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ABSTRACT

ECAPA-TDNN is currently the most popular TDNN-series
model for speaker verification, which refreshed the state-
of-the-art(SOTA) performance of TDNN models. However,
one-dimensional convolution has a global receptive field over
the feature channel. It destroys the time-frequency relevance
of the spectrogram. Besides, as ECAPA-TDNN only has
five layers, a much shallower structure compared to ResNet
restricts the capability to generate deep representations. To
further improve ECAPA-TDNN, we propose a progressive
channel fusion strategy that splits the spectrogram across
the feature channel and gradually expands the receptive field
through the network. Secondly, we enlarge the model by ex-
tending the depth and adding branches. Our proposed model
achieves EER with 0.718 and minDCF(0.01) with 0.0858 on
vox1o, relatively improved 16.1% and 19.5% compared with
ECAPA-TDNN-large.

Index Terms— speaker verification, TDNN, progressive
channel fusion

1. INTRODUCTION

Speaker verification aims to determine whether a piece of
speech belongs to the claimed speaker. As an important
method of biometric authentication, it has a broad wide range
of application scenarios.

Automatic speaker verification(ASV) systems consist of
three modules, an embedding extractor, a scoring backend,
and a calibration module. In recent years, ASV systems
based on deep neural networks have continuously refreshed
the SOTA performance. To achieve better performance, re-
searchers have innovated on each module to push up the
upper limit of performance. The embedding extractor is
the key component of a system and contributes the most
among all modules. Starting from x-vector[1], plenty of
works have been proposed on building more powerful net-
works. These architectures can be roughly divided into one-
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dimensional convolution networks, two-dimensional convo-
lution networks, and attention-based transformer[2]. While
transformer gives a less competitive performance on ASV
tasks without large-scale pre-trained models, convolution-
based structures take the mainstream position. There are
diverse aspects to boost system performance, adding more
layers [3, 4, 5, 6] helps model extracting deep represen-
tations, adding residual connections [7] make it faster for
convergence while avoiding gradient vanishing, introducing
attention module [8, 9, 10, 11] improves the ability to capture
long-range dependencies and so on.

ECAPA-TDNN[10] improves performance by introduc-
ing several useful methods. However, compared with ResNet
models, we find out that it could be further improved. Firstly,
we argue that the limitation of one-dimensional convolution
restricts its performance. Compared with two-dimensional
convolution, TDNN has a global sensor space over the feature
channel, and thus lost time-frequency correlation at the first
block. Secondly, ECAPA-TDNN only has five blocks, which
restricts the generation of deep representations. Finally, the
use of different sizes of convolution kernel in the same layer
[12] could improve the ability to capture multi-scale features.

This paper proposes a simple but effective strategy called
progressive channel fusion(PCF). This strategy splits the in-
put spectrogram into several frequency bands and progres-
sively fuses the bands through the network. Thereby it gets
a local receptive field over both time and frequency chan-
nels similar to ResNet and reduces the parameter number at
the same time. Besides, we introduce two useful methods
that further improve the performance accompanied by PCF,
res2block branching, and block deepening.

This paper is organized as follows: Section 2 describes
related works, Section 3 describes the proposed method, Sec-
tion 4 presents experiments and results, and Section 5 sum-
marizes and looks to future work.

2. RELATED WORK

We adopt two architectures as the baseline: ECAPA-TDNN
and ResNet.
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Fig. 1. The receptive field of ResNet34 with 64 base channels,
ECAPA-TDNN (C=1024), and our PFA-ECAPA (C=1024).
For the first two models, we only give the results from blocks
1&3, and for PFA-ECAPA, we give all four layers’ sensor
space.

ECAPA-TDNN introduces multiple module construction
strategies. We summarize the key points as follows:

• Channel- and context-dependent statistics pooling. It
extends the attention mechanism to channel dimension,
to make the model focus more on speaker character-
istics instead of non-active frames. Besides, it intro-
duces global context representation by concatenating
local input and global non-weighted mean and standard
deviation of the feature map across the time domain,
thereby taking global properties into account, such as
background noises or recording conditions.

• Res2Net[13] blocks. By splitting input channels into
several pieces, and hierarchically executing convolu-
tion, addition, and concatenation, the Res2Block mod-
ule enhances the capability to capture multi-scale fea-
tures while significantly reducing the number of param-
eters.

• Squeeze-Excitation(SE) [8] module. SE module first
generates a channel-wise descriptor, called the squeeze
operation. Then, it computes channel weights based on
the descriptor, and applied them to the original chan-
nels, called the excitation operator.

• Multi-layer feature aggregation(MFA) module. Shal-
low layer outputs in deep neural networks also contain
speaker-relevant information. MFA module concate-
nates outputs from 3 SE-Res2Net blocks for robustness
improvement.

TDNN Block

SE-Res2BlockB

SE-Res2BlockB

TDNN Block

SE-Res2BlockB

SE-Res2BlockB

X 3

Multi-layer Feature Aggregation

ASP + FC + BN + Circle Loss

x1 x2 x3 x4

y1 y2 y3 y4

3 1

3 1

3 1

(a) PCF-ECAPA

(b) Res2BlockB

Fig. 2. Proposed Structure. TDNN block is a sequential of a
conv1d, a ReLU and a batchnorm1d. Res2Block in ECAPA-
TDNN is replaced with Res2BlockB shown in (b)

ResNet models are dominant in recent speaker recog-
nition challenges. Benefiting from residual connection and
modular design, ResNet can easily scale to large while main-
taining its ability of fast convergence. After its backbone, we
use the same attentive statistics pooling as ECAPA-TDNN
for comparison.

3. PROPOSED METHOD

We propose a progressive channel fusion strategy, branch
res2block, and layer deepening methods to further enhance
the performance of ECAPA-TDNN. The topology of the
model is shown in Fig 2 and the relevant configuration gives
in Table 1.

3.1. Progressive Channel Fusion

The local receptive field is one of the basis when construct-
ing deep convolution networks, in collaboration with stacked
blocks, it expands sensor space from local to the whole fea-
ture map in deep blocks while avoiding over-fitting. One of
the critical differences between ResNet and TDNN is that
two-dimensional convolution preserves a local receptive field
on both frequency and temporal channels. Because conven-
tional TDNN has full access to all feature channels, the risk of



Layer Structure

Input B × F × T

Link1 TDNN-Block(80,C,5,1,8)
Link2 TDNN-Block(80,C,5,1,4)
Link3 TDNN-Block(80,C,5,1,2)
Link4 TDNN-Block(80,C,5,1,1)

Block1 SE-Res2BlockB(C,C,3,1,8)×2
Block2 SE-Res2BlockB(C,C,3,2,4)×2
Block3 SE-Res2BlockB(C,C,3,3,2)×2
Block4 SE-Res2BlockB(C,C,3,4,1)×2
MFA TDNN-Block(4×C,C,1,1,1)

Pooling ASP(C,1536)

FC Conv1D(1536,192,1,1,1)
FC Linear(192,N)

Table 1. Proposed model structure. The symbols in brackets
represent input channels, output channels, kernel size, dila-
tion, number of sub-bands for Convolution blocks, and input
dim and output dim for linear blocks.N means speaker num-
ber.

over-fitting goes high when increasing the number of param-
eters. To alleviate this phenomenon, we propose a strategy
called progressive channel fusion, which allows the model
to gradually fuse the channel relationship across the forward
propagation.

Assume input feature map X ∈ RF×T , where F, T is the
feature dimension and temporal dimension respectively. We
split F into N sub-bands, where N = 8 for the first block,
then we half N after each block. It should be noted that in
Res2Block, benefit from its hierarchical design, frequency
bands still have the opportunity to communicate, while the
difference is that our strategy assigns major frequency bands
to channel splits. Besides, we introduce links between the
spectrogram and each block with a TDNN block, it shares
an identical split configuration with the target block. The re-
ceptive field of ResNet34, ECAPA-TDNN, and the proposed
PCF-ECAPA are visualized in Fig 1. the first row shows
the receptive field of block1 and block3 in ResNet34. It has
a gradually increased sensor space. The second row gives
the result of the original ECAPA-TDNN, which always has
global sensor space across the channel dimension, while the
last two rows present all blocks’ receptive field of our pro-
posed progressive channel fusion strategy. It shares a similar
behavior with the ResNet model, where the visible area of the
spectrogram spread around as the block goes deep.

3.2. Res2Block Branching

RepVGG [12, 14] has proven to be effective in recent chal-
lenges. Due to its re-parameterized structure design, the
model can learn multi-scale features during training, and the

convolution branches are merged into a single branch for
inference. The key operation to improve the performance of
RepVGG is the multi-branch structure, it introduces convolu-
tion branches with multiple kernel sizes so that the model can
learn multi-scale representation. Therefore, we also introduce
this structure by adding a branch with a convolution kernel
size of 1 in the form of res2block. Although the two branches
cannot be merged into one during inference, it still boosts the
ability to capture input features at multiple levels.

3.3. Layer Deepening

It is usually more effective to make the model deeper rather
than wider when scaling convolution networks because of the
growing range of receptive field. In section 3.1, we intro-
duce a progressive channel fusion strategy, which improves
the model performance while reducing the model parameters.
To make up for the weakening of the modeling ability caused
by the reduction of parameters, after the first TDNN block,
we extend the backbone to 4 blocks, each block containing 2
Res2Blocks with the same dilation. For the MFA module, we
concatenate outputs from 4 blocks as the input.

4. EXPERIMENTS

4.1. Dataset

We use voxceleb2-dev [15] as training set, containing 1,092,009
utterances from 5,994 speakers. For data augmentation, we
use MUSAN [16] and RIRS-NOISES [17]. 80-dimensional
log-Mel Filter Bank is used as input features with cepstral
mean normalization applied, and voice activity detection is
not used. For evaluation, we use official evaluation sets in-
cluding Vox1o,e,h, and validation sets from the last three
years of VoxCeleb speaker recognition challenges[18, 19].

4.2. Model

We use the ECAPA-TDNN implemented by speechbrain [20]
as the baseline model for the experiments, where two settings
are used, a base model with 512 channels, and a large model
with 1024 channels. Our model also adopts the same con-
figuration. We fix the output channels of the MFA module
to 1536 to be consistent with the original configuration. For
ResNet, we use ResNet18 and ResNet34 with 32 channels
and the same pooling as ECAPA-TDNN.

4.3. Training

We use Adam [21] for optimization, and the learning rate
curve adopt the cycle strategy [22]. We train for 3 cycles
with one cycle lasting 100k steps, the learning rate in each
cycle varies from 1e-8 to 1e-3, and the weight decay is 5e-
5. The batch size is set to 256. Circle loss [23], which
has stronger constraints on speaker embedding compared to



Table 2. PCF-ECAPA Performance on VoxCeleb Official Evaluation Sets

Stage Params
Vox1O Vox1E Vox1H Vox20-dev Vox21-dev Vox22-dev

EER DCF0.01 EER DCF0.01 EER DCF0.01 EER DCF0.01 EER DCF0.01 EER DCF0.01

ResNet18 6.7M 1.510 0.1789 1.559 0.1760 2.679 0.2642 4.235 0.3540 4.835 0.3798 3.624 0.4142
ResNet34 9.3M 1.164 0.1141 1.167 0.1285 2.099 0.2127 3.365 0.2794 3.806 0.3050 2.825 0.3062

ECAPA(C=512) 6.2M 1.058 0.1021 1.205 0.1371 2.182 0.2155 3.537 0.2905 4.545 0.3643 2.979 0.3541
ECAPA(C=1024) 14.7M 0.856 0.1066 1.074 0.1285 2.009 0.2021 3.265 0.2725 4.142 0.3353 2.830 0.3110

PCF-ECAPA(C=512) 8.9M 0.718 0.0858 0.792 0.1138 1.802 0.1750 2.959 0.2250 3.684 0.3073 2.630 0.2836
PCF-ECAPA(C=1024) 22.2M 0.718 0.0892 0.891 0.1024 1.707 0.1754 2.831 0.2339 3.527 0.2880 2.333 0.2666

AAM-Softmax loss [24], is used with m = 0.35, s = 60. All
models are trained with the same setting.

4.4. Evaluation

To bridge the gap between the duration of segments for train-
ing and evaluation, we sample short clips from testing utter-
ances and use the mean of the cosine similarity between a pair
of embedding matrices as the final score. We test the model
at the end of the final cycle and report all systems perfor-
mance in terms of equal error rate(EER) and minimum De-
tection Cost Function(minDCF) with ptarget = 0.01, CFA =
CMiss = 1.

4.5. Results

Table 2 summarizes the performance of PCF-ECAPA and the
original ECAPA-TDNN together with the number of model
parameters except for the classification layer. Our proposed
architecture outperforms the baseline systems and gives an
average relative improvement of 15.6% on EER and 15.2%
on minDCF over the best baseline system. We conducted
ablation experiments on the base model, and the results are
shown in Table 3. From the ECAPA-TDNN base, we stack
three methods one by one and finally get the proposed PCF-
ECAPA.

We first evaluate the impact of the model depth. Sim-
ply increasing the number of blocks from 3 to 8 dramatically
improves the performance, where EER improves from 1.058
to 0.792 and minDCF reduces to 0.0912, giving 26.6% and
10.7% relative improvement respectively. The almost dou-
bled number of parameters greatly enhances the model’s abil-
ity to capture deep representations. Meanwhile, the deepened
base model exceeds ECAPA-TDNN-large for 7.5% with less
amount of parameters. It proves our assumption that it is usu-
ally more efficient for convolution networks to deepen the
model rather than broaden it.

Secondly, the branched block pushes the EER to 0.744
but pulls the minDCF back to 0.1024. Parallel branch struc-
ture helps the model capture multi-scale features at the cost
of 1.8% extra parameters. The performance loss may come
from the circle loss based on our experience.

Finally, we apply the proposed PCF strategy. It further
improves EER to 0.718 and minDCF to 0.0858. Restricting
the sensor space of TDNN models over channel dimension is
proved to be effective because of the fine-grained attention on
each frequency sub-bands. Besides, it brings an 18.3% cut
on the number of parameters as a result of the local receptive
field.

Moreover, experiments show that simply scaling the
model from 512 channels to 1024 channels brings little im-
provement, resulting in EER=0.718 and minDCF=0.0892
on vox1o. On other evaluation sets, the large model gets
the biggest boost on Vox22-dev. Nevertheless, it has a less
competitive parameter efficiency.

Table 3. Ablation Study of the PCF-ECAPA architecture. A
represents deepen model, B represents adding branches, and
C represents using PCF strategy. With ABC applied, we get
PCF-ECAPA

Systems Params EER minDCF(0.01)

Base 6.2M 1.058 0.1021

+A 10.7M 0.792 0.0912
++B 10.9M 0.744 0.1024
+++C 8.9M 0.718 0.0858

5. CONCLUSION

In summary, we propose a strategy to enhance TDNN models:
progressive channel fusion. This method enables the model to
pay attention to the narrow frequency band in shallow layers,
gradually expand the receptive filed through the network, and
have the global frequency band receptive field in deep layers,
thereby improving the overall utilization efficiency of the fea-
ture map by the model. In addition, we introduce the branch
structure and deepen the number of model layers to further
improve the model performance, and refreshed the SOTA of
TDNN models with all three methods stacked. Experiments
show that our optimization direction of the model structure is
correct and still has the potential for better performance.
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