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ABSTRACT 

 
Relating speech to EEG holds considerable importance but is chal-
lenging. In this study, a deep convolutional network was employed 
to extract spatiotemporal features from EEG data. Self-supervised 
speech representation and contextual text embedding were used as 
speech features. Contrastive learning was used to relate EEG fea-
tures to speech features. The experimental results demonstrate the 
benefits of using self-supervised speech representation and contex-
tual text embedding. Through feature fusion and model ensemble, 
an accuracy of 60.29% was achieved, and the performance was 
ranked as No.2 in Task 1 of the Auditory EEG Challenge (ICASSP 
2024). The code to implement our work is available on Github: 
https://github.com/bobwangPKU/EEG-Stimulus-Match-Mismatch. 

 
Index Terms— Auditory EEG decoding, self-supervised 

speech representation, contextual text embedding 
  

1. INTRODUCTION 
 
Match-mismatch task in ICASSP 2024 Auditory EEG Challenge is 
a classification problem. Given an EEG segment and five stimulus 
segments, the task was to classify which one of them corresponds to 
the EEG. In the previous work, low-level features (i.e., envelope, 
mel-spectrograms) were extracted from the speech, and then these 
extracted features, along with the EEG segment, were transformed 
into a latent space using neural network, aiming to maximize the 
similarity between EEG signals and the features of the target stimuli 
[1][2].  

Two main factors for those work may potentially limit model per-
formance. Firstly, only low-level features of speech were used. Re-
cent studies have revealed that neural responses also encode high-
level features (i.e., phonetic, lexical, syntax, and semantic) [3]. Spe-
cifically, speech representations extracted from self-supervised 
speech models (e.g., wav2vec) or text embeddings derived from pre-
trained language models (e.g., GPT) were both helpful for aligning 
brain signals and stimuli [4][5]. Second, the neural networks used 
were relatively shallow, imposing constraints on the effectively 
EEG feature extracting.  

To address these limitations, a deep convolutional network with 
residual connections was used to extract spatiotemporal features 
from EEG data. Besides, self-supervised speech representation and 
contextual text embedding were utilized as speech features. Further-
more, a contrastive learning framework was implemented to en-
hance the discrimination between matched and mismatched stimuli.  

 
2. METHODS 

 
2.1 Model 
 
The framework of the proposed model is shown in Fig. 1. For a seg-
ment of EEG data 𝑋, the matched and 𝑁 mismatched speech seg-
ments are fed into a feature extractor to get the speech features 𝐹. 
These mismatched speech segments are randomly sampled from 
other segments of the same stimulus. An EEG encoder and a feature 
encoder are used to encode EEG data and speech features into a la-
tent space, resulting 𝑍% and 𝑍! (𝑖 = 1, 2,…𝑁 + 1) respectively. Both 
𝑍%  and 𝑍! comprise 𝐷 time series, i.e., 𝑍! = .𝑧"! , 𝑧#! , … , 𝑧$! 0

%. Here, 
𝐷 represents dimensionality of the latent space, and 𝑇 donates trans-
pose. The InfoNCE loss is used in this work: 
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where sim(∙,∙) represents Pearson correlation between two time se-
ries, and p is the index of the matched segment in 𝑍!. 

The architecture of the EEG encoder is demonstrated in Fig. 2. 
EEG 𝑋 is first fed in a linear layer and followed by a 1 × 1 convo-
lution layer with channel 𝐷+. Then, a stack of five blocks of three 

 
Fig. 1 Contrastive learning training framework. 
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Fig. 2 The architecture of the EEG encoder. 



convolutional layers is applied to extract EEG spatial-temporal fea-
tures. The convolutional layer is the same as that in previous work 
[4]. Finally, the convolutional blocks output is sequentially fed into 
a 1 × 1 convolution layer with 2𝐷+ channels, followed by a GELU 
activation, and then another 1 × 1 convolution layer with 𝐷 chan-
nels to get the latent representation 𝑍%. For the speech feature, 𝐹 was 
fed into a 1 × 1 convolution layer with 2𝐷 channels, followed by a 
GELU activation, and then another 1 × 1 convolution layer with 𝐷 
channels to get the latent representation 𝑍. 
 
2.2 Dataset 
 
We utilized the preprocessed EEG data provided by the challenge 
organizers, which we referred to as broadband EEG [6]. Addition-
ally, a filter bank (0-4 Hz, 4-8 Hz, 8-12 Hz, and 12-30 Hz) was em-
ployed to perform bandpass filtering on the broadband EEG data, 
resulting in multi-band EEG data. Five-fold cross-validation with an 
“unseen subjects & unseen stimuli” data partitioning strategy was 
used. Specifically, the data from a portion of subjects were assigned 
as validation set (subjects in the validation set for the five folds: 1-
26, 18-34, 35-51, 52-68, 69-85), while the data from the remaining 
subjects were allocated to the training set. For the validation set, we 
excluded the EEG recordings that corresponded to the stimuli en-
countered in the training set.  
 
2.3 Speech feature extraction 
 
Self-supervised speech model wav2vec 2.0 was used to extract 
speech representation. In practice, we used the wav2vec2-large-xlsr-
53-dutch1. During the process, speech segments of 5 seconds were 
provided as the input to the model. The output of the model’s 14th 
layers was utilized as speech representation. The representation ini-
tially had a dimensionality of 1024, which was then reduced to 64 
dimensions using PCA (Principal Component Analysis). 

Pretrained language model GPT-2 was used to extract contextual 
text embedding. In practice, we used the gpt2-small-dutch2. Stabi-
lizing timestamps for whisper was used to get text and word tem-
poral information (i.e., onset and offset time) of the speech3. During 
the process, each word along with its preceding 4 words was fed into 
GPT-2. The 9th layer’s output was used as word contextual embed-
ding. The embedding initially had a dimensionality of 768, which 
was then reduced to 4 dimensions using PCA. To create continuous 
text embedding, a multivariate time series was constructed with each 
word embedding filling in its corresponding time slot. More details 
can be found in [5]. 

To match the sampling frequency of the EEG data, the wav2vc 
speech representations were resampled to 64 Hz and the continuous 
word embedding was set to 64 Hz. The continuous word embedding 
was also 4 Hz low-pass filtered according to our pilot study. 

 
2.4 Experiment setup 
 
The EEG data and the corresponding speech features were split into 
segments with a duration of 5 seconds without overlap, and then 
were standardized across time. During training, an Adam optimizer 
with a learning rate of 2𝑒,- was used. The batch size was set to 32, 
and the unmatched speech segment number 𝑁 was set to 32. The 
hidden size 𝐷+ was set to 256. The dropout rate was set to 0.5. For 
validation, 4 unmatched segments were sampled. The predicted 
matched segment was determined by selecting the speech segment 
that had the highest correlation with the EEG segment in the latent 
space among all the speech segments. The classification accuracy 

was evaluated on the validation set for every 1k steps. The training 
was stopped when the classification accuracy was not increased for 
20 consecutive evaluations. 

 
4. RESULT 

The classification accuracy on the validation set is shown in Table 
1. The results show that both self-supervised speech representation 
and contextual text embedding are effective in aligning EEG and 
speech. Among these features, the wav2vec representation stands 
out as the most effective. Previous studies have shown that the 
wav2vec representation encodes phoneme- and word-level infor-
mation besides spectrotemporal features[7]. Therefore, these results 
suggest the importance of high-level features of the speech in im-
proving the model’s performance. Furthermore, integrating multiple 
features and replacing the broadband EEG with multi-band EEG fur-
ther enhances the performance. 

Similar to [2], we also utilize ensemble learning to enhance model 
performance. A total of 136 models were trained by combining dif-
ferent filtering EEG and various speech feature combinations. The 
classification output was determined through voting. An accuracy of 
60.29% was achieved on the test set of the challenge. As this perfor-
mance was significantly worse than the result reported on the local 
dataset, we suspect the presence of overfitting. Further experiments 
should be done when the online test set was available. 
 

5. CONCLUSION 
 

In this work, we introduce self-supervised speech representation and 
contextual text embedding into match-mismatch classification of 
speech and EEG recording. Experimental results show that both 
types of features are effective in relating EEG and speech. When 
combined with low-level features, the model's performance is fur-
ther enhanced. 
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Tab. 1 Classification accuracy on the validation set with different 
speech feature (env: envelope, mel: mel-spectrogram, wav2vec: 
wav2vec 2.0 representation, gpt: GPT text embedding) and differ-
ent filtering EEG. The accuracy was averaged over 5 folds. Stand-
ard deviation was calculated across 5 folds.  

Speech Features Classification Accuracy (%) 
broadband EEG multi-band EEG 

env 43.34±1.44 44.10±1.81 
mel 50.51±2.51 50.45±2.20 

env+mel 54.67±2.02 54.92±2.22 
wav2vec 69.95±2.60 70.21±2.22 

gpt 34.84±2.37 36.72±1.43 
env+mel+ wav2vec 71.04±2.51 71.63±2.33 

env+mel+ wav2vec +gpt 71.54±2.79 71.62±1.98 
 


