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ABSTRACT

This paper describes the *SpHEAR (Spherical Harmonics Ear) project, an evolving family of 3D printed, GNU
Public License/Community Commons licensed soundfield microphone designs. The microphone assembly is 3D
printed as separate parts, one for each capsule holder and a microphone mount. The capsule holders interlock
together like a 3D puzzle and create the microphone assembly. This strategy was chosen to have parts that can be
printed flat and without overhangs so they can be printed in low to medium price 3D printers that use fused-filament
fabrication technology. The 3D models currently include the TinySpHEAR, a four-capsule tetrahedral microphone,
the Octathingy, an eight-capsule design, and the BigSpHEAR 12- and 20-capsule proof-of-concept platonic-solid
models. The models are written in OpenSCAD and are completely parametric. The project also includes suggested
designs for the capsule interface electronics and preliminary calibration software written in Octave.

1

Introduction

The soundfield microphone was designed in the 1970’s
by Michael Gerzon and Peter Craven to capture the
spherical harmonics decomposition of a soundfield up
to first order. It uses four capsules in a tetrahedral
configuration, which are matrixed and equalized to derive the Ambisonic B-format signals that represent the
soundfield.
Current Ambisonic microphones include commercial
systems by SoundField/STL [4] and Core Sound [5], as
well as a number of experimental do-it-yourself (DIY)
designs such as the one by Hemingson and Sariski [9]
(based on a design by Henry Walmsley), most of them

assembled from soldered wires that hold the capsules
together.
The recent availability of affordable and accurate 3D
printers makes it possible to “print” soundfield microphones. For example, a recent crowd-sourced product, the Brahma microphone [6], uses a 3D printed
core. Our goal is to print the whole microphone, from
a simple first-order design to higher capsule count and
higher-order microphones, in part so that our students
can build their own microphones as part of our spatial
sound courses at Stanford University’s Center for Computer Research in Music and Acoustics (CCRMA).
Four- and eight-capsule designs are particularly attrac-
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tive as there are reasonably priced USB audio interfaces and SD-Card recorders with up to eight microphone inputs which make it easy to pair the microphone with a particular audio interface and calibrate
them as a unit. Recent MOTU AVB/USB interfaces
with 24 inputs make designs with up to 24 capsules
practical.

2

TinySpHEAR, the tetrahedral design

We were interested in a design that could be printed
in low- to medium-price 3D printers, like the one we
have in-house at CCRMA, an Ultimaker 2 Extended[7].
This type of printer uses fused-filament fabrication
technology (extrusion) and cannot produce intricate
parts with overhangs such as a complete soundfield
microphone assembly. That lead to an approach where,
like the original SoundField microphone, each capsule
holder is a separate part that is later assembled into a
complete microphone.
Two practical topologies surfaced. Both can be printed
flat with no overhangs and have interconnection legs
with “fingers” that lock the capsule holders together. In
the first (figure 1) the legs extend horizontally from the
side of the capsule holder; in the second they extend
vertically (figure 2). The first one is easier to print and
leads to the smallest possible microphone array radius,
but is not a compact design. Because it is completely
flat, it is also suitable for fabrication using a laser cutter
and appropriate materials. The second one is more
difficult to print and has a more compact design but is
not practical for larger radius microphones.

Fig. 2: TinySpHEAR with vertical legs, 10mm capsule, 10.6mm radius

environment based on a built-in functional programming language [3]. The models are programs that are
(almost) completely parametric, can be previewed onscreen, and then rendered into a 3D mesh which can be
exported in a variety of computer-aided design (CAD)
file formats.
Parameters include the dimensions of the microphone
capsule, the radius of the completed microphone assembly, dimensions of the interconnecting legs, type of
interconnection leg, height of the mount, and so forth.
Once these parameters are set, the rest of the geometry of the microphone assembly is calculated automatically (for example the length of the legs and the depth
of the connection slots) so that parts can be printed and
assembled for that particular microphone.
A parameter in the Openscad program switches between two views, one which shows the assembled microphone and another that lays out all the parts on a
virtual flat surface, ready to be printed (figure 3).

Fig. 1: TinySpHEAR with horizontal legs, 10mm capsule, 10mm radius
The 3D models are written in OpenSCAD, a Free Software constructive solid geometry (CSG) 3D modeling

Fig. 3: Parts ready to be 3D printed
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All code is available in a git repository1 . The programs
are licensed as GPL [1] (GNU Public License) and
the 3D models as CC BY-NC-SA [2] (Creative Commons). The repository will include all the necessary information for building the microphone, including suggestions for the associated interface electronics as well
as calibration procedures so that the end result is a fully
functional microphone.

through friction but are then glued together for the final assembly.

Fig. 5: Four-capsule TinySpHEAR, eight-capsule Octathingy, 12- and 20-capsule platonic solid designs
The same approach will be used to design “rigid solid”
arrays for omnidirectional capsules that can be assembled from individual parts that can be printed flat. Future work is also considered for multi-layer designs that
try to optimize low-frequency noise performance and
high-frequency spatial aliasing for a better wideband
high order microphone[15].

4

Fig. 4: The full 3D model and the first prototype,
10mm capsules, 9.6mm microphone radius

3

*SpHEAR, expanding the family

To the four-capsule first-order design we have added
microphones of higher order that can use cardioid capsules (as opposed to rigid sphere designs that use omni
directional capsules)[11][12]. We have designed and
printed parts that assemble into the Octathingy, by
Eric Benjamin and Aaron Heller[13] and experimental proof-of-concept designs using platonic solids with
12 and 20 microphone capsules (figure 5). We will use
spherical t-designs[10] to create arrays with more than
20 capsules.
All designs will share the same code and use the same
assembly procedure. Each capsule holder has between
three and five interconnecting legs at appropriate angles so that all parts click together to create the complete assembly. Depending on the model, there are
one, two, or three different parts that need to be printed
in sufficient quantity. All the parts are held together
1 https://cm-gitlab.stanford.edu/ambisonics/SpHEAR/

Results and discussion

All four existing mechanical designs have been 3D
printed and assembled and we have built, calibrated,
and tested a first prototype of the TinySpHEAR fourcapsule tetrahedral microphone.
4.1

Capsules and electronics

Our first prototype uses 10mm Primo EM182 cardioid
capsules. We did not have the time needed to match
the capsules, so this prototype uses random picks. To
connect the capsule with our Zoom F8 test preamplifier
and eight-channel recorder, we used a simple circuit
consisting of just a resistor and a capacitor to interface
the signal to the preamplifier and power the capsule
from the recorder’s P48 supply. This circuit and others
are described in a document hosted in the MicBuilders
Yahoo group[25]. It is so simple that the components
fit into the shell of an XLR connector.
Regretfully, this interface circuit interacts badly with
the input stage of the Zoom F8 leading to lowfrequency noise leakage into the signal which compromised the low-frequency performance of our first
prototype. We built and tested with very good results a
variant of the well known Schoeps circuit by Zapnspark
[26]. A small PCB has been designed using KiCad for
our next prototype and will be part of the git repository.
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Our choice of the Zoom F8 was based on cost, but also
on the fact that it has digitally-controlled preamplifier
gain. That, coupled with the latest firmware in which
the level controls can be ganged together, makes it an
appropriate choice for recording a soundfield microphone with up to 8 capsules. Microphone and recorder
are calibrated as a unit.
4.2

Soundfield Microphone Calibration

The soundfield microphone is the acoustic encoder for
the Ambisonic full-sphere sound system. It captures
the soundfield at a point in space and then decomposes
it into the zero-th and first-order spherical harmonics,
which correspond to the acoustic pressure (a scalar, W)
and acoustic particle velocity (a vector, X, Y, and Z) at
that point. One can do this directly with a monopole
(omni) and three orthogonal dipole (figure-8) microphones, but it is difficult to position the four microphones in a compact arrangement in such a way that
they do not interfere with each other acoustically.
Craven and Gerzon solved these problem by arranging four identical cardioid-family microphones (a mixture of monopole and dipole responses) on the faces
of a regular tetrahedron and then deriving the spherical harmonic responses from the outputs of the four
capsules. If the four capsules have perfectly flat frequency responses, matched polar patterns, and could
be placed at a single point in space, the conversion from
capsule outputs (“A Format”) to spherical harmonics
(“B-format”) could be done by simple sums and differences. The reality, however, is that the array has a finite
size, the capsules do not have flat frequency response
and identical polar patterns, and the geometry may be
slightly off. Hence a series of correction filters and
gain adjustments are needed to address these problems.
A number of approaches have been taken in both commercial products and DIY projects. In the best of these,
it is possible to achieve frequency and polar responses
that are superior to the best available omni and figure-8
microphones.
The radius of the array determines the frequency at
which the B-format patterns begin to deviate from their
ideal shapes. Therefore, a key design tradeoff is between the radius of the array and the diameter of the
capsules. In principle, one can make the array very
small by using very small capsules, however small capsules tend to have poor signal-to-noise ratio and poor
low-frequency response.

Gerzon’s original paper [8] proposes generating the Bformat components using a scalar A-to-B conversion
matrix followed by filters that compensate for the noncoincident nature of the array at high frequencies. Due
to the fact that the array samples the sphere uniformly
and the B-format outputs are rotationally symmetric,
the theoretical 4 × 4 matrix of filters reduces to a single
filter for each of the components of the B-format signal
(W, X, Y and Z), with the X, Y, and Z filters being of
identical design.
The original SoundField microphones used analog circuits for the A-to-B conversion and calibration. In
the MkIV each capsule has low-frequency equalization and sensitivity adjustments, followed by a fixed
A-to-B matrix and fixed coincidence correction filters
and finally independent gain adjustments for W, X, Y
and Z[20]. Calibrating one of these microphones is a
very labor intensive process.
Newer designs like the TetraMic or Brahma move the
A-to-B conversion process and calibration to software
running in a general purpose computer.
Another approach is Angelo Farina’s A-to-B conversion method[19], in which four on-axis impulse response measurements of the capsules and four onaxis impulse response measurements of the B-format
components generate eight convolution filters through
Nelson-Kirkeby inversion. The proposed software uses
four convolutions for the A-format equalization, followed by a fixed A-to-B matrix and finally four more
convolutions that equalize the B-format components.
A practical system using Gerzon’s calibration method
is the (unreleased) TetraCal[18] software package by
Fons Adriaensen, which complements his open-source
free software TetraProc[17] tetrahedral processor program, a very complete program for A-to-B conversion
and monitoring of tetrahedral microphones.
TetraCal automatically generates a scalar A-to-B conversion matrix from a set of eight impulse responses
measured at regular angles in the horizontal plane. The
post-matrix IIR parametric filters are then adjusted
manually by visual observation of the resulting frequency and phase response of each component of the
B-format signal. In the hands of a skilled user this
can produce a nearly perfectly calibrated Ambisonic
microphone.
TetraProc itself can use calibration data generated by
either of the two methods outlined above. In one mode
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of operation it applies low-frequency equalization to all
four capsules, followed by a scalar A-to-B matrix and
post-matrix IIR parametric filters for each B-format
component. It also supports Farina’s method by using
a 4×4 convolution matrix that incorporates the capsule
equalization, A-to-B-format conversion and B-format
equalization in one step.
All the software based soundfield microphone calibration systems that we are aware of are closed applications. Furthermore, the systems we know about are
not fully automated and require manual operation by
a skilled user. The human operator can distinguish
between measurement artifacts and the actual microphone response and use some judgment as to what
spectral errors to correct and which to ignore. This is
probably unavoidable for best results, but our project is
trying to see how far an automatic calibration process
can go in terms of the resulting sound quality of the
finished microphone.
The current results presented in this paper are a work
in progress with software being written in the Octave
programming language.
4.3

Measuring the TinySpHEAR

The data used in the calibration process detailed below is a set of 16 impulse response measurements on
the horizontal plane of our first TinySpHEAR prototype. The excitation source was an M&H M50 single driver speaker with a stated frequency response of
100Hz to 20KHz +/- 5dB, and an EMM-61 microphone
that was used as a calibration reference in the substitution method. Fons Adriansen’s impulse response
software, Aliki[16], running under Linux, was used
to measure the impulse responses using 10-second exponential sweeps. The measurements took place in the
CCRMA Stage, a small concert space (i.e., not in an
anechoic chamber), and the first reflections from the
floor gave us approximately 5 mSecs of useful time domain data (our software does not yet implement more
sophisticated windowing methods as described by Eric
Benjamin[14]).
This first prototype of the TinySpHEAR microphone
was used to record a concert in the Bing Concert Hall
Studio at Stanford University on March 11th and 12th,
2016 (“March Mattness, CCRMA in the Bing Concert
Hall Studio”), which featured a 20.6 3D speaker deployment of the GRAIL (CCRMA’s speaker array for

concerts, “the Giant Radial Array for Immersive Listening”). These recordings, which range from amplified
acoustic instruments (ragas) to full 3D surround electroacoustic compositions, are being used to evaluate
the performance of the microphone calibration in informal listening tests. The concert was also recorded using a SoundField ST250 so comparisons can be made
between the two (the two microphones were not colocated so the spatial image is slightly different).
4.4

Calibrating the TinySpHEAR

The current calibration process is a work in progress
with the initial goal of automatically creating a 4 × 4
matrix of filters that generates the four B-format signals from the A-format capsule signals, compensating
for the low frequency response of the capsules, differences in sensitivity and directivity, and the effects of
the non-coincident layout. The calibration requires 8
to 16 equally-spaced impulse response measurements
in the horizontal plane.
The calibration software splits the frequency spectrum
into two areas delimited by the transition frequency of
the microphone. Below the transition frequency, scalar
A-to-B matrices are calculated for each frequency band
and are used to design the frequency response of the
filters. Above the transition frequency, a common filter for each B-format component is derived from an
average of measurements of the RMS power of the impulse response for each frequency band. Both sets of
filters (16 below the transition frequency, 4 above) are
merged into a single FIR filter for each of the 16 elements of the A-to-B filter matrix.
The first step of the process splits the frequency range
covered by the excitation speaker into fractional octave
bands - 1/8-octave bands in the examples below.2 For
each band the calibration program calculates an A-toB matrix using Matlab/Octave functions included in an
unpublished paper by Aaron Heller [23]. Each element
of a 4 × 4 A-to-B matrix represents the contribution
of a single capsule or A-format signal to one of the Bformat components in that frequency band. The same
element in all matrices traces the desired frequency
response for that filter.
The calculation of A-to-B matrices is valid as long as
the assumption that the capsules are coincident is true.
2 A future version of the software will space the bands unevenly,
broader bands in low frequencies, narrower in high frequencies.
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Figure 6 shows the frequency response of the B-format
components at 0 and 45 degrees azimuth incidence angle using these filters. It is reasonably flat in low and
mid frequencies but starts to deviate from the desired
response at about 4 to 5 kHz. The observed transition
is an octave below the limit frequency of 11.25 kHz
calculated using Gerzon’s approximate formula (the
prototype radius is 9.6mm).
Figure 7 shows the frequency responses of the resulting filter set. Each one of the traces follows one of the
16 FIR filters. The degree of vertical spread between
filters of the same order indicates how closely matched
the capsules are. The difference in shape shows differences in frequency response among the capsules and
other effects.
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Fig. 7: filter shapes designed using only the A-to-B matrices
frequency response and ideal polar patterns[21], but
the real frequency response will deviate from this ideal
shape. Other calibration systems tune the filters for this
frequency range manually.
Our approach generates B-format signals using one of
the scalar A-to-B matrices (about one octave below the
transition frequency), and extracts the RMS power of
each B-format component for each measurement in the
remaining frequency bands. These points trace the filter frequency response above the transition frequency,
one filter for each B-format component shared by all Aformat signals. As our measurements are only made in
the horizontal plane, we average the X and Y frequency
responses to create the Z filter.
It is impossible to design filters that will equalize the Bformat components equally well in all directions. The
choice of which of the 16 available measurements to
average has therefore a big impact in the sound of the
calibrated microphone and is a crucial design decision.
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Fig. 6: frequency response of B-format signals with filters designed using only the A-to-B matrices

For frequencies above the transition frequency, we
need to use a different strategy to design our filters.
In the following examples, we selected a transition frequency of 4 kHz by visual inspection of figure 6. Theory or simulation can be used to arrive at a frequency
response for ideal capsules with exact orientation, flat

We can average the measurements taken in the cardinal
directions (0, 90, 180, 270 degrees) which are the ones
in which the microphone has the best performance,
or average the diagonal directions, or average all of
them (not quite a diffuse field response but somewhat
similar). Choosing the cardinal directions means that
sounds coming from those directions will be correctly
equalized, and others will suffer a drop in response at
higher frequencies. Averaging the diagonal directions
will have the opposite effect. Averaging all available
measurements sits in between those two extremes.
There is no correct choice and our software provides
the option of selecting which measurements to average. It is easy to generate different filter matrices and
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test them to decide which one sounds best for a particular application. Experienced designers seem to prefer equalizing for the cardinal directions as the other
options result in microphones that tend to sound too
bright. Other weighted averaging options will be explored in the future.
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is concatenated to each low-frequency filter and the finished FIR filters are transformed into close to minimum
phase FIR filters by using the simple sinus ramp and
flip over (SRFO) method outlined in [22]. This minimizes unwanted phase shifts between the B-format
components at high frequencies that otherwise degrade
performance of the A-to-B conversion.
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Fig. 8: finished filter frequency responses, A-to-B matrices below 4 kHz, cardinal direction averaging above 4 kHz
Finally, figure 9 shows the 0 degree and 45 degree frequency response of the finished microphone using this
filter matrix for the A-to-B conversion.
A different way of visualizing the same data is shown
in figures 10 and 11. It shows the W and XY components frequency response in the cardinal directions (0,
90, 180, 270 degrees) versus the diagonal directions
(45, 135, 225, 315 degrees). In figure 10, we calibrate
by averaging only the cardinal direction measurements,
in figure 11 all directions. We can see that when we average all measurements the on-axis response is brighter

Figures 12, 13, 14 and 15 show polar plots of the Bformat signals for four different 1/8-octave bands in
four different regions of the spectrum. Both omnidirectional and figure-of-eight plots show very good performance. Above the transition frequency we start to see
the expected contamination of the polar patterns with
higher-order spherical harmonics (the lobes of the figure of eight patterns are narrower and there are obvious
higher order components in W and Z).
Figure 16 shows the polar patterns of a forward facing
cardioid pattern created by summing the W and X signals. As our FIR filters are not strictly minimum phase
there is still a small residual phase shift between W and
X at high frequencies that slightly alters the shape of
the polar patterns.
During the testing process a spurious resonance was
identified at about 1.5 kHz. This is probably due to the
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Informal listening tests show that both the ST250 and
an A to B encoder created by Fons Adriansen with
TetraCal sound brighter than the calibrated prototype
at high frequencies as they are not calibrated for “flat”
frequency response as is ours. We should include options to create calibrations tailored for different uses
(diffuse field versus free field, for example).
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Fig. 13: B-format polar plots around 1.2 kHz

5
fact that the hole through which the cables are threaded
into the microphone mount was left open creating a
resonant cavity. This highlights the attention to detail
that is necessary to create a good microphone.

-1
-1

Future Developments

This is the first paper in a series that will describe the
evolution of the *SpHEAR Project.
A second tetrahedral prototype is being built using the
Zapnspark interface circuit for a much improved lowfrequency noise floor. Another prototype will use the
Primo EM200 capsules, a larger 14mm design that has
better low frequency and noise performance at the expense of a lower transition frequency.
We also plan to build and test the Octathingy[13] and
develop a practical calibration method for it. We are
very interested in evaluating a first step at second order
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Fig. 14: B-format polar plots around 5 kHz
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Fig. 15: B-format polar plots around 10 kHz
capture, albeit only in the horizontal plane. We hope
to follow this with a 12 capsule design which should
allow for full periphonic second order capture.
The entire calibration process needs a complete rethink
and rewrite. While the goal is not a “push one button
and you are done” program, a much better and integrated software package needs to be written.

Summary

Given access to a 3D printer these designs are quite
easy to build and are suitable for testing and experimentation by students of our courses and the community at large. Soldering skills are needed for wiring the
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Fig. 16: virtual cardioid polar plots showing effects of
slight B-format component phase shift
capsules and associated electronics, and careful measurements are necessary for a successful calibration,
but the 3D printer makes it possible to create microphone arrays with precise capsule orientations and very
good performance. The parametric models can adapt
the design to use other capsules and/or change the size
or geometry of the array. The measurements of the
filter matrix created with our preliminary calibration
software and informal listening tests verify we are able
to build and calibrate a microphone with very good
performance characteristics.
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