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Abstract

Transformer-based architectures for speaker verification typically require more
training data than ECAPA-TDNN. Therefore, recent work has generally been
trained on VoxCeleb1&2. We propose a backbone network based on self-attention,
which can achieve competitive results when trained on VoxCeleb2 alone. The
network alternates between neighborhood attention and global attention to cap-
ture local and global features, then aggregates features of different hierarchical
levels, and finally performs attentive statistics pooling. Additionally, we employ
a progressive channel fusion strategy to expand the receptive field in the channel
dimension as the network deepens. We trained the proposed PCF-NAT model on
VoxCeleb2 and evaluated it on VoxCelebl1 and the validation sets of VoxSRC. The
EER and minDCEF of the shallow PCF-NAT are on average more than 20% lower
than those of similarly sized ECAPA-TDNN. Deep PCF-NAT achieves an EER
lower than 0.5% on VoxCeleb1-O. The code and models are publicly available at
https://github.com/ChenNan1996/PCF-NAT.

1 Introduction

Automatic Speaker Verification (ASV) is a task that determines whether two utterances belong to the
same speaker. As an important method of biometric identification, it finds wide applications in areas
such as door locks, phone unlocking, and conference recording. In recent years, mainstream ASV
systems have all adopted deep neural networks. During training, a classification task is performed,
consisting of an embedding extractor and a classifier. During application, the embedding extractor is
used to extract embeddings from two utterances, and then the similarity between these embeddings
is calculated as the probability that the two utterances belong to the same speaker. The speaker
embeddings extracted by ASV can be used for downstream tasks such as speech synthesis and voice
conversion.

Based on network structure, neural network-based ASV systems mainly fall into three types: Time-
Delay Neural Networks (TDNN, implemented using one-dimensional convolution), two-dimensional
convolutional neural networks, and Transformer-based neural networks.

X-vector [1]] was the first to employ TDNN for speaker verification, and it projected variable-length
inputs into fixed-length representations through statistical pooling. Recently, ECAPA-TDNN [2]
has made impressive advancements over X-vector. ECAPA-TDNN aggregates multi-level features
and utilizes attentive statistics pooling. Subsequent works have further improved upon ECAPA-
TDNN. PCF-ECAPA-TDNN [3] adopts a progressive channel fusion strategy, enabling the receptive
field in the channel dimension to expand as the network deepens, leading to better performance.
However, ECAPA-TDNN and its variants struggle to improve performance by deepening the network
or increasing channels.
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Therefore, the network structure based on two-dimensional convolution [4]] [5] [6] [7] [8]] [9] is widely
used in The VoxCeleb Speaker Recognition Challenge (VoxSRC) [[10] [[LL] [[12] [L3]. Although the
effectiveness of two-dimensional convolutional network structures is not comparable to ECAPA-
TDNN and its variants in small-scale scenarios, they offer greater scalability. The two-dimensional
convolution-based network structures currently used in VoxSRC are variants of Resnet100+ or even
Resnet200+ [14]. Additionally, research indicates that using two-dimensional convolution followed
by ECAPA-TDNN yields better results [15] [[16]].

Recently, Transformer-based [[17] architectures have been explored for speaker embedding extraction.
Transformers excel in modeling long-range global context and facilitate efficient parallel training.
However, many existing studies indicate that without complex pre-training procedures and large
parameters, Transformers struggle to achieve satisfactory performance in ASV [18] [19] [20].

The MFA-Conformer [21]] utilizes the conformer architecture [22], which combines convolution and
self-attention, and adopts a network structure similar to ECAPA-TDNN, thereby enhancing the effec-
tiveness of Transformer. Nevertheless, some studies [23]] suggest that MFA-Conformer is prone to
overfitting due to limited speaker recognition training data, and its performance on VoxCeleb2 [24] is
inferior to ECAPA-TDNN. Additionally, attempts to introduce SwinTransformer [25] from computer
vision into ASV have yielded unsatisfactory results [26].

This paper introduces Neighborhood Attention [27], a concept from computer vision, into ASV. We
alternate between neighborhood attention and global attention (original self-attention) to capture local
and global features. Adopting an architecture similar to ECAPA-TDNN, we concatenate the outputs
of all blocks along the channel dimension and then apply attentive statistics pooling. Additionally,
We use the progressive channel fusion strategy proposed by PCF-ECAPA-TDNN, replacing linear
layers with 1-dimensional group convolutions with a kernel size of 1, and gradually reducing the
number of groups to expand the receptive field in the channel dimension.

The organization of this paper is as follows: Section 2 describes related work and serves as the
baseline. Section 3 details the proposed network architecture and its components. Section 4 outlines
the experimental setup, Section 5 discusses the experimental results, and Section 6 concludes the
paper and outlines future work.

2 Related Work

2.1 ECAPA-TDNN

ECAPA-TDNN employs three 1-Dimensional Squeeze-Excitation Res2Blocks and gradually in-
creases the dilation of dilated convolutions to expand the receptive field. The Squeeze-Excitation
mechanism scales frame-level features based on the global properties of the input along the time
dimension. The Res2Block divides the input channels into several segments and performs convolution
sequentially (the result of the previous convolution is added to the input as the input for the subsequent
convolution) and then concatenates the results to capture multi-scale features.

Believing that shallow features can also contribute towards more robust speaker embeddings, ECAPA-
TDNN concatenates the outputs of all SE-Res2Blocks along the channel dimension, and then passes
them through a dense layer before feeding them into the pooling layer. Another contribution of
ECAPA-TDNN is attentive statistics pooling (ASP), which extends the attention mechanism from
the time dimension to the channel dimension. This enables the network to focus more on speaker
characteristics that are not activated at similar times.

2.2 PCF-ECAPA-TDNN

PCF-ECAPA-TDNN uses group 1D convolutions and gradually reduces the number of groups,
thereby expanding the receptive field in the frequency (channel) dimension as the network deepens.
This is known as the progressive channel fusion strategy. A key difference between ResNet and
TDNN is that 2D convolutions in ResNet have a local receptive field in both the frequency and time
dimensions, whereas TDNN maintains a global receptive field in the frequency dimension throughout,
which increases the risk of overfitting due to the large number of parameters. Additionally, PCF-
ECAPA-TDNN deepens the network by using four blocks, each containing two SE-Res2Blocks.
Unlike the Res2Block in ECAPA-TDNN, PCF-ECAPA-TDNN adds a branch with a kernel size of 1.
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Figure 1: Proposed MFA-NAT (left) and PCF-NAT (right). The structure at the bottom-middle of the
figure is the NA/GA block.

2.3 MFA-Conformer

MFA-Conformer applies the Conformer, which uses convolutions to capture local features and self-
attention to capture global features, to speaker verification. Unlike the previous two baseline models,
MFA-Conformer performs down-sampling in the time dimension. After the down-sampling layer,
there are multiple Conformer blocks. The optimal configuration is a down-sampling rate of 1/2 and
six blocks. Specifically, this model downsamples Fbank features using a 2D convolution with a kernel
size of 3 and a stride of 2, and adjusts the number of channels to 256 through a linear layer. Each
Conformer block contains two Macaron-like feed-forward modules with half residual connections,
sandwiching the multi-head self-attention and convolution modules. Similar to ECAPA-TDNN,
MFA-Conformer also employs multi-layer feature aggregation and uses attentive statistics pooling.

3 Proposed Architecture

We propose an architecture that alternates between neighborhood attention (NA) and global attention
(GA) to capture both local and global features. Specifically, we only employ global attention in the
final layer of the 2nd and 4th blocks. Similar to ECAPA-TDNN, we also utilize multi-level feature
aggregation (MFA) and attentive statistics pooling (ASP). The architecture overview of MFA-NAT is
provided in the left part of Figure 1. Furthermore, we introduce a progressive channel fusion strategy
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Figure 2: An example of a NA with window size of 3. The right part of the figure is the process of
computing the attention matrix using the GEMM approach.

to enhance performance. There are some structural changes in PCF-NAT compared to MFA-NAT, as
illustrated in the right part of Figure 1.

Additionally, the downsampling layer includes a one-dimensional convolution with a kernel size of 2
and a stride of 2, along with a normalization layer. To maintain consistency with the pooling layer,
we utilize batch normalization as the normalization layer throughout the entire model.

3.1 Neighborhood Attention

Self-attention in the original Transformer exhibits quadratic complexity concerning the number of
tokens, posing challenges for processing high-resolution images or long speech. Moreover, self-
attention lacks certain inductive biases, such as the locality inherent in convolution, which are
essential for effective learning without massive amounts of data or advanced training techniques and
augmentations [28]] [29] [30].

To address these issues, window attention has emerged as a promising solution. In recent years,
the SwinTransformer [25] and Neighborhood Attention Transformer (NAT) [27] have sequentially
demonstrated outstanding performance in visual tasks. SwinTransformer partitions an image into
multiple patches, applying self-attention to non-overlapping windows and shifting windows to expand
the receptive field. On the other hand, Stand-Alone Self-Attention (SASA) [31]] ensures each pixel
attends to a window around it, akin to convolutions. Compared to shift window attention, SASA
offers a more consistent receptive field and quicker expansion with network depth. However, SASA’s
speed was limited due to the lack of an efficient implementation similar to that of convolutions.

Neighborhood Attention (NA) shares similarities with SASA but restricts the window from extending
beyond the image boundary, eliminating surrounding padding. Additionally, the authors of NA
developed an efficient implementation of NA [32] and used a network structure in Neighborhood
Attention Transformer (NAT) similar to that of the SwinTransformer.

As illustrated in the left part of Figure 2, our model follows the approach of SASA, padding the ends
of the sequence, although we still refer to it as NA. Given a window size W, and the Query matrix @),
Key matrix K, and Value matrix V', the method for calculating the attention matrix is:
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The attention matrix then undergoes a softmax operation. Finally, the formula for computing the
output is as follows:

w
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We have also developed a Python package for NA with efficient C++ and CUDA kernels. To
leverage the Tensor Cores of Nvidia GPUs, we convert vector-matrix multiplication into matrix-
matrix multiplication, even though this introduces some redundant computations, as illustrated on the
right side of Figure 2. Similar to computing the attention matrix, the gradients for the Query matrix
and the Key matrix are also computed using the GEMM (General Matrix Multiply) approach. As
for computing the output, calculating the gradients of the attention matrix and the Value matrix, the



processes can be reused from the previous steps. For an M N K matrix multiplication, with a window
size W, the proportion of effective computation can be determined as follows:

tio — w 3)
ratio = I+ W —1)/N]- N

In our implementation, we use a M 16/ N8K 16 matrix multiplication with a window size of 27,
resulting in an effective computation ratio of 56.26%. Although this ratio is not particularly high,
the significant speed advantage of Tensor Cores over CUDA Cores means that converting GEMV to
GEMM still yields more than a 5x acceleration.

3.2 Progressive Channel Fusion

To ensure that the receptive field in the channel dimension expands progressively with network
depth, similar to the time dimension, and to reduce the number of parameters to mitigate the risk of
overfitting, we use a large number of 1D group convolutions, similar to PCF-ECAPA-TDNN [3]].
Specifically, we use four 1D group convolutions to process the input Fbank features, with the number
of groups set to 8, 4, 2, and 1, respectively, and then feed the results into four blocks. The input to the
second and subsequent blocks is augmented with the output from the previous block. For the four
blocks, we replace the linear layers, including the gkv layers, with 1D group convolutions, with the
number of groups also set to 8, 4, 2, and 1. Unlike PCF-ECAPA-TDNN, we reduce the computational
load by down-sampling the Fbank features in the time dimension by half, setting both the kernel size
and stride of the convolution to 2.

4 Experiments

4.1 Dataset

We utilized voxceleb2-dev [24] as the training set, comprising 1,092,009 utterances from 5,994
speakers. To augment the data, each utterance was sped up or down by a factor of 0.9 or 1.1, resulting
in shifted pitch utterances treated as from new speakers [33]] [34]] [35]. Ultimately, the training data
contained 3,276,027 utterances from 17,982 speakers. Additionally, we employed on-the-fly data
augmentation to introduce additive background noise or convolutional reverberation noise for the
time-domain waveform using MUSAN (music, speech and noise) [36] and RIRS-NOISES [37]]. For
evaluation, we use the official evaluation sets including VoxCeleb1-O, VoxCelebl-E, and VoxCeleb1-
H [38]. To more accurately assess the generalization ability of the models, we also use the validation
sets from the last four years of the VoxSRC [[L1] [12] [13]].

4.2 Model Settings

For fair comparisons, we standardized the output channels of the MFA module to 1536 to match the
original configuration of ECAPA-TDNN. The speaker embedding dimension for all systems was set
to 192.

ECAPA-TDNN. We used the ECAPA-TDNN implemented by SpeechBrain [39] as the first baseline
model, which includes three SE-Res2Blocks with 512 channels. These three blocks use 1D dilated
convolutions with dilations of 2, 3, and 4, respectively.

PCF-ECAPA-TDNN. Following the original configuration, this model includes four blocks, each
containing two SE-Res2Blocks with branches and 512 channels. The numbers of groups for the 1D
group convolutions in the blocks are 8, 4, 2, and 1, respectively.

MFA-Conformer. We utilized the source code provided by the authors and adopted the best-
performing model configuration, including a 1/2 subsampling rate and 6 Conformer blocks with 256
channels. For the multi-head self-attention modules in the Conformer blocks, the number of attention
heads is set to 4. For the 1D convolution modules, the kernel size is set to 15. For the feed-forward
modules, the number of units in the linear hidden layer is set to 2048.



MFA-NAT. Similar to PCF-ECAPA-TDNN, our proposed model consists of four blocks. The first
and third blocks use neighborhood attention entirely, while the second and fourth blocks only use
global attention in the last layer. Similar to MFA-Conformer, we use only four heads in the global
attention layers to reduce memory usage and set the channel number to 256 for all blocks. For the
neighborhood attention layers, the number of heads is set to a more efficient 16, with a window size
of 27. Additionally, we scale the model by adjusting the number of attention layers in each block.
For example, MFA-NAT (3 x4) indicates that each block in the model contains three attention layers.
Finally, the drop path rate for MFA-NAT models of different depths is set to 1.0.

PCF-NAT. The proposed model includes four pairs of down-sampling layers and blocks, with the
number of groups set to 8, 4, 2, and 1, respectively, to be consistent with PCF-ECAPA-TDNN. Unlike
MFA-NAT, the two global attention layers of PCF-NAT are placed at the end of the first and third
blocks. Additionally, PCF-NAT models of different depths use different drop path rates: PCF-NAT
(3x4), (4x4), (5x4), and (6x4) use drop path rates of 1.0, 1.1, 1.2, and 1.3, respectively. For other
configurations, PCF-NAT is identical to MFA-NAT.

4.3 Training

Fixed-length 3-second segments were randomly extracted from each utterance, with longer utterances
sampled multiple times in one epoch. The input features consisted of 80-dimensional log-Mel Filter
Banks with a window length of 25 ms and a frame-shift of 10 ms. FBank features were normalized
through cepstral mean subtraction, and no voice activity detection was applied.

A mini-batch contained 256 original utterances and 256 augmented utterances. All models were
trained using AAM+K-subcenter Softmax loss [40]] [41] with a margin of 0.2, a scaling factor of 32,
and k of 3. The SGD optimizer [42]] was employed with an initial learning rate of 0.0001, increased to
0.5 at the end of epoch 1. Subsequently, C'osineAnnealingL R [43] was used to reduce the learning
rate to 0.0001 over the next 9 epochs.

To prevent overfitting, weight decay was applied to all models. Specifically, the weight decay
of ECAPA-TDNN, PCF-ECAPA-TDNN, and MFA-Conformer was set to 2e-5, 5e-5, and 1.5e-6,
respectively, to maintain consistency with the original configuration. For MFA-NAT and PCF-NAT,
the weight decay was set to le-5.

4.4 Evaluation

To address differences in segment duration between training and evaluation, testing utterances
exceeding 8 seconds were divided into segments of 4 to 6 seconds. The embeddings of these
segments were normalized, and the mean was calculated as the embedding for the utterances [44]].

Trial scores were produced using the inner product between embeddings, followed by normaliza-
tion using adaptive S-norm [45] [46]. The imposter cohort comprised speaker-wise averages of
length-normalized embeddings of all training utterances, with the size set to 300 for VoxCeleb1-0O,
VoxCelebl-E, VoxSRC2022, and VoxSRC2023, and to 100 for VoxCeleb1-H, VoxSRC2020, and
VoxSRC2021.

Equal Error Rate (EER) and minimum Detection Cost Function (minDCF) were reported with CFA
= CMiss = 1 for performance evaluation. The Ptarget of minDCF was set to 0.01 for VoxCelebl
and 0.05 for VoxSRC. Furthermore, we calculate the number of batches processed per second by
the models on a single Nvidia GPU 4090 to evaluate the inference speeds. Each batch contains 512
six-second utterances. We use PyTorch’s torch.compile with the default mode to accelerate model
inference.

5 Results and Discussions

5.1 Results on VoxCelebl and VoxSRC

In this section, we present the performance of the proposed MFA-NAT and PCF-NAT with different
depths, as well as the performance of the three baseline systems: MFA-Conformer, ECAPA-TDNN,
and PCF-ECAPA-TDNN. Table 1 reports the EER and minDCF on VoxCelebl, along with the



Table 1: EER and minDCF o1 performance of all systems on VoxCelebl.

Vox1-O Vox1-E Vox1-H
System Params Bs/s EER DCF EER DCF EER DCF

MFA-Conformer 20.5M  7.03 0.691 0.1091 0.893 0.0997 1.709 0.1654
ECAPA-TDNN 147M  9.89 0.681 0.1068 0.871 0.0961 1.643 0.1672
PCF-ECAPA 89M 793 0.590 0.0667 0.758 0.0877 1.453 0.1455

MFA-NAT 3x4) 12.6M 10.34 0.558 0.0731 0.738 0.0818 1.347 0.1328
MFA-NAT (4x4) 158M  8.32 0.580 0.0601 0.711 0.0777 1.305 0.1295
MFA-NAT (5x4) 189M  6.96 0542 0.0792 0.721 0.0752 1.327 0.1351
MFA-NAT (6x4) 22.1M 598 0.601 0.0606 0.718 0.0749 1.305 0.1340

PCF-NAT (3x4) 7.6M 852 0.537 0.0500 0.703 0.0790 1.304 0.1332
PCF-NAT (4x4) 90M 682 0.526 0.0604 0.672 0.0750 1.260 0.1298
PCF-NAT (5x4) 10.5M  5.69 0452 0.0392 0.672 0.0715 1.236 0.1270
PCF-NAT (6x4) 120M 487 0.436 0.0467 0.654 0.0712 1.198 0.1284

Table 2: EER and minDCF o5 performance of all systems on the VoxSRC validation sets.

VoxSRC2020 VoxSRC2021 VoxSRC2022 VoxSRC2023
System EER DCF EER DCF EER DCF EER DCF

MFA-Conformer 2.812 0.1499 3.290 0.1789 2.277 0.1517 4.075 0.2323
ECAPA-TDNN 2747 0.1460 3.537 0.1861 2.224 0.1559 4.133 0.2373
PCF-ECAPA 2493 0.1311 3.067 0.1677 1981 0.1362 3.775 0.2130

MFA-NAT (3x4) 2.272 0.1214 2.671 0.1446 1.862 0.1260 3.447 0.1923
MFA-NAT (4x4) 2.229 0.1177 2.606 0.1453 1.815 0.1187 3.357 0.1845
MFA-NAT (5x4) 2.255 0.1190 2.634 0.1547 1.833 0.1241 3.334 0.1949
MFA-NAT (6x4) 2.232 0.1185 2716 0.1588 1.764 0.1202 3.328 0.1852

PCF-NAT (3x4) 2.202 0.1209 2.609 0.1423 1.793 0.1262 3.340 0.1938
PCF-NAT (4x4) 2.163 0.1153 2.456 0.1403 1.723 0.1170 3.244 0.1830
PCF-NAT (5x4) 2.139 0.1120 2.723 0.1509 1.724 0.1164 3.307 0.1843
PCF-NAT (6x4) 2.059 0.1074 2426 0.1405 1.723 0.1153 3.186 0.1830

number of model parameters in the embedding extractor and the number of batches processed per
second during inference. The EER and minDCF on the validation sets of VoxSRC are provided in
Table 2.

As shown in the two tables, ECAPA-TDNN’s EER and minDCEF are close to those of MFA-Conformer,
but ECAPA-TDNN has fewer parameters and faster inference speed. Among the three baseline
models, PCF-ECAPA-TDNN achieves the lowest EER and minDCF with the fewest parameters, but
its throughput during inference is lower than the shallower ECAPA-TDNN.

For scenarios requiring fast inference, the proposed MFA-NAT (3 x4) is a good choice. Its throughput
is 4.55% higher than ECAPA-TDNN, and its EER and minDCF are 6.86% lower on average than
those of PCF-ECAPA-TDNN. By deepening the network, MFA-NAT (4 x4) achieves EER and
minDCEF that are 3.57% lower on average than MFA-NAT (3 x4), although its throughput is reduced
by 19.54%. Further deepening of MFA-NAT does not yield better performance.

The use of the progressive channel fusion strategy allows PCF-NAT to achieve better performance
and scalability. Compared to the EER and minDCF of MFA-NAT (4 x4), PCF-NAT (4 x4) shows
an average reduction of 3.28%, while the deeper PCF-NAT (6x4) achieves an average reduction of
8.07%. However, in the current Pytorch implementation, 1D group convolutions are slower than
linear layers despite having fewer parameters and computations. This results in less satisfactory
inference speed for PCF-NAT, which uses many 1D group convolutions.

Not mentioned in the tables but equally important is that PCF-NAT uses over 25%, 40%, and 45%
less peak memory during inference compared to MFA-Conformer, ECAPA-TDNN, and PCF-ECAPA-



Table 3: Ablation study of MFA-NAT (4 x4). DCF is minDCF o;. w/o is without. NA is neighbor-
hood attention. GA is global attention.

Vox1-O Vox1-E Vox1-H

No. System EER DCF EER DCF EER DCF avgt
0. MFA-NAT (4x4) 0.580 0.0601 0.711 0.0777 1305 0.1295

1. w/o Fbank norm 0.638 0.0858 0.751 0.0788 1.372 0.1400 12.17%
2. w/o NA padding 0.569 0.0573 0.720 0.0785 1.323 0.1374 0.54%
3. w/o GA 0.681 0.0687 0.775 0.0830 1.402 0.1424 10.82%
4. with four GAs 0.564 0.0755 0.751 0.0821 1.343 0.1354 6.94%
5. with LayerNorm 0.537 0.0731 0.705 0.0760 1.309 0.1353 2.66%
6. w/o drop path  0.548 0.0673 0.730 0.0833 1.351 0.1346 3.97%
7. w/o MFA 0.612 0.0712 0.713 0.0790 1.296 0.1336 4.74%
8. w/o ASP 0.633 0.0754 0.797 0.0883 1.472 0.1465 14.38%
9. w/o AS-norm  0.669 0.0719 0.747 0.0824 1.393 0.1360 9.64%

TDNN, respectively. MFA-NAT and PCF-NAT have similar peak memory usage during inference.
Additionally, because many intermediate values do not need to be saved during inference, deepening
these two models does not increase memory usage. This makes MFA-NAT or PCF-NAT suitable for
environments with limited memory capacity.

5.2 Ablation Study

The effectiveness of the channel fusion strategy has been explained in the previous subsection. To
understand the effects of other components used in the proposed model, We conducted an ablation
study on MFA-NAT (4 x4) and evaluated the results on VoxCeleb1, as shown in Table 3. In Experiment
2, we did not pad the sequence ends and restricted the neighborhood attention window to within the
sequence range, which slightly increased the EER and minDCF. This supports our decision to follow
the earlier Stand-Alone Self-Attention approach. In Experiment 3, where only neighborhood attention
was used, the EER and minDCF increased by an average of 10.82%, indicating the usefulness of the
two global attention layers in MFA-NAT. However, Experiment 4 showed that adding more global
attention layers worsened the results, even if only the last layer of blocks 1 and 3 was changed to
global attention. Experiment 5 replaced all batch normalization layers before multi-level feature
aggregation with layer normalization, resulting in an average increase of 2.66% in EER and minDCF.
In Experiment 7, removing MFA but retaining its subsequent dense layer led to a deterioration of
4.74% in the results.

6 Conclusion and Future Work

In this paper, we present PCF-NAT, a novel Transformer-based speaker embedding extractor for
speaker verification. Unlike Conformer, we capture local features using neighborhood attention
instead of convolution, and we employ less global attention. Ablation experiments demonstrate
the effectiveness of this alternating use of neighborhood and global attention. PCF-NAT, trained
solely on VoxCeleb2, significantly outperforms ECAPA-TDNN without requiring a larger dataset.
Additionally, PCF-NAT is highly scalable: its accuracy can be improved by deepening the network,
and its inference speed can be increased by omitting the progressive channel fusion strategy. We
anticipate that this scalability will facilitate the use of PCF-NAT in downstream tasks such as speech
synthesis and voice conversion. For future work, we aim to find more effective down-sampling
methods as we are concerned that the current simplistic down-sampling approach may limit the
performance of the proposed model. Additionally, we plan to train PCF-NAT on larger datasets to
evaluate whether its generalization ability continues to improve with increasing training data.
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