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PLAIN: Scalable Estimation Architecture for
Integrated Sensing and Communication

Bashar Tahir, Philipp Svoboda, and Markus Rupp

Abstract—Integrated sensing and communication (ISAC) is en-
visioned be to one of the paradigms upon which sixth-generation
(6G) mobile networks will be built, extending localization and
tracking capabilities, as well as giving birth to environment-
aware wireless access. A key aspect of sensing integration is
parameter estimation, which involves extracting information
about the surrounding environment, such as the direction, dis-
tance, velocity, and orientation of various objects within. This
is typically of a high-dimensional nature, which can lead to
significant computational complexity, if performed jointly across
multiple sensing dimensions, such as space, frequency, and time.
Additionally, due to the incorporation of sensing on top of the
data transmission, the time window available for sensing is likely
to be very short, resulting in an estimation problem where only a
single snapshot is accessible. In this article, we propose PLAIN,
a tensor-based parameter estimation architecture that flexibly
scales with multiple sensing dimensions and can handle high
dimensionality, limited measurement time, and super-resolution
requirements. It consists of three stages: a compression stage,
where the high dimensional input is converted into lower dimen-
sionality, without sacrificing resolution; a decoupled estimation
stage, where the parameters across the different dimensions are
estimated in parallel with low complexity; an input-based fusion
stage, where the decoupled parameters are fused together to
form a paired multidimensional estimate. We investigate the
performance of the architecture for different configurations and
compare its performance against practical sequential and joint
estimation baselines, as well as theoretical bounds. Our results
show that PLAIN, using tools from tensor algebra, subspace-
based processing, and compressed sensing, can scale flexibly
with dimensionality, while operating with low complexity and
maintaining super-resolution capabilities.

Index Terms—Integrated sensing and communication, ISAC,
parameter estimation, tensor algebra, compressed sensing, sub-
space methods, multidimensional harmonic retrieval.

I. INTRODUCTION

FOR the past couple of decades, the design of mobile
networks has been shaped by the focus on increasing

throughput, expanding connectivity, and reducing access la-
tency. These aspects, or key performance indicators (KPIs),
have enabled the successful maturity of mobile networks
into what they are today, becoming an everyday necessity
of our lives. With the evolution of mobile networks towards
the sixth-generation (6G), new use cases and applications
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necessitate the consideration of other KPIs, such as energy
efficiency, awareness of the surrounding environment, and
machine intelligence [1], [2], [3].

Our focus here will be on awareness, where radio frequency
(RF) signals are used to sense the surrounding environment
directly on the physical layer (PHY), essentially equipping the
mobile network with radar functionalities. Such a combination
of communication and radar systems, has led to much attention
recently under the umbrella term of integrated sensing and
communication (ISAC), and it is now seen as one of the
cornerstones for the evolution towards 6G. This paves the
way for new applications, such as intelligent transportation
and traffic management, smart factories, advanced localization
and tracking, and vision and mapping through obstacles [4]. In
addition to new applications, it also unlocks a new paradigm
of mobile network optimization, where the knowledge of
the surrounding environment is used to optimize the trans-
mitted signals, such as environment-aware beamforming and
obstacles-aware proactive transmissions [5].

Radar (or sensing) and communication systems have classi-
cally been considered separately with different requirements
and targeting different deployments scenarios. The conver-
gence of them together into a single system, i.e., ISAC, can be
categorized as being radar-centric, communication-centric, or
a hybrid thereof [6]. For mobile networks, the communication-
centric approach is perhaps the more relevant one, as the focus
remains primarily on data communications, and the sensing
part would then come into play as a complementary addition,
built upon the infrastructure provided by the mobile networks.

A fundamental task in sensing integration is parameter esti-
mation, where information regarding the propagation environ-
ment is extracted, such as the direction, distance, velocity, and
orientation of the different objects, including active devices,
in the surrounding environment [7]. This is generally a high-
dimensional estimation problem, which can result in high
computational complexity, if it is to be carried out jointly
across the possible sensing dimensions, e.g., space, frequency,
and time. Moreover, since the sensing is integrated on top of
the data transmission and due to the possible rapid temporal
variations, the time-window for sensing is likely to be very
short, which results in an estimation problem with a single
snapshot/measurement available. The high number of sensing
dimensions, as well as the limited number of measurements,
pose a significant challenge to many of the existing parameter
estimation architectures. Therefore, it is important to investi-
gate how the estimation task can be carried out in an efficient
manner, while benefiting from the multidimensional structure
and maintaining potential super-resolution capabilities.
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A. Related Work

The problem of identifying objects from sensory readings
and estimating their parameters spans multiple fields. This
includes classical radar, as well as sonar, biomedical imaging,
space interferometry, seismology, etc. [8]. Many solutions
were proposed to tackle this problem across the different
fields; therefore, there exists a rich set of literature on this
topic, specifically under multidimensional harmonic retrieval.

For the application of integrating sensing capabilities into
mobile networks, we focus here on categorizing the estima-
tion algorithms into two classes. The first class belongs to
algorithms that perform the estimation in a sequential manner,
whether fully or partially [9], [10], [11], [12], [13], [14]. The
advantage of the sequential approach is that it can estimate
the parameters one dimension at a time, and therefore it can
maintain low estimation complexity when many sensing di-
mensions (e.g., azimuth, elevation, frequency, and time blocks)
are involved. On the down-side, the sequential approach may
ignore information that is present in the multidimensional
structure of the input, which can be utilized to improve the
estimation performance, especially with respect to the problem
of association/pairing of the parameters belonging to the same
object across the different dimensions. Another issue is related
to error propagation, in the sense that if the estimation across
one dimension fails, it can severely affect the estimation over
the dimensions that follow.

The second class of algorithms are these that attempt to
jointly estimate the parameters across the different dimensions
[15], [16], [17], [18], [19], [20], [21], [22], [23], [24], [25].
The joint processing opens up the door for exploiting the
multidimensional structure of the problem, and also naturally
results in an automatic pairing of the parameters across the
different dimensions. This, however, comes generally at a high
computational cost. Moreover, many of the joint solutions
are of an iterative nature that can suffer from convergence
issues, or are restricted to a certain structure of the estimation
problem. Of particular interest are sensing problems that have
an inherent separable structure. In this case, the underlying
system model can be described in tensor form, where each
tensor mode would correspond to one of the estimation dimen-
sions. This has sparked major interest, with many tensor-based
algorithms being proposed to tackle the sensing problem [26],
[27], [28], [29], [30], [31], [32], [33], [34]. Although the ma-
jority focus on tensor decompositions with iterative solutions
based on canonical polyadic decomposition (CPD)/PARAFAC,
prior related work has been already carried out in extending
the classical ESPRIT algorithm to the multidimensional tensor
format, leading to the Tensor-ESPRIT algorithm [35]. Not
only does Tensor-ESPRIT provide competitive performance to
recent iterative algorithms based on various tensor decompo-
sitions, but it also utilizes the Vandermonde structure present,
similarly to other algorithms promoting that [30], [36], [34].

Utilizing the tensor structure paves the ground for feasible
implementations. However, issues with complexity, scalability,
and maintaining super-resolution still remain open. In addi-
tion, the limited sensing time, resulting in a single snapshot
available, puts further strain on many existing architectures.

B. Contribution

In this work, we address the aforementioned problems
with the two classes of the sequential and joint approaches,
and introduce an architecture that strikes a balance between
complexity and performance, while providing high level of
scalability with the dimensionality of the problem and the
limited number of snapshots. Specifically, it goes as follows:

1) Building on numerous works in the literature, we propose
compressed decoupled estimation and input-based fusion
(PLAIN), a flexible and scalable estimation architecture
applicable to an arbitrary number of sensing dimensions.
The architecture utilizes the tensor structure of the es-
timation problem and breaks down the processing into
three stages: first, a compression stage, where the original
high dimensional input is brought down into lower dimen-
sionality, suitable for low-complexity processing, while
maintaining resolution. Second, a decoupled estimation
stage, where the parameters across each of the sensing di-
mensions are estimated independently in parallel, thereby
substantially reducing the estimation complexity. Third,
a fusion stage, where the estimated parameters across
the different dimensions are combined together to form
a joint multidimensional estimate, achieving parameter
pairing in the process.

2) We investigate possible compression methods and discuss
their implementation in tensor format. We discuss the
implementation of the decoupled estimation stage for
various one-dimensional algorithms, focusing on sub-
space methods, and consider practical estimation of the
number of objects in the process. We then discuss suitable
approaches for fusion and highlight an implementation
that utilizes the sparsity of the problem using a tensor
version of the orthogonal matching pursuit (OMP), as
well as a low-complexity approach based on one-shot
least-squares (LS) processing.

3) We evaluate the performance of the proposed architec-
ture via an orthogonal frequency-division multiplexing
(OFDM)-based transmission using a setup suitable for
a 5G new-radio (5G-NR) deployment. We compare the
performance against a sequential baseline as well as
the Tensor-ESPRIT algorithm. We also accompany our
results with theoretical baselines obtained by the Cramér-
Rao bound (CRB). Our results show that that the pro-
posed PLAIN architecture can provide super-resolution
sensing capabilities within a single-snapshot setup, while
flexibly scaling with dimensionality.

C. Notation

We denote vectors, matrices, and tensors by bold lower-
case, bold upper-case, and bold calligraphic letters, e.g., x,
X, and X , respectively, while sets are denotes by normal
calligraphic letters, e.g., I. The superscript symbols XT,
XH, X∗, and X† denotes the transpose, Hermitian transpose,
complex conjugate, and pseudo-inverse of X, respectively. The
operations ⊗, ⋄, ⊙, and ◦ denote the Kronecker product,
Khatri-Rao product, Hadamard (element-wise) product, and
tensor outer product, respectively. The operation |X |2 applies



3

the magnitude-squared operation element-wise to the tensor,
i.e., |X |2 = X ⊙ X ∗. We denote by X [m] the matrix/slice
obtained by the unfolding of tensor X across its m-th dimen-
sion. Furthermore, we use ×m to denote the mode-m product,
i.e., X ×mU corresponds to a transformation of the tensor X
across its m-th mode/dimension by matrix U. We also use ⊔m

to denote the concatenation operation across the m-th mode.
We use tensor mode and tensor dimension interchangeably,
depending on the context. If we are discussing more abstract
mathematical operations of the tensor itself, we use mode.
Otherwise, if we are referring to a general description of
the parameters to be estimated, then we use dimension. For
example, when discussing angles over antennas, then we refer
to it as the spatial dimension, rather than the spatial mode.

We use the argsort and argmax functions in this work for
multidimensional index searching. In order to avoid cluttering
the equations with long lists of index variables, we omit the
argument variables from the function, and the corresponding
operations are implicitly understood as search operations over
the corresponding multidimensional index-space.

II. SYSTEM MODEL FOR SENSING

We consider an OFDM-based transmission with the Nf sub-
carriers and Nt time symbols, with corresponding subcarrier-
and time-spacing of ∆f and ∆t, respectively. We consider,
without loss of generality, the case of a single waveform
illuminating the surrounding environment, and getting picked
off by Na receive antennas of a uniform linear array (ULA)
with ∆a inter-antenna spacing. In order to support high
resolution sensing, we consider operation on the channel state
information (CSI)-level, where an estimate of the channel
coefficients over space, frequency, and time is available at the
receiver. Here, with time, we refer to the dimension across
the different OFDM symbols, not the time samples within one
OFDM symbol, i.e., slow-time. The channel can be estimated
either using pilots, followed by interpolation across the time-
frequency grid, or by utilizing the entire transmission block,
if the data symbols are known as well. Consequently, the
framework considered here is generally applicable to both
monostatic, as well as bistatic configurations, and also for both
the downlink and uplink. The validity of the model and the
extension to multiple transmitted waveforms, is discussed later.

Modeling the incoming signal as an emergence from major
objects, scatterers, or sources along NP paths, and under
perfect channel estimation, the channel coefficient at receive
antenna r, subcarrier k, and OFDM symbol s is given by

Hr,k,s =

NP∑
p=1

βp e
j2π

(
1
λ cos θp r∆a− τpk∆f + υps∆t

)
, (1)

where the parameters βp ∈ C, θp ∈ [0, π), τp ∈ R+, and
υp ∈ R are the path gain, azimuth angle of arrival (AOA),
delay, and Doppler shift of the p-th path, respectively. The
path gain βp is complex-valued with random phase, while its
magnitude is associated with the path loss (PL) and the object
radar cross-section (RCS), i.e.,

|βp| =
√

PLp RCSp . (2)

In the monostatic case, where a reference plane is established
by default, e.g., a base station (BS) listening to the echos
of its own downlink transmission, the parameters can be
interpreted in an absolute manner. For example, the delay
τp would correspond to the round-trip time between the BS
and object, and together with the angle θp enable the exact
localization of that object. However, in some bistatic cases,
e.g., uplink transmission from a user equipment (UE) to
a BS, these parameters become relative to the propagation
environment between the UE and the BS, and without an
a priori established reference, such as a line-of-sight (LOS)
between the two, localization with respect to a global reference
plane is challenging.

For the clarity of presentation, we stick with the estimation
along the three dimensions of space (azimuth), frequency, and
time (OFDM symbols) when giving examples. However, the
framework is applicable to any number of dimensions, e.g., we
can extend (1) with elevation as a fourth dimension, and to the
case where multiple parameters are estimated per dimension
(e.g., angle-distance estimation in a near-field setup). We focus
mainly on the case where a single snapshot is available at the
receiver, as it would be the more common case in the context
of sensing in current mobile networks, but we also discuss how
the formulation is extended to the multiple snapshots case.

A. Problem Formulation

The sensing task here is to estimate the parameters θp, τp,
υp, and also βp. In order to efficiently tackle this multidi-
mensional estimation problem, we first reformulate (1) into a
multilinear representation. Let

ap = [1, ej
2π
λ cos θp ∆a, . . . , ej

2π
λ cos θp (Na−1)∆a]T ,

dp = [1, e−j2πτp∆f , . . . , e−j2πτp(Nf−1)∆f ]T ,

vp = [1, ej2πυp∆t, . . . , ej2πυp(Nt−1)∆t]T

(3)

be the array, delay, and Doppler response (or steering) vectors
of the p-th path, respectively. Stacking the channel coefficients
in (1) into a single vector h ∈ C(NaNfNt)×1, we obtain

h =

NP∑
p=1

βp

(
ap ⊗ dp ⊗ vp

)
, (4)

where ⊗ denotes the Kronecker product. Let

A = [a1,a2, . . . ,aNP
] ,

D = [d1,d2, . . . ,dNP
] ,

V = [v1,v2, . . . ,vNP
] ,

b = [β1, β2, . . . , βNP
]T ,

(5)

we can write (4) compactly as

h =
(
A ⋄D ⋄V

)
b , (6)

where ⋄ denotes the column-wise Khatri-Rao product.
The description using stacking (vectorization) clearly ex-

poses the tensor structure of the problem, and already unlocks
the door for simplified calculations. However, the treatment
remains in an equivalent matrix-vector format with large
dimensionality. To fully utilize the underlying tensor structure,
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we now switch to a multilinear tensor representation. Con-
sidering the channel coefficients in (1) as a multidimensional
variable over the three dimensions of space, frequency, and
time, we can describe the channel directly as

H =

NP∑
p=1

βp

(
ap ◦ dp ◦ vp

)
, (7)

where H ∈ CNa×Nf×Nt is the third-order (space, frequency,
and time) channel tensor and ◦ denotes the outer product.
Viewing the matrices A,D, and V as transformations oper-
ating along the corresponding estimation dimensions, we can
further write (7) as

H = B ×1 A×2 D×3 V , (8)

where B = sdiag(b) ∈ CNP×NP×NP is the diagonal core
tensor, with the path gains along its superdiagonal, and ×m

denotes the mode-m product, which corresponds to a transfor-
mation of the core tensor along the m-th mode/dimension. For
an arbitrary number of dimensions M , this can be generally
written as

H = B ×1 U1 ×2 U2 ×3 · · · ×M UM , (9)

where Um ∈ CNm×NP is the response/steering matrix along
the m-th dimension, with Nm being the response length.
For our space-frequency-time example, we have N1 = Na,
N2 = Nf , and N3 = Nt. If multiple snapshots are available,
either naturally due to multiple measurement instances or
artificially by post-processing techniques, then we extend our
channel tensor with an (M + 1)-th dimension corresponding
to the measurements dimension. Let S = NM+1 be the
number of snapshots, and denote by H(s) the channel of
the s-th snapshot, then our considered tensor for processing
H ∈ CN1×N2×···×NM×S is given by

H =
[
H(1) ⊔M+1 H(2) . . . ⊔M+1 H(S)

]
, (10)

where ⊔m denotes the concatenation operation across the m-th
dimension, i.e., each H(s) becomes a slice across the (M+1)-
th mode. In matrix-vector notation, this is similar to stacking
column vectors horizontally to from a measurement matrix.
For information regarding tensor algebra, refer to [37].

B. Validity of the Model

We briefly discuss some aspects related to the assumptions
made of the model in (1). The description given is clearly
formulated for a narrowband system with time-invariant de-
lays. For not highly-wideband systems and slowly-varying
delays, the model can still be assumed to hold approximately,
and therefore our formulation here is still applicable. The de-
scription also does not include possible timing- or frequency-
offsets, as the sensing here is assumed to happen at the CSI-
level; some form of synchronization is already established.

Another aspect is with respect to multiple transmitted
waveforms. The model holds automatically for a single wave-
form/layer transmission. This fits nicely for the uplink case,
since the assumption of a user transmitting with a single
stream holds in many cases. The model also holds directly for

monostatic downlink setups during a discovery phase, where
the BS transmits the same signal through the transmit antennas
[22], or when the sensing is carried out on a per-beam basis.
Otherwise, if multiple waveforms are transmitted through the
transmit antennas and picked up at a receiver for sensing,
then data interference needs to be resolved. This can either
be handled actively by trying to estimate the interference and
perform a combination across the transmit spatial dimension
as a pre-processing step, as in [24]. Alternatively, we can rely
on the fact that different layers use orthogonal pilots. This
allows us to estimate the channel across the different transmit
layers, and then use the estimated channel realizations across
the transmit layers as multiple snapshots and concatenate them
following (10), or also combine them coherently as discussed.

Lastly, as our focus here is on the parameter estimation
itself, we ignore aspects related to the full-duplex operation
and how self-interference can be handled.

III. PLAIN ARCHITECTURE

In this section, we introduce a flexible and scalable sensing
architecture capable of utilizing the multidimensional structure
and achieving super-resolution, while maintaining low opera-
tion complexity. We give it the name compressed decoupled
estimation and input-based fusion (PLAIN). A sketch of the
architecture is illustrated in Fig. 1, consisting of three stages:
• Compression, where the high-dimensional input H is

converted into a lower-dimensional representation H′
, by

utilizing redundancy in the received signal based on prior
information of the parameters, the underlying structure of
the signal itself, or both. With the reduced dimensionality,
low-complexity processing follows in the next stages.

• Decoupled estimation, where decoupled per-dimension
estimation is carried out in parallel across the different
separable dimensions. An interesting feature here is that
an arbitrary combination of estimation algorithms can be
applied across the different dimensions. For example, com-
pressed sensing (CS) can be used over the first estimation
dimension, while a subspace-based technique is used over
the second dimension, and a discrete Fourier transform
(DFT)-based technique over the third one.

• Input-based fusion and selection, where the estimated
parameters across the different dimensions together with
the compressed input H′

are fused to produce an estimate
of the core tensor B, resulting in a joint multidimensional
estimate and achieving automatic pairing of the parameters
in the process. Finally, selection and clutter control are
performed, where the active objects from the fused output
are determined and possibly filtered down into a shortened
list of major objects and active devices in the environment.

Optionally, it is possible to run the process in an iterative
manner: after each iteration, the contribution of the objects
that are declared active is removed from the compressed input
H′

, and another around of estimation is performed, mimicking
a CLEAN-like procedure [38]. This has the potential of
detecting weak objects that are dominated by strong ones;
however, this is likely to increase the false alarm rate. We
illustrate that with the dashed part in the figure.
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Fig. 1. Illustration of the proposed PLAIN architecture with its main building blocks.

Next, we go through each of those stages and discuss
candidate implementations and potential issues.

A. Compression
Although high dimensionality is generally a requirement

for high-resolution capabilities, it can be a curse when it
comes to implementation and processing complexity. Consider
a system with Na = 16 antennas, Nf = 180 subcarriers,
and Nt = 560 symbols. For ∆f = 60 kHz, this would
correspond to a bandwidth of 10.8MHz and a transmission
(sensing) time of 10ms, including the cyclic-prefix (CP).
The compound dimensionality of this problem, i.e., of (6),
is NaNfNt = 1612800. Decoupling the estimation task
into separate dimensions can help already in reducing the
complexity; however, it can still be too high. For example,
if we would like to apply a subspace-based method for high-
resolution delay estimation, then this would generally require
an eigendecomposition of a size 180 × 180 autocorrelation
matrix.

Fortunately, in many cases, certain deployment scenarios,
target requirements, and structure can introduce redundancy
in the received signal, which can help in reducing the di-
mensionality. Continuing with the previous example, if we
operate in the millimeter wave (mmWave) band, such as
26GHz, then due to the high path loss, and in addition to
the limitation of the CP, we will likely only be able to resolve
close objects. In this case, we can limit our round-trip distance
of interest to, e.g., 1 km, which corresponds to a delay of
around 3.33µs. In addition, since the system is envisioned
to operate in urban areas, relative velocities beyond ±80 km/s
are rare. With these practical constraints, we can downsample
(1) in the frequency and time symbol dimensions, without
losing the ability of recovering the objects, as long as the
resultant sampling rates across the dimensions do not violate
the recovery requirements of 1 km distance and ±80 km/h
velocity, respectively. By straightforward verification, one can
downsample the frequency dimension by a factor of 4 and

the time dimension by factor of 14, without introducing
aliasing/ambiguity. This results in the downsampled tensor
H′ ∈ CN

′
a×N

′
f×N

′
t , with new dimensions N

′

a = 16, N
′

f = 45,
and N

′

t = 40, where we left the spatial dimension intact. The
compound dimensionality is then N

′

aN
′

fN
′

t = 28800, which
is a reduction of 98% compared to the original input.

In the following, we describe four possible compres-
sion/downsampling techniques. We start with these that do not
produce additional virtual snapshots in the process, and then
consider the other case with virtual snapshots, including the
classical smoothing technique. These are illustrated in Fig. 2
for a one-dimensional (1D) tensor.

1) Decimation: The simplest method for compression is
to decimate the input by certain factors across the different
dimensions: for dimension m, keep every ∆m sample, while
throwing away the rest, where ∆m is the compression factor
along the m-th dimension. This results in the reduced dimen-
sionality N

′

m = Nm/∆m .

We stick to the multilinear format and write the decimation
operation in tensor description directly. Let ei,m ∈ RNm be a
column vector with a one at index i and zeros otherwise. We
can construct the selection matrix for the decimation operation
over the m-th dimension Jd

m ∈ RN
′
m×Nm as

Jd
m = [e0,m, e∆m,m, . . . , e(N ′

m−1)∆m,m]T . (11)

For N
′

m even, e(N ′
m−1)∆m,m would be an all-zero vector,

corresponding to throwing away the last element, as depicted
in Fig. 2a. For ∆m = 1, we have N

′

m = Nm and therefore Jd
m

would simply be the identity matrix. The decimation operation
can be described in tensor notation as

H′
= H×1 J

d
1 ×2 J

d
2 ×3 · · · ×M Jd

M . (12)

The compressed model is then represented with the downsam-
pled response matrices

U
′

m = Jd
mUm , (13)
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H H′

(a) Decimation.

H H′

(b) Averaging.

H
H′(1)

H′(2)

(c) Decimation; multiple snapshots.

H

H′(1)

H′(2)

H′(3)

H′(4)

(d) Smoothing; multiple snapshots.

Fig. 2. Illustration of the different compression methods for a 1D tensor.

which are used later during estimation and fusion. Note that
with decimation, resolvability of the objects is maintained;
only the estimation range of the parameter is limited. This
is beneficial compared to classical smoothing, where aper-
ture/resolvability of closely-spaced objects is sacrificed. For
Nm even, this statement holds approximately, since decimation
would drop the last element of the response vector.

The choice of ∆m should avoid producing aliasing, as
well as making sure that the output length is an integer.
Generally speaking, for a scenario with NP objects having
sufficiently spaced-apart parameters, e.g., sufficiently different
θp, τp, and υp, it is required that minm N

′

m ≥ NP to guarantee
simultaneous resolvability across each dimension. Otherwise,
recovery of NP components from each dimension would not
be possible. If the objects share exact or very similar values
for the parameters, than this condition can be relaxed.

2) Averaging: Instead of throwing away samples, we can
make the assumption that the signal does not vary substantially
across neighboring samples, and therefore every ∆m samples
in the m-th dimension can be averaged together to form a
single sample in the compressed tensor H′

. Under the perfect
assumptions of the signal component being constant within the
averaging interval and having statistically independent noise
samples, averaging improves the signal-to-noise ratio (SNR)
across the m-th dimension by factor of ∆m.

Let ei,m ∈ RNm be a column vector with ones at indices
i to (i+∆m − 1), and zeros otherwise. The selection matrix
for the averaging operation Ja

m ∈ RN
′
m×Nm is built as

Ja
m =

1

∆m
[e0,m, e∆m,m, . . . , e(N ′

m−1)∆m,m]T , (14)

with the corresponding multidimensional-averaged tensor

H′
= H×1 J

a
1 ×2 J

a
2 ×3 · · · ×M Ja

M . (15)

Note that the decimated responses matrices in (13) would also
be used here for the estimation. In other words, averaging
assumes the same input-output relationship as decimation,
while resulting in an improved SNR. This holds if the response

varies slowly across neighboring samples, which is the case
for, e.g., the Doppler response. However, for the spatial array
response, the phase shifts between two neighboring elements
can be substantial, which might make averaging across the
spatial domain problematic. In practice though, we would
avoid compression along the spatial domain, since this would
limit the angular resolvability (which is important) and also
the number of antennas is usually not very large.

3) Decimation with Virtual Snapshots: The previous two
approaches reduce the dimensionality by reducing the number
of samples across each dimension. Alternatively, we can utilize
the redundancy in the received signal by forming virtual
snapshots, instead of throwing away samples or averaging
them, as depicted in Fig. 2c. Whether the creation of additional
snapshots is beneficial or not, depends on the employed
estimation algorithms afterwards and how they deal with the
presence of multiple snapshots.

Let Jd
m,i be the selection matrix in (11) with its columns

circularly shifted by i positions, i.e., Jd
m,i = Jd

mCi, where Ci

is the permutation matrix for the circular shift. The compressed
tensor is then formed by the concatenation of all possible
shifted decimations over the (M + 1)-th dimension, i.e.,

H′
=

[
⊔M+1(H×1 J

d
1,i1 ×2 J

d
2,i2 · · · ×M Jd

M,iM )
]
, (16)

for all possible shifts i1, i2, . . . , iM across the M dimensions.
4) Smoothing: This is a classical approach that utilizes the

rotational invariance structure of (3), in which a subvector
of these responses can be written as a shifted version of
the other subvectors. This transforms the original high di-
mensional problem into a lower dimensional problem, while
allowing the generation of virtual snapshots in the process. The
disadvantage of smoothing is that the subvectors span a smaller
aperture than the original response vector, and therefore can
affect the resolution capabilities of the estimation architectures
afterwards. Additionally, it is generally only applicable to
response vectors that have the property of rotational invariance.
For arbitrary response vectors, such a construction is not valid.

We build the smoothing selection matrix as Js
m =

[IN ′
m

0(Nm−N ′
m)], where In and 0n are the identity and zero

matrix of dimension n × n, respectively, which selects the
first N

′

m elements of the input. The selection over the entire
span of the input is then achieved by a circular shift of this
matrix, i.e., we construct the shifted smoothing matrix Js

m,i in
a similar manner as in (16). The smoothed output tensor with
multiple snapshots is finally constructed as

H′
=

[
⊔M+1(H×1 J

s
1,i1 ×2 J

s
2,i2 · · · ×M Js

M,iM )
]
, (17)

for all possible shifts i1, i2, . . . , iM across the M dimensions,
with the effective response matrices given by

U
′

m = Js
mUm . (18)

The number of virtual snapshots created in the process can
be very big for large compression factors. In order keep the
complexity low, we consider a limited number of shifts, e.g.,
we only form S = 100 snapshots. Which shifts to keep can
either be done in a random manner, or by choosing uniformly-
sampled shifts across the different dimensions.
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B. Decoupled Estimation

For the parameter estimation stage, three aspects are of
interest: first, we try to avoid joint multidimensional op-
erations. This is achieved already by utilizing the inherit
tensor structure, allowing for a decoupled estimation across
the different tensor dimensions. Second, we attempt to reduce
the estimation complexity by reducing the dimensionally of the
individual estimation tasks. This is achieved by compression in
the previous stage. Third, we maintain a general description
of the input and output of each decoupled estimation. This
allows us to combine different estimation algorithms across the
different dimensions. For example, we could use compressed
sensing for angle estimation, while using a subspace-based
method for delay, and a classical DFT estimation for Doppler.

In order to support high-resolution sensing, we focus on
grid-less parameter estimation. We demonstrate here how the
estimation stage can be realized by running 1D root-MUSIC
instances across the different dimensions [26].

1) Subspace-Based Estimation: Consider the
the m-th mode unfolding of the tensor H′

,
H′

[m] ∈ CN
′
m×(N

′
1...N

′
m−1N

′
m+1...N

′
M+1), where N

′

M+1 = 1 in
the case of a single snapshot. We can estimate the m-th mode
autocorrelation matrix Rm ∈ CN

′
m×N

′
m as

Rm =
N

′

m∏M+1
i N

′
i

H′

[m]H
′H
[m] . (19)

In other words, all other modes are combined into an extended
snapshots dimension for the estimation of parameters along
the m-th tensor dimension/mode. With access to the autocor-
relation matrix, subspace methods can be readily used, which
utilizes the separation of the input space into a signal-plus-
noise and noise-only subspaces. Assuming NP objects are
present, the noise subspace Qm,noise is given by the collection
of eigenvectors of Rm corresponding to the smallest N

′

m−NP

eigenvalues. Let ϕ be the current parameter of interest, with a
corresponding response vector u

′

m(ϕ), the estimation problem
is formulated as root-finding of the MUSIC spectrum, i.e.,

∥QH
m,noiseu

′

m(ϕ)∥2 = 0 . (20)

The parameters ϕ solving this, are then declared to be active.
Note that here the downsized response vector is used, i.e.,
after applying (13) in the case of decimation and averaging,
or (18) in the case of smoothing. The parameter ϕ is arbitrary,
e.g., it could correspond to the AOA, delay, or Doppler. For
the particular structure of the response/steering vectors in (3),
the calculation is simplified, as it can be viewed as finding
the closest NP zeros to the unit-circle on the complex z-
plane. To further improve the estimation of the subspaces,
forward-backward averaging (FBA) can be used [39], [35].
The autocorrelation matrix under FBA is constructed via

Rm,FBA =
1

2

(
Rm + JFBAR

∗
mJFBA

)
, (21)

where JFBA is the anti-identity matrix with ones on its anti-
diagonal, while being zero elsewhere, and ∗ denotes the
complex conjugation. Matrix Rm,FBA is then used in place
of the original Rm and the processing continues as before.

2) Model-Order Determination: The discussion in the pre-
vious part assumed that the number of objects NP is known a
priori. However, in practice, we do not have access to that. In
the context of subspace-based estimation, this plays a crucial
role in determining the noise subspace dimensionality, as well
as in knowing how many roots to consider from (20). This
holds for other estimation algorithms as well. For example,
if a compressed sensing algorithm is used instead, then the
sparsity of the solution needs to be known. One can always
use threshold-based techniques; however, the selection of the
threshold then becomes the problem. An important aspect here
is that the different dimensions can have different number
of active components. For example, consider the scenario
where three objects lie along the same direction to the BS,
but with different resolvable distances. Across the spatial
dimension only one angle will be present; however, in the
delay dimension, there will three distinct peaks.

To address that, we estimate the number of active com-
ponents separately across the different tensor dimensions.
Continuing with subspace-based estimation, since we already
have access to the eigenvalues of the autocorrelation matrix for
the m-th dimension, then information-theoretic criteria can be
applied, such as the Akaike information criterion (AIC) [40].
If FBA is used, then this would require modifying the AIC
calculation to account for it. However, in our experiments,
using the original number of snapshots, i.e., N

′

m /
∏M+1

i N
′

i

yielded better results and consistency than the formulation
that accounts for FBA. We denote the estimated number of
components using AIC over the m-th dimension as N̂P,m.

3) Response Matrices Reconstruction: Lastly, the response
matrices are reconstructed. Let ϕ̂m,1, ϕ̂m,2, . . . , ϕ̂m,N̂P,m

be
the parameters estimated via (20). The reconstructed response
matrix over the m-th dimension is then given by

Û
′

m =
[
u

′

m(ϕ̂m,1), u
′

m(ϕ̂m,2), . . . , u
′

m(ϕ̂m,N̂P,m
)
]
. (22)

C. Input-Based Fusion and Selection

Performing the estimation in a decoupled manner substan-
tially reduces the estimation complexity. But, as the parameters
are not estimated jointly, it is not possible to directly link the
parameters of the same object across the different dimensions
to each other. In order to tackle this, we fuse the parameters
across the different dimensions by estimating the core tensor
linking them. Using the estimated response matrices in (22),
we can write snapshot s of H′

as

H′(s) = B(s) ×1 Û
′

1 ×2 Û
′

2 ×3 · · · ×M Û
′

M . (23)

where B(s) ∈ CN̂P,1×N̂P,2×···×N̂P,M is the core tensor of
the s-th snapshot. By recovering B(s), we can establish an
association between the parameters of the different response
matrices. More specifically, the indices at which B(s) have
large values, correspond to an active connection between the
responses, and therefore indicate that these responses are
linked. At the same time, the value of B(s) at these indices
gives us an estimate of the corresponding path gains βp. This
allows to simultaneously pair the parameters of a certain object
and estimate its corresponding path gain.



8

In the following, we investigate two approaches for the
recovery of the core tensor: one follows the LS principle,
while the second attempts to utilize the sparse structure of
the problem via OMP.

1) Tensor-LS Fusion: A straightforward approach to recon-
structing the core tensor, is to attempt to reverse the effect of
each transformation across the individual modes in the LS
sense. Denoting by † the pseudo-inverse operation, the core
tensor of the s-th snapshot can be recovered as follows

B̂(s)

LS = H′(s) ×1 Û
′†
1 ×2 Û

′†
2 ×3 · · · ×M Û

′†
M . (24)

Alternatively, instead of looking at each slice s separately, we
can also rewrite the previous calculation directly in terms of
the multi-snapshot input H′

as

B̂LS = H′ ×1 Û
′†
1 ×2 Û

′†
2 ×3 · · · ×M Û

′†
M , (25)

where B̂LS ∈ CN̂P,1×N̂P,2×···×N̂P,M×S is the multi-snapshot
core tensor. Under perfect recovery, the estimated core tensor
is non-zero only at the positions where the response vectors
are linked, i.e., a shuffled version of the original superdiagonal
core in (9), with the non-zero elements corresponding to
the path gains. The actual LS estimate, however, will likely
produce a non-sparse solution, and therefore we need to
look for the strongest coefficients. Assuming S snapshots are
available, then we consider sorting according to the mean path-
power across the snapshots, i.e.,

I = argsort
1

S

S∑
s=1

∣∣B̂(s)

LS

∣∣2 , (26)

where |.|2 applies the magnitude-squared operation element-
wise to the tensor, i.e., |X |2 = X ⊙ X ∗ with ⊙ being
the Hadamard product, and the argsort function returns the
indices of the tensor elements sorted in descending order. More
specially, the returned set I is defined as

I = {i1, i2, . . . , iN̂P,1N̂P,2...N̂P,M
} , (27)

with vector ip = [ip,1, ip,2, . . . , ip,M ]T containing the corre-
sponding indices across the M modes of the core tensor. For
example, i5 = [3, 2, 4]T, indicates that the 5-th strongest path
is given by the third, second, and fourth columns of Û

′

1, Û
′

2,
and Û

′

3, respectively. Therefore, the corresponding parameters
for the 5-th object are given by ϕ̂1,3, ϕ̂2,2, ϕ̂3,4, respectively.
For the path gains βp, since the phase varies from one snapshot

to another, each B̂(s)

LS will have a different phase estimate. As
for the magnitude |βp|, and assuming the parameters remain
static within the sensing time, then an estimate can be obtained
directly from mean tensor in (26).

The question that remains is how many of the total indices
are active objects of interest, and how many correspond to
noise or clutter? A direct approach is to define a threshold
for the mean path-power in (26). All elements exceeding that
threshold are then declared to be active. Alternatively, since
we already have access to the number of active components
over each tensor mode from the previous estimation stage,
i.e., N̂P,m, then we can use this information to decide on the
number of objects. We determine the number of active objects

N̂P as the maximum number of components detected over all
of the tensor dimensions/modes, i.e.,

N̂P = max
m

N̂P,m . (28)

For example, if three components are observed in the angular
dimension, while only one is visible over the Doppler, e.g,
objects being static, then we still declare that three objects
are present. This is a simple approach that utilizes the multi-
dimensional structure. To this end, we derive the final set of
active objects as

IObjects = I1:N̂P
, (29)

i.e., the first N̂P objects are selected from (27).
2) Tensor-OMP Fusion: The LS-based approach ignores

the sparse structure of the core tensor; this can be utilized to
improve the probability of correctly associating the parameters
across the different dimensions. Here, we view the fusion pro-
cedure as a support-recovery problem, where active columns
of the response matrices are identified. As we aim for low-
complexity, we utilize a tensor variant of OMP [29].

Similar to classical OMP, we attempt to iteratively identify
the active components, starting with an empty set I = {}.
We begin with a matching step, where a correlation-based es-
timation is used to identify the strongest occurring connection
in the core tensor. Assuming S snapshots are available, the
strongest active index ip is identified as

ip = argmax
S∑

s=1

∣∣H′(s) ×1 Û
′H
1 ×2 · · · ×M Û

′H
M

∣∣2 , (30)

where argmax returns the multidimensional index of the largest
value from the sum tensor. The set I is then augmented
with the detected index vector, i.e., I = I ∪ {ip}, with the
same structure as in (27). Let Im denotes the indices set
of the detected responses so far across the m-th mode, an
approximation of the core tensor is then obtained as

B̂OMP = H′ ×1 Û
′†
1,I1

×2 Û
′†
2,I2

×3 · · · ×M Û
′†
M,IM

, (31)

where Ûm,Im
is the submatrix formed by columns of Ûm

corresponding to unique indices in Im, i.e., no repeated
columns. A low-rank approximation of H′

is constructed as

Ĥ′
= B̂OMP ×1 Û

′

1,I1
×2 Û

′

2,I2
×3 · · · ×M Û

′

M,IM
. (32)

Finally, a residual is constructed through

R = H′ − Ĥ′
. (33)

The process is repeated again in order to detect the remaining
active objects, with the residual being used in the matching
step instead of the original H′

. The maximum number of
iterations determines the number of objects that are declared
active. Here, we follow a similar approach as in the LS-based
fusion and set it according to (28).

The entries of B̂OMP from the last iteration over the active
set IObjects provide us with an estimate of the complex path
gains across the different snapshots. To obtain an estimate of
the magnitude |βp|, a mean estimate can be calculated, in a
fashion similar to (26).
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TABLE I
BASE SCENARIO PARAMETERS.

Parameter Value
Waveform OFDM
Center frequency 26GHz
# antennas Na 16
# subcarriers Nf 180
# OFDM symbols Nt 560
Subcarrier spacing ∆f 60 kHz
Bandwidth and sensing time 10.8MHz and 10ms
Path loss model and RCS 3GPP UMa LOS [42] and 1
Angles range [30, 150]◦ (sector)
Distances range [50, 400]m
Velocities range [0, 25] km/h
PLAIN compression factors ∆1 = 1, ∆2 = 4, ∆3 = 14
PLAIN decoupled estimation Root-MUSIC with FBA and AIC

IV. PERFORMANCE EVALUATION

We evaluate the PLAIN architecture using different con-
figurations and compare it against two schemes, representing
the two categories of sequential per-dimension estimation
and tensor-based multidimensional estimation. The results are
accompanied by the theoretically possible estimation perfor-
mance established via the approximate1 deterministic CRB
[41], applied to the original input H corrupted by noise.

A. Setup
We consider an OFDM-based system operating at 26GHz

with the parameters listed in Table I. As our focus is on sensing
within a short transmission period, we consider the scenario
where the received signal corresponds to a single snapshot.
Therefore, our discussion of snapshots in the following is
related only to those generated virtually.

In our base setup, we follow a systematic approach in
the generation of the objects in the environment; namely,
we generate their parameters through an equidistant sampling
from the ranges given in Table I. For example, in the angular
domain, we assume a sector deployment with 120◦ coverage
from 30◦ to 150◦. Therefore, for three objects, the correspond-
ing angles would be [30, 90, 150]◦, i.e., equidistantly spaced.
For the Doppler domain, we do it slightly different: we also
sample the relative velocities equidistantly from the range
[0, 25] km/h, however, we set 50% of them equal to zero. This
is done to better reflect the fact that many of the paths seen in
the environment correspond to static objects, e.g., buildings.

Based on the objects, the channel is generated as a time-
varying tapped delay line with multiple receive antennas. The
OFDM signal is then filtered with it, noise corrupted, and the
received signal is demodulated and the channel tensor H is
estimated symbol-wise in the LS sense.

Since we evaluate the performance for deterministic sce-
narios, i.e., with fixed object parameters, we utilize here the
average scenario-specific SNR defined as

SNR =
Ptx

Pno

NP∑
p=1

|βp|2 , (34)

1Greatly simplifies the calculations with the tensor format. However, it can
become loose under certain configurations. See Section 8.4.1.1 of [41].

where Ptx and Pno are the transmit and noise power, respec-
tively. The noise power is calculated according to the given
bandwidth and a temperature of 296K, while the transmit
power is adjusted based on the desired SNR at the receiver.

Finally, in order to systematically compare the performance
across different configurations and schemes, we use the root
mean squared error (RMSE) calculated as

RMSEm =

√√√√E
{

1

NP

NP∑
p=1

|ϕm,p − ϕ̂m,p|
2
}
, (35)

where RMSEm is the RMSE across the m-th estimation
dimension. Here, how the error is calculated between the
true and estimated parameters can be problematic. First, the
detected parameters are not necessarily in the same order as
the true parameters, e.g., the second object might be detected
before the first object. To deal with this, we sort the true and
estimated angles in an ascending order, and we calculate the
RMSE based on the sorted vectors. The exact sorting order
is applied to the other dimensions (i.e., delay and Doppler).
Using the same order is important to maintain correct pairing
across the different dimensions. Second, if the true scenario
has ten objects, while we detect only six, how to calculate the
RMSE? We handle this by selecting the true number of objects
in the final selection step, when discussing RMSE results.

B. Role of Compression

The configuration of compression follows the same assump-
tions as those discussed in Section III-A, with a limit of 1 km
on distance and ±80 km/s on velocity. The resulting com-
pression factors are shown in Table I. We aim for maximum
angular accuracy, and therefore we only perform compression
over the frequency- and time-domains. Fig. 3 shows the RMSE
results for the different compression schemes when NP = 6
objects are present, with the corresponding CRB. During the
estimation and fusion stages, the estimates N̂P,m using AIC
over the decoupled modes are used. However, in the final
selection step for IObjects, the true NP is used for correct
RMSE calculation.

For the decimation with virtual snapshots (“Decimation2”
in the figure), a total of S = 56 snapshots are generated. This
is the maximum number of possible multidimensional shifts
given the choice of the compression factors. As for smoothing,
many more snapshots can be produced; in order to control the
problem size, we limit the number of virtual snapshots to S =
100. These 100 snapshots are sampled equidistantly over the
possible multidimensional shifts of the smoothing operation.

As can be observed from the results, direct decimation
causes a severe loss over SNR as it throws away many samples
of H. However, it maintains the high resolution capabilities,
and it can be a useful low-complexity option, if high SNR
is guaranteed. The situation can be improved by considering
other shifts of decimation as virtual snapshots, instead of
throwing them away. These can be used to obtain a better
estimate of the autocorrelation matrix used for root-MUSIC,
and also later during fusion when estimating the core tensor.
Smoothing, on the other hand, when applied in the context of
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Fig. 3. RMSE results for different compression methods for NP = 6. Root-MUSIC is used with tensor-OMP fusion. True NP is applied in the final selection.
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Fig. 4. RMSE results for LS- and OMP-based fusion for NP = 6. Averaging with root-MUSIC is used. True NP is applied in the final selection.

decoupled estimation seems to severely affect the resolution of
the smoothed dimensions. We observe an early saturation in
the RMSE results for both the distance and velocity estimation,
due to decrease in aperture. Finally, averaging seems to be the
perfect choice in our considered scenario. On the one hand,
it produces an SNR gain due to averaging of neighboring
samples. On the other hand, it does not produce additional
snapshots, and therefore the estimation and fusion stages
will operate with a single snapshot only, thereby decreasing
complexity. We therefore adopt averaging in the following.

C. Influence of Fusion Method
We also investigate if the choice of the fusion method

plays a major role in how the parameters are paired together.
We investigate this for two setups using NP = 6 objects
in Fig. 4. The first setup follows the same procedure as
before with the “base” scenario. The second setup, which we
refer to as “close”, places the objects closely-spaced in the
angular domain. More specially, the angles range is restricted
to [80, 100]◦, instead of the original 120◦ spread. The “close”
case then provides a scenario where the parameters are more
difficult to resolve. In order to isolate the possible effect of
high angular errors on sorting for the RMSE calculation, we
do the RMSE sorting in this example based on distance.

For the “base” case, we observe full overlap between the
LS- and OMP-based fusion. This is actually very promising,

since it allows us to perform the fusion as one-shot per-
dimension LS-based operations. As for the “close” scenario,
we see a different picture. In the angular RMSE, we see
a worsened performance compared to the base case; this is
expected since the objects now share very similar angles, and
therefore fully resolving them becomes an issue. In the dis-
tance and velocity results, we see a huge gap between LS- and
OMP-based fusion. We see that tensor-OMP provides almost
the same performance as that of the base setup. However,
tensor-LS falls short in that regard and is only able to correctly
fuse the parameters under high SNR. This is an indicator that
for scenarios with closely-spaced objects, whether in angles,
distances, and/or velocities, utilizing the sparse structure of the
core tensor using an OMP-based scheme, can provide a more
robust implementation of the fusion/pairing stage.

D. Comparison to Other Schemes
For comparing the performance against other schemes in

the literature, we opted here for a generic comparison focusing
on the main structure of two approaches: sequential and joint.
Due to the large number of variants available, we focus here
on discussing the general advantages and disadvantages of our
scheme compared to these categories, rather than focusing on
a particular scheme with a certain configuration or approach.

1) Sequential Baseline: No form of compression is per-
formed here. At the start, the angles are estimated using
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Fig. 5. RMSE results for different estimation schemes for NP = 6. Averaging with root-MUSIC is used for PLAIN. True NP is applied in the final selection.

root-MUSIC, by treating other dimensions as the snapshots
dimension. For each detected angle, 2D-DFT processing is
performed, transforming the time-frequency plane to the delay-
Doppler plane. The largest delay-Doppler peak with the asso-
ciated angle is then declared to be an active object. To clarify
further, assuming the estimated angles response matrix to be
Â ∈ CNa×N̂P , we construct the time-frequency view

HTF = H×1 Â
† , (36)

where each slice of HTF ∈ CN̂P×Nf×Nt across its first
dimension is a time-frequency view along one of the detected
angles. By performing 2D-DFT processing over each of these
slices, we get to the final results.

2) Joint Baseline: For the joint baseline, we implement
here the Tensor-ESPRIT algorithm [35]. Since Tensor-ESPRIT
requires the construction of a global signal subspace through a
higher-order singular value decomposition (HOSVD) [37], we
use smoothing, as done in the literature, to construct virtual
snapshots for that purpose. In order to limit the influence of
smoothing on resolution, we limit smoothing to a factor of
two over frequency and time, i.e., ∆2 = ∆3 = 2. Otherwise,
it can severely affect the estimation performance. This of
course results in higher estimation complexity compared to
our architecture, which uses the factors listed in Table I.

For the construction of signal subspaces across the different
modes, we rely on a parallel HOSVD construction, instead of
a serial one, in order to limit the error propagation from one
subspace to another, if the estimated number of components
is incorrect. For each mode, the number of components are
determined separately using its corresponding Bayesian infor-
mation criterion (BIC). We use BIC here instead of AIC due
to the large sample size resulting from smoothing, allowing
for better performance. In the final selection stage, where the
global signal subspace is constructed, we use the true NP ,
following the same reasoning as before with respect to the
calculation of the RMSE. For the joint diagonalization step in
Tensor-ESPRIT, we apply a variant of the randomized joint
diagonalization (RJD) method proposed in [43]. In our tests,
it could stably provide joint basis in less than five iterations.

Fig. 5 shows the RMSE results of a scenario with six objects
using our proposed approach with averaging and tensor-

OMP compared to the generic sequential scheme and Tensor-
ESPRIT. In the angular domain, we see that all the schemes are
capable of providing high resolution approaching what is theo-
retically predicted by the CRB. The sequential scheme with no
compression seems to even outperform Tensor-ESPRIT at high
SNR. This is due to the usage of root-MUSIC algorithm, which
has a slight upper-hand compared to ESPRIT. For the distance
and velocity results, we see a saturation of the sequential
scheme. This is due to the usage of the 2D-DFT for delay-
Doppler estimation, which depends on the resolution of the
DFT bins. Tensor-ESPRIT does not suffer from the resolution
limitation, and is able to provide high resolution scalability at
high SNR. Our proposed architecture provides super resolution
capabilities already in the low SNR range, while maintaining
low processing complexity, since it only deals with a single
snapshot generated by averaging.

Next, we investigate the influence of object spacing on the
performance of these approaches. We consider now a scenario
with NP = 10 objects and evaluate the performance over
different angular ranges around 90◦, starting from the range
of [80, 100]◦ (20◦ spread) to the full [30, 150]◦ range (120◦

spread). This is shown in Fig. 6, where the scenario SNR is
fixed to 0 dB.

When the objects are sufficiently spaced far from each
other, we observe that all schemes are capable of resolving
the objects and providing good accuracy. When the objects
are close, this starts to have an impact on the estimation
performance. This is the worst for the sequential scheme,
since once an object is missed in the angular search, it
becomes unrecoverable, which is propagated to the following
distance and velocity estimation. For the other schemes, due
to the multidimensional combining, information from multiple
dimensions are used to infer the activity of objects. For our
proposed scheme, we see once the angular spread becomes
narrow, then worse performance is obtained. However, this
does not impact the estimation accuracy across the other
dimensions, as in the sequential scheme. Moreover, due to
the fusion with the other dimensions, the angular performance
does not deteriorate substantially, but rather saturates around
the limited resolution of 1D estimation. Specifically, single-
digit degree accuracy can still be achieved. For the Tensor-
ESPRIT algorithm, it maintains the high accuracy even for
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Fig. 6. RMSE results for NP = 10 objects for various angular spacings. Scenario with SNR = 0 dB. True NP is applied in the final selection.
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Fig. 7. Angle-distance view for an arbitrary deployment with SNR = 0 dB.
Estimated number of objects N̂P is applied the final selection stage as well.

tight spacing. This is due to the joint estimation of the signal
space across the different tensor modes, which gives it an
upper-hand compared to our approach, however, at a higher
processing complexity.

Furthermore, we investigate an arbitrarily scenario with
NP = 12 objects, as shown in Fig. 7. Here, the estimated
N̂P is also used in the final selection process, since we do not
need to calculate an RMSE. We make similar observations
as before; for closely-spaced objects, the sequential scheme
fails to resolve them properly. This can be clearly seen for the
objects around the distances of 200m and 300m. The tensor-
based schemes, on the other hand, show robustness to the tight
spacing and are able to better identify the objects.

Finally, we measure the runtime of the three algorithms on
the scenario in Fig. 7. This is listed in Table II in seconds for an
average of 100 runs. To get a sense of scalability, we also list a
“doubled setup”, where the number of antennas and bandwidth
are doubled to Na = 32 antennas and 21.6MHz, respectively.
As can be observed, the proposed PLAIN architecture can
finish at a time order similar to that of the sequential scheme,
while running super-resolution algorithms across all the di-
mensions. For Tensor-ESPRIT, the calculations required for

TABLE II
AVERAGE RUNTIME OUT OF 100 RUNS FOR THE SCENARIO IN FIG. 7.

Sequential Tensor-ESPRIT PLAIN
Base setup 0.04 s 3.53 s 0.05 s
Doubled setup 0.10 s 14.05 s 0.22 s

the HOSVD, in addition to the LS problems to be solved
and also smoothing, seem to cause long processing time.
This is especially pronounced in the doubled setup, taking
around 14 s to finish. One way to improve the situation with
Tensor-ESPRIT is to increase the smoothing factors; however,
as discussed before, this can severely affect the resolution.
Another way is to take less virtual snapshots from smoothing;
this can help with reducing the time spent on the HOSVD, at
the cost of a less accurate estimation of the global signal space.
Overall, we observe that the PLAIN architecture, with its
single-snapshot high-resolution support and accommodation
for high dimensionality, provides an attractive choice for
addressing complexity, scalability, and super-resolution.

V. CONCLUSION

In this work, we proposed PLAIN, a tensor-based estima-
tion architecture that can handle a high number of sensing
dimensions, high dimensionality, limited sensing time, while
operating with low-complexity and providing super-resolution
capabilities. The architecture addresses dimensionality through
a compression stage that reduces the problem size, while
persevering information required to achieve high resolution.
The existence of many sensing dimensions is handled through
a parallel decoupled estimation stage, where each decoupled
branch only deals with estimating the parameters related to the
corresponding estimation dimension. Finally, the parameters
are fused together to form a multidimensional estimate, by
exploiting the tensor and sparse structure of the problem.
We investigated different compression and fusion methods,
and compared the performance against a generic sequential
baseline, as well as the multidimensional Tensor-ESPRIT
algorithm. The results show that PLAIN can strike a good
balance between complexity and performance, and allows for
a highly flexible estimation structure that can be tailored to
various deployments and sensing formats.
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[19] J. B. Sanson, P. M. Tomé, D. Castanheira, A. Gameiro, and P. P.
Monteiro, “High-Resolution Delay-Doppler Estimation Using Received
Communication Signals for OFDM Radar-Communication System,”
IEEE Transactions on Vehicular Technology, vol. 69, no. 11, pp. 13 112–
13 123, 2020.

[20] K. F. Masood, R. Hu, J. Tong, J. Xi, Q. Guo, and Y. Yu, “A Low-
Complexity Three-Stage Estimator for Low-Rank mmWave Channels,”
IEEE Transactions on Vehicular Technology, vol. 70, no. 6, pp. 5920–
5931, 2021.

[21] C. Zhang, Z. Zhou, H. Wang, and Y. Zeng, “Integrated Super-Resolution
Sensing and Communication with 5G NR Waveform: Signal Processing
with Uneven CPs and Experiments: (Invited Paper),” in 2023 21st

International Symposium on Modeling and Optimization in Mobile, Ad
Hoc, and Wireless Networks (WiOpt), 2023, pp. 681–688.

[22] S. K. Dehkordi, L. Gaudio, M. Kobayashi, G. Caire, and G. Colavolpe,
“Beam-Space MIMO Radar for Joint Communication and Sensing With
OTFS Modulation,” IEEE Transactions on Wireless Communications,
vol. 22, no. 10, pp. 6737–6749, 2023.

[23] X. Li and W. Yi, “A Subspace-Based Azimuth-Range-Doppler Estimator
with Super-Resolution for OFDM Radar,” in 2024 IEEE Radar Confer-
ence (RadarConf24), 2024, pp. 1–6.

[24] Z. Xiao, R. Liu, M. Li, Q. Liu, and A. L. Swindlehurst, “A Novel Joint
Angle-Range-Velocity Estimation Method for MIMO-OFDM ISAC Sys-
tems,” IEEE Transactions on Signal Processing, vol. 72, pp. 3805–3818,
2024.

[25] Z. Hu, Q. Ye, Y. Huang, S. Hu, and G. Yang, “Joint Range-Velocity-
Azimuth Estimation for OFDM-Based Integrated Sensing and Com-
munication,” IEEE Transactions on Wireless Communications, vol. 23,
no. 10, pp. 12 933–12 948, 2024.

[26] R. Boyer, “Decoupled root-MUSIC algorithm for Multidimensional
Harmonic retrieval,” in 2008 IEEE 9th Workshop on Signal Processing
Advances in Wireless Communications, 2008, pp. 16–20.

[27] D. Nion and N. D. Sidiropoulos, “Tensor Algebra and Multidimensional
Harmonic Retrieval in Signal Processing for MIMO Radar,” IEEE
Transactions on Signal Processing, vol. 58, no. 11, pp. 5693–5705, 2010.

[28] Z. Zhou, J. Fang, L. Yang, H. Li, Z. Chen, and R. S. Blum, “Low-
Rank Tensor Decomposition-Aided Channel Estimation for Millimeter
Wave MIMO-OFDM Systems,” IEEE Journal on Selected Areas in
Communications, vol. 35, no. 7, pp. 1524–1538, 2017.
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