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Abstract

The LISA gravitational wave observatory is due to launch in 2035. Researchers are currently working out the data
analysis picture, including determining requirements of, and prospects for, parameterised gravitational wave models used
in Bayesian inference, of which early stage inspirals of low and intermediate mass black hole binaries constitute a signif-
icant and important part. With datasets consisting of up to hundreds of millions of datapoints, their likelihood functions
can be extremely expensive to compute. We present an approximation procedure for accurately reproducing the likelihood
function (from time-domain data) for such signals in simulated environments, significantly reducing this cost. The method
is simply to discard most of the datapoints and define a new inner product operator in terms of the remaining data, which
closely resembles the original inner product on the model parameter space. Highly accurate reproductions of the likeli-
hood can be achieved using just a few hundred to a few thousand datapoints, which can reduce parameter estimation (PE)
time by factors of up to tens of thousands (compared to estimated frequency domain PE time), however, the end user must
be responsible for ensuring convergence. The time-domain implementation is particularly useful for modelling waveform
modifications arising from non-trivial astrophysical environments. The contents of this article provide the theoretical basis
of the software package dolfen.
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1 Introduction

In order to analyse very large, purely simulated datasets,
given limited computing power and time, we investigate a
means of reducing the computational costs without jeopar-
dising the accuracy of the results. Our approach will be to
discard the majority of the datapoints and modify proper-
ties of the remaining data, or the methods used to analyse or
transform it, in order to compensate for the original informa-
tion content of interest. We shall refer to this procedure as
downsampling, and in particular, we aim to ascertain the ro-
bustness, limitations and benefits of downsampling a given
dataset, such that the likelihood function used in Bayesian
parameter estimation (PE) will be minimally affected. With
this view, the task is an optimisation problem. Using fewer
data points generally means fewer numerical operations are
required to evaluate the likelihood function at a given point
in the parameter space. We will see that downsampling al-
lows a drastic reduction in the likelihood computation time,
by factors ranging from hundreds to hundreds of thousands
in the extreme cases. The particular focus here is the study
of ‘slowly evolving’ gravitational wave (GW) signals that we
expect to obtain from the Laser Interferometer Space An-
tenna (LISA) detector [1] (with special emphasis on com-
pact binary inspirals), but the methods employed here are
general and may be used with other datasets of signals that
can be said to be slowly evolving in time. To our knowledge,
the downsampling techniques we introduce here for PE have
not previously been considered.

The inspiral stage of black hole binaries (BHBs) may
last millions of years before merger, where the vast major-
ity of the duration of GW emission constitutes a very slowly
evolving signal of gradually increasing amplitude and fre-
quency (a characteristic ‘chirp’ [2]). The LISA detector
will be sensitive to a good portion of the lower frequency
(∼1–100 mHz) part, and may be active for ∼5–10 years [1].
For the most slowly evolving signals hovering near the up-
per frequency sensitivity of ∼100 mHz throughout LISA’s
lifetime, we may realistically expect datasets consisting of
∼ 109 data points at the Nyquist rate.

Such large datasets require a great deal of computing re-
sources for PE, but in preparatory stages of research when
working with entirely simulated datasets, we are free to use
any sort of technique to acquire the information we desire,
including redefining the signal and/or detector model. Our

sole objective is the rapid procurement of an accurate rep-
resentation of the likelihood function, and downsampling
makes use of the liberties of simulated environments to
achieve this very cheaply. We show that downsampling can
accurately reproduce the results one can expect to obtain
from a real-world analysis of a real-world dataset, in, rel-
atively, very short time. For real-world scenarios, this pro-
cedure is not applicable since we have no control of either
the signal or noise models; this procedure is only applicable
in simulations and will therefore serve only to provide ex-
perimental insight into which sorts of analyses of large data
sets could be fruitful, the results we can expect to see when
real-world analyses are performed on the real-world dataset,
and signal modelling requirements, for example.

It is instructive to place this method and its results in
the context of related works that take other approaches in
either approximating, or in some other way speeding up the
evaluation of PE analyses. Perhaps the most frequently em-
ployed formalism is the Fisher information approximation;
see for example [3–8]. This formalism provides a multivari-
ate Gaussian approximation of the likelihood that gives a
lower bound in the standard error on the parameters given
by the proper posterior. This can be of some use, but in
many cases is a poor approximation of the posterior; for
a detailed discussion of why this is not generally reliable
(except in some particular regimes), see [9, 10] for further
details. Other methods that exploit common properties of
the waveforms under study, by finding ways to cheaply pro-
duce waveform templates, include reduced order quadra-
ture (ROQ) [11], heterodyning/relative binning [12], and
so-called adaptive frequency resolution [13]. Another re-
lated technique: Template-Interpolation [14], entails com-
puting the frequency domain waveform excluding in those
parts which are known to be roughly linear, and interpolat-
ing over those gaps in the waveform between the points that
are explicitly computed.

Downsampling is not similar to any of these techniques.
We shall of course describe downsampling in detail; the def-
initions of signal/noise/inner product operations, and what-
ever else that is required, are modified such that the remain-
ing datapoints constrain the signal parameters just as well as
the fully sampled dataset would have (within some reason-
able threshold of variation of the morphology of the pos-
teriors). A useful way to think of downsampling is from
the point of view of information theory. A posterior has
a given morphology or ‘shape’ (considering isoprobabil-
ity contours, for example). If an optimal encoding scheme
was found requiring E nats (natural information units) to
describe this morphology, then E is called the entropy of
the posterior. We neither know a posterior nor its opti-
mal encoding scheme a priori, when given data and sig-
nal/noise models. However, the signal model is an encoding
scheme (lossless); the signal model using fewer datapoints is
a lossy, but presumably a well-informed encoding scheme.
Our downsampling procedure attempts to tweak this lossy
encoding scheme to minimise the divergence of the repre-
sentation of the posterior.

It is also appropriate to comment briefly on the choice of
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deriving this approximation for time-, rather than frequency-
domain signals. A great deal of signal analysis, particu-
larly in the field of GW data analysis, is performed in the
frequency-domain; the inner product of frequency-domain
vectors is cheaper to compute since datapoints are often
uncorrelated there. For a significant subset of the signals
expected to be detected by LISA, however, parameterised
models (or modifications of, from, for example, time-delays
in the GW induced by galactic orbital motion of binaries
and environmental effects) are straightforward to write down
in the time-domain, and conversely very difficult to formu-
late in the frequency-domain. With this in mind, and the
fact that some real LISA analyses are likely to take place
in the time-domain, it will be useful to have a time-domain
method. This will also be useful for developing understand-
ing of the intricacies of LISA time-series signal modelling
and data analysis.

This paper is structured as follows. In Section 2, we in-
troduce the framework in which to define the problem and
other useful results that will be required subsequently. We
then define and develop different approaches to downsam-
pling in Section 3, discussing some of the concepts and
problems that must be considered for a faithful reproduction
of the LISA posterior. In Section 4, details of how high-
dimensional posteriors can be numerically compared and
downsampling acceptance criteria are derived. We then de-
tail the physical set up of the problem and compute and com-
pare posteriors to evaluate downsampling procedures exper-
imentally. Section 5 presents the projected improvements in
the rate of evaluation of PE attained by downsampling, and
gives closing remarks. The contents of this article constitute
the theoretical basis of the software package dolfen.

2 Preliminaries

2.1 Slow evolution waveforms
Downsampling cannot be expected to work for analysis of
any given parameterised waveform. An important require-
ment for analysis of a waveform to be amenable to downsam-
pling is that it must be slowly evolving. We loosely define
a waveform here as being slowly evolving over a time inter-
val S if the average value of each Fisher Information Matrix
(see Section 3.2) element, at time t over ‘intermediate dura-
tion’ time intervals It (with a range of order ∼100 times the
reciprocal of the Nyquist rate of the waveform in S) centred
at t is approximately constant for all t ∈ S. Alternatively, for
our GW waveforms, we could define slow evolution as hav-
ing roughly constant coalescence phase marginalised Fisher
matrix elements of each time-series datapoint of the signal.
A definition of this sort is required in order to be able to
classify sinusoidal waveforms as being slowly evolving if
their frequency and amplitude parameters are roughly con-
stant, despite their oscillating nature; their Fisher informa-
tion matrix elements also oscillate as functions of time, and
taking the average value over intermediate time intervals (or
marginalising over phase) ‘smooths out’ the oscillations.

To see why slow evolution is an important requirement

for downsampling, consider the simplest time-series sig-
nal that is clearly slowly evolving: a constant signal. One
could take datapoints from any location; these would pro-
vide roughly equal information on the constant. Conversely,
at the other extreme, consider a signal with an instantaneous
step from one constant to another at a certain time; one
should clearly classify this as not slowly evolving. The dat-
apoints just before and after the step provide the most infor-
mation on the location of the step. Downsampling in this
case will fail; removing any datapoint eliminates the ability
to determine the original likelihood of the step location be-
tween the remaining samples, at the same resolution. Since
we aim to introduce a general, signal independent downsam-
pling procedure, we therefore restrict applications to signals
of slow time evolution.

2.2 Bayesian inference
If a signal contains a waveform generated by some parame-
terised model, we can estimate those generating parameters
using methods of Bayesian inference as is now common-
place in GW data analysis. We define the posterior prob-
ability distribution of model parameters using Bayes’ theo-
rem,

p(θ |d) = p(θ) p(d |θ)
p(d)

, (1)

where p(θ) is called the prior probability of the parameters,
written as the vector θ, p(d |θ) is the likelihood; the prob-
ability of obtaining data d given parameters θ and given a
waveform model, p(d) is the evidence for the model given
data d, and where the data is taken to be the sum, d = s+n,
of the true signal, s = s(θ̂), and detector noise, n, where θ̂
is the vector of signal parameters. We ignore the evidence
here as we shall not be comparing different models; given
data d, p(d) is a constant, and we shall require p(θ |d) up
to proportionality only.

We may define our own prior based on expectations de-
rived from other means; for the present study we will mostly
choose uniform priors with a suitably chosen window cen-
tred on the true parameters. The remaining factor to be de-
termined is the likelihood function. Assuming a Gaussian
noise model, we can write the probability of some noise re-
alisation n, a vector of densities, occurring (i.e., the likeli-
hood) as

p(n) =
[
(2π)N det(C)

]−1/2
exp

[
− 1

2 ⟨n |n⟩
]
, (2)

where we call C the (noise) covariance matrix (derived in
Appendix A.1), N ≡ dim(n), and where (⟨·|·⟩) is an inner
product. In the time-domain this can be written [15]

⟨a|b⟩ = aTC−1b . (3)

3 Defining a new likelihood function

3.1 Downsampling
The first stage of downsampling is simply the process by
which a dataset, ds, say, consisting ofNs samples is defined,
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by some means or another, as a subset of an original dataset
df which consists of Nf > Ns samples; i.e., ds ⊂ df . For
example, decimation is a well-known and common method
whereby every tenth sample is selected from some original
ordered dataset, to form a new ordered dataset one tenth of
the original’s size.

3.1.1 Sample selection schemes

After some preliminary investigation, there appears to be
rather limited advantages to using specific downsampling
schemes (i.e., procedures for choosing a particular selection
of datapoints for the subset). Some examples of schemes
are:

• Uniform downsampling/‘decimation’ - taking every
nth sample (n > 1).

• Random downsampling - selectingNs samples at ran-
dom from the full dataset.

• Cluster random sampling - random samples chosen
from restricted regions of the dataset.

• Hybrid sampling - combining uniform and random
sampling; roughly half samples taken uniformly, and
half taken randomly from original dataset.

One sample selection scheme may allow recovery of a fully
sampled posterior in fewer samples than some other sam-
pling scheme. Attempts to optimise the downsampling pro-
cedure using specific schemes should likely need to be stud-
ied for each type of model (even for each dataset consid-
ered); the efforts required for this will almost certainly out-
weigh any benefits and shall not be considered here. How-
ever, since we must choose some scheme, we will perform a
comparison of various schemes using some fiducial system
to decide, empirically, on the best performing scheme.

The scheme of greatest interest is random sampling. It
is expected to give a good representation of the signal for
high enough sampling density. Uniform (/periodic/regular)
downsampling is expected to lead to aliasing and related ef-
fects. By randomly sampling, this problem can be mostly
eliminated [16], so long as the number of samples used is
not catastrophically low, causing the structure of the pos-
terior to break down. In some preliminary tests, however,
it was noticed that uniform downsampling is very effective:
the structure of the posterior remains stable down to a sur-
prisingly low sampling rate. We surmise that this might be
due to the fact that, as a result of the non-white noise profile,
the strain value of any given sample is informed by a number
of its neighbouring samples, which are located at a distance
so as to at least capture the Nyquist frequency components
of the signal. Thus despite the vast downsampling of uncor-
related samples, some high frequency information remains
since the decorrelation process encodes it in the residual.

Because uniform sampling performs well, we will ex-
amine the hybrid scheme, however, uniform sampling alone
shall not be considered due to its potential to compromise
the integrity of the likelihood in a general setting, by the
reasons outlined above. The hope is that incorporating some

degree of uniformity in the datapoint selection will ensure
evenness in the relative spread of information across the sig-
nal and be less prone to datapoint selection mishaps, se-
curely allowing fewer samples to retain the required infor-
mation, whilst effects such as aliasing are suppressed by the
random samples. For these reasons we shall also examine
the performance of cluster sampling.

3.1.2 Residuals and metrics

There are a number of ways to go about expressing the
downsampled residual in terms of the fully sampled resid-
ual. First, consider the Ns ×Nf matrix

D =



0 1 0 0 0 0 0 0 . . . 0
0 0 1 0 0 0 0 0 . . . 0
0 0 0 0 0 1 0 0 . . . 0
0 0 0 0 0 0 1 0 . . . 0
0 0 0 0 0 0 0 0 . . . 0
...

...
...

...
...

...
...

...
. . .

...
0 0 0 0 0 0 0 0 . . . 0


, (4)

which, acting on the left of the Nf dimensional vector v =
(v1, v2, v3, v4, v5, . . . , vNf

)T produces the Ns dimensional
vector v′ = Dv = (v2, v3, v6, v7, . . . )

T. We shall endeav-
our to set the downsampled likelihood equal to the original
likelihood, at least approximately. Equivalently, one can set
the inner products approximately equal:

v′TΓ−1
s v′ ≈ vTΓ−1

f v , (5)

for all v, where Γ−1
s and Γ−1

f are inner products on the sub-
space and full data space respectively. An exact solution
for Γ−1

s would necessarily be expressed in terms of v. Our
method will be to make an initial guess of a metric on the
subspace Γ′−1

s , and define the final metric Γ−1
s = Γ−1

s (Γ′
s)

in terms of the initial guess in some appropriate fashion, as
shall be described in the following sections. With Γ′−1

s an
anNs×Ns matrix, we can project the full data space metric
down to the subspace using D via

Γ′−1
s = DΓ−1

f DT . (6)

As an example, we will later try to find some constant m
to set Γ−1

s = mΓ′−1
s (see Section 3.3.2) in which case one

may write

vTΓ−1
f v ≈ v′TΓ−1

s v′ = mvTDTDΓ−1
f DTDv . (7)

Note another equivalent way of expressing the downsam-
pling operation: using a square matrix S to select sam-
ples from v, such that v′ remains Nf -dimensional, i.e, the
identity matrix but with some diagonals set to zero, e.g.:
S = diag(0, 0, 1, 0, ..., 0). This is equivalent to the above
since such a matrix may be defined as S = DTD.

A further useful way to downsample, rather than reduc-
ing the number of dimensions by projection using D, is
to define an Nf -dimensional sample selection vector, k =
(0, 1, 1, 0, 0, 1, 1, 0, . . . , 0), and write v′ = v⊙ k, where ⊙
is the Hadamard (element-wise) product, then simply using

4



Γ′
s = Γf as the initial guess. This retains the dimensionality

and ‘deletes’ the data we do not intend to use; the usefulness
of this approach will become apparent in following sections.

3.1.3 Time domain sample correlations

Suppose that the acceptable optimal downsampling rate is
very high: the remaining few samples will, on average, be
greatly separated in time. In this case, correlations between
the remaining samples would be effectively vanishing and
can be ignored. One might therefore suppose the remaining
samples can be treated as having effectively been produced
by a detector with a white noise profile. Whilst it is true that
these samples are effectively not correlated with each other,
they will, in the full LISA dataset, be highly correlated with
their immediately neighbouring samples. In the full LISA
dataset analysis, these correlated neighbours are of course
not neglected, and inform the likelihood function.

It is not obvious that neglecting correlated neighbour-
ing samples will cause a significant deviation from the true
posterior, but our preliminary posterior convergence valid-
ity tests showed that it is generally unsafe to do so. Upon re-
flection, the effect is quite reasonable and may be explained
with a simple example. Consider estimating the phase of a
dirac-comb signal of known amplitude and frequency from
a detector with a white noise profile (where the autocorrela-
tion function is a delta function). Now, compare this to es-
timating the phase of the same signal measured by another
detector with a noise profile such that immediately neigh-
bouring samples are highly anti-correlated; in this case, one
has more freedom to shift the phase from the truth by one
sample without changing the Mahalanobis distance (and so
the posterior) as much, since the residual in that case is more
likely to be attributable to noise only. Hence in the down-
sampled case, if one selects a sample without considering
how its value is affected by its neighbours, one will likely
arrive at the wrong conclusions about how it constrains the
model parameters.

The above example shows how correlations cause the in-
formation in the time-domain signal to which the detector is
sensitive to become mixed between neighbouring samples.
In order to prevent this from impinging upon the Bayesian
inference after downsampling, we must whiten, or in some
other way decorrelate the data samples (for example, fre-
quency representations from fast Fourier transform (FFT)s
often consist of uncorrelated samples). Thus in fact the pre-
ceding prescription for downsampling given in Section 3.1.2
should only be carried out on uncorrelated data: since fre-
quency domain data is naturally uncorrelated, the task would
be straightforward and safe (at least from the point of view
of sample correlations) to downsample frequency samples.
In the time domain, we must first whiten residuals before
downsampling. This simply means setting

v = C(−1/2)r , (8)

where v is the whitened residual, so that the inner product

of time domain residuals can be written

⟨r | r⟩ = rTC−1r = (C(−1/2)r)TC(−1/2)r = vTΓ−1v ,
(9)

where the metric in the ‘whitened basis’ Γ−1 = 1.
Whitening time-domain signals via the matrix operation

in (8) is generally extremely costly. However, due to being
able to downsample our data to a high degree, a fairly effi-
cient algorithm is possible for computing only the required
template samples (to within some chosen degree of accuracy
regarding the number of ‘significant’ neighbouring samples,
see Section 3.1.4 below) to produce the downsampled resid-
ual

v ⊙ k = C(−1/2)r⊙ k , (10)

where k is a sample selection vector. Then, for example, if it
can be shown that the approximation method where we find
the optimal noise reduction factorm given in (7) is accurate,
then we can write the approximate inner product as

⟨r | r⟩ ≈ m(v ⊙ k)T(v ⊙ k) . (11)

3.1.4 Maximum correlated samples

The downsampled residual defined in (10) requires an ex-
pensive matrix multiplication to evaluate. As we will see
later, we are generally allowed a definition of k that vastly
reduces the number of signal samples that are required to be
calculated to compute v⊙k. However, for each ‘1’ in k cor-
responding to a selected decorrelated sample, we are still re-
quired to know a few more samples from r (the ‘significantly
correlated’ samples) to be able to perform the decorrelation
and compute the element of C(−1/2)r corresponding to the
relevant ‘1’ in k.

The number of elements of r required to be computed
for each ‘1’ in k depends on the LISA autocorrelation func-
tion (ACF). The ACF always tends to zero for large values of
the time lag. In practice however, an ACF tends to zero even
for relatively small values of the time lag, so if we set some
level of precision beyond which correlations can be ignored,
the number of elements of r required to compute an element
of v ⊙ k can be reduced significantly. For our analysis, we
used the level of accuracy given by:

Definition. The (approximate number of) maximum cor-
related samples (MCS), denoted M, is the smallest index
value of the cumulative sum of the absolute value of the
(one-sided) whitening function (CSAWF), that is greater
than 97% of the CSAWF at infinity.

For any given signal & detector model, this definition en-
sures that at least 97% of the strain value of a given whitened
residual datapoint is properly accounted for. Some such cut-
off is required: without it, one might need to compute all
datapoints for the pre-whitening, rendering downsampling
unpragmatic. For realistic detector noise profiles giving au-
tocorrelation functions that decay smoothly, the remaining
few percent are very likely to contribute close to zero to the
strain value via the decorrelation.

Any given signal has its own Nyquist rate. This deter-
mines the frequency bin size/sampling time interval, and so
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the resolution of the ACF, thus the MCS is generally differ-
ent for each signal. If some system has an MCS of 2, then 5
elements of r will be required to be known for each ‘1’ in k:
one corresponding to the ‘1’ in k, the two preceding samples
and the two succeeding samples. For example, if k76 = 1,
then we are required to know r74, ..., r78 in order to accu-
rately compute v76Nf

. In general, 2M+1 elements of r must
be computed for each ‘1’ in k. This is approximate however:
suppose also that k77 = 1, we then need r75, ..., r79, but
r75, ..., r78 will already have been found from the require-
ments of having k76 = 1. We shall denote the approximate
number of samples evaluated byNM, which, forNs ≪ Nf ,
is given by

NM(Ns) ≈ (2M+ 1)Ns . (12)
Note however that as Ns → Nf , then NM(Ns) → Nf .

3.2 Likelihood approximation methods
To reproduce the likelihood function via downsampling, it
is necessary to find methods to approximate the likelihood
function. The approach we pursue is to essentially try to re-
shape the initial guess of the downsampled likelihood into
the same form as the fully sampled one, by correcting, or
compensating, for the change that occurs from discarding
samples. We attempt the correction by matching the stan-
dardised moments (mean, variance, skewness, and so on) in
part at least, to those of the original likelihood.

For simplicity, let us consider posterior defined by data
consisting of a signal and a vanishing noise realisation. The
first moment of the distribution is the location of the maxi-
mum likelihood value, which is automatically conserved un-
der downsampling; each element of the residual vanishes at
the true parameters for vanishing noise. The second mo-
ment of the distribution is then what we shall consider as
the first-order contribution to the variation of the posterior
from downsampling. This is known as the parameter covari-
ance matrix (PCM). Its inverse is well-known as the Fisher
information matrix (FIM), given by [17, 18]:

Fij ≡
[
∂hT

∂θi
C−1 ∂h

∂θj
+

1

2
tr

(
C−1 ∂C

∂θi
C−1 ∂C

∂θj

)]
θ=θ̂

,

(13)
which is evaluated here at θ̂, the maximum likelihood es-
timate. For stationary noise (where C is constant) this re-
duces to

Fij ≡
[
∂hT

∂θi
C−1 ∂h

∂θj

]
θ=θ̂

. (14)

It is useful to abbreviate this, dropping the evaluation point
instruction and taking this to be implied, writing

Fij = hk,iC
−1
kl hl,j , (15)

where summing over repeated indices is assumed, and
where hk,i ≡ ∂

∂θihk.

3.3 A single noise reduction factor
We conjecture that a single noise reweighting factor ap-
plied to all remaining samples may be sufficient to recover

the general structure of the distribution after downsampling,
given enough samples remain to capture a fair representation
of the information content.

To introduce the motivation of this conjecture, consider
the simple model, h(θ) = const. Suppose the detector pro-
duces time series d= s + n, where n is a realisation of the
detector noise, the signal s = h(θ̂), and θ̂ is the true sig-
nal parameter. Assuming Gaussian noise, the log likelihood
function (discarding a constant that is of no consequence) of
an original (‘full’) data set can be written as

ℓf(df , θ) ≡ − 1
2r

T

f C
−1
f rf −

����������: discard

1
2 ln

[
(2π)Nf det(Cf)

]
(16)

where rf = rf(θ) ≡ df − hf(θ) and Nf = dim(df). The
noise covariance matrix here is denotedCf . For white noise,
Cf =1σ

2
f , where σf is the noise standard deviation. The data

vector df =sf + nf , and suppose that sf =1f · θ̂, where θ̂ is
a constant. The model

hf(θ) = 1f · θ , θ ∈ R ,

then the log-likelihood function can be written as

ℓf(θ) = − 1

2σ2
f

(
θ̂21T

f 1f + nT

f nf + 2θ̂1T

f nf

− 2θ̂nT

f hf − 2θ̂1T

f hf + hT

f hf

)
≈ − Nf

2σ2
f

θ
(
θ − 2θ̂

)
,

where we have discarded another constant and assumed that
⟨n⟩ ≈ 0. Following the same procedure for a downsampled
dataset, we find that

ℓs(θ) ≈ − Ns

2σ2
s

θ
(
θ − 2θ̂

)
,

and thus, as we initially set out to do, we can set ℓf(θ) ≈
ℓs(θ) if we choose:

σs = σf

√
Ns

Nf
,

to be the noise standard deviation for the downsampled
dataset.

We can try to extend this sort of analysis to the signals
and detector noise profile we are interested in, however, the
complexity increases very quickly for realistic physical sys-
tems, and closed form modifications become unfeasible. It
is also particularly useful to have a more general procedure
that is model and noise profile independent, to widen the
scope of applicability.

Two (model independent) noise reduction factors are de-
rived in the following subsections, in which we approximate
posteriors as Gaussian distributions, minimise the variation
of (some of) their general properties, and apply that same
modification to the downsampled posterior. In the high sig-
nal to noise ratio (SNR) limit, where posteriors closely ap-
proximate Gaussians, this will be a good approximation (if
the semi-axes of the Gaussians are well-aligned and propor-
tionately similar). In other words, it is expected that only the
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overall precision of the likelihood will be significantly af-
fected by downsampling. We suppose that, for our restricted
class of signals of interest (LISA inspiral only signals) this
assumption will generally be accurate. Since the parame-
ter covariance matrices (PCMs) can be used to describe the
aspect ratio of a k-dimensional ellipsoid representing the 1-
sigma contour of the probability distribution [9], one might
already guess that if the two ellipsoids are similar in orienta-
tion and aspect ratio, then the noise reduction factor required
is the one that scales the ellipsoids to be equal in size or vol-
ume. This is of course correct; for completeness we give
details in Section 3.3.1. Then for the more robust treatment
in Section 3.3.2, we will also compute the factor which ac-
counts for the Gaussians being misaligned with respect to
each other and/or having unequal aspect ratios.

3.3.1 PCM volume method

Here we assume the semi-axes of the downsampled
PCMs/posterior have the same orientations and aspect ra-
tios as the PCM of the full dataset. The FIMs, F′

s & Ff ,
respectively, would thus be similar, too, differing only by a
scaling factor. That is, mdetF

′
s = Ff , and therefore:

mdet =
k

√
detFf

detF′
s

, (17)

where k is the number of parameters. For some parame-
ters, very little Fisher information exists, raising numerical
issues; these must be projected out of the parameter space
before computing mdet.

3.3.2 General Gaussian approximations

Without assuming the downsampled FIM is aligned and pro-
portionately similar to the full dataset FIM, we derive a noise
reduction factor for the subspace inner product. The ap-
proach to doing this is to minimise the so-called Jeffreys’
divergence between posteriors approximated by concentric,
but otherwise general k-dimensional Gaussians; see Ap-
pendix B for derivation and details. The noise reduction
factor, from equation (89), is:

mJ =

√√√√ k∑
i=1

D−1
s,ijFf,jlDs,li

D−1
s,ijF

′
s,jlDs,li

·
k∑

i=1

D−1
f,ijFf,jlDf,li

D−1
f,ijF

′
s,jlDf,li

, (18)

where Ds diagonalises F′
s and Df diagonalises Ff . Again,

some parameters with very little information must be pro-
jected out to prevent numerical issues. With preliminary
tests we found that mJ ∼ mdet when the number of dat-
apoints used was not very low; we shall use mJ as it is an
optimisation deriving from well-understood concepts of dis-
tance between distributions.

To recap, we define the downsampled log likelihood us-
ing mJ as

ℓ = − 1
2mJ(r̄⊙ k)T(r̄⊙ k) , (19)

where r̄ is the whitened residual and k is the sample selec-
tion vector.

3.4 Preserving Fisher information
We show here that the FIM can be preserved exactly after
downsampling (if a non-pathological set of datapoints is se-
lected) by either modifying the signal model or the sample
noise covariance matrix (of remaining, pre-whitened sam-
ples). Pathological cases can occur in which a datapoint
choice renders the precise recovery of proportionate Fisher
information impossible. For example, if a certain signal
contains more information on some parameter θ1 overall,
and the subset choice contains only samples that have more
information on parameterθ2, then no amount of signal/noise
reweighting of those samples will be able to compensate for
lost Fisher information on θ1 without overcompensating for
Fisher information on θ2. This is an unlikely situation, but
if necessary can be avoided in the initial sample selection
stage. This method may allow retention of the qualitative
features of the posterior in fewer samples than the single
noise reweighting factor derived above.

Given an Nf -dimensional data space and metric pair
(Df ,C

−1
f ) with FIM Ff,ij , we suppose there exists an Ns-

dimensional data space and metric pair (Ds,C
−1
s )with FIM

Fs,ij , such that
Fs,ij = Ff,ij . (20)

Then we have

Fs,ij = hk,iC
−1
f,klhl,j

= h′k′,iC
−1
s,klh

′
l′,j

= h̄′k′,iΓ
−1
s,k′l′ h̄

′
l′,j , (21)

where primes indicate objects on the Ns-dimensional data
subspace, the h̄′k′,i are the prewhitened model derivative
vectors on Ds, and Γ−1

s is the (to-be-determined) subspace
metric in the whitened basis. Given a downsampling matrix
D, for example, as in equation (4), we could write

h̄′k′,i = Dk′mC
(−1/2)
f,mk hk,i . (22)

The matrixΓs is unknown at this point, the form of which we
wish to ascertain to satisfy equation (20). Thus, highlight-
ing that one may modify the signal model itself similarly to
the inner product operator on the subspace to achieve FIM
preservation, let us further suppose that

Fs,ij = (ω ⊙ h̄′)k′,iQk′l′(ω ⊙ h̄′)l′,j , (23)

where ω is a vector to be determined, and Q is some
guess of sample covariance matrix. Since the samples are
prewhitened, we may choose Q to be diagonal, and take
as an ansatz Q = 1. With this ansatz, we can set the
FIMs equal, however, there may be some other Q that min-
imises the variation between the original and downsampled
posterior over the entire parameter space. Proceeding with
Q = 1, we have that

(ω ⊙ h̄′)k′,iQk′l′(ω ⊙ h̄′)l′,j

=

Ns∑
k′=0

ω2
k′ h̄′k′,ih̄

′
k′,j

= (h̄′)T,i · diag(ω2
1 , ω

2
2 , ..., ω

2
Ns

) · (h̄′),j , (24)
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which we can compare with equation (21) to see that

Γ−1
s = diag(ω2

1 , ω
2
2 , ..., ω

2
Ns

) . (25)

If the FIM is an n×nmatrix, i.e. there are n parameters
in our model, then since the FIM is symmetric, there will be
nb = (n2 + n)/2 unique equations in (20) given by com-
binations of the i, j indices. We may define the weighting
ω to be constrained to have the form of a sum of nb basis

functions, for example:

ω2
k′ =

nb−1∑
p=0

apt
p
k′ , (26)

where t is the time, tpk′ is the k′th time value raised to the
pth power, and the ap are constants. Thus we will have nb
equations and nb unknowns (the ap’s), and the set of nb si-
multaneous equations

Ff,ij =

Ns∑
k′=0

(
nb−1∑
p=0

apt
p
k′ h̄

′
k′,ih̄

′
k′,j

)
=

nb−1∑
p=0

ap

Ns∑
k′=0

tpk′ h̄
′
k′,ih̄

′
k′,j . (27)

This can be written in matrix form f = Ba:
Ff,00

...
Ff,ij

...
Ff,nn

 =



(t0 ⊙ h̄′)T,0h̄
′
,0 . . . (tp ⊙ h̄′)T,0h̄

′
,0 . . . (tnb ⊙ h̄′)T,0h̄

′
,0

...
...

...
(t0 ⊙ h̄′)T,ih̄

′
,j . . . (tp ⊙ h̄′)T,ih̄

′
,j . . . (tnb ⊙ h̄′)T,ih̄

′
,j

...
...

...
(t0 ⊙ h̄′)T,nh̄

′
,n . . . (tp ⊙ h̄′)T,nh̄

′
,n . . . (tnb ⊙ h̄′)T,nh̄

′
,n




a0
...
ap
...
anb

 , (28)

for i ≤ j ≤ n , and thereby, since we know the Fij and we
can compute all the matrix elements, we can solve the above
for the coefficients ap, giving us the form of Γ−1

s using (25)
and (26). After computingΓ−1

s , we define the downsampled
log likelihood as

ℓ = − 1
2 (r̄⊙ k)TΓ−1

s (r̄⊙ k) , (29)

where again r̄ is the whitened residual and k is the sample
selection vector.

If we had selected as our ansatz some Q ̸= 1, one would
find that upon expanding, the resulting equations in the ap
are quadric. These are difficult to solve analytically, and the
difficulty of finding solutions quickly increases as the num-
ber of parameters of the model increases. Numerical meth-
ods could be employed in this case, to find solutions for the
coefficients of the chosen basis function set in (26).

The single noise reduction factor approach discussed in
the previous section is equivalent to setting the FIMs ap-
proximately equal, with the assumption that ap ≈ 0 for
p > 0 and finding the a0 that minimises the variation in
the FIMs. If a situation occurs in which this single factor is
not precise enough to recover lost information, which could
be expected when the Fisher information transmission rate
changes significantly on timescales similar to the average
duration between time samples1, it is possible that the solu-
tion described here will be more robust (an interesting case
to consider, for example, is extreme mass ratio inspirals in
LISA; the rate of transmission of Fisher information is far
less uniform than slow evolution BHBs, and approximate

FIM recovery using a single factor may not be feasible).
In practice, in order to account for all nb FIM terms,

the weight function ω2
k (as we have decomposed it in terms

of a polynomial in t) often contains negative values for any
given random sample selection. Whilst this precisely repli-
cates the FIM at the injected values, the negative weights are
highly unphysical, and can adversely affect the likelihood at
locations away from the signal parameters. For the purposes
of our study, rather than work out a means by which to obtain
strictly positive weights to reproduce the FIM (which might
be as simple as using another basis) we shall just discard
those random sample selections that yield negative weights
ω2
n < 0, and retry the random datapoint selections until only

positive weights are found.
Furthermore, the matrix B is often ill-conditioned and

inversion is unsafe. To ameliorate these problems, we trans-
form to a basis such that the full dataset FIM is diagonal,
then only preserve the diagonal entries, maintaining some
accuracy whilst reducing some of these troublesome numer-
ical issues.

3.5 Summary
The downsampling procedure we have devised, though not
necessarily programmed precisely as described here for rea-
sons of computational efficiency and/or algorithmic practi-
cality, will consist of the following steps:

1. Compute the FIM of the full LISA posterior and the
whitening matrix C(−1/2) from the power spectral

1In other words, the signal cannot be said to be slowly evolving. We can define Fisher information transmission rate as the time derivative of the
expectation value of the Fisher information: ∂t⟨Fij(t)⟩.
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density (PSD)

2. Generate an Nf -dimensional vector, k =
(0, 0, 0, 1, 0, 1, 0, 0, 1, 0, 0, ...), containingNs 1’s and
(Nf −Ns) 0’s, randomly positioned (or equivalently,
a matrix D as in (4))

3. Use k to define the (whitened) Nf -dimensional,
downsampled residual; r̄Nf

= C(−1/2)r ⊙ k.
This seems somewhat more natural to implement
for efficient computation, given the whitening re-
quired. However, an Ns-dimensional version, r̄Ns =
DC(−1/2)r is perhaps conceptually clearer for visu-
alising the downsampling

4. Define a new inner product on residuals/(log-
)likelihood function, as in either (19) or (29). This
should be approximately equal to the (log-)likelihood
function defined with the full dataset for all θ, and is
what shall be tested in the following section.

4 Posterior Production and Analysis
Intuitively, the fewer samples required to define a particular
likelihood function, the faster likelihood evaluation and PE
convergence will be; recall faster PE convergence is the sole
reason for attempting downsampling. One can expect that if
Ns ≈ Nf , for example, dropping just a few samples from a
dataset df , with, say, dim(df)≈107, the downsampled pos-
terior would be hardly distinguishable from the LISA pos-
terior; the remaining data will still just as well constrain the
likely parameters of the signal (if the noise on the remaining
samples is adjusted appropriately) but the speed improve-
ment would be slight, due to evaluating the signal model at
slightly fewer points. As one drastically decreases the num-
ber of samples to only a few however, one can expect the
remaining data to fit other combinations of parameters, lead-
ing to the appearance of new posterior modes; the posterior
becomes more highly structured. Consider decimation by a
degree such that the signal is sampled below its Nyquist fre-
quency; aliasing should occur at this point. As mentioned,
random sampling (as opposed to decimation) does very well
at ameliorating this problem. However, extremely low num-
bers of samples from random downsampling can still cause
a posterior to ‘break down’ (that is, to begin to differ qualita-
tively from the truth by an unacceptable degree). What we
would then like to determine is: how can we quantify this
breakdown of the qualitative structure of the posterior, and
what is the smallest number of samples required to faithfully
reproduce the true posterior, before breakdown occurs?

Changing dependencies of the posterior function (e.g. by
downsampling) inevitably alters the posterior. It is not ob-
vious how to establish criteria for how much variation may
be declared ‘acceptable’; this could depend on the applica-
tions of the analysis and what a researcher hopes to gain by
studying a posterior. We define our limits to be suitable for
the analyses of the LISA BHB PE environment that is of
interest to us. Before introducing limits in Section 4.3, we

require some introduction to sources of variation in a poste-
rior, or ‘posterior noise’, given in Section 4.1, and a measure
of posterior comparison, introduced in Section 4.2.

4.1 Posterior distribution noise
The following are brief qualitative descriptions of sources
of variation present in posterior distribution estimates, the
statistical measures will be presented in Section 4.3.

4.1.1 Sampler noise

It generally takes an inordinate amount of effort to evalu-
ate the posterior over a lattice, say, to any useful degree of
accuracy for a realistic number of dimensions, and posterior
estimators called samplers are used to explore the parameter
space, building an approximate representation of the func-
tion until convergence criteria are met [19–21]. These esti-
mates can vary to a small degree from sampler settings, be-
tween different samplers, and by the random processes that
samplers use to explore the parameter space. We tested the
Markov chain Monte Carlo (MCMC) sampler emcee [19]
and nested samplers CPnest [20] and Nessai [22] to en-
sure good agreement with the main sampler we chose to
provide our posterior estimates: Nessai. Using this sam-
pler with the same settings to produce multiple posterior
estimates from the same data/likelihood function, the only
source of variation present results from the sampler’s inter-
nal random processes. This shall be referred to as sampler
noise and is unavoidable, inducing a noise floor that cannot
be overcome.

4.1.2 Downsampling datapoint selection noise

Each data sample contains different information, in the form
of constraints, on the model parameters. If Ns samples are
selected from an original set of Nf samples, where Ns ≫ 1
(and the signal model is slowly evolving) then the selection
will be likely to be a good representative sample of the in-
formation present in the full dataset. However, there will of
course be some variations on the parameter constraints de-
pending on the precise selection of the Ns samples. Thus,
different random datapoint choices (i.e., different realisa-
tions of k or D) will incur some degree of variation of the
posterior, which we shall refer to as downsampling noise. As
Ns is decreased, the datapoint selection becomes less likely
to contain a good representation of the information present
in the original dataset. Figure 4 provides visual example of
convergence of the posterior as Ns is increased.

4.1.3 Physical noise

Real data contains detector noise. Different realisations of
detector noise significantly alter the posterior, the largest
variation (as measured by divergence from the zero noise re-
alisation posterior) being a shift in the position of the max-
imum likelihood estimate (MLE). Higher moments of the
distribution contribute smaller variations.
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4.2 Approximating closeness of distributions
The Kullback-Liebler (KL) Divergence is a well-known
(non-symmetric) measure of distance between two distribu-
tions, defined by

DKL(p(θ) || q(θ)) ≡
∫
Θ

dkθ P (θ) ln

(
p(θ)

q(θ)

)
, (30)

where p and q are distributions of the continuous variable
θ ∈ Θ, where Θ is the parameter space. Here, p is thought
of a the target/observed/correct distribution, and q the hy-
pothesis distribution. The Jensen-Shannon (JS) Divergence,
defined as

DJS

(
p(θ)

∣∣∣∣∣∣ q(θ)) ≡ 1
2DKL

(
p
∣∣∣∣∣∣ 12 [p+ q]

)
+ 1

2DKL

(
q
∣∣∣∣∣∣ 12 [p+ q]

)
(31)

is a symmetric distance measure (and a metric) between dis-
tributions. It will be better-suited for a subset of our require-
ments, where the strict target distribution is unattainable.

As mentioned, the posterior distributions themselves are
unfortunately computationally very expensive. For high di-
mensional parameter spaces, the divergences are vastly more
expensive still; first, the posteriors are required to be known,
then one needs to perform the further mathematical opera-
tions as per the definitions. We must resort to approximation
techniques.

4.2.1 Combined distances of marginal distributions

Consider using the divergences of marginalised distribu-
tions. Marginalisation is certainly not ideal; as it is a pro-
jection, information is lost. However it can still be useful as
a measure to show when variations between the marginals
of posteriors become very small, and thus point to conver-
gence, and divergences between 1-dimensional distributions
are inexpensive to compute. One has an infinite choice of
ways in which to project a distribution with ≥ 2 dimensions
into 1-dimension (by parameter mixing). We are usually in-
terested in the unmixed model parameter constraints how-
ever, so it is sensible to choose the projections that are the
marginalisations onto the usual, unmixed model parameters.

Since the JS divergence can be used to define a met-
ric and thus a distance, we can combine distances of these
marginalisations to form a new distance. We can then define
a metric between distributions p, q as:

dJS(p, q) ≡
√
DJS(p || q) . (32)

Let us now define a generalised Pythagorean distance func-
tion

dJS(p, q) ≡

√√√√1

k

k−1∑
i=0

d2JS (O
i(p), Oi(q)) (33)

where the operator

Oi(p) ≡
∫
Θ̂i

p(θ) dθ1...dθi−1dθi+1...dθk , (34)

projects the distribution p onto the ith parameter axis,
where Θ̂i

∼= Rk−1 is the space spanned by vectors θ̂i =
(θ1, ..., θi−1, θi+1, ..., θk). The function dJS satisfies the re-
quirements of a metric and is thus a metric. If we square the
new metric to define a new divergence DJS, we will have
that

DJS(p || q) ≡
1

k

k−1∑
i=0

DJS

(
Oi(p) ||Oi(q)

)
. (35)

The range of DJS is [0, 1], the factor of 1/k introduced
above thus ensures that the range of DJS is [0, 1] also. We
shall refer to this divergence, which will be instrumental
for indicating the convergence of downsampled posteriors,
as the combined marginal Jenson-Shannon (CMJS) diver-
gence. We will similarly define the combined marginal
Kullback-Liebler (CMKL) divergence as

DKL(p || q) ≡
1

k

k−1∑
i=0

DKL

(
Oi(p) ||Oi(q)

)
. (36)

4.3 Acceptance criteria
We are almost ready to propose criteria with which to de-
termine the minimum number of samples required to de-
fine an acceptable downsampled posterior. However, there is
no preexisting benchmark, and some researcher may require
more or less accuracy than another. We lay out a particular
choice, suitable for recreating the LISA BHB PE test envi-
ronment up to an accuracy of posterior morphology defined
by physical noise, which is in line with our purpose for this
work. Recall that we have three types of posterior noise to
consider: physical noise, sampler noise and downsampling
noise. We first determine how to quantify noise between
distributions in Section 4.3.1, use the accuracy of the sam-
pler to "bootstrap" up to an acceptable approximate target
posterior in Section 4.3.2, then use physical noise to define
the accuracy cutoff for downsampled posteriors in Section
4.3.3.

4.3.1 Induced distribution noise

Using the approximate divergences outlined in the previous
section, we can begin to characterise some basic statistical
properties of the variation in the closeness of distributions,
arising from some particular noisy process (i.e. the posterior
noise sources). We now define two one-parameter (parame-
terised by Ns) families of sets of divergences:

1. When a target distribution is not known, JS divergence
is useful as a notion of relative distance. By generat-
ing K posterior estimations, we can form a popula-
tion of

(
K
2

)
pairs (‘K choose 2’) of posteriors, and

thus a set of
(
K
2

)
divergences. The set of divergences

is given by

Xest =
⋃

i<j≤K−1

DJS

(
piest

∣∣∣∣∣∣ pjest) , (37)

where piest is the ith element of theK estimate poste-
riors.
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2. When a target distribution is known, we have the no-
tion of absolute distances where the target acts in a
sense as the ‘origin’ of the KL divergence space of
distributions. WithK posterior estimations and a tar-
get distribution q, we have the set of K divergences
given by

Y q
est =

⋃
i≤K−1

DKL

(
q
∣∣∣∣∣∣ piest) , (38)

where again piest is the ith element of the K posteri-
ors.

Let the mean of a set of divergences, X , be µ[X], and the
standard deviation σ[X]. Whilst indeed a Poisson distribu-
tion is better suited for representing these sets of divergences
since they are always strictly positive, we can still use both
statistics to quantify distribution noise. Using both mean
and standard deviation, we can define more consistent con-
straints on the acceptability of downsampled posteriors.

4.3.2 "Bootstrapping"

Unfortunately, using the fully sampled posteriors as target
distributions to compare the downsampled posteriors to is
not an available option, due to the immense computational
costs. We therefore require a so-called "bootstrapping" pro-
cedure, to show that our approximations are sufficiently ac-
curate that convergence criteria defined using them remain
valid. Note that we require the reasonable assumption that
the posterior estimates provided by the sampler are unbi-
ased, and that this particular bootstrapping procedure is
based on the knowledge that the sampler is well-tested, and
highly accurate and consistent [22]. However, this proce-
dure is only possible as the non-zero sampler noise provides
a noise baseline for comparison of the downsampling noise;
the target distribution we obtain will be roughly as good a
representation of the true posterior as the estimate given by
the sampler. For a ‘perfect’ sampler with zero noise, no
downsampling noise comparison can be made, and at the
other extreme, a poorly performing sampler with high pos-
terior noise does not allow for a good grasp of downsam-
pling noise. In those cases some other bootstrapping proce-
dure would be required. A description of the procedure is
as follows (this bootstrapping procedure is independent of
the downsampling scheme and method, any may be used for
this step if they satisfies the required conditions).

1. Note that downsampling noise vanishes when Ns =
Nf . Assume that the behaviour of the noise is such
that asNs is decreased, the noise increases or remains
the same. Thus choosing some ‘relatively large’Ns =
N̂s induces low posterior noise. This behaviour, and
whether the ‘relatively large’ N̂s is an appropriate
choice, are confirmed experimentally in subsequent
steps.

2. Choose some (‘relatively large’) N̂s, and com-
pute both sampler noise & downsampling(+sampler)
noise. That is, take some particular k′ (with N̂s 1’s)

to define a posterior pk′ , produce the set of K esti-
mates {pismp} using the sampler. The sampler noise
is µ[Xsmp], where Xsmp is given in equation (37).
Then produce another set of K estimates of posteri-
ors piDS+smp using different random realisations of k
with N̂s 1’s. The downsampling (with sampler) noise
is given by µ[XDS+smp].

3. Assuming an accurate and unbiased sampler, we
have that pismp ≈ E[pismp] = pk′ . Thus if
both µ[XDS+smp] ≈ µ[Xsmp] and σ[XDS+smp] ≈
σ[Xsmp], then it is reasonable to deduce that
piDS+smp ≈ pjsmp and thus also that piDS+smp ≈ pk′ .
If however µ[XDS+smp] ≳ µ[Xsmp], then the original
guess of N̂s is too low, in which case, return to Step
2 and increase N̂s (i.e., here we are using the sampler
noise as a baseline/reference value).

4. To show that the original guess of a ‘relatively
large’ N̂s was valid, choose a representative pos-
terior piDS+smp ≡ q to be the target distri-
bution. Produce a set of downsampled posteri-
ors at different, nearby Ns, say, N̂s/2. Then,
if µ[Y q

DS+smp(N̂s/2)] ≈ µ[Y q
DS+smp(N̂s)] and

σ[Y q
DS+smp(N̂s/2)] ≈ σ[Y q

DS+smp(N̂s)], the down-
sampled posteriors are independent ofNs, otherwise,
return to Step 2 and increase N̂s.

5. Again take a representative posterior piDS+smp(N̂s) ≡
q as the target distribution. If we show that
µ[Y q

DS+smp] increases (or remains constant) asNs de-
creases, the original assumption of the behaviour in
Step 1 is confirmed. This behaviour is indeed borne
out as we shall see over the course of the experiments
detailed in the following sections. Since the condi-
tions in Step 1 & 2 are now affirmed, and the down-
sampled posteriors become independent of Ns, i.e.,
converge upon the true, original posterior ptrue, then
pk′ ≈ ptrue and thus piDS+smp(N̂s) ≈ ptrue, and we
can continue to use piDS+smp(N̂s) ≡ q as the target
distribution to assess the optimal downsampling rate.

4.3.3 Accuracy threshold

Since we are simulating a noisy detector, and real-world de-
tector data will contain a non-zero contribution of noise, the
variation of posteriors induced by non-zero noise realisa-
tions is a reasonable source from which one may define a
threshold between ‘acceptable’ and ‘unacceptable’ variation
of the posterior. However, different noise realisations tend to
shift the maximum likelihood value (by around one standard
deviation), and cause slight variations in the higher moments
of the distribution. Whilst the latter (the change in morphol-
ogy of the posterior) is the variation of interest (since zero
noise realisation with downsampling affects the posterior in
a similar way), the former is the largest contributor to the
total divergence of posteriors. We therefore zero the mean
of the posteriors defined with non-zero noise realisations,
before computing the statistics of the set of distributions.
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The downsampling posterior noise limit shall then be
found as follows. Choose some fixed sample selection vec-
tor k′ with Ns 1’s. Produce a set {pik′,phys} of K posterior
estimates defined by adding different random noise realisa-
tions n to the (prewhitened, normalised) residuals, where

n = N
(
0,

1

2
√
∆t

)
, (39)

and where N (µ, σ) represents a normal distribution with
mean µ and standard deviation σ, and ∆t is the sampling in-
terval. Now define a new, mean zeroed set {p̂ik′,phys(θ)} =

{pik′,phys(θ − θ̄ik′,phys)}, where θ̄ik′,phys is the mean of
pik′,phys.

Since a vanishing detector noise realisation, n = 0,
yields the expected posterior distribution over noise reali-
sations [23, 24], and it may also be taken as a representa-
tive of the set of downsampled posteriors, the zero detector
noise posterior is the ideal target distribution for compar-
ing downsampling noise to physical noise. It must also be
mean-zeroed, so the target distribution is given by q̂(θ) =
pk′(θ − θ̄ik′), where θ̄k′ is the mean of the vanishing phys-
ical noise posterior, pk′ . Then with this q̂, and the set of K
mean zeroed, physical noise posteriors {p̂ik′,phys}, we form
the set of K divergences Ŷ q̂

phys using equation (38). Then
this average posterior ‘morphology divergence’ induced by
different noise realisations, µ[Ŷ q̂

phys], can be used to set an
acceptable level of divergence induced by downsampling.

We will now demand the following acceptability criteria
for downsampled posteriors: either

µ[Y q
DS+smp(Ns)] ≲ µ[Ŷ q̂

phys(N̂s)], ∀ Ns > Nopt
s ,

(40a)
µ[Y q

DS+smp(Ns)] ≈ µ[Y q
DS+smp(N

′
s)], ∀ Ns, N

′
s > Nopt

s ,

(40b)
or,

µ[Y q
DS+smp(N̂s)] ≈ µ[Ŷ q̂

phys(N̂s)] , (41a)

µ[Y q
DS+smp(Ns)] ≪ Hq , ∀ Ns > Nopt

s , (41b)

for someNopt
s , whereHq is the entropy of target distribution

q. Assuming all the sets of divergences are approximately
normally distributed, equation (40a) ensures that the poste-
rior one obtains by downsampling has roughly the same di-
vergence from the truth as the average divergence from the
truth induced by random physical noise realisations. Then
(40b) strongly indicates convergence of the posterior (that
the posterior structure is independent of the number of sam-
ples used within the admissible range). The alternative cri-
teria introduced in (41), is required when downsampling still
affects the posterior morphology as much as physical noise
even at the valid N̂s (this can occur when physical noise may
change the location, but not significantly the morphology of
the posterior). When the average divergences from the target
(as functions of Ns) are still very small in this case, the val-
ues used in (40) may differ by orders of magnitude, whereas
what is significant is the fact that the divergence is small.
The minimum Nopt

s for which the above holds will thus be
considered the optimal downsampling rate.

4.3.4 Summary

In this section (Section 5.3), we have introduced conditions,
which, together, will constitute our criteria for accepting that
a posterior has converged to the truth at a certain Ns, to
within an accuracy approximately given by the morphology
variation induced by physical noise.

1. Use the bootstrapping procedure to obtain the target
distribution q ≡ piDS+smp(N̂s) ≈ ptrue, accurate to
within approximately the level of posterior variation
induced by the sampler. That is, choose some N̂s such
that

• µ[XDS+smp(N̂s)] ≈ µ[Xsmp(N̂s)] ,
• σ[XDS+smp(N̂s)] ≈ σ[Xsmp(N̂s)] ,
• µ[Y q

DS+smp(N̂
′
s)] ≈ µ[Y q

DS+smp(N̂s)] ,

• σ[Y q
DS+smp(N̂

′
s)] ≈ σ[Y q

DS+smp(N̂s)],

where N̂ ′
s ≲ N̂s/2.

2. Then find the smallest Ns
opt for which either (40) or

(41) is satisfied for all Ns > Ns
opt; this shall be con-

sidered the optimal downsampling rate.

4.4 Modelling and Analysis Specifics

4.4.1 Structure of analysis

We would like to study different sorts of posteriors that cover
a range of downsampling parameters and signal types of
interest, that are connected to envisaged future investiga-
tions. These include different downsampling schemes (ran-
dom/hybrid/cluster), the downsampling method (single fac-
tor/FIM preservation), original number of samples in signal
Nf , fraction of frequency covered by the signal ∆f/fmax,
where ∆f = fmax − fmin, and of course the reduced num-
ber of samples Ns. We define the space of injection signal
parameters by

Nf ∈ {106, 107, 108} ,
∆f/fmax ∈ {0.9, 0.09, 0.009} ,

Ns ∈ {16, 23, 32, 45, 64, ..., 8192} .

That is, Ns(n) = ⌊2n/2 + 1
2⌋ samples, where 8 ≤ n ≤ 26

and where ⌊x + 1
2⌋ rounds x to its nearest integer. We will

fix fmax = 0.1Hz for all systems being tested. These vari-
ables are used because of their stronger connection with the
downsampling procedure itself, rather than simply the mor-
phology of the posterior that changes with changing BHB
parameters.

As we need to quantify the posterior noise for each com-
bination of system parameters, we require a number of pos-
teriors for each combination. We will produce 21 posteri-
ors of each combination, giving 21 divergences of the sets
Xest, and

(
21
2

)
= 210 divergences of the sets Yest. Thus for

each downsampling scheme and each method, this equates
to 3×3×22×21 = 4158 posterior distributions. Since there
are also 3 × 2 = 6 combinations of scheme and method,
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this would yield 6 × 4158 = 24948 posteriors, so to re-
duce the workload, we will split the analysis into two parts.
The first part will use one injection signal to determine the
optimal downsampling scheme and method, and the second
part will use that scheme and method to determine the opti-
mal downsampling rate over the injection signal parameter
space, which will conclude our investigation.

4.4.2 Waveform model

The parameterised waveform model we use is the inspi-
ral stage of the time-domain waveform of general relativis-
tic binary black holes, as detailed in Ref. [25], with the
following 8 free parameters: chirp mass (Mc), (inverted)
mass ratio (q), effective spin (χeff ), distance (d), inclina-
tion angle (θJN), polarisation angle (ψ), coalescence time
(tc), and finally, the coalescence phase (ϕc), which, how-
ever, is marginalised numerically in the likelihood (see Ap-
pendix B), leaving 7 free parameters in the final posterior.
To convert the waveform parameters into the signal prop-
erty variables noted in the previous subsection, we can in-
vert the well-known formulas for the inspiral part of BHB
waveforms (see, e.g., Ref. [26])

Tobs = τfmin − τfmax , (42)
Nf = fNyqTobs = 2fmaxTobs , (43)

f(τ) = 134Hz

(
1.21M⊙

Mc

)5/8(
1 s

τ

)3/8

, (44)

where M⊙ is the unit of solar mass, τ = tcoal − t, and tcoal
is the coalescence time, i.e., τ is the time to coalescence.
Inverting to find the required waveform model and signal
parameters in terms of Nf and ∆f/fmax (and noting that
fmax = 0.1Hz for all systems) we obtain

Tobs =
Nf

2fmax
, (45)

τfmax
= Tobs

((
1− ∆f

fmax

)−8/3

− 1

)−1

, (46)

Mc = 1.21M⊙

(
134Hz

fmax

)8/5(
1 s

τfmax

)3/5

. (47)

As mentioned in the previous subsection, changing the BHB
parameters of course modify the posterior, but are less di-
rectly connected with the effects of downsampling. Hence
the remaining signal model injection parameters for all fidu-
cial systems will be made equal across the set of fiducial
systems, and given in Table 1.

q χeff d θJN ψ tc ϕc

0.8 0.32 410 Mpc 0.68 rad 0.659 rad 0.0 s 0.5 rad

Table 1: The remaining BHB test system injection parameters.

4.4.3 Detector model

In practice, the frequency of the measured waveform will be
modulated by LISA’s motion around Sun. This effect makes

sky localisation very precise and introduces sidebands into
the waveform. In order to keep the frequency range small,
in part to help to keep the MCS small and waveform eval-
uation costs down (we will be producing very many pos-
teriors which can be expensive, so we take some measures
to reduce the cost of this analysis), we omit the sky posi-
tion waveform modification and fix the sky position. We
also ignore the tumbling motion and frequency response of
LISA, effectively modelling LISA as a LIGO-like detector
in a plane with normal vector pointing directly at the source,
with stationary noise.

4.4.4 PSD and MCS

In order to decrease the sampling rate, we can high-cut/low-
pass the PSD at just above the Nyquist rate of the signal,
since the frequency domain inner product [26] is unaffected
if one takes the upper integration limit ∞ → fmax, where

fmax = max(supp(ã∗b̃)) ,

and where supp(·) stands for the support of the given func-
tion. However, what we are really interested in is minimis-
ing the MCS, i.e., the number of datapoints of the residual
required to be computed, with minimal affect of the inner
product. Simplifying the integral further, we can write

⟨ã, b̃⟩ ≡ R

(
4

∫ fmax

fmin

df
ã∗(f)b̃(f)

Sn(f)

)
,

where
fmin = min(supp(ã∗b̃)) ,

(note that we use a slightly larger fmax and slightly smaller
fmin so as to account for the other template signals that will
have a non-negligible probability in the posterior). There-
fore, the behaviour of Sn(f) outside of the range fmin <
f < fmax is inconsequential to the inner product, and may
be altered in any way necessary so as to minimise the MCS.
We have not devised any such optimisation procedure, but
have found that roughly flattening the PSD outside the signal
frequency range, by simply using the new PSD given by

S′
n(f) =


Sn(fmin) for f < fmin ,

Sn(f) for fmin < f < fmax ,

Sn(fmax) for f > fmax ,

can yield a low MCS; the MCS for most of our testbed
systems (introduced in Section 4.6) with unaltered PSD is
around 150, and drops to around 5 after this PSD modifi-
cation; about 14 times fewer datapoints are required. Of all
of our testbed systems after PSD modification, the highest
MCS is 7, so we will override the MCS for the analyses of all
other systems to be equal to 7, in order to be able to compare
the results on posterior evaluation time like-for-like.

Finally, we note that we introduce another multiplicative
factor to the PSD, S′

n(f), such that the SNRs of all the in-
jected waveform are equal to 8. The reason for this is that
we are interested in accurately reproducing any given like-
lihood function; for higher SNRs, the likelihoods approach
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simple Gaussians (i.e., the lower the SNR, the more structure
one can expect), and in GW data analysis there is a gener-
ally accepted SNR detection requirement of SNR ≳ 8, i.e.,
the lower bound should produce the highest degree of poste-
rior structure (least similar to a Gaussian), while still being
detectable.

4.5 Posterior production
To acquire posterior estimates, we use the python Bayesian
inference package bilby [27], to run the nested sampling
sampler nessai [22]. The results are sets of points that are
estimate draws from the posterior defined in terms of the
likelihood function that we have introduced in this paper.
The likelihood function that implements the downsampling
procedures we have developed is provided by the python
package dolfen, see Section 6 for further details.

4.6 The distances evaluated
4.6.1 Part 1: Best downsampling scheme and method

To determine the best downsampling scheme and method,
we use one combination of the signal injection parameters as
described in Section 4.4.1, chosen to be the least amenable
to downsampling. That is, that which is least well described
on the whole as slowly evolving (the expected Fisher infor-
mation changes most over the duration of the signal), and
that which displays the highest degree of structure in the pos-
terior. For our GW BHB model, this is whereNf = 106 and
∆f/fmax = 0.9.

102 103 104

Ns

10 2

10 1

100

[Y
q es

tim
at

e(
N

s) ]

Cluster (FIM)
Cluster (JfD)
Random (FIM)
Random (JfD)
Hybrid (FIM)
Hybrid (JfD)
Phys+smp (zero mean)

Figure 1: Convergence of the downsampling scheme (datapoint choice)
and method (how to define the new inner product operator). This plot shows
the mean of the posterior noise (the mean of the variation in the CMJS dis-
tances) induced by downsampling, for sets containing 21 posteriors defined
using different random time series sample draws for various downsampling
schemes and methods, for posterior sets defined by various Ns. The best
performing method and scheme under this metric is that which drops and
stays below the (zeroed mean) physical noise (black dashed line) first (from
the left). There is roughly equal performance between proposed schemes
and methods with the exception of single factor cluster downsampling. The
best performing scheme and method, though by a small amount, appears to
be single factor hybrid downsampling.

The target distribution was defined with N̂s = 32768
and complied with the requirements set out in Section 4.3.4,
where we chose N̂ ′

s = 8192. The downsampling scheme
and method we used for the bootstrapping procedure was
random sampling and minimisation of Jeffreys’ divergence
of PCMs. We computed

• µ[Xsmp] ≈ 4.78 × 10−4 bits, and µ[XDS+smp] ≈
5.64× 10−4 bits

• σ[Xsmp] ≈ 1.33 × 10−4 bits, and σ[XDS+smp] ≈
2.60× 10−4 bits

• µ[Y q
DS+smp(N̂s)] ≈ 5.06 × 10−3 bits, and

µ[Y q
DS+smp(N̂

′
s)] ≈ 6.67× 10−3 bits

• σ[Y q
DS+smp(N̂s)] ≈ 8.53 × 10−3 bits, and

σ[Y q
DS+smp(N̂

′
s)] ≈ 1.19× 10−2 bits

Thus we can see that the first set of conditions as sum-
marised in Section 4.3.4 are satisfied. The best downsam-
pling scheme and method is that which satisfies the second
set of conditions given in Section 4.3.4. The results are dis-
played in Fig. 1, where we can see that the hybrid scheme
using the method of minimisation of Jeffreys’ divergence of
PCMs demonstrates the best performance.

4.6.2 Part 2: Optimum downsampling rate

We shall now use the optimal downsampling method and
scheme found in the previous subsection, and determine its
downsampling posterior noise statistics for the set of fidu-
cial systems given in Section 4.4.1. The results are shown
in Figure 2.

With a strict application of the convergence criteria sum-
marised in Section 4.3.4, we find, from Figure 2, that the op-
timal number of datapoints depending on ∆f/fmax appears
to be as per Table 2.

Nopt
s (Hq) Nf = 106 Nf = 107 Nf = 108

∆f/fmax = 0.9 362 (11.1) 362 (12.6) 362 (15.2)

∆f/fmax = 0.09 16 (12.7) 1448 (16.9) 181 (16.0)

∆f/fmax = 0.009 1024 (10.0) 2048 (10.9) 16 (12.5)

Table 2: The optimal number of samples and the entropy of a representa-
tive target distribution, for all test systems. These values derive from Figure
2 and the convergence criteria given in Section 4.3. The green cells show
expected behaviour and comply with convergence criteria in equation (40).
The yellow cells required condition (41) for acceptance, and the red show
unexpected behaviour. The cause of this behaviour appears to be from dis-
proportionate information loss across the parameters, and the solution is
to use FIM preservation as the downsampling method; this leads to vastly
improved results (red dots/crosses in Figure 2), where Nopt

s ≤ 128.

Some surprising and interesting results are immediately
apparent, highlighting important features of the analysis and
limits of applicability of the downsampling method. These
behaviours appear to result from a combination of the par-
ticulars of our signal model (how the data point values are
derived from the parameters), and particulars of each pos-
terior morphology (including the effects of the prior proba-
bility distributions on them).
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Figure 2: The means and standard deviations of the sets of CMJS divergences, DJS, as functions of Ns, for the systems presented in Section 4.4.1.
The top axis shows the fraction of the signal’s number of Nyquist samples that were required to be computed to evaluate the posteriors. The solid blue
line (/blue crosses) shows the CMJS distance mean (/standard deviation) of sets of downsampled posteriors defined using single noise factor, hybrid
downsampling, from the target distribution. The solid (/dashed) green lines are the means (/standard deviations) of the posterior noise of zeroed mean
distributions defined with physical non-zero noise realisations. The red dots (/crosses) are the means (/standard deviations) of CMJS distances defined
using the FIM preservation downsampling method. Convergence criteria is given in Section 4.3, and Table 2 gives Nopt

s for each system.

In Figure 2 and Table 2, we see that the behaviour of
the downsampling for all ∆f/fmax = 0.9 systems is as ex-
pected, and independent of Nf . The other results are far
more erratic with no discernible pattern, however, on inspec-
tion of the posteriors and consideration of the signal model
and downsampling process, an explanation emerges and an
important aspect of downsampling is highlighted.

On examining the FIMs of the posteriors that are very di-
vergent from the target distributions, which cause the high
degree of posterior noise, we find that they generally have in
common that the information on the effective spin parameter
far exceeds what should be expected, proportionately, with
respect to the other parameters. Less generally, other ef-
fects are apparent on comparing the posteriors and the FIMs,
such as relative information on certain pairs of parameters
being disproportionately represented. Some of these subtle
effects are compounded by the non-white noise covariance
matrix and become very difficult to disentangle and inves-
tigate. However, since the FIM is the main moment of the
distribution describing its morphology, ensuring the Fisher
information is preserved after downsampling seems to be a
possible approach to achieving a better downsampling rate
for these extreme cases.

To test this hypothesis, we computed specific sets of pos-
teriors, 21 in each set, for those systems that converged much
later than expected. We used the FIM preservation method

rather than single factor noise reduction, since this method
is of course intended to provide accurate covariances. The
means and standard deviations of the particular sets we com-
puted are shown as the red dots (means) and crosses (stan-
dard deviations) in Figure 2, and indeed very strongly sup-
port this hypothesis. Note that for Nf = 106,∆f/fmax =
0.009 we used random rather than hybrid sampling, since
dolfen had difficulty finding a solution for FIM preserva-
tion in the hybrid case.

This appears to demonstrate that we initially chose a
fiducial system with which to determine the optimal down-
sampling scheme and method in Part 1 that was sub-optimal,
and which ultimately has led to the wrong choice of down-
sampling scheme with which to determine the optimal num-
ber of samples. Clearly using FIM preservation allows
Nopt

s ≤ 128 for those systems requiring Nopt
s ≥ 1024 un-

der single factor downsampling. Replacing the values in the
red cells of Table 2 with the new values, Ns = 128, we
can conclude that, using FIM preservation downsampling,
the optimal downsampling number of samples for our range
of tested systems is at most Nopt

s = 362. In many cases it
is much smaller than this, however, a method of computing
Nopt

s for a specific system (without producing and studying
many posteriors as we have done) from, say, the Fisher ma-
trix, presently does not appear to be possible.
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5 Speed comparison and further re-
marks

5.1 Posterior estimate evaluation times
The average PE convergence time for each of the
∆f/fmax = 0.9 systems is plotted in Figure 3. As to be
expected, the evaluation time drops as the number of data-
points is dropped. However, the times reach a minimum of
a few hours at around Ns ≈ 256, then start to rise as Ns

continues to drop. The reason for this increase is because
the posterior structure begins to qualitatively break down, as
extra modes are introduced and the general posterior struc-
ture becomes highly irregular, since the low number of dat-
apoints cannot accurately encode the original posterior. The
sampler therefore has significantly more difficulty in finding
the isoprobability contours, and thus requires more time to
converge, despite only computing a small number of data-
point values to evaluate the likelihood.

16 32 64 128 256 512 1024 2048 4096 8192
Ns

0

10

20

30

40

PE
 c

on
ve

rg
en

ce
 ti

m
e 

(H
ou

rs
) Nf = 106; f/fmax = 0.9

Nf = 107; f/fmax = 0.9
Nf = 108; f/fmax = 0.9

Figure 3: The average convergence times for selected BHB systems. The
relationship is strongly linear after Ns ≳ 362 since the posterior has sta-
bilised and takes its simplest form; for Ns ≲ 128, posterior estimation
time increases as the number of samples decreases, since the structure of
the posterior begins to break down, becoming highly irregular and multi-
modal, and more difficult for the sampler to explore.

Increasing Ns beyond Nopt
s only increases the amount

of time-series datapoint computations required to evaluate
the likelihood, without affecting the likelihood (by defini-
tion), thus the posterior evaluation time is expected to in-
crease roughly linearly with increasing Ns. We see in Fig-
ure 3 that this is indeed the case, where a line of best fit is
drawn through those average times for which Ns ≥ Nopt

s .
Write the linear average PE time as

T (N) = aN + c (48a)

and for Ns ≪ Nf ,
T (Ns) ≡ b(2M+ 1)Ns + c ≈ bNM(Ns) + c , (48b)

using (12), where we have that
b = a(2M+ 1)−1 , (48c)

where T is the average evaluation time, a is the line’s gra-
dient and c is a constant time offset that is attributed to the
‘overheads’ of the sampler (internal processes such as ini-
tialisation, computing the Fisher matrix, normalising flow
transformations carried out by Nessai, etc.).

The linear model of posterior evaluation time can be
used to estimate the time it would take to evaluate the poste-
rior using all the samples (when NM = NNyq) from which
we can roughly gauge the amount of time saved by employ-
ing our downsampling procedure. Simulated analyses of
LISA data are often done in the frequency domain because
of the great simplicity of computing the inner product that
is afforded by the independence of the data samples there.
The comparison of evaluation times shall not be especially
precise because of this (the number of numerical operations
required to compute signal templates will differ slightly be-
tween time domain and frequency domain signal models).
Furthermore, the time domain analysis we have undertaken
here requires a few more simple mathematical operations
(see Section 3.1.3) in the form of element-wise products.
It is reasonable to assume the cost of these operations are
quite negligible in relation to the cost of evaluating the sig-
nal at the required points however, and particularly if one
were to use more realistic GW signal models defined more
precisely, consisting of many more terms in the expression
of the strain model, h(t). With these caveats mentioned, we
can see the linear PE evaluation time parameters in Table
3, along with the comparison between the expected evalu-
ation time of the original posterior with the downsampled
posterior. Note that in Table 3 we have

∆T ≡ T − c , (49)

so that, as well as comparing the estimated evaluation times
of the original and downsampled posteriors (minus over-
heads) which of course is of primary interest, we can also
see that the quotient is simply given by

∆T (N1)

∆T (N2)
=
aN1

aN2
=
N1

N2
, (50)

independent of the slope. The fraction of the estimated time
of convergence of the original posterior (minus overheads)
required for convergence of approximation by downsam-
pling is NM(Nopt

s )/Nf .
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Nf ∆f/fmax a b c ∆TNf ∆T
N

opt
s

∆TNf /∆TN
opt
s

106 0.009 2.28× 10−3 1.52× 10−4 3.10 1.5× 102 0.82 1.84× 102

106 0.09 6.18× 10−3 4.12× 10−4 4.38 4.1× 102 2.24 1.84× 102

106 0.9 1.40× 10−3 9.31× 10−5 1.05 9.3× 101 0.51 1.84× 102

107 0.009 4.69× 10−3 3.13× 10−4 5.50 3.1× 103 1.70 1.84× 103

107 0.09 4.30× 10−3 2.86× 10−4 20.46 2.9× 103 1.56 1.84× 103

107 0.9 2.40× 10−3 1.60× 10−4 3.21 1.6× 103 0.87 1.84× 103

108 0.009 6.43× 10−3 4.29× 10−4 5.50 4.3× 104 2.33 1.84× 104

108 0.09 4.51× 10−3 3.01× 10−4 15.46 3.0× 104 1.63 1.84× 104

108 0.9 3.99× 10−3 2.66× 10−4 7.14 2.7× 104 1.45 1.84× 104

Table 3: Details of the linear best fit model of posterior evaluation times. The parameters a, b, c, are from Equations (48). Also shown is the estimated
original posterior evaluation time minus the overhead time, c, (hours), ∆TNf

= ∆T (N = Nf) as defined in Equation (49), the average downsampled
posterior (using Nopt

s =362) evaluation time minus the overhead time (hours), ∆T
N

opt
s

= ∆T (N = 362) and finally the ratio of these times (this
is the approximate time saving factor of the posterior evaluation time, after disregarding the constant overheads). Recall these values are computed by
setting M = 7 for all systems, the highest M of all systems. Most systems had M = 4, however, where ∆TNs would be 3

5
of the value given here,

had we not manually set M = 7.

5.2 Discussion

As we can see from the rightmost column of Table 3, the
reduction in evaluation times is very large. These times
are computed using Ns = 362 and M = 7. For some
systems, convergence was achieved in as little as 16 sam-
ples, and with true MCS M = 4. Recalculating by us-
ing these values for the Nf = 108 systems we find that
∆TNf

/∆TNopt
s

= 1841.62 → 694444.44; i.e., likelihood
evaluations in this extreme case are computed almost 7×105

times faster than those of the original, fully sampled datasets
would be (this is disregarding the initialisation and sam-
pler overheads). However, most LISA signals will not have
as many Nyquist datapoints, and many signals will have
M > 4. Furthermore, since it is not yet known prior to
study of a given PE problem what the optimal downsam-
pling rate for that system is, it is necessary to use a higher
number of datapoints to avoid potential misrepresentation of
the true posterior; see Section 6.2 for further discussion on
proper use of dolfen.

The dimensionality of the signal model has not yet been
discussed. The n-dimensional posteriors we have studied
can be thought of as slices of (n + 1)-dimensional posteri-
ors. In an (n + 1)-dimensional PE situation, the likelihood
values at points on these n-dimensional slices will not be
affected simply by allowing likelihood values on neighbour-
ing slices also to be computed. Since there is nothing special
about a particular slice, the neighbouring slices can thus be
expected to be similarly accurately approximated, and one
should be able to build up an accurate (n+ 1)-dimensional
posterior using the same, downsampled subset of datapoints,
by combining slices. One can continue to add more param-
eters in this way, and downsampling is not expected to be
very strongly dependent on the number of free model param-
eters. Accuracy must of course be checked by the user for
very high numbers of parameters. Some informal tests on
17-dimensional posteriors usingNs = 500 (default dolfen
setting) have shown extremely consistent results, indicating
high accuracy up to at least 17-dimensions.

We have suggested and tested various downsampling
methods and schemes. After originally coming to the
conclusion that hybrid, single factor downsampling was
marginally more efficient in Section 4.6.1, we produced
large sets of posteriors using this method in Section 5.1. We
then discovered the surprising behaviour of some systems as
highlighted in Figure 2 and Table 2, and recognised poten-
tial model dependent causes that might be remedied by using
the FIM preservation method. A clue that FIM preservation
is the more effective method was present in Figure 1, and
was unfortunately missed: in that figure we can see general
agreement between all methods and schemes, apart from the
cluster scheme. This performed badly with single factor, but
vastly improved with FIM preservation; given a datapoint
subset that poorly represent the posterior under single fac-
tor modification, vast improvements can be made using FIM
preservation instead. The FIM preservation statistics for a
few test systems were computed and shown as the red marks
in Figure 1, which at Ns = 128 are already approximately
equal to the statistics of the converged posteriors under sin-
gle factor noise reduction (Ns ≳ 1448).

It has been demonstrated here that downsampling is a
viable approach for cheaply and accurately reproducing the
likelihood function in simulated environments. However,
unfortunately no means of determiningNopt

s for a given PE
problem appears to be derivable from simpler objects, such
as the FIM, from within the standard PE framework. For
readers familiar with machine learning techniques, one can
think of the downsampled data space as being akin to the so-
called latent space that is often used as a low-dimensional
space of auxiliary coordinates, which represents and stands
in for high-dimensional data. The map from the latent
space variables to the appropriate representation of the high-
dimensional data is ‘learned’ by the machine learning algo-
rithms. Downsampling seeks generality, and to skip the map
learning part, by using restrictions of its ‘latent space’ (the
downsampled data space) map provided by the signal model,
and optimisations of that map by the downsampling meth-
ods detailed in this paper. We also mentioned that a helpful
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way to think of downsampling is by considering the signal
and noise model at the remaining data points as an encod-
ing scheme for the morphology of the posterior. Without
first knowing the posterior however, we do not know what
to encode. Downsampling is fundamentally limited by these
problems, and the accuracy of a posterior can never be guar-
anteed, however, using the FIM preservation method over
minimising Jeffreys’ divergences of the PCMs has provided
a much improved and highly accurate result for our exam-
ple systems. For many applications, the default settings of
the downsampling software will likely yield accurate results,
and should most certainly be acceptable for making informal
research enquiries. However, in the absence of a guaran-
tee of accuracy, when a user wishes to show certainty that
a downsampled posterior is very highly accurate (say, for
publication), it should be ensured that convergence has been
reached by producing a number of posteriors at differentNs

and comparing these, to show that the posteriors are inde-
pendent of Ns.

Whilst we have seen vast improvement in PE evalua-
tion times, many realistic signal models will be more intri-
cate than our standard BBH inspiral signal, with likelihood
functions that are generally more costly to compute. The
approximation techniques like the one expounded here, and
others, such as ROQ, become essential tools for experimen-
tation in the PE environment with LISA-like signals that are
prohibitively expensive to compute. As shown in the c &
∆TNopt

s
columns of Table 3, the PE evaluation time for our

test systems can be mostly attributed to initialisation and the
internal workings of the sampler. But it is easy to envisage
that, for very expensive models, which may also require us-
ing higher Ns depending on their slow evolution status, the
likelihood evaluation time may again become the primary
factor. Amongst possible future steps is the investigation
of whether and how the different mentioned approximation
techniques can be combined, to produce an even more rapid
feedback arena for studying BHB signals and their various
waveform modifications in LISA.

6 The dolfen package

The downsampling likelihood function estimation package:
dolfen, performs all variants of the downsampling pro-
cedure that have been derived and discussed in this ar-
ticle. dolfen is a pip installable python package that
can easily be used in conjunction with bilby [27] as per
the examples provided on dolfen’s documentation pages
(https://dolfen.readthedocs.io) and github pages
(https://github.com/jethrolinley/dolfen).

6.1 Future developments
Recall from Section 3.4 that numerical issues often arise in
exact FIM preservation. Approximate FIM preservation is
far easier to solve, and dolfen appears to succeed most of-
ten in implementing this technique. In a subsequent version
of dolfen, we intend to include another FIM preservation
method; rather than find an individual sample reweighting
solution for (approximate) FIM preservation in a given basis
(see equation (26)), we shall simply use some (pre-existing)
optimisation method to find individual datapoint reweight-
ings (strictly positive) that minimises divergence between
the FIMs.

6.2 Recommended usage
In order to conclusively state that a posterior approximation
is close to the original posterior one is trying to estimate,
the original posterior must already be known so they can
be compared. Of course if one has the original, then one
doesn’t need an approximation. Downsampling makes an
educated guess at how best to optimise the encoding scheme
provided by the random sample selection, which then can be
thought of as giving a lossy compression of the likelihood.
Therefore (although accuracy is likely) there are no guaran-
tees that the likelihood returned will be accurate; the user
must be responsible for this. In dolfen, one can set Ns,
and override the computed MCS, M. So to begin, set, say,
Ns = 100, and M = 0. The likelihood should not be ex-
pected to be accurate, but one can quickly get a good idea
of the general likelihood morphology, to set priors and sam-
pler settings, and so on. Once one has a rough idea of the
posterior from these settings, we can use dolfen with its
default settings to obtain a likely accurate likelihood. Pro-
duce a few, say 3, posteriors with different random datapoint
selections (with a zero noise realisation) to confirm conver-
gence. It is very unlikely that multiple poor representations
will yield the same or similar posterior by chance, so if the
posteriors are similar, convergence is clearly demonstrated.
Otherwise, the number of datapoints should be increased.
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Appendix A Other required prelimi-
nary results

A.1 Noise covariance matrix introduction
The noise power generated by the detector as a function of
frequency (the PSD) determines the degree to which any two
samples in the time domain representation of the noise are
correlated with each other. In the current section and the
next, we derive the time-domain inner product operator (the
matrix C−1) from the PSD to account for this interdepen-
dence of the samples. It will be assumed that the noise is
wide sense stationary (WSS), that is, that its mean and co-
variance are time invariant.

A cross-covariance matrix of two vectors describes the
covariance between elements of the vectors. The i, j ele-
ment of the cross-covariance matrix CXY is the covariance
between the ith element of X and the jth element of Y.
A cross-covariance matrix is called an auto-covariance, or
simply covariance matrix when describing the covariance
between different elements of the same vector. Our noise
covariance matrix will be denoted in shorthand here as C,
so that

C ≡ Cnn , (51)

where n is a noise realisation. In terms of matrix elements,
we define a cross-covariance matrix as

Cij ≡ cov[Xi, Yj ] = E[(Xi −E[Xi])(Yj −E[Yj ])] , (52)

where E is the expectation value operator. For vanishing

mean of the noise, we have

Cij = E[ninj ] ≡ Rij , (53)

defining the autocorrelation matrix, Rij . Now since the
noise is assumed to be WSS, the expected value of the prod-
uct of any two samples only depends on the time ‘lag’ be-
tween the samples, i.e., E[ninj ] =E[ni+cnj+c] for any in-
teger c. It will be useful to consider c = −i where we have
that

Rij = E[ni−inj−i] = E[n0nj−i] . (54)

In this form, we can see the matrix is both symmetric and cir-
culant. It is clear that the i, j element represents the expected
value of noise correlations of time series samples separated
by the absolute time lag between the ith and jth sample.
The first row, R0i = E[n0ni], gives precisely the definition
of the (discrete) ACF.

By the Wiener-Khinchin theorem, the ACF is the Fourier
Transform of the PSD. However, we must be careful in the
GW data analysis world since, again, we most often use the
one-sided PSD which introduces a factor of 2, such that the
equation embodying the Wiener-Khinchin theorem reads

Sn(f) = 2

∫ ∞

−∞
dtR(t)e−2πift = 2F{R}(f) . (55)

Thus given the PSD we can easily compute C, since it
is defined by Rij = R(ti − tj). For the inner product how-
ever, we require C−1. When N = dim(d) becomes large,
numerical inversion of the resultingN×N noise covariance
matrix becomes very unwieldy. We have devised a fast and
accurate solution to this problem, which we now describe.
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A.2 Fast inversion of very large autocorrela-
tion matrices

We wish to find the matrix C−1 that satisfies CC−1 = 1,
where C is the noise covariance matrix described in the pre-
vious section. SinceC is circulant, it follows thatC−1 is cir-
culant also. Then, in components, we can transform indices
thus

1ik = CijC
−1
jk −→ 1i′0 = Ci′j′C

−1
j′0 = Ri′j′R

−1
j′0 , (56)

where summation over j is implied by the repeated indices,
and where we defined i′ = (i − k) mod N and j′ =
(j − k) mod N . Dropping primes and using the circulant
property of Rij :

1i0 = RijR
−1
j0 = Rk0R

−1
j0 , (57)

where now k = (i− j) mod N . It is clear that the problem
is reduced to a set of sums over only the first column from
each matrix. For these column vectors, we shall use the no-
tation R[i] ≡ Ri0, and R−1[i] ≡ R−1

i0 . Explicitly writing
the sum over j from (57):

1i0 =
N−1∑
j=0

R[(i− j) mod N ]R−1[j] . (58)

The vector, or discrete functionR, is the ACF, known by the
Wiener-Khinchin theorem, and where R−1 is the (discrete)
function we seek, which we call the inverse autocorrelation
function.

This sum is precisely the form of a circular convolution
modulo N (∗N operator) of R with R−1, so we can write

1i0 = (R ∗N R−1)[i] . (59)

IfF denotes the Fourier Transform andF−1 its inverse, then
the convolution theorem states that

F{R ∗N R−1} = F{R} · F{R−1} , (60)

so that after Fourier transforming (59), using the convolu-
tion theorem, and some rearranging, we get

R−1[j] = F−1

{(
F{R}

)−1
}
[j] = F−1

{(
1
2Sn

)−1
}
[j] ,

(61)

where we substituted for the PSD from (55). The discrete
R−1 is the first row of C−1, which defines the whole matrix
C−1, since we know it is circulant.

A.3 Whitening transformation matrix
We will require an operator to transform vectors of corre-
lated datapoints to vectors of uncorrelated datapoints. Sup-
pose a noise weighted (time domain) inner product of sig-
nals can be represented in another basis in which the data-
points are uncorrelated from each other. The inner product
matrix in such a basis is diagonal. Further, suppose the basis
vectors are scaled such that this matrix is the identity matrix.
Since inner products are invariant under basis transforma-
tions, we can define a transformed inner product of vectors
a and b by

aTC−1b = āT1 b̄ , (62)

for general time domain inner product matrix C−1, and
where ā and b̄ are the ‘whitened’ representations of vectors
a and b. We shall solve this here by writing

aTC−1b = aTC(−1/2)C(−1/2)b

= aT

(
C(−1/2)

)T

1C(−1/2)b , (63)

where C(−1/2) is some matrix to be found, which we shall
constrain to be symmetric circulant (sinceC(−1) is symmet-
ric circulant, and a product of circulant matrices is circu-
lant). We can then read off the whitening transformation of
the vector space, in which C−1 → 1 along with all vectors
v → v̄ = C(−1/2)v. Noting that

C−1 = C(−1/2)C(−1/2) , (64)

we make use of the circulant properties to write this in com-
ponents as

C−1
ik = C

(−1/2)
ij C

(−1/2)
jk −→ C−1

i′0 = C
(−1/2)
i′j′ C

(−1/2)
j′0 ,

(65)
where again we define i′ = (i − k) mod N and j′ =
(j − k) mod N . Dropping primes and using the circulant
property of C(−1/2):

C−1
i0 = C

(−1/2)
k0 C

(−1/2)
j0 , (66)

where again we have now defined k = (i − j) mod N . We
are now dealing with single columns of the matrices, and
write these vectors as C−1[i] = C−1

i0 , and C(−1/2)[i] =

C
(−1/2)
i0 . Writing the sum in equation (66) explicitly:

C−1[i] =

N−1∑
j=0

C(−1/2)[(i− j) mod N ]C(−1/2)[j]

=
(
C(−1/2) ∗N C(−1/2)

)
[i] ,

where C−1 = R−1 is the inverse auto-correlation function
we defined earlier in equation (61), and C(−1/2) shall be re-
ferred to either as the whitening function or decorrelation
function and is the function sought. Fourier transforming
gives

F{C−1} =

[
F{C(−1/2)}

]2
, (67)

so that
C(−1/2) = F−1

{√
F{C−1}

}
. (68)

However, we know that F{C−1} = 2/Sn, as in equation
(61) for example, so we finally write the whitening function
as

C(−1/2) = F−1
{√

2/Sn

}
, (69)

where the matrix version C(−1/2)
ij ≡ C(−1/2)(ti − tj); this

is the whitening matrix, or decorrelation matrix. From (53)
and (64) we can then write

R−1
ik = R

(−1/2)
ij R

(−1/2)
jk (70)

which is the first column of, and thus defines, since it is
circulant, the whitening matrix, or decorrelation matrix,
C

(−1/2)
ij = R

(−1/2)
ij .
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Appendix B Minimising the Jeffreys’ Divergence of Gaussians

Let Θ be the space of parameters θ, with dimension k = dim(Θ). Let (Df ,C−1
f ) be the data space and inner product

operator pair for the full dataset (subscript f ). If the posterior defined on the parameter space, pf(θ), is Gaussian, it can be
written

pf(θ) =
[
(2π)k|F−1

f |
]−1/2

exp
[
− 1

2∆
TFf∆

]
, (71)

where Ff is the FIM of the full dataset, |F−1
f | is the determinant of its inverse, ∆ ≡ θ − θ̂ and θ̂ is the location of the

peak of the posterior. Suppose there also exists the space (Ds,M), with the posterior p′s(θ), and where F′
s is the FIM in

(Ds,M), where M is some Ansatz matrix (we will set this equal to 1 so that each sample is weighted equally). This is the
(unmodified) downsampled subspace, that is: Ds ⊂ Df .

Finally, let (Ds,C−1
s =mM) be a data space and inner product operator pair for a downsampled dataset, where m is

the constant we seek. Write the Gaussian posterior similarly on this pair, ps(θ), as

ps(θ) =
[
(2π)k|F−1

s |
]−1/2

exp
[
− 1

2∆
TFs∆

]
, (72)

where Fs is the FIM of the downsampled dataset.
Ideally, we would minimise the JS divergence, since this is a well-known, symmetric measure of distance between

distributions and is impartial to either distribution, unlike the KL divergence, which implies its first argument is the true
distribution and its second is a sample distribution. However, we are choosing our posterior to be a replacement for the
truth, not some sample distribution with minimal divergence from it, so we require a symmetric divergence measure. The
JS divergence is defined in equation (31). It contains the integral of the log of a sum and only special cases are able to
be integrated analytically. In order to avoid prioritisation of any given distribution, we shall attempt to minimise another
symmetric divergence known as the Jeffreys’-divergence instead, simply defined by

DJ

(
pf

∣∣∣∣∣∣ ps) ≡ DKL

(
pf

∣∣∣∣∣∣ ps)+ (ps ↔ pf) . (73)

First however, we warm up by minimising the KL divergence, before moving on to the Jeffreys’ divergence.
We have the unknown m in (Ds,C−1

s ), but (Ds,M) and (Df ,C−1
f ) are known completely. Using the Gaussian ap-

proximations, we write down the KL divergence to find them that minimises the KL divergence between ps(θ) and pf(θ):

DKL(pf(θ) || ps(θ)) ≡
∫
Θ

dkθ pf(θ) ln

(
pf(θ)

ps(θ)

)
=

∫
Θ

dkθ pf(θ)

[
ln

(√
|Fs

−1|
|F−1

f |

)
+ 1

2∆
T(Fs − Ff)∆

]

= ln

(
m−k/2

√
|F′−1

s |
|F−1

f |

)
+ 1

2

∫
Θ

dkθ pf(θ) ·∆T(mF′
s − Ff)∆ , (74)

since the integral of the posterior (which we take to be normalised) over parameter space is equal to 1. In the last line, we
also used the definition of the FIM in equation (15) and C−1

s =mM to find that

Fs,ij = hk,i(C−1
s )klhl,j = mhk,iMklhl,j = mF ′

s,ij , (75)

or Fs = mF′
s, from which we obtain

|Fs| = mk|F′
s| . (76)

The KL divergence is a function of m, with the minimum being the m at which the derivative with respect to m
vanishes (it is clear, given our restriction to considering Gaussians, that there will always be one extremum only, which is
a minimum). The minimum is given by the m = mKL solving d

dmDKL(pf(θ) || ps(θ)) = 0, which is

mKL = k

(∫
Θ

dkθ pf(θ) ·∆TF′
s∆

)−1

. (77)

To compute the integral, let us change coordinates first by a translation θµ → θ⋆µ that takes θ̂ → θ̂
⋆
= 0, centering the

peak of the posterior at the origin, so that ∆ → ∆⋆ = θ⋆. Then perform a rotation θ⋆µ → θ̃µ such that F⋆
f → F̃f ,

where the matrix F̃f is diagonal, i.e., aligning the coordinate axes with the ellipsoid axes. We denote all objects in the final
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coordinates with a tilde accent. Both transformations are unitary resulting in a Jacobian determinant equal to 1, and if we
further suppose that Θ ∼ Rk then also Θ̃ ∼ Rk, so we can write the integral in (77) as∫

Θ

dkθ pf(θ) ·∆TF′
s∆ =

∫
Θ̃

dkθ̃ pf(θ̃) · θ̃
T

F̃′
sθ̃

=
[
(2π)k

∣∣∣F̃−1
f

∣∣∣]−1/2
∫
Θ̃

dkθ̃ exp
[
− 1

2 θ̃
T

F̃f θ̃
]
· θ̃

T

F̃′
sθ̃

=
[
(2π)k

∣∣∣F̃−1
f

∣∣∣]−1/2
∫
Θ̃

dkθ̃ exp

[
− 1

2

k∑
l=1

F̃f,llθ̃
2
l

]
k∑

i,j=1

θ̃iF̃
′
s,ij θ̃j

=
[
(2π)k

∣∣∣F̃−1
f

∣∣∣]−1/2 k∑
i,j=1

F̃ ′
s,ij

∫
Θ̃

dkθ̃

k∏
l=1

exp
[
− 1

2 F̃f,llθ̃
2
l

]
θ̃iθ̃j .

Noting the well-known integral formulas:∫ ∞

−∞
dx e−ax2

=
√
π/a ,

∫ ∞

−∞
dx x e−ax2

= 0 ,

∫ ∞

−∞
dx x2 e−ax2

=

√
2π

(2a)3/2
, (78)

we find that the only surviving terms in the i, j sum are the i = j terms. The integral becomes∫
Θ

dkθ pf(θ) ·∆TF′
s∆ =

[
(2π)k

∣∣∣F̃−1
f

∣∣∣]−1/2 k∑
i=1

F̃ ′
s,ii

∫ ∞

−∞
dθ̃i θ̃

2
i e

− 1
2 F̃f,iiθ̃

2
i

∏
j ̸=i

∫ ∞

−∞
dθ̃j e

− 1
2 F̃f,jj θ̃

2
j

=
[
(2π)k

∣∣∣F̃−1
f

∣∣∣]−1/2 k∑
i=1

F̃ ′
s,ii

√
2π

F̃ 3
f,ii

∏
j ̸=i

√
2π

F̃f,jj

=

k∑
i=1

F̃ ′
s,ii

F̃f,ii

. (79)

If the matrix G diagonalises Ff , that is, if Ff → F̃f = G−1FfG for diagonal F̃f , then the integral may be written∫
Θ

dkθ pf(θ) ·∆TF′
s∆ =

k∑
i=1

G−1
ij F

′
s,jlGli

G−1
ij Ff,jlGli

, (80)

or for general symmetric matrices A and B, and with P diagonalising A, we have∫
Θ

dkθ e−
1
2∆

TA∆ ·∆TB∆ =

√
(2π)k

|A|

k∑
i=1

P−1
ij BjlPli

P−1
ij AjlPli

. (81)

Therefore our factor mKL, using (77) is

mKL = k

(
k∑

i=1

G−1
ij F

′
s,jlGli

G−1
ij Ff,jlGli

)−1

. (82)

This in particular minimises DKL(pf || ps), which should be noted is not equal to DKL(ps || pf): the KL divergence not
symmetric. Let us now minimise the symmetric Jeffreys’ divergence. With equation (73), this can be written as

DJ(pf || ps) ≡
∫
Θ

dkθ (pf − ps) · ln
(
pf
ps

)
=

∫
Θ

dkθ (pf − ps)

[
ln

(√
|Fs

−1|
|F−1

f |

)
+ 1

2∆
T(Fs − Ff)∆

]

= 1
2

∫
Θ

dkθ (pf − ps) ·∆T(mF′
s − Ff)∆ , (83)

again since the integral of both pf and ps over the whole space must be equal to 1. Writing out pf and ps in full we have

DJ(pf || ps) = 1
2

∫
Θ

dkθ

[√
|Ff |
(2π)k

e−
1
2∆

TFf∆ −

√
mk|F′

s|
(2π)k

e−
1
2m∆TF′

s∆

]
·∆T(mF′

s − Ff)∆

= C

∫
Θ

dkθ
[
C ′e−

1
2∆

TFf∆ −mk/2e−
1
2m∆TF′

s∆
]
·∆T(mF′

s − Ff)∆ ,
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where C = 1
2

√
|F′

s|
(2π)k

and C ′ =
√

|Ff |
|F′

s| . Now differentiate with respect to m:

d

dm
DJ(pf || ps) = C

∫
Θ

dkθ
[
C ′e−

1
2∆

TFf∆ −mk/2e−
1
2m∆TF′

s∆
]
·∆TF′

s∆

−
[
k
2m

k/2−1e−
1
2m∆TF′

s∆ − 1
2m

k/2∆TF′
s∆e−

1
2m∆TF′

s∆
]
·∆T(mF′

s − Ff)∆

= C

∫
Θ

dkθ C ′e−
1
2∆

TFf∆ ·∆TF′
s∆

−mk/2e−
1
2m∆TF′

s∆
{[

1 + k
2 − 1

2m∆TF′
s∆
]
·∆TF′

s∆

−
[

k
2m − 1

2∆
TF′

s∆
]
·∆TFf∆

}
= CC ′

∫
Θ

dkθ e−
1
2∆

TFf∆ ·∆TF′
s∆

− Cmk/2

∫
Θ

dkθ e−
1
2m∆TF′

s∆ ·∆T
([
1 + k

2

]
F′

s − k
2mFf

)
∆

+ 1
2Cm

k/2

∫
Θ

dkθ e−
1
2m∆TF′

s∆
{
m(∆TF′

s∆)2 −∆TF′
s∆ ·∆TFf∆

}
. (84)

The first two integrals of the last line are computed easily using (81) by making the relevant matrix substitutions;∫
Θ̄

dkθ e−
1
2∆

TFf∆ ·∆TF′
s∆ =

√
(2π)k

|Ff |

k∑
i=1

D−1
f,ijF

′
s,jlDf,li

D−1
f,ijFf,jlDf,li

(85)

for diagonal D−1
f FfDf , and∫

Θ

dkθ e−
1
2m∆TF′

s∆ ·∆T
([
1 + k

2

]
F′

s − k
2mFf

)
∆

=

√
(2π)k

|mF′
s|

k∑
i=1

D−1
s,ij

([
1 + k

2

]
F ′
s − k

2mFf

)
jl
Ds,li

D−1
s,ijmF

′
s,jlDs,li

= km− k+4
2

√
(2π)k

|F′
s|

([
1 + k

2

]
m− 1

2

k∑
i=1

D−1
s,ijFf,jlDs,li

D−1
s,ijF

′
s,jlDs,li

)
(86)

for diagonal D−1
s F′

sDs.
For the final integral in (84) we again diagonalise the matrix in the exponent to make the integration simple. Similarly

to how we transformed earlier, with a translation and a rotation, let us take θµ → θ̌µ so that F′
s → F̌′

s where F̌′
s is diagonal,

and such that ∆̌ = θ̌. Then we can rewrite the integral as

I =

∫
Θ

dkθ e−
1
2m∆TF′

s∆
{
m(∆TF′

s∆)2 −∆TF′
s∆ ·∆TFf∆

}
=

∫
Θ̌

dkθ̌ e−
1
2mθ̌

T
F̌′

sθ̌
{
m(θ̌

T

F̌′
sθ̌)

2 − θ̌
T

F̌′
sθ̌ · θ̌T

F̌f θ̌
}

=

∫
Θ̌

dkθ̌ e−
1
2mθ̌

T
F̌′

sθ̌

m
k∑

i=1

F̌ ′
s,iiθ̌

2
i

k∑
j=1

F̌ ′
s,jj θ̌

2
j −

k∑
i=1

F̌ ′
s,iiθ̌

2
i

k∑
j=1

F̌f,jj θ̌
2
j


=

∫
Θ̌

dkθ̌ e−
1
2mθ̌

T
F̌′

sθ̌
k∑

i=1

F̌ ′
s,iiθ̌

2
i

k∑
j=1

(mF̌ ′
s,jj − F̌f,jj)θ̌

2
j

=

k∑
i=1

F̌ ′
s,ii

k∑
j=1

(mF̌ ′
s,jj − F̌f,jj)

∫
Θ̌

dkθ̌

k∏
l=1

e−
1
2mF̌ ′

s,llθ̌
2
l θ̌2i θ̌

2
j

=

k∑
i=1

(m(F̌ ′
s,ii)

2 − F̌ ′
s,iiF̌f,ii)

∫ ∞

−∞
dθ̌i e

− 1
2mF̌ ′

s,iiθ̌
2
i · θ̌4i

∏
j ̸=i

∫ ∞

−∞
dkθ̌ e−

1
2mF̌ ′

s,jj θ̌
2
j

+

k∑
i=1

F̌ ′
s,ii

∑
j ̸=i

(mF̌ ′
s,jj − F̌f,jj)

∏
l∈{i,j}

∫ ∞

−∞
dθ̌l e

− 1
2mF̌ ′

s,llθ̌
2
l · θ̌2l

∏
h ̸∈{i,j}

∫ ∞

−∞
dθ̌h e

− 1
2mF̌ ′

s,hhθ̌
2
h ,
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where in the third line terms relating to the off-diagonal elements of F̌f drop out since integrands of those terms are odd
functions. In the last step, we split the sum into an i = j part (first line) and a i ̸= j part (second line) for the θ̌2i θ̌2j factor
in the integrand. Along with (78) we require the following well-known identity∫ ∞

−∞
dx x4e−ax2

=
3

4

√
π

a5
. (87)

Then we have that

I =

k∑
i=1

(m(F̌ ′
s,ii)

2 − F̌ ′
s,iiF̌f,ii)

3

4

√
π

( 12mF̌
′
s,ii)

5

∏
j ̸=i

√
π

1
2mF̌

′
s,jj

+

k∑
i=1

F̌ ′
s,ii

∑
j ̸=i

(mF̌ ′
s,jj − F̌f,jj)

∏
l∈{i,j}

√
2π

(mF̌ ′
s,ll)

3

∏
h̸∈{i,j}

√
π

1
2mF̌

′
s,hh

= 3m− k+4
2

k∑
i=1

(m(F̌ ′
s,ii)

2 − F̌ ′
s,iiF̌f,ii)(F̌

′
s,ii)

−2
k∏

j=1

√
2π

F̌ ′
s,jj

+m− k+4
2

k∑
i=1

F̌ ′
s,ii

∑
j ̸=i

(mF̌ ′
s,jj − F̌f,jj)

∏
l∈{i,j}

(F̌ ′
s,ll)

−1
k∏

h=1

√
2π

F̌ ′
s,hh

= 3m− k+4
2

√
(2π)k

|F̌′
s|

k∑
i=1

(
m− F̌f,ii

F̌ ′
s,ii

)
+m− k+4

2

√
(2π)k

|F̌′
s|

k∑
i=1

∑
j ̸=i

(
m− F̌f,jj

F̌ ′
s,jj

)

= m− k+4
2

√
(2π)k

|F̌′
s|

2 k∑
i=1

(
m− F̌f,ii

F̌ ′
s,ii

)
+ k

k∑
j=1

(
m− F̌f,jj

F̌ ′
s,jj

)
= m− k+4

2

√
(2π)k

|F̌′
s|

[
(2 + k)

(
km−

k∑
i=1

F̌f,ii

F̌ ′
s,ii

)]
. (88)

Substituting (85), (86), and (88) into (84), we have

d

dm
DJ(pf || ps) = CC ′

√
(2π)k

|Ff |

k∑
i=1

D−1
f,ijF

′
s,jlDf,li

D−1
f,ijFf,jlDf,li

− Cmk/2km− k+4
2

√
(2π)k

|F′
s|

([
1 + k

2

]
m− 1

2

k∑
i=1

D−1
s,ijFf,jlDs,li

D−1
s,ijF

′
s,jlDs,li

)

+ 1
2Cm

k/2m− k+4
2

√
(2π)k

|F̌′
s|

[
(2 + k)

(
km−

k∑
i=1

F̌f,ii

F̌ ′
s,ii

)]

= C

√
(2π)k

|F′
s|

{
k∑

i=1

D−1
f,ijF

′
s,jlDf,li

D−1
f,ijFf,jlDf,li

− km−2

([
1 + k

2

]
m− 1

2

k∑
i=1

D−1
s,ijFf,jlDs,li

D−1
s,ijF

′
s,jlDs,li

)

+m−2

[
(1 + k

2 )

(
km−

k∑
i=1

F̌f,ii

F̌ ′
s,ii

)]}

= 1
2

[
k∑

i=1

D−1
f,ijF

′
s,jlDf,li

D−1
f,ijFf,jlDf,li

−m−2
k∑

i=1

D−1
s,ijFf,jlDs,li

D−1
s,ijF

′
s,jlDs,li

]
.

We want them = mJ such that this derivative vanishes, so finally we see that the factor minimising the Jeffreys’ divergence
is given by:

mJ =

√√√√ k∑
i=1

D−1
s,ijFf,jlDs,li

D−1
s,ijF

′
s,jlDs,li

/
k∑

i=1

D−1
f,ijF

′
s,jlDf,li

D−1
f,ijFf,jlDf,li

, (89)

where recall that Ds diagonalises F′
s and Df diagonalises Ff . This is similar tomKL in form but clearly balanced between

the distributions.
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Appendix C Numerical Marginalisation of Phase in Time-Domain
For the latter problem, we can remove uninteresting (or nuisance) parameters from the parameter space by marginalisation.
The coalescence phase is one such parameter. The phase marginalised probability is given by

p′(θ′ |d) =
∫ 2π

0

dϕc p(θ |d) =
∫ 2π

0

dϕc
p(θ) p(d |θ)

p(d)
, (90)

where θ′ is the tuple of parameters excluding the coalescence phase, ϕc. If the prior on ϕc is (2π)−1, then the prior on θ
can be written

p(θ) =
p′(θ′)

2π
,

where p′(θ′) is the prior on θ′. Thus

p′(θ′ |d) = p′(θ′)

p(d)

∫ 2π

0

dϕc
p(d |θ)
2π

. (91)

Therefore, one can obtain the marginal probability simply by substituting a marginalised likelihood. Now since we can
write the waveform in the form h(t) = A(t) cos(ϕ(t) + ϕc), then from equations (2) and (3), we have that

p(d |θ) =
[
(2π)N det(C)

]−1/2
exp

[
− 1

2

(
d− h(θ)

)T

C−1
(
d− h(θ)

)]
=
[
(2π)N det(C)

]−1/2
exp

[
− 1

2

(
d−A cos(ϕ′ + ϕc)

)T

C−1
(
d−A cos(ϕ′ + ϕc)

]
,

where ϕ′ = ϕ′(θ′). By trigonometric identities, we have(
d− h(θ)

)T

C−1
(
d− h(θ)

)
=
(
d−A cos(ϕ′) cos(ϕc) +A sin(ϕ′) sin(ϕc)

)T

×C−1
(
d−A cos(ϕ′) cos(ϕc) +A sin(ϕ′) sin(ϕc)

)
= A cos2(ϕc) +B cos(ϕc) sin(ϕc) + C cos(ϕc)

+D sin2(ϕc) + E sin(ϕc) + F ,

where
A =

(
A cos(ϕ′)

)T

C−1A cos(ϕ′)

B = −2
(
A cos(ϕ′)

)T

C−1A sin(ϕ′)

C = −2dTC−1A cos(ϕ′)

D =
(
A sin(ϕ′)

)T

C−1A sin(ϕ′)

E = 2dTC−1A sin(ϕ′)

F = dTC−1d .

Then the marginalised likelihood is∫ 2π

0

dϕc
p(d |θ)
2π

=

∫ 2π

0

dϕc
e−

1
2 (A cos2(ϕc)+B cos(ϕc) sin(ϕc)+C cos(ϕc)+D sin2(ϕc)+E sin(ϕc)+F)

2π [(2π)N det(C)]
1/2

. (92)

There does not appear to be a straightforward method to obtain a closed form expression of this integral, but a numerical
integration can be achieved easily and performed very cheaply, as we shall show. The computationally expensive part is
in evaluating ϕ′. There is a moderately expensive operation in computing inner products in the definition of the constants
(given some θ′) A to F . However, notice that all the constants are easily computed by various inner products of the
vectors C(−1/2)d, C(−1/2)A sin(ϕ′), and C(−1/2)A cos(ϕ′), so only these three matrix operations are required, and the
downsampling significantly reduces the cost of these matrix operations. For many likelihood evaluations, store the sines
and cosines (and their squares) of a range of ϕc values in memory so as not to reevaluate them on each likelihood function
call.

One can now approximate the integral by a discrete sum. We tested numerically ‘pre-marginalised’ posteriors against
‘post-marginalised’ posteriors (that is, we acquired the full posterior from the non-marginalised model, and marginalised
this) and found that the number of terms in the sum must be decreased to around 20 before the approximation begins to
fail. The likelihood evaluation time only begins to increase noticeably (by a few percent) when the number of terms in
the sum reaches around 104. We used 103 terms, giving an accurate marginalised likelihood with negligible likelihood
evaluation time increase. The PE convergence time, however, with the phase parameter removed, is significantly decreased
by a factor of around three.
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Appendix D Downsampling visualisation with corner plots
Figure 4 shows convergence of (representatives of) posteriors as the number of time domain datapoints is increased.

Figure 4: Downsampled posteriors of the fiducial system with ∆f/fmax = 0.9, Nf = 106 (see Section 4.4.1 and Table 1). The posteriors converge
as the number of samples is increased. Selected posteriors have been included to prevent a congested plot. There is almost no discernible difference
between corner plots with Ns ≥ 256. As Ns decreases, we can clearly see the posterior ‘breaks down’, the few samples remaining being unable to
constrain the parameters in the same way as the higher Ns posteriors.
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