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Abstract
Sound Event Localization and Detection (SELD) involves de-
tecting and localizing sound events using multichannel sound
recordings. Previously proposed Event-Independent Network
V2 (EINV2) has achieved outstanding performance on SELD.
However, it still faces challenges in effectively extracting fea-
tures across spectral, spatial, and temporal domains. This pa-
per proposes a three-stage network structure named Multi-scale
Feature Fusion (MFF) module to fully extract multi-scale fea-
tures across spectral, spatial, and temporal domains. The MFF
module utilizes parallel subnetworks architecture to generate
multi-scale spectral and spatial features. The TF-Convolution
Module is employed to provide multi-scale temporal features.
We incorporated MFF into EINV2 and term the proposed
method as MFF-EINV2. Experimental results in 2022 and 2023
DCASE challenge task3 datasets show the effectiveness of our
MFF-EINV2, which achieves state-of-the-art (SOTA) perfor-
mance compared to published methods.
Index Terms: sound event localization and detection, spectral-
spatial-temporal domains, multi-scale feature fusion

1. Introduction
Sound Event Localization and Detection (SELD) aims to use
multichannel sound recordings to detect the onset and off-
set of sound events within specific target classes and estimate
their direction of arrival (DoA). Its applications cover vari-
ous fields, including smart homes, surveillance systems, and
human-computer interaction. Since the introduction of SELD in
the Detection and Classification of Acoustic Scenes and Events
(DCASE) challenge as task3 [1], deep neural network (DNN)
based methods have been widely studied. These methods can
be implemented using either single-branch or dual-branch neu-
ral networks. Single-branch approaches [1–5] commonly uti-
lize a combination of log-mel spectrograms and intensity vec-
tors (IVs) as input and output the results in a class-wise format.
Dual-branch approaches [6–9] divide the network into sound
event detection (SED) branch and DoA branch, treating SELD
as a multi-task learning problem. The SED branch takes log-
mel spectrograms as input, while the DoA branch uses both
log-mel spectrograms and IVs as input. These methods usually
generate results in a track-wise format [6].

The Event-Independent Network V2 (EINV2) [8] is a dual-
branch network architecture that has demonstrated promising
performance in the 2022 DCASE challenge. It utilizes four dual
convolution (Dual Conv) layers as the encoder and Conformer
blocks [10] as the decoder. The two branches are connected
through soft parameter sharing [11]. However, most widely
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used architectures [4, 5, 8, 9] simply stack CNN or ResNet in
their encoders, which limits their ability to effectively exploit
the spectral, spatial, and temporal domains when extracting
features. Research conducted in other fields, such as speech
enhancement [12–15] and sound event detection [16, 17], has
proved the importance of fully utilizing these three domains.

Similarly, we argue that leveraging the spectral, spatial, and
temporal domains is crucial for SELD. 1) Spectral Domain:
The spectral domain offers distinctive cues related to the fre-
quency content of sound events. Each sound event exhibits
unique spectral characteristics, encompassing frequency details
and broader spectral trends. Leveraging multi-scale spectral in-
formation allows the model to focus on both local and global
spectral patterns, thereby enhancing the identification of sound
events. 2) Spatial Domain: The spatial domain provides crit-
ical locational information about sound sources. Multichan-
nel audio has the potential to model numerous aspects of spa-
tial scenes, making the simultaneous determination of multiple
sound sources possible. Utilizing multi-scale spatial informa-
tion enables the model to localize sound sources from different
directions, which greatly benefits DoA estimation. 3) Tempo-
ral Domain: The temporal domain provides details about the
evolution of sound events over time. This enables the model
with the ability to track temporal context dynamics. Exploiting
multi-scale temporal information, the model is able to capture
the characteristics of target sound events with short- or long-
duration, assisting in comprehension of the entire audio seg-
ment.

In this paper, instead of simply stacking CNN or ResNet in
the encoder, we propose a three-stage neural network structure
called Multi-scale Feature Fusion (MFF) module to improve
the ability to learn multi-scale features across spectral, spatial,
and temporal domains. We incorporated the MFF module into
EINV2 and term the proposed method as MFF-EINV2. The
main contributions of this work are as follows:

• We employ parallel subnetworks architecture with the
TF-Convolution Module (TFCM) [18] to extract multi-
scale features across spectral, spatial, and temporal do-
mains. Repeated multi-scale fusion is used to improve
the representation capabilities of the subnetworks, en-
hancing feature extraction.

• Our MFF-EINV2 outperforms EINV2 by reducing pa-
rameters by 68.5% and improving the SELDscore by
18.2%. It also surpasses other published methods and
achieves state-of-the-art (SOTA) performance.

2. Proposed Method
The proposed MFF-EINV2 architecture is illustrated in
Fig.1.(a). We concatenate log-mel spectrograms and IVs along
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Fig. 1. An illustration of (a) the MFF-EINV2 pipeline diagram and (b) the details of the MFF module. (a) The architecture of the
Conformer blocks and FC layer aligns with the EINV2 and the green boxes indicate soft parameter sharing. (b) C, T, and F are the
dimension sizes of channel, time, and frequency, respectively. “1×”, “4×”, and “16×” represent different scales of feature maps. “freq
down.” and “freq up.” refer to frequency downsampling (FD) and frequency upsampling (FU), respectively.

the channel dimension as input. The first step in the process
involves a Dual Conv layer, which transforms the input into a
feature map with dimensions [C, T , F ], where C, T , and F rep-
resent the dimension size of the channel, time, and frequency,
respectively. Next, we introduce the MFF module to fully ex-
tract multi-scale features from spectral, spatial, and temporal
domains, as shown in Fig.1.(b). The network is then divided
into two branches: SED branch and DoA branch. Each branch
consists of three Dual Conv layers. After each Dual Conv layer,
a pooling layer with a kernel size of (2,2) is applied, which aims
to align the temporal resolution with the target label. To prevent
the MFF module from losing original information or extract-
ing irrelevant features, a residual connection is established be-
tween the output of the MFF module and the first Dual Conv.
Our encoder architecture maintains a balance between network
complexity and soft connections.

The subsequent network structure is the same as EINV2.
The decoder utilizes Conformer blocks, which integrate con-
volution layers and multi-head self-attention (MHSA) mecha-
nisms to extract both local and global time context information
of feature sequence simultaneously. Finally, the fully connected
(FC) layer outputs three tracks, enabling the handling of up to
three overlapping sound events. In the following sections, we
will present the details of our MFF module one by one.

2.1. Parallel Multi-resolution Subnetworks

We introduce parallel multi-resolution subnetworks to generate
multi-scale spectral and spatial features. The input to the MFF
module is a feature map of dimensions [C, T , F ]. We utilize
frequency downsampling (FD) to generate parallel subnetworks
in stage 1 and stage 2. FD is implemented through a block that
consists of a 2D convolution (Conv2D) layer, a batch normal-
ization (BN) layer, and a Rectified Linear Unit (ReLU) activa-
tion layer. Parameters for Conv2D include a kernel size of (1,
7), stride of (1, 4), and padding of (0, 2), resulting in reducing
the frequency dimension by 4 times and expanding the channel
dimension by 2 times. Throughout the generation of these sub-
networks, we ensure that the time dimension (T ) remains at a
high resolution, which is able to provide more detailed temporal
context information. As a result, the feature map dimensions of

the second subnetwork become [2C, T , F/4], and the third sub-
network has dimensions [4C, T , F/16], as shown in Fig.1.(b).

The spectral information of sound events is mainly reflected
in the frequency dimension [19]. The MFF module consists of
three subnetworks with different frequency resolutions, each fo-
cusing on different scales of spectral patterns. In the first sub-
network, when the feature map passes through the convolution
layer in TFCM, the convolution kernel interacts with a spe-
cific frequency and its neighboring frequencies, as depicted in
Fig.2(a). This process allows the model to focus on local spec-
tral patterns and frequency details of sound events. Next, the
second subnetwork handles a feature map of dimensions [2C,
T , F/4]. Due to the FD operation, each frequency unit now
incorporates information from seven original contiguous fre-
quencies. It effectively compresses high-resolution frequency
information to a lower resolution. Even though the size of the
convolution kernel remains the same, its coverage on the orig-
inal feature map increases as resolution decreases. This means
that the convolution layer is able to model global spectral pat-
terns and broader frequency trends of sound events, as shown
in Fig.2(b). Similarly, the third subnetwork focuses on more
global spectral patterns. This method enables the model to at-
tend to spectral patterns at various scales, leading to improved
discrimination and identification of different sound events.

The spatial information of sound sources is encoded in both
the channel and frequency dimensions [15, 20, 21]. FD changes
these two dimensions, establishing a complex mapping between
feature maps and spatial information. Each subnetwork extracts
features from distinct aspects of the spatial domain, promot-
ing a comprehensive understanding of the acoustic scene. This
approach improves the model’s capacity to simultaneously esti-
mate the DoA of sound sources from different directions.

2.2. TF-Convolution Module

We use TFCM in each subnetwork in order to extract multi-
scale temporal features. The TFCM is constructed by sequen-
tially concatenating m convolutional blocks. The convolutional
block is composed of two pointwise convolution (P-Conv) lay-
ers and a 2D depthwise convolution (D-Conv) layer. The D-
Conv layer utilizes small convolution kernels of size (3, 3) to
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Fig. 2. An illustration of the convolution operation on (a) a
high-resolution frequency feature map from the first subnet-
work and (b) a low-resolution frequency feature map from the
second subnetwork. The pink boxes indicate the convolution
kernel of D-Conv in TFCM. A green time-frequency (T-F) bin
contains the information of seven consecutive blue T-F bins.

maintain computational efficiency. The dilation rate of the D-
Conv layer’s time dimension increases from 1 to 2m−1.

When the dilation rate is low, the TFCM has the ability
to gather brief and fine-grained temporal context information,
which is especially useful for identifying short-duration sound
events. As the dilation rate increases, the TFCM is able to
capture extended and coarse-grained temporal context infor-
mation, which is effective in recognizing long-duration sound
events. Additionally, the time evolution of the log-mel spectro-
grams amplitude potentially indicates the stationarity of sound
events [19]. Therefore, TFCM facilitates multi-scale modeling
of signal stationarity, enabling the distinction between station-
ary and non-stationary signals. This method enables the model
to learn the multi-grained temporal context dynamics of sound
events, thereby improving the capabilities of continuous SED
and DoA estimation.

2.3. Repeated Multi-scale Fusion

We employ repeated multi-scale fusion to enhance the represen-
tation capacities of each subnetwork by continuously exchang-
ing information with other parallel subnetworks. During stages
1 and 2, each subnetwork merges features from all other sub-
networks, enabling a comprehensive fusion. Since analyzing
the frequency dimension at high resolution provides more de-
tailed spectral and spatial information, the last two subnetworks
are selectively fused with the first subnetwork in stage 3 to re-
store the frequency dimension to F . We use FD and frequency
upsampling (FU) to meet the dimension requirements of feature
fusion. FD comprises FD×4 and FD×16. FD×16 includes an ad-
ditional Conv2D layer compared to FD×4, enabling frequency
downsampling by a factor of 16 and channel upsampling by a
factor of 4. FU consists of FU×4 and FU×16. FU×n changes
the channel dimension size using a Conv2D layer with a kernel
size of (1,1), followed by applying the nearest neighbor algo-
rithm for n times frequency upsampling, where n is 4 or 16.
For instance, the multi-scale fusion process in stage 3 is as fol-
lows:

Y1 = X1 + FU× 4(X2) + FU× 16(X3). (1)

where X1∈ RC×T×F , X2∈ R2C×T×F/4, X3∈ R4C×T×F/16

represent the feature map of the first, second, and third sub-
network, respectively. Y1∈ RC×T×F denotes the feature map
after multi-scale fusion.

Each parallel subnetwork is responsible for processing fea-
ture maps at different scales, enabling them to capture various
aspects of features in spectral, spatial, and temporal domains.
As a result, these subnetworks contain complementary infor-
mation to each other. Through multi-scale fusion over and over
again, these subnetworks facilitate information exchanges, al-
lowing each to simultaneously consider various scale informa-
tion across the three domains. This repeated fusion process en-
hances their ability to extract more meaningful features from
the input.

3. Experiments
3.1. Datasets

We trained and evaluated MFF-EINV2 on the STARSS22 [22]
and STARSS23 [23] datasets, which are used for 2022 and 2023
DCASE challenge task3, respectively. The difference between
the two datasets is that STARSS23 has an additional 2 hours and
30 minutes of recordings in the development set. Both datasets
contain thirteen sound event classes and two types of multi-
channel array signals, including first-order Ambisonics (FOA)
and tetrahedral microphone array signals. We trained our model
only on FOA array signals, which comprise four channels: an
omnidirectional channel(w), and three directional channels (x,
y, and z). In addition, we used synthetic data [24] as external
data. The synthetic data was generated by convolving single-
channel data from FSD50K [25] and TAU-SRIRs [26]. For both
STARSS22 and STARSS23, we utilized the dev-set-train and
the synthetic data for training, and the dev-set-test for evalua-
tion.

3.2. Hyper-parameters and Evaluation Metrics

We processed audio clips into fixed 5-second segments without
overlap for both training and evaluation. The sampling rate of
the audio is 24 kHz. We applied a Short-Time Fourier Trans-
form (STFT) with a hop size of 300, using a 1024-point Han-
ning window. Next, we generated log-mel spectrograms and
IVs in the log-mel space, with 128 frequency bins. IVs were
concatenated with log-mel spectrograms along the channel di-
mension, resulting in 7-channel input. After each Dual Conv
layer in the encoder, the channel dimension of the feature map
is 64, 128, 256, and 256, respectively. The structure of the Con-
former blocks remains consistent with EINV2, but the embed-
ding dimension is reduced from 512 to 256. The number of
Conformer layers is 2. Loss weight is 0.8 for SED and 0.2 for
DoA. We utilized the AdamW optimizer, training for a total of
100 epochs. For both STARSS22 and STARSS23, the initial
learning rate is 0.0003. With STARSS22, it drops to 0.00003
after 80 epochs, and for STARSS23, after 60 epochs. We set
the batch size to 6 and trained for 43 hours using an NVIDIA
GeForce RTX 3090 GPU.

We utilized five metrics for evaluation [1]. Error rate
(ER20◦ ) and macro-averaged F1-score (F20◦ ) are location-
dependent used for SED. Localization error (LECD) and local-
ization recall (LRCD) are class-dependent employed for DoA
estimation. Furthermore, we calculate the average of these four
metrics to obtain SELDscore.

3.3. Experimental Results

3.3.1. Comparison with other methods

To investigate the effectiveness of our proposed MFF-EINV2,
we compare it with several other models [4, 5, 8, 22, 23, 27].



Table 1. Performance comparison of the proposed MFF-EINV2 with the other SELD models on the dev-set-test of STARSS22 and
STARSS23 datasets.

Datasets Models Params ER20◦↓ F20◦↑ LECD↓ LRCD↑ SELDscore↓

STARSS22

2022 Baseline [22] 0.6M 0.72 24.0 26.6 49.0 0.5345
ResNet-Conformer [4] 13.1M 0.71 31.0 22.3 64.0 0.4710

CST-former [5] - 0.59 42.6 20.5 61.3 0.4162
EINV2 [8] 85.3M 0.75 32.3 24.0 56.1 0.5000

MFF-EINV2(proposed) 26.9M 0.61 41.7 20.3 66.9 0.4089

STARSS23

2023 Baseline [23] 0.7M 0.57 29.9 22.0 47.7 0.4791
DST attention [27] - 0.58 39.5 20.0 55.8 0.4345

CST-former [5] - 0.56 42.7 17.9 62.0 0.4019
MFF-EINV2(proposed) 26.9M 0.54 42.5 18.7 62.6 0.3980

The 2022 baseline [22] uses a convolutional recurrent neural
network (CRNN) and was updated in 2023 [23] to include two
additional MHSA layers. The ResNet-Conformer [4] utilizes
ResNet as the encoder and Conformer as the decoder. The DST
attention [27] introduces a spectral attention layer into the de-
coder, enhancing the performance over the 2023 baseline. The
CST-former [5] incorporates distinct attention mechanisms to
process channel, spectral, and temporal information indepen-
dently. For our MFF-EINV2, the MFF module contains three
stages, while TFCM consists of six convolutional blocks. All
models were trained without any data augmentation techniques.
The performance comparison is shown in Table 1.

First, we compare the results on the STARSS22 dataset.
Our model significantly outperforms all evaluation metrics of
the 2022 Baseline and ResNet-Conformer. Moreover, our
model performs slightly better than CST-former, showing a
1.8% (0.0073) improvement in SELDscore. It particularly ex-
cels in LECD and LRCD , but falls short in ER20◦ and F20◦ .
This may be attributed to more complex and significant features
extracted from the spatial domain compared to the spectral do-
main during the generation of subnetworks. In comparison to
EINV2, our model reduces the number of parameters by 68.5%
(58.4M), primarily due to the embedding dimension of the Con-
former is reduced from 512 to 256. Nevertheless, our model
has an 18.2% (0.0911) decrease in SELDscore. This is because
our model fully leverages the spectral, spatial, and temporal do-
mains to extract more meaningful features.

We now compare the performance achieved on the
STARSS23 dataset. Our model outperforms 2023 baseline and
DST attention by a significant margin in all metrics. Although
the lead is modest compared to CST-former, our model achieves
the best SELDscore and surpasses CST-former in ER20◦ and
LRCD . This may be due to our method enhancing the model’s
focus on both fine details and the overall structure of sound
events, improving ER20◦ . Moreover, it integrates spatial in-
formation across multiple scales, enhancing the model’s un-
derstanding of the sound scene and likely leading to a higher
LRCD .

Table 2. Ablation experiments with the number of parallel sub-
networks s on the STARSS22 dataset.

s ER20◦↓ F20◦↑ LECD↓ LRCD↑ SELDscore↓
0 0.65 37.6 22.6 60.5 0.4484
1 0.63 40.5 22.3 59.8 0.4384
2 0.64 38.2 19.7 61.3 0.4379
3 0.61 41.7 20.3 66.9 0.4089
4 0.68 34.1 19.4 57.9 0.4667

3.3.2. Number of parallel subnetworks

The number of parallel subnetworks, denoted as s, directly im-
pacts the model’s representation capability and computational
cost. A larger s yields more spectral and spatial feature maps at
various scales, thus enhancing the expressiveness of the trained
SELD model. However, too large s leads to higher computa-
tional costs and might cause overfitting of the model. Table
2 shows the SELD performance of MFF-EINV2 with different
numbers of parallel subnetworks. From the table, using three
parallel networks strikes a balance between representation abil-
ity and fitting ability, resulting in the best SELD performance.

3.3.3. Number of convolutional blocks in TFCM

The number of convolutional blocks m in TFCM influences the
extraction of multi-scale temporal information. A larger m will
extract more scales of temporal information. However, too large
m might extract irrelevant features due to extensive dilation in
D-Conv. Table 3 shows the SELD performance of MFF-EINV2
with different numbers of convolutional blocks in TFCM. From
the table, using six convolutional blocks effectively captures
multi-scale temporal information.

Table 3. Ablation experiments with the number of convolu-
tional blocks m in TFCM on the STARSS22 dataset.

m ER20◦↓ F20◦↑ LECD↓ LRCD↑ SELDscore↓
3 0.64 38.1 21.7 61.0 0.4414
4 0.66 34.8 20.3 59.3 0.4566
5 0.66 38.3 20.5 64.2 0.4375
6 0.61 41.7 20.3 66.9 0.4089
7 0.67 37.0 20.7 65.0 0.4414

4. Conclusion
In this paper, we propose MFF-EINV2, a novel approach for
SELD. In the MFF module, we introduce parallel subnetworks
and employ TFCM to extract multi-scale features across spec-
tral, spatial, and temporal domains. In addition, we leverage re-
peated multi-scale fusion between parallel subnetworks so that
each subnetwork continuously receives information from other
parallel representations. Results show that compared to EINV2,
our MFF-EINV2 significantly reduces parameters by 68.5%
while improving the SELDscore by 18.2%, demonstrating the
effectiveness of our MFF module. Notably, without data aug-
mentation, our proposed MFF-EINV2 outperforms other pub-
lished methods and achieves SOTA performance.
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