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ABSTRACT

Sound event localization and detection (SELD) systems using audio
recordings from a microphone array rely on spatial cues for deter-
mining the location of sound events. As a consequence, the local-
ization performance of such systems is to a large extent determined
by the quality of the audio features that are used as inputs to the sys-
tem. We propose a new feature, based on neural generalized cross-
correlations with phase-transform (NGCC-PHAT), that learns audio
representations suitable for localization. Using permutation invari-
ant training for the time-difference of arrival (TDOA) estimation
problem enables NGCC-PHAT to learn TDOA features for multiple
overlapping sound events. These features can be used as a drop-in
replacement for GCC-PHAT inputs to a SELD-network. We test
our method on the STARSS23 dataset and demonstrate improved
localization performance compared to using standard GCC-PHAT
or SALSA-Lite input features.

Index Terms— sound event localization and detection, time
difference of arrival, generalized cross-correlation

1. INTRODUCTION

The sound event localization and detection (SELD) task consists of
classifying different types of acoustic events, while simultaneously
localizing them in 3D space. The DCASE SELD Challenge [1] pro-
vides first order ambisonics (FOA) recordings and signals captured
from a microphone array (MIC). In recent years, most systems sub-
mitted to the challenge have utilized the former format, whereas the
latter has been less explored. In this work, we therefore focus on
how to better exploit information in the MIC recordings by learning
to extract better features.

Generalized cross-correlations with phase transform (GCC-
PHAT) [2] combined with spectral audio features is the basis
for most SELD methods for microphone arrays. The spectral
features contain important cues on what type of sound event is
active, whereas the purpose of GCC-PHAT is to extract the time-
differences of arrival (TDOA) for pairs of microphones. The TDOA
measurements can then be mapped to direction-of-arrival (DOA)
estimates, given the geometry of the array. However, GCC-PHAT
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Figure 1: Overview of our pre-training strategy with K = 3 tracks.
Given a set of sound events, we train a neural GCC-PHAT to predict
the TDOA of each event. When the number of sound events is less
than K, auxiliary duplication of the labels is used. In this illustra-
tion, only two microphones are shown for brevity.

is known to be sensitive to noise and reverberation [3]. GCC-PHAT
can also fail to separate TDOAs for overlapping events, since two
events at different locations can have the same TDOA for a given
microphone pair, which yields only one correlation peak.

To improve separation of overlapping events, Xu et al. [4] pro-
posed a beamforming approach, where phase differences from the
cross-power spectrum are used as input features. Similarly, Cheng
et al. [5] showed that localization performance can be improved
by first filtering the audio signals using a sound source separation
network before performing feature extraction. Several works [6,
7] have also proposed end-to-end localization from raw audio sig-
nals. The most widely adopted input feature is however the spatial
cue-augmented log-spectrogram (SALSA) [8] and variants thereof
(SALSA-Lite) [9], that combine directional cues with spectral cues
in a single feature. This is done by calculating the principal eigen-
vector of the spatial covariance matrix for the different frequencies
in the spectrogram.

Although some recent works [10, 11, 12] have approached
TDOA estimation using learning-based methods, there is a lack
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of research in how to combine this with the SELD task. Berg
et al. [12] proposed using a shift-equivariant neural GCC-PHAT
(NGCC-PHAT) network. However, this method, as it was origi-
nally proposed, only supports single-source TDOA estimation and
was not evaluated in a real-world localization scenario.

In this work, we describe how NGCC-PHAT can be trained
to extract TDOA features for multiple sound sources. We show
that such features can be learnt by employing permutation invariant
training, which allows for prediction of TDOAs for multiple over-
lapping sound events. Furthermore, we show that these features can
be used with an existing SELD-pipeline on a real-world dataset,
for better performance compared to using traditional input features.
The material presented in this work is an extension of our DCASE
2024 challenge submission [13].

2. METHOD

2.1. Background

Consider an acoustic scene, as shown in Figure 1, with M micro-
phones located at positions rm ∈ R3 for m = 1, . . . ,M . Further-
more, let sp ∈ R3, p = 1, . . . , P denote the locations of the active
sound events. For a given time frame, each microphone records a
signal xi, which is composed of the sum of active events as

xi[n] =

P∑
p=1

(hp,i ∗ up)[n] + wi[n], n = 1, . . . , N, (1)

where up is the p:th active event, hp,i is the room impulse response
from the p:th event to the i:th microphone, wi is additive noise and
N is the number of samples. Furthermore, we define the TDOA for
microphone pair (i, j) and the p:th event as

τp
ij = ⌊Fs

c
(||sp − ri||2 − ||sp − rj ||2)⌉, (2)

where Fs is the sampling rate, c is the speed of sound and ⌊·⌉ de-
notes rounding to the nearest integer.

The GCC-PHAT is defined as

Rij [τ ] =
1

N

N−1∑
k=0

Xi[k]X
∗
j [k]

|Xi[k]X∗
j [k]|

e
i2πkτ

N , (3)

where (Xi, Xj) are the discrete Fourier transforms of (xi, xj). The
feature is calculated for time delays τ = −τmax, ..., τmax, where
τmax = maxi,j⌊||ri − rj ||2Fs/c⌉ is the largest possible TDOA for
any pair of microphones. In an anechoic and noise-free environment
with a single sound event up, this results in Rij [τ ] = δτp

ij
[τ ], where

δτp
ij
[τ ] =

{
1, τ = τp

ij ,

0, otherwise.
(4)

In practice, GCC-PHAT will often yield incorrect TDOA esti-
mates due to noise and reverberation. In the case of multiple over-
lapping sound events, the different events may interfere and result
in difficulties resolving peaks in their signal correlations.

NGCC-PHAT attempts to alleviate this problem by filtering
the input signals using a learnable filter bank with L convolutional
filters, before computing GCC-PHAT features Rl

ij , l = 1, . . . , L
for each channel in the signals independently. In theory, such a
filter bank can perform source separation so that different channels

in the NGCC-PHAT correspond to TDOAs for different sound
events. Note that for an ideal filter bank that perfectly sepa-
rates the p:th sound event to the l:th channel, we would have
Rl

ij [τ ] = δτp
ij
[τ ] in an anechoic and noise-free environment, due to

the shift-equivariance of the convolutional filters.

2.2. Permutation Invariant Training for TDOA Estimation

We extend NGCC-PHAT to predict time delays for multiple events
in a single time frame using auxiliary duplicating permutation in-
variant training (ADPIT) [14], by creating separate target labels for
each active sound event. This is done by training a classifier net-
work to predict the TDOA of all active events for all pairs of mi-
crophones by treating it as a multinomial classification problem.
The L correlation features are first processed using another series
of convolutional layers with C output channels. These are then pro-
jected to K different output tracks which are assigned to the dif-
ferent events. The last layer of the NGCC-PHAT network therefore
outputs probability distributions pk(τ |xi,xj) for k = 1, . . . ,K
over the set of integer delays τ ∈ {−τmax, ..., τmax}, as illustrated in
Figure 1.

With K as the number of tracks, assume for now that there are
also P = K active events. Furthermore, let Perm([K]) denote the
set of permutations of the events {1, . . . ,K}. For a single micro-
phone pair (i, j) and an event arrangement α ∈ Perm([K]), the loss
is calculated using the average cross-entropy over all output tracks
as

lα(xi,xj) = − 1

K

K∑
k=1

τmax∑
τ=9τmax

δ
τ
α(k)
ij

[τ ] log pk(τ |xi,xj). (5)

Due to the ambiguity in assigning different output tracks to different
events, we calculate the loss for all possible permutations of the
events and use the minimum. The loss is then averaged over all
M(M − 1)/2 microphone pairs, giving the total loss

L =
2

M(M − 1)

M∑
i,j=1
i<j

min
α∈Perm([K])

lα(xi,xj). (6)

Note that this loss function is class-agnostic, since the output tracks
are not assigned class-wise. The main purpose of the TDOA fea-
tures are therefore to provide better features for localization when
combined with spectral features that are suitable for classification.

When the assumption P = K does not hold, the formal impli-
cation is that α needs to cover another set of event arrangements.
Our approach is equivalently to transform each such case into sub-
cases where the assumption holds. Time frames with no active
events (P = 0) are discarded in the loss calculation, since no TDOA
label can be assigned. When 1 ≤ P ≤ K−1, we perform auxiliary
duplication of events following the method in [14], which makes the
loss invariant to both permutations and which events that are dupli-
cated. Furthermore, in the case of K < P , it is possible to compute
the loss for all subsets of K events from P and use the minimum.

3. EXPERIMENTAL SETUP

3.1. Using TDOA Features for SELD

In order to show the benefits of better TDOA features for SELD,
we demonstrate how they can be used in conjunction with a SELD-
system. This involves two training phases: 1) pre-training of the
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NGCC-PHAT network for TDOA prediction and 2) training the
SELD-network using the TDOA features as input. The NGCC-
PHAT network operates on raw audio signals and consists of four
convolutional layers, the first being a SincNet [15] layer, and the
remaining three use filters of length 11, 9, and 7 respectively. Here,
each convolutional layer has L = 32 channels and together form the
filter bank mentioned in Section 2.1, which is applied independently
to audio from the different microphones. GCC-PHAT features are
computed channel-wise for each microphone pair, and the features
are then processed by another four convolutional layers, where the
final layer has C = 16 output channels.

The maximum delay used is chosen for compatibility with the
setup in the STARSS23 dataset [16], which uses a tetrahedral array
with M = 4 microphones. The diameter of the array is 8.4 cm,
which corresponds to a maximum TDOA of τmax = 6 delays at a
sampling rate of Fs = 24 kHz. In total, the TDOA features there-
fore have shape [C,M(M − 1)/2, 2τmax + 1] = [16, 6, 13].

During pre-training for TDOA-prediction, the 16 channels are
then mapped by a convolutional layer to K = 3 output tracks.
Although the maximum polyphony in a single time frame in the
dataset is five, we use K = 3 tracks since the computational com-
plexity of permutation invariant training scales as O(K!) and more
than three simultaneous events are rare. When more than three
events are active, for pre-training we randomly select labels for
three events and discard the rest.

When training the SELD-network, we extract the TDOA input
features for longer audio signals by windowing the NGCC-PHAT
computation without overlap. We use an input duration of 5 second
audio inputs, which corresponds to T = 250 TDOA features when
using a window length of 20 ms. Since the TDOA features are de-
signed to be class-agnostic, we combine them with spectral features
for the same time-frame in order to better distinguish between dif-
ferent types of event. For this we use log mel-spectograms (MS)
with F = 64 spectral features for each recording.

When merging the spectral features with the TDOA features,
we first concatenate the 16 channels for the 6 microphone pairs of
the TDOA features, and use a multi-layer perceptron to map the
13 time-delays to 64 dimensions. The TDOA features are then
reshaped and concatenated with the M spectral features channel-
wise, as shown in Figure 2, resulting in a combined feature size of
[CM(M − 1)/2 +M,T, F ] = [100, 250, 64].

The combined feature is passed through a small convolutional
network with 64 output channels with pooling over the time and
spectral dimensions. Here we use two pooling variants that deter-
mine the size of the input features to the SELD-network: 1) pooling
over 5 time windows and 4 frequencies, which produces features of
size [64, 50, 16], or 2) pooling over 5 time windows and no pooling
over frequencies, which results in features of size [64, 50, 64]. We
call the resulting network variants Small and Large for this reason.

For SELD-training, we use a CST-Former [17] network that
consists of Transformer blocks, where each block contains three
self-attention modules: temporal attention, spectral attention and
channel attention with unfolded local embedding. We use the de-
fault configuration with two blocks, each with eight attention heads,
and refer to [17] for more details about this architecture.

3.2. Dataset and Model Training

We train all our models on a mixture of real spatial audio record-
ings and simulated recordings. The real recordings are from the
STARSS23 [16] audio-only dev-train dataset, which consists of

TDOA input
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Figure 2: Illustration of how TDOA features are used together with
log mel-spectrograms as input to the CST-Former network.

about 3.5 hours of multi-channel audio recordings. The dataset
has up to 5 simultaneous events from 13 different classes. For
data augmentation, we use channel-swapping [18], which expands
the dataset by a factor of 8 by swapping the input channels and
corresponding DOA labels in different combinations.

The simulated data is provided as a part of the DCASE 2024
challenge [19] and consists of 20 hours of synthesized recordings,
where the audio is taken from the FSD50K [20] dataset. In addition,
we generate an additional 2 hours of synthesized recordings using
Spatial Scaper [21] with impulse responses from the TAU [22] and
METU [23] databases. This additional data contains sounds from
classes that occur rarely in STARSS23, namely “bell”, “clapping”,
“doorCupboard”, “footsteps”, “knock” and “telephone”. The total
amount of training data is about 50 hours.

The NGCC-PHAT network was trained for one epoch with a
constant learning rate of 0.001, after which the weights were frozen.
The CST-Former network was then trained for 300 epochs using the
AdamW optimizer [24] with a batch size of 64, a cosine learning
rate schedule starting at 0.001 and weight decay of 0.05. The mean
squared error was used as loss function with labels in the Multi-
ACCDOA [14] format, with distances included as proposed in [25].
In order to penalize errors in predicted distance relative to the prox-
imity of the sound events, we scale loss-terms for the distance error
with the reciprocal of the ground truth distance.

Evaluations were done using the DCASE 2024 SELD chal-
lenge metrics [1, 26]. This includes the location dependent F-score
FLD , the DOA error DOAE and the relative distance error RDE,
which is the distance error divided by the ground truth distance to
the event. Each metric is calculated class-wise and then macro-
averaged across all classes. Furthermore, the location dependent
F-score only counts predicted events as true positives if they are
correctly classified and localized, such that predictions with DOAE
larger than TDOA = 20◦ or RDE larger than TRD = 1 are counted
as false positives. We focus on evaluating the performance of our
method compared to that of other commonly used input features
with the same SELD-network, and do not compare to other (e.g.
FOA-based) state-of-the-art methods.

4. RESULTS

Our main results are presented in Table 1, where we compare our
method to GCC with MS and to SALSA-Lite. Our method performs
better in terms of FLD and DOAE, for both the Small and Large
variant of the network, although SALSA-Lite has the lowest RDE
for the Large variant. When increasing the model size, the results
improve for both SALSA-Lite and NGCC, but not for GCC. Since
GCC features are less informative, the increase in model size results
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(i, j) = (1, 2) (i, j) = (1, 3) (i, j) = (1, 4)

p1(τ|xi, xj) p2(τ|xi, xj) p3(τ|xi, xj) τ1
ij τ2

ij

(i, j) = (2, 3) (i, j) = (2, 4) (i, j) = (3, 4)

Figure 3: An example of the TDOA predictions pk(τ |xi,xj) from the pre-trained NGCC-PHAT network using K = 3 output tracks.
Predictions are shown for all six microphone combinations (i, j) at a single time frame with two events and ground truth TDOAs τ1

ij and τ2
ij .

Table 1: Macro-averaged test results on STARSS23 [16] dev-test.
Input feature FLD ↑ DOAE ↓ RDE ↓ #params

CST-Former Small

GCC + MS 15.7± 1.0 27.7± 2.1 0.78± 0.02 550K
SALSA-Lite 24.6± 2.0 27.0± 1.2 0.41± 0.02 530K
NGCC + MS 26.0± 2.0 25.8± 2.3 0.42± 0.01 663K

CST-Former Large

GCC + MS 14.2± 1.1 28.4± 1.9 0.84± 0.03 1.37M
SALSA-Lite 26.1± 1.0 26.4± 3.6 0.42± 0.02 1.35M
NGCC + MS 28.2± 2.8 23.2± 1.8 0.50± 0.02 1.49M

Table 2: Ablations of the number input channels used in the TDOA
input features for CST-Former Small.

C FLD ↑ DOAE ↓ RDE ↓ #params

1 24.4± 2.3 29.7± 3.3 0.44± 0.08 608K
4 24.2± 0.8 23.2± 2.5 0.46± 0.01 619K
16 26.0± 2.0 25.8± 2.3 0.42± 0.01 663K

in overfitting. The same can be said for the increase in RDE when
using NGCC + MS, since the TDOA features from both GCC and
NGCC mostly contain angular cues, but less information about spa-
tial distance. Note that GCC + MS and NGCC + MS use exactly the
same CST-Former architecture, so the extra parameter count when
using NGCC comes from the pre-trained feature extractor. When
using SALSA-Lite, the pooling operations in the convolutional lay-
ers were adjusted in order to achieve a similar model size.

In order to verify the importance of using more than one input
channel for TDOA features, we ablate the number of channels C
in the NGCC-PHAT network. The results are shown in Table 2,
where it can be seen that increasing the number of channels from
1 to 16 increases performance in terms of all metrics. This agrees
with the intuition that using more than one input channels enables
the pre-training to better separate spatial cues from different events.
Furthermore, the cost for increasing the number channels in terms
of the increase in model parameters is relatively small.

We also ablate the number of tracks K used for TDOA-
prediction during pre-training, and present the location dependent
F-score for values of TDOA in Figure 4. Due to the sensitivity of
the macro-averaged F-score to incorrect predictions for rare classes
in the test data, we instead use the micro-averaged statistic. At the
default 20◦ threshold, the effect of increasing the number of tracks
is small, but asymptotically it is clear that using K = 3 tracks
increases the F-score regardless of how many events are active.
Note that the number of tracks only affects the complexity in the
pre-training stage of NGCC-PHAT, and not the overall parameter
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Figure 4: Micro-averaged F-score as a function of the angular
threshold TDOA using different number of output tracks K during
TDOA pre-training. Evaluation was done using CST-Former Small.

count of the final model, since all C channels are used as input to
the network, and the mapping to K tracks can be discarded.

Finally, we show examples of TDOA predictions in Figure 3.
When the TDOAs of the events are well-separated, the different
tracks yield different peaks at approximately the correct time de-
lays. However, for the microphone pairs where events are tightly
spaced, the predictions fail to separate the different TDOAs.

5. CONCLUSIONS

In this work we proposed an input feature based on NGCC-PHAT
and showed its usefulness as input to a SELD-network. Permuta-
tion invariant training for the TDOA estimation problem enabled
NGCC-PHAT to learn TDOA features for multiple overlapping
sound events, and improved SELD performance compared to using
GCC-PHAT or SALSA-Lite input features.

These results indicate that our NGCC-PHAT pre-training for
TDOA classification provides a good feature extractor for the SELD
task. Intuitively, better TDOA prediction in the feature extractor
ought to yield better SELD results, but further studies are needed
to validate this. Evaluating TDOA prediction performance would
however involve new methodology, such as heuristics for peak se-
lection from the output tracks, as well as selecting useful evaluation
metrics. The downstream network could be resilient to some type
of information our current loss function aims to suppress. In addi-
tion, a source-wise or class-wise TDOA format could be beneficial.
We therefore anticipate future work to explore other pre-training
options and end-to-end training.

Focusing on the feature extractor, we made minimal effort to
address the other challenges of the dataset. We leave for future work
to incorporate known techniques, such as class balancing, additional
data augmentation, temporal filtering and ensemble voting.
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