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We derive a theoretically guaranteed compressive sensing method for acoustic field recon-
structions using spherical field measurements on a predefined grid. This method can be used
to reconstruct sparse band-limited spherical harmonic or Wigner D-function series. Contrast-
ing typical compressive sensing methods for spherical harmonic or Wigner D-function series
that use random measurements on the sphere or rotation group, the new method samples on
an equiangular grid in those domains, which is a commonly used sampling pattern. Using the
periodic extension of the Wigner D-functions, we transform the reconstruction of a Wigner
D-function series (of which spherical harmonics are a special case) into a multi-dimensional
Fourier domain reconstruction problem. We establish that this transformation maintains
sparsity in cases of interest and provide numerical studies of the transformation’s effect on
sparsity. We also provide numerical studies of the reconstruction performance of the com-
pressive sensing approach compared to classical Nyquist sampling. In the cases tested, we
find accurate compressive sensing reconstructions need only a fraction of the measurements
dictated by the Nyquist sampling theorem. Moreover, using one-third of the measurements
or less, the compressive sensing method can provide over 20 dB more denoising capabilities
than oversampling with classical Fourier theory.
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I. INTRODUCTION

Band-limited Spherical Wavefunction (SW) expan-
sions in 3D and its restriction to a sphere, Spherical
Harmonic (SH) expansions, have become a key tool in
many acoustics applications. Recent high-interest appli-
cations of these series expansions range from surround
sound1–3, spherical acoustic holography4–6, and acoustic
levitation7,8 to beam-forming/source localization9,10, di-
rectivity characterization11,12, ultrasonic medical imag-
ing13,14, and using ultrasonics to non-destructively char-
acterize crystalline structures15,16. Beyond these acous-
tical applications, SWs and SHs are key tools in elec-
tromagnetic (EM) applications. See for example, spheri-
cal near-field to far-field transformations (SNF2FFTs)17.
The utility of the SW and SH expansions are quite broad.
In surround sound settings1–3, spherical acoustic hologra-
phy4–6, and directivity characterizations11,12, one needs
explicit knowledge of the SW or SH series to reconstruct
or reproduce a given sound field. A similar situation
is present in ultrasonic medical imaging13,14, where SH
series coefficients are needed to model the shape of var-
ious organs inside of the body. The usage of SWs and
SHs in crystallography is slightly different; in this ap-
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plication the SW or SH coefficients are used to relate
an easily measureable quantity to the crystalline texture
of polychristalline material15,16. Moreover, in acoustic
levitation, ultrasound, and even room transfer function
estimation18, the need to know the acoustic field of a
device to a high level of detail presents a future applica-
tion for SW/SH characterizations, in particular acoustic
SNF2FFTs19. Such characterizations are especially im-
portant for spherical arrays that are being used to gener-
ate or characterize sound fields because minor transducer
errors in the array can lead to major performance degra-
dation in certain scenarios20.

Estimating the SW or SH expansion coefficients of
an acoustic field requires first taking measurements on
a fixed radius sphere using a spherical array of mi-
crophones1,3 or, in the more general case, higher-order
probes19. From these measurements, one can then use
integral approaches1,15,16 or, as has become quite com-
mon, a linear inverse problem1–3 to solve for the SW
coefficients. From the Nyquist sampling theorem, the
number of measurements M , required to accurately es-
timate a field’s coefficients in the band-limited SW/SH
series scales with the square of the band-limit1,19. De-
pending on whether a classical integration or linear in-
verse problem is used, the constant scaling coefficients
of this quadratic can vary1,15. Under certain assump-
tions about the measurement probe, this also holds for
vector SWs/SHs in EM applications17. For even small
band-limits, the number of measurements can be time-
consuming and turn into hundreds or even thousands
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of measurements1,15. Thus, characterizing an acoustic
field can require many microphones in a spherical array
(i.e., in spherical holography, source localization/beam-
forming, directivity characterization, etc.) or be time
consuming for using if re-positioning the experimental
apparatus (the source/receiver microphone/higher-order
probe or a polycrystalline material). As a note, in EM
SNF2FFTs, measurement numbers fare even worse since
typical devices can require hundreds of thousands of
measurements due to their band-limit and noise require-
ments21,22.

In many of the above-mentioned applications, meth-
ods relating to sparse signal processing have been of in-
terest in order to speed up measurement times and re-
duce the need for many measurement devices or decrease
the number of transducers needed to reproduce a sound
field2,6,23–25. When the sound fields of interest satisfy
certain properties, e.g., the sound field from a symmetric
loudspeaker or only low-frequency sounds, the SW/SH
coefficients can be considered as sparse or compressible
(i.e., approximately sparse). Here, sparse means that the
coefficients contain mostly zero entries with few non-zero
values. In these cases where the coefficients are sparse
or compressible, Compressive Sensing (CS) can be used
to accurately solve the linear inverse problem for the
SW/SH coefficients while requiring fewer measurements
than needed in integral approaches or to make the linear
inverse problem fully determined26–32. Such a reduction
in the required number of measurements can allow for
reduced measurement times and for microphone arrays,
requires fewer microphones to be used.

For a particular linear inverse problem, the number
of measurements required and where these measurements
should be taken are key factors in determining the suc-
cess of CS. One approach is to use trial and error or
to algorithmically find measurement positions that min-
imize the coherence of the measurement matrix in the
inverse problem while remaining within constraints dic-
tated by device properties, e.g. microphone radii, posi-
tioning accuracy, etc. 33–35. However, such approaches
do not establish the required number of measurements
nor do they provide guarantees as to the robustness of
the CS method. Alternatively, these drawbacks can be
avoided if the measurement matrix (which depends on
the number of measurements and their positions) satisfies
certain properties. Conventionally, the Robust Nullspace
Property (RNP) guarantees methods like Quadratically
Constrained Basis Pursuit (QCBP) produce accurate so-
lutions for the unknown signal. A sufficient condition
that provides strong guarantees for satisfying the RNP is
a measurement matrix that satisfies the Restricted Isom-
etry Property (RIP). Verifying the RIP for a given mea-
surement matrix is NP-hard36. Due to this fact, prob-
abilistic approaches showing that a measurement ma-
trix satisfies the RIP with high probability are normally
used31,35,37. The drawback of the existing probabilis-
tic RIP-based guarantees is that they require sampling
at random positions. This requirement can be difficult
or impossible for most measurement systems or micro-

phone arrays because arbitrary points on SO(3) or the
sphere can be too close physically in multi-probe sys-
tems and highly time-inefficient in single probe systems.
This situation contrasts the coherence-based methods
like those in33–35, where hard/impossible measurement
patterns can be deliberately excluded from use. In this
article, we develop a CS method with robust theoretical
guarantees for the number of measurements and coeffi-
cient reconstruction accuracy that can be used for SW
or SH expansions where measurements are taken from a
fixed grid. Thus, our work negates the problematic need
for sampling at arbitrary positions in space as present in
existing approaches31,35,37

A. Contributions and Relation to Other Work

To derive a CS approach for SW or SH expansions
applicable to the many acoustics applications described
above and that can even be applied in EM applications
like SNF2FFTs, we prove a CS guarantee for a more gen-
eral series SW or SH series. In particular, our result holds
for a series of band-limited Wigner D-functions. For the
case where measurements are performed by moving a mi-
crophone to different measurement positions or using a
spherical array of microphones, the Wigner D-function
expansion reduces to the SH (thus SW) expansion by us-
ing only a certain subset of Wigner D-functions. For the
case where measurements are taken using a high-order
probe, the Wigner D-function series is required unless
simplifying assumptions are made, e.g., using an ideal
measurement probe. This is a direct result of account-
ing for the probe’s sensitivity to SWs in its coordinate
frame and carrying out the appropriate transformations
to relate the measurements taken and the SW expan-
sion coefficients of interest19. For mathematical context,
the Wigner D-functions are an irreducible representa-
tion of the symmetry group of the sphere, the rotation
group SO(3), and they form an orthogonal basis for band-
limited functions on SO(3)38.

There has been a considerable push for reducing
the measurement times for applications where one needs
to accurately solve for the coefficients in a Wigner D-
function series with sparse coefficients, in particular in
the EM community21,22,33,35,39,40. In the existing liter-
ature, one main approach is to apply CS. In particular,
this has been done by using RIP based guarantees35,37

or minimizing the coherence of the measurement matrix
of Wigner D-functions33–35. However, the drawback of
the RIP approach is that it requires sampling at ran-
dom positions on SO(3) to get robust theoretical guar-
antees. In contrast, the coherence-based methods have
non-random sampling patterns but do not give robust
theoretical guarantees. In this paper, we give an ap-
proach that avoids the drawbacks of both of the existing
approaches. Specifically, our CS approach to solving for
the coefficients in a Wigner D-function series, thus also
SW/SH expansions, only requires sampling from a fixed
grid on SO(3) and provides theoretical guarantees regard-
ing the number of measurements needed for recovery, M ,



along with the reconstruction accuracy. Thus, we show
that CS guarantees can be applied to the linear inverse
problem arising from solving for the Wigner D-function
coefficients without arbitrarily positioned measurements
SO(3). Additionally, our approach requires fewer mea-
surements than the classical Nyquist sampling theorem
requires. To the best of our knowledge, this is the first
result giving theoretical guarantees for CS recovery of
the coefficients in a series of SWs, SHs, or Wigner D-
functions where measurements are selected from a fixed
grid on SO(3), or from a fixed grid on the sphere in the
SW/SH cases.

B. Outline of Results

In the present article, we provide a method to ap-
ply CS to recover the coefficients of a series of Wigner
D-functions, and thus SW or SW series, that only re-
quires selecting samples from a pre-defined grid on SO(3)
(sphere in the special case of SWs/SHs). In this prob-
lem we assume that the field measured, w(α, β, γ), can
be written as a series of the Wigner D-functions. The
arguments α, β, and γ parametrize a point in SO(3) cor-
responding to a physical position where the field can be
measured. In this setup, α and γ are 2π periodic while
β is typically taken to be in [0, π]. It is well known, how-
ever, that the Wigner D-functions naturally possess a
periodicity when taking β ∈ [0, 2π)38. Moreover, this pe-
riodicity is captured in a well-known Fourier expansion
for the Wigner D-functions17. Thus, the approach we
take to solve for the coefficients of a Wigner D-function
series is to utilize this natural domain extension, period-
icity, and Fourier expansion. Since we assume w(α, β, γ)
is a series of Wigner D-functions, the periodic extension
of the Wigner D-function naturally induces one in w and
makes w periodic in all of its arguments by letting β be
in [0, 2π). This domain extension takes the function w on
SO(3) and maps it to the 3-torus T3, which is a double
cover of SO(3).

Now considering the periodically-extended Wigner
D-functions and w(α, β, γ), we transform the problem
to the Fourier basis. This allows us to treat the solution
of the Wigner D-function inverse problem as a multi-
dimensional Discrete Fourier Transform (DFT) problem.
Moreover, this transformation is carried out in a way
that preserves important sparsity structures in w. In
this multi-dimensional DFT form, we can then sample
a subset of the positions from the DFT formulation to
achieve compressive sampling for the band-limited series
of Wigner D-functions (see Theorem 6), which contains
as special cases of SW or SH series.

In a bit more mathematical detail, we start with the
problem of solving for the vector a from the inverse prob-
lem,

w = ΦDa+ η, (1)

where w is the vector of measurements of w(α, β, γ) at
a set of points (αj , βj , γj) ∈ SO(3), ΦD is the measure-
ment matrix whose rows contain the Wigner D-functions
Dµm
n (αj , βj , γj), a is the vector of coefficients in the

Wigner D-function series for w(α, β, γ), and η is addi-
tive measurement noise. Here, we have standard ranges
for the arguments of the Wigner D-function, α ∈ [0, 2π),
β ∈ [0, π], and γ ∈ [0, 2π). Note, the Wigner D-
functions relate to the spherical harmonics in a form like
Dµ0
n = cµnY

−µ
n (β, α) or D0m

n = cmn Y
−m
n (β, γ), where the

c coefficients are constants depending on its indices38.
Thus, SW/SH series can be considered a special case of
(1).

Without making any further assumptions beyond
w(α, β, γ) being representable as a series of Wigner D-
functions, we recognize that if we extend β to be in
[0, 2π), the Wigner D-functions in ΦD become periodic
in all three arguments (α, β, γ)38. With this periodic do-
main extension, instead of (α, β, γ) being on SO(3), they
are taken to be on T3. Since w(α, β, γ) is the Wigner D-
function series with coefficients in a, w(α, β, γ) also be-
comes periodic. In terms of measurements, this amounts
to letting the polar angle of measurements wrap com-
pletely around the sphere on which measurements are
taken. For a spherical microphone array, this is a rein-
terpretation of the existing microphone positions. Each
microphone would have one position with 0 < β ≤ π and
a second position with π ≥ β < 2π. As discussed later,
this means the measurements from a specific microphone
may be used twice. Additionally, for a high-order probe
like those in17,19, the domain extension means the second
rotation in the set of Euler rotations in the zyz′ conven-
tion is extended to a full 2π range. With these physical
pictures in mind, the periodicity of w(α, β, γ) with an
extension in β become more intuitive.

Due to the periodicity of the Wigner D-functions,
there is a transformation, which we denote with B, that
takes the problem from a Wigner D-function basis with
arguments α, β, γ ∈ [0, 2π) to the Fourier series basis.
That is, we can write the problem as

w = ΦF b+ η, (2)

b = Ba, (3)

where ΦD = ΦFB. Here ΦF is the measurement ma-
trix whose rows contain the basis functions for the three-
dimensional Fourier series, and b is the vector containing
the Fourier coefficients for w on T3. Fortunately, the
B matrix derives from the well-known Fourier expansion
for the Wigner D-functions and can be computed directly
from the Wigner D-functions. Importantly, it is the case
that B is well-conditioned and preserves sparsity in sit-
uations where the sparsity comes from only using a few
m, µ subspaces or needing only low-frequency functions
in the Wigner D-function basis. Thus, to solve (1), we
can first solve for the Fourier coefficients b, and then solve
for the Wigner D-function (or SW/SH) coefficients a.
When one is simply interested in the special cases of SW
or SH series, this directly gives the coefficients desired.
For high-order probes (e.g., in SNF2FFTs), a can be used
to calculate the SW coefficients of the speaker/emitter
after factoring out the appropriate transformation infor-
mation17,19).



In the above, we transformed the problem in (1) from
a Wigner D-function series on SO(3) to a Fourier prob-
lem on T3. If we suppose that measurements are taken
at a selection of points from an equiangular grid cov-
ering T3 at the Nyquist rate (which is also a Nyquist
sampling on SO(3)), then ΦF becomes a sub-sampled
three dimensional DFT (3DDFT) matrix. We denote
the 3DDFT matrix as UF . Since the measurements form
a sub-sampled 3DDFT, we can write the problem as

w = PΩUFa+ η, (4)

where PΩ is the matrix selecting a subset of M rows from
UF . With the problem in (1) cast in this way, we can
apply standard CS recovery guarantees for sub-sampled
unitary measurement matrices32. Thus, we achieve com-
pressive measurements from a sub-selection of measure-
ments from a pre-defined grid on T3 (and so SO(3)). To
get these robust reconstruction guarantees from CS, the
number of measurements, M , must scale as

M ≥ C̃sF ln4(NF ), (5)

where NF is the size of the band-limited three-
dimensional Fourier basis, sF is the sparsity in this basis,

and C̃ is a constant. Transforming this equation for M
into a form depending only on Wigner D-function basis
information, one gets a worst-case scaling of

M ≥ C̃ ′N1/3
D sD ln4(ND), (6)

where C̃ ′ is a constant, sD is the sparsity in the Wigner
D-function basis, and ND is the size of the Wigner D-
function basis.

C. Structure of this Paper

The remainder of this paper is structured as follows.
Section I D provides the notation used throughout the pa-
per. Section II contains the background information on
the Wigner D-functions and field measurements in the
general case of using high-order probes in Section II A
along with the results we need from the CS literature in
Section II B. Section III then gives the transformation of
the inverse problem in (1) from the Wigner D-function
formulation to the Fourier formulation as well as the CS
guarantees for this problem with the gridded sampling of
T3. We follow with numerical examples in Section IV.
This section includes investigations into the effect that
transforming from the Wigner D-function formulation to
the Fourier formulation has on the sparsity of the coeffi-
cient vector, Sections IV A and IV C, and then examples
of CS recovery in the Fourier formulation, Section IV D.
Lastly, we provide a conclusion in Section V.

D. Notation

Throughout this paper, we use the following nota-
tion and conventions. The sum

∑n
m,µ,m′=−n is used to

mean
∑n
m=−n

∑n
µ=−n

∑n
m′=−n. We use i =

√
−1 as the

unit imaginary number. An over-line represents complex
conjugation, e.g., a. We represent the Hermitian conju-

gate of a vector or matrix with ∗, e.g., a∗ = aT , where
T denotes the transpose operation. The norm ‖ · ‖2 is
the standard `2 vector norm. ‖ · ‖∞ is either the `∞ or
L∞ norm, which should be discernible from context. As
usual, for a vector, ‖a‖∞ = maxi(|ai|), and for a func-
tion, ‖f‖∞ = inf{c ≥ 0 : |f(x)| ≤ c for almost every x}.
For Euler rotations, we use the zyz′ and passive trans-
formation conventions38. We use i.i.d. to abbreviate in-
dependently and identically distributed.

II. BACKGROUND

In this section, we develop the background for our
work in the context of spherical field measurements with
general probes and also state the requisite CS reconstruc-
tion guarantees from the literature.

A. Spherical Field Measurements and Compressive Sensing

When measuring acoustic fields, it is often assumed
that the transducers used are omnidirectional point re-
ceivers that can measure the field of interest directly at
their position, see for example1. However, when high-
order transducers or arrays are used for measurement,
there will be inherent directional dependence on the di-
rectivity of the field probe. To account for this property
in spherical field measurements, one must include the di-
rectionality of the measurement device in the calculation
of the field from measurements. The directionality of
the field probe can be defined in terms of its sensitivity
to SWs, called the receiving coefficients and denoted by
Rµν . The inclusion of this directionality is called probe
correction and is discussed in detail in19.

In summary, probe correction for spherical field mea-
surements is carried out as follows. First one considers
the field of interest as a band-limited series of outgoing
spherical waves (if a radiator is contained in the sphere of
measurements) or standing waves (if no source is in the
sphere of measurements). We denote this band limit as
nmax. As a note, if a radiator is present, nmax is related to
the physical size of the radiator. In the no radiator case,
nmax relates to the frequency content in the field of inter-
est1. A coordinate transformation is then performed so
that the probe-centered coordinate system, which lies on
the surface of the sphere enclosing the radiator, properly
relates measurements to the coordinate system centered
on the radiator. This is done using a rotation and trans-
lation. The rotation can be specified as a set of Euler
rotations parametrized by in the zyz′ and passive trans-
formation conventions. The resulting expression for the
measured field is

wj = w(αj , βj , γj)

=

nmax∑
n=0

n∑
m=−n

n∑
µ=−n

amµn Dµm
n (αj , βj , γj) + ηj ,

(7)



where ηj are elements of the additive measurement noise
η. Here j indexes measurement positions (αj , βj , γj) on
the rotation group SO(3). These coordinates in SO(3) re-
late to a measurement point j with Euler rotation given
by rz, ry, rz′ as (αj , βj , γj) = (−rz′ ,−ry,−rz) or equiv-
alently (αj , βj , γj) = (π − rz′ , ry, π − rz)

38. Addition-
ally, Dµm

n (α, β, γ) is the Wigner D-function and its in-
dices satisfy n ∈ {0, 1, · · · , nmax} and m,µ ∈ {−n,−n+
1, · · · , n−1, n}. The total number of Wigner D-functions
and thus coefficients ND = (nmax+1)(2nmax+1)(2nmax+
3)/3.

Dµm
n (α, β, γ) = e−iµαdµmn (β)e−imγ , (8)

where dµmn is the purely real Wigner d-function defined
by

dµmn (β) = (−1)µ−m

×
√

(n+m)!(n−m)!(n+ µ)!(n− µ)!

×
min(n+m,n−µ)∑
σ=max(0,m−µ)

ξσ,

ξσ =
(−1)σ

(
cos β2

)2n−2σ+m−µ (
sin β

2

)2σ−m+µ

σ!(n+m− σ)!(n− µ− σ)!(µ−m+ σ)!
.

(9)

The Wigner d-function’s indices satisfy the same restric-
tions as those of the D-function. The spherical harmonics
are a special case of the the Wigner D-functions, given
by,

Y µn (β, α) = (−1)m
√

2n+ 1

4π
D−µ0
n (α, β, γ) (10)

Y mn (β, γ) =

√
2n+ 1

4π
D0−m
n (α, β, γ). (11)

In (7) the coefficients amµn contain the original SW
coefficients, the translation transformation information,
and the probe receiving coefficients. In particular, the
amµn take a form like amµn = Amn

∑
ν S

µµ
nν (rm)Rµν , where

Amn are the SW coefficients, and Sµµnν is the translation
operator for SWs with a translation distance of rm. The
explicit form of Sµµnν depends on whether the original field
expansion is outgoing or standing waves41).

In cases where the field of interest is highly sym-
metric with respect to the radiation coordinate system,
there will be few non-zero Amn and so the amµn will be
sparse/compressible42,43. More importantly, if the probe
is small, i.e., kλrprobe is small (where kλ is the wavenum-
ber of the field of interest and rprobe is the smallest sphere
circumscribing the probe) or highly rotationally symmet-
ric, the Rµν will be approximately zero for µ ≥ |1| and
larger ν, so again the amµn will be sparse/compressible.
Thus, since it is a relatively simple linear problem to
separate the SW coefficients from the D-function coeffi-
cients, CS might be used to solve for the coefficients in
(7), from which the SW coefficients can be determined.
In cases where an omnidirectional receiver that directly

measures the field of interest is used, (7) is equal to the
field sampled at the position j. This can be interpreted
as the translation factors multiplied by the Wigner D-
functions all collapse down to be the SW/SH expan-
sion for the field at the point j19. Due to this collaps-
ing of the series expansion, the Amn must inherently be
sparse/compressible for CS to be a possible solution ap-
proach.

There are currently various approaches to apply CS
to recover the coefficients amµn

21,22,33,35,37,39,40 or the
special case of a SW/SH expansion31,35,44. These are
mainly focused on using Quadratically Constrained Basis
Pursuit (QCPB) with particular measurement patterns.
Examples of measurement patterns include random mea-
surements on SO(3)35 or the sphere44, deterministic sam-
pling patterns to minimize mutual coherence33–35, as well
as measurements on a sub-domain of SO(3) for well-
localized functions w(α, β, γ) by using Slepian functions
on SO(3)37. The only theoretical guarantees for CS re-
covery are in the cases of random measurements either
from all of SO(3) or the sphere or an angle restricted sub-
set subset of SO(3) or the sphere, e.g., a hemisphere. In
the case of measurements from all of SO(3), the number
number of measurements must satisfy

M ≥ C̃ ′N1/6
D sD ln4(ND), (12)

where sD is the sparsity in the Wigner D-function basis.

Here C̃ ′ ≥ 0 is constant. For the case of the sphere, i.e.
SW/SH expansion, M has the same form of scaling but
with ND replaced with the number of band-limited SHs,
NSH = (nmax + 1)2, and sD replaced with the sparsity
in the SH basis, sSH , i.e.,

M ≥ C̃ ′N1/6
SH sSH ln4(NSH), (13)

Though the CS guarantees mentioned above are use-
ful in establishing theoretical viability and requirements
for using CS to solve (7) for its coefficients, their req-
uisite random sampling is problematic. This is because
many measurement systems struggle to reach arbitrary
points on SO(3) or the sphere, and furthermore, random
points in SO(3) or the sphere can be too close together
for some measurement setups and even time-consuming
when compared to regular patterns. Thus, these CS re-
sults provide mixed gains. On one hand, they reduce the
required number of measurements. On the other hand,
they can give impossible measurement positions (when
they are too close for arrays) or increase measurement
times due to random positioning requirements. In con-
trast, coherence-based analyses like those in33–35 provide
regular patterns for measurements that can be carried
out rapidly but these give no theoretical guarantees. As
we demonstrate in Section III, it is possible to maintain
theoretical recovery guarantees while using more regular
sampling patterns on SO(3) or the sphere.

B. Compressive Sensing Preliminaries

For our results that follow, we will need the following
definitions and results from the CS literature.



Definition 1 (Best s-Sparse Approximation Error32

(p. 42, def. 2.2)). Given a vector x ∈ CN , the best s-
sparse approximation error in the `p norm is

σs(x)p = min
z∈CN :‖z‖0≤s

‖z − x‖p. (14)

Definition 2 (Restricted Isometry Property (RIP) 35,32

(p. 133, def. 6.1)). A matrix Φ ∈ CM×N satisfies the
restricted isometry property of order s with constant δ ∈
(0, 1) if the following holds for all s-sparse vectors in x ∈
CN

(1− δ)‖x‖22 ≤ ‖Φx‖22 ≤ (1 + δ)‖x‖22, (15)

where the smallest δ denoted by δs is called the restricted
isometry constant.

Theorem 3 (RIP for Bounded Orthonormal Systems
(BOS)32 (p. 405, Thm. 12.31)). Consider a set of
bounded orthonormal basis functions φi : D → C, i ∈
{1, 2, · · · , N} that are orthonormal with respect to a
probability measure ρ on the measurable space D. Con-
sider the matrix Φ ∈ CM×N with entries

φji = φi(tj), j ∈ {1, 2, · · · ,M}, i ∈ {1, 2, · · · , N} (16)

constructed with i.i.d. samples of tj from the measure ρ
on D. Suppose the orthonormal functions are bounded
such that supr∈{1,··· ,N} ‖φr‖∞ ≤ K. If

M ≥ C0δ
−2K2s ln4(N) (17)

then with probability at least 1−N− ln3(N), the restricted
isometry constant δs of 1√

M
Φ satisfies δs ≤ δ for δ ∈

(0, 1). The constant C0 ≥ 0 is universal.

Corollary 4 (RIP For Unitary Matrices (BOS)32

(p. 405, Thm. 12.31 & p. 405, Cor. 12.38)). Let U ∈
CN×N be a unitary matrix with entries bounded from
above by K/

√
N . Let Φ ∈ CM×N be the sub-matrix of

U acquired by selecting a subset of rows of size M from
U uniformly at random among all subsets of size M . If

M ≥ C0δ
−2K2s ln4(N) (18)

then with probability of at least 1 − N− ln3(N), the re-
stricted isometry constant δs of 1√

M
Φ satisfies δs ≤ δ for

δ ∈ (0, 1). The constant C0 ≥ 0 is universal.

Theorem 5 (Sparse Recovery for RIP Matrices32

(p. 144, Thm. 6.12)). Suppose that the matrix Φ ∈
CM×N has restricted isometry constant δ2s < 4/

√
41 ≈

0.6246. Suppose that the measurements are taken with
Φ and are noisy, y = Φx + η, with ‖η‖∞ ≤ ε. If x̂ is
solution to

x̂ = arg min
z∈CN

‖z‖1 subject to ‖y − Φz‖2 ≤
√
Mε (19)

then

‖x− x̂‖2 ≤ C1

(
σs(x)1√

s
+ ε

)
, (20)

where C1 ≥ 0 only depends on δ2s.

III. ON-GRID COMPRESSIVE SENSING FOR SPHERICAL

FIELD MEASUREMENTS

A. Transformation to Fourier Basis

We now proceed with transforming the inverse prob-
lem in (7) to the three dimensional Fourier basis. First,
we note that the Wigner d-function with integer n is pe-
riodic on 2π38 and can be expressed as a Fourier series.
This Fourier series is band-limited and has the form17

dµmn (β) = iµ−m
n∑

m′=−n
∆m′, µ
n ∆m′,m

n e−im′β , (21)

where

∆m′,µ
n = dm

′µ
n

(π
2

)
, (22)

∆m′,m
n = dm

′m
n

(π
2

)
. (23)

Substituting (8) and (21) into (7) gives

wj =

nmax∑
n=0

n∑
m,µ,m′=−n

χmµn e−imγj−iµαj−im′βj + ηj (24)

χmµn = iµ−m∆m′,µ
n ∆m′,m

n amµn (25)

We now reorder the sums so that the sum over n is on
the inside, yielding

wj =

nmax∑
m,µ,m′=−nmax

nmax∑
n=nmin

χmµn e−imγj−iµαj−im′βj + ηj ,

(26)
where nmin = max(|m|, |µ|, |m′|). In anticipation of ben-
efits in terms of measurements (see Remark 9), we ex-
tend the ranges of the m′, m, and µ sums to range from
nmax−1 to nmax, giving,

wj =

nmax∑
m,µ,m′=−nmax−1

nmax∑
n=nmin

χmµn e−imγj−iµαj−im′βj + ηj ,

(27)

where we define ∆m′,m
n and ∆m′,µ

n to be zero if m′, m, or
µ is −nmax − 1. Next, define the sum over n in (27) as

bmµm′ =

nmax∑
n=nmin

χmµn . (28)

Thus, we arrive at a restatement of our problem in two
parts. First, we solve for the coefficients bmµm′ from the
linear problem in (29) below. This amounts to finding
the Fourier series coefficients of w, bmµm′ , from a set of
measurements. Then, we solve for the WignerD-function
coefficients amµn from the Fourier coefficients bmµm′ using
the linear inverse problem in (30):

wj =

nmax∑
m,µ,m′=−nmax−1

bmµm′ e
−imγj−iµαj−im′βj + ηj , (29)



∀ m, µ ∈ {−nmax − 1,−nmax, · · · , nmax}

bmµm′ =

nmax∑
n=nmin

χmµn ,

χmµn = iµ−m∆m′,µ
n ∆m′,m

n amµn .

(30)

These equations can be equivalently written as matrix
equations

w = ΦF b+ η, (31)

∀ m, µ ∈ {−nmax − 1,−nmax, · · · , nmax},
bmµ = Bmµamµ,

(32)

where ΦF is M×NF with NF being the number of band-
limited complex exponential functions NF = (2nmax +
2)3. Here we have used

[ΦF ]i,j = e−im(j)γie−iµ(j)αie−im′(j)αi (33)

ñmin = max(|m|, |µ|), (34)

amµ = [amµñmin
, amµñmin+1, · · · , a

mµ
nmax

]T , (35)

bmµ = [bmµ−nmax
, bmµ−nmax+1, · · · , bmµnmax

]T , (36)

for some ordering m(j), µ(j), m′(j), with the vec-
tor b correspondingly arranged. The matrices Bmµ ∈
Cdim1× dim2 with dim1 = 2nmax + 2 and dim2 = nmax +
1− ñmin have elements

[Bmµ]i,j =

{
ψmµ, |i− nmax − 1| ≤ ñmin − 1 + j

0, otherwise
,

ψmµ = iµ−m∆i−nmax−1,µ
ñmin−1+j ∆i−nmax−1,m

ñmin−1+j

(37)

where i = 1, 2, · · · , 2nmax + 2 and j = 1, 2, · · · , nmax +
1 − ñmin. The size of the matrix Bmµ can be seen from
the fact that there are no amµn with n < ñmin. The
restriction on the Bmµ values can be seen from the fact

that ∆m′,µ
n ∆m′,m

n = 0 when |m′| ≥ n.
As written, compressive measurements for (31)

would require random sampling on all of T3. This is
problematic for measurement devices due to the arbi-
trariness of the measurement positions. However, instead
of using any possible measurement position (αj , βj , γj) ∈
T3, we pick a set of possible measurements from a grid
that samples T3 at the Nyquist rate. In particular, we se-
lect possible measurement points given by (αj , βk, γl) =
(2πj/(2nmax +2), 2πk/(2nmax +2), 2πl/(2nmax +2)) for
j, k, l ∈ {−nmax − 1,−nmax, · · · , nmax}. We call this the
Nyquist grid on T3. Thanks to the double covering of
SO(3) by T3, the Nyquist Grid on T3 straightforwardly
maps to a grid of measurement points on SO(3). Rewrit-
ing (29) with these selected measurement points gives

wjkl = w(αj , βk, γl)

=

nmax∑
µ,m,m′=−nmax−1

bmµm′ e
−i2π(µj+mk+m′l)

2nmax+2 + ηjkl.
(38)

This can be recognized as the 3DDFT of the coefficients
bmµm′ . Thus, if we assume that we measure on a subset of
size M of the Nyquist grid, we have the matrix problem,

w =
√

(2nmax + 2)3PΩUF b+ η, (39)

w = PΩUF b
′ + η. (40)

Here UF is the matrix representing the 3DDFT for some
ordering of the terms, b′ =

√
(2nmax + 2)3b is corre-

spondingly arranged, and PΩ is the matrix that selects a
subset, Ω, of M of rows of UF . It is well-known that UF
is unitary.

Now, with the inverse problem in (7) written as a
linear inverse problem with a unitary measurement ma-
trix, we state the compressive sensing guarantee for the
problem the Fourier basis. The SW/SH version of this
result is stated in Remark 10.

Theorem 6 (Sparse Recovery for Spherical Field Mea-
surements Using a Sub-sampled 3DDFT). Consider the
linear inverse problem specified in (40). Suppose that
‖η̃‖∞ ≤ ε and that Ω is a subset of the rows of ΦF of size
M selected uniformly at random from all subsets of size
M . If

M ≥ C2sF ln4(NF ), (41)

then with probability 1− (NF )−γ ln3(sF ), if b̂′ is the solu-
tion to

b̂′ = arg min
z∈CNF

‖z‖1 subject to ‖w̃ − PΩUF z‖2 ≤
√
Mε

(42)
then ∥∥∥b′ − b̂′∥∥∥

2
≤ C1

(
σsF (b′)1√

sF
+ ε

)
. (43)

Here γ,C1 ≥ 0 and C1 only depends on the restricted
isometry constant of PΩUF , δ2sF .

Proof: The proof follows from noting UF has ele-
ments bounded by 1/

√
NF and then using Corollary 4

and Theorem 5. �

Remark 7. Changing our problem in (7) from the
Wigner D-function basis to the Fourier basis results in
a change in sparsity. This is because the Bmµ sums the
amµn along n. Typically, a device’s coefficients only use
a few m, µ subspaces. If the number of such subspaces
used is nmµ, then the worst-case sparsity of b′, sF , is

(2nmax + 2)nmµ = (NF )1/3nmµ. So the required number
of measurements is

M ≥ C2N
1/3
F nmµ ln4(NF ). (44)

Moreover, we know nmµ ≤ sD, where sD is the sparsity in
the Wigner D-function basis. Noting that we can relate
NF to ND as NF ≤ C ′ND (set C ′ = 6 for example), we
can also use the condition

M ≥ C2(C ′ND)1/3sD ln4(C ′ND). (45)

When comparing the scaling of M in the Fourier ba-
sis to the Wigner D-function basis (12), we have (ignor-

ing log factors) N
1/3
D and N

1/6
D , respectively. By going



to the Fourier basis we gain a factor of N
1/6
D , which is

slightly worse. However, the method presented here does
not require sampling from arbitrary points on SO(3); it
sub-samples the Nyquist grid, which is much easier for
measurement devices to achieve. As a further note, the
structure of the Bmµ is such that this worst case in-
crease in sparsity when transforming from the Wigner D-
function to Fourier basis is attained only when amµn 6= 0
for n = nmax. This is typically not the case, as larger
amµn tend to be at lower n, so we expect better scaling
with sD than what we see in (45).

Remark 8. For emphasis, we compare the result of The-
orem 6 to the classical Nyquist sampling approach in EM,
which uses a µ = ±1 probe. In the classical approach,

the number of measurements must scales with N
2/3
D . The

result in (45) requires that M scales with N
1/3
D times log

factors. Ignoring the constants and log factors, this beats
the classical µ = ±1 Nyquist approach by a factor of

N
1/3
D . Importantly, the sampling required here is to take

a size M subset of the grid on T3 (and so SO(3)). This
requires accessing a subset of the positions the classical
approach uses on the sphere enclosing a device, unlike
the results in35, which requires arbitrary positions.

Remark 9. In the manipulations to derive (27), we
extended the limits of the Fourier series indices to
contain an even number of frequencies in m, µ, and
m′. The purpose of this is so that the Nyquist
sampling grid given by (αj , βk, γl) = (2πj/(2nmax +
2), 2πk/(2nmax + 2), 2πl/(2nmax + 2)) with j, k, l ∈
{−nmax − 1,−nmax, · · · , nmax} results in each measure-
ment on SO(3) corresponding to two or more measure-
ments on T3. This implies that satisfying the bound on
M in Theorem 6 requires the number measurements on
SO(3) to be at most M/2. Contrast this with an odd
grid, which has no repeated points and thus the number
of measurements needed on SO(3) is M . In more detail,
the even grid results in the points on the poles β = 0
or β = π being sampled, thus there is a degeneracy in
the choice of non-polar angles αj and γl at the poles.
At β = 0 any points with with αj + γl = ρ for fixed
ρ represent the same physical measurement. The condi-
tion for β = π is αj + π − γl = ρ for a fixed ρ. This
fact results in 2nmax + 2 repeated points in T3 when a
pole is measured in SO(3). Any other non-polar points
have two repeated measurements where (αj , βk, γk) is the
same measurement as (αj + π,−βk, γk − π).

Remark 10. Consider (38) and take the special case
where one has a set of SW/SH coefficients. Assuming
that the field is measured ideally at a point amounts to
setting all bmµm′ with µ 6= 0 or m 6= 0 to zero. In this
case, (ignoring the noise) the measurements w(αj , βj , γj)
depend only on (βk, γl) or (αj , γk), respectively. The re-
sult is that we can consider this special case as a two
dimensional Fourier Series after appropriate normaliza-
tion. Thus, using nearly the same analysis that results
in Theorem 6, we arrive at being able to use QCBP to
solve for the non-zero bmµm′ from a sub-sampled 2DDFT

so long as

M ≥ C2sF ln4(NF,2D), (46)

where NF,2D = (2nmax + 2)2 is the number of basis func-
tions in the band-limited 2DDFT. Carrying out the same
analysis as the above remarks and noting the worst case
sF is 2nmax + 2 =

√
NF,2D ≤

√
C ′′NSH (using say

C ′′ = 2) times the number of m (µ) subspaces used,
which is at most sSH , we can also use

M ≥ C2

√
C ′′NSHsSH ln4(C ′′NSH). (47)

As with the full SO(3) case, using the Fourier basis
Nyquist grid on the sphere for CS results in an increase
in the number of measurements required when compared

to the best case scaling for SW/SH series of O(N
1/6
SH ).

Again, however, the Fourier method does not require be-
ing able to sample the sphere at any arbitrary point like

the method achieving O(N
1/6
SH ) does.

IV. EXAMPLES AND NUMERICAL INVESTIGATIONS

A. Analysis of Basis Transformation

The transformation from the Wigner D-function to
Fourier basis given by (32) will affect the sparsity of the
coefficients. In (37) we can see that this mapping is likely
to increase the sparsity, but only within already popu-
lated m, µ subspaces. This becomes even more apparent
if we look at the structure of the entries of Bmµ.

Investigating many examples of Bmµ for a different
m, µ, and nmax reveals a common structure these matri-
ces share. This structure can be seen in Figure 1, which
shows that this structure is triangle-like, with zero en-
tries in the grey regions and non-zero entries in the region
containing the arrows. This structure is manifest in (37).
However, (37) does not give straight-forward insight into
how the non-zero elements behave. Our investigations
show that the overall trend is given by the two curves in
the bottom of Figure 1 paired with their corresponding
direction in the depiction of the matrix. Pairing these di-
agrams we see that rows tend to decrease as we increase
along the columns (see the horizontal line) but not to
zero. We also see that elements along the lines parallel
to the |m′| = n line also decay, but not to zero.

The triangle-like structure of the of Bmµ also implies
that we can make statements about the sparsity sF in
the Fourier basis if we know properties of the amµn in
each m, µ subspace. For example, if we know that the
differentm, µ subspaces have different cutoffs in n, which
we can label nmµmax, then the sparsity in the Fourier basis
satisfies the bound

sF ≤
∑

m,µ: amµn 6=0

(2nmµmax + 1). (48)

As a note, the different nmµmax for each m, µ subspaces can
be seen as smoothness criteria on the function w(α, β, γ)
if you take the nmµmax to be decreasing with increasing |m|
and |µ|.



FIG. 1. Bmµ Structure. Depiction of the non-zero entries of

the transformation matrix from the Wigner D-function basis

to the Fourier. The triangle-like structure helps visualize how

sparsity can change between bases.

B. Analysis of Sparsity Change with Random Coefficients

To get more intuition behind how the Fourier spar-
sity sF depends on the Wigner D-function sparsity sD in
general, we numerically test this dependence as the basis
is changed with a band-limit of nmax = 15 for ease of
computation. In particular, we look at an analog of the
case where an ideal probe is used. This choice of probe
means that the Wigner D-function coefficients are only
non-zero for µ = 0. For our analogous setup, we pick a
sparsity sD and uniformly at random set sD coefficients
am0
n = 1, and then transform to the Fourier basis and cal-

culate sF . This is repeated for 100 trials with each value
of sD and averaged over all trials for a given sD. The
results are plotted in Figure 2. While this is not exactly
accurate for typical spherical field measurements, since
the amµn will not all be equal, Figure 2 shows how sF can
begin to saturate (the maximum possible sF is 1024) and
become problematic for CS with lower sD when there is
no structure to the coefficients.

C. Ideal and Non-Ideal Probe Measurements of Directed

Speaker

In actual measurement systems, it is typical to use
devices that are as ideal as possible. In many acous-
tic systems this means an ideal probe is used and the
field is measured directly. Such probes are only sensi-
tive to µ = 0 SW modes in its coordinate system. In
the EM case, using an ideal probe means that the probe
is only sensitive to µ = ±1 SWs. Moreover, among the
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FIG. 2. Average sF Versus sD. The average Fourier sparsity

sF as a function of sD where Wigner sD D-function coeffi-

cients are set to unity over 100 trials.

fields that one characterizes using spherical field measure-
ments, it is common to see fields with varying levels of
symmetry. For example, the sound field radiated from a
box speaker, transducer, or a spherical array of transduc-
ers may have varying levels of rotational symmetry along
their main beam. If this main beam is aligned along the
azimuthal axis of the measurement system, then the more
symmetric the field is, the fewer number of m 6= 0 SW
modes will be needed. With this idea in mind, we investi-
gate the change in sparsity transforming from the Wigner
D-function to the Fourier basis for the coefficients of an
example speaker at three frequencies:

1. Case 1 (C1): 1098 Hz

2. Case 2 (C2): 1400 Hz

3. Case 3 (C3): 1895 Hz

These frequencies are selected so that they provide var-
ious levels of axial symmetry as determined by the frac-
tional contribution the speaker’s m 6= 0 SW modes make
to the square of the `2 norm of the SW coefficients.

The specific speaker we consider is driver 1 of the
IEM Loudspeaker Cube45, for which directivity measure-
ment data is openly available at46. SH coefficients for
the speaker at various frequencies are calculated using
the open-source code made available by Ahrens et. al.
at11,47 (which also contains the directivity measurement
data for the IEM Loudspeaker Cube). This code fits the
loudspeaker measurements to a SH series with band-limit
nmax = 17. For ease of simulation we truncate this data
to nmax = 15. From the SH coefficients, we calculate the
SW coefficients amn by dividing out the appropriate spher-
ical Hankel function evaluated at the distance between
the probe coordinate system and the speaker coordinate
system, rab = 0.75m. In the original data output from
the code in 47, the main beam of the speaker is along the
negative y axis. To get the beam along the azimuthal (z)
axis of the spherical measurements, we rotate the out-
put coefficients using Wigner D-functions38. As a note,
we normalize the coefficients to have an `2 norm of 1,
i.e.,

∑
n,m |amn |2 = 1. The relative magnitudes of the SW



coefficients in dB,

Rel. Mag. amn = 20 log10

(
|amn |

maxn,m |amn |

)
, (49)

are presented in Figure 3. As can be seen in Figure 3, the
contribution of the m 6= 0 modes to the `2 norm squared
increases with frequency. In particular, C1 has 0.45% of
the signal’s `2 norm squared is in the m 6= 0 modes, C2
1.05%, and C3 has a contribution of 2.22%.
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FIG. 3. Source Spherical Wave Coefficients. Spherical wave

coefficients magnitudes for the IEM loudspeaker cube driver

1 at 1098 Hz (a), 1400 Hz (b), and 1895 Hz (c).

The Wigner D-function coefficients for the speaker,
amµn , are a product of the SW coefficients of the source,
amn , and the response constants, Cµn . That is, amµn =
amn C

µ
n . Since the response constants also have an ef-

fect on the sparsity and are a result of the probe, we
will test the change in sparsity from the Wigner D-
function basis to the Fourier basis with an axisymmetric

probe, as well as non-axisymmetric probes. The baseline
probe we select is the ideal probe. In the axisymmet-
ric case for each frequency, the response constants are
taken to be ideal for the 1098 Hz signal and are equal

to C0
n =

√
2n+1
4π h

(1)
n (krab) with the remainder being zero.

Here h
(1)
n is the Spherical Hankel function of the first

kind, and k is the wavenumber of the 1098 Hz sound field.
We use this same probe for all fields so we avoid introduc-
ing variations in the `2 norm of the Wigner D-function
coefficients by changing the probe. For non-ideal probe
measurements, we assume the non-ideal nature of the
probe comes from the probe being more sensitive to high-
order µ modes at two increased levels (specified below).
This sensitivity is set to be randomly selected. Thus,
C1-C3 will have three sub-cases where the response con-
stants will be:

(a) C0
n =

√
2n+1
4π h

(1)
n (krab), C

m
n = 0 otherwise.

(b) C0
n =

√
2n+1
4π h

(1)
n (krab), <(C±1

n ),=(C±1
n ) ∼

N (0, 0.01 maxn |C0
n|), Cmn = 0 otherwise.

(c) C0
n =

√
2n+1
4π h

(1)
n (krab), <(C±1

n ),=(C±1
n ) ∼

N (0, 0.01 maxn |C0
n|), <(C±2

n ),=(C±2
n ) ∼

N (0, 0.001 maxn |C0
n|), Cmn = 0 otherwise.

To see the changes in sparsity for all of the above
cases, we compare the non-zero coefficients (to floating
point precision) sorted largest to smallest in both the
Wigner D-function basis as well as the Fourier basis,
where each set is normalized with respect to the largest
coefficient in the given basis. Explicitly, we plot the
Coefficient Relative Magnitude in dB given by

Coefficient Relative Magnitude = 20 log10

(
|cj |
|c1|

)
,

(50)
where the cj , j = 1, 2, · · · are the coefficients in either
the Wigner D-function basis or the Fourier basis. Along
with the coefficients, it is also informative to investigate
the effect of keeping only the nc largest coefficients in a
given basis. To that end, we also plot the coefficient error
normalized by the actual coefficient `2 norm squared in
dB,

Normalized Error(c, nc) = 10 log10

(
‖cnc − c‖2

‖c‖2

)
, (51)

where c is a vector of coefficients and cnc is the vector of
with all but the nc largest coefficients set to zero. We plot
the normalized error in the Wigner D-function basis, in
the Fourier basis, and then the in the Wigner D-function
basis after keeping nc coefficients in the Fourier basis and
transforming back to the Wigner D-function basis.

The sorted coefficients and normalized errors for
cases C1a-c can be seen in Figures 4 to 6. For the sake
of brevity in the main text, the corresponding plots for
cases C2a-c and C3a-c are included as supplementary
files48. If we compare the number of non-zero coefficients
for a fixed frequency but increasing probe asymmetry,



e.g., C1a-c in Figures 4 to 6, then we see the number
of non-zero coefficients increases by a factor of ≈ 3 from
case a to b and then a factor of ≈ 5 from a to c, regard-
less of basis. These scaling factors are in line with the
scaling in the number of non-zero response constants Cmn
between the cases. Thus, ideally the asymmetry of any
probe used is small so that the additional non-zero coef-
ficients induced will be smaller than the SW coefficients
one is trying to recover. This trend continues for C2a-c
and C3a-c in the supplementary material48. Comparing
the number of non-zero coefficients as we increase sound
frequency but keep the same response constants by us-
ing Figures 4 to 6 and the supplementary material48, we
observe that the number of non-zero coefficients in the
Fourier basis is approximately three times that of the
Wigner D-function basis for each case. These results are
much better than the worst case, which would be an in-
crease by a factor of ≈ 2nmax + 1 (since one coefficient
per m,µ subspace in the Wigner D-function basis can
map to 2nmax + 1 in the Fourier basis).

In terms of the normalized error, in Figures 4 to 6
and the supplementary material48 we see that the errors
drop below -30 dB well before all coefficients are being
kept. The most important of which is the dotted curve
(keeping nc coefficients in the Fourier basis and trans-
forming back to the Wigner D-function basis), since this
is the most relevant number for the method we propose.
This implies that the coefficients in the Fourier basis are
compressible and CS recovery with smaller sparsities sF
should be reasonably accurate. In fact, in all cases we
see a very rapid drop to near -15 dB or better in the first
≈ 20 coefficients, with slower gains in accuracy after that.
Lastly, we note that in almost all cases of the Fourier
and Fourier transformed back to Wigner D-function ba-
sis have a larger tail. This is as expected from the broad-
ened tail we see when looking at the sorted coefficients
in the Fourier bases.

D. Compressive Sensing Recovery

In this section, we demonstrate the recovery of the
sound field emitted by the IEM Loudspeaker Cube driver
1 at 1098 Hz by solving the two-step problem in (31)
and (32) using compressive sampling according to The-
orem 6. For this demonstration, we simulate noiseless
measurements of the sound field emitted the IEM Loud-
speaker Cube driver 1 at 1098 Hz taken by an ideal probe.
Using the ideal probe implies that the coefficients amµn
are zero for all µ except µ = 0. Furthermore, since these
coefficients are zero and the DFT associated with the µ
index is no longer needed, the 3DDFT from Theorem 6
is reduced to a 2DDFT as discussed in Remark 10. We
can compare this reconstruction with classical Nyquist-
based measurements and the algorithm from acoustics19.
In this classical algorithm, the number of measurements
is dictated by the Nyquist sampling theorem and, for
the band-limit nmax = 15, requires a minimum of 496
measurements for a perfect reconstruction with no mea-
surement noise19. In this experiment we randomly select

0 200 400 600 800
Sorted Position j

-140

-105

-70

-35

0

C
o
ef

:
R

el
:
M

ag
:
(d

B
)

Sorted Coefs. C1a

Wigner D
Fourier

(a)

0 200 400 600 800
Number of Coe/cients Kept

-150

-125

-100

-75

-50

-25

0

N
o
rm

a
li
ze

d
E
rr

or
(d

B
)

Coef. Error vs. Number Kept C1a

Wigner D
Fourier
Fourier Transformed to Wigner D

(b)

FIG. 4. Sorted Coefficients and Normalized Error Case C1a.

The coefficient relative magnitude, (a), in the Wigner D-

function and Fourier bases rapidly decays initially, indicat-

ing compressibility in either basis. The normalized error, (b),

drops below -30 dB before all coefficients are kept in each

case, indicating CS recovery with smaller sparsities sF should

give accurate results.

400 measurements, which results in 301 unique physi-
cal measurements (due to random selections repeating
points on SO(3), see Remark 9). Since measurements
are noiseless, Basis Pursuit, not QCBP, is used. The re-
constructed sound field along with the original and the
SNR along the φ = 0 axis are shown in Figure 7. The re-
constructions are plotted in terms of magnitude relative
to the maximum actual field in dB,

Relative Magnitude = 20 log10


∣∣∣F̂ ∣∣∣

maxα,β,γ |F |

 , (52)

and the SNR is given in dB as

SNR = 20 log10

 |F |∣∣∣F − F̂ ∣∣∣
 . (53)

As can be seen, the sub-sampled 2DDFT performs well
with the SNR near 30 dB over most of the θ range. As a
note, using CS with SHs and random measurements on
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FIG. 5. Sorted Coefficients and Normalized Error for Case

C1b. The coefficient relative magnitude, (a), and the normal-

ized error, (b), show similar trends to those seen in Figure 4,

so the same conclusions apply. Any scaling in the number

of nonzero coefficients and error decay proportional to the

increased asymmetry of the selected probe.

the sphere can nearly halve the number of measurements
reduced and maintain similar accuracy, as expected when
comparing Theorem 6 to31. However, the sub-sampled
2DDFT method has the advantage of being sampled from
a sub-selection of the Nyquist grid on the sphere.

E. Compressive Sensing Recovery Versus Measurement

Number

In this section, we investigate CS recovery using the
method developed in this paper for cases C1a, C2a, and
C3a as we vary the number of measurements used. For
each case we compare the actual SW coefficients versus
those recovered using CS and the two-step problem in
(31) and (32). We look at the total relative error in the
recovered partial wave coefficients given by,

Normalized Error =

∑nmax

n,m |amn − âmn |2∑nmax

n,m |amn |2
, (54)
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FIG. 6. Sorted Coefficients and Normalized Error for Case

C1c. Again, the coefficient relative magnitude, (a), and the

normalized error, (b), show trends similar to those seen in Fig-

ures 4 and 5. Thus, the same conclusions apply. Scaling in the

number of nonzero coefficients and error decay is again pro-

portional to the increased as symmetry of the selected probe.

where âmn , as well as the coefficient SNR given in dB as

SNR = 10 log10

( ∑nmax

n,m |amn |2∑nmax

n,m |amn − âmn |2

)
. (55)

Here, the âmn are the recovered SW coefficients and amn are
the actual SW coefficients. Again, as the number of ran-
domly selected measurements and the number of unique
“physical measurements” (simulated measurements cor-
responding to unique positions on the sphere) will be
different, we plot the Relative Error as a function of the
average number of unique physical measurements over
25 trials while varying the number of randomly selected
measurements in the Fourier domain. The results of this
are in Figure 8, where each case requires approximately
the same number of measurements to reach similar re-
construction accuracies. In particular, using 300 “physi-
cal measurements” each case attains a coefficient SNR of
over 33 dB. Moreover, as the number of “physical mea-
surements” approaches the fully sampled grid (496 mea-
surements), the accuracy of the reconstruction becomes
nearly perfect, as expected.
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It is also interesting to compare the performance of
our proposed CS approach with that of a similarly sam-
pled Wigner D-function-based approach. In particular,
although there is no a priori reason to believe using a
Wigner D-function measurement matrix sampled on the
Nyquist grid should work, we can test to see if using
the same samples as the proposed CS method gives rea-
sonable results. To compare these we first reconstruct
C1a by first randomly selecting measurements from the
Nyquist grid on the sphere and carrying out our pro-
posed Fourier approach. Then we reconstruct C1a by
randomly selecting the same number of “physical mea-
surements” from the Nyquist grid, but instead of using
the DFT measurement matrix and transforming back to
the Wigner D-function basis, we instead use a Wigner D-
function measurement matrix with µ = 0 functions only
(i.e. re-scaled spherical harmonics) and the appropriate
preconditioning from35. In the continuous case, the pre-
conditioning is so that samples can be uniformly selected
from the domain, so we heuristically view this approach
as discrete samples from the appropriate uniform contin-
uous case. The results of this can be seen over the range
of possible measurements in Figure 9, where we aver-
age over 25 trials at each number of measurements. As
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FIG. 8. Reconstruction Error and SNR Versus Measurement

Number in Cases 1a, 2a, and 3a. For each number of mea-

surment number, the normalized error, (a), and SNR, (b), is

averaged over 25 trials. Increasing the sample number using

the sub-sampled 2DDFT improves accuracy for cases C1a,

C2a, and C3a. Using 300 “physical measurements” each

case attains a coefficient SNR of over 33 dB.

can be seen in the figure, the Fourier-based CS approach
outperforms the on-grid Wigner D-function approach for
nearly all sampling numbers. This improved performance
reiterates the method’s benefits, among which is its theo-
retically guaranteed robustness that the gridded Wigner
D-function approach does not share.

F. SW Coefficient Recovery in the Presence of Noise

The examples above all contained no measurement
noise. In the presence of measurement noise, even classi-
cal Nyquist sampling approaches will have their perfor-
mance degrade. However, in order to improve accuracy
in the presence of noise, oversampling at a rate greater
than the Nyquist rate is common. For example, we simu-
late measurements of the sound fields generated by C1a,
C2a, and C3a with mean zero and variance that is -40
dB times the peak value for each case. Using these simu-
lated mesurments then we plot the coefficient SNR, (53),
resulting from the classical fully sampled Fourier method
in19. The results are given in Figure 10. As can be seen
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in Figure 10, increasing the sampling to five times the
Nyquist rate results in increases in the SNR of nearly 15
dB for each case. Note the curves are split apart because
the peak field value, and thus total noise, increases from
C1a to C2a and again to C3a.
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ment noise whose variance is -40 dB times the maximum field

value in each case. Sampling rates are increased from the

Nyquist rate to over five times the Nyquist rate.

The approach in (31) and (32) and the statement
of Theorem 6 do not explicitly allow for sampling grids
that are denser than the Nyquist rate as they are written.
However, a straight-forward generalization of Theorem 4
allows for a measurement matrix that is a selection of
columns from a unitary matrix in a larger dimension.
For example, one can choose a sampling grid that is a
multiple of the Nyquist rate, select the columns of the
Fourier matrix that correspond to the coefficients needed
in the Nyquist rate version of (31) and (32), giving a tall
matrix, and then consider the measurement matrix that
is a random sub-selection of rows from this tall matrix.

Going through such an analysis results in an identical
scaling in the number of measurements as stated in The-
orem 6 and the remarks following it. As a result, we can
perform a CS version of (31) and (32) in the presence
of measurement noise where measurements are selected
from a grid that is some integer multiple denser than the
Nyquist sampling grid. This allows us to directly com-
pare our method with those results in Figure 10.

To that end, we first investigate the SNR from CS
reconstructions of the SW coefficients in C1a, C2a, and
C3a with the -40 dB Gaussian noise used in Figure 10
as a function of the number of “physical measurements”
and the grid size. For each sampling number and grid
density, we average the SNR over 25 trials in Figure 11.
As can be seen in Figure 11, for a fixed number of mea-
surements, the SNR slightly degrades as the grid density
increases. One might assume the accuracy should be con-
stant with the fixed number of measurements. However,
using the noise-free case as heuristic, if we sample near
the Nyquist rate then the recovery should be near perfect,
but if the grid density increases, then measurements can
clump in certain locations with larger gaps of the field
unmeasured. Thus, at least near full sampling, the de-
crease in accuracy as the grid density increases becomes
sensible. Further interpreting this result, if one fixes a
number of measurements they would like to use, then in-
creasing the grid density does not provide any gains. One
should simply select the densest grid that allows for the
desired number of measurements.

The intent of increasing the sampling rate in the
classical Fourier approach to recover the SW coefficients
in19 is to increase the method’s robustness to noise. Fig-
ure 11 showed that increasing grid density and keeping
the sample number the same does not improve perfor-
mance when using CS to solve (31) and (32). However,
if we consider fixed sampling densities (number of mea-
surements used divided by the total possible number)
as the density of the sampling grid is increased, we see
improvements in our proposed CS approach. Figure 12
shows these results for C1a to C2a and again to C3a
with the same noise as before. Similar to the classical
Fourier case, for a fixed sample density and increased
grid density, the SNR increases for each case tested.
This can be interpreted as de-noising that occurs by pro-
moting more sparse coefficients in QCBP. Interestingly,
the de-noising from the proposed CS approach with a
denser than Nyquist grid and sub-sampling gives better
results than the de-noising attained from using oversam-
pling with the method from19. This indicates, at least
in this case, the de-noising benefits of CS via QCBP are
an added benefit beyond simply decreasing the required
number of measurements. Thus, if one is currently us-
ing Nyquist sampling at some denser grid than Nyquist,
using the CS approach and fewer measurements may im-
prove accuracy. For example, CS with a sample density
of nearly 1/3 at two times the Nyquist rate beats the
classical Fourier approach with sample density 1 at two
times the Nyquist rate by nearly 20 dB or more in C1a,
C2a, and C3a.
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FIG. 12. CS Coefficient SNR Versus Sample Grid Density

in Cases C1a, C2a, and C3a. Fixing the sample density

(measurment # divided by # of possible measurements) and

increasing grid density for cases C1a, C2a, and C3a results

in improved SNR. In other words, increasing the sampling

rate and sample number improves the denoising achieved by

the 2DDFT CS method and outperforms oversampling with

the classical method in Figure 10.



V. CONCLUSION

We have developed an approach to recover SW or SH
expansion coefficients using compressive samples taken
from a pre-defined grid. This approach not only provides
a CS approach that avoids using measurements that are
not at arbitrary positions on the sphere or SO(3), as is
common for BOSs, but it does so while maintaining ro-
bust reconstruction guarantees. The number of measure-
ments required for robust reconstruction, ignoring log
factors, scales with the square root of the basis dimen-
sion multiplied by the sparsity in the SH special case and
with the cubic root of the basis dimension multiplied by
the sparsity when measurements are over the Wigner D-
function basis. These scalings are slightly worse than the
best cases from the literature35,49, however, these refer-
ences methods require samples from arbitrary positions
on the sphere and SO(3).

Using our proposed CS approach, we numerically
compared its results with a commonly used Fourier ap-
proach to recover SW/ or SH expansion coefficients. In
our tests, our on-grid CS approach performed compa-
rably in the presence of noise when a Nyquist grid is
used. However, when the grid sampling is increased to
two times the Nyquist rate, our CS approach boasted
increased de-noising capabilities while using fewer mea-
surements. In the three examples we tested, the CS ap-
proach the SNR for the CS method beat the classical
Fourier approach by 20 dB or better. Moreover, this was
achieved while using a third of the measurements needed
for the classical Fourier approach.

The CS approach developed in this paper allows
for field reconstructions in various application areas like
acoustic spherical holography, loudspeaker characteriza-
tions, and even EM antenna characterizations. In some of
these cases, measurements are restricted to certain areas
on the sphere or SO(3)37. The work in 37 can straight-
forwardly be generalized to the approach developed in
this paper so that gridded and restricted measurements
can be used for SQ or SH field reconstructions. How-
ever, the effect of compounding transformations (contin-
uous Wigner D-function to discrete Fourier and then to a
Slepian basis) on the conservation of sparsity throughout
the bases requires further investigation and would be a
suitable future direction of study.
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