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Abstract

Self-supervised learning (SSL) speech models have

achieved remarkable performance in various tasks, yet the bi-

ased outcomes, especially affecting marginalized groups, raise

significant concerns. Social bias refers to the phenomenon

where algorithms potentially amplify disparate properties be-

tween social groups present in the data used for training. Bias

in SSL models can perpetuate injustice by automating discrim-

inatory patterns and reinforcing inequitable systems. This work

reveals that prevalent SSL models inadvertently acquire biased

associations. We probe how various factors, such as model ar-

chitecture, size, and training methodologies, influence the prop-

agation of social bias within these models. Finally, we explore

the efficacy of debiasing SSL models through regularization

techniques, specifically via model compression. Our findings

reveal that employing techniques such as row-pruning and train-

ing wider, shallower models can effectively mitigate social bias

within SSL model.

Index Terms: self-supervised learning, bias, fairness

1. Introduction

Self-supervised learning (SSL) models have proven outstanding

performance in various tasks [1, 2, 3, 4, 5], also called founda-

tion models. The SSL framework includes two stages. The first

stage pretrains a shared foundation model model on many unla-

beled data with pretext objectives. In the second stage, the foun-

dation models are adapted to downstream tasks supervised by

extracting meaningful representations or fine-tuning the whole

model. However, we observed SSL representation exhibiting

bias and fairness problems that propagate from pretraining to

downstream tasks, raising concerns about fairness.

Machine learning models may inadvertently reinforce

stereotypes by associating characteristics like emotion and

hate more strongly with specific demographic attributes of the

speaker, such as age, gender, or accent [6]. For example, if a

model consistently associates anger with young speakers and

sadness with aged speakers, it could perpetuate stereotypes

about emotional expression. Rectifying bias in SSL models

poses considerable challenges due to the substantial economic

and environmental costs involved [7].

Most previous works evaluate social bias by the parity of

downstream task performance between different social groups.

Comparison of performance differences between social groups

for speech SSL models exists in Automated Speech Recog-

nition (ASR) [8, 9], Speech Translation (ST) [8], and Emo-

tion Recognition (ER) [10, 11]. Meng et al. [12] show that

training data don’t need to be gender balanced to reach the

best downstream performance, and pretrain on data with lower

speech rate has better downstream performance. There is also

work on assessing classification accuracy difference for binary

gender on ER models [13]. These works have studied down-

stream test performance differences, neglecting bias in the SSL

model representation. Juliette et al. [14] demonstrated the self-

supervised speech model’s inclination towards the language it

was trained on within the representation space, and SpEAT [15]

revealed embedding-level bias between social groups in speech

SSL models. However, whether the SSL features are more bi-

ased than the acoustic features is still unknown, and the con-

tributing factors to social bias, such as model architecture and

size, have not been discussed in previous works.

While significant efforts have been devoted to improving

the performance of SSL models, there has been a notable lack

of research on the bias present in speech SSL models and the

debiasing methods for social bias. Recognizing these research

gaps for speech, we aim to answer the following research ques-

tions: (1) Do representations generated by SSL models amplify

social bias? (2) Does model size, pertaining step, and architec-

ture affect social bias? (3) Research in NLP shows a debiasing

effect on compressed large language models [16, 17, 18]. Do

model compression techniques affect social bias in speech SSL

models?

To answer our research questions, we evaluate three well-

known SSL models: HuBERT [19], Wav2Vec2 [20], and Mel-

HuBERT [21]. To quantify the social bias of SSL model em-

bedding in our research, we adopt SpEAT [15] to evaluate the

gender, age, and nationality bias.

Compared to prior works, our research provides more solid

evidence of SSL model’s amplification of social bias and a more

comprehensive exploration of various factors that might affect

social bias. Notably, we pioneer the investigation into the effi-

cacy of compression techniques in mitigating social bias within

speech SSL models. The following discoveries and insights

emerge from our investigation:

• SSL model representation amplifies social bias compared

to classic acoustic features such as spectrogram or Mel-

Frequency Cepstral Coefficients (MFCC).

• Model size has little effect on social bias. Also, among mod-

els with equal parameter counts, wider and shallower archi-

tectures typically exhibit reduced social bias compared to

narrower and deeper models.

• Longer pretraining steps lead to higher social bias. Besides,

models with identical training objectives and architectural de-

signs exhibit consistent trends in bias during pretraining.

• Among the compression methods, row pruning offers effec-

tive mitigation strategies for all social bias in SSL speech

models, and all compression methods can reduce Age bias.

http://arxiv.org/abs/2406.04997v1


2. Experiment setup

2.1. Speech Self-supervised models

In recent years, speech self-supervised models have demon-

strated strong capabilities in extracting general features [22, 23].

Among those speech SSL models, Wav2Vec 2.0 [20] discretizes

the latent feature space and learns contextualized representa-

tions through contrastive learning among masked time stamps.

HuBERT’s [19] loss function is inherited from wav2vec 2.0,

but it moves the discretization process offline, using k-means

clustering on either MFCC features or hidden representations

to generate discrete targets. MelHuBERT [21] simplifies Hu-

BERT’s loss function to a simple cross-entropy loss and re-

moves the convolutional layer, using Mel Spectrogram as the

input directly, significantly reducing the computational cost of

the model. Since these three SSL models have similar model

architectures, they are easy to compare. In this paper, we will

primarily focus on these three SSL models.

We train HuBERT, Wav2Vec2, and MelHuBERT models

at smaller sizes in two different architectures: small and slim,

with nearly the same number of parameters. Model details are

shown in Table 2. To ensure alignment with [19], HuBERT

and Wav2Vec2 with configuration slim and small are trained

using fairseq [24] with a maximum batch size of 87.5 seconds

of audio per GPU across 400k steps, while for MelHuBERT we

prepare with batch size 12 and 421k steps to ensure all models

are trained with same amount of data instances. All models are

trained with 960 hours of LibriSpeech [25] data.

We also investigate models with larger sizes, includ-

ing HuBERT Base1, Wav2Vec2 Base2, Wav2Vec2 Large3,

MelHuBERT-20ms [26]. These models use the same dataset,

LibriSpeech 960hr, for pretraining.

2.2. Bias evaluation for Speech SSL models

We use SpEAT to evaluate bias in Speech SSL models. SpEAT

evaluates the alignment between two target concept embed-

dings, such as female (X) and male (Y ), corresponding to its

attribute concept embeddings, such as positive (A) and negative

(B) valence. An effect size d is calculated to show which of

the target concepts X or Y is closer to attribute A than to B.

First, the difference of mean cosine similarity between a target

embedding w and each embedding a ∈ A, b ∈ B is calculated:

s(w,A,B) = meana∈Acos(w, a)−meanb∈Bcos(w, b).
(1)

And the effect size d [27] is then calculated by:

d =
meanx∈Xs(x,A,B)−meany∈Y s(y,A,B)

std devw∈X∪Y s(w,A,B)
. (2)

SpEAT d values larger than 0.20, 0.50, and 0.80 are viewed as

small, medium, and large biases, respectively. Conversely, a

negative d value indicates a reverse bias.

We follow the SpEAT setup closely, employing attribute

concepts of positive (A) and negative (B) valence. We turn to

the Morgan Emotional Speech Set [28] to gather speech sam-

ples, following the setup in SpEAT. Our target concepts are

drawn from the Speech Accent Archive [29], with gender, age,

and nationality filtered to create diverse bias categories. Table 1

provides an overview of these categories. The embeddings for

1https://dl.fbaipublicfiles.com/hubert/hubert base ls960.pt
2https://dl.fbaipublicfiles.com/fairseq/wav2vec/wav2vec small.pt
3https://dl.fbaipublicfiles.com/fairseq/wav2vec/libri960 big.pt

speech segments are calculated by averaging the embeddings

within each layer along time dimension, followed by aggregat-

ing these averaged embeddings across all layers.

Table 1: Bias categories in our experiment. count represents

the number of stimuli per target group.

Category target (X) target (Y) count

Gender Female Male 60
Native US Korean 55

Age Young Old 58

2.3. Compression methods for Speech SSL models

There are many different ways to compress speech SSL models.

In this work, we follow Lin et al. [26], focusing on four basic

compression methods: weight pruning, head pruning, row prun-

ing, and knowledge distillation. Besides knowledge distillation,

the other three methods can be considered iterative pruning. In

iterative pruning, we prune the network with two steps itera-

tively. First, we prune blocks of weights and then perform fine-

tuning on the remaining weights. Based on the definition of a

block, pruning can be categorized into weight pruning, which is

done at the level of individual weights; head pruning, which tar-

gets attention heads; and row pruning, which involves the rows

and columns of the Feed-Forward Network (FFW).

Pruning: Among the three SSL models compared, Hu-

BERT training has two stages; stage 2 requires the acoustic unit

clustered by the latent representation of stage 1. Due to the un-

availability of the stage-1 model and the resource constraints

preventing us from training a new HuBERT model, we opt not

to include HuBERT in the pruning experiments.

To perform head-pruning, we adopt a strategy of pruning

the same number of heads per layer based on their L1 norm, as

higher layers typically exhibit more significant L1 norms. This

pruning occurs every 25k steps until 72 heads remain, followed

by further pruning every 40k steps until only 12 heads remain.

A learning rate of 5×10−5 is employed throughout this process.

To implement row pruning, we target the rows of FFW1 and

the columns of FFW2, with a pruning objective of the sum of

their L1 norms. Specifically, we prune 128 dimensions every

25,000 steps until 512 rows remain by a learning rate of 10−5.

For weight pruning, we prune MelHuBERT first because

the contrastive loss of Wav2Vec2 cannot indicate convergence

of the model. We conduct iterative pruning on individual

weights based on their L1 norm for all weights and biases in

the linear layers of Transformers. We maintain an exponential

moving average of the loss with a decay rate of 0.9998. Pruning

is initiated if the loss remains within 0.001 compared to the loss

15,000 steps prior. Our pruning schedule varies in aggressive-

ness depending on the network’s density: we prune 20% until

20% sparsity, 10% until 50% sparsity, 5% until 65% sparsity,

2.5% until 70% sparsity, 1% until 80% sparsity. We use a learn-

ing rate of 10−5. We recorded MelHuBERT’s pruning schedule

and applied it to Wav2Vec2.

All the pruned models are trained with Adam optimizer

[30], with a batch size of 4 for MelHuBERT and 12 for

Wav2Vec2, which aligns with previous works [26, 24].

Distillation: For distillation, we apply the same setup as

DistilHubert [31] in S3PRL [32]. We distill the models to 2, 4,

and 6-layer student networks, with an objective function to pre-

dict 4th and 12th layer of the original SSL model’s representa-

tion. We use a learning rate of 2× 10−4 with Adam optimizer,

batch size 24 for HuBERT, Wav2Vec2, and MelHuBERT.
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Figure 1: Model training steps versus SpEAT effective size.

Table 2: Model details of MelHuBERT (Mel), HuBERT (HuB),

and Wav2Vec2 (Wav) architectures. nl is the number of trans-

former layers. dm is the hidden size of encoder. fs is the dimen-

sionality of the feed-forward layer. nh is the number of heads.

architecture
configuration parameters

nl dm fs nh Mel Wav HuB

Small 3 640 2048 8 16.5M 21.3M 20.9M
Slim 12 384 768 8 15.6M 20.4M 20.0M
Base 12 768 3072 12 90.2M 95.0M 94.7M

Gender Native Age

Gender baseline Native baseline Age baseline
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Figure 2: SpEAT d versus parameters removed after applying 3

pruning methods on Wav2Vec2 (a, c, e) and MelHuBERT (b, d,

f). The closer to the right of the graphs, the more parameters

have been removed. The dashed lines are the SpEAT d measured

on the unpruned model.

3. Result and Analysis

3.1. Effect of model architecture on bias

Table 3 illustrates that compared to traditional features, the fea-

tures extracted by SSL models have a more significant effect

size on three bias categories, indicating these models learned so-

cial bias from the training process. MelHuBERT, for instance,

trained on Mel spectrograms, exemplifies increased bias. No-

tably, most SSL models have the highest SpEAT d on Gender

across all bias categories.

Moreover, an increase in model size doesn’t necessarily

correlate with increased bias, contrasting with findings on com-

pressing large language models [16]. For example, among the

Wav2Vec2 series, large model only has the greatest SpEAT d

on Native bias. In contrast, the greatest SpEAT d of Age and

Gender appears in base model. Additionally, although small

models have comparable parameters to slim models, they tend

to have smaller effect sizes overall, showing the effect of model

architecture design on bias.

3.2. Effect of training steps on bias

Figure 1 shows that models with the same training objective

and architecture design show a similar trend in SpEAT d during

training. Moreover, biases tend to be more pronounced in the

later stages of pretraining. Upon random initialization, MelHu-

BERT models consistently exhibit a significantly larger SpEAT

d than other models. Regardless of the initial SpEAT d, conver-

gence to a positive value typically occurs within approximately

30k-60k steps. Among the three bias categories analyzed, Gen-

der emerges with the highest SpEAT d, suggesting a more sig-

nificant embedding-level bias.

3.3. Effect of compression on bias

To ensure the utility of compressed models, we first evaluate

the upstream models on downstream task Phoneme Recogni-

tion (PR). MelHuBERT uses a much smaller batch size for pre-

training, so the performance cannot be directly compared with

Wav2Vec2 and HuBERT base [33]. We follow the evaluation

configurations in the S3PRL toolkit. Table 4 shows all com-

pressed models still exhibit reasonable performance on down-

stream tasks, compared with [26].

3.3.1. Head pruning

We can see in Figure 2(a) and 2(b) that head pruning re-

duces SpEAT d in category Age, showing an apparent debias

effect. However, for Native and Gender bias, SpEAT d fluctu-

ates around the original model, suggesting a lack of significant
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Figure 3: Effect of model distillation on (a) Wav2Vec2 (b) HuBERT (c) MelHuBERT. 2, 4, 6 stands for the number of layers in the

distilled model. ”base” stands for the model before distillation.

Table 3: SpEAT effect size d measured on speech SSL model rep-

resentation or classical features with different sizes. The bold

text denotes a model with less bias than any traditional features.

Name Age Native Gender

Wav2Vec2 slim 0.49 0.52 0.85
Wav2Vec2 small 0.40 0.31 0.07
Wav2Vec2 base 0.51 0.21 1.21
Wav2Vec2 large 0.46 0.69 0.58

HuBERT slim 0.52 0.62 0.91
HuBERT small 0.50 0.33 0.54
HuBERT base 0.52 0.68 1.04

MelHuBERT slim 0.44 0.55 1.33
MelHuBERT small 0.14 0.57 0.92
MelHuBERT base 0.16 0.62 0.92

STFT 0.39 -0.07 -0.04
Spectrogram -0.32 -0.12 0.17
Mel Spectrogram -0.32 -0.07 0.03
MFCC -0.05 0.13 0.50

debiasing effect in these aspects.

3.3.2. Row pruning

In Figure 2(c) and 2(d), we observe a general reduction in

SpEAT d across pruned models. Specifically, for the Gender

bias in MelHuBERT and for all bias categories in Wav2Vec2,

there is a decreased bias. However, in the case of Native and Age

bias in MelHuBERT, the SpEAT d turns negative after pruning,

indicating the anti-bias characteristics in these categories at the

onset of pruning. Subsequently, SpEAT d gradually increases

as more parameters are pruned, leading to lower bias.

3.3.3. Weight pruning

Based on Figure 2(e) and 2(f), it’s evident that weight prun-

ing generally lowers SpEAT d in Age but shows a varied result

across other bias categories and models. Specifically for Mel-

HuBERT, SpEAT d initially decreases with increasing sparsity

but then rises afterward.

3.3.4. Distillation

Figure 3 vividly illustrates that model distillation does not uni-

versally alleviate bias but sometimes increases bias. In the case

of distilled Wav2Vec2, we notice an increase in SpEAT d for

Gender and Native bias, yet a decrease for most models on Age

bias. Similarly, for distilled HuBERT, SpEAT d escalates for

Gender but diminishes for Age and Native. Meanwhile, in the

case of distilled MelHuBERT, there’s an increase in SpEAT d

for Gender while a decrease is observed for Native and Age.

Distillation generally increases Gender bias while decreases

Age bias. The distilled model size does not significantly affect

the embedding level bias measured.

Table 4: Downstream performance of the compressed models.

dist. represent distillation. For pruned models, we report the

performance of models with middle sparsity (72 heads for head

pruning, 1536 rows for row pruning, sparsity 0.4 for weight

pruning) and the sparsest model, separated by ”/”. For distilled

models, we report the performance of the 2-layered model.

Model Method
PR (PER↓)

base compressed

Wav2Vec2

dist.

5.7

21.3
head 11.5 / 18.8
row 8.9 / 17.3

weight 6.6 / 8.9

HuBERT dist. 5.41 18.6

MelHuBERT

dist.

8.2

27.2
head 7.0 / 11.6
row 8.8 / 14.1

weight 8.1 / 8.7

4. Conclusion

This study offers critical insights into the impact of various fac-

tors within speech SSL models on the embedding-level social

bias. Our findings reveal that SSL representation amplifies so-

cial bias compared to classic acoustic features. When holding

parameter counts constant, the small model exhibits lower bias

than the slim model. Longer pretraining steps lead to higher

social bias. Furthermore, row pruning demonstrates a capac-

ity to reduce social bias among the compression techniques ex-

amined, whereas weight pruning, head pruning, and distillation

show limited effectiveness. Lastly, all these pruning methods

effectively decrease Age bias in upstream models. Our research

serves as a roadmap toward developing more equitable and ef-

ficient SSL models.

5. Limitation

The analysis in our work focuses primarily on speaker-specific

traits such as Gender, Native, and Age, potentially overlook-

ing other dimensions of bias that could exist in semantic com-

ponents of speech data such as political ideology and religion.

Also, our analysis focuses on models trained with mainly En-

glish datasets. Further research is required on whether these

results can apply to other languages or multilingual settings.
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