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ABSTRACT

Keyword Spotting (KWS) models are becoming increasingly
integrated into various systems, e.g. voice assistants. To
achieve satisfactory performance, these models typically rely
on a large amount of labelled data, limiting their applica-
tions only to situations where such data is available. Self-
supervised Learning (SSL) methods can mitigate such a re-
liance by leveraging readily-available unlabelled data. Most
SSL methods for speech have primarily been studied for large
models, whereas this is not ideal, as compact KWS models
are generally required. This paper explores the effectiveness
of SSL on small models for KWS and establishes that SSL
can enhance the performance of small KWS models when la-
belled data is scarce. We pretrain three compact transformer-
based KWS models using Data2Vec, and fine-tune them on
a label-deficient setup of the Google Speech Commands data
set. It is found that Data2Vec pretraining leads to a significant
increase in accuracy, with label-deficient scenarios showing
an improvement of 8.22 % to 11.18 % absolute accuracy.
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1. INTRODUCTION

Common for personal assistants like Google Assistant and
Apple’s Siri is that they make use of an Automatic Speech
Recognition (ASR) system, which is activated by a smaller
Keyword Spotting (KWS) system in order to save resources
when the ASR system is not needed [1]. Modern deep learn-
ing based KWS models have improved the accuracy of KWS
systems. However, they need to be trained on a large amount
of labelled data to generalize well and obtaining properly la-
belled speech data is a labour-intensive and costly process,
especially for low-resource languages.

Recently, self-supervised learning methods have shown to
be able to learn strong representations from unlabelled data,
yielding good performance on a number of downstream tasks,
including KWS, when fine-tuned on a limited amount of la-
belled data. However, current studies mainly focus on devel-
oping universal speech models [2, 3], which are trained on
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large speech corpuses such as Librispeech [4] or LibriLight
[5], with the goal of obtaining a model that can perform well
for multiple downstream tasks. These large models are com-
monly evaluated on benchmarks like SUPERB [6], requir-
ing fine-tuning on multiple downstream tasks. Consequently,
training these models require numerous high-end GPUs and
often several weeks of training, making training these models
infeasible in many cases, e.g., due to limited time or restricted
computing resources. Additionally, for many use cases, such
as KWS for voice assistants, it is desirable that the models are
small and efficient [1].

While knowledge distillation [7] has been investigated for
transferring the representations learned by a large model to
a smaller model [8, 9, 10], such methods do not deal with
the problem of the necessity of training a large model ini-
tially. One study used a contrastive type of SSL method to
train smaller models without distillation from a large pre-
trained model and found that, contrary to former assump-
tions, small models are able to solve the self-supervised pre-
text tasks without overfitting [11]. Additionally, they were
able to improve the performance of five different small im-
age recognition models, ranging from 2.5 to 11 million pa-
rameters, suggesting that training small self-supervised mod-
els is feasible. Other work found that the learned parameters
of large speech models suffer from redundancy across layers,
and proposed the use of weight sharing to reduce parameter
redundancy and the network size [12].

In this paper, we investigate the adaption of the general
non-contrastive SSL framework Data2Vec [13] to improve
KWS performance in label-deficient scenarios. We imple-
ment three variations of the Keyword Transformer (KWT)
model [14], varying from 600k to 5.4M parameters, and pre-
train the models using Data2Vec. The models are evaluated
on a label-deficient setup of the Google Speech Commands
data set [15] with only 20 % labelled data for supervised
training, and the results show the following:

1. Self-supervised pretraining significantly improves the
KWS performance for all three models when the
amount of labelled data is limited, indicating that self-
supervised learning can also be beneficial for small
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models.

2. All three pretrained and fine-tuned models achieve sim-
ilar performance to models trained on 100 % labelled
data, while using 80 % data as unlabelled data for self-
supervised pretraining, and only 20 % labelled data for
fine-tuning.

3. A significant performance improvement from self-
supervised pretraining is also seen when using a larger
out-of-domain data set for pretraining.

4. Fine-tuning the entire pretrained model is necessary.

The source code used to produce the results of this paper
is made publicly available!.

2. METHODOLOGY AND DATA SETS

2.1. Keyword spotting model

A deep KWS system can typically be divided into three parts,
namely a feature extractor, a Deep Neural Network (DNN)
acoustic model and posterior handling as shown in Figure 1.

Feature DNN Acoustic Posterior
Extraction Model Handling

Fig. 1. A typical deep KWS system.

As the Data2Vec framework uses a transformer encoder,
we choose to use the transformer based KWT model [14],
which has achieved state-of-the-art performance on the
Google Speech Commands KWS benchmark. The KWT
model is based on a vision transformer [16], substituting
images with Mel-frequency cepstral coefficients (MFCCs).
MFCCs are extracted using a window length of 480, a
hop length of 160, and we use 40-dimension MFCC features.
Each MFCC vector is then passed through a linear layer to
yield embeddings matching the transformer input dimension.
The acoustic model consists of 12 transformer blocks, fol-
lowed by a Multilayer Perceptron (MLP) classification head.
The KWT model [14] concatenates a CLS (i.e., classifica-
tion) token to the input, yielding a global encoding of all
time steps used as input for the classification head. However,
we found that using the mean of the encodings of each time
step (i.e., MFCC vector) as the input for the classification
head yields better performance, both with and without self-
supervised pretraining. The classification head simply out-
puts posteriors over the N, keyword classes. An illustration
of the KWS model used in this study is seen in Figure 2.
Following [14], the encoder dimension of each trans-
former block, d, is set such that % = 64, where k is the
number of attention heads in the multi-head attention block.
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Fig. 2. The keyword spotting model.

2.2. Data2Vec pretraining

Data2Vec [13] uses a student and a teacher model which are
identical transformer encoders and the teacher model weights
are an Exponential Moving Average (EMA) of the student
model weights. A general overview of the Data2Vec frame-
work is presented in Figure 3. As illustrated, the teacher
model encodes the full input, while the student model encodes
a masked version of the input.
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Fig. 3. The Data2Vec framework.
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The learning objective in the Data2Vec framework is to
minimize the difference between the student prediction f;(x)
and the target y;, which is formed from the K last hidden
representations of the teacher model as

1 L
N
w=p > M (1)
I=L—K+1
where y; is the target at time step ¢, L is the total number
of transformer blocks, and hi is the normalized hidden state
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representation from transformer block ! at time step ¢.

2.3. Data set

For training and evaluation of the KWS model, we use a label-
deficient version of the Google Speech Commands V2 data
set [15], consisting of 105829 1s recordings of 35 different
keywords. To simulate a label-deficient scenario where most
of the data is unlabelled and only a small amount of labelled
data is available, we randomly split the original training set
such that 80 % (18.8 h) of the original training set is set aside
for unlabelled pretraining and the remaining 20 % (4.7h) is
used as the labelled training set. The resulting splits and their
number of examples are summarized in Table 1.

Table 1. Label-deficient Google Speech Commands V2
splits.
Split Pretrain Train  Validation Test
Examples 67874 16969 9981 11005

In addition to the Speech Commands pretraining set, we
also carry out experiments using Librispeech [4] 100 h clean
training set for unlabelled pretraining, in order to test the ef-
fect of using a larger data set that is not domain-specific for
pretraining.

3. EXPERIMENTS

To gain insight into how model size influences the perfor-
mance with and without pretraining, we use three models of
varying sizes. Following [14], the number of attention heads
in the transformer blocks, k, is varied from 1 to 3, and the
encoder dimension, d, from 64 to 192, yielding three models,
KWT-1, KWT-2 and KWT-3, with 0.6 x 10, 2.4 x 10° and
5.4 x 10° parameters, respectively.

The models were implemented in PyTorch and experi-
ments have been carried out on a virtual machine with 10
CPUs, 40 GB RAM and one NVIDIA T40 GPU with 16 GB
Random Access Memory (RAM). With this setup, pretraining
and fine-tuning of the largest model takes approximately 10 h
and 1 h, respectively.

3.1. Baseline

In order to evaluate the benefit of using Data2 Vec pretraining,
a baseline without pretraining has been established. All three
baseline models are trained with supervision on the label-
deficient Speech Command training set containing 20 % of
the original training set data.

During the supervised training of the baseline model, we
apply SpecAugment [17] randomly masking blocks in both
time and feature dimension. We train the KWT model for 140
epochs using a batch size of 512, and use cross entropy as the

learning objective. Weights are updated using the AdamW
[18] optimizer with a learning rate of 1 x 10~ and a weight
decay of 0.1. We use a learning rate schedule with 10 epochs
linear warmup followed by cosine annealing. The models are
trained and evaluated on the 35 keyword classification setting
of the Speech Commands V2 data set.

A simple classification accuracy metric is used as the per-
formance metric for evaluation of the KWS system, as the
Speech Commands V2 data set is rather balanced in terms of
different keywords [15, 1].

3.2. Pretraining and fine-tuning

During pretraining, the classification head in Figure 2 is re-
placed by a linear regression head, which predicts the hidden
state representations of the teacher model. Following [13],
we use a time-domain masking strategy also used in Wav2Vec
[19]. Specifically, MFCC vectors are sampled with a proba-
bility pmask, and the following Ny.sx = 10 MFCC vectors
are replaced by a MASK token embedding such that approx-
imately 65 % of the time steps are masked. During pretrain-
ing, a mask is generated for each input sample, and the stu-
dent model then encodes the masked embeddings, while the
teacher model encodes the unmasked embeddings.

Most of the hyperparameters for pretraining are chosen
according to the original Data2Vec study [13], with some
slight alterations due to differences in data and hardware
setup. Specifically, we set the batch size to 512, the number
of EMA decay annealing steps to 1000 and training for 200
epochs. We update the student weights using a mean squared
error (MSE) loss and Adam [20] optimizer with a learning
rate of 0.5 x 1072 and a weight decay of 0.01, using a 1-cycle
learning rate schedule [21].

After Data2Vec pretraining, the regression head is re-
placed with the original classification head to fine-tune the
model for KWS. All three models are fine-tuned on the label-
deficient Speech Command training set containing 20 % of
the original training set data. During fine-tuning, we load a
pretrained model and fine-tune the whole model using the
same procedure as used for the baseline.

4. RESULTS

Table 2 shows the test set accuracies for both the baseline
models and the fine-tuned models as a comparison. All mod-
els in this table have been trained or fine-tuned for KWS using
the label-deficient training set of Table 1.

The models pretrained using Speech Commands pretrain-
ing data show absolute improvements in accuracy over the
baseline between 8.22 % to 11.18 %, with the KWT-3 model
having the best accuracy, achieving a score of 95.29 %. The
two smaller models, KWT-1 and KWT-2, also achieve a sim-
ilar performance improvement, with an accuracy of 93.94 %
and 95.07 % respectively.



Table 2. Summary of results for the three KWT models of
different settings. All experiments used 20 % labelled data
(i.e. the label-deficient setting). Baseline denotes models only
trained on the label-deficient Speech Commands training set
without pretraining. SC denotes Data2Vec pretraining using
Speech Commands pretraining set, and LS denotes pretrain-
ing using Librispeech 100-hour clean training set.

Data2Vec pretraining

Model  Parameters Baseline SC LS

KWT-1 600k 0.8572 0.9394  0.9426
KWT-2 2.4M 0.8584 0.9507 0.9455
KWT-3 5.4M 0.8411 0.9527 0.9476

As shown in Table 2, using 100 h clean Librispeech data
for pretraining yields very similar performance to that of the
models pretrained using Speech Commands data (18.8h),
with minor differences in accuracy between them in the range
from 0.32% to 0.52%. This suggests that despite using
relatively small KWS models, the learned models from pre-
training on Librispeech data generalize well to the Speech
Commands data set.

Generally, the results demonstrate that for all three model
sizes, Data2Vec pretraining can significantly improve KWS
performance in the label-deficient scenarios, even when pre-
trained on a relatively small amount of unlabelled data. Addi-
tionally, pretraining on the 100 h Librispeech data set yields a
similar improvement, showing that the pretraining data does
not need to be domain-specific. Overall, these results indi-
cate that self-supervised pretraining can also be beneficial for
small KWS models in label-deficient scenarios, while also not
relying on gathering domain-specific data for pretraining.

4.1. Ablation studies

Following the initial experiments, we now investigate the use
of the pretrained model as a feature extractor, as well as scal-
ing up the amount of labelled data to the full original training
set. These results are presented in Table 3.

We observe that fixing the pretrained model weights, us-
ing the fine-tuned model as a feature extractor, and only train-
ing the classification head, yields drastically worse perfor-
mance, while all three models show a significant improve-
ment in performance, when fine-tuning all weights. This sug-
gests that the learned representations during pretraining are
not strong enough to use directly as input features for the lin-
ear classifier, thus allowing all weights to be updated is nec-
essary to achieve good performance.

In addition, we also train the models on 100 % of labelled
data from the original training set, to use as a performance
reference. Interestingly, we find that training the models on
100 % labelled data does not outperform the Data2Vec pre-

Table 3. Summary of results for feature extraction and for
training on the full original training set. ”-FE” denotes that
the pretrained models were used for feature extraction and
their weights were fixed. “Full” indicates models trained
or fine-tuned on the full Speech Commands V2 training set
(i.e. 100 % labelled) instead of the label-deficient training set
(20 % only).

Model SC-FE Full Full + LS pretrain
KWT-1 0.4292 0.9638 0.9713
KWT-2 0.4974 0.9498 0.9716
KWT-3 0.4960 0.9079 0.9716

trained models fine-tuned on 20 % labelled data only, with
the latter showing similar or even slightly better performance.
All baseline models presented in Table 2 perform significantly
worse than the models trained on the full training set, which is
expected, due to the limited amount of labelled training data
(20 %) for the baseline models.

We also find that when fine-tuning the models pretrained
on 100h Librispeech data using the full (i.e. 100% of)
Speech Commands training set, a further improvement in
KWS performance in seen. Here, all models achieve an
accuracy above 97 %, with the larger KWT-2 and KWT-3
models achieving the largest increases in accuracy relative to
no pretraining.

5. CONCLUSION

In this paper, we investigated the use of the self-supervised
learning method, Data2Vec, in order to improve the perfor-
mance of KWS models in label-deficient scenarios. We im-
plemented a self-supervised keyword spotting system using
three variations of the KWT model which we pretrained us-
ing Data2Vec, and tested the system on a label-deficient setup
of the Google Speech Commands data set.

The results show that pretraining using Data2Vec signif-
icantly improved the KWS performance for all three mod-
els, with absolute improvements in test set accuracy between
8.22% to 11.18%. Moreover, when fine-tuned using only
20 % of the original labelled training data, the pretrained mod-
els achieved performance comparable to models trained on
the full training set, regardless of whether the models were
pretrained on domain-specific data.

These significant improvements in accuracy show that
self-supervised pretraining is not limited to large general
speech models but can also greatly improve the performance
of relatively small KWS models, when labelled data is lim-
ited. Further work involves investigating how self-supervised
pretraining affects the noise-robustness of KWS models, and
obtaining deeper insights on the limitations of self-supervised
pretraining for small models.
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