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Abstract—This article presents a Non-negative Tensor Factor-
ization based method for sound source separation from Am-
bisonic microphone signals. The proposed method enables the
use of prior knowledge about the Directions-of-Arrival (DOAs)
of the sources, incorporated through a constraint on the Spatial
Covariance Matrix (SCM) within a Maximum a Posteriori
(MAP) framework. Specifically, this article presents a detailed
derivation of four algorithms that are based on two types of
cost functions, namely the squared Euclidean distance and the
Itakura-Saito divergence, which are then combined with two
prior probability distributions on the SCM, that is the Wishart
and the Inverse Wishart. The experimental evaluation of the
baseline Maximum Likelihood (ML) and the proposed MAP
methods is primarily based on first-order Ambisonic recordings,
using four different source signal datasets, three with musical
pieces and one containing speech utterances. We consider under-
determined, determined, as well as over-determined scenarios
by separating two, four and six sound sources, respectively.
Furthermore, we evaluate the proposed algorithms for different
spherical harmonic orders and at different reverberation time
levels, as well as in non-ideal prior knowledge conditions, for
increasingly more corrupted DOAs. Overall, in comparison with
beamforming and a state-of-the-art separation technique, as well
as the baseline ML methods, the proposed MAP approach offers
superior separation performance in a variety of scenarios, as
shown by the analysis of the experimental evaluation results, in
terms of the standard objective separation measures, such as the
SDR, ISR, SIR and SAR.

Index Terms—source separation, non-negative tensor factor-
ization, ambisonics, spherical harmonics, localization prior

I. INTRODUCTION

The field of spatial sound processing has recently been greatly
influenced by the Ambisonic technology, owing to its use-
ful qualities, which often make it the preferred choice for
audio recording and reconstruction [1], [2]. In particular,
the recording procedure based on the Spherical Harmonic
(SH) decomposition enables uniform coverage of the entire
sound scene, which makes Ambisonics very well suited for
spatial audio in general. Moreover, since the knowledge about
the composition of the sound field is acquired, rather than
the specific values of sound pressure in a fixed microphone
setup, the Ambisonic technology also enables to conveniently
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decouple the recording and reconstruction stages. This quality
is useful with respect to easily-scalable and versatile immer-
sive audio playback systems, because the decoder can be
straightforwardly determined for various loudspeaker setups.
As a result, the interest in the Ambisonic audio format for 360
audio-video, augmented and virtual reality [3], has attracted
the attention of many researchers.

The classical Ambisonic linear decoding suffers from low-
order limitations, arising as a consequence of an insufficient
spatial resolution, which may cause a notable degradation in
perceived sound quality [4]–[7]. This has led to the formula-
tion of alternative, more advanced, signal-dependent methods
that involve parametric representation of the sound field [8],
such as Directional Audio Coding (DirAC) [9] and Higher-
Order Directional Audio Coding (HO-DirAC) [10], High An-
gular Resolution Planewave Expansion (HARPEX) [11] or
COding and Multidirectional Parameterization of Ambisonic
Sound Scenes (COMPASS) [12]. Depending on the adopted
model, these signal-dependent methods describe the sound
field with various parameters, which need to be estimated
from the Spherical Harmonic Domain (SHD) signals and are
later utilized during the reconstruction stage. Among different
parameters, the source power spectral densities and the indi-
vidual source signals are of key importance, since the accuracy
of their estimation determines the level of audio quality and
control over the reproduction of the spatial sound scene. One
other important parameter, which often appears in the context
of spatial sound and its reproduction, are the Directions of
Arrival (DOAs) associated with the positions of sound sources
relative to the array position.

Apart from the classical methods, such as fixed and adaptive
spatial filtering [13], [14], an effort in terms of the methods
for sound source separation in the SHD has already been
observed. This includes the deep learning based approaches
[15]–[18], the Non-negative Tensor Factorization (NTF) based
methods [19]–[22], and many other [23]–[26]. While it is well
established in the literature that the prior DOA knowledge
can be utilized to substantially raise the quality of source
separation [27]–[30], only a limited literature concerns the
usage of prior DOA information in the SHD for sound source
separation[15], [31], [32].

Concerning methods that operate directly on the microphone
signals, rather than in the SHD, there exist a multitude of
approaches to sound source separation [33]–[35] and some
of them incorporate prior localization knowledge [28], [30].
While these methods could potentially be applied directly
to the raw microphone signals, as opposed to the encoded
Ambisonic recordings, the existing research indicates that
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an enhanced performance can be achieved by performing
separation in the SHD [21]. Moreover, direct application of the
sound source separation methods, formulated for the classical
microphone arrays, is only possible if these methods do not
assume prior knowledge about the microphone array, they
are not direction-aware, i.e. the form of the steering vector
is unknown. Unfortunately, in the case of the prior DoA
incorporating methods, the steering vectors must be defined
explicitly. While in the classical array setup, the steering vector
is defined as a phase shift between the microphones, the
Ambisonic signals are not characterized by a phase shift. This
prevents the direct usage of the already existing prior DoA
incorporating methods with the Ambisonic signals, unless they
are explicitly adapted to the SHD. On the other hand, the
methods formulated for the classical microphone arrays have
to adopt frequency-dependent steering vectors, as opposed to
the case of Ambisonic signals. By utilization this frequency-
independence, broadband estimation is seamlessly enabled,
owing to the fact that the Ambisonic SCMs can be averaged
over frequency bands. This can often result in an enhanced
performance, while at the same time enabling significant
computational speedup, because the update equations for the
spatial components can be calculated once, as opposed to
calculating them independently per each frequency band. This,
connected with the so far limited interest in incorporation
of prior DoA information for Ambisonic source separation,
constitutes the motivation underlying this research.

In this work, we develop on our conference publication
[32], in which we presented an extension of an NTF-based
algorithm from [22]. In its basic form, this algorithm employs
a Parallel Factor Analysis (PARAFAC) NTF for the source
spectrogram estimation [36], while the spatial information is
encoded through a SHD Spatial Covariance Matrix (SCM)
model. Within this SCM model, the individual source SCMs
are approximated as a weighted sum of SH DOA kernels,
which results in an additional NTF parameter, referred to as a
spatial selector.

In this article, we rewrite the baseline, originally formu-
lated as a Maximum Likelihood (ML) problem, using the
Maximum a Posteriori (MAP) framework, such that the prior
DOA knowledge is incorporated through a prior probabil-
ity distribution on the SCM, which guides the estimation
of the spatial properties. We present a detailed derivation
including two cost functions, namely the squared Euclidean
distance and the Itakura-Saito divergence, and we combine
them with two prior probability distributions on SCM, namely
the Wishart and the Inverse Wishart. Altogether, we introduce
and evaluate four new MAP variants of the baseline algo-
rithm and a new MAP→ML algorithm that is a sequential
combination of the proposed MAP and the baseline ML
solutions. The experimental evaluation is primarily based on
first-order Ambisonic recordings. To account for the variety
of source signals encountered in real-life applications, we
generate four different datasets, three of which include musical
pieces and one containing speech utterances. We consider the
cases of two, four and six sound sources, since this enables
the investigation of the performance in over-determined, de-
termined, and under-determined scenarios, when using first-

order Ambisonics, derived from 4 SH signals. Furthermore,
we evaluate the proposed algorithms for different spherical
harmonic orders and at different reverberation time levels. Fi-
nally, we evaluate the proposed algorithms for an increasingly
more corrupted DOAs and we propose a combined MAP→ML
solution to overcome the deterioration observed in separation
performance. The objective evaluation is based on measures
widely used for source separation, namely the Signal-to-
Distortion-Ratio, Image-to-Spatial-Distortion-Ratio, Signal-to-
Interference-Ratio and Signal-to-Artifacts-Ratio [37]. The re-
sults of experimental evaluation clearly indicate the advan-
tages and the overall superior separation performance of the
proposed MAP solutions, with respect to the baseline ML
approaches.

Overall, the novelties reported in this article include two
spatial localization priors formulated for the Ambisonic SCM
model, namely the Wishart and the Inverse Wishart, and
their application to the likelihood cost functions based on the
squared Euclidean distance and the Itakura-Saito divergence.
As a result, five novel MAP algorithms for source separation in
the spherical harmonic domain are introduced, four of which
are obtained as a combination of the proposed localization
priors with the considered cost functions, while the additional
fifth algorithm is a MAP→ML combination of one of the
proposed MAP solutions and the baseline ML. For all of
the introduced algorithms we include a detailed derivation
of the update equations. Note that one of the presented
algorithms, namely the spatial localization prior with Wishart
distribution applied to the Euclidean squared distance, was
preliminary presented in our conference paper [32], in which
the normalization factor introduced herein was not included
in the updates and only a limited experimental evaluation was
performed. In the present journal article, however, we perform
an in-depth experimental evaluation of all five new algorithms,
followed by an extensive discussion of the results and their
impact on practical applications.

II. SPHERICAL HARMONIC DOMAIN

Ambisonic signals are tyically obtained via the spheri-
cal Fourier transform of the recordings made using multi-
microphone spherical setups, which in general enable to
obtain spherical harmonics of high orders. For the first-order
Ambisonics, four directional microphones can alternatively be
used [1]. Since in this work we address the general problem
of source separation in the SHD of any order, we include
the description of the more general higher-order Ambisonic
procedure which involves the spherical Fourier transform.
Note however, that regardless of the way the Ambisonic
signals are obtained, our method and derivations are valid.

Let us consider an array consisting of i = 1, . . . , I omnidi-
rectional microphones arranged on a sphere with radius r. The
origin of the coordinate system is located in the geometrical
center of the array, while the colatitude and the azimuth angles
associated with the placement of the sensors are, respectively,
denoted by θi ∈ [0, π) and ϕi ∈ [0, 2π), with the colatitude
equal to 0 and 2π, respectively, at the north and south poles.
For a given frequency f, corresponding to the wave number
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κ = 2πf/c, where c is the sound wave velocity, the acoustic
pressure captured by the microphones P (κ, t, r, ϕi, θi) at time
frame t = 1, . . . , T and its SHD representation Pm

n (κ, t, r)
can be determined given the approximation of the spherical
Fourier transform and its inverse as [14]

Pm
n (κ, t, r) =

I∑
i

αiP (κ, t, r, θi, ϕi)Y
m
n (θi, ϕi) , (1)

P (κ, t, r, θi, ϕi) =

N∑
n=0

n∑
m=−n

Pm
n (κ, t, r)Y m

n (θi, ϕi) , (2)

where the weights αi are introduced to support the approx-
imated equality, while their values depend on the adopted
spatial sampling scheme [38]. The truncation order, or the
upper boundary of approximation, is given by n = 0, . . . , N,
which results in l = 1, . . . , L = (N + 1)

2 SH signals, while
the number of microphones required to obtain the desired order
depends on the adopted spatial sampling scheme [13], [38].
Concerning Ambisonics, the real-valued spherical harmonic
Y m
n of order n and degree m is defined as

Y m
n (θ, ϕ) =

√
[(n− |m|)!]−1 (2n+ 1) (n+ |m|)!

P |m|
n

(
sin (θ)

)
ym (ϕ) , (3)

ym (ϕ) =


√
2 sin (|m|ϕ) , m < 0

1, m = 0√
2 cos (mϕ) , m > 0

, (4)

[39] (Sec. 6.2, page 144), where n ≥ |m| and P |m|
n (·) is the

associated Legendre polynomial [14] (Sec. B3, page 216).
Assuming static point sources, the sound pressure on the

surface of a spherical microphone array can be expressed in
the SHD in the following matrix form

pft = BfYsft, (5)

where f = 1, . . . , F denotes the frequency
indices. Omitting r for brevity, the SH signals
are arranged in a vector according to pft =[
P 0
0 (κ, t) , P−1

1 (κ, t) , P 0
1 (κ, t) , P 1

1 (κ, t) , . . . , PN
N (κ, t)

]T ∈
CL×1, while sft = [S1ft, . . . , SJft]

T ∈ CJ×1 is the vector
with complex-valued elements of source signal spectra,
where j = 1, . . . , J denotes the number of sound sources.
In (5), the modal matrix Bf ∈ CL×L is given by a diagonal
matrix Bf = diag ([b0 (κr) , b1 (κr) , b1 (κr) , . . . bN (κr)]) ,
where the radial coefficients bn (κr) , which lie on the
main diagonal, depend on array configuration, since they
model the microphone array frequency response. In cases of
commonly used geometries, there exist analytical expressions
for the radial coefficients, e.g. for open and rigid sphere
configurations [14]. The steering matrix Y ∈ RL×J is
composed of J steering vectors yj ∈ RL×1 that point towards

the directions associated with the positions of sound sources,
as given by

Y (Ω) =



Y 0
0 (ϑ1, φ1) . . . Y 0

0 (ϑJ , φJ)
Y −1
1 (ϑ1, φ1) . . . Y −1

1 (ϑJ , φJ)
Y 0
1 (ϑ1, φ1) . . . Y 0

1 (ϑJ , φJ)
Y 1
1 (ϑ1, φ1) {. . . Y 1

1 (ϑJ , φJ)
...

. . .
...

Y N
N (ϑ1, φ1) . . . Y N

N (ϑJ , φJ)


, (6)

where Ω = {(ϑ1, φ1) , . . . , (ϑJ , φJ)} is a set of colatitude ϑj

and azimuth φj angles, expressing jointly the DOA of the j-th
sound source.

For further processing, the frequency- and angle-dependent
components are often decoupled by multiplying (5) by B−1

f

from the left side, arriving at the SH plane wave signal model

aft = Ysft, (7)

where aft = B−1
f pft and aft ∈ CL×1.

Assuming statistical independence between source signals,
which imposes zero mutual cross-correlation, the microphone
covariance matrix for the SH plane wave signal model (7)
is expressed as a sum of contributions from individual sound
sources, as

Rft = E
{
afta

H
ft

}
= E

{
Ysfts

H
ftY

T
}
=

J∑
j

Vjftyjy
T
j ,

(8)
where E {·} is the expectation operator, Vjft = SjftS

∗
jft ∈ R

denotes the signal variance for the j-th source, (·)H denotes
the Hermitian conjugate transpose and (·)∗ is the complex
conjugate operation.

III. AMBISONIC NTF WITH SPATIAL COVARIANCE MATRIX
MODEL

Since the covariance matrix of the microphone signals is
a source of both spectral and spatial information, it com-
monly appears in context of multichannel audio analysis.
For instance, in [22] the microphone covariance matrix is
expressed using the Non-negative Tensor Factorization with
a Spatial Covariance Matrix model, for source separation with
Ambisonic signals.

The SH microphone covariance matrix Rft is approximated
by J source variances V̂jft ∈ R and their corresponding SCMs
Ξ̂j ∈ RL×L as given by

Rft ≈ R̂ft =

J∑
j

R̂jft =

J∑
j

V̂jftΞ̂j . (9)

Further, the source variances are subject to the NTF, which
decomposes them into a set of representative spectral patterns
and the corresponding activation weights. In the context of
audio, the spectral patterns can be thought of as single notes or
phoneme-like speech fragments, although without any explicit
conditioning there is no guarantee as to their actual content. On
the other hand, the time activation weights contain information
concerning the spectral patterns occurrences, meaning time
and intensity of their observation. For more details on the
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general application of NTF to audio source separation please
refer to [40]. In this work, we adopt the following Parallel
Factor Analysis [36] model, proven effective for sound source
separation [22], [40], given as

V̂jft =

K∑
k

QjkWfkHtk, (10)

where, Wfk contains the spectral patterns, Qjk maps them to
sound sources and Htk consists of the time activation weights,
while K denotes an arbitrary number of components.

Considering sound source separation under reverberant con-
ditions, the rank-1 covariance model R̂jft of (8) based on a
single anechoic steering vector would not be suitable to accu-
rately represent such a complex sound field [35]. Therefore, to
handle reverberant conditions, the SCMs are expressed using
multiple SH DOA kernels Σd, weighted with the so-called
spatial selector Zjd, as

Ξ̂j =

D∑
d

ZjdΣd. (11)

The direction-dependent kernels Σd ∈ RL×L are fixed and
need to be defined for a sufficiently high number of discrete
directions d = 1, . . . , D distributed uniformly on a spherical
manifold, where the minimum number of directions depends
on the adopted spatial sampling scheme [38]. Additionally, in
order to remove the ambiguity between the source- and the
direction-dependent magnitudes, the spatial selector needs to
be constrained, such that

∑D
d Zjd = 1. For further information

concerning the NTF indeterminacies, kindly refer to [41].
By substituting (10) and (11) into (9), the final model of

the SHD microphone covariance matrix is obtained as

R̂ft =

J∑
j

K∑
k

QjkWfkHtk

D∑
d

ZjdΣd, (12)

where Θ = {Qjk,Wfk, Htk, Zjd} forms a set of parameters
to be estimated.

IV. MAXIMUM LIKELIHOOD PROBABILISTIC MODELS

Parameters Θ = {Qjk,Wfk, Htk, Zjd} can be estimated by
optimization of a suitable likelihood function. In this work, we
investigate two probabilistic models, which are associated with
the most commonly utilized cost functions for the NTF based
source separation [42], [43], namely the Squared Euclidean
distance and the Itakura-Saito divergence. The State-of-the-art
(SOTA) Maximum Likelihood based algorithms formulated in
the SHD, such as [20], [22], [23], are commonly based on
these two types of the cost functions.

A. Squared Euclidean distance

Since the squared Euclidean distance (EU) is a scale-sensitive
cost function [43], it is often preferred to model the magnitude
spectrogram rather than the power spectrogram, as the influ-
ence of certain observations might be unnecessarily enhanced
[42]. Therefore, similarly to [19], [22], [32], [42], we compress
the magnitude of the observed microphone signals according

to ãft = |aft|−1/2 ⊙ aft, where |·|−1/2 denotes the entry-
wise inverse of the square root of the magnitude, while ⊙ is
the Hadamard product. With the empirical Ambisonic signal
covariance matrix determined by

R̃ft = E
{
ãftã

H
ft

}
, (13)

the values on its main diagonal contain the magnitude spec-
trum of the observed mixtures.

Assuming independence of individual observations, the fol-
lowing conditional probabilistic model can be adopted [42]

pEU

(
Θ
∣∣∣R̃ft

)
=

∏
Nc

([
R̂ft

]
l1l2

∣∣∣[R̃ft

]
l1l2

, σ2
EU

)
, (14)

where Nc denotes the complex Gaussian distribution, [·]l1l2
denotes the entry-wise matrix indexing and σ2

EU is the variance
of the complex Gaussian distribution. Please note, that when-
ever we use a product

∏
or summation

∑
symbols without

explicitly specifying their ranges, it should be acknowledged
that the respective operation is performed over all possible
indices, such that a scalar value is produced. Additionally,
explicit dependencies on the set of parameters Θ were omitted
throughout the text to increase readability. The negative log-
likelihood for the model given by (14) has the form of the
squared Euclidean distance

− log
(
pEU

(
Θ
∣∣∣R̃ft

))
c
=(

πσ2
EU

)−1 ∑
tr
(
R̂ftR̂

H
ft

)
− 2tr

(
R̂ftR̃

H
ft

)
, (15)

where c
= denotes an equality up to a constant, allowing us

to omit the additive elements that remain fixed throughout
the estimation and therefore do not impact the final esti-
mates. This includes terms dependent solely on empirical
covariance matrices or distribution parameters, that would
otherwise disappear during differentiation. Optimization of the
negative log-likelihood (15) with respect to model parameters
Θ enables to estimate them in a ML sense. Note that in (15)
the conjugate transpose operator (·)H is included for the sake
of completeness. However, in further derivations, whenever
possible, we omit it for brevity, as it is not necessary when
dealing with Hermitian matrices, such as is the case in the
considered equations.

One of the major advantages of the squared Euclidean
distance is that the parameter update equations derived using
the EU do not require a L × L matrix inversion at each
time-frequency bin, as will be presented in further parts of
this article. This is in contrast to the Itakura-Saito divergence
in which a L × L matrix inversion at each time-frequency
bin is necessary. The computational advantage of the squared
Euclidean distance makes the EU well suited for Ambisonic
applications, as the number of channels quickly grows with
an increasing SH order, such that the dimensions of the SHD
microphone covariance matrices are given by 4×4 for N = 1,
9 × 9 for N = 2, 16 × 16 for N = 3, 25 × 25 for N = 4,
respectively.

B. Itakura-Saito divergence
Unlike the Squared Euclidean distance, the Itakura-Saito di-
vergence (IS) is not scale-sensitive [43], therefore the empir-
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ical microphone covariance matrix is determined as Rft =
E{aftaHft}, without the magnitude compression.

Again, assuming independence of individual observations,
we can adopt the conditional probabilistic model given by [42]

pIS

(
Θ
∣∣∣Rft

)
=∏
Nc

(
aft

∣∣∣0, R̂ft

) [
Nc

(
aft

∣∣∣0,Rft

)]−1

, (16)

which leads to the corresponding negative log-likelihood

− log
(
pIS

(
Θ
∣∣∣Rft

))
c
=

∑
tr
(
RftR̂

−1
ft

)
+ log

∣∣∣R̂ft

∣∣∣ .
(17)

Although the IS is regarded as superior over the EU in
classical NTF literature [42], [43], the applicability of the
IS to Ambisonic signals has so far been rather limited due
to its aforementioned computational properties related to the
occurrence of a matrix inverse in (17). As will be presented in
further parts of this article, within the update equations derived
using the IS, an inversion of a LxL matrix is necessary in
each time-frequency bin, making it less suitable for practical
applications involving high-order spherical harmonics. While
literature notes the attempts to overcome this issue, e.g. by
exploiting the Cholesky decomposition and proposing a par-
allel multi-architecture driver [44] or by joint diagonalization
of the SCMs [33], in this work we consider the IS in its basic
form for simplicity, whereas application of the acceleration
techniques into our methods is left for future work.

V. LOCALIZATION PRIORS

In this article, we propose to incorporate the DOA information,
associated with the position of a sound source, for the benefit
of the aforementioned NTF based algorithm, through the SCM.
In order to constrain the SCM estimation, in later sections
we reintroduce the problem within the MAP framework, by
defining a suitable probabilistic prior distribution for the SCM.
In order to account for room reverberation, we employ two
distributions presented in [28], [29], which are consistent
with the theory of statistical room acoustics [27], namely
the Wishart and the Inverse Wishart. While the formulation
of the spatial localization prior with Wishart distribution in
Sec. V-A has already been preliminary shown in [32], the
formulation of the spatial localization prior with the Inverse
Wishart distribution in Sec. V-B is presented for the first time.

A. Wishart localization prior

First, we define the prior probability pW (Θ) , using the
Wishart distribution [45]

pW (Θ) =
∏
W

(
Ξ̂j

∣∣∣ΨW
j , ν

)
=

∏ ∣∣∣ΨW
j

∣∣∣−ν∣∣∣Ξ̂j

∣∣∣ν−L

e
−tr

(
[ΨW

j ]
−1

Ξ̂j

)
πL(L−1)/2

∏L
l Γ (ν − l + 1)

, (18)

where ΨW
j ∈ RL×L is a Wishart scale matrix, ν ∈ R stands

for the degrees of freedom and Γ(·) is the gamma function.
The hyper-parameter ν allows to control the acceptable devi-
ation from the mean, while the density, its mean and variance

are finite for ν > L− 1, ν > L, and ν > L+ 1, respectively.
Note that ν does not necessarily have to be an integer value.
With the above, the negative log-prior is given by

− log (pW (Θ))
c
=∑

tr
([

ΨW
j

]−1
Ξ̂j

)
+ (L− ν) log

∣∣∣Ξ̂j

∣∣∣. (19)

Considering that the mean of the Wishart distribution is
equal to νΨW

j , we set the scale matrix to be ΨW
j =

1
ν

(
yjy

H
j + ϵI

)
, based on the steering vectors for the known

DOAs yj , the relative strength of the diffuse component ϵ and
the diffuse component SH covariance matrix, which is simply
an identity matrix I. However, we model different quanti-
ties within the two considered cost functions, i.e. magnitude
vs. power spectrograms, in cases of the Squared Euclidean
distance and the Itakura-Saito divergence, respectively. In
consequence, the diffuse component strength, and therefore the
Wishart scale matrix, are defined differently for the Squared
Euclidean distance and the Itakura-Saito divergence, as respec-
tively given by

ΨW
j

-EU
=

1

ν
ΦEU

j =
1

ν

(
yjy

H
j + ϵEUI

)
, (20)

and
ΨW

j

-IS
=

1

ν
ΦIS

j =
1

ν

(
yjy

H
j + ϵISI

)
. (21)

In the remaining parts of this work, we refer to the incor-
poration of prior localization knowledge through the Wishart
distribution as Wishart Localization Prior (WLP).

B. Inverse Wishart localization prior

In case of the Inverse Wishart distribution [45], the prior
probability pIW (Θ) takes the following form

pIW (Θ) =
∏
IW

(
Ξ̂j

∣∣∣ΨIW
j , ν

)
=

∏ ∣∣∣ΨIW
j

∣∣∣ν∣∣∣Ξ̂j

∣∣∣−(L+ν)

e−tr(ΨIW
j Ξ̂−1

j )

πL(L−1)/2
∏L

l Γ (ν − l + 1)
, (22)

which results in the corresponding negative log-prior

− log (pIW (Θ))
c
=∑
tr
(
ΨIW

j Ξ̂−1
j

)
+ (L+ ν) log

∣∣∣Ξ̂j

∣∣∣. (23)

Since the mean of the Inverse Wishart distribution is equal
to (ν − L)

−1
ΨIW

j , the scale matrices ΨIW
j for the Squared

Euclidean distance and the Itakura-Saito divergence are re-
spectively given by

ΨIW
j

-EU
= (ν − L)Φ-EU

j , (24)

and
ΨIW

j

-IS
= (ν − L)Φ-IS

j . (25)

Hereafter, we refer to the incorporation of prior localization
knowledge through the Inverse Wishart distribution as Inverse
Wishart Localization Prior (IWLP).
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VI. MAXIMUM A POSTERIORI PROBABILISTIC MODELS

According to the Bayes rule, the ML estimation can be refor-
mulated as a MAP problem, by multiplying the likelihood with
the prior probability and disregarding the marginal probability
by treating it as a constant [40]. In this article, we propose
the following four Maximum a Posteriori probabilistic models
which are obtained by combining the two considered cost
functions, namely the Squared Euclidean distance and the
Itakura-Saito divergence, and the two considered localization
priors, namely the Wishart and the Inverse Wishart distribu-
tions. The presented models include the posterior probabilities
for the squared Euclidean distance with Wishart Localization
Prior and Inverse Wishart Localization Prior, respectively,

pEU-W

(
R̃ft

∣∣∣Θ)
c
=

∏
pEU

(
Θ
∣∣∣R̃ft

)1/(FT )

pW (Θ) , (26)

pEU-IW

(
R̃ft

∣∣∣Θ)
c
=

∏
pEU

(
Θ
∣∣∣R̃ft

)1/(FT )

pIW (Θ) , (27)

and the Itakura-Saito divergence with Wishart Localization
Prior and Inverse Wishart Localization Prior, respectively,

pIS-W

(
Rft

∣∣∣Θ)
c
=

∏
pIS

(
Θ
∣∣∣Rft

)1/(FT )

pW (Θ) , (28)

pIS-IW

(
Rft

∣∣∣Θ)
c
=

∏
pIS

(
Θ
∣∣∣Rft

)1/(FT )

pIW (Θ) . (29)

In order to assure a constant magnitude of prior influence
with respect to the number of time-frequency bins, which
translates to independence from the sampling rate and the
recording length, posteriors (26) - (29) are normalized by
factor 1/ (FT ) , which is equivalent to taking their geometric
mean. The estimation based on model (26) was first introduced
in [32], however it did not involve the presented normalization,
while models (27) - (29) constitute novel contributions.

VII. DERIVATION OF UPDATE EQUATIONS WITH SQUARED
EUCLIDEAN DISTANCE

The update equations are derived by minimization of the
appropriate negative log-likelihood or negative log-posterior,
respectively, in the case of ML or MAP estimation. Similarly
to [42], in this work, we follow the majorization scheme
[46], [47] where a complex problem is simplified by defining
suitable latent components and a corresponding auxiliary func-
tion. Provided that certain conditions are met, this approach
enables an indirect optimization of the original function. In this
section, we derive the final update equations for the presented
algorithms based on the squared Euclidean distance cost
function, in case of ML and MAP estimation with the Wishart
and Inverse Wishart Localization Priors. The update equations
for the existing ML based algorithm [22] are presented in Sec.
VII-A, while both MAP algorithms are derived in Secs. VII-B
and VII-C. Note that as previously mentioned, parts of VII-B
were presented in [32].

A. Maximum likelihood

To apply the majorization scheme to the negative log-
likelihood of (15), we define the following latent components,
with the corresponding auxiliary function

Cjftkd = R̂−1
ft QjkWfkHtkZjdΣd, (30)

LEU =
(
πσ2

EU

)−1 ∑
Q2

jkW
2
fkH

2
tkZ

2
jdtr

(
ΣdC

−1
jftkdΣd

)
− 2QjkWfkHtkZjdtr

(
R̃ftΣd

)
, (31)

respectively, such that
∑J,K,D

j,k,d Cjftkd = I, while Cjftkd is
a Hermitian positive definite matrix [42]. By following the
proof presented in [42], it can be shown that minimization of
the auxiliary function (31) leads to an indirect minimization
of the negative log-likelihood (15).

The iterative update equations are derived by differentiation
of the auxiliary function (31) with respect to the model
parameters Θ, such that the latent components (30) are con-
sidered to be fixed. The resulting derivative is subject to the
Multiplicative Update (MU) rule [48], which is generalized by
the following equation

λ←− λ
[∇λf (λ)]−
[∇λf (λ)]+

, (32)

where the updated value of a parameter λ is calculated by
multiplying its current value with the ratio of the absolute
value of the negative to positive part of the gradient of a
function f (λ). This form of update has the property, that once
initialized with positive values, the estimated parameters retain
their non-negativity [48].

The partial derivative of the auxiliary function (31) with
respect to Zjd takes the form of

∂LEU

∂Zjd
=

2

πσ2
EU

F,T,K∑
f,t,k

Q2
jkW

2
fkH

2
tkZjdtr

(
ΣdC

−1
jftkdΣd

)
−QjkWfkHtktr

(
R̃ftΣd

)
, (33)

while (33) subject to the MU rule (32) results in the spatial
selector update equation as given by

Zjd ←− Zjd

∑F,T
f,t V̂jfttr

(
R̃ftΣd

)
∑F,T

f,t V̂jfttr
(
R̂ftΣd

) . (34)

Note that, as previously mentioned in Sec. III, the spatial
selector needs to be re-scaled after each update (34) to uphold
the unitary sum property. Such re-scaling can be expressed by

Zjd ←− Zjd

[
D∑
d

Zjd

]−1

. (35)

In case of the remaining model parameters, we provide the
following parameter update equations

Qjk ←− Qjk

∑F,T
f,t WfkHtktr

(
R̃ftΞ̂j

)
∑F,T

f,t WfkHtktr
(
R̂ftΞ̂j

) , (36)
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Wfk ←−Wfk

∑J,T
j,t QjkHtktr

(
R̃ftΞ̂j

)
∑J,T

j,t QjkHtktr
(
R̂ftΞ̂j

) , (37)

Htk ←− Htk

∑J,F
j,f QjkWfktr

(
R̃ftΞ̂j

)
∑J,F

j,f QjkWfktr
(
R̂ftΞ̂j

) , (38)

readily derived by application of an analogous procedure to
that of the spatial selector [22]. During runtime, update equa-
tions (34) - (38) are sequentially repeated until convergence
or some other stopping criterion.

B. Maximum a posteriori with Wishart localization prior

In case of the MAP estimation with the probabilistic model
of (26), we define an auxiliary function for the corresponding
negative-log posterior using (31) and (19), as in [32], by

LEU-W = LEU − log (pW (Θ)) , (39)

which is now the subject of differentiation, while the resulting
derivatives are treated accordingly with the procedure de-
scribed in Sec. VII-A. Since the log-prior (19) does not depend
on the spectral parameters, the localization prior does not
directly affect the estimation of spectral parameters. Therefore,
the updates (36) - (38) remain unchanged, while in this section,
we consider only the spatial selector update equation. The
partial derivative of the auxiliary function (39) with respect
to Zjd takes the following form

∂LEU-W

∂Zjd
=

∂LEU

∂Zjd
+

∂ − log (pW (Θ))

∂Zjd
=

∂LEU

∂Zjd

+ νtr
([

ΦEU
j

]−1
Σd

)
+ (L− ν) tr

(
Ξ̂−1

j Σd

)
, (40)

where ∂LEU

∂Zjd
is defined in (33). Subject to the MU rule of

(32), the derivative of the auxiliary function (40) results in the
spatial selector update equation as given by

Zjd ←− Zjd

[
F,T∑
f,t

V̂jft

FT
tr
(
R̃ftΣd

)
+

πσ2
EUν

2
tr
(
Ξ̂−1

j Σd

)]
[

F,T∑
f,t

V̂jft

FT
tr
(
R̂ftΣd

)
+

πσ2
EU

2

[
Ltr

(
Ξ̂−1

j Σd

)

+ νtr
([

ΦEU
j

]−1
Σd

) ]]−1

. (41)

C. Maximum a posteriori with Inverse Wishart localization
prior

For the negative log-posterior associated with the probabilistic
model of (27), we use (31) and (23) to define the auxiliary
function as

LEU-IW = LEU − log (pIW (Θ)) . (42)

The partial derivative of (42) with respect to Zjd is given by

∂LEU-W

∂Zjd
=

∂LEU

∂Zjd
+

∂ − log (pIW (Θ))

∂Zjd
=

∂LEU

∂Zjd

+ (L− ν) tr
(
ΦjΞ̂

−1
j ΣdΞ̂

−1
j

)
+ (L+ ν) tr

(
Ξ̂−1

j Σd

)
,

(43)

which yields the spatial selector update as given by

Zjd ←− Zjd

[
F,T∑
f,t

V̂jft

FT
tr
(
R̃ftΣd

)
+

πσ2
EUν

2

tr
(
ΦjΞ̂

−1
j ΣdΞ̂

−1
j

)][
F,T∑
f,t

V̂jft

FT
tr
(
R̂ftΣd

)
+

πσ2
EU

2

[
Ltr

(
ΦjΞ̂

−1
j ΣdΞ̂

−1
j

)
+ (L+ ν) tr

(
Ξ̂−1

j Σd

)]]−1

. (44)

Similarly to the algorithm in Sec. VII-B, the localization prior
does not directly affect the estimation of spectral parameters,
and hence update equations (36) - (38) remain unchanged.
Thus during runtime, updates (36) - (38) and (44) with re-
scaling given by (35) are sequentially repeated until conver-
gence or some other stopping criterion.

VIII. DERIVATION OF UPDATE EQUATIONS WITH
ITAKURA-SAITO DIVERGENCE

In this section, we derive the update equations for the Itakura-
Saito divergence cost function, in case of ML and MAP
estimation with Wishart and Inverse Wishart Localization
Priors. Specifically, the update equations for the existing ML
algorithm [23] are presented in Sec. VIII-A, while derivations
of both novel MAP algorithms are presented in Secs. VIII-B
and VIII-C.

A. Maximum likelihood
In case of the negative log-likelihood (17), we define an
additional latent component (45) and the associated auxiliary
function (46), which are given respectively by

Uft = R̂ft, (45)

LIS =
∑

Q−1
jk W

−1
fk H−1

tk Z−1
jd tr

(
RftCjftkdΣ

−1
d Cjftkd

)
+ log

∣∣∣Uft

∣∣∣+ [ ∣∣∣R̂ft

∣∣∣− ∣∣∣Uft

∣∣∣]∣∣∣Uft

∣∣∣−1

. (46)

The partial derivative of the auxiliary function (46) with
respect to Zjd takes the form of

∂LIS

∂Zjd
=

F,T,K∑
f,t,k

QjkWfkHtktr
(
R̂−1

ft Σd

) ∣∣∣R̂ft

∣∣∣ ∣∣∣Uft

∣∣∣−1

−Q−1
jk W

−1
fk H−1

tk Z−2
jd tr

(
RftCjftkdΣ

−1
d Cjftkd

)
, (47)

and (47) subject to the MU rule (32) results in the spatial
selector update equation as given by

Zjd ←− Zjd

∑F,T
f,t V̂jfttr

(
R̂−1

ft RftR̂
−1
ft Σd

)
∑F,T

f,t V̂jfttr
(
R̂−1

ft Σd

) . (48)
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In case of the remaining model parameters, we provide the
following parameter update equations

Qjk ←− Qjk

∑F,T
f,t WfkHtktr

(
R̂−1

ft RftR̂
−1
ft Σd

)
∑F,T

f,t WfkHtktr
(
R̂−1

ft Σd

) , (49)

Wfk ←−Wfk

∑J,T
j,t QjkHtktr

(
R̂−1

ft RftR̂
−1
ft Σd

)
∑J,T

j,t QjkHtktr
(
R̂−1

ft Σd

) , (50)

Htk ←− Htk

∑J,F
j,f QjkWfktr

(
R̂−1

ft RftR̂
−1
ft Σd

)
∑J,F

j,f QjkWfktr
(
R̂−1

ft Σd

) , (51)

readily derived by application of an analogous procedure to
that of the spatial selector [23]. Note that during runtime,
update equations (48) - (51), with re-scaling given by (35), are
sequentially repeated until convergence or some other stopping
criterion.

B. Maximum a posteriori with Wishart localization prior

For the the negative-log posterior associated with the MAP
probabilistic model of (28), using (46) and (19), we define the
following auxiliary function

LIS-W = LIS − log (pW (Θ)) . (52)

Since the localization prior does not directly affect the estima-
tion of spectral parameters, the update equations (49) - (51)
remain unchanged, while in this section, we consider only the
spatial selector update equation. The partial derivative of (52)
with respect to Zjd is given by

∂LIS-W

∂Zjd
=

∂LIS

∂Zjd
+

∂ − log (pW (Θ))

∂Zjd
=

∂LIS

∂Zjd

+ νtr
([

ΦEU
j

]−1
Σd

)
+ (L− ν) tr

(
Ξ̂−1

j Σd

)
, (53)

where ∂LIS

∂Zjd
is defined in (47), which yields the spatial selector

update equation as given by

Zjd ←− Zjd

[
F,T∑
f,t

V̂jft

FT
tr
(
R̂−1

ft RftR̂
−1
ft Σd

)

+ νtr
(
Ξ̂−1

j Σd

)][
F,T∑
f,t

V̂jft

FT
tr
(
R̂−1

ft Σd

)

+ Ltr
(
Ξ̂−1

j Σd

)
+ νtr

(
Φ−1

j Σd

) ]−1

. (54)

C. Maximum a posteriori with Inverse Wishart localization
prior

In case of the negative-log posterior associated with the MAP
probabilistic model of (28), we use (46) and (23) to define the
auxiliary function

LIS-IW = LIS − log (pIW (Θ)) . (55)

The partial derivative of (55) with respect to Zjd is given by

∂LIS-IW

∂Zjd
=

∂LIS

∂Zjd
+

∂ − log (pIW (Θ))

∂Zjd
=

∂LIS

∂Zjd

+ (L− ν) tr
(
ΦjΞ̂

−1
j ΣdΞ̂

−1
j

)
+ (L+ ν) tr

(
Ξ̂−1

j Σd

)
,

(56)

which yields the spatial selector update as given by

Zjd ←− Zjd

[
F,T∑
f,t

V̂jft

FT
tr
(
R̂−1

ft RftR̂
−1
ft Σd

)

+ νtr
(
ΦjΞ̂

−1
j ΣdΞ̂

−1
j

)][
F,T∑
f,t

V̂jft

FT
tr
(
R̂−1

ft Σd

)

+ Ltr
(
ΦjΞ̂

−1
j ΣdΞ̂

−1
j

)
+ (ν + L) tr

(
Ξ̂−1

j Σd

)]−1

. (57)

Similarly to the algorithm in Sec. VIII-B, the localization prior
does not directly affect the estimation of spectral parameters,
and hence update equations (49) - (51) remain unchanged.
Thus during runtime, update equations (49) - (51) and (57)
with re-scaling given by (35) are sequentially repeated until
convergence or some other stopping criterion.

IX. EXPERIMENTAL EVALUATION

In this section, we conduct a thorough experimental evalua-
tion of the four proposed MAP based algorithms and compare
their performance with reference methods. We consider over-
determined, determined, as well as under-determined scenar-
ios, with both instrumental and speech source signals. In addi-
tion, we evaluate the impact of non-ideal, i.e. corrupted DOAs
on the performance of the considered algorithms and propose
a mixed MAP-ML estimation approach, which achieves more
robust performance in scenarios with imprecise localization
information. Finally, binaural audio samples and the imple-
mentation of the proposed algorithms are made available1.

A. Datasets with music and speech signals

The experimental evaluation is primarily based on first-order
Ambisonic recordings, since B-format is currently the most
accessible and widely used spatial audio format based on
the SHD. Keeping in mind high hardware entry threshold
for the Ambisonic technology, i.e. B-format microphone or
a spherical array with a number of channels often counted in
tens, the expectations concerning finest audio quality seem to
be justified. On the other hand, an opposite tendency is usually
observed in the ad-hoc cases, e.g. when the microphones of the
immediate devices are spontaneously used to form an array,
such that the emphasis is shifted from the perceived sound
attributes towards efficiency and robustness. Therefore, to be
able to speculate on the expected performance in realistic
conditions, we decided to conduct all experiments with CD
audio quality, that is 44.1 kHz sampling frequency, contrary
to the reduced sampling rate, e.g. 16 kHz, as is commonly
encountered in the literature for speech processing.

1https://metlosz.github.io/ambisonic spatially informed ntf/

https://metlosz.github.io/ambisonic_spatially_informed_ntf/
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To accommodate a wide range of source signals encountered
in real-life deployments, we decided to generate four distinct
datasets2, three of which contain music signals and one is
a collection of speech signals. We would like to emphasize
that in order to obtain difficult, yet realistic testing conditions,
the instrumental datsets are generated such that different
instruments are playing the same fragment of a musical piece,
although the extreme unison cases are not included. This,
however, resulted in non-zero cross-correlation between the
source signals, which is due to an overlap of the harmonic
frequencies when playing melody in the same key and with
a temporal overlap, occurring as a result of grid-like struc-
ture of sound source activity periods, e.g. when instruments
accentuate the same passage in a piece of music. The first
dataset, hereafter referred to as MUSIC I, contains samples
of bass, maracas, percussive instruments with cymbals, piano
and string synthesizers, from the song entitled ”Scarlett” by
courtesy of Eddie Garrido, downloaded from ”The Mixing
Secrets” website3. The second dataset, hereafter referred to as
MUSIC II, contains samples of violin, bassoon, cello, clarinet,
double bass, and flute, from Mozart’s Symphony No. 40 in g
minor, 1st movement, from [49]. The third dataset, hereafter
referred to as SPEECH, contains multilingual utterances of nine
distinct male and female speakers, assembled from various
datasets, among others [50]. The fourth dataset is based on
DSD1004 [51], which contains 100 music tracks of different
styles, along with 4 isolated stems per file, namely drums, bass,
vocals and others. Note, that contrary to the other datasets,
these 4 stems do not necessarily contain a single instrument
each, but rather everything that fits into the specified category.

The experimental audio files are obtained by convolving
the source signals with Ambisonic room impulse responses,
generated using the image-source method [52]. During sim-
ulations either 2, 4 or 6 simultaneously active sound sources
and a receiver are located inside a 10 x 8 x 4 m room. For the
majority of experiments, the reverberation time is of around
250 ms, apart from an experiment in which reverberation time
level varies between 250, 500, and 750 ms. Since the first-
order Ambisonic recordings, known as B-format, consist of
4 input signals, the choice of the number of sources enables
to investigate the performance in the over-determined case of
2 sources, the determined case of 4 sources, and the under-
determined case of 6 simultaneously active sound sources.
However, for completeness of evaluation, we also perform an
experiment for a varying SH order, ranging from 1, 2 to 3.
In all experiments, the receiver position is chosen randomly,
while the minimum distance to walls of 1 m is always kept.
The sound sources are randomly distributed on a sphere
concentric w.r.t to the receiver, at a random distance of 1.5
- 2 m and a minimum angular separation of 45◦ between the
sources. For each combination of the number of sources, 100
audio files of a 5s duration are generated. To ensure the ease of
comparison, the geometrical setup is fixed across all datasets,
i.e. provided that the same number of sources is considered, the

2The datasets can be obtained upon request.
3https://cambridge-mt.com/ms/mtk/#FunkyGroovesAndAllThatJazz
4https://www.sisec17.audiolabs-erlangen.de/#/dataset

same positions of the receiving microphone array and sources
are ensured, while only the type of the source signals differ
across the various datasets. Note, that in experiments involving
different number of sources, in case of the DSD100 dataset
[51], only 2 of the studied combinations are possible, with 2
and 4 sources.

B. Source signal reconstruction and evaluation procedure

Given the estimated parameters Θ, we reconstruct the source
images ŝjft ∈ CL×1, i.e. multichannel source signals esti-
mates as seen by the microphone array, using the Multichannel
Wiener Filter (MWF)

ŝjft = R̂jftR̂
−1
ft aft. (58)

The reconstructed source images are evaluated using com-
monly used source separation measures, namely the Signal-
to-Distortion-Ratio (SDR), Image-to-Spatial-Distortion-Ratio
(ISR), Signal-to-Interference-Ratio (SIR), and Signal-to-
Artifacts-Ratio (SAR) [37], [53]. Throughout the rest of this
article, we consider measures averaged over sound sources
within each of the experimental file. Note that since we aim
at reconstruction of the source images in a given acoustic
environment, the target reference audio files contain source
signal together with room reverberation, i.e. as if only the
target sound source was active and recorded in a reverberant
room.

For the ease of comparison, we ensure that all of the consid-
ered algorithms are initialized with the same predefined set of
random parameters. Each algorithm is run for 500 iterations,
a number heuristically determined to provide convergence in
the considered experimental setups, where by one iteration we
mean full set of 4 update equations. Concerning the choice
of the factorization hyperparameters, we follow [22] and set
the number of discrete uniformly distributed directions to
D = 162. On the other hand, the overall number of NTF
spectral components is equal to K = 25 · J. Note that
in contrast to NMF, spectral components are shared among
all J sources in the proposed NTF based approach, and
thus the overall number of components can be significantly
lower than for the more popular NMF based algorithms.
We heuristically verified that the sufficient overall number
of components to achieve satisfying separation performance
amounts to K = 50, 100, 150 for scenarios with J = 2, 4, 6
sources, respectively.

In all cases that include the EU, the we set hyperparameter
σEU = π−1/2 to enable a reduction with π in (15), which
should result in an equal contribution of the prior and the
inferred knowledge. Finally, using the ground-truth separated
Ambisonic recordings, we optimized the prior hyperparame-
ter ν, producing one value per each reverberation time, by
following the procedure described in [28]. The learned values
of ν, as required by the performed experiments, are presented
in Table I. The other prior hyperparameter ϵ was calculated
as a single value characteristic for the considered room, based
on the known image-source diffuse and first-order reflection
signals, as the mean early-to-diffuse magnitude or power ratio,
respectively, in case of the EU and IS. Furthermore, in all

https://cambridge-mt.com/ms/mtk/#FunkyGroovesAndAllThatJazz
https://www.sisec17.audiolabs-erlangen.de/#/dataset


PUBLISHED IN IEEE/ACM TRANSACTIONS ON AUDIO, SPEECH AND LANGUAGE PROCESSING 10

TABLE I
THE LEARNED VALUES OF ν , WHICH ARE USED IN PERFORMED

EXPERIMENTS; N/A INDICATES THAT THE VALUE WAS NOT REQUIRED.

WLP IWLP
250 ms 500 ms 750 ms 250 ms 500 ms 750 ms

EU 4.7 6.4 7.3 4.7 N/A N/A
IS 4.0 N/A N/A 4.5 N/A N/A

experiments, except where explicitly stated otherwise, the
knowledge of the ground-truth DOAs is assumed.

Although the hyperparameters ν and ϵ in this work are
assumed to be known, we briefly present the viability of
the proposed methods in real-life applications, where the
individual signals with subdivision into early and late parts
are not usually known. To this end, we include the results
of a preliminary experiment, within which we compare the
performance of the proposed EU-WLP in case of the oracle-
per-room and the estimated-per-file hyperparameters. The
oracle-per-room hyperparameters ν and ϵ are obtained with
the aforementioned procedure, while the per-file estimation is
carried out using a simple beamforming approach. As part of
this approach, ϵ is estimated based on the output of the Plane
Wave Decomposition (PWD) beamformer, steered towards the
sound sources, as the ratio of the sum of the estimated direct
source signals to the residual diffuse signal. The procedure
of estimation of the hyperparameter ν is analogous to the
aforementioned procedure [28], with the exception that the
ideal source SCM is replaced by the estimate, obtained via
the MWF, which is designed based on the PWD estimated
source signals. Note, that a similar procedure is used later
in this work as a reference method for the evaluation of
sound source separation. The results of this experiment are
given in Table II, as a mean SDR measure, averaged over all
four datasets, for various reverberation time values ranging
from 250, 500, to 750 ms. This informal experiment suggests
that even inaccurate per-file estimates are enough to produce
results close to the case of oracle-per-room hyperparameters.
However, in the rest of the experimental evaluation, we use
the oracle-per-room hyperparameters, in order to eliminate the
influence of the estimation method on the results and hence
obtain more reliable conclusions about the proposed algo-
rithms. Other approaches to the estimation of the considered
hyperparamters known to literature are based on basic room
characteristics [27]–[29], [54], which can be either known or
estimated directly from the microphone signals, such as the
reverberation time estimation in [55]. An in-depth pursuit of
a robust estimation technique for the hyperparameters ν and
ϵ are left as a future work, while for now we focus on the
experimental evaluation of the priors, given parameter values.

X. EXPERIMENTAL RESULTS AND DISCUSSION

A. Comparative evaluation of the proposed MAP algorithms

In this section, we evaluate the performance of the proposed
MAP based algorithms, i.e. EU-WLP, EU-IWLP, IS-WLP,
and IS-IWLP against their Maximum Likelihood counterparts,
denoted hereafter as EU and IS, for the Euclidean distance

TABLE II
MEAN SDR, AVERAGED OVER DATASETS, AS A FUNCTION OF

REVERBERATION TIME, FOR EU-WLP IN CASE OF ORACLE AND
ESTIMATED VALUES OF ν AND ϵEU .

250 ms 500 ms 750 ms
oracle room-wise [dB] 7.98 ± 1.91 4.08 ± 0.94 2.78 ± 0.83

estimated file-wise [dB] 8.42 ± 2.09 4.74 ± 1.32 3.14 ± 0.98

and Itakura-Saito divergence, respectively, in over-determined,
determined, and under-determined scenarios using all four
datasets. In addition, we consider a ML approach proposed
in [22] which also exploits prior localization knowledge by
using a certain Binary Initialization (BI) strategy. Furthermore,
as another reference method, we use a popular state-of-the-
art source separation algorithm referred to as the Fast Mul-
tichannel Nonnegative Matrix Factorization (FMNMF)5 [33].
Finally, we compare the aforementioned methods with two
classical spatial filters, i.e. Plane Wave Decomposition (PWD)
beamformer and its combination with the MWF (explained
below).

Within the BI strategy [22], the values in close proximity
of the j-th ground-truth DOA are set to a non-zero value for
the j-th source index, while for all of the other directions
and source indices the spatial selector is initialized with zeros.
The underlying motivation for the application of the BI is to
prevent spatial overlap between the sound sources, although
one other advantage can be pointed out, namely the computa-
tional speedup, resulting from disregarding computations for
the overwhelming number of directions, for which the spatial
selector is equal to zero. The zone within which the values
are non-zero is controlled by an angular distance threshold,
which in our experiments was set according to [22] as 22.5◦.
We extend this approach, and apply it also to the Itakura-Saito
divergence based algorithm.

The PWD references are obtained by an application of the
beamforming, followed by a re-spatialization stage, where at
both steps we use the SH gains for the known DoAs. The
final reconstructed source images are in this case the PWD
estimated source signals, as seen by the microphone array.

The aforementioned combination of the PWD and MWF,
which we hereafter refer to as MWF, is based on (58), with the
exception that the estimated covariance matrices of the source
images R̂jft are based on the output of the PWD beamformer.
The reference source images are in this case reconstructed
via the MWF, which is designed based on the source signals
estimated using PWD.

The FMNMF algorithm [33] is a fairly recent Non-negative
Matrix Factorization based source separation technique which,
in contrast to the considered ML Ambisonic NTF, is charac-
terized by the SCMs that are frequency-dependent and are
not direction aware, i.e. the knowledge about the microphone
array is not exploited. The fact that the FMNMF algorithm
uses direction-unconstrained SCMs enables its straightforward
application to any microphone array configuration, including
arrays dedicated to Ambisonics. Since FMNMF is extensively

5https://github.com/tky823/ssspy

https://github.com/tky823/ssspy
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Fig. 1. Signal-to-Distortion-Ratio (SDR) metrics for all reference and proposed methods. The number of sound sources increases in rows from 2, 4, to 6,
while the datasets (MUSIC I, MUSIC II, SPEECH, DSD100) change in columns. Note that DSD100 datasets supports only 2 and 4 sources. Boxes denote
25% and 75% quartiles, whiskers mark the minimum and maximum values, while medians are denoted with a red line and their values given above boxplots.

applied in the current literature, it is selected in this work as
a good state-of-the-art reference.

Fig. 1 depicts boxplots of the SDR metric averaged over
all sound sources within each experimental audio file, for
all 11 compared algorithms, all files from 4 datasets, and
for the varying number of sources. Interestingly, among the
unconstrained ML approaches, namely EU and IS, the EU
cost function perform best in each experimental setup. The EU
results are characterized by higher SDR medians, while for the
MUSIC I dataset with 4 and 6 sound sources, the 25% quartile
of EU is located over the 75% quartile of IS. We hypothesize
that the advantage of the EU w.r.t the IS is related to its scale
sensitivity, which might be advantageous for spatial features,
since we observed on isolated files that the EU is faster (in
terms of the number of iterations) to localize the direct sound.

The BI is beneficial in only one experimental setup for the
EU algorithm, with the SPEECH dataset for 6 sources, where
the EU-BI SDR distribution has a slightly higher median,
with more concentrated values than the baseline EU, therefore
indicating better replicability. Concerning the BI for the IS al-
gorithm, an improvement is observed for the under-determined
case of 6 sources for all datasets and for the MUSIC I dataset
with 4 sources. The largest improvement obtained with the IS-
BI w.r.t the IS can be observed for the MUSIC I dataset with 6
sources, where the median SDR is significantly higher, while
the 25% quartile of IS-BI is located over the 75% quartile of
the baseline IS. Although in selected cases some improvement
is indeed observed for the BI, in majority of experimental

setups this initialization strategy results in a severe degradation
of the separation quality, as given by strong deterioration of
the median SDR w.r.t. the EU or the IS cost functions. This
is most likely a result of the incompatibility between the BI
and the adopted reconstruction and evaluation scheme, i.e. we
evaluate the estimated signals with respect to both the direct
and the reverberant contributions, whereas the BI primarily
extracts the direct sound, as explained in the following. Since
the directions outside a close proximity of the ground-truth
DOAs are not taken into account, most of the reflections
and late diffuse sound are not accounted for in the SCMs,
which becomes apparent when equation (11) is recalled. This
inability of the BI to accurately represent the reverberant sound
field is reflected in the SDR values. Therefore, the BI could
be more suited for applications where only the direct sound is
desired, e.g. combined with a reconstruction based on plane
wave decomposition beamformer followed by a single-channel
Wiener postfilter.

The state-of-the-art FMNMF algorithm performs quite well
for a low number of uncorrelated sources, such as is the case
for SPEECH with 2 sources. In contrast, it performs poorly
for correlated sources, such is the case for MUSIC I and
MUSIC II datasets, irrespective on the number of sources.
In fact, it consistently achieves the lowest SDR amongst all
compared methods for 4 and 6 sound sources encountered in
the majority of datasets. Such poor separation performance of
the FMNMF algorithm in determined and under-determined
scenarios, and in scenarios with correlated sources, can be
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Fig. 2. Image-to-Spatial-Distortion-Ratio (ISR) metrics for all reference and proposed methods. The number of sound sources increases in rows from 2, 4, to
6, while the datasets (MUSIC I, MUSIC II, SPEECH, DSD100) change in columns. Note that DSD100 datasets supports only 2 and 4 sources. Boxes denote
25% and 75% quartiles, whiskers mark the minimum and maximum values, while medians are denoted with a red line and their values given above boxplots.
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Fig. 3. Signal-to-Interference-Ratio (SIR) metrics for all reference and proposed methods. The number of sound sources increases in rows from 2, 4, to 6,
while the datasets (MUSIC I, MUSIC II, SPEECH, DSD100) change in columns. Note that DSD100 datasets supports only 2 and 4 sources. Boxes denote
25% and 75% quartiles, whiskers mark the minimum and maximum values, while medians are denoted with a red line and their values given above boxplots.
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Fig. 4. Signal-to-Artifacts-Ratio (SAR) metrics for all reference and proposed methods. The number of sound sources increases in rows from 2, 4, to 6,
while the datasets (MUSIC I, MUSIC II, SPEECH, DSD100) change in columns. Note that DSD100 datasets supports only 2 and 4 sources. Boxes denote
25% and 75% quartiles, whiskers mark the minimum and maximum values, while medians are denoted with a red line and their values given above boxplots.
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Fig. 5. File-wise comparison of the input-output mean SDR for the baseline EU and the proposed EU-WLP. The number of sound sources increases in rows
from 2, 4, to 6, while the datasets (MUSIC I, MUSIC II, SPEECH, DSD100) change in columns. Note that DSD100 datasets supports only 2 and 4 sources.
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attributed to having too many degrees of freedom, which
results from the lack of additional constrains imposed on
the optimization problem. In general, the proposed algorithms
perform significantly better than the state-of-the-art FMNMF
algorithm, proving the provide robust performance even in
difficult determined and under-determined scenarios with cor-
related sources. In comparison with the reference spatial filters,
PWD beamformer and MWF, all proposed algorithms achieve
significantly better source separation as indicated by much
larger SDR values.

Since in Fig. 1 the SDR results for the proposed WLP and
IWLP do not seem to differ in a significant way, we next
consider the results for the MAP estimation more generally,
independently of the distribution used to incorporate prior
localization knowledge, so that when we refer to EU-MAP
it should be read either as EU-WLP or EU-IWLP, and analo-
gously in case of IS. In case of the EU-MAP, as the number of
sources increases, so does the relative improvement obtained
w.r.t the EU, irrespectively of the dataset, which is reflected by
the growing differences in SDR median. Similar tendency can
be observed for the IS-MAP, although for the MUSIC II dataset
this relationship is less pronounced, while for the SPEECH
dataset, MAP based estimation is advantageous only in case of
6 sources. This would suggest that the improvement obtained
with the IS-MAP w.r.t the baseline IS stems from resolving
the correlation ambiguity, i.e. the problem of determining if
correlation in data is associated with the source signals or
if it is connected to the spatial localization. On the other
hand, when only residual correlation is registered between the
speech signals, the prior localization knowledge seem to only
be advantageous in an extreme under-determined case of 6
speakers.

Overall, in each of the experimental scenarios best SDR
results are achieved with one of the proposed MAP solutions.
Since we observe no significant differences in performance
between WLP and IWLP, in the remaining part of this article
we consider WLP only, as certain parts of the WLP update
(41) can be pre-computed, which offers a slight computational
advantage over the IWLP.

Figs. 2-4 present boxplots for the ISR, SIR and SAR metrics
averaged over the sound sources within each experimental
audio file, for both the EU and the IS cost functions, with and
without the WLP. Based on this extended set of measures,
a more insightful analysis of the relations between the ML
and the MAP solutions can be attempted, such as verification
whether the overall SDR improvement is not a result of an
increased attenuation of the undesired sources at the expense
of more pronounced artifacts. In case of the EU cost function,
as the number of sources increases, the incorporation of
localization information via WLP results in a progressively
growing relative improvement for all evaluation measures,
which is consistent with the aforementioned tendency observed
in Fig. 1. It can be seen that compared to the baseline EU,
the proposed EU-WLP allows for a better preservation of
the spatial properties, as given by the ISR metric. Further-
more, compared to the baseline EU, the proposed EU-WLP
enables to achieve more attenuation of the undesired sound
sources, as given by the substantial improvements in the SIR

measure, especially well pronounced for the SPEECH dataset
with 6 sources. On the other hand, the improved separation
and enhanced spatial properties are not compromised by an
introduction of notable artifacts, as confirmed by an increase
in the SAR score. This suggests that if the WLP prior is
well structured, the proposed EU-WLP is very likely to be
beneficial in a wide range of estimation scenarios, without
strong risk of a negative influence.

Regarding the IS-WLP, it can be observed that when the
spatial localization is not very demanding, such as is the case
for 2 sound sources or for the SPEECH dataset, due to the
aforementioned relatively reduced cross-correlation between
the source signals, the improvement w.r.t. the IS is not
consistent across all measures and experimental scenarios. In
all of the cases that include 2 sound sources a degradation
of SAR w.r.t the plain IS can be observed, especially for
2 speakers, where the improvement of ISR and SIR can no
longer compensate for the increased amount of artifacts, which
is reflected in a noticeably lower SDR median, as shown in Fig.
1. In a 4 speaker scenario, a slight degradation in all measures
can also be observed, while with 6 speakers the relative
improvement recovers, as the task of spatial localization of
6 sources in an under-determined case with 4 microphones
becomes troublesome. Overall, since the EU-MAP is proven
more effective than the IS-MAP in majority of cases, while
it also offers a large computational advantage as described
in Secs. IV-A and IV-B, in the following we shift our focus
towards the EU-WLP.

To be able to speculate about the file-wise influence of the
proposed EU-WLP w.r.t the baseline EU, i.e. to determine how
does the presented statistical SDR improvement relate exactly
to each file and experimental setup, we present the input-output
mean SDR graphs depicted in Fig. 5. In the graph, each dot
represents a single file, such that their X-axis coordinates are
determined by the mean SDRs obtained with the baseline EU,
while the Y-axis coordinates correspond to the mean SDRs
obtained with the EU-WLP. The input-output space is divided
by an identity line x = y, which denotes the threshold between
the improvement and degradation of the mean SDR, such that
the points that lie above this line fall into an improvement
zone, while points below this line are in the deterioration zone.

The results depicted in Fig. 5 indicate that with a growing
number of sources, the risk of unintentional degradation of the
mean SDR is reduced. In the case of 2 sound sources, some
degradation is observed, especially for the MUSIC II dataset,
although generally the overwhelming majority of audio files
is located in the improvement zone. For 4 sound sources, only
single cases of deterioration can be observed, while the overall
distribution slowly starts to flatten out. Finally, in case of
6 sources, the deterioration zones are empty, while notable
and constant relative improvement is observed, irrespectively
of the mean input SDR. Overall, it seems that the proposed
EU-WLP can be applied instead of the baseline EU without
great risk of relative SDR deterioration. The application con-
ditions for which incorporation of the proposed localization
prior is advantageous include low input SDR, determined and
undetermined cases, as well as speech source signals, which
suggests that the proposed MAP estimation with the EU-WLP



PUBLISHED IN IEEE/ACM TRANSACTIONS ON AUDIO, SPEECH AND LANGUAGE PROCESSING 15

is especially advantageous in challenging acoustic conditions.

B. Performance of the proposed MAP approach for different
orders of spherical harmonics and reverberation time levels

In this section, we investigate an impact of a varying order
of spherical harmonics and reverberation time levels on the
performance of the proposed MAP-based source separation.
In particular, we perform this study using one of the proposed
MAP algorithms, namely the EU-WLP, for a constant number
of 4 sources and for all datasets, namely MUSIC I, MUSIC II,
SPEECH, and DSD100.
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Fig. 6. SDR, ISR, SIR and SAR metrics for the proposed EU-WLP algorithm
at a varying order of spherical harmonics of 1, 2, and 3, for all four datasets
(MUSIC I, MUSIC II, SPEECH, DSD100) and 4 sources. Boxes denote 25%
and 75% quartiles, whiskers mark the minimum and maximum values, while
medians are denoted with a red line and their values given above boxplots.

In the first experiment, we consider Ambisonic signals at
a varying order of spherical harmonics from the range of 1,
2, and 3. The results of the EU-WLP algorithm in terms of
the SDR, ISR, SIR and SAR measures are depicted in Fig.
6. Across the datasets, all separation performance measures
very consistently and significantly increase from the spherical
harmonic order of 1, 2, up to 3. For instance, when comparing
the first-order and third-order spherical harmonics for the
DSD100 dataset, SIR increases by a large margin from 9.0 to
16.2 dB, the spatial image of the source is significantly better
preserved, while the overall separation measure is more than
doubled (SDR increases from 5.3 to 11.1 dB). A consistent
improvement in separation performance with an increasing
order of spherical harmonics is well to be expected since for
the higher number of input channels the considered scenario
with 4 sources becomes an over-determined problem. How-
ever, an improvement by such a large margin indicates that the
proposed MAP approach is capable of achieving remarkable
separation of several sources at high-order Ambisonics.
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Fig. 7. SDR, ISR, SIR and SAR metrics for the proposed EU-WLP algorithm
at a varying reverberation time of 250, 500, and 750 ms, for all four datasets
(MUSIC I, MUSIC II, SPEECH, DSD100) and 4 sources. Boxes denote 25%
and 75% quartiles, whiskers mark the minimum and maximum values, while
medians are denoted with a red line and their values given above boxplots.

In the next experiment, we investigate separation perfor-
mance from B-format recordings made at three different rever-
beration time levels of 250, 500, and 750 ms. The SDR, ISR,
SIR and SAR results of the investigated EU-WLP algorithm
are shown in Fig. 7. An increase in the reverberation time level
clearly causes a notable decrease in all evaluation measures.
The largest drop in performance is evident between 250 and
500 ms for the SPEECH dataset, while a steady and nearly
linear decrease in the majority of evaluation measures is
observed for the DSD100 dataset. Although the presence of
late room reverberation makes interference suppression and
spatial image preservation more difficult for the proposed
algorithm, the overall separation performance achieved by EU-
WLP is still satisfactory, even at high reverberation levels.

C. Influence of corrupted DOAs on the performance of the
MAP algorithm and of the proposed MAP→ML algorithm

This section investigates an impact of increasingly imprecise
prior localization information on separation performance of the
proposed MAP processing. This study is undertaken for the
example EU-WLP algorithm, applied already in Section X-B.
To be able to investigate the relationship between the EU-WLP
performance and progressively more corrupted DOAs, we
introduce the angular distance from the ground-truth direction,
aka the angular error, given as

ξ◦ =
180◦

π
arccos

(
dT
j d̂j

[
|dj | |d̂j |

]−1
)
, (59)

where dj ∈ R3×1 and d̂j ∈ R3×1 denote the ground truth and
the corrupted DOA vectors in Cartesian coordinates, respec-
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tively. To obtain the DOA corrupted with a known angular
error, equation (59) needs to be solved for d̂j , with a desired
value of ξ◦, which results in a set of solutions that form a cone
centered around the ground-truth direction. An intersection of
the cone with a unitary sphere determines a constrained set of
suitable solutions, the equi-angular error circle, characterized
by the desired angular error, yet with undetermined direction.
To produce the final solution, we randomize the exact location
of the corrupted DOA on the equi-angular error circle, but
with a constraint that the resulting directions d̂j should be at
least 45◦ apart for the different sound sources, since a similar
threshold is often a part of DOA estimation methods. Note
that with the above formulation, depending on the separation
between the ground-truth DOAs and the desired angular error,
it is possible that the j-th corrupted DOA points closer towards
a different source than anticipated. Therefore, to address that
problem, we calculate the angular errors w.r.t. the closest
ground-truth DOA. In the remaining parts of this section,
we refer to the adopted angular error and DOA corruption
strategy as constrained cone error. The motivation underlying
the introduction of this somewhat new metric and procedure
is to highlight that our approach is substantially different
from the commonly used DOA corruption schemes, based on
introduction of an additive noise with gradually increasing
power and determining the angular error in a post factum
manner. Since our approach ensures that each experimental file
is characterized with exactly the same magnitude of angular
error, while the geometrical setup remains identical between
the datasets and only varies across different number of sources,
we argue that our technique enables to obtain a more reliable
and replicable results. Although the case of uniform errors
across sound sources seems very extreme and possibly not
very realistic, we note and agree to that compromise, given
the aforementioned advantages.

Fig. 8 presents the distribution of the mean SDR in case of
4 sources, as a function of the constrained cone error for the
standard EU, the EU-WLP and a certain combination of EU-
WLP and EU, referred to as MAP→ML algorithm. Within the
MAP→ML, after 450 iterations of the EU-WLP, the estimated
parameters Θ are used for initialization of the standard ML
based EU and 50 more iterations are performed with the EU,
as presented in Algorithm 1. The results for the standard EU,
with 500 iterations, serve as a bottom-line, such that to uphold
the rationale, the proposed solution should perform better than
EU. Once the constrained cone error raises above 10◦ , the
performance of the EU-WLP starts to steadily degrade w.r.t.
the standard EU. On the other hand, for the constrained cone
error below 10◦ the MAP→ML performs slightly worse than
EU-WLP, while it seems to be able to uphold its superior
performance w.r.t. the standard EU, even when provided with
only a rough direction estimate, such as ”front left upper
corner”, which corresponds to 45◦ of constrained cone error.
Although for high values of constrained cone error, the mean
SDR results for the MAP→ML are more spread out, the
median SDR is usually notably greater. Significant gain in
SDR is observed for the constrained cone error larger than
10◦ for the MUSIC I, MUSIC II, and SPEECH datasets, while
small gain is apparent only at very high constrained cone

error values for the DSD100 dataset. Overall, subject to the
expected accuracy of the prior localization information, either
the EU-WLP or the MAP→ML should be applied.

Algorithm 1: MAP→ML
Parameters: d̂j , J , K, ν, ϵ, Σd

Input: R̃ft

initialize Qjk, Wfk, Htk, Zjd with random
non-negative values

for 500 iterations do
update Qjk with (36)
update Wfk with (37)
update Htk with (38)
if iteration < 450 then

update Zjd with (41)
end
else

update Zjd with (34)
end
rescale Zjd with (35)

end
Output: Qjk , Wfk , Htk , Zjd
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Fig. 8. SDR results of the proposed EU-WLP algorithm as a function of the
constrained cone error for the MUSIC I, MUSIC II, SPEECH, and DSD100
datasets, with 4 sources. Boxes denote 25% and 75% quartiles, while medians
are denoted with a red line and their values are given above boxplots.

Next, we investigate the relative performance degradation
of the MAP→ML w.r.t. the EU-WLP, which is observed in
Fig. 8, for the lowest values of the constrained cone error.
We address the most extreme case of 0◦, to speculate about
the separation performance, should the confidence in accuracy
of the prior localization information be underestimated and
MAP→ML would be improperly chosen instead of EU-WLP.

Fig. 9 depicts the SDR, ISR, SIR and SAR measures for
the standard EU, the proposed EU-WLP and the proposed
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Fig. 9. SDR, ISR, SIR and SAR results for the standard EU and the proposed EU-WLP and MAP→ML algorithms with 0◦ of constrained cone error. The
number of sources increases in rows from 2, 4, to 6, while the datasets (MUSIC I, MUSIC II, SPEECH, DSD100) change in columns. Note that DSD100
datasets supports only 2 and 4 sources. Boxes denote 25% and 75% quartiles, whiskers mark the minimum and maximum values, while medians are denoted
with a red line and their values are given above boxplots.

MAP→ML with oracle localization knowledge. Consistently
across all datasets, the aforementioned SDR performance de-
terioration of the MAP→ML w.r.t. the EU-WLP is not caused
by a significant drop in any one single measure, but rather by
a slight degradation of all measures. Although the decrease
in evaluation measures somewhat strengthens as the number
of sound sources grows, the median SDR in each case is
noticeably greater than that of the standard EU. This suggests
that if the confidence in accuracy of the prior localization
information is underestimated and MAP→ML is accidentally
chosen instead of the EU-WLP, there appears to be very little
negative impact in terms of the evaluation measures.

XI. CONCLUSIONS

In this article, we presented a detailed derivation of four al-
gorithms for sound source separation from Ambisonic signals,
which enable to efficiently utilize the prior DOA knowledge,
in a MAP sense. The proposed MAP algorithms are based
on two cost functions, namely the squared Euclidean distance
and the Itakura-Saito divergence, which are combined with two
probabilistic prior SCM distributions, namely the Wishart and
the Inverse Wishart. The performance of the proposed MAP
algorithms was compared with the existing ML approaches for
the spherical harmonic domain, and an interesting combination
of the MAP→ML methods was introduced for addressing the
problem of heavily corrupted localization information.

The derived MAP algorithms were subject to an extensive
experimental evaluation, with different number of sources,
various types of source signals, and in both the oracle and

non-oracle conditions. The evaluation was based on measures
widely used for evaluation of source separation performance,
namely, the SDR, ISR, SIR and SAR. The use cases for the
proposed solutions were specified, depending on the acoustic
scene and accuracy of prior DOA knowledge. Overall, in
comparison with the existing baseline ML approaches in the
SHD, the proposed MAP solution offers a superior separation
performance in a wide variety of scenarios, as proven by an
analysis of the evaluation measures.
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