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Summary

This paper presents a concept of sensorless electroacoustic absorber for damping the low-frequency modes in
a cavity such as a duct or a room. Taking advantage of the reciprocity of the voice coil transducer, it is shown
that a synthetic electrical admittance can be designed so that the loudspeaker diaphragm is matched to a target
specific acoustic impedance. This electroacoustic device provides a relatively broadband sound absorption that
can be used to dampen room modes regardless of the sound field in which the loudspeaker is located. A digital
filter is used to replicate the frequency response of the synthetic load, and a voltage-controlled current source is
needed so that the filter is seen as an electrical admittance. Unlike previous attempts to implement the synthetic
load using an electrical network, greater flexibility and accuracy can be obtained. Experimental results confirmed
the validity of this sensorless electroacoustic absorber (SEA) in a 1D sound field, showing that the dynamic
range of the sound pressure level in a duct can be reduced by 15dB from 50 Hz to 300 Hz compared to a hard
surface panel. A discussion on the strengths and limitations of this concept is provided, in particular with a view

to employing SEAs for modal equalization in actual listening rooms.

PACS no. 43.38.Dv, 43.20.Ks

1. Introduction

Room modes can significantly impair the quality of sound
diffusion in small listening rooms, where the modal be-
haviour dominates typically between 20 Hz to 200 Hz [1].
These modes are mainly characterized by an uneven spa-
tial distribution of the acoustic energy in the room that can
hardly be avoided, even with an “optimal” arrangement of
loudspeakers and listening positions [2]. In terms of audi-
tory perception, the decay times associated to each mode
may have a direct impact on the sound rendering at low
frequencies, in a similar fashion to the reverberation in
the middle-high frequency range [3]. These modal decay
times depend on the wall impedance and are known to sig-
nificantly impact the listening experience [4]. It is there-
fore crucial to employ low-frequency absorbing devices to
provide the best listening experience over the entire audio
range. Bass traps and Helmholtz resonators are commonly
used solutions, but due to their narrow bandwidth of ab-
sorption the target frequency decade from 20 Hz to 200 Hz
can hardly be covered using a single absorber [2]. The
damping of one single room resonance may not be percep-
tually audible in the presence of other strong modal reso-
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nances, and broadband acoustic absorbers should therefore
be considered.

The attenuation of low-frequency modes in small rooms
can also be achieved from electroacoustic transducers,
where a loudspeaker diaphragm is advantageously em-
ployed as a tunable membrane absorber. Indeed, the me-
chanical resonance of conventional electrodynamic loud-
speakers generally ranges between 20 Hz and 200 Hz, i.e.
below the Schroeder frequency for most listening rooms
[1]. For normal sound incidence, a perfect impedance
matching can be obtained at the loudspeaker resonance
frequency, only through mechanical dissipation and resis-
tive heating. [5, 6]. As for bass traps, however, the band-
width of efficient sound absorption is very limited due
to the quality factor of the loudspeaker mechanical reso-
nance. The sound absorption coefficient of the loudspeaker
diaphragm can be improved by connecting a simple re-
sistor to its input terminals, or a more complex electrical
network such as resonant RLC circuits [7, 8, 9]. A micro-
phone and a velocity sensor can even be used in combina-
tion to a feedback controller to further increase the band-
width of efficient absorption at the loudspeaker diaphragm
[5, 10, 11, 12], but it is generally accompanied with an
increased cost and complexity. In the mid 2000’s, more-
over, a technique for damping of the resonance of a sin-
gle DOF system was proposed by Fleming et al. using an
electrodynamic actuator connected to a synthetic electrical

© S. Hirzel Verlag - EAA
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Figure 1. Scheme of an electrodynamic loudspeaker, where the
current i is defined as going into the electrical port of the trans-
ducer and the velocity v is defined as going into the mechanical
port of the transducer.

Figure 2. Analogous electrical circuit representation of the elec-
trodynamic loudspeaker connected to an electrical load Z, and
subject to an external sound field.

admittance [13]. Their approach was then applied to opti-
mally control the resonant sound field in a duct [8], where
an optimal shunt admittance was derived through standard
methods such as linear quadratic regulator (LQR) or H,.
While this approach leads to optimum damping of the duct
modes in a relatively wide frequency range, it is not robust
to changes in the sound field or the location of the control
loudspeaker.

Recently, the concept of electroacoustic absorber (EA)
was introduced as a practical means to achieve sound ab-
sorption at low frequencies [6]. In this technique, a shunt
electrical impedance is derived from a model of the loud-
speaker, so as to achieve impedance matching at the di-
aphragm. Although this shunt impedance can be expressed
theoretically as a network using resistors and inductors, its
practical implementation can hardly be achieved using ac-
tual electrical components. This is partly due to the non-
ideal behaviour of the coil and the parasitic resistances of
the inductors used in the electrical network which must be
neutralized with negative counterparts. Any mismatch be-
tween the loudspeaker model parameters and the network
may then affect the closed loop stability [14]. Neverthe-
less, this work has brought a new perspective on the use of
a loudspeaker as a stand-alone electroacoustic absorber.

This paper presents a concept of sensorless electroa-
coustic absorber (SEA) inspired by [6] and [8]. Taking
advantage of the reciprocity of the voice coil transducer,
it is shown that a shunt electrical admittance can be de-
signed so that the loudspeaker diaphragm is matched to a
target specific acoustic impedance, regardless of the sound
field in which the loudspeaker is located. The remainder
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of the paper is organized as follows. The model-based
method used to derive the complex, frequency-dependent
electrical admittance leading to the desired specific acous-
tic impedance is given in Section 2. Computed and mea-
sured results showing the acoustic absorption capability of
the SEA are provided in Section 3, including experimen-
tal results on modal damping in a duct. A discussion on
strengths and limitations of this concept is given in Sec-
tion 4, in particular with a view to using SEAs for modal
equalization in actual listening rooms.

2. Design of a sensorless electroacoustic
absorber

This section provides the theoretical background on the
characteristics of the electrodynamic loudspeaker, and
specifies how it can be employed as a SEA. A lumped
parameter model is used in the following assuming time-
harmonic dependence p(t) = Re[p exp(jwt)] and linear be-
haviour. Otherwise, some of the model parameters would
need to be considered as time-varying nonlinear functions
of the input variables [15, 16], which might also have con-
sequences on the characteristics of the electroacoustic ab-
sorber [17].

2.1. Model of the electrodynamic loudspeaker

Figure 1 gives a schematic representation of the electro-
dynamic loudspeaker. The equation of motion of the loud-
speaker diaphragm can be written as

1
Syp=|joM,; + R, + - +F 1

where p is the total pressure at the diaphragm due to inci-
dent and reflected sound waves, v is the diaphragm veloc-
ity, i is the current flowing through the coil, S, is the ef-
fective piston area of the diaphragm radiating surface, M,
and R, are the equivalent mass and mechanical resistance
of the moving bodies, and C,; is the equivalent mechan-
ical compliance accounting for the surround suspension
and the spider; ¥, = Bli represents the Laplace force
resulting from the magnetic field action on a free moving
charge (current), where B is the magnetic flux density (in
T) and / is the total length (in m) of the conductor.

The governing equation of the electrical dynamics can
be written as [18]

oL, + R, + 252K ) )
u= WL, e T —— l £,
- ] joL,+ Ry )~

where u is the input voltage at the electrical terminals, L.
and R, are the self inductance and dc resistance of the coil,
respectively, L, and R; represent the para-inductance and
resistance due to eddy currents in the voice coil transducer,
respectively, and e = — Bl v is the back electromotive force
induced within the coil during motion.

Let us consider the case where the loudspeaker is en-
closed in a cabinet of volume V, resulting in a total me-
chanical compliance Ce = Cpy (1 + pc?S3Cris/ Vi)™,

697



ACTA ACUSTICA UNITED WITH ACUSTICA
Vol. 102 (2016)

where p = 1.2kg m~3 is the density of air and ¢ = 345
m s~! is the speed of sound in air. C,,. is now substituted
to Cp,s in Equation (1), and Equations (1)—(2) can then be
expressed as

Sqp=Z,v+ Bli
u=Z2Z,i—Bly,

3)

where Z = joMys + Rys + (joCpc)™" is the mechan-
ical impedance of the closed-box loudspeaker, and Z, =
joLe+R,+joLy Ry (joLy+Ry)™! is the blocked electrical
impedance of the voice coil including eddy currents. Fig-
ure 2 gives the analogous electrical circuit representation
of the electrodynamic loudspeaker. The part on the left-
hand side of Figure 2 accounts for an external sound field,
including a pressure source P, of internal impedance Z
and an acoustic radiation im_pedance Z ,, which depends
on the geometry of the enclosure, the volume of the room
in which the loudspeaker radiates and its location therein.
Without loss of generality, Z _is included into Z, in the
form of a radiation mass and added resistance [19].

2.2. Connection to a shunt electrical impedance

Let us now consider an electrical load represented by the
complex impedance Z; connected to the transducer ter-
minals, as shown in Figure 2. When the coil is vibrating
with velocity v, the current flowing through the electrical
circuit closed by Z, is given by

i=- £ = V. 4

The specific acoustic impedance of the loudspeaker di-
aphragm ! can therefore be derived by substituting Equa-
tion (4) into Equations (3) as

p_Z, (BI)?

Z === )
v oS¢ S«Z,+Z))

showing how the complex impedance Z, may change the

diaphragm specific acoustic impedance.

2.3. Sound absorption coefficient and bandwidth

For plane waves under normal incidence [22], the sound
absorption coefficient a of the loudspeaker diaphragm can
be obtained from Equation (5) as

Z —pc 2

Zwpe

a=1—l 6)

The bandwidth of efficient sound absorption is the fre-
quency range over which the total sound energy in front
of the diaphragm is less than twice the total sound en-
ergy in the case of ideal acoustic impedance matching, i.e.
Z = pc (or a = 1). This criterion corresponds to a sound

—s

! defined as the relationship between the acoustic pressure applied to the
diaphragm and the resulting particle velocity in the direction of that pres-
sure at its point of application
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absorption coefficient @ > 0.83 2. Note that the sound ab-
sorption coefficient given in Equation (6) should not be
confused with the total absorbed energy A = Sa, usu-
ally called “absorption” in the case of an absorber which
is large compared to the wavelength and has an effective
area S.

2.4. Target specific acoustic impedance

When the loudspeaker is disposed at the termination of a
waveguide and subject to plane waves under normal inci-
dence, the condition for ideal impedance matching at the
loudspeaker diaphragm is Z_ = pc, if the duct section is
approximately S, [26]. However, this goal can hardly be
achieved over the whole frequency range of interest due
to the bandpass response of the loudspeaker, as shown in
Equation (5). Achieving Z = pc at the diaphragm would
require to cancel the effects of the reactive components
Cpne and M, in the loudspeaker system through nega-
tive counterparts. Therefore, the target diaphragm specific
impedance is defined in the following as a second-order
system

7 :M.p wM’”’_ ! (7)
—st Sd ] Sd deCmt ’

where R, M, and C,, are the target mechanical resis-
tance, mass and effective compliance, respectively.

The bandwidth B of efficient sound absorption defined
in 2.3 can be derived by substituting Equation (7) into
Equation (6) and solving a > 0.83:

(2= 1) - (fey)

Ry+pcSy

1-(v2-1)°

_ |Rmt + pCSdl

B = 8
Zﬂ'Mmt ( )

only valid for

|Rmt - \/EPCSd| < SaVp3ct -1

Note that assuming R,, = pcS,; (ideal impedance match-
ing), the second term in the numerator in the square root
vanishes and Equation (8) leads to

B = peSa/(xMy)

showing that the ratio S;/M,, is a significant parameter
for extending the bandwidth.

2 For normal sound incidence, the total (incident + reflected) sound en-
ergy is proportional to (1 + 5)2. In the ideal case: (1 + 5)2 = 1. In
the threshold case (bounds of the bandwidth): (1 + fm,.n)z /2 = 1, thus
Qmin = 0.83.



Boulandet et al.: Sensorless electroacoustic absorbers

Table 1. Physical parameters measured on a Monacor SPX-30M
loudspeaker loaded by a rear sealed enclosure of volume V, =
0.96 dm>.

Parameter Notation  Value Unit
dc resistance R, 6.4 Q
Voice coil inductance L. 0.23 mH
Resistance due to

eddy currents R, 1.6 Q
Para-inductance of the

voice coil L 0.23 mH
Transduction coefficient BI 33 NA-!
Moving mass M, 2.67 g
Mechanical resistance R, 0.49 Nsm™
Equivalent mechanical

compliance Che 0.38 mm N~!
Effective piston area Sy 32 cm?
Equivalent volume Vs 1.78 dm?
Resonance frequency fEA 158 Hz

2.5. Derivation of the shunt electrical admittance

Combining now Equations (5) and (7), the closed form
expression of the load electrical impedance that should be
connected to assign Z  at the loudspeaker diaphragm can
be derived as

(BI)?
=—-7Z +—7 9
Z,+ SiZ.-Z, 9)

ZLz

I~ ||

As can be seen in Equation (9), the complex impedance
Z, comprises a negative term —Z  needed to cancel the
coil electrical impedance and an additional term used to
change the motional impedance of the loudspeaker. How-
ever, Equation (9) would not lead to a proper transfer func-
tion and cannot be directly implemented on a digital plat-
form. The reciprocal of Equation (9) should be considered
instead, so that the functional relationship to be assigned
between current and voltage cannot increase unbounded
as the frequency approaches infinity. The electrical load
to be implemented is therefore expressed as an electrical
admittance (in Q")

3

qu)i a;
i=0
Y@= (10)
Z(iw)i b;
i=1
where
a3 = Ly(Mps — M,y)
ay = Ly(Rys — Rpyr) + Ro(M g — M)

a = LZ(I/Cmc - 1/C‘mt) + RZ(Rms -
R2(1/Cmc - 1/(jmt)

Rno)

ap
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and

by = a3 L,

b3 = ay L, +a3 R, + RoLo(Ms— M,,p)

by = ay L, +ay R, + Ry Ly(Ryps— Ryt) + Lo(BI)?

by = ay L, +a; R, + Ry Ly(1/Cpe—1/Cpi) + Ry(BI)?
by = ap R,

3. Results

This section presents simulation and experimental results
intended to show the acoustic performance for normal
sound incidence of a SEA developed from the Monacor
SPX-30M loudspeaker. The electromechanical parameters
of the loudspeaker were measured from the method de-
scribed in [20] and are listed in Table I, where the res-
onance frequency and the equivalent mechanical compli-
ance account for the combined effects of the loudspeaker
and an enclosure of volume V}, = 0.96 dm?.

3.1. Numerical simulation

Table II summarizes the setting parameters and the ex-
pected control results in terms of bandwidth and maxi-
mum sound absorption coefficient at resonance. Note that
each setting was defined so as to preserve the resonance
frequency fg4 of the SEA, i.e. CpyM,yy = Cppe Myy5. Re-
ferring to Table II, the baseline configuration A corre-
sponds to the situation without application of any elec-
trical load (open circuit). In case B, the target mechani-
cal resistance is set to an optimal value (R,; = pcSy) for
ideal acoustic impedance matching at fy = fga, while
the mass and compliance of the loudspeaker diaphragm
are not modified. This configuration is equivalent to a
loudspeaker shunted by a resistor, the value of which is
Ry = (BI)?/(pcSa — Rys) — R, for ideal impedance
matching at the resonance of the loudspeaker, as shown
in [6]. Medium acoustic absorption is targeted in case C
for which the mechanical resistance is half the optimum
value (pcS,/2), the moving mass is halved and the effec-
tive compliance is doubled compared to the passive case
(case A). Case D corresponds to the situation targeting
the optimal value of mechanical resistance (R,; = pcSy),
while halving the moving mass and doubling the effective
compliance. Thus, the bandwidth is expected to double in
comparison with case B.

Figure 3 illustrates the frequency response of the spe-
cific acoustic impedance Z computed with the control
settings listed in Table II, and the corresponding sound
absorption coefficient. Without control (open circuit, case
A), the diaphragm of the speaker has a maximum absorp-
tion coefficient of about 0.8 at resonance. As expected,
connecting an electrical resistance to the loudspeaker ter-
minals increases the total acoustic resistance, thus improv-
ing the sound absorption coefficient of the diaphragm (see
case B). On the other hand, reducing the reactive compo-
nents in the loudspeaker diaphragm can increase the band-
width of efficient acoustic absorption (see case D). Fig-
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Table II. Setting parameters and computed control results.
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N o
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Sound absorption coefficient

o

50 100 200 500 1000
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Figure 3. Real part (—) and imaginary part (- - -) of the computed
specific acoustic impedance (top) and corresponding sound ab-
sorption coefficient (bottom).

ure 4 shows the frequency response function of the electri-
cal impedances Z, calculated from Equation (9) with the
setting parameters listed in Table II.

3.2. Experimental setup

In order to check the validity of the SEA, a standing-wave
duct was specifically designed (length L = 1.5m and in-
ner diameter ¢ = 75 mm), one termination of which is
closed by a SEA loaded by a rear enclosure of volume
V, = 0.96dm>. As depicted in Figure 5, the other end is
closed by a sound source delivering a band-pass filtered
broadband noise in the frequency range [20 Hz -2 kHz].
Although this experimental setup is one-dimensional, it is
intended to show the effect of the different synthetic elec-
trical loads in the same experimental conditions, both in
terms of sound absorption coefficient and attenuation of
duct modes (presented in Section 3.5). This experimental

700
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Case Setting parameters Expected control results
Mmt Rmt Cmr fO X max B
A M, Ry Che 158.0Hz 0.79 -
B M, pcSy Che 158.0Hz 1 719Hz
C %M,,,S %pch 2Cpe 158.0Hz 0.89 64.0Hz
D %Mms pcSy 2Cpe 158.0Hz 1 143.8 Hz
1250 ; 501
- ; i «x B abs (Z,)
' 1000F Y A / -’
- x B 7 _.40 o C
2 750 o C ,,’d . <} = D
= o /./ e @ 30+
g 500, D e E
§ 250 - :{ id %20 L
£ 0 prad = .
5 PLG 10 e ——
G -250 0/_,/_/)1 . ‘ ‘
g 5001 10 100 1000
g 7s0f &/ -
S 7 K arg (Z
& -1000(,” g(ZL)
2 4 / 5 w21
-1250 : : : : ®
50 100 200 500 1000 o 0
Frequency (Hz) §
1- O -z/21
- L
10 100 1000
08t Frequency (Hz)

Figure 4. Target frequency response of the electrical loads to be
synthesized, after Equation (9).

setup is similar to those used in previous work [6, 8, 9, 12],
allowing direct comparison. As can be seen in Figure 5,
three holes located at positions x; = 0.6 m, x, = 0.35m,
and x3 = 0.26 m from the EA are holding 1/2" micro-
phones (Norsonic Type 1225 cartridges mounted on Nor-
sonic Type 1201 amplifier), sensing the sound pressures
P, = B(xl)’ p, = E(XZ) and P, = 1_9(x3). The transfer
functions H,, = P, / ?, and H,, = P, / p, are processed
through a Pulse® Bruel and Kjaer multichannel analyser.
This standing-wave duct allows assessing the normal inci-
dence sound absorption coefficient of the SEA in the fre-
quency range from 57 Hz to 1715 Hz. The displayed fre-
quency range is limited to 1 kHz in the following in order
to focus the analysis in the frequency range of interest.

3.3. Implementation of the synthetic electrical load

This section presents the mixed digital-analog approach
used to practically implement the electrical admittances
calculated from Equation (10) with the setting parameters
given in Table II. First, a digital filter was calculated by
converting Equation (10) to a linear constant-coefficient
difference equation using the z-transform. Then, the fil-
ter coefficients corresponding to the desired specifications
were implemented on a digital platform. In this study, dig-
ital processing was performed using a National Instrument
CompactRIO® real-time Field Programmable Gate Array
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Bruel&Kjaer Pulse
Multichannel Analyzer

Inputs

Bruel&Kjaer Power
Amplifier 2706
Output | Input Output |
[ |
Sound Source
2

Electroacoustic
Absorber

Standing-Wave Duct

—‘ ADC H FPGA H DAC

Figure 5. Scheme of the experimental setup.
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Figure 6. Electrical impedance measured at the SEA input termi-
nals (i.e. from ¢ in Figure 5). The corresponding control settings
can be found in Table II.

(FPGA) module. The NI 9215 module (+ 10 V dynamic
range, 16-bit resolution) was used for data acquisition and
the NI 9263 module (+ 10 V output range, 16-bit reso-
lution) was used for analog output. As illustrated on the
right-hand side of Figure 5, the input signal u of the filter
is the voltage sensed at the transducer terminals which is
then sampled by the analog to digital (AD) converter. Af-
ter digital processing, the filtered signal u,,, is converted
into an output current so that the synthetic load is “seen”
as an electrical admittance at the loudspeaker input termi-
nals. As shown in Figure 5, the voltage-controlled current
source is basically an op-amp based “improved” Howland
current pump circuit including an operational amplifier,
two input resistors R;, two feedback resistors Ry and a
current sense resistor R;. More details about the design of
the circuit can be found in [21].

Figure 6 shows the measured electrical impedances pre-
sented by the digital-analog synthetic load, designed with
the setting parameters given Table II. In practice, this mea-
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surement was performed when the SEA is subject to an
external broadband stationary noise produced by the op-
posite sound source. As can be seen in Figures 4 and 6,
there is a good agreement between the analytical model
and the measured shunt electrical admittances. The ampli-
tude measured in case B (equivalent to the connection of
a resistor at the input terminals) starts decreasing above
1 kHz, which might be due to the fact that the output volt-
age u at the transducer terminals is too small in this fre-
quency range for the level of excitation of the sound source
3 In cases C and D, however, the synthetic electrical ad-
mittance is complex and frequency dependent, and resis-
tive only around the loudspeaker resonance frequency.

3.4. Measured acoustic performance

The specific acoustic impedance and sound absorption co-
efficient were assessed according to ISO 10534-2 stan-
dard [22]. Figure 7 illustrates the measured acoustic per-
formance of the SEA when the synthetic electrical loads
depicted in Figure 6 are connected to the input termi-
nals. When connecting a resistor across the input termi-
nals, the effective resistance of the diaphragm is changed
but not the overall reactance (see. Figure 7, case B). As
expected, the diaphragm specific acoustic impedance can
be matched to the characteristic impedance of air but only
around the SEA resonant frequency, leading to a maxi-
mum absorption coefficient « = 1 as illustrated on the
right-hand side of Figure 7. The resistance and reactance
of the diaphragm impedance can be changed by connect-
ing the synthetic electrical loads, as can be seen in Fig-
ure 7. Compared to cases A or B, the slope of the imagi-
nary part in cases C and D is lower, showing that the reac-
tance of the diaphragm impedance is actually reduced. In
case D in particular, the specific acoustic resistance may
be relatively well matched to the characteristic impedance
of air, i.e. pc ~ 414 N's m™3, while decreasing both the ef-
fective mass and compliance of the diaphragm, leading to
an increased bandwidth. To target a 90% absorption as in

3 the output voltage of the Pulse® sound generator is set so that the aver-
age sound pressure amplitude is about 1 Pa at the microphone positions.
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Figure 7. Real part (- - -) and imaginary part (- - - ) of the specific
acoustic impedance (top) and corresponding sound absorption
coefficient (bottom) measured at the diaphragm of the SEA for
normal sound incidence.

case C, for example, the specific acoustic resistance should
be set at approximately half the characteristic impedance
value, while slightly decreasing the reactance of the di-
aphragm impedance, as illustrated on the right-hand side
of Figure 7. This experimental result clearly shows that a
shunt electrical admittance can be tailored so that a con-
ventional loudspeaker can be turned into a SEA over a
broader frequency range than can offer a simple shunt re-
sistor.

3.5. Damping of low-frequency modes in a duct

In this section, the SEA examined in Section 2 is used for
damping the low-frequency modes in a duct. For the pur-
pose of illustration, the experimental setup is the same as
that described in Section 3.2.

Figure 8 shows the sound pressure level measured at
two different locations in the duct (at 0.26 m and 0.35m
away from the SEA), in three configurations. In the config-
uration “hard wall”, a hard surface panel was substituted
for the SEA at the duct termination; in case A, the duct
was ended by the SEA in open circuit (without control)
and in case D a synthetic electrical load was connected to
the SEA with a view to achieving ideal impedance match-
ing (see Table II). As shown in Figure 8, the peaks (res-
onances) and the dips (anti-resonances) in the duct are
significantly attenuated using the SEA connected to the
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Figure 8. Sound pressure level measured at 0.26 m (top) and
0.35m (bottom) from the duct termination with a hard surface
panel, the loudspeaker in open circuit (A) and shunted with a
synthetic electrical admittance (D).

synthetic electrical load. Compared to the hard wall case,
the dynamic range of the sound pressure level in the duct
is reduced by 15dB between 50 Hz and 300 Hz (31.9 dB
between peak and dip versus 17 dB in case D). As can
be seen in Figure 8, the bandwidth of efficient attenua-
tion is clearly larger when a synthetic load is used com-
pared to the loudspeaker in open circuit (case A). This
clearly shows the capability of the SEA to achieve sound
absorption at the duct termination, allowing to flatten the
low-frequency frequency response all along the duct. Note
that duct modes above 400 Hz could be attenuated with
conventional absorbing materials such as microperforated
panels or porous layers, without affecting the performance
of the SEA, thus improving the overall absorption perfor-
mance as suggested in [23, 24].

4. Discussions

As confirmed experimentally in Section 3, a complex,
frequency-dependent electrical load can be derived from
the loudspeaker model to improve the sound absorption
capability of its diaphragm, thus creating a sensorless elec-
troacoustic absorber (SEA). With our mock-up SEA pro-
totype based on a commercially available electrodynamic
loudspeaker, the bandwidth of efficient sound absorption
(¢ > 0.83) already spans in the frequency range from
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100 Hz to 210 Hz, which is larger than what can be ob-
tained using a simple resistor.

The working range of the SEA is mainly limited by
the characteristics of the loudspeaker driver and the non-
ideal behaviour of some of its components. As shown
in Equations (7) and (9), the function of the synthetic
electrical load is actually to increase the overall resis-
tance and decrease the overall reactance of the specific
acoustic impedance of the loudspeaker diaphragm. This
makes it clear that the expected results in this case will
be around the loudspeaker resonance frequency. On the
other hand, the overall acoustic performance and stability
of the SEA are sensitive to model uncertainties in the loud-
speaker system. Limiting factors to the higher frequen-
cies are due to frequency-dependent variations of certain
components of the loudspeaker that are not taken into ac-
count in our basic model. As can be seen in Equation (9),
the derivation of the synthetic electrical load means that
the blocked electrical impedance must be cancelled, which
can hardly be achieved perfectly in practice [6, 14]. Dis-
crepancies between the lumped parameter model and the
actual electrodynamic driver are described in the literature
[15, 18, 27, 28]. In particular, the non-ideal behaviour of
the voice coil transducer from which the SEA is developed
might be significant. It is recognized that eddy currents
may modify the loudspeaker electrical impedance [15, 27],
making it difficult to cancel even when using a lossy in-
ductance in the model. A second possible cause is related
to the suspension creep [28], which is not covered by our
simplified model.

An expanded model accounting for suspension creep
could be considered in future work with a view to further
extending the working range of the SEA, or an ironless
actuator could be designed in order to reduce the above-
mentioned effects. Note that if high levels of excitation are
assumed, some of the model parameters would need to be
considered as time-varying nonlinear functions of the in-
put variables [15, 16].

Unlike previous attempts to achieve broadband impe-
dance matching using a purely analog network [6], the
mixed digital-analog approach proposed in this study al-
lows more flexibility to refine the synthetic admittance
coefficients, making it less sensitive to mismatches in
the loudspeaker model. The frequency response of the
voltage-controlled current source used to implement the
synthetic electrical loads is likely to have high-frequency
variations when connected to the loudspeaker due to the
self inductance of the coil.

For a successful implementation, any parasitic phase
shift in the current source must be taken into considera-
tion at the design stage of digital filters, and a compro-
mise has to be found between high loop gain to achieve
good performance in the frequency range of interest and
low gain to ensure stability outside the working frequency
range. To that purpose, it may be helpful to employ phase
compensators [12] in order to improve the closed-loop sta-
bility. On the other hand, the latency in digital processing,
not accounted for in the analytical model, is also a limiting
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factor. Therefore, direct AD/DA converters were preferred
to sigma-delta converters as they have a lower latency *.
A high sampling rate can be advantageous in terms of la-
tency in the AD/DA converters, but it also means that high-
frequency noise is more likely to be captured in the sig-
nal, which can also affect the overall performance of the
SEA. Likewise, no anti-aliasing and reconstruction filters
were used in order to optimize the response time of the
controller. Note that a FPGA platform was used here, but
other digital platforms such as micro-controllers or digital
signal processor s (DSP) may obviously be used as well.

Compared to previous work on the design of a synthetic
electrical admittance to control resonant sound fields, the
sensitivity to changes in sound field or the location of the
control loudspeaker is no longer relevant. In [8] for exam-
ple, the problem is tackled from a feedback control per-
spective by using optimal H,, and H, controller to obtain
the optimal electrical admittance. The approach developed
in [8] consists basically in solving an optimal problem on
a system comprising the loudspeaker and the duct. It re-
sults from the above that the synthetic load is only effec-
tive for a given location of the loudspeaker in the duct and
is not robust as no adaptation can be applied. With the ap-
proach developed in the present paper, the synthetic load
is designed to achieve impedance matching at the loud-
speaker diaphragm, i.e. regardless of the sound field in
which the SEA is located. Through this model-based ap-
proach, the shunt electrical admittance has also a straight-
forward physical interpretation regarding the control ob-
jective and can be set by adjusting the filter coefficients.

The results shown above were obtained for a 1D sound
field in order to allow a straightforward comparison with
previous work [6, 8, 9, 12]. Nevertheless, extension to 3D
sound fields is possible. It was shown in [9] that the be-
haviour of electroacoustic absorbers observed in a waveg-
uide was still valid when disposed in actual lightly damped
rooms. Further experiments even showed that the SEAs
can be arranged either in array (close to each others) or
disposed individually in the corners of the room, at a more
or less arbitrary location in the room without compromis-
ing the overall acoustic performance. This shows the po-
tential of SEAs to attenuate low-frequency modes in lis-
tening rooms, such as home-theaters or recording studios,
since it might improve the quality of sound reproduction
by flattening the frequency response of the music sources.
The SEAs are also attractive compared to conventional
bass traps in terms of bandwidth and compactness. In ad-
dition, SEAs stand out for their versatility because the di-
aphragm specific impedance can be set by adjusting the
filter coefficients of the synthetic load admittance. How-
ever, it can be argued that the target acoustic impedances
to be achieved may also be optimized by taking into ac-
count additional parameters such as the wall impedance
and the ratio of effective piston area of the SEAs over the
total surface area of wall, as discussed in [26].

“41In this experiment we used a 50 kSPS sampling rate with a measured
time delay of 23.8 us (corresponding to 8.6° phase shift per kHz).
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5. Conclusions

This article presents a straightforward approach that can
turn a conventional loudspeaker into a relatively broad-
band electroacoustic absorber. It is shown that a shunt
electrical admittance can be designed so that the loud-
speaker diaphragm is matched to a target specific acous-
tic impedance, regardless of the sound field in which the
loudspeaker is located. In practice, a digital filter is used
to replicate the target frequency response of the synthetic
load, and a voltage-controlled current source is needed so
that the filter is seen as an electrical admittance. Unlike
previous attempts to implement the synthetic load using
an electrical network, greater flexibility and accuracy can
be obtained through this mixed digital-analog technology.
With the SEA prototype based on a commercially avail-
able electrodynamic loudspeaker, the bandwidth of effi-
cient sound absorption (¢ > 0.83) ranges from 100 Hz to
210 Hz. The experiments confirmed the validity of SEA,
showing that the dynamic range of the sound pressure level
in the duct can be reduced by 15 dB from 50 Hz to 300 Hz
compared to a hard surface panel. Even if the results are
presented in a waveguide for normal incident sound wave,
the method is still valid in actual rooms. The target spe-
cific acoustic impedance to be implemented may be more
complex because it will depend on the wall impedance and
the ratio of effective piston area of the SEAs on the total
area of the wall.
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