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Analog quantum simulators can directly emulate time-dependent Hamiltonian dynamics, enabling
the exploration of diverse physical phenomena such as phase transitions, quench dynamics, and non-
equilibrium processes. Realizing accurate analog simulations requires high-fidelity time-dependent
pulse control, yet existing calibration schemes are tailored to digital gate characterization and can-
not be readily extended to learn continuous pulse trajectories. We present a characterization algo-
rithm for in situ learning of pulse trajectories by extending the Quantum Signal Processing (QSP)
framework to analyze time-dependent pulses. By combining QSP with a logical-level analog-digital
mapping paradigm, our method reconstructs a smooth pulse directly from queries of the time-
ordered propagator, without requiring mid-circuit measurements or additional evolution. Unlike
conventional Trotterization-based methods, our approach avoids unscalable performance degrada-
tion arising from accumulated local truncation errors as the logical-level segmentation increases.
Through rigorous theoretical analysis and extensive numerical simulations, we demonstrate that
our method achieves high accuracy with strong efficiency and robustness against SPAM as well as
depolarizing errors, providing a lightweight and optimal validation protocol for analog quantum

simulators capable of detecting major hardware faults.

I. INTRODUCTION

Analog quantum simulators offer a powerful platform
for exploring non-equilibrium quantum dynamics and
emergent many-body behavior [4, [8, 20} 25, B8], [40]. By
directly emulating continuous-time Hamiltonian evolu-
tion, they bypass the need for digital compilation and
enable the study of rich dynamical phenomena. How-
ever, this same analog nature makes the underlying con-
trol pulses difficult to characterize: they are continu-
ous, device-specific, and oftentimes incompatible with
mid-circuit measurements. Consequently, standard gate-
based calibration and tomography techniques [6, 22] 23]
28, 29, B3], which assume discretized control access and
Markovian noise, do not apply to realistic analog hard-
ware subject to drift, non-Markovian crosstalk, and con-
textual errors [16], [36] 37, 41].

Existing approaches rely either on Trotterized digital
surrogates [38] or global fitting of experimental observ-
ables [2, [§]. Trotterization introduces accumulating dis-
cretization errors that mask fine pulse structure, while
black-box optimization over continuous control parame-
ters is non-convex, unstable, and not scalable in time or
system size. As a result, there remains no practical in
situ, method for reconstructing the true analog control
trajectory directly from hardware data without halting
or perturbing the ongoing evolution.

Here, we introduce a characterization framework that
bridges digital learning tools with analog quantum con-
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trol using a structured signal-processing approach. The
method follows an analog-to-digital-to-analog workflow:
first, the continuous control pulse is mapped to a set
of discrete parameters through a logical analog-to-digital
mapping within the Quantum Signal Processing (QSP)
framework, with rigorously bounded digitization bias
that decreases with finer segmentation rather than ac-
cumulating as in Trotterization. Second, these digital
surrogate parameters are estimated directly from exper-
imental data using a QSP-based direct learning method,
avoiding the usage of black-box optimization. To en-
sure robustness against SPAM and depolarizing noise,
we further develop an enhanced tomography subroutine
to guarantee robustness against State Preparation and
Measurement (SPAM) and depolarizing errors. Finally, a
digital-to-analog conversion reconstructs a smooth pulse
using spline interpolation. We prove that the end-to-end
procedure achieves bounded bias and variance under lim-
ited shots, with error scalings that are arguably optimal.

By embedding pulse learning within the QSP for-
malism, this framework unifies digital and analog con-
trol characterization, enabling tools developed for dig-
ital gate characterizations [12] 15, I8, 27, B34] to ana-
lyze continuous-time dynamics. Because estimation takes
place entirely at the level of the time evolution operator,
the protocol operates fully in situ, without mid-circuit
access, ancilla qubits, or hardware modifications. The re-
sulting reconstruction is accurate, efficient, and robust to
realistic noise sources, providing a lightweight and exper-
imentally feasible validation method for analog quantum
simulators and hybrid architectures.
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II. RESULTS

We begin by formalizing the analog pulse learning
problem and introducing a digital surrogate model that
enables tractable estimation of continuous pulse trajec-
tories. We then describe the theoretical analog-to-digital
and actual digital-to-analog conversion procedures, pro-
vide rigorous bounds on learning accuracy, analyze statis-
tical optimality, and establish robustness under realistic
SPAM and decoherence errors. Together, these results
demonstrate a provably accurate and experimentally fea-
sible end-to-end methodology for reconstructing smooth
analog pulses from finite noisy measurements.

Quantum System Driven by an Analog Control
Pulse

Many universal quantum computing platforms, includ-
ing superconducting qubits, neutral atoms, and trapped
ions, implement dynamics through time-dependent
Hamiltonians whose amplitudes or phases are pro-
grammed via pulse functions. In such settings, the quan-
tum device is accessed only through end-to-end evolution
over a fixed time interval, while the underlying control
waveform remains hidden inside the time-ordered propa-
gator. This motivates a general formulation of the analog
pulse-learning problem that does not rely on any par-
ticular physical model, dimension, or parametric pulse
family.

Problem (Characterizing analog quantum pulses). Let
H,[¢(t)] be a time-dependent Hamiltonian whose instan-
taneous form is determined by a smooth, unknown control
pulse ¢(t) on [0,T], and let w denote a set of experimen-
tally tunable parameters (e.g., drive amplitudes, detun-
ings, or global scaling factors). Given access only to the
resulting time-evolution operator

T
U(T,0;w) =T exp <—i/0 H,[p(s)] ds) , (1)

or to expectation values of physical observables after this
evolution, how can one reconstruct the underlying analog
pulse ¢(t) with bounded error using only a finite number
of experiments?

This formulation is deliberately non-parametric: we
assume no particular functional form for ¢(¢) beyond
smoothness, and make no assumption about the struc-
ture of H, other than that its dependence on ¢(t) is
known. Such generality indicates that the metrology
could in principle be adapted to multi-qubit systems
when the accessible inputs and measurements are con-
fined to appropriate symmetry subspaces.

Having introduced the general problem, we now illus-
trate the key ideas in the simplest nontrivial setting: a
driven two-level system. This model provides a clean
stage for analysis while capturing the essential challenges

of analog pulse learning. In this case, we consider the
family of Hamiltonians

H[6(t)] = w (cos p()X +sing(O)Y),  (2)

where w is an experimentally tunable drive amplitude
and ¢(t) is the analog pulse to be learned. The goal re-
mains to recover ¢(t) using only queries to the black-box
propagator U(T,0;w), without the ability to interrupt
the evolution mid-pulse. This two-level model will serve
as a running example for the analog-to-digital conver-
sion, surrogate-model learning, and reconstruction pro-
cedures developed in the subsequent subsections. Fur-
thermore, this Hamiltonian is commonplace in a variety
of analog quantum simulators, e.g., neutral atoms [46]
and ion traps [B, [10]

Learning Analog Pulse from Time Evolution

Learning general analog pulses is challenging due to the
complex functional dependence in time evolution. To ex-
plain our method, we start with a simple case: piecewise
constant pulse functions. This setting highlights the kind
of structure we aim to exploit, where the full-time evo-
lution can be split into piecewise-learnable digital sur-
rogates over short time intervals. We use this case to
illustrate the core idea behind our method before gener-
alizing to smooth analog pulses.

When the pulse function is piecewise constant, the
propagator can be written as the product of time-
discretized operators. Consider an equidistant time par-
tition ¢; := j7,7 := T/L, and a piecewise constant pulse
function:

o) =1v; €R, when (j —1)7 <t <jr, j=1,---,L.
(3)
Then, the time-dependent Hamiltonian evolution can be
explicitly characterized by combining multiple constant-
pulse-driven pieces

U(T,0;w) = e \THo[UL] || o—iTHo 2] p—iTHu [P1] (4)
This special class of pulse function coincides with many
well-known variational digital quantum algorithms [14]
39], whose parameters can be learned by matching ex-
perimentally observed data via optimization-based ap-
proaches. Furthermore, similar digital gate sequence
models are also learned through the angle of gate learn-
ing. There exists a plethora of well-studied digital gate
learning techniques, including randomized benchmark-
ing [23], gate set tomography [35], and phase estimation-
based approaches [3, [12] 22] [33].

Given the success established for the characterization
of digital gates, an intriguing question arises:

Can we characterize an analog pulse via a learnable
digital surrogate, i.e., detouring through the
commutative diagram in Fig. (a)?
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Figure 1. Overview of the proposed approach for learning smooth control pulses. Blue denotes ground-truth information, and
orange denotes learned estimators. (a) Logical-level idea for theoretical analysis. A smooth analog function is conceptually
mapped to a piecewise-constant surrogate representation, followed by tractable learning and reconstruction through spline
interpolation. (b) Practical algorithm workflow. Experimental unitaries are collected at sampled parameter values and processed
using a QSP-based surrogate-learning method. Finally, spline interpolation yields the final analog pulse estimate.

In this paper, we provide an affirmative answer to this
question. To bridge the gap between the underlying ana-
log evolution and its digital surrogate model, we propose
logical-level analog-to-digital and digital-to-analog con-
verters. These converters ensure the validity of surrogate
model learning by providing a bounded-error, invertible
mapping between the analog and digital representations
of smooth control pulses. For surrogate model learning,
we introduce a direct algebraic method that achieves high
efficiency without relying on any black-box optimization.
We further analyze its estimation variance and statisti-
cal optimality through Fisher information analysis. By
performing a detailed analysis of these components and
leveraging the structural properties of our design, we es-
tablish rigorous bounds that guarantee the method’s per-
formance in terms of small and controllable bias and vari-
ance. The algorithms are presented in the remainder of
this section.

QSP-Based Digital Surrogate Model Learning

In the single-qubit case of Eq. , the short-time
Hamiltonian evolution driven by a constant pulse am-
plitude can be expressed as

V(g, ’l][}) = e*i"'Hwa] — e*ie(COS(d))X«‘rsin(w)Y)

— o 1%/2Z ,—10X ,i9/22 (5)

where 0 := wr = WT/L is a tunable parameter. Assem-
bling these short-time segments into a long-time evolu-
tion yields an interleaved sequence of X- and Z-rotations:

W(0,9)=V(4r,0)---V(0,¢1) = U(T,0;w), (6)

where the approximation occurs due to Trotterization er-
ror. The surrogate model W (6, ¥) coincides with the
structure of quantum signal processing (QSP), a power-
ful quantum algorithmic primitive that underlies many
key quantum algorithms [31].

In the context of analog control, this model corre-
sponds to truncating the Magnus series at first order.
Our analysis in Section [E]shows that the associated trun-
cation error scales as O(7). Importantly, this first-order
approximation avoids introducing higher-order commu-
tator terms, which would otherwise result in complicated
nonlinear dependencies on 6 and ¢. This simplicity is
crucial for efficient post-processing of experimental data.

The computation of phase factors (¢1,---,%r) has
been extensively studied in idealized numerical settings
where only floating-point errors are considered. Here,
we adapt a classical phase-computation method from
Refs. [I8, 45] to learn the digital representation of con-
trol pulses from experimental data using Fourier analysis.
Since experimental measurements are collected with a fi-
nite number of shots, the data are inevitably affected by
statistical fluctuations. To rigorously quantify the result-
ing estimation variance in the discretized pulse, we pro-



vide the first semi-analytical analysis of the QSP model
from a statistics and learning perspective. The detailed
analytical bounds are presented in the Methods section
and in Section [[l

A key distinction between our setting and conventional
QSP phase-factor computation arises from a fundamen-
tal limitation of the Magnus expansion, which may fail to
converge when 6 > 7 [32]. This constraint prevents direct
sampling of 6 values across the full unit circle. That is,
we cannot experimentally query U(T,0;w) for arbitrary
values of w, lest our digital surrogate will deviate greatly
from the propagator. The missing information leads to
an ill-posed estimation problem with poor numerical and
statistical stability (see the Methods section and Sec-
tion . To overcome this challenge, we exploit the in-
trinsic symmetry of the surrogate model and propose a
symmetry-based data augmentation method. This tech-
nique allows samples in the first quadrant, § € [0,7/2],
to be extended to the full range [0, 27|, thereby enabling
subsequent analyses such as the fast Fourier transforma-
tion (FFT).

Analog Pulse Reconstruction via Spline
Interpolation

We now turn to the problem of reconstructing the
continuous pulse function ¢(t) from experimentally
learned discretized data. Given a set of point values
(¥1,...,1%1) € RE obtained from experiments, our goal
is to recover the underlying analog signal ¢(¢).

To accurately reconstruct the pulse, we apply polyno-
mial interpolation techniques upon the discretized data.
Direct interpolation of discrete data using global meth-
ods such as Lagrange interpolation can suffer from in-
stability, known as the Runge phenomenon [24], which
leads to large deviations in the reconstructed pulse. To
avoid this, we employ spline-based interpolation meth-
ods, which provide stable and accurate reconstruction
from discrete point data.

The QSP-based learning procedure yields discretized
data that approximate the averaged pulse values with
first-order error, since the surrogate model is based on
a linear approximation. Interpolating the data at the
midpoints {((j — 1/2)7,%;) : j = 1,..., L} reconstructs
the original pulse function with a first-order error scaling
as O(T/L). This reconstruction accuracy can be further
improved to second order via Richardson extrapolation.
By combining reconstructed pulse functions derived from
two resolutions, L and 2L, the leading-order bias can
be canceled, yielding an overall second-order systematic
error while preserving the same estimation variance. This
establishes an end-to-end performance guarantee for the
reconstruction pipeline.

To simplify the presentation of theoretical bounds, we
assume the pulse function ¢ belongs to a Bernstein-type
class Z3([0,T]) with some smoothness parameter § (see
Section . Specifically, for some smoothness parame-

4

ter 8 > 0, its derivatives satisfy qu(k)H < O(B%) for all
k € N. This class is broad and includes, for instance,
band-limited and polynomial pulse functions.

Theorem 1 (End-to-end reconstruction performance).
Let ¢ € P5([0,T]), and let L, M be positive integers.
Suppose M is the number of measurement shots per
experiment, and that there are L + 1 experiments im-
plementing Hamiltonian magnitudes w; = (2:;_&31” for
j=0,1,...,L. LetZ° =[1/L,T — 1/L] denote the in-
terior region. Let (ﬁ(t) denote the reconstructed pulse ob-
tained from the end-to-end pipeline in Fig. (b) Then,
there exist constants Cy,Co such that

R B2T? 1
ap ([0 o)) <22 40, L
s E (|60 - 6(0)|) < O + o
At the boundaries t € [0,1/L] U [T — 1/L,T], the recon-
struction error scales as O(BT/L + 1/vM).

(7)

The proof is outlined in Section [B] where we also state
the performance guarantee in a stronger error metric.
The second term in the bound arises from statistical un-
certainty due to finite measurement shots, while the first
term corresponds to the systematic error of the end-to-
end method. The first error term comes from the lin-
earized QSP-based surrogate model. Yet, the simplicity
of the QSP-based model allows fast and direct compu-
tation of discretized data but introduces a tradeoff in
accuracy. In addition to the rigorous theoretical analy-
sis, we numerically confirm the L-scaling of the bias, as
shown in Fig. [2|

Our QSP-based approach avoids any black-box opti-
mization, relying instead on direct algebraic computa-
tion. It makes our QSP-based method both transpar-
ent and computationally efficient. Despite the first-order
model misspecification in the QSP surrogate, we demon-
strate that the overall systematic bias of the end-to-
end reconstruction can be reduced to second order via
Richardson extrapolation. Details of this bias reduction
are provided in the following subsections and in Sec-
tion [F] and we justify the optimality of this second-order
scaling in the Methods section.

Optimality of Our Analog Pulse Learning Method

Theorem [l establishes the bias and variance scaling of
our analog pulse learning method. A remaining question
is whether these scalings are information-theoretically
optimal. The efficiency and accuracy of any statistical
estimation protocol are fundamentally determined by the
amount of information that can be extracted from exper-
imental data. In this subsection, we analyze the optimal-
ity of our method in both bias and variance scaling, as
characterized in Theorem [l

In the Methods section and Section [C] we show that
the full nonlinearity of short-time evolution can, in prin-
ciple, be exploited to improve the estimation accuracy
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Figure 2. Scaling of the overall estimation bias. We fix the pulse function to ¢(t) = sin(3nt) with T'= 1. To isolate the scaling
of the estimation bias, we suppress sampling error in the numerical test by setting M = co. We report the maximal estimation
error over the full interval [0,77] (solid lines) and over the interior subinterval [0.17,0.97] (dashed lines). Two spline-based
approaches are used, as outlined in Section @ The “direct” method identifies the raw data v; as midpoint values, while
the “refined” method first applies a de-averaging filter to the raw data. The two methods perform similarly, indicating that
higher-order digital-to-analog schemes offer little benefit because accuracy is limited by upstream steps such as the linearized
QSP-based surrogate model. The interior reconstruction error is significantly reduced when using large L.

of the averaged pulse values over short-time intervals.
However, as shown in Theorem this improvement
is ultimately limited to second order. Although our
QSP-based surrogate model captures only linear-order
information, the application of Richardson extrapola-
tion in post-processing effectively recovers the leading
nonlinear correction. Consequently, the second-order L-
dependence in Theorem [I]is optimal.

Turning to the variance analysis, the Fisher infor-
mation of the digital surrogate model reveals a dis-
tinctive structure in the attainable estimation variance.
Specifically, the boundary modes exhibit the small-
est possible variance, Var(¢y), Var(ér) = O(1/(ML)),
whereas the central modes experience larger variance,
with Var(q’A)[L/Q]) = O(1/M). These statistical features
are faithfully captured by our QSP-based surrogate learn-
ing method, as shown in Theorem [3] Therefore, upon
taking the square root, the resulting standard deviation
scaling O(1/v/M) in Theorem |1|is also optimal.

It is worth noting that this variance scaling appears
worse than the conventional Standard Quantum Limit
(SQL). However, this distinction arises from the struc-
tured statistical correlations inherent in our problem.
The discretized pulse values are not independent mea-
surements. Instead, they are derived from a single
smooth control pulse evaluated over distinct but causally
ordered intervals. As shown in Section [G] this leads to
a strong positive correlation in the estimation problem,
which effectively reduces the number of independent de-

grees of freedom. Consequently, the achievable precision
improvement is constrained with increasing L. As a re-
sult, increasing the number of digitized segments does
not proportionally reduce the statistical uncertainty. A
detailed analysis of this correlation effect and its connec-
tion to the Fisher information structure is provided in
Section

Robustness against Realistic Quantum Errors

In practical quantum experiments, decoherence and
SPAM errors inevitably affect the system’s evolution and
the accuracy of reconstructed unitaries. To enhance the
robustness of our framework, we introduce a robust uni-
tary tomography procedure as a data preprocessing sub-
routine. As analyzed in detail in Section[I} both theoret-
ical justification and numerical evidence show that this
method significantly improves the error resilience of the
refined unitary data.

Our approach builds upon the standard unitary tomog-
raphy protocol [9], complemented by two key enhance-
ments: (1) a sandwich transformation using a reference
experiment, and (2) a projection via polar decomposition.

The sandwich transformation suppresses depolariz-
ing noise by preconditioning the tomographically recon-
structed unitaries. The subsequent projection step en-
forces unitarity and removes the antisymmetric compo-
nent of SPAM-induced errors in the generator represen-



tation thanks to the structure of polar decomposition.
The remaining symmetric component arises from causal-
ity, specifically, the non-interchangeability of preparation
and measurement processes. If one can perform an addi-
tional mirrored experiment with the roles of state prepa-
ration and measurement reversed, this residual symmet-
ric component can also be canceled. Without such exper-
imental access, the best achievable reconstruction error
typically scales linearly with the magnitude of SPAM er-
rors. In our method, the unitary reconstruction error
also scales linearly in general, but improves to quadratic
scaling when the symmetric SPAM component vanishes.
In addition, depolarizing errors can be further mitigated
by increasing the number of measurement shots. These
properties jointly demonstrate the robustness and effec-
tiveness of our approach. The formal result is summa-
rized in the following theorem.

Theorem 2. Let a denote the fidelity of the depolariz-
ing channel, and let gs and gy be the infinitesimal gen-
erators associated with state-preparation and measure-
ment errors, respectively. The magnitude of SPAM er-
ror is & = max{||gs||, lga||}. Define the SPAM gener-
ator difference as Agpam = %(gM —gs). Then, using
M = O(672a72) measurement shots, the target unitary
can be reconstructed via the robust unitary tomography
procedure with reconstruction error at most O(5). More-
over, if Aspam 18 symmetric (i.e. AérpAM = AgpaMm),
the reconstruction error further improves to O(62).

The complete theoretical proofs and numerical valida-
tions are presented in Section [ The incorporation of
a tomography subroutine that is intrinsically resilient to
SPAM and depolarizing noise is pivotal for preserving the
overall robustness and reliability of our pulse-learning al-
gorithm. (see Fig. [1] for its role in overall workflow).

Numerical Results of Pulse Calibration

In quantum experiments, analog control pulses are un-
avoidably influenced by stochastic control errors [36],
control crosstalk [I 13, [44], time-dependent control
drift [43], and sampling noise. These imperfections dis-
tort the ideal pulse shape, introducing deviations from
the intended smooth profile and complicating accurate
characterization. As we demonstrate below, our pulse-
learning methods are capable of recovering these actu-
ated control imperfections on top of the ideal target wave-
form, providing an effective tool for verification and cal-
ibration. This capability serves as a critical test of both
the practical feasibility and the high accuracy achievable
with our approach.

In this subsection, we numerically evaluate the end-to-
end performance of our method in the context of pulse
calibration. Specifically, we consider three types of ideal
control pulses that are representative of practically rela-
vant pulse families: linear (¢(t) = t), sinusoidal (¢(t) =
sin(27t)), and biharmonic (¢(t) = 3 [sin(27t)+sin(4mt)]).

Following the procedures in Ref. [36] and in Section
we generate perturbed control pulses by introducing ran-
dom control errors to these ideal pulses. These perturbed
pulses are referred to as actual pulses. In our end-to-end
simulations, we further emulate depolarizing noise and
SPAM errors, and apply our robust unitary tomography
using a finite number of measurement samples.

Figure (3| shows the numerical results of pulse calibra-
tion under various realistic noise conditions. Our method
consistently achieves robust reconstruction of the actual
implemented pulses. With SPAM and sampling errors
on the order of 0.01, the pointwise reconstruction error
remains tightly bounded within the same magnitude re-
gardless of the pulse duration. Even when the smooth-
ness of the actuated pulses is degraded due to control
level noise, the proposed approach performs reliably.

Two key features contribute to the effectiveness and
accuracy of our method. First, it requires no prior knowl-
edge of the underlying pulse shape. Second, it is a fully
interpretable approach that relies only on direct algebraic
operations rather than black-box iterative optimization.
These properties jointly ensure the efficiency, accuracy,
and robustness of our pulse characterization framework.

Applications in Pulse Calibration

There are two primary applications of our proto-
col in multi-qubit settings: calibration of classical
single-qubit control crosstalk and calibration of quan-
tum crosstalk. In superconducting qubit systems, clas-
sical control crosstalk [1l 3], [44] is a dominant source
of operational error, arising from unwanted leakage in
microwave drives to neighboring qubits. Conceptually,
an ideal single-qubit X-Y control pulse on a certain
qubit will generate additional drive amplitudes and phase
profiles on neighbors that depend on both the hard-
ware connectivity and the original control waveform.
Rather than explicitly expanding each induced Hamil-
tonian term, we focus on the underlying functional de-
pendencies: our method can be used to learns both how
the leaked amplitudes scale with the intended drive wj,
and how the distorted pulse shapes relate to the target
waveform @garget (t). Our protocol can be used to recon-
struct crosstalk-induced pulse distortions directly at the
waveform level. To the best of our knowledge, this has
not been previously demonstrated for microwave control
in superconducting architectures. This enables quanti-
tative, pulse-resolved calibration of crosstalk with high
efficiency and accuracy.

Our approach is also potentially applicable to quan-
tum crosstalk, where multi-qubit interactions produce
time-dependent Hamiltonian amplitudes. Leveraging the
underlying physical symmetry, the quantum-crosstalk
structure can be effectively reduced to two-level sub-
systems [26]. With properly designed basis transfor-
mation and the associated unitary tomography, effec-
tive parameters can be learned by our protocol. For
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Figure 3. Performance of end-to-end pulse learning. Sources of error include pulse perturbations, depolarizing noise with
fidelity o, random SPAM error of magnitude ¢, and sampling error from a finite number of measurement shots M. We fix
a = 0.9 in all simulations. Top row: pulse shapes. The “actual” pulse is obtained by perturbing the “ideal” pulse, and serves
as the target for learning. The dotted curve denotes the pulse characterized by our proposed method using the configuration
of the middle row. Other rows: pointwise reconstruction error between the characterized and actual pulses. In the middle row,
we set § = 0.01 and M = 10", where these errors become the bottleneck of the overall reconstruction accuracy, even for large
values of L. In the bottom row, we reduce the error magnitudes to ¢ = 0.001 and M = 10°, and the overall reconstruction

error is then further improved by increasing L.

instance, [26] shows that for the Mglmer-Sgrensen in-
teraction in trapped ions, collective spin-spin couplings
and local fields can map onto the phase and amplitude
parameters of the two-level surrogate model. For these
systems where effect of many-body dynamics can be re-
duced to a two-level subspace, our protocol provides a
means to calibrate time-dependent Hamiltonian ampli-
tudes at the pulse level. Such capability is essential for
improving overall fidelity of analog quantum algorithms,
and mitigating coherent errors in error-correcting archi-
tectures, where even small crosstalk-induced distortions
can significantly limit system performance.

III. DISCUSSION

In this work, we introduced a rigorous and efficient
framework for in situ learning of analog quantum con-
trol pulses through a logical-level analog-to-digital-to-
analog paradigm. Our method establishes an analytical
bridge between continuous Hamiltonian control and dis-
crete algorithmic representations, embedding pulse learn-

ing within the QSP formalism. By mapping continuous
pulse dynamics to a set of discrete, learnable surrogate
parameters, and then reconstructing the analog wave-
form from the learned digital data, we demonstrated that
the entire algorithm operates with bounded errors with
mathematically rigorous guarantee. Crucially, our digital
surrogate model replaces heuristic black-box optimiza-
tion with an analytic, Fourier-structured analysis, yield-
ing stable and transparent recovery of control parameters
directly from experimental data. Without ancilla qubits,
mid-circuit access, or interruption of hardware dynam-
ics, our protocol operates entirely in situ and achieves
highly accurate reconstruction of continuous control tra-
jectories while maintaining robustness to realistic exper-
imental imperfections.

An additional advance lies in our development of a
SPAM- and depolarizing-noise-resilient tomography sub-
routine, which ensures the learned pulse parameters re-
main accurate under experimental noise typical of near-
term hardware. Together, these contributions unify dig-
ital and analog control analysis under a single analyt-
ical framework, enabling digital gate-based tools such



as QSP and Fisher-information analysis to be applied
to analog calibration and validation. The resulting for-
malism establishes a scalable, model-agnostic route for
characterizing and certifying analog quantum simulators
subject to drift, bandwidth constraints, and contextual
errors. Looking forward, this paradigm opens a num-
ber of promising directions, including the generalization
of our method to multi-qubit analog Hamiltonian char-
acterization, as well as the identification of pulse-level
analog errors caused by control crosstalk in supercon-
ducting, trapped-ion, and Rydberg platforms. More
broadly, by merging analytical digital learning theory
with continuous-time control physics, this work studies
a new frontier for mixed programming and calibration of
quantum devices, where digital compilation and analog
pulse shaping can be co-optimized within a single mathe-
matically rigorous and noise-robust learning architecture.

IV. METHODS

Learning Discretized Pulse Values via a QSP-Based
Method

Consider the surrogate model in Eq. (@ According to
the classical theory of quantum signal processing [I8] 45],
this surrogate admits a matrix-valued Fourier expansion
inf:=wr:

W(@,¥) =V (0,vr) - V(0,¢1)

L
Z CjeijQ’ C] e (CQXQ’ (8)

j=-L

where the matrix coefficients {C;} are closely related to
the phase factors {v;}.

By multiplying W (6, ¥) with a suitably chosen 6-
dependent unitary, we can compensate for the bound-
ary mode V(6,11) and cancel the highest-degree terms
in the Fourier expansion. This reduces the problem to
a smaller instance involving only (L — 1) phase factors
(2,...,%r). As shown in Ref. [I§] and detailed in Sec-
tion [H] this annihilation procedure yields the following

relation:
CZCL _ 1 ( 1 _e—iwl) (9)
Tr(CECL) 2 \ —el?n 1 :

Thus, 11 can be estimated directly from the leading
Fourier coefficient Cf,. By subsequently applying the es-
timation to W (0, ¥)V ~1(, 1&1), the remaining phase fac-
tors can be inferred sequentially from the set of Fourier
coefficients {C} }jL=_ - This process constitutes a direct
algebraic learning method that avoids any black-box op-
timization. As a result, it is numerically stable, com-
putationally efficient, and fully transparent. Moreover,
processing data in Fourier space naturally mitigates ex-
perimental noise, since the Fourier transform acts as a

contraction mapping. The rich Fourier structure also en-
ables further noise-mitigation strategies, such as those
proposed in [12].

While this phase-factor computation method was orig-
inally designed for idealized numerical settings without
quantum noise or hardware imperfections, we extend it
to experimental data by introducing a symmetry-based
data augmentation technique that satisfies the conver-
gence requirements of the Magnus expansion. In addi-
tion, we perform a rigorous semi-analytical analysis of the
estimation variance induced by sampling noise. These
enhancements allow the originally idealized QSP algo-
rithm to be effectively adapted to realistic experimental
conditions. According to the analysis in Section [H] the
propagation of measurement noise through this learning
procedure is characterized by the following theorem.

Theorem 3. Suppose the noise variance in the experi-
mental data is 0*> = O(1/M), where M denotes the num-
ber of measurement repetitions per experiment. When
0-values are sampled at N evenly spaced midpoints in
[0,7/2], the noise-induced estimation variance in the
phase-factor learning algorithm satisfies the recurrence

Var(tj1) < p; Var(y) + O(5 75 )+ 3= Loo0 [L/2],

@y

Var(z/;j_l) < pj Var(d;j) + O(MN) , j=1L,...,[L/2],

where p; and a; are constants determined by the smooth-
ness of the analog pulse.

When the pulse function is sufficiently smooth, the
semi-analytical results in Section [H] show that the re-
currence is well-conditioned with p; ~ 1 and a; = O(1).
Consequently, the noise grows approximately linearly to-
ward the center, yielding

max Var(i;) = O(1/M),  min Var(i) = O(1/(ML)).

This variance scaling is proven optimal as it saturates the
Cramér-Rao lower bound derived from the Fisher infor-
mation (see Section [G]).

Optimality of Achievable Variance

The statistical optimality of an estimation protocol
can be characterized using the Fisher information ma-
trix (FIM) and the Cramér-Rao lower bound (CRLB).
When the quantum experimental settings are fixed, the
FIM quantifies the amount of information that can be
extracted from noisy measurements, and the CRLB es-
tablishes the best achievable precision for estimation.
Together, they reveal the theoretical limits of post-
processing accuracy.

In Section [G] we show that the Fisher information ma-
trix for the digital surrogate model admits the following



compact form:

OM(L+1) [™/? ow aw't
Pyt = 2D [ ne (@515 o)) as.
i J
(10)

To gain analytical insight, we examine a representative
class of surrogate problems in which all phase factors are
identical. This translational symmetry allows the Fisher
matrix to be expressed in a solvable form. Specifically,
the resulting FIM takes a tridiagonal Toeplitz structure,

M(L+1)

id _

(20 — 0ij+1 — 0ij—1),  (11)
whose inverse can be obtained in closed form [2I]. From
this expression, we derive the minimum achievable es-
timation variance given by the CRLB and identify the
strong statistical correlations between neighboring phase
factors. These correlations explain the observed satura-
tion behavior in Theorem[I} That is, increasing the num-
ber of discretized segments L does not further improve
estimation precision because of the intrinsic correlation
among estimators.

Optimality of Achievable Bias

We justify the optimality of our bias scaling by ana-
lyzing how accurately the discretized pulse values can be
approximated from the short-time evolution generators.

We begin by expressing the full time-evolution opera-
tor U(T, 0; w) as an exact product of short-time segments:

U(T,0;w) = U(L7,(L — 1)1;w)---U(1,0;w),  (12)

where each short-time segment U(t;,t;_1;w) depends
only on the pulse function within the local interval
[tj—1,t;]. The key question is: how much information
about the pulse can be extracted from each segment if
we fully exploit its nonlinear structure?

For the single-qubit case, each segment can be ex-
pressed exactly in terms of Lie-algebra generators:

U(jr,(j — 1)1;w) = exp(—i(a; X + b;Y +¢;Z)), (13)

where the coefficients a;,b;,c; depend nonlinearly on
(w,7,¢). Our QSP-based surrogate model corresponds
to a first-order linearization of these coefficients with re-
spect to w. A natural question follows: if we retained the
full nonlinear dependence, how much additional informa-
tion about the pulse could we gain?

In Section [C} we show that the following estimator can
approximate the average pulse value with a remarkably
small error:

Jj = arctan(bj> s.t. ‘1% - (]33‘ < OB (B2 +w?)rt).

aj
(14)
The O(7%) scaling arises from the trigonometric structure
of the Hamiltonian. Since statistical estimation requires

nonzero Fisher information, it requires wmax7T ~ /2.
Consequently, this bound corresponds to a second-order
optimal approximation when the full nonlinearity in the
short-time evolution is utilized. We summarize this re-
sult below.

Theorem 4. Suppose U(T,0;w) is discretized into L
short-time segments with step size 7 = T/L. Let 1; be
the estimator defined in Eq. (L4)), which exploits the full
nonlinear dependence in the short-time evolution. When
learning from experimental data obtained with finite mea-
surement shots, the systematic bias satisfies

max i — 6| < O(81/L2), (15)
where éj = % (?11)7 @(s)ds is the average pulse value

on each subinterval.

Although our QSP-based surrogate model alone
achieves only first-order accuracy, combining it with
Richardson extrapolation allows the leading-order non-
linear effects to be captured through post-processing. As
a result, our reconstruction achieves a second-order er-
ror scaling as in Theorem This agreement with the
fully nonlinear analysis confirms that the quadratic L-
dependence in our result is arguably optimal.

Data availability

All data presented in this work are visualized in the
figures within the main text and the Supplementary
Information file.

Code availability

The codes that support the finding are available at
https://github.com/dongsnaq/qsp_analog_pulse_
characterization.
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Appendix A: Notations and Preliminaries
1. Notations

Throughout the paper, we use ||A|| and ||A|| > to denote the matrix 2-norm and Frobenius norm, respectively. For a
function f, || f|,, denotes its maximum norm over its domain Dom(f). We write a < b to indicate that a is bounded
above by b up to a small higher-order remainder, i.e., a < b(1+0(1)). In Supplementary Information, we use h := T/ L
to denote the time step size.

2. Bernstein-Type Pulse Functions

In this work, we consider a class of smooth pulse function whose smoothness and derivative growth are controlled by
a constant parameter. This bounded behavior mimics and generalizes that of classic bandlimited functions in signal
processing according to Bernstein’s inequality [7]. Hence, it is referred to as the Bernstein class in the literature [42].

We remark that the regularity requirement on the target pulse function can be substantially relaxed: it suffices for
¢ € C*[0,T] to be k-times differentiable, rather than of Bernstein type. The smoothness parameter k depends on
the specific spline-based reconstruction scheme employed. To simplify the preconstants in the presented theoretical
bounds, however, we assume the target pulse function is of Bernstein type.

Definition 5 (Bernstein-type pulse). Let 5,T > 0 be two constant parameters. We define the class of Bernstein-type
pulse functions as

25(10,T)) = {¢ € C([0,T]) : 3C > 0 s.t. o ]¢<k)(t)‘ < Op*, Wk e N}. (A1)

Unless otherwise noted, when a pulse function is defined on [0,T], we use the simplified notation ¢ € P3 to indicate
that it is a Bernstein-type pulse.

This Bernstein-type class of pulse functions is very general. We discuss two instances in this class.

(1) Bandlimited pulse functions

A smooth pulse function ¢ € C*°[0,T] is said to be bandlimited with bandwidth 8 > 0 if there exists a smooth
extension g € C*°(R) such that

oo

o=glorp llgle <OQ), and (€)= / g()e € dt = 0, Vg > B. (A2)

— 00

Turning derivatives to multiplication in the frequency domain, we have the standard Bernstein’s inequalities for
bandlimited pulse functions

sup [ < sup o) 1)) < CB*. (A3)
t€[0,T] teR

Therefore, bandlimited functions are in the Bernstein-type pulse class Zg.

In our simulations, when ¢ is expressed as a finite sum of sine and cosine modes, it satisfies the bandlimited condition
Eq. (A2). Consequently, ¢ is both bandlimited and Bernstein-type.
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(2) Polynomial pulse functions

Let ¢ € Ry[t] be a polynomial pulse function of degree at most d. Suppose it is bounded on its domain [0,7] as
supg<;<7 [#(t)] < C. We show that it is a Bernstein-type pulse function with 3 = 2d?/T.
We first perform a scale transformation so we have an equivalent polynomial function defined on [—1,1]:

AT
T

xX

; () = ¢(T(x+1)/2) € Ralz]. (Ad)
Applying Markov brother’s inequalities [30] to the alternative polynomial, we have

sup|g®)(@)| <d® sup q(a)]. (A5)
~1<z<1 —1<a<1

Undoing the scale transformation, we have
242\ "
s, [0 <o (%) (A6)
0<t<T T

Hence, polynomial pulse functions are Bernstein-type.

Appendix B: Proof of Theorem [1] and Related Results in Estimation Performance

The technical results in the following sections are centered on proving Theorem |1} We provide a roadmap of the
proof in this section.

1. Performance metrics of pulse learning

We evaluate the estimation error using two performance metrics. In Theorem [If of the main text, the guarantee is
stated in terms of the uniform mean error, which keeps the presentation clean and focuses on the optimal scaling. For
completeness, we also introduce a stronger notion of accuracy to establish a high-probability bound on the maximal
deviation.

Definition 6 (Performance metrics). Let ¢(t) be an estimator of the pulse function ¢(t) defined on the interval [0,T).
Let T C [0,T) be the interval on which the estimation performance is evaluated. We consider the following two metrics:

1. Uniform mean error:

swpEE (6() - 9(1)]) < e. (B1)
teT
2. Uniform maximal error:
sup |(t) — ¢(t)] < e with high probability. (B2)

tel

Assuming that g?)(t) is uniformly bounded, a high-probability uniform maximal error bound of the form
P(sup,ez |0(t) — ¢(t)] < €) > 1 — ¢ immediately implies a corresponding bound on the expected max-norm er-

ror. That is Esup, ‘(b(t) — (;S(t)‘ < e+ C§ for some constant C. Consequently, the second error metric (uni-

form maximal error) is stronger than the uniform mean error. Intuitively, this follows from the basic inequality

sup, E[9(t) — o(t)| < Esup, [o(t) — o()|

2. Structure of the estimator

Before proving results, we restate the structure of the problem that we derived in the following sections.
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In Section [D] we show the following decomposition to separate the analysis of bias and variance in the estimator:

(1) =E(@(t) + ¢ T (1) (B3)

Here, ((t) € RE is a coefficient vector with ||((2)],,]|¢(®)], < O(1), and & € R” is the normal-distributed vector of

data noise with zero mean and Cov(€) < 02I. Then, we have the following bias-variance decomposition

a(t) = o(t) = (B(d(1) — 6(1)) + T (1) = bias(t) + ¢ (1)E. (B4)

In Section [F} we show that the bias term can be reduced to second order using Richardson extrapolation. Suppose L
is the algorithm parameter as in Theorem [Il Theorem [23| indicates that

ﬂ2T2

|bias(t)| < Cy 72

(B5)

for some constant Cf.
According to the analysis of Fisher information in Section [G] we have

o2 < O(1/M). (B6)

These suffice to prove our main technical result.

3. Proof of Theorem[I]

Proof. The result follows the structure in Section
In terms of mean square error, the bias-variance decomposition in Eq. (B4]) becomes

N 22\ 2
B (900 - 00))2) = vins'() + T OEET D) < bias'(0) + ol < () +cdyy @

for some constant Cy. Here, the last expression uses Egs. (B5) and . This bound holds for any interior point
tel,.
According to Jensen’s inequality, we have

R . 272\ ? 1
2 [60) - ot0| < & (160 - ot0?) < (021 ) iy (B
Note that vVa+b < v/a+ v/b holds for any a,b > 0. Then, we have
. B2T2? 1
S E[3() —0(0)| < Oy + O (B9)

Similarly, we can prove the bound in the boundary region [0,T]\Z, in which the bias is first order. The proof is
complete. 0

4. Performance in terms of uniform maximal error

Theorem 7. Let ¢ € P3([0,T]), and let L, M be positive integers. Suppose M is the number of measurement

shots per experiment, and that there are L + 1 experiments implementing Hamiltonian magnitudes w; = (ijzr_:iﬂ for
j=0,1,...,L. Let I° = [1/L,T — 1/L] denote the interior region. Let ¢(t) denote the reconstructed pulse obtained

from the end-to-end pipeline. Then, there exist constants C1,Cy such that for any inconfidence §
. 2 (. B2T2\? - log(2L/5)
]P(tseuzrz d)(t)—aﬁ(t)’ < <01 3 > + O30 > 1 -6 (B10)

M
At the boundaries t € [0,1/L]U [T — 1/L,T], a similar error bound can be derived by substituting the bias term with
OBT/L).
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Applying the inequality v/a + b < v/a + v/b, the following uniform maximal error bound holds

. - 8272~ flogL
sup |p(t) — (b(t)‘ <’ — + Cay/—= with high probability. (B11)
teze L M

Proof. Applying the inequality (a + b)? < 2a% + 2b2 to Eq. , we have
. 2
|¢(t) - ¢(t>\ < 2 bias?(t) + 2 [¢T (1)8]” < 2 bias?(£) + 2|7 ()|} €112 - (B12)
Using union bound and the Gaussian tail bound, we have
P([|£112, < 20°1og(2L/3)) > P(max|e;/o;|* < 210g(2L/3))
7

=1—P(maxz? > 2log(2L/8§)) where z; ~ N (0,1
(max z; g(2L/4)) (0,1) (B13)
L

>1-Y) P(z2>2log(2L/8)) > 1 —2Le~ 1°8CL/9) > 1 .
> P

i=1

The result follows.

Appendix C: Digitizing Analog Pulse Function via Segmented Generators

We begin by outlining the technical results presented in this section before providing the detailed proofs.

Though the time-dependent Hamiltonian dynamics can not be treated simply like time-independent dynamics,
the time evolution matrix can still be factored into the product of short-time evolutions, Given a time partition
0=ty <ty <---<tr =T, we have

TefifoT H(s;w)ds _ Tefifttf_l H(s;w)ds . Tefifttol H(s;w) ds. (Cl)

In general cases, pinning down a choice of Lie algebra allows us to represent each short-time evolution matrix.
Specifically, in the single-qubit case, Pauli matrices can be set to a basis of the Lie algebra. For the time-dependent
Hamiltonian evolution considered in this paper, we will show in Theorem [§| that they admit the following form:

Te o TOds _ oon (Ci(a(ty, b @)X + b(t1, £ @)Y + (b, ta; ) Z)) . (C2)

Here, we refer these functions a, b, c as the generators of each short-time evolution. Intuitively, when the evolution
time is short enough ¢, — t; < 1, the pulse function involved in each segment becomes much simpler to characterize.
Though this intuition is simple, the complex time-ordering operator makes the practically useful relation illusively
hidden behind the convoluted nonlinear ¢-dependencies. How can one formalize this intuition as a tangible algorithm?
In Theorem [I0] we show that the following bound relates the generators and the characteristics of the pulse:

b(t1,t2;w)
Y(t1,te;w) 1= arctan () ,
agflat27w) (CS)
¢(s)ds

to —t1 Jy,

P(ti, ta;w) —

S @) ((1 + w2)(t2 - t1)4) .

As a result of nontrivial analyses, this bound implies that if the generators of the short-time evolution can be learned,
the averaged pulse value on such short-time interval can be approximately derived.

Furthermore, this establishes an analog-to-digital conversion at the logical level. Specifically, we can define the
following mapping through a bounded-error correspondence stated in Eq. :

Analog Rep.: ¢ € P, Te iJo Hisw)ds Digital Rep.: (¢o,- -+ ,¢r) € RY, e~iHoL] ... o~iH[01] (C4)

The reverse mapping is established in Section

These constitute the preliminary steps of our data post-processing. In later sections, we introduce an algorithm
for learning the generators in Section [H] followed by another algorithm for reconstructing the analog pulse from the
learned parameters in Section [D] Together, these three components form the complete procedure for learning analog
pulse functions.
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1. Structure of short-time evolution operator

For simplicity of notation, we define an anti-Hermitian operator A := —iH. The time-dependent Hamiltonian
dynamics we consider can be characterized by the following differential equation

%U(t, O;w) = A(t;w)U(¢,0;w),U(0,0;w) = 1,

where A(t;w) = —iw(cos(p(t)) X + sin(¢(1))Y).

(C5)

Formally, the exact solution of this equation can be expressed using a time ordering operator or using Magnus series
expansion:

U(t,0;w) = Telo Als)ds — 0(0.0:0), (C6)
Here, Q(t,0;w) is the Magnus operator representing the exponential integrator from time 0 to time ¢t. When the initial
time is equal to 0, we simply write the Magnus operator as Q(t) := Q(t,0;w). We also drop the w-dependency in
other operators for notational simplicity.
As a generator in su(2), the Magnus operator admits a Pauli decomposition:

Qt) = a(t) X + b(t)Y + c(t)Z. (C7)

This operator can also be written as an infinite series:
o0
Q) =) () (C8)
n=1
where each term can be written in terms of nested commutator:

nLn=2 ¥ / (s (), [ ()~ [, (5), A(s)]]] ds,n > 2. (C9)

m
J: kit-+kj=n—1
k1>1,-- kj>1

j=1
Here, B; is the Bernoulli numbers with By = —1/2. The first few terms are

0 = [ Als)ds, 92(15):% / / TA(h), A(ta)] dbs dts,
070 (C10)

(1) = ¢ / / 1 / “[A(h), [A(ta), Alts)]) + [A(ts), [A(t), A(tr)]] dts b dts.

Note that the time-dependent Hamiltonian in Eq. (C5|) involves oscillatory trigonometric function dependencies.
These oscillation contributes to the cancellation of the leading terms in the multi-fold integral in the Magnus term.
As in our analyses outlined in Section the property of the Magnus expansion is as follows.

Lemma 8. The n-th order Magnus expansion is

. _Joe()Z when n is even,
€2 () = { an (1) X + b, (t)Y when n is odd. (C11)

Here, a,, by, c, are some scalar functions. Furthermore, their magnitudes are
HQQk-‘y-l(t)H = 0(62w2k+1t2k+3)7k = 0a17"' ) ||92k(t)|| = O(/Bw2kt2k+1)7k: 172a"' . (012)

We aim to investigate the relationship between the Magnus generators in Eq. and the characteristics of the
analog pulse function. For higher-order Magnus terms, the pulse dependence becomes highly intricate due to the
multi-fold integrals involved. Therefore, it is more tractable to first analyze this relationship through the first-order
Magnus generators a; and by in Theorem |8 In the following analysis, we begin by quantifying this connection using
the first-order generators, and then establish bounds that characterize the corresponding relations derived from the
full Magnus generators a and b in Eq. .

In the following analysis, we denote the step size parameter as h := T'/L and emphasize that it is small.



Lemma 9. Let

¢ := arctan(by (h)/ba(h)) = arctan ( sin(¢ // cos( s) and ¢ = %/0 o(s)ds

Then, the following estimation holds:

Proof. We first note that

~d< / 9(s) — 6(u)| du < O(5h)
Then, we can study the integrals by expanding the functions. We first have the following:
d(s) = ¢o + Pps + ¢352 + ¢”’ 5+ 0(B*hY),
b= ¢o+ §¢0h + 6¢8h2 + ﬂ%ﬁh?) +O(8*h).

Then

cos(¢(s)) = cos(¢) — sin(¢)(¢(s) — ¢) — 5 cos()(d(s) — ¢)* + % sin(¢)(¢(s) — )

+ o os(@)(6(s) ) + O(°H)
= cos(9) — sin(6)(8(s) — &) — 5 os(d)(6(5) — 3)?
3
 goin(@) (Gh(s ~ 1/2) + 5467~ 1213) )+ 5 eos(d) (Gh(s - n/2)"+ O(5°1)

= cos(5) — sin()(8(s) ~ 3) — 5 cos(H)(6(s) — 67
+ Lsin(@) ((%) (s W2 + (65200 (s — hf2)2(s? ~ h2/3>)
+ L cos(@) (s — h/2))" + OB

Integrating this function over the interval 0 < s < h, we have

h
/0 cos((s)) ds = hcos()(1 — g(h)) + % sin(@)(¢)*95h” + 19120

Here

Similarly, we have

h
/0 sin(¢(s)) ds = hsin(¢)(1 — q(h)) — %o cos(¢)(¢p) o h° + 19120

Hence

¢ = arctan —foh sin(¢(s)) ds = arctan (hsin(¢)(1 —a(h) + 0(64h5)>
i cos(g(s)) ds heos(p)(1 — q(h)) + O(B*h?)
= arctan(tan(¢) + O(B*h?)) = ¢ + O(B*h*).

cos(9)(#))*h’ + O(B”1°).

sin(¢)(¢5) h” + O(B°h°).
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(C13)

(C14)

(C15)

(C16)

(C17)

(C18)

(C19)

(C20)

(C21)

This is a remarkable result. Eqgs. (C18)) and (C20) indicate that the integrals of sine and cosine are approximated up
to an error O(hq(h)) = O(h?). However, because the third-order errors in the numerator and denominator cancel in

the quotient, the error to 1) — ¢ is improved to the fourth-order.

O
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Now, we can lift this relation to that of the full Magnus generator series.

Theorem 10. Let ¢ € P be a Bernstein-type pulse, Q(h) := a(h)X +b(h)Y +c(h)Z,

h
¢ = arctan(b(h)/a(h)) and ¢ := 1/ @(s) ds. (C22)
h Jo
The following error bound holds:
¥ —¢| < O((B* + w?)B%h"). (C23)

Proof. For the simplicity of presenting the proof, we assume cos(¢) = Q(1) is away from zero by at least a nonvanishing
constant. Otherwise, we can alternatively implement the estimator using ¢ = atan2(b(h), a(h)) to relax this condition.
We first construct a reference generator by keeping the first-order term and all even-order terms:

_ h h
iQh) :=a1(h) X + b1 (h)Y +¢(h)Z = w/o cos(¢p(s)) dsX + w/o sin(¢(s)) dsY + c(h)Z. (C24)
Note that we have

|2 - am)| = Hi Qarya(h)| < O(B%7). (C25)
k=1

Then, using Holder’s inequality, we have

1 ~ 1 ~ =
lah) = ax()] = 5 |Tr (X(Q0) - Ow)) | < 51X, |[2m) - 2| < O(8%n?). (C26)
Here, || X, = 2 is the nuclear norm. Similarly, we have
[b(h) — bi(h)] < O(B*w*h?). (c27)

Following Theorem [9} we have

[0 =8| < v = b| + |9 = ] < Javectan(b(h) /a(h)) — avctan(b: (k) far (1)) + O(8*A)

b(h) _ bi(h) b(h) _ bi(h) (C28)
< a(h) - ar(h) sgp 1T e +O(B*h*) < @ — o (h) ‘ + O(B*hY).
Note that the assumption cos(¢) = (1) implies that ‘h_l foh cos(o(s)) ds‘ > ‘cos((ﬁ)’ —O(h?) = Q(1). Then
1 [k
a1 (h)| = |wh - E/o cos(¢(s))ds| > Qwh), |a(h)| = [ax(h)| — |ai(h) — a(h)| = Q(wh). (C29)
Consequently, using the bound b;(h) < wh, we also have
~ | |bi(h)
‘tan(¢)’ - al(h)’ < 0(1). (C30)
Then, the following inequality holds
b(h) — ba(h)| _ [bi(h) = b(R)| | |b1(R) | |ai(h) — a(h)] 2 914
o )| < | e < 0w, (30
To conclude, we have
[ — o < OB +w?)3hY). (C32)

The proof is complete. O
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2. Justifying analytical results with fully solvable models using linear pulse functions

In this subsection, we justify the theoretical results derived in the previous subsection by analyzing a fully solvable
model that uses linear pulse functions. We first derive the exact expressions for the time-evolution matrices.

Theorem 11. Consider a time-dependent Hamiltonian generated by a linear pulse H(t) =
w (cos(p(t)) X +sin(@(t))Y), where ¢(t) = at. The associated time evolution unitary admits a closed-form
eTpression

Ul(ta,t1) = R(t2)V (ta — t1)R(—11) (C33)
where R(t) = e 1t/2Z and V (ty — t1) = e i(2—t) (WX —a/22)
Proof. The quantum system evolves under a time-dependent Schrodinger equation of the form

d

00 =i (o <)) v (C31)

Our objective is to derive an explicit expression for the evolution operator U(ts,t1) which propagates the state from
time t1 to t3. We rotate the coordinates to eliminate the explicit time dependence in the differential equation. Let

R(t) = (eigt/g eic?t /2) and U(t) = R()V (1) (C35)
Then, we have
%U(t) =ROV()+RE) V(L) (C36)
and
RYORE) V() + V(t) = —iwR™ () H(t)R(t) V(1). (C37)
Direct computation gives
RY()H(H)R(t) = X, and R (1) R(t) = —'%Z. (C38)

Therefore, the effective equation in the rotating frame becomes
V(t) = —i (wX - %z) V(t) = —iHV(t). (C39)

The effective Hamiltonian H is time-independent. Then, the time evolution in the rotating frame is given by

~ in(l"At) ~
V(ta, t1) = exp (fi(tg - tl)H> = cos(TAt) T — 1%1{, (C40)
where At =t5 —t; and I' = y/w? + (ﬁ)2.
Therefore, we have
Ulta, t1) = R(t2) V(ta, t1) R (). (C41)
Note that R71(t) = R(—t). The proof is complete.
O
For a linear pulse, the systematic error of representing the averaged pulse is vanishing.
Corollary 12. When considering a linear pulse, for any time segment t1 < ty it holds that
ta
b(te. t s)ds
arctan( (t2, 1)) = b o) . (C42)
a(tg,tl) (tg —tl)
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Proof. Note that the time evolution operator can be expressed as R(t2)V (t2 —t1)R™1(t1). Here, the expression of V/
enables a special structure which can be written as

Vit —t1) = (ll:] ;71) where u := cos(I'(ta — t1)) + isin(T'(t2 — t1))a/(2T), v := —sin(T'(t2 — ¢1))w/T. (C43)
We have
b(tz,tl) o TI‘(U(tQ,tl)Y) (R(tQ)V( 2 — tl)Ril(tl)Y) . TI'(R(tQ)V(tQ - tl)YR(tl))
a(te,t1)  Tr(U(te,t1)X) Tr(R(t2)V(ta —t1)R-1(t1)X)  Tr(R(t2)V (ta — t1) X R(t1)) (1)
 Tr(R(t1 +t2)V(te — t1)Y)  wsin(a(ty +t2)/2) tan(a(ts +2)/2)
T Tr(R(t + t2)V(ty — 1) X)  wveos(alt +12)/2) R
The conclusion follows. O

Furthermore, we can justify the difference between the exact and approximate Magnus generators.

Corollary 13. The difference between the exact generator and the approzimate generator is bounded as follows:

~ 1
HQ(tQ,tl) —Q(tg,tl)H S 250, with |efta, )] S zow'h?. (C45)

60
Proof. We first recall the property of SU(2): e ™% = cos®) — isinvn - o where n - o = (2, X +0,Y +n,Z) and
1 is a normalized vector. Note that we have U := U(ty, t;) = e(t2:t1) = ¢=i(aX+bY+cZ) - Hence, the procedure for
determining these unknowns follows,

1 50—
cost = 3 Tr(U), a =97, = ~Send Tr(UX), (c16)
. J o 9
b=1vn, = BT Tr(UY), c=9n, = ~Send T (UZ).
Using the analytical formulae derived above, we have the following equalities and estimates:
cos ) = cos(ah/2) cos(T'h) + sin(ah/2) sin(Th)a/(2T), (C47)
to )
a= d sin(T'h) cos(at), a= w/ cos(at) dt = = sin(ah/2) cos(at), (C48)
siny T . @
w ~ t2 2w
b= —sin(Th) sin(at), b= w/ sin(at) dt = — sin(ah/2) sin(at), (C49)
siny T’ “ @
c= v (sin(ah/Q) cos(T'h) — el cos(ah/2) sin(Fh)) = —law2h3 + O((aw* + a*w?)h®) (C50)
sin v 2r 6
where © := (t; +12)/2 and h :=ty — t3.
Note that the following estimate holds
s sin(Th) — e sin(ah/2) = — ! 20305 + O((w® + a*w?®)h7) (C51)
sing I’ «a B 6() '

Thus, the difference between the exact generator and the approximate generator Q= —i(aX +bY +cZ ) is bounded
as

[t t0) = o, 1) = (0 — @)% + 0~ B)Y | = /(@ )2 + 6 -2
(C52)

20305 + O((@®W® + atw?)h7).

= sm(Fh) - %) sin(ah/Q)’ =

sing T 60
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3. Deferred proofs and computations

In this subsection, we analyze Magnus terms (e.g. Eq. (C10])) in detail.
Recall that A(t) = —iH(t) = —iw(cos(¢(t))X + sin(¢(t))Y). We first compute the second-order term via the
commutator.

Lemma 14. The following equality holds
[A(t1), A(t2)] = 2iw? sin(é(t1) — 6(t2)) 2. (C53)
Proof. Using the commutation relation of Pauli matrices, we have
[A(t1), Alt2)] = —w?[cos(¢(t1)) X +sin(p(t1))Y, cos(¢(t2)) X + sin(¢(t2))Y]
= w?(sin(¢(t1)) cos(d(t2)) — cos(é(t1)) sin(o(t2)))[X, Y] (C54)
= 2iw? sin(¢p(t1) — B(t2))Z.

Lemma 15. The following equality holds
[A(t1), [Alt2), Alts)] = —4iw’ sin(¢(t3) — @(t2)) (= cos(d(t1))Y +sin(p(t1))X) . (C55)
Proof. Using Theorem we have
[A(t1), [A(t2), Alts)]] = 2iw? sin((t2) — ¢(t3))[A(t1), Z]
= 2w’ sin(¢(t2) — ¢(t3)) (cos(d(t1))[X, Z] + sin(¢(t1))[Y, Z]) (C56)
= —4iw? sin(¢(t3) — ¢(ta2)) (—cos(d(t1))Y +sin(¢p(t1))X) .

O
We then analyze the third-order term using nested commutators.
Lemma 16. Let ¢ € &3 be a Bernstein-type pulse function, and h be the step size parameter. We have
Q3(h) = O(B2wh®). (C57)

Proof. Using Theorem we have
[A(t1), [A(t2), A(ts)]] + [A(ts), [A(t2), A(t1)]]
= — 4iw’ (sin(@(ts) — d(t2)) sin(p(t1)) + sin((t1) — ¢(t2)) sin(d(ts))) X (C58)
+ 4ios® (sin((ts) — B(t2)) cos((t1)) + sin(@(t1) — B(t2)) cos(6(ts))) Y
= — 4iw® (f(t1,t2,13) X — g(t1,12,13)Y).

The rest of the proof analyzes the behavior of the three-layer integral of f and ¢ in the limit of small h.
We expand f(t1,ts,t3) using Taylor series around 0, retaining terms up to O(h?®). The expansion of f(t1,ts,t3) is

f(t1,ta,t3) = abty — 2abty + abtz + act — 2acts + acts — b*tity + 2b* 1t — bPtats + O(h?). (C59)
Here, a = ¢(0),b = ¢'(0),c = ¢”(0). Integrating over 0 < t3 < t5 < t1 < h, we have

/ / / f(ty,to,t3) dts dty dt; = ( — b) R® + O(h®). (C60)

We can similarly analyze the other function

g(t1,ta, t3) = sin(@(t1) — ¢(ta)) cos(¢(t3)) + sin(¢(t3) — d(t2)) cos(¢(t1))

C61
= bt — 2ty + btz + ct? — 2cts + ct3 + O(h3). (C61)
Integrating over 0 < t3 < t5 < t; < h and noting that the first term vanishes after integration, we get
h t1 to c
/ / / g(tl,tg,tg) dt3 dtQ dtl = 7h5 + O(hﬁ) (062)
o Jo Jo 60

These complete the proof.
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The fifth-order term can be analyzed similarly.

Lemma 17. Let ¢ € &3 be a Bernstein-type pulse function, and h be the step size parameter. We have
Qs(h) = O(B%Wh7). (C63)

Proof. There are 22 nested commutator terms in the fifth-order Magnus term. Formally, it can be written as

2 h t1 to t3 ta
ol 0 0 0 0 0

Using symbolic computation packages, such as sympy in python, we can evaluate its Taylor expansion around zero:

f(t1,ta,ts, ta, ts) = —32abty — 32abty + 128abts — 32abt, — 32abts — 32act] — 32act}
+ 128act3 — 32act — 32acti — 1600t 1ty + 288b%t t3 — 160b%t1t5 — 80b%tats (C65)
+ 16b%tgty + 192b%tots — 32b%tsty — 48b%tsts — 16b%t4ts + O(h3)
and

g(tl, tg, t37 t4, t5) :32bt1 + 32bt2 - 128bt3 + 32bt4 + 32bt5 + 32615? + 3261%

C66
— 128ct3 + 32ct] + 32ct? + O(R?). (C66)
Here, a = ¢(0),b = ¢'(0),c = ¢"(0). Their integrals are as follows:
h pt1 pta ptz pta 4 4b2
/ / / / fdts dty dts dty dty, = (;30 - 105) R" + O(h®) = O(RT). (C67)
o Jo Jo Jo Jo
and
h t1 to ts tq 4C
/ / / / / gdts diy dts dts dty = “<h7 + O(h®) = O(WT). (C68)
o Jo Jo Jo Jo 63
These complete the proof.
O
Following this pattern, we conjecture that the general term takes the form
Qo 41(h)|| = OB R F3) |k = 0,1, [|Qak(h)]| = OB W) k= 1,2, . (C69)

We justify them numerically in Fig. 4l The left panel indicates the agreement up to the leading order Q5 ~ h3 and
Q3 ~ h® when setting w = O(1). The right panel indicates that the w and h scaling matches our conjecture when
setting wh = 1.

Another observation is that the even and odd Magnus terms admit distinct representations, as in Theorem [8] We
provide the proof as follows.

Proof of Theorem@ (structure part). We prove the structure by induction. In the base case k = 1,2, we see that
Oy € span{X,Y} and Q9 € span{Z}. Our induction hypothesis is Qo1 € span{X,Y} and Qoo € span{Z} for

k>1.
It suffices to prove an intermediate relation. Let A, B € span{X,Y} and C € span{Z}. We have

[A, B] = [a; X + a,Y, 0, X 4+ b,Y] = (azby — ayb;)[X,Y] € span{Z} (C70)
and
[A,C] = [a: X + ayY, . 2] = z¢,[X, Z) + ayc,[Y, Z] € span{X, Y }. (C71)

Let M be a classifier, which equals to M(span{X,Y}) = 1 and M(span{Z}) = 0. Following the previous relation,
we have

M([ X1, X2]) = M(X1) ® M(My)), where z @y = (x +y) mod 2. (C72)
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Figure 4. Truncation error of the Magnus expansion. Blue dots stand for the sum of high-order Magnus terms in odd orders.
Orange dots stand for the magnitude of the Pauli Z components in the generator, which is equal to the sum of all even-order
Magnus terms. The reference solution is generated by solving the time-dependent Hamiltonian dynamics using the fourth-order
Runge-Kutta method (RK4).

Then, our induction hypothesis is equivalent to

M(Q) =k mod 2, Vk <n—1. (C73)
Let us consider an integer j € [1,n] and kq,--- ,k; > 1 so that k; +--- 4+ k; =n — 1. Then, we have
M([Q;, A]) = M(Qy;) @ M(A) = M(Q;) @ 1 (C74)
and
J
M, [y [y, ANl]) = M) B+ M) D L= (14> k) mod 2 =n mod 2. (C75)
a=1

Following the recursive definition Eq. (C9)), we have
M(Qy,) =n mod 2. (C76)

By induction, the proof is complete. O

Appendix D: Reconstructing Analog Pulse Functions from Learned Digital Data

In Section [C] we demonstrated that the analog evolution can be regarded as a digital representation with bounded
error (see Eq. (C4). In this section, we address the reverse problem, i.e., reconstructing the analog pulse function
from a given set of learned digital data. This corresponds to the following mapping:

Digital Rep. (Data): (o, -- %) € R —  Analog Rep. (Pulse): ¢ € C*. (D1)

In this section, we address the reconstruction problem using spline-based interpolation methods. Splines are powerful
tools in non-parametric machine learning, providing flexible and smooth function approximations. In contrast to high-
degree polynomial interpolation methods such as Lagrange interpolation, which are prone to the instability known as
Runge’s phenomenon, spline interpolation employs low-degree polynomial pieces that connect data points locally and
smoothly, resulting in more stable and robust approximations.

It is worth noting that our queryable data do not correspond to function values sampled at discrete points. In-
stead, they represent averaged function values over small intervals. This distinct problem setup differentiates our
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interpolation method from the standard textbook formulation of spline interpolation. In this section, we introduce
two approaches for reconstructing the pulse function. The first method tailors the problem structure by differentiat-
ing an interpolation of the antiderivative of the pulse function, which we refer to as the Differentiating Spline (DS)
method. The second method, which is referred to as the Midpoint Spline (MS) method, leverages the underlying
data-generation process and carries a clearer information-theoretic interpretation.

1. Pulse reconstruction method via differentiating spline

Let the time grid point be t; := jh = jT'/L. The antiderivative of the pulse function can be written as

t; J kh
B(t;) = i d(s)ds = ; /(kl)h $(s)ds~hy oy =: ;. (D2)

Hence, when the segmented generators can be learned, taking the prefix sum can assemble the antiderivative value
of the pulse function. Let Spyj(t) be a spline interpolation on the dataset {(t;, ¥;):j =0,---,L} with tyg = ¥y = 0.
Then, we have

S0~ S~ [ os)ds = 90 = S (D) = 000, (D3)

Our interpolation data is constructed from the prefix sum, whose pointwise error is still bounded

W) — ®(t |<h2|¢a @j|§T‘1f§a§(L’¢j—¢3J|~ (D4)

When differentiating the spline for pulse recovery, one might expect the pointwise error of the reconstructed pulse
function to be amplified by a factor of the inverse step size parameter 1/h. However, the good news is that no
such amplification occurs, because the derivative of a spline interpolation effectively relies only on local data for its
computation.

The performance guarantee of this method is summarized in the following theorem.

Theorem 18. Let ¢ € P be a Bernstein-type pulse, S be a g-th order spline interpolant. Suppose each data point
Y = ¢; +bj +e; is subjected to a bounded error |bj| < & and a random normal-distributed error (not necessarily iid)
£~ N(0,%),% =< 02I. Let the interior area of the interpolation be IS := [ch,T — ch] where h :=T/L and ¢ > q is a
constant. Then, there exist (h,o)-independent constants C1,Cy,Cs > 0, so that the pointwise interpolation error in
the interior is bounded as follows:

A1) = %SM (), supE ‘J)(t) - (;5(15)’ < C1Bh9 + Ca6 + Cso. (D5)

teTe

Proof. The first error term is the systematic truncation error of spline interpolation, where local degree-¢q polynomials
are used. We first show that the spline interpolant effectively relies only on local data for its computation. We start
from the analysis of a simple case of cubic spline g = 3.

Let y; :==h ZKj ;. When t € [t;,t;41], the interpolant is determined by the following equation:

mj+1h2 t— t]'

m]h )t]Jrl_t )
6 h

S (t) = 6h(]+1_t)3+ 6h(t—t) + (v - —¢ T+ (Wi - (D6)

Taking the natural boundary condition as an example, the second-order derivative parameters are derived from the
following tridiagonal linear system:

6
— K~'Djj, K = TriDiag(1,4,1), D = TriDiag(1,—2,1). (D7)

6
mj_1 +4m; +mjq = ﬁ(yj-i-l 2y +yj— 1) hz

Taking derivative of Eq. , we have

6 5 -
O(t) = a;(t)y; + 1 (1 + Bi(E)my + Bipa (mjsr = (aje] + ajpre] ) + (Bje] + Bivre) 1)K 'D)j=:~"4.

h
(D8)
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Here, v ~ O(1/h) and 8 ~ O(h). Now, we need to show that + is decaying, namely, |v;| := |y "e;| < O(p!*~71/h) for
some p < 1. From Eq. , we see that the first two a-related terms naturally satisfy this decaying pattern. For
[B-related terms, it is suffices to show that e;rKleei < O(p‘“”). Note that K is a banded positive definite matrix.
According to [I1}, Proposition 2.2], there is a constant p so that (K1), ; < O(pl*=7l). Then, by applying triangle
inequality, we have

le] K™'De;| = [(K™)jim1 = 20K )0+ (K] S 0. (D9)

Hence, we show that v is decaying. Furthermore, 7 is derived from the derivative of a spline, it satisfies 41 so the
derivative is not sensitive to a constant shift in interpolation data.

Note that y is the prefix sum of the raw data ). We may write this relation in a compact matrix form as i = hQﬁ
where @ is a lower triangular matrix whose lower-triangular elements are all equal to one. Hence, g?)(t) =~y =
h’yTQzﬁ':: (TJ. When m > j, we have

Gl =1 | w| < O(i prrim=ily < o(plm=ily, (D10)

i>m k=0

The other case can be shown similarly. Following the decaying property of ¢, we have ¢ is bounded by O(1) in 1- and
2-norms.

This conclusion can be generalized to the spline method at a higher order q. The only difference in the proof is
that the structure of matrices K and D spans a wider band, but [T1, Proposition 2.2] is still applicable.

Note that the raw data admits an error decomposition 1/7 = &7 + b+ & We have
E(4(1) — o(0)] < Cuph + ¢ 78| < coprnt + Il [[B]_ < cuprnt + s (D11)

Here, the first error term comes from the intrinsic interpolation error because the spline uses g-th order polynomials
locally. The second error term comes from the smooth error in the data.
The variance of the interpolant is

Var(é(t)) = ¢ 'E(EZT)¢ < a2 [|¢]13 < O(c?). (D12)

Hence, following the steps outlined in Section[B3] the error bound is proven. Note that this analysis only applies to
interior points. The interpolation points close to the boundary are subjected to more subtle treatment of numerical
stencils to align with proper physical boundary conditions, which usually cause potential downgrade in error order.

O

2. Pulse reconstruction method by de-averaging raw data

The DS method in the previous subsection achieves a desirable error bound. However, it does not exploit any
knowledge of the signal-generation process; instead, it relies solely on the observational relationship between the raw
data and the antiderivative of the pulse function.

In fact, we know that the raw data can be thought as some bounded-error approximation to the averaged pulse
value on sliding windows. Hence, we may first try to invert this averaging operation to recover the function value,
then apply textbook-version spline interpolation methods to recover the full pulse function. In this subsection, we
quantify this intuition and rigorously develop a more elegant reconstruction method with clearer information-theoretic
meaning.

We begin by introducing a high-order stencil that allows us to recover the value of ¢(t) at midpoints within the
interior of the function’s domain.

Lemma 19 (De-averaging raw data). Let ¢ € Pg and consider a uniform partition 0 =to < t1 < --- <ty =T with
step h = ti11 — t; and midpoints m; := (t; + t;41)/2. Suppose each data point ; = ¢; + b; + ¢, is subjected to a
bounded error |b;| < & and a random normal-distributed error (not mecessarily iid) & ~ N(0,%),% < o?I. For any
interior point in I° := [h,T — h|, define the central second difference A1; := 1p;_1 — 29; + ;11 and the de-averaged
midpoint estimator

PP (my) = i — i A2y, (D13)
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Then for any m; € Z°, we have the following holds
E [¢™P(m;) — ¢(mi)| = O(B*h*) + O(8) + O(o). (D14)
At the boundary cells, the same accuracy holds if A? is replaced by a one-sided fourth-order stencil.

Proof. The averaging operator over the symmetric cell about m; has the even-derivative expansion

2

é; = ¢(mi) + szf’( i)+ @dﬂ‘”(mz) + 0(6°°%), (D15)

obtained by integrating the Taylor series of ¢ over [t;,t;11]. Applying the central second difference operator A2, a
discrete Taylor expansion about m; gives

4
A%, = 126" (me) + 6D (me) + O(°1). (D16)
Therefore, we have

1920

Because the h?¢” terms cancel, we obtain

B 25, = (60m) + 1t (m) + 6D o) + 050 — & (1267 i) + 6 O(m) + 0(8%)). (D17)

3
B~ 5 A%, = olmy) - 1ol M (ma) + O(B°°) = ¢(ma) + O(B*h*). (D18)
We apply the triangle equality to the systematic error terms
13 1 1 7
A2 — b — —biiq| < D1
bi = bi ‘12b 2101 T gglin| S g (D19)

The matrix representation of the de-averaging operation is a tridiagonal matrix @ := TriDiag(—1/24,13/12, —1/24)
up to some small modification according to the choice of boundary stencil. Then, the variance of the de-averaged
data is

Cov(¢™") = QTE(EFT)Q < 6°Q " Q, where G := Q' Q = PentaDiag(1/576, —13/144,113/96, —13/144, 1/576).

(D20)
Note that ||G||, = O(1). Hence, the random error in the raw data contributes a O(c) uncertainty to the de-averaged
data with high probability. The proof is complete. O

As a remark, we may include more neighboring data in Eq. m ) to construct a higher-order stencil, which is
adaptive to the order of the smooth error §. Furthermore, in a special case when § = O(%h?), we do not need to
keep finer structure in the de-averaging operation. This result is summarized in the following corollary.

Corollary 20 (Second-order de-averaging). Under the assumptions of Theoreml when using the raw data as the
midpoint function value ¢™P*(m;) := 1);, we have the following holds in the interior area:

max B |¢; — ¢(mi)| = O(8°h%) + 0(9) + O(o). (D21)

The de-averaged midpoint data {¢™P*(m;)} from Lemma[l9]enables us to reconstruct the pulse function by applying
normal spline interpolants. By using de-averaged data, the pulse function is estimated from the spline interpolation it-
self, rather than its derivative. Consequently, the data locality of spline methods ensures that the pointwise estimation
error is not amplified too much. We summarize this result in the following theorem.

Theorem 21. Let ¢ € P5 be a Bernstein-type pulse, S be a q-th order spline interpolant. Suppose each data point
Y = ¢; + b; + € is subjected to a bounded error |bj| < & and a random normal-distributed error (not necessarily
iid) € ~ N(0,X),% < o2I. Let ®™P' be the midpoint function values by applying the de-averaging techniques in
Theorem or Theorem . Let the interior area of the interpolation be I2 := [ch, T — ch] where h:=T/L and ¢ > q
is a constant. Then, there exist (h,o)-independent constants Cy,Ca,C3,Cyq > 0, so that the pointwise interpolation
error in the interior is bounded as follows:

B(t) = S (1), sup E ‘é(t) - ¢(t)‘ < CLBTTIRITY 4 Cy6 + Cso + Ca 7R, (D22)

Here, 1 is a constant depending on the choice of de-averaging method. We have n = 2 when using Theorem [20 and
n = 4 when using Theorem [19
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We remark that this result differs from Theorem in two error components. First, the systematic error caused
by the spline interpolation is (¢ + 1)-th order, due to the direct evaluation rather than taking derivative. Second, the
fourth term is the systematic error caused by the de-averaging operation, which can be chosen adaptively to tradeoff
other errors.

Appendix E: Surrogate Model for Learning Pulse Characteristics

In the last sections, we see that the total reconstruction error depends on the choice of spline interpolant, the error
strength ¢ in the raw data (¢1,--- , %), and the random uncertainty in the raw data o. The magnitude of § depends
essentially on the choice of surrogate model and the learning procedure. In this section, we analyze a simple surrogate
model which connects closely to the structure of a quantum algorithm called Quantum Signal Processing (QSP).

When keeping the Magnus expansion to the first order, according to Section [C| we have

- X LT . LT _ 1 tij+h
V(97¢j) = eﬂl(tj“rh,tij) — 6*1¢j/226*19X€1¢j/2Z’ Where 0 = Wh and ¢J = E/ ¢(S) dS. (El)
tj
The truncation error of this surrogate model is
Heﬂ@ﬁhw) — v, @)H < O(Bw?h?) < O(BR) when 0 = wh = O(1). (E2)

The surrogate model matrix V' coincides with the primitive used in QSP. Combining these matrices in subsequent
time intervals can form a long-time surrogate model. According to the theory of QSP in the literature [I8] [45], this
model has a clean matrix-valued Fourier representation

L
V(0,¢r)---V(0,01) = Z C;€e% where C; € C?*2. (E3)

Jj=—L

This Fourier structure gives us a very elegant approach to process experimental data in Fourier space. We systemat-
ically study this Fourier-space data post-processing method in Section [H]

Keeping the higher-order Magnus terms can reduce the truncation error of the surrogate model. However, these
terms has a nonlinear dependency in 6, i.e., Q ~ 6*. Consequently, the short-time surrogate model matrices have
more complex exponents. These exponents contain nonlinear 6 terms, which represent higher-order refinement to
the accuracy of the surrogate model. When similarly assembling the long-time surrogate model, we no longer have
the simple Fourier structure like that in Eq. . Moreover, the ¢-dependency also becomes convoluted in these
high-order correction terms due to the multi-fold integral involved in Magnus expansion. Consequently, more complex
data post-processing methods are required. This might be addressed by using advanced optimization methods to
solve surrogate parameters. We leave this as a direction for future work.

Because our simple surrogate model only has a first-order truncation accuracy, we might think the end-to-end
pulse reconstruction error is bottlenecked at the first-order error O(h). However, because of the smoothness of this
truncation error, we are able to lift the overall end-to-end pulse reconstruction accuracy to second order O(h?) using
Richardson extrapolation. We discuss this technique in Section [F]

Appendix F: Enhancing End-to-End Pulse Reconstruction Accuracy via Richardson Extrapolation

As outlined in Section the accuracy of the surrogate model in Eq. is first-order. This gives § = O(S8h),
which seemingly implies that the end-to-end pulse reconstruction accuracy is also first-order according to the analysis
in Section In this section, we present a method lifting the end-to-end pulse reconstruction error to second-order
via Richardson Extrapolation (RE).

We start from a lemma regarding the performance guarantee of RE.

Lemma 22. Suppose h is a parameter of step size, and we have an estimation method Fy(t). Let the performance of
the estimator be factored in the following parts:

Fiu(t) = f(t) + b(t)h + z(t, )b + e+ O(h?), Vt € I° (F1)

for some interior area Z°. Here, b(t) is a bounded error coefficient, z(t, h) stands for a non-smooth bounded systematic
error, and € ~ N(0,02) is a random error. Furthermore, there is no neighborhood of h = 0 on which z(t,h) extends
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to a differentiable (or even continuous) function in h. That means z(t,h) does not admit a Taylor expansion in h.
We have the following performance guarantee holds for the RE estimator

FpB(t) = 2Fy2(t) — Fu(t), max B [ERE () = F()] < O(h%) + O(h) + O(o). (F2)

The proof of the lemma is straightforward. We remark that Theorem [22| implies that systematic error that admits
a smooth coefficient can be improved by using RE; however, systematic errors without a smooth coefficient cannot
be improved via RE. In our application, these non-smooth errors include truncation errors from spline interpolations.
To understand this rigidity, consider the simplest linear interpolation on the interval [to, o + h]. Taylor expanding,
we have

F () = £l10) S o+ 0 S = £~ O (00— m() B + OO (F3)
z(t,h)
where
() = frac (thto) —=h [thto] e0,1). (F4)

When extending to the piecewise linear interpolation to the full interval, we see that n,(t)(1 — nx(t)) is not differen-
tiable. The factor 7, (t) similarly involves in higher-order spline interpolation method. Consequently, the systematic
truncation error due to spline interpolation is not improvable in RE. However, we can avoid this issue by choosing a
spline method with sufficiently high error order. In this work, using cubic spline interpolation suffices.

It remains to show that the truncation error caused by the surrogate model is smooth. The Magnus expansion forms
a smooth expansion series in h. Hence, the truncation error in the exponential generator is smooth. The mappings
between Lie group and Lie algebra are smoothly defined by matrix exponential and logarithm [I9]. Consequently, the
truncation error in the surrogate model propagates to a smooth error in the raw data. Then, applying Theorem
gives the following estimation with improved accuracy.

Theorem 23 (Pulse reconstruction method with improved accuracy via Richardson extrapolation). Assume éh(t)
is the reconstructed pulse function derived from Section [D] with cubic splines and step size h. Assume the raw data is
learned from the surrogate model in Eq. mn Section@ Let o be the standard deviation of the random error in the
raw data. Then, there exist two (h,o)-independent constants C1,C2 so that the following pulse reconstruction error
holds:

RE(0) = 2buja(t) = dul0), - sup E[RP(1) — 6(1)| < 1% + Coo. (5)
teze
In Fig. |5} we visualize the reconstruction error in the absence of measurement noise and quantum errors. In this
setting, the error reflects only the systematic bias. The results show that increasing L substantially mitigates the bias
in the interior region, while the improvement near the boundaries is more limited. This behavior is consistent with
our theoretical analysis.

Appendix G: Analysis of Fisher Information

In the previous sections, our analysis mainly focuses on the order of systematic errors in terms of the scaling of the
step size parameter h = T'/L. Another major factor involved in the error bounds is the random uncertainty parameter
0. Because each quantum experiment is measured with only finitely many measurement samples, the experimentally
derived unitary data are subject to random fluctuations rather than coinciding with the exact values from direct
calculation. Such randomness propagates into the uncertainty of the pulse function estimation. To quantify this
uncertainty, we comprehensively analyze the Fisher information of the estimation problem in this section. We begin
with the structure of the Fisher information. Then, we analyze an interesting phase transition in its singularity when
the sampling range in 6 := wh does not fully cover the first quadrant.

1. Fisher information matrix

Fisher information can be used to lower bound the best estimation variance through the Cramér-Rao lower bound.
In particular, it provides a proxy for how much information each measurement has. In this subsection, we derive its
expression and structure in our setup.
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Figure 5. Pointwise reconstruction error of the pulse. The error profiles correspond to the example in Fig. With @(t) = sin(3nt).
The results obtained using the “direct” reconstruction method based on Theorem [20| are visualized.

Recall that 6 := wT/L and our building block is V(8,¢) = e 10(cost)X+sin(W)Y) " Tt 5, := cos(v) X + sin(¢y)Y.
First, the following identity holds

e~
_ —ifoy _ Ciwng.n [ cost le™sing\ _ _ipjoz —iox /22
V(o,¢y)=e cosf —isin® - oy <ie”p sin 0 cosf e e e . (G1)
Given a sequence of digital phase factors W := (¢1,--- ,%r) € RL, the combined time evolution matrix is

1 1
H (efioxei(w”rwj)/zz) e 10X giV1/2Z H (cos —isinfoy). (G2)
=L—1 j=L

1

W(0;0) = [ V(0,9;) = e ¥2/?7

Jj=L J

Expanding the right-most expression, we see that the output of such a matrix-product sequence is a parametric family
of trigonometric polynomials

oy a(0;0) +1b(0;T)  ¢(0;T 0; )
W(o; %) = (c( L)+ 1d(6; ) a(6; W) — ib(6; )> : (G3)
Here, a,b, ¢, d are real trigonometric polynomials in # which are parametrized by W.

Due to experimental fluctuation, each entry of the unitary is subjected to a complex normal distributed error
dW;; ~ CN(0,1/M) where M is the number of measurement samples per experiment. Equivalently, the experimental
unitary can be identified with a multivariate normal distribution N((a,b,c,d)",1/M1;). Following the standard
Fisher information expression of the multivariate normal distribution, we have

of(0; %) 0f(0; V)

oo Uy (G4)

Fij(0;9) =M

= M Re (<O|
fe{a,b,c,d}

oW (6; W) OW (6; ) o>>
OY; o, .

The last equality can be derived from direct calculation. The symmetry of (i,7) indices can be seen from the fact
that the right-hand side is real. Hence, we only need to consider the case where i < j as Fy; = F;.

The exact form of the Fisher information involves convoluted relations, which are hard to analyze. To understand the
structure of Fisher information, let us consider a special case where all phase parameters coincide as \I/;/’ =1; = YPVj
and this equality is not known a priori. Direct calculation gives the following: when i = j, we have

Fii(0; ¥) = M sin®(9), (G5)



32
and the off-diagonal elements are
Fiy(6; %) = _% Re (<0|621(i—j+1)9% 4 2§10y _ 2621(i—j)90¢|0>)

M
= 1 (cos(2(i — 7+ 1)0) + cos(2(i — j — 1)0) — 2 cos(2(i — j)0)) (G6)
M
=5 cos(2(i — 7)0) (1 — cos(20))
= M sin*(6) cos(2(i — 5)0).
Equality * uses relations €%’ = cos(#) + isin(f)oy and (0|0, |0) = 0. This structure indicates that ' and their
linear combinations Toeplitz matrices.

In the next subsection, we analyze the property of the Fisher information for this special class of phase factors U¥
and show that there is an interesting phase transition in terms of the singularity of the Fisher information matrix.

2. A phase transition of Fisher information for a special class of phase factors

Let v be the maximum 6 value in a set of experiments. When a set of equidistant #-values {6,, := vn/N : n =
1,--+, N} is used and each f-experiment is measured M times, the total Fisher information matrix (FIM) is
N N
Fis(UV) = MY Fj(00;9%) = MY sin®(6,,) cos(2(i — §)0n)
n=1 n=1
d=li—i] e 1 1 1 G7
=Ll M; 3 cos(2db,,) — 1 cos(2(d+1)0,) — I cos(2(d — 1)6,) (G7)
M
= 2K(d)— K(d+1)—K(d—1)) =:sq
where
al (N +1)dv\ sin(dv)
K(d) = 5(2d0,,) = . G8
(d) ;COS( n) COS( N ) sin(dv/N) (G8)
Hence, the Fisher Information is a Toeplitz matrix whose first row is (sg, $1, -+ ,S5—1)-

To investigate the spectral properties of the FIM, we numerically compute its determinant. The determinant of the
FIM (DFI) quantifies the information volume on the statistical manifold. As shown in Fig. @ the DFI exhibits a sharp
transition. When the maximum sampling-range parameter v is below a certain threshold, the DFI remains vanishingly
small. However, it suddenly increases to a significantly nonzero value and stabilizes once v > /2. A vanishing DFI
implies that the information volume represented by the FIM is nearly zero, meaning that little information can be
effectively extracted from the experiments. To understand this sharp phase transition, we analyze the upper bounds
of the FIM in the remainder of this subsection.

The eigenspectrum of the FIM can be estimated by embedding it into a larger circulant matrix. Let C be a
(2L — 2) x (2L — 2) circulant matrix whose first row is (sq, - ,$5—2,8L—1,8L—2," ", S1). Due to the periodicity, the
circulant matrix C can be diagonalized explicitly using Discrete Fourier Transformation (DFT). So its eigenvalue is

L—2
2rk
Ar(C) = 80+2;sdcos <d2L—2> +sp_1(-DF, k=0,1,--- ,2L — 3. (G9)

Direct computation shows that F(¥) is the upper-left L x L submatrix of C. Let 2 € RY be any normalized vector

and 7 := (z,07,_2) " € R?.72 be its extension. We have

' Fr=7'CT < sup y'Cy. (G10)
yeRL2y|=1

Consequently, the maximum eigenvalues of these two matrices are bounded as follows

< .
i M S g O (G
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Figure 6. Phase transition of the DFI. The y-axis represents a normalized DFI metric with the inflation effect due to L
mitigated. Values below 107'* are truncated for clarity. The parameter M is set to 1 for the simplicity of visualization.

Hence, we upper bound the Fisher Information. Using Cramér-Rao lower bound, we lower bound the variance of the
phase-factor estimator as follows. Suppose the bias of the phase-factor estimator is sufficiently small, which holds in
our case. For any unit coefficient vector ¢ € RY and the estimator of the phase factors U¥, we have

1

Var(c'U%) > T Fle > ) G12
( = T maxg—o,... 2.3 Ax(C) (G12)
We discuss two cases.
1. Case 1: v < 1. Applying Taylor expansion with respect to v around zero, we have
2N? N +1
m@:N———iii;fﬁ+m#) (G13)
3N
Then
M2(2N? +3N +1) , 4 1 9
= — ~ —MNv~°. 14
4= SN v: 4+ O 3 v (G14)
The maximum Fisher Information is bounded as
L-2
Flpax < max  Ap(C) <|so| + |sp—1| +2 Z [sa| ~ gMNLVQ. (G15)
= k=0, ,2L—3 - et 3

Specifically, when N = O(L) and v = wpax/L ~ 1/L, we have Fl,x < O(M). Because it is L-independent,
more eigenvalues will lie within the band [0, Fl,.x]. Hence, it is more likely that zero eigenvalues may occur,
leading to a vanishing DFT.

2. Case 2: v = 0O(1) is constantly large, and N > L. In this case, we can approximate the expression as

dv/N cos(sin(dv) cos((1+1/N)dv) Nsin(2du).

K = ~ 1
(d) sin(dv/N) dv 2dv (G16)
This function decays as d increases. Extending the DFT in Eq. (G9) to be continuous, we have
L—2
K(w) = K(0)+2 Z K(d) cos(dw) + K(L — 1) cos((L — 1)w)
d=1 (G17)

N [ si N
S cos (ix) de = — (W]Iogw<2u + Eﬂw:n) .

L—1
~ K d
/0 (z) cos(wz) dx 5 5 5

2v Jq x
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To form {s4}, the defining equation Eq. (G7) applies a discrete central second-order difference stencil to the
sequence {K(d)}. Hence, under DFT, the stencil operator becomes a multiplicative factor. Consequently, when
extended to continuous regime, the eigenvalue in Eq. (G9) becomes

Aw(C) = M sin? (9) K(w). (G18)
2
Then, the maximum Fisher Information is bounded as
Flnax < sup Ay, (C) < 21 sin2(V)MN = O(MN). (G19)
w v

Unlike Case 1, Fl. grows linearly with L, providing more room for an increasing number of eigenvalues.
Consequently, a vanishing DFT is less likely to occur.

Although in case 2, we assume that IV is much larger than L, the derived bound in Eq. remains very tight
when N = ©(L). The tightness is observed numerically in Fig.[7(b). In Fig.[7[a), we numerically justify the bound in
case 1 when a small v value is assumed. The exact maximum Fisher Information value is half of the derived bound.
The reason for this factor of two is that we embed the Toeplitz FIM into a large circulant matrix whose size nearly
doubles. Alternatively, we may use techniques from Ref. [I7] to approximately calculate the Toeplitz eigenvalues with
a circulant matrix of the same size. Although this alternative mapping agrees only in the asymptotic regime, it would
bridge the constant factor-of-two gap.

@ Flon (v=10"%, N=20) ——. UB(v=10- N=2L) 0 Flpax (=1, N=20)  ==- UB(v=1, N=2L)
10" 8 Flpe (v=10"% N=2L) ——- UB(v=10"% N=2L) - Z"““ E":(l)'l'\’;“m - 3; E"=(1)'1N;L)2L)
+ Flmax (=103, N=2L) —=- UB(v=1075 N=2L) 500 4 ~= Flmax (v=0.1, N= v=0.1 N= ,

400 -

300 A

value
value

200 -

100

107°

10t 102 103 0 50 100 150 200 250

Figure 7. Numerical validation of the derived upper bounds on maximum Fisher Information. (a) Case 1 with small v
values. The upper bound is UB = (2/3)MNLv? (b) Case 2 with constantly large v values. The upper bound is UB =
(m/(2v))sin®(v) M N. The parameter M is set to one.

It is worth noting that when v is small, the tight upper bound indicates that the FIM may approach zero, as
all eigenvalues are compressed into a narrow interval [0, UB]. According to the theoretical bounds and numerical
results in Fig. [7] this ill-conditioning can be alleviated as v increases. These observations explain the phase transition
observed in the DFI behavior.

3. An exactly solvable case when v is an integer multiple of 7/2

The case considered in the previous subsection is exactly solvable when v = r7/2 with » > 1 € Z. Let sample
points be the midpoint values on the interval [0, 7], namely, § € {(2n + 1)v/(2N) : n=10,--- , N — 1}. We can also
write these points be the set of midpoints on each subinterval of length /2

2n+ Drr kn N
r

Opn = AN +7,Wherek:0,--~,r—l, andn=0,---,— — 1. (G20)
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This corresponds to the choice of Chebyshev-Gauss quadrature on each subinterval. When N = r[L +1/2], following
discrete orthogonality, the following identity holds

rw/2
2MN sin?() cos(2(i — 7)0) dd

Fij (W) = Mstiank,n) cos(2(i = )kn) = == |
MN/2  ifi=j,
=q —MN/4 if |i—j|=1,
0 otherwise.

(G21)

Thus, the FIM is a tridiagonal Toeplitz matrix. The inverse of such a discrete Laplacian matrix is well-studied,
such as in Ref. [2I]. The element of the inverse FIM is

_ 4 S 1] ..

We discuss some interesting consequences of this exactly solvable model.

1. Single parameter estimation variances. In the large-L limit, the estimation bias of our problem is small enough.
Then, the best estimation variance can be characterized by the Cramér-Rao lower bound. To evaluate the
performance of each single-parameter estimator, we consider the diagonal element of the inverse FIM, which
corresponds to the best single-parameter estimation variance:

4 i?
> VA ' 1<i<L. 2

Var(ih) > 17 0 = o7 (i g ) S s (@23)

It shows that the smallest best variance may be achieved at the boundary parameters:

- 4
2 — 24
Var(yr ), Var() > UN" (G24)
When the parameter index gets close to the center, i.e., i* = [(L+1)/2], the variance lower bound is maximized:
. L+1 1
. > _— 1 frng .

Var(¢;«) 2 TN =Q (M) if N=0(L) (G25)

2. Correlations among estimators. Let o2 := Var(1;), pij = Cov(q/}iﬁ)j)/(aiaj). Suppose the variance lower bound
is attainable by some best estimation. We first compute the following results:

L L 2
2L(L +2)

.2: w =
ZJ’ Te(F T (w ZM ( L+1> 3MN

(G26)
C1g i) L LI+ (L+2)
1<J 1, ]
Hence, we have
L
L-1
Zpijaio'j = T 0‘2»2. <G27)
i<j i=1
Note that Cauchy-Schwarz implies that
2L 1k
2 - 2
1<j 1= i=

Combining them, we have the following inequality that holds for the average correlation:

0 TR 51} > . 8 (20)

45 . . 2
i<j 1<J o-lUJ Zz<g 010’]

This means that most parameter pairs in the system have a strong positive correlation. Though the number
of segmentations L increases, it does not effectively contribute to the reduction of the variance of estimating
each segmented parameter. This also justifies the argument of Heisenberg limit scaling. Though there are more
segments of a fixed pulse, each segment is a free degree of freedom in the joint estimation. Hence, there is no
amplification effect, and the overall estimation variance does not show a decreasing result.
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4. Estimation variance when /2 <v <7

In the last subsection, we show some exactly solvable cases of the estimation variance. In this subsection, we use
semi-definite order (Loewner order) to analyze the estimation variance when 7/2 < v < .

Let o := (x1,--- ,71) € RY be any vector. From the defining equation, we see that
N [7 MN [*
o7 Fr =2 / sin?(8) 3 i cos(2(i — 1)6)z; A = - ° / sin?(0) |S(0)? do (G30)
0 g 0

where S(0) = Zle z;e%99 Let g := 0,241 := 0. We also have the following identity

L L L+1 L+1
(1—e?9)5(0) = ijSQija - ijem(jﬂ)e = Z(x] —xj_q)e?? = Z Agje?i? (G31)
j=1 j=1 j=1 j=1
Then, we have
Yo 2 L[ 2i0 2 I 2i6 2
sin®(0) |.S(9)] dG:Z |(1fe )S(G)| degz |(1*6 )S(G)’ de
0 0 0
1 r s . (G32)
=1 ZAmiij/O 2=900 q4g —= 1 Z(Aazj)Q = ZxTQx.
2,7 j=1
Here, ® € REXL denotes the second-difference matrix. Its entries are
2, =},
®)ij=4-1, |i—jl=1, ,j=1,...,L. (G33)
0, otherwise,
On the other hand, since v > 7/2, we have
. 2 1 2i6 2 L2 2i0 2
sin“(0) |.S(0)] dt‘):i |(lfe )5(9)} d@zz |(lfe )S((‘))‘ de
0 . . 0 0 (G34)
= 7/ (1= e*)S(0)] 46 = 2o Da,
8 Jo 8
Because these inequalities hold for any vector, the following Loewner order holds
MN MN
”SV D=<xF=<x"""9 (G35)

This means the Fisher Information in the general case when 7/2 < v < 7 is equivalent to that of the exactly solvable
case derived in the previous subsection. Hence, the maximum estimation variance among these phase-factor estimators
is bounded as

v(L+1) 4 2v(L+1)
— I K <l —
N S maxFy S — oy

Moreover, the similarity in the sense of Loewner order also implies that the conclusions derived in the previous
subsection also apply to the case when n/2 < v < 7. For example, in this case, the average correlation among
phase-factor estimators is lower bounded by a constant, which indicates a strong positive correlation of estimation
errors.

(G36)

Appendix H: Learning Surrogate Models via a Quantum-Signal-Processing-based Approach

In the previous section, we analyzed the Fisher information of the estimation problem and justified the best
estimation accuracy we may expect. The surrogate model in Section [E| leads to a structure that coincides with a
powerful quantum algorithm, Quantum Signal Processing (QSP). Leveraging this QSP structure, we propose a direct
method for estimating digitized pulse values without using any black-box iterative methods such as optimization.
We first provide a data augmentation approach so that the full unit circle 6 € [0, 27] can be covered using the data
sampled from the first quadrant. Then, we outline how to extract matrix-valued Fourier coefficients using the Fast
Fourier Transform (FFT). Finally, we present the estimation algorithm and analyze its estimation variance.
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1. Extending samples from the first quadrant to the full unit circle

Given a set of data with # sampled from the first quadrant, in this subsection, we will show how to extend the data
to cover the full unit circle by using the parity and symmetry.
Recall that for some phase factors ¥ = (¢1,- - ,%), we have

W(0; %) =V (0,4¢r) -~ V(0,91), where V(6,1) = e 1¥/2Z 710X iv/22 (H1)
For the simplicity of notation, we drop the explicit dependency of phase factors, and let
U(f) :=W(o; ) (H2)

denote the matrix W (60; ¥) at angle 6.

This construction enforces a parity pattern. Let us consider the data point in the second quadrant 0=n—0. We
have

V(Tr _ 97 ’l/)) — e—i’(/)/2Ze—i7rXei9Xei1,b/2Z — _e—iw/QZZe—iOXZeiw/QZ — _Zv(a, w)Z (HS)
Hence, we have the following mapping
Ur-0)=(-1)tzUu®)z (H4)

which extends first-quadrant data points to cover second quadrant.
Meanwhile, we have

V(27T _ 9’ ¢) — e*i’t/}/QZefiQTrXei@Xeid}/QZ — €7iw/ZZZ€7i9XZ€iw/2Z — ZV(97 w)Z (H5)
Consequently, we have
U2r—0)=(-1)tzu®)z (H6)

which mirrors data points in [0, 7] to cover [, 27].
Thus midpoint samples on the first quadrant uniquely determine midpoint samples on the full circle. The data
argumentation procedure is given in Algorithm

Algorithm 1 Extend first-quadrant midpoint samples to the full unit circle

Require: First-quadrant samples A; for j =0,---, N — 1 at midpoints ; € [0, 7] (ascending), degree L
Ensure: Full set B; for j =0,--- ,4N — 1 on [0, 27) (ascending)
Define Z = diag(1, —1) and Flip(O) + Z0Z
First quadrant: Bj < Aj for j =0,--- ,N —1
Second quadrant (mirror [0, 5] to [5,7]):
for j=0to N —1do
BN+j < (—l)LFlip(ANflfj)
end for
Third and fourth quadrants (mirror [0, 7] to [r,2m7]):
for j =0to 2N —1do
B2N+j <— th(BQN—l—j)
end for
return By, -, Ban-—1

2. Fourier series structure and analysis
Note that
. . . . 1 . . 1 . .
V(9,¢) = e /22 o—10X [1W/27 _ (s pT — igin X eV = 5([ — Xelwz)ele + 5([ + Xe‘wz)e_“g. (HT)

Consequently, directly expanding all #-valued X-rotations shows that the product matrix U(f) is a Fourier series
whose degree is within L and coefficients are matrix-valued:

L
U@©) =V(0,91)--V(0,¢1) = > Cre™,  Cp e C¥ (H8)
k=—L
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Moreover, the parity condition derived in the previous subsection implies that C_44 = 0 for any k € 2Z + 1. Note
that our data are sampled on the midpoint grid of the full circle

27+ 1 ~ v
0]-:$’ j=0,---,N —1, where N :=4N. (H9)

Hence, the j-th sample admits the following form

Aj = U Z C), elkﬂ/N 127r]k/N Z Sjp (Hlo)
k=—L o

Here, §rp = ¢i27kp/N i the N x N DFT matrix element, and we define the following relation

- Cper /N if0<p<L,
Cp=1 C,_gel=Mm/N i N L <p<N-1, (H11)
otherwise.

Assembling 2 := (4, :j=0,--- N — 1) as a N x 2 x 2 tensor, the tensor ¢ = (ép :p=0,---,N— 1) of the same
size can be computed through applying FFT to the first axis

¢—3 o= Lt (H12)
N

It is worth noting that in numpy, the action of §' is implemented through numpy.fft.fft. With N = 4N, the condition
N > L guarantees no aliasing in Fourier modes.

3. An iterative algorithm for estimating phase factors

In this subsection, we will show how to compute phase factors through an iterative method in the Fourier domain,
which is adapted from [18].
For the simplicity of presentation, we redefine the phase factors in a reversed index order:

(4101’8027"' aQOL) = (wLﬂ/}L—h"' 7¢1)7 W(07\I’) = V(Gﬂ/)L)V(eﬂ/’l) :V(07@1)V(97@L) (HIS)
We first note the following expansion
V0, ) = o—i9/2Z ,—i0X jiw/2Z _ b (64@/22 =) (| eigp/ZZ) L1 (eficp/QZ 1+ (+] 6i¢/22) _ 610P¢+6716Q4p. (H14)

P,

Here, P, and Q, = I — P, are two projections. Moreover, we have V1(6,¢) = V(—0,¢). When the phase factor is
chosen to be equal to the right-most one, we have

W(0,2)V(=0,0L) =V(0,01)---V(0,0L-1) Z Chet?, (H15)
k=—L+1

On the other hand, we have

W (0, ®)V(~0, L) (Z Oke> (7P, +¢°Qy,)

b=t L (H16)
_ CLQSOLei(LH)G + C_LPSOLGA(LH)G + Z (Ck—ngaL + Ck+1pm)eik97
k=—L+1

where the parity condition is used to eliminate the terms, Cp_y = C_p1 = 0. Thus, we have

CLQQOL :C,prL =0 and Cllﬁ :ClcleapL +Ck+1P¢L,Vk——L+1,-~- ,L—1. (Hl?)
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According to [I8, Theorem 2], these equations can be solved by choosing

cic ct oy
or = LiJrL and Q. = 57 (H18)
Tr(C;CL) Te(C! ,C_p)
With the projector derived from Eq. (H18]), we can compute the phase factor by the following relation
(Por)or — (P )10 =isingr, (Poy)or + (Ppp)io = —cospr (19)

= ¢ = atan2 (Im((P,, )o1 — (Py,)10), — Re((P,, )o1 + (P, )10))

Egs. (H15), (H17) and (H18|) form an iterative reduction of the problem size, which allows us to compute the phase
factors sequentially.

Algorithm 2 Iterative phase-factor estimation in the Fourier domain
Require: Fourier coefficients {Cy}r__, C C**? of U() = Sr__, Cre'™™®.

Ensure: Phase factors ® = (@1, , 1)
d empty list
{C,im} +—{Cy} > initialize the working copy of coefficients
for j=L,L—1,---,1do
Choose projectors P, , Qy,, from the extreme modes (see Eq. ).
Extract the phase estimator ¢; from P, (see Eq. )
Append ¢; to )
Reduce the Fourier degree by one on each side {C£J71>}f;;£j+1 (see Eq. )
end for
return &

A single right-to-left reduction accumulates error from the band edge k = +L inward, so the last phase factor in
the estimation procedure suffers most. To mitigate this, we also run a left-to-right reduction via transpose symmetry.
Then, we stitch the two estimates at a midpoint. This two-sided stitching exploits the most reliable portion of each
pass and noticeably reduces boundary-driven error accumulation.

4. Analysis of estimation variance

Note that the phase ¢ is the intrinsic coordinate of the rank-one projector obtained by conjugating the reference
state |—) (—| by a Z-rotation. This point of view yields a simple differential description of the tangent space, which
can be leveraged to analyze the propagation of estimation variance.

Recall the defining equality of the projector

. : 1
P, = eIy (—| e¥P/2 = 5 (I —cospX —sinpY). (H20)

Differentiating with respect to ¢ gives the tangent direction along the one-dimensional manifold of projectors generated
by the Z-orbit:

P, = or, 1 (sinpX —cosY) =

2 1
=5 =3 Py, Z),= ||P||p = 5 and (P,)" =P, (H21)

i
5l
Then, recall the estimation of the projector through the top Fourier coefficient matrix, e.g., C := Cp,

cte ctc
P,=P(C) = TO0) - s ST Tr(CTC) = ||C)%. (H22)

For a perturbation §C, the first-order variation of the normalization map is obtained by quotient differentiation:

T T T
5p, = C16C+(C)IC _ 2ReT(CHHC) ), (H23)

S S
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Note that P, = P,d¢ and consequently, (6P,)T = (P;)Tégo = P,dp = §P,. Projecting both sides onto the tangent
direction P;, in the Frobenius inner product ((A4, B) := Tr(A'B)) gives
(6P, P,)F

125117
Here, Eq. and the Hermicity of 0P, are used.

Another useful identity here can be derived by differentiating the identity:

o= = 2Tv((0P,)10P,) = 2 Tx(3P,P,) = 2Re Te(3P, PL). (H24)

6‘1 Tr(P2) = 8(1 Tr(P,) = g; =0=Tr(P,P,) =0. (H25)
Using this identity and substituting Eq. into Eq. , we have
Sp = % ReTr ((6C)'CP). (H26)
To simplify the resulting expression, we use the following identities
P = %(PgoZ —ZP,), ZP,=(I—-P,)Z =:Q,Z, P,Z =7Q,, (H27)

and the reduction relations CQ, =0 and CP, = C(I — Q,) = C. Left-multiplying P:o by C gives

i i i
CP, = 5(CP,Z ~ CZP,) = £ (CZ - C(Q,2)) = ;0Z. (H28)
Substituting it into Eq. (H26)), we have
4 2 2
Sp = < ReTr ((6C)tCP)) = —SImTr ((6C)10Z) = S Im(6C, CZ)p, s=C|%. (H29)

Now, we can analyze the propagation of the estimation variance based on this relation and the recurrence used in
the estimation algorithm. Suppose we are at the stage when estimating the j-th phase factor. We start from the
exact reduction at this stage:

Cllc :Ck—lQLPj +Ck+1ptpja k:_(]_1)77(.7_1)a (H?)O)
where the boundary coefficients determine the projectors
clo; ct.c

= _Psaj'

P, = —~>— Q, =—F—— =
I i (eitehy 7om(et,oy)
According to Eq. (H29)), the error of the next phase is read out by the normalized functional

2
p— Im (X,C}_,Z),, sj—1:= Cj_ |17, (H31)
i

li—1(X) =

so that dp;—1 = £;_1(6C%_;) in the first-order linearization.

We linearize the recurrence relation Eq. (H17) by perturbing Ci; +— Cy; + 6C4+; and ¢; — @; + dp;. Note that

the Fréchet derivative of the projector map P(C) = % at P is

Dp[A] = PA 4+ ATP — 2Re Tr(PA)P. (H32)
Using Eq. (H27) and Eq. (H30)), the first-order variation at j — 1 after the reduction is
0C;_1 = (0Cj-2)Qq, + (6C;) Py, + (Cj — Cj2) P, dp; + C;Dp, [0C)] + Cj—2Dq,, [6C—;]. (H33)

Applying Eq. (H31) to Eq. (H33]) yields the decomposition of the one-step phase variation
5(pj_1 zfj_l((éCj)P%) +£j_1((50j_2)Q¢j) + gj&pj +£j_1(CjDP¢j [5Cj] +Cj_2DQ¢j [50_3‘}), (H34)

right branch left branch phase channel projector-estimation noise

where the phase-channel gain is

2
9i =4i-1((Cj = Cj2)P;)) = Im <(Cj — Cj2)Py,, C/‘le>F' (H35)

Sj—1 J

These terms are interpreted as follows.
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1. Right branch £;_1((0C})P,,): coefficient noise at the right boundary mode j, filtered by P, and the readout
geometry.

2. Left branch £;_1((6Cj_2)Q,,): symmetric contribution from the left neighbor j — 2.

3. Phase channel g;d¢;: multiplicative propagation of the previous-stage phase error through the tangent direction
P .
®j

4. Projector-estimation noise £;_1 (C; Dp,, [6C’j]+Cj,2DQ% [0C_;]): phase error propagated through the projectors
due to the imperfectly estimated phase at the previous stage.

These components can be written equivalently as a linear functional of the coefficient noise. For example, we have

2
4-1((6C))P,,) = £ (60;) = Im (5C;, A with AV = ——Cj 2P, (H36)
i—1

Similarly, we have

2

L) 4@ .70,
j <~ Sj_l Jj—1 QW]
2
2 AP = = (Pe,(Grj = Gly) = 2T TR(P,, G )Py, ) whete Gpy = C1C)_, 2, (H37)
2 .
29 4@ = — : (Q%(GQJ ~ Gl )~ 2AImTr(Q,, GQ,]»)Q%.) where Go; = C_,C!_, Z.
i

Now, we have the recursive relation of the phase noise

dpic1=gidpi+ . LM6C)) = gide; + L5(5C;). (H38)
ke{R,L,P,Q}

Suppose the coefficient noise is proper complex normal distributed (6C;) N (0, 0]2). Due to the linearity of the
functional, £ (6C}) is also proper complex normal distributed. We have

Var(Z(5C;)) = Var(lm (5C;, 4) ) = SVar((6C;, 4) ) = 5 | A (H39)

Due to the linearity, the summation term in Eq. (H38) can be written compact linear functional whose Riesz repre-
sentative is the sum of individual ones, £ < A; := AE»R) + AS.L) + A§P) + A;Q). To quantify variance propagation, we
aggregate the additive contributions into a single parameter

2
2 2
o“ k loax: R 2 L 2 P 2 2
wisoon<g| = a] <G (AL AL AL AE) oo
ke{R,L,P,Q} P
The cross-term covariance is
20
9F (g;05,.%;(5C;)) = 05% Re(A;,C!_ 2P, ) =: 02B,;. (H41)
J
Let
1 2 2 2 2
2 .o (R) (L) (P) (@
R R I M I M e T ) (H12)
Then, the one-step variance recursion is
Var(j-1) < pjVar(@;) + ;07 (H43)

We may assume the noise in the estimation system is stable and approximate sz by the initial data noise level o2.
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discretizing the bi-harmonic pulse. (c) Random phase factors ®; £ Unif(—0.7,0.7). Parameters are set to M = 10,000 and
d = 40. For each case, 50 repetitions of the double-sided estimation algorithm are used to estimate variance. In the bottom
panel, the dashed line stands for the data noise level 1/M.

In Fig. [8l we perform numerical calculations to understand the constants in the recursive relation. To get some
theoretical intuition, let us consider a simple case where ® = ®% = (¢,--- , ¢) contains the same phase factors. The

problem structure is drastically simplified

U(Q) _ VL(9,¢) _ P¢€iL9 + Q¢€_iL9.

(H44)

Plugging this relation into the defining equations derived above, when j > 1, we have

P
AP =ap,zQ,

2
95 = 2
1Pl

L
AP =2p,7Q,

Im <P¢P¢P(;, Z>F S TT(P¢) — —1,

A =ap,zpP, = 0,419 =0 and B; = 0.

2
=2P,2 = AP =41} = 4,

P2 2
= 2P, 7 — HAg. >HF = 4||P|% =4,

(H45)

In the final round when j = 1, the left coefficient CEll) and the right coefficient C’{l) are all nonzero. Consequently,

2
it gives Céo) =] and sy = HCSO) H = 2. Hence, the structure differs from that in the case when j > 1, which has
F

Cj@z =0 and s;_; = 1. When j =1, similar calculations give

n|? 2
|4 = 1eoziy = 1,

R)||? 2 P)|? 2
AP = 1zPal =1, AP =Pz =1,

These exactly matches the observation in Fig. |8 (a).

2
2
A2 = 1ZzPl} =1, BL = —4.

(H46)
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In Fig.[8] (b), it shows that the pattern is almost preserved when the phase-factor sequence is derived from a smooth
pulse function. In these cases, p; ~ 1 and a; &~ co? where c is a constant and ¢? is the noise magnitude in the unitary
data. Thus, we have Var(¢;) =~ ¢(L — j + 1)o? which grows linearly. This is consistent with the estimation variance
derived from Monte Carlo methods.

In contrast, when the phase factors are completely random, Fig. [§|(c) indicates that the propagation of the coefficient
noise is very strong. Consequently, the estimation variance blows up to a level that is significantly larger than the
noise level in the unitary data. The case of random phase factors may arise from the evolution of a highly unstructured
and extremely oscillatory pulse function while the segmentation parameter L is not chosen to be sufficiently large.
This scenario is rare in real applications and may be resolved by choosing a larger L.

It is also interesting that Fig.[8| (a, b) indicates the phase error propagation and the coefficient error propagation
are almost uncorrelated when the pulse function is smooth, i.e., B; ~ 0 when j > 1. However, when the pulse function
is highly unstructured, Fig. [§] (c) shows that these two error channels are positively correlated, which significantly
amplifies the phase estimation error further.

5. Numerical simulations of the proved results

In this subsection, we numerically validate the theoretical results established for phase-factor estimation. As shown
in the left panel of Fig. @ the maximal estimation standard deviation scales as 1/ v/M, while the minimal one scales
as 1/v/ LM, in agreement with our theoretical analysis. The middle panel further confirms that, in the absence of
systematic bias introduced by surrogate modeling, the phase-factor estimation method does not incur any additional
bias. Finally, the right panel demonstrates the strong average correlation among the estimated phase factors. This
correlation limits the simultaneous reduction of estimation variance across all phase factors.

Min/Max estimation standard deviation Average estimation bias 06 Average correlation among estimators
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Figure 9. Numerical study of the phase-factor estimation method. The ground-truth phase factors are obtained by discretizing
a bi-harmonic pulse. Each query to the time-evolution unitary is corrupted by additive Gaussian noise, and the number of
measurement shots is set to M = 10*. The estimation standard deviation, bias, and average correlation (see Eq. ) are
computed over 20 independent repetitions.

Appendix I: Noise-Robust Preprocessing Through a Modified Unitary Tomography

In this section, we introduce a preprocessing subroutine for generating the unitary data for learning analog pulse
function. This subroutine enhances the estimation robustness against depolarizing error and State Preparation and
Measurement (SPAM) error.

1. Unitary tomography on a single-qubit subspace

Quantum channel tomography [9] is an important technique for understanding the dynamics of a quantum process.
To prepare the unitary data for learning analog pulse function, we apply unitary tomography to each experiment with
certain w value, or equivalently 6 := wT/L value. In this subsection, we restate the unitary tomography procedure
for the completeness of notations.

We assume the ability to prepare four pure states as input:

Pt = 10001, pe = 1) (1], po = [+ (+]. py = I Gl (1)
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Let £(p) = UpU' be the unitary dynamics of interest. From experiments, we can measure the following quantities
through expectation values

rj = (Te(0i(p)) i €{X, Y, Z}) " € R®, j € {(2+4), (2 ) z,y}. (12)

Our goal is to assemble the Pauli Transfer Matrix (PTM) through experimental data. The PTM is defined as
T;; = 3 Tr(0:€(0;)),i,j € {I,X,Y,Z}. Given a trace-preserving channel, we have Tog = 1 and Ty ; = 0,5 = 1,2,3.
The PTM be partitioned where each component can be derived from experimental data as follows

10 ry,++r,— r,+—Tr,_
T = <t A), t = % (Ais) = % (Ain) =1, —t, (Aj2) =1, —t. (13)

Using Pauli matrices as a matrix basis, the density matrix can be written as a vector and the channel action can
be represented as the matrix multiplication vec(E(p)) = T'vec(p). Note that when the channel is unitary action, we
have t =0 and A = R € SO(3). The unitary matrix can be recovered from the arithmetic in quaternions

—iz —ix— 1 Rs3s — R Ris— R Ro1 — R
U:(i1)~<w iz —iz y>’w:2 1+ TH(R), o« — a2 2z, B 5, Ra 12 (14)

—ix+y w+iz 4w 4w 4w

It is worth noting that the reconstructed operator is determined up to a global sign, i.e., U and —U are indistinguish-
able in the tomography procedure. This ambiguity originates from the fact that the undetermined sign disappears
in the adjoint action UpUT. This reflects the well-known isomorphism SO(3) = SU(2)/{=I}, which is also known as
the double-covering property of SU(2). We resolve this issue by introducing a global-phase alignment technique in

Section [3]

2. A modified unitary tomography procedure that is robust against SPAM and depolarizing error

Note that SPAM error is trace-preserving. Then, the noisy channel is a composite of channels whose PTMs are
lower triangular block matrices. Hence, the lower-right submatrix of the composite channel can be written as

10 ~
Ttot = TmcaspolzTunitaryﬂnit = <* A") ) A:=aMRS. (]:5)

Here, M, S are the lower-right submatrices of the PTMs of measurement and state preparation errors, and « is the
fidelity of the depolarizing channel.

We can run another experiment with w = 0 and hence U = I to set as a reference whose lower-right submatrix is
K :=aMS. Let M =1+ gy + O(6?) and S = I + gg + O(6?), where § := max{||gr||, [|gs|}. We have

~ 1
B:=K 'Y?AK"Y? =R+ slom —gs, B+ 0(8%), (16)
We can perform polar decomposition on this matrix and get an approximation to the SO(3) rotation
R=Polar(B) := B(B'B)"? st. ||R-R|| < 00). (17)

Hence, it gives us a recovered unitary with a first-order SPAM error. The depolarizing error is compensated by
introducing the reference K for correction.
Specifically, when the difference of the SPAM error generators is symmetric, namely

1
Agpam = 5(9M —9s) st Adpanm = Aspanm, (I8)

this procedure recovers the rotational submatrix and hence the unitary with second-order error. To see it, we first
rewrite the previous expression as B = R(I + E) where E = %RT [Aspan, R] + O(82) = %(RTASPAMR — Agpam) +
O(6%). We have ||E|| = O(§). Furthermore, because Agpay is symmetric, we have E is symmetric. Then, according
to the polar decomposition, we have

R=B(B'B)"Y2=R(I+E)I+2E+0(?) 2 =R+ E)I — E+ 0(5%) = R+ 0(5?). (19)

Note that the symmetric property of E is used in the second equality, which is crucial for getting the second-order
accuracy in SPAM error.
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In real experiment, the measurement is subjected to sampling noise due to the use of M measurement repetitions
per experiment. Then, the assembled PTM is subjected to an additive Gaussian noise whose variance scales as 1/M.
Suppose the depolarizing fidelity is a. Note that there are ©(L) experiments in total, to ensure that the overall
probability is at least constantly large, the measurement sample should be at least

M ~ Q5™ *a"?log(L)). (110)

Here, ¢ = 1,2 depending on whether the difference-in-generator Agpan is symmetric. Consequently, the total error
in the recovered unitary is at the level of the spam error O(6°).
We summarize our results as follows.

Theorem 24 (Robust preprocessing via a modified unitary tomography). Suppose the depolarizing fidelity is «,
the magnitude of SPAM error is §, the number of segments L, and a reference experiment implementing identity
transformation is conducted. The followings hold at a constantly large probability in the presence of SPAM error and
depolarizing error.

1. Using M = Q(6 2a~21og(L)) measurement repetitions per experiment, the unitary matrices can be recovered
from the tomography procedure with 2-norm error at most O(9).

2. When the difference-in-generator Aspam is symmetric, using M = Q(6~*a~2log(L)) measurement repetitions
per experiment, the unitary matrices can be recovered from the tomography procedure with 2-norm error at most

0(82).

We perform numerical simulations to validate our theoretical analysis. The top panels in Fig. [I0] confirm that the
error scalings predicted in Theorem are precisely reproduced when measurement noise is absent. However, as in
other panels in Fig. when a finite number of measurement repetitions M is introduced, the overall reconstruction
error saturates at a precision floor of 1/(a/M) imposed by measurement noise. Once the SPAM-induced recovery
error falls below this threshold, further improvement requires increasing the number of measurement samples.

3. Resolving the sign problem in global phase alignment

A practical issue in unitary tomography is the ambiguity of the global phase due to the double-covering property
of SU(2). That means that the tomography result cannot distinguish U and —U. Though this does not affect
typical applications, this issue may affect the simultaneous processing of a series of unitary matrices corresponding
to multiple w values unless these signs can be uniformly matched. That is, a mismatch in the sign corresponds to a
sharp discontinuity from some w to another w’. We may resolve this by exploiting the continuity of the unitary with
respect to w; i.e., when |w’ — w| is sufficiently small, so should be the corresponding unitaries. This intuition helps
resolve the sign ambiguity in the global phase, providing our sampling mesh has a sufficient number of points. We
will quantify this requirement in the remainder of the section.

We first need to quantify the difference between two time evolution matrices.

Lemma 25. Let U(t,0;w) be the time evolution matriz defined in Eq. (C5)). Given wi,ws >0, it holds that

||U(t,0;w1) 7U(f,0ﬂd2)” § |w1 7w2‘t. (Ill)
Proof. Let E(t) :=U(t,0;w1) — U(¢,0;w2). Applying Eq. gives
d
aE(t) = A(t, wl)U(t, O; o.)l) - A(t, U.)Q)U(t, 0;(4)2)

Alt; o)) E(t) + (At a1) — A(t:002)) U(t, 0; w2) (I12)
= A(t;w1)E(t) — (w1 — wa) (cos(d(t)) X + sin(ep(t))Y) U(t, 0;wa).

Applying Duhamel’s principle, we have

t
E(t) = —i(w — wg)/ U(s,t;w1) (cos(¢(s)) X + sin(¢(s))Y) U(0, s;we) ds. (113)
0
Note that the integrand has a unit matrix 2-norm. Applying the triangle inequality, we have
[E@I < w1 — w2l t. (114)

The proof is complete. O



46

No measurement noise: M = «
a=0.9 a=0.5 a=0.1

——&— random SPAM error
—— symmetric Aspam

2-norm recovery error
=
o
&

107° 107 1073 1072 107! 107° 1074 103 1072 107! 1073 1074 103 1072 107!

Measurement repetitions: M =106 (1m)
a=0.5 a=0.1

2-norm recovery error

1074 103 1072 107! 1074 1073 102 107!

Measurement repetitions: M = 10* (10k)
a=0.9 a=05 a=0.1

2-norm recovery error

1073 1072 107!

Figure 10. Robust unitary tomography. Measurement noise is modeled by sampling Bernoulli-distributed outcomes in simulated
experiments used to reconstruct the Pauli Transfer Matrix. In the middle and bottom rows, the dashed lines indicate the
estimated precision floor 1/(av/M) set by measurement noise. The error bars represent the standard deviation computed from
30 independent random simulations. Each row uses the same axis ranges.

Suppose the unitary matrices derived from tomography are U; and Us, respectively. When the experimental error
in tomography is ignored, they are the exact matrices up to undetermined signs, i.e., U; = ;U(T,0;w;) for i = 1,2
and ¢; € {—1,1}. When evaluating their difference, there are two cases:

e Matched signs 11 = 12. We have
a:=[[Ur = Us|| = [[E(D)|| < w1 — w2| T (115)

e Unmatched signs t1 = —it2. We have

ﬂ = ||U1 - U2|| = HU(Taval) + U(T707w2)” = ||2U(T,0,(d1) - E(T)”

116
>2—|E(T)]| 22~ |wi —w|T. (116)

When |w; —w2|T < 1, the difference in these two cases is either close to zero or two. Thus, selecting |w; — ws
sufficiently small thereby ensures that we may appropriately resolve the unitary’s sign. By computing the difference

q:=||U1 = Us,

we can know whether there exists an erroneous sign flip between the two unitaries.
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When the number of measurement shots in each tomography experiment is M, the recovered unitary matrix is
subjected to experimental noise. Suppose the noise is unbiased and has variation scaling as 04,03 = O(1/M). Then,
the spectral norm difference ¢ is either drawn from ¢ ~ N(«a,02) if the signs match and ¢ ~ N (3, ag) if the signs
differ. Therefore, the simple threshold estimator ¢ < 1 suffices to decide whether to flip the sign. For any prior
probability & € [0,1], the error probability is:

P(error) := £P(q > 1lg ~ N(a,03)) + (1 = €)P(q < 1|g ~ N(B,03))
:§P<z> 1_0) +(1—§)P<z> i

a o

(117)
< &exp <(1_a)2> + (1 =& exp (W)

202 207
<exp (O (—M(1 — |w1 —ws|T)?)) .

1) where z ~ N(0,1)

Here, the tail bound of normal distribution, P(z > z) < e~**/2 when x > 0, is used.

This algorithm trivially scales to sequences of w;. Suppose N different w values are used in the estimation. Then,
we may set U(wi) to be the reference and align the sign of each U(w;) after with U(w;—1). The overall algorithm
is given in Algorithm To ensure the overall probability of success is at least 1 — {, we apply the union bound
and require each individual sign determination step failing with probability at most ¢/(N — 1). Each tomography
experiment requires measurement shots scaling at least as

1 ¢
M >Q 1 . 118
- ((1 — maX;=1,... N—1 \wi — wi+1| T)2 8 (N — 1)) ( )

We summarize it as the following theorem about the performance guarantee of Algorithm

Theorem 26. When max;—1.. n—1|w; —wit1|T < 1/2, and each tomography experiment uses M = Q(log((/N))
number of measurement shots, the probability that Algorithm [3 successfully returns a sequence of unitary matrices
with fully aligned signs is at least 1 — (.

Algorithm 3 Aligning global phases of unitary matrices recovered from tomography

Input: An integer NN, a sequence of unitary matrices recovered from tomography {(w;,U;) : 4 =1,--- , N}, where w; < wa <
- < wi.
Output: A sequence of unitary matrices with aligned signs {(w;, Vi) :i=1,--- ,N}.

Initialize V; = U;.
fori=2,--- ,N do
Compute ¢ = ||U; — Vi1 ||

if ¢ < 1 then
else
Set ‘/z = —UL'.
end if
end for

return {(w;,V;):i=1,--- N}

Appendix J: Structural Perturbations to Ideal Pulse Functions in Numerical Simulations

In our simulations, the implemented pulse é(t) is constructed by adding a physically motivated perturbation to
the ideal continuous control waveform ¢(t). The goal is to emulate imperfections from classical control electronics.
This implementation preserves the continuous form of the ideal pulse and perturbs it additively through a smoothed,
piecewise-defined distortion.

We first generate a coarse perturbation profile by dividing [0, 1] into Lperturb €qual subintervals. A random pertur-
bation amplitude p; ~ Unif[—n,n],n = 0.5 is assigned to each interval, producing a piecewise-constant perturbation
function ppc(t) where ppc(t) = p; for ¢ in the j-th segment. This represents low-resolution imperfections or drift in
classical hardware.



48

Next, this coarse perturbation is smoothed to emulate bandwidth limits of microwave control. In the implementa-
tion, we convolve py.(t) with a Gaussian window of width w = 0.02, producing a differentiable smoothed perturbation
Psmooth (). The final implemented pulse is the ideal waveform corrupted by this filtered perturbation,

¢(t) = ¢(t) + Psmooth (t)a

which retains the high-resolution structure of the target pulse while incorporating realistic low-frequency distortions.

This method yields perturbations that are (i) coarse in origin, reflecting classical resolution limits, yet (ii) smoothed
prior to application, reflecting physical bandwidth constraints. Unlike models based on segment-averaged approxima-
tions of ¢(t), our perturbation model preserves the continuous ideal pulse and only distorts it through an independent
filtered noise profile.
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