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Probabilistic Estimation of Instantaneous
Frequencies of Chirp Signals
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Abstract—We present a continuous-time probabilistic ap-
proach for estimating the chirp signal and its instantaneous
frequency function when the true forms of these functions are
not accessible. Our model represents these functions by non-
linearly cascaded Gaussian processes represented as non-linear
stochastic differential equations. The posterior distribution of the
functions is then estimated with stochastic filters and smoothers.
We compute a (posterior) Cramér–Rao lower bound for the
Gaussian process model, and derive a theoretical upper bound for
the estimation error in the mean squared sense. The experiments
show that the proposed method outperforms a number of state-
of-the-art methods on a synthetic data. We also show that the
method works out-of-the-box for two real-world datasets.

Index Terms—chirp signal, frequency estimation, frequency
tracking, instantaneous frequency, state-space methods, Gaussian
process, Kalman filtering, smoothing, automatic differentiation

I. INTRODUCTION

Chirp signals are elementary and ubiquitous objects in
signal processing. We consider a real-valued chirp signal
model of the form

r(t) = α(t) sin

(
φ0 + 2π

∫ t

0

f(s) ds

)
,

Yk = r(tk) + ξk,

(1)

where r : [0,∞) → R is the chirp signal, α : [0,∞) → R
is the instantaneous amplitude, φ0 ∈ R is the initial phase,
and f : [0,∞) → [0,∞) is the instantaneous frequency (IF)
function of the signal r. We assume that for any time tk,
for time steps k = 1, 2, . . . , T , we measure the chirp signal,
denoted by Yk, corrupted by an independent additive Gaussian
noise ξk ∼ N(0,Ξ). Estimating the IF from measurements
of a chirp signal plays a crucial role in a number of real-
world applications, such as radar tracking, communications,
frequency modulation, and seismic attributes.

The goal of this paper is to develop a continuous-time and
probabilistic approach for jointly estimating the IF function
f and the chirp signal r. Importantly, we do not assume any
parametric forms of f or the amplitude α, and we aim at
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Noisy chirp signal y1:T

at times t1, t2, . . . , tT

dU(t) = A(U(t); θ) dt+B dW (t),

Yk = H U(tk) + ξk

pU(t)(u | y1:T )
for any time t

Stochastic filters
and smoothers

Estimate θ via
maximum likelihood

Figure 1. A flowchart of the proposed scheme. The state U(t) encodes the
chirp signal H U(t) and its instantaneous frequency f(t) = g(HV U(t))
jointly via a non-linear stochastic differential equation. The scope of this paper
is to estimate the distribution of U(t) based on the chirp measurements y1:T .

estimating the probability distribution of f conditioned on the
measurements. Not assuming a parametric form is desirable,
since in reality, it is often difficult to know the explicit forms
of the instantaneous frequency and amplitude functions. For
instance, when estimating the Doppler frequency in radar
tracking, we need to know the dynamics of the tracked object
to model f , which is often impossible. As another example,
the amplitudes of sound recordings usually have random per-
turbations which do not admit a particular parametric form [1].

A. Contributions

The core technical contributions of the paper are the fol-
lowing.
• We design a continuous-time probabilistic model to

jointly characterise chirp signals and their instantaneous
frequency functions.

• We propose a computationally efficient stochastic filtering
and smoothing based method for probabilistic inference
in this model.

• Additionally, we compute a (posterior) Cramér–Rao
lower bound for the model, and an upper bound for the
mean-squared estimation error.

The proposed instantaneous frequency estimation scheme is
illustrated in Figure 1. It is composed of two non-linearly
cascaded Gaussian processes (GPs) which are represented as a
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non-linear system of stochastic differential equations (SDEs).
The model simultaneously enables an expressive paradigm and
efficient inference techniques as we view the IF estimation
problem as a non-parametric GP-SDE regression problem. The
rationale and upsides of using such a GP-SDE model for the
IF identification are as follows:
• The GP-SDE model covers a wide class of chirp and IF

functions in terms of probability distributions. This im-
plies that we do not have to postulate strong assumptions
on the functions, such as the commonly used piecewise
linearity in short-time windows. The probabilistic model
also allows us to quantify the uncertainty in the estimates.

• The GP-SDE model is flexible. The users can choose
a suitable GP model depending on their applications.
For instance, if we know that the true IF function is
a polynomial, then, we can choose a GP kernel that
generates polynomial samples [2].

• The GP-SDE model is in continuous-time. We can query
the chirp and IF estimates at any given time (i.e., do
interpolation or extrapolation).

• The (non-linear) SDE representation of the GP model is
computationally efficient. By using stochastic filters and
smoothers, we can estimate the posterior distribution of
the chirp and IF with a computational complexity that is
linear in the number of measurements.

• The parameters of the GP-SDE model can be efficiently
estimated using maximum likelihood and modern auto-
matic differentiation techniques.

To show that the proposed scheme is theoretically sound, we
compute a (posterior) Cramér–Rao lower bound and derive
a mean-square upper bound for the model. The numerical
experiments also show that the proposed method outperforms a
number of baseline and state-of-the-art methods in terms of the
estimation error. Lastly, we apply the method to compute the
IFs of a gravitational wave and two European bats calls. These
real-data experiments show that the method works with real-
world data out-of-the-box. Our implementation of the method
is publicly accessible1.

B. Related work

In this section, we review a number of existing IF estima-
tion methods for (1), and briefly explain how they relate to
the proposed method. The simplest IF estimation scheme is
arguably to use the Hilbert transform [3]. This method first
finds the instantaneous phase of the analytic representation
of the signal (which is the Hilbert transform of the signal),
and then computes the IF by differentiating the unwrapped
instantaneous phase. However, in reality this method only
works well for clean signals.

Practitioners often use the time-windowed power spectral
density method to estimate the IF [3, Eq. 22]. The idea is to
first estimate the power spectral densities in time windows, and
then estimate the IF in each window from the first moment
of the estimated power spectral density. However, the method
requires a lot of manual tuning of parameters (e.g., window

1https://github.com/spdes/chirpgp.

type, length, and overlap), and the estimation in the time-
frequency domain is restricted by Gabor’s uncertainty princi-
ple. This method also needs interpolation to deal with unevenly
sampled measurements. In comparison, our model supports
automatic parameter tuning via maximum likelihood and can
be applied, unchanged, to unevenly sampled measurements,
since the model is formulated in continuous time.

There also exists a plethora of parametrisation-based
methods for estimating the IF. These methods postulate a
parametrised form of the IF, and then estimate its parame-
ters using, for example, maximum likelihood [4]. The most
commonly used parametrisation is that of an affine function
which results in a chirp signal with quadratic phase. For these
models, it is possible to develop asymptotically exact and
computationally efficient methods to estimate the parameters.
As an example, reference [5] exploits the matrix structure
of the non-linear least square estimator of the parameters to
achieve a sub-cubic computational complexity in the number
of samples.

However, in reality, chirp signals do not always have a linear
IF. To tackle more general IFs, we can heuristically define a
sequence of short-time windows, and then approximate the IF
by a piecewise linear function across the windows. The upside
of this approach is that we can directly make use of the refined
linear IF estimators, such as the ones in [5] and [6]. The down-
sides are that the IF is assumed to change slowly in time, and
that the performance is limited by the uncertainty principle:
for the maximum likelihood estimator to be accurate we need
to use large enough time-windows, while for the piecewise
linearity assumption to succeed, we need to use small enough
time-windows [7]. In addition to the window-based methods,
it is also customary to use non-linear parametrisations than
the linear ones, such as polynomials [4]. However, this comes
at the cost of more computations and over/mis-specification.
For instance, in radar tracking and audio processing, it is
challenging to find a precise parametrisation of the underlying
IF. There are also many known issues of the polynomial
maximum likelihood estimators, such as numerical instability,
optima oscillation, aliasing, and phase unwrapping [8, 9].

Apart from the parametric approaches, it is also common
to put a prior (e.g., a Gaussian process) on the underlying IF
and then make use of Bayesian estimators to find the posterior
distribution of the IF. This relaxes the ambiguities caused
by the aforementioned parametric approaches to a certain
extent, since the prior can provide a richer family of functions
than deterministic parametrisations. Moreover, since signals
are temporal functions, it makes sense to consider Markov
priors (e.g., state-space models) for the sake of efficient
computations. An early work using this idea dates back to [10,
pp. 99] and it was later followed up by [11]. Essentially, this
class of approaches and their variants (in the discrete-time
representation) use a state-space model of the form

f(tk) = ηk−1 f(tk−1) + ζ(tk−1),

Yk = α sin

(
φ0 + 2π

k∑
i=0

f(ti)

)
+ ξk,

(2)

for k = 1, 2, . . ., where {ηk}k≥0 and {ζk}k≥0 are some scalar

https://github.com/spdes/chirpgp


JOURNAL OF LATEX CLASS FILES, VOL. 14, NO. 8, AUGUST 2021 3

coefficients and Gaussian random variables, respectively, that
describe the transition dynamics of the IF. However, the model
in (2) assumes that the chirp amplitude is constant which
usually does not hold for real-world data. A closely related
but different state-space model is given in [12], [13], and [14].
The model additionally encodes the instantaneous amplitude
and phase in its state vector which end up with a non-linear
measurement model. However, the sampling-based inference
scheme in [12] is computationally expensive, and the dynamic
models in [13] and [14] do not exploit the prior information
(e.g., continuity and volatility) of the underlying IF function.
Furthermore, their state-space models are in discrete-time,
which implicitly assumes that the IF is locally linear.

In this paper, we employ the observation that we can
simplify (2) by replacing the sine function and the cumulative
sum of f in (2) with a harmonic equation representation [see,
e.g., 15, pp. 2]. This results in a state-space model with non-
linear dynamics and linear measurements implying that we
can use conventional non-linear filters, such as the extended
Kalman filters (EKFs) [11] and sigma-point filters [16] to
approximate the posterior distribution of f . We derive this type
of state-space model based on the deep connection between
SDEs and GP models, so that we can encode the prior
knowledge of the IF by selecting an appropriate GP kernel.
The resulting model is a non-linear SDE that jointly correlates
chirp signals and their IF functions in continuous time. In a
modern interpretation, our design corresponds to a hierarchical
statistical model that is a special case of the deep Gaussian
processes [17, pp. 82].

C. Outline of the paper

The paper is organised as follows. In Section II, we show
how to view the IF estimation problem as a GP-SDE regression
problem. In the same section, we show how to design the GP-
SDE prior appropriately so as to jointly model chirp signals
and their IFs. We then show how to solve the estimation
problem by using stochastic filters and smoothers. The error
analysis and numerical experiments are presented in Sec-
tions III and IV, respectively, followed by the conclusions in
Section V.

II. REPRESENTING CHIRP SIGNAL AND ITS
INSTANTANEOUS FREQUENCY USING A GAUSSIAN PROCESS

Gaussian processes (GPs) are ubiquitous models used, for
example, in statistics and machine learning communities for
modelling unknown latent functions [2]. To model the chirp
signal and its underlying IF, we use the following GPs. Let
X : [0,∞)→ Rdx be a (non-stationary) GP defined by

X(t) ∼ GP
(
mX(t; f), CX(t, t′; f)

)
(3)

for some mean function mX(t; f) = E[X(t) | f ] and covari-
ance function CX(t, t′; f) = Cov

[
(X(t) −mX(t)) (X(t′) −

mX(t′))T | f
]
, parametrised by a function f which acts as

the associated IF. Since the chirp signal is R-valued, we use
t 7→ HX X(t) to represent the chirp signal under some linear

transformation HX : Rdx → R. As for the IF f , we model it
to be driven by a GP as well, according to

f(t) := g(V (t)),

V (t) ∼ GP
(
0, CV (t, t′)

)
,

(4)

where V is a zero-mean GP that completely characterises f
in conjunction with a positive bijection g : R → R>0, for
instance, g(·) = exp(·) or g(·) = log(1 + exp(·)). The reason
for introducing g is to ensure that the IF is positive, otherwise
the estimator may not correctly identify the sign of the IF. Due
to this, f is technically not a GP, but its driving term V is.
Unless otherwise stated, we refer f as a GP for simplicity. The
bijection g can be used for other purposes as well, for example,
to introduce the carrier frequency in frequency modulations by
adding a constant offset in g.

We let the random variable Yk ∈ R represent the noisy
measurement of the chirp signal at time tk:

Yk = HX X(tk) + ξk,

where HX : Rdx → R is the linear transformation that extracts
the chirp from X , and ξk ∼ N(0,Ξ). Suppose that we have
a set of measurements y1:T := {yk}Tk=1 at hand. The goal is
then to compute the joint posterior density

pX(t),V (t)(x, v | y1:T ) (5)

of X(t) and V (t) marginally for all t ∈ [0,∞).
In practice, solving the estimation problem in (5) is hard.

One difficulty lies in how to find a concrete pair of the mean
mX and covariance CX functions such that X is a reasonable
prior for chirp signals. By “reasonable”, we mean that the
samples drawn from X should be valid chirp signals of the
form in (1), and that the IFs of the samples should follow (4).
The other difficulties consist in the intractability and expensive
computation of (5), as the joint prior model of X and f is not
a conventional GP but a hierarchical deep GP [18].

In what follows, we give solutions to tackle these difficul-
ties. Specifically, in Section II-A, we construct X via a class
of harmonic non-stationary SDE-GPs, and in Section II-B, we
leverage this type of SDE-GPs to formulate a continuous-
discrete state-space model that we use to characterise the
chirp signals. In Section II-C, we exemplify Gaussian filters
and smoothers, and their log-likelihood for estimating the
posterior distribution (5) and the model parameters. Lastly,
in Section II-D we show how to extend the model to tackle
chirp signals containing several harmonic frequencies.

A. Chirp signal prior

In light of the periodic nature of chirp signals, it is natural
to use the periodic covariance function in [2, pp. 92] for CX
to construct the prior GP X in (3). However, this periodic
covariance function can only deal with constant frequencies, as
it may fail to be positive definite when its frequency parameter
is time-dependent. Moreover, even after we have found a valid
and meaningful CX , the computations required to obtain the
posterior distribution (5) are demanding because the inversion
of the covariance matrix has a cubic complexity in the number
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of measurements. Indeed there are sparse pseudo-input meth-
ods to approximate the full-rank GP covariance matrix [e.g.,
19], however, one must be cautious in using them for IF
estimation, since these sparse approximations implicitly intro-
duce down-sampling. Moreover, the down-sampling rates are
not easy to control, as the pseudo-inputs (i.e., the decimation
points) are placed by an optimisation procedure [19]. In order
to approximate the posterior density (5), we often have to
use, for instance, variational Bayes or Markov chain Monte
Carlo methods which can be computationally expensive as
well. These matters make it difficult to deal with long signals,
such as audio recordings.

For the aforementioned reasons, we choose to construct
X via linear stochastic differential equations (SDEs), the
solutions of which are (Markov) GPs with implicitly defined
CX [20]. This relieves us from explicitly designing a
valid covariance function CX and from computing the
covariance matrix inversion. As a result, we can compute the
posterior density (5) marginally in time without using the full
covariance matrix.

To see how the GP-SDE is formulated, let us first consider
a simple class of harmonic GPs [21] that model sinusoidal
signals with a constant frequency f . These harmonic GPs are
governed by a family of linear time-invariant SDEs of the form

dX(t) =

[
−λ −2π f

2π f −λ

]
X(t) dt+ bdWX(t),

X(0) ∼ N
(
mX

0 , P
X
0

)
,

(6)

where X : [0,∞) → R2 stands for the state, WX : [0,∞) →
R2 is a standard Wiener process, and b ∈ R is the dispersion
coefficient. The parameter λ is a positive damping constant
representing the loss of energy which occurs in a number of
real signals, such as seismic waves and elastic dynamics. This
SDE has an analytical solution [22], specifically, starting at
any initial time s ∈ [0,∞), the solution at any t ≥ s is

X(t) = F (t, s)X(s) +Q(t, s), (7)

where

F (t, s) = exp

(
(t− s)

[
−λ −2π f

2π f −λ

])
=

[
cos((t− s) 2π f) − sin((t− s) 2π f)
sin((t− s) 2π f) cos((t− s) 2π f)

]
e−λ(t−s),

Q(t, s) = b

∫ t

s

F (t, z) dWX(z).

The marginal distribution of Q is Gaussian, that is, Q(t, s) ∼
N(0,Σ(t, s)), and its covariance is given by

Σ(t, s) := Cov[Q(t, s)]

= b2
∫ t

s

F (t, z)F (t, z)T dz

=

{
b2
(
1− exp(−2λ (t− s))

)
/ (2λ) I2, λ 6= 0,

b2 (t− s) I2, λ = 0,

where I2 ∈ R2×2 stands for the identity matrix. In the
remainder of the paper, we also interchangeably use the nota-
tion Σ(∆), since this Σ only depends on the time difference
∆ = t− s.

Figure 2. The covariance function CX in (8) evaluated at Cartesian grid
[0, 10] × [0, 10]. The parameters used are f = 0.5 Hz, λ = 0.1, b = 0.5,
and PX

0 = 1.25 I2. The periodic structure is clearly visible, and so is the
fading effect on the anti-diagonal (from top-left to bottom-right) due to the
damping factor.

The solution process X in (7) is a suitable prior for
modelling sinusoidal signals in the sense that its statistics (i.e.,
the mean and covariance) have a periodic structure. It is well-
known [22] that the mean and covariance functions of X are

mX(t) := E[X(t)] = F (t, 0)mX
0

and
CX(t, t′) := Cov[X(t), X(t′)]

=

{
Cov[X(t)]F (t′, t)T, t < t′,

F (t, t′) Cov[X(t′)], t ≥ t′,
Cov[X(t)] = F (t, 0)PX0 F (t, 0)T + Σ(t, 0),

(8)

respectively. From these, we see that the mean

E
[[

0 1
]
X(t)

]
= α e−λ t sin(φ0 + 2π f t)

is a damped sinusoidal signal with the frequency param-
eter f , amplitude α = ‖mX

0 ‖2, and initial phase φ0 =
arctan(mX

0,2 /m
X
0,1), where mX

0,1 and mX
0,2 stand for the first

and second components of mX
0 , respectively. The covariance

function CX is illustrated in Figure 2 for the frequency
f = 0.5 Hz. The figure clearly shows that CX has a periodic
structure determined by f .

B. GP-SDE for chirp signals and instantaneous frequencies

The SDE construction of X in (6) allows us to use time-
dependent instantaneous frequency by directly substituting
its constant frequency parameter f with a time-varying
one, for instance, the GP t 7→ f(t) defined by (4). In this
case, the conditional mean of X becomes E[X(t) | f(t)] =

α e−λ t
[
cos(φ0 + 2π

∫ t
0
f(s) ds) sin(φ0 + 2π

∫ t
0
f(s) ds)

]
which has the model in (1) as a special case. As for the
conditional covariance, it is not available in closed-form.
However, we will show a numerically computed example of
the conditional covariance in Figure 3.
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Let us now consider the construction f(t) = g(V (t))
as defined in (4). In order to be consistent with the SDE
construction of X , we need to represent V via an SDE as
well. Accordingly, we construct V from an SDE representation
V : [0,∞)→ Rdv governed by

dV (t) = M V (t) dt+ LdWV (t),

V (0) ∼ N
(
0, PV0

)
,

(9)

where WV : [0,∞) → Rdw is another standard Wiener
process that is independent of WX . We extract V from the
state V by V (t) = HV V (t) for some linear transformation
HV : Rdv → R.

The SDE coefficients M ∈ Rdv×dv and L ∈ Rdv×dw need
to be chosen appropriately to model the underlying IF at hand.
One useful choice is to let V be a Matérn GP. The Matérn
GPs are generic priors for modelling continuous functions with
varying degree of regularity, and their SDE representations are
available in closed form [20]. As an example, suppose that the
latent IF is continuously differentiable, then we can let

M =

[
0 1

−3 / `2 −2
√

3 / `

]
, L =

[
0

2σ (
√

3 / `)3 / 2

]
,

PV0 =

[
σ2 0
0 3σ2 / `2

]
, HV =

[
1 0

]
, (10)

and V (t) =
[
V (t) dV (t) / dt

]T ∈ R2, so that V is a Matérn
(ν = 3 / 2) GP with the covariance function

CV (t, t′) =
σ2 21−ν

Γ(ν)
ψ(t, t′)ν Kν

(
ψ(t, t′)

)
,

ψ(t, t′) :=

√
2 ν |t− t′|

`
,

where ` and σ are the length and magnitude scale parameters
(i.e., they determine the horizontal and vertical degrees of
change of V ), ν defines the smoothness of V , and Kν is the
modified Bessel function of the second kind.

For simplicity of exposition, we will keep using the Matérn
3 / 2 setting as in (10) in the remainder of the paper. However,
it is straightforward to use other classes of GPs as well by
changing the SDE coefficients in (9) accordingly. For example,
if in an application we know that the IF is a rational function,
then we can use the SDE representation of a rational quadratic
GP to design the SDE coefficients.

Now let us substitute the parameter f in (6) with f(t) =

g(V (t)), and define U(t) :=
[
X(t)T V (t)T

]T ∈ R4 as the
joint state by stacking X(t) ∈ R2 and V (t) ∈ R2. We get the
following non-linear state-space chirp IF estimation model:

dU(t) = A
(
U(t)

)
dt+B dW (t),

U(0) ∼ pU(0)(u),

Yk = H U(tk) + ξk,

(11)

where the drift and dispersion functions are defined by

A(U(t))

:=


−λ −2π g(V (t)) 0 0

2π g(V (t)) −λ 0 0
0 0 0 1

0 0 −3 / `2 −2
√

3 / `

U(t)

Figure 3. Top: the covariance function of H U in the SDE (11) conditioned
on a realisation of f . Bottom: the realisation of f . From the plot we can see
that the periodicity changes over time driven by the value of f . Note that this
covariance function has been approximately computed using Monte Carlo,
since it is not analytically tractable.

and

B :=


b 0 0 0
0 b 0 0
0 0 0 0

0 0 0 2σ (
√

3 / `)3 / 2

 ,
respectively, and the Wiener process W (t) ∈ R4 stacks
the independent processes WX and WV . The measurement
operator H :=

[
0 1 0 0

]
extracts the second component

of X from U so as to produce chirp signals of the form
in (1). The initial distribution can be assigned as a Normal
pU(0)(u) = N(u | m0, P0), where m0 and P0 are given by the
initial means and covariances of X’s and V ’s.

To see that the SDE in (11) is an appropriate prior for
modelling chirp signals with time-dependent IF, we can
investigate the statistics of the SDE. In the beginning of
this section, we have already shown that the conditional
mean E[H U(t) | f(t)] is a valid chirp signal of the form
in (1). Figure 3 then shows the covariance function of H U
conditioned on a realisation of f . Compared to the covariance
function CX with a fixed frequency plotted in Figure 2, we
see that the (white) stripes in Figure 3 wiggle in time based
on the value of f . This reflects the change of instantaneous
periodicity driven by the process f .

Another way to perceive the statistics of the SDE in (11) is
by inspecting its samples. It is worth noting that the commonly
used Euler–Maruyama scheme is unstable for simulating this
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Figure 4. Samples drawn from the SDE in (11) with four combinations of the model parameters. We see that the chirp frequency changes instantaneously
based on the value of f , and that the model can be used to generate a rich variety of randomised chirp signals by tuning the model parameters. In this
example, we choose the bijection in the way that f(t) = log(1 + exp(V (t))).

SDE due to the non-linearity and the stiffness of (6). How-
ever, we can instead use higher-order methods, such as Itô–
Taylor expansions [23], or the locally conditional discretisation
(LCD) [17, pp. 77]. The LCD method is particularly efficient
for our SDE because it exploits the hierarchical structure of
the SDE. In Figure 4, we exemplify a few samples drawn
from the SDE (11) by using the LCD method under four
combinations of the model parameters (i.e., λ, b, `, and σ).
From this figure it is clear that we can generate a rich variety
of chirp signals and IFs by tuning the model parameters. The
parameters λ and b control the damping factor and stochastic
volatility of the chirp, while ` and σ control the characteristics
of the IF. For best performance, it is desirable to estimate these
parameters from the chirp measurements to find the best fit to
the particular chirp at hand.

C. Estimate the posterior distribution and model parameters

Computing the posterior probability density

pU(t)(u | y1:T ), for all t ∈ [0,∞), (12)

for the state-space model in (11) is equivalent to solving a
(continuous-discrete) stochastic filtering and smoothing prob-
lem [20] on that model. The density can be computed in
both continuous-time and discrete-time, but the continuous-
time solution requires solving the Kushner partial differential
equation. Although this posterior distribution is intractable also
in the discrete-time case, there exists a number of approximate
schemes, such as Gaussian filters and smoothers [20], and
particle filters and smoothers [24]. Furthermore, estimating
the model parameters can be accomplished by optimising the
marginal log-likelihood computed by the filters.

At this stage, it is worth mentioning that this framework
for estimating chirp IF is similar to that of [11], except that
our model is continuous in time, and that we formulate the
model by using the GP tools that characterise a richer family
of chirp signals and IFs. More specifically, the model in [11]

is a special case of our SDE (11) when choosing b = 0 and
when discretised using the LCD discretisation.

For the sake of pedagogy and the error analysis in Sec-
tion III, we show a concrete solution to the posterior distri-
bution (12) using the generic Gaussian filters and smoothers
(GFSs) [25]. We choose GFSs for the demonstration because
they generalise the extended and sigma-points Kalman filters
and smoothers which are widely used in the signal processing
community. These are shown in the following algorithm.

Algorithm 1 (Gaussian filtering and smoothing for the chirp
and IF estimation model in (11)). Find a Gaussian approxi-
mation to the SDE solution in (11) in discrete-time such that

U(tk) ≈ Φ(U(tk−1)) + ω(U(tk−1)),

ω(U(tk−1)) ∼ N(0,Ω(U(tk−1))),

where Φ(uk−1) := E[U(tk) | uk−1] and Ω(uk−1) :=
Cov[U(tk) | uk−1] stand for the conditional mean and covari-
ance of the SDE solution U , respectively. See, for example,
[20] for how to do so.

Gaussian filters and smoothers approximate p(uk | y1:k) ≈
N
(
uk | mk, Pk

)
, p(uk | y1:T ) ≈ N

(
uk | ms

k, P
s
k

)
, and

p(u0) = N(u0 | m0, P0). The Gaussian filter computes the
filtering estimates {mk, Pk}Tk=1 by

m−k =

∫
Φ(uk−1) N(uk−1 | mk−1, Pk−1) duk−1,

P−k =

∫ (
Ω(uk−1) + Φ(uk−1) Φ(uk−1)T

)
×N(uk−1 | mk−1, Pk−1) duk−1 −m−k (m−k )T,

Sk = H P−k HT + Ξ,

Kk = P−k HT / Sk,

mk = m−k +Kk (yk −Hm−k ),

Pk = P−k −Kk SkK
T
k ,

for k = 1, 2, . . . , T . Define ms
T := mT and P sT := PT .

The Gaussian smoother computes the smoothing estimates
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{ms
k, P

s
k}T−1

k=1 by

Dk+1 =

∫
uk Φ(uk)TN(uk | mk, Pk) duk −mk (m−k+1)T,

Gk = Dk+1

(
P−k+1

)−1
,

ms
k = mk +Gk (ms

k+1 −m−k+1),

P sk = Pk +Gk (P sk+1 − P−k+1)GT
k,

for k = T − 1, T − 2, . . . , 1. Depending on the application,
we can use, for example, the first-order Taylor expansion
(i.e., EKFSs) or sigma-points (e.g., unscented transform) to
approximate the integrals above. The (approximate) negative
log-likelihood for optimising the parameter θ (e.g., λ, b, `, and
σ) is given by

−
T∑
k=1

log N
(
yk | Hm−k , Sk; θ

)
. (13)

The negative log-likelihood in (13) depends on the param-
eters θ through the filtering recursions which in turn, are also
complicated functions of the parameters. Deriving closed-form
expressions for the gradients (or Hessian for that matter) as
required for numerical optimisation is thus extremely challeng-
ing. Fortunately, however, it is also unnecessary because they
can be computed efficiently using well-established techniques
for automatic differentiation, as made available in a number
of popular software libraries, such as JAX and TensorFlow.

D. Modelling multiple chirps

In reality, we also often encounter chirp signals with har-
monic frequency components. These signals are of the form

J∑
j=1

αj(t) sin

(
φ0,j + 2π j

∫ t

0

f(s) ds

)
+ ξk, (14)

where J is the number of harmonics (including the fun-
damental IF), and αj and φ0,j are the j-th instantaneous
amplitude and initial phase, respectively. We can handily build
a model for the harmonic chirp signals by extending the GP-
SDE in (11). More specifically, we only need to duplicate
the chirp SDE for X by J times independently, which gives
X1, X2, . . . , XJ , and then stack them together with the SDE
of V . This results in an augmented SDE

dU(t) = A(U(t)) dt+ B dW(t),

Yk = HU(tk) + ξk,

where

U(t) =
[
X1(t) · · · XJ(t) V (t)

]T ∈ R2 J+2,

A(U(t)) = blkdiag(A1(U(t)), . . . , AJ(U(t)),M)U(t),

Aj(U(t)) =

[
−λj −2π j g(V (t))

2π j g(V (t)) −λj

]
,

B = blkdiag(b, b, . . . , b, b, L) ∈ R(2 J+2)×(2 J+2),

W(t) =
[
WX(t) · · · WX(t) WV (t)

]T ∈ R2 J+2,

H =
[
0 1 · · · 0 1 0 0

]
∈ R2 J+2.

The same routine also works for chirp signals that have
multiple fundamental IFs. Suppose that the chirp signal

at hand has R fundamental IFs f1, f2, . . . , fR. Then we
additionally duplicate the SDE of V by R times inde-
pendently, which gives V 1, V 2, . . . , V R. The resulting new
state U(t) ∈ R(2 J+2)R is a vector formed by stacking
X1,1(t), . . . , X1,J(t), . . . , XR,1(t), . . . , XR,J(t), V 1(t), . . . ,
V R(t). Although the stochastic filters and smoothers still
apply, the dimension of the state now grows to (2 J + 2)R
which might be computationally demanding when J and R
are large.

III. ERROR ANALYSIS

In this section, we analyse the mean-square error of the
IF estimates that follow from using the GP-SDE model in-
troduced in Section II. Specifically, we first derive an upper
bound of the estimation error to show that the error stays
finite in time. Then, we compute a Cramér–Rao lower bound
for the error which bounds the best estimation result that any
estimator can achieve.

A. Mean-square upper bound

Recall that our IF estimation method amounts to solving a
filtering and smoothing problem, and that we have a plenty
of filters and smoothers to choose from. Therefore, we now
narrow down our scope and focus on the particular, but useful,
Gaussian-based filter defined in Algorithm 1. In the literature,
there are already a number of mean-square upper bounds of
Gaussian filters [26]. However, these results are not always
informative to our application because they assume that the
underlying state-space models are correct. In other words,
these classical results are not concerned with whether the state-
space model is realistic or not. Thus, to take this into account,
we analyse the estimation error when we input the estimator
with measurements from a given class of chirp signals and IFs.
Formally, the chirp measurement we consider is of the form

Yk = sin

(
2π

∫ tk

0

f(s) ds

)
+ ξk, (15)

where f is the true given IF function that we want to estimate.
When we input the measurements {Y1, Y2, . . . , Yk} to the
estimator, we would like to find a finite bound on the mean
squared error

E
[
|f(tk)− g(HV mk)|2

]
,

where HV is the operator that extracts V ’s estimate from
mk (e.g., HV =

[
0 0 1 0

]
when using the Matérn 3 / 2

prior). However, this error is difficult to analyse due to the
non-linear bijection g wrapping the estimates, and therefore,
we transform the analysis into the domain of V . The mean
squared error that we are interested in now becomes

E
[
|g−1(fk)−HV mk|2

]
.

In order to carry out the analysis, we also need to fix
a representation of Φ and Ω in Algorithm 1. Thanks to
the hierarchical structure of the SDE (11), we can apply
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the locally conditional discretisation (LCD) [17]. This LCD
scheme approximates Φ and Ω by

Φ(uk−1) = blkdiag

(
e−∆k λ

[
cos(φk−1) − sin(φk−1)
sin(φk−1) cos(φk−1)

]
,

e∆kM

)
uk−1,

Ω(uk−1) = Ωk−1 = blkdiag
(
Σ(∆k),Λ(∆k)

)
, (16)

φk−1 := ∆k 2π g(HV uk−1),

∆k := tk − tk−1.

The exact formulae of e∆kM and Λ(∆k) under the Matérn
covariance function in (10) are shown in Appendix A. It is
worth noting again that the work in [11] is a special case
of (16) under this particular LCD discretisation scheme and a
specific parameter choice.

The main result (i.e., the error upper bound) is given in
Theorem 5. In order to arrive at the result, we use the following
assumptions.

Assumption 2 (Regularity of IF and prior). There exist a non-
negative function z and constant c ≥ 0 such that at each k,∣∣g−1(fk)−HV e∆kM x

∣∣2 ≤ z(∆k)
∣∣g−1(fk−1)−HV x

∣∣2 + c

for all x ∈ Rdv , where HV ∈ Rdv is defined in Section II-B.

Assumption 2 confines the class of IF functions and
bijections that this error analysis is dealing with. Essentially,
this assumption means that for any pair of (x, g−1(fk−1)) at
tk−1, the error (between x and the true IF value g−1(fk−1))
should not grow significantly (controlled by z and ck) to
time tk when the prior makes a prediction based on x. This
makes sense because one must choose the prior for the IF
appropriately in order to best describe the latent IF. Note that
we also have the freedom to choose a positive bijection g to
satisfy this assumption.

To see that Assumption 2 is not restrictive, we can enu-
merate a few realistic examples that satisfy the assumption.
Suppose that the true IF is f(t) = sin(t) + ε for some base
frequency ε > 1, and that we choose g(·) = exp(·) and
M = −1 (i.e., a dv = 1 Matérn 1 / 2 prior). Then there exists
a constant c (independent of both k and ∆k) and a function
z(∆k) = e∆kM that satisfy this assumption. Moreover, it is
not hard to manipulate ∆k or M so that z(∆k) < 1/3 in order
to obtain a contractive error bound as in Corollary 6.

Assumption 3. There exist constants cP and cP such that
tr(Pk) ≤ cP and ‖P−k ‖22 ≤ cP almost surely for all k ≥ 1.

Assumption 3 requires that the filtering and prediction
covariances are finitely bounded. This assumption is indeed
strong, in the sense that it is hard to verify in practice. On the
other hand, relaxing this assumption is difficult because the
evolution of these covariances is non-linearly coupled with
that of the posterior mean estimates and measurements, while
the evolution of the posterior mean estimates depends on the
covariances too. This is a common problem in analysing the
errors of non-linear filters, and this type of assumptions is
routinely used in the literature [26].

Lemma 4. For any mean µ ∈ Rdu and covariance Θ ∈
Rdu×du , the conditional mean Φ is such that∫

‖Φ(u)‖22 N(u | µ,Θ) du ≤ ‖µ‖22 + tr(Θ). (17)

Proof. This follows from the fact that ‖Φ(u)‖2 ≤ ‖u‖2 for
all u ∈ Rdu in (16).

Theorem 5. Suppose that Assumptions 2 and 3 hold. Then
for every k ≥ 1, the error is such that

E
[
|g−1(fk)−HV mk|2

]
≤ e0

k∏
j=1

3 z(∆j) + γ

k∑
j=1

j−1∏
i=1

3 z(∆k−i+1)

+

k∑
j=1

ζk−j+1

j−1∏
i=1

3 z(∆k−i+1),

(18)

where e0 := E
[
|g−1(f0) − HV m0|2

]
stands for the initial

error, and

γ := 3 c+
6 cP

(cΣ + Ξ)2
,

ζk := (2 cK)k
3 cP

(
‖m0‖22 + tr(P0)

)
(cΣ + Ξ)2

+
3 cP

(cΣ + Ξ)2

(
2
cP (1 + Ξ)

(cΣ + Ξ)2
+ cP

) k−1∑
j=0

(2 cK)j ,

cΣ := inf
j≥1

Σ(∆j).

(19)

Note that we define
∏0
i=1 := 1 and

∑0
j=0 := 0.

Proof. Thanks to Assumption 3, the Kalman gain is such that

‖Kk‖22 = ‖P−k HT / Sk‖22 ≤
cP

(cΣ + Ξ)2
,

and then that ‖I − KkH‖22 ≤ cK for some constant cK
(determined by cP , cΣ, and Ξ), almost surely.

By applying the triangle inequality on the mean squared
error, we arrive at a bound composed of three residuals:

E
[∣∣g−1(fk)−HV mk

∣∣2]
= E

[∣∣g−1(fk)−HV m
−
k +HV Kk (Yk −Hm−k )

∣∣2] (20)

≤ 3E
[∣∣g−1(fk)−HV m

−
k

∣∣2]
+ 3E

[∣∣∣∣HV Kk

(
sin

(∫ tk

0

2π f(s) ds

)
−Hm−k

)∣∣∣∣2]
+ 3E

[
|HV Kk ξk|2

]
.

The last residual satisfies E
[
|HV Kk ξk|2

]
≤ cP / (cΣ + Ξ)2.

We can establish a bound to the first residual by applying
Assumption 2, resulting in

E
[∣∣g−1(fk)−HV m

−
k

∣∣2]
≤ z(∆k)E

[∣∣g−1(fk−1)−HV mk−1

∣∣2]+ c.
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As for the second residual, we have

E
[∣∣∣∣HV Kk

(
sin

(∫ tk

0

2π f(s) ds

)
−Hm−k

)∣∣∣∣2]
≤ cP

(cΣ + Ξ)2
E
[∣∣∣∣sin(∫ tk

0

2π f(s) ds

)
−Hm−k

∣∣∣∣2]
≤ cP

(
1 + E

[
‖m−k ‖22

])
(cΣ + Ξ)2

.

(21)

Lemma 4 and Assumption 3 imply that

E
[
‖m−k ‖22

]
≤ E

[
‖mk−1‖22 + tr(Pk−1)

]
≤ 2E

[
‖(I −Kk−1H)m−k−1‖22

]
+ 2E

[
‖Kk−1 Yk−1‖22

]
+ cP

≤ 2 cK E
[
‖m−k−1‖22

]
+ 2

cP (1 + Ξ)

(cΣ + Ξ)2
+ cP .

(22)

By unrolling the recursion of E
[
‖m−k ‖22

]
from the equation

above for k ≥ 1, we obtain

E
[
‖m−k ‖22

]
≤ (2 cK)k

(
‖m0‖22 + tr(P0)

)
+

(
2
cP (1 + Ξ)

(cΣ + Ξ)2
+ cP

) k−1∑
j=0

(2 cK)j ,
(23)

noting that the initial E
[
‖m−1 ‖22

]
= ‖m−1 ‖22 ≤ ‖m0‖22+tr(P0).

We can then substitute (23) back into (21). Finally, by putting
it all together, we have

E
[
|g−1(fk)−HV mk|2

]
≤ 3 z(∆k)E

[
|g−1(fk−1)−HV mk−1|2

]
+ 3 c

+
3 cP

(cΣ + Ξ)2
+ (2 cK)k

3 cP
(
‖m0‖22 + tr(P0)

)
(cΣ + Ξ)2

+
3 cP

(cΣ + Ξ)2

(
2
cP (1 + Ξ)

(cΣ + Ξ)2
+ cP

) k−1∑
j=0

(2 cK)j

+ 3
cP

(cΣ + Ξ)2

(24)

which is a recursion of the error. Unrolling the recursion for
k ≥ 1 concludes the result.

Theorem 5 provides an upper bound of the estimation error
in the mean square sense. This bound is dominated by the
function z and the constant cK , in the way that the bound is
contractive as long as z and cK are not too large. This result
makes sense because it reflects that the IF prior should be
chosen well enough to model the true IF (see Assumption 2),
and that the Kalman gain should be finite too.

In the following corollary, we show that the error bound
from Theorem 5 can be simplified to a contractive one when
z and cK meet a certain criterion.

Corollary 6. Following Theorem 5, suppose that cK < 1 / 2,
and that z(∆j) ≤ cz < 1 / 3 for all j = 1, 2, . . . , k, then the
error bound in (18) reduces to

E
[
|g−1(fk)−HV mk|2

]
≤ (3 cz)

k e0 +
γ + ζ

1− 3 cz
, (25)

where

ζ :=
3 cP

(cΣ + Ξ)2

(
‖m0‖22 + tr(P0) +

2
cP (1+Ξ)

(cΣ+Ξ)2 + cP

1− 2 cK

)
.

Proof. Recall the identity that
∑k
j a

j < 1
1−a for every

number 0 < a < 1 and indexes k = 0, 1, . . . By applying
the assumptions and this identity to (18) we conclude the
result.

It is worth noting that the error bound in the main theorem
does not reflect how well the chirp prior copes with the chirp
signal. Indeed, the bound shows that the prior for the IF should
be well-chosen through z, but it does not explicitly reveal how
well the harmonic SDE (6) models the chirp signal in (15).
This is due to (20) where we used a worst-case triangle bound
on the residual between the chirp prediction (i.e., Hm−k ) and
the true chirp signal (i.e., sin(

∫ tk
0

2π f(s) ds)): they are both
bounded. Eventually, this residual error is not directly reflected
in the final error bound but it is instead implicitly contained in
that of the constant cK . We believe that the error bound can
be improved given a tighter bound on the chirp residual. This
is a worthwhile future work.

B. Cramér–Rao lower bound

In this section, we compute a Cramér–Rao lower bound
(CRLB) for the mean-square error. However, recall that the
true state U(tk) is not deterministic but a random variable,
and thus the CRLB in the classical definition does not apply.
The stochastic counterpart of the classical CRLB is given
in [27], and is known as the posterior CRLB. If mk is the
filtering estimate that depends on the measurements Y1:k, then
the posterior CRLB is

E
[
(mk − U(tk)) (mk − U(tk))T

]
≥ I−1

k ,

where I−1
k is the k-th sub-matrix of the inverse of the Fisher

information matrix I1:k defined by

I1:k := −E
[
∇∇T

u1:k
log p(y1:k, u1:k)

]
, (26)

where p(y1:k, u1:k) := pY1:T ,U1:T
(y1:k, u1:k) is the joint prob-

ability density function of Y1:T and U1:T , and ∇∇T
u1:k

denotes
the Hessian matrix with respect to the variable u1:k. Moreover,
thanks to the recursion relation in [27], we do not need to
explicitly compute the full-rank Hessian matrix I1:k; we can
recursively compute Ik for k = 1, 2, . . . from the initial
I0 := −E[∇∇T

u0
log p(u0)] with a low-cost computation. The

CRLB is not analytically tractable due to the expectations
in (26), and hence, we numerically compute these expectations
by 1,000,000 independent Monte Carlo simulations of the
model in (11).

The CRLB of our model in (11) is plotted in Figure 5. The
first important result we see from the figure is that the CRLB
converges as t→∞ which is expected [see, 27, pp. 1389]. In
addition, the figure shows CRLBs with different values of λ
and b, since these two parameters are key in characterising the
chirp state, while other parameters are fixed by ` = 1, σ = 1,
δ = 0.1, and Ξ = 0.1. We detail the results in the following.

We see from the top block of Figure 5 that the CRLB for
the chirp state decreases as the parameter b decreases. This
is expected, because b controls the stochastic volatility of the
chirp state, and hence, the signal-to-noise-ratio. But on the
other hand, this does not mean that b should always be very
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Figure 5. The CRLBs of the GP-SDE model in (11) with different parameter
settings. The top and bottom blocks show the CRLBs of the chirp (i.e., X(t))
and IF (i.e., V (t)) components in the state, respectively.

small or even zero in applications, because real-world chirp
signals have random amplitudes which demand a non-zero b.
The parameter λ, however, does not significantly affect the
CRLB of the chirp state.

The bottom block of Figure 5 shows the CRLB for the IF
state. We see that as λ increases, in particular when b is small,
the CRLB decreases. This is intuitive because λ controls the
damping factor of the chirp state. The mean of the chirp state
converges to zero at the speed of exp(−λ t), and hence, when
t is large, the mean almost amounts to zero, which makes it
hard to identify the underlying IF. As for the parameter b, it
does not substantially influence the CRLB of the IF state.

We also gauge two reference methods relative to the CRLBs.
These methods are the extended Kalman filter (EKF) and
the Gauss–Hermite filter (GHF) which are commonly used
instances of Algorithm 1. In the top block of Figure 5 we see
that the two estimators are close to the CRLB for estimating
the chirp state as the time increases, while GHF is slightly

better than EKF. On the other hand, in the bottom block of
the same figure, we see that the IF estimates have a noticeable
distance to the CRLB regardless of the parameter values.
This is due to two reasons: the EKF and GHF methods are
approximate estimators (even biased), and the bound in (26) is
not tight. There are a number of posterior CRLBs tighter [see,
e.g., 28] than the used I−1

k , but unfortunately, these bounds are
either computationally expensive or require exact knowledge
of the filtering distribution.

IV. EXPERIMENTS

In this section, we test the performance of the proposed
chirp estimation scheme on a synthetic data and compare to
several state-of-the-art methods. Furthermore, we apply the
method on a gravitational wave data and two European bat
calls, to show that our estimation method works on real-
world data out-of-the-box. For the sake of reproducibility, our
implementations are online available at: https://github.com/
spdes/chirpgp.

A. Synthetic experiment

The synthetic model that we use to test the performance of
the proposed scheme is given in the following equation:

f(t) = a b cot(t) csc(t) e−b csc(t) + c, t ∈ (0, π),

Yk =

J∑
j=1

α(tk) sin

(
2π j

∫ tk

0

f(s) ds

)
+ ξk,

(27)

where f is the true IF parametrised by a = 500, b = 5, and c =
8 (which control the function’s amplitude, horizontal scale,
and offset, respectively), and J is the number of harmonic
frequencies. The integral of f (i.e., the phase) is analytically
available and it is a exp(−b / sin(t)) + c t. Measurements of
this chirp signal at any time tk is represented by a random
variable Yk along with a Gaussian noise ξk ∼ N(0, 0.1).

We consider three instantaneous amplitude functions,
namely, constant α(t) = 1, damped α(t) = exp(−0.3 t), and
a random t 7→ α(t). The random t 7→ α(t) is a path generated
from an Ornstein–Uhlenbeck SDE dα(t) = −α(t) dt+dW (t).
The aim of using these different amplitude functions is to test
if the methods can identify the IF under the nuisance from the
chirp amplitude, in particular, the random t 7→ α(t).

We generate the chirp signal and its measurements using
a sampling frequency of 1, 000 Hz (i.e., 3,141 data points in
total). The estimation performance is quantified by the root
mean squared error (RMSE). Furthermore, we run all the IF
estimation methods using 100 independent Monte Carlo (MC)
simulations in order to get the statistics of their RMSE results.

We apply the extended Kalman filter and smoother (EKFS),
and the 3rd-order Gauss–Hermite Gaussian filter and smoother
(GHFS) – which are the most popular instances of Algorithm 1
– to solve the proposed model in (11). The discretisation
of this model is performed using the LCD scheme in (16),
and the bijection is g(·) = log(exp(·) + 1). In addition,
since our model can be solved in continuous-time, we also
apply the continuous-discrete EKFS and GHFS (CD-EKFS

https://github.com/spdes/chirpgp
https://github.com/spdes/chirpgp
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Table I
MEANS, MEDIANS, AND MINIMUMS (FROM 100 MC RUNS) OF THE IF ESTIMATION RMSES FOR J = 1. THE METHODS BELOW THE DASHED LINE USE

THE PROPOSED GP-SDE MODEL. BOLD NUMBERS REPRESENT THE BEST IN EACH OF THEIR COLUMNS.

Method / RMSE (×10−1) α(t) = 1 α(t) = e−0.3 t t 7→ α(t) is a random process

mean ± std. median min. mean median min. mean median min.

Hilbert transform 7.13± 2.35 6.37 5.64 11.74± 11.06 9.02 7.06 54.63± 25.58 51.22 6.04
Spectrogram 1.53± 0.08 1.53 1.30 1.82± 0.18 1.83 1.41 8.17± 4.31 6.84 1.78

Polynomial MLE 8.87± 0.09 8.87 8.63 8.90± 0.13 8.88 8.58 10.01± 4.33 9.16 4.78
ANF [29] 2.13± 0.16 2.11 1.80 3.05± 0.31 3.04 2.44 37.77± 23.57 33.52 1.83

EKFS MLE on (2) [11] 1.09± 0.20 1.08 0.69 19.53± 18.14 3.40 2.12 39.85± 17.61 40.19 1.25
GHFS MLE on (2) [11] 0.67± 0.17 0.62 0.39 3.48± 7.15 1.92 1.01 38.15± 19.51 40.06 1.48

FastNLS [6] 1.08± 0.05 1.08 0.94 1.27± 0.11 1.26 1.04 10.90± 6.15 10.39 1.04
FHC [5] 0.91± 0.06 0.90 0.77 1.16± 0.11 1.15 0.94 12.96± 6.70 12.16 1.00

KPT MLE [13] 1.49± 0.17 1.47 1.10 1.83± 0.24 1.79 1.40 21.63± 21.40 12.35 1.17

EKFS MLE 0.70± 0.17 0.69 0.37 0.98± 0.24 0.97 0.51 6.38± 7.04 4.16 0.55
GHFS MLE 0.65± 0.16 0.61 0.38 0.93± 0.24 0.92 0.53 5.11± 5.12 3.61 0.65

CD-EKFS MLE 1.53± 0.67 1.55 0.37 2.86± 2.26 1.37 0.54 6.34± 7.18 4.09 0.53
CD-GHFS MLE 0.72± 0.18 0.68 0.38 1.16± 0.34 1.14 0.56 4.66± 3.48 3.73 0.65
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Figure 6. IF estimates (J = 1) from one MC run. For simplicity, we only plot the estimates from the methods that stand out in Table I.

and CD-GHFS, respectively) [30] to solve it directly without
discretising the SDE in (11).

The model proposed in (11) consists of six parameters, that

are, λ, b, δ, `, σ, and the initial mean of V denoted by mV
0 .

They are determined via the maximum likelihood estimation
(MLE) by minimising the objective function in (13) using the
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Table II
ESTIMATED MODEL PARAMETERS FROM THE GHFS MLE METHOD

SHOWN IN FIGURE 6. THE PARAMETER λ IN THE SECOND COLUMN IS
GIVEN IN THE BOLD FACE SINCE ITS ESTIMATE IS VERY CLOSE TO THE

TRUE DAMPING FACTOR 0.3.

Parameters α(t) = 1 α(t) = e−0.3 t t 7→ α(t) is a
random process

λ 2.06× 10−2 3.00× 10−1 1.05
b 8.07× 10−5 5.77× 10−3 1.05
δ 4.51× 10−1 4.56× 10−1 0.99× 10−1

` 1.20 1.14 1.33
σ 4.88 4.86 5.98
mV

0 10.37 10.26 12.97
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Figure 7. Fundamental IF estimates (J = 3). These results are taken from
one MC run in Table III.

L-BFGS optimiser.
We consider the following baseline methods to compare to

ours: Hilbert transform; first-order power spectrum (spectro-
gram), adaptive notch filter (ANF) [29], 10-th order polyno-
mial MLE, fast non-linear least square (FastNLS) [6], fast
MLE for harmonic chirp parameters (FHC) [5], and the state-
space models by [11] and [13] (called EKFS/GHFS MLE
on (2) and KPT MLE, respectively). In particular, the state-

space models are arguably the most interesting to compare
with, as they are close to our model in (11). The parameters
and settings of these baseline methods are detailed in Ap-
pendix B.

We first consider the single harmonic J = 1 case, and we
summarise the RMSE results in Table I. From this table, it is
clear that the proposed IF estimation scheme outperforms all
the other methods (in terms of mean, median, and minimum).
In particular, when the amplitude function α is a random
process, the proposed methods are substantially better than
the others. This verifies that the proposed model is a good
candidate for modelling chirp signals with random amplitude
nuisances. When the amplitude is a constant, however, the
margin of using the proposed model over that of [11] and
FHC is not significant. It is also worth noting that the FastNLS
and FHC methods have low standard deviations compared to
others, but this changes when the amplitude α is random.

We select the five best methods in Table I and plot their IF
estimates (from one MC run) in Figure 6. This figure qualita-
tively shows that the GHFS MLE method provides the best IF
estimates compared to the other four methods. Furthermore,
from the figure in the second row and third column, we can see
that the 0.95 quantile produced by GHFS MLE is reasonable:
the true IF always lies within the quantile. Moreover, we also
see that the quantile at t ≈ 0.5 is decreasing until t ≈ 1.2,
while at the same time, the error between the mean estimate
and the true IF is decreasing as well. Similarly, the quantile
increases as the error increases around t ∈ [1.2, 2.0]. In
contrast, the figures in the third and fourth rows and the third
column show that the methods “GHFS MLE on (2)” and KPT
MLE give erroneous and overconfident quantiles.

Table II shows the estimated model parameters of the GHFS
MLE method from the same MC run plotted in Figure 6.
We found that these estimated parameters are meaningful,
especially for λ and b which determine the chirp prior’s
damping factor and stochastic volatility, respectively. When
α is a constant, λ and b are estimated to have small values
because the true chirp has no damping nor randomness. When
α(t) = e−0.3 t, the estimated λ ≈ 0.3 is very close to the
true damping value. When α is random, the estimated b is no
longer small, because it needs to account for the stochastic
volatility of the randomised chirp. As for V ’s parameters `
and σ, their estimated values do not change significantly with
different forms of α. This result is desired because the chirp
amplitude α does not affect the chirp IF by definition.

We next test if the proposed scheme also outperforms other
methods when dealing with harmonic chirp signals. To do so,
we set J = 3 in (27), and all the other experiment settings
remain unchanged. However, the GHFS method here is com-
putationally demanding, since the Gauss–Hermite quadrature
does not cope well with the increased state dimensionality
(see, Section II-D), hence, we replace it by the cubature
Kalman filter and smoother (CKFS). We compare our scheme
to FastNLS, FHC, and KPT MLE which can straightforwardly
tackle the harmonic chirp signal and are also the methods that
stand out in Table I.

The RMSE results for the harmonic J = 3 experiments are
shown in Table III. We see from the table that the proposed
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Table III
MEANS, MEDIANS, AND MINIMUMS (FROM 100 MC RUNS) OF THE HARMONIC IF ESTIMATION RMSES FOR J = 3. THE METHODS BELOW THE DASHED

LINE USE THE PROPOSED GP-SDE MODEL. BOLD NUMBERS REPRESENT THE BEST IN EACH OF THEIR COLUMNS.

Method / RMSE (×10−1) α(t) = 1 α(t) = e−0.3 t t 7→ α(t) is a random process

mean ± std. median min. mean median min. mean median min.

FastNLS [6] 2.35± 0.05 2.35 2.23 2.40± 0.10 2.39 2.20 8.23± 4.44 7.27 2.29
FHC [5] 0.81± 0.16 0.76 0.71 1.59± 0.42 1.58 0.74 12.58± 5.49 12.76 0.77

KPT MLE [13] 1.63± 0.44 1.54 0.94 1.63± 1.77 1.45 1.05 42.21± 22.62 37.32 1.23

EKFS MLE 0.40± 0.09 0.39 0.24 1.00± 1.93 0.57 0.53 19.83± 21.53 10.31 0.43
CKFS MLE 0.45± 0.14 0.42 0.24 1.52± 3.07 0.56 0.28 9.95± 5.12 3.40 0.47

scheme still outperforms all the other methods. Moreover,
there is a significant margin even when dealing with the
constant α; this is in contrast to the results for J = 1 in Table I.
It is worth noting that although the FastNLS method has the
best mean result for random α, its median and minimum are
not the best.

In Figure 7, we plot the fundamental IF estimates of one
MC run in the harmonic IF estimation experiment. This
figure shows that the CKFS MLE using the proposed model
substantially outperforms the other methods, and that the
method produces a reasonable quantification of the uncertainty
quantile. On the other hand, the competing methods all start to
diverge at around t = 1.4 s. These methods diverge because we
see from the top figure that the chirp amplitudes are relatively
small for around t ≥ 1.4 s due to the random perturbation.

Table IV compares the computational complexities of the
most important methods used in the experiment. From the
table, we see that ANF and the state-space based methods
(i.e., EKFS, GHFS, CKFS, and KPT) stand out, as their
complexities are linear in the number of measurements T
which is usually the dominating factor in signal processing.
On the other hand, the state-space based methods are quadratic
or cubic in the number of harmonics J , since the state
dimension increases as J increases. Among the state-space
based methods, the complexity of KPT is marginally better.
The complexities of FastNLS and FHC depend on their grid-
search resolutions and how their time-windows are selected.
Based on the suggestions in [5] and [6], FastNLS and FHC
are approximately sub-quadratic and sub-cubic, respectively,
in the time-window length T̂ , and this is to be multiplied with
the number of time-windows W .

B. Gravitational wave frequency estimation
We use the proposed model to estimate the frequency of a

gravitational wave (GW) signal. The GW signal is taken from
a well-known binary black hole collision event GW150914 in
2016 [31]. This signal is evenly sampled at 16, 384 Hz and
contains 3,441 measurements. Details regarding this data are
found in [31]. To estimate the chirp amplitude and IF, we use
the GHFS MLE method which has the best RMSE statistic
in the synthetic experiment. Our method works out-of-the-box
for this data, since the model parameters are automatically
inferred from the data via MLE.

The GW chirp and frequency estimates are shown in Fig-
ure 8. From this figure, we see that the frequency slowly in-
creases from around 50 Hz at t ≈ 0.35 s to 80 Hz at t ≈ 0.4 s.

Table IV
COMPARISON OF THE COMPUTATIONALLY COMPLEXITIES. THE NOTATION

W AND T̂ STAND FOR THE NUMBER OF TIME WINDOWS AND THE
WINDOW LENGTH, RESPECTIVELY. THE NOTATION K AND F ARE THE
NUMBER OF GRID POINTS FOR SEARCHING THE CHIRP RATE AND THE

FUNDAMENTAL FREQUENCY, RESPECTIVELY. THE APPROXIMATIONS FOR
FASTNLS AND FHC ARE OBTAINED BY USING THE RECOMMENDED GRID

SETTING F = O(T̂ J) AND K = O(T̂ J) AS PER [5]. THE METHODS
BELOW THE DASHED LINE USE THE PROPOSED MODEL, AND RECALL THAT

dv IS THE DIMENSION OF THE PRIOR FOR V .

Method Computational complexity

ANF [29] O(J T )
EKFS on (2) [11] O((2 J + dv)2 T )
GHFS on (2) [11] O((2 J + dv)3 T )
FastNLS [6] O

(
W (F log(F ) + F L)

)
≈ O

(
W (J T̂ log(J T̂ ) + J T̂ L)

)
FHC [5] O(W K F log(K F )) ≈ O

(
W J2 T̂ 2 log(J T̂ )

)
KPT [13] O((J + 2)2 T )

EKFS O((2 J + dv)2 T )
GHFS/CKFS O((2 J + dv)3 T )
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Figure 8. Gravitational wave frequency (and chirp) estimation by using the
GHFS MLE method on the model in (11). Estimated model parameters are
λ = 1.59 × 101, b = 2.12, δ = 7.78 × 10−15, ` = 4.21 × 10−2, σ =
1.30× 102, and mV

0 = 3.91× 10−4.

Then, starting from t ≈ 0.4 s, the frequency sharply increases
to around 250 Hz until t ≈ 4.3 s, followed by a sharp decrease
from t ≥ 4.3. This estimation result makes sense, as it follows
the theoretical prediction from the GW model of merging
binary black holes [31]. Moreover, the estimated frequency
is close to the estimate provided in [31, Fig. 1, left bottom].
The quantile indicates that the estimator is confident in the
region t ∈ [0.4, 0.43] which is the most interesting section.

We would like to note that astronomers are typically more
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Figure 9. Estimation of the instantaneous fundamental and harmonic frequen-
cies of two calls from Myotis myotis (top) and Eptesicus nilssonii (bottom).
The unit of the colour bar is the log10 decibel.

interested in visualising the spectrogram of the GW signal than
tracking the IF. Thus, we do not claim that our method is a
practical approach for profiling GW signals compared to what
is currently used.

C. Analysing bat calls

To show that our method works for real-world chirp signals
that have harmonic frequencies, we apply the method to the
sounds of two European bat calls, Myotis myotis and Eptesicus
nilssonii. These sounds are sampled at 250, 000 Hz, and more
details of the data are found at avisoft.com/batcalls. We plot
the spectrogram of the two sounds in Figure 9, and we can
clearly see that Myotis myotis and Eptesicus nilssonii have
four and five dominant harmonics, respectively. To track these
frequencies, we apply the CKFS MLE method which has the
best overall performance shown in Table III.

The results are shown in Figure 9. We see that the estimated
fundamental IFs accurately track the ground truth plotted in the
spectrograms, for both sounds. The harmonic IFs computed by
the estimated fundamental IFs are also close to the truth. It is

worth remarking that estimating the fundamental IF for Myotis
myotis (top figure) is challenging, because the IF changes
rapidly in time, and there are missing sections (e.g., around t =
0.845 s) and distortions in the signal due to poor sound quality.

In this experiment, the sound signal of Myotis myotis has
25, 335 samples. On a standard personal computer (Intel Core
i9-10900K, Ubuntu 20.04, and Python JAX implementation),
the CKFS method with our model takes around 0.8 seconds.
This shows that the proposed scheme is efficient enough to be
used in practice.

V. CONCLUSIONS

In this paper, we have designed a hierarchical Gaussian
process model for joint modelling of chirp signals and their
instantaneous frequencies. This enables us to estimate a wide
class of chirp signals and their instantaneous frequencies in
continuous-time. In order to carry out the estimation and com-
putation in practice, the model is represented in a non-linear
stochastic differential equation, and the posterior distribution
is computed using stochastic filtering and smoothing methods
(e.g., sigma-points filters and smoothers). Moreover, the model
parameters which control the characteristics of the chirp and
IF, can be determined via maximum likelihood estimation and
automatic differentiation. This makes the method an out-of-
the-box approach for processing signals. To characterise the
mean squared estimation error of the proposed scheme, we
computed a Cramér–Rao lower bound and a theoretical upper
bound for it. Lastly, the experimental results show that the
proposed model significantly outperforms a number of state-
of-the-art methods, and that the model is applicable to real
data (e.g., gravitational wave and bat calls) as well.
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APPENDIX A

The explicit discretisation of the Matérn 3 / 2 SDE in (16)
is given by

e∆kM = e−∆k γ

[
1 + ∆k γ ∆k

−∆k γ
2 1−∆k γ

]
,

Λ(∆k) :=

∫ ∆k

0

e(∆k−s)M N NT
(
e(∆k−s)M

)T
ds

=

[
σ2 − β (2 η + 2 η2 + 1) 2 ∆2

k γ
3 β

2 ∆2
k γ

3 β γ2 (σ2 + β (2 η − 2 η2 − 1))

]
,

where γ :=
√

3 / `, β := σ2 exp(−2 η), and η := ∆k γ.

avisoft.com/batcalls
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APPENDIX B

Parameters and settings of the baseline methods in Sec-
tion IV-A are given as follows.
• The Hilbert transform method uses a cascaded second-

order forward-backward digital filter to preprocecss the
noisy measurements. The filter uses an 8-th order Butter-
worth design with a critical frequency of 18 Hz.

• The spectrogram method uses the same filtering proce-
dure as in the Hilbert transform method to preprocess
measurements. We choose the cosine time window of
length 450 and 449 overlaps.

• The (pilot) adaptive notch filter is from [29, Table II]. Its
parameters (µ = 0.015, γw = µ2/2, and γα = µγw/4
using the notation in [29]) are selected according to the
guidance provided in [29, pp. 2032].

• The polynomial method fits the IF by a 10-th order
polynomial, the coefficients of which are determined via
maximum likelihood estimation and implemented using
Levenberg–Marquardt optimisation.

• The FastNLS and FHC methods use a window length of
300 samples and 298 overlaps.
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stability of a class of filters for nonlinear stochastic systems,”
SIAM Journal on Control and Optimization, vol. 58, no. 4, pp.
2023–2049, 2020.
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