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Abstract

Microphone arrays are used to spatially image or record individual sound sources while
minimizing contributions from nearby interfering sources. The separation of simultane-
ously playing instruments poses a particular challenge, but is of practical interest as an
alternative to the labor-intensive individual recording of each instrument with clip-on mi-
crophones in music production. This research investigates the extent to which a microphone
array can be used to record a small ensemble and subsequently separate the individual in-
struments from one another. Prior to the measurement, an investigation was conducted to
determine which array geometry is best suited for this application. The evaluation was
based on a comparison of various geometries by analyzing the leakage in the respective
other instrument regions. The measurement took place in the anechoic chamber of the
Technische Akustik Priithalle at TU Berlin. The instruments under investigation were two
violins, a cello, and a double bass. Using frequency-domain beamforming and the CLEAN-
T algorithm, separate audio tracks for each instrument were extracted from a synthetic en-
semble recording, constructed by combining the individual solo recordings. This allowed
the separation performance to be evaluated against the known single-instrument reference
signals, with the leakage, i.e. contributions from the other instruments, serving as the cen-
tral evaluation criterion.

1 INTRODUCTION

The recording of acoustic musical instruments in live performance settings traditionally re-
lies on close-microphone techniques, where individual clip-on or spot microphones are placed
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directly on or near each instrument. While this approach provides high signal quality and isola-
tion, it introduces practical challenges: the physical attachment of microphones to instruments
can interfere with the performer’s playing comfort, alter the acoustic radiation of the instrument,
and require extensive setup time prior to each performance. Furthermore, managing the signal
routing for large ensembles such as orchestras adds significant technical complexity.

A particular challenge in orchestral monitoring is that acoustic instruments — unlike electric
guitars or keyboards — do not provide a direct line output. Consequently, each instrument or
instrument group requires its own dedicated microphone for real-time monitoring, a setup that
musicians in live bands and stage productions rely upon to hear themselves and their fellow
performers clearly [2]. A fixed microphone array installed in the concert hall could offer an
alternative: by applying beamforming algorithms to exploit the spatial information captured
across the microphone channels, individual instruments can be isolated based on their position
in the room alone, eliminating the need to equip each concert individually with close micro-
phones.

Beyond monitoring, such an approach offers further advantages for recording and post-
production. Unlike proximity microphone recordings, a spatially distributed array captures
directional and spatial information of the sound field, potentially yielding a more natural and
immersive sound [[1]. All instrument contributions could furthermore be edited individually in
post-processing, providing considerable flexibility in the mixing stage.

Microphone arrays combined with beamforming algorithms represent a well-established
methodology for sound source localization and signal separation [10]. Frequency-domain
delay-and-sum beamforming has been widely applied to acoustic source localization and sound
power quantification, while time-domain methods directly reconstruct the emitted time signals
and have demonstrated suitability for aeroacoustic measurements and moving source localiza-
tion [4, I5]. The open-source framework Acoular [9], developed at the Technical University
of Berlin, implements both approaches and serves as the computational basis for this work.
Related work includes beamforming-based audio object separation from mixed recordings [3];
however, the application of array beamforming specifically to the recording and separation of
orchestral instruments has not yet been explored systematically. The present study therefore in-
vestigates the extent to which a three-dimensional microphone array combined with frequency-
domain delay-and-sum beamforming and the CLEAN-T algorithm can be used to separate and
individually reconstruct the signals of string instruments from a synthetically combined record-
ing of individual performances.

2 METHODS

2.1 Array Geometry

The array geometry used in this experiment was selected by evaluating the frequency-dependent
leakage between all instrument positions for several different geometries. For this purpose, a
monopole source was placed at the estimated position of one of the two f-holes of each of the
five planned instruments (two violins, one viola, one cello, and one double bass). For each can-
didate geometry, the point spread function (PSF) was computed for every instrument position
and subsequently normalized to its own maximum value. For a given target instrument, the
normalized PSFs of the four remaining instruments were summed pointwise within a spherical
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region of radius r = 0:25 m centered on the target instrument position, with a grid spacing of
0:025 m along each spatial axis. The maximum value of this summed interference field within
the sphere was then divided by the maximum value of the normalized target PSF within the
same region, and the resulting ratio was expressed in decibels as the leakage measure L:

maX(PS Fothers)
max (PSFrget)

This procedure was repeated for all five instruments as the target and for all frequencies of inter-
est. The resulting leakage values were summed across all instruments and additionally evaluated
in octave bands from 125 Hz to 8000 Hz. Candidate array geometries were then ranked based
on these octave-band leakage values, with lower leakage indicating superior spatial separation
performance.

All candidate array geometries consisted of 95 microphones and were either two-dimensional
or three-dimensional to enable source localization in depth. These included different arrange-
ments of two or three line arrays, similar to the single line-array approach used in [6], as well
as Vogel spiral arrangements. The latter were found to be particularly promising. Following
the Vogel spiral [11] and a generic approach by Sarradj for synthesizing optimal microphone
arrangements [7]], the radial distance r and the azimuthal angle  of the m-th microphone are
given by:

L =10 logy, (1)
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where R is the array radius, M the total number of microphones, and V a free parameter con-
trolling the shape of the spiral.

The final array geometry used in the measurement, consisting of contributions from two differ-
ent Vogel spirals, was constructed as follows. A Vogel spiral of 161 microphones with radius
R=2mand V =5 was used as the basis for the two side walls. A rectangle was iteratively
built inside this spiral until 63 microphones fitted within it, resulting in final dimensions of a
width of 2:74 m and a height of 1:80 m. The microphones were then moved to the nearest 3D-
printed clips mounted on the standing metal mesh walls. The walls were subsequently split in
the middle and each half was repositioned: the left wall center point was placed atXx = 1:75 m,
y =10:362 m and z = 1:195 m with a 90° counter-clockwise rotation, and the right wall center
point at X = +1:75 m, y = 0:405 m and z = 1:195 m with a 90° clockwise rotation, resulting in
32 microphones on the left side and 31 on the right.

For the top section, parts of a second Vogel spiral from [8] were used. This spiral was divided
into six parts, of which Q2R and Q3R, consisting of 32 microphones in total, were selected as
they yielded the lowest leakage. The final geometry with the approximate position of one f-hole
per instrument can be seen in [Figure 1
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Figure 1: 3D plot of the array geometry consisting of 95 microphones and the four instruments.

2.2 Frequency-domain delay-and-sum beamforming

For the localization of each instrument, frequency-domain delay-and-sum beamforming was
applied using the BeamformerBase implementation of the Acoular framework [9]. The
beamformer steers the array response to a set of focus points on a predefined spatial grid and
evaluates the frequency-dependent sound pressure level at each grid point, allowing the identi-
fication of source positions as local maxima in the beamforming map.

2.3 CLEAN-T Algorithm

The CLEAN-T method proposed by Cousson et al. [4] is an iterative deconvolution algorithm
that aims to remove the influence of the point spread function from the delay-and-sum beam-
forming result, yielding a cleaner spatial representation of the source field. While originally
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proposed for moving sources, it is applied here to the stationary case, as the instruments remain
fixed during the measurement.

In a first step, the beamforming map F(©, the clean representation G, and the residual micro-

phone signals prrr? 5O are initialized:

FO(t;xg) = b (t; Xg; Fpmg) (4)
GO (t;xg) =0 )
() = pm(t) 6)

In each subsequent iteration i, the grid point with the highest energy is identified as the dominant
source location Xg:
Z 1 _ )
Xy = argmax . FO D(t;xg) dt (7

Xg

The beamformed signal at this location is then added to the clean representation, scaled by the
loop gain factor ¢:

GO (t;29) =G D (t;%g) +9 FU D (t;29) (8)

The microphone signals corresponding to this source contribution are then modelled and sub-
tracted from the residual microphone signals:

i r ; r Fa Dt:x
rrr?s(l) t+ﬂ — prrﬁs(l 1) t+ Xgm ( g) 5 (9)
Since the sources are stationary, Fgm is time-invariant and M = 0, such that the term (1

M cos )? reduces to unity.
Finally, beamforming is performed on the updated residual microphone signals to obtain the
next iteration map:

p

FOtx) =b t;xg; pr (10)

This process is repeated until the termination condition is reached, which can be defined either
as a fixed number of iterations or as an increase in energy within the residual beamforming map.
All computations were performed using the Acoular framework [9].

3 MEASUREMENT

A photograph of the experiment in the anechoic room at the Technische Universitit Berlin is
shown in the measurement setup is also shown schematically in The array
consists of 95 G.R.A.S. 40PK CCP free-field microphones attached to 3D-printed microphone
mounts clipped to the metal mesh walls, which are mounted on the metal grid floor of the
anechoic room. The top microphone mounts are attached to aluminum profile bars fixed on
two round metal rods, which are in turn attached to the metal mesh walls. The positions of the
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