

18 

I I ! 
.8 ,8:)0 

,H ,Hns 

. .) .H20 j 
1!) 1 C, .4)4 0.) .;;iiol 

.HUS 1 2.3H 

,7,ill un 
.61l8 l.i,I 

.(;;;9 1.:2,; 

.317 1.01 -1.824 

.348 I 1.02 -I.SUI) 

.371 1.03 - 1.1)30 

.30B 1.04 

7.7 1.06 

-; 10.1 ) .n" 

i I i.(i LOT> 

-. 13.2 1.04 
--- .----- ----- ---- ---- -- - .. _-- -- -- - .. --' ----- ---- _.-

:!() 1.0 1.000 1.000 1.UOO :40/l l.OO : o 

2) .8 .8H .n".! .7:1:1 1.10 n.:! 2.:W 

,(i .n77 .Hl 'i .;,00 AO) 1.2l .!loll I.l 1. 77 

.,,!):! .HO:! AI4 .484 1.:27 -1.:!O() 1.\) I.Ga 

24 (' "  0.1 ,;"):!o .8!)0 .3fi3 .;;13 l.31 -IAI4 3.0 1..;;') 

(J.1i .·W4 .87G .:!7!l i .616 1 1.37 , -1.732 0.0 IA7 

I.() 
-- --

-
.� - -- - ---- - -- --,

---- '---------
1.000 1.0()() .732 , .ilIS i 1.00 i -;-1.7:32 

.2(i8 O.U .7iS .111) .110 J..'i03 :?i3 () 
.!lSO 1.8!J LOll li.1I o 

llH'nn 

Table I. Summary of loudspeaker alignments. 

This illustrates a general principle that box size can 
be exchanged for amplifier power. The only additional 
penalties are as follows: 

1) additional heating of the voice coil by signals in 
the region of the cutoff frequency, and 

2) the requirement of a smaller value of Qt as the box 
volume is decreased. 

The performance required of the auxiliary filtering is 
given in the last four columns of Table I, whose terms 
are illustrated in Fig. 6. Instead of the parameter x in the 
expression 

(51) 

the response shapes are defined in Table I by the parame
ter y in the expression 

where 
y = x2-2 (53) 

as given in a previous paper [6]. When y is zero or posi
tive there is no peak in the response as shown in Fig, 6, 
but when y is negative there is a peak whose frequency 
and amplitude are given in Table I. The amplitude of 
response at the nominal cutoff frequency t aux of this 
auxiliary filter is given by 

jE(jw) [ = 1/(2+y)'h. (54) 

Chebyshev Responses 

If the real values of the poles of a B utterworth func
tion are all multiplied by the same factor k, which is less 
than one, a Chebyshev or "equal ripple" function results 
[7]. Chebyshev filters are characterized by a flat response 
in the passband except for ripples which are equal in 
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amplitude, (see curve 8 of Fig. 8). Beyond cutoff, the 
response falls at a rate whose maximum is greater than 
the asymptotic slope. Typical values are tabulated in 
Table I with the type names C4, C5, and C6 representing 
Chebyshev responses of fourth, fifth, and sixth order. It 
will be seen from the table that a considerable change in 
alignment occurs before the ripples become serious in 
magnitude. For our purpose here, the Chebyshev re
sponses provide a means of carrying the useful response 
of the speaker plus box combination well below the 
speaker resonant frequency /., (which is also cutoff fre
quency f 0 in the Butterworth cases). This is done by 

tuning the box to below fRO but not as low as the cutoff 
frequency (defined here as f 3, the frequency where the 
response is 3 dB down). The box size Cab is increased, 
and to some extent, so is Qt· 

The increase in useful low-frequency response is con
siderable. In alignment no. 9, a response down to 0.6f8 is 
obtainable without amplifier assistance, if a ripple of 
1.8 dB can be tolerated. In alignment no. 25, where a 
maximum lift of 6 dB is required from the amplifier be

fore its response falls off, a flat response can be obtained 
down to nearly OAfs. 

OUTPUT 
A5YMPTOTE 
IldB PER OCTAVE 

r"".ft>l' FREQV£NCf 

Fig. 6. Typical curves for second-order auxiliary filter, 
illustrating terms used in Table I. 

Quasi-Butterworth Third-Order Responses 

This long name disguises a class of responses charac
terized by 

iE(jw) I� = 1/[1 +Y3(Wo/w)6+y4(wo/w)8] (55) 

that is, in the expression for the modulus of the fourth
order filter, there are zero coefficients for the second and 
fourth powers of frequency, with nonzero coefficients 
for both the eighth and sixth powers. This type of re
sponse yields a series of alignments, nos. 1-4 of Table I, 
in which the cutoff frequency (again defined here as the 
frequency fa where the response is 3 dB down) is above 
the speaker resonant frequency. So also is the box reso
nant frequency, but again, not to the same extent. As 
the cutoff frequency is made higher, these alignments 
require smaller box volumes, and lower values of Qt. 

VI. GENERAL DISCUSSION OF TABLE I 

It will be seen that alignments no. 1-9 provide a means 
of varying the cutoff frequency of a loudspeaker-box 
combination over a wide range. The last two columns 
for these alignments illustrate two interesting properties 
which remain substantially constant (± 5 %) over this 
wide range. 

1) The expression Ca.fH2/Cad32 is substantially con
stant around 1041. This means tbat if a given speaker for 

which Ca. and f. are constant is placed in different boxes 
to provide different cutoff frequencies, the box volume 
will vary with inverse frequency squared. This illustrates 
a fact long known to designers of vented boxes, but 
rather blurred by the exponents of "revolutionary new 
concepts," that the bigger the box, the better the low
frequency response. It is also interesting to note that 

Casf.2 = 1/41T2Mas = Si/41T2Mms:::::: 1.41Cad32 (56) 
that is, for a given cutoff frequency of the combination, 
the box size varies with the square of diaphragm area 
Sa2 and inversely with Mms. In other words, if the mass 
of the loudspeaker M rns is fixed and the compliance Cas 
is varied to give a different resonant frequency f., then 
the box volume Cab for a given cutoff frequency f3 re
mains substantially constant. To this extent, and also in 
the expression for efficiency (Eq. (66» the compliance 
of the loudspeaker is unimportant. 

2) Qdb/fs lies around 0.38. If Eq. (18) is rewritten as 

Qt = wsMa./Rat (57) 

then the expression above becomes wbMas/Rat which can 
be thought of as the total Q of the speaker at the box 
resonant frequency. This remains nearly constant through
out alignments no. 1-9. 

Certain alignments, no. 13, 14, and 27 with no. 12 as 
a borderline case, which require auxiliary filtering with 
large attenuation at the cutoff frequency of the whole 
system, must be considered suspect, since they postulate 
high acoustic efficiencies in the region of cutoff. Remem
ber that the basis of the theory is that the overall efficiency 
is low. In the borderline case, no. 12 for example, the 
peak efficiency will be just above cutoff frequency and 

will be approximately 2.52 times the loudspeaker effi
ciency. If the loudspeaker is 4% efficient, this means a 

maximum overall efficiency of 25 %. Around this point, 
the basic assumptions will become inaccurate, especially 
if resistive losses in the box are large. 

Similarly, for reasons of cone excursion (considered 
in Section X), alignments with smaller values of f31 fb 
such as nos. 17-19 should be avoided if possible. These 
particular alignments which do give good low-frequency 
responses in small box volumes would probably be un
popular anyway since they make such great demands on 
amplifier output in the region of cutoff. 

Alignment no. 28 is interesting in that it represents the 
result of "pure" bass lift. In the other alignments which 
use "amplifier aiding," the response often rises near cut
off, but always falls off ultimately at lower frequencies 
at a rate of 6 or 12 dB per octave. In this way, although 
increased amplifier output may be required over a com
paratively narrow range of frequencies, a greatly de
creased output, and with it, a greatly decreased cone ex
cursion, is required at the lower frequencies. But in align
ment no. 28, a simple low-frequency lift of 6 dB, such as 
results from a network with two resistors and a capacitor, 
is required. The mean frequency of lift (at which the lift 
is 3 dB) is 1.08f3. However, since the maximum lift con
tinues to the lowest frequencies, the amplifier would be 
more likely to cause intermodulation distortion with 
"rumble" components. However it does give some de
crease of box volume compared with alignment no. 5. 

It should be emphasized that these alignments are by 
no means the only ones possible. They have been chosen 
as the ones most likely to be useful and as showing the 
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Fig. 7. /:Jt. (dashed curves) and Ca,/Cab (solid curves) 
versus ja/j •. a. For design of medium and large boxes; align
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design of small boxes; alignment types QB3-B, and B"C. 
class I. 

trend of results. If more sophisticated filtering in the 
amplifier is possible, the choice widens greatly, e.g., 
there are six alignments for the eighth-order Butterworth 
response, each with its fourth-order amplifier filter and 
the ratios Ca/Cab of 0.518, 0.681, 1.000, 1.316, 1.932, 
and 2.543. 

Another possibility would be the use, instead of the 
"quasi-Butterworth" responses, of "sub-Chebyshev" re
sponses, i.e., response functions derived by multiplying 
the real coordinates of the Butterworth poles by a con
stant k which is greater than 1. 

In answer to the question proposed in 1) of Section 
I-What is a large box?-it would appear that a medium 
sized box would be one for which Vb is about the same 
value as Vas' say Ca/Cab lies between 1 and 1.414. For 
large boxes, C"./Cllb is less than 1, for small boxes Ca./ 
Cab is greater than 1.414. Table I shows that smaller 
boxes demand a smaller value of Qt. Thus if Qt is not 
properly controlled, the smaller boxes will tend to cause 
a greater peak at I h, while larger boxes will cause the 
peak to diminish. Fig. 7 is plotted from the points of 
T able I. Typical response curves for alignments no. 3, 5, 
and 8 are given in Fig. 8. 

VII. TO DESIGN A BOX FOR A GIVEN 
LOUDSPEAKER 

First, the following three loudspeaker parameters must 
be known: 1) the resonant frequency Is, 2) the Q values 
Qa and Qe, the latter being usually the controlling fac
tor. This is discussed in more detail in Section IX, Eqs. 
(71) and (72), and 3) the acoustic compliance Cas. This 
is expressed most conveniently as Vas' the volume of air 

whose acoustic compliance is equal to that of the speaker. 
Since in general the acoustic compliance, from [3, Eq. 

(5.38)] is given by 

C (58) 

then 

(59) 

where V n is the volume of the box. 
The design is commenced in one of two ways: 

1) If the box size is limited, V,) is taken as the assigned 
value. Remember this is the net volume, and that the 
bracing and the volume displaced by the loudspeaker and 
the vent (say 10%) must be subtracted from the gross 
volume. From this value and the known value of Va .• , 

the ratio Cas/Ca,) is found, and thence either from Fig. 7 
or interpolation from Table I, the values of I:l//." f:/h, 
and Qt· Hence I:{ and In are found. 

2) If a certain frequency response is required, then 13 
is the starting point. The ratio I:l/Is is found, then from 
Fig. 7, or by interpolation from Table J, 1:/1'1> Ca.,/Cab, 
and Qt. Hence Ib and Vb are found. 

The choice of alignment will depend largely on what 
can be done with the amplifier circuits. For a straightfor
ward amplifier with no filtering, alignments no. 1-9 would 
be chosen. If a slightly larger box is possible, alignments 
no. 10 and 11, with their simple CR input filtering make it 
possible to ease the power handling requirements of both 
speaker and amplifier. If a more sophisticated design of 
input filtering is possible as described in Sections V and 
XII, alignments 15-17 can be used to obtain good acoustic 
output from small boxes at the expense of higher electrical 
power output from the amplifier, while alignments no. 
20-25 are the most suitable if a fair sized box is available 
and only moderate lift is required from the amplifier, 
although in all the fifth- and sixth-order cases, the power 
required from the amplifier and the excursion dema.nded 
of the speaker decrease rapidly below cutoff. 

Having found Ib and V,» the vent dimensions may be 
found using the methods of the standard texts [8]. How
ever, the following adaptation of the method has proven 
useful for calculation. The standard form is 

(60) 

where Sv is the cross-sectional area of the vent, in square 
inches, and L" is the effective length of the vent, in inches, 
which includes its actual length together with an end 
correction. 

.·0 

Fig. 8. Typical response curves for identical loudspeakers, 
but different box sizes. Ca.lCab = 0.56, 1.41, and 4.46, cor
responding to alignments no. 8, 5, and 3 (types C" B., and 
QBa) of Table I. 
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This is written more conveniently as 

Lv/Sv = 1.84 X 108/Wb2Vb' (61) 

The quantity Lv/Sv, which has the dimension of inches-I, 
is equivalent to an inductance (acoustic mass) which 
resonates at Wb with a capacitance (acoustic compliance) 
equivalent to Vb' When Lv/Sv is found, a value is 
chosen for the vent area S". It has been shown already 
in connection with Eq. (6) that the radiation resistance, 
and therefore the operation of the vented box, is in
dependent of the value of Sv' Now it is usually stated 
that Sv should normally be the same as the effective 
radiating area of the cone [8], Le., Sd' However, this will 
often involve an excessive length of vent, especially in 
small boxes and at low cutoff frequencies, because, since 
L,,fSv is fixed, the volume LvSv displaced by the vent 
varies as Sv2• At the same time, a small amount of 
distortion is generated in the vent (see [4, Eq. 6.33]) 
which is a maximum near the box resonant frequency Wb 
and is proportional to Lv' On the other hand, Novak [2] 
quotes 4 in2 as the lower unit.2 As shown before, a 
small area vent has still a high value of Q. However, 
it will also have higher alternating velocities of air, and 
this will limit the amount of acoustic power that can be 
handled linearly. The only advice that can be given is 
to design the vent area as large as possible in the particu
lar circumstances, up to a limit equal to the piston area. 

The maximum length of Lv is usually quoted as A/12 
where A is the wavelength of sound at the loudspeaker 
resonant frequency /,. The actual requirement is that 
the vent, which is essentially a transmission line, should 
look like a lumped constant mass at all the frequencies 
for which the box is effective. That is, it must still be 
rather shorter than A/4 at frequencies somewhat above Ih 
of Fig. 5. The value of Ih with respect to Is will depend 
on the box tuning. But it also varies with CaN/Cab; with 
a smaller box, '" is higher. 

With the chosen area of vent, first calculate the part 
of L,,fS,, due to the end correction. This length L" is 
usually quoted as 

L" = l.70R (62) 

where R is the effective radius of the vent, Le., 

(63) 

This applies to pipes with both ends flanged. When a 

free-standing pipe is used, the end correction is 

L" = 1.46R (64) 
and 

(65) 

In a pipe the end correction is not usually a large part 
of L,,fSv' It forms the larger part when the vent is a 
simple hole in the front panel and then Eq. (63) is correct. 

A method favored by the writer, if styling permits, is 
to build a shelf into the bottom of the box as in Fig. 9, 
with a spacing I from the back panel equal to the height 

2 This is presumably for the particular case he considers 
wh�re t. is 25 Hz, and the acoustic output power is high. For 
a hlgher box resonant frequency and! or lower power an even 
smaller vent area seems permissible. 

' 

Fig. 9. Simple method of making a tunnel or duct. 

of the opening in the front pane!. In this case, the effec
tive length of the tunnel is the box depth d plus the end 
correction as given by Eq. (62) and allowances for 
thickness of lumber. This vent is tuned by varying l. 

When (Lv/ S,,) end is found, it is subtracted from the 
required value of Lv/Sv, and from this, the actual length 
L,: is calculated. If this value is unsuitable, another value 
of Sv is tried and so on (see Appendix). 

With regard to box dimensions, it is desirable to take 
all precautions to prevent strong standing waves. If a 
corner box is made, the problem is usually fairly easy to 
solve since the box sides are splayed at least in two dimen
sions. If a rectangular box is made, and if styling allows, 
the inside dimensions should be in the preferred ratio 
for small rooms, that is, 0.8:1.0:1.25 or 0.6:1.0:1.6. In 
any case, the speaker should be mounted away from the 
center of the front pane!. 

The need for sound sealing, with good glued joints, 
adequate bracing, and adequate damping of the internal 
surfaces has been stressed often before, so no more need 
be said of it here. The same is true for the improvement 
in performance that is obtained by placing the box in the 
corner of the room, and also by building the sides of the 
box right down to the floor. However, this last does not 
seem to be realized sufficiently and the current fad for 
mounting all furniture on legs causes much unnecessary 
loss of performance in loudspeaker boxes. 

Finally the value of Qt required by the alignment is 
compared with the values Qa and Qc available, and suit
able adjustments are made to the amplifier to achieve a 
correct overall Qt. This is dealt with in Section XII, and 
a worked example is given in the Appendix. 
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Loudspeakers in Vented Boxes: Part 11* 

A. N. THIELE 

Australian Broadcasting Commission, Sydney, N.S . W. 2001, Australia 

Editor's Note: Part I of Loudspeakers in Vented Boxes 
was published in the May, 1971 issue of the Journal. 

VIII. LOUDSPEAKER EFFICIENCY 

In Eq. (12 )  an expression was derived for the efficiency 
of a loudspeaker in a box, which consists of three parts. 
We have considered, in the meantime, the third part 
which varies with frequency. We now consider the first 
two parts. Thus the basic efficiency 

'Y}ob = (Po/47TC) (B212Si/ReM2ms). (66) 

If this experience is compared with Beranek's Eq. 
(7.19) it will be seen to give one quarter of his value, 
after the differences in notation are allowed for. 

1 )  Multiplication by 100 to give percentage. 
2) The definition of "nominal input power" in Eq. 

(10) of this paper as the power delivered by the ampli
fier into the nominal speaker impedance Re3• Beranek's 
treatment is based on the idea of maximum power trans
fer when the load impedance is equal to the generator 
impedance, as in his Eq. (7.14) . If this condition, Rg = 

Re' is substituted in his Eq. (7.19) ,  one of the conditions 
for agreement with Eq. (66) is satisfied. However, in 
dealing with the output power from an amplifier, the 
writer prefers to consider the power delivered into the 
load without regard to the output impedance Rn' for the 

3 The !I<?minal. impedance of a loudspeaker is usually taken 
as !he. mmI�um Impedance at mid-frequencies, at fn in Fig. 5. 
ThIS IS � lIttle greater than Re; but for simplicity, and it is 
hoped wIthout too much confUSIon, the nominal impedance is 
taken here as R . p. 

* Reprinted from Proceedings of the IRE Australia, vol. 
22, pp. 487-508 (Aug. 1961). For Part I see J. Audio Eng. 
Soc., vol. 19, pp. 382-392 (May 1971). 

relationship of Rg to the optimum load impedance depends 
in the first place on the n ature of the output device, 
transistor, pentode, or triode. Furthermore, Rg can be 
manipulated by feedback techniques (see Section XII) 
to almost any desired value without affecting the condi
tion for optimum output power. Hence the treatment in 
this paper. 

3) The lumping in this paper of all mechanical mass 
into Mms' 

The additional multiplication factor of one quarter 
arises from the following. 

4) Beranek's figure being for the radiation from both 
sides of the diaphragm, giving twice the output from one 
side. 

5) The assumption in this paper that the radiation 
resistance in a box is that of a piston at the end of a 
long tube [3, p. 216]. This radiation resistance is one half 
of that of a piston in an infinite baffle. 

Thus the results are consistent. We will continue here 
to use 'Y}ob' unless stated otherwise. But it is important to 
define efficiency in terms of actual use and to remember 
that the value of 'Y}ob, being the basic efficiency in a box, 
is one half the efficiency on an infinite baffle and one 
quarter of the efficiency, if radiation from both the front 
and back of a speaker in an infinite baffle is considered. 

To simplify the understanding of Eq. (66 ) ,  we make a 
further substitution. It can be shown that 

(67) 

where er is  the resistivity of the conductor and V cu is 
the volume of the conductor assumed to be completely 
within the air gap. In so far as the conductor overlaps 
the air gap a correction factor would be applied. Then 
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Eq. (66) becomes 

that is, once the voice coil conductor material, and there
fore (T, is chosen, the loudspeaker efficiency depends 
on the four parameters in the second bracket. Without 

digressing too far into the problem of loudspeaker design, 
it is noted that this shows the two basic questions in 
loudspeaker design for good efficiency at low frequencies. 

1) How to make the product B�V"1! a maximum for a 

given magnet, since the larger V,.u is made, the wider 
and/or deeper is the air gap, and hence the lower is B. 

2) How to make Sd2/Mm,,2 a maximum, since the 
l arger the area the greater the mass for a given cone 
thickness. If thickness is reduced, break-up problems 
increase due to nonlinearity of the piston drive. In con
ventional designs the mass of the voice coil is small (less 

than 20% ) compared with the mass of the cone, so there 
is l ittle interaction between V"1! and Muw 

The writer prefers to express efficiency as an electro
acoustic conversion loss 

dB,." = 10 logw 7]. (69) 

For example, 1 % efficiency is equivalent to 20-dB electro
acoustic conversion loss. This facilitates comparisons 

between different designs and estimations of the acoustic 
level (in phons) which a speaker will provide with a 
given amplifier and listening room (see Appendix) .  

IX. RELATIONSHIP OF EFFICIENCY 7], a, 
AND BOX VOLUME 

First we take Eq. (57) and break Qt into two com
ponent parts, one due to the acoustic resistances and the 
other due to electrical damping, so that 

I/Q! = I/Qa+(1/Q,.) [Rr/(Rg+Rr) ). (70) 

Then from Eqs. (8) and (57) , the acoustic Q of the 
loudspeaker 

(71) 

and the electrical Q of the loudspeaker 

(72) 

i.e., 
(73) 

Again if we consider the approximate relationship 
established in Table I that 

(74) 

thus, converting the acoustic compliance of the box into 
the equivalent volume of air, the box volume 

remembering that this approximate relationship holds only 
in the absence of amplifier assistance. 

Now considering together Eqs. (68) , (73) , and (75) , 
the following points emerge. 

1) The same considerations that ensure high efficiency 
also ensure a low Q,., except that Qc is independent of the 
projected piston area Sa and depends only on the first 
power of the cone mass Mm. instead of the second power. 

2) The box volume depends. apart from the choice of 

cutoff frequency f:1, only on Sd� and M »IN' Reduction of 
box volume by reduction of S" involves an increased 
cone excursion, which is inversely proportional to Sa 
and Wh�' for a given acoustic power. If the box volume 
is reduced by increasing Mill." 7] is decreased even more 

(see Eq. (68», necessitating increased amplifier power. 
It would seem that the well-known R-J enclosure works 
this way. The opening in front of the cone is restricted, 
and this increases the air mass loading Ma1 of Fig. 1 
in the same manner as a vent. Thus Mill., is increased and 
the box volume V,,, i.e., Cah, for a given low-frequency 
cutoff is reduced, but at the price of reduced efficiency 
throughout the piston range. 

3) The best way of increasing 7] and lowering Qc i s  
to increase the flux density B. But if one starts with a 
reasonably high value of B in the first place, the cost of 

obtaining an extra decibel of efficiency increases rapidly. 
So again to obtain a given amount of acoustic power at 

a given price, a compromise must be struck between the 
sizes of magnet, box, and amplifier. However, this dis
cussion does show the reason for the large magnet, long 
throw, heavy cone designs used overseas in small "book
shelf boxes." 

Note that Qa in Eq. (71) depends only on acoustic 
reactance and resistance, that is, Qa is independent of B. 

Substituting Eqs. (58) and (73) in (68 ) ,  we obtain the 
interesting relationship 

(76) 

where V"8 is the volume of air equivalent to the acoustic 
compliance of the loudspeaker, or 

(77) 

where Vas is in cubic inches. Thus the basic efficiency of 
the speaker can be calculated from the three parameters 
which are used for the design of the box. A physical 
explanation of the variation of 7] and Q,. is given at the 
end of Section XII. 

X. EXCURSION OF LOUDSPEAKER CONE 

In the derivation of Eq. (12) it was found that 

U,./(Ue-Up) = 1-I/w2M,",C",) 
= 1-(wb/W)�, (78) 

Thus the acoustic output power radiated by the cone 
alone is 

(79) 

Now starting from the relationship 

(80) 

which is [4, Eq. 6.13], where Rma is the mechanical radi
ation resistance and x is the rms velocity of the piston in 
cm/s, it is possible to derive an expression for peak cone 
movement, 

(81) 

or 

(82) 

where Xpk is in inches (note that this x which stands for 
excursion is unrelated to the shape parameter x of Eq. 

193 



194 

1.0r-....... ..-::::r:-- -;---,---,---,----, 
-- 2' 

06�----�-����--���-r_----r
EXCURSION ./ 
0.4�-.L-

----:::F�C-h----I--------�_:_--t--------f 

OL-__ I____ __ I_____�� __ I____ __ I_____� 0·35 050 071 10 1·41 
FREQUENCY (1'1 fb) 

2·0 283 

Fig. 10. Normalized cone excursion versus normalized fre
quency for various orders of Butterworth response with loud
speaker in vented box (solid curves) and in infinite Baffle 
(dashed curves). Curves are numbered for order of response, 
Normalized excursion is 1 {f,,/f}' - {f,'/f} , 1 • IE(jw) I, part of 
Eq. (84). 

(2 1 ) et seq.), S" is in square inches, and W,"", is in watts, 
Again allowance is made for the fact that the loudspeaker 
is mounted in a box so that the radiation resistance is 
half the value for an infinite baffle. Thus Eqs. (81) and 

(82 ) will give values for displacements which are y'2 
times those given in [4, Fig. 6.9]. Thus 

Xpk = 5.1 7 X 1O';('7",)W,.;)"[I-(wh/w)�]IE(iw)i/w2Sd' 
(83 )  

If we write this expression as 

XfI/, = [1.31 X IOc'h""W,.)0/1,?Si/] [(w/,/w)� -(w/,/w)I] 
lE (jw ) i ( 84 ) 

it is apparent that there are two parts, one fixed for a 
given speaker and box (no:e frequency I h in this expres
sion) and one that varies with frequency. This latter ex
pression is plotted in Fig. 1 0  for various Butterworth re
sponses, in which box, speaker, and cutoff frequencies 
are identical. The solid curve 4 gives the excursion of 
the classical fourth-order Butterworth alignment no. 5 
of Table l. Solid curve 5 refers to the fifth-order Butter
worth alignment no. 10, which includes a simple auxiliary 
filter. Solid curve 6 refers to the sixth-order Butterworth 
alignment which is ide.ntical for nos. 15, 20, and 26, since 
both frequency response and box resonant frequency are 
the same in each. For comparison, the dotted curves give 
the excursions for the same speaker in an infinite baffle 
(totally enclosed box) with the same power. Dotted curve 
2 applies to a speaker with a second-order Butterworth 
response (Qt = 0.707) . Dotted curve 3 applies to a third
order Butterworth response (Qt = 1, with a simple aux
iliary filter). Dotted curve 4 applies to a fourth-order 
Butterworth response (Qt = 1.307, with a second-order 
auxiliary filter). The frequency response is the same as 
solid curve 4, but it is obtained by different means. The 
curves show the following. 

1) The excursion below resonance is reduced greatly 
in both vented box and infinite baffle when an auxiliary 
highpass filter is used. The first-order auxiliary filter gives 
a good improvement especially in view of its simplicity. 
The second-order auxiliary filter not only allows a greater 
reduction of cone excursion, it also allows the use of 
three separate box alignments for the same response and 
allows box volume to be traded for amplifier power in 
the case of the vented box. The Butterworth curves with 
second-order auxiliary filters are symmetrical about the 

center frequency. There seems little need therefore to 
use more elaborate filtering. 

2) Even more important, the excursion of the cone is 
reduced greatly when the loudspeaker is placed in a 
vented box. The curve predicts zero excursion at the box 
frequency. This arises from the assumption that the Q 
of the box circuit is infinite. While this cannot be achieved 
completely in practice, the excursion at the box frequency 
will be low so long as the ratio of Q of the box to Q of 
the speaker is high, as demonstrated in Section lI. 

Of course, if resistance is deliberately introduced into 
the box circuit, as by making the vent from a number of 
small holes or by stretching fabric across the vent, the Q 
will be greatly reduced and some of the advantage of 
the vented box will be lost, as shown in the next section. 
Fig. 1 0  refers only to Butterworth responses. In Fig. 1 1 , 
a plot is made of the function l(wh/w)�-(W,jw)41 against 
frequency. If, for example, in a Chebyshev response the 
frequency response is known, the excursion at different 
frequencies can be found by reading off the function at 
a given frequency on Fig. 11 and multiplying it with the 
frequency response. The rapid rise of the function be
tween normalized frequencies of 1 and 0.71 shows why 
responses should be preferred in which It, is not too 
much greater than 1:1, Thus with respect to cone excur
sion, an alignment in the group 20-25 would be preferred 
to its counterpart in the group 15-19 which has a lower 
value of Idl". 

lt would seem that in published ratings of loudspeakers, 
the maximum excursion XIII//.>' would be more useful than 
the conventional rating of maximum input power. The 
latter might save the loudspeaker from a meited voice 
coil, but when mechanical damage or undistorted acous
tic output are of interest, X",n.r' along with the kind of 
baffle and the alignment, determine the performance. 

XI. BOXES WITH RESISTIVE LOADING OF VENT 

Good results have been reported with resistively loaded 
vents [I]. These were therefore investigated using both 
series and parallel loading of the vent as shown in Fig. 12. 
In both cases, the resistance was assumed to be constant 
with respect to frequency and the response function was 
found to be of third order. 

This, by the way, explains a discrepancy between the 
statements in [3, p. 244] and in [2, p. 11] that the drop 
in response below cutoff is 18 dB per octave, even though 
[2, Eq. 15 )], which is equivalent to Eq. (20) of this 
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Fig. 11. Function 1 (/,'/f) , - (/,'/f) 'I versus normalized fre
quency fit". The function, part of Eq. (84), is used to com
pute excursion when frequency response IE(jw) 1 is known. 
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Fig. 12. Equivalent acoustic circuit of loudspeaker and box 
showing added acoustic damping in series or parallel with 
vent. 

paper, obviously has an asymptotic slope of 24 dB per 
octave. In the practical case, where resistance loading 
of the vent however small will be encountered, the asymp
totic slope will eventually be 18 dB per octave; but so 
long as the original simplifying assumptions hold, the 
response in the region that concerns us will be effectively 
24 dB per octave. 

The expressions are, for the case of series resistance 
loading, 

E(p) = 1/{l + (l/p) (l/QbTb+QbTb/T28) + (l/p2) 
(l/T82 + 1/Tb2+Ca8/CabT82) + Qb/p3Ts2Tb} (85) 

when 

(86) 

and Qb is defined as the ratio of acoustic mass resistance 
to series acoustic resistance of the vent at the box reso
nant frequency. 

For the case of parallel resistance loading, 

E(p) = 1/{l + (l/p) (QbTb/T .• 2+1/QbTb+CasTb/ 
CabT82Qb) + (1/p2) (l/T82 + 1/Tb2+Cas/CabTs2) 

+ Qb/p3T82Tb} (87) 
when 

and Qb in this case is the ratio of parallel acoustic resist
ance across the vent ( series resistance being assumed 
negligible) to acoustic mass reactance. Note the inversion 
of the expression for parallel Qb compared with that for 
series Qb' Since these equations are of third order and 
there is one extra variable Qb' there are two extra de
grees of freedom in the design. However, one is removed 
if an all-pole function is desired, hence Eqs. (86) and 
(88 ) .  Before an alignment is commenced, one other pa
rameter must be fixed arbitrarily. The ratio Cas/Cab seems 
the easiest to handle for this purpose. Thus in a third
order Butterworth alignment, if Cas/Cab is made 1.414, 
for comparison with the fourth-order Butterworth align

ment no. 5 of Table I, the results are as given in Table 11. 

Table 11. Parameters for third-order Butterworth alignment 
with resistive vented loading. 

Method of Loading; fa/f, fa/f. Ca, /Ca• Q, Q. 
Series Resistance 1 . 3 1 7  1 .285 1 .4 1 4  0.379 2.22 

Parallel Resistance 1.420 1.120 1.4 1 4  0. 352 2.25 

No Resistance 1.000 1.000 1 .4 1 4  0.383 00 
(Alignment No. 5, 

for comparison) 

It will be seen that although the box had the same 

volume, the cutoff frequencies for the resistively loaded 
alignments are 1.32 and 1.42 times higher than no. 5 of 
Table I. Compared with previous alignments ( no.  1-9 of 
Table I) those of Table 11 are most inefficient in utiliza

tion of box volume, there is no compensating freedom to 
use a larger value of Qt, in fact it needs to be a little 
smaller, finally and more important, the excursion of the 
speaker near cutoff frequency is greatly increased. For 

these reasons, the use of acoustic damping seems to be 

unjustified. It is realized that the cases treated here use 
resistances which are constant with frequency. Some 
acoustic resistances, as described for example in [3, Eqs. 
(5.54) and (5.56)] ,  vary with frequency and might have 
a somewhat different effect. However, the use of added 
damping with the attendant dissipation of input power 
seems to be wrong in principle, unless a suitable alterna
tive cannot be found. It is believed that the method out

lined already provides the suitable alternative. 

Effect of Losses in Box and Vent 

Having established that intentional loading of the vent 
is undesirable, it is of interest to know the effect on the 
ideal response, obtained by assuming zero loss, of small 
unavoidable losses in the box and vent. We will only 
consider performance at the box resonant frequency, 
since at this frequency 1) the box circuit contributes 
most, in the ideal case all, of the acoustic output, and 
2) the losses in the box circuit are greatest. 

In the ideal case, the transfer impedance connecting 

the input force EgBl/Sr/(Rg+Re) with the vent volume 
velocity Up in Fig. 2, at the box resonant frequency CUb' 
is jcubMav. If now we express all the losses in the vent 

and the box as Qb' the "Q of the box and vent circuit," 
the transfer impedance, and thus the frequency response 
at CUb is reduced by a factor which we will call the maxi
mum box loss (Ab)max' Then, to a close approximation, 

If we apply the approximations of parts 1) and 2) of 
Section VI for the "unassisted" alignments no. 1-9 of 
Table I,  Eq. (89)  is simplified to 

that is, for a given value of Qb' the box loss increases 
with higher values of fb/f3 and thus, larger box sizes. 

To illustrate the effect of box loss, Eq. (89) is applied 
to various alignments. Taking first the classical alignment, 
no. 5 of Table I, the maximum box loss is 0.5 dB when 
Qb is 30 and 1.5 dB when Qb is 1 0. Taking other, ex
treme, alignments when Qb is 30, the losses for align
ments no. 1, 9, 19, and 25 are 0.3 dB, 0.7 dB, 0.5 dB, 
and 0.7 dB, respectively. Thus it can be seen that a Qb 
of 30 will have little effect on any alignment. With a 
Qb of 10, the losses are 0.9 dB, 1.9 dB, 1.5 dB, and 2.2 
dB, respectively, i.e., when the box Q is reduced. three 
times, the maximum box loss is increased approximately 
three times in each case. A method of measuring Qb is 
given at the end of Section XIV and illustrated in the 
Appendix. 
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Table Ill. Change of output impedance Rg with type of feed
back. 

Voltage Feedback 

Curr(,llt Feedlmek 

XII. AMPLIFIER CIRCUITS 

Negative Output Impedance 

Positive 

}{.g Iucreases 

Ra Decreases 

It is essential to the method that the overall Qt of the 
loudspeaker plus amplifier be properly controlled within 
± 10% for ± 1 dB accuracy of response. As explained in 
Section V, if Qt is twice the optimum value, a 6-dB peak 
results. Similarly if Qt is too small, there will be a dip in 
the response. Thus it is important that the speaker Qe 
be known, either from information supplied by the manu
facturer or by measurement, and that the amplifier output 
impedance be then adjusted to give the required overall 
value of Qt. It is assumed in the following that the avail
able speaker Qe is larger than the required Qt. This is 
the more usual case, especially with lower priced loud
speakers. But if it is smaller, a suitable adjustment can 
easily be made, for example, by changing the positive 
current feedback to negative current feedback. 

The subject of amplifier output impedance control 
properly requires another paper, which it is hoped will be 
presented later. For the present only some general results 
will be given. 

If feedback is applied to an amplifier, not only does 
its gain change. but its effective output impedance Rg 
changes also; not its optimum load impedance which re
mains unchanged by feedback but the impedance which is 
seen when looking back into the amplifier output ter
minals. The effect of applying different kinds of feed
back is show.n in Table Ill. 

The terms voltage feedback and current feedback refer 
of course to feedback of a voltage which is proportional 
to output voltage and output current, respectively. In the 
latter case, this is usually achieved by placing a small 
resistor in series with the load, and taking the voltage 
drop across it for feedback. It will be seen that not only 

does negative voltage feedback reduce the output im
pedance Rv' positive current feedback reduces Rg also, and 
to the greater extent that Rg can be made zero or negative. 

Negative output impedance is characteristic of oscil
lators ; one therefore tends to be wary of it as tending to 
instability. But this can only happen when the positive 
output impedance presented by the load is less than the 
negative impedance presented by the amplifier. Now the 
impedance of a loudspeaker in a box, typified by Fig. 5 ,  
can never be less tha.n its dc resistance R e  of Fig. 4. The 
only exception is at very high frequencies, where the 
shunt capacitance of the connecting leads takes effect. 
But unless the leads are very long and the nominal im
pedance of the speaker is high, this will not usually take 
effect within the bandwidth of the amplifier. And in a.ny 
case, we will want to eliminate the negative impedance 
characteristic at the higher audio frequencies for reasons 
that will be discussed later. Thus a negative impedance 
amplifier can be made completely stable apart from gross 

misadjustment, such as connecting a loudspeaker of much 

lower impedance than the design figure or short-circuiting 
the output leads. 

The method of applying mixed feedback is shown in 
Fig. 13. It will be seen that if the sense of the voltage 
developed across the potential divider R3 and R4 is nega
tive, then the voltage developed across the current feed
back resistor R2, usually made less than 1/10 the nominal 
impedance of the speaker to minimize power loss, will be 
positive. The circuit shows why this method is sometimes 
described as bridge feedback. Usually the circuit is ar
ranged to be unbalanced at all frequencies so that the 
net feedback is always negative, but it need not .neces
sarily be so. For example, if no net negative feedback is 
desired, so that there is no overall gain reduction with 
nominal load, the bridge will be balanced at nominal 
load. 

Physically, the circuit can be thought of as having a 
certain amount of feedback with nominal load, in which 
the negative voltage feedback is partially neutralized by 
the voltage from the positive current feedback resistor. 
If the impedance Zl is open-circuited, the current feed
back from R2 disappears leaving a greater amount of 
negative feedback. Thus the output voltage may be less 
on open circuit than on nominal load. This is the effect 
we describe as negative output impedance. Its exte.nt, or 
whether it is seen' at all, will depend on the original gain 
and output impedance of the amplifier and the value of 
the feedback resistor R2. Thus if we have, as in Fig. 4, a 
loudspeaker resistance Re' and make the effective output 
impedance of the amplifier Rq equal to, say, -0.6Rc' the 
total effective impedance of R'l + Re becomes + OARe· 
And if the Qe of the loudspeaker is 1.0, this will make 
the overall Qt a value of 004 by applying a maximum of 
1.0/004 times, i .e. ,  8.0 dB, extra gain reduction by nega
tive feedback whe.n the impedance of the speaker becomes 
high, as at th and fz of Fig. 5. (Need it be emphasized 
that this form of damping does not dissipate amplifier 
output power, except in the small current feedback re
sistor. It reduces power by feedback at the source . )  

This fact necessitates a degree of additional care in  the 
design of negative impedance amplifier. For when the 

load is open-circuited, the negative feedback rises to the 
maximum; in this case a gain reduction of 8 dB above 
the nominal value, and the stability margin will be re
duced. The size of the negative impedance will in prac
tice be limited either by this consideration or by the need 
for a feedback resistor so large that it  dissipates an ap
preciable part of the output power. 

An alternative method of control damping uses a 
feedback winding closely coupled to the voice coil. In 
this way, feedback can be taken effectively from the 
junctio.n of Re and Le in Fig. 4. Simple negative feedback 

FEED BACK VOLTAGE 
TO AMPLIFIER 

Fig. 13. Method of applying mixed feedback (positive cur
rent and negative voltage). 
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then reduces an effective output impedance which is the 
sum of Rg + Rc. Thus Qt is reduced in the same way as 
before. Since the impedance of the feedback circuit is 
usually high compared with the voice coil impedance, 
the feedback winding can be made of very fine wire. In 
fact, if it is wound bifilar with the main winding with 
wire 16 B&S gauges smaller, it will fit into the air spaces 
between the larger wires. It thus takes up no more space 
in the air gap and adds less than 3 % to the mass of the 
copper in the voice coil. Unfortunately, such a winding 
is difficult to achieve in production and is thus rarely, if 
ever, used. 

If negative impedance is applied, it reduces the output 
voltage whenever the load impedance is high, i.e., not 
only in the region of 11 and /" in Fig. 5, but also at fre
quencies above In where the impedance rise is due to 
the inductance L,. of Fig. 4. At high frequencies, this con
tributes nothing to the acoustic damping of the speaker, 
but simply reduces the high-frequency response, in the 
case quoted above, a maximum of 8 dB. This is usually 
undesirable, so the negative impedance should be elimi
nated at the higher audio frequencies. One method 
among several possible is shown in Fig. 14a. Here an 
inductance L� is added to the feedback resistor R"2 with 
a time constant L�/ R'.! matching that of the speaker, 
usually in the range of 30-60 p.s. This can be easily done 
by winding a solenoid of copper wire which combines 
resistance R'.! and inductance L'.!. However, since this 
achieves its result by feeding back an increasing positive 
voltage to neutralize an increasing negative voltage, quite 
small unbalance between the two can cause instability 
at high frequencies. 

On the other hand, consider the circuit of Fig. 14b 
where the lower resistor of the negative feedback potential 
divider R4 becomes two resistors R�, and Rn in series. 
Suppose that a suitable set of resistors R2, R:1, and R4 
has been found to give the correct gain and output im
pedance for low frequencies with the dotted connection 
open-circuited. It is then possible to find a tapping point 
on R4 (i.e., the junction of R" and R,J such that the same 
gain is obtained on nominal load whether the dotted 
connection is open circuit or short circuit. This is done 
by connecting the nominal load and making R:; and Rn 

a potentiometer whose wiper is grounded through a switch. 
The wiper is adjusted until the gain is the same with the 
�witch open or closed. In the open-circuit condition, the 
output impedance will be the value originally chosen, but 
on short circuit, most of the positive current feedback 
will be eliminated. If then a capacitor is substituted for 
the switch as shown in Fig. 14b, the output impedance 
will change from a negative value at low frequencies to a 
small value, either positive or negative depending on the 

FEEDeACX FEEDBACJ( 

Fig. 14. Methods of eliminating negative output impedance 
at high frequencies. 

particular circuit. The frequency of changeover, which 
should be, say, two octaves above Ill' depends on the. 
capacitance C and the resistances R" and Rn. At the same 
time, the gain of the amplifier on nominal load stays 
constant over the whole audio range. 

Auxiliary Filters 

The auxiliary filtering needed for sixth-order alignments 
is best provided by circuits using RC networks in a feed
back loop ahead of the main amplifier. In general it is 
unwise to use the main amplifier feedback loop to provide 
both negative impedance and high-pass filtering. It is 
hoped to deal with this in a later paper, but for the mo
me.nt the reader's attention is directed to the extensive 
literature, of which [9] and [10] are examples, concerning 
low-frequency filters without inductors, which use resis
tors, capacitors, and tubes in comparatively inexpensive 
combinations. 

Maximum Power at Maximum Impedance 

The electrical impedance seen at the terminals of a 
loudspeaker varies greatly with frequency, but output 
stages deliver maximum power into a comparatively 
narrow range of impedances. To consider the maximum 
acoustic power that can be delivered by an amplifier 
through a loudspeaker, we return to the equivalent elec
trical circuit of Fig. 4. together with the impedance 
curve of Fig. 5. For this purpose, we ignore for the 
moment the inductance L,. with its electrical shunt loss 
R.'1I and assume that the curve of Fig. 5 reaches a final 
value of Rc above fn-

The acoustic output depends on the voltage across Rc." 

which includes the electrical equivalent of the radiation 
resistance Rar,• Since Rarl varies with frequency squared, 
the voltage across R, .. , needs to vary inversely with fre
quency to maintain constant acoustic power. At the higher 
frequencies the motional impedance is much lower than 
Rc and is controlled by the reactance of CIlIf,,,, which is 
equal to B21'.! / Mm.,. Thus the condition for flat response 
is achieved, often described as mass control.4 

If B is varied while Rc remains constant, the motional 
impedance at any given high frequency within the piston 
range will increase with B2, The electrical equivalent 
of radiation resistance, though small, will increase and 
with it the ratio, again small, of acoustic power radiated 
to electrical power input. Thus efficiency varies with B'.!. 
At the same time the increase of motional impedance 
while the resistance RI' remains constant causes Qc, the 
electrical Q, to decrease inversely with increasing B2. 

But as the frequency decreases, the motional impedance 
rises, reaching at III and again at 11 a maximum value of 
R,., which is usually several times the resistance R". 
Thus at these peaks the motional impedance, which at 
high frequencies was negligible compared with Re' is 
now the major part of the total impedance. Suppose for 
simplicity that it comprises all of the speaker impedance. 
This time when B is varied and the motional impedance 

4 This should not be confused with the technique of mass 
control practiced by politicians and advertising people. In 
that context, the reactance is usually assumed to result from 
the equivalent of a compliance, and hence to decrease with 
signal frequency. 
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varies as B2, then for a given acoustic power output the 
voltage across Re., which is virtually the input voltage, 
will need to increase with increasing B. Summarizing, 
for a fixed acoustic power output, an increase of B will 
decrease the input voltage required at high frequencies, 

and increase the input voltage required at the impedance 
peaks. Also Q,. will decrease. 

With a load impedance much larger than nominal, the 
criterion of performance of the amplifier becomes, not 
output power, but the undistorted output voltage on open 
circuit. This will always be larger than the undistorted 
output voltage at nominal load; how much larger will 
depend on the design of the amplifier. 

Now if the Qt required for a flat frequency response is 
identical with the Q,. of the loudspeaker, then if we ignore 
Q", the generator impedance RI, must be zero. Thus for 
a constant acoustic power output the same voltage will be 
required at the loudspeaker terminals at all frequencies, 
and all impedances, so that at the frequency lit some
what more maximum acoustic power is available than 
at higher frequencies. 

If the Q, required is less than Q,., R" will need to be 

negative, and for constant acoustic power and ampl ifier 
output voltage, at the junction of R!/ and Rc in Fig. 4, 
will fall at lit. But if the Q, required is greater than Qe, 
R" will need to be positive, and the amplifier output 
voltage for constant acoustic power will rise at lit. If the 
ratio of increase of voltage required is greater than the 
ratio of amplifier undistorted output voltages on open 
circuit to on-load, it is possible for less maximum acoustic 
power to be available in the region of t" than at other 

frequencies in the useful band. But since low values of 
Q,. are normally associated with high efficiency. this is 
only likely to occur with high-efficiency, usually high

quality speakers. It should not cause trouble until Q,. is 
less than half Q,. and even then the maximum acoustic 
power in most program material is less at frequencies 
below 100 Hz than around 400 Hz. 

Thus there is a paradox that a highly efficient speaker 
m ay deliver less power around lit than at higher frequen
cies, while a less efficient speaker delivers more. This will 
depend on the ratio of Q,. to Q, and of amplifier undis
torted output voltage off-load to on-load. 

Related to this topic is the flattening of the impedance 
characteristic which is usually considered to be a good 
feature of vented boxes. Reference to Fig. 5, and com
parison with Fig. 16, shows that. with the simplifying 
assumption that the resistive losses in the box and vent 
are negligible, the height of the impedance peak Rc + Re, 
peaks at III and I, and raise the minimum impedance at lb' 
But this is incidental, and the relative heights are of little 
importance. Thus the idea of tuning the box so that 
the impedance peaks at lit and I, are equal, misses the 
real point. In the impedance curve of a loudspeaker in 
a box, the most useful information is not the values of 
the impedances, so long as box and vent damping is not 
too severe, but the values of the frequencies h" Ib, and Il• 
Knowledge of these three frequencies alone enables a 

box alignment to be checked by Eqs. ( 1 05)  and (106 ) .  

I t  should be clear that flatness o f  the impedance char
acteristic is no indication of flatness of acoustic response. 
Take as an analogy a coupled pair of tuned circuits. When 
the output voltage. or more exactly the transfer imped
ance, is maximally flat, the input impedance has two 

peaks. If one parameter is known, say the ratio of 
primary to secondary Q, the transfer impedance can be 
deduced from the input impedance, just as we do for 
loudspeakers in Eqs. ( 105) and ( 106 ) .  But a flat input 
impedance characteristic does not indicate a flat transfer 
impedance. In a loudspeaker. the impedance character
istic has greater peaks, whose height depends purely on 

the acoustic damping, though this contributes little to the 
overall system damping, and thus the overall frequency 
response. 

XIII. EFFECTIVE REVERBERATION TIME 

An objection sometimes made to the use of vented 
boxes is that the slope of attenuation beyond cutoff, 

24 dB per octave, is much steeper than the 12 dB per 
(lctave of a speaker on an infinite baffle, and therefore 
the transient response is worse. In a low-pass filter, the 
ringing associated with steep attenuation slope is vir:ually 
removed by the use of Thompson or critically damped 
responses. But in high-pass filters such as are considered 
here, there is always some overshoot with filters of order 
two or more. To estimate its effect on a listener we use 
the concept of "effective reverberation time." 

Imagine that we have a source of sound in a room 
which has built up a steady field. The source is then 
stopped. The sound in the room does not stop immediately, 
but dies away gradually. The time taken for the sound 
to decay is called the reverberation time, defined as the 
time taken for the sound pressure in the room to fall 
60 dB from its original value. In small rooms the rever
beration time will probably lie between 400 ms for a 
highly damped room to 1 s or more for a live one. 

When the sound passes through two reverberant rooms 
in cascade, the law of the resulting overall reverberation 
time is not well establishd, but calculations on cascaded 
high-pass filters suggest that rms addition gives at least 
a guide. In any case it would appear that an added 
reverberation time of 200-300 ms should not appreciably 
color the reproduction . 

When a transient is applied to a filter and it rings, the 
effect is perceived by the ear, or brain, as an extension 
of the transient event in time. Hence the expression 
"hang-over." To express the effect of the ringing then, 
an idea is borrowed from architectural acoustics, and the 
effective reverberation time of a filter is defined as the 
time taken, after a step function is applied, for the am
plitude of the envelope of ringing to fall 60 dB below the 
amplitude of the original step function. 

For the higher order filter functions. with two or more 
second-order factors, only the most lightly damped factor 
need be considered. For, by the time the ringing due to 
the most lightly damped factors is 60 dB down, the ring
ing due to the more heavily damped factors is negligible. 
This eases computation greatly. 

Actually, at low frequencies the reverberation time de
fined above will be rather longer than the time the sound 
is perceived by the listener. To see why, we consult the 
much abused Fletcher-Munson curves [4, Fig. 1 2.11]. 

Suppose, for example, that the original sound is at 
100-phon level. This is probably the maximum a system 
could reproduce, or a listener tolerate. Now at 50 Hz the 
threshold of hearing is 51 dB above reference level, 
that is, 49 dB below our arbitrary listening level. At 
25 Hz the threshold of hearing is 67 dB above reference 
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Table IV. Reverberation times for various alignments. 

Type of response il2 C2 C 2 

Q, (for second order alignmpnts) 0.707 1.000 1.414 

k (for sixth order alighments) 
Alignment numbers 

Tin18 (in periods of cutoff fre-
quency) Ui3 2.24 3.17 

Time for .50 c /s cutoff (rni'l) 33 4;; 63 

level, that is, only 33 dB below our arbitrary listening 

level. At 25 Hz, therefore, the effective reverberation 
time for the listener cannot be greater than the time in 
which the sound level falls 33 dB, i.e., about half the 
reverberation time as defined conventionally. Thus at 
low frequencies in general, the conventional definition 

based on a 60-dB fall in level yields a reverberation time 
rather longer than a listener will hear. (This is probably 
the reason for the observed increase in optimum rever
beration time at low frequencies, see [4, Fig. 11.11] . )  

I n  a filter which cuts o ff  sharply, the major ringing 

frequency will be close to the cutoff frequency. Also for 
a given shape of response curve the reverberation time 

can be expressed as a certain number of cycles of the cut
off frequency (see Table IV) , i.e., the reverberation time 
increases with decreasing cutoff frequency. On the other 

hand, below, say, 50 Hz, its effect on the listener will 
decrease at approximately the same rate. Thus for all 

filters of a given response curve shape, the figure for 
50 Hz should give a rough idea of the maximum rever
beration time, as perceived by the listener. 

Calculated reverberation times are given in Table IV. 

The first three alignments are of second order, corre
sponding to a loudspeaker on an infinite baffle. For these, 
the values of Qt are shown. Note that the reverberation 
time, though low, doubles as Qt increases from 0.707 to 

1.414, that is, when the frequency response goes from 

maxim ally flat to a 4-dB peak. The times for 50-Hz cutoff 

are all below 200 ms, except for the last (k = 0.268) ,  
which is the very steepest. 

It thus appears that a properly adjusted vented box, 
even with amplifier assistance ( auxiliary filtering) ,  need 
cause no perceptible coloration due to ringing. But it 
is important to emphasize that the adjustment must be 
correct. Table IV shows that the addition of a 4-dB 
peak to the response of a speaker on an infinite baffle 
can double the reverberation time. Being low in the 

first place it remains tolerable. But in the case of a 
vented box, particularly with an auxiliary filter, a doubled 
reverberation time would be more serious. Again, this 
emphasizes the importance of adequate damping ( for 

correct value of Qt) by the amplifier. 

Fig. 15. Simplified equivalent electrical circuit of loudspeaker. 

B. C, S, C , (" , 
�---�-�--. 
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67 14Z V,) 13G 193 

XIV. MEASUREMENT OF LOUDSPEAKER 
PARAMETERS 

C, 

0.268 
2,:'>, 27 

14.8!l 

297 

In earlier sections it was shown how the required re
sponse can be obtained from a loudspeaker and box if 
several parameters are known. The question remains, how 
are these parameters found? 

Properly, this information should be available from 
the loudspeaker m anufacturer. This is particularly im
portant for equipment produced in quantity, where it is 
important to know not only the mean values but also the 
tolerances. However, in the absence of published figures, 
or to check them, the following procedure will provide 
the information. 

Procedures for measuring Q are given in [2, p. 1 3], but 
the method used seems too laborious and inaccurate. 
The method outlined hereafter can be understood by con
sidering Figs. 1 5  and 16. Figure 1 5  is derived from Fig. 4; 
only this time we omit the vented box and we ignore 
L" and R"II which take effect at much higher frequencies. 

Now 

(91) 

(92 )  

These quantities, defined earlier in Eqs. ( 7 1 ) and (72) 
in terms of the acoustic equivalent circuit, are defined 
here in terms of the electrical equivalent circuit. We 
define ro as the ratio of the impedance at resonance, 
Res + Re' to the dc resistance of the voice coil Re. Now 

we take another arbitrary impedance which is presented 
at two other frequencies 11 and 12 on the flanks of the 
curve, and we call its ratio to the dc resistance '1. Then 

(93) 

Physically, this means that the curve is symmetrical 
on a logarithmic frequency scale. In experimental work 
it provides a handy check. Now we can find 

and 

Qe = Qa/(ro - 1 ) . (95) 

If additionally we choose r1 such that 

r1 = yro (96) 

then Eq. (94) is simplified to 

Qa = yro Is/(l2 - /1) · (97) 

The interesting feature of these expressions is  that they 
involve no approximations, and thus hold for all values of 

Q. Furthermore around the value yro the curve has 
its greatest slope. Thus the frequencies 11 and 12 can be 
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Fig. 16. Typical impedance curve of loudspeaker, modulus 
of Ze in Fig. 15. 

found most accurately. This is especially important since 
the calculation involves a comparatively small difference 
between large numbers f2- f1• 

Usually Qa takes account of the acoustic resistances 
in the loudspeaker. But if the voice coil has a short
circuited turn by accident or design, e.g., an aluminum 
former, this will appear in Qa' even though its physical 
nature is similar to Qc. (But eddy current losses in the 
pole piece or front plate appear in R8h.) 

Fig. 17 shows the test circuit. V is a voltmeter of 
impedance much higher than the loudspeaker. Through
out the readings, the generator is adjusted so that the 
reading of V is constant. The value is not of great 
importance, but a standard test figure is one volt. The 
accuracy of this voltmeter is not important so long as it 
is independent of frequency. A is an ac ammeter which 
reads the current into the speaker with the fixed voltage 
across its terminals. Again, since we are interested only 
in the shape of the impedance curve, the absolute accu

racy of this instrument is not important so long as the 
meter reading is linear. However, to set the relative cur
rent due to Rc, first we measure Re with dc on a Wheat
stone bridge, and then a calibrating resistor Rc of similar 
value. Connecting Rc to the test terminals and applying 

the standard test voltage at say, fs, a current value le is 
found on the ammeter A. Then the current I c which 
corresponds to Re is found by 

(98) 

Now the loudspeaker is suspended in air as far from 
reflecting surfaces as is practical and connected to the 
test terminals instead of Rc. The generator is adjusted 
to the speaker resonant frequency f8' indicated by mini
mum current 10• Thus ro is found: 

(99) 

Now the current V (1.10) is found corresponding to 

the ratio V r 0 and the frequencies either side of resonance, 
where this current value is read. These are f1 and f2 
and they should be read to as close an accuracy as the 
test gear will allow. Eq. (93) provides a check on the 

. 1 
Rc� 

Fig. 17. Test circuit schematic for measurement of loud
speaker parameters. 

method, and Eqs. (97) and (95) give Qa and Qc. 
The next problem is to find the value of Va8, the volume 

of air equivalent to the loudspeaker compliance. For 

this, the loudspeaker is placed in a totally enclosed un
lined box whose internal volume Vb is known, remember
ing that allowance must be made for bracing and the vol
ume displaced by the speaker. It is important that this box 
be free of air leaks. If these occur we will read part of 
the curve of Fig. 5, around fh. Thus care should be taken, 
not only in the construction of the box and in the mount
ing of the speaker, but also in the way the speaker leads 

are taken through the walls of the box. Solid terminals 
are preferred. 

Another precaution may be necessary. In Figs. 15 
and 16, from which we derived Eqs. (93), (94), (95), 
and (97), we assumed that the effect of the inductance 
Le is negligible. In fact, Le interacts with the parallel 
combination of Lee8 and Cmes to produce a series reso
nance at fn in Fig. 5, where the nominal impedance is 
measured. If this frequency, usually 400-600 Hz, is well 
above the speaker resonance fs, so that there is little dis
turbance of the curve at f 2 of Fig. 16, the accuracy of the 
measurements will be unaffected. But if f. is above 150 
Hz, which can occur with small speakers and becomes 
even more likely when the speaker is placed in the box 
for the last test, the likelihood of inaccurate results 
increases. 

Fig. 18. Modification of Fig. 17 to cancel effect of loud
speaker inductance Le. 

This could be avoided by connecting in the circuit of 
Fig. 18 a bifilar inductance whose value Le in each half 
is equal to the inductance of the voice coil. It is prefer
able, and not difficult, to wind this with an air core. In 

measuring Le of the loudspeaker, it  is important to 
measure it at a frequency well away from fn' say, 10 kHz. 
Also it is important to measure it as an inductance in 
parallel with a resistance (D or tan S scale, not the Q 
scale of a bridge), for the Q of the inductance at 10 
kHz is usually of the order of one which can lead to 
serious error if the measurement is made as an inductance 
in series with a resistance. With a high-impedance volt
meter V, error due to series resistance of the inductor 
should be negligible. 

If the new resonant frequency in the closed box fBO is 
found, the ratio of volume is usually given as 

(lOO) 

where fsa is the resonant frequency of the speaker in air 
which we previously called fs. However, this expression 
ignores the change in the acoustic mass Ma. of 1.05 to 
1.25 times which results from placing the speaker in the 
box. A more accurate method is to repeat the previous 

procedures for finding Qc. Then if we call Qca and Qeo 
the values of Qc measured in air and in the closed box, 
respectively, then 

(101) 
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Also the ratio of the acoustic masses in air and in the 
closed box 

( 1 02 )  

should lie between 0.8 and 0.95. 
With V,) known, V"., can be calculated . The size of 

V/I is not critical, but should not be too large, otherwise 
the ratio 1."/1.,,, becomes close to unity, and the accuracy 
of the Vax/ V'I calculation falls. This can be seen from 

Eq. ( 1 00) . Finally the values of I.,a and Qf(l are adjusted 
to take account of the change in Ma., when the speaker 
is placed in the box. Thus 

1.,/) = I.,,, (M,,,,,,/Ma.,b ) % 

Qf·1J = Q.,,,/ (M"Ra/M""b ) %· 

( 1 03 ) 

( 1 04) 

Thus the efficiency T/"'I can be calculated from Eq. ( 77) . 
This gives the result, rather surprising at first sight, that 
the electroacoustic conversion efficiency of a loudspeaker 

in the piston range can be calculated from electrical 
measurements alone. 

The following alternative method is useful, particularly 
when the loudspeaker has to be placed in a box whose 
size is already determined or as a final check on a pre
viously calculated box, or again if it becomes too difficult 
to seal the loudspeaker in the test box." 

First the vent, if adjustable, is made to resonate with 
the box somewhere near the speaker resonant frequency, 
but this is not very important. Then the three frequencies 
11' Ib' and Ih of Fig. 5 are found as accurately as possible. 
Special care is needed in reading 1/1 as the curve has a 
flat bottom. 

From these readings we find Ixl), the resonant frequency 
of the speaker when mounted in the box, 

( 1 05 )  

and the compliance ratio C".,/C"b' i .e., 

( l06) 

With the speaker resonant frequency in air I.,a already 

known and I.,IJ known from Eq. ( 1 05) , we find the mass 
ratio M".,,,IM,,,,b from Eq. ( 1 03 ) ,  and then Qcb from Eq. 

( 1 04) . QIl is  adjusted to Qa lJ in a similar manner. By 
reference to Table I and Fig. 7,  a suitable alignment 
can be found, thus setting the final values of 1" and Qt. 
Note that Qt is due to the parallel combination of 1 ) Qab 
and 2 ) Qcb modified by the amplifier. 

To estimate the value of Q,), the "Q of the box and 
vent circuit," we measure I b' the current through the 
speaker at Ib' with the input voltage held constant as 
before. Then 

Qb = (wb/WR) ( Cab/Ca,,) [ ( l /Qc) + 
( 1 /Q,, ) ] [ Ub - Io ) / Uc - lb ) ] . ( 1 07) 

r. Experience gained since the writing of this paper shows 
that accurate results are more easily obtained with this second 
method. Using a vented box is especially preferred if the 
speaker being measured has a low resonant frequency and if 
the testing box is fairly small. In such cases, small leaks in 
the "totally enclosed" box or around the loudspeaker pad 
ring can produce a virtual vent which produces the familiar 
twin peaks of loudspeaker impedance. But if the lower peak 
is below the l imit of measurement, say, below 1 0  or 1 5  Hz, 
it could easily happen that the remaining upper peak would 
be taken as the single peak of a closed-box system with dire 
results. 

Note that. because the difference between le and 1,) will 
be small, the readings must be taken carefully. 

Comparing Eq. ( 1 07) with Eq. ( 89) , it can be seen 
that 

( Ab ) m" ,. = 1 / [ 1 + [QaQ,./Q, (Qa + 
Qe) ]  [ Uf. - Ib) / (/'I - Io ) ] } '  ( 108) 

This greatly simplifies the estimation of (A IJ) mar 
A worked example of this method is given in the 

Appendix.6 

xv. EXPERIMENTAL WORK 

When the work was started from which this paper 
derived, it was necessary first to find the parameters for a 
number of loudspeakers. To date about fifty have been 
measured. In the case of one speaker, the effect of a 
number of modifications was observed; in the rest, usually 
one and occasionally two or three samples have been 
checked. The results obtained give confidence in the 
method. For example, from the readings and knowing 
other parameters, it is possible to calculate the flux 
density, and the values obtained give good correlation 
with readings on a flux meter. Changes of parameters 
during production can also be detected. 

Some generalizations from the results have been men
tioned earlier. For example, it was found that Qa varies 
between about 3 and 1 0, which is high compared with 
the Qt values of 0.2 to 0.6 required in Table 1. Thus it 
was apparent that acoustic resistance usually has little 
effect on the damping of a speaker in a well-designed 
system. Values of Qc varied from 0.2 to 0.5 in the case 
of high-quality speakers, through 0.5 to 1 .0 in the better 
commercial grades of speakers, to 2 and even 3 in the 
case of some Iow-priced speakers. 

Similarly efficiencies, for radiation from one side of an 
infinite baffle, ranged from - 24 dB ( 0.4% ) for low
priced speakers through - 20 dB ( 1  % ) for medium-grade 
to - 1 4 dB (4% ) for high-quality speakers. 

However, one must resist the tempting generalization 
that it is possible to rate the overall quality of a speaker 
by its Qc or even its efficiency. For example, if efficiency 
is made higher and Q" lower by reducing the cone mass 
Mm." trouble with "break up" may result at middle 
frequencies. In fact while the best 8-in speaker tested 
had a Qc of 0.3 3 ,  there was one sample with good clean 
response at high frequencies with a high Qc of 1 .7 and 
another with Qf' below 1 which was less acceptable. It 
must be remembered that these readings, and the paper 
in general, are concerned only with Iow-frequency per
formance. 

As a result of the design theory, a number of boxes 
have been made. In the absence of reliable measurements 
of sound pressure, all that can be said is that they gave a 
good improvement in clean low-frequency response. and 
that the cutoff frequencies are near the predicted values. 
Some particularly gratifying results have been obtained 

H Experimental work, using the above method indicates that 
in practical boxes Q'f is often of the order of 1 0. This differ
ence from the calculated values of 30 or more may be due 
to frictional losses in th'! timber. It is shown in Section XI 
that when Q" is  I 0, the frequency response error is  still only 
1 to 2 dB. However, if there are sufficient air leaks, or if the 
cavity damping is excessive, as when the box is completely 
stuffed with underfelt, Q'f can fall below 5. 
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with 5-in speakers in modest boxes with response down 
to 80 Hz. 

XVI. CONCLUSION 

The work described herein was begun as an advanced 
development project in an attempt to obtain good low
frequency response from loudspeakers in small boxes. 
Unfortunately, no "revolutionary concept" was uncovered 
that offers something for nothing. On the other hand, it 
has provided a reasonably precise method of design that 
was previously lacking. 

In general, a system with good flat response down to 
a predictable cutoff frequency can be designed, if the 
necessary parameters Q,. ( and Q,, ) ,  V"." and /., are known 
for the loudspeaker. The box volume is closely propor
tional to the inverse square of cutoff frequency, which 
can be varied over a wide range. The output impedance 
Rq of the amplifier has a large effect in  controlling the 
response, especially at f" ,  the h igher frequency of maxi
mum impedance. Whether R!/ needs to be positive, zero, 
or negative depends on the type of alignment and the Q 
parameters of the speaker. On the evidence available, 
acoustic resistance damping of the vent has no advantage, 
and is wasteful of box volume or bandwidth. 

The advantages accruing from a predictable design 
include the possibility of optimum design of "rumble" 
filters. At frequencies below cutoff where negligible 
acoustic output is produced, these relieve the amplifier 
and loudspeaker of high signal amplitudes and thus 
minimize an annoying source of intermodulation d is
tortion. Carried a step further, the use of auxiliary elec
trical filters m akes it possible to trade box volume for 
low-frequency power capability of the amplifier. 

Another way of reducing box volume is to increase the 
mass of the loudspeaker cone. But since this also reduces 
efficiency, it may be considered as a further example of 
trading amplifier size for box size, only this time the 
amplifier m ust deliver increased power over the whole 
audio spe;:trum. Again, the box volume may be reduced 
if a smaller diameter loudspeaker is used. The danger 

here is that the speaker excursion increases, but it is a 
good solution if the speaker is capable of a long linear 
excursion, or if  the power output and lor low-frequency 
response is restricted. 

The size of the magnet, or more precisely the fl ux 
density B, has a great influence on performance. Both 
efficiency, hence acoustic output, and Qc vary with B�; 
so it is clear that the saving of pennies on a smaller 
magnet can be poor economy. 

The parameters needed for vented-box design can be 
measured with normal electrical measuring equipment 
together with a test box of known net internal volume. 
Nevertheless it is suggested to loudspeaker manufacturers 
that it is in their interest, as well as the user's, to publish 
typical values of Q,., Q", V"N' and XII"'.,., as well as fN' 
These parameters are more useful to the system designer 
than, for example, flux density or total flux. Their publi
cation would help ensure that the manufacturer's product 
is used to the best possible advantage. 

The totally enclosed box has been mentioned only in  
passing, since i t  is well covered in  [2 ] .  But  it should be 
noted that i f  a totally enclosed box is chosen with the same 
volume as that of alignment no. 5, the cutoff frequency 
is 1 .55  times higher. With smaller boxes. the advantage 

decreases, though with practical sizes it is still appreciable. 
With larger totally enclosed boxes, the cutoff frequency 
can never fall below /." while the Chebyshev vented box 
alignments can extend the response considerably below fR' 

The greatest advantage of a vented box over an infinite 
baffle is the reduction of loudspeaker excursion, permitting 
higher power output or lower distortion. To this ad
vantage, the present paper adds, it is hoped, a greater 
flexibility in design. The only apparent disadvantage 
of a vented box is in the transient response, but in fact 
the ringing is only perceptible with a misadjusted align

ment. With proper adjustment, the effective reverbera
tion time, though longer than that of a properly adjusted 
infinite baffle, is not long enough to appreciably col or 
the sound in the listening room. 

Finally, it is emphasized again that the acoustic re
sponse is due to the combination of speaker plus box plus 
amplifier as an integrated whole. 

APPENDIX: WORKED EXAMPLE 

This refers to a purely imaginary speaker, the readings 
being chosen to simplify the calculations. However, the 
readings would be typical of a medium-quality 8-in 
speaker. 

Measurement of Speaker Parameters 
Q". Qc. VU"' and /., 

With a Wheatstone bridge we find 

dc resistance of speaker R,. = 4.00 ohms 
dc resistance of calibrating resistor R,. = 5.00 ohms. 

Now we place R,. in the test circuit of Fig. 17 and find 
that when V reads 1 volt, 

I,. = 1 80 mA. 

Now 
I,R ,. = 0. 1 80 X 5.00 = 0.900. 

Since this is 1 0% below the observed reading of 1 volt, 
one or both of the meters is inaccurate, but this is un
important so long as their readings are constant with 
frequency and the reading of ammeter A is linear. 

Then from Eq. ( 98) , 

/,. = (Rc/Rc = ( 0. 1 80 X 5 .00) /4.00 = 225 mA. 

We now suspend the loudspeaker in air as far from 
reflecting surfaces as possible and read the minimum 
current /0 which is 25 mA at 55.0 Hz (/.'''' the speaker 
resonant frequency in air) . 

Then from Eg. (99 ) ,  

ro = 1,. 1/" = 225/25 = 9 

V� = \./ 9 = 3 

V ( 10/,· ) = \.f ( 225 X 25 ) = 75 mA. 

With the voltmeter V reading a constant 1 volt, the 
ammeter A reads 75 mA at 44.0 and 68.75 Hz. 

First we use this reading to check /.'" = V ( 44.0 X 68.75) 
from Eq. (93 )  = 55.0 Hz as before. Then from Eq. (97 ) ,  

Q" = f" Vrol(f� - fl )  = ( 55 X 3 ) / ( 68.75 - 44) = 6.67 
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and from Eq. (95 ) ,  

Qe = Qa/(ra - l )  = 6.67/(9 - 1 )  = 0.833.  

The speaker is  now placed in a vented box whose net 
volume is 1 000 in3 and we read the frequencies defined 
in Fig. 5,  

I" = 100 Hz; Ib = 60 Hz; Il = 30 Hz. 

Then from Eq. ( 105) ,  

IBb = Ml/lb = ( l 00 X 30) /60 = 50 Hz 

and from Eq. ( 106) , 

Vas/Vb = (fh2 - lb2) (h2 -N) /lh2N· 

Computation is easier if we rewrite Eq. ( 106) as 

i.e. ,  

Vas/Vb = ( 100 + 60) ( 1 00 - 60) (60 + 30) (60 - 30) / 
1002 X 302 

= ( l60 X 40 X 90 X 30) / ( l 00 X 30 X  1 00 X 30) 
= 1 .92 

i.e., 

Vas = 1 .92 X 1 000 = 1 920 in3. 

In the vented box, the speaker resonant frequency has 
dropped 18// IBa = 50/ 55 = 0.909 times. Thus from Eq. 
( 103 ) ,  

Masa/Masb = (0.909) 2 = 0.826 
and from Eq. ( 104) ,  

while 
Qab = 6.67/0.909 = 7.33 

QCb = 0.833/0.909 = 0.9 1 7. 

At 1/, the current I b was read as 220 mA. Then from 
Eq. ( 107) ,  the Q of the box plus vent 

Qb = (fb/I.) (Cab/CasH (Qa + Qe) /QaQeJ 
[ (/b-1a)/Ue - Ib) J 

= [ 60 X  (7.333 + 0.91 7 )  X ( 220 - 25) J/ 
[50 X 1 .92 X 7 .33 X 0.9 1 7  X ( 225 - 220) ] 

= ( 60 X 8.25 X 195) /(50 X 1 .92 X 7.33 X 0.91 7  X 5 )  
= 29.9. 

From Eq. ( 108 ) the maximum box loss in the quasi
Butterworth alignment described below, where Qt = 
0.347, is 

(A b) ma.1J = 1 /{ l + [QaQe/Qt(Qa + Qe) ] 
[ (/e -Ib) / Ub - la) ] }  

= 1/{ 1 + ( 7.33 X O.9 1 7 X 5) / 

= 1 /1 .060 

which is equivalent to 0.5 dB. 

Efficiency 7J from Eq. (77) 

( 0.347 X 8.25 X 1 95) } 

7Jab = 8.0 X 1O-12/.3Vas/Qe 
= (8.0 X 503 X 1 920)/ ( l012 X O.91 7 )  
= 2.09 X 10-3 

which is equivalent to - 26.6 dB in a box, or - 23.6 dB 
on an infinite baffle ( i.e., a true infinite baffle, not a totally 
enclosed medium-sized box which gives the same efficiency 
as a vented box) , or - 20.6 dB on a true infinite baffle, 
taking into account radiation from both front and back. 

Thus if the speaker is mounted in a box and fed 
a 5-watt -amplifier, the acoustic power output 

Wao = 7Ja bWei = 5 X 2.09 X l O-3 = 0.0104 

If we assume a listening room of 1 6  X 121/2 
2000 ft3, then from [4, p. 418,  Fig. 1 1 . 1 2] an acoustic
power of 0.003 watt provides + 80-dB intensity level. 
Our output is 10.4/3 times, i .e. ,  5.4 dB greater than this;
therefore the system is capable of a peak + 85-dB inten
sity level. 

Peak Excursion Xpk 

We assume an alignment where the box is tuned to the 
same frequency as the loudspeaker, i.e., 50 Hz. This is 

typical of Butterworth alignments. Then the fixed part of 
the expression for Xpk in Eq. ( 84) is 

Now if the effective piston diameter is 7 in, i.e. ,  

Sa = 17 X 3.52 = 38.5 in2 

then the expression becomes 

1 . 3 1  X I 0il X yl O. 104/( 502 X 38.5)  = 0.1 39 in. 

Now the maximum value of the frequency-sensitive 
expression for a vented box in the useful band ( above Ib) 
in Fig. 10 is approximately one quarter. Thus 

Xpk = 0. 139/4 = ±0.035 in 

compared with ± 0.098 in in a totally enclosed box ( in
finite baffle ) . 

Box Design 
First suppose we wish to obtain the best results with 

the original 1 000-in3 box. Allowing 1 0% for the bracing 
and volume displaced by the speaker, the optimum inside 

dimensions would be V 1 100 X ( 0.8, 1 .0, 1 .25 ) in, i.e., 
8.28 X 1 0.33  X 12.9 in, say 81/<1 X 101,4 X 13 in. This would 
need to be checked in case the original assumption of 
1 0% was incorrect. Assuming that the dimensions are 

Table V. Computation of three Butterworth alignments for 
imaginary speaker. 

Type Qf alignment QR3 R ,  B s B.(i)  
---- -----

Ca, /Ca •  I .(J;! 1 . 4 1 4  1 .000 :! . 73:! , , 
V. (cuhic inches) 1000 1 358 I 1 9:!0 704 

,-----

I 
Height ( in . )  1 3  1 4  1 6  l I t 

Box Width (in.) lO t  l I t  1 3  9 

l Depth "d" (in.)  I, 8t 9 1 0  7 t  
----

Cutoff frequency fa 
(c Is) ,")8 . . 5 50 50 50 

Box frequency f. (c Is) 54.7 50 50 50 

L ,. IS v  (in.-!) 1 . 56 1 . 37 0.97 2.M 

S v  (in!) 7.69 10.07 1 6.25 4.50 

Vent height " I " (in.)  k I t t 

Q, .347 .383 .447 .299 

(Q.) ' ota! .364 .404 .476 . 3 1 2  

R. /R ,  - . 600 - . 560 - .481 - . 660 
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then in a box similar to Fig. 9, the width of 
will be 1 014 in. The length of the tunnel will be 

in, together with two thicknesses of timber ( say 
each) plus a 112 -in square stiffener on the top rear 

edge of the shelf, giving a total tunnel length of 934 in. 
The simplest alignment for Ca.,/Cab = 1 .92 is a third

order quasi-Butterworth between alignments no. 4 and 5.  
From Fig. 7 ( b ) , 

Thus 

f�/fs = 1 . 1 7, thus fo = 50 X 1 . 17 = 58.5 Hz 

hlfb = 1 .07, thus fb = 58.5/1 .07 = 54.7 Hz. 

W b 2 = 1 . 1 8  X 1 03 

and for the tunnel, from Eq. ( 61 ) ,  

(L , . , SI') required = 1 .84 X l 08 IWb2V" 
= 1 .84 X l OR 1 1 . 1 8  X 105 X 1 0?' 
= 1 .56 in- 1 .  

Now if the tunnel height I = 34 in, then area 

Sv = 1 OV4 X 34 = 7.69 in2 
and 

Thus 

(L,jSv) rnd = 0.958/\/� 
= 0.958/\' 7 .69 
= 0.34 in-1 

(L,/S,, ) IlIl In, I = 9.75 /7.69 
= 1 .27 in-I .  

which is about as  close as can be  obtained with the toler
ances on the small dimension ( 34 in) of I. 

Amplifier Output Impedance Rg 
Now by interpolation, 

Qt = 0.347 

and since Qab = 7.33,  Qcl) = 0.9 1 7, and from Eq. ( 70 ) ,  

I /Qt = I /Q" + I /Qc ( 1 + Rg/Re) .  

Thus 

1 /0.347 = 1/7.33 + 1/0.9 1 7 ( l + Rg/Rc) . 

Hence 

Notes 
1 )' (L,,/Sv) ena is small compared with (Lv/S,,) tunneb 
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and since the vent area is already 'small compared with 
the piston area, a simple hole in the front panel would 

be quite impractical as a vent. Its area would need to be 
about 1 in2. 

2) The dimension I ( %  in) is fairly critical. 
3) Q" has little effect on Qt. The negative impedance 

required is fairly high but quite practical. 
For comparison three Butterworth alignments have also 

been computed for this imaginary speaker so that the 
effect of amplifier filtering can be assessed (Table V) . All 
three have cutoff frequencies of 50 Hz. But while B4 has 
no filtering, B5 has a simple CR filter which is - 3 dB at 
50 Hz ( CR = 3 1 80 /-,s) ,  and BG has a peak 6 dB high at 
53.5 Hz before it falls off at the rate of 1 2  dB per octave 
(y = - 1 .  732, faux = 50 Hz) . 
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Closed-Box Loudspeaker Systems 

Part I: Analysis 

RICHARD H. SMALL 

School of Electrical Engineering, The University of Sydney 
Sydney, N.S.W. 2006, Australia 

The closed-box loudspeaker system is effectively a second-order (12 dB/octave cutoff) 
high-pass filter. Its low-frequency response is controlled by two fundamental system 
parameters: resonance frequency and total damping. Further analysis reveals that the 
system electroacoustic reference efficiency is quantitatively related to system resonance 
frequency, the portion of total damping contributed by electromagnetic coupling, and 
total system compliance; for air-suspension systems, efficiency therefore effectively de
pends on frequency response and enclosure size. System acoustic power capacity is 
found to be fundamentally dependent on frequency response and the volume of air that 
can be displaced by the driver diaphragm; it may also be limited by enclosure size. 
Measurement of voice-coil impedance and other mechanical properties provides basic 
parameter data from which the important low-frequency performance capabilities of a 
system may be evaluated. 

GLOSSARY OF SYMBOLS displacement constant 
power rating constant 
efficiency constant 

B magnetic flux density ill driver air gap 
c ve!ocity of �und in air (=345 mjs) 
CAB acoustic compliance of air in enclosure 
CAS acoustic compliance of driver suspension 
CAT total acoustic compliance of driver and en-

f 
fa 
fCT 

f8 
G(s) 

closure 
electrical capacitance representing moving mass 

of system (=MACSD2jB212) 
open-circuit output voltage of source (Thevenin's 

equivalent generator for amplifier output port) 
natural frequency variable 
resonance frequency of closed-box system 
resonance frequency of driver in closed, unfilled, 

unlined test enclosure 
resonance frequency of unenclosed driver 
response function 
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PAR 
PER 
PE(mux) 
Q 

length of voice-coil conductor in magnetic gap 
electrical inductance representing total system 

compliance (=C ATB212 jSD2) 
acoustic mass of driver in enclosure including 

air load 
acoustic mass of driver diaphragm assembly in-

cluding air load 

displacement-limited acoustic power rating 
displacement-limited electrical power rating 
thermally-limited maximum input power 
ratio of reactance to resistance (series circuit) or 

resistance to reactance (parallel circuit) 

Q of system at fa considering electrical resistance 
RE only 
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Xmnx 
X(s) 
ZvC<s) 
a 

I'B 

'l'Jo 
Po 
61 

Q of driver at Is considering electrical resistance 
RE only 

Q of system at le considering system non-elec
trical resistances only 

Q of driver at Is considering driver non-electrical 
resistances only 

total Q of system at le including all system resis
tances 

value of QTC with Rg = 0 
total Q of driver at Is considering all driver re

sistances 
acoustic resistance of enclosure losses caused by 

internal energy absorption 
acoustic resistance of driver suspension losses 
dc resistance of driver voice coil 
electrical resistance representing driver suspen

sion losses (=B2[2 /SD2RAS) 
output resistance of source (Thevenin's equiv-

alent resistance for amplifier output port) 
complex frequency variable (= er + jw) 
effective surface area of driver diaphragm 
time constant (= 1/2rrf) 
system output volume velocity 
volume of air having same acoustic compliance 

as air in enclosure (= poc2C AB) 
volume of air having same acoustic compliance 

as driver suspension (= poc2C AS) 
total system compliance expressed as equivalent 

volume of air (= poc2C AT) 
net internal volume of enclosure 
peak displacement volume of driver diaphragm 

( =SDxmux) 
peak linear displacement of driver diaphragm 
displacement function 
voice-coil impedance function 
compliance ratio (=CAS/CAB) 
ratio of specific heat at constant pressure to that 

at constant volume for air in enclosure 
reference efficiency 
density of air (= 1.18 kg/mS) 
radian frequency variable (= 2rrf) 

1. INTRODUCTION 

Historical Background 

The theoretical prototype of the closed-box loud
speaker system is a driver mounted in an enclosure large 
enough to act as an infinite baffle [1, Chap. 7]. This type 
of system was used quite commonly until the middle of 
this century. 

The concept of the modern air-suspension loudspeaker 
system was established in a V.S. patent application of 
1944 by Olson and Preston [2], [3], but the system was 
not widely introduced until high-fidelity sound reproduc
tion became popular in the 1950's. 

A compact air-suspension loudspeaker system for high
fidelity reproduction was described by Villchur [4] in 
1954. Several more papers [5], [6], [7] set out the basic 
principle of operation but caused a spirited public con
troversy [8], [9], [10]. Unfortunately, some of the con
fusion established at the time still remains, particularly 
with regard to the purpose and effect of materials used 
to fill the enclosure interior. A recent attempt to dispell 
this confusion [11] seems to have reduced the level of 

" 

controversy, and the fundamental validity of the air
suspension approach has been amply proved by its 
proliferation. 

Technical Background 

Closed-box loudspeaker systems are the simplest of all 
loudspeaker systems using an enclosure, both in con
struction and in analysis. In essence, they consist of an 
enclosure or box which is completely closed and air
tight except for a single aperture in which the driver 
is mounted. 

The low-frequency output of a direct-radiator loud
speaker system is completely described by the acoustic 
volume velocity crossing the enclosure boundaries [12]. 
For the closed-box 'system, this volume velocity is entirely 
the result of motion of the driver cone, and the analysis 
is relatively simple. 

Traditional closed-box systems are made large so that 
the acoustic compliance of the enclosed air is greater 
than that of the driver suspension. The resonance fre
quency of the driver in the enclosure, Le., of the system, 
is thus determined essentially by the driver compliance 
and moving mass. 

The air-suspension principle reverses the relative im
portance of the air and driver compliances. The driver 
compliance is made very large so that the resonance 
frequency of the system is controlled by the much 
smaller compliance of the air in the enclosure in com
bination with the driver moving mass. The significance 
of this difference goes beyond the smaller enclosure size 
or any related performance improvements; it demon
strates forcibly that the loudspeaker driver and its en
closure cannot be designed and manufactured inde
pendently of each other but must be treated as an in
separable system. 

In this paper, closed-box systems are examined using 
the approach described in [12]. The analysis is limited to 
the low-frequency region where the driver acts as a 
piston (i.e., the wavelength of sound is longer than the 
driver diaphragm circumference) and the enclosure is 
active in controlling the system behavior. 

The results of the analysis show that the important low
frequency performance characteristics of closed-box sys
tems of both conventional and air-suspension type are 
directly related to a small number of basic and easily
measured 'system parameters. 

The analytical relationships impose definite quantita
tive limits on both small-signal and large-signal per
formance of a system but, at the same time, show how 
these limits may be approached by careful system adjust-

B2l2 Uo 
2 (Rg+RE)SD 

RAB 
egBl 

'" 
(Rg+Re)So CAB 

Fig. 1. Acoustical analogous circuit of closed-box loud
speaker system (impedance analogy), 
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Fig. 2. Simplified acoustical analogous circuit of closed-box 
loudspeaker system. 

ment. The same relationships lead directly to methods 
of synthesis (system design) which are free of trial-and
error procedures and to simple methods for evaluating 
and specifying system performance at Iow frequencies. 

2. BASIC ANALYSIS 

The impedance-type acoustical analogous circuit of 
the closed-box system is well known and is presented in 
Fig. 1. In this circuit, the symbols are defined as follows. 

Magnetic flux density in driver air gap. B 
1 Length of voice-coil conductor in magnetic field of 

air gap. 
Open-circuit output voltage of source. 
Output resistance of source. 
Dc resistance of driver voice coil. 
Effective projected surface area of driver dia

phragm. 

RAS Acoustic resistance of driver suspension losses. 

MAC Acoustic mass of driver diaphragm assembly m
cluding voice coil and air load. 

CAS Acoustic compliance of driver suspension. 

RAB Acoustic resistance of enclosure losses caused by 
internal energy absorption. 

CAB Acoustic compliance of air in enclosure. 
V 0 Output volume velocity of system. 

By combining series elements of like type, this circuit 
can be simplified to that of Fig. 2. The total system 
acoustic compliance C A1' is given by 

CAT = CABCAS/(CAB + CAS) ' 

and the total system resistance, RATC, is given by 

Rg 

(1) 

(2) 

Fig. 3. Simplified electrical equivalent circuit of closed-box 
loudspeaker system. 

The electrical equivalent circuit of the closed-box sys
tem is formed by taking the dual of the acoustic circuit 
of Fig. 1 and converting each element to its electrical 
equivalent [1, Chapter 3]. Simplification of this circuit by 
combining elements of like type results in the simplified 
electrical equivalent circuit of Fig. 3. This circuit is ar

ranged so that the actual voice-coil terminals are avail
able. In Fig. 3, the symbols are given by 

B�12 
REC = -----_. 

(RAB + RAs) Sn2 

(3) 

(4) 

(5) 

The circuits presented above are valid only for fre
quencies within the driver piston range; the circuit ele
ments are assumed to have values which are independent 
of frequency within this range. As discussed in [12], the 
effects of the voice-coil inductance and the resistance of 
the radiation load are neglected. 

To simplify the analysis of the system and the inter
pretation of its describing functions, the following sys
tem parameters are defined. 

Q�!C 

a 

( = 21r1 e) Resonance frequency of system, given 
by 

l/we2 = Te2 = CA'l'MAC = C�IECLCE'l" (6) 

Q of system at le considering non-electrical re
sistances only, given by 

(7) 

Q of system at le considering electrical resis
tance Rp; only, given by 

(8) 

Total Q of system at le when driven by source 
resistance of RIl = 0, given by 

(9) 

Total Q of system at le including all system re
sistances, given by 

Q'l'C = 1/(WeCATRA:rc) · 

System compliance ratio, given by 

a = CAS/CAB' 

(10) 

(11 ) 

If the system driver is mounted on a baffle which pro
vides the same total air-load mass as the system en
closure, the driver parameters defined in [12, eqs. (12) , 

(13) and (14) ] become 

QMS = WSCMECRES' 

QES = wsC�1EcRE' 

(12) 

(13) 

(14) 

where RES = B�12/SD2RAS is an electrical resistance rep
resenting the driver suspension losses. The driver com
pliance equivalent volume is unaffected by air-load mass
es and is in every case [12, eq. (15) ] 

(15) 

where Po is the density of air (1.18 kg/m3) and c is the 
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Fig. 4. Normalized amplitude vs normalized frequency re
sponse of closed-box loudspeaker system for several values 
of total system Q. 

velocity of sound in air (345 m/s). In this paper, the 
general driver parameters Is (or Ts), QMS and QES will 
be understood to have the above values unless otherwise 
specified. 

Comparing (1), (6), (8), (11), (12) and (14), the 
following important relationships between the system and 
driver parameters are evident: 

CAS/CAT = a+ 1, 

le/Is = Ts/Tc = (a+ 1) 3/" 

QEC/Q�,S = (a+ 1))>. 

(16) 

(17) 

(18) 

Following the method of [12], analysis of the circuits 
of Figs. 2 and 3 and substitution of the parameters de
fined above yields the system response function 

G(s) = 
"T 2+ T /Q +1 s- e s C TC 

the diaphragm displacement function 

1 

(19) 

X(s) = , (20) 
s2Tc2+sTe/QTc+ 1 

the displacement constant 

k.c = l/(a+ 1), 

and the voice-coil impedance function 

STC/QMC 

(21) 

The frequency response I G(jw) I of the closed-box sys
tem is examined in the appendix. Several typical response 
curves are illustrated in Fig. 4 with the frequency scale 
normalized to Wc. The curve for QTC = 0.50 is a second
order critically-damped alignment; that for QTC = 0.71 
(i.e., I/V2) is a second-order Butterworth (B2) maxi
mally-ftat alignment. Higher values of QTC lead to a peak 
in the response, accompanied by a relative extension of 
bandwidth which initially is greater than the relative 
response peak. For large values of QTC, however, the 
response peak continues to increase without any signifi
cant extension of bandwidth. Technically, these responses 

for QT(' greater than 1 /V2 are second-order Chebyshev 

(C2) equal-ripple alignments. 
Whatever response shape may be considered optimum, 

Fig. 4 indicates the value of QTC required to achieve this 
alignment and the variation in response shape that will 
result if Qn; is altered, i.e. , misaligned, from the re
quired value. For intermediate values of QTC not in
cluded in Fig. 4, Fig. 5 gives normalized values of the 
response peak magnitUde I G (jw) ! max' the normalized fre
quency IGmax/lc at which this peak occurs, and the nor
malized cutoff (half-power) frequency 13/le for which 
the response is 3 dB below passband level. The analytical 
expressions for the quantities plotted in Fig. 5 are given 
in the appendix. 

Transient Response 

The response of the closed-box system to a step input 
is plotted in Fig. 6 for several values of QTC; the time 
scale is normalized to the periodic time of the system 
resonance frequency. For values of QTC greater than 0.50, 
the response is oscillatory with increasing values of QTC 
contributing increasing amplitude and decay time [13]. 

2.0�--���----�----� 

1.5 i---ft,......-----'trt--

ZvcCs) = RI-' + RFc , (22) 
. " s2Te2+sTe/QMc+ 1 1.0 H'-��=---+----+-----i 

where s = eT + jw is the complex frequency variable. 

3. RESPONSE 

Frequency Response 

The response function of the closed-box system is 
given by (19). This is a second-order (12 dB/octave 
cutoff) high-pass filter function; it contains information 
about the low-frequency amplitude, phase, delay and 
transient response characteristics of the closed-box sys
tem [13]. Because the system is minimum-phase, these 
characteristics are interrelated; adjustment of one deter
mines the others. In audio systems, the flatness and extent 
of the steady-state amplitude-vs-frequency response--or 
simply frequency response-is usually considered to be 
of greatest importance. 

o 
0.5 1.0 1.5 2.0 

Fig. 5. Normalized cutoff frequency. and normalized fre
quency and magnitude of response and displacement peaks, 
as a function of total Q for the closed-box loudspeaker 
system. 
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Fig. 6. Normalized step response of the closed-box loud
speaker system. 

4. EFFICIENCY 

Reference Efficiency 

The closed-box system efficiency in the passband re
gion, or system reference efficiency, is the reference ef
ficiency of the driver operating with the particular value 
of air-load mass provided by the system enclosure. From 
[12, eq. (32)], this is 

47T2 fs3 V AS 'YJo= 
3

'-
Q
--' 

C BS 
(23) 

where fs, QES and V AS have the values given in (12), 
(14) and (15). This expression may be rewritten in 
terms of the system parameters defined in section 2. 
Using (16), (17) and (18), 

(24) 

where 

(25) 

is a volume of air having the same total acoustic com
pliance as the driver suspension and enclosure acting 
together. For SI units, the value of 47T2/C3 is 9.64 X 10-7. 

Efficiency Factors 

Equation (24) may be written 

where 

(26) 

f3 is the cutoff (half-power or -3 dB) fre
quency of the system, 

VB is the net internal volume of the system en
closure, 

k. is an efficiency constant given by 

47T2 f03 V AT 1 
k = - '-' -� ' -- . 

" c3 f33 VI! QEC 
(27) 

The efficiency constant k" may be separated into three 
factors: k"(Q) related to system losses, k.(o) related to 
system compliances, and k.(G) related to the system re
sponse. Thus 

where 

Loss Factor 

(28) 

(29) 

(30) 

(31) 

Modern amplifiers are designed to have a very low 
output-port (Thevenin) impedance so that, for practical 
purposes, Rg = O. The value of Q'l'C for any system used 
with such an amplifier is then equal to QTCO as given 
by (9). Equation (29) then reduces to 

(32) 

This expression has a limiting value of unity, but will 
approach this value only when mechanical losses in the 
system are negligible (QMC infinite) and all required 
damping is therefore provided by electromagnetic coup
ling (QEC = Q·l'co), 

The value of k.(Q) for typical closed-box systems 
varies from about 0.5 to 0.9. Low values usually result 
from the deliberate use of mechanical or acoustical dis
sipation, either to ensure adequate damping of diaphragm 
or suspension resonances at higher frequencies, or to 
conserve magnetic material and therefore cost. 

Compliance Factor 
Equation (30) may be expanded to 

CAT VAB 
=-_._-

CAB VII' 

where 

(33) 

(34) 

is a volume of air having an acoustic compliance equal 
to CAll' 

There is an important difference between V B, the net 
internal volume of the enclosure, and V AB, a volume of 
air which represents the acoustic compliance of the en
closure. If the enclosure contains only air under adiabatic 
conditions, i.e., no lining o·r filling materials, then V AB 
is equal to VB' But if the enclosure does contain such 
materials, V All is larger than V B' The increase in V AB is 
inversely proportional to the change in the value of 'Y. 
the ratio of specific heat at constant pressure to that at 
constant volume for the air in the enclosure. This has a 
value of 1,4 for the empty enclosure and decreases 
toward unity if the enclosure is filled with a low-density 
material of high specific heat [1, p. 220]. Equation (33) 
may then be simplified to 

a 1,4 
k"(o) = -+ 

1 
• --, 

a 'YI! 
(35) 

where 'YB is the value of "I applicable to the enclosure. 
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0.5 1.0 1.5 2.0 

Fig. 7. Response factor k"(G) as a function of total Q for 
the closed-box loudspeaker system. 

For "empty" enclosures, (35) has a limiting value of 

unity for a > > 1. Air-suspension systems usually have a 
values between 3 and 10. 

If the enclosure is filled, the 1.4/YB term exceeds unity, 
but two interactions occur. First, because the filling mate
rial increases CAB' the value of a is lower than for the 
empty enclosure. Second, the addition of the material 
increases energy absorption within the enclosure, de
creasing QMC and therefore reducing the value of k"(Q) 
in (32). 

With proper selection of the amount, kind, and location 
of filling material, the net product of k"(Q) and k"(C) in
creases compared to the empty enclosure condition, but 
the increase is seldom more than about 15%. Hap
hazard addition of unselected materials may even reduce 
the product of these factors. Although theoretically pos
sible, it is extremely unusual in practice for this product 

VB 

dm3 

16 

8 

4 

VB 
2 

ft3 

.L-__ .....;..J.-..;._.L..:.----L.---I:.........L-.:L.-L..:.I....I .25 
10 80100 

Fig. 8. The relationship of maximum reference efficiency 
to cutoff frequency and enclosure volume for the closed-box 
�oudspeaker system. 

to exceed unity. The effects of filling materials are dis
cussed further in section 7. 

Response Factor 
The value of k"(G) in (31) depends only on QTC be

cause (/3/fo) is a function of QTC as shown in Fig. 5 
and (75) of the appendix. Fig. 7 is a plot of k"(G) vs 
QTC' Just above QTC = 1.1, k"(G) has a maximum value 
of 2.0 X 10-6• This value of QTC corresponds to a C2 
alignment with a ripple or passband peak of 1.9 dB. Com
pared to the B2 alignment having the same bandwidth, 
this alignment is 1.8 dB more efficient. 

Maximum Reference Efficiency, Bandwidth, 
and Enclosure Volume 

Selecting the value .of k"(G) for the maximum-efficiency 
C2 alignment, and taking unity as the maximum attain
able value of k"(Q)k"(o), the maximum reference effici
ency "Io(max) that could be expected from an idealized 
closed-box system for specified values of f3 and VB is, 
from (26) and (28), 

(36) 

where fo is in Hz and VB is in m3• This relationship is 
illustrated in Fig. 8, with VB (given here in cubic deci
meters-1 dm3 = 1 liter = 10-3 m3) plotted against f3 
for various values of "Io(ma,) expressed in percent. 

Figure 8 represents the physical efficiency-bandwidth
volume limitation of closed-box system design.' Any sys
tem having given values of f3 and VB must always have 
an actual reference efficiency lower than the value of 
"Io(max) given by Fig. 8. Similarly, a system of specified 
efficiency and volume must have a cutoff frequency 
higher than that indicated by Fig. 8, etc. These basic re
lationships have been known on a qualitative basis for 
years (see, e.g., [11]). An independently derived presen
tation of the important quantitative limitation was given 
recently by Finegan [14]. 

There are two known methods of circumventing the 
physical limitation imposed by (36) or Fig. 8. One is 
the stabilized negative-spring principle [15] which enables 
V AT to be made much larger than VB but requires addi
tional design complexity. The other is the use of ampli
fier assistance which extends response with the aid of 
equalizing networks or special feedback techniques [16]. 
The second method requires additional amplifier power 
in the region of extended response and a driver capable 
of dissipating the extra power. 

The actual reference efficiency of any practical sys
tem may be evaluated directly from (24) if the values 
of fo. QEC and V AT are known or are measured. For air
suspension systems, especially those using filling mate
rials, V AT is often very nearly equal to VB' 

Efficiency-Bandwidth-Volume Exchange 

The relationship between reference efficiency, band
width, and enclosure volume indicated by (26) and il
lustrated for maximum-efficiency conditions in Fig. 8 
implies that these system specifications can be exchanged 
one for another if the factors determining k" remain 
constant. Thus if the system is made larger, the param
eters may be adjusted to give greater efficiency or ex
tended bandwidth. Similarly, if the cutoff frequency is 
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Fig. 9. Normalized diaphragm displacement of closed-box 
system driver as a function of normalized frequency for 
several values of total system Q. 

raised, the parameters may be adjusted to give higher 
efficiency or a smaller enclosure. 

If the value of k" is increased, by reducing mechanical 
losses, by adding filling material, by increasing a, or by 
changing the response shape, the benefit may be taken 
in the form of smaller size, or higher efficiency, or ex
tended bandwidth, or a combination of these. Each 
choice requires a specific adjustment of the enclosure 
or driver parameters. 

5. DISPLACEMENT-LIMITED POWER RATINGS 

Displacement Function 

The closed-box system displacement function given by 

(20) is a second-order low-pass filter function. The 
properties of this function are examined in the appendix. 

The normalized diaphragm displacement magnitude 
I X (jw) I is plotted in Fig. 9 with frequency normalized 
to Wo for several values of QTC' The curves are exact 
mirror images of those of Fig. 4. For intermediate values 
of Q'l'C' Fig. 5 gives normalized values of the displace
ment peak magnitude I X (jw) I and the normalized fre
quency fXmnx/fo at which this peak occu!"s. Analytical 
expressions for these quantities are given in the appendix. 

Acoustic Power Rating 

Assuming linear large-signal diaphragm displacement, 
the steady-state displacement-limited acoustic power rat
ing P AB of a loudspeaker system, from [12, eq. (42)], is 

(37) 

where VD is the peak displacement volume of the driver 
diaphragm, given by 

VD = SDXmax, (38) 

and Xmax is the peak linear displacement of the driver 
diaphragm, usually set by the amount of voice-coil over
hang. Substituting (17) and (21) into (37), the steady
state displacement-limited acoustic power rating of the 
closed-box system becomes 

47TRpo 104VD2 
P AIl«,B) = -----. (39) 

c [X(jw)lmax2 
For SI units, the constant 47T3po/C is equal to 0.424. 

Power Output, Bandwidth, and 
Displacement Volume 

Equation (39) may be rewritten as 

PARCCB) = kpl34 VD2, 

where kp is a power rating constant given by 

47T
3
pn 1 

kp = --' 
c U::Ila) 41 XCiw) IlIlll,2 

(40) 

(41) 

The acoustic power rating of a system having a specified 
cutoff frequency 13 and a driver displacement volume VD 
is thus a function of kp; and kp is solely a function of 
QTG as shown by (75) and (78) of the appendix. 

The variation of kp with QTC is plotted in Fig. 10. A 
maximum value occurs for QTC very close to 1.1. This 
is practically the same 1.9 dB ripple C2 alignment that 
gives maximum efficiency. For this condition, (40) 
becomes 

(42) 

where P AB is in watts for 13 in Hz and VD in m3• 
Equation (42) is illustrated in Fig. 11. PAR is ex

pressed in both watts (left scale) and equivalent SPL at 
one meter [1, p. 14] for 27T steradian free-field radiation 
conditions (right scale); this is plotted as a function of 
13 for various values of V D' The SPL at one meter given 
on the right-hand scale is a rough indication of the level 
produced in the reverberant field of an average listening 
room for a radiated acoustic power given by the left-hand 
scale [1, p. 318]. 

Figure 11 represents the physical large-signal limitation 
of closed-box system design. It may be used to determine 
the optimum performance tradeoffs (P AB vs 13) for a 
given diaphragm and voice-coil design or to find the 
minimum value of VD which is required to meet a given 
specification of hand P AB' The techniques noted earlier 
which may be used to overcome the small-signal limita
tion of Fig. 8 do not affect the large-signal limitation 
imposed by Fig. 11. 

1.0 r--,----,------,-----, 

0.75 r--t---t--t----�+-----� 

0.5r--t--+--r---�--� 

0.25r--t-+---�------+_----� 

o���--��----�----� 
0.5 1.0 1.5 2.0 

Fig. 10. Power rating constant h as a function of total Q 
for the closed-box loudspeaker system. 
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Power Output, Bandwidth, and 
Enclosure Volume 

The displacement-limited power rating relationships 
given above exhibit no dependence on enclosure volume. 
For fixed response, it is the diaphragm displacement vol
ume V D that controls the system power rating. However, 
V D cannot normally be made more that a few percent 
of V 11; beyond this point, increases in V D result in un
avoidable non-linear distortion, regardless of driver line
arity, caused by non-linear compression of the air in the 
enclosure [3], [10]. If VD is limited to a fixed fraction 
of V IJ' the fraction depending on the amount of distor
tion considered acceptable, then Fig. 11 may be re
labeled to show the minimum enclosure volume re
quired to provide a given combination of la and PAR for 
the specified distortion level, as well as the required VD' 

Program Bandwidth 

Figure 10 indicates that kp and hence the system 
steady-state acoustic power rating decreases for values 
of QTC below 1.1 if la and VD are held constant. How
ever, it is clear from Fig. 5 that the frequency of maxi
mum diaphragm displacement, IXmax, is below la for 
QTC < 1.1, and that as QTC decreases, I Xmax moves 
further and further below 13, This suggests that the 
steady-state rating becomes increasingly conservative, as 
QTC decreases, for loudspeaker systems operated with 
program material having little energy content below I�. 

The effect of restricted power bandwidth in most ampli
fiers further reduces the likelihood of reaching rated dis
placement at Ixmax for these alignments [12, section 7] . 

For closed-box loudspeaker systems used for high
fidelity music reproduction and having a cutoff frequency 
of about 40 Hz or less, or operated on speech only and 
having a cutoff frequency of about 100 Hz or less, an 
approximate program power rating is that given by (42) 
or Fig. 11 for any value of QTC up to 1.1. Above this 
value, Ixmax is within the system passband and the pro
gram rating is effectively the same as the steady-state 
rating. 

Electrical Power Rating 

The displacement-limited electrical and acoustic power 
ratings of a loudspeaker system are related by the sys
tem reference efficiency [12, section 7]. Thus, if the 
acoustic power rating and reference efficiency of a sys
tem are known, the corresponding electrical rating may 
be calculated as the ratio of these. 

For the closed-box system, (24) and (39) give the 
electrical power rating PER as 

f Q VD2 
P _ 2 C EC 

ERCCR) - 7rpuC -V--'IXCw)1 2 
(43) 

AT I ,max 

The dependence of this rating on the important system 
constants is more easily observed from the form obtained 
by dividing (40) by (26): 

kl' V D2 
PER = -- fa --. k, VB 

(44) 

It is particularly important to realize that for a given 
acoustic power capacity, the displacement-limited elec
trical power rating is inversely proportional to efficiency. 
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Fig. 11. The relationship of rated acoustic output power to 
cutoff frequency and driver displacement volume for a cIosed
box loudspeaker system aligned to obtain maximum rated 
power. 

Also, displacement non-linearity for large signals tends 
to increase PER over the theoretical linear value. Thus 
a high input power rating is not necessarily a virtue; it 
may only indicate a low value of k, or a high distortion 
limit. 

The overall electrical power rating which a manu
facturer assigns to a loudspeaker system must take into 
account both the displacement-limited power capacity of 
the system, PER' and the thermally-limited power capacity 
of the driver, PE(max), together with the spectral and 
statistical properties of the type of program material for 
which the rating will apply. The statistical properties of 
the signal are important in determining whether PER or 
PEcmax) will limit the overall power rating, because the 
overall rating sets the maximum safe continuous-power 
rating of the amplifier to be used. For reliability and 
low distortion, the overall rating must never exceed PER; 
but it may be allowed to exceed PE(max) in proportion 
to the peak-to-average power ratio of the intended pro
gram material. 

The resulting system rating is important when select
ing a loudspeaker system to operate with a given ampli
fier and vice-versa. But it must be remembered that the 
electrical rating gives no clue to the acoustic power 
capacity unless the reference efficiency is known. 

6. PARAMETER MEASUREMENT 

It has been shown that the important small-signal and 
large-signal performance characteristics of a closed-box 
loudspeaker system depend on a few basic parameters. 
The ability to measure these basic parameters is thus a 
useful tool, both for evaluating the performance of an 
existing loudspeaker system and for checking the results 
of a new system design which is intended to meet spe
cific performance criteria. 

Small-Signal Parameters: 
'e, QMe, QEe, QTCO' ex, V AT 

The voice-coil impedance function of the closed�box: 
system is given by (22). The steady-state magnitude 

I Zvc (jw) I of this function is plotted against normalized 
frequency in Fig. 12. 

The measured impedance curve of a closed-box sys-

--
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Fig. 12. Magnitude of closed-box loudspeaker system voice
coil impedance as a function of frequency. 

tem conforms closely to the shape of Fig. 12. This 
impedance curve permits identification of the first four 
parameters as follows: 

1) Measure the dc voice-coil resistance RE. 
2) Find the frequency la at which the impedance 

has maximum magnitude and zero phase, i.e., 
is resistive. Let the ratio of maximum im
pedance magnitude to RE be defined as ra. 

3) Find the two frequencies 11 < I a and 12 > I a 
for which the impedance magnitude is equal 

to RE -y----,:;. 
4) Then, as in [12, appendix], 

QMC = 
la -y ra

, 
12

- 11 

QEC = QMC/(ra-l), 

(45) 

(46) 

(47) 

To obtain the value of a for the system, remove the 
driver from the enclosure and measure the driver param
eters Is, QMS and QES (with or without a baffle) as 
described in [12]; the method is the same as that given 
above for the system. The compliance ratio is then [12, 
appendix] 

a = laQEc -1. (48) 
IsQEs 

Drivers with large voice-coil inductance or systems hav
ing a large crossover inductance may exhibit some dif
ference between the frequency of maximum impedance 
magnitude and the frequency of zero phase. If the in
ductance cannot be bypassed or equalized for measure
ment purposes [17, section 14], it is better to take la as 
the frequency of maximum impedance magnitude, re
gardless of phase. It must be expected, however, that 
some measurement accuracy will be lost in these circum
stances. 

V A'l' is evaluated with the help of (1), (11), (15), 
(25) and (34): 

a 
VAT = VABVAS/(VAB+VAS) = 

a+l 
VAB· (49) 

For unfilled enclosures, V AB = VB and the value of V AT 
may be computed directly using the measured value of 
a. If the system enclosure is normally filled, an extra 

set of measurements is required. The filling material is 
removed from the enclosure, or the driver is transferred 
to a similar but unfilled test enclosure. For this com
bination, the resonance frequency I C'r and the corres
ponding Q values QMCT and QECT are measured by the 
above method. Then, as shown in [12, appendix], 

V AS = VB [ !CTQECT -
\ ] ' 

(50) 
IsQEs 

where V B is the net internal volume of the unfilled en
closure used ( the system enclosure or test enclosure). 
Using (11), (15) and (34), VAB for the filled system en
closure is then given by 

VAB = VAs/a. (51) 

This value of V AB may now be used to evaluate V AT 
using (49). 

Large-Signal Parameters: PE(max) and VD 

The measurement of driver thermal power capacity is 
best left to manufacturers, who are familiar with the 
required techniques [18, section 5.7] and are usually 
quite happy to supply the information on request. Some 
estimate of thermal power capacity may often be ob
tained from knowledge of voice-coil diameter and length, 
the materials used, and the intended use of the 
driver [\9]. 

The driver displacement volume V D is the product of 
S D and xmax• It is usually sufficient to evaluate S D by 
estimating the effective diaphragm diameter. Some manu
facturers specify the "throw" of a driver, which is usually 
the peak-to-peak linear displacement, i.e., 2xm:". If this 
information is not available, the value of Xmax may be 
estimated by observing the amount of voice-coil overhang 
outside the magnetic gap. For a more rigorous evaluation, 
where the necessary test equipment is available, operate 
the driver in air with sine-wave input at its resonance 
frequency and measure the peak displacement for which 
the radiated sound pressure attains about 10% total har
monic distortion. 

7. ENCLOSURE FILLING 

It is stated in section 4 that the addition of an appro
priate filling material to the enclosure of an air-suspension 
system raises the value of the efficiency constant k •. The 
use and value of such materials have been the subject 
of much controversy and study [4], [8], [9], [10], [11], 
[20]. 

There is no serious disagreement about the value of 
such materials for damping standing waves within the 
enclosure at frequencies in the upper piston range and 
higher. The controversy centers on the value of the 
materials at low frequencies. A more complete descrip
tion of the effects of these materials will help to assess 
their value to various users. 

Compliance Increase 

If the filling material is chosen for Iow density but 
high specific heat, the conditions of air compression 
within the enclosure are altered from adiabatic to iso
thermal, or partly so [1, p. 220]. This increases the ef
fective acoustic compliance of the enclosure, which is 
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equivalent to increasing the size of the unfilled enclosure. 
The maximum theoretical increase in compliance is 40%, 
but using practical materials the actual increase is prob
ably never more than about 25 % . 

Mass Loading 

Often, the addition of filling material increases the 
total effective moving mass of the system. This has been 
carefully documented by Avedon [10]. The mechanism 
is not entirely clear and may involve either motion of the 
filling material itself or constriction of air passages near 
the rear of the diaphragm, thus "mass-loading" the driver. 
Depending on the initial diaphragm mass and the con
ditions of filling, the mass increase may vary from neg
ligible proportions to as much as 20%. 

Damping 

Air moving inside a filled enclosure encounters fric
tional resistance and loses energy. Thus the component 

RAB of Fig. 1 increases when the enclosure is filled. The 
resulting increase in the total system mechanical losses 

(RAB + RAs) can be substantial, especially if the filling 
material is relatively dense and is allowed to be quite 
close to the driver where the air particle velocity and 
displacement are highest. While unfilled systems have 
typical QMC values of about 5-10 (largely the result of 
driver suspension losses), filled systems generally have 

QMC values in the range of 2-5. 

Value to the Designer 

If a loudspeaker system is being designed from scratch, 
the effect of filling material on compliance is a definite 
advantage. It means that the enclosure size can be re
duced or the efficiency improved or the response ex
tended. Any mass increase which accompanies the com
pliance increase is simply taken into account in designing 
the driver so that the total moving mass is just the amount 
desired. The losses contributed by the material are a 
disadvantage in terms of their effect on k,(Q)' but this is 
a small price to pay for the overall increase in k, which 
results from the greater compliance. In fact, if efficiency 
is not a problem, the effect of increased frictional losses 
may be seen to relax the magnet requirements a little, 
thus saving cost. 

Where a loudspeaker system is being designed around 
a given driver, the compliance increase contributed by 
the material is still an advantage because it permits the 
enclosure to be made smaller for a particular (achievable) 
response. The effect of increased mass is to reduce the 
driver reference efficiency by the square of the mass 
increase; this may or may not be desirable. The increased 
mass will also cause the value of QEC to be higher for 
a given value of 10' This will be opposed by the effect 
of the material losses on QMC' 

Often it is hoped that the addition of large amounts 
of filling material to a system will contribute enough 
additional damping to compensate for inadequate mag
netic coupling in the driver. To the extent that the mate
rial increases compliance more than it does mass, QEC 
will indeed fall a little. And while QMC may be sub
stantially decreased, the total reduction in QTC is seldom 
enough to rescue a badly underdamped driver as illus
trated in [20]. If such a driver must be used, the appli-

cation of acoustic damping directly to the driver as 
described in [21] is both more effective and more ec
onomical than attempting to overfill the enclosure. 

Measuring the Effects of Filling Materials 

The contribution of filling materials to a given system 
can be determined by careful measurement of the system 
parameters with and without the material in place. The 
added-weight measurement method used by Avedon [10] 
can be very accurate but is suited only to laboratory con
ditions. Alternatively, the type of measurements described 
in section 6 may be used: 

1) With the driver in air or on a test baffle, 
measure Is, QMS, QES' 

2) With the driver in the unfilled enclosure, 
measure ICT, QMCT' QECT' 

3) With the driver in the filled enclosure, measure 
10, QMC' QEC' 

4) Then, using the method of [12, appendix] ,  the 
ratio of total moving mass with filling to that 
without filling is 

MAC/MACT = ICTQEC/loQECT, (52) 

and the enclosure compliance increase caused 
by filling is 

(fCTQECT/IsQES) - 1 
VAB/VB = (53) 

(foQEc/lsQES) - 1 

5) The net effect of the material on total system 
damping may be found by computing QTCO 
for the filled system from (9) or (47) and 
comparing this to the corresponding QTCTO = 

QMCTQECT/(QMC'l' + QECT) for the unfilled 
system. These values represent the total Q 

(QTd for each system when driven by an 
amplifier of negligible source resistance. 

The usual result is that the filling material increases 
both compliance and mass but decreases total Q. The 
decrease in total Q may be a little or a lot, depending on 
the initial value and on the material chosen and its lo
cation in the enclosure. 
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Direct-Radiator Loudspeaker System Analysis* 

RICHARD H. SMALL 

School of Electrical Engineering, University of Sydney, Sydney, N. S. W., Australia 

The low-frequency performance of direct-radiator loudspeaker systems can be accu
rately specified and is quantitatively related to the basic parameters of the system com
ponents. These systems function at low frequencies as low-efficiency electroacoustic 
high-pass filters; the frequency-dependent behavior is described by rational polynomial 
functions whose coefficients contain basic component parameters. These basic parame
ters, which are simple to evaluate, determine the system Iow-frequency response, effi
ciency, and power ratings. 

Editor's Note: 

This is the first of a series of papers by R. H. Small 
which will have a long-term impact on direct-radiator 
loudspeaker theory. This paper is mainly concerned with 
terminology, definitions, and setting a thorough back
ground for the following papers on specific kinds of 
loudspeaker systems. 

The work on efficiency, power considerations, and 
large-signal effects is the most accurate that I know of. 
The appendix contains the only derivation I know of in 
print for Thiele's methods of driver-parameter measure
ment. 

J. R. ASHLEY 

* Reprinted with permission from IEEE Transections on 
Audio and Electroacoustics, vo!. AU-19, pp. 269-281 (Dec. 
1971). 
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GLOSSARY OF SYMBOLS 

B 
C 

CAB 
CAP 

magnetic flux density in driver air gap 
velocity of sound in air (=345 m/s) 
acoustic compliance of air in enclosure 
acoustic compliance of passive radiator suspen-

sion 
acoustic compliance of driver suspension 
mechanical compliance of driver suspension 

(=CAS/SD2) 
electrical capacitance due to driver mass 

(=MASSD2/B2[2) 
open-circuit output voltage of source 
natural frequency variable 
resonance frequency of driver in closed test box 
resonance frequency of driver 
response function 
system displacement constant 
length of voice-coil conductor in magnetic field 
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LCEH 

MAC1' 

MAl' 

MA R 

M�'R 

PA 

PAH 

PE 
PElt 

PF}(IllHX) 
Q 

QE 

QE("I' 

• QER 

Ql1 

Q�ICT 

Qm; 

Q7' 

RAB 

RAT. 

RAP 

R�s 
RAT 
RE 
RES 

RI! 
R�18 

'RAH 
S 

Sf) 

T 
u 
U 
VAS 

Vj) 

X 

XlllH::t 
X(s) 
Zvc(s) 
'YI 
'YIo 
Po 
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electrical inductance due to driver compliance 
(=CAsB2[2/SD2) 

acoustic mass of driver in closed test box in
cluding air load 

acoustic mass of port or passive radiator includ
ing air load 

acoustic mass of driver diaphragm assembly in
cluding air load 

mechanical mass of driver diaphragm assembly 
including air load (=MAsSD2) 

acoustic output power 
displacement-limited acoustic power rating 
nominal electrical input power 
displacement-limited electrical power rating 
thermally limited maximum input power 
ratio of reactance to resistance (series circuit) 

or resistance to reactance (parallel circuit) 
Q of driver at Is considering system electrical 

resistance (Rg + RE) only 
Q of driver at Ic'l' considering electrical resis

tance RE only 
Q of driver at Is considering electrical resIs

tance RE only 
Q of driver at Is considering system nonelectri

cal resistances only 
Q of driver at Ic'!' considering nonelectrical re

sistances only 
Q of driver at Is considering driver non elect ri

cal resistances only 
total Q of driver at Is including all system resis

tances 
acoustic resistance of enclosure losses due to 

internal energy absorption 
acoustic resistance of enclosure losses due to 

leakage 
acoustic resistance of port or passive radiator 

losses 
acoustic resistance of driver suspension losses 
acoustic resistance of total driver-circuit losses 
dc resistance of driver voice coil 
electrical resistance due to driver suspension 

losses (=B212/SD2RAf',) 
output resistance of source or amplifier 
mechanical resistance of driver suspension 

losses (= RAsSn2) 
acoustic radiation resistance 
complex frequency variable ( = (T + jw) 
effective projected surface area of driver dia-

phragm 
time constant (= Ih. Tft) 
linear velocity 
volume velocity 
volume of air having same acoustic compliance 

as driver suspension (= poc2C AS) 
peak displacement volume of driver diaphragm 

(=S])xmax) 
linear displacement 
peak displacement limit of driver diaphragm 
driver diaphragm displacement function 
voice-coil impedance function 
efficiency 
reference efficiency 
density of air ( = 1.18 kgjm3) 

static displacement sensitivity of unenclosed 
driver expressed in meters per wattYz 

radian frequency variable (= 2Tft) 

INTRODUCTION: It is quite possible that the vague
ness which infuses many discussions of loudspeakers has 
its roots in the chaotic terminology of the subject. The 
word "loudspeaker" itself long ago lost any specific mean
ing. Despite conflicting attempts by various nationalities 
to define it as a driver unit or as a complete systelTl, the 
word retains value only as a general term and as an ad
jective. For the sake of clarity, this paper uses the com
mon but more specific terms below. 

A source is a device, usually an electronic power am
plifier, which supplies electrical energy at a specified volt
age or power level. 

A loudspeaker driver is a transducer mechanism which 
converts electrical energy into mechanical and/ or acous
tical energy. The most common type of driver and the 
one dealt with in this paper is the moving-coil or electro
dynamic driver consisting of a voice coil located in a 
permanently magnetized air gap and attached to a sus
pended diaphragm or "cone." 

A bailie is a structure used to support a driver and to 
reduce or prevent cancellation of radiation from the 
front of the driver diaphragm by anti phase radiation 
from the rear. 

An enclosure is a cabinet or box in which a driver is 
mounted for the purpose of radiating sound. The enclo
sure forms a closed geometrical surface except for the 
driver mounting aperture or other specified apertures. 

A loudspeaker system is the combination of a driver 
(or drivers) with a structural radiation aid such as a 
horn, baffle, or enclosure which is used to convert elec
trical energy from a specified source into sound. 

A direct-radiator loudspeaker system is a loudspeaker 
system which couples acoustical energy directly to the 
air from the driver diaphragm and/ or simple enclosure 
apertures without the use of horns or other acoustical 
impedance-matching devices. 

The piston range of a loudspeaker driver is that range 
of frequencies for which the wavelength of sound is 
longer than the driver diaphragm circumference. In this 
frequency range, a direct-radiator system using the driver 
in an enclosure will have an acoustic output which is 
essentially· nondirectional. 

Loudspeaker System Design 

Direct-radiator loudspeaker systems have been in use 
for about half a century. During this time, much knowl
edge of the behavioral properties of various types of di
rect-radiator systems has been accumulated, but this 
knowledge is still uneven and incomplete. For example, 
closed-box systems are much better understood than 
vented-box systems, while quantitative design informa
tion for passive-radiator systems cannot be found in pub
lished form. 

The design of a loudspeaker system is traditionally a 
trial-and-error process guided by experience: a likely 
driver is chosen and various enclosure designs are tried 
until the system performance is found to be satisfactory. 
In sharp contrast to this empirical design process is the 
synthesis of many other engineering systems. This be-
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gins with the desired system performance specifications 
and leads directly to specification of system components. 

The latter approach requires the engineer to have pre
cise knowledge of the relationships between system per
formance and component specifications. The method of 
analysis described in this paper is a means of obtaining 
this knowledge for the low-frequency performance of all 
types of direct-radiator loudspeaker systems; it is based 
on the high-pass-filter behavior of these systems. 

Loudspeaker System Sensitivity and Efficiency 

An ideal microphone converts sound pressure into 
voltage with equal sensitivity at all frequencies. Record
ing and reproducing systems are designed to process sig
nal voltages representing sound pressure without distor
tion. To complete the sound reproduction process, an 
ideal loudspeaker system should convert voltage into 
sound pressure with equal sensitivity at all frequencies. 

In practice, all loudspeaker systems have limited band
width. In the low-frequency region, they act as high-pass 
filters. The low-frequency design of a loudspeaker sys
tem may thus be regarded as the design of a high-pass 
filter [1], [2] . The principal difference is that the loud
speaker, system designer has very limited control over 
the "circuit" configuration; his design freedom is limited 
to obtaining the best possible performance by manipula
tion of the system component values. 

The frequency response of an electrical filter is nor
mally described in terms of a dimension less voltage or 
power ratio. Because a loudspeaker system is a trans
ducer, its sensitivity versus frequency response is the 
ratio of two unlike quantities, sound pressure and volt
age. However, the loudspeaker system response can also 
be defined in terms of a dimensionless power ratio which 
is proportional to the square of the above sensitivity 
ratio. 

In the frequency range for which the system radiation 
is nondirectional, the free-field sound pressure at a fixed 
distance is proportional to the square root of the acous
tic power radiated by the system [3, p. 189]. The elec
trical power delivered into a fixed resistance by the 
source is proportional to the square of the source out
put voltage. Thus the ratio of the actual system acous
tic output power to the electrical power delivered into a 
fixed resistance by the same source represents exactly 
the square of the system sensitivity ratio (i.e., the sys
tem frequency response), except for a constant factor. 
If the fixe� resistance is chosen to fairly represent the 

Fig. 1. Generalized direct-radiator loudspeaker system. 

input impedance of the loudspeaker system, the value of 
the power ratio in the system passband is the nominal 
electroacollstic conversion efficiency of the system. 

This method of defining loudspeaker efficiency is quite 
similar in principle to the power available efficiency 
definition used by Beranek [3, p. 190] in. that both re
veal the exact frequency response of the system. The 
principal advantage of the method used here is that the 
calculated passband efficiency of the system is inde
pendent of generator output resistance and realistically 
relates the acoustic power capability of the system to the 
electrical power rating of its source. 

SMALL-SIGNAL PERFORMANCE 
RELATIONSHIPS 

Acoustic Output Power 

A generalized direct-radiator loudspeaker system [4, 

Fig. I ]  is illustrated in Fig. 1. The system enclosure has 
apertures for a driver, a port (or passive radiator), and 
leakage. Electrical input to the driver produces air move
ment at the driver diaphragm, port, and leak; this air 
movement is shown in Fig. 1 as the acoustic volume 
velocities U j), Up, and UT,' 

At very low frequencies, where the dimensions of and 
spacings between the enclosure apertures are much less 
than a wavelength, the system can be regarded as a 
comb.ination of coincident simple sources [3, p. 93]. The 
acoustic output is thus non directional and is equivalent 
to that of a single simple source having a strength U 0 

equal to the vector sum of the individual aperture vol
ume velocities, i.e., 

The acoustic power radiated by the system is then 

where 

P A acoustic output power 
'RAn resistive part of radiation load on system. 

(1) 

(2) 

Eq. (2) is generally valid to the upper limit of the driver 
piston range because the driver is normally the only 
significant radiator at frequencies high enough for the 
aperture spacings to become important. 

In a recent paper [51, Allison and Berkovitz have dem
onstrated that the low-frequency load on a loudspeaker 
system in a typical listening room is essentially that for 
one side of a piston mounted in an infinite baffle. The 
resistive part of this radiation load [3, p. 216] is 

where 

Po density of air 

Cl) steady-state radian frequency 

c velocity of sound in air. 

(3) 

Eq. (3) is valid only in the system piston range, but 
within this range the value of 'R,\R is independent of the 
size of the enclosure or its apertures. 

Because mass cannot be created or stored at the en-
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MAS CAS RAS Uo 

UB UL Up 
B2l2 

CAB MAP 2 (Rg+RE)SO RAL 
egBl RAB CAP 

(Rg+RE)SO RAP 
Uo 

Fig. 2. Acoustical analogous circuit of generalized direct
radiator loudspeaker system. 

closure boundaries, and because the sound pressure is 
normally much less than thc atmosphere pressure, con
servation of mass requires that 

(4) 

where V lJ is the total volume velocity entering the en
c1o�ure. Eq. (4) holds even if the enclosure is internally 
divided. If the enclosure contains several cavities, then 

VII = Vm + V1I2+ Vm+ . .  ·, (5) 

where each term on the right-hand side of Eq. (5) rep
resents the net volume velocity entering each individual 
cavity. 

Eqs. ( I), (4), and (5 ) are general and hold for any 
number of cavities and apertures and any interconnec
tion of these. They are vector equations which require 
that the relative phase of the various components be 
taken into account. 

Although Eq. (4) is very simple, it is of key impor
tance in the analysis ot direct-radiator loudspeaker sys
tems using an enclosure. In combination with Eq. (2), 
it reveals that the acoustic power radiated by the system 
is directly related to the volume velocity compressing 
and expanding air within the enclosure. This fact has 
been noted for bass-reflex enclosures by Beranek [3, p. 
244], de Boer [1], and others; it is equally true for all 
direct-radiator system enclosures [4, eq. (72) ff]. 

Electrical Input Power 

The nominal electrical input power to a loudspeaker 
system is defined here as the power delivered by the 
source into a resistor having the same value as the driver 
voice-coil resistance [2, eq. (l0)]. Thus 

where 

PE nominal electrical input power 
ell open-circuit output voltage of source 

Rg output resistance of source 
RE dc resistance of driver voice coil. 

(6) 

The valuc of RJ<] is typically about 80% of the rated 
driver voice-coil impedance. 

American [6], British [7J, and international [8] stan
dards make use of variously defined rating impedances 
in calculating the nominal input power to a loudspeaker 
driver. Because the calculated acoustic output power of 
the system depends on RE and not on the fictitious rat-

ing impedance, the definition used here simplifies the ex
pression for theoretical system efficiency derived below. 
This difference must be remembered if the computed 
piston-range reference efficiency of a system is to be 
compared with the efficiency measured according to the 
methods of one of thc above standards. 

EFFICIENCY 

From Eqs. (2) and (6), the nominal 'power transfer 
ratio or efficiency 1) of a loudspeaker system IS 

P { (R" �R,,) 2 
1) = -" = ! Un!2'R.Au-_'---

PE er?RE 
(7) 

The evaluation of this efficiency expression for a given 
system requires a knowledge of the relationship between 
U 0 and ('!l" This relationship is found by examining the 
acoustical circuit of the system. 

The development of acoustical circuits is described in 
excellent detail by Olson [9] and Beranek [3, ch. 3]. 
Fig. 2 is the impedance-type acoustical analogous circuit 
for the generalized loudspeaker system of Fig. 1 [4, Fig. 
1 5 1. In Fig. 2, 

B 
I 

magnetic flux density in driver air gap 
length of voice-coil conductor in magnetic 
field of air gap 
effective projected surface area of driver di
aphragm 
acoustic mass of driver diaphragm assembly 
including voice coil and air load 
acoustic compliance of driver suspension 
acoustic resistance of driver suspension losses 
acoustic compliance of air in enclosure 
acoustic resistance of enclosure losses due to 
internal energy absorption 
acoustic resistance of enclosure losses due to 
leakage 
acoustic mass of port or passive radiator in
cluding air load 
acoustic compliance of passive radiator sus
pension 
acoustic resistance of port or passive radiator 
losses. 

Starting from the circuit of Fig. 2, the acoustical analo
gous circuits of most common direct-radiator systems 
can be obtained by removing or short-circuiting appro
priate elements. Note that for the analogy used in this 
circuit, volt ages represent acoustic pressures and currents 

Fig. 3. Acoustical analogous circuit of infinite-baffle loud
speaker system. 
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represent volume velocities. The method of obtaining the 
system efficiency expression from analysis of the system 
acoustical circuit is illustrated below for the simple infi
nite-baffle system. 

The acoustical analogous circuit of an infinite-baffle 
loudspeaker system is derived from the general circuit of 
Fig. Z by removing the branches representing the passive 
radiator and enclosure leakage and short-circuiting the 
branch representing the interior of the enclosure to make 
the enclosure dissipation zero and the enclosure compli
ance infinite. The resulting circuit is shown in Fig. 3. A 

simplification has been made in this circuit by combin
ing the remaining series resistances to form the total 
acoustic resistance 

RA'!' = RAS + -----
(Rg + RE)SD2 

(8) 

From circuit analysis of Fig. 3, 

egBI 
Vo = . G(s) (9) 

(Rg + RE)SDSMAS 

where 

S2CASMAS 
(10) 

and s is the complex frequency variable. 

For steady-state sinusoidal excitation s = jw, and Eqs. 
(5) and (9) may be combined with Eq. (7) to yield the 
infinite-baffle efficiency expression 

p B212 
"I(jw) = _0 1 G(jw) 12 (11) 

27TC RESn2MAs2 

where G(jw) is G(s) from Eq. (10) with s = jw. Note 
that G (jw) contains all the frequency-dependent terms of 
Eq. 11) ; the remainder of the expression contains only 
physical, numerical, and driver constants. 

The last part of Eq. (11) , i.e., the squared magnitude 
of G (jw), is the infinite-baffle system frequency response 
expressed as a normalized power ratio. The normalized 
ratio of sound pressure to source voltage, i.e., the nor
malized sensitivity or sound pressure frequency response, 
is thus simply 1 G (jw) I; it can be seen from Eq. (10) 
that this is a second-order (12-dB per octave cutoff) 
high-pass filter function. 

For any direct-radiator system using an enclosure, the 
expressions for total volume velocity and efficiency have 
the same form as Eqs. (9) and (11) ; only the function 
G(s) is different for each system. 

The system response function G (s) contains complete 
information about the amplitude and phase versus fre
quency responses and the transient response of the sys
tem. G(s) is always a high-pass filter function with a 
value of unity in the passband. Thus the constant part 
of Eq. (11) is the system passband efficiency. 

ASSUMPTIONS AND APPROXIMATIONS 

The acoustical analogous circuits of Figs. 2 and 3 are 
valid only for frequencies within the piston range of the 
driver; the circuit components are assumed to have values 
which are independent of frequency within this range. 

Circuit elements which do not contribute enough im
pedance to affect the analysis are neglected. One of these 

elements is the radiation resistance. Although this re
sistance is responsible for the radiated power and is 
therefore included in Eq. (2) , it is in fact quite small 
compared to the other impedances in the acoustical cir
cuit [2, p. 489]. This is fortunate for purposes of analy
sis because the radiation resistance is not constant but 
varies with frequency squared. Also neglected is the 
driver voice-coil inductance which usually has negligible 
effects in the limited frequency range of this analysis. 

The treatment of acoustical masses is simplified by 
adding together all masses appearing in series in the 
same branch of the analogous circuit. This means that 
physical and air-load masses are lumped together. While 
the resulting total mass is essentially constant with fre
quency, it may vary, in the case of the driver, with 
mounting location or mounting conditions. This must be 
remembered when dealing with the actual system and 
measuring its parameters. 

SMALL-SIGNAL PARAMETERS 

The response function and other describing equations 
of a loudspeaker system generally contain driver, en
closure, and source parameters. Knowledge of these re
lationships for a particular system is of practical use only 
if the parameter values are known or can be measured. 

One key to the identification and measurement of the 
system parameters lies in the system electrical equivalent 
circuit. This is the dual of the system acoustical analo
gous circuit and may be derived from it; its formation 
is well explained in [9] and [3, ch. 3]. Once the cir
cuit is determined, straightforward circuit analysis yields 
the relationship between the impedance measured at the 
voice-coil terminals of the actual system and the physi
cal components which constitute the system. It is thus 
possible to determine the system parameters from mea
surement of the voice-coil circuit impedance. 

Driver Parameters 

The fundamental electromechanical driver parameters 
which control system small-signal performance are RE' 
(BI), Sn, C�IS' M)IS' and RM�' where 

CMS mechanical compliance of driver suspension 
(=CAS/SD2) 

MMS mechanical mass of driver diaphragm assem
bly including voice coil and air load (= M,iS 
SD2) 

RMS mechanical resistance of driver suspension 
losses (= RAsSD2). 

These parameters are fundamental because each can be 
set independently of the others, and each has some effect 
on the system small-signal performance. 

For purposes of analysis and design, it is advantageous 
to describe the driver in terms of the four basic parame
ters used by Thiele [2] which are related to those above 
but are easier to measure and to work with. These are 
as follows. 

Is resonance frequency of moving system of 
driver, defined by Eq. (12) and usually speci
fied for driver in air with no baffle USA) or 
on a specified baffle USB) 
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V AS acoustic compliance of driver, expressed as an 
equivalent volume of air according to Eq. (15) 

QMS ratio of driver electrical equivalent frictional 
resistance to reflected motional reactance at 
Is, defined by Eq. (13). 

QES ratio of voice-coil dc resistance to reflected 
motional reactance at Is, defined by Eq. (14). 

The parameters Q�IK and QE� c'Jrrespond to Thie!e's 
Q" and Q, .. They have bee'l given the extra subscript S 
to make it clear that they apply to the driver alone and 
to prevent confusion with the system parameters Q.11 and 

QE' corresponding to Thiele's Q" and Q,. (total) , defined 
at the end of this section. 

Driver Electrical Equivalent Circuit 

The electrical equivalent circu;t of a driver i'1 air or 
mounted on an infinite baffle is shown in Fig. 4. In this 
circuit, 

C�ms electrical capacitance due to driver mass (= 
MAsSn2/B2P) 

LC],S electrical inductance due to driver compliance 
( =CAsB2/2/SD2) 

RES electrical resistance due to driver suspension 
losses (=B2l2/Sn2RAs)' 

The circuit of Fig. 4 is the dual of Fig. 3. An important 
difference is that the real voice-coil terminals are avail
able in Fig. 4. 

Fig. 4. Electrical equivalent circuit of moving-coil electro
dynamic driver. 

In Fig. 4, the driver reactances form a resonant circuit 
which has a resonance frequency Ws = 21r1s, or a char
acteristic time constant T s, given by 

The Q of the driver resonant circuit with RES acting alone 

IS 

(13 ) 

Similarly, the Q with RE acting alone, i.e., with Rg = 0, is 

QES = WSC�lESRE = WSRBMAs Sn2/(B2/2). (14) 

The parameter V AS is a vohlme of air having the same 
acoustic compliance as the driver suspension. Thus [3, 
p. 129] 

V AS = poc2C AS' (15) 

'3 '--' 
u 

> 
N 

log f--

Fig. 5. Driver voice-coil impedance magnitude. 

Driver Voice-Coil Impedance Function 

The impedance of the circuit to the right of the voice
coil terminals in Fig. 4 is 

Zyc(s) = RE + Rm; [ .• .• STS/QMS ] . s-Ts- + sT S/Q�IS + 1 
(16) 

The steady-state magnitude IZw(jw) I of Eq. (16) is 
plotted in Fig. 5 ;  this has the form of a resonance curve 
which is displaced upward by an amount RE' 

Measurement of Driver Parameters 

If the voice-coil impedance of an actual driver is 
plotted against frequency with the driver in air or on 
a simple test baffle, the resulting plot will have the same 
shape as Fig. 5. The driver resonance frequency Is is 
easily located where the measured impedapce is a maxi
mum. If the ratio of the maximum voice-coil impedance 
to the dc resistance R B is defined as rn, and the two fre
quencies 11 < 18 and 12 > Is are found where the im

pedance magnitUde is V�RJ" then as shown in the Ap
pendix, 

and 

Q 
_ QMS 

ES - --- . 
ro

- l 

(17) 

(18) 

To obtain the value of V A;;, a known compliance is 
added to the moving system by mounting the driver in a 
small unlined test box wh:ch is closed except for the 
driver aperture. The above driver parameters are then 
remeasured and values obtained for the new resonance 
frequency I(,T and the electrical Q. Q]<;(,,1" Then, as shown 
in the Appendix, 

V AS = V T 
[ ICTQEcT -1 

] 
IsQEs 

where V T is the net internal volume of the test box. 

Source Parameters 

(19) 

The amplifier specifications that affect the small-signal 
performance of a loudspeaker system are frequency re
sponse and output resistance. 

The frequency response of a good audio amplifier is 
usually wider and flatter than that of the loudspeaker 
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system, and thus the frequency response function ob
tained from the system efficiency expression effectively 
describes the overall low-frequency response from the 
amplifier input terminals. The overall response may be 
modified or adjusted if desired by the addition to the 
amplifier of supplementary electrical filters [2]. 

The amplifier output resistance RI, is in series with the 
driver voice-coil resistance RE and therefore affects the 
system behavior by influencing the total Q in the driver 
branch. Most modern amplifiers are designed to have a 
high damping factor, which means that Rq is made small 
compared to any expected value of RE' This condition 
i� usually assumed in the design of general-purpose loud
speaker systems, and the driver parameters are adjusted 
to give the required total Q. 

If an amplifier and loudspeaker system are designed 
as a unit, extra design freedom may be gained by ad
justing R" to provide the desired total Q. Using suitable 
feedback techniques, R[, may be made positive, zero, or 
negative. 

Measurement of Amplifier Source Resistance 

The value of R" may be found by driving the ampli
fier with a sinusoidal signal and measuring the amplifier 
output voltage under conditions of no load and rated 
load. If the no-load output voltage is eo, the !oaded out
put voltage is el,' and the load resistance is R '.' then 

eo-cl, 
R" = R" ---. . el, 

(20) 

If there is no mea�urable difference b�tween el) and el,' 
R!I may he considered zero as far as its effect on total 
Q is concerned. Accurate measurement is (lot required 
in this case, as it is the total resistance (R " + RI") that 
is important. 

Amplifier specifications often give the value of R" (or 
the damping factor for rated load) measured at 1 kHz. 
For purposes of calculating system Q at low frequencies, 
the value measured at 50 Hz is more meaningful. 

Enclosure Parameters 

The enclosure parameters vary III number according 
to the type of system. Referring to Fig. 2, all of the 
vertical branches on the right of the figure contain en
closure components. 

The most important property of the enclosure is its 
physical volum � V" which determines the compliance 
CAH. ff the component MAl' is present in the system, 
with or without CAI" the enclosure will exhihit a reso
nance frequency In (or time constant T,,). If CAP is 
present, an additional resonance frequency f" (or time 
constant Tt') is introduced. The enclosure or aperture 
losses may be accounted for by defining Q for the varI
ous branches at specified frequencies (It: or I,,). 

Measurement of Enclosure Parameters 

In general, the change in the driver voice-coil imped
ance which occurs when the driver is placed in the en
closur� permits identrfication of the enclosure parame
ters. Because the relationships are different for every 
type of enclosure, they are not presented here but will be 
included in later papers describing each type of system. 

Composite System Parameters 

In the analysis of direct-radiator loudspeaker systems, 
certain combinations of the component parameters occur 
naturally, and consistently, in the system-describing func
tions. One of these is the ratio of driver compliance to 
enclosure compliance CM/CAB' This parameter: the sys
tem compliance ratio, is of fundamental importance to 
direct-radiator systems using an enclosure. It appears in 
the analyses published by Beranek [3, ch. 8] and Thiele 
[2], and in the equivalent stiffness ratio form.s.,J S8 used 
by Novak [10]. The importance of this parameter to sys
tem performance justifies giving it a simplified symbol; 
in later papers the symbol a introduced by Benson [4, 
eq. (91)] will be used. 

In tuned-enclosure systems, the frequency ratio I,,! Is 
occurs naturally in the analysis. This is the system tun
ing ratio; Novak [10] has given it the symbol h. 

In every type of system, the driver parameter Qm; is 
altered by the presence of the source parameter RI! to 
form a system parameter 

(21) 

The effective value of (R [' + R g) includes any signifi
cant resistance present in connecting leads and crossover 
inductors. 

Similarly, the driver parameter Qm; is modified if the 
system acoustical analogous circuit has an acoustic re
sistance in series with RI>;' The new system parameter 
QJI is usually found by measurement. 

The total Q of the driver branch of the system is then 
given by a composite system parameter 

QHQJ/ 
QT= ---

Qr, + Q.l1 

FREQUENCY RESPONSE 

Response Function 

(22) 

The response function G (.I') of a loudspeaker system 
may be obtained from the complete efficiency expression 
as illustrated earlier or by a simpler general method 
which provides only the response function. Tn Fig. 6 the 
acoustical analogous circuit of Fig. 2 is reduced to only 
four essential components: 

Pg acoustic driving pressure given by 

eyBI 
p,, = (23) . 

(R,, + Rr,)SIJ 

ZAS impedance of driver branch, normally given 
by 

1 
ZAI' (s) = RA1, + sMAS + -- (24) 

SCAR 

Z An impedance of branch representing enclosure 
interior, normally given by 

1 
ZAI\(S) = RAE + -- (25) 

SCAB 

Z.u impedance of all enclosure apertures (except 
that for the driver) which contribute to total 
output volume velocity. Note that Uj in Fig. 
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Fig. 6. Simplified acoustical analogous circuit correspond
ing to Fig. 2. 

6 is equal to the sum of Vr, and VI' in Fig. 2.  

Z AA is  determined by the specific enclosure 
design. 

The response function is then in all cases 
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VII SMAH 
G(s) = SMAH- = (26) 

Pf/ ZAB + ZAH + ZAIIZAH/ZAA 

Simplifying the Response Function 

The response function obtained from the system acous
tical analogous circuit is always a normalized high-pass 
filter function which is in the form of the ratio of two 
polynomials in s. The polynomial coefficients contain 
various combinations of the acoustical masses, compli
ances, and resistances contained in the system. 

The response function is easier to interpret if the 
acoustical quantities in the coefficients are replaced by 
the simpler system parameters described in the previous 
section. Because the coefficients must have dimensions 
of time only, it is always possible to redefine them in 
terms of system time constants (or resonance frequen
cies) together with such dimension less quantities as Q. 
compliance ratios, mass ratios, and resistance ratios. 
These variables are easier for the electrical engineer to 
interpret than the unfamiliar acoustical quantities. 

For the infinite-baffle system analyzed earlier, the re
sponse function G(s) is given by Eq. (10) .  This expres
sion is simplified by substituting 

(12) 

and 
(27) 

where QT is the total Q (at 18) of the driver connected 
to the source. This is the same parameter defined for the 
general case in Eq. (22 ) .  Then 

(28 ) 

Using the Response Function 

Once the system response function is known, the re
sponse of any specific system design can be determined 
if the system parameters are known or are measured so 
that the corresponding response function coefficients can 
be calculated. This process is useful in determining the 
response of existing or proposed systems but gives little 
insight into the means of improving such systems. 

A more useful approach is to explore the behavior of 
the system response function to determine which coeffi-

cient values (i.e., parameter values) produce the most 
desirable response characteristics. This sounds like a for
midable and time-consuming task suitable for computer 
application, but fortunately the response shapes of great
est interest to the loudspeaker system designer, e.g., those 
providing flat response in the paSsband, have already 
been studied extensively by filter designers. 

Because loudspeaker systems have minimum-phase be
havior at low frequencies, the amplitude, phase, delay, 
and transient responses are aH related and cannot be 
specified independently. The most common criterion for 
optimum response in audio systems is flatness of the am
plitude response over a maximum bandwidth, but there 
may be cases where the designer requires an optimized 
transient response or delay characteristic. Whatever cri
terion is used, it is translated into a set of optimum poly
nomial coefficients so that the system parameter values 
can be specified or adjusted accordingly. 

The adjustment of loudspeaker system response is 
clearly analogous to the alignment of conventional types 
of filters. This is particularly apparent where the adjust
ment goal is the achievement of a predetermined response 
condition, rather than trial-and-error optimization. 

Consider again the infinite-baffle system which has the 
response function given by Eq. (28 ) .  The general form 
of this class of response function as used by filter de
signers is 

where 

G(s) = ------

To nominal filter time constant 

([, damping, or shape, coefficient. 

(29) 

The behavior of Eq. (29) is well known and thus re
veals the behavior of the infinite-baffle system when 
TH = To and Q1' = l! ([,. Using standard curves for Eq. 
(29 ) ,  the steady-state magnitude iG(jw) i of Eq. (28) 

is plotted in Fig. 7 for several values of Q-r. The curve 
for Q". = 0.50 corresponds to the condition for critical 
damping of the resonant circuit. The curve for QT = 
0.7 1 is a maximally flat (Butterworth) alignment which 
has no amplitude peaking. The curves for QT = 1 .0, 1 .4, 

and 2.0 have amplitude peaks of approximately 1 dB, 
3Vz dB, and 6 dB, respectively, but provide extensions 
of half-power bandwidth as compared to the maximaIly 
flat alignment. 

For this simple system, the design engineer can 
choose the response shape he desires and specify the 
system parameters accordingly; he can also see at a 
glance the effects of parameter tolerances. 

REFERENCE EFFICIENCY 

The first part of the efficiency expression ( 1 1 )  for a 
loudspeaker system contains only physical constants and 
driver parameters, while the last part, the system re
sponse function squared, is always unity for the portion 
of the piston range above system cutoff. Thus the first 
part of the expression is the passband or reference effi
ciency of the system. This reference efficiency, desig
nated '70, is given by 

Po B�l� 
'70 = -- . -----

27TC RgSn2MA�2 
(30) 
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Fig. 7. Normalized frequency response of infinite baffle 
loudspeaker system. 

In terms of the fundamental electromechanical driver 
parameters, this is 

Po B21� SD2 
'70 = --'--'---. 

27TC RE M�[S2 
(31) 

It must be remembered that M A" and M�[S include rele
vant air-load masses and any deliberate mass loading im
posed by the enclosure. 

Combining Eqs. (12), ( 1 4), and (15) with Eq. (30), 
the expression for reference efficiency becomes 

47T2 Is3VAs '70 = -- . ---. 
c� QE" 

(32) 

The reference efficiency of the system can thus be calcu
lated from the basic driver parameters discussed in Sec
tion "Small-Signal Parameters." This result is surprising 
at first, because these parameters can be determined from 
simple electrical measurements. This means that the sys
tem piston-range electroacoustic efficiency can be found 
without any direct mechanical, magnetic, or acoustical 
measurements. 

Note that Eq. (32) yields an efficiency twice as large 
as [2, eq. (76)]. This is because Thiele's expression is 
derived for the radiation load of a 47T-sr free field, while 
Eq. (32) assumes the radiation load of a 27T-sr free field. 
The latter is used here because it is more nearly repre
sentative of the radiation load presented to a loudspeaker 
system by a typical listening room [5]. 

The physical constants in Eq. (32) have a value of 
9.6 X 10-7 in the International System, and this value 
may be used to compute efficiency if Is is expressed in 
hertz and VAS is expressed in cubic meters. However, the 
value of V AS for most drivers is more conveniently ex
pressed in liters (one liter 10-3 cubic meters). Thus 
for V AS in liters, 

13V 
'70 = 9.6 X 10-10 �. 

QES 

Alternatively, if V AS is expressed in cubic feet, 

Is'l V AS 
'70 = 2.7 X 10-8 ---. 

QES 

(33) 

(34) 

The calculated value of efficiency may be converted into 

decibels (10 IOgl0'70) or percent (100 '70)' The reference 
efficiency of direct-radiator systems is quite low, typical
ly of the order <<If one percent. 

The resonance frequency of a loudspeaker driver is 
usually measured with the driver mounted on a stan
dard test baffle having an area of a few square meters 
[7, sec. 3b], [8, sec. 4.4.1]. Alternatively, some manufac
turers prefer to use an effectively infinite baffle, or no 
baffle at all. Because most drivers are ultimately used in 
enclosures, the system designer is most interested in .the 
resonance frequency, Q and reference efficiency for 
an air-load mass equivalent to that of an enclosure; this 
condition is most nearly approached by a finite "stan
dard" baffle . 

If deliberate mass loading of the driver is employed 
in the system, e.g., placing a restricted aperture in front 
of the driver, the system reference efficiency will be less 
than the basic efficiency of the driver. The system effi
ciency can still be found from Eq. (32) if the values of 

Is and QES are measured under mass-loaded conditions. 
The efficiency reduction will be proportional to the 
square of the mass increase, as shown by Eq. (30). 

LARGE-SIGNAL PERFORMANCE 

Power Ratings and Large-Signal Parameters 

Loudspeaker standards such as r6]-[8] provide only � 
general guide for the establishment of loudspeaker (driv
er) power ratings : the input power rating should be such 
that an amplifier of equivalent undistorted output power 
rating can be used with the loudspeaker without causing 
damage or excessive distortion. 

At moderately high frequencies, where little diaphragm 
displacement is required of the driver, the power han
dling capability of a loudspeaker system is limited by 
the ability of the driver voice coil to dissipate heat. This 
leads to a thermally limited absolute maximum input 
power rating for the driver, regardless of the system de
sign. This input power rating is designated Pf](tlI:lX;' 

At low frequencies much more diaphragm displace
ment is required of the driver, and it is necessary to 
establish an input power rating which ensures that the 
diaphragm is not driven beyond a specified displacement 
limit. This displacement-limited input power rating is 
often less than PE(tlI:tx,' Because diaphragm displacement 
is a function of enclosure design, the displacement-lim
ited power rating is a property of the system, not the 
driver, although it depends on the driver displacement 
limit. 

The displacement limit of a particular driver may be 
determined by any of a number of criteria. Among these 
are 

1) prevention of suspension damage, 
2) limitation of frequency-modulation distortion [11], 
3) limitation of nonlinear (harmonic and amplitude-

modulation) distortion [12]. 

For the purpose of this paper it is assumed that a peak 
displacement limit can be established; this limit is desig
nated Xmllx• 

The fundamental large-signal parameter of a driver at 
low frequencies is then 

(35) 
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Fig. 8. Normalized diaphragm displacement of driver 
mounted on infinite baffle. 

This parameter, the diaphragm peak displacement vol
ume, is the volume of air displaced by the driver dia
phragm in moving from rest to its peak displacement 
limit. It describes the volume displacement limitation and 
therefore the volume .velocity versus frequency limita
tion of the driver. The practical usefulness of this pa
rameter is illustrated in the following section. 

Thus, in addition to the driver small-signal parameters 

,-..-....... . .  _ discussed earlier, the system designer must know (or 
specify) the large-signal parameters PBlmnxl and V f)' 
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Diaphragm Displacement 

The small-signal diaphragm displacement of a loud
speaker system driver is determined from the system 
acoustical analogous circuit. The circuit is first analyzed 
to obtain the diaphragm volume velocity U f)' Division 
by Sf) then gives the diaphragm velocity Uf)o and a fur
ther division by s (i.e., integration) yields the diaphragm 
displacement X/). The diaphragm displacement expression 
is always of the form 

where 
Pp nominal input power defined by Eq. (6) 

(36) 

U;CCP) static (dc) displacement sensitivity of unen
closed driver, expressed in meters per watt0 
and given by 

(J".r(P; = 
[ CM�:212 ] 0 

kx system displacement constant of unity or less 

X(s) normalized system displacement function. 

X(s) is always a low-pa�s filter function which has a 
value of unity at zero frequency. 

For a particular system, the product of the displace
ment constant k:J: and the displacement function X(s) is 
evaluated by either of two methods. In the first method, 
the displacement expression (36) is established as de
scribed above and divided by PB%u.rU'l using Eqs. (6) 
and (37). In the second method, the acoustical analo
gous circuit is analyzed for the admittance seen by the 

generator, and this quantity is divided by sC AS; referring 
to Fig. 6, this means that in all cases 

1 1 +ZAB/ZAA 
kxX(s) = -- . . (38) 

SCAS ZAB + ZAS + ZABZAS/ZAA 
The resulting expression is then split into a constant fac
tor kx and a frequency-dependent factor X(s) normal
ized to unity at zero frequency. 

For the infinite-baffle system, circuit analysis of Fig . 
3 reveals that the displacement constant is unity and the 
displacement function is 

1 
X(s) = . (39) 

s2TS2 + STS/QT + 1 

The steady-state magnitude !X (jw) [ of this function is 
plotted against normalized frequency in Fig. 8. For this 
simple system, the curves are exact mirror images of 
those of Fig. 7. 

DISPLACEMENT-LIMITED POWER RATINGS 

Electrical Power Rating 

A useful indication of the sinusoidal steady-state dis
placement-limited electrical input power capacity of a 
loudspeaker system is obtained by assuming linear dia
phragm displacement for large input signals and limit
ing the peak value of X D in Eq. (36) to XmnX• Thus 

where 

I X(jw) I mnx 

(40) 

displacement-limited electrical input power 
rating in watts 

maximum magnitude attained by system dis
placement function, i.e., its value at .the fre
quency of maximum diaphragm displace
ment. 

Substituting Eqs. (35) and (37) into Eq. (40), 

_ 2 
tSQEH V])2 

PER - 7rpoC (41) 
V AS kl'2 I X (jw) I mnx 2 

Acoustic Power Rating 

The displacement-limited electrical power rating of a 
loudspeaker system places a limitation on the continuous 
power rating of the amplifier to be used with the system. 
This power rating, together with the reference efficiency 
of the system, then determines the maximum continuous 
acoustic power that can be radiated in the flat (upper) 
region of the system passband. Thus, using Eqs. (32) 
and (41) , the steady-state displacement-limited acoustic 
power rating PAR of the loudspeaker system is 

47r3po t s 4 V/)2 
PAH = --' (42) 

C kJ•2 I X (jw) IllInx 2 

This rating may easily be converted into a sound pres
sure level rating for standardized radiation and measure
ment conditions, e.g., [8, sec. 3.16]. The factor 47r�Po/c 
has the value 0.42 for SI units, i.e., for Is in Hz and 
Vnin m:l. 

JOURNAL OF THE AUDIO ENGINEERING SOCIETY 



Power Ratings of Infinite-Baffle System 

The displacement-limited acoustic power rating of a 
driver mounted on an infinite baffle is found by setting 
k,. = 1 in Eq. (42).  Thus, 

c 

/84 V D� 

!X(jw) ! max
2 

(43) 

For a given value of VI)' the acoustic power rating is a 
strong function of the driver resonance frequency. It is 
also sensitive to QT through Ix (jw) Imax (see Fig. 8) , 
hut is maximized for QT � 0.71. 

As an example, consider an infinite-baffle system hav
ing a resonance frequency of 50 Hz and a second-order 
Butterworth response. If the driver is a 12-inch unit 
(effective radius 0.12 m) capable of ± 4 mm peak dis
placement, then V n = 0. 1 8  dm:;' and the acoustic power 
rating is PAil = 0.086 watt. This is equivalent to a sound 
pressure level rating of 101.5 dB at a distance of 1 meter 
[3, p. 1 41-

Setting k.l' equal to unity in Eq. (4 1 ) ,  the displace
ment-limited electrical power rating of the infinite-baffle 
system is 

(44) 

This equation demonstrates quantitatively the well-known 
fact that a woofer designed for acoustic-suspension use 
(i.e., with very low resonance and high compliance) has 
a low (input) power handling capacity, compared to 
that of a conventional woofer, if it is operated in air 
or on an infinite baffle. 

The electrical power rating of the system in the above 
numerical example depends on the value of driver com
pliance. If the total moving mass of the driver has a 
typical value of 30 grams, the driver compliance, from 
Eq. ( 1 2), must be VAK = 0.1 m�. Ignoring mechanical 
losses and taking QEK = QT = 0.71, the electrical power 
rating from Eq. (44) is then PElt = 5 watts. Comparing 
PAl: with PJo;H, or using Eq. (33), the reference efficiency 
of the driver is 7)0 = 1.7%. 

Note that the same ratings also apply to an infinite
baffle system using an 8-ineh driver (effective radius 
0.08 m) capable of ± 9-mm peak displacement (so that 
V n = 0.18 dm:l) and having the same resonance fre
quency, acoustic compliance, and Q. 

Assumptions and Corrections 

The accuracy of the calculated displacement-limited 
power ratings depends on the assumptions that the dia
phragm displacement is linear up to Xm:lX and that the 
source power bandwidth extends down to the frequency 
of maximum displacement. Both assumptions may lead 
to cOflservative ratings. 

For example, the infinite-baffle system described above 
reaches maximum displacement only at very low fre
quencies. This system m;ght typically be driven by an 
amplifier with a low-frequency power bandwidth (- 3 
dB) of 30 Hz. If the plot of !X(jw) I (with constant volt
age drive) for QT = 0.71 in Fig. 8 is multiplied by the 
normalized power output curve of this amplifier, the re-

suiting ma,ximum value of !X(jw) I falls from unity to 
about 0.7. A more realistic set of power ratings for this,. 
loudspeaker system would thus be PElt = 1 0  watts and 
PAn = 0. 1 7  watt. 

Similarly, if Xlllax is defined at a displacement beyond 
the linear range of the driver, then the actual input 
power required to reach this peak displacement will be 
higher than the calculated value. A correction factor can 
easily be computed from the actual displacement'versus 
input characteristic of the driver. 

CONCLUSION 

The low-frequency response, efficiency, and power 
ratings of a direct-radiator loudspeaker system are de
termined by the parameters of the system components. 
These relationships are reciprocal; specification of the 
system performance places definite requirements on the 
component parameters. The most important system com
ponent is the driver, which is completely described only 
when a sufficient number of small-signal and large-signal 
parameters are specified. 

An interesting result of the analysis in this paper is 
that the driver diaphragm area Sf) does not appear ex
plicitly in the small-signal response, small-signal effi
ciency, or displacement-limited power ratings of a loud
speaker system. This means that it is theoretically pos
sible to design drivers of different diameter with identi
cal values of the parameters Is, Q:IIF:' QE�' V AR, and V f)' 
Used in identical enclosures, these drivers must give 
identical small-signal performance and displacement
limited power capacity. The principal differences are that 
the larger driver will cost more but require less dia
phragm displacement and thus produce less modulation 
distortion for a given acoustic output [ 1 1], [12]. 

Although the electrodynamic moving-coil driver has 
been manufactured throughout the world for decades, 
hardly a single manufacturer provides complete Iow-fre
quency parameter information with his products, or has 
ever been asked to do so. In the future, trial-and-error 
design of loudspeaker systems using available drivers 
will increasingly be replaced by system synthesis based 
on final performance specifications and resulting in speci
fic driver parameter requirements. Driver manufacturers 
must be ready to meet demands of this kind and to pro
vide complete parameter information with their prod
ucts. 

The parameters used to describe driver behavior in 
this paper are not the only consistent set that can be 
used. However, they do have the advantage of being 
easy to measure and to comprehend, and, as later papers 
will show, they are well suited for use in the analysis 
and design of complete systems. 

APPENDIX 

DRIVER PARAMETER MEASUREMENTS 

Driver Q 
From Eqs. (13) and (14) , 

Q�IS _ REO; -----
QES RE 

(45) 
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The ratio of voice-coil maximum impedance to dc re
sistance, from Fig. 5 ,  is therefore 

from which • 

1 + 
Qm; 
QE" 

Q�IS 
Qv>; = --- . " 

ro - 1 

(46) 

( 1 8 )  

Also, the total driver Q with a zero-impedance source 

( R!! = 0) is given by 

QMS Q�I R QE" 
QTS = ----- - --

Q�I" + QE" 
(47)  

Eq. ( 1 6 )  now becomes 

and 

ro + QMR ( sTs + 1 /sTs ) 
ZyC <s) = RB ---------

I + Qm; (sTs + lisTs) 
(48)  

At any two frequencies Wl < W� such that WI W� = ws'2, 
it can be shown using (49 )  that the impedance m� ,sni
tudes will be equal. Let this magnitude be defined by 

Then 

IZ,,(. ( jWI ) 1 = I Z\"(. ( jw� ) 1  = r1RE • ( 50)  

1 ZYC (jW l . �) 1 2 = rI 2 Rf}� 

and therefore 

ro� + Q�ls2 1 ( W� - Wl ) /W8 1 �  
= R,.? ( 5 1 )  

I + Q�ls� [ (w� -wl ) /ws1 2 

( 52 )  

If r l  = 'V---;;:: Eq. ( 5 2 )  reduces to 

18 'V ro 
Q�rs = -

1
--' 
� - /1 

( 1 7 ) 

Choosing rl = 'V ro not only makes the calculation sim
ple but provides good measurement accuracy because /1 
and I� are reasonably well separated and are located in 
regions of high slope on the impedance curve. 

As shown above, the frequencies /1 and 12 where the 

the measured voice-coil impedance magnitude is 'V
-"�)RE 

should satisfy the condition 

'V /I /'!, = ls . (53) 

For most real drivers this is not precisely so because the 
fundamental driver parameters, particularly compliance 
and mechanical resistance, vary slightly with frequency 
or diaphragm excursion. Also, the voice-coil inductance, 
if large, will skew the curve slightly. However, for most 
well-designed drivers, the result computed from (53 ) is 
within about 1 Hz of the measured value. Eq. (53) is 
thus a useful check to catch measurement errors or to 
identify drivers which cannot be represented accurately 
by a set of constant-value parameters. 

Driver Compliance 

A simple unlined test enclosure at atmospheric pres
sure has an acoustic compliance CAB related to its net 
internal volume V T by [3, p. 1 29] 

CAB = VT/POC� . (54) 

A driver having total acoustical mass MA R and com
pliance CAS has a self-resonance defined by 

( 1 2 ) 

When this driver is mounted in the closed test box, a 
new resonance will be measured which is given by 

T .) - 1 / 2 - M 
CAB CAS 

eT" - WeT - A("I' 
CAB + CAS 

( 5 5 )  

where M ACT is the new total moving mass resulting from 
any change in the value of the diaphragm air load mass. 
Then 

-- = -- 1 + -- . 
WCT� MAS [ CAS ] 
ws� M.H•T C.H1 

From Eq. ( 1 4 ) ,  

Qm; = w8REMARSlJ�/ (B�/2 ) . 

Similarly, 

Therefore, 

-- - ----
MACT 

and combining Eq�. ( 56 )  and (59 ) ,  

1 
+ 

CAS 
= 

W("!·QECT 

CAB WsQr,;" 

From Eqs. ( 1 5 )  and ( 54 ) ,  

and therefore 

or 

CAS VAf'. 

, [ /c']'Qt;(,T ] 
V Af'. = VT - I . 

IsQER 

( 56 )  

( 57) 

( 5 8 )  

(59) 

( 60) 

(61 ) 

( 62)  

( 1 9 ) 

The mitial driver measurements (I" ,nd Qr.;,,) may be 
made with a baffle of any size or with no baffle. It is 
advisable, however, especially with low-resonance driv
ers, that the driver have its axis horizontal for both sets 
of measurements to avoid excessive static diaphragm dis
placement due to gravity. 

Energy absorption in the test enclosure walls affects 
only the measured value of Q�[(,T and thus has no effect 
on the compliance calculation. However, absorbing mate
rial placed inside the enclosure can affect the value of 

CAB and should therefore not be used. 
It is particularly important to avoid leaks in the test 

enclosure because these can also change the effective 
value of CAB and seriously reduce the accuracy of the 
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measurement. The test enclosure must be constructed 
carefully, and the driver under test must be checked for 
a tight seal at the mounting gasket. Some drivers have a 
built-in leakage path around the voice coil, others 
through a porous edge-suspension material. Measure
ments on. these drivers must be used with caution. To 
test for leakage, apply an input signal of about 10 Hz at 
moderate level and listen carefully all around the en
closure and driver for "breathing" indicative of a leak. 

Measurement Technique 

Loudspeaker impedance measurements are commonly 
taken with either constant-voltage [3, p. 503] or con
stant-current [ 1 0, p. 13] drive. If the driver is perfectly 
linear or the measuring level is low enough, the two 
methods should give the same result. The constant-volt
age method has the advantage of more nearly duplicat
ing the usual operating conditions of the driver. 

Accurate measurement of small-signal parameters re
quires a signal level that is small enough for all voltage 
and current waveforms to be undistorted sinusoids. Use 
an oscilloscope to observe waveforms and adjust the sig
nal level accordingly. It is often necessary, particularly 
with unloaded high-compliance drivers, to measure pa
rameters at an input level of 0.1 watt or less. 

Measure the driver voice-coil resistance accurately 
with a dc bridge. A dummy resistance of the same value 
can then be made up and used as a calibrating load on 
the equipment for measuring impedance. 

Do not trust the frequency scale of audio-sweep type 
beat frequency oscillators. For maximum accuracy, take 
frequency readings with a frequency or period counter 
or from the scale of a stable, accurately calibrated sine
wave generator. 
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A Model of Loudspeaker Driver Impedance 

Incorporating Eddy Currents in the Pole Structure* 

JOHN VANDERKOOY** 

Audio Research Group. Department of Physics. University of Waterloo. Waterloo, Ontario N2L 3Gl, Canada 

Measurements of electrodynamic drivers show a blocked-cone impedance which is 
often dominated by a -v.r;;; component. A simple theory shows that eddy currents in 
the iron pole structure are responsible for this behavior. A more complex theory shows 
a transition between such semi-inductive behavior at high frequencies to a normal 
inductive behavior at low frequencies. but a vast reduction of the effective permeability 
of the iron must be invoked to explain the measured data. This reduction is due to the 
effective demagnetizing gaps in the pole structure. Other aspects of the eddy currents 
concern the asymmetric drag force on a slotted aluminum voice-coil former, the direct 
thermal heating of the pole structure by the eddy currents, the electrical compensation 
of the -v.r;;; semi-inductive impedance, and the current waveforms expected when a 
step or impulse voltage is applied to the driver. 

o INTRODUCTION 

In typical simple treatments of electrodynamic loud
speakers, equivalent circuits used to model the electric 
impedance consider the voice coil as having a resistance 
and an inductance, while the coil gives a back EMF 
proportional to cone velocity. The acoustomechanical 
aspects of the cone motion will be reflected in the 
impedance, and the loudspeaker output can be predicted 
from the electric input in the range of frequencies for 
which the cone moves as a rigid assembly. 

The acoustic, mechanical, and electrical aspects can 
be lumped together into a motional electric impedance 
82PZM [I], in which B is the field in the coil gap, l is 
the total voice-coil wire length, and ZM has units of 
meters per newton-second (mechanical mobility ohms), 
which relates the coil velocity to the force on it. If the 
voice coil is blocked, the motional electric impedance 
becomes zero, and the electric impedance should be 
just a series resistor and inductor. Measurements on 
actual drivers presented later do not support such a 
simple view, and this fact has been noted by many 
workers over the years. It is generally recognized that 
eddy currents flowing in the solid iron pole structure 

* Presented at the 84th Convention of the Audio Engineering 
Society, Paris, France, 1988 March 1-4; revised 1989 January 
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*. Mcmber of (GWP)2, the Guelph-Waterloo Program for 
Graduate Work in Physics. 
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will modify the electric impedance [2], [3]. This is 
commonly dealt with by employing lossy inductors in 
the model, that is, inductors that may hav� a series 
resistance but also have a shunting parallel resistance. 
By employing enough such dissipative inductors the 
model can be made to fit the impedance data as well 
as necessary over a restricted but often adequate fre
quency range, at the expense of an increased number 
of parameters. 

This paper seeks to work out the effects of the eddy 
currents in more precise fashion, and while the theory 
is more complex than simple lossy inductors, the final 
outcome is increased understanding of the effect of the 
eddy currents, a reduced number of required parameters 
to describe the impedance accurately, and new insights 
into the power-handling ability of electrodynamic 
drivers. Although the role of eddy currents may have 
been analyzed many times over the years, the author 
is aware of only one study [4], which emerges with 
the VJj impedance behavior that will be shown to be 
a dominant characteristic of eddy currents in the iron 
pole structure. 

1 SOME EXAMPLES AND A SIMPLE THEORY 

A typical measured imr,'dance for an unmounted 8-
in (203-mm) low-frequency driver unit is shown in 
Fig. I. The impedance is measured by a maximum
length sequence (MLS) technique, as outlined in [5\. 
The input MLS excitation signal is fed to the driver 
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through a 30-0 resistor, and the voltage across the 
driver, relative to the input signal, is determined as a 
function of frequency by a computer using a cross
correlation algorithm [6] and the discrete Fourier 
transform. A correction is applied for the series resistor, 
and the resulting magnitude and phase of the impedance 
are plotted as shown. The measurements are done with 
proper filters to prevent aliasing, and the phase response 
of these filters is removed by reference normalization, 
resulting in accurate impedance functions. It is easy 
to manipulate the computer data for further processing. 

While the woofer unit whose impedance is shown in 
Fig. I would probably not be used above I kHz, its 
impedance changes markedly even over this range. Note 
that the phase is close to 1T/4, or 450, over much of the 
plot, while the magnitude appears to be proportional 
to the square root of frequency. At very low frequencies 
the free-air resonance of the driver manifests itself, as 
shown in Fig. 2. The dc resistance of the voice coil is 
5. 7 0, and since this resistance is always in series with 
the total impedance (except perhaps at very high fre
quencies due to distributed capacitance), the computer 
can be programmed to remove it from the plotted 
impedance desired, to obtain just the portion of imped
ance related to Faraday-induced electromotive force 
(EMF). This EMF has two components, one created 
by the motion of the voice coil, the other from the flux 
change due to eddy currents in the iron central pole. 

In an effort to measure just the eddy-current effects, 
the driver cone can be blocked while the impedance is 
measured. Fig. 3 shows the impedance over the same 
frequency range as Fig. 2, but with the cone blocked 
mechanically. Most of the resonant effects are gone, 
but small resonances often remain at higher frequencies 
due to the greatly increased restoring force. It is not 
the aim of this paper to focus on the driver resonance, 
which has been mode led by many authors, but rather 
on the underlying impedance with the cone held mo
tionless. The blocked-cone impedance is significant, 
for if it is not resistive, there will be an influence on 
the measurement of the driver parameters when using 
a test box. This topic will be touched on later. 

An even better way to measure a blocked-cone 
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Fig. I. Impedance magnitude and phase angle for unmounted 
8-in (203-mm) woofer driver, measured using MLS tech
niques. The dominant V/magnitude and 45° phase angle are 
the main subjects of this papcr. 
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impedance is to deenergize the driver unit's magnet, 
or to use just the pole structure, unenergized magnet, 
and voice-coil assembly of an unassembled driver. Fig. 
4 shows the impedance of the latter structure for a 1-
in (25. 4-mm)-diameter central pole, with the dc re-
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Fig. 2. Impedance magnitude and phase angle for woofer 
unit of Fig. I, but measured on a lower frequency range. 
The funadmental resonance is now quite visible. 

Fig. 3 .  Impedance magnitude and phase angle for woofer 
unit of Figs. I and 2, but with cone mechanically blocked 
to prevent motion. Some resonant effects remain because the 
blocking of the cone motion is not complete. 
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Fig. 4. Impedance magnitude and phase angle for driver unit 
motor structure having a I-in (25 .4-mm)-diameter voice coil 
and unenergized magnet. There is no voice-coil motion, but 
the environment of the voice coil is identical to that of a 
normal driver. The dc coil resistance of 4.6 n has been sub
tracted from the actual impedance. thus the displayed curve 
shows only the effect of the induced voltage in the voice 
coil. Note the pronounced vj behavior of the magnitude. 
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sistance of 4. 6 n removed by the computer. Note again 
the almost perfect square root behavior and 45° phase 
angle, except at very low frequencies, where the 
impedance is linear with frequency and the phase angle 
approaches 90° . This inductive portion would not be 
visible had the dc resistance not been subtracted from 
the total impedance. 

In attempting a simplified theory of the blocked
cone impedance, we note that the central pole of con
ducting iron will have eddy currents induced in it from 
the excitation currents in the voice coil. A well-known 
elementary analysis of such eddy currents (given later) 
shows that they are confined roughly within a skin depth 
8 from the surface, given by 

8 = V 2 
�(JW 

(I) 

where � is the magnetic permeability of the pole ma
terial, (J is its conductivity, and w is the angular fre
quency of the excitation currents. For a relative perme
ability of 3000 (� = 3000�o = 3 X 103 X 41T X 10-7 
HIm) and a conductivity (J of 107 n-I/m, the skin depth 
8, even at 20 Hz, is only 0. 65 mm. This is much smaller 
than the radius of the pole, which is typically near 10 
mm. Hence we shall simplify the initial analysis by 
considering how an oscillating magnetic field, tangential 
to a semi-infinite conducting medium, propagates into 
the medium. The cylindrical curvature of the voice coil 
and pole structure will be dealt with later. 

The geometry of the model is shown in Fig. 5, with 
the yz plane representing the surface of the conducting 
medium, which extends into the half-space specified 
by increasingx. We regard the voice coil as an oscillating 
current sheet with the wires oriented in the z direction, 
which produces an oscillating magnetic field H at the 
surface in the y direction. Although there is an air gap 
between the coil and the pole, it is small and will initially 
be neglected, in spite of its being responsible for a 
normal inductive component in series with the coil 
impedance. 

Maxwell's equations govern the propagation of 
electromagnetic waves, and in terms of the electric 
field E, displacement D, field induction B, magnetic 
intensity H, and current density J, we have 

v x E = 

VxH 

aB 

at 

aD 
J +

at 

(2) 

(3) 

and since there is no free electric charge inside a con
ductor, and magnetic monopoles do not exist, in addition 
the two field divergences are zero: 

E = 0 

B 0 

J. Audio Eng. Soc., Vol. 37, No. 3, 1989 March 

(4) 

(5) 

LOUDSPEAKER DRIVER IMPEDANCE 

The current density J in the conducting pole material 
is related to the electric field by 

J = (JE (6) 

where a is the scalar conductivity. In reality the static 
magnetic field in a driver pole structure causes Hall 
effects in the current flow so that Eq. (6) is not exactly 
correct, but we ignore such effects here. The author is 
familiar with an earlier analysis of eddy currents in 
metals at low temperatures (7) in which the Hall effect 
and the eddy currents interplay to explain the measured 
behavior. 

In addition to the preceding equations, we need the 
relationship 

(7) 

in which � represents the magnetic permeability, which 
is often several thousand times larger in iron than in 
free space, for which �o = 41T X 10-7 HIm. Also, the 
displacement current density term aDliJl in Eq. (3) is 
usually ignored in conducting media, since this term 
is less than J by a factor Ewla, where E is the electric 
permittivity of the material and w is the angular fre
quency. Typically Ewla < 10-13, even at the highest 
audio frequencies. The loss of the displacement current 
term is very significant, for it means that normal elec
tromagnetic waves cannot propagate in strongly con
ducting media. 

Using Eqs. (2)-(7) and the vector identity (for H 

or E) 

(8) 

where V2 is the Laplacian operator. it is easily shown 
that 

VOICe COIL 
WIIlE'!> 

aH �aat (9) 

SeMI-INFINITE' 
ME"D/UM 

Fig. 5. Geometry of semi-infinite model. The magnetic me
dium has its surface in the.\'z plane and extends infinitely in 
the +x direction. The voice �,,;i ie'presents a current sheet 
carrying current in the z direction, which creates a magnetic 
field at the surface of the medium in the y direction. 
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and an identical equation results for E. 
Eq. (9) has the form of a diffusion equation, which 

has only a single time derivative, whereas a normal 
wave equation has a double time derivative, while the 
double spatial derivatives of the Laplacian V2 are the 
same for both types of equations. 

The geometry of Fig. 5, coupled with H in the y 
direction, E in the z direction, and solutions of the 
form ej(w,-h) leads from Eq. (9) to the condition 

which gives for the wave number k 

k = ± (fl.O"w)'/'(1 - wv'2 . 

(10) 

(11) 

The group velocity dwldk is proportional to Yw, so 
the wave is highly dispersive, and the magnitude of 
the group velocity is very low, being only a few meters 
per second, even at 20 kHz. Although Eq. (11) allows 
two signs for k, only the attenuating solution is per
missible, and recalling the definition of the skin depth 
8 in Eq. (I), we have, using the positive sign solution, 

H,.(x, t) 

(12) 

where Ho is the field amplitude at the surface of the 
medium. A similar equation describes the electric field 
Ez, and hence the current density in the z direction. 
Note that the "wave" attenuates (e -x/O) at the same 
spatial rate as it oscillates (e -jx/O). Outside the medium, 
for x < 0, the E and H fields have a more normal 
nonattenuating character, but the phase angle between 
E and H reflects the complex dissipative nature of the 
wave in the conducting medium. We note that the current 
density}z also falls off as e -x/&, essentially confining 
the current to a skin depth. 

Our model has a voice-coil sheet of infinite length 
placed adjacent to the conducting magnetic medium, 
and we can characterize it with n turns per unit length. 
To compute the impedance per unit length of the coil 
(y direction), and per unit length of the surface along 
the wire (z direction), we first calculate TJ, the total 
induced flux per unit length of the wire, 

fl. f
o
X Ho e- ( \ +j)x/& dx 

8 
fl.Ho l+j (13) 

The surface field Ho is related to the current I in each 
turn of the wire by 

Ho = nl . 
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Hence the inductance L per unit length along the coil 
per unit length along the wire is 

L = 
nTJ 

I 

2 fl. 8 
n --

I + j 
(15) 

After multiplication by jw to give impedance, and using 
Eq. (I) to express the frequency dependence, we have, 
for the impedance Z per unit length of coil per unit 
length along the wire, 

Z = n2 Vfl.!W 
. (16) 

To obtain the actual impedance of a finite iron-filled 
coil of length L and radius ro, neglecting end corrections, 
we would multiply the result above by L27fro. Note 
that the impedance Z depends on �, which is 
the square root of a purelx. inductive behavior. As seen 
in earlier figures, the V w dependence with attendant 
45° phase shift is a common component of driver 
impedances. We shall call such behavior semi-inductive, 

and use the term semi-inductor to describe a component 
having an impedance given by 

Z = KVJW (17) 

where K is the semi-inductance in semihenrys. 

There is generally some small spacing between the 
voice coil and the magnetic pole structure, so that the 
flux in this region is precisely in phase with the coil 
current, as in normal inductive behavior. Thus we would 
expect a small but insignificant truly inductive com
ponent to exist in series with a dominant semi-inductive 
component. A more serious objection to the theory 
above concerns the range of the x integration in Eq. 
(13), since in real drivers the pole size is not infinite. 
As the frequency reduces, 8 increases, and a local theory 
will no longer apply. In fact, Fig. 4 shows normal 
inductive behavior at the lowest frequencies. In an at
tempt to better model the actual impedance, we now 
turn to a cylindrical geometry which more closely re
sembles a real driver. 

2 A CYLINDRICAL MODEL 

Consider now a conducting cylindrical pole of radius 
ro, wrapped with a circumscribed voice coil, again 
resulting in an oscillatory tangential magnetic field along 
the cylinder axis. This problem is germane to under
standing an induction furnace and has a well-known 
solution [8], which is sketched below. 

Using a standard cylindrical coordinate system with 
z along the cylinder axis, r the distance from this axis, 
and IP the azimuthal angle, we ignore any IP and z vari
ation in the magnetic field H. After an analysis, the 
resulting equation for 'J(, the field in the z direction, 
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is 

a� 
= JUT-01 

which represents the counterpart of Eq. (9). 

(18) 

For solutions of � having a time dependence eiwt, 
Eq. (18) becomes, for the time-independent field H, 

(19) 

which is a Bessel differential equation of zeroth order. 
A unique solution for Eq. (1 9), valid for values of r 
including r = 0, is 

H = AJo(kr) (20) 

where k2 = -jfL<TW, equivalent to Eq. (1 0), and A is 
a constant. Note that if we write K2 = fL<TW, then 
k2 = -jK2 = j3K2. Thus k = /,,'K, where K is real. 
Bessel functions In with complex argument /"'Kr are 
themselves complex, and are designated by the Kelvin 
functions bern and bein, having modulus Mn and phase 
I\In. Thus 

Jo(kr) = Jo(/"Kr) 

= bero(Kr) + j beio(Kr) 

(21) 

Since Ho represents the magnetic field at r = ro, we 
have 

H(r) H 
Jo(j"'Kr) 

o 
Jo(j"'Kro) 

(22) 

The magnetic field has only a z component, and when 
Eq. (3), without the aD/al term, is expressed in cylin
drical coordinates, we have for the current density J 
in the tangential direction 

J 
oH 
or 

Using Eq. (22), this gives 

J(r, I) = "/KH 
JI(j"'Kr) jwt 

J 0 Jo(j"'Kro) 
e 

(23) 

(24) 

Physically, this current density should be maximum at 
the surface, while in addition for large Kro (i. e. , the 
radius quite a bit larger than a skin depth, which occurs 
at high frequencies) it should fall off as e -('0-')/&, just 
like Hand J (or £) for the semi-infinite case, as ex
emplified by Eq. (12). In fact both H and J have this 
character, since for large Kr, both Jo(j'I'Kr) and 
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JI(j""Kr) are asymptotic to eKrtV2PV2-rrKr, ignoring 
phase factors. By considering the asymptotic values 
of the numerator and denominator in each of Eqs. (22) 
and (24), it is easily shown that both H and J contain 
factors of e -('0 -')/&, and further analysis shows that the 
phase angles agree as well. 

At very low frequencies, Kr « I, 11(j'hKr) -
j""Kr/2, and Jo(j'hKr) - I, so that from Eq. (24) the 
current density 1 is zero at r = 0 and rises linearly 
toward the edge. The field H is constant over the cross 
section of the cylinder, and a simple analysis considering 
the flux in a circle of radius r, acting on the peripheral 
conducting material of length 2-rrr, gives the above 
result also. 

The magnetic flux <I> through the cylinder is obtained 
by integrating fLH(r) over the cross-sectional area of 
the cylinder, 

<I> = fL J:0 H(r)2-rrr dr 

2-rrfLHo ('0 'I 

10 (j"'Kro) Jo 
r 10(j 'Kr) dr 

= 
2-rrfLHoro [ ll(j"'Kro) ] 

j"'K j lo(j"'Kro) . (25) 

The factor in square brackets in Eq. (25) asymptotically 
approaches unity as Kro -+ 00, thus explaining the sep
aration of the j'h into j'll and j factors. For Kro < I, 
this same factor varies as j'llKro/2. Fig. 6 shows a plot 
of magnitude R and phase angle <P of the square brackets 
in Eq. (25), as a function of Kro, derived from published 
tables [9]. Note that K ex Vw, so that the square of the 
horizontal coordinate is proportional to frequency. We 
relate Ho to the current I and turns density n of the 
voice coil, as in Eq. (14), and the impedance Z per 
unit length of the coil becomes, after some manipulation, 

2 YfLjW . ... Z = n 2-rrro � R el ... (26) 

At high frequencies, Kro > > 1 and R ejejl - I, so that 

2 yfLjW Z == n 2-rrro � (27) 

which represents semi-inductive behavior, just like Eq. 
(16), in which the circumference of the pole cylinder 
2-rrro is explicitly included. When Kro « I, R ejejl -
t'Kro/2, and using K2 = fL<TW, Eq. (26) reduces to 

(28) 

which is normal inductive behavior, with value pro
portional to the pole cross-sectional area. 

Fig. 6 shows that the transition between inductive 
and semi-inductive behavior is quite abrupt and occurs 
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when Kro = 2, which translates to 

ro 8 = ._-
V2 (29) 

However, Fig. 4, which already has the dc resistance 
removed from the measurement, shows that the tran
sition is quite gradual. In addition, when realistic 
numbers for IT (107 n-I/m) and,.... (3000""'0) are used 
for a normal iron pole of radius 10 mm, the condition 
Eq. (29) is obtained for a frequency of 0. 17 Hz, whereas 
the real measurement shows a gradual transition at over 
100 Hz. The author believes that these bothersome 
discrepancies can be resolved qualitatively by a con
sideration of the actual driver magnetic geometry. 

Consider the typical driver structure shown in cross 
section in Fig. 7. Our model differs in a number of 
ways from an infinite iron cylinder wrapped with an 
infinite-length coil. The coil is short and usually rather 
squat, although the iron central pole is somewhat longer. 
But there is an air gap between the central pole and 
the top plate, which greatly redl\ces the net magnetic 
effect of the coil current. In addition the ferrite magnet 
has very low differential permeability, since it is a 
hard magnetic material, and acts like another large air 
gap. There may also be saturation effects in the iron 
near the voice-coil gap. The net result is that the effective 
permeability of the iron may be reduced by over a 
thousandfold, and this raises the effective transition to 
much higher frequencies. If the effective relative per
meability is only 3, for example, but the conductivity 
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Fig. 6. Magnitude R and phase angle <p of Kelvin functions 
that occur in the theory of the skin effect for a cylinder, 
plotted versus Kr, where r is the radius from the center of 
the cylinder and K is defined in the text. The two dashed 
lines show the asymptotic behavior of magnitude R. 
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and the pole radius are the same as considered earlier, 
the transition occurs at about 170 Hz. 

To lend credence to the above plausibility arguments, 
an iron toroid (actually a forged steel eye bolt) of 17. 5-
mm minor diameter and 65-mm major diameter was 
close wound with 24-gauge enameled magnet wire. 
Fig. 8 shows its measured impedance at low frequencies, 
with the dc coil resistance of 0. 67 n removed from the 
plot. Note that the semi-inductive behavior extends 
down to a few hertz, which is quite low for this steel 
sample of unknown permeability and conductivity, and 
supports the basic idea that when there are no demag
netizing air gaps, the inductive to semi-inductive tran
sition is at a very low frequency. 

3 SOME CONSEQUENCES OF THE EDDY 
Cl!RRENTS 

We have seen how the eddy currents in the pole 
struc�_re of an electrodynamic driver cause basically 
a Yjw semi-inductive series impedance. Such fre
quency-dependent impedance variation causes a vari
ation in the applied force when thl! driver is driven by 
a source of low output impedance. One thought might 
be that to reduce this effect, the eddy currents that 
circulate around the pole iron should be reduced. This 
could be accomplished by making the pole out of a 
nonconducting magnetic material, or by cutting slots 
diametrically across it to reduce the currents. Thus 
reducing the eddy currents allows the magnetic field 
to enter the pole, with a consequent increase in the 
inductive back EMF. The impedance would actually 
rise and make the driver less efficient. Eq. (27) shows 
that for decreased conducti vity IT, the impedance would 
rise. Sufficient decrease of IT would revert the Kro > 
I condition to Kro < 1, and the impedance would behave 
with the normal inductive character of Eq. (28). 

Thus it is somewhat ironic that the eddy currents 
which result in semi-inductive behavior are actually 
helpful; they reduce the underlying impedance from 
simple jw dependence to � dependence. How can 
we foster larger eddy currents to make the driver still 
better? Some manufacturers have used copper con
ducting rings around the central pole. Fig. 9 shows the 
blocked-cone impedance of a wide-range 8. 5-in (216-
mm) Philips driver that has been engineered to have 
an impedance dominated by the dc resistance of the 
coil. This driver is quite efficient and would have had 
an impoverished specification as a wide-range driver 
if the inductive rise had continued as shown in some 
of the earlier figures. It is not apparent at first glance 
that copper would be better than iron in the central 
pole. Although its conductivity may be up by an order 
of magnitude, its permeability is lower by a factor of 
over 1000, having nearly the same permeability as a 
vacuum. However, we have seen that the effective 
permeability of the iron is greatly reduced by the de
magnetizing effects of the air gaps, and thus copper 
fares better than might be expected. The skin depth in 
copper is about 2 mm at I kHz, so for all higher audio 
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frequencies the currents would be confined quite close 
to the surface. On the other hand, the copper in the 
gap area reduces the static magnetic field, which reduces 
the efficiency of the driver. 

Another aspect of the voice coil is the former on 
which it is wound. This is often an aluminum sheet 
with a slot to prevent circumferential eddy currents, 
as shown in Fig. I O(a). Heat from ohmic coil losses is 
spread by the former over a larger surface area for 
increased thermal performance. But the effect of the 
eddy currents is not totally removed by the slot. There 
are also eddy currents induced into a conducting former 
by its motion in the static field of the driver. Fig. lO(b) 
shows the coil former, opened out to be flat for easy 
pictorial representation. Suppose at a particular instant 
that it is moving upward as indicated by the arrow 
labeled v on the diagram. The crosshatched area rep
resents the field B of the permanent magnet, shown 
drawn down into the plane of the figure. The former 
material experiences a downward rate of change of 
field dBldt, as marked by + signs, and an upward dBI 
dt as labeled by - signs. This changing field causes 
the current flow lines as drawn on the figure, which 

, " 
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cause a net downward drag force on the aluminum for
mer, as expected from the interaction of the currents 
in the area containing the static field B. What is less 
apparent is that this distributed force is not uniform 
along the circumferential width of the former due to 
the divergence of the induced current at each end of 
the sheet, as shown by the force diagram in the lower 
part of Fig. lO(b). Thus there is a tipping or a canting 
force induced on the voice coil that is proportional to 
the cone velocity. This small but deleterious effect can 
be avoided by using two slots in the former, placed 
diametrically opposite each other. This also reduces 
the net retarding damping force. 

The aluminum coil former also has a slight secondary 
effect. Fig. I I  shows the impedance (with dc resistance 
removed) of a I -in (2S.4-mm) voice coil with aluminum 
former, measured by itself away from any part of the 
driver magnetic structure. There is some deviation from 
a straight-line inductive behavior at high frequencies, 
due to the eddy currents in the former, which become 
significant when the skin depth decreases and becomes 
comparable to the former thickness. These currents 
exist because there is a tendency for the field lines to 

MMNf'T 

SOFT IRON 

Fig. 7. Cross section of typical low-irequency drive unit, showing magnetic components and voice coil. The air gap for the 
coil and the low differential permeability of the ceramic magnet greatly reduce the effectiv e permeability of the iron. 
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Fig. 8. Impedance magnitude and phase angle for iron toroid 
closely wrapped with insulated wire. The dc coil resistance 
has been subtracted out of the measurement and the impedance 
has v'] character to very low frequencies, testifying to the 
validity of the theory if there are no demagnetizing air gaps. 
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Fig. 9. Measured impedance magnitude and phase angle for 
8.5-in (216-mm) wide-range loudspeaker with controlled 
impedance characteristic. Controlling the impedance rise by 
using conducting rings around the central pole increases the 
efficiency of the motor structure. 
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have a component normal to the former, especially 
since it is often considerably longer than the coil wind
ing. 

4 OTHER ASPECTS OF THE EDDY CURRENTS 

It is common practice to measure driver parameters 
by measuring their resonance characteristics both in 
free air and when mounted on a test box. To what 
extent does the blocked-cone impedance affect the re
sults of such measurements? To answer this question, 
a computer simulation was carried out with two limiting 
conditions for the blocked-cone impedance, (I) resistive 
and (2) purely semi-inductive. The cone velocity gen
erates a back EMF which gives an image of the acous
tomechanical fundamental resonance in the measured 
impedance. A simple analysis of a damped harmonic 
oscillator shows that the resonance in the impedance 
can be characterized by the frequency of resonance Wo, 
the Q factor, and the peak of the impedance Zmax. Our 
model for Z is then 

jwwolQ Z(w) = Zbl(W) + Zmax ----.2---"-'2 -=---=---
Wo W + jwwolQ 

(30) 

-
-

(a) 

(b) 

PAPERS 

where Zbl(W) is either a constant resistance R or a purely 
semi-inductive impedance as given by Eq. (17). Fig. 
12 shows curves for the two cases. In each case the 
added peak impedance was 20 n, the Q was 4, and the 
background constant or semi-inductive impedance had 
a magnitude of 8 n at the resonance frequency of 100 
Hz. It is clear that the semi-inductive background phase 
of 45° is responsible for the slightly lower net total 
peak and the shortfall of the impedance on the high 
side of the resonance. This example shows that a proper 
measurement of driver parameters requires that the 
impedance be reasonably well modeled near the res
onance. 

A very significant aspect of loudspeaker drivers is 
their thermal design. Although the voice-coil absorbed 
power is simply given by Rdc/;ms, the total power ab
sorbed by the driver can well exceed this due to the 
eddy currents in the central pole, which form a kind 
of crude secontlary winding of a transformer in which 
the currents are confined to a skin depth. The current 
sheet is confined more and more as frequency rises, 
causing ever-increasing dissipation in the iron. The 
driver whose impedance is shown in Fig. I, for example, 
has a dc voice-coil resistance of 5.7 n, but at 5 kHz 

'CQIIll 1 I LlI1Y 
Force 

Fig. 10. (a) Shape of typical aluminum voice-coil former. (b) Flattened pictorial representation of coil former in (a). with 
crosshatched area representing field in coil gap. As the former moves upward, eddy currents flow as illustrated, producing 
a nonuniform distributed force which tends to tip the voice coil. 
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Fig. 11. Impedance magnitude and phase angle for I-in (25. 4-
mm)-diameter voice coil with aluminum former, measured 
by itself away from any magnetic material. The dc coil re
sistance of 4. 60 has been subtracted out to display clearly 
the effects of the coil former at higher frequencies. 
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Fig. 12. Computer simulation of driver impedance curve with 
two limiting conditions for blocked-cone impedance. (a) 
Constant 8 0 resistive. (b) V}fbehavior with 8-0 magnitude 
at resonance frequency of 100 Hz. The electrical Q of the 
driver is 4 and the resonant peak has a height of 20 O. 
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its impedance is 45 n, with a phase angle of nearly 
45° . If excited by a sine wave at 5 kHz, an rms current 
of I A would cause a thermal dissipation of 5 . 7 W in 
the voice coil, while the total power input is 45 cos 
45° = 31. 8 W. Thus 26.1 W is dumped directly into 
the central pole surface (within a skin depth), and this 
severely modifies the long-term power-handling ca
pability of a driver due to heating of the whole magnet 
assembly. It is not clear whether designers in general 
have realized that due to the transformer action, the 
magnet structure is separately heated without this heat 
having to flow through the voice-coil thermal resistance. 
When power transients are applied and resulting coil 
temperatures are measured in an attempt to measure 
the coil thermal inertia and the thermal resistance or 
time constant, the actuaL physical values will not cor
respond to the naively measured values if consideration 
is not given to the eddy currents. It is even necessary 
to consider the signal spectrum in such tests, since the 
fraction of the power transformed into the pole structure 
is strongly dependent on frequency. 

How would we reduce the energy absorbed directly 
by the pole structure? A conductive ring may help, 
although it compromises other characteristics as outlined 
earlier. If room-temperature superconducting materials 
become a reality, a thin layer of such material around 
the pole would greatly reduce the semi-inductive ab
sorbed power, lowering the impedance over a wide 
frequency range. In fact a superconducting voice coil 
alone would represent only a partial solution, since the 
bulk of the power is transformed into the pole directly 
at higher frequencies. 

Compensation of the loudspeaker electric impedance, 
making it solely resistive, helps amplifier driving ability 
and maintains system flatness even in the face of line 
resistance. How would a semi-inductor be compensated? 
Consider a system made of a series resistor R (voice 
coil) and a semi-inductive impedance K�, as given 
by Eq. (17). What parallel impedance would make the 
combination appear as a resistor R? It is easily shown 
that the parallel impedance Z': must have a form 

(31) 

which represents a resistor R in series with what we 
could term a semicapacitor. This latter component has 
a -45° phase angle and an w -Yl magnitude dependence 
of impedance. A transmission line modeled with a dis
tributed shunt capacitance and series resistance, called 
a diffusion line or Kelvin cable, has an input impedance 
that is precisely a semicapacitor. In practice the com
pensation might proceed with multiple parallel RC 
branches, much like a portion of a pink-noise equalizing 
filter. If a semi-inductor is paralleled with a semica
pacitor, the magnitude of the impedance has a broad 
maximum, not a sharp one, hence the combination only 
semiresonates. Observations pertinent to compensating 

networks can be found in [10]. 
Another question of interest is the nature of the current 

J. Audio Eng. Soc., Vol. 37, No. 3, 1989 March 

LOUDSPEAKER DRIVER IMPEDANCE 

waveform when a step or an impulse voltage is applied 
to a semi-inductor. Physically, for an applied voltage 
step, the coil will try to create a magnetic field which 
takes a while to diffuse into the iron. Hence there will 
be no back EMF for the first instant, and the current 
waveform will rise sharply at the leading edge. A La
place transform analysis of the voltage-current rela
tionship for a semi-inductor (for which jw in the 
impedance is replaced by the Laplace variable s) gives 

V(s) = K Vs I(s) . (32) 

For a step voltage input of amplitude Vo applied at I = 

0, V(s) = Vols, and thus 

VoK 
I(s) = lil 

s 
(33) 

for which the inverse Laplace transform gives the current 
waveform 

. 2 VoK • r. 
t(t) = -- vI v'1T (34) 

It is not surprising to see vi relationships in situations 

where diffusion is involved. If an impulse of area Vo 
is applied to a semi-inductor at 1 =  0, the current wave
form takes the form 

i(t) (35) 

which represents the time derivative of the right-hand 
side of Eq. (34). 

If the semi-inductor has some series resistance, then 
none of the simple analytic relationships apply. Fig. 
13 shows a measurement of the current response to an 
impulse for the iron toroid whose impedance is shown 
in Fig. 8. The peak of the curve has been clipped to 
better show the shape of the decaying portion, which 
is similar to Eq. (35). 

2000 r.------�------�------�------� 

Time (ms) 
Fig. 13. Current waveform for iron toroid whose impedance 
is shown in Fig. 8. The excitation is a volt age impulse and 
the peak of the curve has been clipped to better show the 
decaying portion of the waveform, which is similar to , - '''' . 
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5 SUMMARY 

We have seen how eddy currents in the pole structure 
are responsible for the � impedance behavior of an 
electrodynamic driver . The theories presented show 
overall agreement with measurement and lead to an 
understanding of related features in the driver. 
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TITLE, MAGNET ASSEMBLY 

DESCRIPTION 

The invention relates to a magnet assembly, in 

particular a magnet assembly for an actuator such as a 

loudspeaker transducer. 

In traditional axisymmetric 

assemblies which are used to drive 

permanent magnet 

tubular coils for 

20 actuators, there is a requirement for the flux produced by 

a permanent or electromagnet to be focussed in the region 

of the coil. This produces a high flux density, and helps 

to improve overall efficiency. 

In existing designs, focussing is usually done with 

25 steel pole tips, which increase the effective permeability 

of the space as seen by the coil of wire, and thus increase 

the effective inductance of the coil. 

A secondary effect occurs as the frequency of the 
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alternating current is increased. This is the generation 

of eddy currents in the pole tips, which effectively screen 

the coil from the pole tips, whereby the permeability is 

effectively reduced. 

5 The effect will now be explained with reference to a 

device as shown in Figure 1. This shows a permanent magnet 

3 sandwiched between first 5 and second 7 pole pieces. The 

first pole piece 5 is in the form of a disc having an outer 

periphery forming an inner pole tip 9. The second pole 

10 piece 7 is in the form of a cup having an outer pole tip 

11. Inner and outer pole tips define a gap 13 therebetween 

in which a coil 15 moves. The view shown is in section; 

the whole magnet assembly is circularly symmetrical about 

the axis 17. Thus, the coil is a ring that is provided in 

15 the gap 13 which has the form of an annulus. 

The magnetic field lines caused by the magnet are 

shown in Fig . 2. 

When an electrical current is passed through the coil 

a force is exerted on the coil that tends to cause the coil 

20 to move in an axial direction. 

The force exerted on the coil is given by the product 

of the flux density B, and current density J. However, the 

current density J, and hence the force, will fall at high 

frequencies, due to the rise in inductance of the coil. 

25 In order to understand the mechanism whereby the coil 

inductance rises, it is possible to model and plot the flux 

associated with this current flowing in the coil. If you 

plot the field around the coil in air, then the field looks 
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like that shown in Figure 3 .  The axis of symmetry is shown 

as a vertical line to the left of the figure. 

The field lines are smooth and there is no distortion 

of the flux lines. The curved line, which bounds the 

5 model, represents an absorbing boundary whose purpose is to 

terminate the mathematical model, ensuring a finite model 

size. 

When this coil is immersed in the magnet assembly, 

this flux distribution is distorted as shown in Figure 4. 

10 There are two effects that control the coil 

inductance, which are both present in traditional magnet 

assemblies. The first is the increase in flux density when 

the flux lines pass through the steel, because of its 

increased permeability over air. As the frequency rises, 

15 the second effect, which is caused by eddy currents, 

dominates. In this effect, the flux lines passing through 

the steel cause a current to flow in the steel, since it is 

an electrical conductor (although not a very good one) . 

When the frequency of current through the coil is 

20 increased, however, the AC flux has increasing difficulty 

penetrating the steel because of the eddy current effect. 

The depth of penetration called the skin depth. 

The skin depth {oj for a conductor is given by; 
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$=�
p
;OJ 

where 

p 
is relative the permeability 

q is the electrical conductivity 

m is the angular frequency (2.ff. frequency). 

As the frequency is increased, the skin depth 

5 decreases, and the flux penetrates to a lesser extent. At 

high frequencies, for example 10,000 Hz, the penetration is 

quite small (about 0.6 mm at 10 kHz ) .  For steel, the 

variation of skin depth with frequency is shown in Figure 

6. 

10 An existing technique for reducing inductance employs 

this skin depth effect by shrouding the pole piece with a 

sheet of copper foil. This is only effective at frequencies 

when the skin depth for copper is of the order of the foil 

thickness. However, adding this foil reduces the available 

15 air gap and the DC flux density falls. In this way, there 

will be a significant trade-off between reducing 

inductance, and reduced flux density. 

For this reason the copper foil shroud is only 

partially successful. Nevertheless it can be seen that at 

20 10 kHz (see Figure 7) the flux lines do not penetrate very 

far into the steel. JP-3201797 describes an example of this 

technique. 

A similar arrangement is described in DE19637847 which 

describes the use of two copper rings on the outer pole 

25 piece. However, the inductance reduction in this 

arrangement also is not wholly satisfactory. 
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According to the invention there is provided a magnet 

assembly comprising 

inner and outer pole tips defining a gap therebetween 

for mounting a voice coil in a predetermined axial 

5 direction, the pole tips being magnetically permeable, 

wherein 

at least one of the pole tips is electrically 

conductive in a plane substantially orthogonal to the 

predetermined axial direction in a region extending into 

10 the body of the pole tips from the edge of the pole tips 

adjoining the gap. 

Preferably, the gap is in the form of an annulus. 

The 

dominant 

inductance 

part of 

can 

the 

make up a significant, even 

impedance of a conventional 

15 loudspeaker coil at frequencies around 1-10 KHz or higher. 

Since the inductance contributes jooL to the impedance, the 

contribution to the impedance rises with frequency. When 

driven at a constant voltage, the current �n the coil 

accordingly falls at higher frequencies which likewise 

20 reduces the force on the coil. The inductance therefore 

causes a reduction in sound output at high frequencies. 

This effect is particularly severe for coils intended to 

produce a large force - the large number of turns required 

increases the inductance. 

25 The magnet assembly according to the invention reduces 

the inductance at higher frequencies. The electrical 

conductivity of the pole tips causes the tips to be 
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shielded from a coil placed in the annular gap by eddy 

currents. Accordingly, the coil inductance at these 

frequencies is reduced, and the sound pressure level output 

by a loudspeaker using such a magnet assembly can 

5 accordingly be more uniform with frequency. 

Preferably, both pole tips are electrically conductive 

in the said plane. 

The pole tips may be near to magnetic saturation which 

also helps reduce the inductance of the coil slightly, 

10 especially at low frequencies. The pole tips may 

accordingly have a magnetisation that is at lest 75%, 

preferably 90% of the magnetisation of the saturation. 

The pole tips can be formed by a laminate stacked 

perpendicularly to the plane. The laminate can be a 

15 laminate of a ferromagnetic material and a high 

conductivity material, such as steel and copper 

respectively. This achieves the increase in conductivity 

in the said plane to encourage eddy currents, without 

impeding excessively the flow of magnetic flux through the 

20 magnet assembly. 

In an alternative embodiment the pole tips may be 

formed from steel wi th slots extending into the pole tips 

from the edge adjoining the annular gap. A copper shroud 

can then be swaged onto the tips to fill the slots. 

25 It will be understood that eddy currents caused by a 

magnetic field produced by a coil are substantially 

perpendicular to the axis of the coil in the plane of the 

coil. Accordingly, it is not necessary that the electrical 
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conductivity be high in the axial direction, although it is 

not excluded. It can however be more 

for the magnetic permeability to be 

difficult to arrange 

high as well as to 

arrange for the electrical conductivity to be high in all 

5 directions. In one arrangement, the pole tips may be 

formed from a sintered mixture of steel and copper. 

The magnet assembly according to the invention may 

minimise the increase in permeability that the coil sees, 

and at the same time improve the conductivity of the pole 

10 tips, to encourage the eddy currents. In normal magnetic 

circuits, such as transformers and inductors, the object is 

to couple the flux lines into the core, and to reduce the 

effect of eddy currents, which prevent these flux lines 

penetrating into the core. In this case the opposite effect 

15 is intended; coupling to the core might undesirably 

increase the inductance. 

According to another aspect of the invention there is 

provided a transducer having a magnet assembly as discussed 

above and a coil positioned in the gap. The coil may 

20 comprise an annular former with electrically conductive 

wire wound outside it. 

The invention may also provide a loudspeaker having a 

magnet assembly as discussed above, a diaphragm and a voice 

coil rigidly attached to the diaphragm and positioned in 

25 the annular gap in the magnet assembly. The loudspeaker 

may be a distributed mode loudspeaker as described in WO 

97/09842. 

A specific embodiment of the invention will now be 
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described, purely by way of example, with reference to the 

accompanying drawings, in which 

Figure 1 shows a cross section through a traditional 

magnet assembly, 

5 Figure 2 shows the flux in the magnet assembly of 

Figure 1, 

Figure 3 shows the flux around a coil in air, 

Figure 4 shows the flux around a coil 

conventional magnet assembly at 100Hz, 

10 Figure 5 shows the flux around a 

conventional magnet assembly at lOOOOHz, 

coil 

in a 

in a 

Figure 6 shows the skin depth of steel as a function 

of frequency, 

Figure 7 shows the flux lines in a magnet assembly 

15 having a copper shroud around the pole tips, 

Figure 8 shows the magnet assembly according to the 

invention, 

Figure 9 shows the flux lines in a magnet assembly 

according to the invention, 

20 Figure 10 shows the flux lines from the coil at 100Hz 

in a magnet assembly according to the invention, 

Figure 1 1  shows the flux lines from the coil at 1000Hz 

in a magnet assembly according to the invention, 

Figure 12 shows the flux lines from the coil at 

25 10000Hz in a magnet assembly according to the invention, 

Figure 13 shows another embodiment of the invention, 

and 

Figure 14 shows a further embodiment of the invention. 
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The magnet assembly according to a specific embodiment 

of the invention shown in Figure 8 comprises two pole 

pieces 5,7, one being a circular steel cup 7 which 

surrounds the other pole piece, a steel disk 5. A permanent 

5 magnet 3 separates the pole pieces. It should be noted 

that the Figures show a cross section extending outwards 

from the centre of the assembly, the assembly is in fact 

circular when viewed from above. 

The Quter rim of the pole and the inner rim of the 

10 pole have inner 9 and outer 11 pole tips. Each pole tip is 

a lamination of alternate layers of steel 19 and copper 21 

to allow the DC flux to pass through, from inner pole piece 

5 to cup 7. 

A coil 15 having a metallic wire 23 wound on a former 

15 25 is provided in the annular gap 13 between the pole 

pieces. The coil is fixed to a diaphragm 27 of a 

loudspeaker to drive the loudspeaker. The magnet assembly 

is mounted on the diaphragm by resilient supports 28. The 

diaphragm may be a distributed mode panel 

20 loudspeaker a distributed mode loudspeaker, 

and the 

such as 

described in W098/09842. 

The magnetic circuit caused by the permanent magnet 3 

is shown by flux lines in Figure 9. As can be seen by 

comparing this Figure with Figure 2 which shows the flux 

25 without laminated pole tips, the lamination has only a 

minimal effect on the flux density generated by the 

permanent magnet 60. 

The thickness of the steel laminations 21 is 
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determined so that they operate close to magnetic 

saturation, and thus reduce their permeability, whilst 

preventing eddy currents circulating in the steel. Because 

the copper has a much higher conductivity (around 10 times 

5 greater) than steel, the copper plates can be thinner, 

(nominally �lO = approximately 3 times thinner) and in this 

example are 2 times thinner. For increased clarity this 

variation in thickness is not shown in Fig.B, although it 

may be seen in Figures 10, 11 and 12. This ratio can be 

10 changed to suit the geometry available, as well as the 

reduction of inductance required. The near saturation of 

the steel pole tips 19 helps to reduce the inductance of 

the coil 15 slightly, at low frequencies. 

The flux from the coil itself is shown in Figure 10. 

15 The flux lines pass through the thin steel plates 19, the 

interleaved copper plates 21, having much higher 

conductivity, short the eddy currents. 

The steel plates are thin enough to be the order of 

the skin depth at high frequencies, so that the frequency 

20 rises, eddy currents cannot form and the copper interleave 

shorts them out anyway. In this example, the steel plates 

are 0. 2mm in thickness, and the copper plates are 0. 1 mm in 

thickness. 

Even at 10 kHz the flux pattern is distorted in such a 

25 way as to keep the inductance low as shown in Figure 12. 

(FE) 

To compare the improvement possible I 

model of the structure was analysed 

a finite element 

and the results 
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for the estimates inductance are given in Table 1. 

Frequency Air Standard Assembly Laminated pole tips 
(HZ) (pH) (pH) (pH) 

100 118 200 174 

1000 118 178 134 

10000 118 138 67 

Table 1 

Here the effect that a magnet assembly has on the 

5 inductance can be seen by noting the increase in inductance 

at low frequencies caused by the steel core of a standard 

assembly which reduces as the frequency rises as a result 

of eddy currents in the steel. 

For the case of the laminated pole tips, a small 

10 reduction is gained at 100 Hz, because the pole tip 

permeability is reduced, and a significant improvement is 

made at 10 kHz, where the inductance is actually less than 

the case of the coil in air. Reductions of up to 50% - 70% 

in the inductance are possible by choosing the correct 

15 ratio of steel plate/copper plate thicknesses. The 

lamination can be applied to either pole and cup or both. 

Fig. 13 illustrates an alternative embodiment in which 

the pole tips 9,11 are not a laminate, but a sintered 

mixture of steel and copper. 

20 Fig .14 illustrates a pole tip as used in a further 

alternative embodiment in which the pole tips are steel 

formed with slots 31 extending in a direction perpendicular 
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to the axis of the coil. A copper piece 3 3  is then swaged 

onto the opposed face of the pole pieces to fill the slots. 

Although a specific embodiment has been discussed a 

number of alternatives are possible. For example, without 

5 departing from the scope of the invention any suitable 

magnetically permeable material may be used for the pole 

tips. The conductive pieces need not be copper, but other 

conductive materials may also be used, such as silver or 

aluminium. 

10 Any suitable shape of the pole tips and pieces may 

also be used. For example, one pole piece may be a U

shaped piece having two ends, one pole tip being on each 

end. An inner pole piece having a pole tip facing each 

pole tip of the U-shaped pole piece across two gaps may be 

15 provided; defining two gaps. The coil may surround the 

inner pole piece and pass through both gaps. 
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CLAIMS 

1. A magnet assembly comprising 

a magnet, and 

PCT/GBOO/02706 

magnetically permeable inner and outer pole tips 

5 magnetically coupled to the magnet and defining a gap 

between the inner and outer pole tips for mounting a voice 

coil in a predetermined axial direction, wherein 

at least one of the pole tips is electrically 

conductive in a plane substantially orthogonal to the 

10 predetermined axial direction in a region extending into 

the body of the pole tips from the edge of the pole tips 

adjoining the gap. 

2. A magnet assembly according to claim 1 wherein the gap 

is in the form of an annulus extending around the perimeter 

15 of the inner pole tip. 

3. A magnet assembly according to any preceding claim 

wherein both pole tips are electrically conductive in the 

said plane. 

4. A magnet assembly according to any preceding claim 

20 wherein at least one of the pole tips comprises a laminate 

of sheets of a ferromagnetic material and a high 

conductivity material, the sheets being substantially in 

the plane orthogonal to the predetermined axial direction. 

S. A magnet assembly according to claim 4 wherein both 

2S pole tips comprise a laminate of a ferromagnetic material 

and a high conductivity material. 

6. A magnet assembly according to any of claims 1 to 3 

wherein the pole tips are formed from a sintered mixture of 
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steel and copper. 

7. A magnet assembly according to any of claims 1 to 3 

wherein the pole tips are of a magnetically permeable 

material formed to have slots extending into the pole tips 

5 from the edge adjoining the annular gap and a conductive 

shroud provided on the tips and filling the slots. 

8 .  A 

wherein 

magnet 

the 

assembly according to any preceding claim 

pole tips are substantially magnetically 

saturated. 

10 9 .  A transducer comprising 

a magnet, 

magnetically permeable inner and Quter pole tips 

magnetically coupled to the magnet and defining a gap 

between the inner and outer pole tips for mounting a voice 

15 coil in a predetermined axial direction, and 

a voice coil mounted in the gap in the predetermined 

axial direction, wherein 

at least one of the pole tips is electrically 

conductive in a plane substantially orthogonal to the 

20 predetermined axial direction in a region extending into 

the body of the pole tips from the edge of the pole tips 

adjoining the gap. 

10. A transducer according to claim 9 wherein the gap is 

in the form of an annulus extending around the perimeter of 

25 the inner pole tip. 

II . A transducer according to claim 9 or 10 wherein both 

pole tips are electrically conductive in the said plane. 

12. A transducer according to any of claims 9 to 11 
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wherein at least one of the pole tips comprises a laminate 

of sheets of a ferromagnetic material and a high 

conductivity material, the sheets being substantially in 

the plane orthogonal to the predetermined axial direction. 

S 13. A transducer according to claim 12 wherein both pole 

tips comprise a laminate of a ferromagnetic material and a 

high conductivity material. 

14. A transducer according to any of claims 9 to 11 

wherein the pole tips are formed from a sintered mixture of 

10 steel and copper. 

15. A transducer according to any of claims 9 to 11 

wherein the pole tips are of a magnetically permeable 

material formed to have slots extending into the pole tips 

from the edge adjoining the annular gap and a conductive 

15 shroud provided on the tips and filling the slots. 

16. A transducer according to any of claims 8 to 15 

wherein the pole 

saturated. 

tips are substantially magnetically 

17. A transducer according to any of claims 9 to 16 

20 wherein the coil comprises an annular former with 

electrically conductive wire wound outside it. 

18. A loudspeaker comprising a diaphragm and a transducer 

according to any of claims 9 to 17, wherein the voice coil 

is rigidly attached to the diaphragm to excite the 

25 diaphragm when an electric signal is applied to the voice 

coil. 

19. A loudspeaker according to claim 18 wherein the 

diaphragm is a plate capable of supporting a plurality of 
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resonant bending wave modes in the plane of the plate and 

wherein the transducer exci tes the resonant bending waves 

to produce an acoustic output. 
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In this paper, analytical calculations are used to study existing loudspeaker motors totally made of permanent magnets. When the iron 

is removed from a loudspeaker, Eddy currents and reluctant effects are also removed, improving the linearity of the loudspeaker. 

Performances of each proposed magnetic motor structures are compared, from the intensity of their created induction to their ability to 

respond as an accurate image of the driving current. For a given structure, the authorized excursion length on which the loudspeaker 

motor is linear is a criterion for limiting its frequency range. The good understanding of the behavior of any magnets assemblies lead to 

a so called “linear structure”, whose volume is optimized and able to create a very uniform induction, along a distance range that can be 

chosen. When this is achieved, the force that makes the moving part of the loudspeaker oscillate becomes proportional to the current 

running through its voice-coil. Thus, this loudspeaker motor is linear as well as using a reduced magnets volume, and can be applied to 

all frequency ranges. 

 
Index Terms—Analytical calculations and optimizations of annular structures totally made of permanent magnets, linear 

loudspeaker motor. 

 

I. INTRODUCTION 

HE DRAWBACKS due to the iron in loudspeaker motors have 

already been identified [1,2]. Iron is the source of Eddy 

currents, and creates the additional so called reluctant force, 

proportional to the square of the current! Moreover, when the 

magnetic field seen by the voice-coil depends on the axial 

position in the airgap, the motion force becomes also 

nonlinear. The iron in loudspeaker motors always leads to this 

dependence. The linearity of a loudspeaker needs the removal 

of the iron. 

Thanks to a price decrease, motors totally made of 

permanent magnets become more and more interesting [2,3,4]. 

Searching for even more linear and accurate loudspeakers, the 

last problem to solve when iron is removed is to make uniform 

the radial magnetic induction seen by the coil along its entire 

trajectory [5]. 

This paper studies ironless structures, with the aim to 

compare them and to understand them, and paying attention to 

the linearity of the loudspeaker rather than its efficiency. To 

consider magnets that exist in the commerce, these annular 

structures only have rectangular cross sections. Then we 

propose a structure able to create well-controlled uniform 

magnetic field. 

II. ANALYTICAL STUDIES 

A. Interest of analytical calculations 

Most work on magnetic structures is lead thanks to finite 

elements analysis. The magnetic field created by permanent 

magnets can be predicted whatever their shape or 

magnetization are. But it takes too long when searching for 

optimizing these structures. Thus, understanding and control of 

the behavior of such magnets is quite hard. This is very 

restrictive in the loudspeaker world, where the magnetic field 

has to be intense and uniform in a limited gap. 

That is the reason why we have decided to calculate exactly 

the magnetic field created by any structures totally made of 

permanent magnets. Using a coulombian approach [6], the 

analytical resolution of (1) makes it possible to calculate the 

field B


 created at the point r


 by a magnet of magnetization 

J


 and volume Vm bounded by the closed surface Sm: 

In (1) the index m refers to the coordinates of the considered 

magnet. 

B. Magnetic pole surface density 

This section only considers magnetic pole surface density, 

i.e. the first part of (1): 

 
The three components of the magnetic field created by right 

angles magnets have already been analytically calculated [6]. 

 But, especially because most loudspeakers are of revolution 

symmetry, it becomes important to estimate the effects due to 

the curvature of the magnets, whose magnetization can be 

axial or either radial. The induction created by annular 

structures, whatever the shape of their cross section is, can be 

semi-analytically calculated thanks to the approximations of 

[7] and [8]. But for annular magnets with rectangular cross 

sections, a complete analytical expression of this magnetic 

field can now be used [9].  

C. Magnetic pole volume density 

The calculations presented in reference [9] do not take into 

account the magnetic pole volume density. But we have shown 

[10] that this magnetic pole volume density can be omitted if 

the magnetic field is observed close to the faces of the ring. In 

loudspeakers, the voice-coil is rather close to the magnetic 

rings so that approximations of [9] are sufficient to predict the 

T 
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real behavior of magnetic structures. Nevertheless all results 

are verified thanks to semi-analytical resolutions [6,10,11]. 

Thanks to the analytical resolution of (2), it is now possible 

to calculate quickly and without approximation the magnetic 

field created by these structures, with axial or radial 

magnetization. This tool is powerful and makes easier and 

faster the study of the influences of each annular magnets 

characteristic, especially their radius. 

III. BEHAVIOR OF IRONLESS STRUCTURES  

This section describes the three structures of ironless 

loudspeaker motor of Fig.1a, 1b and 1c. They are made of 

rings with rectangular section, whose magnetization J or j can 

be either radial or axial. For the studies, the magnetization J is 

always equal to 1T. The point O represents the location of the 

voice-coil in its rest position.  

In the considered applications, the voice-coil oscillates in 

the direction Oz parallel to the revolution axis of the 

loudspeaker. The induction has to be uniform along this 

direction: the more uniform the induction, the more accurate 

the loudspeaker; and the more intense the magnetic induction, 

the more efficient the loudspeaker.  

The induction is calculated on the Oz axis at a distance a 

from the inner radius of the rings. This location corresponds to 

the mean value of the voice-coil thickness (the coil thickness is 

the radial length of the coil). 

For the study, let us consider a parameter called zuni. Given 

a structure, this parameter represents the axial distance 

across which the magnetic induction seen by the voice-coil 

has a peak-to-peak variation smaller than 1%. Thus, across 

this distance, the induction is considered uniform. In 

classical loudspeakers, the induction variation easily exceeds 

10% across a distance that corresponds to the trajectory of 

the voice-coil; that is why significant nonlinear effects are  

 

 
Fig. 1.  The four studied ironless loudspeaker motor structures. a) two axially 

magnetized rings; b) one radially magnetized ring; c) one radially magnetized 

ring and two axially magnetized rings; d) three axially magnetized rings. 

 

 
Fig. 2.  Radial magnetic induction, Br (T), along the observation axis at a 

distance a = 0.3mm, created by the structure (a) for H = 4.5mm, L = 9mm 

and for various values of the distance between the magnets, from top to 

bottom, e = 1mm (bold line), 3mm, 5mm, 7mm and 9mm (dashed line). 

 

produced and it is important to search for structures that lead 

to more uniform induction. 

A. Two axially magnetized annular rings 

Fig.1a shows an ironless motor made of two axially 

magnetized concentric rings. These rings are positioned one 

above the other, at an axial distance e from each other. They 

are separated by air and their respective magnetizations are in 

repulsion. Thus the magnetic flux in the coil is expected to be 

radial. This kind of structure has been patented by the Harman 

society [4]. 

Fig.2 shows how the created induction varies when the 

magnets deviate. This induction varies too much to obtain a 

significant zuni. When the magnets are close to each other, the 

induction can be intense, up to 0.6T, but then the possible 

linear coil displacement is very small. Thus it is quite clear 

that this structure should be dedicated to loudspeakers in 

which the voice-coil has very small displacements, so 

preferably to tweeters. 

B. One radially magnetized ring 

Let us consider the structure of Fig.1b. It is constituted by 

one radially magnetized ring facing the moving coil. Previous 

studies [2] on the induction created by a rectangular magnet 

show that a good combination between its dimensions can  

 

  
Fig. 3.  Radial magnetic induction, Br (T), along the observation axis at a 

distance a = 0.3mm, created by the structure (b) for L = 9mm and for various 

values of the height: H = 1mm (bold line), then from top to bottom H = 3mm, 

5mm, 7mm, 9mm (dot-dashed line) and H = 18mm (dashed line). 
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 (a) 

(b) 
Fig. 4.  (a) Radial magnetic induction, Br (T), along the observation axis at 

a distance a = 0.3mm, created by the structure (c) (bold line) with its central 

magnet with H = 5mm, L = 8mm, J = 1T (full line) and its two external 

magnets with h = 2mm, l = 8mm, j = 1T (dashed line). (b) Magnetization j is 

lowered to 0.52T. The dotted-line remains the induction created by the 

patented structure where the magnetizations J and j are equal to 1T. 

 

always lead to a quite uniform induction in front of the 

magnets. In the best case, i.e. when dimensions are analytically 

optimized, the axial distance zuni is about 60% of the 

considered magnet height. The same conclusions are available 

for annular magnets with rectangular section. 

Fig.3 shows that, for a given length, the induction can be 

quite constant over an axial range if the magnet height is 

optimal (dot-dashed line in Fig.3). Thus this structure can be 

dedicated to every loudspeaker motors. But it generally needs 

significant volumes of magnets and its created induction 

intensity is modest. 

Fig.3 also shows that small height magnets only act over 

short axial areas (see bold line in Fig.3). This localized action 

will be useful in further structures.  

C. Combination of the first two solutions 

The Sony society patented the structure of Fig.1c [3]. It is 

constituted by a stack of three rings of equal radial length. The 

central ring is radially magnetized while the external rings are 

axially magnetized. According to the patent, the 

magnetizations J and j are equal. The magnetizations of the 

external rings help the total magnetic flux to close; so this 

structure combines the effects of the first two structures (a) 

and (b). That is why it creates high magnetic induction levels 

with improved uniformity compared to the structure (a), while 

using relatively small volume of magnets.  

Fig.4a shows the induction calculated along the observation 

axis created by the whole structure (bold line) and by the 

separated elements. The induction variation along the Oz axis 

over a range corresponding to the height of the central magnet 

represents 19% of the central value (0.5T). Because of this 

significant variation, zuni is only 1.28mm, that is 14% of the 

total height of the structure. Note that the induction variation is 

10% across the distance of 4.2mm that separates the two 

maxima of this induction. The structure (c), which is 11% 

more compact than the previous optimal structure (b), 

produces a more intense induction but with a larger induction 

variation. The induction intensity increases by 34% while the 

distance zuni decreases by 76% compared to the optimal 

structure (b).  

In addition, Fig.4a shows the contribution of each ring to the 

total induction and especially that the external rings provide a 

really high magnetic induction compared to the induction 

provided by the central ring (see dashed line in Fig.4a). Fig.4b 

shows the result when the external magnetizations are lowered 

to 0.52T. In this case zuni equals 2.1mm, and now the induction 

variation is only 1.8% across the 3.4mm distance that separates 

the two maxima of this induction. The uniformity improvement 

is significant but leads to an 8% decrease of the total 

induction. 

One has to note that this structure should not be used for 

low frequency drivers. When the intended zuni increases (over 

10mm), the two external magnets do not contribute to increase 

the induction intensity anymore. In this frequency range, the 

structure (c) would act like the structure (b) while being more 

expensive. 

IV. LINEAR STRUCTURE 

The structure of Fig.1d goes further in the idea of using 

magnets whose magnetizations differ in order to give the 

intended flat shape to the observed induction. It is constituted 

by a stack of three radially magnetized rings. It combines the 

higher magnetization of the external rings and their small 

height to use their much localized action (as described in 

Fig.3). Contrary to the previous structure (c), the external rings 

are only aimed to compensate the bell shape of the induction 

created by the central ring; that is why it creates less intense 

inductions.  

Fig.5a shows the contribution of each ring and the resulting 

induction (bold line). The set of dimensions is chosen in order 

to have the same magnet section as the one of the previous 

optimal structure (b) (81mm
2
). In this case, the performance 

improvement compared to the structures (b) is not significant. 

But the structure (d) can be optimized. Indeed, the distance zuni 

can always correspond to the dimension H, without any 

influence on the induction intensity. The other dimensions and 

the magnetizations are calculated in order to optimize the 

volume of the whole structure, and the uniformity and the 

intensity of the magnetic field. 

 Thus, the geometry has been optimized in order to obtain 

an induction of equal intensity (0.33T) and having about the 

same zuni of 5.4mm. The optimal dimensions we find 

correspond to a more spacesaving structure whose total height  
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  (a) 

 (b) 
Fig. 5.  Radial magnetic induction, Br (T), along the observation axis at a 

distance a = 0.3mm, created by the structure (d) (bold line) with : (a) its 

central magnet with H = 5mm, L = 9mm, J = 1T (full line) and its two 

external magnets with h = 2mm, l = 9mm, j = 1.01T (dashed line); (b) its 

central magnet with H = 5.2mm, L = 7mm, J = 1T (full line) and its two 

external magnets with h = 1mm, l = 8.5mm, j = 1.09T (dashed line).  

 

is 7.2mm (Fig.5b). The total section of this optimized 

structure (d) is 53.4mm
2
 (34% decrease compared to the 

previous structure). As a matter of fact, one can easily 

understand the benefit in linearity and in volume compared to 

the structure (c), despite the loss of induction intensity. With 

about a 35% decrease of the induction intensity, the volume of 

the structure (d) is half the volume of the structure (c) to obtain 

a uniform induction over the same zuni as the structure (c). 

 As a result, the structure (d) leads to very compact devices 

that have a very uniform induction over a range that can be 

chosen. This is also applicable when searching for higher 

distances zuni, i.e. for low frequency loudspeakers. Fig.6 shows 

the induction created by both structures (b) and (d), whose 

volumes are optimized in order to obtain the same zuni equal to 

40mm, with the same created induction intensity. The volume 

of (d) is 20% lower than the one of the structure (b). 

Thus, since voice-coils can easily remain in a uniform 

induction, the structure (d) leads to highly linear loudspeaker 

motors and represents a real benefit in space occupation. 

V. CONCLUSION 

Analytical calculations of the induction created by structures 

totally made of permanent magnets make it possible to only 

concentrate in an automatic optimization of one parameter as 

zuni. This parameter represents the axial distance across which 

the induction is considered uniform; the uniformity of the 

induction being related to the linearity of the loudspeaker 

motor. 

 
Fig. 6.  Radial magnetic induction, Br (T), along the observation axis at a 

distance a = 2mm, created by the structure (d) (bold line) - with its central 

magnet with H = 40mm, L = 28mm, J = 1.43T (full line) and its two external 

magnets with h = 7mm, l = 17mm, j = 1.49T (dashed line) - and by the 

structure (b) (dashed line) with H = 60mm and L = 46mm and J = 1.43T. The 

linear excursion of the voice-coil is ±20mm. 
 

So the parameter zuni should be directly related to the 

frequency range of a loudspeaker. Thus, the structure (a) 

should only be dedicated to tweeters, while structure (c) can 

also be dedicated to high-medium frequency loudspeakers. 

Structures (b) and (d) are more universal, but create less 

intense inductions. For very small displacements, the 

dimensions of the external rings of the structure (d) become 

negligible to compensate the bell-shaped induction created by 

the central ring. So the structure (b) is sufficient compared to 

the structure (d). But as soon as the intended zuni increases, the 

structure (d) represents a real benefit in linearity and in space 

occupation compared to the other structures.  
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direction. In three sheets oflayered magnets. the first magnet 

of thc first Inyer nnd the third mngnet of the third Inyer are 

arranged in the magnetic directions which repel each other. 

and the polarity of second mngnet of the second layer is 

arranged perpendicularly to the polarity of the first and third 

magnets of the first and third layers at the top nnd bOllom 

thereof. A voice coil wound near the celller of a voice coil 

bobbin is arranged to oppose the second magnet of the 

second layer of the magnetic circuit composed of the three 

layers, and the smne vibration systems composed of the 

diaphragms and edges are connected to both the ends of this 

voice coil bobbin. Accordingly. the speaker which has a 

vibration system that is symmetrical with respect to a center 

axis X-X perpendicular to the direction of a center axis of a 

voice coil is obtained. 
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MAGNETIC CIRCUIT A:\"O SPEAKER 

BACKGROUND O F  TilE INVENTION 

1. Field of the Invention 

'1l1e present invention relates to a magnetic circuit and a 
speaker and particularly relates to a magnetic circuit which 
includes only a magnet without a yoke. which is thin and 
light in weight and which has a symmetrical st mcture with 
respect to the vibration direction ,  and to the improvement of 
a speaker using this magnetic circuit. 

2. Description of the Related Art 

Conventionally. as a thin type speaker or magnetic circuit 
f()r a speaker. it is known one disclosed in patent literature 
I in which thin disk-shaped or ring-shaped two sheets of 

magnets with the same polarity of S. S (N. N) are arranged 
opposing each other with a spacer made of a non-magnetic 
material positioned in between. 

FIG. I shows a vertically sectional view of a speaker 
disclosed in Japan Published Utility Model Application No. 
H2-30957, in which the magnetic circuit includes: first and 

second ring-shaped magnets I and I magnetiLed in the 
direction of upper and lower surfaces and disposed whose 
magnetized surfaces of the same polarity such as S. S (N, N) 
oppose each other with a spacer 6 made of a non-magnetic 
disk-shaped material in between. and a bobbin hangs down 
from a diaphragm 5 to the outer circumference of the spacer 
6. around which a voice coil 3 is wound. Further. at 
approximately the center position of the spacer 6 a third and 

111en. as shown in FIG. 2. the voice coil 3 is formed by 
arranging a first coil 3£1 wound at the position approximately 
corresponding to one magnet lb. a second coil 3b wound at 
the position approximately corresponding to the spacer 6 
and a third coil 3c wound at the position approximately 
corresponding to the other magnet lb in the outer circum
ference of a voice coil bobbin 8 in a row. Further. as shown 
with an arrow in FIG. 2. the winding direction of the first and 
third coils 3£1 and 3c is a reverse direction to the winding 

10 direction of the second coil 3b. 
By arranging the voice coil 3 in the repulsion magnetic 

field fo nned by the magnets Ib and Ib and the spacer 6. a 
driving force can be obtained from the second coil 3b in the 
leakage magnetic flux <1>1 portion generating a strong mag-

1:\ netic field. and a driving force can be obtained by the first 
and third coils 3£1 and 3c from each leakage magnetic flux 
portion of <1>2 and <1>3 generating a magnetic field of a 
reverse direction. 111erefore. there are disclosed that with the 
portion constituting the magnetic circuit being thinner and 

20 lighter in weight. a large driving force can be obtained. and 
a constant impedance characteristic can be obtained by the 
inductance reduction cfiect mutually generated in the coils. 
so that a high frequency region can be improved etliciently. 

However. each of the above described conventional art 
2:\ has a stmcnlre in which a magnetic circuit including the 

magnets I. I a and I b. and the spacer 6 made of a non
magnetic or ferromagnetic material are arranged on the inner 
side of the voice coil bobbin 8. l11erefore. a stmcture to 
support a magnetic circuit is necessary. and a speaker which 

1U has a symmetrical vibration system with respect to a center 
axis that is perpendicular to the direction of a center axis of 
the voice coil 3 can not be obtained. As a result. there is no 
symmetry in the vibration direction of the diaphragms 5 and 

a fourth disk-shaped magnets 10 and 10 fo nned of the same 
small magnetic circuit as described above through a cylin
drical shaped spacer are magnetized in the direction of the 
upper and lower surfaces and are disposed whose magne
tized surfaces of the same polarity such as S, S (N. N),:\ 
oppose each other with a spacer 6a made of a non-magnetic 
disk-shaped material in between. and a bobbin hangs down 
from a diaphragm 5a to the outer circumference of the 
spacer 6a, around which a voice coil 3a is wound to fonn a 
coaxial type speaker. A vibration system including the 
diaphragms 5. 5£1 and the edges 4. 40 is held by a frame 7. 

5a. which causes the distortion of acoustic signals. 
In order to obtain a vibration system that is symmetrical 

with respect to the vibration direction. it is considered to 
form a magnetic circuit of a inside magnetic type in which 
the voice coil is arranged inside the frame-shaped or ring
shaped magnetic circuit fo nned of the frame-shaped or 

4() ring-shaped two sheets of magnets I. la, Ih making the 
same polarity opposing each other with a spacer made of a 
frame-shaped or ring-shaped non-magnetic or ferromagnetic 
material in between. 

Further. a speaker is disclosed in Japan Published Patent 
Application No. I 16-23338�. in which a repUlsion magnetic 
field is fo nned by arranging two sheets of magnets in the 
magnetic directions which repel each other : the voice coil 
wound approximately around the center of the outer circum
ference of a voice coil bobbin is disposed in this repulsion 
magnetic field : the inner circumference portion of a dia
phragm is connected to the center of the outer circumference 
of this voice coil : also both the end portions of the outer 
circumference of the above voice coil bobbin are supported 
by two sheets of dumpers which are disposed at an interval 
to each other : and a support system of this voice coil is 
fo nned in a symmetrical-shape with a center axis perpen
dicular to the direction of an axis of the voice coil to be an 
axis of symmetry. 

FIG. 2 is a schematic diagram showing a winding method 
of the voice coil in the vicinity of a magnetic circuit in the 
speaker disclosed in Japan Published Patent Application No. 
H6-2333R4. and the repulsion magnetic field is limned by 
arranging two sheets of magnets I h. I b in the magnetic 
directions which repel each other with a spacer 6 in between. 

In a speaker of such magnetic circuit construction. it is 
4, possible to obtain a speaker having a symmetrical st mcture 

in the vibration direction by supporting the outer circum 
ference portion of a frame-shaped or ring-shaped magnetic 
circuit from the outside. 

However. in a frame-shaped or ring-shaped magnetic 
:\() circuit, magnetic flux converges in the outer circumference 

of a frame-shaped or ring-shaped magnetic circuit. and this 
magnetic flux becomes useless because it does not contrib 
ute at all to drive a speaker. 

Further , in such magnetic circuit , when using a spacer 6 
.':\ made of non-magnetic material, the magnetic energy (etlec 

tive magnetic flux) which the magnets I, 1(1 and Ih have can 
not be taken out etliciently. 

Furthermore. though the magnetic energy can be taken out 
e lliciently when using a spacer 6 made of a ferromagnetic 

6() material. the magnetic flux density of the spacer 6 made of 
a ferromagnetic material is saturated when a magnet having 
a large magnetic energy is used, resulting in ditliculty in 
which an etlective magnetic flux cannot be taken out etli-In such a magnetic circuit. a strong magnetic field is 

generated in a portion of the leakage magnetic flux <1>1 
between the magnets Ih and Ih, and a magnetic field in the 6, 

reverse direction is generated in the portions of each leakage 
magnetic flux of <1>2 and <1>3 around the magnets Ih and lb. 

ciently. 
The present invention has been made in order to solve the 

above described problems, and the purpose of the present 
invention is to obtain a speaker which is thin and light in 
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weight and which has a symmetrical vibration system with 
respect to a center axis which is perpendicular to the 
direction of the center axis of the voice coil, and to provide 
accordingly a speaker which can obtain the high quality 
sound. 

Another purpose of the present invention is to improve the 
rate of use for a magnet by efficiently using a strong leakage 
flux in a thin and light-weight magnetic circuit whose 
magnetic path is not closed, and to provide a magnetic 
circuit without a saturation phenomenon of tile magnetic 
flux caused by components (spacer, plate, yoke and so on) 
which constitute a magnetic circuit. 

Further anotller purpose of tile present invention is to 
provide a magnetic circuit and speaker in which a plurality 
of coils are combined to reduce me inductance component of 
me input impedance of me voice coil, so that the amplitude 
of vibration of a constant input impedance speaker and a 
diaphragm is expanded. 

SUMMARY OF THE INVENTION 

A first aspect of me present invention is a magnetic circuit 
including at least tlrree layered magnets, in which a first 
magnet of a first layer and a tlurd magnet of a third layer are 
arranged in tile magnetic directions wluch repel each otller, 
and a second magnet of a second layer, whose direction of 
polarity is perpendicular to tile direction of polarity of tile 
first magnet of tile first layer and me tIllrd magnet of tile tlurd 
layer, is arranged. 

TIle second aspect of tile present invention is a speaker 
including a magnetic circuit which has at least tlrree layered 
magnets, in wluch me first magnet of tile first layer and me 
mird magnet of me tllird layer are arranged in me magnetic 
directions wluch repel each other, and tile second magnet of 
tile second layer, whose direction of polarity is perpendicu
lar to me direction of polarity of tile first magnet of tile first 
layer and mird magnet of me tllird layer, is arranged. 

TIle tlurd aspect of tile present invention is a speaker in 
which each of me first tlrrough tlurd magnets constituting a 
magnetic circuit is ring-shaped or has tile shape of a polygo
nal frame and a voice coil with or without a bobbin wound 
around is arranged to oppose the second magnet of the 
second layer. 

flux which comes from the first, second and tlurd magnets 
constituting three layers at me one portion. Furtllermore, 
since a ferromagnetic substance wluch has the saturation 
magnetic flux density characteristic represented by iron 

5 material is not used, a large magnetic field in proportion to 
me magnetic energy of me first, second and tllird magnets 
wluch are used can be obtained in tile region where tile 
magnetic flux density is saturated. 

According to a speaker of tile tlurd aspect of tile present 
10 invention, a voice coil wound around a voice coil bobbin is 

arranged to oppose tile second magnet of tile second layer 
inside a ring-shaped or polygonal frame-shaped magnetic 
circuit including tlrree layers and tile approximately the 
same vibration system which is composed of a diaphragm 

15 and an edge are connected to both tile ends of a voice coil 
bobbin, so that a speaker which has the vibration system 
symmetrical witll respect to a center axis perpendicular to 
me direction of a center axis of the voice coil can be 
obtained. 

20 According to a speaker of the fourth aspect of me present 
invention, me winding direction of me voice coil wound 
around a bobbin to oppose the second magnet of tile second 
layer is me reverse direction to me winding direction of 
voice coils wound around a bobbin to oppose to me first 

25 magnet of me first layer and tllird magnet of me tllird layer 
to be connected in series, so mat a speaker wluch has a small 
inductance component of me input impedance can be 
obtained. Further, since a voice coil is formed wim the 
winding directions of tile first and tlurd voice coils opposite, 

30 me direction of a driving force from me second magnet of 
me second layer wluch tile voice coil opposes, and the 
direction of a driving force from the first and mird voice 
coils which oppose tile first and third magnets of tile first and 
iliird layers in which tile magnetic flux has an opposite 

35 direction to me second magnet of tile second layer become 
me same direction, so mat a sufficient driving force can be 
obtained tllOUgh tile speaker is tlun and light in weight. 

In me present invention, since me polarities of me tlrree 
sheets of magnets are used to form a magnetic circuit, a 

40 speaker and magnetic circuit which are extremely tIlln and 
light in weight can be obtained. 

Further, since a voice coil is wound approximately in the 

TIle fourth aspect of me present invention is a speaker in 
which tile winding direction of me second voice coil wound 45 
around a bobbin to oppose me second magnet of me second 
layer is me inverse direction to that of tile first voice coil and 
tIllrd voice coil wound around tile bobbin to oppose me first 
magnet of tile first layer and tllird magnet of the tllird layer. 

center of tile outer circumference of a voice coil bobbin and 
a symmetrical vibration system is connected to botll tile ends 
of tills voice coil, a speaker and magnetic circuit of high 
sound quality can be obtained. 

Furthermore, tile first, second and tlurd coils are wound 
around a voice coil bobbin at me positions which oppose 
respective magnets, and tile winding direction of me first and 
tIllrd coils wound at me positions opposing the first and third 
magnets of me first layer and tlurd layer is reverse to the 

According to the magnetic circuit and speaker of me first 50 
and second aspects of tile present invention, in the tlrree 
layered sheets of magnets, me first magnet of me first layer 
and me mird magnet of tile tlurd layer are arranged in the 
magnetic directions which repel each other, and me second 
magnet of tile second layer is arranged whose direction of 55 
polarity is perpendicular to that of me first magnet of me first 
layer and tlurd magnet of tile tlurd layer located on top and 
bottom mereof, so that the magnetic flux can be made to 
converge on me polarity end on one side of me second 
magnet of the second layer. In me first and tIllrd magnets of 60 
me first and tllird layer, me portion at wluch tllis magnetic 
flux is converged is me polarity of the end surface which is 
not in contact with tile second layer, in otller words, it is at 
me end of polarity which is opposite to the top side and 
bottom side (polarities of magnets are tile same) of a 65 
magnetic circuit including tlrree layers. In this way, a large 
magnetic field can be obtained by converging the magnetic 

winding direction of me second coil wound at the position 
opposing me second magnet of tile second layer to form a 
voice coil, and merefore me second coil obtains a driving 
force from tile second magnet of me second layer, and me 
first and tIllrd coils obtain a driving force from me portion 
around tile first and tlurd magnets of tile first and tlurd layers 
where me magnetic field of me reverse direction occurs, so 
that a magnetic circuit and a speaker of light-weight and 
tIlln-shaped, nevertheless, wim a sufficient driving force can 
be obtained. 

Moreover, me inductance component of me input imped-
ance of a speaker is made to decrease, the high frequency 
characteristic is improved, and a ferromagnetic substance 
wluch has me magnetic flux density saturation characteristic 
is not used as a part of me magnetic circuit, so mat a 
magnetic circuit and speaker can be obtained in which the 
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saturation phenomenon 0 f the magnetic flux density does not 
occur even if a magnet having a considerably large magnetic 
energy is used. 

BRIE F DE SCRIPTION O F  TilE DR./\.WINe; S 

Fie;. I is a vertically sectional view of a conventional 
speaker : 

FIG. 2 is a schematic diagram showing a winding method 
of a voice coil in the vicinity of a magnetic circuit of a 
conventional speaker : 

Fie;. 3 is a partly sectional and perspective view of a 
speaker according to an embodiment of the present inven -
tion : 

I I  and 13 and is magneti/ed in the direction perpendicular 
to the magneti/ation direction 0 f the first magnet II 0 f the 
first layer and third magnet 13 of the third layer which are 
on top and bottom thereof: with the side of an inner diameter 
being a negative pole S and the side of an outer diameter 
being a positive pole N. fi.)r example. 

Further. as shown in FlU. 3. with respect to the polarity 
of the magnets. a magnetic pole of the second magnet 12 of 
the second layer is magneti/ed such that the polarity on the 

III side of a inner diameter becomes a negative pole S that is a 
reverse polarity to a positive pole N on the top side of the 
first magnet I I  of the first layer and a positive pole N of the 
bottom side of the third magnet 13 of the third layer. thereby 

FI(;. 4 is a magnetic-flux distribution map of a magnetic \.i 
circuit shown in FlU. 3 :  

obtaining a high magnetic flux density (large magnetic field) 
on the side of the inner diameter of the ring-shaped magnets. 

The above described magneti/ation method is employed 
in the case where a speaker of an outer magnetic type is 
fi.mned in which a magnetic circuit is arranged on the outer 
circum ference side of a voice coil : and on the contrary. in the 

Fie;. 5 is a graph showing a calculation result of the 
magnetic-flux distribution of a magnetic circuit and speaker 
according to an embodiment of the present invention : 

FlU. 6 is a partly sectional and perspective view of a 
speaker according to another embodiment of the present 
invention : 

FlU. 7 is a magnetic-flux distribution map of a magnetic 
circuit in the conventional speakers explained in Fle;s. I and 
2 :  and 

FIG. 8 is a graph showing a calculation result of the 
magnetic-flux distribution of a conventional magnetic cir
cuit and speaker. 

DE SCRIPTION O F  TilE PRE FERRED 
I':MBOI)IMI�N T S  

21i case where. fi.lr example. a speaker o f  a n  inner magnetic type 
is fi.mned in which a magnetic circuit is arranged on the 
inner circumference side of a voice coil. in order to obtain 
a high magnetic flux density (large magnetic field) on the 
side of the outer diameter of a ring -shaped magnet. a 

2:' magnetic pole of the second magnet 12 of the second layer 
is magneti/ed such that the polarity on the side of the outer 
diameter becomes a negative pole S that is a reverse polarity 
to a positive pole N on the top side of the first magnet II of 
the first layer and a positive pole N of the bottom side of the 

lit third magnet 13 of the third layer. thereby obtaining a high 
magnetic flux density (large magnetic field) on the side of 
the outer diameter of the ring-shaped magnet. 

An outer circumference of an upper speaker edge 15 
fi.mned in the shape of a ring having upward convexity 

1:' which supports an upper side diaphragm 14 is fixed by 
adhesive or the like close to an inner diameter on the upper 
surfilce side of the first magnet I I  of the first layer : and also. 
an outer circumference of a lower speaker edge 17 fi.mned 
in the shape of a ring having downward convexity which 

Ilereina lter. embodiments of a magnetic circuit and 
speaker of the present invention is explained in detail with 
reference to FlU S. 3 to 6. FlU. 3 is a perspective and partly 
sectional view of a speaker according to an embodiment of 
the present invention : FlU. 4 is a magnetic -flux distribution 
map of a magnetic circuit shown in Fie;. 3 :  FIG. 5 is a graph 
which shows a calculation result of the magnetic-flux dis
tribution of a speaker and magnetic circuit according to an 
embodiment of the present invention : FIG. 6 is a perspective 
and partly sectional view of a speaker according to another 
embodiment of the present invention : FIe;. 7 is a magnetic
flux distribution map of a magnetic circuit in the conven 
tional speakers explained in Fle;s. I and 2 :  and FIe;. 8 is a 4i 

graph which shows a calculation result of the magnetic -flux 
distribution of a conventional magnetic circuit and speaker. 

411 supports a lower side diaphragm 16 is fixed by adhesive or 
the like close to an inner diameter on the lower surbce side 
of the third magnet 13 of the third layer. 

/\. voice coil bobbin 1 8  wound with a voice coil 19 is fixed 
by adhesive in the outer circumference of a center axis X-X 
of approximately a disk -shaped upper side diaphragm 14 
and lower side diaphragm 16. The voice coil 1 8  is  arranged 
to oppose the second magnet 12 0 f the second layer. and 
when the audio signal current flows in the voice coil 1 8. a 
driving fi.lrce which drives the upper and lower side dia-Embodiment I 

An embodiment of the present invention is hereinalier 
explained based on the drawings. FlU. 3 is a perspective and 
partly sectional view of a speaker showing an embodiment 
of a speaker which has a symmetrical vibration system in the 
vibration direction. using a magnetic circuit of the three 
layered magnetic structure of the present invention. In FlU. 
3. a numeral 10 denotes the whole of a speaker. which shows 

.ill phragms is generated by the interaction between this current 
and the magnetic flux generated by the magnetic circuit. 

At this time. when the upper and lower side diaphragms 
14 and 16 and the upper and lower side speaker edges 15 and 
17 are made into approximately the same shape. a sym

.i.i metrical vibration system can be constructed in the vibration 
direction to obtain a speaker with the excellent sound 
lJuality. 

In the above described embodiment. though explanation 
is made with respect to the upper and lower side circular 

Oil diaphragms using a magnetic circuit fi.mned of the first. 
second and the third magnets I I. 12. and 13 in the shape 0 f 
a ring. it is needless to say a magnetic circuit may have other 
arbitrary frame shapes. Further. it is obvious that a disk 

an example using a magnetic circuit. including magnets in 
the shape of a ring. which is symmetrical with respect to a 
center axis X -X of a voice coil 19 constituting the magnetic 
circuit. '1l1e first ring-shaped magnet I I  of the first layer and 
the third ring-shaped magnet 13 of the third layer are 
arranged in the directions to repel each other and are 
magneti/ed in the direction of thickness of the first magnet 
and third magnet such as N. S (S. N) and S. N (N. S). The 0:' 

second magnet 12 0 f the second layer is fi.mned to be a 
ring -shaped magnet thicker than the first and third magnets 

shape can be employed in the case of an outer magnetic type. 
FIU. 4 shows magnetic fi.lrce lines of each leakage mag

netic flux of <1> l lI. <1>11 of a magnetic circuit according to the 
present invention. The section of a magnetic circuit which is 
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symmetrical with respect to a center axis x-x is shown. The 
magnetic circuit including ring-shaped first, second and 
third magnets IIA. 12A, and 13A of three layers are 
magnetized in the direction in which the first magnet IIA of 
the first layer repels the third magnet 13A of the third layer 
and are magnetiLed in the direction of the thickness. The 
second magnet 12A of the second layer is magnetized in the 
direction perpendicular to the magnetized direction of the 
first magnet II A of the first layer and thjrd magnet I3A of 
the thjrd layer which are arranged at the top and bottom 
thereof. 

Further. as the polarities of magnets II, 12. and 13 shown 
in FIG. 3. a magnetic pole of the second magnet 12A of the 
second layer is magnetized such that the polarity of inner 
diameter side becomes opposite to the polarities of the upper 
surface of the first magnet IIA of the first layer and the 
bottom surface of thjrd magnet I3A of the thjrd layer. 

direction of the thickness. The second layer is flmlled of a 
ring-shaped plate 30 made of a ferromagnetic material. 

The magnetic Hux density distribution of this case is 
calculated. The values are calculated by the finite element 

5 method at the position where a voice coil is arranged (distant 
from the inner circumference of magnets by 0.3 mm). The 
magnets used for the calculation are NEOMAX-32 (manu
factured by Sumitomo Special Metals Co.), in which a 
ferromagnetic material is S l5C. the first magnet II 8 of the 

10 first layer and third magnet 138 of the third layer each have 
the inner diameter of 40 nUll. the outer diameter of 56 nUll 
and the thjckness of 2 nUll. and the ring-shaped plate 30 
made of a ferromagnetic material of the second layer has the 
inner diameter of 40 nUll, the outer diameter of 56 nUll and 

I:; the thjckness of 5 nUll. 

Tlle magnetic flux density distribution of each leakage 
magnetic flux of <I> 10. <I> II of a magnetic circuit of the above 
described construction is calculated in the following in 20 

comparison with that of a magnetic circuit of rIG. 7 which 
corresponds to the conventional magnetic circuit of FIG. I. 

The curve 40 of FIG. 8 shows a calculation result of the 
magnetic density distribution in the magnetic circuit with the 
magnets having the repulsion magnetic field of FIG. 7. 'fhe 
lines of magnetic force of the magnetic circuit show that the 
magnetic flux converges at both the inner and outer circum
ference portions of the ring-shaped plate 20 consisting of a 
ferromagnetic magnetic material of the second layer. In 
comparison with the magnetic circuit shown in rIG. 4 of the 
present invention, areas having strong magnetic flux appear 
in the portions in both the directions on the inner side and on 
the outside 21. 22, 23. and 24 in the magnetic circuit with the 

The magnetic flux density distribution in rIG. 4 shows the 
case in which the values are calculated at the portion where 
a voice coil 18 is arranged. that is, the values are calculated 2:; 

by the finite element method at the position distant from the 
inner circumference of the first. second and thjrd magnets 
IIA. 12A. 13A by 0.3 nUll. The magnets used for the 
calculation are NEOMA.t,(-32 (manufactured by Sumitomo 
Special Metals Co.). in which the first magnet IIA of the 30 
first layer and thjrd magnet 13A of the third layer each have 

first and second magnets 118 and 138 of the conventional 
repUlsion magnetic field. and since the magnetic flux in one 
direction 21. 23 or 22. 24 does not contribute to a driving 
force, the efficiency in use of the magnet deteriorates. In the 
case where each magnetic flux is used as the driving force. 
the strucUlre becomes complicated due to the necessity of 
employing two voice coils and also a symmetrical vibration 
system in the vibration direction cannot obtain easily due to 

the inner diameter of 40 mm. the outer diameter of 56 mm 

and the thjckness of 2 nUll. and the second magnet 12A of 
the second layer has the inner diameter of 40 nUll. the outer 
diameter of 56 nUll and the thjckness of 5 nUll. 

It can be understood that the magnetic force lines of each 
leakage magnetic flux of <1>10. <1>11 of the above described 
magnetic circuit converge at the inner circumference portion 
of the second magnet 12A of the second layer. TIle lines of 
magnetic force coming from the negative pole S on the inner 
diameter side of the second magnet 12A flows into the 
positive pole N side of the first and third magnets II A and 
I3A. in which magnetic flux density distribution on the inner 
diameter side is high and the magnetic flux density distri
bution on the outer diameter side is low. 

3:; the necessity of providing a magnetic circuit inside a voice 
coil bobbin. which becomes problems. On the other hand. 
according to the present invention. since the area of strong 
magnetic flux appears only on the inner diameter side of the 
second magnet 12A of the second layer. the efficiency in use 

40 of the magnets becomes improved. 
In the above described embodiment. though the lines of 

magnetic force arc made to converge on the side of the inner 
diameter of the second magnets 12. 12A of the second layer. 
it can be made to converge on the outside of the outside 

rIG. 5 shows. as a graph. a calculation result of magnetic 
flux density distribution of the leakage magnetic flux (<1> 10. 
<1> 11) in the above-mentioned magnetic circuit. and a hori
zontal axis shows the distance D on the side of the voice coil 

4, diameter by placing the second magnets 12. 12A of the 
second layer with the polarity thereof in the opposite direc
tion. Altematively. the lines of magnetic force can be made 
to converge on the side of the outer diameter when the 
polarities of the first and third magnets II. II A. and 13. I3A 

18 of the first. second and third magnets II A. 12A. and 13A. 
and a vertical axis shows the magnetic flux density. and it is 
also understood from this curve that the magnetic flux 
density in the vicinity of the first and third magnets IIA and 
I3A and the magnetic flux density of the second magnet 12A 
arc large on the average. 

:;0 of the first and third layers arc reversed (II and 13 arc 
magnetized as S-N and N-S respectively. and the inner 
diameter side of 12 and the outer diameter side thereof arc 

FIG. 7 shows a comparative example compared with the 
magnetic flux density distribution of the magnetic circuit of 
the present invention shown in FIG. 4. and FIG. 7 shows the 
lines of magnetic force of a magnetic circuit formed of 
conventional magnets having a repulsion magnetic field 60 
similar to FIG. I. The magnetic circuit is shown in the 
section of a magnetic circuit that is symmetrical with respect 
to a center axis x-x and has three layers f<mlled of two 
magnets and one ferromagnetic body. In this magnetic 
circuit. a first magnet 1 18 of the first layer and a third 6:; 
magnet 13A of the third layer arc magnetized in the direc
tions which repel each other and arc magnetized in the 

magnetized as S and N respectively). 

Em bodiment 2 

FIG. 6 is a vertically sectional view showing a magnet 
circuit and speaker of another embodiment of the three 
layered magnet structure according to the present invention. 
In the embodiment shown in FIG. 6 a magnetic circuit in the 
shape of a ring that is symmetrical with respect to a center 
axis x-x is used. A first magnet IIC of the first layer and a 
third magnet I3C of the third layer are magnetized in the 
directions which repel each other and arc magnetized in the 
direction of the thickness thereof. A second magnet 12C of 
the second layer is magnetized in the direction perpendicular 
to the magneti7ed direction of the first magnet IIC of the 
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fir st layer a nd t hird magnet 1 3C o f  t he t hird layer arra nged 
at t he top a nd botto m t hereo f. 

speaker ca n be decrea sed to improve t he hig h  frequency 
c haracter ist ic. Furt her , no ferro mag net ic sub stance hav ing 
t he magnetic flux density saturat io n  c haracter ist ic is u sed a s  
a co mpo ne nt o f  t he mag net ic c ircu it. so t hat a mag net ic 

rurt her , a s  show n in r IG. 6, t he polar ity o n  t he side o f  t he 
in ner d ia meter o f  t he seco nd magnet 12C o f  t he seco nd layer 
is mag net ized to become oppo site to t hat o f  t he upper 
sur face o f  t he fir st mag net l I C  o f  t he fir st layer a nd t he 
bottom sur face o f  t he t hird mag net 1 3C o f  t he t hird layer , so 
t hat the magnet ic flux o n  t he side o f  t he in ner d ia meter o f  a 
r ing- shaped magnet beco me s large. 

5 c ircu it a nd speaker ca n be obta ined in w hich the saturat io n  
p he no me no n  o f  t he mag net ic flux density does not occur 
even if a mag net hav ing a co nsiderably large mag net ic 
e nergy is u sed. 

The magnetic c ircu it o f  t he pre sent inve nt io n  ca n be 
An upper side speaker edge 15C w hich support s a n  upper 

side d iap hrag m 14C is fixed by ad he s ive o n  t he upper 
sur face o f  t he fir st mag net lIC o f  the fir st layer. a nd al so a 
lower side speaker edge 17C whic h  support s a lower side 
d iap hrag m I6C is fixed by ad he sive on the lower sur face o f  
the t hird mag net 13C o f  the t hird layer. A vo ice co il bobb in 
I RC ver tically ha ng ing a nd fixed betwee n the outer c ircum
ICre nce o f  the upper side d iap hrag m I4C a nd the outer 
c ircu mference o f  the lower side d iaphrag m I6C by ad hes ive 
includes a vo ice co il I9C B wou nd o n  t he outer c ircu mfer-

1 0  appl ied not o nly to a speaker but al so to a n  electrokinet ic 
type a nd electro mag net ic type magnetic c ircu it o f  a n  electro
acou st ic tra nsducer included in suc h dev ice s a s  a headp ho ne , 
earpho ne. hear ing a id :  to a n  electrok inetic type a nd electro
mag net ic type magnetic c ircu it o f  an acou st ic-electr ical 

1 .' t ransducer included in such dev ices a s  a micropho ne. tra ns
mitter , tra nsm itter a nd rece iver : a nd also to a rotor a nd stator 
o f  a electr ic motor , electr ic ge nerator a nd so o n. Furt her , 
although expla nat io n ha s bee n made w it h  re spect to t he ca se 

e nce al mo st t he ce nter o f  a vo ice co il bobb in IRC a nd vo ice 20 
co ils I9CA a nd I9CC wou nd in t he oppos ite d irect io n on 
both t he e nds of t he vo ice coil bobb in I Re. 

in whic h  a ma gnet is r ing-s haped. t he shape of t he mag net 
ca n be made into a fra me hav ing a polygo nal out side shape 
a nd inner d ia meter. 

Hav ing descr ibed preferred embod ime nts of the invent io n 
w it h  refere nce to the accompa ny ing draw ings , it is to be 
u nderstood t hat t he inve ntio n  is not l imited to those prec ise 

2 .' embod ime nts a nd t hat var ious cha nges a nd mod ificat io ns 
could be e llccted there in by o ne sk illed in t he art w it hout 
depar ting fro m t he sp irit or scope 0 I' t he invent io n as d cii ned 
in t he appe nded cla ims. 

-1l1e vo ice co il I9C A  is arra nged to oppose t he seco nd 
mag net I2C of the seco nd layer , a nd t he vo ice co ils I9CA 
a nd I9CC are arra nged to oppose t he first mag net l l C of t he 
first layer a nd t hird mag net 13C of t he t hird layer , respec 
t ively. Each of vo ice co ils I9CA. I 9C A. a nd I 9CC is 
con nected in ser ies , a nd when t he aud io s ig nal curre nt flows 
into eac h of vo ice co ils I 9CA, I9C A. a nd I 9CC. t he dr iv ing 
fi:)rce is ge nera ted in a v ibrat io n syste m by the interact io n 1 ( J  

betwee n this curre nt a nd t he mag net ic flux whic h  is ge ner 
ated in the mag ne tic c ircu it. 

I n  t he above descr ibed co nst mct io n, s ince t he stro ng 
mag net ic field is ge ne ra ted in t he port io n  of t he seco nd 
mag net 1 Ie of t he seco nd layer a nd the mag ne tic field in the 1.' 

reverse d irec tio n  occurs in t he por tio ns of t he first magne t  
1 I C  of t he first layer a nd o f  the t hird magnet I 3 C  o f  the third 
layer as show n in the curve 25 of FIG. 5, t he dr iv ing fi:)rce 
of the sa me d irect io n occur in eac h of vo ice co ils 1 9CA , 
I 9C H, a nd I 9CC in t he e mbod ime nt show n in FIG. 6. 

Accord ing to t he prese nt inve nt io n, s ince the polar it ies of 
three sheets of magnets are used to co nstruc t a ma gnet ic 
c ircu it ,  a t hin a nd l ight -we ight mag net ic c ircu it a nd speaker 
ca n be obta ined. Further , s ince a vo ice co il is wou nd al mos t 

40 

at t he ce nter of t he outer c ircumference of a vo ice co il 4.' 

bobb in to li:mn a sy mme tr ical v ibrat io n  sys tem con nected o n  
bo th e nds of this vo ice co il ,  t he hig h  qual ity sou nd ca n also 
be ob ta ined. Fur thennore , t he first , seco nd a nd third co ils are 
wou nd arou nd t he vo ice co il bobb in at t he pos itio ns oppos
ing respect ive mag nets , a nd the w ind ing d irec tio n of t he firs t -' 0  

a nd third co ils wou nd at t he pos itio ns oppos ing to t he firs t 
a nd third magnets of t he firs t layer a nd t hird layer is reverse 
to t he w ind ing d irect io n of t he seco nd co il wou nd at t he 
pos itio n  oppos ing to t he seco nd magnet of t he seco nd layer 
to for m a vo ice co il. As a result , t he seco nd co il obta ins a .' -' 
dr iv ing force fro m the seco nd magne t  of the second l ayer , 
a nd the I1rs t and t hird co ils ob tain a dr iv ing ti:)rce fro m t he 
portio ns in t he v ic inity of t he firs t a nd t hird magnets of t he 
I1rs t and third l ayers where t he magnet ic l1e1d in t he reverse 
d irect io n  occurs , so that a su tlic ie nt dr iv ing force can be 60 

obtained w it h  a thin and l ight-we ight co ns tructio n. More
over , t he induc tance compo nent of t he input impedance of a 

\Vhat is cla imed is : 
I. A speaker , co mpr is ing : 
a mag net ic c ircu it which includes at least three layered 

ma gnets , where in 
a first magne t  of a first layer a nd a third ma gne t  of a third 

layer are arra nged in the magnetic d irec tio ns which 
repel each ot her ; 

t he d irect io n of polar ity of a seco nd ma gnet of a seco nd 
layer is ar ranged perpe nd icularly to t he d irec tio n  of 
polar ity of sa id firs t mag net of t he first layer a nd third 
ma gnet of the third layer ; 

a vo ice co il is wou nd arou nd a ce nter of a bobb in which 
is arra nged to oppose a n  in ner d ia me ter of sa id seco nd 
ma gnet 0 I' t he seco nd layer li:mned in a shape 0 I' a r ing 
or a polygo nal fr'dlne ; a nd 

approx ima tely t he sa me v ibrat io n sys tems composed of a 
d iap hra gm a nd an edge are con nected to bot h the top 
a nd bot tom e nds of sa id bobb in so t hat sa id v ibra tio n  
sys tem t hat is sy mmetr ical w it h  respect to a ce nter ax is 
perpe nd icular to t he d irect io n of a ce nter ax is of sa id 
vo ice co il is prov ided. 

2 .  T he speaker accord ing to claim I ,  where in 
t he first , seco nd a nd third mag nets co nst ituting sa id mag 

ne tic c ircu it are fi.mned in t he shape of a r ing or a 
polygo nal fra me. 

3. T he speaker accord ing to claim I ,  where in 
a w ind ing d irec tio n  of a seco nd vo ice co il wou nd arou nd 

said bobb in to oppose said seco nd mag net of the seco nd 
layer is made to be oppos ite to a w ind ing d irect io n of 
a first vo ice co il a nd a third vo ice co il wou nd arou nd 
said bobb in to oppose said I1rs t mag net of t he I1rst l ayer 
and said t hird magnet of t he third layer. 

* * * * * 
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[57] ABSTRACT 

A relllrnless coil motor assembly comprising a voice 
coil, first and second magnets, the poles of the first and 
second magnets providing aligned, opposing lines of 
force in first and second opposite directions, a first 
spacer having a first face adjacent a pole of the first 
magnet and a second opposite face, a second spacer 
having a first face adjacent the like pole of the second 
magnet and a second opposite face, a third magnet ori
ented between the second faces of the first and second 
spacers, and the voice coil mounted in close proximity 
to the third magnet, the third magnet providing lines of 
force extending in a third direction generally transverse 
to both the first and second directions. and the voice 
coil having a direction of motion extending generally 
perpendicular to the third direction. 

6 Claims, 4 Drawing Sheets 
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TRA�SDUCER MOTOR ASSE:\fBLY 

This invention relates to transducer motor assemblies 
and particularly to a relUrniess transducer motor assem- S 
bly construction. The invention is disclosed in the con· 
text of a moving coil loudspeaker motor assembly. 
However. il is believed to be useful in other applications 
as well. 

Various types of transducer motor assemblies 8re 10 
known. These are, ror example. the assemblies illus
trated in described U.S. Pat. Nos.: 2,895,092; 3.067.366; 
3,127,544; 3,168,686; 4,117,431; 4,471,173; 4,578,663; 
4.628.154; and 4,731,598; Canadian Patent 71),205; Brit-
ish Patent Specification 964.824; and, Soviet Union IS 
patent application document 423,197. While this listing 
is a listing of what applicant presently believes is the 
most perlinent prior art, no representation is intended 
hereby, nor should such a representation be inferred, 
that an exhaustive search of all pertinent prior art has 20 
been conducted, or that no more pertinent prior art 
exists. 

According to the invention, a transducer motor as
sembly comprises first and second magnets, the poles of 
which pro .... ide aligned, opposing lines of force in fiTS! 25 
and second opposite directions. a first spacer ha .... ing a 
first face adjacent a pole of the fiist magnet and a sec
ond opposite face, a second spacer having a first face 
adjacent the like pole of the second magnet and a sec
ond opposite face, and a third magnet oriented between 30 
the �econd faces of the first and second spacers. The 
third magnet provides lines of force extending in'3 third 
direction generally transverse to both the first and sec
ond directions. 

Illustratively, the first, second and third magnets are J5 
generally cylindrical in configuration. Further iIIustra· 
tively, the first, second and third magnets are generally 
right circular cylindrical in configuration, defining a 
transducer mOlOr assembly axis about which each of the 
first, second and third magnets is generally symmetri- 40 
cal. 

Additionally, illustratively, the transducer motor 
assembly comprises a return less voice coil motor assem
bly. The apparatus fUrl her comprises means for mount
ing a voice coil in close proximity to the third magnet, 45 
the voice coil eXlending generally perpendicular to the 
third direction. 

FIG. 4 illustrates a fragmentary axial seclional view 
through a third embodiment of a permanent magnet 
motor assembly constructed according to the present 
invention. 

As illustrated in FIG. I, a prior art returnless mag
netic circuit structure 10 consists of twO axially aligned 
magnetic disks 12, 14, which are axial1)' polarized and 
oriented so their resultant flux fields oppose one an
other. Typically, a spacer 16 of either ferrous or non
ferrous material is sandwiched between the magnets 12, 
14 to help control the magnetic field characteristics. As 
a result of the opposing axial alignment, the magnetic 
flux lines 18 emanating from the magnetic poles 20, 22 
that face each other are focused and directed radially 
outward from the region 24 b�tween the magnets 12. 14. 

This prior art strUCture serves two functions. The 
first is to increase the number of flux lines per unit cross 
sectional area in the region adjacent to the structure 10's 
radially outer surface 26. The second function is to 
direct the flux lines 18 on paths essentially perpendicu· 
Jar to the axis 28 of the Structure. This yields a gr�ater 
resultant vector force on a current carrying conductor 
30 which is immersed in the flux field. The force F is 
governed by the equation F=i1xB, where B is the vec
tor flux density, I is the vector length of conductor in 
the direction of current flow, i is the magnitude of the 
current through the conductor 30, and x indicates the 
vector cross product and relates to the magnitude of the 
angle between the directions of the flux lines and cur
rent flow in the conductor 30. Assuming direct current 
flow in the conductor 30 and the direction for conduct 
tor 30 motion just outside and parallel to the structure's 
outer surface 26, as indicated by arrows 32, the resultant 
vector force F is parallel 10 the structure's axis 28. 

Ideally, all flux lines 18 emanating from the structure 
10 would be in directions perpendicular to the struc
ture's axis 28 to maximize the force on the conductor 30 
throughout its axial length. However, the flux lines 18 
must emanate from one portion of the structure 10 and 
return to another portion, which dictates the flux lines 
18 illustrated in FIG. 1. P�rpendicular flux lines 18 do, 
however, occur in the center of the Structure 10 be
tween the magnets 12, 14, as illustrated in region A, in 
FIG. 1. In region A, flux lines 18 of equal magnitude 
and opposite direction produce a resultant field vector 
with an angle of 0 degrees. As the distance from the 
center A of the structure increases along its axis 28 in 
either direction, the flux line angle (the angle between 
the flux line 18 and a line perpendicular to the structure 

According to illustrative embodiments. the means for 
mounting the voice coil in close proximity to the third 
magnet mounts the voice coil radially outward from the 
Ihird magnet. 

According to an illustrative embodiment, the means 
for mounting the voice coil in close proximity 10 the 
third magnet mounts the voice coil radially inward 
from Ihe third magnet. 

50 10's axis 28) also increases. See region B. FIG. I. The 
interacting fields in thb region produce resultant field 
vectors whose magnitudes and directions ar� more di· 
rectly related to their proximity to one or the other of 
the opposing magnets 12, 14. A point C is reached near 

The invention can besl be understood by referring to 
the following description and accompanying drawings 
which illustrate the invention. In the drawings: 

55 the center of each magnet 12, 14 where the flux lines 18 
are essentially parallel ..... ith the structure 10's axis 28. 
That is. the flux line angle is substantially equal to 90·. 
As the distance increases further in region D of FIG. I, 

FIG. 1 iJlustrates a fragmentary axial sectional view 
through a prior art p�rmanent magn�t motor assembly; 60 

the flux line angle continues to increase beyond 90· and 
the vector is now increasing in the opposite direction to 
1he flux lines 18 emanating from the center A of the FIG. 2 illustrates a fragmentary axial sectional view 

through a first embodiment of a permanent magnet 
motor assembly constructed according to the present 
invention; 

FIG.3 illustrates a fragmentary axial sectional view 
through a second embodiment of a permanent magnet 
mOlor assembly constructed according 10 the present 
invention; and, 

structure 10. 
If a current carrying conductor 30 moves in either of 

the structure 10's axial dir�ctjons from the structure 10's 
65 center in region A to the magnet 12. 14'� center in re

gion C, the instantaneous force on the conductor 30. in 
the direction parallel to the axis 28, decreases as a func· 
tion of the angle to zero. This assumes the flux density 



5,142,260 
3 

is constant along the 311ial length. Beyond region C, Ihe 
force on the conductor 30 begins to increase in region 
D. but in the opposite direction as the flux lines 18 
return toward the magnets 12. 14. The force continues 
to increase in region E as the distance frorri point A .5 
increases 10 the oUier edges of the magnets 12, 14. Be
yond this, the force diminishes tOward point F accord
ing to the leakage characteristics of the structure 10. 

Given the case of a current carrying conductor in the 
form of a solenoid with a length that spans the entire 10 
axial length of the returnless structure 10, and which is 
allowed 10 move freely in the axial direction, the resul
tant vector force on the conductor would approach 
zero. This is due to tlie conductor simultaneously cut
ting flux Jines 18 of opposite polarity. Any residual IS 
force present would result from asymmetrical field 
leakage. A very different result occurs with a solenoid 
30 whose length is approximately equal to the thickness 
of the spacer 24 separating the two magnets 12, 14. If 
the solenoid 30 is free to move axially and is positioned 20 
at the center A of the structure 10 and current is passed 
through the solenoid 30, a force resuhs which causes 
the solenoid 30 10 move axially in one direction until the 
force exerted on it by the interaction of its current with 
flux lines 18 of the opposite polarity causes the coil 30 to 25 
stop or change directions. It will be appreciated, there
fore. that the range of linear motion of the conductor 30 
in the axial directions is limited by the physical con
straints of the structure 10. 

This phenomenon. sometimes called field reversal, is 30 
one of the restrictions encountered with returnless palh 
structures, such as structure 10 in FIG. 1. Of the total 
length of the magnet motor structure 10, approximately 
30-50% of the length of each magnet 12, 14 provides an 
opposing force 10 the coil 30 and another 20% produces 35 
little contribution to the force on the coil 30 due to the 
small values of F. This means the useful range for con
trolled linear motion is the thickness of the spacer 24 
between the magnets 12, 14 plus approximately 30% of 
each magnel 12. 14's axial length. Thus, in a prior art 40 
assembly, such as Ihe one illustrated in FIG. 1, linear 
coil 30 motion will generally occur only within a rela
tively small portion of the axial length. 

For a given magnet 12, 14 size and material. the flux 
density is a function of the spacer 24 thickness sand- 45 
wiched between the opposing magnets 12, 14. The 
smaller the spacer 24 thickness, the greater the magnetic 
field. Conversely. the larger the spacer thickness, the 
greater the range of linear motion. Typically, the thick· 
ness is on the order of 0.05-0.200 inch (1.3-5 mm). The 50 
thickness of the magnets 12, 14 also have practical 
ranges of values to maintain an efficient design in terms 

4 
ducer mOlOr structure 10 is typical\y restricted 10 a 
range less than 0.400 inch (10.2 mm) long. In many 
applications, such as a loudspeaker motor structure, Ihis 
range is nOI sufficient and it would be useful to increase 
it. 

This invention provides the means to improve the 
m:lgnilUde, operating range and linearity of the nux 
field emanating from a relurnless magnetic motor struc-
ture using opposing magnets. This can be accomplished 
by sandwiching one or more additional magnets and 
spacers between the opposing magnets of the prior art 
assemblies. The radial magnet's(s') outer pole(s) has 
(have) the same polarity as the prior art's opposing 
magnets' facing opposing poles, as illustrated FIGS. 
2-4. With this configuration, flux lines emanating from 
the radial magnet(s) are opposed by the fields of the 
axial magnets and directed outward on a path perpen
dicular to the structure's axis. The radial magnel's(s') 
flux Jines travel from the outer pole(s) outward and 
around to the opposite polarity poles of the axial mag· 
nets. This increases the total flux lines provided by the 
structure. Given the additional axial length afforded by 
the radial magnet(s) and spacers, a flux density approxi-
mately equivalent to the prior art assembly's is main
tained over a greater range of motion. Additionally, this 
new structure improves the flux line angles provided by 
the combined opposing fields. The majority of flux lines 
emanating from the radial magnet(s) maintain palhs 
essentially perpendicular 10 the structure's axis. There
fore, the flux field linearity is nearly constanf and sub
stantially improved over prior an designs. Given the 
same design criteria as the prior art design discussed 
above, a structure constructed according to the inven-
tion and incorporating a single radial magnet can pro
vide a 0.260-0.800 inch (6.6-20 mm) useful range of coil 
motion, and a design employing two radial magnets and 
an intervening spacer can provide a 0.410-1.50 inch 
(10.4-38.1 mm) useful range of coil motion. 

Various combinations of radial and axial magnets can 
be placed together in a similar fashion to improve field 
linearity and flux density further. 

Referring now to FIG. 2, a permanent magnet motor 
assembly 50 is provided for reciprocating a current 
carrying solenoid conductor 52 such as a voice coil 
wound on a voice coil form 54. Conductor 52 is uni-
formly axially spaced from the outer surface 56 of as
sembly SO by any of a number of well-known means, 
such as a centering spider 58 and a speaker diaphragm 
60. Alternating current flow through the conductor 52 
causes the voice coil form 54 and the regions 01" the 
spider 58 and diaphragm 60, both illustrated fragment 
tartly, which are coupled to voice coil form 54 to recip
rocate in the direclions of arrows 62, axially of motor 

of energy gained per unit length of the structure 10. A 
typical thickness for a rare earth magnet 12, 14 is from 
0.100-0.300 inch (2.5-7.6 mm). 55 assembly SO. 

Using minimum and maximum thickness components 
12, ]4, 28 as described provides structures 10 which are 
in the range of 0.250-0.800 inch (6.4-20 mm) long. 
Given the range of motion described above and the 
minimum and maximum structure 10 lengths, a coil 30 60 
in a typical transducer motor structure 10 may have an 
excursion of 0.110-0.380 inch (2.8-9.7 mm). This does 
not include the length of the coil 30 which could ac
count for as much as 50% of the remaining length of a 
transducer motor struClUre 10, depending on the con- 65 
duclor 30 length needed to achieve a required force or 
conductor 30 resistance. Thus, the useful range of mo
tion along the axis 28 of a prior art returnless path trans-

According 10 the invention, motor assembly 50 in
cludes two permanent magnets 64, 66 having like poles 
68,70, respectively, facing each other along the axis 72 
of the assembly 50. A radially magnetized permanent 
magnet 74 has a radially inner pole 76 of opposite polar
ity to poles 68, 70 and a radially outer pole 78 of the 
same polarity as poles 68, 70. This configuration shapes 
the magnetic field of assembly SO as previously dis
cussed to provide a more uniform radial magnetic field 
over a much grealer percentage of the tOlal lenglh of 
assembly SO than did prior art configura lions. A spacer 
80 is provided in assembly SO between pole 68 and the 
axially facing surface 82 of magnet 74. A spacer 84 is 
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provided between pole 70 and the axially facing surface 
86 of magnet 74. 

Illustratively, magnets 64, 66 and 74, spacers 80 and 
84, and voice coil form 54 are all right circular cylindri
cal in configuration. However, other configurations !i 
clearly are possible, and may be preferred in certain 
applications. 

Referring now to FIG. 3, another embodiment of a 
permanent magnet motor assembly 150 according to the 
present invention is provided for reciprocating a cur- 10 
rent carrying solenoid conductor 152, again such as a 
voice coil wound on a voice coil form 154. Conductor 
152 is uniformly axially spaced from outer surface 156 
of assembly 150 by any of a number of well-known 
means, such as a centering spider 158 and a speaker IS 
diaphragm 160, both illustrated fragmentarily; Alternat
ing current flow through the conductor 152 causes the 
voice coil form 154 and the regions of the spider 158 
and diaphragm 160 which are coupled to voice coil 
form 154 to reciprocate in the directions of arrows 162, 20 
axially of motor assembly 150. 

According to this embodiment of the invention, 
motor assembly 150 includes two permanent magnets 
164, 166 having like poles 168, 170, respectively, facing 
each other along the axis 172 of the assembly 150. Two 25 
radially magnetized permanent magnets 174, 176 have 
radially inner poles 178. 180, respectively, of opposite 
polarity to poles 168, 170. Permanent magnets 174, 176 
have radially outer poles 182, 184 of the same polarity 
as poles 168, 170. This configuration shapes the mag- 30 
netic field of assembly 150 as previously discussed to 
pro\·ide a more uniform radial magnetic field over a 
much greater percentage of the total length of assembly 
150 than did prior art configurations. A spacer 186 is 
provided in assembly 150 between pole 168 and the 35 
axially facing surface 188 of magnet 174. A spacer 190 is 
provided between the axially facing surface 192 of mag
net 174 and the axially facing surface 194 of magnet 176. 

6 
nent magnets 264. 266 having like poles 268, 270, re
spectively, facing each other along the axis 272 of the 
assembly 250. Two radially magnetized, ring-shaped 
permanent magnets 274. 276 have radially outer poles 
278,280, respectively, of opposite polarity 10 poles 268, 
270. Permanent magnets 274, 276 have radially inner 
poles 282, 284 of the same polarity as poles 268, 270. 
This configuration shapes the magnetic field of assem
bly 250 is previously discussed to provide a more uni
form radial magnetic field over a much greater percent
age of the total length of assembly 250 than did prior art 
configurations. A spacer 286 is provided in assembly 
250 between pole 268 and the axially facing surface 288 
of magnet 274. A spacer 290 is provided between the 
axially facing surface 292 of magnet 274 and the axially 
facing surface 294 of magnet 276. A spacer 296 is pro-
vided between the axially facing surface 298 of magnet 
276 and pole 270. 

Magnets 264. 266, 274 and 276, and spacers 286, 290 
and 296 are all shaped as flat rings. Voice coil form 254 
is right circular cylindrical in configuration. However, 
other configurations clearly are possible, and may be 
preferred in certain applications. 

What is claimed is: 
1. A relUrnless voice coil mOlor assembly comprising 

a voice coil, first and second magnets, the poles of the 
first and second magnets providing aligned, opposing 
lines of force in first and second opposite directions, a 
first spacer having a first face adjacent a pole of the first 
magnet and a second opposite face, a second spacer 
having a first face adjacent the like pole of the second 
magnet and a second opposite face, a third magnet ori
ented between the second faces of the first and second 
spacers, and means for mounting the voice coil in close 
proximity to the third magnet, the third magnet provid
ing lines of force extending in a third direction generally 
transverse to both the first and second directions, and 
the voice coil having a direct\on of motion extending A spacer 196 is provided between the axially facing 

surface 198 of magnet 176 and pole 170. 40 generally perpendicular to the third direction. 
2. The apparatus of claim I wherein the first, second 

and third magnets are generally cylindrical in configu
ration. 

Again, illustratively, magnets 164, )66, 174 and 176, 
spacers 186, 190 and 196, and voice coil form 154 are all 
right circular cylindrical in configuration. However, as . 
noted above, other configurations clearly are possible, 
and may be preferred in certain applications. 

Referring now to FIG. 4, another permanent magnet 
motor assembly 250 according to the present invention 

3. The apparatus of claim 2 wherein the fim, second 
45 and third magnets are generally right cylindrical in 

configuration. 

is provided for reciprocating a current-carrying sole
noid conductor 252, again such as a voice coil wound 
on a coil form 254. Conductor 252 is uniformly axially 50 
spaced from inner surface 2!'l6 of assembly 250 by any of 
a number of well-known means, such as a centering 
spider 258 and a speaker diaphragm 260. Alternating 
current flow through the conductor 252 causes the 
voice coil form 254 and the regions of the spider 258 55 
and diaphragm 260 which are coupled to voice coil 
form 254 to reciprocate in the directions of arrows 262, 
axially of motor assembly 250. 

According to this embodiment of the invention, 
motor assembly 250 includes two ring-shaped perma- 60 

65 

4. The apparatus of claim 3 wherein the first, second 
and third magnets are generally right circular cylindri
cal in configuration, defining a transducer motor assem
bly axis about which each of the first, second and third 
magnc:ts is gc:nerally symmc:trical. 

5. The apparatus of claim 1, 2, 3 or 4 wherein the 
means for mounting the voice coil in close proximity to 
the third magnet mounts the voice coil radially outward 
from the third magnet. 

6. The apparatus of claim 1, 2, 3 or 4 wherein the 
means for mounling the voice coil in close proximity to 
the third magnet mounts the voice coil radially inward 
from the third magnet. 

• • t , • 
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This paper describes the drawbacks related to the iron in the classical electrodynamic loud-
speaker structure. Then it describes loudspeaker motors without any iron, which are only made
of permanent magnets. They are associated to a piston like moving part which glides on fer-
rofluid seals. Furthermore, the coil is short and the suspension is wholly pneumatic. Several
types of magnet assemblies are described and discussed. Indeed, their properties regarding the
force factor and the ferrofluid seal shape depend on their structure. Eventually, the capacity of
the seals is evaluated.

Keywords: electrodynamic loudspeaker, permanent magnet, ironless structure, ferrofluid seal.

1. The classical electrodynamic loudspeaker

1.1. Structure and drawbacks

The structure of electrodynamic loudspeakers is well-known: it consists of a coil
which moves in front of the iron pole pieces of a magnetic circuit excited by a permanent
magnet. It is to be noted that three major drawbacks have been highlighted [1, 2]. First,
the magnetic field in the air gap is non-uniform. Second, the inductance of the coil varies
with the coil position. Both effects are sources of a distortion which increases with the
coil displacement and the current intensity, so with the sound level. Third, eddy currents
in the pole pieces create a force which ejects the moving part and the coil out of the air
gap, thus lessening the stability of the loudspeaker. The challenge of the electrodynamic
loudspeaker designers has always been to suppress the nonlinearities.

1.2. Electrical modeling

The electrodynamic loudspeakers can be represented by equivalent electrical cir-
cuits. Thereby, the voice coil is modeled by an impedance which is both resistive and
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4 R. RAVAUD et al.

inductive. Moreover, a back electromotive force (EMF) proportional to the cone velocity
appears in the coil. Therefore, the impedance variations are tightly related to the acous-
tomechanical aspects of the cone. As a consequence, the loudspeaker output signal can
be predicted from the electrical input in the frequency range in which the moving part
can be considered as a rigid assembly [3, 4].

1.3. The coil inductance has a prominent part

The coil inductance plays a prominent part in both the functioning and the quality
of the loudspeaker. This section describes in which way.

First, the iron pole pieces increase the inductance of the moving coil. Consequently,
the impedance increases with the frequency. Moreover, the loudspeaker is commonly
fed by an open loop voltage amplifier while the force exerted by the coil on the moving
part is proportional to the current [5]. As a result, the force decreases when the frequency
increases. Furthermore, the voltage and the force are out of phase. The effect is to be
seen on the phase shiftings of the electrical signal harmonics which are modified. In the
classical electrodynamic loudspeaker, a short circuiting coil is sometimes added on the
stator in order to reduce the moving coil inductance and thus the distortion of the output
signal.

Second, the coil behaves like a moving iron yoke coil for which the yoke is around
the coil. So, when the coil moves, the yoke position changes and the reluctance of the
magnetic circuit varies. Indeed, a coil displacement from the centered position of the
yoke with regard to the coil implies a reluctance increase. Consequently, a force is cre-
ated on the coil in such a direction that makes the coil move to decrease the reluctance.
This results in an axial centering effect. Moreover, this force is proportional to the square
of the current in the coil.

Therefore, when a high frequency signal is superimposed to a low frequency signal,
the answer of the loudspeaker is not the same as for the high frequency signal alone.
Indeed, the coil mean position in the air gap is not the same in both cases. As a result,
intermodulation is then observed.

1.4. The eddy currents create distorsion

It has been proved that the electrical impedance is modified by eddy currents flowing
in the solid iron poles. So, at low frequencies, voice coil motors have a normal inductive
behavior whereas, at high frequencies, the eddy currents hinder the magnetic flux from
penetrating the iron. A first consequence is the decrease of the effective permeability of
the iron which implies a decrease of the coil inductance, thus proving the existence of
the eddy currents. Moreover, measuring the inductance is the easiest way to determine
the frequency at which eddy currents appear. Furthermore, eddy currents appear to sup-
press what creates them. Indeed, they flow circularly in the iron pole pieces around the
coil axis. Thus, they create a magnetic moment whose direction is the same as the one
of the magnetic moment created by the current in the coil. Consequently, they generate
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IRONLESS LOUDSPEAKERS WITH FERROFLUID SEALS 5

in the coil a magnetic field which is opposed to the coil own field. Their action is to
create axial forces that tend to eject the coil out of the air gap. Finally, the moving coil
becomes axially unstable (and radially stable): The system behaves like an eddy cur-
rent magnetic bearing. This axial force is another cause of distortion. Some authors [6]
propose to use laminated pole pieces to avoid eddy currents.

The remainder of this paper describes another option which consists in totally sup-
pressing the iron.

2. The ironless structure

2.1. Principle

This paper presents loudspeakers whose motors are made totally of permanent mag-
nets. Indeed, the basic motor consists of two outer stacked ring permanent magnets
which are radially magnetized in opposed directions. Moreover, the moving part is an
inner piston made of non magnetic material which is radially centered with the rings.
One of its extremities is the emissive surface and was chosen to be a plane. Furthermore,
a short coil is wound around the piston so that it is entirely in the rather uniform mag-
netic field. Besides, ferrofluid seals are located in the air gap between the inner piston
and the outer ring magnets. As a consequence, the classical suspension disappears. The
air in the rear cavity constitutes the loudspeaker pneumatic suspension. Therefore the
suspension behavior is linear.

It is to be noted that the inductance of the coil in this structure is very low and con-
stant as the coil yoke has now the behavior of the air. In addition, the reluctance effects
disappear. Furthermore, a great decrease of the eddy currents is observed as the perma-
nent magnets have a small electric conductivity. Plasto-magnets are well-adapted to the
motor realization and are electrically insulating. Consequently, some of the sources of
distortion are suppressed. Moreover, the magnetic field can be increased, its uniformity
improved and the magnetic leakage decreased, thus leading to a good efficiency of the
loudspeaker [7, 8].

Fig. 1. Loudspeaker principle.
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6 R. RAVAUD et al.

The concept of such structures offers various possibilities. Indeed, the devices can
be simple and use only two ring magnets (or even a single one) but they can be more
complicated, with three or more ring magnets. Furthermore, they have the great interest
of being analytically tractable, a fact that enables their optimization. Besides, their op-
timization can be made with several criteria, such as the magnetic field uniformity, its
intensity level but also the mechanical properties of the ferrofluid seals.

2.2. Tools for the study

It is emphasized here that all the calculations related to the presented structures are
carried out analytically [9]. Indeed, a coulombian model is used for the magnets which
allows the calculation of the magnetic field they create. Each ring magnet is represented
by two charged surfaces which are the ring faces perpendicular to their magnetization
direction. For radially magnetized rings, the charges or magnetic poles are located on
both curved surfaces of the ring and their surface density is written σ∗ = J , where J is
the magnet polarization, in Tesla (T).

Fig. 2. Magnet coulombian model.

On one hand, the calculation of the radial component of the magnetic field is useful
to characterize a structure with the field intensity as well as its uniformity. On the other
hand, the same calculation is useful to characterize the field gradients too. Indeed, the
ferrofluid seals form where the field gradients are high. Moreover, the magnetic pres-
sure, pm(r, z) = μ0MH , in the ferrofluid and the ferrofluid potential energy, Em(r, z)
are also calculated. where H is the magnetic field created by the magnets, (μ0M ) is the
magnetization volume density of the ferrofluid and μ0 is the vacuum magnetic perme-
ability. Besides, color plots of the magnetic pressure show its repartition in the air gap:
the red zones correspond to the highest values, the blue ones to the smallest. They help
determine the seal shape. Indeed, the seal contour is a magnetic iso-pressure.

Eventually, these expressions also allow the determination of the seal capacity.

2.3. Comparing structures

A simple structure contains two ring magnets. Figure 3a shows the radial compo-
nent of the magnetic field and the magnetic pressure in the ferrofluid in front of the
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IRONLESS LOUDSPEAKERS WITH FERROFLUID SEALS 7

magnet. It is to be noted that the magnetic field is quite uniform in front of each mag-
net. Consequently, this structure is well adapted for two coil loudspeakers. Indeed, as
each short coil remains always in a uniform field the force factor is great. Moreover,
for small quantities of ferrofluid, a seal is formed in front of the magnet interface. For
larger ferrofluid quantities, two smaller seals appear at the motor extremities. For even
larger quantities the three seals join to form a single large one.

Figure 3b shows another magnet assembly for the motor which is constituted by
three stacked ring magnets. The middle ring is radially magnetized while the top and
bottom rings are axially magnetized with opposed magnetizations. Such configurations
with a magnetization progressive rotation are related to Halbach cylinders. On one hand
the magnetic field is rather intense and uniform in front of the middle ring magnet over
a range which corresponds to this magnet height. On the other hand they present two
field gradients in front of the magnet interfaces where very energetic ferrofluid seals
can form. So, these structures are interesting because they can be optimized from both
points of view. The magnet dimensions as well as their magnetization are the parameters
that can be varied for this purpose.

Figure 3c shows another option for the magnet assembly. Indeed, the ring magnets
have a triangular cross-section instead of a square one. As a result, the magnetic field
is uniform in front of the radial magnet, the ferrofluid seals are fixed at the assembly
extremities and the structure has no magnetic leakage. This structure can be optimized
as well.

a) b) c)

Fig. 3. Various magnet assemblies: a) two magnets, b) three magnets: rectangle, c) three magnets: triangle.

It is important to note that the ferrofluid seals fulfil in fact several functions. Of
course, they insure the watertightness between the loudspeaker front and rear faces.
Moreover, the moving part glides on them with no limitation in the displacement. The
seals exert on the moving part a slight pull-back force which only bring it back towards
its rest position when the atmospheric pressure varies but doesn’t impede its movements.
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8 R. RAVAUD et al.

Besides, they exert radial forces which center the moving part. Therefore, they act as
radial bearings. Furthermore, they also have a heat transfer role.

3. Conclusion

Thus, this paper describes a concept of ironless loudspeakers with ferrofluid seals
and a pneumatic suspension. Moreover, it shows how the concept gives rise to various
structures which have different properties and can be optimized according several crite-
ria. It is emphasized that such structures suppress all the distortions related to the iron
and to classical suspensions and offer an improved force factor. Therefore, they prove
to be useful.
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This paper presents a small wide-band loudspeaker. Particular efforts have been
made to reduce the nonlinearities of the loudspeaker as much as possible. The motor
structure is completely ironless, the elastomer suspensions are replaced by ferrofluid
seals and a monobloc carbon foam piston substitutes the traditional conic mem-
brane. The circular radiating surface, which is flat, has a diameter equal to only
2 cm. Therefore, in order to obtain a sufficient sound pressure level at low frequen-
cies, large displacements of the piston are necessary. After a detailed description of
each part of the loudspeaker, theoretical results of the expected performances of this
transducer are given.

Keywords: loudspeaker, ironless, flat piston, large displacement.

1. Introduction

The electroacoustic transducer that is presented in this paper has been de-
signed to cover most of the audio bandwidth as well as being as small and light
as possible. Sound reproduction accuracy was also an important criterion. There-
fore, sources of nonlinearities have been eliminated as much as possible. That is
why there is no iron in the motor, elastomer suspensions are replaced by ferrofluid
seals and a monobloc cylinder-shaped piston is used instead of a conic membrane.
Moreover, the radiating surface of this piston is flat. In order to obtain a reason-
able sound pressure level at low frequencies with a small radiating surface, the
latter must accept large displacements.
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408 M. Remy, G. Lemarquand, G. Guyader

2. The loudspeaker structure

The structure of the studied loudspeaker is presented in Fig. 1. It is composed
of an annular ironless motor and a monobloc piston. The voice coil is directly
wound around the semi-height of the piston. The guidance is achieved using two
ferrofluid seals.

Fig. 1. (a) Cross-section and (b) Top view of the loudspeaker.

2.1. Motor

Traditional electrodynamic loudspeaker motors present a number of well-
known drawbacks [1–4]. Mainly, the presence of iron in such motors leads to
several kinds of nonlinearities. These include eddy currents, the magnetic satura-
tion of the iron and the variation of the coil inductance with its position causing
a reluctant effect. However, it is desirable for the force applied to the moving part
to be an image of the driving current. The driving forces applied to the moving
part of the loudspeaker can be written as

Fdriv = FL + Fr = Bli +
1
2

dL

dx
i2, (1)
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An Ironless Large Displacement Flat Piston Loudspeaker 409

where FL is the Laplace force, Fr the reluctant force, B the induction seen by
the voice-coil, i the driving current flowing through the coil, l the length, L the
inductance and x the displacement of the coil. Thus, Eq. (1) shows that if the
inductance of the coil varies, a reluctant force, proportional to i2, occurs and
interferes with the Laplace force.

This reluctant force creates a force distortion resulting directly in an audible
acoustical distortion. In order to solve these problems, several structures of iron-
less voice-coil motors have already been proposed [5–10]. That is why the struc-
ture of this loudspeaker is made totally of sintered permanent neodymium magnet
rings. With such structures, the inductance of the coil no longer depends on its po-
sition. This results in the disappearance of the reluctant force and the other non-
linearities due to iron previously listed. In addition, the inductance is diminished
and consequently, so is the electrical impedance, especially at high frequencies.

The structure has been designed to obtain a radial magnetic induction that
is as linear as possible on the whole voice coil path. The motor is composed of
three radially magnetized, permanent magnet rings. The middle ring and the
other two, top and bottom rings, are magnetized in opposite directions. The
middle ring creates the useful magnetic field that is seen by voice coil on its path
whereas the top and bottom magnets help to guide the magnetic flux and thus,
reduce the leakage in the air.

2.2. Moving part
The moving part is composed of a monobloc piston on which the voice coil is

directly wound.

2.2.1. Piston

Traditional loudspeakers use a conic membrane typically made of paper. The
inconvenience of such membranes is the occurrence of mechanical modes in the
audio bandwidth, resulting in a loss of energy and a perturbation of the sound re-
production at some frequencies corresponding to the radiating mechanical modes.
The loudspeaker presented here is novel in its use of a piston that is a monobloc
full cylinder made of carbon foam. This material has the advantage of being very
stiff and light. The shape and the material used enable the frequency of the first
mechanical mode to be moved upwards, hopefully out of the audio bandwidth,
depending on the size of the piston.

Another characteristic of the piston is that it has a flat circular radiating sur-
face. This enables to fit as well as possible the approximation of circular piston
used in the model. This choice is reinforced by the conclusions of Quaegebeur’s
work [11].

2.2.2. Suspension

Suspensions are usually a source of nonlinearity, especially for loudspeakers
requiring large displacements of the membrane. The magnetic field created by this
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410 M. Remy, G. Lemarquand, G. Guyader

motor structure presents a high gradient at the junction between the magnet
rings. This high magnetic field gradient permits the use of ferrofluid seals to
guide the moving part [12–17]. Ferrofluid seals allow the piston to be guided
with a negligible stiffness in the axial direction. Thus, the suspension stiffness is
given by the cabinet placed behind the speaker. Furthermore, ferrofluid seals also
have a role of thermal bridge, allowing the heat created by the voice-coil to flow
through and be dissipated in the motor.

3. Theoretical results

The whole design of the loudspeaker has been done with a diameter of the
piston equal to 2 cm and a axial displacement of ±4 mm.

3.1. Motor specifications

The motor is designed to create a radial magnetic induction as linear as
possible over the whole path of the voice coil, i.e. 8 mm. The radial component
of the magnetic field is calculated analytically in 3D, taking into account the
magnetic pole volume density [18, 19]. The calculations results are presented in
Fig. 2. In order to obtain the intended magnetic field, the total motor dimensions
are:

• inner diameter: 21 mm,
• outer diameter: 40 mm,
• height: 24 mm.

Fig. 2. Motor assembly and radial component of the magnetic field, Brad (T), seen by the coil
on its path, 0.5 mm (solid line) and 1.2 mm (dashed line) away from the motor.
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An Ironless Large Displacement Flat Piston Loudspeaker 411

The calculations are performed considering the use of Neodymium Iron Boron
(NdFeB) magnets with a remanence, Br, equal to 1.47 T. The density of such
material being 7.4 kg·m−3, the motor weighs 160 g.

3.2. Moving part specifications

3.2.1. Piston specifications

The piston is designed to be as tall as the motor, i.e. 2.4 cm, and is made of
a carbon foam from GrafTech International. All the calculations are done with
the lightest model available, having a density of 30 kg·m−3. Thanks to this very
light material, the piston weighs only 0.2 g.

Another interesting characteristic of this structure is that the mechanical
modes of the moving part appears at frequencies much higher than for a tradi-
tional loudspeaker. The Young’s modulus of the chosen carbon foam is 4·107 Pa.
A finite element calculation has been run to determine the first mechanical modes
of the piston; the first one appears at 14.7 kHz and the first radiating mechanical
mode at 22.6 kHz, as shown in Fig. 3. The first three modes correspond to torsion
modes and the fourth one to a breathing mode. As a consequence, the acoustic
radiation should not be disturbed within the audible frequency range.

Fig. 3. First four mechanical modes of the piston: a) 14.7 kHz, b) 18 kHz, c) 22.3 kHz,
d) 22.6 kHz.
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4. Voice coil specifications

A small furrow is cut off all around the piston in order to wind the coil. As
a result, the outer radius of the coil is equal to the radius of the piston, as shown
in Fig. 4. The voice coil is designed to be as heavy as the piston, i.e. 0.2 g. The
chosen voice coil is an aluminium wire whose characteristics are:

• diameter: 0.1601 mm,
• linear resistance: 1.3847 Ω·m−1,
• linear mass: 0.0547 g·m−1.
Thus, 4.1 m of this wire are necessary, which corresponds to about 66 turns,

a resistance of 5.7 Ω and a force factor, Bl, of 2.4 T·m. Its inductance is calculated
using the M. Brooks and H.M. Turner formula expressed as [20]:

L = 4π2 a2n2

b + e + R
F ′F ′′ (2)

with
F ′ =

10b + 12e + 2R

10b + 10e + 1.4R
(3)

and
F ′′ = 0.5 log

(
100 +

14R
2b + 3e

)
, (4)

where a is the mean radius of the coil, R its outer radius, b the width of the
coil winding, e its thickness, d the diameter of the coil wire and n the number
of turns, as shown in Fig. 4. In this case, the theoretical inductance of the voice
coil is equal to 0.13 mH.

Fig. 4. Voice-coil calculation model parameters.

4.1. Cabinet specifications

Since the axial stiffness of the ferrofluid seals is almost null, the suspension
stiffness is given by the air volume in the cabinet at the back of the piston. The
size of the cabinet is determined in order to obtain a resonance frequency, fr, of
the moving part equal to 60 Hz. This volume, Vc, is given by:

Vc =
ρac

2S2
p

4π2Mpistonf2
r

, (5)
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where ρa is the air density, c the sound velocity, Sp the surface of the piston and
Mpiston the mass of the moving part. The numerical application gives:

V c = 0.25 × 10−3 m3. (6)

The equivalent mechanical compliance, Cms, is then expressed as

Cms =
Vc

ρc2S2
p

(7)

and equal to
Cms = 1.5 × 10−2 s2 · kg−1. (8)

4.2. Acoustic radiation

Using all the parameters described previously, a flat piston model is used to
evaluate the expected acoustic pressure radiated by the loudspeaker at 1 m for
1 W. The only unknown is the exact value of the mechanical resistance, Rms.
This parameter will depend on the quantity and the viscosity of the ferrofluid
seals. The electrical impedance and the acoustic pressure are calculated for four
different values of Rms: 0.02, 0.05, 0.1 and 0.5 kg·s−1. The results are presented
in Fig. 5.

a)

b)

Fig. 5. (a) Electrical impedance and (b) Acoustic pressure radiated by the loudspeaker for 1 W
at 1 m as a function of frequency.
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These results show that the value of the mechanical resistance has a direct
impact on the low frequency response of the loudspeaker. Therefore, particular
care must be taken as for the quantity and the type of ferrofluid that will be
chosen.

5. Conclusions

A small wide-band loudspeaker devoid of most sources of nonlinearities has
been described. First calculations are quite promising for the outcome of the ac-
tual loudspeaker. The constant force factor, the absence of iron in the motor,
the flat radiating surface and the lack of radiating mechanical modes within the
audible bandwidth are the starting points of an accurate loudspeaker. Some pro-
totypes should be realized in the coming year in order to validate these theoretical
results.
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Analytical Calculation of Ironless Loudspeaker
Motors

M. Berkouk, V. Lemarquand, and G. Lemarquand

Abstract—This paper analyzes a concept for ironless loud-
speaker motors. The structure is a torus with a cylindrical air gap,
formed by toroidal permanent magnets with a triangular cross
section. The advantage of this design is that it permits control
of the magnetic field inside the structure. The result is ironless
self-shielding devices with small flux leakage.

Index Terms—Analytical calculation, loudspeaker motor, per-
manent magnet.

I. INTRODUCTION

I N the last few years, there has been an increasing interest
in the design of permanent magnet structures that provide

strong, uniform magnetic fields for electronic applications.
Until now, work has been done to conceive stuctures that
provide a magnetic induction in a closed cavity. The available
structures are:

• the “magic ring” concept developed by Halbach [1];
• two-dimensional (2-D) structures [2]–[4].

The design method proposed by Leupold [3] is a geometrical
one. An analytical approach for the calculation of closed mag-
netic devices was proposed by Marinescu [2] to create a uniform
induction and by Lemarquand [4] to create a high magnetic field
gradient in permanent magnet structures.

On another hand, the existing loudspeaker motors have two
major drawbacks. First, they present a very high flux leakage:
More than the half of the flux created by the magnets is not to
be found in the air gap. Second, the variation of the magnetic
induction along the air gap is not symmetrical, which results in
acoustical distortions [5].

In order to ameliorate the performances of the magnetic cir-
cuit of the loudspeaker motors, we propose a fully new struc-
ture of motors and an analytical approach of its calculation. We
want the structure to be self-shielding and to have a symmetrical
variation of the induction along the air gap. Therefore, we con-
sider ironless open axisymmetric structures to produce a mag-
netic field in an air gap. Plastic bonded magnets are well suited
to these structures. We will first present the way of calculating
them, and then we will discuss the obtained results.

II. A NALYTICAL APPROACH

A. Structure

A permanent magnet torus is constituted by several toroidal
magnets with a triangular cross section and includes a toroidal
air gap. Fig. 1 shows such a structure with eight magnet sections.

Manuscript received June 10, 1999; revised November 15, 2000.
The authors are with the Laboratoire d’Electrotechnique et de Magnétisme

de Brest, IUT-ENSIETA, Brest, France.
Publisher Item Identifier S 0018-9464(01)01820-9.

Fig. 1. Cross section of the axisymmetric structure with eight triangular
permanent magnets.

The air around the magnet is composed of three regions: an
inner region, an outer region, and the air gap. The air gap has a
trapezoidal cross section. As the axis is an axis of symmetry,
only half of the structure has to be considered.

The set problem is to analytically find the dimensions of the
magnets and the direction of their magnetization in order to
create a given magnetic field in an air gap of fixed dimensions.
The requirements to design a good loudspeaker motor are no
flux leakage and a symmetrical induction along theaxis in
the air gap.

B. Equations

A magnetic charges model describes the magnets (Fig. 2) [6].
The charge density is defined with the magnetization

(1)

where is the outwards surface vector. The magnetization
should be uniform in each magnet. The magnetization of the
magnets is then the relevant parameter to write the properties
of the structure.

1) Air Gap: The value of the magnetic field in the air gap is
directly related to the magnetic charge densityon the air gap
surfaces. We set the charge density on both surfaces as follows:

(2)

(3)
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Fig. 2. Magnetic charges model of a magnet.

where
and outwards normal vectors;

and magnetization vectors in the and
triangles;

and angles defined with regard to the axis.
The induction will be symmetrical along the axis if both

surfaces bear the same total charge but with opposite signs. If
both surfaces of the air gap are equal, then the charge densities
have to be equal in modulus and of opposite signs. However, if
the height of the air gap is the same on both sides, then the air
gap surfaces are not the same, and neither are the corresponding
charge densities moduli. We will consider structures with the
same air gap surfaces in our examples.

2) Magnet Transitions:To have a symmetric induction
along the air gap implies that there are no remaining charges at
the transition between two magnets. This condition is quoted
as follows:

(4)

The corresponding equations for two magnets are

(5)

where (respectively, ) is the magnetization direction
of the (respectively, ) magnet, and (respectively,

) is the abscissa (respectively, ordinate) difference for the
considered transition.

3) Outer and Inner Contours:The condition of no flux
leakage implies that the external and internal contours of
the structure are vector equipotentials. This means that the
outer and inner surfaces (except the air gap that is considered
separately) are uniformly loaded and the charge is zero. This
leads to following equations:

(6)

where is the magnetization of the triangle and the
normal vector to the inner or the outer surface.

No flux leakage also implies that the flux is the same in the
left branch of the structure as in the right branch of the structure.

Fig. 3. Solution to the eight-triangle problem. The coordinates (r, z) of the
vertices are 1 (18, 15), 2 (14.5, 11.5), 3 (14.5, 3.5), 4 (21.5, 3.5), 5 (21.5, 11.5), 6
(18.5, 14.9), 7 (18.5, 10.1), 8 (18.5, 7), 9 (18, 7), 10 (18, 10). The magnetization
directions are' = �135, ' = �90, ' = �90, ' = 0, ' =

0, ' = 90, ' = 90, and' = 135.

C. Obtained Set of Equations

The previous equations have to be written for the whole struc-
ture. In the case of an eight-magnet structure, we thus obtain:

• two equations to describe the air gap (2), (3);
• seven equations that correspond to the magnet transitions

(5);
• eight equations for the inner and outer contours (6).

The obtained set of equations is composed of 17 equations
with 29 unknowns. The magnetization modulus of the magnets
is set to for all the magnets. The dimensions of the air gap
are chosen, as well as the charge density on its surfaces (or the
induction in the air gap). The set of equations can be solved.
It leads to a solution which is illustrated by Fig. 3. As some
magnetizations are aligned, the number of physical pieces of
magnet may be lower than the number of triangles (here, only
five different pieces of magnet).

The resolution of the set is numerical. It can be done by spe-
cific routines or with tools such as Mathematica or Maple. The
point is that the obtained solution is the solution meeting the re-
quirements (no leakage, …), so from this point of view, it is the
best solution. There is no need to proceed by trial and error, as
would be the case if we used finite element calculations. For the
given air gap dimensions and the induction in the air gap, the
solution is directly found.

III. STUDY AND COMPARISON OF THENEW STRUCTURES

A. Study of the Eight-Triangle Structure

Here, we want to discuss the properties of the obtained struc-
tures. Consider the eight triangles structure. First of all, we have
to say that the problem always has a solution, whatever the
charge density in the air gap is (or whatever the induction in
the air gap is). The volume of the magnet, and the volume of the
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Fig. 4. Total volume of the magnets versus the air gap induction (eight-triangle
structures).

Fig. 5. Fluxplot in the eight-triangle structure (B = 0:64T ).

structure, is naturally increasing with the value of the induction
in the air gap (Fig. 4).

We use tools (such as finite elements programs) to illustrate
some magnetic phenomena in our structures and characterize
them. For example, when looking at the fluxplots obtained for
different charge densities, we notice that the structures are self-
shielding (Fig. 5). The flux leakage () can be described by
comparing the energy in the theoretical air gap () and the
total energy in the air

(7)

where is the energy in the outer region and the energy
in the inner region. These values are not calculated analytically
but are evaluated with a finite element program. Fig. 6 shows
that for a given number of magnets, the flux leakage remains
between 6% and 10%. The flux leakage cannot be zero. Indeed,
the ideal case for our structure is to behave like two uniformly
charged planes, but in this case, the flux does not follow the
theoretical path of a square section air-gap. There are some “end
effects” that cannot be overcome and constitute a theoretical
lower limit for the flux leakage. This has to be compared to a

Fig. 6. Flux leakage versus the air gap induction (eight-triangle structure).

Fig. 7. Fluxplot in a classical loudspeaker motor.

Fig. 8. Normal induction in the air gap in a classical and in a new structure.

classical structure (Fig. 7) in which the flux leakage is around
50%. The symmetry of the induction in the air gap is also greatly
ameliorated, as can be seen on Fig. 8.
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Fig. 9. Fluxplot in the five-triangle structure (B = 0:64T ).

Fig. 10. Fluxplot in an “easy-to-realize” structure (18 triangles).

B. Number of Triangles

The method has been described for an arbitrary number of
eight triangles for commodity reasons, however, it is a general
method that can be applied to any number of triangles. Fig. 9

shows the structure solution of the five-triangle problem. The
same comments as for the eight-triangle structures can be made.
In fact, as long as the requirements are not different, the prop-
erties of the structures will be the same.

At this stage, the most interesting way of discussing the
results is to look for structures that would be easy to realize and
magnetize. For example, a nearly ideal device is one with an
inner region of circular cross section and with magnetization
directions regularly rotated about the inner region. This would
lead to a magnetizing fixture consisting only in conductors
wound in the inner air region. The whole device could, thus, be
magnetized at one time. The magnet set has to be split into two
parts (vertically along the air-gap) to assemble the magnetizing
fixture and disassemble it once the magnets are magnetized.
Such a structure can be approached with a polygonal design
and quite an important number of magnet pieces (Fig. 10). It
can be realized by injection molding of plastomagnets.

IV. CONCLUSION

This paper presents an analytical way to conceive magnetic
circuits for loudspeaker motors. The interest lies in the fact that
the numerical solving of a set of equations gives directly the di-
mensions of the device meeting the wished requirements. Thus,
it is possible to find the design of a device with a maximally re-
duced flux leakage and a symmetrical induction in the air gap.
These are the characteristics of a good loudspeaker motor. The
obtained solutions are ironless structures, well suited to the use
of plastomagnets.
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Using Coulombian Approach for Modeling Scalar
Potential and Magnetic Field of a Permanent

Magnet With Radial Polarization
H. L. Rakotoarison, J.-P. Yonnet, and B. Delinchant

Laboratoire d’Electrotechnique de Grenoble, Saint Martin d’Hères 38402, France

New compact semianalytical expressions of the scalar potential and magnetic fields produced by a radially polarized permanent magnet
are described in this paper by using Coulombian approach. It uses fictitious magnetic charge to model the magnetic field intensity. With
this fast model, we can compute the demagnetization field in each point inside the permanent magnet and the magnetic fields outside it.

Index Terms—Analytical model, magnetic field, radial polarized magnet.

I. INTRODUCTION

RADIAL polarized sector permanent magnets are often
used in electromagnetic device. Most applications of this

type of magnet were found in electrical motor and no-contact
magnetic torque transmitter [1]. Recently, new application of
this type of magnet is encountered in diamagnetic levitation
device, used for microparticle sorting [2], 3-D force sensor [3],
and accelerometer; those applications lead us to realize this
investigation.

For cuboïdal magnets with a uniform magnetization, ana-
lytical expression can be used to calculate the magnetic field
and even the forces created between two magnets [4]. However,
for arc-shaped magnets with radial magnetization, the magnetic
field calculation is more difficult.

Furlani [5] had proposed the first 3-D semianalytical model of
flux density, using amperian approach, but the expressions of
and need the sum of two integrals computation, which can be
time consuming if the model is used for dynamic simulation or
optimization process. This paper proposes a compact magnetic
field modeling with single numerical integration.

The final result is helpful if a continuous model of the mag-
netic field is required and demagnetization study is needed.

We suppose that the magnet’s polarization is rigid and uni-
form. The magnetic field is only generated by the arc-shaped
magnet. If the real device is made with more than one sector, the
field can be obtained by addition of the different contributions.

II. ELECTROSTATIC AND MAGNETOSTATIC ANALOGY

A. Basic Equations

Let us start from the four Maxwell’s equations in electrostatic
[(1) and (2)] and magnetostatic [(3) and (4)]

(1)

(2)

Digital Object Identifier 10.1109/TMAG.2007.892316

(3)

(4)

where and are electric field, electric flux den-
sity, magnetic field intensity, magnetic flux density, electrical
charge, electric current density, respectively.

The magnetic field is only produced by the magnet, so (3)
becomes

(5)

Taking the material properties into account

(6)

(7)

and are, respectively, the permittivity and the permeability
of the vacuum, and is the polarization of the magnet.

By using (6) and (7), expression (2) and (4) become, respec-
tively, (8) and (9)

(8)

(9)

Equations (1) and (8) show the duality between electrical field
and electrical charge density in electrostatic problem.

If we introduce the fictitious magnetic charge density and
by applying the same duality as in (1) and (8) between magnetic
field and fictitious magnetic charge in magnetostatic equations
(5) and (9), we can write

(10)

By identification with (9), the fictitious charge density is

(11)

This fictitious magnetic charge density is composed by a
volume charge density and surface charge density (Fig. 1).

0018-9464/$25.00 © 2007 IEEE
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Fig. 1. Upper view of the magnet, showing its model with fictitious surface and
volume charges.

If the magnetic polarization is uniform and radial, the ex-
pression of in cylindrical coordinate system is

(12)

Finding the surface charge density is straightforward; it
can be obtained by referencing (4), which means that, consid-
ering the entire volume of the magnet, there was no monopole
magnetic charge, so

(13)

defines the unit vector normal to surface; by using (12) and
applying Green’s theorems, after identification, we obtain

(14)

B. Electrostatic Equivalent Model

Finally, the electrostatic equivalent model of the permanent
magnet with radial polarization can be illustrated as in Fig. 1.
By projecting the polarization into the six surfaces of a magnet,
the surface charge densities exist only in the inner and outer
surface of the magnet.

The volume charge decreases according to a function
from the inner to the outer surface. From (5), we can proof the
existence of the magnetic scalar potential with

(15)

Basic expression for scalar potential and field calculation pro-
duced by the permanent magnet are obtained in (16) and (17),
by using the electrostatic approach

(16)
By applying (15), the magnetic field intensity is

(17)

Fig. 2. Computing magnetic field produced by surface and volume charge den-
sity on a point � in cylindrical coordinate.

Fig. 3. Parameterization of the magnet.

The radii and define the observation point position
and its distance to the elementary field source enclosed by or

(Fig. 2).

III. SCALAR POTENTIAL

After integrating (16) analytically, we obtain a single numer-
ical integration with the parameterization shown in Fig. 3

(18)
By using with and

(19)

(20)

IV. MAGNETIC FIELD EXPRESSION

After defining the magnetic scalar potential of the magnet, we
can express the three components of the field by using (15).
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TABLE I
GEOMETRICAL SPECIFICATIONS OF THE PERMANENT MAGNET

A. Radial Component of the Field

Formula of the radial field component is

(21)
can be written as follows:

(22)

B. Azimuthal Component

(23)
with

(24)

C. Axial Component

(25)
with

(26)

Fig. 4. Mesh used for the finite element analysis.

Fig. 5. Radial component of the filed from � � � mm to � � � mm, with � �

0 mm and � � �

V. RESULTS AND FINITE ELEMENT MODELING

As validation of the model, a finite element analysis was done
by using FLUX3D software [6].

We have chosen the dimensions given in Table I, and we have
taken .

For obtaining a precise result in finite element analysis, the
mesh close to the inner radius of the sector must be very fine
(Fig. 4).

A. Discontinuity of the Normal Component of the Magnetic
Field Intensity

Fig. 5 shows the discontinuity of radial field (the tangential
component) inside and outside the magnet ( varying from 0 to
6 mm); it illustrates as well that the demagnetization effect is
less important near the inner radius (1 mm) than close to the
outer radius (4 mm). This feature can contribute to the design
parameters during sizing process.

B. Comparing the Azimuthal Component

This investigation allows us to check the continuity of the
normal component (Fig. 6) of the magnetic field intensity.
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Fig. 6. Azimuthal component of the field from � � ��� to � � �� , with
� � ��� mm and � � � mm.

Fig. 7. Axial component of the field from � � ����mm to � � ���mm, with
� � ��� mm and � � � .

C. Comparing the Axial Component

As the azimuthal component, the behavior of the axial com-
ponent (Fig. 7) is continued, because it is the normal component
of the magnetic field intensity.

D. Magnetic Field Radiated by a Cylinder Magnet

The distribution of the modulus of the magnetic field radiated
by a ring-shaped magnet is depicted in Fig. 8. The polarization
remains radial. Let us remark the presence of a hole of field in

Fig. 8. Cross-section view of the field radiated by a right-shaped magnet with
a radial polarization.

the center of the magnet; this feature is significant if diamagnetic
levitation is required [3].

VI. CONCLUSION

This article proposes a fast 3-D semianalytical expression of
the scalar potential and the magnetic field produced by an arc-
shaped permanent magnet with radial polarization. The result
can also be used for ring-shaped magnet. Expressions of the
scalar potential and the magnetic field intensity is detailed and
compared with a finite element method (FEM) simulation.
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Abstract

This PhD work (CIFRE, Renault, LAUM) deals with the conception, development and
pre-industrialization of a new kind of ironless loudspeaker motor using bonded magnets,
which allows substantial reduction of the distortion due to the motor, as well as mak-
ing the loudspeaker lighter thanks to an optimization of the useful magnetic mass. This
structure led to the filing of five patents by Renault and the LAUM [1, 2, 3, 4, 5].

The first part is dedicated to reminding the reader of the general laws that describe
the functioning of a loudspeaker: how it is modelled, the different intrinsic non-linearities
and their impact on the radiated acoustic pressure. This is done in order to understand
the stakes of reducing these imperfections, and more particularly those directly linked to
the loudspeaker motor. In addition, a history of the different ironless motor structures
realized in sintered magnets known today is presented.

The second part presents a new ironless structure made of a bonded magnet that
we developed during these three years. The use of this material, fabricated by injection
molding, allows one to realize a great variety of magnet physical shapes and complex
magnetization shapes. A complete theoretical study of this new structure, presenting the
magnetic model and the design of the motor, is then proposed. This theoretical study is
completed with several measurements realized on a prototype in order to verify the the-
oretical expectations, with regard to harmonic and intermodulation distortion reduction.
The same measurements were done on the standard loudspeaker in order to quantify the
advantages and disadvantages of this new kind of motor. This prototype was based on the
design of a standard automotive loudspeaker in which the motor was replaced by a bonded
magnet motor. The motor was fabricated by Paulstra/Hutchinson and then assembled on
the loudspeaker by Faital S.p.A., both of whom are certified automotive suppliers. The
methods used to realize this prototype could be directly applied for mass production. This
PhD work is used as a tool by the people in charge of the development of this technology
with a view to potential industrialization for the mass market.





Résumé

Ce travail de thèse (CIFRE, Renault, LAUM) porte sur la conception, le développement et
la pré-industrialisation d’un nouveau type de moteur de haut-parleur sans fer utilisant des
plasto-aimants, permettant à la fois de réduire très nettement la distorsion due au moteur,
ainsi que d’alléger le haut-parleur grâce à une optimisation de la masse magnétique utile.
Cette structure a donné lieu à cinq brevets déposés par Renault et le LAUM [1, 2, 3, 4, 5].

La première partie est consacrée à un rappel sur le fonctionnement du haut-parleur,
sa modélisation, les différentes non-linéarités qui lui sont propres et leur impact sur la
pression acoustique rayonnée par celui-ci, afin de mieux comprendre les enjeux de la
réduction de ces imperfections, et plus particulièrement celles liées au moteur du haut-
parleur. L’accent est mis sur la suppression du fer dans le moteur qui représente une
des principales sources de distorsion de la transduction électro-mécanique. Un historique
des différentes structures de moteurs de haut-parleur sans fer réalisées en aimants frittés
existant à ce jour est alors présenté.

La seconde partie présente ensuite une nouvelle structure de moteur de haut-parleur
tout aimant réalisée en plasto-aimant. Cette matière permet de réaliser par injection, des
aimants de formes très variées et surtout, possédant des profils d’aimantation nettement
plus complexes que ceux qu’il est possible d’obtenir avec des aimants traditionnels frit-
tés. Une étude théorique complète de cette nouvelle structure est alors proposée, puis
agrémentée d’un certain nombre de mesures réalisées sur un prototype afin de vérifier les
attentes théoriques. Les mêmes mesures ont également été effectuées sur le haut-parleur
équipé du moteur standard afin de pouvoir quantifier les avantages et les inconvénients
de ce nouveau type de moteur. Ce prototype a été réalisé sur la base d’un haut-parleur
automobile standard sur lequel le moteur a été changé. Les prototypes ont été réalisés
par des sous-traitants automobiles (Paulstra/Hutchinson et Faital S.p.A.) dans des con-
ditions telles que ces haut-parleurs soient industrialisables. Ce travail de thèse sert d’outil
aux personnes en charge du développement de cette technologie en vue d’une éventuelle
industrialisation et d’une mise en série sur véhicule.
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ton, Laurent Simon, Joël Gilbert, Hervé Mezière, Eric Egon, James Blondeau, Emmanuel
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Introduction

Loudspeakers are transducers that generate sound in response to an electrical input sig-
nal. The mechanism behind this conversion varies from loudspeaker to loudspeaker, but
in most cases involves some form of motor assembly attached to a diaphragm. The alter-
nating force generated by the motor assembly, in response to the electrical signal, causes
the diaphragm to vibrate. This in turn moves the air in contact with the diaphragm and
gives rise to the radiation of sound.

Ernst W. Siemens described the first transducer realizing the principle of electrody-
namic conversion thanks to a coil wire suspended in the magnetic field of an electro-magnet
in 1874 [6]. But transducer history really began with Alexander Graham Bell’s patent of
1876 [7]. Bell had been involved in trying to teach the deaf to speak and wanted a way
of displaying speech graphically to help with that. He needed a transducer for the pur-
pose and ended up inventing the telephone. The moving-coil motor used in a loudspeaker
was patented by Sir Oliver Lodge in 1898 [8] but, in the absence of suitable amplification
equipment, it could not enter wide use. Prior to 1925, the maximum output available from
a radio set was in the order of milliwatts, normally only used for listening via earphones.
So, the earliest ’speakers’ only needed to handle a limited frequency range at low power
levels, since it was not until the 1940s that microphones could capture the full audible
frequency range, and the 1950s before it could be delivered commercially to the public via
the microgroove, vinyl record. The six inch, rubber surround device of Rice and Kellogg
used a powerful electro-magnet (not a permanent magnet) [9], and as it could ’speak’ to
a whole room-full of people, as opposed to just one person at a time via an earpiece, it
became known as a loud speaker. The inventors were employed by the General Electric
Company, in the USA, and they began by building a mains-driven power amplifier which
could supply the then huge power of one watt. This massive increase in the available
drive power meant that they no longer needed to rely on resonances and rudimentary
horn loading, which typically gave very coloured responses. With a whole watt of am-
plified power, the stage was set to go for a flatter, cleaner response, the result of which
became the Radiola Model 104, with its built in power amplifier. The idea of passing the
DC supply current through the energising coil of the loudspeaker, to use it instead of the
usual, separate smoothing choke to filter out the mains hum from the amplifier, was later
patented by Marconi.

Concurrently with the work going on at General Electric, Paul Voight was busy devel-
oping somewhat similar systems at the Edison Bell company. By 1924 he had developed
a huge electro-magnet assembly weighing over 35kg and using 250watts of energising
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power. By 1926 he had coupled this to his Tractrix horn, which rejuvenated interest in
horn loudspeakers due to its improved sensitivity and acoustic output of the moving coil
loudspeakers, and when properly designed did not produce the ’honk’ sound associated
with the older horns. Voight then moved on to use permanent magnets, with up to 3.5kg
of Ticonal and 9kg of soft iron, paving the way for the permanent magnet devices and the
much higher acoustic outputs that we have today. Developments in magnet technology
made it possible to replace the field coil with a suitable permanent magnet towards the
end of the 1930s and there has been little change in the concept since then.

Many detailed studies have been run about the electrodynamic loudspeaker mecha-
nism since its creation, aimed at improving its sound quality as well as its efficiency.
The efficiency or sensitivity of a loudspeaker, which is a measurable, objective parameter,
represents the loudspeaker’s ability to convert the electrical energy that is fed to it into
acoustic energy. The sound quality, on the other hand, is a subjective parameter that
many people are still trying to understand and predict by knowing the physical parame-
ters of the loudspeaker. It seems that the global sound quality perceived by the auditory
system depends on the total harmonic distortion (THD) among other parameters such as
intermodulation distortion (IMD) of the considered loudspeaker. Indeed, the loudspeaker
is a non-linear system, which means that its acoustic response contains frequency compo-
nents that are not in the original electrical signal driving the transducer, also known as
non-linear distortion.

Therefore, loudspeaker manufacturers try to produce loudspeakers that have a great
sensitivity on the one hand, and that are as linear as possible on the other hand. A great
part of the non-linearity sources of a loudspeaker has been clearly identified. Among the
most significant in terms of generated distortions are found the mechanical non-linearities,
mainly due to the suspension systems that are used to make the voice-coil oscillate without
rubbing in the magnetic field created by the magnet or electro-magnet. On the acoustic
side, the mechanical modes of the diaphragm are a great source of non-linearities as well.
They mainly appear at high frequencies, depending on the size, shape and material of the
membrane, and particularly impact the directivity of the loudspeaker and create peaks
and notches in the sound pressure level (SPL) versus frequency response. Finally, the
non-linearities due to the electrodynamic (or electromechanical) conversion have a strong
contribution to the total distortion of a loudspeaker.

Nowadays, many people spend more time listening to music in their cars than they do
in their living rooms, and considering that the interiors of vehicles now have the poten-
tial to house a large array of multimedia devices, R&D organizations around the world
have allocated increased resources to improve the sound quality of these environments.
However, a vehicle’s passenger compartment contains a certain amount of problems that
are likely to noticeably affect the audio quality. Contrary to a living room, a vehicle does
not contain a lot of space for speakers and enclosures. Also, the seats are fixed, causing
the listener to be close to some speakers and far from others, making sound balancing
difficult. Furthermore, the seats and interior trim absorb sound whereas glass and metal
reflect it. All these elements form a complex listening environment for an audio system.
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If we look at it from a different angle, these problems can become advantages. Contrary
to living rooms - which differ in size, shape and layout - materials, passenger cell shape
and seat positions in a personal car stay unchanged. It thus goes the same way for the
acoustics. The audio system can therefore adapt to the vehicle acoustics, making this
environment propitious for high quality music listening.

That being said, it goes without saying that one of the most important steps between
the music (or speech) recording and the listener’s ears is the electroacoustic transduc-
tion, that is to say, the loudspeaker. However, the classical electrodynamic loudspeakers
with standard ferrite or neodymium motors are not really suited to the new automo-
tive constraints (i.e. weight and room limitations) and to the emerging usage of mass
market automotive audio: individual listening, varied audio and video media, security
constraints... That is why car manufacturers now start putting into use new technologies
that could fulfill these needs. Many configurations have already been proposed, or are
under study. Some good examples are for instance the rigid vibrating plates, the use of
ultra-thin ribbon transducers, electroactive polymers or high-directivity systems such as
’audio-spot-light’.

In 2008, Renaut launched a study through a PhD thesis supervised by the University
of Maine Acoustics Laboratory (LAUM, France), regarding innovative sound reproduction
systems adapted to automotive audio. The main research axis that has been chosen to
follow during this PhD is the optimization of the classical electrodynamic loudspeaker
and more particularly its motor. We decided to study two parameters of optimization
that are fundamental for automotive audio: weight reduction, and sound quality enhance-
ment, while of course, satisfying cost constraints that are quite predominant within the
automotive industry. One solution that satisfies both criteria is to remove the iron from
the loudspeaker motor. However, realizing an ironless motor with traditional sintered
magnets can be quite difficult and expensive. We chose to use bonded magnets to design
a new innovative motor. This study led to five patents [1, 2, 3, 4, 5].
The first part is dedicated to remind the reader about the general laws that describe the
functioning of a loudspeaker: how it is modelled, the different intrinsic non-linearities
and their impact on the radiated acoustic pressure. This is done in order to understand
the stakes of reducing these imperfections, and more particularly those directly linked to
the loudspeaker motor. In addition, a history of the different ironless motor structures
realized in sintered magnets known today is presented.
The second part presents a new ironless structure made of a bonded magnet that we devel-
oped during these three years. The use of this material, fabricated by injection molding,
allows us to realize a great variety of magnet physical shapes and complex magnetization
shapes. A complete theoretical study of this new structure, presenting the magnetic model
and the design of the motor, is then proposed. This theoretical study is completed with
several measurements realized on a prototype in order to verify the theoretical expecta-
tions, with regard to harmonic and intermodulation distortion reduction. This prototype
was based on the design of a standard automotive loudspeaker on which the motor was
replaced by a bonded magnet motor. The motor was fabricated by Paulstra/Hutchinson
and then assembled on the loudspeaker by Faital S.p.A., both of whom are certified au-
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tomotive suppliers. The methods used to realize this prototype could be directly applied
for mass production.
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Les haut-parleurs sont des transducteurs transformant un signal électrique en son. Le
mécanisme de cette conversion varie d’un haut-parleur à l’autre, mais dans la plupart des
cas implique un moteur relié à un diaphragme. La force alternative générée par le moteur,
en réponse au signal électrique qui lui est appliqué, fait vibrer le diaphragme. A son tour,
le mouvement de ce diaphragme fait bouger l’air en contact avec lui et donne naissance à
un rayonnement sonore.

Ernst W. Siemens décrivit le premier transducteur réalisant le principe de conversion
électrodynamique grâce à une bobine de fil suspendue dans le champ magnétique d’un
électro-aimant en 1874 [6]. Mais l’histoire des transducteurs commença réellement avec
le brevet de Alexander Graham Bell en 1876 [7]. Bell essayait d’apprendre aux sourds
à parler et voulait une manière de représenter graphiquement la parole afin de les aider
dans cet apprentissage. Il avait besoin d’un transducteur dans ce but et finit par inventer
le téléphone. Le moteur à bobine mobile utilisé dans un haut-parleur fut breveté par Sir
Oliver Lodge en 1898 [8] mais, en l’absence d’un équipement d’amplification adapté, il ne
put jamais être utilisé à grande échelle. Avant 1925, la puissance de sortie maximale d’un
équipement de radio, normalement uniquement utilisé pour écouter avec des écouteurs,
était de l’ordre de quelques milliwatts. De plus, les premiers ”haut-parleurs” n’avaient
besoin de reproduire qu’une bande de fréquences limitée à faible puissance, étant donné
que les microphones capables de capturer le spectre audible complet n’arrivèrent que dans
les années 1940, et il fallut attendre jusque dans les années 1950 afin de pouvoir délivrer
le signal au grand public grâce au disque vinyle. Le dispositif à suspension caoutchouc
de 6 pouces construit par Rice et Kellogg utilisait un électro-aimant puissant (et non pas
un aimant permanent) [9], et comme il était capable de ”parler” à une salle entière, con-
trairement aux écouteurs qui étaient dédiés à une seule personne, le nom de haut-parleur
apparut. Les inventeurs était employés aux états-Unis par General Electric, et ils com-
mencèrent par construire un amplificateur capable de délivrer la puissance, énorme pour
l’époque, de un watt. Cette forte augmentation de la puissance disponible permit de ne
plus dépendre des résonances et de pavillons rudimentaires qui donnaient des réponses
très colorées. Avec une puissance d’un watt, il était possible d’obtenir une réponse plus
plate et plus propre, dont le résultat fut le Radiola Model 104, avec son amplificateur de
puissance intégré.

En concurrence avec le travail mené par General Eletric, Paul Voight travaillait sur
des systèmes similaires chez Edison Bell. En 1924, il développa un énorme électro-aimant
pesant plus de 35kg et utilisant une puissance de 250watts pour l’alimenter. En 1926, il
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le coupla à son pavillon Tractrix, qui relança l’intérêt dans les haut-parleurs à pavillon
permettant d’améliorer la sensibilité et la puissance acoustique des haut-parleurs à bobine
mobile, et ne produisant pas le son de ”klaxon”associé aux vieux pavillons à condition que
ces derniers soient conçus correctement. Voight utilisa ensuite des aimants permanents,
avec jusqu’à 3, 5kg de Ticonal and 9kg de fer doux, traçant la voie aux modèles à aimants
permanents et à la puissance acoustique élevée que nous connaissons aujourd’hui. C’est
vers la fin des années 1930 que le développement des technologies d’aimants rendit possi-
ble de remplacer la bobine fixe créant le champ magnétique permanent par des aimants
permanents convenables. Le concept du haut-parleur n’a que très peu évolué depuis.

De nombreuses études ont été menées à propos du mécanisme du haut-parleur élec-
trodynamique depuis sa création, dans le but d’améliorer sa qualité sonore ainsi que son
efficacité. L’efficacité ou sensibilité d’un haut-parleur, qui est une grandeur objective et
mesurable, représente la capacité du haut-parleur à convertir l’énergie électrique qui lui
est fournie en énergie acoustique. La qualité acoustique, d’autre part, est un paramètre
subjectif que de nombreuses personnes essayent toujours de comprendre et de prévoir
à partir des paramètres physiques du haut-parleur. Il semblerait que la qualité sonore
globale perçue par le système auditif dépende à la fois de la distorsion harmonique totale
(THD) et de la distorsion d’intermodulation (IMD) du haut-parleur considéré. En effet, le
haut-parleur est un système non-linéaire, ce qui signifie que sa réponse acoustique contient
des composantes fréquentielles qui ne sont pas présentes dans le signal électrique original
alimentant le transducteur.

De ce fait, les fabricants de haut-parleurs essaient de produire des haut-parleurs ayant
une efficacité élevée d’une part, et étant le plus linéaires possible d’autre part. Une bonne
partie des sources de non-linéarité d’un haut-parleur a été identifiée. Les sources princi-
pales de distorsion sont les non-linéarités mécaniques, essentiellement dues aux systèmes
de suspension utilisés pour faire osciller la bobine mobile dans le champ magnétique créé
par l’aimant ou l’électro-aimant, sans que celle-ci ne frotte. Du côté acoustique, les modes
propres du diaphragme sont également une source de non-linéarités non négligeable. Ils
apparaissent essentiellement aux hautes fréquences, en fonction de la taille, de la forme et
de la matière de la membrane. Ils impactent particulièrement la directivité du haut-parleur
et créent des pics et des creux dans la pression acoustique en fonction de la fréquence. Fi-
nalement, les non-linéarités dues à la conversion électrodynamique (ou électromécanique)
contribuent fortement à la distorsion totale d’un haut-parleur.

De nos jours, beaucoup de gens passent plus de temps à écouter de la musique dans
leur voiture qu’ils ne le font dans leur salon. Prenant donc en compte le fait fait que les
véhicules ont maintenant la possibilité d’accueillir de nombreux équipements multimédia,
les services R&D à travers le monde ont alloué des ressources importantes afin d’améliorer
la qualité sonore de ces environnements. Cependant, l’habitacle d’une automobile con-
tient un certain nombre de problèmes susceptibles d’affecter sensiblement la qualité audio.
Contrairement à un salon, un véhicule ne contient pas beaucoup d’espace pour les haut-
parleurs et les enceintes. En outre, les sièges sont fixes, forçant l’auditeur à être proche
de certains haut-parleurs et loin des autres, rendant la balance sonore difficle. De plus,
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les sièges et différents habillages intérieurs absorbent le son alors que le métal et le verre
le refléchisse. Tous ces éléments forment un environnement d’écoute complexe pour un
système audio.
En regardant ces différents paramètres sous un autre angle, ces problèmes peuvent devenir
des avantages. Contrairement aux salons, dont la taille, la forme et l’aménagement vari-
ent, les habitacles et la position des sièges restent inchangés. Il en va donc de même pour
l’acoustique. Le système audio peut alors s’adapter à l’acoustique du véhicule, faisant de
cet environnement un lieu propice à une écoute de haute qualité.

Ceci étant, il va sans dire que l’une des étapes les plus importantes entre l’enregistrement
de la musique (ou de la parole) et les oreilles de l’auditeur est la transduction électroacous-
tique, autrement dit, le haut-parleur. Cependant, les haut-parleurs électrodynamiques
classiques utilisant des moteurs standard ne sont pas vraiment adaptés aux nouvelles con-
traintes de l’automobile (c.-à-d. poids et encombrement) et à l’usage émergent de l’audio
automobile de masse : écoute individuelle, média audio et vidéo variés, contraintes de sécu-
rité... C’est pourquoi les constructeurs automobiles commencent à mettre en application
de nouvelles technologies qui pourraient satisfaire ces besoins. Beaucoup de configura-
tions ont déjà été proposées, ou sont encore à l’étude. Quelques bons exemples sont ainsi
les plaques vibrantes, l’utilisation de transducteurs à ruban ultra-fins, les polymères élec-
troactifs ou encore les systèmes à haute directivité tel que ”l’audio-spot-light”.

En 2008, Renault a lancé une étude par le biais d’une thèse de doctorat supervisée par
le Laboratoire d’Acoustique de l’Université du Maine (LAUM, Le Mans), afin d’étudier
les systèmes de restitution sonore innovants adaptés à l’automobile. L’axe de recherche
principal qui a été choisi durant cette thèse est l’optimisation du haut-parleur électrody-
namique standard et plus particulièrement son moteur. Nous avons décidé d’étudier deux
paramètres d’optimisation fondamentaux pour l’audio automobile: la réduction du poids
et l’amélioration de la qualité sonore, en satisfaisant bien évidemment les contraintes
de coût qui sont prédominantes dans l’industrie automobile. Une solution permettant
de satisfaire ces deux critères est la suppression du fer dans le moteur du haut-parleur.
Cependant, la réalisation de moteurs sans fer avec des aimants frittés traditionnels peut
être difficile et coûteuse. Nous avons donc choisi d’utiliser des aimants liés afin de dévelop-
per un nouveau moteur innovant. Cette étude a donné lieu à cinq brevets [1, 2, 3, 4, 5].
La première partie est dédiée à rappeler au lecteur les lois fondamentales décrivant le fonc-
tionnement du haut-parleur: la façon dont il est modélisé, les différentes non-linéarités
intrinsèques et leur impact sur la pression acoustique rayonnée. Ceci est réalisé de manière
à bien comprendre les enjeux qu’il y a à réduire ces imperfections, et plus particulièrement
celles directement liées au moteur du haut-parleur. De plus, un historique des différentes
structures de moteurs sans fer réalisées en aimants frittés connues à ce jour est présenté.
La seconde partie présente une nouvelle structure sans fer faite en aimant lié, développée
pendant ces trois années. L’utilisation de cette matière mise en forme par injection, permet
de réaliser une grande variété de formes d’aimants ayant des orientations d’aimantation
complexes. Une étude théorique complète de cette nouvelle structure, présentant le mod-
èle magnétique utilisé et le design du moteur, est alors proposée. Cette étude théorique
est complétée par une étude expérimentale réalisée sur un prototype afin de vérifier
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les attentes théoriques, en ce qui concernce la réduction des distorsions harmonique et
d’intermodulation. Ce prototype est basé sur un haut-parleur automobile standard sur
lequel le moteur a été remplacé par un moteur en aimant lié. Le moteur a été fabriqué
par Paulstra/Hutchinson puis assemblé sur le haut-parleur pour Faital S.p.A., qui sont
tous deux des fournisseurs automobiles certifiés et reconnus. Les méthodes utilisées pour
réaliser ce prototype pourraient être directement appliquées à une production de masse.
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Chapter 1

Loudspeaker motor equations

1.1 Introduction

Ideally, an acoustical source dedicated to sound reproduction must emit an acoustical
energy that is proportional to the electrical stimulus coming from the source through a
power amplifier, which means that the complex frequency response has to be linear as a
function of frequency and sound level. We assume that the electrical source signal coming
from a given sensor and then being amplified is a perfect image of the original acoustical
pressure over the whole audio bandwidth (i.e. 20Hz to 20kHz). In other words, we
consider that all the devices put prior to the speaker are ideal. Before giving more details
about the electrodynamic loudspeaker and the electroacoustic analogies that permit us to
describe it, we propose a quick reminder of the different physical principles that can be
used to convert a electrical signal into an acoustic signal.

The term loudspeaker refers to any transducer capable of transforming an electrical
energy into an acoustic energy over a certain frequency band. This energy conversion
can be realized using different physical principles that are described in [10] and that we
summarize as:

• Electrodynamic principle: a conductor of length ~dl placed in a uniform magnetic
induction field ~B in which a current i(t) flows is subjected to an electromagnetic force
~f(t) proportional to the current, such as predicted in Laplace’s law: ~f(t) = i(t)~dl× ~B,

• Electrostatic principle: a polarized plane electrode having a surface S and a normal
~n placed between two other electrodes in which a current i(t) flows is subjected to

a force ~f(t) proportional to the inter-electrodes electrical field q: ~f(t) = qSi(t)~n,

• Piezoelectric principle: a piezoelectric material, having a volume V , submitted to a
electrical field q is subjected, in the linear case, to a deformation that is proportional
to the electrical current flowing through it,

• Electromagnetic principle: A ferromagnetic frame placed in a magnetic field ~B(t)
created by a solenoid is subjected to a force that depends on the current i(t) flowing
through the solenoid wire,
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• Ionic principle: an air mass ionized by a high frequency electric discharge between
two electrodes generates a local variation of pressure that is proportional to the
thermal gradient induced by the inter-electrodes low frequency current modulation,

• Pneumatic principle: a compressed air tank feeds an orifice whose section variation
modulated by an electrical actuator modifies the outgoing air flow with time. The
addition of the same device along the opposite axis permits to obtain an inverse
flow, the overall producing an alternative flow.

As for the applications of these technologies, the ionic principle is by far the least used.
The piezoelectric principle, sometimes used for tweeters, is essentially used for ultrasonic
applications. The use of pneumatic principle is limited to high sound pressure level but
low quality music reproduction or horns for trucks, trains or boats for instance. The
most commonly used transducers for audio reproduction are either electrostatic (sound
panels, microphones, very high sensitivity when the polarization voltage is high) or elec-
tromagnetic (phone speakers, car horns, easy to fabricate, excellent sensitivity but brings
harmonic distortion even at low level) or electrodynamic. The first two are well suited for
medium and high frequencies (i.e. between approximately 200Hz and 20kHz) because
in this case, the displacement of the vibrating membranes is limited to small amplitudes.
Finally, the electrodynamic principle turns out to be the most efficient for low frequencies
and a good compromise for the whole audio bandwidth because of the way this technology
works, as explained in details in the next part.

1.2 Electrodynamic loudspeaker

When Rice and Kellog developed the moving coil cone loudspeaker (i.e. the electrody-
namic loudspeaker), and the one watt amplifier able to power it, in the early 1920s [9],
they were already well aware of the complexity of radiating an even frequency balance of
sound from such a device. Although Sir Oliver Joseph Lodge had patented the concept
in 1898 [8] (following on from earlier work in the 1870s by Ernst Werner Siemens at the
Siemens company in Germany [6] and Alexander Graham Bell [7]), it was not until Rice
and Kellog that practical devices began to evolve. Sir Oliver had had no means of elec-
trical amplification; the vacuum tube had still not been invented, and the transistor was
not to follow for 50 years. Remarkably, the concept of loudspeakers was worked out from
fundamental principles; it was not a case of men playing with bits of wire and cardboard
and developing things by trial and error. Indeed, what Rice and Kellog developed is still
the essence of the modern moving coil loudspeaker. Although they lacked the benefit
of modern materials and technology, they had the basic principles very well within their
understanding, but their goals at the time were not involved with achieving a flat fre-
quency response from below 20Hz to above 20kHz at sound pressure levels in excess of
110dB SPL.
Of all types of drive units, there is probably none so varied in size, shape, materials of
construction or performance as the moving coil cone loudspeaker. They basically all follow
the concept shown in Fig. 1.1, and little has changed in the underlying principles of their
operation in the 80 years of existence so far. However, this technology is today the only
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one capable of reproducing frequencies lower than 200Hz at high sound pressure level
with a quite compact transducer.
The magnetic circuits are designed to concentrate the magnetic field in a circular gap, as
shown in Fig. 1.2. In this gap is inserted the moving coil, which receives the electrical
drive current from the power amplifier. This current produces its own alternating mag-
netic field, whose phase and amplitude depend on the drive signal. The variable field
interacts with the static field in the circular gap, and creates a force which either causes
the voice coil to move into or out of the gap, depending of the voice-coil current sign. Of
course, a means is required to maintain the coil centralized in the gap, and this is achieved
by the use of a centering device, or inner suspension, which is still often referred to as
a spider. A chassis, also known as a frame or basket, supports the whole assembly and
enables it to be mounted on a front baffle or a cabinet. The cone is connected rigidly to
the former upon which the voice-coil is wound, and is also connected more or less at the
same point to the inner suspension. At the chassis’ outer edge the cone is attached via a
flexible outer suspension, or surround, which may take the form of half-rolls, corrugations,
or pleats. A dust cap is then normally placed in the apex of the cone in order to prevent
the ingress of dust and any abrasive dirt, and may also be used as an air pump to cool
the voice-coil and gap when the cone assembly moves in and out.

Figure 1.1: The components of a moving coil loudspeaker

1.3 Loudspeaker fundamental equations

As a first approximation, we consider a perfectly linear loudspeaker.

1.3.1 Current-Magnetic field interaction

The loudspeaker voice-coil constitutes a closed contour ∂Σ within which an electrical
current can circulate. The movement of the voice-coil is assured by the interaction between
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Figure 1.2: Typical motor topologies

this current and the magnetic induction field ~B0 generated by the magnet and flowing
through the air gap. This interaction is the origin of the magnetic component of the
Lorentz force:

~Fmag = q~vq ⊗ ~B0, (1.1)

where q is an elementary charge flowing through the coil with a velocity ~vq, and ⊗ repre-
sents the vector product. On a macroscopic scale, the Lorentz force action on the charged
particles q of a coil wire element d~l, then creating a current i(t) running through the coil,
leads to the Laplace force expression:

~FL(t) =
∫

∂Σ
i(t)d~l ⊗ ~B0. (1.2)

This force ~FL exerted on the voice-coil, kept rigid thanks to the voice-coil former, leads
this one to move, and more generally makes the whole moving part move.
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1.3.2 Towards Thiele and Small parameters

Let us consider a speaker voice-coil having a radius b and a direct current resistance Rdc.
This resistance is defined by the physical properties of the material that is used to make
the coil (copper, aluminum, silver...):

Rdc =
ξblb
Sb

, (1.3)

where ξb is the material resistivity, lb the length of the wire and Sb the section of wire.
Thus, as for any resistive element, when a direct current i runs through the voice-coil, the
voltage u at its extremities is given by Ohm’s law:

u = Rdci. (1.4)

When an alternative current i(t) flows through this coil, it generates a magnetic flux that,
following Faraday’s law, generates an electromotive force, or emf, at the terminals of any
electrical conductor that is run across by this flux. An emf, noted emf (t), is then generated
at its input terminals. Thus, the voltage u(t) at the coil’s terminals is written:

u(t) = Rdci(t) − emf (t). (1.5)

By definition, this emf at the coil’s terminals, representing the total induced voltage
including the self induction, is equal to the electrical field circulation ~E(t) across the
contour ∂Σ [11]:

emf (t) =
∮

∂Σ

~E(t).~dl, (1.6)

where the electrical field ~E(t) is linked to the total magnetic field ~BΣ(t) flowing through
a section Σ based on the contour ∂Σ with Maxwell-Faraday equation [12, 13]:

∇ ⊗ ~E(t) = −∂ ~BΣ(t)

∂t
, (1.7)

in which ∇ is the del operator. The emf expression is then linked to the magnetic field
variation inside any section closed by the voice-coil contour. In a loudspeaker, this surface
Σ is then crossed by the magnetic field created by the voice-coil and the one created by
the magnet. The total field ~BΣ(t) then represents the resultant of these two magnetic
fields. The integration of eq. (1.7) over the surface Σ leads to the following relation:

∫∫

Σ

(

∇ ⊗ ~E(t)
)

.
−→
dΣ =

∫∫

Σ
−∂ ~BΣ(t)

∂t
.
−→
dΣ, (1.8)

in which the vector
−→
dΣ is orthogonal to the surface Σ. Using Kelvin-Stokes theorem, it is

possible to evaluate the electrical field circulation ~E(t), and thus, the sought emf :

∮

∂Σ

~E(t).~dl = emf (t) =
∫∫

Σ
−∂ ~BΣ(t)

∂t
.
−→
dΣ. (1.9)
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Due to the interaction between the voice-coil current and the static magnetic field ~B0, the
voice-coil is moving and Leibniz’s rule for differentiation under the integral sign applied
to eq. (1.9), taking into account that ∇. ~B = 0, gives:

emf (t) = − ∂

∂t

∫∫

Σ

~BΣ(t).
−→
dΣ −

∫

∂Σ
(~v(t) ⊗ ~B∂Σ(t)).d~l, (1.10)

where ~v(t) is the voice-coil displacement speed and ~B∂Σ(t) is the resultant magnetic field
over the contour ∂Σ. The first right member term in eq. (1.10) represents the variation of

the total magnetic flux φt(t) of the sum of both fields ~B0 and ~BΣ(t) across the voice-coil
surface Σ, where φt(t) is then written:

φt(t) =
∫∫

Σ

~BΣ(t).
−→
dΣ. (1.11)

Therefore, eq. (1.5) expressing the voltage u(t) at the coil’s terminals becomes:

u(t) = Rdci(t) +
dφt(t)

dt
+

∫

∂Σ
(~v(t) ⊗ ~B∂Σ(t)).d~l. (1.12)

This relation (1.12) describes the electrical phenomena happening in a loudspeaker motor,
in which no simplifying hypothesis has been made. The first reduction step consists in
simplifying the integral calculation defined in eq. (1.10).

Figure 1.3: A real voice-coil is an helix or a solenoid whose surface Σ is an helicoid. To simplify the
calculations, the voice-coil is often seen as a pile of circular turns, whose surface is then the sum of the
surfaces ΣS of each turn. [14]

A traditional loudspeaker voice-coil is a solenoid, and the integrals of (1.10) are difficult
to calculate because they are applied on the helical surface Σ or on its contour ∂Σ.
However, coil dimensions, in particular the wire section Sb, are such that it is possible to
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consider the voice-coil as a perfect solenoid, that is to say as a pileup of N circular turns
of equal radius b, in which the same current i(t) runs, as shown in Fig. 1.3. Taking into
account this assumption, it is possible to simplify the calculation of eq. (1.10) [14]. Thus,
eq. (1.10) becomes:

emf (t) = − ∂

∂t

∫∫

Σ
BΣz

(t)dΣ −
∫

∂Σ
v(t)B∂Σr

(t).dl, (1.13)

where BΣz
(t) = ~BΣ(t).~ez and B∂Σr

(t) = ~B∂Σ(t).~er. Thus, eq. (1.11) expressing the total
magnetic flux going across the voice-coil surface Σ becomes:

φt(t) =
∫∫

Σ
BΣ(t).dΣ, (1.14)

and eq. (1.12) giving the total voltage at the coil terminals can be simplified as:

u(t) = Rdci(t) +
dφt(t)

dt
+

∫

∂Σ
v(t)B∂Σr

(t)dl. (1.15)

Due to the geometry of a traditional loudspeaker magnetic circuit, all the equations
written previously depend on the voice-coil position in the air gap. That is why, as a
first approximation, it is considered that the voice-coil displacement amplitude is small.
Moreover, the magnetic field ~b(t) created by the voice-coil is considered to be negligible

compared to the static field ~B generated by the magnet, and the effects of the variation of
~b(t) on the magnetic circuit are also neglected, allowing the assumption that ~B does not
depend on time. These first three hypotheses permit to express the Laplace force given
in eq. (1.2) as:

~FL(t) = Bl.i(t).~ez, (1.16)

where the force factor is defined as Bl = Bm.l where Bm is the mean value of the radial
component Br of the magnetic field over the voice-coil height. Taking into account all
these considerations, the voltage u(t) given in eq. (1.15) can then be written:

u(t) = Rdci(t) +
dφt(t)

dt
+ Bl.

dz(t)

dt
, (1.17)

where the coil speed v(t) as been replaced by the time derivative of its displacement z(t)
on its axis.
The second term of the right member in eq. (1.17) represents, taking into account all
the assumptions above-mentioned, the variation of the total magnetic flux in which the
variation of the field generated by the permanent magnet ~B is considered to be negligible.
Thus, φt(t) is given by [14]:

φt(t) = Le.i(t), (1.18)

where Le is the inductance of the coil at a given position in the air gap. As a first
approximation, the coil inductance is considered to be constant and independent of its
position, which gives:

dφt(t)

dt
= Le

di(t)

dt
. (1.19)

Finally, the flux expression (1.19) brought back in eq. (1.17) gives the linear expression
of the coil voltage u(t) as:

u(t) = Rdci(t) + Le

di(t)

dt
+ Bl.

dz(t)

dt
. (1.20)
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1.3.3 Equivalent electrical circuit

In order to define a global model that integrates the whole energy conversion between the
electrical signal and the radiated acoustic signal, it is practical to identify the equivalent
electrical circuits, or analogous circuits, by using the unidimensional electro-acoustic and
electro-mechanical analogies, also called lumped parameters. These methods have been
initiated by Olson [15, 16], then reused by Beranek [17] and systematized by Thiele [18, 19]
and Small [20]. Equation (1.20) needs the expression of the coil displacement z(t) to be
solved. As a first approximation, the loudspeaker moving mass is considered to be a mass-
spring-damper system as shown in Fig. 1.4. The mass Mms′ includes the diaphragm, the
voice-coil and its former as well as the radiating mass of the diaphragm in the air [21].
The spring stiffness Kms and the damper viscous damping coefficient Rms′ represent the
speaker suspensions, taking into account the radiating resistance of the diaphragm in the
air [10].
All the equations are written in the harmonic domain, in which all the variables are com-
plex. Thus, the voltage at the voice-coil’s terminals u(t) = u = U.ejωt, the current flowing
through the coil i(t) = i = I.ejωt and the displacement of the coil z(t) = z = Z.ejωt, where
ω is the signal pulsation.

Figure 1.4: The moving mass of a loudspeaker is equivalent, as a first approximation, to a mass-spring-
damper system. [14]

This mass-spring-damper system is subject to Laplace force, and the use of the fun-
damental principle of dynamics, associated with eq. (1.20), permits one to describe the
linear functioning of an ideal loudspeaker with a two equation system, coupled by the
force factor:











u = Rdc.i + Le.jωi + Bl.jωz.

Mms′ .(jω)2z + Rms′ .jωz + Kms.z = Bl.i
(1.21)

Thiele [19] then Small [20] used this equation system (1.21) to represent the loud-
speaker with the equivalent electrical circuit shown in Fig. 1.5 [10]. This diagram presents
the three coupled domains of the loudspeaker:

• the electrical domain is represented by the blocked electrical impedance Ze including
the voice-coil resistance Re and inductance Le. The resistance Re is assumed to be
equal to the direct current resistance Rdc. When the moving mass moves, this
domain is coupled to the next one via the force factor Bl,
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Figure 1.5: Circuit equivalent to a theoretically perfect loudspeaker. [14]

• the mechanical domain is represented by the mechanical impedance Zm that includes
the moving part mass Mms, damping Rms and stiffness Kms. The coupling to the
acoustic domain is realized thanks to the radiating surface Sd of the diaphragm,

• the acoustic domain is represented by the front Zaf and back Zab radiating impedances
of the speaker diaphragm. In a standard configuration, the loudspeaker is mounted
on a cabinet. In this case, Zaf is linked to the diaphragm radiation in the listening
space whereas Zab is linked to the diaphragm radiation inside the cabinet. However,
if a driver is mounted in an enclosure whose internal volume is large enough so
that the air enclosed does not change the effective spring constant of the diaphragm
suspension Kms, the enclosure is often said to be an infinite baffle.

The use of the equivalent electrical circuit presented in Fig. 1.5 allows one to easily
convert all the parameters to only one domain, that is either electrical, mechanical or
acoustic. Expressing these parameters in the electrical domain permits one to write the
loudspeaker electrical impedance ZHP as:

ZHP = Ze + Zmot = Ze +
(Bl)2

Zm + S2
dZa

, (1.22)

where Ze is the blocked impedance, given by:

Ze = Re + jωLe, (1.23)

Zm is the mechanical impedance, given by:

Zm = Rms + jωMms +
1

jωCms

, (1.24)

where Cms is the mechanical compliance and is equal to 1/Kms. Za is the acoustic
impedance, given by:

Za = Zaf + Zab, (1.25)
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and finally Zmot is the motional impedance, defined as:

Zmot =
(Bl)2

(

Rms + jωMms + 1
jωCms

)

+ S2
d(Zaf + Zab)

. (1.26)

Most of the time, when the diaphragm is approximated by a flat piston whose surface
would be identical to Sd, the impedance Zaf is written [10, 21]:

Zaf = Raf + jXaf , (1.27)

where Raf is the radiation resistance and Xaf the radiation reactance, modeling the induc-
tive behavior of the air on which relies the diaphragm. The resistive part Raf represents
the various loss mechanisms an acoustic wave experiences such as random thermal motion.
For resistive effects, energy is removed from the wave and converted into other forms. This
energy is said to be ’lost from the system’. The reactive part Xaf represents the ability of
air to store the kinetic energy of the wave as potential energy since air is a compressible
medium. It does so by compression and rarefaction. For reactive effects, energy is not
lost from the system but converted between kinetic and potential forms.
Thus, the reactance Xaf acts as a mass adding up to the mechanical moving mass Mms.
This mass is noted Maf for the front of the diaphragm and is given by [10]:

Maf =
ρ0c0

ω
Sd.Xaf , (1.28)

where ρ0 is the air density and c0 the speed of sound in the air. Similarly, an acoustic
mass Mab exists for the back of the diaphragm. Thus, the total moving mass Mms′ is given
by [22]:

Mms′ = Mms + S2
d(Maf + Mab). (1.29)

In the case of an infinite baffle, Maf = Mab and Mms′ becomes:

Mms′ = Mms + 2S2
dMaf . (1.30)

At low frequencies, Mms′ is given by:

Mms′ = Mms + 2S2
d

8ρ0

3π2a
, (1.31)

where a the piston radius of the diaphragm.
In the same manner, the total viscous damping coefficient Rms′ is given by:

Rms′ = Rms + 2S2
dRaf = Rms + 2Rma, (1.32)

where Rma = S2
d .Raf is the front (or back) acoustic resistance, transposed in the mechan-

ical domain.
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1.3.4 Low-frequency solution for Vd

The diaphragm velocity vd is given by:

vd =
Vd

Sd

=
FL − Fa

Zm

=
Bli − Sdpd

Zm

, (1.33)

where where FL = Bli represents the Laplace force, Fa = Sdpd represents the acoustic
force on the diaphragm generated by the difference in pressure between its front and
back, with pd the pressure difference between the front and back of the diaphragm given
by pd = Vd(Zaf + Zab), and Vd = Sdvd represents the volume velocity emitted by the
diaphragm.
After several calculations and approximations [22], the volume velocity emitted by the
diaphragm at low frequencies can be expressed as:

Vd = u.
Bl.Sd

(Bl)2 + Rms′Re

· (1/Qts)(jω/ωs)

(jω/ωs)2 + (1/Qts)(jω/ωs) + 1
, (1.34)

where the fundamental resonant pulsation ωs of the mass-spring system is given by:

ωs = 2πfs =

√

Kms

Mms′

, (1.35)

and the total quality factor Qts by:

Qts =

√
KmsMms′

[(Bl)2/Re] + Rms′

. (1.36)

Although these are strictly valid only for frequencies that are less than one-half the upper
piston frequency limit, they are commonly used to predict the response for the entire
piston range.

1.3.5 Small-signal parameters

There are five driver parameters referred to as the small-signal parameters. These are
the velocity resonant frequency fs, the total quality factor Qts, the electrical quality
factor Qes, the mechanical quality factor Qms and the volume compliance Vas. The first
two are defined in eqs. (1.35) and (1.36). The other three are defined in this section.
These parameters are called small-signal parameters because it is assumed that the driver
diaphragm displacement is small enough so that non-linear effects can be neglected.
The total quality factor Qts can be decomposed into two parts, one that is a function
of the electrical losses and the other that is a function of the mechanical losses. The
mechanical quality factor Qms and the electrical quality factor Qes are defined as follows:

Qms =
1

Rms′

√

KmsMms′ , (1.37)

and

Qes =
Re

(Bl)2

√

KmsMms′ . (1.38)
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The total quality factor is related to the mechanical and the electrical quality factor by:

Qts =
QmsQes

Qms + Qes

. (1.39)

The fifth small-signal parameter is the volume compliance Vas. This is the equivalent
volume of air which, when compressed by a piston having the same piston area as the
driver diaphragm, exhibits the same compliance or stiffness as the driver suspension. The
volume compliance is related to Kms by:

Vas = ρ0c
2
0S

2
dCms =

ρ0c
2
0S

2
d

Kms

. (1.40)

1.3.6 High-frequency solution for Vd

The high-frequency modeling of a loudspeaker driver is not as accurate as the low-
frequency modeling because the diaphragm can cease to vibrate as a unit above its piston
frequency range. When this happens, mechanical standing waves are set up on the di-
aphragm that cause its velocity distribution to be nonuniform. These effects cannot be
modeled with analogous circuits. However, some understanding of the high-frequency be-
havior can be gained from the analogous circuits.
The high-frequency effects can be approximately accounted for in eq. (1.34) by multiplying
by the low-pass transfer function [22]:

Tu1(jω) =
1

1 + jω/ωu1

, (1.41)

where

ωu1 = 2πfu1 =
Mms′Re

MmsLe

. (1.42)

where fu1 is the frequency which divides the low and high-frequency approximations.
Thus, the volume velocity transfer function becomes:

Vd = u.
Bl.Sd

(Bl)2 + Rms′Re

· (1/Qts)(jω/ωs)

(jω/ωs)2 + (1/Qts)(jω/ωs) + 1
· 1

1 + jω/ωu1

. (1.43)

The analysis must be considered somewhat qualitative because we have only predicted
the ultimate high-frequency asymptote of the Bode plot. The shape of the actual plot
between the low-frequency range and the high-frequency range has not been predicted.
However, the result predicts that the high-frequency volume velocity is decreased by a
pole in the transfer function that is inversely proportional to the voice-coil inductance. If
the inductance is increased, this pole frequency decreases.

1.3.7 On-axis pressure

The on-axis pressure radiated by a flat circular piston in an infinite baffle is given by [21,
22]:

p(r) = jωρ0Vd

e−jkr

2πr
, (1.44)
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where r is the distance from the piston to the observation point and k = ω/c. For this
expression to be valid, the observation point must be in the far field region. This condition
requires r ≥ 8a2/λ, where a is the piston radius and λ the wavelength. At closer distances,
Fresnel diffraction effects can cause the pressure to deviate from the value predicted by
this equation.
The distance r in the denominator of eq. (1.44) causes the pressure to drop by a factor
of 2 (or by 6dB) each time the distance is doubled. For purposes of defining a transfer
function, we will assume r = 1 m, even though the distance to the far field may be greater
than this at high frequencies. The complex exponential in the equation represents the
phase delay caused by the propagation time delay from the piston to the observation
point. Because the complex exponential has a magnitude of unity, we omit it in defining
the pressure transfer function. Thus we write the normalized on-axis pressure as:

p =
ρ0

2π
jωVd. (1.45)

We see from this equation that the on-axis pressure is proportional to jωVd. In the
frequency domain, a multiplication by the complex frequency jω is equivalent to a time
derivative in the time domain. Therefore, the on-axis pressure is proportional to the time
derivative of the volume velocity, which is proportional to the piston acceleration. We
conclude that in the far field we hear the acceleration of the piston. For a constant sound
pressure level (SPL) to be radiated, the acceleration must be constant with frequency.
Thus, the displacement must be inversely proportional to the frequency squared. This
means, for example, that the piston must move 100 times as far to radiate the same sound
pressure level at 20 Hz as it does at 200 Hz.

1.3.8 Pressure transfer function

To obtain the low-frequency on-axis pressure transfer function, we substitute the low-
frequency transfer function for Vd given by eq. (1.34) into eq. (1.45) to obtain:

p = u.
ρ0

2π
· Bl.Sd

ReMms′

· (jω/ωs)
2

(jω/ωs)2 + (1/Qts)(jω/ωs) + 1
= u.

ρ0

2π
· Bl.Sd

ReMms′

· G(jω), (1.46)

where G(jω) is the second-order high-pass transfer function given by:

G(jω) =
(jω/ωs)

2

(jω/ωs)2 + (1/Qts)(jω/ωs) + 1
. (1.47)

At high frequencies, the response can be modeled approximately by multiplying the pres-
sure transfer function by the low-pass function Tu1(jω) given by eq. (1.41). Thus, the
pressure transfer function becomes:

p = u.
ρ0

2π
· Bl.Sd

ReMms′

· G(jω)Tu1(jω). (1.48)

This expression shows that the on-axis pressure is proportional to the product of two
transfer functions. G(jω) models the low-frequency behavior and Tu1(jω) models the
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high-frequency behavior. The high-frequency modeling is only approximate in the sense
that it does not model the effects of mechanical resonances in the diaphragm structure.
Despite this limitation, the high-frequency model does provide useful information about
the response of the driver. Thus, the loudspeaker is a bandpass filter, limited at low
frequencies by the mass-spring mechanical resonance of its moving mass, and limited
at high frequencies by the dimensions and mechanical modes of its diaphragm. The
frequency zone in between the low and high-frequency limits is called the bandwidth of
the loudspeaker.

1.3.9 Acoustic power response

The power output of a driver in an infinite baffle is defined as the acoustic power radiated
to the front of the baffle. It is calculated as the power dissipated in the front air load
impedance Zaf and is given by:

Par =
1

2
|Vd|2 ℜe[Zaf (jω)] =

1

2
|Vd|2 Raf =

1

2
|vd|2 Rma. (1.49)

First, we calculate the low-frequency power. At low frequencies, eq. (1.34) predicts
that |Vd|2 ∝ ω2 for ω < ωs and |Vd|2 ∝ 1/ω2 for ω > ωs. The low-frequency approximation
to ℜe[Zaf (jω)] is [22]:

ℜe[Zaf (jω)] = Raf =
ω2ρ0

2πc0

. (1.50)

It follows that Par ∝ ω4 for ω < ωs and Par is constant for ω > ωs.
To solve the complete expression for the low-frequency power, we use the low-frequency
approximation for ℜe[Zaf (jω)] and eq. (1.34) for Vd in the expression for Par. After some
algebraic manipulations, the power can be expressed in terms of the transfer function
G(jω) defined in eq. (1.47). The result is:

Par =
1

2
|u|2 ρ0

2πc0

· (Bl)2S2
d

R2
eM2

ms′

|G(jω)|2 . (1.51)

As the frequency is increased, the voice-coil inductance causes the volume velocity to
decrease with increasing frequency. We model the effect of this on the power by multiplying
G(jω) in this equation by Tu1(jω) in eq. (1.41) to obtain:

Par =
1

2
|u|2 ρ0

2πc0

· (Bl)2S2
d

R2
eM2

ms′

|G(jω)Tu1(jω)|2 . (1.52)

As frequency is increased, |G(jω)| → 1 and |Tu1(jω)| → ωu1/ω. Thus, Par approaches
the value:

Par =
1

2
|u|2 ρ0

2πc0

· (Bl)2S2
d

R2
eM2

ms′

· ω2
u1

ω2
. (1.53)

This predicts that the high-frequency power is proportional to 1/ω2. However, this is not
correct, because we have not accounted for diffraction effects which cause the radiation
pattern to narrow at high frequencies. It is shown that the high-frequency power must be
proportional to 1/ω4 [22]. It follows that there must be another break frequency in the
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Bode plot to account for an additional factor of 1/ω2. We denote this frequency by ωu2.
It is given by [22]:

ωu2 = 2πfu2 =
a

c0

√
2. (1.54)

This is the frequency at which the circumference of the diaphragm is equal to
√

2λ.
We conclude that there are two break frequencies which model the high-frequency power
roll-off. The break at ωu1 is caused by the voice-coil inductance. The break at ωu2 is
caused by diffraction which causes the pressure to be radiated in a beam that becomes
narrower as the frequency is increased, thus decreasing the output power. Let us define a
second high-frequency transfer function which models the power rolloff above ωu2 by:

Tu2(jω) =
1

1 + jω/ωu2

. (1.55)

Thus, the complete power transfer function can be written:

Par =
1

2
|u|2 ρ0

2πc0

· (Bl)2S2
d

R2
eM2

ms′

|G(jω)Tu1(jω)Tu2(jω)|2 . (1.56)

This expression is only approximate. It does not take into account the effects of mechanical
standing waves on the diaphragm which cause the diaphragm velocity distribution to be
nonuniform. It assumes that the diaphragm can be modeled as a flat piston, an assumption
that fails above the piston range for most drivers. Despite these limitations, the expression
provides a basis for calculating the total power output to one side of an idealized driver
as a function of frequency.

1.3.10 Reference efficiency

The efficiency η of a driver is defined by:

η =
Par

Pe

, (1.57)

where Par is the acoustic power radiated to the front of the diaphragm and Pe is the elec-
trical input power to the voice-coil. A global power assessment realized on the equations
system (1.21) gives the power supplied to the loudspeaker as:

Pe =< u.i > = < Re.i
2 > + < Rms′ .v2

d >

+
d

dt

(

1

2
< Le.i

2 > +
1

2
< Mms′ .v2

d > +
1

2
< Kms.z

2
d >

)

, (1.58)

where

vd =
dzd

dt
. (1.59)

In sinusoidal steady state, for which the mean value of a total derivative is equal to zero,
the power supplied to the loudspeaker can be written:

Pe =< u.i >=< Re.i
2 > + < Rms′ .v2

d >=
1

2
(Re |i|2 + Rms′ |vd|2). (1.60)
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We substitute the acoustic power given by eq. (1.49) and the electrical power given by
eq. (1.60) into eq. (1.57) to obtain:

η =
Rma |vd|2

Re |i|2 + Rms′ |vd|2
. (1.61)

This expression is a function of frequency. If the frequency is chosen to be in the
midband region (i.e. ω > ω0 and ka << 1) where the power radiated is flat, the voice-
coil impedance can be approximated by Re and the acoustic power radiated is given by
eq. (1.49) with |G(jω)Tu1(jω)Tu2(jω)| = 1. Furthermore, the efficiency of a loudspeaker
is generally very small, most of the time below 5%. This means that most of the power
supplied to the loudspeaker is dissipated by Joule effect. This remark leads us to neglect
the term linked to the power radiated Rms′ |vd|2 in the denominator of eq. (1.61) compared
to the Joule effect dissipated power term Re |i|2. Taking into account all these considera-
tions, a frequency independent ratio is obtained that is defined as the reference efficiency
η0 given by [22]:

η0 =
ρ0

2πc0

· (Bl)2S2
d

ReM2
ms′

=
4π2

c3
· f 3

s Vas

Qes

. (1.62)

It is important to emphasize on the fact that this reference efficiency, given by eq. (1.62), is
only valid in the bandwidth of the loudspeaker and for small amplitude sinusoidal steady
state, assuring linear operation of the loudspeaker.
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Chapter 2

Evolution of loudspeaker motors

2.1 Magnetic circuit

It is important to be aware that the magnetic field was created in the first loudspeakers
by a DC powered coil wound on the stator. Figure 2.1 shows a cross section of an elec-
trodynamic speaker. To make this simpler, the supporting frame or basket which holds
everything in correct alignment and the speaker cone center suspension have been left
out. In operation, a steady direct current flows through the field coil, magnetizing the
field structure as shown. The audio signal is applied to a small coil of wire, called the
voice-coil, wrapped on an insulated tube, called the voice-coil former, which is an exten-
sion of the speaker cone at the center as shown. The arrangement is such that the voice
coil lies in the gap between the north and south magnet poles. When current flows in
one direction through the voice coil, it creates a magnetic field that interacts with the
field in the gap and makes the cone move slightly to the right or left. When the audio
signal current sign changes, it makes the cone move in the other direction. The audio
signal is always an alternating current, so as the current fluctuates in response to the
power amplifier’s output signal, the speaker cone faithfully reproduces the variations of
the audio signal as mechanical motion, and the large surface area of the cone effectively
generates a sound wave which is a replica of the audio AC signal, as long as we assume
a linear behavior. The problem with these speakers using a field coil was that even the
slightest amount of 50Hz (60Hz in the US) AC power ripple in the DC that is applied to
the field coil would react with the voice coil and produce a slight 100Hz (120Hz) hum in
the audio output of the speaker. In order to keep this from happening, there is a small
coil of wire right behind the speaker field coil that is in series with the voice coil. If there
is any AC ”ripple” in the speaker field current , this will, by transformer principle, induce
a corresponding ripple current in this ”hum-bucking coil”. The hum-bucking coil is wired
so that its output is applied to the voice coil in opposition to any speaker cone motion
that might be induced by AC ripple in the field current. This effectively cancels the action
of the slight field current ripple voltage and eliminates the otherwise noticeable resulting
AC power line hum from the speaker.
Then, progressively, the DC powered coil wound on the stator got replaced by a perma-
nent magnet. In a magnetic circuit the greatest efficiency BHmax is where the external
reluctance matches the internal reluctance. Working at some other point requires a larger
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Figure 2.1: Electrodynamic loudspeaker using a DC powered coil, or field coil.

and more expensive magnet. The BHmax parameter is used to compare the power of
magnetic materials. The units are kiloJoules per cubic meter. At the turn of the twenti-
eth century, the primary permanent magnetic material was glass-hard carbon steel which
offered about 1.6kJ/m3. In 1920, Honda and Takei discovered cobalt steels [23]. In 1934,
Horsburgh and Tetley developed the cobalt-iron-nickel-aluminum system, later further
improved with copper. This went by the name of Alnico and offered 12.8kJ/m3. In 1938,
Oliver and Shedden discovered that cooling the material from above its Curie tempera-
ture1 in a magnetic field dramatically increased the BH product. By 1948, BH products
of 60kJ/m3 were available at moderate cost and were widely used in loudspeakers under
the name of Alcomax. Another material popular in loudspeakers is Ticonal which contains
titanium, cobalt, nickel, iron, aluminum and copper.
Around 1930, the telephone industry was looking for non-conductive magnetically soft
materials to reduce eddy current losses in transformers. This led to the discovery of the
ferrites. The most common of these is barium ferrite which is made by replacing the
ferrous ion in ferrous ferrite with a barium ion. The BH product of barium ferrite is rela-

1Above a certain temperature, known as the Curie temperature of the material concerned, permanent
magnetism is lost
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tively poor at only about 30kJ/m3, but it is incredibly cheap. Strontium ferrite magnets
are also used and permit to obtain BHmax around 40kJ/m3. In the 1970s, the price of
cobalt went up by a factor of twenty because of political problems in Zaire, the principal
source. This basically priced magnets using cobalt out of the mass loudspeaker market,
forcing commodity speaker manufacturers to adopt ferrite. The hurried conversion to fer-
rite resulted in some poor magnetic circuit design, a tradition which persists to this day.
Ferrite has such a low remanent magnetization that a large area magnet is needed. When
a replacement was needed for cobalt-based magnets, most manufacturers chose to retain
the same cone and coil dimensions. This meant that the ferrite magnet had to be fitted
outside the coil, a suboptimal configuration creating a large leakage area. Consequently,
traditional ferrite loudspeakers attract anything ferrous nearby and distort the picture of
CRTs. Subsequently, magnet technology continued to improve with the development of
samarium cobalt magnets offering up to about 250kJ/m3 and then followed in the 1980s
by the neodymium iron boron (NdFeB) magnets offering nowadays remarkable 500kJ/m3.
A magnet of this kind requires 10% of the volume of a ferrite magnet to provide the same
field. The rare earth magnets are very powerful but their price has tended to rise expo-
nentially the last few years.
The goal of the magnet and magnetic circuit is to create a radial magnetic field in an
annular gap in which the coil moves, called the air gap. The field in the gap has to be
paid for. The gap has a finite volume due to its radial spacing and its length along the
coil axis. If the gap spacing is increased, the reluctance goes up and the length of the
magnet has to be increased to drive the same amount of flux through the gap. If the gap
length is increased, the flux density B goes down unless a magnet of larger cross-sectional
area is used. Thus, the magnet volume tends to be proportional to the gap volume.

The evolution of loudspeaker motors followed the development of magnet technologies.
Therefore, the first evolution occurred when the coil of the motor stator was replaced by an
Alnico permanent magnet. Permanent magnet or PM speakers use a permanent magnet
and allow us to get rid of the field coil as well as the hum-bucking coil. In the newer
PM speakers, there is no ripple in the field of a permanent magnet and thus no need
for a hum-bucking coil. Because of the properties of the Alnico, the magnet had to be
rather long. Indeed, the demagnetization curve of Alnico magnets requires their load
line to have a large slope. Therefore, the magnet was an axially polarized rod located
in the center of the device. Consequently, these loudspeakers were still quite long and
cumbersome devices. One had to wait for the sixties to see the first decrease in height
of the electrodynamic loudspeaker with the use of the hard ferrite magnets. Indeed, the
B(µ0H) loop is a straight line in the demagnetization quadrant, with a slope value almost
equal to one with the SI units [24]. So, the maximum energy product point, BHmax, is
on the bisector of the demagnetization quadrant and this line has to be the magnet load
line (Fig. 2.3).
Then, the magnet working point is set to the BHmax point for characteristic dimensions
of the magnet section of the same order as the magnet length. That is the reason for the
change in shape of the loudspeaker motors: the long and rather thin cylinder becomes flat
and wide. Hard ferrites are the reason why loudspeaker became more accessible. Besides,
the magnetic circuit is designed to reach flux density values on the order of 1.5T in the
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2.1. MAGNETIC CIRCUIT

Figure 2.2: Basic magnet structures. a) Alnico ring magnet. b) Ferrite ring magnet. c) Radial, high
energy magnet (neodymium). d) Alcomax plug magnet.
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Figure 2.3: Load line (dashed) in the demagnetization quadrant of the B(µ0 H) loop for a normalized
(remanence equal to 1T) rigid permanent magnet.

air gap, corresponding to the magnetic saturation of iron.
The next step forward came in the 1970s with the Samarium-Cobalt permanent magnets.
As the maximum energy product point, BHmax , is still on the bisector of the B(µ0H)
loop in the demagnetization quadrant, the shapes did not really change, the size simply
shrank. The appearance in the eighties of neodymium permanent magnets is the last
step linked to the progress in permanent magnet materials. With such NdFeB permanent
magnets, the size and weight of the devices decreased dramatically: they led the way
to miniaturization. The phenomenon is enhanced by the fact that these magnets are so
powerful that it is sufficient to have cylindrical flat magnets located in the device center.
Several examples of motor topologies are given in Fig. 2.2.
One may emphasize here that the structure of the electrodynamic loudspeaker did not
change during the last century except for the replacement of a kind of permanent magnet
by a better one. It is also well-known that this structure has drawbacks leading to non-
linearities in the behavior and distortion in the sound reproduction.
Indeed, voice-coil motors, such as those used in traditional electrodynamic loudspeakers,
present a number of well-known drawbacks [25, 26, 14]. The presence of iron in such
motors leads to several kinds of nonlinearities. These include Eddy currents, the magnetic
saturation of the iron and the variation of the coil inductance with its position causing a
reluctant effect. However, it is desirable for the force applied on the moving part to be
an image of the driving current. The driving forces applied on the moving part of the
loudspeaker can be written as

Fdriv = FL + Fr = Bli +
1

2

dLe

dz
i2 (2.1)

where FL is the Laplace force, Fr the reluctant force, B the induction seen by the voice-coil,
l the length of the coil, i the driving current flowing through the coil, Le the inductance
of the coil and z the displacement of the coil. Thus, (2.1) shows that if the inductance of
the coil varies with its position, a reluctant force, proportional to i2, occurs and interferes
with the Laplace force. This reluctant force creates a force distortion resulting directly in
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2.1. MAGNETIC CIRCUIT

an audible acoustical distortion. It can be compared to the reluctant torque in brushless
motors, arising from a reluctant effect, which prevents a smooth rotation of the motor
and results in undesirable vibration and noise [27, 28].

Using ironless motors, made totally out of permanent magnets, can help solve most of
these defects. Indeed, we know that a magnet, as a hard ferromagnetic material and used
in normal conditions, is characterized by a linear relation between the magnetic induction
Ba and the magnetic excitation Ha[14]:

Ba = J + µ0µaHa. (2.2)

The linearity of the relation implies that the magnetic field created by the voice-coil
becomes a linear function of the current flowing through the coil. Furthermore, in com-
parison with soft ferromagnetic materials generally used in traditional loudspeakers, the
magnetic relative permeability of magnets, µa, is very low, near 1. This implies that the
voice-coil inductance of an ironless motor is weak. Thus, the electrical impedance rise
at high frequencies is substantially diminished. The other advantage of the magnets’ low
permeability is that the geometry of the motor does not affect the magnetic environment
seen by the coil during its displacement, leading to a constant inductance, as for an air
core inductor.
Concerning the Eddy currents, permanent magnets have an electrical conductivity that is
much smaller than the one of the soft ferromagnetic materials, such as iron. For instance,
NdFeB magnets offer an electrical resistivity approximately equal to 130.10−8Ω.m, com-
pared to the iron resistivity that is about 11.10−8Ω.m. Thus, these magnets are really
poor electrical conductors, resulting in small losses such as Eddy currents.
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Figure 2.4: Cross sections of the first three ironless structures. (a) Structure A: two axially polarized
rings in repulsion [29]. (b) Structure B: one radially polarized ring [30, 31]. (c) Structure C: one radially
polarized ring and two axially polarized adjacent rings in repulsion [32].

Despite some advantages from a performance point of view, the use of ironless motors
is still really rare in loudspeakers, because of cost and knowledge of the technology. The
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knowledge concerns the fabrication and the magnetization of the most powerful magnets,
as well as the calculation of the magnetic field created by a multiple magnet assembly.
Most of the time, finite element methods are used for these computations, thanks to
software such as Flux, Maxwell, OPERA or FEMM. The first ironless loudspeaker motor
structure was proposed and patented by House in 1992 [29]. This structure uses two
magnet rings axially magnetized in repulsion as shown in Fig. 2.4.a. This structure is
adapted to high frequencies because of its intense but rather narrow force factor. Thanks
to the advances made in this field of knowledge, radially magnetized rings or ring sections
start to appear in the mid-nineties. Then, Geisenberger and Krump [30, 31] present in
1997 a structure composed of a simple magnet ring radially magnetized placed within
the voice-coil former (Fig. 2.4.b). This magnet is fixed to the loudspeaker basket using
materials that do not conduct either electricity or magnetic flux. Several years later,
in 2005, Ohashi [32] uses both previous structures to propose a new structure that is
composed of a radially magnetized ring placed between two axially magnetized rings in
repulsion as presented in Fig. 2.4.c. With this structure, the linearity range of the magnetic
field is enhanced, allowing a increase of the bandwidth toward low frequencies. Following
this invention, Lemarquand et al. [33] present in 2006 a wide variety of ironless structures
using different magnet ring assemblies in order to create a magnetic induction seen by
the voice-coil as intense as possible and to reduce the magnetic field leakage out of the
voice-coil path as much as possible; this is the type of structures on which Berkouk had
already worked a couple of years earlier [34, 35]. These assemblages sometimes require
the use of magnet rings having a triangular section that are difficult and expensive to
fabricate, such as the one shown in Fig. 2.5. These leakage free structures will be studied
in more details in Chapter 3.
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Figure 2.5: Cross section of the three triangular rings structure [33]: two radially polarized rings and
one axially polarized ring.

All the structures presented above are able to produce magnetic fields at least as intense
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as those created by traditional loudspeaker motors using soft ferromagnetic materials.
However, the use of these rather new ironless structures is still almost nonexistent and
one had to wait until 2009 when Mowry [36] published his study on an ironless magnetic
structure in a very influential specialized journal in the loudspeaker domain. The proposed
structure is an improvement of the structure presented by House in 1992, using four axially
magnetized magnet rings. In the same manner as House’s structure, it is well suited only
for high frequency reproduction, but offers a real opportunity to loudspeaker designers.
Then, in 2010, Merit patented [37] and presented [14] two new ironless structures. The
first one, that he called the High Induction (HI ) structure, was inspired by the one
proposed by Ohashi (Fig. 2.4.c), in which the remanent magnetization JA of the adjacent
magnets becomes a variable parameter and is not necessarily the same as the remanent
magnetization J of the main magnet (Fig. 2.6). The second one, called Compact with

Constant Induction (CCI ) structure, uses as well a pair of magnets adjacent to the main
magnet. The difference is that in this case, the polarization of these adjacent magnets
is not axial anymore but radial, in the same direction as the main magnet polarization
(Fig. 2.7).
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Figure 2.6: Cross section of the HI structure [37]: one radially polarized ring and two axially polarized
adjacent rings in repulsion. This structure can be outside the voice-coil (solid line), inside the voice-coil
(dashed line) or both.

2.2 Theoretical Model

2.2.1 3D Analytical Model

An hexahedral magnet is defined in space by the coordinates of the eight points defining its
surfaces. The analytical calculation of the magnetic field created by an hexahedral magnet
allows us to generalize the formulation published by Bancel and Lemarquand [38] to any
straight magnet having at least two pairs of parallel facets. These four facets are called
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Figure 2.7: Cross section of the CCI structure [37]: one central ring and two adjacent rings, all of them
being radially polarized in the same direction. This structure can be outside the voice-coil (solid line),
inside the voice-coil (dashed line) or both.
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Figure 2.8: Hexahedral magnet.

neutral facets. The two remaining facets are noted S+ and S−. The magnet of volume Vm

is located in the Cartesian coordinate system (0, ~x, ~y, ~z) as represented in Fig. 2.8. This

magnet is characterized by its magnetic polarization ~J , assumed to be uniform and in the
parallel direction of the four neutral facets. The Coulombian approach is used to calculate
analytically the magnetic field created by a magnet [39, 40, 41, 42, 43, 38, 44]. In this

model, the magnetic field ~B created at any point M(x, y, z) by a magnet of volume Vm

closed by a surface Sm is written in the general case as:

~B = −∇







1

4π

∫∫ ~J.d~Sm
∣

∣
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∣

∣

∣

+
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∣
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−−→
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∣

∣

∣

dVm





 , (2.3)

where P (x, y, z) is a point belonging to the magnet. For each magnet surface, the surface
charge density σ∗

i is defined by:

σ∗

i = ~J.~ni, (2.4)

where ~J is the magnetic polarization vector and ~ni is the outwards surface normal vector.
In an hexahedral magnet whose polarization is uniform and parallel to the neutral facets,
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the surface charges are only located on the facets S+ and S−, whose signs + or − are
defined by the scalar product given in eq. (2.4). Then, the volume charge density ρ∗ is
given by:

ρ∗ = div ~J. (2.5)

If the magnetic polarization is invariant in the magnet, we get:

ρ∗ = div ~J = 0. (2.6)

Using the fact that

− ∇
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 =
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∣

3 (2.7)

permits us to write the magnetic field created by a uniformly magnetized magnet as:

~B =
J
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3 dS−. (2.8)

Equation (2.8) shows that the calculation of the magnetic field created by a hexahedral
magnet boils down to calculate the magnetic field generated by the two facets secant to
the polarization vector ~J . The analytical calculation of this magnetic field then gives com-
ponents Bx, By and Bz of the magnetic induction field ~B on the three axis Ox, Oy and Oz.

Thus, writing the three components of the magnetic field created by a plane surface
as a function of its coordinates in space permits the calculation of any type of magnet in
which the polarization vector ~J is invariant. However, for structures whose the polarization
vector is not invariant, these formulas can only be used as an indication. Indeed, when
the polarization direction varies in the magnet volume, the volume charges bring a non
negligible contribution to the total magnetic field created by the magnet. These charges
are not taken into account in the simple approximation of the magnet by its facets.
A calculation of the true magnetic field created by a magnet in which the direction of
polarization varies, using [40] for instance, is necessary to finalize the design of an ironless
magnet structure. Ravaud [45] compared, using a radially polarized magnet ring, the
calculation results of the magnetic field created by the ring when the volume charges
are taken into account and when they are not. He shows that the smaller the radius
of the studied structures is, the bigger is the difference between both calculations. He
shows as well that the difference is smaller close to the magnet surface than far from it.
However, the difference between these two results impacts mostly the absolute intensity
of the magnetic field. The variation of the magnetic field over the observation axis Ovcz
is comparable.

2.3 Analysis of the existing ironless structures

Then, using the calculation formulas given in [40] or [45], it is possible to calculate the
exact magnetic field created by the structures described in [29, 30, 32, 37] that we presented
above. In the case of a straight magnet, the component Bx, in the convention shown in
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Fig. 2.8 is equivalent to the radial component Br in the case of a magnet ring. In the
following, for simplicity reasons, the notation Br is used to designate this component
orthogonal to the voice-coil displacement, for a straight magnet as well as for a magnet
ring.
For the first three structures, A, B and C, the remanent magnetization of the magnets
is normalized to J = 1T . This only affects the absolute intensity of the magnetic field
but not its shape over the observation axis. The point Ovc represents the center of the
loudspeaker voice-coil at rest position. This voice-coil oscillates around this position in
the Ovcz direction, parallel to the revolution axis of the loudspeaker, and thus, parallel to
the inner surface of the magnet ring. Over the three components of the magnetic field in
space, only the component Br, orthogonal to the voice-coil displacement is studied, since
it is the only component creating the Laplace force. This induction field Br is calculated
on the axis Ovcz at a distance dx away from the inner facet of the magnet ring.
Merit [14] defined a parameter called zuni, representing the distance, on the Ovcz axis
and centered on the point Ovc, on which the induction Br seen by the voice-coil shows a
maximum variation of 1%. The aim of this constant induction Br is to get a force factor
Bl that is as constant as possible, the latter being a function of the voice-coil height.
This constant force factor allows a good linearity of the loudspeaker motor and thus, an
accurate reproduction of the input signal.
The criterion zuni can only be strictly associated to the notion of motor linearity when
the voice-coil, over its displacement, stays entirely in the interval defined by zuni. In
this case, the distance zuni defines the interval on which the voice-coil displacement can
be linear. When this displacement can be large, thanks to a large distance zuni, the
associated magnetic structure can be integrated into a loudspeaker designed for a linear
reproduction of low frequencies. Conversely, a structure having a small distance zuni is
limited to high frequency reproduction, at least as long as the linearity is a major criterion.

2.3.1 Structure A

Structure A (Fig. 2.4.a) is today the easiest to fabricate since it is composed of two
axially polarized magnet rings, which are the same as those used in traditional loudspeaker
motors. These rings, of height HC and width LC , are concentric and separated by an air
gap of thickness e. They are set to be in repulsion, which means that the poles of the
rings facing each other have the same sign, either both positives or both negatives. The
magnetic field lines produced by each magnet of this structure reject each other in the air
gap and the magnetic flux flowing through the voice-coil placed in front of this air gap is
radial. The magnets dimensions affect only the intensity of the radial magnetic field Br

and, for a given observation distance dx, the variation of Br over the observation axis Ovcz
is mainly affected by the thickness e of the air gap. Figure 2.9 shows the global behavior
of this induction Br depending on the distance e between the magnet rings.

The possible linear displacement of the voice-coil zuni grows when the interval e in-
creases, to the detriment of Br intensity. However, this uniformity distance remains really
poor, so that it is not possible to make it visible on the curves.
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Figure 2.9: Radial component Br of the magnetic field created by structure A along the observation
axis Ovcz at a distance dx = 0.5mm, with J = 1T , Rin = 20mm, HC = 5mm, LC = 10mm, and for
different air gap thicknesses e between the rings: 1mm (bold solid line) then, from top to bottom, 3mm,
5mm, 7mm and 9mm (dashed line).

2.3.2 Structure B

Structure B (Fig. 2.4.b) is composed of only one magnet ring with a rectangular cross
section whose polarization is radial. At rest position, the voice-coil is situated halfway up
the magnet height HC . Lemarquand [46] showed in a previous study that a plane-parallel
magnet, for a given observation distance, can always generate a uniform magnetic field
when its dimensions are chosen correctly. In this case, the distance zuni in which the
magnetic field is uniform represents at best 65% of the magnet height HC . These conclu-
sions are also applicable to a magnet ring with a rectangular cross section, whose inner
and outer radii are part of the design constraints. Figure 2.10 shows several calculation
results of the magnetic field created by structure B with a constant width LC and different
heights HC . The dashed line (HC = 10mm illustrates the ideal case where the magnet
dimensions are such that magnetic field created at the observation distance dx = 0.5mm
is the as uniform as possible, with zuni that is almost equal to 60% of the magnet height
HC . For the same observation distance and a equivalent magnet volume as structure A,
structure B generates a magnetic field that is less intense but more uniform.

Thanks to its potential to create a uniform magnetic field Br of a satisfying height,
the use of this structure can be considered, from a motor linearity point of view, either for
high frequency or low frequency applications. However, it is important to point out that
in structure B, the magnet is the only element of the magnetic circuit in the air. Thus, the
air, having a low permeability µ0, is a poor magnetic flux conductor. This means that the
induction Br that flows through the voice-coil is weak and, since the magnetic flux follows
the path having the lowest reluctance, the magnetic field turns quickly around the magnet.
Notably, the field lines quitting the magnet from its inferior (around z = −HC/2) and
superior (around z = HC/2) extremities of the positive pole turns around immediately
to close on the respective extremities of the negatively charged pole (Fig. 2.11). Thus, in
front of these extremities, the radial component of the magnetic field is highly diminished.
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Figure 2.10: Radial component Br of the magnetic field created by structure B along the observation
axis Ovcz at a distance dx = 0.5mm, with J = 1T , Rin = 20mm, LC = 10mm, and for different values of
HC : 1mm (bold solid line) then, from top to bottom, 3mm, 5mm, 7mm, 10mm (dashed line) and 18mm

(mixed line).
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Figure 2.11: Magnetic field lines (vector field) in the plane (x, z) of a magnetic bar of height h = 10 mm,
width l = 20 mm, infinitely long along y and uniformly magnetized in the x direction

This effect is called the edge effect. For the rectangular cross section magnet, this edge
effect is responsible for the fact that distance zuni cannot be greater than 65% of the
magnet height HC .

2.3.3 Structure C

Structure C (Fig. 2.4.c) uses one central radially magnetized annular magnet and two
adjacent axially polarized magnet rings. The radial component of the magnetic field
created by the adjacent magnets is maximum at the superior and inferior extremities of
each magnet (as shown in Fig. 2.9 with structure A). Then, the aim of this structure is to
compensate for the edge effect of the central magnet by using the magnetic field created
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by the adjacent magnets, as well as to benefit of the magnetic field intensity that can be
generated by these magnets in repulsion.
The dimensions of the magnets are chosen in order to have the same volume of magnetic
matter as the structures A and B. Therefore, the following dimensions are used: HC =
5mm, HA = 2.5mm, LC = 10mm and Rin = 20mm. Figure 2.12 shows the radial
component of the magnetic field Br (bold solid line) created by this structure as well as
the contribution of each magnet to this total magnetic field.
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Figure 2.12: Radial component Br of the magnetic field created by structure C along the observation
axis Ovcz at a distance dx = 0.5mm (bold solid line), with Rin = 20mm. It uses a central magnet with
HC = 5mm, LC = 10mm (thin solid line), and two adjacent magnets with HA = 2.5mm, LC = 10mm

(dashed lines).

2.3.4 Structure HI : High Induction

After studying these three structures, Merit [14] developed and patented two new struc-
tures that have been presented earlier. The first one, called structure HI (High Induction),
is an adaptation of Ohashi’s structure ((Fig. 2.4.c)). It is composed of one radially magne-
tized central magnet ring and two axially magnetized adjacent magnet rings but contrary
to structure C where the magnetization J and the width LC were the same for all mag-
nets, in this case, they can be different for the central magnet and the adjacent magnets.
Indeed, Fig. 2.6 shows that the adjacent magnets have a width LA that is smaller than the
width LC of the central magnet. In the same manner, the magnetization JA of the adja-
cent magnets is not the same as the magnetization J of the central magnet. Merit shows
that thanks to this optimization, the height zuni of uniformity of Br along the voice-coil
path can be increased by about 170% compared to Ohashi’s structure, with a structure
that has the same overall dimensions. This allows us to avoid the bumps that are present
at the inferior and superior borders of the central magnet and thus, have a much flatter
magnetic induction.
When the magnetization JA and the dimensions of each magnet are optimized in order
to favor the magnetic field uniformity rather than its intensity, the height zuni can reach
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up to 60% of the total height of structure HI. The potential of this structure is then its
capacity to generate a uniform and intense field over a satisfying height despite its relative
compactedness.
This structure can also be designed for bigger structures that are able to create a constant
radial induction over a rather large distance. As given by Merit [14], the biggest size
that makes this structure useful is a total height of 24mm. The radial component of the
induction Br created by this structure is shown in Fig. 2.13.a. The internal diameter is
equal to 80mm and the other dimensions and the magnetizations have been tuned in order
to optimize the compromise between the uniformity distance zuni and the intensity of the
field Br. With a total height of 24mm, the distance zuni reaches 14mm with a magnetic
induction of 0.57T .
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Figure 2.13: (a) Radial component Br of the magnetic field created by structure HI along the obser-
vation axis Ovcz at a distance dx = 0.5mm (bold solid line), with Rin = 80mm. It uses a central magnet
with an internal diameter of 80mm, LC = 25mm and J = 1.48T (thin solid line), and two adjacent
magnets with HA = 2mm, LA = 25mm and JA = 0.8T (dashed lines); (b) Radial component Br of the
magnetic field created by structure HI along the observation axis Ovcz (bold solid line) when the external
structure (thin solid line) is coupled to an internal structure (dashed lines)with an external diameter of
78mm. It uses a central magnet with HC = 20mm, LC = 30mm and J = 1.48T , and two adjacent
magnets with HA = 2mm, LA = 30mm and JA = 0.8T .

Even though the intensity of this field seems to be rather weak compared to the magnetic
inductions created by traditional loudspeaker motors, by using the equivalent structure
whose external diameter is smaller than the voice-coil diameter (as represented in dashed
line in Fig. 2.6), it is possible to almost double the intensity of the magnetic field. It is not
quite doubled because the magnetic field created outside the internal structure is slightly
lower than the one created inside the external structure, due to the influence of volume
charges. Thanks to this double structure, it is possible to obtain really intense magnetic
fields over distances much bigger than the ones typically seen in traditional loudspeaker
magnetic structures. Nevertheless, structure HI cannot create induction fields whose
distance zuni is higher than 60%. Therefore, when the height of the central magnet is
bigger than HC = 20mm, the adjacent magnets are too outspread to both compensate
the border effect and increase the total intensity of the field going through the voice-
coil. Thus, beyond this gap HC between the two adjacent magnets, structure HI is not
more efficient than the simple magnet ring of structure B. Moreover, it can be useful
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or necessary in some cases to have a magnetic structure that is as compact as possible,
without deteriorating the distance zuni. The second structure proposed and patented by
Merit [37] allows us to fulfil this condition by improving the ratio zuni/HC .

2.3.5 Structure CCI : Compact with Constant Induction

This structure also uses magnets that are adjacent to the central magnet. However, the
polarization of the adjacent magnets is not axial anymore, as it was the case in structure
HI, but radial, in the same direction as the central magnet polarization, as shown in
Fig. 2.7. By tuning separately the magnetization and the width of the central and the
adjacent magnets, it is possible to obtain the same performance as structure B but with a
total volume of magnet that is significantly smaller. The structure CCI optimized to get
the induction Br presented in Fig. 2.14 has a total magnet volume more than 35% smaller
than structure B with HC = 10mm (dashed line in Fig. 2.10) for the same field intensity
and distance zuni. The distance zuni now represents 75% of this optimized structure whose
total height is 8mm. Thus, the main advantage of structure CCI is to create fields Br

with a medium intensity but a great uniformity with a reduced total magnet volume.
Therefore, when the height limit of structure HI is exceeded, structure CCI becomes
more efficient than the simple structure B.

0 0.4 0.60.2- 0.4- 0.6 - 0.2
- 0.2

0.2

0.4

0.6

0

z (cm)

Br (T)

: zuni

Figure 2.14: Radial component Br of the magnetic field created by structure CCI along the observation
axis Ovcz at a distance dx = 0.5mm (bold solid line), with Rin = 20mm. It uses a central magnet with
HC = 5.8mm, LC = 7mm and J = 1T (thin solid line), and two adjacent magnets with HA = 1.1mm,
LA = 8.5mm and JA = 1.09T (dashed lines).

2.4 Conclusion

Structures HI and CCI are thus complementary and seem to be really promising as for
the uniformity of the magnetic field Br they can generate.
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However, all the structures presented in this Chapter present a rather high leakage
magnetic field. In order to try to optimize the magnetic mass as much as possible, several
motor structures have been designed to concentrate all the magnetic field on the voice-coil
path. Two of these structures, that we call leakage free structures, are studied in detail
in the next Chapter.
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Chapter 3

Leakage free structures

3.1 The 2D approximation

If we consider that a magnetic structure with a symmetry of revolution around z axis can
be approximated by a magnet that has the same cross section and is infinitely long in the
y direction [35, 34], it allows us to describe each surface of the magnet in the plane (x, z)
as shown in Fig. 3.1.

x

z
y

Pi(xi, zi)

M(x, z)

n i

A(xa, za)

B(xb, zb)

Figure 3.1: Cross section of a plane infinitely long along y defined with its two extremities A(xa, za)
and B(xb, zb) in the plane (x, z).

Thus, we end up with a 2D Coulombian model and the magnetic field ~Bi created by each
magnet surface i at any point M(x, z) is given by:

~Bi(M) =
σ∗

i

4π

∫ yi=+∞

yi=−∞

∫

zi
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3 dyidzi (3.1)

where Pi(xi, zi) is a point on the considered surface i. Thus, the magnetic field ~Bi can be
expressed as

~Bi =
σ∗

i

4π

∫

zi
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where xi is expressed as a function of zi in order to be able to integrate with a surface
element dyidzi.
We consider a surface of width dy defined with its two extremities A(xa, za) and B(xb, zb)
in the plane (x, z), as illustrated in Fig. 3.1. The abscissa xi of a point P (xi, zi) belonging
to this segment [AB] can be expressed as a function of zi as follows:

xi =
xazi − xbzi + xbza − xazb

za − zb

(3.3)

Each side of a magnet cross section is then defined with its two extremities, A(xa, za) and
B(xb, zb), in the plane (x, z). The integration lower and upper limits in the y direction
are ya < 0 and yb > 0, whose absolute values are considered to be large compared to x
and z dimensions of the magnet. Replacing xi in eq.(3.2) by its value given in eq.(3.3),
we obtain the generalized formula:

~Bi =
σ∗

i

4π

∫ zi=zb

zi=za

∫ yi=yb
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(
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)2
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2 + (z − zi)
2
)

3
2

dyidzi (3.4)

Using the superposition principle, the total magnetic field created by a magnet is equal
to the sum of all the field Bi created by each surface i and is written:

~B =
∑

i

~Bi (3.5)

Bx and Bz components of the magnetic field are then respectively defined by:

∑
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(3.6)
and
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4π
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) 3
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3.1.1 Simple Example

We consider a magnetic bar of height h along z and width l along x, infinitely long along
y and uniformly magnetized in the x direction, as shown in Fig. 3.2.

In this case, ~J is oriented along x. Thus, σ∗

2 = ~J. ~n2 = σ∗

4 = ~J. ~n4 = 0. In the same

manner, σ∗

1 = ~J. ~n1 = −J and σ∗

3 = ~J. ~n3 = J . The magnetic fields created by each
surfaces 1 and 3 are then defined as:

~B1 =
−J

4π
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z1=0
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3
2
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4π
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Figure 3.2: Cross section of a magnetic bar, infinitely long along y and uniformly magnetized along x.

Thus, the total magnetic field created by the magnet is given by ~B = ~B1 + ~B3. It is then
possible to calculate the integrals and express the x and z components Bx and Bz of the
magnetic field ~B as:

Bx =
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Using these expressions (3.11) and (3.12), it is possible to draw the vector field in the
plane (x, z) around the magnet, as shown in Fig. 2.11.

If we consider that a magnet ring can be approximated by an infinitely long magnet
having the same cross section, then the x component of the magnetic field Bx is equivalent
to the radial component Br which would be expressed for a magnet ring in a cylindrical
coordinate system.

3.2 Leakage free structures

A significant part of the magnetic field created by most loudspeaker motors does not
contribute towards making the membrane move. In addition to a simple loss of magnetic
field, this leakage flux can be attracted by any ferromagnetic object placed nearby, leading
to a decrease of the device efficiency. Furthermore, this leakage magnetic field can prevent
some devices placed nearby from working properly. Therefore, an intended specification
of the motor is to have a minimized magnetic field leakage.

An example of ironless and leakage free motor structure made totally of sintered per-
manent magnets is shown in Fig. 3.3. It is composed of three prismatic magnet rings
arranged in such a way that the magnetization is always parallel to the outer edge. Thus,
the whole magnetic field created by the motor is focused on the voice-coil path. However,
one problem with the structures made of sintered magnets is that it can be difficult to
assemble. The structure shown in Fig. 3.3 requires the fabrication of three magnet rings,
two of them being radially magnetized which is not easy to achieve.
By using bonded magnets, this problem can be solved and furthermore, better cross sec-
tion shapes and optimized magnetization of the structure can be realized. The whole
structure is directly injected in a mold and no assembly is needed. One possible leakage
free structure made of bonded magnets is presented in Fig. 3.4. The structure that we
propose has an ellipsoidal cross section. The magnetization is realized when the material
is still viscous so that the magnetic particles follow the magnetic field lines created by the
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Figure 3.3: Cross section of the three sintered magnets structure (rectangular motor).
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Figure 3.4: Cross section of the bonded magnet structure (ellipsoidal motor).

magnetizer. Once again, the magnetization of the structure is done so that it is always
tangent to the outer edge except on the side facing the voice-coil, where it is perpendic-
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ular to the edge. The magnetic field created by the motor is then concentrated on the
voice-coil path in order to increase the efficiency of the loudspeaker, which is proportional
to the square of the force factor Bl.

Another advantage of these structures is that a double coil winding can be used to im-
prove the efficiency. Furthermore, the magnetic field created by these structures presents
a high gradient around the semi-height of their inner face. This high magnetic field gradi-
ent permits the use of ferrofluid seals to guide the moving part [47]. Ferrofluid seals have
also a role of thermal bridge, allowing the heat created by the voice-coil to flow through
and be dissipated in the motor. However, in the second case (Fig. 3.4), since the motor is
made of bonded magnet (plastic), the thermal dissipation in this latter case is quite poor.

3.2.1 Sintered Magnet Structure

We first start the study of these leakage free structures by the one that has been patented
by Lemarquand and al. [33] and that is presented in Fig. 3.3.
This motor structure is composed of three independent magnets. Overall, the magnetic
field created by the six surfaces, two for each magnet, has to be calculated independently
then summed to obtain the total magnetic field created by the motor structure.
It can be noted that for this structure, if θ equals 45◦ (i.e. a = h), only the two surfaces
facing the voice-coil have to be taken into account in the calculation. This is due to the
fact that the remaining surface charge density is equal to zero on the two other magnet
interfaces.
As we can see in Fig. 3.5, most of the magnetic field created by the motor is concentrated
in front of this latter (x positive) and turns around the point (0, 0).

3.2.1.1 Effect of the structure height

Figure 3.6 shows in which manner the modification of the structure height acts on the
magnetic field radial component Br created by the three sintered magnets structure along
the observation axis Ovcz, corresponding to the voice-coil path. In each case, the width a
is equal to the semi-height h.
As we can see, not only does the rise of structure height increase the height zuni of

uniformity of Br along the voice-coil path, it does as well increase the absolute maximum
value of the radial magnetic induction seen by the voice-coil. For instance, for h = 1cm,
zuni = 0.33cm and Brmax

= 0.459T , whereas for h = 2.5cm, zuni = 1.1cm and Brmax
=

0.484T . We notice as well that the ratio between zuni and h increases when z increases.
Indeed, in the first case presented above, zuni/h = 33% whereas it reaches 44% in the
second case. If we take h = 20cm for instance (which is not represented here), the ratio
zuni/h goes up to 82%. However, such a big structure, reaching a total height of 40cm,
could not be used in a loudspeaker, but maybe in another linear magnetic actuator.

3.2.1.2 Effect of the structure width

We now take a look at the effect of the ratio between the height and the width of the
structure. In order to do that, we set the semi-height h to 1cm. Then, we make the width
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Figure 3.5: Magnetic field lines (vector field) in the plane (x, z) of the leakage free structure of height
2h = 20 mm, width a = 10 mm and infinitely long along y.
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Figure 3.6: Radial component Br of the magnetic field created by the three sintered magnets structure
along the observation axis Ovcz at a distance dx = 0.5mm, with J = 1T , a = h, and for different semi-
heights h: 0.5cm (dashed line) then, from left to right in the top-right quadrant, 1cm, 1.5cm, 2cm and
2.5cm (mixed line).
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a vary from 0 to 4h, which represents, in our example, 0 to 4cm.
Figure 3.7 shows the variation of the maximum value of the magnetic field radial compo-
nent Brmax

with the variation of the ratio a/h.
We notice that, at the distance where we are looking, Brmax

reaches a maximum when

0 1 2 3 4

0.1

0.2

0.3

0.4

0.5

Brmax
 (T)

a

h

Figure 3.7: Evolution of the radial component maximum value Brmax
of the magnetic field created by

the three sintered magnets structure along the observation axis Ovcz at a distance dx = 0.5mm, with
J = 1T , h = 1cm, and the width a varying from 0 to 4cm.

the ratio a/h is around 2. More precisely, the maximum value of Brmax
is 0.489T when

a/h = 1.89. Above this ratio, the maximum magnetic induction seen by the voice-coil on
its path goes down whereas the magnet volume increases.
Figure 3.8 shows the radial component Br of the magnetic field created by the three

sintered magnets structure along the observation axis Ovcz between z = 0 and z = h for
different ratios a/h. These curves confirm the trend that we observed in Fig. 3.7, which
is that we obtain the maximum magnetic induction for a width a two times bigger than
the semi-height h. In other words, when the width is equal to the total height of the
motor structure. If we now take a look at the evolution of the uniformity distance zuni as
a function of the width to height ratio, we see that it is fairly constant. Indeed, the values
of Brmax

and zuni in each case are the following:

• For a = h: Brmax
= 0.459T and zuni = 3.3mm,

• For a = 2h: Brmax
= 0.489T and zuni = 3.2mm,

• For a = 3h: Brmax
= 0.482T and zuni = 3.2mm,

• For a = 4h: Brmax
= 0.475T and zuni = 3.3mm.
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Figure 3.8: Radial component Br of the magnetic field created by the three sintered magnets structure
along the observation axis Ovcz at a distance dx = 0.5mm, with J = 1T , h = 1cm, and for different
width a: 1cm (dashed line), 2cm (solid line), 3cm and 4cm (mixed lines).

In each case, the uniformity distance zuni represents about one third of the height of the
structure, regardless of the ratio between a and h. This ratio between zuni and h only
depends on the absolute height of the structure.

All these calculations show that the ratio between a and h does not affect much the
uniformity of the magnetic field seen by the voice-coil but acts on the intensity of this
latter. Thus, looking at Brmax

, the best ratio seems to be a = 1.89h. Furthermore,
by increasing the absolute height of the structure, keeping the same ratio a/h, we can
augment the ratio zuni/h above 80%.
However, one disadvantage of this structure made of three sintered magnet rings having
a triangular cross section is that it can be quite difficult to fabricate. By using bonded
magnets, we can think of a leakage free structure that has the same advantages as this
one, and even try to optimise it a little bit more, but that is much easier to realise. The
cross section of this structure, that we call the ellipsoidal motor, is presented in Fig. 3.4.

3.2.2 Bonded Magnet Structure

The ellipsoidal motor (Fig. 3.4) is discretized in order to enable analytical calculations
of the magnetic field to be performed. An example of this discretization, using seven
magnets of equal angular section, is shown in Fig. 3.9. All the surfaces between each
section are defined in the (x, z) plane.

The same method that we used to calculate the magnetic field created by the three magnets
structure is used to calculate this ellipsoidal motor structure. The detailed expressions of
each surface coordinate and surface charge density are given in Appendix A. Overall, the
magnetic field created by the fourteen surfaces, two for each magnet, has to be calculated
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Figure 3.9: Cross section of the discretized bonded magnet structure used for analytical calculations.

independently then summed to obtain the total magnetic field created by the ellipsoidal
structure.

3.2.2.1 Discretization of the structure

In order to decide the number of sections that we should use to discretize the semi-ellipsoid,
allowing us to get an accurate result but keeping a computation time as small as possible,
we calculate two different cases with five different discretizations. In the first case, the
width b is equal to the semi-height h, and in the second case, b = 2h. Both calculations
are run using 3, 5, 7, 9 or 11 sections to discretize the bonded magnet structure. The
results of these two calculations are presented in Fig. 3.10 and 3.11.
In the first case, where b = h, the difference on the magnetic field induction maximum

value Brmax
between 3 and 11 sections reaches 12.5%, 3.9% between 5 and 11, 1.5%

between 7 and 11, and only 0.5% between 9 and 11 sections. In the second case, where
b = 2h, these differences respectively fall down to 5.7%, 1.4%, 0.5% and 0.1%.
One important point is the fact that no matter how many sections are used to discretize
the bonded magnet motor structure, the distance zuni is not affected. If we now look at
the distance where Br is included between 90% and 100% of Brmax

, it is once again not
affected by the number of sections that are used to discretize the structure and is equal
to 7.2mm in this case, which represents 72% of the structure height.
One big difference between the different discretizations is the computation time. Indeed,
it is for instance ten times longer to calculate the same example with 11 sections than
with 3 sections. All these results are summarized in Table 3.1.
Therefore, it seems that the number of sections only changes the maximum value of the
magnetic field radial component and the computation time. We choose to realize all the
following calculations with 7 sections to discretize the structure because it appears to
be a good compromise between results accuracy and computation time. The difference
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Figure 3.10: Radial component Br of the magnetic field created by the ellipsoidal bonded magnet
structure along the observation axis Ovcz at a distance dx = 0.5mm, with J = 1T , h = 1cm, b = h = 1cm

and for several number of discretization sections: 3 (dashed line), 5, 7, 9 (solid lines), and 11 (mixed line).
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Figure 3.11: Radial component Br of the magnetic field created by the ellipsoidal bonded magnet
structure along the observation axis Ovcz at a distance dx = 0.5mm, with J = 1T , h = 1cm, b = 2h = 2cm

and for several number of discretization sections: 3 (dashed line), 5, 7, 9 (solid lines), and 11 (mixed line).

between 7 and 11 sections is only around 1% and it is twice as fast to compute. This
difference can be appreciable when doing optimization loops.

3.2.2.2 Effect of the structure height

Figure 3.12 shows in which manner the modification of the structure height acts on the
magnetic field radial component Br created by the ellipsoidal bonded magnet structure
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Number of sections Brmax
Brmax

difference zuni Computation time
(T) with 11 sections (mm) (%)

(%)
3 0.397 12.5 3.3 10
5 0.436 3.9 3.3 30

b = h 7 0.447 1.5 3.3 55
9 0.452 0.5 3.3 65
11 0.454 0 3.3 100
3 0.466 5.6 3.2 10
5 0.488 1.2 3 30

b = 2h 7 0.492 0.5 3 55
9 0.493 0.1 3 65
11 0.494 0 3 100

Table 3.1: Computation differences

along the observation axis Ovcz. In each case, the width a is equal to the semi-height h.
As we can see, the trend is really similar to what we already noticed on the three sintered
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Figure 3.12: Radial component Br of the magnetic field created by the ellipsoidal bonded magnet
structure along the observation axis Ovcz at a distance dx = 0.5mm, with J = 1T , b = h, and for
different semi-heights h: 0.5cm (dashed line) then, from left to right in the top-right quadrant, 1cm,
1.5cm, 2cm (solid lines) and 2.5cm (mixed line)

magnets motor structure. Not only does the rise of structure height increase the height
zuni of uniformity of Br along the voice-coil path, it does as well increase the absolute
maximum value of the radial magnetic induction Brmax

seen by the voice-coil. For instance,
for h = 1cm, zuni = 0.33cm and Brmax

= 0.447T , whereas for h = 2.5cm, zuni = 1.2cm
and Brmax

= 0.471T . In the same way as for the three sintered magnets structure, the
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3.2. LEAKAGE FREE STRUCTURES

ratio between zuni and h increases when z increases. Indeed, in the first case presented
above, zuni/h = 33% whereas it reaches 48% in the second case. If we take h = 20cm, as
we did with the other structure, the ratio zuni/h goes up to 72%.

3.2.2.3 Effect of the structure width

We now take a look at the effect of the ratio between the height and the width of the
structure. In order to do so, we set once again the semi-height h to 1cm. Then, we make
the width b vary from 0 to 4h, which represents, in our example, 0 to 4cm.
Figure 3.13 shows the variation of the maximum value of the magnetic field radial com-
ponent Brmax

with the variation of the ratio b/h.
Once again, we notice that Brmax

reaches a maximum when the ratio b/h is around 2.

0 1 2 3 4

0.1

0.2

0.3

0.4

0.5

Brmax
 (T)

b

h

Figure 3.13: Evolution of the radial component maximum value Brmax
of the magnetic field created by

the ellipsoidal bonded magnet structure along the observation axis Ovcz at a distance dx = 0.5mm, with
J = 1T , h = 1cm, and the width a varying from 0 to 4cm.

More precisely, the maximum value of Brmax
is 0.492T when a/h = 1.97. Above this ratio,

the maximum magnetic induction seen by the voice-coil on its path goes down whereas
the magnet volume increases.
Figure 3.14 shows the radial component Br of the magnetic field created by the ellipsoidal
bonded magnet structure along the observation axis Ovcz between z = 0 and z = h for
different ratios b/h. These curves confirm the trend that we observed in Fig. 3.13, which
is that we get the maximum magnetic induction for a width b two times bigger than the
semi-height h. In other words, when the width is equal to the total height of the motor
structure. If we now take a look at the evolution of the uniformity distance zuni as a
function of the width to height ratio, we see that it is relatively constant. Indeed, the
values of Brmax

and zuni in each case are the following:

• For b = h: Brmax
= 0.447T and zuni = 3.3mm,
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Figure 3.14: Radial component Br of the magnetic field created by the ellipsoidal bonded magnet
structure along the observation axis Ovcz at a distance dx = 0.5mm, with J = 1T , h = 1cm, and for
different width b: 1cm (dashed line), 2cm (solid line), 3cm and 4cm (mixed lines).

• For b = 2h: Brmax
= 0.492T and zuni = 3mm,

• For b = 3h: Brmax
= 0.487T and zuni = 3.1mm,

• For b = 4h: Brmax
= 0.482T and zuni = 3.2mm.

In each case, the uniformity distance zuni represents about one third of the height of the
structure, regardless of the ratio between a and h. This ratio between zuni and h only
depends on the absolute height of the structure.
All these calculations show that the ratio between b and h does not greatly affect the uni-
formity of the magnetic field seen by the voice-coil but acts on the intensity of the latter.
The best ratio seems to be b = 1.97h. Furthermore, by increasing the absolute height of
the structure, keeping the same ratio b/h, we can augment the ratio zuni/h above 70%.

3.2.3 Comparison of the Two Structures Performances

In order to compare the performance of these two ironless structures, presented in Fig. 3.3
and 3.4 and studied in detail in the previous paragraphs, some additional numerical appli-
cations are realized. In the following section, the three sintered magnet motor structure
is called the rectangular structure, for reasons of simplicity.
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Figure 3.15: Notations used to calculate the volume of both structures

3.2.3.1 Equality of volumes

We decide to compare the magnetic fields created by two structures having the same mag-
net volume. In order to do so, we have to calculate the width b of the ellipsoidal structure
giving the same magnet volume as the rectangular structure with a = h. Figure 3.15 rep-
resents the two structures and gives the notations used to calculate the respective volumes
of these motors.
Using Pappus’s centroid theorem, we manage to write the volume of the rectangular
structure as a function of its width a, its semi-height h, its revolution radius Rin and its
geometric centroid radius rG as follows:

Vrect = (2a.h)(2π.RG) = 2a.h(2π(Rin + rG)) = 4π.a.h
(

Rin +
a

2

)

. (3.12)

In the same manner, we write the volume of the ellipsoidal magnet structure as:

Vell =
(

1

2
π.b.h

)

(2π.RG) = (π.b.h)(π(Rin + rG)) = π2.b.h
(

Rin +
4

3π
b
)

. (3.13)

These equations (3.12) and (3.13) permit to find the equality of the volumes by writting:

4π.Rin.a + 2π.a2 = π.Rin.b +
4

3
b2. (3.14)

After some manipulations, we finally find the relationship between a and b in order to get
the same volume for both structures. This gives:

b =
1

8

(

−3π.Rin +
√

3.
√

32a2 + 64aRin + 3π2R2
in

)

(3.15)

Depending on the inner radius Rin of both structures and the width a of the rectangular
motor, b varies between 1.2 and 1.3 times a. If we take for instance Rin = 5cm and
a = 1cm, it leads to b = 1.26cm.
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3.2.3.2 Numerical examples

In the following calculations, the semi-height h is set to 1 cm and the width a of the rectan-
gular structure is taken equal to h. For the general case, we consider that the magnetiza-
tion of each magnet is equal to 1 T. Then, it is easy to recalculate for other values of J since
all the results are proportional to this former. Actually, with Neodymium-Iron-Boron (Nd-Fe-B)
bonded magnets, it is difficult to obtain a magnetization bigger than 0.8 or 0.9T whereas
Nd-Fe-B sintered magnets can have a magnetization up to about 1.5T for the strongest.
Figure 3.16 presents the magnitude isolines of the magnetic field radial component Br,
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Figure 3.16: Magnitude isolines of the radial component of the magnetic field induction created (in
Tesla) by the rectangular section structure (dashed line) and the one created by the ellipsoidal section
structure (solid line) of same volume.

created in front of the magnet for both structures having the same volume. It shows that
the ellipsoidal structure gives a more intense magnetic field radial component Br than the
rectangular one.
Figure 3.17 compares the evolution of Br in front of the whole height of both magnet

structures (i.e. z equals -1 cm to z equals 1 cm) at a distance dx from the magnet equal to
0.5mm, which is a typical distance for loudspeaker applications, with J = 1T , h = 1cm,
a = 1cm and b = 1.26cm. Once again, it clearly shows that the ellipsoidal structure
gives a more intense magnetic field than the rectangular one of equal magnet volume.
The rectangular motor gives Brmax

= 0.459T whereas the ellipsoidal structure reaches
Brmax

= 0.475T . The linearity is about the same for both structures. zuni, corresponding
to a 1% variation of the magnetic field, is equal to 3.3mm for the rectangular structure
and 3mm for the ellipsoidal structure. If we look at the 10% decrease of the magnetic
induction intensity, we get 7.2mm for both structures.

58



3.2. LEAKAGE FREE STRUCTURES

- 1 - 0.5 0.5 1

- 0.4

- 0.2

0.2

0.4

Br (T)

z (cm)

- - : Rectangular Magnet

     : Ellipsoidal Magnet

Figure 3.17: Radial component of the magnetic field created by the rectangular motor structure (dashed
line) and the one created by the ellipsoidal motor structure (solid line) of same volume along the obser-
vation axis Ovcz at a distance dx = 0.5mm, with J = 1T , h = 1cm, a = 1cm and b = 1.26cm.

The symmetry around the rest position and the uniformity of the induction across the
whole voice-coil trajectory is an important characteristic for an accurate loudspeaker mo-
tor. The length of this trajectory is determined by the intended acoustical pressure at
low frequencies, giving the maximal needed acoustic flow, and thus, the maximal required
excursion for a given radiating surface. For example, to obtain a sound pressure level of
95dB SPL at 1m on axis and at 100Hz with a loudspeaker having a 5cm radius mem-
brane, the required excursion is ±2mm. If we consider this oscillation range around the
rest position, the magnetic field intensity variation seen by the voice-coil is less than 2%
for both structures. This amount of variation is very low and should not create audible
distortion. In comparison, with the standard loudspeaker that we used for the measure-
ments presented in Chapter 4, the variation of the magnetic field intensity over the same
displacement range is about 20%.

3.2.4 Comparison with 3D FEM calculation

All the results presented in the previous section were obtained with 2D analytical calcu-
lations. In order to evaluate the validity of the 2D model for magnet rings, we compare
them to FEM 3D calculations. We take the example of an ellipsoidal motor structure
with h = 6mm, b = h and Rin = 1cm, corresponding to the prototype that we will study
in the next chapter.
Figure 3.18 shows the calculation results of the magnetic field radial component Br

created by the ellipsoidal bonded magnet structure along the observation axis Ovcz at a
distance dx = 0.5mm using, in one case, the 2D analytical model that we have been using
for all the calculations presented in this chapter and, in another case, a 3D FEM model.
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Figure 3.18: Radial component Br of the magnetic field created by the ellipsoidal bonded magnet
structure along the observation axis Ovcz at a distance dx = 0.5mm, with J = 1T , h = 6mm, b = h and
Rin = 10mm, calculated analytically in 2D (solid line) and with a 3D FEM model (dashed line).

We notice that the 2D model gives a good approximation and even underestimates the
actual magnetic field created by the real 3D structure. The 2D model gives a very good
approximation of the maximum absolute value Brmax

and of the shape of the magnetic
field radial component close to the rest position of the voice-coil (i.e. z = −3mm and
z = 3mm) but is less accurate near the center of the structure (i.e. between z = −2mm
and z = 2mm) and at the extremities (i.e. below z = −5mm and above z = 5mm).
So far, 2D calculations have been widely used, especially for the development of new struc-
tures, because of their practical use compared to finite element modeling. Nevertheless,
it should be kept in mind that the accuracy of 2D results is not perfect but still accept-
able when looking at the magnetic field really close to the magnet, and presents a real
advantage for optimization phases.

3.3 Conclusion

This chapter presents two leakage free structures of ironless motors, one made of tradi-
tional sintered magnets and the other one using bonded magnets. Even though it is not
easy yet to obtain Nd-Fe-B bonded magnets with a magnetization higher than 0.9 T, the
possibility to realize almost any shape allows ingenious magnetic structures to be made
in order to compensate. In particular, the ellipsoidal structure shown in this chapter per-
mits us to create a rather intense magnetic field concentrated on the voice-coil trajectory,
which is the aim of a leakage free loudspeaker motor. Furthermore, one significant advan-
tage of bonded magnets is that the making of such structures is facilitated, since neither
assembling nor fabrication are needed.
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Chapter 4

Experimental results

4.1 Introduction

Following this theoretical study about the ironless and leakage free loudspeaker motor
made of a bonded magnet that is supposed to optimize as much as possible the magnetic
mass by directly concentrating the magnetic field on the voice-coil, and to improve the
sound quality by, on the one hand, suppressing all the nonlinearities due to iron and, on the
other hand, creating a radial magnetic field as constant as possible on the whole voice-coil
path [48], several motor prototypes were manufactured by Hutchinson-Paulstra in order
to validate the magnetic calculations. Then, a couple of loudspeaker prototypes were
realized by Faital, based on a mass-produced loudspeaker designed for Renault-Nissan
cars, replacing the standard motor by an ironless bonded magnet motor and adapting
the voice-coil to this kind of motor in order to confirm the sound quality enhancement
expectations. This permits us to compare only the effect of the motor on the quality of
the reproduced sound. A blind listening session was organized with a dozen people to
evaluate the subjective improvement of sound quality induced by the use of an ironless
motor. The judgment of all the listeners was in favor of the loudspeaker equipped with
the ironless motor. The sound seemed to be clearer, more accurate and less distorted.
In order to try to understand and quantify this sound quality enhancement, a set of
measurements were performed in the University of Maine Acoustics Laboratory (LAUM,
France). First, the electrical impedance and the radiated pressure as a function of fre-
quency were measured for both speakers. Then, we measured the evolution of the harmon-
ics created on the current flowing through the coil and thus on the sound pressure, when
the loudspeaker is driven with a single tone whose amplitude increases in time. Finally, we
measured the inter-modulation distortion created on the current and the sound pressure
when the loudspeaker is excited with two or three simultaneous uncorrelated tones.

4.2 Loudspeakers presentation

The study has been performed on a mass-produced Faital 6.5 inch bi-cone automotive
loudspeaker. Two samples were used for the measurements, which are shown in Fig. 4.1.
The first one is the reference speaker, using a standard ferrite sintered magnet (Br = 0.4T )
and iron motor. This motor weigh around 200g. The second one is the same speaker model



4.2. LOUDSPEAKERS PRESENTATION

(a)

(b)

Figure 4.1: (a) Front view and (b) back view of the loudspeakers. Left: Standard speaker. Right:
Ironless speaker.

but with an ironless ferrite bonded magnet (Br = 0.24T ) motor, whose weight is only 20g.
The voice coil was modified in order to fit with the bonded magnet structure, but keeping
the same voice coil former diameter. The voice coil former is made of aluminium because
of thermal dissipation reasons that will be developed further. Cross sections of both
loudspeakers are presented in Fig. 4.2 and a more detailed view of both motors is shown
in Fig. 4.3.
Figure 4.4 shows the way the bonded magnet motor is magnetized and the double

coil winding rest position. The magnetization of the structure is done so that it is always
tangent to the outer edge except on the side facing the voice-coil, where it is perpendicular
to the edge. The magnetic field created by the motor is then concentrated on the voice-coil
path in order to avoid magnetic flux leakage and reduce the magnetic mass as much as
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Figure 4.2: Cross sections of (a) the bonded magnet motor loudspeaker prototype and of (b) the
standard reference loudspeaker (all dimensions are in mm).
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Figure 4.3: Close view of both motor structure cross sections (all dimensions are in mm).
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Figure 4.4: Cross section of the bonded magnet structure showing the shape of its magnetization.
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4.3. THERMAL CONSIDERATIONS

4.3 Thermal considerations

Even though iron presents a certain number of defects, it has at least one quality, which is
the thermal dissipation. On the contrary, bonded magnets are made of plastic and thus,
are very poor heat conductors. As a consequence, the heat created by the voice coil is
very badly dissipated, leading to a limitation of the maximum electrical power handling
of the loudspeaker. In order to compensate this lack of dissipation, the standard Kapton
voice coil former has been replaced by a aluminium one, on which the copper voice-coil is
wound. In addition, several holes have been pierced to increase the forced convection.
In order to compare the thermal resistance Rth of each speaker, we performed a set of
measurements. The measurement setup is presented in Fig. 4.5. The basket temperature
Tbask was measured with a thermocouple and a Onsoku OMT-205A voice coil temperature
meter was used to measure Tvc. All the results are given in Table 4.1.

Tamb

Tvc

Tbask

Figure 4.5: Setup used to measure the thermal resistance of both speakers. The ambient temperature,
Tamb, the basket temperature, Tbask and the voice coil temperature Tvc were measured.

These results clearly show the advantage of the standard ferrite motor with iron for
thermal dissipation. Considering standard automotive loudspeaker applications, the elec-
trical driving power is rather low (less than 15W RMS) and should then not be a problem.
But this thermal constraint could be a limitation for the use of bonded magnets in Hi-Fi
or public address systems.
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Bonded Magnet Motor

Elec Power 1 W 2 W
Tamb 23 ◦C 23 ◦C
Tbask 29 ◦C 42 ◦C
Tvc 40 ◦C 53 ◦C
Rth 17 ◦C/W 15 ◦C/W

Standard Ferrite Motor

Elec Power 1 W 2 W
Tamb 23 ◦C 23 ◦C
Tbask 25 ◦C 30 ◦C
Tvc 35 ◦C 47 ◦C
Rth 12 ◦C/W 12 ◦C/W

Table 4.1: Results of the thermal testing of both speakers.

4.4 Magnetic field measurement

This kind of bonded magnet loudspeaker motor is a new technology and manufacturing
techniques are not well developed yet. In order to validate the correct orientation of the
magnetic particles inside this one, a radial magnetic induction measurement was conducted
along its height, 0.6 mm away from its inner surface. The instrumentation used does not
permit us to go any closer to this surface because of its size and the small radius of
curvature of the motor. These measurement results are compared to the FEM simulation
in Fig. 4.6.
The measurement shows a good correlation with the FEM simulation even though the

simulation slightly underestimates the radial magnetic induction. However, we can be
quite confident in the calculation results relevance at other distances from the motor and
their concordance with the actual magnetic field created by the motor at the voice coil
position for instance.

4.5 Distortion: Theoretical Study

The reference loudspeaker model employed to describe the functioning of loudspeakers
uses the Thiele and Small parameters (lumped parameters) and leads to a linear and
stationary system of two differential equations:















Re · i(t) + Le
di(t)

dt
+ Bl dz(t)

dt
= u(t)

Mms
d2z(t)

dt2 + Rms
dz(t)

dt
+ Kms · z(t) = Bl · i(t)

(4.1)

where Re is the DC resistance of the voice coil, Le the inductance of the voice coil, Bl the
force factor, Mms the mechanical mass of the speaker diaphragm assembly including voice
coil and air load, Rms the mechanical resistance of the speaker suspension losses, Kms the
mechanical stiffness of the speaker suspension, u the voltage driving the speaker, i the
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Figure 4.6: FEM Simulation (dashed line) and measurement (solid line) of the radial component of the
magnetic field created by the bonded magnet motor along its height, 0.6 mm away from its inner surface.

driving current flowing through the coil and z the axial displacement of the voice coil.
However, it is known that loudspeakers are highly nonlinear devices and the dependence
of the force factor Bl on the displacement z(t) of the coil is among the major sources of
nonlinearities [49, 50]. Thus, variation of Bl versus displacement will produce two non-
linear terms in the differential equations. In both terms, time signals are multiplied. This
multiplication produces new spectral components in the output signal measured and heard
as harmonic and inter-modulation distortion. A symmetrical variation of Bl around the
rest position of the coil leads to odd-order distortions; an asymmetry leads to even-order
distortions [51].
Another great source of nonlinearities is the variation of the voice coil inductance. The
moving coil creates an alternating magnetic flux in the yoke pieces. The electrical con-
ductivity of the iron is high enough to let eddy currents appear in the iron of the motor.
Eddy currents have two causes: the current variations with time and the coil movements.
As a consequence, the inductance tend to diminish and the resistance to rise at high fre-
quencies.
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Another consequence is the creation of a reluctant force that can be expressed as [52]:

Fr =
1

2

dLe

dz
i2(t). (4.2)

This reluctant force creates a force distortion resulting directly in an audible acoustical
distortion. By removing the iron from the motor, these nonlinearities should be greatly
reduced.

4.6 Distortion: Numerical Study
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Figure 4.7: FEM Simulation of the radial component of the magnetic field created by the standard
motor (solid line) and the one created by the bonded magnet motor (dashed line) along the height of
both air gaps.

The radial component of the magnetic fields created in the air gap by both motors was
calculated using a finite element model. The results are plotted in Fig. 4.7.
The radial magnetic field maximum of the standard motor is about seven times higher
than the one of the bonded magnet motor, but the linear range is roughly about 3 mm
wide whereas the bonded magnet motor offers a uniform induction over a 4mm range. But
the real interest of the bonded magnet structure is the way it is used with the double coil
winding. The standard loudspeaker has a coil that is 4.8mm high while the prototype’s
voice coil is 2x2.8mm high. The coil wire diameter was adjusted in order to keep the same
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Figure 4.8: Force factors Bl calculated for the standard loudspeaker (solid line) and the prototype
loudspeaker (dashed line) over a ±4 mm voice coil displacement around its rest position.

DC resistance.
Knowing the height and rest position of each voice coil, and the radial magnetic field cre-
ated by each motor, the force factor of each loudspeaker has been calculated on a ±4mm
range around the rest position. The results of these calculations are presented in Fig. 4.8.
Once again, the maximum amplitude of the standard motor force factor is much higher
than with the bonded magnet motor, but it is as well highly nonlinear and asymmet-
rical around the rest position (z = 0 mm). On the contrary, the force factor of the
speaker equipped with the bonded magnet loudspeaker is almost flat over a 3mm range
(from z = −1.5mm to z = 1.5mm) and then starts to decrease, but not as quickly as
the standard loudspeaker. This major difference could be an explanation of the sound
quality enhancement, especially at low frequencies, where coil displacements are large,
and an important difference should be noticeable on the distortion measurements at low
frequencies.

4.7 Distortion: Experimental Study

For all the measurements, a Devialet D-Premier amplifier was used to supply the driving
voltage. This amplifier has a linear dynamic range higher than 100dB, which permits us
to drive the speaker with a perfectly linear voltage. The current was measured with a
470 mΩ N4L HF003 shunt resistance. The sound pressure level as a function of frequency
was measured in an anechoic chamber, the speaker being baffled.
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4.7.1 Electrical Impedance

The electrical impedance module and phase as a function of frequency of both speakers
are presented in Fig. 4.9. It was measured with a constant voltage of 0.4V over the whole
frequency range.
As expected, the DC resistance is the same for both speakers. However, two major
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Figure 4.9: Electrical impedance module (top) and phase (bottom) as a function of frequency of
the standard reference loudspeaker (solid line) and of the bonded magnet motor loudspeaker prototype
(dashed line).

differences can be noticed. First, the resonance peak hardly appears for the bonded
magnet loudspeaker because of the low force factor. Second, the impedance rise at high
frequencies is much smaller for the ironless motor loudspeaker. This can be explained by
the fact that we have an air core inductor on the bonded magnet motor, compared to the
iron core inductor of the standard motor.
At high frequencies, where the displacement of the coil is negligible, the impedance of the
loudspeaker can be expressed as:

Ze = Re + jωLe. (4.3)
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In order to validate the assumption of the eddy currents suppression in the ironless motor,
we plot the apparent resistance Re and inductance Le of the coil, corresponding directly to
the electrical impedance real part and imaginary part divided by ω [14]. A zoom between
1kHz and 20kHz is shown in Fig. 4.10.
The difference between both speakers is obvious on the apparent inductance Le. The
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Figure 4.10: Apparent resistance (top) and inductance (bottom) as a function of frequency of the
standard reference loudspeaker (solid line) and of the bonded magnet motor loudspeaker prototype using
a aluminium voice-coil former (dashed line).

standard speaker inductance is divided by two between 1kHz and 20kHz whereas for the
bonded magnet driver, it stays almost constant. As for the apparent resistance Re, the
rise is significantly smaller with the ironless motor. We assume that the small variation
of Re and Le on the bonded magnet motor loudspeaker is due to small eddy currents that
are created in the aluminium voice-coil former.
In order to validate this assumption, we take a loudspeaker with a kapton voice-coil former
and no motor, and measure its electrical impedance. With no surprise, since it comes down
to a simple air core inductor, Re and Le stay perfectly constant with frequency. Then, we
put a bonded magnet ring around the voice-coil, block its movements, and measure again
its electrical impedance. As we can see in Fig. 4.11, this does not change a thing either
on Re or on Le. Therefore, we can conclude that the variations of Re and Le measured
on the other loudspeaker were most probably due to the aluminium former.
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Figure 4.11: Apparent resistance (top) and inductance (bottom) as a function of frequency of the
voice-coil alone (solid line) and with the bonded magnet motor around it (dashed line), using a voice-coil
former made of kapton.

4.7.2 On-Axis Sound Pressure

The on-axis sound pressure level was measured for both baffled speakers in an anechoic
chamber, 1m away, driven by a 2V constant voltage (nominal impedance of both speakers
being 4Ω). The results of these measurements are shown in Fig. 4.12.
Two obvious differences can be discussed. First, the sensitivity of the bonded magnet

motor loudspeaker is significantly smaller. It does agree with the difference between the
calculated force factors (about 14dB) and with the fact that the moving part of the bonded
magnet motor loudspeaker is slightly heavier (about 3dB), due to its aluminium voice-
coil former. Second, the resonance peak is much more visible on the ironless loudspeaker
curve. Once again, this due to the lower force factor Bl of the ferrite bonded magnet
motor. Indeed, this Bl product, with B the radial induction flowing through the coil of
length l, determines not only the driving force Bl · i(t) for a given current i(t), but also

an electrical damping Bl · dz(t)
dt

= Bl · v(t) of the loudspeaker connected to an amplifier
with low impedance output.
In order to compare the spectral balance of both speakers, we add 17dB to the ironless
driver SPL and plot it in Fig. 4.13.
The ironless motor driver is a little bit more generous below 100Hz due to the low resonance
damping and to a 10Hz lower resonance frequency. The resonance shift is probably due to
the change of voice-coil former that is heavier than the original one, and also because of
the dispersion in suspension parts manufacture. Between, 100 and 700Hz, both speakers
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Figure 4.12: On-axis free field sound pressure level measured at 1m at 2V for the standard reference
loudspeaker (solid line) and the bonded magnet motor loudspeaker prototype (dashed line). Both speakers
were baffled.

responses are strictly identical. Then, approaching the first cone breakup mode (above
700Hz), the two pressure responses start to slightly differ, probably because of the different
voice-coil formers.
These measurements of the electrical impedance and sound pressure level as a function of
frequency give an indication about the ”linear” response of both loudspeakers and confirm
the suppression of eddy currents in the ironless motor but, as we expected, do not give
much informations about the perceived sound quality. In order to try to quantify the
latter, harmonic and inter-modulation distortion have to be measured.

4.7.3 Harmonic Distortion

This section shows the results of harmonic distortion measurements realized on both
speakers. The experimental setup is the same as the one used for previous measurements.
The speaker is excited by a series of tone burst whose amplitude increases step by step
from 0V to the maximum voltage. The harmonic distortion created on the voice-coil
current and on the sound pressure is then measured. For these experiment, the speakers
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Figure 4.13: On-axis free field sound pressure level measured at 1m at 2V for the standard reference
loudspeaker (solid line) and the bonded magnet motor loudspeaker prototype (dashed line) to which 17dB
have been added. Both speakers were baffled.

were installed on a block of foam on the floor (grid) of the anechoic chamber, pointing
upwards, without any baffle.
All the results are normalized to the maximum driving voltage and plotted in dB.

4.7.3.1 Low Frequency Harmonic Distortion

In order to try to highlight the harmonic distortion due to the force factor nonlinearity,
the first measurement is conducted at low frequencies, around the resonance frequency
(80Hz), in order to get large displacements of the coil. At this frequency, the efficiency
of the ferrite bonded magnet loudspeaker is about 10dB lower than the standard driver.
Therefore, it has been excited with a driving voltage 10dB higher in order to get the same
voice-coil displacement. The harmonic distortion created on the coil current is shown in
Fig. 4.14 and on the sound pressure in Fig. 4.15.

The harmonic distortion created on each voice-coil current is radically different. All
the harmonics generated on the ironless motor coil current are about 50dB lower than
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Figure 4.14: Harmonic distortion created on the voice-coil current for both speakers at 80 Hz. Funda-
mental (-.-), 2nd harmonic (circle), 3rd harmonic (triangle), 4th harmonic (cross), 5th harmonic (square),
6th harmonic (star)

on the standard one. The harmonic distortion measured on the sound pressure is also
much lower with the ironless loudspeaker (about 20dB for harmonics 2 and 3) but this
advantage is limited by the rather high noise floor of the measurement due to the lack of
baffle, inducing a quite low sound pressure level at this frequency.
These results are a good example of the gain brought by a more linear force factor and
an ironless motor, allowing us to get rid of the eddy currents produced by large coil
displacements.

4.7.3.2 High Frequency Harmonic Distortion

At high frequencies (above 1kHz), coil displacements are really small (less than 0.1mm)
which permits us to avoid nonlinearities due to the force factor. Thus, the distortion is
only, or at least mainly, created by the eddy currents and the reluctant force [14]. The
measurement of Re and Le at high frequencies showed that there were no eddy currents
remaining in the bonded magnet motor.
In this case, the distortion is related to the voice-coil current and not to its displacement.
At 8kHz, the impedance modulus of the standard speaker is 1.6 times higher than for
the ironless speaker. Thus, the voltage driving the bonded magnet speaker is 1.6 times
lower, in order to get the same current flowing through both voice-coils. The measurement
results are given in Fig. 4.16 for the coil current distortion and in Fig. 4.17 for the sound
pressure distortion.
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Figure 4.15: Harmonic distortion created on the sound pressure for both speakers at 80 Hz. Funda-
mental (-.-), 2nd harmonic (circle), 3rd harmonic (triangle), 4th harmonic (cross), 5th harmonic (square),
6th harmonic (star)

At this frequency, the ironless speaker is almost linear. The only harmonic remaining
(the second one) on the voice-coil current is 90dB below the fundamental. On the con-
trary, the standard speaker voice-coil shows a significant level of the harmonics 2 to 5,
with a predominance of the odd-order harmonics. Indeed, the third harmonic is bigger
than the second one, and the fifth is bigger than the fourth. This behavior is typical of
eddy currents.
The behavior is quite different on the sound pressure harmonic distortion. For the iron-
less speaker, the second harmonic rises up to -65dB. And for the standard driver, both
fourth and fifth harmonics have disappeared and the second has become bigger than the
third. This second harmonic could be due to a mechanical mode of the membrane.

The results of both high and low frequency harmonic distortion show a certain ad-
vantage in favor of the bonded magnet motor loudspeaker. This first step corroborates
the listeners opinions. In order to confirm this tendency and go further, inter-modulation
distortion measurements have been performed.

4.7.4 Inter-Modulation Distortion

It is known that the inter-modulation distortion components are more disturbing than the
harmonic components, as much in the signal generated by the loudspeaker [53, 54, 55] as
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Figure 4.16: Harmonic distortion created on the voice-coil current for both speakers at 8 kHz. Funda-
mental (-.-), 2nd harmonic (circle), 3rd harmonic (triangle), 4th harmonic (cross), 5th harmonic (square),
6th harmonic (star)

in the auditory electric signal created by the ear itself [56]. That is why it is important
to decrease these components as much as possible.
We first study the intermodulation due to iron losses but not force factor nonlinearity.
Thus, we choose frequencies that are high enough to avoid large coil displacements. All
the results are normalized to 0dB.

The first example, whose results are presented in Fig. 4.18 and in Fig. 4.19, uses two
uncorrelated tones, i.e. 863Hz and 3728Hz. The first measurement is realized with a
driving voltage of 1V per tone (Fig. 4.18) whereas the second one is done 15dB higher,
which gives 5.6V per tone (Fig. 4.19).
In the first case (1V), there is no distortion at all on the ironless motor voice-coil current
whereas the current of the standard speaker shows some peaks rising up to -50dB. When
the driving voltage goes up to 5.6V, the distortion peaks (harmonic and inter-modulation)
already present on the previous measurement for the standard speaker tend to get bigger
and new ones appear. Concerning the ironless loudspeaker, a little bit of harmonic and
inter-modulation distortion starts to emerge but the higher peak is -70dB below the two
driving tones.
The same experiment is done with three high frequency uncorrelated tones of equal ampli-
tude, 943Hz, 1519Hz and 2985Hz. Figure 4.20 shows the results of this experiment with
a driving voltage of 1V per tone and Figure 4.21 presents the results for 5.6V per tone,
for both speakers.
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Figure 4.17: Harmonic distortion created on the sound pressure for both speakers at 8 kHz. Funda-
mental (-.-), 2nd harmonic (circle), 3rd harmonic (triangle), 4th harmonic (cross), 5th harmonic (square),
6th harmonic (star)

The results are similar to the experiment with two tones. The standard loudspeaker
shows much more harmonic and inter-modulation distortions than the ironless speaker,
for both driving voltage amplitudes.
In order to evaluate the overall distortion, including force factor nonlinearity and iron
losses, a last measurement is conducted with a bass tone and two high frequency tones,
the three having the same amplitude. Because of the voice-coil displacement dependence
of the distortion, the standard speaker is driven at 1V per tone whereas the bonded magnet
driver is fed with 5.6V per tone, representing a 15dB difference. The results are given in
Fig. 4.22.
Once again, both types of distortion are much smaller on the bonded magnet motor

voice-coil current. The higher distortion for this one is the second harmonic of the bass
tone and is 60dB below the fundamental. On the contrary, the standard motor voice-coil
current shows a high level of harmonic and inter-modulation distortion with several peaks
reaching -30dB.
With a musical signal containing a multitude of simultaneous frequencies, this difference
between the two speakers should be more pronounced, always in favor of the bonded
magnet motor loudspeaker. This could, at least partly, explain the preference of the
listeners for the ironless loudspeaker.
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Figure 4.18: Inter-modulation distortion created on the voice-coil current for a two tone driving signal
of 863Hz and 3728Hz at 1V per tone for both speakers.
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Figure 4.19: Inter-modulation distortion created on the voice-coil current for a two tone driving signal
of 863Hz and 3728Hz at 5.6V per tone for both speakers.
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Figure 4.20: Inter-modulation distortion created on the voice-coil current for a three tone driving signal
of 943Hz, 1519Hz and 2985Hz at 1V per tone for both speakers.
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Figure 4.21: Inter-modulation distortion created on the voice-coil current for a three tone driving signal
of 943Hz, 1519Hz and 2985Hz at 5.6V per tone for both speakers.
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Figure 4.22: Inter-modulation distortion created on the voice-coil current for a three tone driving signal
of 64Hz, 1516Hz and 2992Hz at 1V per tone for the standard speaker and 5.6V for the bonded magnet
speaker (+15dB).

4.8 Conclusion

This chapter presents two automotive loudspeakers, one equipped with a traditional fer-
rite and iron motor and another one, on which an ironless bonded magnet motor was
mounted. Following a listening session that had shown a substantial advantage for the
ironless driver in terms of sound quality, a set of measurements were run in order to try
to quantify this sound quality enhancement. It appears that the two main reasons of this
distortion reduction are the linearization of the force factor, Bl, and the disappearance of
the reluctant force and of the eddy currents.
On the one hand, low frequency harmonic distortion measurements revealed the effect
of the force factor nonlinearities brought by the standard motor, compared to the more
linear bonded magnet motor force factor. On the other hand, harmonic distortion mea-
surements at high frequencies showed the interest of removing the iron from the motor.
Furthermore, inter-modulation distortion was measured with several driving signals for
both speakers, and the results speak for themselves. Once again, a significant advantage
can easily be seen for the ironless motor loudspeaker. All these measurement results are
good indicators of the sound quality enhancement, even though they are probably not the
only ones.

However, at least one point was in favor of the standard loudspeaker: the efficiency.
This can be explained by the fact that we tried to reduce the mass of the motor as
much as possible. Indeed, it was almost divided by ten, from 200g to 20g. The goal of

81



4.8. CONCLUSION

this study was to prove that we were able to manufacture this kind of bonded magnet
motor and that the expected theoretical sound quality enhancement would actually be
experimentally verified. Now that we have some concrete answers to these questions, new
prototypes allowing us to approach the standard speaker efficiency, but being lighter and
offering a much better linearity, will be made and tested.
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Conclusion

The aim of this PhD work was to explore one or several innovative loudspeaker tech-
nologies that could have an interest in automotive audio. The main lines of inquiry that
have been scouted were the weight reduction and the sound quality enhancement. These
optimizations have been explored keeping in mind cost efficiency and the potential to, one
day, be industrialized and put in a mass production car.

The study started from the sketch of a loudspeaker motor having a turning magneti-
zation, on a piece of paper on the first day. The whole idea behind this concept was to
design a loudspeaker motor without iron to focus the radial magnetic field on the voice-
coil. Such structures had already been invented for quite a few years but either had a
strong magnetic leakage flux [29, 30, 32, 37] or were almost impossible to fabricate [33],
considering automotive constraints. The only way to realize a leakage free ironless loud-
speaker motor, that could be produced at several million units per year and for a price
that is compatible with automotive standards, was by using bonded magnets. This idea
gave rise to a first patent [1] at the very beginning of the study, then followed by four
others during the three years [2, 3, 4, 5].

As we discussed in this thesis, the removal of iron in the motor and the use of bonded
magnets present two main advantages:

• Linearity: as previously studied and verified, the iron contained in a traditional
loudspeaker motor is a great source of non-linearities. Among them, the two most
important are the eddy currents and the variation of the voice-coil inductance with
regard to its position, frequency and current intensity. These two non-linearities
generate strong harmonic and intermodulation distortion (THD and IMD) that are
heard in the sound pressure radiated by the speaker. The different measurements
that we realized on our bonded magnet motor loudspeaker prototype confirmed
these facts. As shown within this study, the voice-coil resistance Re and inductance
Le both remain constant with an ironless bonded magnet motor, which indicates
the disappearance of eddy currents . The several distortion (THD and IMD) mea-
surements also gave a clear advantage to our prototype compared to a standard
loudspeaker motor containing iron. However, the iron suppression is most probably
not the only reason why our prototype shows less distortion. Indeed, as we also saw,
the force factor Bl provided by our motor is more linear than the one offered by the
other motor that we used for comparison. The scientific community agrees that the
non-uniformity of the force factor represents one of the greatest distortion sources
in a loudspeaker motor.
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• Weight: a traditional loudspeaker motor exhibits a strong magnetic flux leakage,
a remark also true for most of the ironless structures that we studied in this dis-
sertation. This means a diminution of the global intensity of the magnetic fields
created by these structures, which can become problematic when put too close to
other loudspeakers or any electronic device, as was the case with old cathode ray
tube (CRT) televisions or computer monitors. In other words, a part of the magnetic
mass does not create a magnetic field that contributes towards making the voice-coil
move. Following the work patented by Lemarquand et al. in 2006 [33], presenting
an ironless structure that concentrates the magnetic field on the voice-coil path,
and thus optimizes the necessary magnetic mass as much as possible, we developed
our bonded magnet motor that offers both advantages to be ironless and leakage
free, and solution to the manufacturing difficulties presented by the structure first
proposed by Lemarquand. Indeed, since bonded magnets are realized by injection
molding, it is much easier to realize complex shapes and especially complex orienta-
tions of the magnetic particles inside the magnet. With a view to mass production,
the efficiency of the manufacturing process is an essential point. This flexibility is a
big advantage towards weight optimization.

However, the structure we propose present as well two major drawbacks:

• Sensitivity: as seen in Chapter 4, the sensitivity achieved by the loudspeaker equipped
with the bonded magnet motor is much lower than the traditional loudspeaker
(17dB). Two reasons can explain this big difference: there is no iron to concen-
trate the magnetic field and increase its value in the air gap, and the remanent
magnetizations that are reachable with bonded magnets are slightly smaller than
with standard sintered magnets, since part of the material is plastic. The bonded
ferrite powder used for the prototype had a remanent magnetization of 0.24T , and
the best bonded ferrite powder that can be found on the market hardly reach 0.28
or 0.3T , whereas sintered ferrite powder can reach 0.4T or more. One way of opti-
mizing the sensitivity of the motor is to add an inner magnet. The first prototype
only had an annular magnet outside the voice-coil. However, by putting the sym-
metrical structure inside the voice-coil, it is possible to multiply by almost 2 the
magnetic induction seen by the voice-coil, which corresponds to a 6dB gain. An-
other optimization, that is both compatible and augmentative with the first one,
is to use neodymium (NdFeB) bonded magnets instead of ferrite. The remanent
magnetization offered by neodymium bonded magnets can reach between 0.7T and
0.95T . For instance, 0.85T compared to 0.24T represents a 11dB gain. Combining
both optimizations, it is thus possible to increase the sensitivity of the prototype by
17dB, which equals the standard loudspeaker, with a motor that creates much less
distortion and that is still at least half the weight. Obviously, these optimizations
have a certain cost that car manufacturers are not necessarily ready to pay.

• Heat dissipation: the iron contained in classical loudspeaker motors facilitates dis-
sipation of the heat created by the electrical current flowing through the voice-coil.
In the case of the prototype, the plastic present in the bonded magnet motor creates
a thermal barrier between the magnetic particles, preventing the heat from being
dissipated in the mass of the motor, as the thermal conductivity of plastic is close to
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zero. One way to optimize the thermal dissipation, as shown in the prototype, is to
use an aluminum voice-coil former, which ameliorates the thermal resistance of the
speaker. However, this solution presents two disadvantages: aluminum is heavier
than the kapton that is traditionally used for voice-coil formers and thus decreases
the sensitivity, and as measured on the prototype, it brings back some eddy currents
at high frequencies. Nevertheless, as Merit showed in his PhD [14], the eddy cur-
rents created in aluminum are not a source of distortion since this material presents
a linear magnetic behavior.
This thermal restriction limits the use of this kind of motors to low power loud-
speakers, which is consistent with automotive needs but prevent the extension of
this technology to HiFi or even more, professional loudspeakers. Since what we are
interested in is usually the maximum SPL, it is crucial to reach a high sensitivity in
order to limit the intensity of the driving current.

At the end of this three years work, we developped a structure based on the ellipsoidal
bonded magnet motor structure but that is not ironless anymore [5]. Indeed, we kept the
magnet ring inside the voice-coil and put an iron ring outside the coil in order to shorten
the magnetic path and thus increase the magnetic induction seen by the voice-coil in the
air gap. Thanks to this structure, the heat dissipation is improved because of the presence
of iron near the voice-coil. This structure is presented in Fig. 4.24.
This solution obviously does not offer the same benefits in terms of distortion as the

voice-coil

z

revolution

axis

cone diaphragm

voice-coil

former

iron ring

Figure 4.23: Cross section of the bonded magnet and iron ring structure.

ironless motor but could be a good compromise for automotive mass production regarding
the price and the total weight of the motor. Concerning the distortions, the force factor
linearity should not be affected but eddy currents and the reluctant force will appear
again. New prototypes that will be soon available will permit to test this solution.
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Conclusion

Le but de cette thèse était d’explorer une ou plusieurs technologies innovantes de haut-
parleur pouvant avoir un intérêt pour l’audio automobile. Les axes de recherche qui ont
été approfondis sont la réduction du poids et l’amélioration de la qualité sonore. Ces
optimisations ont été étudiées en gardant à l’esprit les contraintes de coût et le potentiel
d’être, un jour, industrialisé et intégré dans un véhicule de série.

L’étude commença, le premier jour de la thèse, par le dessin sur un bout de papier
d’un moteur de haut-parleur ayant une aimantation tournante. L’idée de ce concept était
de développer un moteur de haut-parleur sans fer capable de concentrer directement le
champ magnétique radial sur la bobine. De telles structures avaient déjà été inventées
depuis quelques années mais soit avaient un fort champ de fuite magnétique [29, 30, 32, 37]
soit étaient quasiment impossible à fabriquer [33], compte tenu des contraintes du milieu
automobile. La seule manière d’arriver à réaliser un moteur de haut-parleur sans fer et
sans fuite, et pouvant être produit à plusieurs millions d’unités par an pour un prix com-
patible avec les standards de l’automobile, était d’utiliser des aimants liés. Cette idée
déboucha sur un premier brevet [1] au tout début de l’étude, suivi par quatre autres pen-
dant les trois années de mes travaux de recherche [2, 3, 4, 5].

Comme discuté dans ce mémoire de thèse, la suppression du fer dans le moteur et
l’utilisation d’aimants liés présentent deux avantages principaux :

• La linéarité : comme étudié et vérifié précédemment, le fer contenu dans un moteur
de haut-parleur traditionnel est une source importante de non-linéarités. Parmi elles,
les deux principales sont les courantes de Foucault et la variation de l’inductance
de la bobine avec sa position, la fréquence et l’intensité du courant. Ces deux non-
linéarités génèrent de fortes distorsions harmonique et d’intermodulation (THD et
IMD) qui sont audibles dans le son rayonné par le haut-parleur. Les différentes
mesures réalisées sur notre prototype de haut-parleur équipé du moteur en aimant
lié ont permis de confirmer ces affirmations. Comme montré dans cette étude, la
résistance Re et l’inductance Le de la bobine restent toutes les deux constantes
avec un moteur sans fer en aimant lié, indiquant la disparition des courants de
Foucault. Les différentes mesures de distorsion (THD et IMD) ont également donné
un net avantage à notre prototype comparé au moteur de haut-parleur standard
contenant du fer. Cependant, la suppression du fer n’est certainement pas la seule
et unique raison pour laquelle il montre moins de distorsion. En effet, nous avons
également vu que le facteur de force Bl fournit par notre moteur offre une plage
de linéarité plus importante que celle proposée par l’autre moteur que nous avons
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utilisé en comparaison. La communauté scientifique est d’accord sur le fait que la
non-uniformité du facteur de force représente une des plus importantes sources de
distorsion dans un moteur de haut-parleur.

• Le poids : un moteur de haut-parleur traditionnel présente un fort champ de fuite
magnétique, remarque qui s’applique également à la plupart des structures sans fer
étudiées dans ce mémoire. Ce champ de fuite implique une diminution de l’intensité
globale des champs magnétiques créés par ces structures, et peut devenir un prob-
lème dans le cas où le moteur est placé trop près d’autres haut-parleurs ou de toute
autre équipement électronique, comme cela pouvait être le cas avec les télévisions ou
écrans d’ordinateurs à tube cathodique. En d’autres termes, une partie de la masse
magnétique ne crée pas de champ magnétique contribuant à faire bouger la bobine
mobile. A la suite du travail breveté par Lemarquand et al. en 2006 [33], présentant
une structure sans fer qui concentre le champ magnétique sur le trajet de la bobine,
et ainsi optimise la masse magnétique nécessaire autant que possible, nous avons
développé un moteur en aimant lié offrant les deux avantages d’être sans fer et sans
fuite, et remédiant aux difficultés de fabrication rencontrées par les premières struc-
tures proposées par Lemarquand. En effet, étant donné que les aimants liés sont
réalisés par injection, il est beaucoup plus facile d’obtenir des formes complexes ainsi
que des orientations complexes des particules magnétiques à l’intérieur de l’aimant.
Sans perdre de vue la production de masse, l’efficacité du process de fabrication est
un point essentiel. Cette flexibilité est un avantage pour l’optimisation du poids.

Cependant, la structure que nous proposons présente également deux défauts majeurs :

• La sensibilité : comme montré dans le Chapitre 4, la sensibilité obtenue par le haut-
parleur équipé du moteur en aimant lié est sensiblement plus faible que celle du
haut-parleur traditionnel (17dB). Deux raisons peuvent expliquer cette différence
importante : il n’y a pas de fer pour concentrer le champ magnétique et ainsi
augmenter sa valeur dans l’entrefer, et l’aimantation rémanente qu’il est possible
d’obtenir avec un aimant lié est légèrement plus faible qu’avec un aimant fritté,
étant donné qu’une partie de la matière est du plastique. La poudre de l’aimant lié
utilisé pour le prototype avait une aimantation rémanente de 0, 24T , et les meilleures
poudres de plasto-ferrite que l’on peut trouver sur le marché atteignent péniblement
0, 3T , alors que les poudres d’aimants frittés peut aller jusqu’à 0, 4T ou parfois
légèrement plus. Une manière d’optimiser la sensibilité du moteur est d’ajouter un
aimant à l’intérieur du support de bobine. Le premier prototype avait uniquement
un aimant annulaire à l’extérieur de la bobine. Cependant, en plaçant la structure
symétrique à l’intérieur de la bobine, il est possible de multiplier par presque 2 le
champ magnétique vu par la bobine, ce qui correspond à un gain de 6dB. Une
autre optimisation, qui est à la fois compatible et cumulative avec la première, est
d’utiliser des aimants liés en néodyme (NdFeB) à la place de la ferrite. L’aimantation
rémanente offerte par ce type d’aimants peut atteindre entre 0, 7T et 0, 95T . Par
exemple, 0, 85T comparé à 0, 24T représente un gain de 11dB. En combinant ces
deux optimisations, il est donc possible d’augmenter la sensibilité du prototype
de 17dB, permettant ainsi d’atteindre les mêmes performances que le haut-parleur
standard, avec un moteur créant nettement moins de distorsion et qui pèse au moins
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deux fois moins lourd. Bien évidemment, ces optimisations ont un certain coût que
les constructeurs automobiles ne sont pas forcément prêts à payer.

• La dissipation thermique : Le fer contenu dans les moteurs de haut-parleurs clas-
siques facilite la dissipation de la chaleur créée par le courant électrique circulant
dans la bobine. Dans le cas du prototype, le plastique présent dans l’aimant lié crée
un isolant thermique entre les particules magnétiques, empêchant la chaleur de se
dissiper dans la masse du moteur, étant donné que la conductivité thermique du
plastique est quasiment nulle. Une manière d’optimiser la dissipation thermique,
comme réalisé sur le prototype, est d’utiliser un support de bobine en aluminium,
qui permet d’améliorer la résistance thermique du haut-parleur. Cependant, cette
solution présente deux inconvénients : l’aluminium, plus lourd que le kapton tra-
ditionnellement utilisé pour les supports de bobine, diminue ainsi la sensibilité, et
comme mesuré sur le prototype, cela génère des courants de Foucault à hautes
fréquences. Néanmoins, comme montré par Merit dans sa thèse de doctorat [14], les
courants de Foucault créés dans l’aluminium ne sont pas source de distorsion étant
donné que ce matériau présent un comportement magnétique linéaire.
Cette restriction thermique limite l’utilisation de ce type de moteurs à des haut-
parleurs de faible puissance, ce qui est cohérent avec les besoins de l’automobile
mais empêche une extension de cette technologie à la HiFi ou d’autant plus, aux
haut-parleurs professionnels.

A la fin de ce travail de trois ans, nous avons développé une structure basée sur la
structure du moteur ellipsöıdal en aimant lié mais qui n’est plus sans fer [5]. En effet,
nous avons gardé l’aimant annulaire à l’intérieur de la bobine et placé un anneau de fer à
l’extérieur afin de raccourcir le chemin magnétique et ainsi d’augmenter le champ magné-
tique vu par la bobine dans l’entrefer. Grâce à cette structure, la dissipation thermique est
améliorée du fait de la présence de fer à côté de la bobine. Cette structure est représentée
sur la Figure 4.24.

voice-coil

z

revolution

axis

cone diaphragm

voice-coil

former

iron ring

Figure 4.24: Cross section of the bonded magnet and iron ring structure.

Cette solution n’offre évidemment pas les mêmes bénéfices que le moteur sans fer en
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terme de distorsion, mais pourrait être un bon compromis pour la production de masse
automobile, en ce qui concerne le prix et la masse totale du moteur. Concernant la
distorsion, la linéarité du facteur de force ne devrait pas être affectée mais des courants de
Foucault et une force de réluctance vont apparâıtre à nouveau. De nouveaux prototypes
bientôt disponibles devraient permettrent de tester cette solution.
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[10] M. Rossi, Traité d’électricité, Vol. XXI: Electroacoustique. Presses Polytechniques
Romandes, 1986.

[11] R. P. Olenik, T. M. Apostol, and D. L. Goodstein, Beyond the Mechanical Universe:

from Electricity to Modern Physics. Cambridge University Press, 1986.

[12] J. C. Maxwell, On physical lines of force. Philosophical Magazine, 1861.

[13] J. C. Maxwell, “A dynamical theory of the electromagnetic field,” Phylosophical

Transactions of the Royal Society of London, vol. 155, pp. 459–512, 1865.

91



BIBLIOGRAPHY
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mes Sciences, 1997.

[40] H. L. Rakotoarison, J. P. Yonnet, and B. Delinchant, “Using coulombian approach
for modelling scalar potential and magnetic field of a permanent magnet with radial
polarization,” IEEE Trans. Magn., vol. 43, pp. 1261–1264, April 2007.

[41] E. P. Furlani, S. Reznik, and A. Kroll, “A three-dimensonal field solution for radially
polarized cylinders,” IEEE Trans. Magn., vol. 31, pp. 844–851, Jan. 1995.

[42] J. P. Yonnet, Rare-earth Iron Permanent Magnets, ch. Magnetomechanical devices.
Oxford science publications, 1996.

[43] E. P. Furlani, “Field analysis and optimization of ndfeb axial field permanent magnet
motors,” IEEE Trans. Magn., vol. 33, pp. 3883–3885, Sept 1997.

[44] Y.Zhilichev, “Calculation of magnetic field of tubular permanent magnet assemblies
in cylindrical bipolar coordinates,” IEEE Trans. Magn., vol. 43, pp. 3189–3195, July
2007.

[45] R. Ravaud, G. Lemarquand, V. Lemarquand, and C. Depollier, “Discussion about the
analytical calculation of the magnetic field created by permanent magnets,”Progress
In Electromagnetics Research B, vol. 11, pp. 281–297, 2009.

[46] G. Lemarquand, “Ironless loudspeakers,” IEEE Transactions on Magnetics, vol. 43,
pp. 3371–3374, August 2007.

[47] Z. Jibin, Z. Jiming, and H. Jianhui, “Design and pressure control of high-pressure
differential magnetic fluid seals,” IEEE Trans. Magn., vol. 39, pp. 2651 – 2653, Sept
2003.

[48] M.Remy, G. Lemarquand, B. Castagnede, and G. Guyader, “Ironless and leakage free
voice-coil motor made of bonded magnets,” IEEE Trans. Magn., vol. 44, pp. 4289–
4292, November 2008.

93



BIBLIOGRAPHY

[49] B. Merit, V. Lemarquand, G. Lemarquand, and A. Dobrucki, “Motor nonlinearities
in electrodynamic loudspeakers: Modelling and measurement,”Archives of Acoustics,
vol. 34, no. 4, pp. 579–590, 2009.

[50] B. Merit, G. Lemarquand, and V. Lemarquand, “Performances and design of ironless
loudspeaker motor structures,”Applied Acoustics, vol. 71, pp. 546–555, January 2010.

[51] W. Klippel, “Prediction of speaker performance at high amplitudes,” Presented at
the AES 111th Convention, New York, USA, December 2001.

[52] W. Cunningham, “Nonlinear distortion in dynamic loudspeakers due to magnetic
effects,” JASA, vol. 21, pp. 202–207, May 1949.

[53] E. Czerwinski, A. Voishvillo, S. Alexandrov, and A. Terekhov, “Multitone testing
of sound system components - some results and conclusions. part 1 : history and
theory,” J. Audio Eng. Soc., vol. 49, pp. 1011–1048, November 2001.

[54] A. Voishvillo, A. Terekhov, E. Czerwinski, and S. Alexandrov, “Graphing, interpre-
tation and comparison of results of loudspeaker nonlinear distortion measurements,”
J. Audio Eng. Soc., vol. 52, pp. 332–357, April 2004.

[55] W. Klippel, “Assessment of voice-coil peak displacement x-max,” J. Audio Eng. Soc.,
vol. 51, pp. 307–323, May 2003.

[56] M. Abuelma’atti, “Prediction of the two-tone suppression and intermodulation per-
formance of auditory systems,” Applied Acoustics, vol. 67, pp. 882–891, September
2006.

94



Appendix A

Bonded Magnet Motor Modeling

A.1 Coordinates of each surface

The origin of the coordinate system in which is defined the cross section of the discretized
structure is placed in (x0, z0). The coordinates of all eight points defining the surfaces
extremities between each magnet are expressed as a function of b, h and θ.
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A.2. SURFACE CHARGE DENSITIES

A.2 Surface charge densities
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Moteur de Haut-parleur Sans Fer Innovant
Adapté à l’Audio Automobile
Thèse de Doctorat en Acoustique, Université du Maine, Le Mans, France, 2011

Ce travail de thèse (CIFRE, Renault) porte sur la conception, le développement et la pré-industrialisation
d’un nouveau type de moteur de haut-parleur sans fer utilisant des plasto-aimants, permettant à la fois
de réduire très nettement la distorsion due au moteur, ainsi que d’alléger le haut-parleur grâce à une
optimisation de la masse magnétique utile. Cette structure a donné lieu à cinq brevets déposés par
Renault et le LAUM.
La première partie est consacrée à un rappel sur le fonctionnement du haut-parleur, sa modélisation, les
différentes non-linéarités qui lui sont propres et leur impact sur la pression acoustique rayonnée par celui-
ci, afin de mieux comprendre les enjeux de la réduction de ces imperfections, et plus particulièrement
celles liées au moteur du haut-parleur. L’accent est mis sur la suppression du fer dans le moteur qui
représente une des principales sources de distorsion de la transduction électro-mécanique. Un historique
des différentes structures de moteurs de haut-parleur sans fer réalisées en aimants frittés existant à ce
jour est alors présenté.
La seconde partie présente ensuite une nouvelle structure de moteur de haut-parleur tout aimant réalisée
en plasto-aimant. Cette matière permet de réaliser par injection, des aimants de formes très variées
et surtout, possédant des profils d’aimantation nettement plus complexes que ceux qu’il est possible
d’obtenir avec des aimants traditionnels frittés. Une étude théorique complète de cette nouvelle structure
est alors proposée, puis agrémentée d’un certain nombre de mesures réalisées sur un prototype et sur le
haut-parleur équipé du moteur standard afin de vérifier les attentes théoriques et de pouvoir quantifier
les avantages et les inconvénients de ce nouveau type de moteur. Ce prototype a été réalisé sur la base
d’un haut-parleur automobile standard sur lequel le moteur a été changé. Les prototypes ont été réalisés
par des sous-traitants automobiles (Paulstra/Hutchinson et Faital S.p.A.) dans des conditions telles que
ces haut-parleurs soient industrialisables. Ce travail de thèse sert d’outil aux personnes en charge du
développement de cette technologie en vue d’une éventuelle industrialisation et d’une mise en série sur
véhicule.

Innovative Ironless Loudspeaker Motor
Adapted to Automotive Audio
PhD Thesis in Acoustics, Université du Maine, Le Mans, France, 2011

This PhD work (CIFRE, Renault) deals with the conception, development and pre-industrialization of a
new kind of ironless loudspeaker motor using bonded magnets, allowing to highly reduct the distortion
due to the motor, as well as making the loudspeaker lighter thanks to an optimization of the useful
magnetic mass. This structure led to the filing of five patents by Renault and the LAUM.
The first part is dedicated to remind the reader the general laws that describe the functioning of a
loudspeaker: how it is modelized, the different intrinsic non-linearities and their impact on the radiated
acoustic pressure. This is done in order to understand the stakes of reducing these imperfections, and
more particularly those directly linked to the loudspeaker motor. In addition, a history of the different
ironless motor structures realized in sintered magnets known today is presented.
The second part presents a new ironless structure made of a bonded magnet that we developed during
these three years. The use of this material, that is fabricated by injection molding, allows to realize a great
variety of magnet physical shapes and complex magnetization shapes. A complete theoretical study of
this new structure, presenting the magnetic model and the design of the motor, is proposed and completed
with several measurements realized on a prototype and on the standard loudspeaker in order to verify the
theoretical expectations, with regard to harmonic and intermodulation distortion reduction, and quantify
the advantages and disadvantages of this new kind of motor. This prototype was based on the design of
a standard automotive loudspeaker on which the motor was replaced by a bonded magnet motor. The
motor was fabricated by Paulstra/Hutchinson and then assembled on the loudspeaker by Faital S.p.A.,
both of whom are certified automotive suppliers. The methods used to realize this prototype could be
directly derivated for mass production. This PhD work is used by the people in charge of the development
of this technology with a view to a potential industrialization for mass market.
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A voice-coil transducer includes two radially concentric 
magnets, a voice-coil located in the gap between the ilmer and 
outer magnets, and a diaphragm coupled to the voice·coil. An 
audio loudspeaker includes the voice-coil transducer with 
two radially concentric magnets, a voice·coil located within 
the gap between the inner and outer magnets, a diaphragm 
coupled to the voice-coil ill order to create sowlds from the 
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CONCENTRIC RADIAL RING MOTOR 

BACKGROUND OF THE INVENTION 

2 
voice-coil or winding. The prest:nce of ferromagnetic mate
rial may also contribute to an increased production of heat. 

The problems produced by heat generation are further 
compollllded by temperature-induced resistrulce, commonly 

1. Technical Field 

1llis invention relates to audio transducers. More particu
larly, this invention relates to lightweight, audio transducers. 

2. Related Art 

5 referred to as power compression. As the temperature of the 
voice-coil increases, the DC resistance of copper or ahuui
mun conductors or wires used in the voice-coil also increases. 
For example, a copper wire voice-coil that has a resistance of 

Electrodynamic loudspeakers include a diaphragm con
nected to a voice-coil. 'nle voice-coil is positioned in an air 10 

gap between the poles of a magnet. The magnets produce 
magnetic flux in the air gap. These magnets are typ ical ly 
permanent magnets and are used in a magnetic circuit of 
ferromagnetic material to direct the flux produced by the 
permanent magnet into the air gap. 15 

The voice-coil is placed in the air gap with its conductors 
wowld substantially cylindrically so as to be placed perpen
dicular to the main compone nt ofthe magnetic flux in the air 
gap. The coil is then connected mechanically to a loudspeaker 20 
djaphragm that is driven or vibrated by the axial motion of the 
voice-coil produced by the Illotor force on the voice-coil 
when it is connected to an audio amplifier. The coil is referred 
to the "voice" coil because, in loudspeakers or similar elec
tromechanical transducers, the frequency range of interest is 

25 in the extended range of the human voice. 
The voice-coil is nonnally connected to an audio amplifier 

of some type that produces a current in the voice-coil that is a 
function of the electrical signal to be transfonned by the 
loudspeaker into an audible, sub-audible or ultrasonic pres- 30 
sure variation. The voice-coil is intended to carry a current in 
a direction that is substantially perpendicular to the direction 
of the lines of magnetic flux produced by the permanent 
magnet. The magnetic stmcture is often arrangt:d to provide 
cylindrical symmetry with an annular air gap in which the 35 
magnet flux lines are directed radially with respect to the axis 
of cylindrical symmetry of the loudspeaker. 

Pemlanent-magnet electro-dynamic loudspeakers employ 
a diaphragm that is vibrated by an electromechanical drive. 
The drive generally includes a motor structllre comprised of 40 
one or more magnets plus ferrous material, and a voice-coil 
with an electrical signal passed through the voice-coil. The 
interaction between the current passing through the voice
coil and the magnetic field product,'(\ by the permanent mag-
net causes the voice-coil to oscillate in accordance with the 45 
electrical signal and. in turn, drives the diaphragm ruld pro
duces sound. 

six ohms at room temperature has a resistance of twelve ohms 
at 270 degree C. (520 degree F.) At higher temperatures, 
power input is converted mostly into additional heat ratller 
than sound, thereby seriously reducing loudspeaker effi
ciency. 

Thus, heat production is a major detenuinrull of loud
speaker maximum sound pressure output. Thus, devices may 
be limited in tlleir maximum sound pressure because of the 
heat they generate. In a typical single voice-coil design using 
a ceramic magnet, the loudspeaker is very large and a heat 
sink is usually not employed. As such, because the driver must 
not overheat, the maximum allowable temperature limits the 
input power capacity of the loudspeaker. A common approach 
in the design of high power professional loudspeakers con
sists of simply making the motor structure large en ough to 
dissipate the heat generated in the voice-coil. Producing a 
high power loudspeaker in this way results in a very large ruld 
heavy loudspeaker widl a large motor stmctllre. These large 
and heavy loudspeakers may not be feasible for use in vehicu
lar applications due to weight and space limitations. 

'I1ms, there is a need for loudspeaker systems that dissipate 
the heat generated by the voice-coil, thus, improving effi
ciency and producing greater power output. It may also be 
desirable to have a magnetic field system that is constrult in a 
region and drops to a low value outside the region. 'I1lerefore, 
a net'(\ exists tor a magnetic field system that can produce a 
desired magnetic field distribution without the use of any 
ferrous pole material. 

SUMMARY 

Ibis invention provides a voice-coil transducer, which may 
iuclude two radially concentric aud radially polarized mag
nets, one magnet contained within the other. A voice-coil may 
be located within the gap between the inner and outer annular
shaped magnets. The voice-coil may be coupled to a dia
phragm tor generating sound through a loudspeaker. 

An audio loudspeaker, which may include two radially 
concentric lmd radially polarized magnets, oue magnet con
tained within the other also is provided A voice-coil including 
a foruler and windings may be located within the gap between 

In loudspeaker magnet systems, ferrous pole material is 
employed to create the gap and to guide the magnetic field, 
i.e., create the magnetic circuit. An axially magnetized mag
net is positioned in a ferrous cy tinder so that one pole of the 
magnet is ill contact with bottom oftbe cy Iinder. The dianleter 
of the magnet is less tllrul that of tile cylinder such that tllere 

50 the ilUler and outer annular-shaped magnets. The voice-coil 
may be coupled to a diaphragm for generating sound through 
a loudspeaker. The magnets, voice-coil, and diaphragm may 
be supported by a chassis which may also serve as a heat sink 

is created an annular gap between the lateral sides of the 
magnet ruld interior walls of the cylinder. A second ferrous 55 
material, such as a disk that is roughly tile same diruneter as 
the magnet, is placed on top of the magnet so as to be in 
contact with the opposing pole of tile magnet. The cylinder 
focuses tile magnetic flux from the magnetic pole with which 

for the magnets. 
The application presents an audio loudspeaker, which may 

include two radially concentric and radially polarized mag
nets, one magnet contained within the other. Altematively, a 
lllunber of voice-coils composed of a foruler and windings 
may be located witllin tile gaps fomled by the annular-shaped 

it is in contact and disk. One or multiple axially magnetized 
magnets may be included in such systems. 

These ferrous materials may contribute a significant por
tion of the total Ulass of the system. Ferrous systems also Ulay 
increase voice-coil inductance. Thus, as frequency increases, 
voice-coil inductance increases, resulting in reduced speaker 
output. Further, in operation, the resistance of the conductive 
material of the voice-coil causes the production of heat in the 

60 magnets, such as witllin the ilUler diameter of the inner mag
net, or outside of the outer diameter orthe outer magnet. Ibe 
voice-coils may be coupled to a diaphragnl for generating 
sound through a loudspeaker. The magnets, voice-coils, ruld 
diaphragm may be supported by a chassis which also serves 

65 as a heat sink for the magnets. 
Other systems, methods, features and advantages of the 

invention will be, orwill become, apparent to one with skill in 
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the art upon examination ofthe following figures and detailed 
description. It is intended that all such additional systems, 
methods, features and advantages be included within tbis 
description, be within the scope of the invention, and be 
protected by the following claims. 

BRIEF DESCRIPTION OF THE DRAWINGS 

4 
are positioned in a gap 232 between the interior edge 226 of 
the central hole 224 of outer magnet 222 and the outer edge 
228 of inner magnet 220. 111e gap 232 may be from lUllI1 to 
10 mm in width. In one example, the gap may be from about 

5 1.5 nun to about 5 mm in width. The outer diameter of the 
outer magnet 222 may be between about 25 cm and about 450 
cm. In addition, the gap between illller magnet 220 and outer 
magnet 222 may be filled with a magnetic solution, such as a 

TIle invention can be better wlderstood with reference to 
the following drawings and description. The components in 10 
the figures are not necessarily to scale, emphasis instead 
being placed upon illustrating the principles of the invention. 
Moreover, in the figures, like referenced numerals designate 
corresponding parts throughout the diiTerent views. 

colloidal solution of oil and magnetic particles. 
Alternatively, multiple voice-coils may be used with the 

concentric magnet design. For example the loudspeaker may 
comprise a double voice-coil transducer as depicted in FIG. 5, 
where there is one voice-coil 505 located within the inner 
diameter of the inner magnet 520 along the axis of symmetry 

FIG. 1 is a cross-sectional view of a radial concentric 
magnet system for an audio loudspeaker. 

FIG. 2 is a top-down view of the radial concentric magnets 
including a voice-coil. 

FIG. 3 is the view of FIG. 2 with a c ut-line indicating a 
cross-sectional view. 

FIG. 4 is a cross-sectional view of FIG. 3 indicating the 
magnetic flux. 

FIG. 5 is an audio loudspeaker with a double voice-coil 
design. 

FIG. 6 is an audio loudspeaker with a triple voice-coil 
design. 

FIG. 7 is a dual radial magnet design with a ferrous retllfn 
path. 

FIG. 8 is a chart comparing the performance of ring motor 
designs. 

DETAILED DESCRIPTION OF THE PREFERRED 
EMBODIMENTS 

FIG. 1 is a cross-sectional diagram of a loudspeaker. The 
loudspeaker 100 includes a loudspeaker diaphragm 102, a 
dome 104 a voice-coil 106, and magnet system 108. The 
voice-coil 106 includes former 110 and windings 112. The 
voice-coil windings 112 are WOlllld cylindrically around 
former 110. The loud<;peaker diaphragm 102 is held within a 
chassis 114 by a suspension system provided by surround 116 
and spider 118. Magnet system 108 may include two gener
ally circular or allllular-shaped ring magnets arranged con
centrically with regard to each other. The loudspeaker may be 
cylindrically symmetric about the axis ofs Yllunetry 180. 

As shown in FIG. 2, inner magnet 220 may be positioned 
within the interior of the fonner 210 and outer magnet 222 
may be positioned exterior of the fonner 210 to fonn two 
concentric rings. Outer magnet 222 may be configured and 
adapted to at least partially encircle voice-coil fonner 2.10, 
voice-coil 206, and inner magnet 220. Thus, outer magnet 222 
may be a disk or annular-shaped ring having a central hole 
224. Inner magnet 220 may be configured to fit within the 
central hole 224 of outer magnet 222 and also may be disk or 
ring shaped. For example, outer magnet 222 and inner magnet 
220 may be positioned as two concentric rings as shown in 
FIG. 2. 1be concentric design of the inner and outer magnets 
(220 and 222) increases the strength of the magnetic field in 
the vicinity of the voice-coil 206 approximately by a factor of 
two over a single magnet design, which results in higher 
output by the loudspeaker. 

TIle interior edge 226 of the central hole 224 of outer 
magnet 222 may be positioned in close, but non-contacting 
proximity to the voice-coil 206 and voice-coil fonner 210. 
The outer edge 228 ofilUler magnet 220 may be positioned ill 
close, but non-contacting, proximity to the interior surface 
230 offonner 210. In this way, voice-coil 206 and fonner 210 

15 of the inner magnet 520, and a second voice-coil 506 located 
in the gap between the itmer and outer magnets (520 and 522), 
as described earlier. The system may also include a triple 
voice-coil transducer as depicted in FIG. 6, where there are 
two voice-coils (605 and 606) located as in the double voice-

20 coil transducer depicted in FIG. 5, along with a third voice
coil 607 located outside the outer magnet 622, where the 
concentric magnet system is wholly contained within the 
diameter of the third voice-coil 607. 

FIG. 4 depicts tlte cross-section of the inner and outer 
25 magnets (420 and 422) as represented by the cut-line A-A in 

FIG. 3. Inner magnet 420 and outer magnet 422 may be 
radially magnetized such that the interior edge 426 of outer 
magnet 422 and the interior edge 434 of inner magnet 420 
may be of one polarity and the outer edges 428 and 436 are of 

30 the opposite polarity to the inner edges. In this way, when 
illller magnet 420 is positioned within central hole 424 of 
outer magnet 422, the polarity of the outer edge 428 of ilmer 
magnet 420 is of the opposite polarity of the inner edge 426 of 
the outer magnet 422 as shown in FIG. 4. The inner and outer 

35 magnets (420 and 422) may be made of neodymium, ferrite, 
or other conunon magnetic materials known in the art. Tlle 
illller and outer magnets (420 and 422) may also be composed 
of pernlanent magnetic materials. 

TIle magnetic flux between the inner and outer magnets 
40 (420 and 422) may be directed approximately radially 

through the outer magnet 422, radially through the air gap 432 
to inner magnet 420. The magnetic flux may be constant in a 
region including the gap 432 and dropping to a low value 

45 
outside the region including the gap 432. 

IImer magnet 120 and outer magnet 122 may be held in 
place by the chassis 114. TIle chassis 114 also may act as a 
heat sink for the loudspeaker by allowing heat to flow from 
the outer magnet into the chassis. The chassis 114 may be 
formed of any suitable material. For example, the chassis may 

50 be fomled of aiumilllllll, steel . plastic, or composite. 
Former 210, which may be attached to the diaphragnl, may 

extend from the diaphragm into the gap 232. The fonner may 
be constructed of a thermally conductive material for COIl
ducting heat away from the voice-coil. Airflow through the 

55 gap 232 removes heat from the former 210 through convec
tive heat transfer. The fonner 21 0 may be made of any suitable 
material such as aluminum or copper, as well as plastics, 
paper, or composite. Fonner 210 may be a cylindrical tube 
having tube walls from about 0.05 111111 to about 5.00 nUll 

60 thick. Voice-coil 206 may be wound arolmd the fomler 210 
Clnd extends in the gap 232. Voice-coil 206 may be any suit
able material, for example copper or aluminum wire and is 
attached to the fonner 210 through a conventional adhesive. 
Voice-coil 206 may be from about 3 mm to about 100 mm in 

65 length. The preferred number of times the voice-coil wire 
Illay be wound around the fomler depends upon the size ofthe 
loudspeaker. 
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composed of ahuninum, which is five times more heat con
ductive than steel and lighter as wel l .  

While various embodiments of the invent ion have been 
described, it will  be apparent to those of ordinary ski l l  in the 

FIG. 7 present a dual radial ring motor design with a ferrous 
rehlJ'n path 780 .  There are three main nmctions of ferrous 
material in a magnetic circui\ .  One funct ion is to focus the 
field (make it stronger in a smal ler area).  Permanent magnets 
operate at higher field level s when there is  a high permeabil ity 
path between their north and south poles. Another flll1Crion 
for a ferrous retu rn path 780 i s  to provide that path. The force 

5 art that many more embodiments and implementations are 
possible within the scope of the invent ion. Accordingly, the 
invention is not to be restricted except in l ight of the attached 
c laims and their equivalents . on a moving current is perpendicular to both the direction of 

the CIlJ'rent flow and the direction of the magnetic field.  The 
cy l indrica l geometry of the voice-coil 206 requires a radial 10 
field to provide axial force. It has been easierto make magnets 
with an axial orientation. Ferrous materials are used to adjust 
the field into an axial orientation. 

1n FIG. 7, a dual radial voice-coil transducer 700 including 
an inner magnet 720, an outer magnet 722, voice-coil 706, 15 
and a ferrous retum path 780 are depicted. TIle ferrou s  rehlJ'n 
path 780 connects the first, inner magnet 720 to the second, 
outer magnet 722 in a region located exterior to the gap 
between the outer diameter 728 of the second, inner magnet 
720 and the ilUler diameter 726 of the first, outer magnet 722. 20 
The ferrous return path 780 may be composed of a magnetic 
material, such as steel, or permanent magnetic materials. The 
dual radial ring design may also be incorporated into voice
coi l  transducers with multiple voice-coils ,  such as those 
depictt.'d in FIGS . S and 6.  For automotive applications, a 25 
ferrous return path 780 is  needed in a dua l radial design 
because of the required magnetic field strength. 

The loudspeaker diaphragm of the invention may be incor
porated into any loudspeaker, inc lud ing sub woofers, bass, 

30 and midrange loudspeakers. The diaphragms may also be 
sui table for u se in loudspeakers for au tomobile applications. 
In automotive applicat ions, the weight of a loudspeaker is an 
inlportallt design parameter. By avoiding the use of a steel 
pole piece in the magnet design, the concentric magnet design 

35 may reduce motor weight up to 60%. 
The concentric radial  magnet design also may enhance the 

linearity of the system performance by providing a region 
where the voice-coil-field interaction is approximately con
stant with no variation over the region. The absence of a steel 40 
pole piece in the concentric magnet design also may reduce 
the impedance of the system, as there is no ferrous metal to 
affect the voice-coi l  inductance. Ideally, a loudspeaker repro
duces sound in proportion to the voltage suppl ied to it regard
less of voltage amplitude and frequency. However, the pres- 45 
ence of ferrous materials in the voice-coil will  change this 
response by increasing the inductance, and therefore imped
ance, of the system. The concentric magnet design of the 
appl ication removes this  source of impedance. 

FIG. 8 presents a chart depicting the magnetic field 50 
strength perlormance of a dual radial ring motor design com
pared to a dual axial ring motor design. TIle dual radial design 
provides a higher magnetic field strength at the center of the 
gap (indicated by 0.04085 along the x-axis of the graph) 
compared to the dual axial ring motor design. 111e weight 55 
characteristics of the dual radial ri ng design are higher than 
that of the dual axial ring design, which may present some 
design considera tions.  

In addition, the concentric magnet design may allow the 
system to nm coo ler than a system with a ferrous pole piece, 60 
because t he concentric magnet system may be placed closer 
to a heat sink for heat dissipation. In a standard, non-concen
tric magnet system with a steel pole piece, tbe heat produced 
by the voice-coil  1 06 is dissipated through the steel. By avoid
ing the need for a magnetic material pole piece, a non-mag- 65 
netic material with higher heat conduction capability may be 
used in the chassis 1 14 .  For example, the frame may be 

What is  claimed is: 
1. A voice-coil  transducer comprising: 
a first magnet having an annular shape with an inner diam

eter and an outer diameter; 
a second magnet having an anJlular shape with an itUler 

diameter and an outer diameter, where the second mag
net is located within the inner diameter of the flJ'St mag
net and is  concentric w ith the first magnet; 

a gap between the outer dimneter of the second magnet and 
the inner diameter of the first magnet, where the first and 
second magnets are radially polarized; 

at least one voice-coil  comprising at least one former and at 
least  one winding located on the fornler, where at least a 
portion of the voice-coil is located in t he gap ;  and a 
diaphragm in communication with the fonner. 

2. A voice-coil  transducer as in claim 1 ,  li.lJ'ther comprising 
a ferrous ret urn path, where the ferrous return path cOllllects 
the first magnet to the second magnet in a region located 
exterior to the gap, and where the ferrolls reMn path CO Ill
prises a magnetic material. 

3 .  A voice-coi l  transducer as in claim 2,  where the ferrous 
rentfll path comprises a pennanent magnetic material. 

4. A voice-coi l transducer a s  in claim 1, where the gap is  
filled with a magnetic solution. 

S. A voice-coil transducer as in claim 4, where the magnetic 
solution comprises a solution of oil  and suspended magnetic 
part"ides. 

6. A voice-coi l  transducer as in claim 1, where the gap is 
between ) nun and 1 0  nun in width. 

7. A voice-coi l transducer as in claim 1, where the first and 
second magnets comprise neodymium or ferrite materials. 

8.  A voice-coil transducer as in claim 1, where the first and 
second magnets comprise permanent magnetic materials. 

9. A voice-coi l  transducer as in claim 1 ,  where the fomler 
comprises a material selected from the group consisting of: 
aluminum, plastic, paper, and composite. 

1 0 . An audio loudspeaker comprising:  
a first magnet having a n  annular shape with an inner diam

eter and an outer dianleter; 
a second magnet having an alUllllar shape with an ilUler 

diameter and an outer dianleter, where the second mag
net is located within the inner diameter of the first mag
net and is concentric with the first magnet; 

a gap between the outer diameter oftbe second magnet and 
the inner diameter of the first magnet, where the tirst and 
second magnets are radially polarized, creating mag
netic flux in a region of the gap; 

at least one voice-coi l  comprising at least one loffiler and at 
least one winding located on the former, where at least a 
portion of the voice-coil is located in the gap ; 

a diaphragm in cOllll1lunication with the voice-coil ;  and 
a chassis, where the chassis supports the diaphragnl, first 

and second magnets, and voice-coi l .  
1 1 .  An audio loudspeaker a s  in c laim 1 0, ii.lJ'ther compris

ing a ferrolls rentrn path, where the ferrolls return path con
nects the first magnet to the second magnet in a region located 
exterior to the gap, and where the ferrous rehlJ'n path com
prises a magnet ic material. 



US 7,706,563 B2 
7 

12 . .An audio loudspeaker as in claim 11, where the ferrous 
rehlJ'n path compri ses a penllanent magnetic material.  

13 . A voice-coil  transducer as in claim 1 0. where the chas-
sis comprises a material selected from the group consisting 
of: a luminum , steel, p lastic , and composites . 

14 . .An audio loudspeaker as in claim 10,  where the outer 
diameter of the first magnet is between about 25 mm and 
about 450 mm. 

1 5 .  An audio loudspeaker as in claim 1 1 ,  where the audio 
loudspeaker is configlU'ed for use in an automobile. 

1 6 .  A voice-coil  transducer as in claim 2,  where the voice
coi l transducer has a first voice-co i l  located within the imler 
diameter of the second magnet and a second voice-coil 
located in the region of the gap.  

5 

10 

1 7 .  A vo ice- coi l transducer as in claim 1 6, where the voice- 1 5  
coil transducer further comprises a third voice-coil located 
outside the outer diameter of the first magnet and concentric 
to the first and second voice-coil .  

8 
a second magnet having an annular shape with an inner 

diameter and an outer diameter, where the second mag
net is located within the inner diameter of the fITSt mag
net and is concentric with the first magnet, and where the 
first and second magnets are radially polari zed, creating 
magnetic flux in a region of a gap between the outer 
diameter of the second magnet and the inner diameter of 
the first magnet; 

at least one voice-coil comprising at least one former and at 
least one winding locat ed on the former, where at least a 
portion or the voice-coil is located in the gap ; and 

a diaphragm in cOIl1l1lurncation with the former. 

25. A voice-coi l  transducer as in claim 24, nlrther compris
ing a ferrous reUlm path, where the ferrous rehlm path con
nects the first magnet to the second magnet ill a region located 
exterior to the gap, and where the ferrous return path com-
prises a magnetic material .  

1 8 .  An audio loudspeaker comprising the voice-coil trans
ducer of claim 1 6 .  

1 9  . .An audio loudspeaker comprising the voice-coil trans
ducer of claim 1 7 .  

2 6 .  A voice-coil transducer as in  claim 25, where the fer-
20 rous rehlm path comprises a permanent magnetic material . 

27 . .An audio loudspeaker comprising the voice-coil trans
ducer of claim 24. 

20 . An audio loudspeaker as in claim 1 0, where the voice
coil is between 3 mm and 1 00  rum in length . 

21 . An audio loudspeaker as in claim 1 8, where the audio 25 
loudspeaker is configllJ'ed for operation in an automobi le. 

22 . A voice-coil transducer a s  in claim 19 where the voice
coil transducer is configured for operation in an automobile. 

23 . A voice-coil transducer as in claim 2, where the voice
coil transducer is configured for operation in an automobile. 30 

24 . A voice-coil transducer comprising: 
a first magnet having an a1UlUlar shape with an ilUler diam

eter and an outer dianleter; 

28. A voice-coil transducer as in claim 24 where the voice
coil transducer is configured for operation in an automobi le .  

29. An audio loudspeaker as in claim 27,  where the audio 
loudspeaker is con figlU'ed for operation in an automobile. 

3 0. A voice-coil transducer as in claim 10, where the mag
netic flux is constant in the region of the gap. 

3 1 .  The audio loudspeaker of claim 1 0, where the chassis is  
formed to receive at least a portion of the former. 

* * * * * 
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ANALYSIS OF RADIAL MAGNETIZED PERMANENT
MAGNET BEARING CHARACTERISTICS
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Abstract—With an increase in the number of high speed applications,
researchers have been concentrating on permanent magnet bearings
due to their suitability. This paper presents a mathematical model
of a permanent magnet bearing made of ring magnets with radial
polarizations. Coulombian model and vector approach are used to
estimate the force, moment and stiffness. A MATLAB code is
developed for evaluating the envisaged parameters for three degrees
(translational) of freedom of the rotor. Comparison of force and
stiffness results of the presented model with that reported in the
literature and also with the results of 3D finite element analysis shows
good agreement. Then, it is extended to analyse stacked ring magnets
with alternate radial polarizations. Finally, the cross coupled stiffness
values in addition to the principal stiffness values are presented for
the elementary structure and also for stacked structure with three ring
permanent magnets with alternate radial polarizations.

1. INTRODUCTION

Permanent magnet bearings are magneto-mechanical elements wherein
the supporting property of bearing is realized by virtue of attractive
or repulsive forces generated between the magnets. These are realized
with ring magnets, axially, radially or perpendicularly magnetized.
The force (bearing load) and stiffness are the important parameters
to be considered in the design of permanent magnet bearings. The
early work carried out towards the analysis of these parameters (two
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* Corresponding author: Siddappa Iranna Bekinal (sibekinal@git.edu).
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dimensional analytical equations for force and stiffness) and synthesis
of different configurations of permanent magnet bearings was by
Yonnet [1, 2] and Delamare et al. [3]. The permanent magnet bearings
are used in many applications like flywheels, turbo molecular pumps,
turbomachines, artificial hearts and conveyor systems due to their
suitable characteristics (high speed, lower wear, energy savings and
freedom from lubricants) [4–7]. The stiffness of bearings made of two
concentric rings is low, rings are arranged in a specific pattern to
increase stiffness [8]. The force and stiffness of permanent magnet
bearings are optimized by considering the effect of the number of
parameters (number of rings, magnet volume, magnetization pattern
and axial offset). The designer can use analytical approach, finite
element analysis and experimental design methods for optimization.
Analytical approach is faster investigation method as compared to
the latter ones for the parametric study. The analytical equations
for determining the magnetic field [9–14], force and stiffness [15–
22] in bearings with axial, radial and perpendicular polarizations are
presented by the many researchers recently. However in these works,
the ring magnets are concentric, which might not be prevailing in
actual scenario. Secondly, the analytical expressions involve elliptical
integrals or special functions which are tedious to deal with. The
mathematical model of an axially magnetized permanent magnet
bearing for force, stiffness and moment using Coulombian model and
simple vector approach is presented by Bekinal et al. [23, 24]. The
present work focuses on the mathematical treatment for evaluating
force, moment and stiffness characteristics of a radial magnetized
permanent magnet bearing considering three translational (x, y and
z) degrees of freedom of the rotor magnet ring using a simple vector
approach. A MATLAB code is written for estimating the forces,
moments, stiffness and cross coupled stiffnesses between the stator-
rotor made of two non-concentric ring magnets and also for multiple
rings based on the Coulombian model and vector approach. The results
of mathematical model are compared with the results of 3D FEA
using ANSYS and a case available in the literature [25]. Finally, a
3×3 stiffness matrix (Eq. (1)) representing three degrees of freedom is
developed for the elementary structure of the bearing and for stacked
structure with three ring permanent magnets with alternate radial
polarizations.

K =

[
KXX KXY KXZ

KY X KY Y KY Z

KZX KZY KZZ

]
(1)
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2. MATHEMATICAL MODELING

To estimate the bearing characteristics, the forces between two ring
magnets, one fixed to the rotor and the other to the stator, need to be
calculated. Two different approaches, namely, Lorentzian [16–18] and
Coulombian [20–25] are available to determine the forces. In former
approach the permanent magnet is considered as planes with equivalent
currents, while the equivalent charge density in the later one. In the
present analysis, equivalent charge density (Coulombian) is used with
simple vector approach. In this approach, the permanent magnet is
represented by surfaces with fictitious magnetic pole surface densities
in the direction of polarization. The forces of attraction or repulsion
between the polarized surfaces of the magnets are calculated using
the Coulomb’s law of force. The basic configuration of a permanent
magnet bearing with radial polarized rings is presented in Fig. 1.

The inner magnet movement is considered in x, y and z directions
with respect to the outer magnet. The inner and outer radii of the
inner permanent magnet ring are R1 and R2 respectively and R3 and
R4 are of outer permanent magnet ring. The thicknesses of the outer
and inner magnets are Z1 − Z0 = L and Z3 − Z2 = L respectively.
Magnetic polarization ‘J ’ of both the magnets is in the radial direction
as depicted by Fig. 1. Modeling of the bearing is carried out by knowing
the forces acting on the rotor magnet which in turn can be utilized
to estimate the bearing stiffness. Fig. 2 shows the arrangement of
rotor and stator magnets with magnetization in the radial directions.
Surfaces A and C are the fictitious charged surfaces of rotor magnet

Figure 1. Configuration of a permanent magnet bearing with radial
polarizations.



90 Bekinal, Anil, and Jana

A1

B1

O'
e

X

Y

Z

β

α

O

D

X

J

B

J

J

Z
O

CY

A

B1

A1

D1

C1

r

r

r

r
(b)(a)

Stator Magnet
A1B1

C1B1

A1D1 C1D1

Rotor Magnet

Elements

Figure 2. Arrangement of rotor and stator magnets. (a) Elements on
the surfaces. (b) Displacement of the rotor magnet by a distance ‘e’
with respect to outer magnet.

and surfaces B and D are of stator magnet. There are magnetic forces
of attraction and repulsion between the charged surfaces of the rotor
and stator magnet. The net force acting is the bearing reactions for
various positions of the rotor. The rotor magnet is displaced from
its nominal position by a distance ‘e’ in XY Z coordinate system as
shown in Fig. 2(b) and elements on the surfaces of the rotor and stator
magnets in Fig. 2(a).

The elemental force on discrete surface element ‘A1’ of the rotor
magnet surface ‘A’ due to the surface element ‘B1’ on the stator
magnet surface ‘B’ can be expressed as [26]:

�FA1B1 =
J2SA1SB1

4πμ0 r3
A1B1

�rA1B1 (2)

where J is the magnet surface flux density (equal for both the
magnets), SA1 the surface area of element A1, SB1 the surface area
of element B1, �rA1B1 the distance vector between elements A1 and
B1, and μ0 the absolute magnetic permeability. The vector �rA1B1 can
be expressed in XY Z coordinate system as:

�rA1B1 = (XB1 − XA1) i + (YB1 − YA1) j + (ZB1 − ZA1) k (3)

where i, j and k are the unit vectors in X, Y and Z axes, XA1, YA1, ZA1

the coordinate of element A1, and XB1, YB1, ZB1 the coordinate of the
element B1. The coordinates of the discrete elements are expressed
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by considering the movement of the rotor magnet e = xi + yj + zk.
The positions of the elements A1 and B1 in terms of radius, mean
distance from the respective centers and the angles α, β are expressed
as (Fig. 2(b)):

�XA1 = (x + R2 cos (β)) i �XB1 = (R4 cos (α)) i
�YA1 = (y + R2 sin (β)) j �YB1 = (R4 sin (α)) j
�ZA1 = (z + LA1M )k �ZB1 = (LB1M )k

(4)

where LA1M is the mean axial distance (parallel to Z axis) of the
element A1 from inner magnet centre ‘O” and LB1M the mean axial
distance (parallel to Z axis) of element B1 from outer magnet centre
‘O’. Combining Eqs. (2) and (3), the elemental force in terms of
components in the XY Z coordinate system can be written as:

�FA1B1 = FA1B1X i + FA1B1Y j + FA1B1Zk. (5)

Similarly, elemental forces �FA1D1, �FC1B1 and �FC1D1 due to
elements on the rotor and stator magnet surfaces A, B, C and D can
be written by considering the respective vector distances (Fig. 2(a)) as
follows (Eqs. (6)–(12)):

�rA1D1 = (XA1 − XD1) i + (YA1 − YD1) j + (ZA1 − ZD1)k (6)
�rC1B1 = (XC1 − XB1) i + (YC1 − YB1) j + (ZC1 − ZB1)k (7)
�rC1D1 = (XD1 − XC1) i + (YD1 − YC1) j + (ZD1 − ZC1)k (8)

where XC1, YC1, ZC1 is the coordinate of element C1 and XD1, YD1, ZD1

is the coordinate of the element D1. The positions of the elements C1
and D1 in terms of radius, mean distance from the respective centers
and angles α, β (Fig. 2(b)) can be written as:

�XC1 = (x + R1 cos (β)) i �XD1 = (R3 cos (α)) i
�YC1 = (y + R1 sin (β)) j �YD1 = (R3 sin (α)) j
�ZC1 = (z + LC1M )k �ZD1 = (LD1M )k

(9)

�FA1D1 = FA1D1X i + FA1D1Y j + FA1D1Zk (10)
�FC1B1 = FC1B1X i + FC1B1Y j + FC1B1Zk (11)
�FC1D1 = FC1D1X i + FC1D1Y j + FC1D1Zk. (12)

Considering ‘n’ number of discrete elements on inner magnet
surfaces and ‘m’ number of discrete elements on outer magnet surfaces,
the resultant forces in X, Y and Z axes, on the rotor magnet can
be expressed as a summation of all the elemental forces which are
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presented below (Eqs. (13)–(15)):

FX =
∑p=n,q=m

p=1,q=1
FApBqX+

∑p=n,q=m

p=1,q=1
FApDqX

+
∑p=n,q=m

p=1,q=1
FCpBqX+

∑p=n,q=m

p=1,q=1
FCpDqX (13)

FY =
∑p=n,q=m

p=1,q=1
FApBqY +

∑p=n,q=m

p=1,q=1
FApDqY

+
∑p=n,q=m

p=1,q=1
FCpBqY +

∑p=n,q=m

p=1,q=1
FCpDqY (14)

FZ =
∑p=n,q=m

p=1,q=1
FApBqZ+

∑p=n,q=m

p=1,q=1
FApDqZ

+
∑p=n,q=m

p=1,q=1
FCpBqZ+

∑p=n,q=m

p=1,q=1
FCpDqZ . (15)

The stiffness of the bearing in Cartesian coordinate system is
obtained by the method of numerical differentiation after evaluation of
resultant forces. A three-point midpoint formula for differentiation is
used to obtain stiffness values in radial and axial directions. In general,
a three-point midpoint formula can be written as:

f
′
(X0) =

1
2h

[f (X0 + h) − f (X0 − h)] − h2

6
f (3) (ξ1) (16)

where ξ1 lies between (X0 − h) and (X0 + h). It is assumed that data
points are equally spaced along the X-axis such that Xi+1 − Xi = h,
a constant for i = 0, 1, 2, . . . , n − 1.

The principal radial stiffness exerted between two ring permanent
magnets along X direction at x can be expressed as follows:

KXX =
dFX

dX
=

1
2 Δx

[FX (x + Δx)−FX (x − Δx)]−Δx

6

2

F
(3)
X (ξ) (17)

where ξ lies between (x − Δx) and (x + Δx) and for smaller values of
Δx, the Eq. (17) can be expressed as:

KXX
∼= dFX

dX
=

1
2 Δx

[FX (x + Δx) − FX (x − Δx)] . (18)

Similarly, principal radial stiffness along Y and principal axial stiffness
in Z direction can be written as follows (Eqs. (19) and (20)):

KY Y
∼= dFY

dY
=

1
2 Δy

[FY (y + Δy) − FY (y − Δy)] (19)

KZZ
∼= dFZ

dZ
=

1
2 Δz

[FZ (z + Δz) − FZ (z − Δz)] . (20)
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Cross coupled radial and axial-radial stiffnesses can be expressed as
(Eqs. (21)–(23)):

KXY = KY X
∼= dFX

dY
=

1
2 Δy

[FX (x + Δx) − FX (x − Δx)] (21)

KXZ = KZX
∼= dFX

dZ
=

1
2 Δz

[FX (x + Δx) − FX (x − Δx)] (22)

KY Z = KZY
∼= dFZ

dY
=

1
2 Δy

[FZ (z + Δz) − FZ (z − Δz)] . (23)

To determine the stiffness values in axial and radial directions in the
presented model, the selected step sizes of x, y and z are Δx =
0.05mm, Δy = 0.05 mm and Δz = 0.5mm.

In practical cases, the rotor magnet movement can be assumed as
a rigid body movement, estimation of the moment of the forces acting
on the rotor magnet about its centre of gravity (geometric centre for
axisymmetric and isotropic magnets) provides useful information about
the dynamics of the rotor magnet. The moment due to elemental force
�FA1B1 about the centre of gravity of the inner magnet can be written
as:

MA1B1X = −FA1B1Y ×
(

LA1M − L

2

)
+ FA1B1Z × R2 sin (β)

MA1B1Y = FA1B1X ×
(

LA1M − L

2

)
− FA1B1Z × R2 cos (β)

MA1B1Z = −FA1B1X × R2 sin (β) + FA1B1Y × R2 cos (β) . (24)

Similarly, the moments due to elemental forces �FA1D1, �FC1B1 and
�FC1D1 about the centre of gravity of the rotor magnet can be written
by following the proper sign convention as follows (Eqs. (25)–(27)):

MA1D1X = −FA1D1Y ×
(

LA1M − L

2

)
+ FA1D1Z × R2 sin (β)

MA1D1Y = FA1D1X ×
(

LA1M − L

2

)
− FA1D1Z × R2 cos (β)

MA1D1Z = −FA1D1X × R2 sin (β) + FA1D1Y × R2 cos (β)

(25)
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MC1B1X = −FC1B1Y ×
(

LC1M − L

2

)
+ FC1B1Z × R1 sin (β)

MC1B1Y = FC1B1X ×
(

LC1M − L

2

)
− FC1B1Z × R1 cos (β)

MC1B1Z = −FC1B1X × R1 sin (β) + FC1B1Y × R1 cos (β)

(26)

MC1D1X = −FC1D1Y ×
(

LC1M − L

2

)
+ FC1D1Z × R1 sin (β)

MC1D1Y = FC1D1X ×
(

LC1M − L

2

)
− FC1D1Z × R1 cos (β)

MC1D1Z = −FC1D1X × R1 sin (β) + FC1D1Y × R1 cos (β) .

(27)

The net moment acting on the rotor magnet is expressed using
Eqs. ((24)–(27)) as:

MX =
∑p=n, q=m

p=1, q=1
MApBqX+

∑p=n, q=m

p=1, q=1
MApDqX

+
∑p=n, q=m

p=1, q=1
MCpBqX+

∑p=n, q=m

p=1, q=1
MCpDqX (28)

MY =
∑p=n, q=m

p=1, q=1
MApBqY +

∑p=n, q=m

p=1, q=1
MApDqY

+
∑p=n, q=m

p=1, q=1
MCpBqY +

∑p=n, q=m

p=1, q=1
MCpDqY (29)

MZ =
∑p=n, q=m

p=1, q=1
MApBqZ+

∑p=n, q=m

p=1, q=1
MApDqZ

+
∑p=n, q=m

p=1, q=1
MCpBqZ+

∑p=n, q=m

p=1, q=1
MCpDqZ . (30)

The forces and moment acting on the rotor magnet as well as the
radial and axial stiffness of the bearing are calculated and presented
in the following section. This mathematical model can be used for
different configurations of permanent magnet bearings made of radial
magnetized rings.

3. VALIDATION OF PROPOSED MODEL

The proposed mathematical model is used to determine the axial
force and stiffness values of permanent magnet bearing made of
two concentric rings with radial polarizations as presented earlier
(Fig. 1). Geometrical parameters considered for the analysis are given
in Table 1.

This configuration produces positive radial stiffness; however,
axial stiffness becomes negative. The axial force and stiffness values
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along with the results of [25] are shown in Fig. 3. The mathematical
model of the configuration converges at a particular number of elements
on stator as well as on rotor magnet faces and convergence results of
the model are presented in Table 2. Comparison of the results of the

Table 1. Dimensions of the configuration.

Inner ring dimensions Outer ring dimensions
Inner radius [mm] R1 = 10 R3 = 22
Outer radius [mm] R2 = 20 R4 = 32
Thickness, L [mm] Z1 − Z0 = 10 Z3 − Z2 = 10
Flux density [T] J1 = 1 J2 = 1

4
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Figure 3. Characteristics of permanent magnet bearing made of two
concentric rings with radial polarizations. (a) Axial Force. (b) Axial
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Figure 4. Finite element model in ANSYS. (a) Inner ring magnet with
radially outward magnetization. (b) Outer ring magnet with radially
inward magnetization.
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Table 2. Convergence results of mathematical model of the
configuration with radial polarizations.

Number of elements on the stator
and the rotor magnet faces

Axial Force [N]
Axial Stiffness
|KZ | [N/m]

m = n = 144 × 2 172.52 161940
m = n = 144 × 5 = 720 130.93 47472
m = n = 216 × 5 = 1080 130.93 47471
m = n = 144 × 10 = 1440 128.93 40986
m = n = 216 × 10 = 2160 128.94 40735
m = n = 288 × 10 = 2880 128.94 40723
m = n = 432 × 10 = 4320 128.94 40722

Table 3. Comparison of results of configuration with radial
polarizations.

Results of
present work

Results of Ravaud
and Lemarquand [25]

Variat
-ion [%]

Axial Force [N] 128.94 126.3 2.09
Axial Stiffness
|KZ | [N/m]

40722 40282 1.09

proposed model with that reported in Ravaud and Lemarquand [25] is
presented in Table 3.

The results of Fig. 3 and Table 3 demonstrate that the evaluated
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axial force and stiffness values match very closely with that of reported
analytical results for the same bearing configuration. A finite element
model of the bearing with radially magnetized rings was created in
ANSYS and the model is analysed with 220283 solid 97 elements
and 39414 nodes (Fig. 4). The properties of the magnetic material
considered for the analysis are: Br = 1.05 T, Hc = 796 kA/m and
μr = 1.049. The magnetic virtual displacement approach is used to
determine the force (bearing load) acting on the inner ring (Fig. 5(a)).
The force exerted by the stator ring on the rotor is plotted for its
different axial positions in Fig. 5(b).

Figure 5 shows that the results of axial force obtained with
3D FEA match closely with the results of mathematical model with
same optimal points. The mismatch between the results is less than
5%. The MATLAB code of the model involves the calculation of
forces, moments, radial and axial stiffnesses at one stretch. So the
computational cost of the code is 11.5 s for a bearing made of two ring
permanent magnets for one iteration which is significantly lower as
compared to evaluating the parameters using finite element analysis
tools like ANSYS, COMSOL, MAXWELL 3D, etc.

4. ANALYSIS OF RADIAL MAGNETIZED BEARING
CONFIGURATIONS

4.1. Elementary Structure

The elementary configuration, shown in Fig. 6 is analysed for force,
moment and stiffness parameters. The configuration is suitable for
radial bearing application developing positive radial stiffness having
negative axial stiffness.

The axial force and stiffness values are calculated as a function

Figure 6. Cross-section view of two ring permanent magnet
configuration with radial polarizations: R1 = 20 mm, R2 = 30mm,
R3 = 32mm, R4 = 42mm, Z1 − Z0 = 10 mm, Z3 − Z2 = 10 mm,
J = 1.2T.
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Figure 7. Characteristics of configuration. (a) Axial force. (b) Axial
stiffness.
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Table 4. Results of characteristics of a permanent magnet bearing
with radial polarizations (Fig. 6).

Radial offset [mm] 0 0.5 0.75 1
Maximum axial force [N] 271.7 272.5 273.4 274.7

Maximum axial stiffness |KZ | [N/m] 86115 87380 89094 91800
Maximum moment about Y axis [Nm] 0 0.047 0.071 0.095

of radial offset values (0.5, 0.75 and 1 mm) of the rotor magnet in the
positive X direction for various axial positions of the rotor magnet
for the configuration (Fig. 6) and the results are presented in Fig. 7.
The radial force and stiffness values of the bearing configuration are
calculated as a function of radial displacement and are results are
presented in Fig. 8.

The moments acting on the rotor magnet as a result of radial
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displacements (0.5, 0.75 and 1 mm) are calculated as a function of
various axial positions of the rotor for the elementary configuration
and results are plotted in Fig. 9.

The maximum axial force exerted by the outer ring on the inner
one, the maximum axial stiffness |KZ | and maximum moment about
Y -axis in the configuration are presented in Table 4.

Calculations shown in Table 4 demonstrate that the radial
displacement of the rotor in X-axis generates moment about the Y -
axis of the rotor magnet and vice-versa. The resultant moment about
the Z-axis of the rotor magnet are zero. The magnitudes of moments
increase with the higher radial offset value and they diminish when
the inner magnet is concentric with the outer magnet. The influence
of radial offset on the axial force and stiffness values is least, whereas
on the moment is quite prominent. A 3× 3 stiffness matrix at an axial
offset of 3 mm for the configuration (Fig. 6) is presented in Table 5. No
cross coupling of stiffnesses between X and Y axes is observed from
the analysis.
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Figure 9. Moment about Y -axis at various radial displacements in
X-axis.

Table 5. Stiffness matrix of a permanent magnet bearing with radial
polarizations (Fig. 6).

X Y

X 23.91N/mm 0
Y 0 23.91 N/mm

Z

−3.83N/mm at x = 0.5mm
−7.61N/mm at x = 1.0mm
−9.07N/mm at x = 1.5mm

−3.83N/mm at y = 0.5mm
−7.61N/mm at y = 1.0mm
−9.07N/mm at y = 1.5mm
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Z

X

−3.83 N/mm at x = 0.5mm
−7.61 N/mm at x = 1.0mm
−9.07 N/mm at x = 1.5mm

Y

−3.83N/mm at y = 0.5mm
−7.61N/mm at y = 1.0mm
−9.07N/mm at y = 1.5mm

Z −47.82N/mm

Figure 10. Cross-section view of a permanent magnet bearing
composed of three ring pairs with alternate radial polarizations: R1 =
20mm, R2 = 30mm, R3 = 32 mm, R4 = 42mm, J = 1.2T, the height
of each permanent magnet ring = 10mm.

4.2. Stacked Structure with Three Ring Permanent Magnets

The configuration composed of three ring pairs with alternate radial
polarizations is presented in Fig. 10. The variations of axial force
and stiffness of the configuration with radial offset for different axial
positions of the rotor are depicted by Fig. 11.

The radial force and stiffness values of the bearing configuration
are calculated as a function of radial displacement and are presented in
Fig. 12. The results show that the radial force increases linearly with
radial offset, whereas radial stiffness is constant up to a particular value
of radial offset (1 mm) and then increases suddenly.

The moments acting on the rotor magnets as the result of radial
displacements in configuration (Fig. 10) are plotted in Fig. 13. The
proposed mathematical approach for the configuration presented in
Fig. 10 leads to results listed in Table 6.

Results shown in Table 6 demonstrate that the magnitudes of
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moments increase with the higher radial offset value and they diminish
when the inner magnet is concentric with the outer magnet. A 3 × 3
stiffness matrix at an axial offset of 3.0 mm for the configuration shown

Table 6. Results of configuration of permanent magnet bearing made
of three ring pairs with alternate radial polarizations (Fig. 10).

Radial offset [mm] 0 0.5 0.75 1
Maximum axial

force [N]
1181.25 1185.95 1191.84 1200.16

Maximum axial
stiffness

|KZ | [N/m]
411840 419028 429018 445336

Maximum moment
about Y axis [Nm]

0 0.37 0.56 0.75
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Figure 11. Characteristics of permanent magnet bearing made of
three ring pairs with alternate radial polarizations. (a) Axial force.
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Table 7. Stiffness matrix of the configuration (Fig. 10).

X Y

X 106.15N/mm 0
Y 0 106.15N/mm

Z

−20.58N/mm at x = 0.5mm
−40.87N/mm at x = 1.0mm
−49.49 N/mm at x = 1.5mm

−20.58 N/mm at y = 0.5mm
−40.87 N/mm at y = 1.0mm
−49.49N/mm at y = 1.5mm
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in Fig. 10 is presented in Table 7. No cross coupling of stiffnesses
between X and Y axes is observed from the analysis.

5. CONCLUSIONS

A simple mathematical model employing the Coulombian model using
a vector approach is presented for the investigation of force, moment
on the rotor and stiffness of a permanent magnet bearing made of rings
with radial polarizations. Comparison of the results of mathematical
model of radial magnetized permanent magnet bearings with the
results of 3D FEA shows good agreement. An attempt has been made
to determine the effect of radial and axial displacements of the rotor
on force, stiffness and moment in permanent magnet bearings. The
effect of radial displacement on force and stiffness is least, whereas on
the moment is quite prominent (magnitude of moment about X or Y -
axis increases with the higher radial offset value). The magnitude of
moment increases with an increase in the number of rings in the stack.
The characteristics of the permanent magnet bearing are presented by
calculating 3×3 stiffness matrix representing three degrees of freedom.
The presented work can be used for optimizing the design of the
radial magnetized permanent magnet bearings for a wide variety of
applications and also, this method involves less computation than the
approaches utilizing elliptical integrals.
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