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ABSTRACT

The bandoneon is a free-reed instrument of great cultural
value that is currently struggling to ensure its conserva-
tion as heritage, mainly due to its complex constitution, the
lack of sufficient manufacturers to satisfy the demand, and
the high sales prices that this entails. Our research group
has been working on the task of revitalizing the instrument
from a modern perspective, carrying out musical and sci-
entific research for the creation of an accessible electronic
bandoneon. As the next step in this endeavor, we present a
method for synthesizing the bandoneon sound using multi-
ple wavetable interpolation, and parameter mappings based
on acoustic measurements. We discuss a method for captur-
ing and selecting the wavetables, the implementation on an
embedded platform (Bela Mini), and the trade-offs between
realistic sound and computational efficiency. The synthe-
sizer runs in real-time and has a polyphony of approximately
12 voices, allowing for an autonomously sounding electronic
instrument.
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1. INTRODUCTION

The bandoneon is a free-reed instrument which evolved from
the European accordions and concertinas of the 19" century
[1, 2]. It is powered by a square-shaped bellows with wooden
lids and a keyboard on each side. The left keyboard fea-
tures bass notes, while the right keyboard has treble notes,
intended to be played with each hand on its corresponding
side.
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This work is part of Bandonedn 2.0, an interdisciplinary
project based in Argentina whose primary goal is to produce
electronic bandoneons, and to conduct the academic re-
search required to accomplish this task. A journey through
the history and current development of the project can be
found in [3]. One of the specific goals of the project is
to develop a realistic bandoneon-sounding synthesizer, de-
signed to work in tandem with the electronic bandoneon
controller. Let us recall the words of Franco and Wander-
ley, who raised perhaps the most relevant question regarding
the importance of accomplishing this union:

How can these new instruments provide the same
gratifying immediacy and musical expressiveness
as their acoustic counterparts?[4]

Furthermore, providing the instrument with its own porta-
ble (or built-in) synthesizer is key to allowing it to be in-
dependent of a computer for generating its sound, making
it suitable for use not only in experimental performances
but also in more traditional contexts, where bringing even
a small computer is not usually possible. As Mulshine and
Snyder state, embedded audio synthesis allows for the cre-
ation of instruments that have distinctive and long-lasting
identities and, at the same time, avoids maintenance issues
associated with connection to personal computers [5].

In South America, there have been some attempts to pro-
duce electronic bandoneons as detailed in [3]; all of them
were developed as MIDI controllers and typically used soft-
ware samplers running on associated computers to produce
their actual sound. As realistic as a sample of a note can be,
it is very difficult for it to reproduce the evolving dynamic
details and nuances of such an expressive instrument in
real time, at least without a thorough understanding of the
acoustics of the instrument. To the best of our knowledge,
the only closely related instrument with its own specifically
designed internal synthesizer is the V-Accordion series pro-
duced by Roland. In previous work [6], we explored the con-
cept of an embedded FM bandoneon synthesizer designed
in the FAUST language and implemented on a Teensy 4.0
board. The choice of its FM parameters and other mappings
was based on preliminary acoustic measurements of the ban-
doneon, which served as the basis (and were extended) for
this work.

1.1 Embedded synthesis in NIMEs

Embedded synthesis or DSP systems have empowered many
NIMEs. As mentioned by Franco and Wanderley, the first
attempts were aimed at creating self-sufficient DSP units
[7, 8,9, 10, 11, 12]. Since then, many platforms have been
used to this end, particularly ARM based devices. Among



these, the Beaglebone Black (released in 2013) is a pow-
erful and low-cost ARM based board capable of running a
Linux OS. Several NIMEs used this platform, such as Range
[13] and El-Lamellophone [14]. Franco and Wanderley even
conducted comparative performance tests on the Beagle-
bone Black, and found that the wavetable synthesis method
was capable of sustaining more than 180 voices, while other
methods such as granular or additive reached less than 30.

Based on the Beaglebone hardware, Bela [15] is an open-
source platform for sensor and audio processing, which runs
a custom real-time audio environment based on Xenomai
Linux. Bela has been used in many NIME projects. Moro
et al. [16] showed how it can be integrated with Pure Data
to perform audio signal processing in real-time. Martin et
al. [17] used Bela to interface with Myo sensors in order to
control a bank of oscillators with the performer’s muscle ges-
tures. Bela has also been used in augmented instruments,
such as the work by Gonzalez Sanchez et al., who describes
the design and construction of a collection of Bela-equipped
augmented acoustic guitars [18]. Pardue et al. created a
hybrid digital-acoustic violin [19], which uses a Bela Mini
installed in the violin itself to process the string signals in
real-time, and acoustically feed the results to the body of
the instrument through an actuator.

Besides the Beaglebone/Bela, there have been other de-
velopments that make use of platforms such as Teensy, Rasp-
berry Pi, ESP32, STM32 and others [5, 20, 21, 3]. In the
following sections, we will describe the electronic bandoneon
controller called “Alfa” [22], the wavetable bandoneon syn-
thesizer, and its embedded implementation on a Bela Mini.

2. THE ACOUSTIC AND THE ELECTRONIC

BANDONEON

An acoustic bandoneon has 71 keys (typically), each one
producing a different note depending on whether the bel-
lows is expanded or contracted. Though variations exist,
its usual total range is from C2 to C7. Also, most notes
-with the exception of the highest pitched ones- are actu-
ally produced by two paired reeds tuned to the expected
fundamental plus its octave respectively, giving the instru-
ment a very distinctive timbre. The pressure applied by the
bellows to the reeds governs the timbral characteristics and
the instantaneous pitch of the reeds. Typically, the pitch
lowers as the pressure increases for notes up to the highest
octaves, where this tendency gets reversed. The attack and
release times vary with the note due to their different masses
and, to a lesser extent, with the initial pressure. Additional
nuances of sound production depend on factors such as the
key pressing techniques or timings and its relationship with
the bellows’ gestures.

The electronic bandoneon we developed, called “Alfa”,
functions as a controller interface, and has no actual reeds,
so its sound has to be generated externally by an appropri-
ate synthesizer. Besides the absence of reeds, the controller
has the same general structure as an acoustic bandoneon,
including the bellows and number of keys. It senses the
air pressure inside the bellows, treating it as a differential
amount with respect to the external ambient pressure, so
it can be a negative or positive value when expanding or
contracting the bellows. The keys states are regularly mon-
itored and, in combination with the pressure value and sign,
the appropriate control messages are produced. Any MIDI
enabled synthesizer can be used with the controller but,
typically, it is expected that the value of the pressure would
control the loudness, timbre, and pitch of the sound, while
the keystrokes define the attack and release events. Alfa

is based on an Arduino microcontroller which manages the
sensors, senses the keys and sends the appropriate MIDI
messages, with pressure information encoded as CC mes-
sages and notes as note-on/off mapped to channel 1 or 2 for
the right and left keyboard respectively.
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Figure 1: “Alfa”, the electronic bandoneon.

3. WAVETABLE SYNTHESIZER

Multiple wavetable synthesis [23, 24] is an additive synthe-
sis technique based on the addition of fixed waveforms or
periodic-based functions with variable weights over time.

Unlike classical additive synthesis, where the waveforms
to be added are typically sinusoids, wavetable synthesis
loads each table with one cycle of a waveform of arbitrary
complexity [25]. The main advantage of this technique is
its computational efficiency since the number of wavetables
used is usually much less than the number of sine waves
that would be used in classical additive synthesis [26]. To
capture the evolving spectral characteristics of a sound, the
basic technique uses several breakpoint times to take snap-
shots of the waveform and then generates the evolution of
the full waveform interpolating between tables from adja-
cent breakpoints. Other methods separate and mix regions
of the spectrum instead of the raw cycles [27], or compute
just the differences between breakpoints. There are many
strategies to select the breakpoints to be used; in our par-
ticular case, we know that the bellows’ pressure is the pa-
rameter that dominates the sound characteristics for a given
note: the more pressure, the more intensity, brightness, de-
tuning, and other spectral features.

In the next section, we will elaborate on the recording and
analysis of audio samples and the method for breakpoint
selection.

3.1 Samples recording and selection

In order to implement the wavetable synthesis method, we
first need to record samples from a bandoneon. To this
end, we used an old Uhlig brand bandoneon, which we re-
paired and utilize for exploratory studies without running
the risk of damaging a better-shaped or borrowed profes-
sional instrument. It was recorded using our Integrated
Measurement System [28], thus obtaining samples from all
the reeds, carefully separating fundamentals from octaves.



This was done because the relationship between these reeds
is not a perfect octave, and their combined sound may not
be perfectly harmonic. For each reed, we executed a slow
crescendo-decrescendo, from the quietest to the loudest dy-
namics. The system allows for capturing the sound and the
pressure data synchronously. The resulting waveform is ex-
emplified in figure 2 along with the bellows’ pressure for an
F#4 note. This execution methodology allowed us to cap-
ture all the dynamics in a single take. The crescendo and
decrescendo regions go through the same overall dynam-
ics, but there are subtle differences due to the rigidity of
the bellows when the movement begins (i.e. increasing the
force) compared to when it ends (releasing the force). After
a careful inspection and comparing it with professional in-
struments, the captured audio was equalized to compensate
for some of the high-end loss of our old instrument due to
its age and condition, but also for acoustic conditions that
produced a slightly exaggerated low-end.
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Figure 2: Top: Single reed recording with a crescendo-
decrescendo dynamics. The pressure signal is depicted on top
of the waveform. The red vertical lines indicate the break-
point times used to select the wavetables, which waveforms
are shown in figure 3. Bottom: Spectrogram of the record-
ing. The breakpoint times are selected based on the spectral
centroid values.

The next step for constructing the wavetables is to select
a number of waveform segment candidates distributed lin-
early along the whole take, including a segment in the inten-
sity peak. We performed a DFT analysis over the segment
and measured the phases and amplitudes of each partial.
This allowed us to overcome the potential inharmonicity
of the waveforms. Then we performed a resynthesis with
every partial as an integer multiple of the fundamental fre-
quency, thus obtaining a harmonic sound with an arbitrary
table-size and partial count for each note, which is useful for
the implementation in code as discrete points. This resyn-
thesis generates a clean sound, discarding the background
noise from the bellows blowing air in the original record-
ing, which will be added separately. For each note, the
partials’ phase relationship of the cycles corresponding to
the different intensities must be the same in order to pre-
vent artifacts when morphing between them. For this, and
within any given note, we selected the phase profile of the
cycle with the highest intensity and applied it to the rest.
We also tried to use constant, random or even ignoring the
phases as suggested by some authors [27], but we found

that, for this instrument, it was essential to preserve them
as much as possible. After some testing, we decided to use
4x oversampling on each wavetable, this is further explained
in the next section. Finally, each cycle was labeled with its
associated pressure, RMS and precise frequency values, as
extracted from the initial analysis.

The wavetable cycles obtained (typically 50 for each reed)
are now candidates for being used in the synthesizer as
breakpoints for interpolation. In the examples presented
in this work, we used a limited set of 5 breakpoints for
each note, as we found it sufficient to represent a smooth
transition from lowest to highest intensity. To select the
best representatives, we first picked the wavetable at the
peak intensity, and then we selected four more wavetables
using a spectral criterion, taking a linear range of spectral
centroid values. In figure 2, the vertical lines indicate the
center of the segments selected as breakpoints. In the spec-
trogram, we can see how the spectral characteristics evolve
and change with the pressure exerted. Is interesting to note
the increase in background wind noise when the pressure is
higher. In the final stage, the wavetables are exported along
with their labels for pressure and RMS values. In figure 3,
we can see the corresponding 5 selected waveforms for the
note in figure 2.
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Figure 3: 5 amplitude normalized wavetables for the record-
ing example in figure 2. For each one, we show the bellows
pressure, the RMS amplitude at the recording, and the spec-
tral centroid value.

All the process was automatized, but each breakpoint se-
lection was manually inspected to check for errors. In future
work, we will expand the use of other spectral characteris-
tics to look up a fully automated procedure.

3.2 Synthesis

The complete synthesizer has the following parts: the pri-
mary audio signal is generated by separate wavetables for
each of the two reeds (fundamental and octave). The pres-
sure signal controls the fundamental frequency and ampli-
tude, while the keys (left or right hand) select the notes
and trigger an amplitude envelope. Finally, two more audio
signals are added with wind noise and keystroke sounds.
The primary signal is generated with a standard wavetable
interpolation. As the bellow’s pressure changes, linear in-
terpolation of the wavetables between two adjacent break-
points occurs, except in the extreme breakpoints (quiet and






