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Sequential Maximum-Likelihood Estimation of Wideband Polynomial-Phase Signals on Sensor

Array

Kaleb Debre, Tai Fei, Marius Pesavento

• FMCW radar detection of multiple targets with time-varying radial velocities.

• Joint estimation of direction-of-arrival and time-frequency signatures.

• Computationally tractable approximate Maximum-likelihood estimation method.

• Wideband space-time-frequency coherent processing

• Achieves Cramér-Rao bound for all parameters in challenging multi-source scenarios.
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Abstract

This paper presents a novel sequential estimator for the direction-of-arrival and polynomial coefficients of

wideband polynomial-phase signals impinging on a sensor array. Addressing the computational challenges

of Maximum-likelihood estimation for this problem, we propose a method leveraging random sampling

consensus (RANSAC) applied to the time-frequency spatial signatures of sources. Our approach supports

multiple sources and higher-order polynomials by employing coherent array processing and sequential ap-

proximations of the Maximum-likelihood cost function. We also propose a low-complexity variant that

estimates source directions via angular domain random sampling. Numerical evaluations demonstrate that

the proposed methods achieve Cramér-Rao bounds in challenging multi-source scenarios, including closely

spaced time-frequency spatial signatures, highlighting their suitability for advanced radar signal processing

applications.

Keywords: sensor array processing, Maximum-likelihood estimation, wideband direction-of-arrival

estimation, polynomial-phase signal, space time-frequency analysis, random sampling consensus

(RANSAC), radar signal processing

1. Introduction

Polynomial-phase signals (PPS) emerge in several important applications including radar, short-range

sonar and ultra-sound imaging, where frequency-modulated continuous-wave (FMCW) signals are commonly

used [1–3]. Conventional FMCW radar receivers employ stretch processing, where the received signal is

mixed with the transmitted linear chirp signal to produce a low-frequency beat signal for processing [4, 5].

While this approach benefits from lower sampling rate requirements, it can be sensitive to phase noise in the

local oscillator, which is more pronounced as the range increases due to decorrelation of the received and

transmitted signal, leading to masking effects that obscure weaker targets in the far range [6]. Traditional

Doppler processing is carried out in Doppler bins based on the assumption of constant relative velocity
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between targets and transceivers inducing constant frequency shifts (linear phase shift) in the radar return

signal [5]. However, when the relative velocity is varying due to acceleration and jerk of targets, the Doppler

shift is more precisely characterized by a higher-order polynomial-phase shift [7, 8]. Such effects can also

arise due to changes in the relative angle between targets and transceivers, which is especially pronounced in

near- and mid-field radar applications [9]. Time-varying Doppler also impacts medical ultrasound imaging

and blood velocity estimation, where the slower propagation speed of sound produces significant Doppler

effects [10, 11].

Recently, software-defined radio architectures have been proposed, where the received signal is directly

sampled using high-performance analog-to-digital converters with high sampling rates and the signal pro-

cessing is performed entirely in software, eliminating the need for analog mixers. These direct-sampling

architectures are particularly advantageous for enabling flexible radar receivers, including scenarios that in-

volve non-linear target motions and spectrum congestion [12, 13]. Information about the target’s dynamics

and trajectory, characterized by its time-varying Doppler signature, is encoded in the polynomial-phase co-

efficients of the return signal [14]. Furthermore, angular information is available from the phase differences

of the return signal impinging on different antennas. Therefore, modern radar systems that utilize direct

sampling of received signals offer great opportunities in radar signal processing for target identification and

tracking by designing appropriate parameter estimation algorithms.

The problem of estimating the polynomial coefficients of a PPS has thus drawn much attention in the

literature. The corresponding Maximum-likelihood (ML) estimator has high computational cost for polyno-

mial orders greater than one [15]. Low-complexity PPS estimation using the high-order ambiguity function

(HAF) has been studied extensively [14, 16–20]. Recently, the random sampling consensus (RANSAC)

method, which had originally been proposed in the context of computer vision [21], has been used for

parameter estimation of multiple PPSs by sub-sampling instantaneous frequencies in the time-frequency do-

main [22, 23]. When considering PPSs impinging on a sensor array, the corresponding problem is wideband

direction-of-arrival (DOA) estimation [24, 25]. It has been demonstrated in [26] that, when the determin-

istic signal structure is accounted in the signal model, coherent processing of the array measurements can

significantly improve the DOA estimation performance, compared to a stochastic signal model.

The optimal ML estimator for jointly estimating the DOA and polynomial coefficients of multiple wide-

band PPSs impinging on a uniform linear array has been proposed in [27]. This joint DOA-PPS estimator has

high computational cost due to the required exhaustive search in the multi-dimensional, multi-source param-

eter space. To reduce this high complexity, the work in [27] further introduces a DOA-PPS estimator based

on the single-source approximation of the ML cost function, referred to as the polynomial-phase beamformer.

However, for high polynomial orders of the PPSs, the computational complexity of the polynomial-phase

beamformer can still be prohibitive. Therefore, recent DOA-PPS estimation techniques combine PPS esti-

mation techniques, such as HAF-based methods, with a spectral search across the field of view using the
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polynomial-phase beamformer [28–30]. While these approaches demonstrate adequate performance in sim-

ple scenarios, they encounter significant challenges in handling multiple closely spaced sources, higher-order

polynomials, and time-varying Doppler effects. This is primarily due to the inability of the polynomial-

phase beamformer to effectively address interference among multiple sources. These challenges underscore

the need for more robust methods that can reliably operate in complex, multi-source environments.

Our paper addresses these challenges through a novel sequential DOA-PPS estimation approach. We

leverage the inherent sparsity in the time-frequency spatial signatures of the sources using sensor-wise time-

frequency analysis and coherent array processing of the measurements. Following the approach of [22] for

PPS estimation, we apply the RANSAC method to generate candidate DOA-PPS parameter estimates of

one source at a time by sub-sampling time-frequency spatial source signatures. To select the best-fitting

candidate parameter estimates with the measurement data, we employ sequential approximations of the ML

cost function and gradient-based parameter refinement to enhance accuracy. Additionally, we present a low-

cost variant, where source directions are estimated using angular domain random sampling and estimated

sources are efficiently eliminated in the measurement data, further reducing the computational complexity.

Our method contributes to DOA-PPS estimation in several ways:

• We address the high computational cost of the ML estimator by estimating the parameters of one

source at a time using the RANSAC method on the time-frequency spatial source signatures.

• Unlike existing methods, our approach is effective for multiple sources, including closely spaced, higher-

order PPSs due to coherent array processing and sequential approximations of the ML cost function.

• We present a low-cost sequential estimator variant, where random sub-sampling is also applied in the

angular domain and estimated sources are efficiently eliminated in the data.

• The proposed methods achieve the Cramér-Rao bound for all parameters in challenging multi-source

scenarios, including scenarios with closely spaced time-frequency spatial source signatures.

The remainder of this paper is structured as follows. Section 2 defines the signal model. Section 3 reviews

the ML-based DOA-PPS estimators. Section 4 presents our proposed sequential DOA-PPS estimator and

its low-cost variant. Numerical results are discussed in Section 5, followed by conclusions in Section 6.

Notation: Matrices and vectors are denoted by bold-faced, capital and lower-case letters, respectively.

The superscripts (·)∗, (·)T and (·)H denote complex-conjugate, transpose and Hermitian transpose, respec-

tively. The subscripts [·]j , [·]:,j and [·]i,j denote the jth element of a vector, the jth column of a matrix and

the element of a matrix in its ith row and jth column, respectively. The operators ∥ · ∥2 and O(·) denote

the ℓ2-norm of a vector and the Big-O notation, respectively. The operator | · | denotes both the absolute

value and the cardinality of a set. The operators ⌈·⌉ and ⌊·⌋ denote rounding up and rounding down to the

nearest integer value, respectively. The symbol IM denotes the identity matrix of dimension M ×M .
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2. Signal Model

Consider L far-field, passband polynomial-phase signals of polynomial order K. The ℓth PPS for ℓ =

1, . . . , L is defined as

sℓ(t) = αℓe
j
∑K

k=1 ϕℓ,kt
k

, (1)

where, without loss of generality, it is assumed that the initial phases ϕℓ,0 are absorbed in the signal

amplitude αℓ ∈ C for ℓ = 1, . . . , L. The polynomial coefficients of the ℓth PPS are contained in the vector

ϕℓ = [ϕℓ,1, ϕℓ,2, . . . , ϕℓ,K ]
T ∈ RK and the physical unit of the kth-order polynomial coefficient ϕℓ,k is rad

sk

for k = 1, . . . ,K. The signal phase of the ℓth PPS and its continuous-time derivative, referred to as the

instantaneous frequency, are defined as

φℓ(t) =

K∑
k=1

ϕℓ,kt
k, (2)

ωℓ(t) =
dφℓ(t)

dt
=

K∑
k=1

kϕℓ,kt
k−1. (3)

The superposition of the L PPSs impinges on a uniform linear array consisting ofM omnidirectional sensors,

where it is sampled at discrete times t = ∆ ·n for n = −
⌈
N−1
2

⌉
, . . . ,

⌊
N−1
2

⌋
[31, 32]. The symbols ∆ and N

denote the sampling period in seconds and number of available snapshots, respectively.

The corresponding baseband received signal vector x(n) = [x1(n), . . . , xM (n)]
T ∈ CM is consequently

given by

x(n) = A(θ,Φ, n)α+ z(n), (4)

where z(n) ∈ CM denotes spatially and temporally white complex circular Gaussian sensor noise with noise

power σ2. The vectors α = [α1, . . . , αL]
T ∈ CL, θ = [θ1, . . . , θL]

T ∈ RL and matrix Φ = [ϕ1, . . . ,ϕL] ∈

RK×L summarize the unknown signal amplitudes, DOAs relative to broadside and polynomial-phase co-

efficients of the L PPS sources, respectively. The elements of the time-varying array response matrix

A(θ,Φ, n) ∈ CM×L are defined as

[A(θ,Φ, n)]m,ℓ = ej
∑K

k=1 ϕℓ,k(∆n−(m−1)τℓ)
k

, (5)

where m = 1, . . . ,M denotes the sensor index. The time delay in seconds between the arrival of the wave

on adjacent sensors is given by

τ =
d

c
sinϑ, (6)

where ϑ ∈ [−π
2 ,

π
2 ] denotes the source angle in the field-of-view, hence, τℓ = d

c sin θℓ for ℓ = 1, . . . , L.

The constants d and c denote the distance between adjacent sensors and the propagation speed of the

wave, respectively. It is worth noting that the array response matrix A(θ,Φ, n) in (5) incorporates both the

temporal phase component of the transmitted signal in (1) and the spatial phase component corresponding to
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the wavefront arrival at the sensors. The ℓth column of the array response matrix, denoted as a(θℓ,ϕℓ, n) =

[A(θ,Φ, n)]:,ℓ, represents the array response vector of the ℓth source and is solely determined by its DOA

θℓ and PPS parameters ϕℓ.

3. Maximum-Likelihood-Based DOA-PPS Estimation

The ML estimator for the multi-source DOA-PPS estimation problem and its single-source approxima-

tion, referred to as the polynomial-phase beamformer, have been proposed in [27]. The received signal vector

in (4) can be compactly written as

x̄ = Ā(θ,Φ)α+ z̄, (7)

where the received signal vectors x(n) for allN snapshots are stacked in a tall vector as x̄ = [x(−⌈N−1
2 ⌉)

T, . . . ,

x(
⌊
N−1
2

⌋
)T]T ∈ CMN . The tall array response matrix and noise vector are accordingly given by Ā(θ,Φ) =

[A(θ,Φ,−
⌈
N−1
2

⌉
)T, . . . ,A(θ,Φ,

⌊
N−1
2

⌋
)T]T ∈ CMN×L and z̄ = [z(−

⌈
N−1
2

⌉
)T, . . . ,z(

⌊
N−1
2

⌋
)T]T ∈ CMN ,

respectively.

Omitting constant terms, the negative log-likelihood function corresponding to the signal model in (7)

is given by

fL(θ,Φ,α) =
∥∥x̄− Ā(θ,Φ)α

∥∥2
2
. (8)

The closed-form minimizer of (8) w.r.t. the signal amplitude vector α yields

α̂ = Ā†(θ,Φ)x̄, (9)

where Ā†(θ,Φ) =
(
ĀH(θ,Φ)Ā(θ,Φ)

)−1
ĀH(θ,Φ) ∈ CL×MN denotes the Moore-Penrose pseudo-inverse.

Inserting (9) into (8) yields the concentrated negative log-likelihood function

fL(θ,Φ) =
∥∥x̄−ΠĀ(θ,Φ)x̄

∥∥2
2
,

=
∥∥Π⊥

Ā(θ,Φ)x̄
∥∥2
2
,

(10)

where ΠĀ(θ,Φ) = Ā(θ,Φ)Ā†(θ,Φ) ∈ CMN×MN and Π⊥
Ā
(θ,Φ) = IMN −ΠĀ(θ,Φ) denote the projector

onto the range space of Ā(θ,Φ) and its orthogonal complement, respectively.

The optimal ML-based DOA-PPS estimator is then obtained as [27]{
θ̂, Φ̂

}
= argmin

θ∈RL,Φ∈RK×L

fL(θ,Φ). (11)

The ML cost function fL(θ,Φ) is highly non-convex and multi-modal, hence, it is difficult to apply gradient-

based search techniques to find the global minimum of (11). The brute-force search method, which involves

evaluating (10) across the entire parameter space to find the global minimum, typically exhibits prohibitive

computational complexity of order O(GL(K+1)(MN)2), where G represents the number of grid points per

dimension used in the uniform discretization of the source parameters.
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To reduce the computational complexity of the ML estimator, an alternative DOA-PPS estimator was

proposed in [27] based on a single-source approximation, where the multi-source criterion in (10) is simplified

by assuming the presence of only one PPS source at a time. The resulting sub-optimal DOA-PPS estimator

is given by {
θ̂, Φ̂

}
= Largmax

θ∈R,ϕ∈RK

f1(θ,ϕ). (12)

where Largmax denotes the L largest peaks in the search space. The corresponding cost function based on

the single-source approximation, referred to as the polynomial-phase beamformer, is given by

f1(θ,ϕ) =
1

MN

∣∣āH(θ,ϕ)x̄
∣∣2, (13)

where ā(θ,ϕ) = [Ā(θ,Φ)]:,1 ∈ CMN denotes the array response vector of a single source with DOA θ and

polynomial-phase coefficients ϕ = [ϕ1, ϕ2, . . . , ϕK ]
T ∈ RK . The polynomial-phase beamformer (13) does not

account for inter-source interference, resulting in sub-optimal estimates from (12). Moreover, for high-order

polynomial phase signals, the brute-force search in (12) still exhibits prohibitive computational complexity

of order O(G(K+1)MN). These limitations emphasize the need for an efficient parameter estimation method

capable of handling the high-dimensional parameter space of the ML cost function.

4. Sequential DOA-PPS Estimator

This work proposes a sequential DOA-PPS estimation procedure, which addresses the high complexity

of the ML estimator in (11). In each iteration, the DOA and PPS parameters of one source at a time are

estimated. Our approach leverages the inherent sparsity in the time-frequency spatial source signatures in

the time-frequency beamspace representation of the measurement data. The RANSAC method is applied

to this sparse support to generate candidate estimates for the DOA and PPS parameters of one source at a

time. Each iteration also includes gradient-based parameter refinement to enhance estimation accuracy.

The best-fitting candidate parameter estimates are selected by evaluating their agreement with the

measurement data using the i-source approximation of the ML cost function in (10). This approximated

cost function, denoted as the i-source ML approximation, is given by

fi(θ
(i),Φ(i)) =

∥∥Π⊥
Ā(θ(i),Φ(i))x̄

∥∥2
2
, (14)

where i = 1, . . . , L denotes the ith iteration of the sequential estimation procedure, and {θ(i),Φ(i)} denotes

the DOA and PPS parameters of the i sources in the ith iteration. Furthermore, the residual received signal

vector is introduced, which is obtained in the ith sequential iteration by removing the contributions of the

i previously estimated sources from the original measurements, expressed as

r̄(i) = Π⊥
Ā(θ̂(i), Φ̂(i))x̄, (15)
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where r̄(0) = x̄, and {θ̂(i),Φ̂(i)} represents the estimated DOA and PPS parameters of the i estimated

sources.

4.1. Coherent Array Processing With PPSs

The measurement data are analyzed in the time-frequency-beamspace domain to leverage the sparsity

inherent in the time-frequency spatial signatures of the sources. To avoid cross-terms in the case of multiple

PPSs, the short-time Fourier transform (STFT) is used as a linear time-frequency spectrum estimator, rather

than the non-linear Wigner-Ville distribution [33]. In the ith iteration, the STFT in the mth sensor for m =

1, . . . ,M − 1 is formed from the unstacked residual received signal vector rm(n) = [r̄(i−1)]M(n+⌈N−1
2 ⌉)+m,

obtained from r̄(i−1) in (15), as

ym(p, q) =
1

H

⌊H−1
2 ⌋∑

h=−⌈H−1
2 ⌉

rm(p+ h)e−j 2πh
H q, (16)

where p and q denote the time and frequency index, respectively, and the rectangular window function of

width H is used.

A bank of M beamformers is further applied to the time-frequency spectra in (16) stacked along the

sensor dimension, i.e., y(p, q) = [y1(p, q), . . . , yM (p, q)]
T ∈ CM . The normalized beamformer output for the

bth beamformer for b = 0, ...,M − 1 is given by

zb(p, q) =
1

M
wH

b y(p, q), (17)

where wb ∈ CM represents the beamformer weight vector [34].

Fully coherent processing of the received signal in (4) requires time-variant beamformers that are matched

to the different instantaneous frequencies of the PPSs. However, to keep the processing computationally

tractable, we consider in (17) time-invariant beamforming, which can only partially provide coherent process-

ing, depending on the time-frequency spatial signatures of the signals. We employ a bank ofM time-invariant

discrete Fourier transform (DFT) beamformers as [wb]m = ej
2π(m−1)b

M , which, in the case of a uniform lin-

ear array, can be efficiently implemented using the fast Fourier transform [35]. The normalized magnitude

response of the bth DFT beamformer for a signal with instantaneous frequency ω impinging from direction

ϑ ∈ [−π
2 ,

π
2 ], is given by [24, 35]

|Pb(ϑ, ω)| =
1

M
|wH

b a(ϑ, ω)| =
1

M

∣∣∣∣∣
M∑

m=1

e−j(m−1)(ω d
c sinϑ+ 2πb

M )

∣∣∣∣∣ ,
=

1

M

∣∣∣∣∣ sin
(
M
2

(
ω d

c sinϑ+ 2πb
M

))
sin

(
1
2

(
ω d

c sinϑ+ 2πb
M

)) ∣∣∣∣∣ .
(18)

The narrowband array response vector a(ϑ, ω) with [a(ϑ, ω)]m = e−j(m−1)ω d
c sinϑ in (18) approximates the

array response vector a(ϑ,ϕ, n) in (5) with [a(ϑ,ϕ, n)]m = ej
∑K

k=1 ϕk(∆n−(m−1)τ)k . This approximation

7



holds, if the instantaneous frequency ω(n) of the impinging signals remains approximately constant over

short time intervals and across small groups of adjacent sensors. Under these conditions, a(ϑ, ω) ≈ a(θ,ϕ, n)

is valid within a space-time intervalMc,1 ≤ m ≤Mc,2 and Nc,1 ≤ n ≤ Nc,2, where coherent array processing

with PPSs can be achieved. This coherent array processing interval can be specified based on the first-

order Taylor approximation of the phase arg([a(ϑ,ϕ, n)]m) =
∑K

k=1 ϕk(∆n− (m− 1)τ)k in (5) at the point

(m− 1)τ = 0, which yields the linearized phase, given by

arg([a(ϑ, ω(n), n)]m) ≈ φ(n)− ω(n)(m− 1)τ, (19)

where φ(n) =
∑K

k=1 ϕk(∆n)
k, ω(n) =

∑K
k=1 kϕk(∆n)

k−1 and τ = d
c sinϑ. The approximation (19) is tight,

if the Taylor approximation error is small, i.e., when the inequality ω′(n)(m− 1)2τ2/2 ≪ ω(n)(m − 1)τ

with ω′(n) =
∑K

k=1 k(k − 1)ϕk(∆n)
k−2 is satisfied [36]. Therefore, coherent processing with PPSs can be

achieved within the space-time interval Mc,1 ≤ m ≤Mc,2 and Nc,1 ≤ n ≤ Nc,2 in the case

ω′d(Mc,2 − 1)

2ωc
≪ 1, (20)

where ω = min
n
ω(n), ω′ = max

n
|ω′(n)| for Nc,1 ≤ n ≤ Nc,2 and τ = d

c represent the worst case error bounds.

According to (18), the largest magnitude of the beamformer output over the field of view, i.e., |Pb(ϑ, ω)| = 1,

is obtained, if
(

ω
2π

d
c sinϑ+ b

M

)
∈ Z. Hence, the angular location of the mainlobe of the bth beamformer for

b = 0, . . . ,M − 1 in dependence of the instantaneous frequency ω is given by the expression

ϑMB(ω, b) =

arcsin
(
− 2ω0

ω
b
M

)
, for b = 0, . . . , M2 − 1,

arcsin
(
2ω0

ω (1− b
M )

)
, for b = M

2 , . . . ,M − 1,

(21)

where the cut-off instantaneous frequency ω0 = πc
d corresponds to d = λ

2 with λ denoting the wavelength of

the signal [35].

Fig. 1 shows the magnitude response |Pb(ω, ϑ)| across the field of view ϑ ∈ [−π
2 ,

π
2 ] for M = 4 DFT

beamformers, illustrating the conditions for coherent array processing with PPS. In Fig. 1a, the magnitude

response is displayed over the field of view for the normalized instantaneous frequency ω
ω0

= 0.9. The angles

ϑMB(ω, b± 1
2 ) indicate the locations of maximum overlap between adjacent beamformer mainlobes. Fig. 1b

illustrates how the angular positions of the beamformer mainlobes ϑMB(ω, b) and the maximum overlap

between adjacent mainlobes ϑMB(ω, b± 1
2 ) vary with respect to the normalized instantaneous frequencies ω

ω0
∈

[0, 2]. The angular location of the beamformer mainlobe ϑMB(ω, 0) is constant at ϑ = 0◦ for all instantaneous

frequencies, whereas, the angular locations of the other mainlobes, ϑMB(ω, b) for b = 1, . . . ,M − 1, vary

with changing instantaneous frequency. When ω
ω0

> 1, spatial aliasing may occur due to grating lobes in

the beamformer output, potentially causing ambiguities in the DOA estimation [35]. Moreover, a limitation

of time-invariant beamforming with PPSs is that as the instantaneous frequency of the impinging signal

changes, the signal energy can leak into adjacent DFT beamformers. Therefore, a change in the instantaneous

8
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(dashed) for normalized instantaneous frequency ω
ω0

= 0.9.
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(b) Angular positions of beamformer mainlobes ϑMB(ω, b) (solid) and angular positions of maximum overlap of adjacent beamformer

mainlobes ϑMB(ω, b ± 1
2 ) (dashed) for normalized instantaneous frequencies ω

ω0
∈ [0, 2].

Figure 1: Beamformer magnitude response |Pb(ϑ, ω)| over the field-of-view ϑ ∈ [−π
2
, π
2
] for M = 4 DFT beamformers, beam

index b = 0, . . . ,M − 1 and normalized instantaneous frequencies ω
ω0

∈ [0, 2] with cut-off instantaneous frequency ω0 = πc
d

frequency of the impinging signal is associated with a change in its spatial signature in the beamformer

output.

4.2. Sparse Support of Time-Frequency-Spatial Signatures

In the following, we define the sparse support of the time-frequency spatial source signatures. The

RANSAC method is applied to this sparse support set to estimate the source parameters.

For each beamformer b, the set of local maxima in both frequency and beam dimensions is determined

as

Sb =
{
zb(p, q) : |zb(p, q)| ≥ max

q′∈{q−1,q+1}
b′∈{b−1,b+1}

|zb′(p, q′)|
}
. (22)

Furthermore, a thresholding operation is applied to the set Sb as

Tb = {(p, q) ∈ Sb : |zb(p, q)| ≥ ϵ} , (23)
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Figure 2: Data processing steps to obtain the sparse support of the time-frequency spatial signatures of the four PPS sources

specified in Table 1 and an array consisting of four sensors. a) Time-frequency spectra according to STFT in (16) at SNR = 0 dB,

b) Time-frequency spectra at DFT beamformer output in (17), c) Time-frequency points in set Sb obtained after local maximum

search in (22), d) Time-frequency points in set Tb obtained after thresholding step in (23).

to select the indices of the time-frequency points in the set Sb with a magnitude that is equal or larger to

the threshold ϵ ∈ R.

The data processing steps described in Sections 4.1 and 4.2 are illustrated in Fig. 2 for an example of four

PPSs specified in Table 1 impinging on an array consisting ofM = 4 sensors. Fig. 2a shows the STFT-based

time-frequency spectra of (16) across different sensors, revealing similar patterns in each sensor. Fig. 2b

presents the time-frequency spectra at the DFT beamformer outputs in (17), where different beamformers

capture the PPSs according to their spatial signatures. Signal components may appear in time-frequency

spectra of adjacent beamformers due to energy leakage, referring to the aforementioned limitation of time-

invariant beamforming when processing signals with time-varying instantaneous frequencies. Fig. 2c displays

the time-frequency points in the set Sb for b = 0, . . . ,M − 1. The time-frequency points of the signals are

preserved and the redundant time-frequency signatures in adjacent beamformers are effectively removed by

the local maximum search. However, local maxima of low magnitude remain in Sb, which correspond to

noise components as well as spectral leakage of the STFT and spatial leakage of the beamformer sidelobes.

Fig. 2d displays the time-frequency points at the indices in the set Tb for b = 0, . . . ,M − 1, where only the

data points of the true signal components are preserved. Hence, the sparse support set of the time-frequency

spatial source signatures is given by the union T0 ∪ · · · ∪ TM−1.

For a single PPS of polynomial order K, the polynomial coefficients can be uniquely determined from
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K time-frequency points that lie on the time-frequency signature of the signal [30]. Hence, the RANSAC

method can be used for PPS parameter estimation by randomly sub-sampling K local maxima in the time-

frequency spectrum and matching a Kth order polynomial to their corresponding time-frequency locations

[22]. In the multi-source case, the time-frequency signature of L signals overlap, hence, L polynomials with

distinct polynomial coefficients need to be simultaneously matched to estimate the PPS parameters of L

sources. However, the resulting estimation problem is combinatorial and the probability of sub-sampling K

points from the same signature for each source decreases with the number of signals and the polynomial

order. When the number of sources L is large, the number of required sub-samples to obtain appropriate

parameter estimates for all sources becomes unacceptable.

Therefore, we propose estimating the DOA and PPS parameters of one source at a time in a sequential

estimation procedure using the RANSAC method and employ the i-source ML approximation criterion in

(14) to select the best-fitting candidate parameter estimates. According to Fig. 2d, the sparse support of a

particular signal may be distributed across adjacent beamformers. Therefore, in the RANSAC procedure of

the ith sequential iteration, we consider the union, consisting of the set Tb(i) and its adjacent sets, given by

T (i) = {Tb(i)−1 ∪ Tb(i) ∪ Tb(i)+1}. (24)

The beam index b(i) refers to the beamformer, which captures the highest signal energy among all beam-

formers, hence, the particular set Tb in (23) for b = 0, . . . ,M − 1 with the largest cardinality, given by

b(i) = argmax
b∈{0,...,M−1}

|Tb|. (25)

4.3. Source Parameter Estimation

In the following, the iterative RANSAC method for estimating the DOA and PPS parameters of one

source at a time in the proposed sequential estimation procedure is explained [21, 22].

4.3.1. RANSAC

In each RANSAC iteration, K time-frequency points are sub-sampled at random from the set T (i) in (24)

and the corresponding PPS parameters are estimated by solving a system of K equations with K unknowns

given by 
ω(q

(i,λ)
1 )
...

ω(q
(i,λ)
K )

 =


1 2t(p

(i,λ)
1 ) . . . Kt(p

(i,λ)
1 )K−1

...
...

. . .
...

1 2t(p
(i,λ)
K ) . . . Kt(p

(i,λ)
K )K−1



ϕ
(i,λ)
1

...

ϕ
(i,λ)
K

 , (26)

where the corresponding least-squares (LS) solution yields the PPS parameter estimate ϕ̂(i,λ) =
[
ϕ̂
(i,λ)
1 , . . . , ϕ̂

(i,λ)
K

]T
.

The superscript (·)(i,λ) denotes the λth RANSAC iteration in the ith sequential iteration for λ = 1, . . . ,Λ,
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where Λ ∈ N is the number of RANSAC iterations. The time and frequency values at the time index

p = −
⌈
N−H

2

⌉
, . . . ,

⌊
N−H

2

⌋
and frequency index q = −

⌈
H−1
2

⌉
, . . . ,

⌊
H−1
2

⌋
of the STFT in (16), are given by

t(p) = ∆p,

ω(q) =
2πq

∆H
.

(27)

To ensure good conditioning for the polynomial interpolation (26), the K time instants t(p
(i,λ)
1 ), . . . , t(p

(i,λ)
K )

are sampled fromK non-overlapping, equal partitions of the time axis. For the kth partition for k = 1, . . . ,K,

this corresponds to the set

Pk = {(p, q) ∈ T (i)|(k − 1)N ≤ p < kN}, (28)

where N =
⌈
N−H
K

⌉
. The time and frequency index (p

(i,λ)
k , q

(i,λ)
k ) in (26) is thus sampled from Pk, according

to the discrete uniform distribution U{1, |Pk]} for k = 1, . . . ,K.

The source angle θ̂(i,λ), corresponding to the PPS parameter estimate ϕ̂(i,λ) from (26), is determined by

performing a spectral search on the i-source ML approximation in (14) as

θ̂(i,λ) = argmin
ϑ∈Q(i,λ)

fi(ϑ, ϕ̂
(i,λ)). (29)

The angular interval for the spectral search in (29) is determined using the function ϑMB(ω, b) in (21), given

by

Q(i,λ) =
[
min
n
ϑMB(ω̂

(i,λ)(n), b(i)),max
n

ϑMB(ω̂
(i,λ)(n), b(i))

]
, (30)

where b(i) and ω̂(i,λ)(n) =
∑K

k=1 kϕ̂
(i,λ)
k (∆n)k−1 are the beam index in (25) and the instantaneous frequency

corresponding to the PPS parameter estimate from (26), respectively.

To reduce the computational complexity in (29), the efficient implementation of the i-source ML ap-

proximation in (14) is used, in which, the estimated source parameters in the previous (i − 1) sequential

iterations are assumed to be fixed. As shown in Appendix A [37], this efficient i-source ML approximation

is given by

fi(ϑ, ϕ̂
(i,λ)) = ∥r̄(i−1)∥22 −

|āH(ϑ, ϕ̂(i,λ))r̄(i−1)|
∥â(ϑ, ϕ̂(i,λ))∥22

, (31)

where â(ϑ, ϕ̂(i,λ)) = Π⊥
Ā
(θ̂(i−1), Φ̂(i−1))ā(ϑ, ϕ̂(i,λ)). It is worth noting that the orthogonal projection matrix

Π⊥
Ā
(θ̂(i−1), Φ̂(i−1)) is already available from the computation of the residual received signal r̄(i−1) in (15).

4.3.2. Parameter Refinement

After Λ RANSAC iterations, the DOA and PPS parameter estimates of the ith source are determined

as

{θ̂(i), ϕ̂(i)} = {θ̂(i,λ
⋆), ϕ̂(i,λ⋆)}, (32)
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Algorithm 1 Sequential DOA-PPS Estimator

1: Initialization r̄(0) = x̄ ← Eq. (7)

2: for Source iterations i = 1, . . . , L do

3: Compute time-frequency beamspace representation T0, . . . , TM−1 of residual r̄(i−1) ← Eq. (23)

4: Compute sparse support set for dominant beam T (i) ← Eq. (24)

5: for RANSAC iterations λ = 1, . . . ,Λ do

6: Estimate candidate PPS parameters ϕ̂(i,λ) ← Eq. (26)

7: Estimate candidate DOA θ̂(i,λ) ← Eq. (29)

8: Cost function evaluation using i-source ML approximation fi(θ̂
(i,λ), ϕ̂(i,λ)) ← Eq. (31)

9: Select parameter estimates that minimize i-source ML approximation θ̂(i), ϕ̂(i) ← Eq. (32), (33)

10: Parameter refinement θ̂(i), Φ̂(i) based on i-source ML approximation fi(θ,Φ) ← Eq. (34)

11: Signal elimination in raw data via residual r̄(i) ← Eq. (15)

12: return θ̂(L), Φ̂(L)

which correspond to the best-fitting candidate parameter estimates, found in the (λ⋆)th RANSAC iteration,

such that

λ⋆ = argmin
λ∈{1,...,Λ}

fi(θ̂
(i,λ), ϕ̂(i,λ)). (33)

It is worth noting that the source parameter estimates of the ith source in (32) are only coarse estimates

of the true source parameters. This is because the accuracy of ϕ̂(i) is limited by the frequency resolution

2π
∆H of the STFT in (16) and the accuracy of θ̂(i) is limited by the angular grid resolution of Q(i,λ) in (30).

Therefore, a gradient-based parameter refinement step is performed subsequently to the RANSAC method.

This refinement is a local gradient search on the original i-source ML approximation in (14) as

{θ̂(i), Φ̂(i)} = argmin
θ,Φ

fi(θ,Φ), (34)

where the initial values θ0 =
[
θ̂(i−1), θ̂(i)

]
∈ Ri and Φ0 =

[
Φ̂(i−1), ϕ̂(i)

]
∈ RK×i are obtained from the

source parameter estimates in the previous (i− 1) sequential iterations and the source parameter estimates

of the ith source in (32). The gradient of the original i-source ML approximation fi(θ,Φ) in (14) is provided

in Appendix B.

Subsequently, the residual received signal r̄(i) is obtained, according to (15), using the refined parameter

estimates {θ̂(i), Φ̂(i)} of the i sources in (34). In the (i + 1)th sequential iteration, the residual received

signal r̄(i) is then processed in (16) to effectively form the sparse support T (i+1) in (24) of the remaining

sources. The sequential DOA-PPS estimator described in Sections 4.1 - 4.3 is summarized in Alg. 1.

13
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Figure 3: Sparse support of the time-frequency spatial signatures and the margins (red)
{
ω̂(i)(n) + 2π

∆H
, ω̂(i)(n)− 2π

∆H

}
corresponding to the set C(i) in (35) for i = 1, . . . , L.

4.4. Low-Cost Sequential DOA-PPS Estimator

We introduce a simplified variant of the sequential DOA-PPS estimator in Alg. 1 that trades performance

for reduced complexity. The effects of each simplification on the estimation performance are investigated

separately.

4.4.1. Complexity Reduction for the Data Processing

The processing of the measurement data in Alg. 1, described in Sections 4.1 - 4.2, consists of obtaining

the sparse support T (i) in (24) by processing the residual received signal r(i−1) in (15) in each sequential

iteration. The total complexity of computing the STFTs in (16) is thus of order O(ML(N −H)H logH).

In this simplified variant, source elimination is performed directly in the time-frequency-beamspace

domain rather than on the original measurements. Consequently, the processing steps in Sections 4.1 - 4.2

are executed only once, reducing the STFT computation complexity to O(M(N − H)H logH). This is

accomplished by determining the time-frequency points of the sparse support set T (i), which lie within one

STFT frequency bin 2π
∆H around the estimated instantaneous frequency ω̂(i)(n) of the ith source [38]. In

the ith sequential iteration, this corresponds to the set

C(i) =
{
(pj , qj) ∈ T (i) : |ω̂(i)(n)− ω(qj)| ≤

2π

∆H
,∆n = t(pj)

}
, (35)

where ω̂(i)(n) =
∑K

k=1 kϕ̂
(i,λ⋆)
k (∆n)k−1 is formed from the PPS parameter estimates {ϕ̂(i,λ

⋆)
1 , . . . , ϕ̂

(i,λ⋆)
K } of

the ith source in (32). Afterwards, the ith estimated source is eliminated from T (i) by performing the set

difference as

T (i+1) = T (i) \ C(i). (36)

In Fig. 3, the margins
{
ω̂(i)(n) + 2π

∆H , ω̂
(i)(n)− 2π

∆H

}
and the set C(i) for i = 1, . . . , L of the sparse support

in Fig. 2d are shown.

To simplify the parameter refinement of Alg. 1, the local gradient search on the i-source ML approxima-

tion in (34) is replaced by the LS refitting using the time-frequency points at the elements in the set C(i).
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This corresponds to the overdetermined system of |C(i)| > K equations with K unknowns given by
ω(q1)

...

ω(q|C(i)|)

 ≈

1 2t(p1) . . . Kt(p1)

K−1

...
...

. . .
...

1 2t(p|C(i)|) . . . Kt(p|C(i)|)
K−1



ϕ
(i)
1

...

ϕ
(i)
K

 , (37)

where the LS solution yields the refined PPS parameter estimate of the ith source ϕ̂(i) =
[
ϕ̂
(i)
1 , . . . , ϕ̂

(i)
K

]T
.

4.4.2. Complexity Reduction for RANSAC

In the RANSAC method of Alg. 1, the spectral search on the i-source ML approximation in (31) over the

angular interval Q(i,λ) is performed in each RANSAC iteration. Hence, the total complexity of applying the

RANSAC method for the estimation of the parameters of the L sources in Alg. 1 is of order O(GΛL(MN)2),

where G ≥ |Q(i,λ)| represents the maximum number of elements in the angular interval Q(i,λ) in (30).

In the simplified variant, we reduce this complexity by replacing the exhaustive spectral search over

Q(i,λ) with random uniform sampling, such that

θ̂(i,λ) = ϑ ∈ Q(i,λ), ϑ ∼ U{1, |Q(i,λ)|}. (38)

Furthermore, the polynomial-phase beamformer f1(θ,ϕ) in (13) is used to evaluate the candidate DOA and

PPS parameter estimates, θ̂(i,λ) and ϕ̂(i,λ) in (38) and (26), respectively, thus replacing the i-source ML

approximation criterion in (33), such that

λ⋆ = argmax
λ∈{1,...,Λ}

f1(θ̂
(i,λ), ϕ̂(i,λ)). (39)

The total RANSAC complexity of the low-cost sequential estimator is thus reduced to O(ΛLMN).

Moreover, in the low-cost sequential estimator, the local gradient search in (34) is performed only once on

the full-source ML cost function fL(θ,Φ) in (10), where the initial values are the DOA and PPS parameter

estimates {θ̂(i,λ⋆), ϕ̂(i,λ⋆)} of the L sources, according to (32) and (39) for i = 1, . . . , L. The low-cost

sequential DOA-PPS estimator is summarized in Alg. 2.

5. Numerical Results

In this section, we numerically evaluate the parameter estimation performance and computational com-

plexity of the proposed methods in Alg. 1 and 2, along with the methods from [28] and [30], using Monte-Carlo

simulations.

5.1. Simulation Setup

We consider the sonar application scenario specified in [27] with a uniform linear array composed of

M = 8 omnidirectional sensors (hydrophones) with a distance d = 1.5 m between adjacent sensors. The
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Algorithm 2 Low-Cost Sequential DOA-PPS Estimator

1: Initialization x̄ ← Eq. (7)

2: Compute time-frequency beamspace representation T0, . . . , TM−1 of x̄ ← Eq. (23)

3: for Source iterations i = 1, . . . , L do

4: Compute sparse support set for dominant beam T (i) ← Eq. (24)

5: for RANSAC iterations λ = 1, . . . ,Λ do

6: Estimate candidate PPS parameters ϕ̂(i,λ) ← Eq. (26)

7: Estimate candidate DOA θ̂(i,λ) ← Eq. (38)

8: Cost function evaluation using single-source ML approximation f1(θ̂
(i,λ), ϕ̂(i,λ)) ← Eq. (13)

9: Select parameter estimates that maximize single-source ML approximation θ̂(i), ϕ̂(i) ← Eq. (32), (39)

10: Parameter refinement based on subsampling and LS estimation ϕ̂(i) ← Eq. (37)

11: Signal elimination in sparse support set T (i+1) ← Eq. (36)

12: Parameter refinement θ̂(L), Φ̂(L) based on full-source ML cost function fL(θ,Φ) ← Eq. (34)

13: return θ̂(L), Φ̂(L)

wavefront propagation speed in the medium is c = 1500 m/s. Hence, the cut-off frequency for spatial

aliasing is ω0 = πc
d = πkHz, and the passband carrier frequency is ωc = 2πfc = 0.9πkHz. The sampling

period is ∆ = 1
fs

= 0.01s and the number of snapshots is N = 128. Table 1 summarizes the parameters

of the L = 4 fourth-order PPSs under consideration, which correspond to the signal waveforms used in

[23]. The source angles in Table 1 correspond to the angular locations with maximum overlap of adjacent

beamformer mainlobes at ϑMB(ωc, b± 1
2 ) in (21). The receiver knows both the number of sources L and the

polynomial order K = 4. The term 2πfc in the initial frequency coefficient ϕℓ,1 refers to the up-conversion

of the baseband signal to the passband, so that the transmit signal model in (1) is obtained. The baseband

received signal in (4) is obtained by down-converting the passband received signal to the baseband before

sampling the signal. The complex signal amplitudes are α = [1, j,−1,−j]T and the signal-to-noise ratio

(SNR) in dB is −10 log σ2, where σ2 denotes the noise power. The proposed methods use Λ = 500 RANSAC

iterations. The STFT in (16) employs a 64-point zero-padded DFT with a rectangular window of width

H = 16. The detection threshold ϵ in (23) is set to the 90th percentile of magnitude values |zb(p, q)| in

(17). An angular grid resolution of δθ = 1◦ is used for Q(i,λ) in (30) and the methods in [28] and [30]. The

local gradient search in (34) uses the BFGS Quasi-Newton algorithm with backtracking line search [39]. All

simulations are performed on an AMD EPYC 9554P CPU.

The Root-Mean-Squared-Error (RMSE) corresponding to the estimated parameters is compared against

the Cramér-Rao bound in [27] that is reparametrized to match the received signal model in (7). The RMSE
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θℓ [deg] ϕℓ,0 [ rads ] ϕℓ,2 [ rads2 ] ϕℓ,3 [ rads3 ] ϕℓ,4 [ rads4 ]

ℓ = 1 -25 2π(fc − 16) -12 175 12

ℓ = 2 -8 2πfc 150 0 0

ℓ = 3 8 2πfc -150 0 0

ℓ = 4 25 2π(fc + 16) 12 -175 -12

Table 1: Source angle and polynomial coefficients of L = 4 PPSs under consideration

is defined as

RMSE(ψ) =

√√√√ 1

RL

R∑
r=1

L∑
ℓ=1

(ψℓ − ψ̂r,ℓ)2, (40)

where ψℓ ∈ {θℓ, ϕℓ,1, . . . , ϕℓ,K} denotes a true parameter of the ℓth source and ψ̂r,ℓ is its estimate in the rth

Monte-Carlo run. The number of Monte-Carlo runs is R = 1000.

5.2. Estimation Error Performance and Execution Time With Four PPSs

First, the estimation error performance and execution time of the methods under consideration for the

L = 4 PPSs specified in Table 1 is analyzed. In Fig. 4, the RMSE of the DOA and PPS parameters

is plotted for varying SNR levels. The two proposed methods achieve the CRB for all parameters from

SNR = 0 dB. Alg. 1 has a lower SNR threshold (about 5 dB) than Alg. 2 for all parameters. These

results indicate that the i-source ML approximation yields more accurate candidate parameter estimates

via RANSAC than the polynomial-phase beamformer, due to its sequentially tighter model approximation.

The local gradient search on the i-source ML approximation in Alg. 1 in each sequential iteration further

improves the estimation accuracy. Results are also shown for variants of the proposed methods without

performing the local gradient search in (34). These variants exhibit significantly higher RMSE compared

to the original methods, indicating that the local gradient search on the full-source ML cost function with

suitable initialization is essential for approaching the CRB in multi-source DOA-PPS estimation. The

methods in [28] and [30] show high RMSE across all SNR values, possibly due to cross-terms between signal

components in their cost functions and their reliance on the gradient-free Nelder-Mead optimization method

[39]. In Fig. 5, the execution time of the methods under consideration is plotted against the number of

sensors M at SNR = 20 dB to analyze the computational complexity. It can be observed that Alg. 1

requires about one magnitude longer execution time compared to Alg. 2. This difference mainly stems from

their distinct approaches to estimate the candidate DOA θ̂(i,λ) from the angular interval Q(i,λ) in (30), i.e.,

spectral search in (29) versus random sampling in (38). For comparison, the execution time of the search-

free scheme of Alg. 1 is provided, where θ̂(i,λ) is also obtained by sampling a random angle from Q(i,λ).

This search-free scheme of Alg. 1 results in a considerably shorter execution time compared to the original
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Figure 4: RMSE (40) vs. SNR for L = 4 PPSs in Table 1 with N = 128 snapshots and M = 8 sensors.

scheme, although it is still considerably longer than that of Alg. 2. The methods in [28] and [30], which

perform a spectral search over the field of view in each sequential iteration, exhibit similar execution time

that is comparable to Alg. 2.

5.3. Resolution Capability for Closely Spaced Time-Frequency Spatial Source Signatures

In this section, the capability of the methods under consideration in resolving the closely spaced time-

frequency spatial signatures of two quadratic-phase signal sources is investigated. The first source has fixed
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Figure 5: Execution time vs. number of sensors M for L = 4 PPSs in Table 1 with N = 128 snapshots and SNR = 20 dB.

parameters θ1 = 8◦, ϕ1,1 = 2π(fc + 16) and ϕ1,2 = −150 rad
s2 . In each experiment, two parameters of the

second source are kept identical to the first source, whereas the third parameter is varied by a positive

off-set. The SNR is 20 dB with N = 128 snapshots and M = 8 sensors.

In Fig. 6, the angular offset between the two sources δθ = θ2− θ1 is varied between 2◦ and 20◦, whereas,

the PPS parameters of both sources are identical, i.e., ϕ1 = ϕ2. It can be observed that Alg. 1 achieves the

CRB for angular separations exceeding δθ = 5◦, whereas Alg. 2 has a significantly higher resolution threshold.

A cause for this high error of Alg. 2 for low angular separations is that, in estimating the first source, the

set C(1) in (35) contains the sparse support of both sources, such that, the set difference T (2) = T (1) \ C(1)

in (36) results in the removal of the sparse support of the second source. This demonstrates the limitation

of the refitting step, described in (35) - (37), in the case of closely spaced time-frequency spatial source

signatures. On the other hand, in Alg. 1, the sparse support set T (2) is obtained by processing the residual

received signal in (15) in each sequential iteration, which is also effective in the case of closely spaced source

signatures. It can be further observed that the methods in [28] and [30] struggle to resolve the sources for

all δθ values, which is likely due to the dechirping-based extraction of estimated sources in the data that

implicitly requires the source signatures to be well-separated in the time-frequency domain.

In Fig. 7, the separation in the initial frequency δϕ1 = ϕ2,1 − ϕ1,1 is varied between 2 rad
s and 100 rad

s ,

whereas, the DOA and linear chirp rate of both sources are identical, i.e., θ1 = θ2 and ϕ1,2 = ϕ2,2. Similarly,

it can be observed that Alg. 1 has a significantly lower resolution threshold compared to Alg. 2. Precisely, the

refitting step of Alg. 2 is effective in this experiment, when the instantaneous frequency of the second source is

partially outside the margins of the set C(1) shown in Fig. 3, given by
{
ω̂(1)(n) + 2π

∆H , ω̂
(1)(n)− 2π

∆H

}
. Hence,

the refitting step requires the difference in the instantaneous frequencies of the two signals to be larger than

one frequency bin of the STFT. This corresponds to the lower bound δϕ1 = |ω2(n)− ω1(n)| > 2π
∆H ≈ 39 rad

s

for the resolution threshold of Alg. 2 in this experiment. While the dechirping-based source mitigation used

in the methods in [28] and [30] generally performs better when the instantaneous frequencies of the signals

are better separated in frequency (δϕ1 > 0), these methods still struggle to resolve the sources for all δϕ1
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Figure 6: RMSE (40) vs. angular separation δθ = θ2 − θ1 for two quadratic-phase signals with ϕ1 = ϕ2.

values.

In Fig. 8, the linear chirp rate δϕ2 = ϕ2,2 − ϕ1,2 is varied between 2 and 100 rad
s2 , whereas, the DOA

and initial frequency of both sources are identical, i.e., θ1 = θ2 and ϕ1,1 = ϕ2,1. Similarly, it can be

observed that Alg. 1 has a significantly lower resolution threshold compared to Alg. 2. In this experiment,

the time-dependent difference in the instantaneous frequencies of the signals is given by δω(n) = ω2(n) −

ω1(n) = 2(δϕ2)(∆n). The refitting step of Alg. 2 is thus effective in this experiment, when the instantaneous

frequency of the second source is partially outside the margins
{
ω̂(1)(n) + 2π

∆H , ω̂
(1)(n)− 2π

∆H

}
in Fig. 3,

i.e., max
n
|δω(n)| > 2π

∆H , which corresponds to the lower bound δϕ2 >
2π

∆2(N−1)H ≈ 61 rad
s2 for the resolution

threshold of Alg. 2 in this experiment. Although the dechirping-based source mitigation in [28] and [30]

performs better with larger frequency separation between signals (δϕ2 > 0), these methods struggle to

resolve the sources across all tested δϕ2 values.

6. Conclusion

In this work, sequential estimators for the multi-source DOA-PPS estimation problem have been pro-

posed. The measurement data is transformed into the time-frequency-beamspace domain through sensor-

wise time-frequency analysis and coherent array processing. The algorithm leverages the sources’ sparse
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Figure 7: RMSE (40) vs. frequency separation δϕ1 = ϕ2,1 −ϕ1,1 for two quadratic-phase signals with θ1 = θ2 and ϕ1,2 = ϕ2,2.

representation and employs RANSAC to estimate the DOA and polynomial-phase parameters of one source

at a time using sequential approximations of the ML cost function. Numerical experiments demonstrate that

the proposed methods can achieve the Cramér-Rao bound of all parameters. The low-cost variant of the

proposed methods is computationally more efficient, but shows limitations in resolving sources with closely

spaced time-frequency spatial signatures.

In future work, improving the accuracy of the source parameter estimates obtained from the RANSAC

method in (32) is of high interest, because it can be observed in Fig. 4 that the RMSE of the proposed

methods without performing the local gradient search is poor. This can be accomplished, e.g., through

time-variant beamforming that is matched to the change in the instantaneous frequency of the impinging

PPSs to achieve fully coherent processing of the array measurements. Similarly, subarray processing can

also be considered, where the size of the subarrays is defined by the space-time interval described in (20)

for coherent processing of the measurements. While this work focuses on sequential estimation of individual

sources, future research could explore simultaneous estimation of source pairs. As discussed in Section

4.2, estimating all sources simultaneously with RANSAC leads to prohibitive computational complexity.

However, a modified sequential approach that estimates two sources per iteration could potentially maintain

estimation accuracy while reducing computational cost compared to the proposed methods.
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Figure 8: RMSE (40) vs. chirp rate separation δϕ2 = ϕ2,2 −ϕ1,2 for two quadratic-phase signals with θ1 = θ2 and ϕ1,1 = ϕ2,1.

Appendix A. Efficient i-Source ML Approximation

Following a similar approach as in [37], we derive the efficient implementation of the i-source ML ap-

proximation in (31), which is obtained from the original i-source ML approximation in (14), by assuming

that the source parameter estimates in the previous (i − 1) sequential iterations are fixed. For simplicity

of notation, we denote the array response matrix in the λth RANSAC iteration of the ith iterations as

[Ā, ā] ∈ CMN×i, where Ā = Ā(θ̂(i−1), Φ̂(i−1)) ∈ CMN×(i−1) is the array response matrix of the (i − 1)

estimated sources in the previous iterations and ā = ā(ϑ, ϕ̂(i,λ)) ∈ CMN is the array response vector of the

ith source with source angle ϑ and PPS parameter estimate ϕ̂(i,λ) from (26).

The original i-source ML approximation in (14) can then be expressed as

fi(ϑ, ϕ̂
(i,λ)) = ∥Π⊥

[Ā,ā]x̄∥
2
2. (A.1)

Using the property Π⊥
[Ā,ā]

= Π⊥
Ā
−ΠΠ⊥

Ā
ā, this cost function can be rewritten as

fi(ϑ, ϕ̂
(i,λ)) = |x̄HΠ⊥

Āx̄− 2x̄H(Π⊥
Ā)HΠâx̄+ x̄HΠâx̄|, (A.2)
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where â = Π⊥
Ā
ā and Πâ = ââH

∥â∥2
2
. The efficient i-source ML approximation is then obtained as

fi(ϑ, ϕ̂
(i,λ)) = ∥r̄(i−1)∥22 −

|āHr̄(i−1)|2

∥â∥22
, (A.3)

where r̄(i−1) = Π⊥
Ā
x̄ is the residual received signal in (15). This efficient implementation is related to the

orthogonal matching pursuit (OMP) method, which has recently been applied in DOA estimation [40–42].

Appendix B. Gradient Derivation

For the local gradient search in the ith sequential iteration in (34), the gradient of the i-source ML

approximation fi(θ,Φ) in (14) with respect to the DOAs θ ∈ Ri and PPS parameters Φ ∈ RK×i of the

i sources is required. For simplicity of notation, the array response matrix is denoted as Ā = Ā(θ,Φ) ∈

CMN×i. The i-source ML approximation in (14) can be expressed as

fi(θ,Φ) =
∥∥Π⊥

Āx̄
∥∥2
2
,

= |x̄Hx̄− x̄HĀ
(
ĀHĀ

)−1
ĀHx̄|.

(B.1)

The differential dfi(θ,Φ) in dependence of the differential dĀ can then be obtained using the product rule

[43], given by

dfi(θ,Φ) = −
∣∣∣x̄H(dĀ)

(
ĀHĀ

)−1
ĀHx̄+ x̄HĀ(d

(
ĀHĀ

)−1
)ĀHx̄+ x̄HĀ

(
ĀHĀ

)−1
(dĀH)x̄

∣∣∣, (B.2)

Given that ĀHĀ ∈ Ci×i is a complex-valued square matrixZ, the differential properties dZ−1 = −Z−1(dZ)Z−1

and d(ZH) = (dZ)H [43] can be used to simplify the differential dfi(θ,Φ) to

dfi(θ,Φ) =
∣∣∣α̂Hd

(
ĀHĀ

)
α̂
∣∣∣− 2Re

{
xH(dĀ)α̂

}
, (B.3)

where the amplitude vector α̂ = Ā†x̄ ∈ Ci is obtained according to (9). The left term can be rewritten

using the product rule d(Z1Z2) = (dZ1)Z2 + Z1(dZ2). The differential dfi(θ,Φ) can then be summarized

as

dfi(θ,Φ) = 2Re
{
α̂HĀH(dĀ)α̂− xH(dĀ)α̂

}
. (B.4)

The derivative of Ā with respect to the scalar parameter ψ ∈ {θ1, ϕ1,1, . . . , ϕ1,K , . . . , θi, ϕi,1, . . . , ϕi,K} is

given by

D̄ =
dĀ

dψ
∈ CMN×i. (B.5)

The gradient of the i-source ML approximation with respect to ψ is then obtained as

dfi(θ,Φ)

dψ
= 2Re

{
α̂H

(
ĀHD̄

)
α̂− x̄HD̄α̂

}
. (B.6)
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[29] I. Djurović, S. Djukanović, M. Simeunović, P. Raković, B. Barkat, An efficient joint estimation of wideband polynomial-

phase signal parameters and direction-of-arrival in sensor array, EURASIP Journal on Advances in Signal Processing

2012 (1) (2012) 43. doi:10.1186/1687-6180-2012-43.
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