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ABSTRACT

Moving-coil electrodynamic loudspeakers and dynamic microphones use the same linear actuator technology at 
the core of their operation. Utilising this similarity, loudspeakers have a possible use as recording devices in cases 
where using dedicated microphones is not feasible. Such a use case exists in public address and voice alarm 
systems. This paper evaluates the feasibility of using the loudspeakers already in place in these systems as 
recording devices to provide information back to the system. A system using a single loudspeaker as both a 
playback and recording device simultaneously is analysed, modelled and simulated. The results show that using a 
current measuring set-up with an analogue-to-digital converter capable of detecting a range of roughly 120 dB, a 
speech signal incident at 46 dBSPL in a cone of 150° from a loudspeaker can be successfully estimated in an office 
room with an announcement playing at 88 dBSPL and background interference present at the same time. As the 
estimated signal is unknown to the system, the solution generalises to other signal types as well.

1 Introduction

Moving-coil electrodynamic loudspeakers and dy-
namic microphones have existed side-by-side for
decades, while having the same linear actuator tech-
nology at the core of their operation. This paper pro-
vides a novel evaluation of the use of a loudspeaker as
a microphone, to bridge the gap between these devices
and possibly find a new use for loudspeakers. With mi-
crophones being cheap and easy to implement nowa-
days, only specific use cases would benefit from using
a loudspeaker as a microphone. Such a use case exists
in public address (PA) and voice alarm systems, which
are integrated in buildings during construction. For
example, recording capabilities in such systems could
aid rescue workers when evacuating buildings by lis-
tening for people calling for help. The ambient noise

level in an area could also be estimated from a record-
ing, which can then be used to adjust the playback
level of announcements for better intelligibility. How-
ever, adding a network of microphones to such a sys-
tem is a costly affair, and is thus often not done. If the
loudspeakers already in place could be used for record-
ing, the system could be significantly improved with
minimal adjustments. To effectively evaluate the use
of loudspeakers for simultaneous playback and record-
ing, a single loudspeaker case is considered in this pa-
per.

Section 2 discusses the considerations for the elec-
tronic system, and provides three possible circuit
topologies for implementation. Section 3 discusses
the signal model of a loudspeaker playing and record-
ing in a room. Section 4 considers the identification



Roest et al. On Loudspeakers as Recording Devices

DAC

ADC

Z
f

+

-

i
rec

v
pb

Fig. 1: A measurement setup based on a trans-
impedance amplifier to measure the cur-
rent. Feedback impedance Z f needs to be
matched to the frequency dependent loud-
speaker impedance.
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Fig. 2: A measurement setup which uses a secondary
amplifier channel to reduce the effect of the fre-
quency dependent loudspeaker impedance on
the current measurement.

of loudspeaker recording characteristics through mea-
surements. The results presented in sections 3 and 4
are then used in Section 5, where a simulation is dis-
cussed as a proof-of-concept for a system that can play
and record audio simultaneously using a single loud-
speaker. The results from this are presented in Section
6. Section 7 concludes the paper with a statement of
feasibility, and Section 8 closes with suggestions for
continuation of the research.

2 Electronics for recording during
playback

Let us evaluate a system using digital communication
between devices, as this is the case in many PA sys-
tems [1]. At the amplifier, the digital signal is sent to a
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Fig. 3: A measurement setup which uses a differen-
tial amplifier to reduce the dynamic range be-
tween the recording signal and the digital-to-
analogue converter output. The playback sig-
nal voltage is placed on the common mode of
a differential amplifier, where it is rejected by
the differential nature of the system. The cur-
rent measurement will also contain the record-
ing signal, which is amplified by the differen-
tial amplifier.

digital-to-analogue converter and an amplifier. Assum-
ing a system uses a voltage amplifier to drive the loud-
speaker [2], the measurement for the recording needs
to be the current irec through the loudspeaker. Mea-
suring the voltage across the output of the amplifier
will only result in a reading of the amplifier output vpb
without any recorded signal. Using a transimpedance
amplifier design, the current can be measured at the
amplifier side. Such a design is shown in Fig. 1.

As the loudspeaker impedance is significantly fre-
quency dependent, this will impact the measurement
(discussed more in-depth in Section 4.1), and this
needs to be compensated for. This could be done by
using another amplifier channel as shown in Fig. 2,
where a digital feedback loop can be used to calibrate
the system during the recording of a known signal.

The dynamic range of the recorded signal can be quite
large, due to the low output of the loudspeaker as a
microphone compared to the playback signal. The dy-
namic range for a noise floor of 46 dBSPL, derived
from the incident SPL in the simulation that will be
shown in Section 5, is between 105−120 dB depend-
ing on loudspeaker model and playback level for the
measured devices. Selecting an analogue to digital
converter capable of this dynamic range is essential.
As devices with these capabilities do exist [3], record-
ing during playback is deemed possible.
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(a) The conventional case, where the loudspeaker and micro-
phone are separate devices
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(b) The case of interest, where the loudspeaker and the mi-
crophone are one device

Fig. 4: Schematic drawings of the cases. In these figures, only one path per source is drawn for clarity, but the
acoustic transfer function in the models is assumed to contain all paths. The playback signal is represented
by different alterations of S(ω). X(ω) represents the signal from the point source. Y (ω) represents the
signal output from the recording device.

To reduce the dynamic range, a differential amplifier
configuration, as shown in Fig. 3, is a possible solu-
tion. Using the current measurement from the tran-
simpedance amplifier on one input, and taking the am-
plifier voltage as the other input, the amplifier output
voltage vpb will be a common-mode input for the dif-
ferential amplifier. Combining this with an amplifier
with a high common-mode rejection ratio can signifi-
cantly improve the recorded signal quality.

Evaluation of a physical system will show additional
noise sources introduced by the system, such as e.g.
device self-noise and quantisation noise. Additional
measures to reduce the dynamic range of the recording
signal or cancel noise from system components could
be needed.

3 Signal Model

Let us first describe the signal model for a conven-
tional setup of a separate loudspeaker and microphone
in a room as shown in Fig. 1a. For convenience we
define all notation in the discrete time frequency do-
main. Taking N equally spaced samples on the fre-
quency range [−Fs/2,Fs/2], with Fs the sampling fre-
quency, we can describe the frequency bin ωk as

ωk =
2πFs

N
k, k =

{
[−N

2 ,
N
2 −1](N even),

[−N−1
2 , N−1

2 ](N odd),
(1)

where the bin index k will be omitted for brevity in this
paper. Let S(ω) denote a signal that will be played by
the loudspeaker, and let X(ω) denote a point source
in the room. Let the loudspeaker transfer function be
Hl(ω), the microphone transfer Hm(ω,θi), and let the
acoustic transfer function (ATF) from source location
xs to receiver location xr be Hr(ω,xs,xr). Here, θi
represents the incident angle of the sound. Adding un-
correlated device self-noise sources Nl(ω) and Nm(ω)
and an uncorrelated noise source in the room Nr(ω)
to the model, we write the microphone measurement
Y (ω) as

Y (ω) =Hm(ω,θs)Hr(ω,xl,xm)(Hl(ω)S(ω)+Nl(ω))

+Hm(ω,θx)(Hr(ω,xx,xm)X(ω))

+Hm(ω,θn)(Hr(ω,xn,xm)Nr(ω))+Nm(ω),

(2)

where subscript l indicates the loudspeaker, subscript
m indicates the microphone, subscript n indicates the
noise source, and subscript r indicates the room. We
can adapt this model to the case where the loudspeaker
is also used as a microphone. To do so, we change the
position of the receiver in the ATF to the loudspeaker
position and use the loudspeaker recording response
for Hm(ω,θs). The signal model for this case, visu-
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alised in Fig. 4b, is

Y (ω) =Hm(ω,θs)H ′
r(ω,xl,xl)(Hl(ω)S(ω)+Nl(ω))

+Hm(ω,θx)(Hr(ω,xx,xl)X(ω))

+Hm(ω,θn)(Hr(ω,xn,xl)Nr(ω))+Nm(ω).

(3)

Notice here that we use H ′
r instead of the ATF Hr as

will be explained below. The ATF Hr can be mod-
elled approximately by using the mirror image source
method (MISM) described in [4]. The MISM is a
simulation method based on geometrical acoustics [5],
and is valid for a small rectangular room. It can be
assumed to be fairly correct for broadband signals [6],
besides when the loudspeaker and microphone are co-
located as in Fig. 4b. This can lead to problems as
the distance equals zero, leading to undefined values
when calculating the ATF. Let H ′

r therefore denote a
modified version of the ATF calculation where the el-
ements with a source-receiver distance of zero are re-
moved from the summation, that is,

H ′
r(ω,xs,xr) =


8

∑
p=1

∞

∑
r=−∞

exp( j ω
c d)

4πd
exp(− jωt),

for d ̸= 0,
0, for d = 0,

(4)
with d= |Rp+Rr|. Here, t represents the time, c repre-
sents the speed of sound, and j =

√
−1. Rp represents

the eight vectors given by the eight permutations over
± of

Rp = (xs ± xr,ys ± yr,zs ± zr), (5)

r is the integer vector triplet (n, l,m), and

Rr = 2(nLx, lLy,mLz), (6)

where (Lx,Ly,Lz) are the room dimensions [4].

4 Loudspeaker measurements

To assess the performance of loudspeakers as record-
ing devices, the recording transfer function of the loud-
speaker needs to be measured. A measurement was
set up in an anechoic chamber at the acoustic lab of
Bosch Security Systems B.V. in Eindhoven. Fig. 5
shows the set up. A loudspeaker plays a frequency
sweep, and the device under test (DUT), another loud-
speaker mounted in a ceiling panel inside a fire dome
records the signal. A reference microphone is used

Fig. 5: A close-up of the setup used for measuring the
recording response of loudspeakers.

to calibrate the measurement. As the reference micro-
phone is placed in front of the DUT, some compen-
sation is done on the sensitivity measurements. The
DUTs used for these measurements consist of the LC1
ceiling loudspeaker range from Bosch Security Sys-
tems B.V. [7]. In the set-up shown, three character-
istics were measured:

1. The frequency response along the principal axis

2. The directional response

3. The output sensitivity.

4.1 Frequency response along the principal axis

Fig. 6 shows two of the measured loudspeaker record-
ing frequency responses, compared to the response
when used as a loudspeaker. These are the recording
responses from two devices of the same type, the LC1-
WM06E8 ceiling loudspeaker. Other types of speak-
ers from this range showed slight differences in the
responses, but the overall shape is very similar. Com-
paring these recording responses, two main trends can
be seen:

• Between roughly 150 Hz and 750 Hz a signifi-
cant increase in the response is seen compared
to the higher frequencies. This is most proba-
bly the result of the DUTs’ resonant frequency.

AES 152nd Convention, In-Person & Online, 2022 May 
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Fig. 6: The on-axis measured recording response of the WM06E8 loudspeaker, compared with the playback re-
sponse. The blue solid and dash-dotted curves represent the recording response of two different loudspeak-
ers. The red dashed curve is the playback response, as given by the loudspeaker datasheet.

The resonance of microphones is usually signif-
icantly damped. Using the fire dome to mount
the DUT means it has a small enclosure, which
causes the resonant frequency of the system to be
higher than the free air resonant frequency of the
driver [1]. The effect of the resonant frequency
is clearly seen here because the measurement sys-
tem used to identify the recording transfer has a
high-impedance input [8]. Using a load resistor
with a much smaller, frequency dependent, resis-
tance RL than the DC resistance of the voice coil
R0 (RL ≪ R0) can significantly reduce the effect
of the resonance in the recording measurement.
However, this is not a suitable solution when also
using the loudspeaker for playback.

• From 5kHz upwards, the recording response
starts to drop off significantly. This is most likely
due to cone breakup effect at these higher fre-
quencies, where the cone stops vibrating like a
piston [8]. High frequency compensation meth-
ods in the construction of the loudspeaker could
help to compensate for this effect.

4.2 Directional recording response

In Fig. 7 the polar plots for recording at 1 kHz are
shown for the same two devices as before. The mea-
surements were done at intervals of 15° in one quad-
rant and mirrored along the principal (0°) axis. The po-
lar plot shows a large peak at 45°. Looking at the loud-
speaker construction, the peak is probably introduced
by the whizzer cones attached to the loudspeaker in
this model, which sit at a 45° angle. Across all mea-
sured loudspeakers and angles, the lowest output sensi-
tivity seen was 18 mV/Pa. This is still within a usable
range compared to the on-axis sensitivity.

4.3 Output sensitivity

The on-axis recording output sensitivity for all the
measured loudspeakers is given in Table 1. This output
sensitivity was measured at the transformer terminals.
The results are also referenced to the speaker termi-
nals. These results are comparable to the ratings of
microphones (2-50 mV/Pa depending on the intended
source) [9]. One should take into account, however,

AES 152nd Convention, In-Person & Online, 2022 May 
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Fig. 7: Polar sensitivity plot of 2 loudspeakers as mi-
crophones as seen at the transformer connec-
tion. The plot was generated using data from
one quadrant, mirrored on the 0° axis.

Table 1: Recording output sensitivity of DUTs

Loudspeaker
model / device

Sensitivity
at transformer
(in mV/Pa)

Sensitivity
at loudspeaker
(in mV/Pa)

WM06E8 #1 33.34 1.77
WM06E8 #2 31.13 1.65

WC06E8 36.68 1.95
UM06E8 #1 25.02 1.33
UM06E8 #2 25.11 1.33

UM12E8 31.33 1.66
UM24E8 30.71 1.63

that a loudspeaker is not designed nor made to have a
specific or optimised recording sensitivity.

5 Simulation

To evaluate the use of loudspeakers as recording de-
vices, a comparison with an ideal case is useful. To
this end, a simulation is set up, based on the theoreti-
cal signal model from Section 3 and the measurements
from Section 4. Using the room impulse response gen-
erator described in [10], a room is modelled with di-
mensions of 5 m x 4 m x 3 m. The recording device
(a loudspeaker or ideal microphone) is placed in the
ceiling of this room at xl = (4,2,3). A speech signal
from the TIMIT database [11] is used as output signal
from a point source placed at location xx = (3,2,1.8).

Lastly, a point source acting as interference is placed
at the edge of the room at xn = (0,1,1).

Case 1: Recording without playback

This section discusses a simplified simulation where
the loudspeaker does not play a signal, as to com-
pare the recording capabilities of a loudspeaker with
an ideal case. The sound pressure levels are set to be
50 dBSPL for the speech signal at location xx and 40
dBSPL for the noise signal at location xn. The best
case recording is taken as

Ym(ω) =Hr(ω,xx,xm)X(ω)

+Hr(ω,xn,xm)Nr(ω).
(7)

For the loudspeaker recording, a linear phase filter is
derived from the on-axis recording transfer presented
in Section 4. The signal recorded with the loudspeaker
is then given by

Yl(ω) =Hm(ω)Hr(ω,xx,xl)X(ω)

+Hm(ω)Hr(ω,xn,xl)Nr(ω).
(8)

Case 2: Recording during playback

In the second case, a signal is also played through the
loudspeaker. This is implemented by using another ex-
cerpt from the TIMIT database. The loudspeaker is
simulated to play at a power of 1W, which gives an
SPL of 88 dB. On the loudspeaker cable, this signal is
also present. While playing at 1W, the recorded point
source signal level is −105.6 dB compared to the play-
back signal level on the cable. When a separate micro-
phone is used for the recording, the signal model is
described as

Ym(ω) =Hr(ω,xl,xm)Hl(ω)S(ω)

+Hr(ω,xx,xm)X(ω)

+Hr(ω,xn,xm)Nr(ω).

(9)

For the loudspeaker recording, the signal model is de-
scribed as

Yl(ω) =S(ω)

+H ′
r(ω,xl,xl)Hl(ω)S(ω)

+Hm(ω)Hr(ω,xx,xl)X(ω)

+Hm(ω)Hr(ω,xn,xl)Nr(ω).

(10)
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Table 2: Intelligibility of the simulated recording
when only recording

SIIB STOI Intelligibility

ym (recorded with
a microphone) 355 0.89 ≈ 100%

yl (recorded with
a loudspeaker) 239 0.84 ≈ 100%

Where H ′
r(ω,xl,xl) is the modified version of the ATF

described by (4).

The unwanted component on the loudspeaker cable
is removed using a least mean square (LMS) filter
[12]. To simulate the case where (an estimation of)
the acoustic transfer function is known, the announce-
ment signal as incident at the recording device is also
removed using the LMS filter. This gives a best case
scenario for the estimation of a point source signal.

Signal evaluation

The evaluation of the signals is done by determining
the predicted intelligibility using two different instru-
mental measures. For this, speech intelligibility in bits
(SIIB) [13] and the short-time objective intelligibility
measure (STOI) [14] are used. These measures have
relatively high correlation to actual intelligibility [15],
and will thus allow for quick interpretation of the re-
sults. Both these measures are non-linear, and are
asymptotic to 100% intelligibility. SIIB typically pro-
duces a result of 0-150 bits, where 0 bits corresponds
to zero intelligibility, and more than 150 bits corre-
sponds to high intelligibility. The range of results for
STOI is typically a scalar ranging from 0.2-0.9, where
0.2 corresponds to zero intelligibility, and more than
0.8 corresponds to high intelligibility.

6 Results

The results from the simulation of Case 1, only record-
ing, are shown in Table 2. While some information is
lost by using a loudspeaker instead of an ideal micro-
phone, this has a minimal impact on the intelligibility
of the signal, as the measures are asymptotic to 100%
in this range. This means that using a loudspeaker for
this purpose is indeed feasible.

Table 3: Intelligibility of the simulated recording dur-
ing playback

SIIB STOI Intelligibility

yl (full recording) 8 0.15 ≈ 0%
ym (microphone
recording) 10 0.09 ≈ 0%

yl (line signal
removed) 9 0.18 ≈ 0%

ym (room signal
removed) 307 0.80 ≈ 100%

yl (line and room
signal removed) 80 0.54 ≈ 60%

Table 3 shows the results of the simulation of Case
2, recording during playback. Here the impact of
the playback signal is evident. The full loudspeaker
recording is dominated by the playback signal on the
line, and hardly any information is present. When
using a separate microphone, or removing just the
playback signal from the loudspeaker recording with
an LMS filter, still no intelligible signal of the point
source is present in the result. This can be attributed
to the loud playback level of the loudspeaker com-
pared to the point source signal. After removing the
playback signal as it is simulated to be in the room
as well, a significant increase in intelligibility is seen
with both recording devices. Here, the difference
between loudspeaker and microphone becomes more
clear. However, at 60% intelligibility the loudspeaker
is still deemed to be a feasible recording device.

The LMS filter in the simulation only removes known,
unwanted components from the recording. No prior
information about the signal of interest is needed. The
presented solution is therefore expected to generalise
to other signal types, e.g. noise signals for ambient
noise level estimation.

7 Conclusion

This paper set out to prove the feasibility of using loud-
speakers as recording devices. To this end, four areas
of a system recording with one loudspeaker have been
presented. First, current-measuring design concepts
for the electronics were shown. Secondly, a signal
model is described to provide a basis for signal pro-
cessing and simulations. Thirdly, measurements are

AES 152nd Convention, In-Person & Online, 2022 May
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performed to identify the recording characteristics of
a ceiling mounted loudspeaker range. After this, a sim-
ulation is performed to evaluate the recording capabili-
ties together with an LMS filter. The results show that
using a ceiling mounted loudspeaker, a speech signal
of 50 dBSPL can be successfully estimated with rea-
sonable intelligibility, even when the loudspeaker is
simultaneously used for playback at 1W (88 dBSPL).
As the filter used in the simulation does not require
prior information on the signal of interest, the solution
is expected to generalise to different signal types.

From the results, we conclude that using a loudspeaker
as a recording device is a feasible solution in cases
where adding microphones is not an option. At slightly
lower signal quality, using loudspeakers instead of mi-
crophones could significantly reduce cost in a system,
such as e.g. public address and voice alarm systems.

8 Discussion

As this paper set out to primarily prove the feasibil-
ity of simultaneous playback and recording with one
loudspeaker, not all involved topics can be discussed
in-depth. Before loudspeakers can be readily imple-
mented as recording devices, more research needs to
be done. Suggestions for continuation of the work
focus on two main areas: increasing the quality and
range of the recording, and improving the ease of im-
plementation for a system as described. In the first
area, some suggestions are:

• Designing a differential recording amplifier to im-
prove the dynamic range of the signal before go-
ing to the analogue-to-digital converter.

• Improving the signal processing with more in-
volved digital filters on the signals recorded by
loudspeakers. Using case-dependent signal pro-
cessing techniques are expected to significantly
improve the results.

• Improving the construction of a loudspeaker to
have a more flat recording response without sig-
nificantly altering the playback response.

Some recommendations for further research into the
second improvement area, practical implementation of
the system, are:

• Evaluate and test the topology-level designs
shown in Section 2.

• Evaluate compensation methods for the loud-
speaker recording transfer. Equalisation based
on estimates of the loudspeaker recording trans-
fer can be evaluated for implementation over a
wide range of devices.

• Extending the single loudspeaker case to the case
of multiple connected loudspeakers. This is rele-
vant in public address systems, where often mul-
tiple loudspeakers are connected to one line.

With the results presented here, using loudspeakers as
microphones is also deemed to be a security sensitive
issue. The feasibility shown here signifies the tech-
nique is also suitable for espionage. Security in public
address and voice alarm systems is thus also very im-
portant to prevent eavesdropping.
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