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Abstract. We provide a complete solution to the problem of infinite quantum signal processing

for the class of Szegő functions, which are functions that satisfy a logarithmic integrability condi-
tion and include almost any function that allows for a quantum signal processing representation.

We do so by introducing a new algorithm called the Riemann-Hilbert-Weiss algorithm, which can

compute any individual phase factor independent of all other phase factors. Our algorithm is
also the first provably stable numerical algorithm for computing phase factors of any arbitrary

Szegő function. The proof of stability involves solving a Riemann-Hilbert factorization problem

in nonlinear Fourier analysis using elements of spectral theory.
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1. Introduction

1.1. Problem setup. Let P denote the space of infinite sequences Ψ = (ψk)k∈N with ψk ∈
[−π/2, π/2]. For x ∈ [0, 1], we define

(1) W (x) =

(
x i

√
1− x2

i
√
1− x2 x

)
, and Z =

(
1 0
0 −1

)
.

Given any Ψ ∈ P and x ∈ [0, 1], one can define a sequence of unitary matrices using the following
recursive relation:

U0(x,Ψ) = eiψ0Z

Ud(x,Ψ) = eiψdZW (x)Ud−1(x,Ψ)W (x)eiψdZ .
(2)

Let ud(x,Ψ) denote the upper left entry of Ud(x,Ψ). If ψk = 0 for all k, then Im[ud(x,Ψ)] = 0,
while Re[ud(x,Ψ)] = T2d(x) is the Chebyshev polynomial of the first kind with degree 2d. For a
general Ψ ∈ P, ud(x,Ψ) can be verified to be a complex polynomial of x with degree up to 2d.
This procedure of encoding a polynomial as an entry of an SU(2) matrix Ud(x,Ψ) is called quantum
signal processing (QSP) [17, 13], and has found numerous applications in quantum computation
(see, e.g., [18, 7]). In Eq. (2), each matrix Ud(x,Ψ) is complex symmetric. For a polynomial f(x)
with degree 2d, if

(3) ∥f∥∞ := ess sup
x∈[0,1]

|f(x)| ≤ 1,

then there exists a sequence Ψ ∈ P such that Im[ud(x,Ψ)] = f(x) [31, Theorem 1] (the sequence
is not unique in general). QSP only represents polynomials of definite parity. Without loss of
generality, we restrict to even functions f(x) throughout the paper, and a similar treatment can be
extended to the odd case.

The problem of infinite quantum signal processing (iQSP) asks whether the QSP representation
can be extended to non-polynomial functions f through a product of countably many unitary
matrices. The first positive answer to this question is given in [8]. Consider f(x) =

∑
k∈N ckT2k(x)

expressed as an infinite Chebyshev polynomial series. If the ℓ1 norm of the Chebyshev coefficient
∥c∥1 :=

∑
k |ck| ≤ 0.903, then f(x) is continuous, and there exists a sequence Ψ ∈ ℓ1(N) ⊂ P such

that

(4) lim
d→∞

Im[ud(x,Ψ)]− f(x) = 0, ∀x ∈ [0, 1].

Under the same assumptions, the fixed point iteration (FPI) algorithm in [8] is the first provably
numerically stable (and perhaps also the simplest) algorithm for computing Ψ. A numerically stable
algorithm means that the number of bits required in the computation scales as polylog(d/ε), where
d is the polynomial degree and ε is the target precision.

The main questions of this paper are as follows:
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Let f be an arbitrary even function satisfying the norm constraint in Eq. (3).

(1) Is there a Ψ ∈ ℓ2(N) such that Im[ud(x,Ψ)] converges to f(x), and is this Ψ unique in some
sense?

(2) Is there a provably numerically stable algorithm to compute Ψ, which uses polylog(d/ε) bits
of precision and has a cost of poly(d log(1/ε))?

Recently, Ref. [1] observed that after a change of variables, the structure of iQSP can be inter-
preted using the nonlinear Fourier transform (NLFT) described in [30]. This insight opens the door
to many new results. A real-valued measurable even functions f : [0, 1] → [−1, 1] is called a Szegő
function if it satisfies the following Szegő-type condition

(5)

∫ 1

0

log |1− f(x)2| dx√
1− x2

> −∞ .

We use S to denote the set of all Szegő functions, and define the norm

(6) ∥f∥S :=

 2

π

1∫
0

|f(x)|2 dx√
1− x2


1
2

,

which is finite for all f ∈ S. Note that ∥·∥S induces an inner product, and S is a subset of a Hilbert

space. In particular, for f(x) =
∑
k∈N ckT2k(x), we have ∥f∥

2
S = |c0|2+ 1

2

∑
k>0 |ck|

2
. So ∥f∥S <∞

is equivalent to the square summable condition ∥c∥2 :=
√∑

k |ck|
2
<∞.

Ref. [1, Theorem 1] provides a partial answer to Question (1) above, namely, if f ∈ S satisfies
∥f∥∞ < 1√

2
, then there exists a unique sequence Ψ ∈ ℓ2(N) ⊂ P such that the following equality

holds

(7)
∑
k∈Z

log(1 + tan2 ψ|k|) = − 2

π

∫ 1

0

log |1− f(x)2| dx√
1− x2

and

(8) lim
d→∞

∥Im[ud(x,Ψ)]− f(x)∥S = 0.

Eq. (7) is a nonlinear version of the Plancherel identity, which connects the L2-norm of the Fourier
space representation of a function with its L2 norm in the real space. The phase factors can be
interpreted as a nonlinear version of the Fourier coefficients of f(x). In fact, among the sequences
Ψ for which Eq. (8) holds, the sequence Ψ constructed in [1, Theorem 1] is the unique sequence
where the quantity ∑

k∈Z
log(1 + tan2 ψ|k|)

takes the minimum

− 2

π

∫ 1

0

log |1− f(x)2| dx√
1− x2

.

See [30, Lemma 3.1], as well as Section 4.4 below for further details.
Note that neither ∥c∥1 ≤ 0.903 nor ∥f∥∞ < 1√

2
is stronger than the other (just consider

f(x) = 1
2 cos(100x), and f(x) = 0.8x, respectively). Furthermore, the techniques developed in

[8, 1] encounter significant difficulties towards representing all functions f ∈ S.
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1.2. Main results. In this work, we provide positive answers to both questions above, which
constitute a complete solution of the iQSP problem. For each η ∈ (0, 1), we define

(9) Sη = { f ∈ S | ∥f∥∞ ≤ 1− η } .

Theorem 1. For each f ∈ S, there exists a unique sequence Ψ ∈ P such that both the L2 conver-
gence criterion in Eq. (8) and the nonlinear Plancherel identity in Eq. (7) hold.

Furthermore, given 0 < η < 1
2 , for two functions f, f ′ ∈ Sη with corresponding sequence Ψ,Ψ′

as above, we have the Lipschitz bound

(10) ∥Ψ−Ψ′∥∞ ≤ 1.6η−3 ∥f − f ′∥S .

A fundamental result in Fourier analysis is that the mapping from the function to its Fourier /
Chebyshev coefficients is a linear functional, and hence each Fourier / Chebyshev coefficient can
be evaluated independently from the others using a single inner product. In the case when f(x) is

even, we can compute the Chebyshev coefficients explicitly as ck =
2(2−δk,0)

π

1∫
0

f(x)T2k(x)
dx√
1−x2

.

Can the phase factors ψk be evaluated independently as well? The proof of Theorem 1 provides
several useful tools for characterizing the phase sequence Ψ. From Lemma 6 below, we can compute
an individual phase factor via the formula

(11) ψk = arctan
(Bkz

−k)(0)

iAk(∞)
,

where Ak is a Laurent series on C, and Bkz−k is a Taylor series on C, both depending on f , and the
pair (Ak, Bk) is the unique solution to a linear system (see Eq. (47)). By solving this linear system,
we obtain an algorithm that is able to compute each individual phase factor ψk independently. This
is in sharp contrast to all algorithms in the literature, where phase factors need to be computed in
an interdependent fashion.

We introduce this new algorithm, dubbed the Riemann-Hilbert-Weiss algorithm, in Section 3.
Applying this algorithm to compute all d phase factors, we obtain the first provably numerically
stable algorithm to evaluate the phase factor sequence for any f ∈ Sη (without losing generality,
we assume that η < 1

2 ). An even polynomial in one variable is a linear combination of monomials
with even power. For real functions g, h : R → R, we write g = O(h) if there exists c > 0, such that
|g(τ)| ≤ c|h(τ)| for all τ ∈ R. Again a similar result can be obtained for odd polynomials and we
omit the discussion here.

Theorem 2. Let 0 < ε < 1, 0 < η < 1
2 and let k and d be integers satisfying d ≥ 1 and 0 ≤ k ≤ d.

There exists a deterministic algorithm to compute the k-th phase factor ψk for any even input

polynomial f ∈ Sη with degree 2d, to precision ε with a computational cost of O
(
d3 + d log(d/(ηε))

η

)
and using O(log(d/(ηε))) bits. The computational cost of O(d3) arises from solving a linear system
of size O(d). To determine all phase factors, the algorithm solves O(d) such linear systems, resulting

in a cumulative cost of O
(
d4 + d log(d/(ηε))

η

)
, and the bit requirement remains O(log(d/(ηε))).

It is worth noting that the main purpose of Theorem 2 is to provide a numerically stable,
polynomial scaling that works for arbitrarily small η. Due to the highly structured form of the
linear system, the quartic power in d may be improved using fast linear solvers for Hankel and
Toeplitz matrices [14, 4, 3]. However, the numerical stability of these fast algorithms should be
carefully investigated.
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1.3. Related works. For a complex polynomial p of degree d, where d can be either even or
odd, Ref. [17] provides a nonconstructive proof of the existence of a finite phase factor sequence
Ψ ∈ Rd+1 corresponding to p. Representing a real polynomial p of definite parity in QSP is
considerably more challenging, as it requires finding a complementary polynomial q that is not
known a priori. The problem of finding a complementary polynomial was solved constructively
in Refs. [13, 15]. These constructive methods require finding all roots of the Laurent polynomial
1 − p((z + z−1)/2)2. Neither the complementary polynomial q nor the phase sequence is uniquely
defined after such a root-finding process. The Prony method [34] provided a construction of a
complementary polynomial using a contour integral approach without root-finding. Ref. [1] showed
a different way of directly constructing a complementary polynomial, using a method that is referred
to as the Weiss algorithm in this paper. Given the complementary polynomial, Ref. [5] proposed a
“halving” algorithm which can find phase factors by solving linear systems of equations. However,
there was no upper bound of the condition number of such linear systems.

Iterative methods [11, 31, 8, 9] tackle the problem in a very different way, which directly finds the
inverse to the map Ψ 7→ p by choosing a symmetric phase factor sequence as in Eq. (2). Ref. [31]
identified a particular branch of the solution, called the maximal solution, which leads to the first
infinite QSP representation [8]. The phase sequence obtained in Ref. [1] using nonlinear Fourier
analysis coincides with the choice of the maximal solution, see Section 4.4. This work shows that
the maximal solution is well-defined for almost all polynomials which admits a QSP representation,
and is the unique solution that satisfies a Plancherel identity.

From an algorithmic point of view, finding the phase factor sequence was considered a major
computational bottleneck in early applications of QSP for quantum computation even when the
polynomial degree is less than 50 [6]. The root-finding based method is a significant progress
towards systematically computing phase factors, but the algorithm requires O(d log(d/ε)) bits of
precision [15] and is not numerically stable. Substantial algorithmic improvements have been made
in recent years [5, 11, 34, 20, 9], which can accurately compute the phase sequence for polynomials
of degree larger than 104, using only the standard double precision arithmetics. As d → ∞, the
only provably numerically stable algorithm so far is the fixed point iteration (FPI) algorithm in [8],
which requires the ℓ1 norm of the Chebyshev coefficients to be bounded by a constant. This work
shows that the phase sequence can be computed with a numerically stable algorithm for almost all
functions which admit a QSP representation. The Weiss algorithm in [1] as well as this work shares
similarities with the contour integral based method for finding a complementary polynomial [2].

1.4. Discussion and open questions. Recently there have been a number of generalizations of
QSP, including generalized QSP [20] which replaces the Z rotation eiψZ by a more general pa-
rameterized SU(2) rotation, QSP for SU(1,1) matrices [23], and multi-variable QSP for commuting
matrices [25, 24, 21]. We note that while the proposed QSP algorithm in SU(1, 1) and the SU(1, 1)
model of the nonlinear Fourier transform seem to have the roles of the phase factors (nonlinear
Fourier coefficients) and spatial variable β (or z) swapped, we anticipate that the nonlinear Fourier
analysis perspective [27] may be fruitful in these settings as well.

Theorem 1 proves the existence and uniqueness of the phase sequence for any f ∈ S. Furthermore,
the sensitivity result of Eq. (10), which requires ∥f∥∞ ≤ 1 − η for some η > 0, agrees with the
numerical observation that the Jacobian of the mapping Ψ 7→ f becomes singular as η → 0 [11, 9].

Our algorithm in Theorem 2 allows us to compute all phase factors independently and in parallel.
This completely circumvents the error accumulation issue associated with the “layer stripping”
method introduced in [13], which can be another source of numerical instability and requires at
least in theory, high precision arithmetics [15, Eq. (38)]. The computation of each phase factor
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requires solving a Riemann-Hilbert factorization problem via a linear system of equations, leading
to a O(d3) cost per phase factor. Consequently, the leading term of the computational cost in
Theorem 2 is O(d4). On the other hand, the FPI algorithm [8] only requires a much lower cost of
O(d2 log(1/ε)) upon convergence. The lower bound for evaluating phase factors for all functions
f ∈ S is unclear either at this point.

Ref. [10] observed a close connection between the decay of the Chebyshev coefficients of f and the
decay of the phase factors. This decay relationship was rigorously established under ℓ1 conditions
in [8, Theorem 4]. We anticipate that this relationship will generalize to all functions f ∈ S, which
will be our future work.

The paper is organized as follows. The preliminaries are given in Section 2. A concise overview
of Hardy functions is presented in Section 2.1. Section 2.2 introduces the nonlinear Fourier analysis
and its relation to QSP. Then, in Section 2.3 and Section 2.4, we review some results of [1] which
are critical to this work. Section 3 introduces the Riemann-Hilbert-Weiss algorithm, including
numerical results demonstrating the performance of the algorithm in Section 3.4. The proof of
Theorem 1 is provided in Section 4. The complexity of our algorithm is analyzed in Section 5,
which proves Theorem 2.

Acknowledgment. M. A., G. M. and C. T. acknowledge support by the Deutsche Forschungs-
gemeinschaft (DFG, German Research Foundation) under Germany’s Excellence Strategy – EXC-
2047/1 – 390685813 as well as CRC 1060. L. L. and J. W. acknowledge support by the Challenge
Institute for Quantum Computation (CIQC) funded by National Science Foundation (NSF) through
grant number OMA-2016245, and the Simons Investigator award through Grant Number 825053.
We thank Andras Gilyén, Hongkang Ni, and Zane Rossi for helpful discussions.

Note: Towards the completion of this work, we learned that Hongkang Ni is developing a new
numerically stable method based on our findings, which may compute all phase factors with a cost

of Õ(d2 log(1/ε)).

2. Preliminaries

2.1. Hardy functions. Hardy spaces, denoted by Hp, are function spaces that arise in complex
analysis and harmonic analysis with different definitions depending on the domain considered. In
this paper, we only consider the Hardy spaces on the unit disk D which are defined as follows.

On the open unit disk D := {z ∈ C : |z| ≤ 1}, a function g(z) is in the Hardy space Hp(D) for
1 ≤ p <∞ if g(z) is holomorphic on D and

(12) sup
0≤r<1

∫ 2π

0

|g(reiθ)|p dθ <∞ .

Similarly, g ∈ H∞(D) if

sup
0≤r<1

sup
θ

|g(reiθ)| <∞

Functions in Hp(D) have radial limits almost everywhere on the unit circle T := {z ∈ C : |z| = 1},
and these boundary values determine the function uniquely. Thus when we say a function g ∈ Lp(T)
belongs to Hp(D), we mean g coincides with the boundary values of a unique Hp(D) function,
which we also denote by g. By the mean value property for harmonic functions, for every function
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g ∈ Hp(D) we have

g(0) =

∫
T

g :=
1

2π

∫ 2π

0

g(eiθ)dθ .

For a subset Ω of the Riemann sphere C ∪ {∞}, the reflected set is

(13) Ω∗ = { z−1 : z ∈ Ω } .
If g is a function on Ω, then

(14) g∗(z) := g(z−1)

is a function on Ω∗. Hence g is analytic on D∗ if and only if g∗ is analytic on D. The anti-Hardy
space Hp(D∗) consists of functions g satisfying g∗ ∈ Hp(D). And again, we have the identity

g(∞) = g∗(0) =

∫
T

g∗ =

∫
T

g .

Let PD and PD∗ denote the L2(T) orthogonal projections onto H2(D) and H2(D∗), respectively.

If g ∈ L2(T), then we can write g(eiθ) =
∞∑

n=−∞
cne

inθ, in which case we have the explicit formulas

PDg =
∑
n≥0

cne
inθ , PD∗g =

∑
n≤0

cne
inθ .

If g is a periodic smooth function on T, define the Hilbert transform

(15) H(g)(x) :=
1

π
p. v.

∫ 2π

0

g(eiθ)
1

2
cot

(
x− θ

2

)
dθ.

Direct calculation shows that

H(zn) = −izn, n ∈ N+,

H(z−n) = iz−n, n ∈ N+.
(16)

More generally, [12, Chapter 3, Theorem 2.1 and Theorem 2.3] shows that H extends to a bounded
operator on Lp(T) for 1 < p <∞, and is a bounded map from L1(T) to L1,∞(T). Given g ∈ Hp(D),
let us denote g(eiθ) =

∑
n≥0 cne

inθ. If c0 = 0, then

(17) H(g)(z) = −ig(z).

Note that the output of H is a real-valued function if the input function is real-valued, and for
g ∈ Hp(D)

(18) H(Re g)(z) = Im g(z), H(Im g)(z) = −Re g(z).

Similarly, if g ∈ Hp(D∗) and c0 = 0, then

(19) H(g)(z) = ig(z), H(Re g)(z) = − Im g(z), H(Im g)(z) = Re g(z).

These relations can also be proved using the more powerful Sokhotski–Plemelj relation.
If g ∈ Hp(D) has modulus 1 a.e. on T, then g is called an inner function. Two functions

a, b ∈ H2(D) are said to have no common inner factor if for every inner function g, both a/g and
b/g are H2(D) functions if and only if g is constant. A function g ∈ L∞(T) is called outer if
log |g| ∈ L1(T) and g = eG where G = log |g| + iH(log |g|). Note that if g is outer, then G has an
analytic extension to D with real part bounded above, and hence g ∈ H∞(D).
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2.2. Nonlinear Fourier analysis. Given a compactly supported sequence F = (Fn)n∈Z of com-
plex numbers, for each n ∈ Z define a pair of Laurent polynomials (an(z), bn(z)) via the recurrence
relation

(20)

(
an(z) bn(z)
−b∗n(z) a∗n(z)

)
=

(
an−1(z) bn−1(z)
−b∗n−1(z) a∗n−1(z)

)
1√

1 + |Fn|2

(
1 Fnz

n

−Fnz−n 1

)
with the initial condition

(21)

(
a−∞(z) b−∞(z)
−b∗−∞(z) a∗−∞(z)

)
=

(
1 0
0 1

)
.

Here, a∗(z) := a(z−1) for any function a. Note that because the sequence F has compact support,
(a−∞, b−∞) = (an, bn) for all n to the left of the support of F . The nonlinear Fourier series, or
nonlinear Fourier transform (NLFT), of the sequence F is defined as the pair of Laurent polynomials

(a(z), b(z)) := (a∞(z), b∞(z)) ,

where again (a∞, b∞) = (an, bn) for all n to the right of the support of F . Because the initial
condition is given by the identity matrix, and then in the recurrence relation we only multiply by
matrices with determinant 1, the resulting Laurent polynomials a, b then satisfy the determinant
condition

(22) a(z)a∗(z) + b(z)b∗(z) = 1 .

For convenience, for any functions a, b ∈ L2(T) satisfying Eq. (22) for almost every z ∈ T, we
identify the pair (a, b) with the matrix

(23) G(z) :=

(
a(z) b(z)

−b∗(z) a∗(z)

)
.

The matrix product of two matrices (a, b) and (c, d) can be expressed concisely as

(24) (a, b)(c, d) = (ac− bd∗, ad+ bc∗) ,

and similarly for the inverse,
(a, b)−1 = (a∗,−b) .

The nonlinear Fourier transform can be extended to square-integrable sequences supported on
the half-line ℓ2(N) =: ℓ2([0,∞)) [30, 1]. In the latter case, (a(z), b(z)) may no longer be a pair
of Laurent polynomials, but for every k ∈ Z, [30] characterized the image of ℓ2([k,∞)) under the
NLFT denoted by H≥k. Define H≥k to be the space of pairs (a, b) ∈ H2(D∗)× zkH2(D) on T such
that a(∞) > 0 and

aa∗ + bb∗ = 1

almost everywhere on T, and define H≥k to be the set of pairs (a, b) ∈ H≥k for which a∗ and
b share no common inner factor. Then [30] showed that the NLFT is a homeomorphism from
ℓ2([k,∞)) onto H≥k with an appropriate topology, and similarly the NLFT is a homeomorphism
from ℓ2((−∞, k]) onto

H≤k := {(a, b) : (a, b∗) ∈ H≥−k} ,
and one may also define H≤k similarly. See also [1, Section 6] for a summary of these results.

One can also extend the nonlinear Fourier transform to sequences in ℓ2(Z) as follows: given a
sequence F in ℓ2(Z), split it as F− + F+, where F− is supported in (−∞,−1] and F+ is supported
in [0,∞). Then we define the nonlinear Fourier transform of F to be the pair

(25) (a, b) := (a−, b−)(a+, b+)
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where (a−, b−) denotes the NLFT of F− and (a+, b+) denotes the NLFT of F+. The problem of
finding factors (a−, b−) and (a+, b+) as in Eq. (25) is known as a Riemann-Hilbert factorization
problem [27, Lecture 3, p.31].

The nonlinear Fourier transform and symmetric quantum signal processing are related by the
following Lemma. Define the Hadamard gate

Had :=
1√
2

(
1 1
1 −1

)
.

Lemma 3 ([1, Lemma 2]). Let Ψ ∈ P and consider Ud(x,Ψ) and ud(x,Ψ) as defined near Eq. (2).
Define for n ∈ Z

(26) Fn = i tan(ψ|n|) ,

and let Gd(z) denote the nonlinear Fourier series in the form in Eq. (23) of the truncated sequence(
Fn1{−d≤n≤d}

)
n∈Z .

Then the following relations hold for every d ≥ 0 and every θ ∈ [0, π2 ],

(27) Ud(cos(θ),Ψ) = Had

(
eidθ 0
0 e−idθ

)
Gd(e

2iθ)

(
eidθ 0
0 e−idθ

)
Had

and in particular, if the upper right entry of Gd is b,

(28) i Im[ud(cos(θ),Ψ)] = b(e2iθ).

Following Eq. (27) and Eq. (28), we will often relate x ∈ [0, 1] with the unique θ ∈ [0, π2 ] and z
in the upper half of T so that

(29) cos(θ) = x, z = e2iθ.

For example, we write for Eq. (28)

(30) i Im[ud(x,Ψ)] = b(z).

The Lemma enables us to convert the original problem of finding for given f some phase factors P
with

(31) Im[ud(x,Ψ)] = f(x)

into that of determining the infinite sequence (Fn)n∈Z for some data (a, b) with if(x) = b(z). Note
that if f is an even polynomial of degree 2d in x, then b is a Laurent polynomial of degree d in z
satisfying the symmetry b(z) = b(z−1). Moreover, b is pure imaginary on T as f is real and we have
b∗ = −b.

We have the flexibility to select for given b any a for which (a, b) is the nonlinear Fourier transform
of a sequence. A good choice of a is addressed in the following subsection.

2.3. Weiss algorithm for constructing a given b. Given b with infinity norm bounded by 1,
there are multiple choices of a for which (a, b) is a NLFT. But [1, Theorem 10] provides a way
of constructing a specific and convenient choice of a(z) given b(z). Initially, [1, Theorem 10] was
confined to functions b with

∥b∥∞ := ess sup
z∈T

|b(z)| < 1√
2
.
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However, the proof of the theorem can be extended to accommodate any function b satisfying
∥b∥∞ ≤ 1 and the Szegő condition on the unit circle

(32)

∫
T

log(1− |b(z)|2) > −∞ .

Namely in our extension Theorem 4 below, let B be the set of pairs of measurable functions (a, b)
on T for which a∗ is outer with a∗(0) > 0, and

(33) aa∗ + bb∗ = 1

almost everywhere on T.
Theorem 4 (Extension of [1, Theorem 10]). For each complex valued measurable function b on T
with ∥b∥∞ ≤ 1, if b satisfies the Szegő condition

(34)

∫
T

log(1− |b(z)|2) > −∞ ,

then there is a unique measurable function a on T such that (a, b) ∈ B.

Proof. The idea is the same as that of [1, Theorem 10]. Existence follows by explicitly constructing
a function a satisfying (a, b) ∈ B. Namely, define

(35) R(z) := log

√
1− |b(z)|2

for almost every z ∈ T. Moreover, R(z) ∈ L1(T). Then G := R− iH(R) is well-defined a.e. because
the Hilbert transform H maps the L1(T) function R to a L1,∞(T) function. Furthermore, G has an
analytic extension to D∗, and so does

(36) a(z) := eG(z) .

It follows that
a∗(0) = eG

∗(0) > 0 ,

since G∗(0) is real-valued and finite, which can be seen as follows. First note G∗(0) is the mean of
G∗ = R+ iH(R) on T. Because the Hilbert transform has mean 0 on T, this is simply the mean of

R = log
√

1− |b(z)|2, which is real-valued. This mean is not ±∞ because ∥b∥∞ ≤ 1 and the Szegő
condition Eq. (34).

Notice that log |a∗| is exactly R(z) on T, which belongs to L1(T). Besides, the values of a∗ on
T are the almost everywhere defined nontangential limits of the analytic function eG

∗(z). So this
construction of a(z) not only meets the requirement aa∗+bb∗ = 1, but also satisfies that a∗ is outer
with a∗(0) > 0. Hence (a, b) ∈ B.

As for the uniqueness, one can prove uniqueness by contradiction and assume that ã is another
function as claimed in the theorem. Notice that aã−1 and its reciprocal are analytic in the disc
and have modulus 1 a.e. on T. By the maximum principle, this means aã−1 equals a unimodular
constant. Given a∗(0) and ã∗(0) are both positive, the constant is 1, that is, a = ã. □

This constructive proof leads to a numerical method of constructing b
a given b, which is an

important component of our Algorithm 1 below. We call this method of construction the Weiss
algorithm, as it follows the same idea in the Guido and Mary Weiss algorithm [19]. A more detailed
discussion about the Weiss algorithm is provided in Section 3.2.

The connection between the solution of the Weiss algorithm and the maximal solution as defined
in [31] is discussed in Section 4.4.
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2.4. Existing results on Riemann-Hilbert factorization. By Lemma 3 and Theorem 4, the
problem of showing there exists a phase factor sequence {ψk} associated to a given target function
f is reduced to the following: given (a, b) ∈ B, can we show (a, b) is an NLFT? Under the additional
assumption

(37) ∥f∥∞ = ∥b∥∞ <
1√
2
,

[1, Theorem 11] provides a positive answer, whose proof we summarize here. In what follows, we
will often write elements of L2(T)×L2(T) as column vectors, so that we may then write operators
acting on such elements using matrix notation.

By the discussion surrounding Eq. (25), (a, b) ∈ B is a NLFT if and only if there exist (a+, b+) ∈
H≥0 and (a−, b−) ∈ H≤1 for which the factorization Eq. (25) holds. To prove the existence of
(a+, b+), one first argues that for any such pair, we have(

A
B

)
:= a+(∞)

(
a+
b+

)
is a fixed point of the map appearing in [1, (7.14)] from H2(D∗)×H2(D) to itself. This map may
be rewritten as

(38)

(
A
B

)
7→
(
1
0

)
+

(
−(PD

b
aB

∗)∗

PD
b
aA

)
=

(
1
0

)
+

(
−PD∗

b∗

a∗B
PD

b
aA

)
=

(
1
0

)
−M

(
A
B

)
,

where we used the identity
(PDf)

∗ = PD∗f∗ ,

and where

(39) M :=

(
0 PD∗

b∗

a∗

−PD
b
a 0

)
.

The size assumption Eq. (37) in [1] implies

(40)

∥∥∥∥ ba
∥∥∥∥
∞
< 1 ,

and hence Eq. (38) is a Banach contraction mapping. Thus there exists a unique fixed point

(
A
B

)
,

from which we can deduce the existence of a unique (a+, b+) and (a−, b−).

3. Riemann-Hilbert-Weiss algorithm for finding phase factors

3.1. Outline. The key observation of this work is that the condition ∥f∥∞ < 1√
2
, which ensures

the Banach contraction mapping condition in Section 2.4, may be relaxed. The existence of a fixed

point

(
A
B

)
in Eq. (38) is equivalent to the existence of the solution of

(41) (Id+M)

(
A
B

)
=

(
1
0

)
.

Then Eq. (40) implies M has operator norm strictly less than 1, and hence by the von Neumann
series we write

(42) (Id+M)−1 =

∞∑
k=0

(−M)k ,
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where the sum converges absolutely with respect to the operator norm. Thus Eq. (41) has the
explicit solution (

A
B

)
= (Id+M)

−1

(
1
0

)
=

∞∑
k=0

(−M)k
(
1
0

)
.

It is reasonable to question whether the condition Eq. (37) can be relaxed to

∥f∥∞ = ∥b∥∞ ≤ 1,

since this is a sufficient and necessary condition for the existence of QSP representation for poly-
nomial f with definite parity [13, Corollary 5]. We provide a positive answer in Theorem 5 below,
extending [1, Theorem 11].

In this more general setting, Eq. (40) may not hold and so the inversion formula Eq. (42) may
no longer be valid. We instead invert Id+M by showing M is an antisymmetric operator on
H2(D∗) × H2(D) and hence has pure imaginary spectrum. Of course, when |a| is not bounded
below uniformly on T, one must make sense of the operator M . Our approach in Section 4.1 is
to use the theory of unbounded operators to replace the operator in Eq. (39) by its unbounded
analogue in Eq. (62).

Theorem 5 (Extension of [1, Theorem 11], Riemann-Hilbert factorization). Let (a, b) ∈ B. Then
for each k ∈ Z, there exists a unique factorization

(43) (a, b) = (a<k, b<k)(a≥k, b≥k)

with (a<k, b<k) ∈ H≤k−1 and (a≥k, b≥k) ∈ H≥k.

According to the discussion surrounding Eq. (25), solving for (a<k, b<k), (a≥k, b≥k) in the
Riemann-Hilbert factorization problem Eq. (43) is equivalent to showing that each (a, b) ∈ B
is the NLFT of a unique sequence F ∈ ℓ2(Z).

Using the factorization result in Theorem 5, an individual nonlinear Fourier coefficient Fk, and
hence the phase factor ψk, may be computed using the formula (see [1, Eq. (6.13)])

(44) Fk =
(b≥kz

−k)(0)

a∗≥k(0)
.

We phrase this process using the key quantities appearing in our algorithm, namely a scalar multiple
(Ak, Bk) of (a≥k, b≥k).

Lemma 6. Let k ∈ N. Given any f ∈ Sη, we can recover the phase factor ψk via the maps

(45) f 7→ b

a
7→ (Ak, Bk) 7→ Fk 7→ ψk .

Here, (Ak, Bk) is the unique element of

(46) Hk := H2(D∗)× zkH2(D)

satisfying

(47) (Id+Mk)

(
Ak
Bk

)
=

(
1
0

)
, Mk =

(
0 PD∗

b∗

a∗

−zkPDz
−k b

a 0

)
.

Then

Fk :=
(Bkz

−k)(0)

A∗
k(0)

, ψk := arctan(−iFk) .
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The proof of this lemma is included in the proof of Theorem 1 which is given in Section 4. The
maps described in Eq. (45) provide a novel method for computing phase factors independently,
which we name the Riemann-Hilbert-Weiss algorithm (Algorithm 1). The name convention follows
the chronological order and it reflects two important steps required by the computation of phase
factors, constructing b

a and computing (Ak, Bk). For the first step, we develop a numerical method

(Algorithm 2) for evaluating the Fourier coefficients of b
a . We call it the Weiss algorithm, since it

follows the same idea in the Guido and Mary Weiss algorithm [19]. As for the second step, we only
need to numerically solve the linear system outlined in Eq. (47), where the existence and uniqueness
of the solution is guaranteed by Riemann-Hilbert factorization results. Here e0 refers to the vector
where the first entry is 1 and all other entries are zero.

Algorithm 1 Riemann-Hilbert-Weiss algorithm for finding phase factors

Input: An even real-valued polynomial f ∈ Sη of degree 2d (d ≥ 1), and ε > 0.
Output: A set Ψ of symmetric phase factors .
Let b(z) = if(x), where x and z are related by Eq. (29).
Obtain coefficients {ĉi}di=0 using Algorithm 2.
for k = 0, · · · , d do

Solve the linear system

(
I −Ξk

−Ξk I

)(
ak
bk

)
=

(
e0
0

)
for ak and bk, where Ξk is the Hankel

matrix of size (d + 1 − k) × (d + 1 − k) with {ĉi}di=k as its first column and zeros below the
secondary diagonal, and e0 is the first column of the identity matrix.

Compute ψk = arctan
(
−i

bk,0

ak,0

)
, where ak,0 and bk,0 are the first entries of ak and bk.

end for
return Ψ

3.2. Weiss algorithm. The construction of a as shown in the proof of Theorem 4 consists of three

steps: R(z) := log

√
1− |b(z)|2; G(z) := R(z) − iH(R(z)); and a(z) := eG(z). To construct b

a , we

only need to replace the last step by evaluating b
a := b(z)e−G(z). In our method, we directly evaluate

the Fourier coefficients of b
a with indices ranging from 0 to d using the Fast Fourier Transform

(FFT). Let b(z) be a Laurent polynomial of degree d. Due to the correspondence between the
target function f(x) and b(z), we have b(z) = b(z−1) and ∥b∥∞ = ∥f∥∞ ≤ 1 − η. We also denote
by N the discretization parameter associated with FFT.

We first evaluate function log

(√
1− |b(z)|2

)
at the Nth roots of unity zj := ei

2jπ
N . Then FFT is

applied to obtain R̂ :=
(
r̂−⌊N

2 ⌋, · · · , r̂0, · · · , r̂N−1−⌊N
2 ⌋

)
, which is an approximation of the Fourier

coefficients of R(z). The identities in Eq. (16) imply that

zn − iH(zn) = 0, n ∈ N+,

z−n − iH(z−n) = 2z−n, n ∈ N+,

c− iH(c) = c, c ∈ C.

To construct G(z) := R(z) − iH(R(z)), we only need to discard those positive frequencies and

double those negative frequencies, while keeping the zero-frequency component. Thus Ĝ(z) :=
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r̂0 + 2
∑⌊N

2 ⌋
ℓ=1 r̂−ℓz

−ℓ provides a numerical approximation to G(z). We evaluate b(z)e−G(z) at {zj}
and apply FFT again to obtain Ĉ, which is an approximation of the Fourier coefficients of b

a .
The Weiss algorithm is given in Algorithm 2. The choice for the parameter N to achieve precision

ε is given by Theorem 8 and a more detailed discussion is provided in Section 5.

Algorithm 2 Weiss algorithm for evaluating the Fourier coefficients of b
a

Input: A pure imaginary Laurent polynomial b(z) of degree d with ∥b∥∞ ≤ 1 − η < 1 and
b(z) = b(z−1), and ε > 0.
Output: (ĉ0, ĉ1, · · · , ĉd), which are approximating Fourier coefficients of b

a , .

Choose N = N(d, η, ε) to be the smallest power of 2 satisfying Eq. (53).

Apply FFT to the evaluation of function log

(√
1− |b(z)|2

)
at {zj}, and denote the rearranged

results as R̂ =
(
r̂−⌊N

2 ⌋, · · · , r̂0, · · · , r̂N−1−⌊N
2 ⌋

)
.

Apply FFT to the evaluation of function b(z)e−r̂0−2
∑⌊N

2
⌋

ℓ=1 r̂−ℓz
−ℓ

at {zj}, and the rearranged

results are denoted as Ĉ =
(
ĉ−⌊N

2 ⌋, · · · , ĉ0, · · · , ĉN−1−⌊N
2 ⌋

)
.

return (ĉ0, ĉ1, · · · , ĉd).

3.3. Riemann-Hilbert factorization. We now introduce a method for computing (Ak, Bk) for
any 0 ≤ k ≤ d. We also introduce a truncation parameter

(48) n := d− k .

As aa∗ + bb∗ = 1 and ∥b∥∞ ≤ 1− η on T, we have |a(z)| ≥
√
1− (1− η)2 ≥ √

η on T. Together
with a ∈ H2(D∗), we have 1

a ∈ H2(D∗). Also b is a Laurent polynomial of degree d. Hence, b
a

has Fourier support on (−∞, d]. Let cj denote the jth Fourier coefficient of b
a . These Fourier

coefficients turn out to be all pure imaginary.

Lemma 7. Let (a, b) ∈ B, and assume ∥b∥∞ ≤ 1− η for some η > 0. If b satisfies b(z) = b(z) for
all z ∈ T and ib is real-valued on T, then b

a has pure imaginary Fourier coefficients.

Proof. It suffices to show a−1 has real Fourier coefficients, while b has pure imaginary Fourier
coefficients, since then the product b

a of the bounded functions b and a−1 will then have pure
imaginary Fourier coefficients. Because b(z) = if(x) where z ∈ T is related to x ∈ [0, 1] through
Eq. (29), then b(z) = b(z) for all z ∈ T. Combined with the fact that b(z) takes on pure imaginary

values, we find that b has pure imaginary Fourier coefficients. And because log
√

1− |b(z)|2 is real-

valued and is also invariant under the change of variable z 7→ z, we get log
√
1− |b(z)|2 has real

Fourier coefficients. Because log
√
1− |b(z)|2 ∈ L∞(T) ⊂ L2(T), and (Id+iH) maps real-valued

L2(T) functions into H2(D), we thus have

G∗(z) := log
√
1− |b(z)|2 + iH log

√
1− |b(z)|2

belongs toH2(D) and has real Fourier coefficients as well. Since the Fourier expansion of G coincides
with its Taylor expansion as a holomorphic function in the unit disk D, then G(z) and all of its
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derivatives, when evaluated at z = 0, must be real-valued. Thus the H∞(D) function
1

a∗(z)
= e−G

∗(z)

and all its derivatives, when evaluated at z = 0, must be real-valued. Thus (a∗)−1, and hence a−1,
must have real Fourier coefficients. □

Now we truncate the Hilbert space Hk, defined in Eq. (46), to the finite dimensional space,

(49) Hn
k = span(1, z−1, z−2, · · · , z−n)× span(zk, · · · , zn+k).

We define

Λℓ :=

{
(z−ℓ, 0) 0 ≤ ℓ ≤ n,

(0, zℓ−(n+1)+k) n+ 1 ≤ ℓ ≤ 2n+ 1.

so that {Λℓ}2n+1
ℓ=0 is an ordered basis of Hn

k . The matrix representation of the operator on the left

of Eq. (47) with respect to the ordered basis {Λℓ}2n+1
ℓ=0 in Hn

k is

(50) Id+Mk =

(
I −Ξk

−Ξk I

)
,

where Ξk is the (n+1)× (n+1) = (d− k+1)× (d− k+1) Hankel matrix with (ck, ck+1, · · · , cd)T
as its first column, that is, the (ij)-entry of Ξk satisfies

(Ξk)ij =

{
ci+j+k i+ j + k ≤ d,

0 otherwise.

Because cj is pure imaginary for all j by Lemma 7, Ξk is a pure imaginary matrix.
Thus, computing (Ak, Bk) is equivalent to solving the linear system

(51) (Id+Mk)

(
ak
bk

)
=

(
e0
0

)
,

where ak,bk,0, e0 ∈ Rn+1 and e0 is the first column of the identity matrix.
We will show in Section 5 that, analogous to the theoretical results of Eq. (70), the matrix

Id+Mk :=

(
I −Ξk

−Ξk I

)
is non-singular. Hence, ak,bk are well-defined and we can recover the phase factor ψk through

(52) Fk =
(Bkz

−k)(0)

A∗
k(0)

=
bk,0
ak,0

, ψk = arctan(−iFk).

Here ak,0 and bk,0 are the first entries of ak and bk.
The accuracy of the phase factors computed by the Riemann-Hilbert-Weiss algorithm actually

depends on that of Fourier coefficients obtained by the Weiss algorithm, which turns out to be
determined by the discretization parameter N . In the following theorem, we present a sufficient
condition about the choice of N to achieve the desired precision.

Theorem 8. Given any 0 < η < 1
2 , 0 < ε < 1 and integer d ≥ 1, assume f ∈ Sη to be a polynomial

of degree 2d. Let

(53) N ≥ 8d

η
log

(
576d2

η4ε

)
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be an even integer. For any 0 ≤ k ≤ d, let ψk be the kth phase factor of f and ψ̂k be the
approximation to the kth phase factor of f computed by the Riemann-Hilbert-Weiss algorithm with
the discretization parameter N . Then

(54) |ψk − ψ̂k| ≤ ε, ∀0 ≤ k ≤ d .

The proof of this theorem is presented in Section 5.
Next, we present some numerical experiments to demonstrate the ability of Riemann-Hilbert-

Weiss algorithm.

3.4. Numerical experiment. We initiate our experiment by randomly generating a phase factor
sequence Ψ of length 1000. To ensure that the generated phase factors are actually the maximal
solution for certain target function, we first normalize Ψ to have 1-norm bounded by a small absolute
constant. Subsequently, we apply selective scaling to the elements of Ψ: each ψk is scaled by 10−7

for 1 ≤ k ≤ 333 and 667 ≤ k ≤ 1000. The magnitudes of the adjusted phase factors Ψ are depicted
in Fig. 1a.

The target function f is chosen to be associated with the constructed phase factors Ψ. We use
two methods: Newton’s method (which has been numerically demonstrated to be robust even for
small η [9]), and Algorithm 1 with a large discretization parameter N = 106 to find the phase factors
given target function f . We also present a comparative analysis of the computation errors for each
phase factor in Fig. 1b, demonstrating that the accuracy achieved using the Riemann-Hilbert-Weiss
method is comparable to that obtained with Newton’s method.

To show that Algorithm 1 is also robust for small η, we consider the target function f(x) =
0.999 cos(τx) with τ = 1000, which originates from the application to Hamiltonian simulation and
η = 0.001. The Chebyshev series expansion, known as the Jacobi-Anger expansion [17], is commonly
employed to approximate this target function:

(55) 0.999 cos(τx) = 0.999

(
J0(τ) + 2

∑
k even

(−1)k/2Jk(τ)Tk(x)

)
,

where Jk’s are the Bessel functions of the first kind. As a result, by truncating the Jacobi-Anger
series, a polynomial approximation of the target function can be obtained. To ensure that the
truncation error is upper-bounded by ε0, it is sufficient to choose the degree of truncation as
d = ⌈e|τ |/2 + log(1/ε0)⌉.

We apply both Riemann-Hilbert-Weiss algorithm and Newton’s method to find phase factors
given target function f , and the discretization parameter is chosen to be N = 107. We plot the
magnitude of phase factors obtained by Riemann-Hilbert-Weiss algorithm in Fig. 2a, as well as the
difference of phase factors obtained by both methods in Fig. 2b. We also assess the accuracy of the
results by evaluating Im[ud(x,Ψ)] at the Chebyshev nodes of T500(x) and comparing these values
to the exact value of the target function, 0.999 cos(τx). The resulting errors are depicted in Fig. 3.
The findings clearly indicate that the accuracy of the Riemann-Hilbert-Weiss algorithm is on par
with Newton’s method in a nearly fully coherent regime.

4. Infinite Quantum signal processing using square summable sequences.

In this section, we present the proof of Theorem 1 which provides a representation of measurable
functions by a square summable sequence. As mentioned previously in Section 2.4 and Section 3.1,
we prove Theorem 5, extending the Riemann-Hilbert factorization result [1, Theorem 11] in nonlin-
ear Fourier analysis to all (a, b) ∈ B. Our key idea here is to argue that the operator M arising in
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Figure 1. The performance of Algorithm 1 and Newton’s method to find phase
factors for the randomly generated phase factors Ψ.
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(b) The difference in phase factors Ψ obtained
by Algorithm 1 and Newton’s method.

Figure 2. The performance of Algorithm 1 and Newton’s method to find phase
factors for the target function 0.999 cos(τx).

Eq. (39) is antisymmetric on the Hilbert space H2(D∗)×H2(D), meaning it possesses pure imagi-
nary spectrum and hence Id+M is invertible. If (a, b) ∈ B satisfies |a| > η′ for some η′ > 0, then
b
a is bounded on T and the above reasoning is rigorous. However, if (a, b) ∈ B, then b

a may not

be integrable and M may not be well-defined on H2(D∗)×H2(D). This leads to the technicalities
in this section as we must appropriately interpret M at the endpoint case η′ = 0. Indeed, the
simple operator M in Eq. (39) must be interpreted as a densely defined operator as in Eq. (62),
which involves truncating a from below and taking a weak limit the in the truncation parameter.
And it’s by using the theory of unbounded operators [26, Chapter 13] that we argue that M is an
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Figure 3. The difference |Im[ud(x,Ψ)]− f(x)| over interval [0, 1] for the phase
factors obtained by Algorithm 1 and Newton’s method for the target function
0.999 cos(τx).

antisymmetric unbounded operator to then get Id+M has bounded inverse. The arguments in the
case |a| > η′ for some η′ > 0, which follows from f ∈ Sη for some η > 0, are considerably simpler
as the weak limits coincide with the simple operator in Eq. (39). For instance, Lemma 10 is near
immediate if we take M as in Eq. (39). Thus any reader uninterested in the endpoint case η = 0
may read this section while ignoring all weak limits.

This section is organized as follows. We first introduce a vector space

E ⊂ H2(D∗)×H2(D)

and an appropriate unbounded analogue of M on E . We show the operator M has pure imaginary
spectrum, meaning

Id±M : E → H2(D∗)×H2(D)
is a linear bijection with bounded inverse, which allows us to prove the Riemann-Hilbert factoriza-
tion Theorem 5. Next, we prove the Lipschitz estimate in Theorem 12 which bounds the infinity
distance of sequences by the norm distance in b

a . Then we discuss that for every element (a, b) ∈ B,
after the change of variables specified in Lemma 3, b corresponds to the target function f , while
a corresponds to the maximal solution proposed in [32]. Furthermore, because a is the unique
function for which one has equality in the Plancherel inequality Eq. (92), we then get Eq. (7) for
iQSP. Finally, combining all these results with Theorem 5, we prove Theorem 1.

4.1. Inversion of an unbounded operator using spectral theory. Fix (a, b) ∈ B. Define the
spaces

H := H2(D∗)×H2(D)

(56) D := aH2(D∗)× a∗H2(D)

with norm

(57) ∥f∥2 :=

∫
T

|f1|2 + |f2|2
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induced by the standard inner product ⟨·, ·⟩ on L2(T) × L2(T). As a∗ is bounded and outer, we
have

D ⊂ H ⊂ L2(T)× L2(T).
The space H is closed. The space D is dense in H by Beurling’s theorem [12, Chapter 2, Corollary
7.3], which says that the set of all polynomials in z, when multiplied by an outer function on D, is
dense in H2(D).

Let

PH =

(
PD 0
0 PD∗

)
denote the L2 × L2 orthogonal projection onto H.

To simplify the notation, in this subsection we slightly abuse the notation, drop the prime
notation and identify η′ with η.

Within the Hilbert space H, define E to be the subspace of elements f ∈ H for which

(58) PH

(
0 b∗

a∗η

− b
aη

0

)
f

converges weakly in H as η → 0, where a∗η is defined to be the unique outer function on D whose
boundary values on T satisfy

(59) log |aη| := 1{|a|>η} log |a| .

If |a| is bounded below uniformly away from 0, then E = H and for all η sufficiently small Eq. (58)
equals

PH

(
0 b∗

a∗

− b
a 0

)
f .

For general outer a, we may not have E = H.

Lemma 9. If (a, b) ∈ B, then D ⊂ E, and for any f ∈ D the weak limit of Eq. (58), which is also
a strong limit, equals

(60) PH

(
0 b∗

a∗

− b
a 0

)
f .

Proof. For any f ∈ D there exists an h ∈ H for which

f =

(
a 0
0 a∗

)
h .

Noting that Eq. (60) equals

PH

(
0 b∗

−b 0

)
h ,

we compute∥∥∥∥∥PH

(
0 b∗

a∗η

− b
aη

0

)
f − PH

(
0 b∗

−b 0

)
h

∥∥∥∥∥ ≤

∥∥∥∥∥
(

0 b∗

a∗η

− b
aη

0

)
f −

(
0 b∗

−b 0

)
h

∥∥∥∥∥
=

∥∥∥∥∥
(

0 b∗ a
∗

a∗η

−b aaη 0

)
h−

(
0 b∗

−b 0

)
h

∥∥∥∥∥ =

∥∥∥∥∥
(

0 b∗

−b 0

)( a
aη

− 1 0

0 a∗

a∗η
− 1

)
h

∥∥∥∥∥ .
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Using the fact that |b| ≤ 1 a.e. on T, the square of this last term is at most∫
T

(
|h1|2 + |h2|2

) ∣∣∣∣ aaη − 1

∣∣∣∣2 .
Since |h1|2+ |h2|2 is integrable, if we show that for every integrable nonnegative function f we have

(61) lim
η→0

∫
T

f

∣∣∣∣ aaη − 1

∣∣∣∣ℓ = 0

for all integers ℓ ≥ 1, then we will get strong convergence of Eq. (58) to Eq. (60), which will
complete the proof.

Assume to the contrary that Eq. (61) fails, meaning there exists ζ > 0 and a sequence ηm → 0
for which

lim
ηm→0

∫
T

f

∣∣∣∣ a

aηm
− 1

∣∣∣∣ℓ > ζ .

Since the Hilbert transform H maps L1(T) into L1,∞(T), there exists an absolute constant C such
that for all ν, η > 0 we have

|{|H log |a|1{|a|≤η}| > ν}| ≤ C

ν

∫
T

log |a|1{|a|≤η} .

Thus as m→ ∞, we have

H log |a|1{|a|≤ηm} → 0

in measure. By passing to a subsequence, we may assume without loss of generality that this
convergence holds pointwise almost everywhere on T. From Eq. (59), we also get lim

η→0
| aaη | = 1

almost everywhere on T
Combining with Eq. (59), we obtain the pointwise almost everywhere equality

lim
m→∞

a

aηm
= lim
m→∞

e(Id−iH) log |a|1{|a|≤ηm} = 1 ,

as well as the inequality | a
aηm

| ≤ 1 almost everywhere. By the dominated convergence theorem, we

obtain

lim
ηm→0

∫
T

f

∣∣∣∣ a

aηm
− 1

∣∣∣∣ℓ = 0 ,

contradicting our assumption.
□

Thus E is dense in H. Define the unbounded operator M : E → H by

(62) Mf := lim
η→0

PH

(
0 b∗

a∗η

− b
aη

0

)
f ,

where the limit above is understood to be in the weak sense in H. Note M has domain D(M) := E ,
and when |a| is bounded uniformly below on T, then this definition ofM coincides with the operator
in Eq. (39).

We refer to [26, Chapter 13] for the spectral theory of unbounded operators on a Hilbert space.
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Lemma 10. Let n ∈ Z and let (a, b) ∈ B. The unbounded operator iM is self-adjoint and hence
has real spectrum.

Proof. Recall from [26, Definition 13.1] that given the densely defined operator M : D(M) → H,
the domain D(M∗) of the adjoint operator M∗ consists of all those g ∈ H for which

f 7→ ⟨Mf, g⟩
is a continuous linear map on D(M) with respect to the norm of H. And the adjoint operator
M∗ : D(M∗) → H is the unique densely defined operator for which

⟨Mf, g⟩ = ⟨f,M∗g⟩
for all f ∈ D(M) and g ∈ D(M∗).

To show iM is self-adjoint [26, Definition 13.3], we must check that for all f, g ∈ D(M), we have

(63) ⟨iMf, g⟩ = ⟨f, iMg⟩ ,
and that the domain of definition of the adjoint operator M∗ is a subset of that of M , i.e.,

(64) D(M∗) ⊂ D(M) .

To see Eq. (63), let f, g ∈ D(M) = E and using the definition of M we write

(65) ⟨Mf, g⟩ = lim
η→0

⟨PH

(
0 b∗

a∗η

− b
aη

0

)
f, g⟩ .

As g ∈ H, we can get rid of the self-adjoint projection PH to write

(66) ⟨

(
0 b∗

a∗η

− b
aη

0

)
f, g⟩ = ⟨f,

(
0 − b∗

a∗η
b
aη

0

)
g⟩ = ⟨f,PH

(
0 − b∗

a∗η
b
aη

0

)
g⟩ ,

where in the last step we add PH back in because f ∈ H. Since g ∈ E , the weak limit of the term
in the second argument on the right side exists and so Eq. (65) and Eq. (66) yield

⟨Mf, g⟩ = ⟨f,−Mg⟩ ,
or equivalently Eq. (63) follows.

As for Eq. (64), let g ∈ D(M∗). We need to show g ∈ E , which means that there exists some
u ∈ H such that for every h ∈ H we have

(67) lim
η→0

⟨PH

(
0 b∗

a∗η

− b
aη

0

)
g, h⟩ = ⟨u, h⟩ .

Let η > 0, let h ∈ H, and define

fη :=

(
a
aη

0

0 a∗

a∗η

)
h ∈ D .

We compute adding and removing as before the operator PH freely where appropriate

(68) −⟨

(
0 b∗

a∗η

− b
aη

0

)
g, h⟩ = ⟨g,

(
0 b∗

a∗η

− b
aη

0

)
h⟩ = ⟨g,PH

(
0 b∗

a∗η

− b
aη

0

)
h⟩ ,

and using Lemma 9, the last term equals

(69) ⟨g,Mfη⟩ = ⟨M∗g, fη⟩ = ⟨M∗g,

(
a
aη

0

0 a∗

a∗η

)
h⟩ ,
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where the penultimate equality follows from the fact that fη ∈ D ⊂ E = D(M) and g ∈ D(M∗).
Thus letting η → 0, the limit of the left side of Eq. (68) equals the negative of the limit of the right
side of Eq. (69), which equals ⟨M∗g, h⟩ by the dominated convergence theorem and Eq. (61), where
we use that h = (h1, h2) and M∗h = ((M∗h)1, (M

∗h)2) satisfy (hj)
∗(M∗g)j ∈ L1 for j = 1, 2, .

Thus Eq. (67) follows with u =M∗g in H. Therefore

D(M∗) ⊂ D(M) .

Since iM is self-adjoint, then by [26, Theorem 13.30] it has real spectrum. □

By Lemma 10, M has pure imaginary spectrum, and so for any nonzero real λ, the operator
Id+λM is a linear bijection from E onto H with bounded inverse [26, Definition 13.26]. We also
have the operator norm estimate

(70)
∥∥(Id+λM)−1

∥∥ ≤ 1 ,

which follows by computing for any x ∈ E ,

∥(Id+λM)x∥2 = ⟨x, x⟩+ ⟨λMx, λMx⟩

+⟨λMx, x⟩+ ⟨x, λMx⟩ = ∥x∥2 + ∥λMx∥2 ≥ ∥x∥2 .
Plugging in x = (Id+λM)−1w for arbitrary w ∈ H yields Eq. (70).

Lemma 11. Let (a, b) ∈ B, and let f, g ∈ H. Then

(71) g = (Id+M)
−1
f

if and only if for all u ∈ D, we have

(72) ⟨(Id−M)u, g⟩ = ⟨u, f⟩ .

Proof. We first show Eq. (71) implies Eq. (72). Let f, g ∈ H be as in Eq. (71). Fix u ∈ D. As 1 is
not in the spectrum of M , and D ⊂ E , we can write for the right side of Eq. (72),

(73) ⟨(Id−M)−1(Id−M)u, f⟩ = ⟨(Id−M)u, g⟩ ,
where we used the fact that (Id−M)−1 has adjoint (Id+M)−1 and Eq. (71). This implies Eq. (72).

We now show Eq. (72) implies Eq. (71). Assume g satisfies Eq. (72). For all u ∈ E , we have(
1
aη

0

0 1
a∗η

)
u ∈ H

and therefore (
a
aη

0

0 a∗

a∗η

)
u ∈ D

and so Eq. (72) and then Eq. (60) yield

⟨

(
a
aη

0

0 a∗

a∗η

)
u, f⟩ = ⟨(Id−M)

(
a
aη

0

0 a∗

a∗η

)
u, g⟩ = ⟨

(
a
aη

− b∗

a∗η
b
aη

a∗

a∗η

)
u, g⟩ .

Because u ∈ E , then by the dominated convergence theorem and Eq. (61), taking η → 0 yields

⟨u, f⟩ = ⟨(Id−M)u, g⟩
For each v ∈ H, there exists u ∈ E for which

(Id−M)u = v ,
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and hence
⟨(Id−M)

−1
v, f⟩ = ⟨v, g⟩ ,

meaning Eq. (71) must hold. □

4.2. Riemann-Hilbert factorization: Proof of Theorem 5. Without loss of generality, let
k = 0, as the general theorem can be obtained by factorizing

(a, bz−k) = (a−, b−)(a+, b+)

where (a−, b−) is the NLFT of a sequence supported on (−∞,−1] and (a+, b+) is the NLFT of a
sequence supported on [0,∞), and then it suffices to define

(a<k, b<k) := (a−, z
kb−) , (a≥k, b≥k) := (a+, z

kb+) .

For simplicity of notation, we write (a−, b−) and (a+, b+) in place of (a<0, b<0) and (a≥0, b≥0).
To see uniqueness of the factorization, assume we have two factorizations Eq. (43) of (a, b), i.e.,

for j = 1, 2 there exists (a−,j , b−,j) ∈ H≤−1 and (a+,j , b+,j) ∈ H≥0 such that

(a−,j , b−,j)(a+,j , b+,j) = (a, b) .

Then for each j we have

(74) a−,j(∞)a+,j(∞) = a(∞) ,

and also
(a−,j , b−,j) = (a, b)(a∗+,j ,−b+,j) ,

from which it follows

(75)
a−,j
a

= a∗+,j +
b

a
b∗+,j , −b−,j

a
= b+,j −

b

a
a+,j .

Because Mf coincides with Eq. (60) for elements f ∈ D, we may write for all

(
A′

B′

)
∈ D,

⟨(Id−M)

(
A′

B′

)
,

(
a+,j
b+,j

)
⟩ = ⟨

(
1 − b∗

a∗
b
a 1

)(
A′

B′

)
,

(
a+,j
b+,j

)
⟩ .(76)

Applying Eq. (75), the mean value theorem, and then Eq. (74), this last term equals∫
T

A′ a−,j
a

−B′ b
∗
−,j

a∗
= A′(∞)

a−,j(∞)

a(∞)
=

A′ (∞)

a+,j (∞)
,

and so by the mean value theorem,

⟨(Id−M)

(
A′

B′

)
, a+,j(∞)

(
a+,j
b+,j

)
⟩ = A′(∞) = ⟨

(
A′

B′

)
,

(
1
0

)
⟩ .

Hence, by Lemma 11,

a+,j(∞)

(
a+,j
b+,j

)
= (Id+M)−1

(
1
0

)
and so

a+,1(∞)

(
a+,1
b+,1

)
= a+,2(∞)

(
a+,2
b+,2

)
.

Since (a+,j , b+,j) ∈ H≥0, we know that |a+,j |2 + |b+,j |2 = 1, hence we deduce a+,1(∞) = a+,2(∞)
and (a+,1, b+,1) = (a+,2, b+,2). Since the left factors (a−,j , b−,j) are uniquely determined by the
right factors (a+,j , b+,j), this implies the factorization is unique.
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As for existence, first define

(77)

(
A
B

)
:= (Id+M)−1

(
1
0

)
.

Then we may write the real-valued L1(T) function

(78) f := AA∗ +BB∗ = A

[
1− lim

η→0
PD(

b

aη
B∗)

]
+B∗ lim

η→0
PD(

b

aη
A) ,

where we used that

(79)

(
A
B

)
=

(
1
0

)
−M

(
A
B

)
=

1− lim
η→0

PD∗
b∗

a∗η
B

lim
η→0

PD
b
aη
A

 .

Adding and subtracting AB∗ba−1
η in Eq. (78) then yields f is the weak limit of

A

[
1 + (Id−PD)(

b

aη
B∗)

]
−B∗(Id−PD)(

b

aη
A) .

For a fixed η, the expression above is in H1(D∗). Since f is a weak limit of such functions, then it
must be the case that f ∈ H1(D∗). Because f is real-valued, then this also implies f = f∗ ∈ H1(D),
and so f is constant.

Thus by the mean value theorem,

f(∞) = ⟨f, 1⟩ = lim
η→0

⟨A
[
1 + (Id−PD)(

b

aη
B∗)

]
−B∗(Id−PD)(

b

aη
A), 1⟩

= lim
η→0

⟨A, 1⟩ = A(∞) .

This also implies A(∞) > 0 since

A(∞) = f(∞) =

∫
f =

∫
|A|2 + |B|2 ≥ 0

with equality if and only if (A,B) = (0, 0), which cannot occur since (A,B) is the image of (1, 0)
under an injective linear map.

So now define

(80) (a+, b+) :=
1

A(∞)
1
2

(A,B) ,

which is an element of H2(D∗)×H2(D) and satisfies

(81) |a+|2 + |b+|2 = 1

on T. Thus (a+, b+) ∈ H≥0. We also note from Eq. (80), the mean value theorem, and Eq. (81),
that

(82) A(∞)
1
2 = a+(∞) ≤ 1 .

Thus we may define

(a−, b−) := (a, b)(a+, b+)
−1 = (a, b)(a∗+,−b+) .

Since (a−, b−) is the product of matrices in SU(2), then

|a−|2 + |b−|2 = 1 .
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on T. To check (a−, b−) ∈ H≤−1, using Eq. (79) and Eq. (80) we write

a− = aa∗+ + bb∗+ = lim
η→0

a(
1

a+(∞)
− PD(

b

aη
b∗+)) + bb∗+ = lim

η→0
a(

1

a+(∞)
+ (Id−PD)(

b

aη
b∗+))

since we have the L2 strong limit

lim
η→0

bb∗+(1−
a

aη
) = 0 .

Thus a− is a weak limit of elements in H2(D∗) and so is in H2(D∗).
Similarly, we have

b− = −b+a+ ba+ = lim
η→0

−a(PD
b

aη
a+) + ba+ = lim

η→0
a(Id−PD)(

b

aη
a+)

because again we have the L2 strong limit

lim
η→0

ba+(1−
a

aη
) = 0 .

Thus, b− is the weak limit of elements inH2(D∗), and so b− ∈ H2(D∗). Therefore, (a−, b−) ∈ H≤−1.
Finally we must check that (a+, b+) ∈ H≥0 and (a−, b−) ∈ H≤−1, namely we must verify that a∗+

and b+ share no common inner factor, and likewise for a∗− and b∗−. To see the first claim, suppose
g is a common inner factor for a∗+ and b+. Then

(83) a∗g−1 = a∗−(a
∗
+g

−1)− (b+g
−1)b∗−

is an H2(D) function. Thus g is an inner factor of the outer function a, and so must be constant.
Similarly, if g is a common inner factor for a∗− and b∗−, then Eq. (83) yields again that a∗g−1 ∈
H2(D∗) and so g is an inner factor for the outer function a, meaning g must be constant. This
completes the proof of Theorem 5.

4.3. Lipschitz estimate. In this section, we show the map from b
a ∈ L2(T) to an individual

nonlinear Fourier coefficient is Lipschitz continuous whenever the Szegő condition is uniformly
bounded below. More precisely, given S > 0, let BS consist of the pairs (a, b) ∈ B for which

(84)

∫
T

log |a(z)| > −S .

Theorem 12 (Lipschitz estimate). Let S > 0, and suppose (a, b), (a′, b′) ∈ BS are the NLFTs of
the sequences F, F ′ ∈ ℓ2(Z), respectively. Then we have the Lipschitz bound

∥F − F ′∥∞ ≤ 2
1
2 e2S(1 + e−S)

∥∥∥∥ ba − b′

a′

∥∥∥∥
L2(T)

.

We first show Lipschitz continuity of the map (a, b) 7→ (A,B), where (A,B) is as defined in
Eq. (77).

Lemma 13. Let (a, b) and (a′, b′) be elements of B. Then

(85)

∥∥∥∥(AB
)
−
(
A′

B′

)∥∥∥∥ ≤ 2
1
2 min{A(∞)

1
2 , A′(∞)

1
2 }
∥∥∥∥ b′a′ − b

a

∥∥∥∥
L2(T)

.
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Combined with the fact that A(∞), A′(∞) are both bounded in absolute value by 1 as in Eq. (82),
then Lemma 13 implies

(86)

∥∥∥∥(A′

B′

)
−
(
A
B

)∥∥∥∥ ≤ 2
1
2

∥∥∥∥ b′a′ − b

a

∥∥∥∥
L2(T)

.

Proof. Let (a, b), (a′, b′) ∈ B. We write

M :=M(a,b) = lim
η→0

(
0 b∗

a∗η

− b
aη

0

)
, M ′ :=M(a′,b′) = lim

η→0

(
0 (b′)∗

(a′η)
∗

− b′

a′η
0

)
,

and

D :=

(
a 0
0 a∗

)
H , D′ :=

(
a′ 0
0 (a′)∗

)
H .

Define F to be the image of D ∩ D′ under Id−M . We claim F is dense in H with respect to the
weak topology. Indeed, let f ∈ H. Then f is the image of some h ∈ E under Id−M , so we in fact
have

lim
η→0

(
a
aη

0

0 a∗

a∗η

)
h− PH

(
0 b∗

a∗

− b
a 0

)( a
aη

0

0 a∗

a∗η

)
h = (Id−M)h = f .

Thus f is the weak limit of elements

(Id−M)

(
a
aη

0

0 a∗

a∗η

)
h ,

which are the images of elements in D under Id−M . But fixing η, we may write this element of H
as

PH

(
a
aη

b∗

a∗η

− b
aη

a∗

a∗η

)
h

which is the strong limit of

PH

(
a
aη

b∗

a∗η

− b
aη

a∗

a∗η

) a′

a′γ
0

0
(
a′

a′γ

)∗
h = (Id−M)

 a′

a′γ

a
aη

0

0
(
a′

a′γ

)∗ (
a
aη

)∗
h ,

as γ → 0. Thus the collection(Id−M)

 a′

a′γ

a
aη

0

0
(
a′

a′γ

)∗ (
a
aη

)∗
h


0<η,γ<1

has limit point f in H under the weak topology. Since this collection is the image of a collection in
D ∩D′, this completes the proof of the claim.

With this in mind, we can write∥∥∥∥(AB
)
−
(
A′

B′

)∥∥∥∥ = sup

∣∣∣∣⟨(CD
)
,

(
A
B

)
−
(
A′

B′

)
⟩
∣∣∣∣ ,
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where the supremum is taken over elements

(
C
D

)
∈ F with norm at most one. But for any such(

C
D

)
, we have

⟨
(
C
D

)
,

(
A
B

)
−
(
A′

B′

)
⟩ = ⟨

(
C
D

)
,
(
(Id+M)

−1 − (Id+M ′)
−1
)(1

0

)
⟩ ,

= ⟨
(
C
D

)
, (Id+M)

−1
(M ′ −M) (Id+M ′)

−1
(
1
0

)
⟩ .

By duality, this equals

⟨(M −M ′) (Id−M)
−1

(
C
D

)
, (Id+M ′)

−1
(
1
0

)
⟩ .

Because

(
C
D

)
∈ F , then (Id−M)

(
C
D

)
∈ D ∩ D′ and so by Eq. (60) we may write this last inner

product as

⟨

(
0 ( ba − b′

a′ )
∗

−( ba − b′

a′ ) 0

)
(Id−M)

−1

(
C
D

)
, (Id+M ′)

−1
(
1
0

)
⟩ ,

= ⟨

(
0 ( ba − b′

a′ )
∗

−( ba − b′

a′ ) 0

)
(Id−M)

−1

(
C
D

)
,

(
A′

B′

)
⟩ ,

or rather

= ⟨(Id−M)
−1

(
C
D

)
,

(
0 −( ba − b′

a′ )
∗

( ba − b′

a′ ) 0

)(
A′

B′

)
⟩ ,

By Cauchy-Schwarz, the operator norm bound Eq. (70) and the norm of

(
C
D

)
being bounded

by 1, this last inner product is bounded in absolute value by∥∥∥∥∥
(

0 b′

a′ −
b
a

−
(
b′

a′ −
b
a

)∗
0

)(
A′

B′

)∥∥∥∥∥ ,
which by Hölder’s inequality is at most

2
1
2

∥∥∥∥ b′a′ − b

a

∥∥∥∥
L2(T)

max{∥A′∥L∞(T), ∥B′∥L∞(T)} .

But by Eq. (80), we have

A′(∞)−
1
2

(
A′

B′

)
is the NLFT of some sequence, and so has components all bounded above in absolute value by 1.
Hence ∥∥∥∥(A′

B′

)
−
(
A
B

)∥∥∥∥ ≤ 2
1
2A′(∞)

1
2

∥∥∥∥ b′a′ − b

a

∥∥∥∥
L2(T)

.

Finally, Eq. (85) follows by symmetry. □
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We can now prove Theorem 12. To bound the infinity norm of F − F ′, we must bound

|Fn − F ′
n|

uniformly in n. Without loss of generality, take n to be 0. By [1, (6.13)] and then Eq. (80), we may
write

|F0 − F ′
0| =

∣∣∣∣ b+(0)a∗+(0)
−

b′+(0)

(a′+)
∗(0)

∣∣∣∣ = ∣∣∣∣ B(0)

A∗(0)
− B′(0)

(A′)∗(0)

∣∣∣∣ ,
which, after putting everything on the same denominator, is at most∣∣∣∣B(0)−B′(0)

A∗(0)

∣∣∣∣+ ∣∣∣∣B′(0)(A∗(0)−A(0))

A∗(0)(A′)∗(0)

∣∣∣∣ .
By the mean value theorem and then Cauchy-Schwarz, the above is at most

(87) A(∞)−1 ∥B −B′∥L2(T) +A(∞)−1A′(∞)−
1
2

∣∣∣∣ B′(0)

(A′)(∞)

∣∣∣∣ ∥A−A′∥L2(T) .

Using the fact that (A′)(∞)−
1
2 (A′, B′) has entries bounded by 1 in absolute value, Eq. (87) is at

most

A(∞)−1 ∥B −B′∥L2(T) +A(∞)−1A′(∞)−
1
2 ∥A−A′∥L2(T) .

Because A(∞), A′(∞) ≤ 1 by Eq. (82), then we can bound this last expression by

A(∞)−1(1 +A′(∞)−
1
2 )

∥∥∥∥(AB
)
−
(
A′

B′

)∥∥∥∥ .
By Lemma 13, this is bounded by

2
1
2A(∞)−

1
2 (1 +A′(∞)−

1
2 )

∥∥∥∥ ba − b′

a′

∥∥∥∥
L2(T)

By Eq. (82) and Eq. (74), we deduce

(88) A(∞)
1
2 ≥ a(∞) > e−S ,

and similarly for A′(∞), which then yields the estimate in the Lemma.

4.4. Plancherel equality and maximal solution. We remark that the particular choice of a(z)
given by Theorem 4 actually corresponds to the maximal solution, which is a special class of solutions
with symmetric phase-factor proposed in [31] and enjoys many desirable properties. To reveal the
connection between the function a(z) constructed by Theorem 4 and the maximal solution, we first
review the construction of the SU(2) matrix corresponding to the maximal solution. Without loss
of generality, let f(z) be a real even target polynomial of degree 2d. Then we factorize

(89) F(z) := 1−
∣∣∣∣f (z + z−1

2

)∣∣∣∣2 = α

4d∏
i=1

(z − ri)(z
−1 − ri).

Suppose that ∥f∥∞ < 1, then for F(z) there is no root on T. To construct the maximal solution,

we take D = { ri }4di=1 to be the set of all roots of F in the unit disk D. Then

(90) ã(z) =
√
α

4d∏
i=1

(z − ri),
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is a polynomial and is in H2(D), and it satisfies |ã(z)|2 = F(z). Following [31, Theorem 4], we
construct  ã(z)+ã∗(z)

2 + f
(
z+z−1

2

)
ã(z)−ã∗(z)

2

ã(z)−ã∗(z)
2

ã(z)+ã∗(z)
2 − f

(
z+z−1

2

)
which is the unitary matrix associated with the maximal solution. It is exactly the unitary matrix
Ud(x,Ψ) associated with (a(z), b(z)) by exploiting a(z2) = z−4dã(z) and verifying Eq. (27). It
also implies that the construction method we propose gives the maximal solution with theoretical
guarantee, while many other algorithms don’t.

We will need the following identity for later.

Lemma 14. If (a, b) is the NLFT of a sequence F ∈ ℓ2(Z), then

(91) a∗(0) =
∏
j

(1 + |Fj |2)−
1
2 > 0 .

Proof. We first verify it in the case that F has compact support. From Eq. (20), we have∏
j

(1 + |Fj |)
1
2

(
a b

−b∗ a

)
=
∏
j

(
1 Fjz

j

−Fjz−j 1

)
=
∏
j

((
1 0
0 1

)
+

(
0 Fjz

j

−Fjz−j 0

))
,

where the product of matrices is understood as lower indexed matrices are to the left of higher-index
matrices. Then doing a binomial expansion, this last term equals∑

n≥0

∑
k1<...<kn

n∏
j=1

(
0 Fkjz

kj

−Fkjz−kj 0

)
.

In the sum above, the terms corresponding to n even are diagonal, while the terms with n odd are
anti-diagonal. Thus∏

j

(1 + |Fj |)
1
2 a(z) =

∑
n even

∑
k1<...<kn

Fk1z
k1(−Fk1z−k2) . . . Fkn−1

zkn−1(−Fknz−kn) ,

which is a Laurent polynomial with constant term 1, corresponding to n = 0. Thus a has constant
term

∏
j

(1 + |Fj |2)−
1
2 , i.e., Eq. (91) holds when F has compact support. A limiting argument then

allows us to extend Eq. (91) to any F ∈ ℓ2(Z). □

We have the nonlinear Plancherel inequality below.

Lemma 15. If (a, b) is the NLFT of some F ∈ ℓ2(Z), then

(92)
∑
n

(1 + |Fn|2) ≥ −
∫
T

log(1− |b(z)|2) ,

where equality holds if and only if a∗ is outer.

Proof. If (a, b) is the NLFT of a sequence F ∈ ℓ2(Z), then by the inner-outer factorization theorem
for H∞(D) functions [12, Corollary 5.6, Chapter II], we may write a∗ = IO where I and O are
inner and outer functions on T, respectively. By Eq. (22) we may write∫

T

log(1− |b|2) = 2

∫
T

log |a∗| = 2

∫
T

log |O| = 2 log |O(0)|
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where in the last equality, we used the mean value theorem for the harmonic function log |O(·)|.
Then this last term equals

2 log |a∗(0)| − 2 log |I(0)| = −
∑
n

log(1 + |Fn|2)− 2 log |I(0)| ,

where the last equality follows from Eq. (91). Thus as in [30, (3.1) and the Remark on p.16], we
have the nonlinear Plancherel identity

(93)
∑
n

log(1 + |Fn|2) = −
∫
T

log(1− |b(z)|2)− 2 log |I(0)| .

In particular, for every NLFT (a, b), because |I(0)| ≤ ∥I∥∞ = 1 by the maximum principle, we
have the nonlinear Plancherel inequality Eq. (92), where equality holds if and only if |I(0)| = 1. By
the maximum principle, this can only occur if I equals a unimodular constant λ. Because a∗ = λO,
the proof of the lemma will be completed once we show λ = 1, since then a∗ will equal the outer
function O. But a∗(0) > 0 by Eq. (91). And O(0) > 0 because

logO(0) = (log |O|+ iH log |O|)(0)
is the constant Fourier coefficient of log |O|+ iH log |O|, which is the constant Fourier coefficient of

the real-valued function log |O|, and so is real-valued. Thus the unimodular constant λ = a∗(0)
O(0) > 0,

meaning λ = 1. This completes the proof. □

Given b, the function a constructed in Theorem 4 satisfies a∗ is outer, as can be seen in Eq. (36).
Thus given b, a is the unique function for which we have equality in Eq. (92), i.e.,∑

n

(1 + |Fn|2) = −
∫
T

log(1− |b(z)|2) .

This not only yields Eq. (7) for iQSP after the appropriate change of variables, but also justifies the
name “maximal solution” from the perspective of nonlinear Fourier analysis, since a is the unique
function for which (a, b) is the NLFT of a sequence F ∈ ℓ2(Z) for which

−
∑
n

(1 + |Fn|2)

achieves its maximum value of ∫
T

log(1− |b(z)|2) .

4.5. Proof of Theorem 1. We first show the existence of Ψ. Given x ∈ [0, 1], let θ ∈ [0, π2 ] be the
unique number for which

x = cos θ ,

and then set
z := e2iθ .

Define
b(z) := if(x)

for z ∈ T ∩ C+ and extend b evenly across to the lower-half plane as in [1, Section 4]. Then b is
bounded in absolute value away from 1. By Theorem 4, there exists an outer function a∗ on D such
that the pair (a, b) ∈ B. Applying Theorem 5, we find a factorization

(94) (a, b) = (a−, b−)(a+, b+)
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with (a−, b−) ∈ H∗
0 and (a+, b+) ∈ H. By [1, Theorems 2 and 9], (a−, b−) and (a+, b+) are the

nonlinear Fourier transforms (NLFTs) of sequences supported on the negative and nonnegative
integers, respectively. Let {Fk} be the sum of these sequences. Observe that (a, b) is the NLFT of
{Fk}, see [1, Section 7]. Define {ψk} ∈ P by

(95) Fk := i tanψ|k| .

Then [1, Sections 4 and 8] shows {ψk} is the sequence of phase factors associated to the signal f ,
which shows the existence part of Theorem 1.

Uniqueness follows similarly from the uniqueness of Theorem 5 and the argument in [1, para-
graphs between (8.1) and (8.2)].

A careful readthrough of this section up till now, along with the existence and uniqueness proofs
above yields the following, which is a more comprehensive version of Lemma 6.

Lemma 16. Let k ∈ N. Given any f ∈ S, we can recover the phase factor ψk via the maps

(96) f 7→ b

a
7→ (Ak, Bk) 7→ Fk 7→ ψk ,

where

Fk :=
(Bkz

−k)(0)

A∗
k(0)

,

and
ψk := arctan (−iFk) ,

and where (Ak, Bk) is the unique element of H2(D∗)× zkH2(D) satisfying

(97) (Id+Mk)

(
Ak
Bk

)
=

(
1
0

)
,

in which

Mk = lim
η→0

(
0 PD∗

b∗

a∗η

−zkPDz
−k b

aη
0

)
.

As for the Lipschitz bounds, we proceed similar to [1, Section 8], but with some minor changes.
We begin by describing how to recover any phase factor ψk from a signal f . To compute the
Lipschitz constant of

f 7→ Ψ ,

it suffices to compute the Lipschitz constant of the map

f 7→ ψk

for arbitrary k. Assume without loss of generality that k = 0, and write this last map as the
composition of maps

f 7→ b

a
7→ F0 7→ ψ0 .

We compute the Lipschitz constant for each of these maps, noting that if f ∈ Sη for 0 < η < 1
2 ,

then by Eq. (88) the resulting pair (a, b) satisfies

|a(z)| > δ

for all z ∈ T, where

(98) δ :=

√
3

2
η

1
2 .



32 M. ALEXIS, L. LIN, G. MNATSAKANYAN, C. THIELE, AND J. WANG

In particular, we have (a, b) ∈ BS for e−S := δ.
As arctan(x) has slope between −1 and 1, by Eq. (95) we have

|ψ0 − ψ̃0| ≤ |F0 − F̃0| ,
so the last of the maps has Lipschitz constant at most 1. And by Theorem 12, the middle map
sending b

a to F0 has Lipschitz constant at most

2
1
2 δ−2(1 + δ) .

As for the Lipschitz constant of the map sending f to b
a , we write

b′

a′
− b

a
=
b′ − b

a′
+
b(a− a′)

a′a
,

so that we can estimate∥∥∥∥ b′a′ − b

a

∥∥∥∥
L2(T)

≤ δ−1 ∥b′ − b∥L2(T) + δ−2 ∥a− a′∥L2(T)

By [1, (8.5)], we have

∥a− a′∥L2(T) ≤
∥∥∥√1− |b|2 −

√
1− |b′|2

∥∥∥
L2(T)

+
1

4

∥∥log ∣∣1− |b|2
∣∣− log

∣∣1− |b′|2
∣∣∥∥
L2(T) .

Recall |b| = |f | takes values in [0, 1− η]. By the mean value theorem, the Lipschitz constants of the

functions
√
1− x2 and log(1− x2) on the interval [0, 1− η] are at most δ−1 and 2δ−2, respectively.

Thus we obtain

∥a− a′∥L2(T) ≤ (δ−1 +
δ−2

2
) ∥|b| − |b′|∥L2(T) ≤ (δ−1 +

δ−2

2
) ∥b− b′∥L2(T) ,

and therefore ∥∥∥∥ b′a′ − b

a

∥∥∥∥
L2(T)

≤ (δ−1 + δ−3 +
δ−4

2
) ∥b− b′∥L2(T)

Putting everything together, and in particular applying Theorem 5 with parameter δ given by
Eq. (98) and plugging in Eq. (98) yields that when f ̸= f ′, we have

|ψ0 − ψ′
0|

∥f − f ′∥S
≤ 1 · 2 1

2 δ−2(1 + δ) · (δ−1 + δ−3 +
δ−4

2
) ≤ δ−62

1
2 (1 + δ) · (δ3 + δ +

1

2
) .

By Eq. (98), and using the fact that 0 < η < 1
2 also implies 0 < δ <

√
3
2 , we have the above is at

most

η−3

(
2

3

)3

2
1
2 (1 + δ)(δ3 + δ +

1

2
) ≤ η−3 · 8

27
2

1
2 ·

(
1 +

√
3

2

)
·

(√
3

2

)3

+ (

√
3

2
) +

1

2

 ≤ 1.6η−3 .

5. Complexity analysis of Riemann-Hilbert-Weiss algorithm

In this section we prove Theorem 2. The proof is given in three parts: the error, complexity and
bit analyses. The formal statement of the error analysis is presented in Theorem 8, whose proof
is displayed in Sections 5.1-5.3. In Section 5.4, we establish the computational cost bound and in
Section 5.5, we prove the bit requirement part.

Henceforth, we fix d ∈ N, 0 < η < 1
2 , and b to be a Laurent polynomial of degree d satisfying

b(z) = b(z−1) and ∥b∥∞ ≤ 1−η, as in the assumption of the theorem. Also fix 0 ≤ k ≤ d, 0 < ε < 1
and N an even integer as in Theorem 8.
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Let a∗ be the unique outer function with |a∗(z)| =
√
1− |b(z)|2 for z ∈ T and recall ([30]) that

because of

(99) aa∗ = 1− bb∗

we have that a∗ is a polynomial of degree 2d whose zeros with multiplicities are those of 1 − bb∗

that are outside the closed unit disc.
Let {zℓ}0≤ℓ<N be the Nth roots of unity in natural counterclockwise order. For a continuous

function u on the unit circle, let F(u) be the Fourier transform of u as function on T and FN (u)
the Fourier transform of u on the finite group {zℓ}0≤ℓ<N , that is,

(100) F(u)(j) :=

∫
T
u(z)z−j , FN (u)(j) :=

1

N

N−1∑
ℓ=0

z−jℓ u(zℓ).

Our argument works for any sufficiently large integerN , and the coefficients FN (u) can be efficiently
computed by the Fast Fourier transform. We shall assume 0 < η < 1

2 and N > 2dη−1 so that

(101) (1− η)−
N
2d > 2 .

5.1. Errors analysis for the output ĉj of the Weiss algorithm. Recall that |b| ≤ 1− η on T.
As b is a Laurent polynomial of degree 2d, this implies that |b| < 1 in an annulus about T of width
comparable with η/d. This leads to the following Proposition.

Let r > 1 be such that

(102) r2d = (1− η)−1.

and note that rN > 2 by Eq. (101). Define

(103) Ar := {z : r−1 < |z| < r} .

Proposition 17. The function log
√
1− |b|2 has an analytic extension to Ar which is pointwise

bounded by 1
2 |log η|.

Proof. By the Schwartz reflection principle across T, it suffices to present the analytic continuation
on the inner annulus

(104) Ãr = {z : r−1 < |z| < 1}
and establish the claimed estimate there. We have

log
√
1− |b|2 =

1

2
log(1− bb∗) ,

where the right-hand-side has an analytic extension to Ãr provided log(1− bb∗) has no zero in Ãr.
As the polynomials zdb(z) and zdb∗(z) are in H2(D), we conclude by the maximum principle

(105) |b(z)| ≤ (1− η)rd, |b∗(z)| ≤ (1− η)rd

for each z ∈ Ãr. Moreover,
|b(z)b∗(z)| ≤ (1− η)2r2d = 1− η .

It follows that 1− bb∗ has no zero in Ar and∣∣∣∣12 log(1− b(z)b∗(z))

∣∣∣∣ ≤ 1

2
| log η| ,

where the last estimate follows by applying the triangle inequality to the Taylor expansion of the
analytic function z 7→ log(1− z). This completes the proof of the proposition. □
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A function with bounded analytic extension to the annulus Ar is well approximated by a discrete
Fourier series (see e.g. [28]). Define for j ∈ Z

rj := F(log
√

1− |b|2)(j) , r̂j = FN (log
√

1− |b|2)(j) ,

Proposition 18. We have, for every j ∈ Z,

(106) |rj | ≤
1

2
r−|j| |log η| .

We have, for every 0 ≤ j ≤ N
2 ,

(107) |rj − r̂j | ≤ 2rj−N |log η| .

Proof. We write the Fourier coefficient as a contour integral with a curve γ in the annulus Ar that
is homotopic to the standard contour around T as follows:

rj =
1

2

∫
T
z−j log(1− b(z)b∗(z)) =

1

2

∫
γ

z−j log(1− b(z)b∗(z))
dz

2πiz
.

Passing to to a contour γ that describes a circle about the origin of radius near r on the one hand
and near r−1 on the other hand, we obtain Eq. (106) with Proposition 17.

Substituting the function log
√

1− |b|2 by its Fourier expansion in the definition of r̂j , we obtain

r̂j =
1

N

N−1∑
ℓ=0

z−jℓ

∑
k∈Z

rkz
k
ℓ .

Interchanging the order of summation and using that

(108)

N−1∑
ℓ=0

z−j+kℓ

is equal to N if k is of the form j +Nk′ with k′ ∈ Z and equal to 0 otherwise, we obtain

(109) r̂j =
∑
k′∈Z

rj+Nk′ .

Spliting the sum into positive k and negative k and using geometric decay of the summands, we
obtain

(110) |r̂j − rj | ≤
∑

k∈Z,k ̸=0

|rj+Nk| ≤
r−j+N + rj−N

2

∞∑
k=0

r−Nk| log η| .

The geometric sum is less than 2 by assumption Eq. (101) on N , and we dominate r−j+N by rj−N

using the fact that 0 ≤ j ≤ N
2 . This shows Eq. (107) and completes the proof of the proposition. □

Define

(111) G(z) = 2

∞∑
ℓ=1

r−ℓz
−ℓ + r0 , Ĝ(z) := 2

N
2∑
ℓ=1

r̂−ℓz
−ℓ + r̂0 .

Proposition 19. We have for every z ∈ T,

(112)
∣∣∣G(z)− Ĝ(z)

∣∣∣ ≤ 5
r−N/2

1− r−1
|log(η)| .
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Proof. For any z ∈ T, we have∣∣∣G(z)− Ĝ(z)
∣∣∣ =

∣∣∣∣∣∣2
N
2∑
ℓ=1

r̂−ℓz
−ℓ + r̂0 − 2

∞∑
ℓ=1

r−ℓz
−ℓ − r0

∣∣∣∣∣∣ ≤ 2

N
2∑
j=0

|rj − r̂j |+
∞∑

j=N
2 +1

|rj | .

With Proposition 18, we bound the last display by

(113) 4

N
2∑
j=0

rj−N |log(η)|+ 1

2

∞∑
j=N

2 +1

r−j |log(η)| ≤
(
4 +

1

2

)
r−N/2

1− r−1
|log(η)| .

This implies Eq. (112) and completes the proof of the proposition.
□

We continue with a similar analysis of the discrete Fourier coefficients of the function ba−1. We
use analytic continuation to the annulus Ar with the same radius r as before.

Proposition 20. The function ba−1 extends analytically to the annulus Ar and satisfies for all
z ∈ Ar the bound

(114) |b(z)a−1(z)| ≤ rdη−1 .

Proof. As the function mapping z to z−db(z)a−1(z) is in H2(D∗), we apply the maximum principle
to estimate for all |z| ≥ 1 ∣∣z−db(z)a−1(z)

∣∣ ≤ ∥ba−1∥L∞(T) ≤ (1− η)η−
1
2 ,

where we used that on T we have that b is bounded above by 1− η and, using 0 < η < 1,

(115) |a|2 = 1− |b|2 ≥ 2η − η2 ≥ η .

Hence, if 1 ≤ |z| ≤ r,

(116)
∣∣b(z)a−1(z)

∣∣ ≤ rd(1− η)η−
1
2 .

Since a∗ ∈ H2(D), we obtain by the maximum principle, for each r−1 ≤ |z| ≤ 1,

(117) |a∗(z)| ≤ 1 .

Using aa∗ + bb∗ = 1, Eq. (105) and finally Eq. (117), we obtain∣∣b(z)a−1(z)
∣∣ = |b(z)|

∣∣a(z)∗ + b∗(z)b(z)a−1(z)
∣∣ ≤ rd(1− η)(1 + rd(1− η)

∣∣b(z)a−1(z)
∣∣)

Moving the term with ba−1 from the right-hand-side to the left-hand side and using the definition
of r, we obtain

(1− (1− η))
∣∣b(z)a−1(z)

∣∣ ≤ rd(1− η) ,

or rather,

(118)
∣∣b(z)a−1(z)

∣∣ ≤ rd(1− η)η−1 .

The proposition now follows from Eq. (116) and Eq. (118) and 0 < η < 1. □

We use the last proposition to estimate the coefficients

(119) cj := F
(
b

a

)
(j), c′j := FN

(
b

a

)
(j) .
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Proposition 21. We have for every j ∈ Z,

(120) |cj | ≤ rd−|j|η−1 .

We have for every 0 ≤ j ≤ d

(121) |cj − c′j | ≤ 4rd+j−Nη−1

Proof. We have for any contour γ in Ar homotopic to the standard contour around T,

(122) cj =

∫
T
z−jb(z)a(z)−1 =

∫
γ

z−jb(z)a(z)−1 dz

2πiz
.

With Proposition 20 and γ tracing circles close to radius r and radius r−1 about the origin, we
obtain the bound

|cj | ≤ rd−|j|η−1 .

We have for each j with the Fourier inversion formula, similarly as in Eq. (109)

c′j =
1

N

N−1∑
ℓ=0

z−jℓ b(zl)a(zl)
−1 =

1

N

N−1∑
ℓ=0

z−jℓ

∑
k∈Z

ckz
k
ℓ =

∑
k′∈Z

cj+Nk′ .

Hence

(123)
∣∣c′j − cj

∣∣ ≤ ∑
k∈Z,k ̸=0

|cj+Nk| ≤ (rd−|j+N | + rd−|j−N |)

∞∑
k=0

r−Nkη−1 ≤ 4rd+j−Nη−1 ,

where the geometric sum is bounded by 2 and we have used Eq. (120). This completes the proof of
the proposition.

□

Now recall a = eG and define â := eĜ to be the approximation to a given by the Weiss Algo-
rithm 2. Define

(124) ĉj := FN

(
b

â

)
(j) .

Proposition 22. We have for every 0 ≤ j ≤ d

(125) |c′j − ĉj | ≤ η−
1
2 ∥1− eG−Ĝ∥L∞(T) .

Proof. We estimate∣∣c′j − ĉj
∣∣ = ∣∣∣∣∣ 1N

N−1∑
ℓ=0

z−jℓ b(zℓ)(a
−1(zℓ)− â−1(zℓ))

∣∣∣∣∣ ≤ ∥b(a−1 − â−1)∥L∞(T) ≤ η−
1
2 ∥1− aâ−1∥L∞(T) ,

where we used |b| ≤ 1 and |a| ≥ η
1
2 as in Eq. (115). Expressing a and â by G and Ĝ proves the

proposition. □

Proposition 23. Let 0 < ε′ < 1
2 and assume

(126) N ≥ 8d

η
log

(
48d

η2ε′

)
.

Then we have for every 0 ≤ j ≤ d

(127) |cj − ĉj | ≤ ε′ .
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Proof. Let 0 ≤ j ≤ d. We have with definition of r

(128) r
2d
η = (1− η)−

1
η ≥ (1 + η)

1
η ≥ e

1
2 ,

where the last inequality is thanks to η < 1
2 . Hence

r
N
2 ≥ 48d

η2ε′
,

and with Proposition 21 and N > 4d∣∣cj − c′j
∣∣ ≤ rd+j−Nη−1 ≤ r−

N
2 η−1 ≤ ε′

48
.

Moreover, using Eq. (128)

r − 1 ≥ log r ≥ η

4d
.

Hence for every z ∈ T, with Proposition 19, and r <
√
2,

|G(z)− Ĝ(z)| ≤ 5
r−N/2

1− r−1
|log(η)| ≤ 5

√
2

r − 1

η2ε′

48d
| log η| ≤ 5

√
2

12
ηε′| log η| ≤ η

1
2 ε′

2
,

where for the last inequality we use the fact that η
1
2 | log η| ≤ 2

e .
We estimate for 0 ≤ j ≤ d,

|cj − ĉj | ≤
∣∣cj − c′j

∣∣+ ∣∣c′j − ĉj
∣∣ ≤ ε′

48
+ η−

1
2

∣∣∣∣1− e
η

1
2 ε′
2

∣∣∣∣ ≤ ε′ ,

where in the before last inequality we used Proposition 22 along with the inequality |1 − ez| ≤
|1− e|z||, which follows from the triangle inequality applied to the Taylor expansion of the function
1− ez. This completes the proof of the proposition □

The following theorem from [28] is our main tool for estimating with the errors coming from the
FFT.

Theorem A. ([28]) Let u be an analytic function in the annulus r−1 ≤ |z| ≤ r for some r > 1. If
|u(z)| ≤M , then for any K ≥ 1 and any j,

(129) |F(u)(j)| ≤Mr−|j|,
∣∣F(u)(j)−FK(u)(j)

∣∣ ≤ M
(
rj + r−j

)
rK − 1

.

We will apply this theorem to b
a and to log(1 − |b|2) according to the two FFTs appearing in

Algorithm 1.

5.2. Error analysis for solving the linear system. Let Ξk and Ξ̂k be the Hankel matrices with
(ck, ck+1, · · · , cd)⊤ and (ĉk, ĉk+1, · · · , ĉd)⊤ as their first column respectively and with zeros below
the secondary diagonal. Also denote

Id+Mk :=

(
I −Ξk

−Ξk I

)
, Id+M̂k :=

(
I −Ξ̂k

−Ξ̂k I

)
.

We denote the ℓ2 norm of a vector x = (x0, x1, . . . , xm−1) ∈ Cm as

(130) ∥x∥ :=

√√√√m−1∑
k=0

|xk|2.
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For a matrix A ∈ Cm×m, we denote the operator norm induced by the vector ℓ2 norms as

(131) ∥A∥ := sup
x̸=0

∥Ax∥
∥x∥

.

Proposition 24. Ξk has pure imaginary coefficients and

(132) ∥Ξk∥ ≤
∥∥∥∥ ba
∥∥∥∥
∞
.

Also the matrices Id+Mk and Id+M̂k are invertible,

(133)
∥∥∥(Id+Mk)

−1
∥∥∥ ≤ 1, ∥Id+Mk∥ ≤

√
1 + ∥Ξk∥2 ,

and

(134)

∥∥∥∥(Id+M̂k

)−1
∥∥∥∥ ≤ 1 .

Proof. To show that Ξk has pure imaginary coefficients is equivalent to showing that the Fourier
coefficients of b

a are pure imaginary, which follows from Lemma 7.

Since we truncate the space Hk to Hd−k
k , Ξk is exactly the matrix representation of the operator

(x0, , . . . , x−(d−k)) 7→ P[k,d]F−1

 b(z)

a(z)

0∑
j=−(d−k)

xjz
j

 ,

where F−1 is the inverse Fourier transform taking a function on T to the (infinite) vector of its
Fourier coefficients, indexed by frequency, and P[k,d] is the projection operator onto the subspace
of vectors whose nonzero entries only appear between indices k and d. By Parseval’s identity we
have for any x = (x0, x1, · · · , xd)∥∥∥∥∥∥P[k,d]F−1

 b(z)

a(z)

0∑
j=−(d−k)

xjz
j

∣∣∣
[k,d]

∥∥∥∥∥∥ ≤

∥∥∥∥∥∥F−1

 b(z)

a(z)

0∑
j=−(d−k)

xjz
j

∥∥∥∥∥∥
=

∥∥∥∥∥∥ b(z)a(z)

0∑
j=−(d−k)

xjz
j

∥∥∥∥∥∥
2

≤
∥∥∥∥ ba
∥∥∥∥
∞

∥∥∥∥∥∥
0∑

j=−(d−k)

xjz
j

∥∥∥∥∥∥
2

=

∥∥∥∥ ba
∥∥∥∥
∞

· ∥x∥ .

This proves Eq. (132).
Since Ξ∗

k = −Ξk, the eigenvalues of Ξk are all pure imaginary. We denote them iλ0, iλ1, · · · , iλd−k.
Here, λj ∈ R for 0 ≤ j ≤ d− k. Then, as(

I −Ξk
−Ξk I

)(
I −Ξk

−Ξk I

)∗

=

(
I − (Ξk)

2 0
0 I − (Ξk)

2

)
,

we see that the singular values of Id+Mk are√
1 + λ20,

√
1 + λ21, · · · ,

√
1 + λ2d−k .

Therefore, Id+Mk is non-singular, ∥∥(Id+Mk)
−1
∥∥ ≤ 1 ,

and

∥Id+Mk∥ ≤
√
1 + ∥Ξk∥2 .



INFINITE QUANTUM SIGNAL PROCESSING FOR ARBITRARY SZEGŐ FUNCTIONS 39

To show that Id+M̂k is invertible and

∥∥∥∥(Id+M̂k

)−1
∥∥∥∥ ≤ 1, we only need to show Ξ̂∗

k = −Ξ̂k, so

that we may apply the same argument as that for Id+Mk. Recall that Ξ̂k is the Hankel matrix
with (ĉk, ĉk+1, · · · , ĉd)⊤ as it first column. To show that Ξ̂k is anti-Hermitian, we examine the
Weiss algorithm, which outputs (ĉk, ĉk+1, · · · , ĉd)⊤. We have the following relation

ĉj =
1

N

N−1∑
ℓ=0

z−jℓ û(zℓ), ∀k ≤ j ≤ d,

with

û(z) := b(z)e−Ĝ(z) = b(z)e−r̂0−2
∑N

2
ℓ=1 r̂−ℓz

−ℓ

.

Note that r̂ℓ = FN
(
log(1− |b(z)|2)

)
(ℓ). So r̂ℓ ∈ R for any ℓ. Together with that the Fourier

coefficients of b are all pure imaginary, we know that the Fourier coefficients of û are all pure
imaginary. Due to the relation [29, Equations (2.2) and (2.8)], we know that for any k ≤ j ≤ d,

(135) ĉj = FN (û)(j) =

∞∑
ℓ=−∞

F(û)(j + ℓN),

we get that ĉj are all pure imaginary. Thus Ξ̂k is anti-Hermitian, which completes the proof.
□

Remark that the inverse of matrix Id+Mk can be explicitly written as( (
I − (Ξk)

2
)−1 (

I − (Ξk)
2
)−1

Ξk(
I − (Ξk)

2
)−1

Ξk
(
I − (Ξk)

2
)−1

)
Then the solution to Eq. (51) is given by

(136)

(
ak
bk

)
=

( (
I − (Ξk)

2
)−1

e0(
I − (Ξk)

2
)−1

Ξke0

)
.

So instead of solving a large linear system, we can just solve a smaller linear system,

(137)
(
I − (Ξk)

2
)
(ak,bk) = (e0,Ξke0),

where (ak, bk) is a matrix of size n× 2.

5.3. Proof of Theorem 8. We finish the proof of Theorem 8 applying Proposition 23 and Propo-

sition 24. Let 0 < ε ≤ 1. Given ε, define ε′ := εη2

12d , and choose N as in Theorem 8, or equivalently
as in Proposition 23.

Denote

ak,0 :=
(
e⊤0 ,0

⊤) (Id+Mk)
−1

(
e0
0

)
,

âk,0 :=
(
e⊤0 ,0

⊤) (Id+M̂k)
−1

(
e0
0

)
.

Then, we have

|ak,0 − âk,0| =
∣∣∣∣(e⊤0 ,0⊤) [(Id+Mk)

−1 − (Id+M̂k)
−1
](

e0
0

)∣∣∣∣
=

∣∣∣∣(e⊤0 ,0⊤) (Id+Mk)
−1(M̂k −Mk)(Id+M̂k)

−1

(
e0
0

)∣∣∣∣
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≤
∥∥∥(Id+Mk)

−1(M̂k −Mk)(Id+M̂k)
−1
∥∥∥ .

By Proposition 24, we know that∥∥∥(Id+Mk)
−1
∥∥∥ ≤ 1 and

∥∥∥∥(Id+M̂k

)−1
∥∥∥∥ ≤ 1 .

On the other hand, by Proposition 23, we have

|cj − ĉj | ≤ ε′, ∀0 ≤ j ≤ d.

Thus

∥M̂k −Mk∥ =

∥∥∥∥( 0 −(Ξ̂k − Ξk)

−(Ξ̂k − Ξk) 0

)∥∥∥∥ ≤

2
∑
0≤l,j

l+j≤d−k

|cj+l+k − ĉj+l+k|2


1/2

≤
(
4(d− k + 1)(d− k + 2)(ε′)2

)1/2 ≤ 2(d+ 2)ε′ ≤ 6dε′ .

(138)

The first equality is due to that the lower right triangular part of Ξk and Ξ̂k are all zero.
Plugging this estimates above, we get

(139) |ak,0 − âk,0| ≤ 6dε′ .

Similarly, let

bk,0 :=
(
0⊤, e⊤0

)
(Id+Mk)

−1

(
e0
0

)
, and b̂k,0 :=

(
0⊤, e⊤0

)
(Id+M̂k)

−1

(
e0
0

)
.

Analogous to Eq. (139), we can show

(140) |bk,0 − b̂k,0| < 6dε′ .

Furthermore, by Proposition 24, we have

(141) |bk,0| ≤
∥∥(Id+Mk)

−1
∥∥ ≤ 1 .

Letting λmin(T ) denote the smallest eigenvalue of a matrix T , then also by Eq. (137) and again by
Proposition 24, we have then also by Eq. (137) and again by Proposition 24, we have

|ak,0| =
∣∣∣e⊤0 (I − (Ξk)

2
)−1

e0

∣∣∣ = e⊤0
(
I − (Ξk)

2
)−1

e0

≥ λmin

((
I − (Ξk)

2
)−1
)
=

1

1 + ∥Ξk∥2
≥ 1

1 +
∥∥ b
a

∥∥2
∞

≥ 1

1 + (1−η)2
1−(1−η)2

= 2η − η2 ≥ η,

(142)

where the second equality is because I − (Ξk)
2 is a real symmetric positive definite matrix.
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Applying the estimates Eq. (142), Eq. (139), Eq. (140) and Eq. (141), we finish the proof. We
have

|ψk − ψ̂k| =

∣∣∣∣∣arctan
(
−i
bk,0
ak,0

)
− arctan

(
−i
b̂k,0
âk,0

)∣∣∣∣∣
≤

∣∣∣∣∣ bk,0ak,0
− b̂k,0
âk,0

∣∣∣∣∣ =
∣∣∣∣∣bk,0 − b̂k,0

âk,0
− bk,0(ak,0 − âk,0)

ak,0âk,0

∣∣∣∣∣
≤

∣∣∣∣∣bk,0 − b̂k,0
âk,0

∣∣∣∣∣+
∣∣∣∣bk,0(ak,0 − âk,0)

ak,0âk,0

∣∣∣∣
≤ 6dε′

η − 6dε′
+

6dε′

η (η − 6dε′)
=

6dε′

η
(
η − εη2

2

) (1 + η)

≤ 6dε′

η
(
η − η

4

) (1 + 1

2

)
= 6dε′

2

η2
= ε

(143)

by the choice of ε′ = εη2

12d .

5.4. Computational cost. FFT requires O(N log(N)) operations, which is at most O( dη log(
d
ηε ))

operations. The cost for solving a d× d linear system is O(d3). The overall computational cost of
using Algorithm 1 to determine a single phase factor is, then, O(d3 + d

η log(
d
ηε )). To compute all

the phase factors associated to a polynomial f of degree 2d, the FFT requires still the same number
of operations, but we now solve (d+ 1) many linear systems to compute phase factors, which then
takes O(d4) many operations. Thus we are left with a total operational cost of O(d4 + d

η log(
d
ηε ))

to compute all the phase factors of f . This completes the analysis of the computational cost as
outlined in Theorem 2.

5.5. Bit requirement. In this subsection, we discuss the bit requirement of Algorithm 1. Since
our algorithm mainly relies on FFT and on solving well conditioned linear systems, the analysis of
the bit-requirement is standard, and this is included mainly for completeness.

We assume radix-2, precision-p arithmetic, with rounding unit u = 2−p. According to [22], we
have the following estimate.

Theorem B ([22]). With the assumptions above, let m ∈ N and let Z be a vector of exact FFT

coefficients in C2m . Also let Ẑ be the vector of numerically computed FFT coefficients with rounding
unit u = 2−p. Then,

(144)

∥∥∥Ẑ− Z
∥∥∥

∥Z∥
≤ ((4 +

√
2)m− 4)u+O(u2).

In the Weiss algorithm, we need to apply two FFTs to obtain the Fourier coefficients of R and
b/a. Due to Parsevel theorem for Discrete Fourier Transform, the 2-norm of the vector of exact
FFT coefficients for R is bounded by

∥R∥∞ = − log

(√
1− ∥b∥2∞

)
≤ 1

2
log

(
1

1− (1− η)2

)
≤ 1

2
log

(
1

η

)
,
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while that of b/a is bounded by

∥b/a∥∞ ≤ 1− η√
1− (1− η)2

≤ 1
√
η
.

Theorem B indicates the total absolute error of the Weiss algorithm is

O
(
log(N)

(∥∥∥∥ ba
∥∥∥∥
∞

− log

(√
1− ∥b∥2∞

))
u

)
= O

(
log(N)
√
η

u

)
.

Now we examine how the rounding error accumulates when solving the linear system Eq. (137)

(145)
(
I − (Ξk)

2
)
(ak,bk) = (e0,Ξke0) ,

for ak and bk. Recall, that I−(Ξk)
2 is a real, symmetric, positive-definite matrix, and by Eq. (132),

we have the matrix estimate ∥∥I − (Ξk)
2
∥∥ ≤ 1 +

∥∥∥∥ ba
∥∥∥∥2
∞
.

We use it with the help of Cholesky factorization and a normwise error analysis of Wilkinson [33].

Theorem C ([16], [33]). Let A ∈ Rm×m be a symmetric, positive-definite matrix. Suppose that the

Cholesky factorization produces a solution x̂ to Ax = b. If max
(
(3m+ 1)u, m(m+1)u

1−(m+1)u

)
< 1

2 , then

(A+ E)x̂ = b, ∥E∥ ≤ 4m(3m+ 1)u ∥A∥ .

So bounding ∥E∥ for the linear system Eq. (137), the backward error of solving this single linear
system Eq. (137) is

O
(
d2(1 + ∥b/a∥2∞)u

)
= O

(
d2u

η

)
.

There exists an identity

(A+ E)−1 −A−1 = (A+ E)−1EA−1

if both A + E and A are nonsingular. We assume that u is sufficiently small and exploit the fact

that
∥∥∥(1− (Ξk)

2
)−1
∥∥∥ < 1 for any k. Then the forward error of solving this single linear system

Eq. (137) is still

O
(
d2u

η

)
.

In the last step of the algorithm, we compute

ψk = arctan

(
−i
bk,0
ak,0

)
,

where ak,0 and bk,0 are the first entries of ak and bk. The previous discussion implies that the

error in computing ak,0 and bk,0 is O
(
d2u
η

)
. Mimicking the analysis from Eq. (143), the error of

computing ψk is

O
(
d2u

η3

)
.

Combining all the errors above, we know that the number of the bits required is

O
(
log(log(N)) + log(d) + log

(
1

η

)
+ log

(
1

ε

))
.
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Plugging in the estimate for N from Theorem 8, we get that the bit required by Algorithm 1 is

Õ(log( dεη )), which completes the proof of the bit requirement part of Theorem 2.
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