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Learning an Interpretable End-to-End Network for
Real-Time Acoustic Beamforming

Hao Liang, Guanxing Zhou, Xiaotong Tu*, Andreas Jakobsson, Xinghao Ding, Yue Huang

Abstract—Recently, many forms of audio industrial applica-
tions, such as sound monitoring and source localization, have
begun exploiting smart multi-modal devices equipped with a
microphone array. Regrettably, model-based methods are often
difficult to employ for such devices due to their high compu-
tational complexity, as well as the difficulty of appropriately
selecting the user-determined parameters. As an alternative, one
may use deep network-based methods, but these are often difficult
to generalize, nor can they generate the desired beamforming
map directly. In this paper, a computationally efficient acoustic
beamforming algorithm is proposed, which may be unrolled to
form a model-based deep learning network for real-time imaging,
here termed the DAMAS-FISTA-Net. By exploiting the natural
structure of an acoustic beamformer, the proposed network
inherits the physical knowledge of the acoustic system, and thus
learns the underlying physical properties of the propagation. As
a result, all the network parameters may be learned end-to-end,
guided by a model-based prior using back-propagation. Notably,
the proposed network enables an excellent interpretability and
the ability of being able to process the raw data directly. Extensive
numerical experiments using both simulated and real-world data
illustrate the preferable performance of the DAMAS-FISTA-Net
as compared to alternative approaches.

Index Terms—Acoustic beamforming, acousic imaging, source
localization, array signal processing, model-based deep learning,
interpretable network.

I. INTRODUCTION

He acoustic camera, a multi-modal imaging device,

which can visualize sound as a heatmap, has been widely
applied in various fields, such as transportation, noise moni-
toring, and industrial anomaly detection [1]-[6]. As illustrated
of such a device in Fig.1, where the acoustic camera is able
to make sound “visible”. It processes the multi-dimension
signals acquired by the microphone array, employing acoustic
beamforming algorithms to generate the sound pressure level
distribution on the scanning plane, and displays the results
as images or videos. Utilizing the phase-shifting properties of
the signal propagation, the delay-and-sum (DAS) algorithm
provides a robust, fast, and intuitive imaging result via delay
compensation and weighted summation [7], [8]. However, it
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Fig. 1. Schematic of an acoustic camera. The light spot indicates the location
and power of an industrial anomalous sound source.

is subject to the Sparrow resolution limit [9], and thus yields
low-resolution results with high sidelobes [10].

In order to eliminate these side-lobe interferences, various
deconvolution approaches have been proposed. In [11], the
CLEAN-PSF method was introduced to iteratively remove the
influence of the point spread function (PSF). Then, based on
the spatial source coherence, Sijtsma further extended this
method to allow for coherent sources, resulting in the so-called
CLEAN-SC algorithm [12]. Later, a high-resolution extension
of CLEAN-SC was developed in [13]. However, the CLEAN-
based methods may erroneously “clean” the true source point,
and the deconvolution may as a result become unfocused
in the acoustic field. Assuming that the beamforming map
is a linear combination of the sources and the PSF, the
deconvolution approach for the mapping of incoherent acoustic
sources (DAMAS), which removes the PSF’s influence by
solving an inverse problem, was introduced in [14]. Building
on this, a series of DAMAS-based methods exploiting some
structured sparsity and intrinsic acoustic properties have been
derived [15]-[20], all aiming to form higher quality and more
robust estimates. Although these methods enable a significant
improvement of the results, they usually require a high com-
putational cost, preventing their usage in real-time imaging,
as well as necessitating an often difficult selection of various
user-defined parameters.

Recently, several deep network-based acoustic beamforming
approaches have also been proposed to reconstruct acoustic
sources [21]-[24]. Compared with the model-based proce-
dures, these methods can dramatically reduce the necessary
time complexity, while providing reliable estimates as a result
of the strong feature extraction capability of the neural net-
work. However, most existing deep network-based algorithms
tend to train the neural network as a black box, inevitably
leading to the absence of domain knowledge guidance, which



often causes the resulting network to be difficult to generalize
in a robust manner, limiting the practical application of these
methods.

In this work, we propose a computationally efficient imple-
mentation of the DAMAS, termed the DAMAS-FISTA, which
employs the Fast Iterative Shrinkage Thresholding Algorithm
(FISTA) [25]. Using this, we then design an interpretable end-
to-end network, dubbed the DAMAS-FISTA-Net, by mapping
the DAMAS-FISTA to render a high-quality beamforming map
for real-time imaging. In contrast to most deep network archi-
tectures, the proposed network can directly handle the raw data
without pre-beamforming. Notably, the proposed DAMAS-
FISTA-Net can also learn the underlying physical properties
of the acoustic environment by exploiting the model-based
method, allowing the resulting network an excellent ability to
be generalized. All the required network parameters may be
learned end-to-end, guided by the model-based prior, by using
back-propagation. Numerical simulations and experimental
data analysis show the effectiveness and advantages of the
proposed method.

In summary, the main contributions of this paper are:

o We introduce a computationally efficient implementation
of the DAMAS estimator by employing a FISTA frame-
work, forming the so-called DAMAS-FISTA method,
which may then be used to guide the design of the
proposed subsequent network.

o« We propose the novel and computationally efficient
DAMAS-FISTA-Net, which not only combines the ben-
efit of the model-based method with those of deep learn-
ing, but which inherits related domain knowledge.

o The proposed network exhibits an excellent interpretabil-
ity and ability to be generalized, while still being capable
of processing the raw data directly.

« Extensive experiments illustrate that the DAMAS-FISTA-
Net achieves promising performance for both simulated
and real-world data, illustrating the practical potential of
the method.

The remainder of this paper is organized as follows: In the
next section, related work, including several acoustic beam-
forming methods and model-based deep learning methods, is
summarized. Then, Section III presents the acoustic signal
model and some related notations, and the DAMAS beam-
former is briefly reviewed. In Section IV, the DAMAS-FISTA
algorithm is proposed, followed by the proposed DAMAS-
FISTA-Net method. Section V provides a comparison and
validation of the proposed methods, formed by analyzing both
simulated and real-world signals. Finally, our conclusions are
summarized in Section VI

II. RELATED WORK

There are two main categories of related acoustic beam-
forming methods, including model-based methods, such as
the deconvolution-based algorithms, and deep network-based
methods. A brief review of these two approaches is found
below. Additionally, we provide a concise review of the recent
model-based deep learning approaches which are relevant to
our work.

Model-based acoustic beamforming. In the field of acous-
tic beamforming, the DAMAS algorithm introduced the use
of deconvolution to increase the resolution and remove dis-
turbing side-lobe interference [14]. However, this algorithm
is unsuitable for coherence sources and suffers from being
computationally cumbersome limitation. Notable efforts have
been made to address these issues. In [16], the cross-power
between coherent sources have been considered, while the
conjugate relationship is used to reduce the computational
complexity. However, computationally intensive operations are
still unavoidable. Assuming that the PSF is shift-invariant,
Dougherty proposed the DAMAS?2, significantly improving
the computational efficiency [15]. Later, the computational
overhead was further reduced by using efficient solvers [17],
[18]. More recently, Ding et al. proposed two high-resolution
source localization methods, which exploit the sparsity of
the beamforming map [20]. Although these methods perform
well, a degree of shift-variance is introduced due to the
shift-invariant assumption, casuing the source power to be
underestimated. Generally, all these model-based methods
require hundreds or thousands of iterations even when using
efficient solvers, which will inevitably increase the computa-
tional burden and restrict the application for real-time imaging.
Additionally, many of these algorithms depend on a series of
user-defined parameters, such as sparity or penalty parameters,
which typically are non-trivial to select in an optimal manner,
but which will greatly influence the accuracy of the imaging
results.

Deep network-based acoustic beamforming. Recently,
many studies have shown that a deep network may be a useful
tool for acoustic beamforming by taking advantage of its
powerful learning capability. For instance, Reiter and Bell em-
ployed the widely used AlexNet [26] to identify point source
locations with its input being the pre-beamformed result [21].
Later, Allman et al. treated the source localization problem as a
classification task [22], designing a two-module deep network
based on the VGGNet [27] and Fast R-CNN [28]. However,
these two methods only estimate the localization information,
without providing any intensity prediction. To handle this
issue, Kujawski et al. proposed to use the ResNet architecture
[29] to process the pre-beamformed result to estimate the po-
sition as well as the intensity of a single source [23]. To avoid
information loss during pre-beamforming, Zhou et al. further
proposed the Acoustic-Net [24], which employs the time-
frequency distribution of multi-dimension signals as input.
Combined with the RepVGG architecture [30], the inference
time can then be significantly reduced. However, the above
networks are only suitable for single-source situations. Indeed,
some recent works (see, e.g., [31], [32]) may be suitable for
multi-source situations. Unfortunately, to be efficient, these
methods generally need notable prior knowledge, such as
the number of sources. The main feature of deep network-
based methods is that they are completely data-driven, without
employing any physical mechanism, resulting in a network that
is data-sensitive and lack structural diversity (repetitively em-
ploying fully-connected or convolutional layers). Additionally,
neither of these methods can directly generate beamforming
maps.
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Fig. 2. The assumed model of the acoustic signal propagation.

Model-based deep learning. In order to build a bridge
between model-based methods and deep network-based meth-
ods, the model-based deep learning framework has also been
investigated and has attracted notable attention. A representa-
tive method is the learned iterative shrinkage and thresholding
algorithm (LISTA) [33], which unrolls the iterative shrinkage
and thresholding (ISTA) algorithm [34] as a special network to
learn fast approximations of sparse coding. Later, Wang et al.
developed a deep [y encoder to solve [y sparse regularization
problems [35]. Furthermore, Yang et al. considered a more
generalized compressive sensing problem, resulting in the
ADMM-Net [36], [37]. Also, a recurrent neural network,
dubbed DeepWave, has been designed for three-dimension
imaging [38]. In [39], an optimization-inspired ISTA-Net was
proposed, which may be seen as an extension of LISTA.
More recently, Xiang et al. further proposed the FISTA-Net
by introducing a momentum module and a parameter tweaking
strategy [40]. Essentially, the proposed DAMAS-FISTA may
be viewed as a special extension of the FISTA-Net, which
also provides insights into the acoustic field. Notably, in com-
parison with the utilization of deep convolutional networks in
the FISTA-Net, the proposed network utilizes fewer although
significant parameters detailing the natural structure, which
thereby effectively avoid the overfitting problem.

III. PRELIMINARIES

A. Traditional Beamforming

The traditional DAS beamforming algorithm exploits the
phase difference generated by the relative time-delay on each
microphone channel to synchronize the multi-dimensional
acoustic signals [7], [8]. Specifically, as shown in Fig.2, the
signals resulting from unknown sources are measured by a
microphone array with A/ channels, with its scanning plane
at a distance of z m from the scanning plane being divided
into N x N grid points. As a delay in the time domain equals
a phase shift in the frequency domain, one may organize these
delays into a vector, termed the steering vector, which, for the
n-th grid point, may be expressed as [10]

Tioe*jk(T'M,n —70)
TM,n

_ro_=dk(r1,n—ro)

go=| 7o "o

where 7y denotes the distance from the array center to the
n-th grid point, where r,,,, is the distance from the m-th
microphone to the n-th grid point, with k representing the
wave number, i.e.,
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where f denotes the scanning frequency and c the speed of
sound. A further discussion about the formulations of the
steering vector is available in [41]. According to the definition
of the steering vector in (1), the weighted steering vector, for
the n-th grid point, may be expressed as
_ 9
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This allows the measured multi-dimensional signals to be
divided into J frames to form a cross-spectral matrix (CSM),
which is the correlation matrix of the signals received by the
multiple channels in the frequency domain, i.e.,

J
C= % >_piHpi(H*, “)
j=1

where (-)f denotes the conjugate transpose, and

pi(f) = [ pialf) pi2(f) () 15,

with p; , (f) denoting the j-th frame frequency-domain signal
of i-th microphone. Forming the frequency representation for
all grid points, the acoustic source power, i.e., the beamform-
ing map, may be expressed as

T
b= [ b1 be bn2 } , (6)
where b,, denotes the power at the n-th grid point, i.e.,
1

The DAS is an efficient method for acoustic beamforming that
has been widely applied in various fields, due to its robustness,
and as it is computationally efficient and intuitive. However, it
is subject to Sparrow’s resolution limit, generally implying a
low spatial resolution and the presence of spurious estimates.

B. Deconvolution Approach for Acoustic Beamforming

Employing the characteristics of acoustic source propaga-
tion, the DAMAS [14] constructs the inverse problem

b= Ax, 8)
where x denotes a column vector containing the unknown

source power and A denotes the propagation matrix, i.e.,

1
A= Wabs(W*GT) oabs(W*GT), 9

where G € RV *M and W € RN**M denote the steering
matrix and the weighted steering matrix, respectively, such that

gi wi
G = , W= , (10)
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Fig. 3. The overall architecture of the proposed DAMAS-FISTA-Net with L iteration layers. This framework mainly consists of five types of modules:
Pre-imaging (b), reconstruction (r(k>), nonlinear transform (%)), momentum (y(k+1)), and mapping (*). A correlation matrix, C, directly obtained from
the raw data, may be successively processed, and finally generates a beamforming map.

with o denoting the Hadamard product, (-)* the conjugate, and
abs(-) the element-wise absolute value. The resulting inverse
problem in (8) may be solved efficiently using, for instance,
a Gauss—Seidel iterative method. We refer the reader to [14]
where the details of the resulting optimization process are dis-
cussed. The overall computational complexity of the DAMAS
algorithm is O(IN®), making it problematic to employ in real-
time acoustic beamforming.

IV. THE PROPOSED METHOD

In this section, we first propose an iterative solver, dubbed
the DAMAS-FISTA, to improve the efficiency of the DAMAS
estimator. We then proceed to construct the DAMAS-FISTA-
Net, an interpretable end-to-end network, by studying the
DAMAS-FISTA update equations.

A. The DAMAS-FISTA Algorithm

Inspired by [17], assuming that the DAS result, b, can
be modelled as experiencing a white Gaussian noise, and
exploiting the prior information that the source power, x, is
nonnegative, we propose to recover the sound power map by
solving the optimization problem

min LAz — b2
i 4w bl "
S.t. ZT; > 0.

Since (11) is a non-negative convex optimization problem,
the FISTA, which preserves the computational simplicity of
ISTA but with a global rate of convergence which is signifi-
cantly improved, both theoretically and practically [25], [34],
may be introduced to solve it by iterating the following update
steps:

r) =y _ éAT (Ay(k) - b> : (12)

™ = max (r(k),O) , (13)

Algorithm 1 The DAMAS-FISTA algorithm

Initialize: The Lipschiztz constant, .Z, the initial guess, 20,
the auxiliary vector, y(!), the step parameter, (1) = 1,
the stopping threshold, ¢, and the maximum number of
iterations.
repeat

stepl. Update (%)

1
(k) — (k) _ = AT (k) _
x max (y A (Ay b) 7O) ,

step2. Update t(*+1)

1+ 4(tk))2

MUSEONI s
2 )

step3. Update y(*+1)

0t +1 ( (#) 7m(k71)),

(k+1) o1
t(k+1)

Y =
until [|2*) — x*F=D|,<e|lx®=D||; or k reaches the max-
imum number of iterations.

Output: The acoustic beamforming result, «*.

1+ /1+4(t0)2
kD) = 14
=, (14)
k
g+ — g0 tii(;i;)l (m(m _ w(k—l)) o as)

where £ denotes a Lipschitz constant, i.e., the maximum
eigenvalue of the Hessian matrix A” A, whereas r(®), t(¥) and
y*) are auxiliary variables. The proposed DAMAS-FISTA
algorithm is summarized in Algorithm 1. It is suggested that
the stopping threshold ¢ is selected in the range 1072 to 1074,
with the vectors 2(?) and y(!) being initialized as a zero vector.



B. Network Architecture

It is worth noting that the above DAMAS-FISTA estimator
is an iterative solver, for which one may, reminiscent to [33],
[35]-[40], construct a corresponding interpretable end-to-end
network architecture, here termed the DAMAS-FISTA-Net.
The basic idea in order to do so is to design a non-linear,
parameterized, feedforward architecture with a fixed depth, L,
which can be trained to approximate the optimal beamforming
map. Notably, in contrast to the existing networks for acoustic
beamforming, we here design a steering matrix learning mod-
ule, which can directly construct a beamforming map from raw
data, forming a more flexible end-to-end network. DAMAS-
FISTA-Net is tailored to the acoustic beamforming problem,
mainly generalizing the five types of operations to have learn-
able parameters as network layers, i.e., a pre-imaging layer (b),
reconstruction layers (r%)), nonlinear transform layers (xF)),
momentum layers (y**1)), and a mapping layer (x*). Among
them, the 7(*) layers, the (*) layers, and the y**1) layers are
collectively termed the iteration layers forming a fixed depth,
L. Fig.3 illustrates the architecture of the proposed DAMAS-
FISTA-Net. We proceed to examine these layers in further
detail.

Pre-imaging layer b: This layer directly processes the raw
data (the CSM of the input signal), and then generates a pre-
imaging power map, b, corresponding to the DAS procedure.
As mentioned above, there are several options for the weighted
steering matrix. Here, we allow this matrix to be learned
directly from the sound field information in a data-driven
manner. Specifically, given the correlation matrix, C, the
output of this layer may be written as

b= — Real (Rowsum(W* 0 (C-W))T), (16)

M2
where Real(-) denotes the operation that returns the real part,
and RowSum(-) the operation that returns the sum of each
row of the input matrix, with W representing the learnable
weighted steering matrix.

Reconstruction layer r(*): This layer reconstructs the
power map based on the gradient descent operation of (12). In
order to reduce parameter redundancy, the reconstructed dic-
tionary, A, is fixed. Simultaneously, to preserve the DAMAS-
FISTA structure while increasing the network flexibility, the
step size may be allowed to vary across iterations, and a
weighted parameter may be used. Then, given y(*), the output
of this layer is defined as

P = By ® AT (ay® p). 7)

Nonlinear transform layer =(*): This layer aims to ensure
the non-negativity of the power estimate by limiting the
reconstructed result to lie in a non-negative domain. Given
r(¥)_i.e., the reconstructed result in stage k, the output is

z*) = ReLU (r(k)) ,
where ReLU(-) denotes the linear rectification function, i.e.,

19)

(18)

ReLU(z) = max(x, 0).

Momentum layer y*+1): This layer performs a momen-

tum update operation by replacing the constant update step,
t*), in (15) with two learnable parameters, 7(¥) and (¥,
making the network learn flexible features autonomously from
dataset. Given *~! and =(*), the output may be expressed as

y* D) = gk 4 () (xm _ w(k—l)) ,

Mapping layer x*: In this layer, inspired by [29], a
weighted residual learning module may be designed to map
the preliminary output of the L-th nonlinear transform layer
to the target domain. Specifically, we utilize a fully-connected
layer, f., to learn a residual function with reference to the
layer inputs. Then, a weighted attention mechanism may be
used to learn the mapping feature. Notably, the output power
should be non-negative. Thus, the output of this layer with
input %) is finally defined as

x* = ReLU (nlm(L) + nzfc(x(L))) ,

(20)

2

where 77 and 7y are both learnable weighted parameters,
whereas * denote the acoustic beamforming result learned
by the DAMAS-FISTA-Net.

C. Network Parameters
The learnable parameters of the DAMAS-FISTA-Net are

0 = {WIu{®, p®) 70 ENE Ul e, £o(0)), (22)

where L denotes the depth of the iteration layers and f.(6) the
parameters in the fully-connected layer. All these parameters
are considered as the network parameters to be learned.

D. Initialization

Instead of random initialization, we propose to employ a
warm-starting manner to initialize the network. Specifically,
the weighted steering vector, W(®), may be initialized ac-
cording to (3), whereas the weighted parameter, p(*), can be
initialized as the maximum eigenvalue of A7 A. For the initial
guess, (©) may be initialized as a zero vector, as well as
y = x(0 The fully-connected layer, f,, is initialized with
Xavier’s algorithm [42]. The parameters {¢(*), 7(F) (YL
and {n1,7n2} are all initialized as 1.

E. Loss Function Design

Given a training data pairs (p;, bgg t)), the DAMAS-FISTA-
Net first transforms the raw data from microphone array, p;,
to a cross-spectral matrix without information loss. Then, the
cross-spectral matrix may be taken as input and generates
a high-quality beamforming map, b;(p;,©), as output. A
training set I' is constructed containing pairs of raw data
and ground-truth. The network parameters are optimized by

minimizing the mean squared error (MSE) loss function, i.e.,

1 A
> V1b:(@:.0) — |2,

(ps,b9")er

»Cmse = (23)

which seeks to reduce the discrepancy between the network
estimate and the ground truth.



FE. Implementation Details

In our work, we use the PyTorch [43] framework to carry
out our experiments with a single 3090Ti GPU. We employ
the Adam [44] optimizer, with the initial learning rate being
1x 1073, the weight decay being 1 x 1072, and the momentum
being 0.9. The mini-batch size during training is set to 64, and
the depth of the iteration layer, L, is set to 5.

V. NUMERICAL RESULTS AND DISCUSSIONS

To evaluate the capability of the DAMAS-FISTA and the
DAMAS-FISTA-Net!, we examine both simulated and real-
world data, comparing the bias, Rényi entropy, and runtime
performance of the proposed network to alternative state-of-
the-art methods, namely the model-based DAS [8], DAMAS
[14], FFT-NNLS [17], and FFT-DFISTA [20] estimators, as
well as the network-based methods Acoustic-AlexNet [21],
Acoustic-ResNet [23], and Acoustic-Net [24]. In comparing
the methods, we examine:

i) The concentration of the beamforming map energy,
evaluated using the Rényi entropy [20], [45], i.e.,

1 [ 2 | B|*dzdy
= I 24
1—q 82 ( [Jge |Bldzdy )’ 24

where B denotes the estimated beamforming map with
« usually being chosen as 3 for evaluation.

ii) The location bias, which forms a measure of the perfor-
mance of the precision of the estimated location, being
defined as

R(a)

AL = ||Lest7imated - Lgt||2; (25)

where Lg; and Lestimateqd denote the true and estimated
locations, respectively.

A. Simulated Results

To validate these algorithms, we initially generate two types
of signal sources, including both one-point and two-point

situations?.

1) One-point simulation source setting: In the one-point
simulation, the signal source is formed as a sinusoidal with
frequency 2000 Hz, being generated by the acoustic software
Acoular [46], an open source Python library, by using the
56 spiral array microphone array shown in Fig.4. The signal
is measured with a sampling frequency of 51200 Hz, with a
sampling period of 0.02 s. Each measurement contains a single
source placed in the x-y plane at a distance of z = 2.5 m from
the microphone array, with the individual source locations
being sampled from a bivariate uniform distribution to form
a suitable dataset of 2000 data points. The DAMAS-FISTA-
Net is trained by splitting the data points into a training
and validation set containing 70% and 30% of the data,
respectively.

'Our implementation will be available online upon publication.
2The simulated data will be available online upon publication.
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Fig. 4. Spatial position of the 56-channel microphone array.

TABLE 1
THE EXPERIMENTAL INDICATORS BY DIFFERENT ALGORITHMS FOR THE
SIMULATED ONE-POINT CASE

Methods R(e) | AL Time |

DAS [8] -0.2984 0 0.0655 s
DAMAS [14] -6.6220 0 11.9595 s
FFT-NNLS [17] -2.2609 0.0987 0.3547 s
FFT-DFISTA [20] -4.1067 0.1151  5.2308 s
Acoustic-AlexNet [21] - 0 0.0721 s
Acoustic-ResNet [23] - 0.0288 0.0711 s
Acoustic-Net [24] - 0.0231  0.0588 s
DAMAS-FISTA (Ours) -6.6431 0 1.0689 s
DAMAS-FISTA-Net (Ours) -6.5235 0.0028 0.0125 s

TABLE II

THE EXPERIMENTAL INDICATORS BY DIFFERENT ALGORITHMS FOR THE
SIMULATED TWO-POINT CASE

Methods R(a) ] AL] Time ]

DAS [8] 0.8298 0.0174 0.0654 s
DAMAS [14] -4.4065 0.0371 8.4904 s
FFT-NNLS [17] -1.1762  0.1703 0.5524 s
FFT-DFISTA [20] -2.8402 0.1639 6.3166 s
DAMAS-FISTA (Ours) -4.6407 0.0314 14553 s
DAMAS-FISTA-Net (Ours) -5.5567 0.0584 0.0124 s

2) Two-point simulation source setting: Each measurement
results from two signal sources placed in the x-y plane at
a distance of z = 2.5 m from the microphone array, using
the same signal models as in the one-point case. As before,
the individual source locations are sampled from a bivariate
uniform distribution to form a suitable dataset of 2000 data
points. Also in this case, the DAMAS-FISTA-Net is trained
by splitting the data points into a training and validation set
containing 70% and 30% of the data, respectively.

Table I and Table II summarize the performance of the
different methods for the one-point and two-point source
cases, respectively. As may be observed, as compared to
the DAMAS, the proposed DAMAS-FISTA always achieves
better performance and obtains a higher efficiency. The results
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Fig. 5. The beamforming power map of a simulated single-point source by different algorithms (the red “star” is the true location of the source): (a) DAS,
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Fig. 6. The beamforming power map of a simulated two-point source by different algorithms (the red “star” is the true location of the source): (a) DAS, (b)
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(a)

(b)

Fig. 8. The multi-modal beamforming map of a real-world one-point source by different algorithms: (a) DAS, (b) DAMAS, (c) FFT-NNLS, (d) FFT-DFISTA,

(e) DAMAS-FISTA, and (f) DAMAS-FISTA-Net.

clearly illustrate the lower computational complexity of the
network methods, although it is clear that these also have
a higher bias. It should also be noted that these methods
cannot generate the beamforming map directly, and, as noted,
may only be used in the one-point source case. In contrast,
the proposed DAMAS-FISTA-Net consistently achieves the
fastest runtime performance, while having an acceptable bias,
clearly indicating the computational advantage of the proposed
network.

Fig.5 and Fig.6 show the corresponding beamforming maps.
As may be seen, although the DAS has a low bias and an
acceptable runtime, the energy of its beamforming map is not
concentrated, resulting in a low-resolution imaging result. As
for the FFT-based methods, as mentioned above, the shift-
invariant PSF assumption will result in a degree of shift-
variance, yielding a larger bias in the estimated location.
Although the resolution of DAMAS is high, it may be seen

to require a considerable amount of computations to form
the imaging. Conversely, the DAMAS-FISTA-Net is able to
construct the high-resolution beamforming map efficiently,
making it a good candidate for real-time imaging.

B. Real-World Data

We proceed to validate our method using real-world experi-
ments. Generally, in real-world scenarios, there is not adequate
data with precise labels to allow for reliable network training.
Fortunately, our network may learn from the simulated dataset,
allowing it to be directly applied to the real-world data. In this
section, we evaluate the generalization ability of the DAMAS-
FISTA-Net by applying the learned net from the simulated
one-point and two-point dataset to real-world one-point and
two-point measurement data’, respectively. This experiment

3The real-world data will be available online upon publication.



Fig. 9. The multi-modal beamforming map of a real-world two-point source by different algorithms: (a) DAS, (b) DAMAS, (c) FFT-NNLS, (d) FFT-DFISTA,

(e) DAMAS-FISTA, and (f) DAMAS-FISTA-Net.

is performed in an anechoic chamber to reduce the effect of
noise.

1) One-point real source setting: As shown in Fig.7 (a), we
consider a one-point source at a distance of z = 2.5 m from
the microphone array, having a sampling frequency of 51200
Hz. The signals of the source are generated via a Bluetooth
speaker transmitting a 2000 Hz tone, collected by a spiral
microphone array with 56 sensors (their coordinates are the
same as the array in the simulation).

2) Two-point real source setting: As shown in Fig.7 (b),
we consider a two-point source at a distance of z = 2.5 m
from the microphone array, using the same experiment setup
as in the one-point case.

As can be seen in Table III and Table IV, the reference deep
network-based methods yield a large estimated deviation due
to their poor generalization ability, whereas the model-based
methods basically generate a low-resolution beamforming map
and run slower. Conversly, the proposed DAMAS-FISTA-
Net can efficiently form a high-resolution beamforming map.
Notably, our network is able to break down the barriers
between the simulated and the real-world data, i.e., it only
learns from the simulated dataset, and is then able to perform
well also on the real-world data, demonstrating the network’s
superior generalization ability. Furthermore, the multi-modal
beamforming map fused with optical images are shown in
Fig.8 and Fig.9, showing the practical potential of our pro-
posed network.

C. Discussions

In the above experiments, the proposed DAMAS-FISTA-Net
is able to produce highly accurate results for both simulated

TABLE III
THE EXPERIMENTAL INDICATORS BY DIFFERENT ALGORITHMS FOR THE
REAL-WORLD ONE-POINT CASE

Methods R(a) | ALJ]  Time |
DAS [8] -0.0133 0 0.0748 s
DAMAS [14] -4.4425 0 2.3775 s
FFT-NNLS [17] -3.3147 0 0.5355 s
FFT-DFISTA [20] -4.5839 0 2.8353 s
Acoustic-AlexNet [21] - 0.4243  0.0784 s
Acoustic-ResNet [23] - 1.6733  0.0797 s
Acoustic-Net [24] - 0.5439 0.0565 s
DAMAS-FISTA (Ours) -4.9180 0 1.5821 s
DAMAS-FISTA-Net (Ours) -5.7627 0 0.0072 s
TABLE IV

THE EXPERIMENTAL INDICATORS BY DIFFERENT ALGORITHMS FOR THE
REAL-WORLD TWO-POINT CASE

Methods R(a) | AL Time |

DAS [8] 1.0571 0.1000 0.0734 s
DAMAS [14] -3.0036 0.1207 13.7383 s
FFT-NNLS [17] -1.5530 0 0.6463 s
FFT-DFISTA [20] -3.1235 0 4.0994 s
DAMAS-FISTA (Ours) -3.4238 0.0707 2.0231 s
DAMAS-FISTA-Net (Ours) -4.6702 0.1000 0.0070 s

and real-world data. Proceeding, we examine the generaliza-



TABLE V
GENERALIZATION STUDIES

Methods Training Validation R(a) ] AL ]  Time |
DAMAS-FISTA-Nets; 1 Simulated one-point data ~ Simulated one-point data  -6.5235 0.0028 0.0125 s
DAMAS-FISTA-Netso—,s1  Simulated two-point data ~ Simulated one-point data  -6.0999  0.0049 0.0123 s
DAMAS-FISTA-Nets;, 50  Simulated one-point data ~ Simulated two-point data  -5.2107 0.0371 0.0126 s
DAMAS-FISTA-Netss—,s2  Simulated two-point data ~ Simulated two-point data  -5.5567 0.0584 0.0124 s
DAMAS-FISTA-Nets;,»1  Simulated one-point data  Real-world one-point data -5.7627 0 0.0072 s
DAMAS-FISTA-Netgs_,,1  Simulated two-point data  Real-world one-point data -5.7849 0 0.0074 s
DAMAS-FISTA-Nets; o Simulated one-point data Real-world two-point data -4.0919  0.100  0.0078 s
DAMAS-FISTA-Netgs_,2 Simulated two-point data Real-world two-point data -4.6702 0.100  0.0070 s

TABLE VI
THE EXPERIMENTAL INDICATORS BY DIFFERENT ALGORITHMS FOR THE SIMULATED ONE-POINT CASE UNDER DIFFERENT NOISE LEVELS

Noise levels Indicators DAS [8]

DAMAS [14] FFT-NNLS [17] FFT-DFISTA [20] Acoustic-AlexNet [21]  Acoustic-ResNet [23]  Acoustic-Net [24] DAMAS-FISTA (Ours) DAMAS-FISTA-Net (Ours)

R(a) | -0.2847 -6.4321 -2.2467 -4.0855 - - - -6.5271 -6.5161

-10 dB AL | 0 0 0.0983 0.1157 0 0.0290 1.4609 0 0.0028
Time |  0.0658 s 10.7178 s 0.3559 s 5.4640 s 0.0722 s 0.0705 s 0.0579 s 1.2101 s 0.0123 s

R(a) | -0.2966 -6.5740 -2.2705 -4.1005 - - - -6.6252 -6.5228

0dB AL | 0 0 0.0993 0.1162 0 0.0288 1.3063 0 0.0028
Time |  0.0661 s 11.1752 s 0.3646 s 5.2969 s 0.0712 s 0.0709 s 0.0584 s 1.2234 s 0.0124 s

R(a) | -0.2983 -6.6102 -2.2673 -4.1046 - - - -6.6410 -6.5234

10 dB AL | 0 0 0.1000 0.1159 0 0.0288 0.7741 0 0.0028
Time |  0.0665 s 11.5698 s 0.3653 s 51992 s 0.0716 s 0.0715 s 0.0588 s L1177 s 0.0124 s

R(a) | -0.2984 -6.6220 -2.2609 -4.1067 - - - -6.6431 -6.5235

Noise-free AL | 0 0 0.0987 0.1151 0 0.0288 0.0231 0 0.0028
Time |  0.0655 s 11.9595 s 0.3547 s 52308 s 0.0721 s 0.0711 s 0.0588 s 1.0689 s 0.0125 s

TABLE VII

COMPARISON OF DIFFERENT NETWORK DEPTHS IN THE DAMAS-FISTA-NET

Network Depths L =3 L=14 L=5 L=6 L=7
R(a) | -6.4632  -6.5075  -6.5235  -6.5068  -6.4744
AL | 0.0097 0.0027 0.0028 0.0057 0.0057
Time | 0.0103 s 0.0114s 0.0125s 0.0133 s 0.0145 s

tion ability of DAMAS-FISTA-Net and its sensitivity to noise.
The effects of different network depths are also evaluated.

1) Generalization Studies: As evaluated in Section V-B,
the proposed network is able to generalize well from simulated
data to real-world data. Here, we further test its generalization
ability in the multi-source situation, applying the learned net-
work from the simulated one-point source dataset to simulated
two-point source data. Table V summarizes the indicators of
the different algorithms in constructing the beamforming map
of the different situations. Notably, our network can be seen to
achieve competitive performance even when the training and
validation data are biased (e.g., the network learns from the
simulated one-point source dataset but is validated on the two-
point source scene), again revealing its robust generalization
ability. The reason for this robustness may be due to our hybrid
approach, which combines both the model-based scheme and
the deep learning framework, allowing the network to inherit
relevant domain knowledge. In contrast, the deep network-
based methods can only form an estimate for the one-point
source situation due to their network output settings, which
may severely limit their applicability.

2) Sensitivity to Noise: We next extend the proposed
method to process array data with Gaussian white noise in
order to demonstrate the robustness of the DAMAS-FISTA-
Net. Here, we add -10 dB, 0 dB, and 10 dB Gaussian white
noise to the signals in the validation set, respectively. Table
VI shows the comparison results under different noise levels.
As can be observed, the acoustic imaging performance of the
network is only mildly influenced by the added noise, e.g.,
the Rényi entropy is only increased by 0.0074 by the addition
of noise with noise levels -10 dB. Notably, we do not need
to retrain the DAMAS-FISTA-Net for different noise levels,
implying that the learned network has a certain robustness to
the influence of noise.

3) Evaluation for Different Network Depths: Finally, we
investigate the effect of different network depths on the
network’s performance. The testing beamforming results in
Table VII clearly show that within a certain number of
layers, using more deeper layers could effectively improve the
imaging quality, although at the cost of a larger computational
overhead. However, it can also be seen that adding more layers
to the network, e.g., when the network depths, L, is larger than



5, may also degrade the network’s performance, which may
be due to the overfitting of the dataset.

VI. CONCLUSION

In this paper, we propose a computationally efficient model-
based acoustic beamforming method, termed the DAMAS-
FISTA. Inspired by the model-based deep learning theory,
we further propose a hybrid structured model-based deep
learning network for real-time imaging, dubbed the DAMAS-
FISTA-Net, which is able to process the raw measurement
data directly. In order to achieve real-time execution and
generalizable performance, the network exploits the structure
of the model-based estimator, enabling the network to inherit
physical knowledge and learn the underlying physical proper-
ties of the acoustic scene. The performance of the proposed
network is via extensive simulated and real-world experiments
shown to offer preferable performance as compared to alter-
native approaches, while also indicating the potential practical
applicability of the estimator.
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