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Abstract – In the brass instrument family, the sound can be modiﬁed or attenuated using a mute, which is
usually inserted in the bell of the instrument. The objective of this paper is to study the principle and the
technological feasibility of an active mute using loudspeakers placed in front or around the instrument bell. This
mute must reduce the acoustic power emitted by the instrument while avoiding any impact on its playability.
At this stage, an optimal control is considered and no real-time controller is implemented. Results show that an
active control placed outside the trombone is theoretically feasible and can be efﬁcient to reduce the acoustic
power up to 2000 Hz by placing a ring of sources around the bell and a source in front of the trombone. The
instrument input impedance is very slightly affected by the control. In accordance with numerical simulations,
the experiment showed that placing a control speaker very close in front of the bell of the instrument modiﬁes
the pressure ﬁeld of the instrument in such a way that it allows to obtain a power attenuation greater than the
predicted one. The control is technologically achievable but requires a high power for the closest source.
Keywords: Musical Acoustics, Electroacoustics, Active Control, Brass instruments, Transducers

1 Introduction
The sound rendering of a musical instrument is essential
for the musician who must be able to vary the sound level as
well as the timbre of its instrument as he wishes. In the brass
family, the sound can be modiﬁed or attenuated using a
mute, which is usually inserted in the bell of the instrument
or placed near it. This device, existing in various shapes, has
an impact on both the timbre and the power of the radiated
sound [1]. Musicians mainly use it to produce sound effects
such as the “wah-wah” effect [2]. It can also be a way to
reduce the radiated sound level with a practice mute so that
one can play without disturbing the neighborhood.
A common impact of the mutes is the inevitable modiﬁcation of the instrument input impedance which alters
the musician’s playing. For instance a dry mute shifts the
input impedance peaks towards high frequencies [2–5].
New resonance peaks also appear when a mute is inserted,
in particular an extra impedance peak between the ﬁrst
and second resonance, which seems to make it more difﬁcult
to play any note having a fundamental frequency close to
this peak [6, 7]. The impedance of the instrument is thus
altered and the musician must therefore adapt his way of
playing. In 1995, Yamaha developed the SILENT Brass
Mute1, which allows to play a brass instrument while
*Corresponding author: colas.cavailles@univ-lemans.fr
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Yamaha – SILENT Brass™ Series – www.yamaha.com/en/
about/design/synapses/id_061 (2022).

enclosing the acoustic energy inside the instrument. The
sound is picked up by a microphone in the mute and then
transmitted through headphones to the player’s ears.
In 1998, Pickett tried to perform active control on a
trumpet [8] putting the control source inside the bell. The
microphone was placed in the mouthpiece, which essentially
picked up the sound of the trumpet and rejected any interference. A control is thus possible but only theoretically.
The technological limitation of this work is the capacity
of the loudspeaker to generate a source strength that can
control the propagating wave inside the trumpet and which
must be simultaneously small and light.
An optimal active control on an endblown ﬂute was
investigated in 1998 [9]. Several small microphones were
placed in the cylindrical tube allowing to measure incoming
and reﬂected waves from the front and the back. A signal
sent to the control speaker was used to cancel the reﬂected
wave.
A study on active control for a trombone was carried
out by Meurisse et al. [7]. A feedback control allowed to
suppress the extra impedance peak due to the mute
between the two ﬁrst peaks in the input impedance of the
trombone. A modal control was also studied in the context
of active control of the clarinet [10]: the control source
located inside the instrument allowed signiﬁcant changes
of the sound and input impedance of the instrument. It
allowed to modify the playability and the sound of the
instrument.
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A gong with geometric nonlinearities was studied experimentally in [11]. The control allowed to change the damping of the fundamental mode of the structure. The damping
control provided good results for small amplitude regime
once the instantaneous frequency of the mode reaches a stabilized frequency range.
Buys et al. attempted to create a hybrid wind instrument by using a loudspeaker to excite a clarinet-type tube
[12]. The reed-beating pressure and the oscillation thresholds were estimated and appeared to be nearly the same
in both the hybrid and simulated situation. The interaction
between the speaker and the tube was compensated by a
feedback ﬁlter while the loudspeaker response was corrected
by a feedforward ﬁlter.
In 2016, Ayrault et al. conducted a study on the effect of
an active control on the outer waveguide radiation [13]. The
objective was to reduce the radiated power by an active
control with two secondary sources located outside the
instrument. This theoretical study showed that the directivity can also be modiﬁed by adding a time delay to the
control sources. This however strongly reduces the desired
power attenuation. In this case, the active mute has a significant impact on the radiated sound but a rather slight inﬂuence on the input impedance of the instrument by shifting
the peak by about ten cents towards the high frequencies.
The work presented below is based on this paper and studies a trombone as the source to control.
More recently, Ayrault et al. investigated an active
mute mounted in the bell of a simpliﬁed trumpet (cylindrical tube connected to an exponential bell) [14]. Up to six
speakers can be mounted on the mute. Different models
have been studied to predict the input impedance and the
pressure radiated by the instrument during an optimal
active control. When the objective of the control is to
increase the radiated sound level, the amplitude of the
impedance peaks is modiﬁed.
The trombone can radiate a high sound level up to
110 dB SPL at 1 m in free ﬁeld. In terms of radiation, the
instrument can be assimilated to a monopole in low frequencies – up to 500 Hz [15].
Knowing these characteristics, the objective of this
paper is to study the principle and technological feasibility
of an active mute using secondary sources (loudspeakers)
placed in front or around the instrument bell. This mute
must reduce the acoustic power emitted by the instrument
while limiting its impact on the playability of the musical
instrument. At this stage, an optimal control is considered
and no real-time controller is implemented.
The studied system is ﬁrst presented in Section 2 before
developing the theory underlying the different active control strategies. Section 3 is dedicated to the assessment of
the different control strategies performances. The acoustic
power control is evaluated using measurements performed
in an anechoic chamber in Section 4. The effect of the control on the instrument input impedance is then carried out
to assess whether the control can have an impact on the
musician’s playing. In Section 5, the trombone volume
velocity is estimated in order to precisely characterize the
primary source to be controlled. Finally the paper deals

with technological limits of the loudspeakers used as secondary sources in order to propose a system which can be
used for real musical applications.

2 Theory
This section presents the system under study and the
theoretical aspects of the control. It shows how to estimate
the optimal secondary source strengths which enable to
minimize the radiated power.
2.1 System under study
The system under study is a trombone equipped with Ns
control loudspeakers placed near the bell. The pressure radiated by the sources is measured with M receivers. Figure 1
shows an example including the primary source s0 (equivalent source of the instrument), 6 secondary sources s1 to s6
and one receiver r1. On this example, each control source is
separated from the primary one by the same distance h as
all the control sources are placed on a ring. More generally,
the control sources can be placed anywhere near the bell.
An example of the experimental setup is presented in
Figure 5 for a plastic trombone.2
The optimal control consists in applying an optimal
control ﬁlter:
x opt
w¼ s ;
ð1Þ
x0
where x0 is the reference signal describing the primary
source (volume velocity or voltage, depending on the
is the driving signal of the secondary
approach) and x opt
s
sources (volume velocity or voltage) which aim is to
reduce the primary source power.
Depending on the conﬁguration, the optimal ﬁlter w is
estimated as follows:
 the active control theory is ﬁrst developed with all
the sources considered as simple monopoles, then:
opt
w 1 ¼ qqs0 where q0 is the primary source volume velocity. The transfer impedance matrix between sources
permits to estimate the theoretical optimal source
T
opt
opt
¼ ½q opt
in an
strengths q opt
1 ðxÞ; q 1 ðxÞ;    ; q N ðxÞ
s
analytical way as described in [16]. This approach
called the “near ﬁeld control” is used later to optimize
the number and positions of secondary sources in
Section 3.
 In Section 4, real sources (trombone excited by a compression driver as the primary source and control
loudspeakers as secondary sources) are considered
for an experimental setup with the control ﬁlter:
opt
w 2 ¼ uus0 where u0 is the excitation voltage of the compression driver placed at the trombone input. Knowing the primary pressure radiated in far ﬁeld, the
is estimated
optimal secondary voltage vector u opt
s
from the transfer function matrix linking primary
2
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2.2.2 Far ﬁeld control

Figure 1. System under study composed of a trombone
considered as the primary source of volume velocity q0, Ns
loudspeakers considered as secondary sources of volume velocity
qs, due to voltage inputs us and M receivers (Ns = 6, M = 1 in
this ﬁgure).

A real trombone and real secondary sources (loudspeakers) are considered in this section. As the impedance
transfer matrix Z between each source deﬁned with
equation (3) cannot be measured easily in practice (due
to the difﬁculty of measuring the volume velocity), transfer
functions between the pressure in far ﬁeld and source excitation voltage are measured.
The primary source pressure p0 ¼ ½p01 ; p02 ;    ; p0M T is
given by:
p 0 ¼ g 0 q0 ;

and secondary sources voltage and receivers pressure.
A cost function is written to minimize the acoustic
power with [17, 18]. This approach is called “far ﬁeld
control”.
 The last conﬁguration consists in a trombone played by
a musician. In this case, the volume velocity of the
trombone q 0 is estimated from the measurement of
the pressure radiated by the instrument (see Sect. 5).
opt
This enables to deduce the optimal ﬁlter w 3 ¼ uqs0 as
presented in Section 2.2.3.

2.2 Power minimization
2.2.1 Near ﬁeld control
In this section, the system is assumed to be composed of
Ns + 1 ideal sources (monopoles). The volume velocity
T
vector q is deﬁned by q ¼ ½q0 ðxÞ; q1 ðxÞ;    ; qN ðxÞ where
qn ðxÞ is the strength of the source n, with n = 0 for the
primary source and n = 1 ? Ns for the secondary sources.
The radiated pressure is written p = [p1, p2,   , pM]T.
Nelson et al. [16] show that the optimal source strength
to be applied to the secondary source minimizing the
primary source power can be written:
¼ A0 1 b0 ;
q opt
s

ð2Þ

with A0 ¼ 12 RfZss g, b0 ¼ 12 Rfz 0s gq 0 , where R denotes
the real part operator, Zss the transfer impedance matrix
between each secondary source and z0s the transfer
impedance vector between the primary source and each
secondary source, both being deﬁned by p = Zq where
Z is the transfer impedance matrix such as:
ejkrij
;
Z ij ¼ jkqc
4prij

ð3Þ

with k the wavenumber, q the air density, c the celerity of
sound and rij the distance between sources i and j. In a
case where regularization in the matrix A0 is added [23],
it comes:
1
ð4Þ
A0 ¼ RfZ ss g þ bI ;
2
with b the regularization factor. b = 0 to get A0 without
regularization and I an identity matrix.

ð5Þ

where the transfer impedance vector for the primary
jkrðiÞ
. The pressure
source g0 is estimated by g 0 ðiÞ ¼ jkqce
4prðiÞ
T
produced by the secondary sources ps ¼ ½ps1 ; ps2 ;    ; psM 
is given by ps = Gsqs with qs the volume velocity of the
secondary sources and Gs the transfer impedance matrix
for the secondary sources. As q0 can not be measured
easily in a direct manner and in order to manage the primary source excitation, the trombone is modiﬁed and is
excited by a compression driver through an adaptation
tube (presented in Sect. 4.1). The pressure radiated by
this adapted trombone is written p0 = h0u0 where h0 is
the transfer function vector.
The secondary source pressure is written ps = Hsus
with us the secondary source voltage vector (with Ns
secondary sources) and Hs the transfer function matrix
between source voltages and microphone pressures (size
M  Ns).
The objective is to ﬁnd the secondary source optimal
as a function of the primary source voltage
voltages u opt
s
u0 minimizing a cost function. As the objective is to minimize the power radiated by the system, the power W is estimated from the pressure measured with M microphones
placed in far ﬁeld on a sphere of radius r with constant
angle steps Dh for the azimuth angle and D/ for the elevation angle. The total power W – including the power of the
primary source W0, of the secondary sources Ws and of the
interferences created between sources Wl [19, 20] – is
expressed as the sum of the quadratic pressures at the receivers r deﬁned by the spherical coordinates r = (r, h, /) as:
Z 2p Z p
2
jpðrÞj
dS;
ð6Þ
W ¼
2Z c
0
0
with Zc the characteristic impedance, p(r) the superposition of the primary and the secondary sources pressure
written as:
Ns
X
pðrÞ ¼ p0 ðrÞ þ
pi ðrÞ;
ð7Þ
i¼1

and dS the variable surface element written as:
dS ¼ r2 sinðhÞdhd/:

ð8Þ

For M microphones placed on a sphere of radius r with constant Dh and D/, a discrete approximation of Equation (6)
is given by:
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W ’ r2 h/ðs½p0 þ ps ÞH ðs½p0 þ ps Þ;

ð9Þ

where the superscript ‘‘H ” is the Hermitian transpose of
a vector and s is a M  M matrix deﬁned by
pﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃ
sij ¼ jsin ðhi Þjdij with an identity matrix dij. The functional to be minimized becomes:
H

J 1 ¼ ðs½p0 þ ps Þ ðs½p0 þ ps Þ;

ð10Þ

to ﬁnally take the following form:
J 1 ¼ u Hs A1 u s þ u Hs b1 þ bH1 u s þ c1 ;

ð11Þ

with the matrix A1 ¼ H Hs SH s with S a M  M matrix
deﬁned by S ij ¼ j sinðhi Þjdij , the vector b1 ¼ H Hs Sh0 u 0
and the scalar c1 ¼ u 0 h H0 Sh0 u0 , u0 being the complex conjugate of u0.
To minimize the power W, the optimal secondary
voltage to be applied comes from the quadratic function
developed by equation (11) and knows a unique solution
given by:
¼ A1
ð12Þ
u opt
1 b1 :
s
2.2.3 Application to a trombone played by a musician
When the instrument is played by a trombone player,
opt
the optimal ﬁlter w 3 ¼ uqs needs to be known and the
0
volume velocity q0 must be measured to deduce u opt
s . Filter
w3 is deduced from the results of the previous Section 2.2.2.
Writing that:
u opt u0
w3 ¼ s
;
ð13Þ
u0 q0
for a compression driver replacing the trombonist, the
problem is to estimate the uq00 when the trombone is excited
by a loudspeaker.
Assuming that the primary source is a monopole and its
position is known, uq0 is estimated by uq0 ¼ pu00 pq0 ¼ h þ
0 g 0 and r
0
0
0
the distance from the bell of the trombone to the observation point. This leads to:
u opt
w3 ¼ s h þ
g ;
ð14Þ
u0 0 0
1

H
H
here h þ
0 ¼ ½h 0 h 0  h 0 is the pseudo-inverse (superscript “+”)
of h0.

3 Simulation with point sources
In this section, primary and secondary sources are limited to monopoles [16] as presented in Section 2.2.1 and
the optimal volume velocity is given by equation (2). This
enables to choose the position and the number of secondary
sources that will be used in the following in order to optimize the power attenuation:
AttW ¼ 10log10

W0
;
W tot

ð15Þ

Figure 2. Five conﬁgurations for active control: the secondary
sources are positioned around the primary source either on a ring
at hr = 0.16 m or either in front of this last one at hf = 0.05 m.
Vector h gathers the distances between each secondary source
and the primary one.

with the primary source power W0 and the total power
Wtot, both calculated from the pressure estimated numerically with equation (6). Five secondary source conﬁgurations are investigated and shown in Figure 2. The
position of these sources is given by vector h gathering each
distance between the primary and the secondary sources. h
was chosen for practical reasons during the experiment presented in Section 4. The distance hr = 0.16 m allows to
place the loudspeakers on the same plane around the bell
of the trombone on a ring whose radius is 0.105 m while
the distance hf = 0.05 m is chosen to place a control loudspeaker close to the bell in front of the trombone without
obstructing the waveguide.
The power attenuation for each case is shown in Figure 3
which illustrates that increasing the secondary sources
number (from 3 to 8 sources – cases 2 and 3) generates
almost the same attenuation in the low frequency range.
As shown in [21], the power attenuation almost no further
increases beyond 4 monopoles equally distributed around
the primary source. This explains why there isn’t improvement in low frequency between cases 2 and 3 – simulating
respectively 3 and 8 secondary sources equally distributed
around the primary one. Case 3 (8 sources) allows nevertheless to reduce the needed volume velocity to apply to each
source as shown in Figure 4a. Conﬁguration 3 also provides
a little more attenuation AttW above kh = np (f ’ 1000 Hz)
but this increase is not sufﬁcient in view of the added
system complexity.
When there is only one secondary source, q1 = q0 in
low frequency whereas with Ns control sources, the required
volume velocity is divided by the number of sources. In
higher frequencies, q1 decreases as the power attenuation
AttW drops to 0 for kh = np.
For particular cases where secondary sources are not
equally distributed around the primary one, the matrix
inversion favors the secondary sources placed on the ring
at low frequencies (cases 4 and 5). Due to a very high
conditioning at low frequencies bringing singular values
to the matrix, the volume velocity required by the secondary source placed in front of the source is thus almost
zero in this frequency band. For a theoretical study on
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Figure 3. Power attenuation AttW with a monopole model for
the 5 cases presented in Figure 2. Effect of regularization
(b = 200) is shown on the solid curve with circles for case 5.

the feasibility of control, it is thus necessary to regularize
A0 before doing the matrix inversion as mentioned by
[22, 23]: “the use of regularization function is effective in
restoring the strength of acoustic sources when the inverse
problem is badly conditioned”. Result is shown for case 5
without and with regularization (b = 200) in Figure 4b.
The addition of a secondary source closer to the primary
source (cases 4 and 5) raises AttW around kh = np up to
6 dB, allowing a better power attenuation. It is interesting
to see that for these two cases, the closer secondary source
must provide a larger volume velocity as shown in Figure 4b.
This study is however carried out for an ideal case with
point sources, which does not represent the trombone radiation at medium and high frequencies.

5

Figure 4. Volume velocity ratio qq0s with a monopole model for
various cases presented in Figure 2. (a): the solid line represents
each of the 3 secondary sources of the case 2 while the dashed
and dotted one represents each of the 8 secondary sources for the
case 3. (b): the dashed line represents the secondary source
placed in front of the primary one and the dotted line represents
each of the 8 secondary sources placed on the ring, both for case
5 without and with (same curves with circles) regularization
with b = 200.

4 Experiment
The system is now studied experimentally in order to
compare theoretical and measured attenuations due to
the control and to evaluate its impact on the input impedance. The aim is to take into account the measured transfer functions between the trombone, the loudspeakers and
the receivers (as presented in Sect. 2.2.2) in order to estideﬁned
mate the secondary source optimal voltages u opt
s
by equation (12).
4.1 Experimental setup
The experiment takes place in the anechoic chamber of
the LAUM laboratory. It consists in a trombone (pBone)
connected to a 1 m plastic pipe excited with a compression
driver Faital HF10AK (Figs. 5 and 6). In a ﬁrst case, 8 control loudspeakers Beyma 3FR30Nd are placed around the
trombone bell, on a ring of 0.16 m radius whose center
corresponds to the trombone’s bell one. Another control
loudspeaker is placed in front of the bell at hf = 0.05 m
for a second setup as in case 5 of Figure 2.
All the loudspeakers are excited with a swept sine
between 40 Hz and 3 kHz. This lower frequency limit is

Figure 5. Primary source controlled by eight secondary sources
placed on a ring around the bell.

chosen knowing the lowest fundamental frequency played
by the trombone (i.e. B[1, f0 = 58 Hz). The higher frequency
is around 3 kHz where the optimal control is not efﬁcient
anymore as shown in Figure 3.
Acoustic pressures are measured at 614 points
distributed on a sphere of radius r = 1.94 m, D/ = 9°
and Dh = 10° as shown in Figure 6. In practice, only
10 receivers (1/200 microphones: B&K 4190 and GRAS
40-AG) are positioned on a quarter-circle rod while the
trombone and secondary sources are placed on a turntable.
This last one is rotated every 10° over 360°. The pressure
can thus be measured only on the upper half of the sphere.
The trombone and the ring of secondary sources are then
turned upside down so that the microphones can measure
the pressure on the whole sphere. The power estimation
is then calculated from equation (6) assuming that the
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Figure 7. Power attenuation AttW for case 3 (8 sources).
Theory: hr = 0.16 m without a random noise (solid line), with a
random noise (solid line with crosses), or with regularization
(b = 200, diamonds). Measurement (over 2 sets, dashed line and
dotted one): 8 control speakers on a ring are placed at
hr = 0.16 m as shown in Figure 5.
Figure 6. Simpliﬁed presentation of the experimental setup for
a case with 2 secondary sources. Transfer functions Hs and h0
between voltages at sources and pressures at receivers are
represented by boxes.

turntable and the frame holding the sources (covered with
absorbing foam) do not inﬂuence the acoustic radiation.
4.2 Power minimization
The power attenuation resulting from the far ﬁeld control estimated in Section 2.2.2 is assessed experimentally.
Figure 7 shows the power attenuation for a case with 8 control speakers on a ring at hr = 0.16 m. It compares theoretical and experimental results obtained from two sets of
measurement. First, experimental results are compared to
the theoretical ones without adding an artiﬁcial noise or
regularization. Secondly, the effect of artiﬁcial noise (without a regularization term) are presented. Experimental and
theoretical results are then compared.
For 8 control speakers case, experiment ﬁts with theory
for frequencies higher than 500 Hz. Before, it drops off little
by little with a difference of 6 dB at 200 Hz. The minimum
attenuation is as expected at kh = p (f = 1 kHz). The attenuation is negligible beyond that, with a slight increase in
ampliﬁcation up to 3 dB.
For frequencies lower than 200 Hz, the discrepancy
between experimental and theoretical results increases as
frequency decreases. This difference can be explained by
several error sources: a weak signal to noise ratio (S/N),
variation in the source-receiver distance, variation of temperature and presence of room modes.
First, the S/N has been measured at 37 dB around
100 Hz. The background noise is mainly electrical and
decreases with frequency, leading to a greater impact at
low frequencies. This weak S/N inﬂuences the matrix inversion (made with backslash on MATLAB). The conditioning
number of A1 reaches effectively around 105 below 350 Hz
and decreases to 102 in high frequencies. This high conditioning number justiﬁes why the matrix inversion cannot
allow to reach a power attenuation equivalent to the theoretical one. Moreover, it remains modes in the room up to

140 Hz. Some microphones may be located on nodes which
induces a weak S/N also, and local variations of the resulting power attenuation below 200 Hz.
Secondly, the acoustic center of the trombone moves
inside the trombone as the frequency increases [24]. In addition, when the secondary sources rotate over 360°, the
distance between each receiver and each source varies.
Moreover, the pressure measurement on all points around
the sphere lasts at least 5 h. The temperature of the room
varies during this time about 4 °C, leading to a variation
of celerity. These three types of variation generate a phase
error compared to the theory, estimated to 1.5°, which
induces local variations of the power attenuation versus
frequency.
These errors have been simulated by adding an artiﬁcial
noise on the theoretical propagators g0 and Gs inducing a
S/N of 34 dB at 100 Hz. It is chosen for the rest of the study
that only noise is added to the theory to ﬁt the measurement. This adding of an artiﬁcial noise allows to ﬁt the
theory with the experimental results for power attenuation
(solid line with crosses in Fig. 7, solid line and solid one with
crosses in Fig. 8, solid line and solid one with crosses in
Fig. 9). Experimental attenuation can also be ﬁtted by adding regularization in the matrix inversion (b = 200) without
added noise (diamonds in Fig. 7).
When a ninth source is added at hf = 0.05 m on the
trombone main axis of radiation, the power attenuation is
shown in Figure 8. Results show that the experimental
attenuation (dash and dot lines) is greater than the theoretical one (solid line and solid one with crosses).
A deviation is still present at low frequencies up to
200 Hz which is similar to the previous case. Beyond
2 kHz, the attenuation is null, with a small increase in
ampliﬁcation up to 5 dB.
The attenuation estimated by the experimental model is
greater than the theoretical one between 350 Hz and
2000 Hz. This gap can be explained by a modiﬁcation of
the ﬁeld radiated by the primary source due to the position
of the ninth secondary source close to the trombone bell
(hf = 0.05 m). Experiment seems to ﬁt with theory up to
1500 Hz when the distance between the trombone and
the speaker 9 is chosen equal to 0.0085 m in the theoretical
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Figure 8. Power attenuation AttW for case 5 (9 sources).
Theory with a random noise: hr = 0.16 m and hf = 0.05 m (solid
line) or hf = 0.0085 m (solid line with crosses). Measurement
(over 2 sets, dashed line and dotted one): 8 control speakers on a
ring are placed at hr = 0.16 m and a ninth one at hf = 0.05 m
front of the trombone.

Figure 9. Power attenuation AttW for case 1 (1 source).
Theory with a random noise: hf = 0.05 m (solid line) or
hf = 0.0085 m (solid line with crosses). Measurement
(dashed line): hf = 0.05 m with 1 control speaker placed in
front of the trombone. FEM without added noise (dotted line):
hf = 0.05 m.

model (dashed & dotted line in Fig. 8). In that case and for
frequencies below 1500 Hz, the control speaker acoustic
center position would be located a few centimeters in front
of its membrane as reported in [25, 26]. The effective distance between the trombone acoustic center and the ninth
source acoustic center would be smaller than the physical
one. This effect could explain the experimentally estimated
over-attenuation and will require further study to conﬁrm
this hypothesis.
To verify this hypothesis, the power attenuation of a
trombone with a single control speaker in front of the bell
is studied. A 2D axisymmetric ﬁnite element method
(FEM) model of the system is designed with COMSOL
MultiphysicsÒ and used to validate the experimental model
and is shown in Figure 9.
A plane wave primary source with a volume velocity qin
is placed at the throat of the instrument. A secondary
source of volume velocity qss is modeled as a piston mounted
in a closed box. It can be considered as an omnidirectional
source in the low frequency range. The source is placed at
hf = 0.05 m in front of the instrument. The diameter of
its diaphragm is 300 , the diameter of its enclosure is 500 and
its length is 200 . Viscothermal losses at the wall surfaces
are not taken into account. A perfectly matched layer at
the edge of the domain mimics air surrounding the instrument as an open and non-reﬂecting inﬁnite domain. As
for the experimental protocol, the power attenuation is estimated on pressure points equally distributed around the
source in far ﬁeld with equation (6).
The power attenuation estimated by FEM ﬁts quite well
with the experimental one from 500 Hz to 3 kHz for a case
with 1 source placed at hf = 0.05 m. A difference can be
observed at the peak and dip positions which is due to
the absence of damping in the instrument’s numerical
model.
FEM and experience power attenuations do not ﬁt with
the analytical one. The secondary source has to be placed at
0.0085 m in the analytical model to ﬁt with the FEM one.
This would suggests that the primary and secondary
equivalent sources come closer together when a secondary
source is located in front of and close to the bell of the
instrument.

4.3 Impact on the input impedance
The power attenuation for different setups having been
investigated, it is now necessary to study the impact of the
external control on the input impedance of the instrument.
Previous results [13] showed that an external control has a
very small impact on the three ﬁrst impedance peaks of a
cylindrical waveguide terminated with a bell – of the order
of 1 dB on the amplitude and of the order of a ten of cents
on the frequency. In this work, the secondary source
impacting the most the input impedance should be the
one placed closest to the bell of the trombone. The case 1
of Figure 2 where only one control speaker is placed at
hf = 0.05 m from the primary source is thus studied. The
input impedance is not measured in the presence of control
but is predicted from measurements of experimental transfer functions.
4.3.1 Experimental procedure
Figure 10 shows the experimental setup used for the
input impedance prediction due to control. The primary
source is mounted in an impedance sensor [27, 28] on a rear
cavity with pressure p0r and leading to a resonator whose
pressure in front of the impedance sensor is p0f .
The input impedance of the resonator is estimated from
p0
p
the measurements of H 0f ¼ u0f and H 0r ¼ u00r (respectively
the front and the back sensor pressure response) by:
Zi ¼

p0f
q0r

¼

H 0f
;
H q0r

ð16Þ

q

with H q 0r ¼ u00r the volume velocity response of the primary source rear part. From the calibration of the impedance sensor, it is possible to determine the relationship
between H q0r and H 0r by H q0r ¼ f ðH 0r Þ. The impedance
is thus written:
H 0f
:
ð17Þ
Zi ¼
f ðH 0r Þ
This formulation is given by the input impedance measurement system and is detailed in [27, 28]. Knowing that the
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Figure 10. Simpliﬁed presentation of the experimental setup of
a control with an impedance sensor attached to a 1 m plastic
pipe connected to the trombone. One control speaker is placed at
0.05 m from the bell of the trombone.



uopt
s
secondary voltage is uopt
¼
w
u
w
¼
, the impedance
2 0
2
s
u0
with control is written:
!
H sf
w2 ;
ð18Þ
Z ic ¼ Z i 1 þ
H 0f

Figure 11. Experimental input impedance real and imaginary
parts without control (Zi – solid line) and with control (Zic –
dashed line). Only one control speaker is placed at 0.05 m from
the trombone’s bell (case 1).

of maximum frequency deviation and less than 2 dB of
amplitude deviation for frequencies below 600 Hz, the effect
on the musician’s playing thus being very limited.

ps

with H sf ¼ usf the pressure response of the secondary
source at the front of the impedance sensor.
4.3.2 Results
The experimental impact of the acoustic power control
on the input impedance is shown in Figure 11 when an
impedance sensor attached to a 1 m plastic pipe is connected to the trombone as shown in Figure 5. The slide
has been removed so the trombone position is not related
to a particular note in the musical scale.
The input impedance amplitude deviation without and
with control is deﬁned for each peak from their real part.
The frequency deviation is estimated when the imaginary
parts cross 0 at the resonances. These deviations are given
in dB for the amplitude and in cents for the frequency in
Table 1.
When looking to the 10 ﬁrst peaks of the trombone
input impedance for a case with a loudspeaker placed at
0.05 m from the bell, the maximum frequency deviation is
about 3 cents for the seventh peak and the amplitude shift
reaches up to 6.6 dB for the ninth one. Globally, the power
control impact on impedance is almost inexistent up to the
ﬁfth resonance of the trombone.
The higher impedance amplitude due to the control in
high frequencies slightly makes the trombone easier to play
as shown in [7]. This would have the impact of producing a
different timbre at these frequencies. Nevertheless, the
impact of the control for several positions of the trombone
slide should be studied to validate these ﬁrst results.
It can be assumed that the bell shape of the instrument
as well as the ratio between the bell diameter and the control speaker membrane diameter (always smaller than that
of the trombone bell in our case) reduces the inﬂuence of the
radiating impedance on the input impedance of the
trombone.
An active control external to the trombone therefore
seems to have very little impact on the ﬁrst peaks of the
input impedance of the instrument, of the order of 3 cents

5 Practical feasibility
The aim of this section is to evaluate the required
voltage to be applied to the secondary sources when the
trombone is played by a musician and not excited by a
loudspeaker. The volume velocity produced by the primary
source is measured so that the electrical power to be applied
to the control speakers and the maximum displacement
of moving part can then be calculated – as developed in
Section 2.2.3. The practical feasibility of the control is
ﬁnally determined by the physical limits of the control
speakers.
It is considered that the control system (ring of
secondary sources + the one in front of the trombone) is
not necessarily attached to the trombone. The weight of
the control speaker is thus not studied in this work. In that
case, the power attenuation efﬁciency would be reduced if
the musician moves which is also not considered here.
5.1 Volume velocity measurement
The trombone volume velocity q0 is estimated to evaluate the secondary source requirements. To do so, the source
is considered as a monopole like illustrated in Figure 12.
Knowing that the trombone is omnidirectional at least
until 500 Hz [15], the primary source volume velocity is estimated assuming a least square linear regression [29]. A measurement of the sound level radiated by the trombone
according to the distance is set up in order to estimate
the trombone volume velocity for several notes: 2 microphones are positioned in front of the pBone bell to estimate
q0 for 19 notes played by a trombonist. These notes played
at a fortissimo input level wrap the set of notes that can
usually be played by a trombonist (i.e. diatonic scale from
F2 (f0 = 87 Hz) to F4 (f0 = 349 Hz), B[1 (f0 = 58 Hz),
B[2 (f0 = 117 Hz), B[3 (f0 = 233 Hz) and B[4
(f0 = 466 Hz)). An example of trombone spectrum for the
note B[4 (f0 = 466 Hz) is given in Figure 13. The pressure
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Table 1. Amplitude (DA) and frequency (Df) deviations for the ﬁrst 10 peaks of the trombone input impedance without and with
control for a case with a loudspeaker placed at 0.05 m from the bell (case 1).
Peak no.

1

2

3

4

5

6

7

8

9

10

f (Hz)
DA (dB)
Df (cent)

39
<0.1
<1

143
0.1
1.1

211
0.2
2.2

297
0.1
1.6

357
0.9
1.5

450
1.7
0.5

505
0.8
3.1

602
2.9
1.3

659
6.6
0.9

752
4.8
0.7

Figure 12. Diagram for the measurement of the volume
velocity of the trombone, considered as a monopole. Its position
and its volume velocity must be estimated as a function of
frequency.

peak value is measured for the ﬁrst 40 harmonics of the
note, containing most of the signal energy, to estimate q0.
To endorse the measurement, the monopole pressure
decrease presented by equation (5) is assessed by measuring
the pressure decrease over 3.5 m in the measurement
anechoic room with 12 microphones. Figure 14 shows the
pressure decrease over distance for the six ﬁrst harmonics
of the note B[ 4 (f0 = 466 Hz).
The decrease of the sound level as a function of the distance shows some ﬂuctuations: the nearest microphones are
in the source nearﬁeld. It is considered that the receivers
must be positioned from at least d ¼ 2pfcmin ’ 0:36 m (with

fmin ’ 150 Hz the anechoic room cut-off frequency exceeding the lowest fundamental frequency of the trombone) to
be in free ﬁeld [30]. The 6 furthest microphones have a weak
signal-to-noise ratio due to several reﬂections in the room
and can therefore not be taken into account. These disturbances are due to the grid (causing vibrations, diffraction
and reﬂections) used as a ﬂoor for the musician and allowing the set-up to be placed. Reﬂections and diffraction are
also coming from the lamps placed near the ceiling. For
the measurement, the microphones are then placed between
0.5 and 1 m from the source.
The measurement gives an accurate overview of the
trombone behaviour for a high input level: the maximum
volume velocity for a harmonic can reach about
q0 ’ 5  03 m3 s1 as illustrated in Figure 15. The volume
velocity amplitude spectrum is similar to a bell curve whose
sound level can reach up to 110 dB SPL at 1 m.
The volume velocity estimation allows an evaluation of
the electromechanical limits of the control loudspeakers as a
function of the note and the sound level produced by the
trombone.
5.2 Technological limits
The feasibility of an external active control using an
electrodynamic loudspeaker is assessed from the experimental control results presented in Section 4 combined with the

Figure 13. Spectrum for the note B[4 (f0 = 466 Hz) at 1 m with
a fortissimo input level. Red dots are placed at each resonance
peaks.

Figure 14. Measurement of the sound level decrease according
to the distance for the six ﬁrst harmonics H1 to H6 of the note
B[4 (f0 = 466 Hz) with 12 microphones placed from 0.2 m to
3.5 m. Dotted lines represent the theoretical sound pressure level
Lp = Lp0  20log(r) with Lp0 the sound pressure level at 0.2 m
from the trombone.

trombone’s volume velocity measurement presented in
Section 5.1.
The speaker volume velocity is deﬁned according to its
T&S parameters [31] and can thus be compared to that
required for a control with a fortissimo primary source
input level. The maximum displacement of the speaker diaphragm is also confronted to the required one. The used
loudspeaker is a Beyma 3FR30Nd with a resonance frequency Fs of 188 Hz, a nominal power Wnom of 30 W, an
input impedance Ze of 6.4 X, an effective surface area Sd
of 0.003 m2 and a maximum excursion xmax of 4.5 mm.
5.2.1 Electrical power
Lets simulate for this part a control when the note B[4
(f0 = 466 Hz) – shown in Figure 13 – is played. This ﬁrst
setup includes 8 control speakers placed at hr = 0.16 m from
the primary source (case 3). The corresponding power
attenuation is displayed in Figure 7. The required electrical
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Figure 15. Trombone maximum volume velocity envelope
(solid line) gathering 19-note harmonics (dots). The six dot
colors correspond to the six ﬁrst harmonics of each note.

Figure 16. Volume velocity produced by the trombone and for
one of the 8 speakers (top) and voltage of that latter (bottom) to
control the note B[4 (f0 = 466 Hz) – case 3 on Figure 2.

input power for a control loudspeaker i depends of its
developed in Section 2.2 and
optimal driving voltage u opt
s
can be expressed as:
Wi ¼

Nx
1 X
2
juopt ðxj Þj ;
Z s xj i

ð19Þ

with u opt
¼ w 3 q 0 the optimal voltage for the speaker i as
i
deﬁned in Section 2.2.3, xj the pulsation of the resonance
peaks central frequency, Nx the number of pulsation
points and Zs the loudspeaker rated impedance.
Figure 16 conﬁrms what Figure 4 shows: the required
volume velocity (and so the needed voltage) for each
speaker decreases as the frequency increases.
The input power is theoretically equally distributed if a
power control system contains only equidistant secondary
sources. In this work, the input power to be supplied to each
loudspeaker can nevertheless be different because the measurements of the input voltages and transfer functions
between sources and receivers imply variations between
each secondary source during the experiment – due to electrical noise and the fact that the speaker positions are not
exactly alike. For this example, the required power for each
speaker placed on the ring Wr is about Wr = 7.1 ± 3.5 W
which does not exceed its power capacity Wnom.
If a control loudspeaker is added at hf = 0.05 m
(8 + 1 = 9 sources, Fig. 17), Wr is reduced to
0.3 ± 0.2 W but the required power for the speaker placed
front of the trombone bell Wf = 254 W. The required power
for Wf is higher than Wnom. For that case, it would be
necessary to change this speaker with a more convenient
one (for instance a Morel EM 428 with a resonance frequency Fs of 68 Hz, a nominal power Wnom of 150 W and
a maximum excursion xmax of 3.0 mm), or to add other
speakers at the same distance to share the required input
power, or to set an electrical limit to this speaker so that
it does not distort. In the meantime, it is interesting to note
that if a source is closer to the bell than the others, it
strongly reduces the required power of the other sources
while the needed power for this source increases strongly.
The very high input power of source 9 can be explained
by the fact that its position is enough close to the primary
source to experience the same problem as highlighted in
Section 4.2 with Figure 8 where the power attenuation is
bigger than the theory between 300 Hz to 2 kHz.

Figure 17. Volume velocity produced by the trombone and for
the speakers 1 and 9 (top) and voltage of these latter (bottom)
controlling the note B[4 (f0 = 466 Hz) – case 5 on Figure 2.

5.2.2 Maximum excursion
Case 5 is used to observe the speakers maximum excursion. The volume velocity time signal is reconstructed from
the optimal voltage spectrum calculated for each note, the
required displacement spectrum being obtained from the
following equation:
vs
;
ð20Þ
xs ¼
jx
opt

with v s ¼ qSs d . The needed displacement signal is then
compared to the maximum displacement of the studied
loudspeaker in Figure 18. The resulting required displacement is globally higher for the speaker 9 placed at
hf = 0.05 m front of the trombone which is nearer than
the speakers 1–8 placed at hr = 0.16 m on a ring. For cases
where the fundamental frequency is low (below 300 Hz)
and its energy is high (few cases above 130 Hz for these
anechoic room measurements), the matrix inversion can
require a higher volume velocity for the 8 speakers placed
on a ring to control this fundamental, which requires a
larger displacement than for speaker 9. It reaches a maximum of 2:5 mm for the speakers 1–8 and a maximum of
2.0 mm for the speaker 9. Both excursions always remain
lower than the speaker’s maximum displacement regardless of the note. Non-linearities nevertheless appear for
such excursion.
Table 2 summarizes the cases studied in Figure 2 indicating the needed powers to be applied to the control loudspeakers as well as their maximum excursion to control the
note B[4 (f0 = 466 Hz).
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Figure 18. Excursion ratio

xs
x max

between the required excursion

to control the note i and the speaker maximal excursion
(speakers 1 and 9) for the case 5 in Figure 2.

Table 2. Power requirement for loudspeaker layer (Lay.) 1 and
2 and maximum required excursion x smax according to cases
studied in Figure 2 to control the note B[4 (f0 = 466 Hz).
Case
1
2
3
4
5

Ns (Lay. 1 + 2)
0
3
8
3
8

+
+
+
+
+

1
0
0
1
1

xsmax [mm]

Wi [W]
Lay. 1

Lay. 2

;
23.7 ± 5
7.1 ± 3.5
0.5 ± 0.3
0.3 ± 0.2

268
;
;
265
249

1.0
0.8
0.4
1.0
1.1

For all the cases studied in Table 2, the input power to
be applied to the control speakers is always the limiting
factor, xs never exceeding about 12 of the speaker maximal
excursion. A control is thus feasible using a minimum of
three loudspeakers in that last example for a fortissimo
primary source input level. As soon as several layers of
speakers are used, a compromise must be found so that
the input power of the speaker close to the primary source
does not exceed its nominal power. The control system
must then limit the input power of this speaker or add other
sources to share the input power.
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The modiﬁcation of the equivalent acoustic center position
of the sources due to their interaction is a possible way to
explain this discrepancy.
Experimental studies on the input impedance of the
instrument show that the playability of the instrument is
very slightly affected by the control: the ﬁve ﬁrst resonance
peaks are not modiﬁed. This can be partly explained by the
musical instrument’s geometry, which limits the interaction
of a secondary source – even one positioned very close to the
bell – with the instrument’s mouthpiece. A numerical model
would provide a better understanding of the effect of the
position and size of the secondary source relative to the
primary source bell.
The electrical power to be applied at the input of the
control loudspeakers is the limiting factor of the power
control (and not the speaker maximum excursion). The
secondary source closest to the primary source must provide
the majority of the acoustic energy required for active control which can be difﬁcult to achieve.
The external control set up allows to control the low
frequency harmonics produced by the trombone. For future
work, a passive mute which deals with the higher frequency
range (from 1000 Hz), like foam placed at the bell of the
trombone, could be added to complete the efﬁciency of this
active control. A directivity control of the instrument would
furthermore provide the possibility to direct the radiated
sound of the instrument as desired, e.g. towards the musician. Finally, real-time control could be implemented using
already existing technologies for such applications [32]. The
ﬁrst step would be to assess the control effectiveness by
applying the optimal ﬁlters experimentally. A controller
could then be used to perform a real time control (feedback
or feedforward) when the instrument is played by an artiﬁcial mouth or a compression driver.
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