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ABSTRACT

Abstract Many speaker localization methods apply fre-
quency smoothing to decorrelate the direct-path signal and
coherent reflections. However, in practice, only modest
decorrelation is accomplished, which may result in perfor-
mance loss. In this paper, frequency smoothing weights
for improved decorrelation are derived and shown to be
inversely proportional to the source signal power at the
specified frequency. An experimental study demonstrates
the added performance when incorporating the proposed
weights in a direct path dominance test-based speaker lo-
calization method.

Keywords: Speaker localization, coherent signal sub-
space, frequency smoothing, direct path dominance test

1. INTRODUCTION

Direction-of-arrival (DOA) estimation of speakers from
microphone array signals is essential for many audio sig-
nal processing applications, including speech enhance-
ment, acoustic scene analysis, and spatial audio render-
ing. However, accurate DOA estimation in reverberant
environments can be challenging due to room reflections
that can mask the directional information of the speaker.
The direct path dominance (DPD) test is a family of
methods that operate in the time-frequency domain and
can provide robustness to reverberation by identifying
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time-frequency (TF) bins where the direct path is domi-
nant and using only these bins for estimating speaker di-
rections. Popular DPD tests, such as [1-4], employ fre-
quency smoothing of the array’s spatial correlation matrix
(SCM) to decorrelate the reflections. These methods ne-
cessitate a high degree of decorrelation to correctly iden-
tify the direct path bins. However, only moderate decor-
relation may be obtained in practice, which may degrade
performance.

In a recent study [5], the PHALCOR algorithm was
proposed for localizing early reflections of a single source
in a room using a spherical microphone array. One im-
portant aspect of the PHALCOR algorithm is the phase
alignment transform of the SCM, which can be seen as a
generalization of frequency smoothing. In PHALCOR, it
is recommended to normalize each SCM by its trace.

In this paper, we propose a similar approach for fre-
quency smoothing and investigate its performance for lo-
calizing multiple simultaneous sources using a general
array configuration. We show that choosing frequency
smoothing weights to be inversely proportional to the
source power at the given frequency is optimal in terms of
decorrelation. The proposed weighting is incorporated in
the DPD test presented in [1, 3] and tested on real record-
ings from the LOCATA challenge [6]. The results show
that the proposed weighting significantly improves DOA
estimation performance.

2. SIGNAL MODEL

Consider a sound field consisting of a single source lo-
cated in a room. The source emits a frequency domain
signal s(f) and has a direction of arrival (DOA) g, mea-
sured relative to a point in the room. The sound waves
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propagate in the room and reflect from the walls, creat-
ing multiple reflections. Each reflection is considered as a
separate source with a DOA €y, and signal s (f), which
is a delayed and scaled version of the original source sig-
nal [7]:

sk(f) = ape 2T (f) (€]

Here, 7, refers to the delay relative to the direct sound,
and o, represents the scaling factor. Additionally, 7 and
« are normalized to 0 and 1, respectively.

Assuming that the sources are in the far field, the fre-
quency domain microphone signals vector x(f) € C%
can be represented using the following model:

x(f) = Vs(f) +n(f) ()

Here, s(f) £ [so(f),...,sx(f)]" is the source signals
vector containing the direct sound and the first K reflec-
tions, n( f) represents noise and late reverberation terms,
V 2 [v(Qo), ..., v(Qxk)], where v() refers to the steer-
ing vector of the array at the direction 2. Although
the steering vectors are usually frequency-dependent, we
will assume that the microphone signals have been trans-
formed by focusing matrices that eliminate the frequency
dependence of the steering vectors. For more information
on focusing matrices, refer to [3].

Assuming that n(f) and s(f) are uncorrelated, the
SCM, Rx(f) = E [x(f)x(f)H], at frequency f is given
by:

Rx(f) = VRs(f)V" + Ra(/) A3)

where Rn(f) 2= E[n(f)n(f)"], and Rs(f) =
E [s(f)s(f)"]. The coherence of the sources implies that
Rs(f) is a rank-1 matrix, which causes subspace-based
methods such as MUSIC to fail [8].

3. FREQUENCY SMOOTHING

Frequency smoothing of the SCM is applied to decorrelate
the sources and increase the rank of Rs(f) enabling the
application of subspace localization methods [8]. The fre-
quency smoothed SCM, R, (f), around center frequency
f, is calculated as follows:

J

Re(f) 2 ) wRL(f+jAf) “

j=—1J

where J controls the smoothing bandwidth, A f is the fre-
quency resolution, and w_y, ..., w  are the weights.
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Substituting Eq. (3) in (4), leads to:

Rx(f) = VRs(f)V! + Ra(/) )

where Rq(f) £ Z;-I:,J w;Rs(f + jAS), Ra(f) =
Zj:ﬁ] w;Ra(f + jAf). When multiple rank-1 ma-
trices are summed up, the resulting matrix, denoted by
R (f), may possess a higher effective rank than the orig-
inal Rg(f). To construct Rg(f), the weights are se-
lected to either be uniform or proportional to the SNR [9].
Nonetheless, these weights were not designed to optimize
decorrelation, which is the primary objective of frequency
smoothing. Therefore, better weight selection strategies
could potentially enhance decorrelation and consequently
improve localization accuracy.

4. OPTIMAL WEIGHTS FOR IMPROVED
DECORRELATION

Next, we derive weights that optimize decorrelation. For
concision, we omit explicit reference to the central fre-
quency f in the forthcoming discussions. The k, k' ele-
ment of Ry can be expressed as:

J
[Rs]k,k/ = Z w;ol (f;)awog e 2 k=T

j=—J
= aka};agrww (6)
where  f; = f+ JAf,  ar =
[02(f_s)e™ml=a . a?(f)e?m T, and
w = [w_yj,...,ws]T. We aim to determine the

weights w_j,...,w; that minimize the off-diagonal
entries of the matrix Ry, relative to the diagonal entries,
using an approach that does not require the unknown
reflection delays. To achieve this, we propose to minimize

|a§w|2, averaged over all possible reflection delays 7:

Af! )
|alT'IW| dr

minimize Af
w 0

subjectto aflw = C

(7

The purpose of the equality constraint is to avoid min-
imizing the diagonal elements of R, and the precise nu-
merical value of the constant C' is immaterial (so long as
it is a positive quantity). Because |a§w|2 is periodic in 7
with period A f ~1, the range of integration is from zero to
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Af~1. The solution to (7) is given by [10]:

w — diag (ao)f2 agC )

all diag (ag) > ag

which implies:
C
Wj = ——~ ®
Toai(f)

Equation (9) reveals that the optimal decorrelation
weights, in the average sense and in the absence of delay
knowledge, exhibit an inverse relationship with the power
of the source signal. Given the usual unavailability of the
knowledge of o2(f), we resort to its estimation based on
the trace of Ry (f).

5. EXPERIMENTAL RESULTS

This section demonstrates the advantage of the proposed
weighting when combined in a DPD test based method
for multiple speaker localization [1,3]. The method em-
ploys frequency smoothing and necessitates a high degree
of decorrelation to correctly identify the direct path bins.

The DPD test is applied with various frequency
smoothing weights to real-world recordings of multiple
static speakers in a room with a 12-microphone array
mounted on a robot’s head from the LOCATA challenge
[11]. The data was recorded in a laboratory with an ap-
proximate reverberation time of Tgo = 0.55 s and includes
thirteen scenarios involving two, three or four static speak-
ers.

The initial recordings underwent a down-sampling
process from 48 kHz to 16 kHz and were then trans-
formed by the STFT using a Hamming window of 512
samples with a 50% overlap and FFT length of 512 sam-
ples. Next, a WINGS focusing transformation was imple-
mented, using a spherical harmonics order of N = 12.
The smoothed SCM, denoted as Ry (4,7) with time and
frequency indices, was computed at various center fre-
quencies using Eq. (4). The weights used for this compu-
tation included uniform weights (w; = 1), SNR weights
(w; = o2(f;)) [9], and decorrelation weights (w; =
%), where o2 (f;) was estimated using tr (R (i, j))
for both SNR and decorrelation weights. Finally, the DPD
test was used to select TF bins in the range of 0.5 — 4 kHz
based on whether the ratio of the first two singular val-
ues of Ry (i,7) exceeded a certain threshold. The thresh-
old was set such that a given percentage of the TF bins in
that range will pass the test. The root mean square error
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Figure 1. Average (over recordings) RMSE of DOA
estimates from selected bins as a function of the per-
centage of TF bins selected by the DPD test for the

various frequency smoothing weights and for various
smoothing bandwidths B = Af (2J + 1) Hz

(RMSE) is defined as:

1
RMSE £ o > eliri)’ (10)
(i,7)eA

where A denotes the set of TF bins selected by the test,
and e (¢, 7) is the angular distance between the DOA esti-
mate at the (¢, j) bin and the DOA of closest source to it.
The average RMSE as a function of the DPD test thresh-
old is shown in Figure 1, where the results are averaged
over multiple recordings. The findings demonstrate that
the DPD test incorporating decorrelation weights outper-
forms the other weighting methods, and that performance
improve as the smoothing bandwidth increases. The supe-
rior decorrelation with the decorrelation weights, and for
wider bandwidths, allows the appropriate selection of di-
rect path bins. Conversely, poor decorrelation, with the
uniform and SNR weights, results in TF bins with multi-
ple coherent reflections exhibiting a high singular values
ratio (arising from a deficient rank of R (4, j)), leading
to their selection by the test and consequently, degraded
localization accuracy.

AN

Associozione
Italiana
di Acusfica



forumacusticum 2023

6. CONCLUSIONS

In conclusion, this paper proposed a novel approach for
frequency smoothing in speaker localization methods to
improve decorrelation of coherent reflections. The fre-
quency smoothing weights were derived and found to be
inversely proportional to the source power at the specified
frequency. The proposed weighting was incorporated into
a direct path dominance test-based method for speaker lo-
calization in reverberant environments, and experiments
were conducted on real recordings from the LOCATA
challenge. The results showed a significant improvement
in DOA estimation performance. The proposed method
has the potential to enhance the accuracy of other fre-
quency smoothing based methods localization in various
audio signal processing applications.
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