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Abstract—We present a computationally-efficient algorithm for
time-of-arrival (ToA) estimation that is robust under multipath
propagation and strong interference. Our algorithm leverages
multiple receive antennas to combine adaptive spatial filtering
with autodifferentiation in order to super-resolve the tap of the
first-arriving path at low computational complexity and without
requiring model-order estimation. We use simulations with ray-
traced indoor propagation channels to demonstrate significant
performance improvements over conventional correlation-based
ToA estimation methods and subspace techniques such as JADE.

I. INTRODUCTION

Time-of-arrival (ToA) estimation is fundamental to wireless
communication systems, where it enables synchronization
mechanisms such as frame-start detection or wireless time
transfer [1], and to positioning systems, where it is critical to
determine the time-of-flight of a ranging signal [2]. Emerging
applications and deployment scenarios are imposing stricter
requirements for ToA estimation: communication networks
are expected to (i) become more dense, increasing the like-
lihood of mutual interference [3], and (ii) require tighter
time synchronization to enable functions such as distributed
beamforming in cell-free architectures [4], [5]. At the same
time, both communication and positioning systems are expected
to operate indoors and in dense urban environments, where the
impact of multipath propagation on ToA estimation is more
severe. These trends call for highly accurate ToA estimation
methods that remain reliable in interference-prone, multipath-
rich environments without prior knowledge of the number of
interference sources or propagation paths. Existing estimation
techniques, however, require model-order information, have
a prohibitive computational complexity, degrade under strong
interference, and/or suffer from multipath-induced bias.

A. Contributions

In order to address the limitation of existing ToA estimation
methods, we propose a computationally efficient generalized
likelihood-ratio test (GLRT)-based algorithm that leverages
multiple receive antennas. Our method (i) is resilient to
interference and multipath and (ii) achieves super-resolution
with no prior knowledge of the number of propagation paths.
To arrive at a computationally-efficient implementation, we
leverage automatic differentiation with JAX [6], which enables
sub-12ms processing latency on general-purpose hardware.
To validate the robustness and accuracy of our algorithm, we
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perform simulations using ray-traced wireless channels for an
indoor factory environment at a carrier frequency of 15 GHz.

B. Related Work

While numerous ToA estimation techniques exist in the
literature, especially for frame-start detection [7], [8], none
jointly address interference, multipath propagation, and high-
resolution estimation with tractable computational complexity.

For frame-start detection, reference [9] proposes a GLRT-
based approach for multi-antenna systems in frequency-
selective channels with interference. However, interference
is modeled as Gaussian noise, which might poorly model
interference, and the algorithm complexity is prohibitive.
Building on the same approach, reference [10] derives a
reduced-complexity variant for frequency flat channels, which
does not extend to frequency-selective channels. The JASS
algorithm in [11] proposes a spatial filtering approach to tackle
jamming with tractable complexity, but only for frequency-flat
channels. In addition, none of the above methods account for
subsample timing offsets, which inevitably results in insufficient
accuracy for clock synchronization and positioning.

For highly accurate ToA estimation, spectral estimation
methods—namely subspace-based methods and compressive
sensing methods—have been proposed to decompose a channel
estimate into its multipath components (MPCs) and estimate
their individual delays [12]. Subspace-based methods include
extrema-searching techniques (e.g., MUSIC [13]), polynomial-
rooting techniques (e.g., root-MUSIC [14]), and matrix-shifting
techniques (e.g., ESPRIT [15] or JADE [16]). Such methods
offer high resolution at manageable complexity, but require
model-order knowledge and are known (i) to incur severe
errors if the model-order is underestimated or (ii) produce
spurious estimates if the model-order is overestimated—this
complicates their deployment in real systems. Compressive-
sensing-based methods exploit multipath delay sparsity to avoid
explicit model-order selection. Prominent methods include
on-grid basis pursuit denoising [17], [18], gridless atomic-
norm minimization [19], [20], and covariance-fitting [21], [22].
Despite their super-resolution capabilities and automatic model-
order selection, such methods typically require prohibitive
complexity, which precludes them from real-time application.

C. Notation

Bold lowercase letters denote vectors (e.g., a), bold upper-
case letters represent matrices (e.g., A), lowercase letters denote
scalars (e.g., a), and uppercase letters represent algorithm,
system, and model parameters (e.g., A). For a vector a, a,
corresponds to the nth entry. The symbol ® denotes the
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Hadamard product, F the unitary discrete Fourier transform
(DFT) matrix, and I4 the A x A identity. Conjugate, transpose,
and conjugate transpose are denoted by (-)*, (-)T, and (-)H,
respectively. The Euclidean norm is || - || and the Frobenius
norm ||-|| 7. The operators ||, [], and |-] denote floor, ceiling,
and closest integer, respectively. For a scalar function f(-), f/()
denotes the derivative and f”(-) the second derivative.

II. SYSTEM MODEL

Our ToA estimation algorithm is designed for multi-antenna
receivers that receive a known signal coming from a primary
single-antenna transmitter. We assume that the primary trans-
mitter transmits a K -length synchronization sequence ss € CX
and that the receiver is equipped with an M -antenna uniform
rectangular array (URA).! The synchronization sequence is
pulse-shaped with a known filter gs(t), ¢t € R, resulting in the
baseband transmit signal

K-1
= Z SkgS(t - kTsym)a (D

k=0
where Ty denotes the symbol period, and gs(¢) has a support
limited to t € [0, RTyym], i.e., it spans R symbols. Without loss
of generality, we assume that a single secondary transmitter
simultaneously broadcasts an unknown interference signal x(t),
t € R. We also assume that an oversampling factor P is used at
the receiver. We denote T = Tiym/P as the sampling period,
such that the sampled synchronization and interference signals,
delayed by 7, are given, respectively, by

xs,r 0] = xs(lTs — 7), z1-[¢] = 21(Ts — 7), £ € Ng.  (2)

In what follows, we consider a frequency-selective block-
fading channel model, in which all channel coefficients remain
constant over the entire support of the synchronization signal.
Thus, we model the discrete-time received baseband signal as

Ls
= Z aS,nﬂS,nZES,Tg,n [6]

3)
n=1
L
+3 " arnBatig, [0 + ze, (4)
n=1

where the first Lg terms correspond to the MPCs of the
synchronization signal, the next L; terms correspond to the
MPCs of the interfering signal, and zy ~ CA(0, NoI,;) models
i.i.d. complex-valued circularly-symmetric Gaussian noise with
per-entry variance No. The column vectors ag,, € CM and
ar, € CM correspond to the array response vectors of the
nth MPC for the synchronization and interference signals,
respectively, and s, € C, fi, € C denote their complex
fading gains. The propagation delay of the nth MPC of the
synchronization signal is 75, € R" and the propagation delay
of the nth MPC of the interference signal is 71, € R™.

The receiver has an observation window of size of N =
P(K + R — 1) + Np samples that fits the sampled synchro-
nization signal with extra margin for time alignment, given

A generalization to other geometries is possible but not discussed further.

by Np. At time index /, the receiver aggregates all recorded
samples for all antennas in the matrix

Y=yl yll+1],....y[l+ N —1]], )
which can be compactly represented as
Ls LI
Yo=) asafsaXiry + Y ambaxiy +Z. (6
n=1 n=1
where Z = [z9,21,...2y_1] € CMXV, Xsr € CYN and

Xy € CN are column vectors given by

T
XS,TS,_’n = |:'rsv7's/,n [0}7 IS,TS',,” [1}7 cee azS,TS’,n [N - 1}:| (D

T
= Pm¢WWL$L¢nHL~~’$L¢nUV-H} . ®

and TS n =Ts,n — {1, and TI n = Ti,n — {Ts denote the delay
of the nth path of the synchronlzatlon signal and the nth path
of the interference signal offset by the start time of the current
observation window, respectively.

To make the dependence of the received signal on 75,
explicit, we further transform Y, into the DFT domain. The
matrix Y is obtained by applying the DFT to Y, row-wise,
ie, Y, =Y,FZ, and can be expressed as

X1, T n

Ls LI
T T 7
= § aS,nﬂS,nstTS’ . + E aI,nﬁI,nxLﬁ/ﬂ +Z

n=1

Ls
(é) Z aS,nﬁS,n (FXS,O O] d)(Té,n))T

n=1

n=1

L
+ Y anBiaXi, +Z, ©)
n=1

where Xg .= = Fxg ./ T
linear phase shift given by
¢(TS/ 71) = [eij2ﬂ-w07 67]‘27‘(‘0)1’ cees€
km !/
NT,'S™
S
with frequency indices k,, following the DFT ordering:

[ m, m:()ala'"vL(N*l)/?J,
™ lm-N, m=[N/2],...,N —1.

and ¢(

» X1 TI/, n

o =Fxp 74.,,) 18 the

*jzﬂwal] ,

(10)

Wm =

(1)

Given that the DFT is unitary, Z follows the same distribution
as Z. Step (1) applies the DFT time-shifting property. This
is valid provided that the circular shift implied by the phase
ramp coincides with the physical linear delay of the signal. The
condition Np > [max,, g ,,/Ts| ensures that the synchroniza-
tion signal’s components do not wrap around the observation
window.? In subsequent derivations, we use Xs (7'), as defined
in (9), as a shorthand for the frequency-domain synchronization
signal template at a delay 7'.

2For ToA estimation, it is only required that this condition holds for the
first MPC delay—this is implicitly assumed for the rest of the paper.



III. TOA ESTIMATION ALGORITHM
A. General Formulation

Our goal is to estimate the delay of the first-arriving MPC
of the synchronization signal, which we assume to be the ToA
of interest, while mitigating the impact of all other propagation
paths—be it from the same transmitter through multipath or a
potential interferer. Equivalently, given that 75 1 = fs 17 +7'S/,1,
we seek to determine fs 1 = |75,1/75] and the delay offset g ;.

Our algorithm leverages the fact that all but one of the
synchronization signal components in (9) can be treated as
interference. The proposed method builds upon the spatial
filtering idea put forward in [11] for jammer mitigation,
extending it to frequency-selective channels and subsample
ToA estimation. We start by formulating two hypotheses:

H, : Y, =bxf (7)) + BIX! + N,
HO : Y@ = BIXIT +N

(12)
13)

Hypothesis H; assumes that the synchronization signal is
present in the current window Y, at a hypothesized delay 7
with unknown spatial signature and gain modeled by b;; hy-
pothesis Hy assumes that the synchronization sequence is absent
and only nuisance MPCs are present. The matrix By aggregates
the spatial signatures and gains of all nuisance propagation
paths of the synchronization signal and all propagation paths
of the true interference, while X aggregates the corresponding
waveforms. To be precise, denoting bs, = as,fsn and
bI,n = aLnBLn, we have

B = [[bs,n]bs,n;ébl ’ [bl’"]}
X = [[is (Ts’,n)]fsfm#r; ’ [iI’TﬁHH

It follows that rank (BIX;‘F ) < Lg + L;, with equality when
all delays and array response vectors are distinct for both the
synchronization and interference MPCs and 75 ,, # 7. For the
following derivations, we denote I = rank(B; X7 ).

Based on the hypotheses H; and Hy, we employ a GLRT to
derive a score function S(¢,71) (see Sec. III-B) that quantifies
how well H; explains the observed signal relative to Hy. At the
true delays of the synchronization signal MPCs, this function is
expected to attain local maxima, i.e., H; should better explain
the received signal at those delays than in their immediate
vicinity. Hence, to estimate the ToA of the received signal, we
can move over consecutive receive blocks ?g, ¢ € Ny, and for
each of these windows, sweep 71 € [0,T%], stopping at the
first local maximum that exceeds a given detection threshold ~.
Mathematically, this corresponds to solving

(14)

(15)

lex

{ls1, 75,1} = (6,7), (16)

min
£€No, 71 €[0,T%]
S(¢,r)>y, S'(€,1)=0, 8" (¢,7{)<0

where lex stands for lexicographic order, which implies
that ¢ takes precedence over 77, i.e., among all pairs (¢,77)
satisfying the constraints, the smallest ¢ is selected first, and
for this ¢, the smallest 71 is then chosen. We emphasize that

our proposed ToA estimation algorithm follows this approach,
with a few simplifying approximations that reduce complexity.
The resulting procedure is summarized next.

B. GLRT Score Function
We first derive the score function S(¢, 7). To this end, we
introduce the projector onto span (X¢ (7)), defined as
~ Xk 7_/ )N(T 7_/
HS (T{) — ~S( }) ~S ( /1)
[1%s (1)l [1%s (1)
and the projector onto its orthogonal complement, defined as
T (r) = Iy —TIs (). (18)
1) Hypothesis H;: Starting with H;, the log-likelihood of
the unknown parameters can be expressed as

61 (bl,B[,X],N0|Yg> = —MNIn (T(NQ)

=us(r)ad (7)), A7

]_ - B 2
N HYZ &% () — BIXITHF. (19)

=@
The quantity 1 can be further decomposed by exploiting
the orthogonality property of the Frobenius norm, yielding

~ o~ - 2
Q1 =¥ () - BXIT ()|

~ o~ ~ 2
|| Yot (7)) = bixd () - BIX{ T (7))

~ 2
_ HYLL (r]) — UIX’HF+ lz¢ (]) — b, — Ure|>. (20)

Let USV{ be the SVD of By Then Y, (1) =
YT (r1), 2 (1) = Yeus (r7), by = bulxs (m)], X =
SIVEXTIT (7)) and ¢ = S VEXTGg (7). The unknown
parameters Uy, X', b/, and ¢ can be estimated via maximum
likelihood estimation by minimizing ¢);. The minimization
of the second term yields the trivial least-squares solution
b} = z; (1) — Ujc, which, when substituted back into @1,
collapses the second term to zero. Hence, we obtain

A - 2
{UhX'} = arg Irjil,i)r(l’ HY[’J_ (T{) - UXx’ ] 21
For X', this corresponds to the least-squares solution
X' =UHY, (1)), (22)
and substituting it back into (21), we obtain:

. - - 2
U = arg min ’YM (7)) — UUAY, | (r]) ’ .3

1 F

According to the Eckart-Young-Mirsky theorem [23], U is
given by the leading I singular vectors of Y, | (71) as

Ur=Ug, ()11 (24)
Substituting back all estimates into ()7 results in
A - 2
Q1(01 X\ B e) = Yo () - OX|
oA - 2
= | (w - 00f) YT (|| @)
N———

—5.(+)



where P, (71) is the projector onto the orthogonal complement
of the estimated interference subspace at delay 7. Finally, the
unknown noise variance can be estimated as’

Ny

arg max [— (M —I)(N —1)In (7 Ny)

o LI GIR L NCH)

e

= [PehveT (T{)Hi M -DV-1). @)

2) Hypothesis Hy: Moving to Hy, the log-likelihood of the
unknown parameters can be expressed as

l (BI,XI,NOD?g) — — MNln(rNp)

1 1~ 2
——|v.-B XTH 28
NQ H ¢ i F ( )
—_———
=Qo
Analogous to (20), the quantity )y can be decomposed as

~ 2
Qo = HYM () — UIX’HF +lze (7)) = Urel. (29)

In this case, the optimal estimate of Uj is not strictly
determined by the first term of (29). Nevertheless, the projection
T(r]) only attenuates the nuisance MPCs—reducing the
effective interference-to-noise ratio (INR) without altering the
column space of the received signal matrix. Thus, the singular

vectors estimated from the projected signal ?e, () and from

the full observation Yg coincide when INR — oo or N — oo.

Therefore, to reduce complexity and forego the need for a
second subspace estimate, we reuse the estimate ﬂl from (24)
for Hy. As a further approximation, we also reuse the noise
variance estimate NO from (27) for Hy.*

With these two approximations, the score function becomes

~ 1 N
S(tm) = gmax —MNln (M) - o (01X}, ¢)
N 1 N
~max—MNIn (NO) % Qo (U[,X’,C)
1 AT
= —max ——||z¢ (17) — UJCH
¢ 0

ey
By |

(30)

This score function has an intuitive interpretation: it first
applies a spatial filter to suppress all components except the one
at the hypothesized delay, then correlates the filtered output
with the corresponding reference waveform, normalized by
its energy. The score function is inversely weighted by the
estimated noise power, reducing confidence in the hypothesized
component as the noise power increases.

3P(7}) and T(7]), with rank M — I and N — 1, reduce the effective
number of degrees of so the factor M N is replaced by (M — I)(N — 1).

4A separate estimate could be obtained from lag(T{)Yg with slightly lower
variance. However, since the noise model is identical under both hypotheses and
the additional projection T(77) does not affect the noise power, reusing No
remains (asymptotically) unbiased and statistically consistent.

C. Approximate Procedure

Solving the ToA estimation problem as stated in (16) would
result in prohibitive complexity: for every new signal sample
and every single delay 7{ tested within the corresponding
window—in principle over a very fine grid—a new partial
eigenvalue decompostion (EVD) of the M-by-M covariance
matrix of ?g, 1 (77) would have to be performed to determine
the leading I singular vectors required to build P,(7’). To
reduce complexity, we propose to split the optimization problem
into two sequential stages: (i) coarse ToA estimation and (ii)
fine ToA estimation.

1) Coarse ToA Estimation: Coarse ToA estimation deter-
mines only the sample index /5. For this stage, we fix
71 = 0 and assume a rank-I¢ approximation of the interference
subspace. Because 77 is fixed, transforming the received signal
to the frequency-domain becomes unnecessary, so the coarse
ToA problem is formulated as

[P Y s

>, (€20)
[P Y, T}

fs1 = min /
’ £eNy

where ug = X;O/HX&O , T = INfusug, P, = IMfIAJIIAJIH,
with Uy = Uy, 1.1, and D = (M — Ic)(N —1). This stage is
deemed successful if l?s,l € {ls1—1,051,0s1+ 1} We allow
for an error of -1 sample to account for the fact that ug will not
be perfectly aligned with the true ug -, = X;Té,l/HxS’Ts’,l B
In the fine ToA estimation stage, we then sweep the subsample
delay 7§ ; over an extended interval [0, 27| to account for the
sample index uncertainty.

2) Fine ToA Estimation: Fine ToA estimation determines
only the subsample offset TS’$1 within the window set by the

previous stage. We fix £ = 2571 — 1 and assume a rank-/Ig
approximation of the interference subspace, with Ic < I <

M — 2. We formulate the fine ToA estimation problem as

min T4, (32)
71€[0,2T%]

S'(fs,1—1,11)=0, 8" (5,1 —1,7{)<0

Al _
Ts1 =

that is, we set 7g, as the first local maximum of the
score function evaluated for ?25,1—1' To find this maximum
efficiently, we partition the search interval [0, 27%] into J sub-
intervals of length h = 27,/J, with endpoints Té’j = jh,
7 =0,...,J —1 and find the smallest indices j*, j* 4+ 1 for
which the derivative of the score function undergoes a sign
change from positive to negative. Formally,

-k

j* = i 63

min

. i€{0,...,J -2}
S'(8s1 —1,7’é,j)>0, S'(0s 1 —1,7’é,j+1)<0

This procedure brackets the first local maximum inside the
[Té’ 3% T]::’ 3+ 1) interval, significantly reducing the search space
for 75 . To compute the derivative of the score function,
S'(fs, — 1,7]), we implement both estimation stages in
JAX [6] and leverage its automatic differentiation capabilities,
circumventing the need for deriving a closed-form expression
of the derivative. In addition, JAX also allows for just-in-time



TABLE I
SUMMARY OF DELAY RESOLVABILITY.

Delay Separation A7) [Samples]  Jmax
SNR

ATgon ATy ATog
10dB 0.32 0.29 0.24 5
20dB 0.18 0.16 0.14 8
30dB 0.10 0.09 0.08 13

compilation, further accelerating the evaluation of both the
score function and its derivative.

Once a bracket is found, we employ the golden-section
search (GSS) [24] method for refining the estimate. Denoting
GSS(f (-),a,b) as the golden-section search applied to f ()
on the [a, b] interval, the final estimate is given by

7, = GSS (5(&71 —1, .),T]gm,r]g,j*ﬂ) ,

This two-step procedure substantially reduces the number
of costly score function evaluations and accelerates ToA
estimation. For it to be valid, however, J must be sufficiently
large to ensure that each sub-interval contains at most one
maximum, satisfying the unimodality assumption of the GSS
method. Equivalently, the sub-interval length h should be
set to the minimum resolvable delay separation, A7, , and
J > [2/A7]..]. Below this limit, the score function exhibits
merged minima, and a finer partitioning offers no advantage.

3) Subsample Delay Interval Partitioning: To complete the
fine ToA estimation procedure, we need to determine a suitable
partitioning for the subsample delay interval, or equivalently,
an upper bound on J, denoted by Jn..’> To that end, for
various SNR values, we consider a worst-case scenario with
two propagation paths with unitary gain and a separation of 90°
in azimuth and elevation, setting the synchronization signal
to the one later used for global performance evaluation—a
Zadoff—-Chu sequence of length K = 63, filtered by a RRC
filter spanning R = 9 symbols with a roll-off factor of 0.3,
oversampled by a factor of P = 2. We also consider the
highest rank approximation that is later tested ([r = 16). To
determine delay resolvability, we sweep the separation A7/ =
g1 — Ts.o| in the interval [0, 27%] and perform a Monte—Carlo
simulation with 20’000 trials for each evaluated point. For every
point, we compute the ratio of trials for which separation is
successful, i.e., when exactly two derivative zero-crossings
can be detected in the proposed score function. In Tbl. I,
we summarize the delay separations obtained for a success
rate rs of 90%, 50%, and 10%. To be conservative, we take
AT}y, = AT, for each SNR. The corresponding number of
sub-intervals Ji, is used in every following experiment.

As expected, delay resolvability improves with increasing
SNR. In any case, super-resolution is achieved—considering
the delay separation at the 90% success rate point, we observe
a three-fold resolution improvement for an SNR of 10dB and a
ten-fold improvement for an SNR of 30 dB with respect to the
resolution that would be achieved with standard correlation.

(34)

SThe resulting upper bounds are specific only to the tested synchronization
signal. They remain valid for any other environment and system parameters.
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e Receiver Locations
e Transmitter Locations

Y-axis [m]

X-axis [m]
(a) Detailed 3D view. (b) Simplified 3D view.

Fig. 1. Simulated indoor factory propagation scenario. (a) depicts the view
from Wireless InSite and (b) the reconstructed view in MATLAB. (b) shows
walls, floors, and simplified bounding boxes around the most prominent objects
in the environment, as well as the transmitters in line-of-sight of one of the
wall-mounted receivers, accounting for a limited 120° FOV and occlusions.

IV. RESULTS
A. Simulated Scenario

We evaluate the proposed algorithm using ray-traced channel
impulse responses (CIRs) for an indoor factory scenario
(Fig. 1) generated with Remcom’s Wireless InSite [25].°
CIRs are selected between random pairs of omnidirectional
transmitters (one legitimate, one interferer) placed 1.2 m above
each factory floor in a rectangular grid, and receivers with
8 x 4 URAs. Transmitter locations are restricted to those with
line-of-sight to the receiver, within a 120° cone centered on
the array’s boresight. We consider two distinct Zadoff-Chu
sequences of length K = 63 for the synchronization sequence
and interference signals, a carrier frequency of 15GHz, an
oversampling factor P = 2, and a root-raised-cosine pulse-
shaping filter spanning R = 9 symbols with a roll-off factor
of 0.3. The noise variance is given by Ny = kp fTiys 107/10,
where Ty = 298.15K, Fnr = 3dB, and kg is the Boltzmann
constant. Simulation results are obtained for a symbol rate
of Ry = 100 Msps and a sampling frequency f; = 200 MHz.
We evaluate signal-to-interference ratios (SIRs) from —20dB
to 20dB, and various SNRs by dynamically adjusting the
interference or synchronization signal transmit power.

B. Performance Metrics

1) Coarse ToA Estimation: Errors at this stage are false
alarms (5,1 < £s,1 — 1) or missed detections ({s,1 > s 1 + 1).
Commonly, performance is measured in terms of the receiver
operating characteristic (ROC) curve, relating false alarm rate
to missed detection rate by varying the detection threshold ~'
in (31). However, to better compare different methods over a
range of SIRs with a single scalar, we take the area under the
ROC (AUC). An AUC of 0 corresponds to a perfect detection
method and an AUC of 0.5 to random guessing.

2) Fine ToA Estimation: The performance of this stage
is evaluated with either the CDF or the median of the
absolute timing error (measured in samples). CDFs compare

%The CIR dataset is available at https://zenodo.org/records/17566853
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Fig. 2. Detection performance of coarse ToA estimation stage measured by
the area under the receiver operating characteristic (ROC) curve for different
signal-to-interference ratios (SIRs). These results are for an SNR of 30dB.

the performance of different methods at fixed SIR; the median
error tracks performance across SIR ranges in ablation studies.

C. Simulation Results

1) Coarse ToA Estimation: For the coarse ToA estimation
stage, we evaluate the proposed algorithm for a fixed SNR of
30dB, Ic € {1,2,4}. We compare our algorithm to the time-
domain normalized correlation (TDNC) performed by most
practical systems, which simply replaces the score function
in (31) by ||Y¢x | /Y ellz- The results are shown in Figure
2. Our solution outperforms TDNC at all SIRs and I, showing
a significant advantage for SIR < —10dB. Even at SIR = oo,
where TDNC should theoretically achieve near-perfect perfor-
mance, it still shows significant degradation, which reveals the
impact of multipath propagation. Our algorithm mitigates this
degradation, with detection performance improving as the rank
approximation I¢ increases.

2) Fine ToA Estimation: For the fine ToA estimation
stage, we evaluate the proposed algorithm for SNRs of
10dB, 20dB, and 30dB, and Ir € {4,8,16}. As base-
lines, we consider the frequency-domain normalized corre-
lation (FDNC), which replaces the score function in (32)
by ||X~Q;S %5 (1) ||2/HY~'2S rlHi’ plus the subspace-based
JADE algorithm from [16]. FDNC represents a conventional
approach for ToA estimate refinement, while JADE is a
subspace method that extends the shift-invariance principles
of ESPRIT to delay estimation. JADE targets high-resolution,
computationally efficient estimation, making it a compelling
baseline. For JADE, we evaluate all model-orders from 1 to 7
and select the one with the minimum timing error. We also
employ forward-backward averaging and spatial smoothing
to handle correlated multipath sources.” Figure 3 shows the
CDF of the absolute timing error for the best-case scenario
of Ir = 16, an SNR of 30dB, and the two extreme cases for
interference (SIR of —20 dB and no interference). The proposed
method shows a clear advantage over FDNC under both
heavy interference and no interference, confirming the effective

TWe set m1 = 5 and mo = 4 to maximize the number of identifiable
MPCs. For the approximate joint matrix diagonalization step, we use the
algorithm proposed in [26], porting it to JAX. We only consider delays within
the valid range between 0 and 27 and take the lowest as the ToA estimate.
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Fig. 3. Fine ToA estimation stage absolute timing error CDF for (a) a SIR of
—20dB and (b) a SIR of oco. All results are shown for an SNR of 30 dB and
Ir = 16. The markers o denote the mean and M the median.

TABLE I
RUNTIMES OF FINE TOA ESTIMATION.

Runtime [ms]

Method  SNR Mean Max. Min. Std.
30dB 8.19 11.39 5.43 1.55
Ours 20dB 7.81 10.61  3.69 1.36
10dB 7.78 10.58 2.87 1.42
30dB 0.56 0.81 0.38 0.10
FDNC 20dB 0.53 0.75 0.37 0.08
10dB 0.52 0.73 0.37 0.07
JADE 10dB-30dB  17.02 69.16 2.98 18.45

mitigation of multipath-induced bias. JADE outperforms FDNC
but performs worse than our method in the low-SIR regime,
where interference hampers channel estimation. We also analyze
the impact of SNR and the chosen interference rank [Ir. For
analyzing the first, I is set to 16; for the converse case, the
SNR is fixed to 30dB. The results are shown in Figure 4. The
estimation error decreases with increasing SNR and [r. Higher
SNR enables our algorithm to better estimate spatial signatures,
while higher Iy enables it to suppress more nuisance MPCs.
Importantly, performance improves as Ig increases, indicating
that a precise rank estimate is not required. This stands in
contrast to JADE, which incurs in severe ToA estimation errors
if the number of MPCs is misspecified.

3) Runtime Comparison: Finally, Tbl. Il compares algorithm
runtimes for an AMD Ryzen 9 7900X CPU and 128 GB of
RAM. As expected, FDNC is the fastest: although the number
of score function and corresponding derivative evaluations is
the same on average as for our method, they are much cheaper
in FDNC’s case, which does not involve an EVD. Even so,
our algorithm’s maximum runtimes stay below JADE’s®, and

8Measured only for the model-order yielding the minimum error.
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Fig. 4. Ablation studies for fine ToA estimation. (a) shows the impact of
I, fixing the SNR to 30dB, and (b) shows the impact of the SNR, fixing
Ir = 16. The curves for FDNC and JADE are also shown for reference for
an SNR of 30dB.

are still appropriate for many practical applications, including
wireless time transfer and positioning, which usually require
update rates up to 100 Hz.?

V. CONCLUSIONS

We have proposed a novel ToA estimation method that uti-
lizes multiple receive antennas to resolve multiple propagation
paths beyond the Rayleigh limit under strong interference.
Unlike prior work, our method jointly addresses interference,
multipath propagation, and high-resolution estimation without
auxiliary model-order estimation and with tractable compu-
tational complexity. Our results demonstrate superior perfor-
mance to correlation-based methods and surpass subspace-
based methods in low-SIR regimes, improving upon the latter’s
latency and model-order sensitivity.
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