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Abstract—This paper introduces a general classifier based
on WavLM features, to infer demographic characteristics, such
as age, gender, native language, education, and country, from
speech. Demographic feature prediction plays a crucial role
in applications like language learning, accessibility, and digital
forensics, enabling more personalized and inclusive technologies.
Leveraging pretrained models for embedding extraction, the
proposed framework identifies key acoustic and linguistic fea-
tures associated with demographic attributes, achieving a Mean
Absolute Error (MAE) of 4.94 for age prediction and over 99.81%
accuracy for gender classification across various datasets. Qur
system improves upon existing models by up to relative 30% in
MAE and up to relative 10% in accuracy and F1 scores across
tasks, leveraging a diverse range of datasets and large pretrained
models to ensure robustness and generalizability. This study
offers new insights into speaker diversity and provides a strong
foundation for future research in speech-based demographic
profiling.

Index Terms—WavLM Features, Speaker Characterization,
Demographic Attributes, Age Prediction, Gender Classification

I. INTRODUCTION

Demographic insights derived from speech data, such as a
speaker’s age, gender, native language, education, and coun-
try, provide valuable knowledge for applications in tailored
services, accessibility, and sociolinguistics [14]. By predicting
these attributes, technology can adapt to diverse user demo-
graphics, enabling more fairness in speech systems without
touching the identity of a specific speaker.

Speech contains a wealth of information, not only linguistic
content but also cues about a speaker’s affective state [22],
health [15], and personal characteristics [14]. Leveraging
these non-linguistic features for demographic prediction opens
up opportunities for robust, generalized models that capture
diverse speaker traits.

This work proposes a novel approach to demographic at-
tribute prediction by:

1) Leveraging pretrained foundational models, such as
WavLM [12], for embedding extraction.

2) Combining multiple datasets with diverse demographic
attributes to improve generalization and robustness.

3) Evaluating cross-dataset performance to demonstrate the
adaptability of the approach across varied linguistic and
demographic contexts.
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The framework uses pretrained embedding extraction mod-
els to generate high-dimensional, speaker-specific represen-
tations, which are then fed into task-specific classification
and regression heads. For age prediction (a regression task),
and categorical attributes like gender and native language
(classification tasks), we employ Multilayer Perceptron (MLP)
[24], ResNet32 [10], and Long Short-Term Memory (LSTM)
[11] architectures. These serve as the classification or regres-
sion heads of the overall model, building upon the frozen
embeddings provided by the pretrained models. The MLP
architecture consists of three layers, while ResNet32 leverages
residual connections for deep feature propagation, and LSTM
models sequential patterns, making it ideal for tasks involving
time-dependent speech features.

By integrating foundational models and diverse datasets, this
approach achieves commendable performance on demographic
attribute prediction tasks, paving the way for robust cross-
dataset generalization.

Section [l reviews previous works on pretrained models for
embedding extraction and studies relevant to speaker attribute
prediction [2], [12], [14]]. Section [II-Al describes the datasets
employed, covering diverse demographic attributes [S]-[9].
Section outlines the evaluation metrics, including Mean
Absolute Error (MAE) for age prediction and accuracy and
F1 scores for categorical characteristics. Section [[II explains
the experimental workflow, including feature extraction, model
architectures, and training and evaluation methods. Section [V]
presents results, comparing the proposed approach to state-
of-the-art methodologies and assessing its effectiveness in
representing demographic diversity.

This research introduces a framework for demographic
profiling of speech data, leveraging feature extraction methods
and WavLM pretrained models [2]. The main contributions of
this work are as follows:

o Adaptation of WavLM Embeddings for Demographic
Prediction: While WavLLM [2]] has been used to improve
the state-of-the-art on many speaker-related tasks, such as
emotion recognition and speaker recognition, we propose
a method to predict speaker characteristics using its
features.
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o Cross-Dataset Benchmarking: We perform a detailed
evaluation on five diverse datasets (see Table [I) to show
the model’s generalization across demographic attributes
(SI-[91.

+ Improvement of the age and gender prediction base-
line: Our study evaluates how well the embeddings
capture speaker’s characteristics, showing consistent per-
formance improvements for both age and gender.

II. RELATED WORKS

Recent advancements in deep learning, particularly self-
supervised models, have revolutionized speaker attribute pre-
diction by providing high-dimensional embeddings that cap-
ture diverse speech characteristics [[12]. These embeddings are
increasingly employed for all speech tasks, including speaker
recognition.

A. Foundational Models for Attribute Prediction

Foundational models, such as WavLM, leverage self-
supervised learning to extract intricate patterns from speech
without requiring labeled data. These models produce embed-
dings that are versatile for various downstream tasks, including
demographic attribute prediction.

Based on the Wav2Vec 2.0 framework [12]], WavLM is a
self-supervised model trained on diverse datasets to capture
acoustic and speaker-specific features. Its embeddings excel
in speech emotion recognition [27] and speaker recognition
tasks [28]].

B. Speaker Attribute Prediction

Speaker attribute prediction has traditionally relied on hand-
crafted features or statistical models such as i-vectors [29],
which represent compact speaker-specific embeddings. More
recently, the statistical approaches were supplanted by the
neural approaches such as x-vectors [30].

Recent work has shifted towards deep neural network-based
methods. Studies like those by Kwasny et al. [1]] and Hechmi et
al. [13]] demonstrate that embeddings from pretrained models,
such as WavLM and Wav2Vec, significantly outperform tradi-
tional approaches. These self-supervised embeddings capture
general-purpose representations, enabling robust demographic
profiling without task-specific feature engineering.

Speaker attribute prediction now primarily uses deep neural
networks to predict demographics such as age and gender
[23]. Kwasny et al. [1] and Hechmi et al. [13]] illustrate that
embeddings from pre-trained speaker verification models can
achieve high scores on age and gender classification tasks.

Recent advances in x-vector-based techniques have given
speaker analysis a new layer of analysis for prosody, di-
alect, and speaker identity. Such embeddings capture high-
dimensional data that eliminates the need for tedious feature
engineering. For example, traditional features like MFCCs re-
quire extensive preprocessing and domain expertise to extract
meaningful information, while self-supervised embeddings,
like those of Oord et al. [16], inherently encode rich speaker-
specific attributes. Comparative experiments have shown that

self-supervised embeddings frequently outperform manual fea-
ture sets for demographic profiling purposes [32].

III. EXPERIMENTAL PIPELINE

In this section, we present the datasets, metrics, pretrained
models and architecture choices, as well as the experiments
performed.

A. Datasets

We use five different datasets, each offering a broad range of
demographic variables and linguistic contexts. Table [l shows
the distribution of speakers and audio segments within the
development and test sets of each dataset. All datasets are
sampled at 16kHz.

o TIMIT [5] - The TIMIT dataset is a corpus for phoneme
alignment and speech recognition tasks which contains
recordings from 630 speakers. The corpus includes 6,300
utterances, where each speaker recites the same set of
sentences. These recordings are accompanied by time-
aligned word and phoneme transcriptions, enabling pre-
cise phonetic analysis. Additionally, the dataset includes
an Edu column with 5 categories: "BS’ (Bachelor’s), "HS’
(High School), "MS’ (Master’s), ’PHD’ (Doctorate), and
’AS’ (Associate).

o VoxCeleb2 [6] - VoxCeleb2 contains over 1 million
utterances from 5,994 speakers, sourced from publicly
available YouTube videos. The dataset spans a wide
variety of accents and recording conditions, making it
suitable for speaker recognition tasks. While VoxCeleb2
does not include explicit demographic labels such as age,
demographic data can be inferred or cross-referenced
from external sources. To compare with established base-
lines, we follow the annotations proposed by Hechmi et
al. [13]], using wikipedia-extracted information for the
speakers.

o L2Arctic [7] - The L2-Arctic dataset consists of speech
from 24 non-native L2 English speakers with with 6
native language categories: Arabic, Hindi, Korean, Man-
darin, Spanish, and Vietnamese. Each speaker records
phonetically balanced English sentences designed to cap-
ture a wide range of phoneme combinations. The dataset
also includes annotations such as phoneme-level align-
ment and acoustic features, making it a valuable resource
for analyzing non-native pronunciation and accent vari-
ability.

o Speech Accent Archive [8] - This dataset consists
of recordings from 2140 native and non-native english
speakers of 141 countries of origin and 202 native lan-
guage categories, reading a common English paragraph.
This design provides a standardized basis for comparing
accent characteristics across origins. The Speech Accent
Archive contains metadata about the speakers’ native
language, age, and gender, which supports studies on
linguistic and demographic profiling.

o Common Voice 6.1 (English) [9] - Common Voice is an
open-source collection of speech recordings contributed



by volunteers worldwide. The dataset provides metadata
fields such as age, gender, and accent; however, this
information is optional, and some entries are incomplete
or imprecise (e.g., age groups are reported in 10-year
ranges). For consistency with other datasets and baseline
evaluations, we use only the English subset of version
6.1, including recordings presenting demographic infor-
mation. This subset includes 3,995 speakers from 17
countries, although the demographic data may not always
be fully representative.

Table [ presents an overview of the datasets used for at-
tribute prediction, including the number of speakers, segments,
and total recording lengths (in hours) for both development
and test sets. The datasets vary significantly in size, from
larger corpora like VoxCeleb2 and Common Voice (English),
which contain thousands of speakers and hundreds of hours of
recordings, to smaller datasets such as L2 Arctic, which focuses
on a much larger variety of non-native English speakers.

The variation in linguistic and demographic characteristics
across these datasets enhances the model’s ability to generalize
and capture diverse speaker attributes, supporting demographic
profiling across a range of speaker backgrounds.

B. Metrics

The model’s performance is assessed using three primary
metrics for age prediction and categorical attribute classifica-
tion.

e Mean Absolute Error (MAE): In age prediction, a con-
tinuous variable, MAE quantifies the mean of the absolute
discrepancies between projected and actual age values. It
provides a straightforward measure of prediction error
without heavily penalizing outliers. MAE is formally
defined as:

1 n
MAE = — Yi — Ui (H
- ; | |
e Accuracy and F1 Score: Accuracy and F1 Score are
utilized for categorical factors such as gender, native
language, education, and nationality. Accuracy evaluates
the model’s predictive correctness, whereas the F1 Score
harmonizes precision and recall, particularly useful for
imbalanced datasets.

C. Feature Extraction

As discussed in Section [ we use a pretrained WavLM
Base+ model 2] for embedding extraction. In particular,
WavLM embeddings are created by average pooling of the
final layer.

D. Model Architectures

To leverage the extracted features, we explore three model
architectures: a Multi Layer Perceptron (MLP), a Long-Short
Term Memory Network (LSTM) and a Residual Network
(ResNet32).

1

o« MLP [21]]: This model has two hidden layers (128 and
64 units respectively) and Regularization is done using
ReLU activation with dropout. The last layer is used to
predict constants (e.g., age) or categorical labels.

o ResNet32 [10]: ResNet32 is a deep residual neural net-
work consisting of 32 layers organized into three groups
of residual blocks. Each block has two convolutional
layers, followed by batch normalization and ReLU acti-
vation, with skip connections to preserve gradient flow
and enhance feature propagation. The model includes
an initial convolutional layer, three residual layers (each
containing five residual blocks with increasing channel
dimensions: 16, 32, and 64), and a global average pooling
layer. Task-specific fully connected layers are used for
predictions across multiple outputs.

e LSTM [11]]: The LSTM model consists of three bidirec-
tional LSTM layers, each followed by layer normaliza-
tion, dropout, and residual connections for stable training
and feature propagation. The model incorporates an atten-
tion mechanism to aggregate temporal information across
sequences and task-specific output heads for multi-task
learning.

E. Training Method

The training is tailored for both continuous (regression) and
categorical (classification) tasks:

For continuous properties (e.g., age), performance is eval-
vated using the Mean Absolute Error (MAE) metric. For
categorical attributes (e.g., gender, nationality), we utilize
CrossEntropyLoss which is boosted for accuracy and F1 Score.

F. Regularization and Learning Rate Adjustment

In order to maintain model stability and avoid overfitting,
we use early stopping with a patience value of 20 epochs. A
ReduceLROnPlateau scheduler also adjusts the learning rate
based on validation success to enable adaptive training and
convergence. All models are trained a Tesla K80 GPU.

G. Comparative Analysis

All models are first trained once for each attribute and using
one dataset at a time, then they are all trained a second time on
all the datasets containing the said attribute to evaluate their
generalisation perfomances.

IV. RESULTS

This cross-dataset analysis highlights the strong perfor-
mance of WavLM embeddings for demographic attribute pre-
diction, as detailed in Tables [[Il and Il The Tables have been
spitted as the proposed corpora offer a limited intersection of
their demographic fields between datasets.

For age and gender predictions, the MLP consistently
achieves the lowest Mean Absolute Error (MAE) across all
datasets, outperforming our other models, as well as the
considered baselines, by up to a relative 55% for the age
(on VoxCeleb2) and an absolute 3.36% difference in gender
accuracy on Speech Accent Archive, and up to 99.81% Ac-
curacy on Voxceleb. However, Common Voice shows one of



TABLE I
DISTRIBUTION OF DATASETS USED.

Dataset Speakers Segments Length (hours) Age Gender Native Lang(#) Country(#) Edu(#)
Dev Test Dev Test Dev Test
Speech Accent Archive 1712 428 1712 428 13.24 3.21 v v v'(202) V' (141) X
TIMIT 461 168 4610 1680 3.93 1.44 v v X X v (5)
VoxCeleb2 3680 84 106922 2713  233.06 5.82 v v X X X
L2Arctic 19 5 21212 5655 21.17 5.90 X v V' (6) X X
Common Voice 6.1 (English) 3158 837 127436 1368 19538  2.15 X v X v (7) X
TABLE II

RESULTS OF ATTRIBUTE PREDICTION FOR SPEECH ACCENT ARCHIVE (SAA), COMMON VOICE 6.1 ENGLISH (CV 6.1 EN) AND L2ARCTIC. BEST
RESULTS PER SECTION ARE IN BOLD, THE SECOND BESTS ARE IN /TALIC. DASHES (-) ARE FOR FIELDS WHERE THE ATTRIBUTE METADATA WAS NOT
AVAILABLE FOR THAT DATASET, CROSSES (X) ARE FOR RESULTS NOT AVAILABLE FOR THE PROPOSED BASELINES.

Features Model Split Age Gender Nat. Lang. Country
Extracted Train Test MAE  Acc.% Fl1% Acc.% Fl%  Acc.% Fl%
MLP 5.21 98.36 98.33 5234 4282 46.01 35.92
WavLM LSTM SAA SAA 5.31 96.39 96.39 5574 4890 46.59  37.53
ResNet32 6.29 94.15 94.14 52.46 4593 4729  40.37
MLP 5.60 98.16 98.15 33.18 2027 3263  21.99
WavLM LSTM All SAA 5.26 94.39 94.51 35.51 2405 3521 24.41
ResNet32 6.22 95.10 95.10 33.41 21.10  30.75  20.08
MFCC i-vector [26] SAA SAA 6.08 95.00 X X X X X
MLP 100.00  100.00  60.00  60.00 - -
WavLM LSTM L2Arctic L2Arctic 100.00  100.00  60.00  66.67 - -
ResNet32 100.00  100.00  60.00  66.67 - -
MLP 100.00  100.00  59.98  66.65 - -
WavLM LSTM All L2Arctic 100.00  100.00  59.98  66.65 - -
ResNet32 100.00  100.00  59.98  66.65 - -
MLP 90.79 90.81 - - 63.01 58.41
WavLM LSTM CV 6.1 EN CV 6.1 EN 90.68 90.74 - - 61.84  57.06
ResNet32 90.56 90.55 - - 60.22  55.55
MLP 90.72 90.98 - - 62.06  55.83
WavLM LSTM All CV 6.1 EN 90.94 91.00 - - 62.50  57.73
ResNet32 90.37 90.60 - - 5870  54.14

the lowest performances, possibly due to the self-reporting
nature of the annotations. On the other hand, L2Artic’s 100%
Accuracy and F1 score might be due to the low variability of
the dataset, as all speakers are prononcing the same paragraph,
reducing greatly the variability. All systems show a stability in
the results when trained on all available datasets, showing that
the domain shift between datasets seems to perfectly balance
the diversification of the data, giving us universal predictors.

In this article, we introduce the classification task of 3
new fields, usually used for system adaptation or conditioning:
Native Language for L2 English speakers, Country of origin
for L1 English speakers (in other words: the accent), and level
of education for US speakers.

Comparing the accuracy of different datasets and number
of fields reveals some interesting patterns in our output. In
the case of L2Arctic, a dataset with very few annotated
attributes (gender and native language categories), predictions
are repsectively 100% accurate and 60% accurate. This implies
that the very low variation in the data and limited field count
make the task easy and accurate. Conversely, more diverse

datasets with more fields, such as Speech Accent Archive (four
demographic fields) and TIMIT (three demographic fields),
have slightly lower accuracy due to the diversity and difficulty
of tasks. For instance, gender prediction on TIMIT and Speech
Accent Archive achieved accuracies of 98.81% and 98.36%,
respectively, while predictions for fields such as country and
education exhibit lower performance due to the domain gap
when training models across multiple datasets. These results
underline the trade-off between dataset diversity and predic-
tion accuracy, emphasizing the importance of balanced field
coverage for achieving robust generalization across tasks.

V. DISCUSSION AND CONCLUSION

This study explores the use of WavLM features to predict
demographic characteristics such as age, gender, native lan-
guage, educational background, and country of origin from
speech. These embeddings are paired with classification and
regression models based on classic architectures, such as MLP,
ResNet32, and LSTM. We train and evaluate our pipeline
on five datasets: Speech Accent Archive, TIMIT, VoxCeleb2,



TABLE III
RESULTS OF ATTRIBUTE PREDICTION FOR VOXCELEB2 AND TIMIT. BEST RESULTS PER SECTION ARE IN BOLD, THE SECOND BESTS ARE IN /TALIC.
DASHES (-) ARE FOR FIELDS WHERE THE ATTRIBUTE METADATA WAS NOT AVAILABLE FOR THAT DATASET, CROSSES (X) ARE FOR RESULTS NOT
AVAILABLE FOR THE PROPOSED BASELINES.

Features . Split Age Gender Edu
Classifier
Extracted Train Test MAE  Acc.% F1% Acc.% F1%
MLP 4.94 98.81 98.80 52.12 38.73
WavLM LSTM TIMIT TIMIT 5.19 97.02 96.99 53.33 39.64
ResNet32 5.49 94.64 94.51 51.52 36.34
MLP 5.41 98.80  98.80 51.52 36.89
WavLM LSTM All TIMIT 5.25 96.43 96.41 53.33 39.61
ResNet32 7.10 94.64 94.58 50.30 34.64
MLP [1] 6.16 98.60 X X X
MECC LSTM [1] TIMIT TIMIT 6.02 98.60 X X X
CNN [1] 5.53 98.60 X X X
MLP 5.51 99.37 99.38 - -
WavLM LSTM VoxCeleb2  VoxCeleb2 5.60 99.71 99.71 - -
ResNet32 5.75 97.62 97.62 - -
MLP 5.45 99.81 99.81 - -
WavLM LSTM All VoxCeleb2 548 99.71 99.71 - -
ResNet32 6.36 99.41 99.41 - -
i-vector [13] 9.443 98.23 X X X
MECC x-vector [13] VoxCeleb2  VoxCeleb2 9962 9776 . . .

L2Arctic, and Common Voice 6.1 (English). Our approach
leverages the rich speaker-specific features encoded in WavLM
embeddings, enabling a robust attribute prediction.

The proposed framework is compared to baseline methods
(i-vectors and x-vector) and is shown to outperforms them
across all tasks and datasets. In age prediction, the MLP model
achieves a 17-30% reduction in MAE compared to baseline
models. Similarly, in gender classification, accuracy increases
by 1-3% and F1 score by 2-5% across datasets compared
to x-vector-based models with up to 99.81% accuracy on
VoxCeleb2, outperforming x-vector models with a maximum
of 98.23%.

For native language and country prediction tasks, the F1
scores improve by 4-10% on the Speech Accent Archive,
showcasing the ability of WavLM embeddings to model com-
plex linguistic and accent-related features effectively. How-
ever, for these specific attributes, this study does not aim to
demonstrate improvement over existing baselines but rather
explores the feasibility and limitations of using WavLM em-
beddings for demographic prediction. For other attributes,
such as age and gender, we compare against established
baselines and demonstrate significant improvements in perfor-
mance. Notably, as the dataset diversity increases, the domain
gap often impacts performance negatively for most datasets,
emphasizing the challenges of maintaining accuracy while
balancing data variability.

Despite the encouraging first results, the experiments reveal
several limitations. First, not all datasets include labels for
every attribute, particularly for education level and country,
making the cross-dataset training and evaluation inconsistent
across tasks. Additionally, discrepancies in label granularity
and terminology across datasets complicate model training.

For instance, some datasets label the speaker’s origin at the
continental level (e.g., ”Africa”), which may overlook critical
linguistic and accentual variations within the continent, while
provide more precise labels, such as specific countries (e.g.,
”Chad”) or regions (e.g., ’Scotland”). This lack of consistency
in geographical labeling can make it difficult for models to
generalize effectively, as accents and linguistic features may
differ significantly. This heterogeneity limits model general-
ization when using multiple datasets for country of origin
prediction. Furthermore, imbalanced class distributions, espe-
cially for native language and education level, bias predic-
tions toward majority classes, reducing model accuracy for
underrepresented attributes despite our data balancing efforts.
Addressing these issues will require more uniform datasets,
or a higher amount of data from under-represented groups.
To overcome these limitations, future works will focus on
expanding and standardizing datasets. Incorporating additional
datasets with consistent labels for demographic attributes
will enhance the model’s robustness. Additionally, ontology
mapping [[17] and cross-dataset label standardization [18] can
harmonize label structures, reducing discrepancies between
datasets. In conclusion, this study demonstrates that WavLM
embeddings are a powerful tool for demographic attribute
prediction, consistently outperforming traditional baselines
like x-vector models across all tasks. By achieving reductions
in MAE of up to 30% and increases in accuracy and F1
scores of up to 10%, this work establishes a robust and gener-
alizable foundation for speech-based demographic profiling.
These findings lay the groundwork for advancing research
in speech-based demographic profiling, with the potential to
inspire more inclusive, adaptive, and impactful technologies
leveraging speech data.



[1]

[2]

[3]

[4]

[5]

[6]

[7]

[8]

[9]

[10]

(11]

(12]

[13]

[14]

[15]

[16]

(171

[18]

[19]

[20]

[21]

[22]

REFERENCES

D. Kwasny and D. Hemmerling, “Gender and Age Estimation Methods
Based on Speech Using Deep Neural Networks,” Journal of Artificial
Intelligence Research, 2020.

S. Chen, W. Chen, S. Li, S. Wu, W. Pan, Y. Zhou, Z. Zhao, X. Li, C. Liu,
Y. Wang, B. Wang, S. Wei, S. Deng, and X. Huang, “WavLM: Large-
Scale Self-Supervised Pre-Training for Full Stack Speech Processing,”
IEEE Journal of Selected Topics in Signal Processing, vol. 16, no. 6,
pp. 1505-1518, 2022.

A. Radford, J. W. Kim, T. Xu, G. Brockman, C. McLeavey, and I
Sutskever, “Robust Speech Recognition via Large-Scale Weak Super-
vision,” in International Conference on Machine Learning, PMLR, pp.
2849228518, 2023.

Y. Gong, S. Khurana, L. Karlinsky, and J. Glass, “Whisper-AT: Noise-
Robust Automatic Speech Recognizers are Also Strong General Audio
Event Taggers,” in Interspeech, 2023.

J. S. Garofolo, L. F. Lamel, W. M. Fisher, J. G. Fiscus, D. S. Pallett, and
N. L. Dahlgren, “TIMIT Acoustic-Phonetic Continuous Speech Corpus,”
Linguistic Data Consortium, 1993.

A. Nagrani, J. S. Chung, W. Xie, and A. Zisserman, “VoxCeleb: Large-
scale speaker verification in the wild,” Computer Speech & Language,
vol. 60, p. 101027, 2020.

G. Zhao, M. Yeh, S. Sitaram, K. Yao, Y. Zhang, G. K. Bhat, S. Watanabe,
and A. W. Black, “L2-ARCTIC: A Non-Native English Speech Corpus,”
Proc. Interspeech, 2020.

S. Weinberger, “Speech Accent Archive,” George Mason University,
2015. Retrieved from |http://accent.gmu.edu,

R. Ardila, M. Branson, K. Davis, M. Henretty, M. Kohler, J.
Meyer, R. Morais, L. Saunders, F. M. Tyers, and G. Weber, “Com-
mon Voice: A Massively-Multilingual Speech Corpus,” arXiv preprint
arXiv:1912.06670, 2019. Accepted to LREC 2020.

C. Szegedy, S. Ioffe, V. Vanhoucke, and A. Alemi, “Inception-v4,
Inception-ResNet and the Impact of Residual Connections on Learning,”
arXiv preprint arXiv:1602.07261, 2016.

S. Hochreiter and J. Schmidhuber, “Long short-term memory,” Neural
Computation, vol. 9, no. 8, pp. 1735-1780, 1997.

A. Baevski, Y. Zhou, A. Mohamed, and M. Auli, “wav2vec 2.0:
A framework for self-supervised learning of speech representations,”
Advances in Neural Information Processing Systems, vol. 33, pp. 12449—
12460, 2020.

K. Hechmi, T. Ngo, V. Hautamaki, and T. Kinnunen, “Vox-
Celeb Enrichment for Age and Gender Recognition,” arXiv preprint
arXiv:2109.13510, 2021. Accepted for presentation at ASRU 2021.

S. Ding, T. Chen, X. Gong, W. Zha, and Z. Wang, “AutoSpeech: Neural
Architecture Search for Speaker Recognition,” Proc. Interspeech, pp.
916-920, 2020.

S. Horiguchi, Y. Fujita, S. Watanabe, Y. Xue, and K. Nagamatsu, “End-
to-End Speaker Diarization for an Unknown Number of Speakers with
Encoder-Decoder Based Attractors,” Proc. Interspeech, pp. 269-273,
2020.

A. van den Oord, Y. Li, and O. Vinyals, “Representation Learning with
Contrastive Predictive Coding,” arXiv preprint arXiv:1807.03748, 2018.
N. Matentzoglu, J. P. Balhoff, S. M. Bello, et al., “A Simple Standard
for Sharing Ontological Mappings (SSSOM),” Database, vol. 2022, p.
baac035, 2022.

G. Amaral, M. Pinnis, I. Skadina, et al., “Statistical and Neural Methods
for Cross-lingual Entity Label Mapping in Knowledge Graphs,” arXiv
preprint arXiv:2206.08709, 2022.

N. V. Chawla, K. W. Bowyer, L. O. Hall, and W. P. Kegelmeyer,
“SMOTE: Synthetic Minority Over-sampling Technique,” Journal of
Artificial Intelligence Research, vol. 16, pp. 321-357, 2002.

I. J. Goodfellow, J. Pouget-Abadie, M. Mirza, B. Xu, D. Warde-Farley,
S. Ozair, A. Courville, and Y. Bengio, “Generative adversarial nets,”
Advances in Neural Information Processing Systems, vol. 27, pp. 2672—
2680, 2014.

J. Sakuma, T. Komatsu, and R. Scheibler, “MLP-ASR: Sequence-length
agnostic all-MLP architectures for speech recognition,” arXiv preprint
arXiv:2202.08456, 2022.

T. Thebaud, A. Favaro, Y. Guan, Y. Yang, P. Singh, J. Villalba, L. Mono-
Velazquez, and N. Dehak, “Multimodal Emotion Recognition Harness-
ing the Complementarity of Speech, Language, and Vision,” Proceedings
of the 26th International Conference on Multimodal Interaction, 2024.

[23]

[24]

[25]

[26]

[27]

[28]

[29]

[30]

[31]

[32]

A. Almomani et al., “Age and Gender Classification Using Backpropa-
gation and Bagging Algorithms,” Comput. Mater. Contin., vol. 74, no.
2, pp. 3045-3062, 2023.

S. Amari, “A theory of adaptive pattern classifier,” IEEE Transactions,
vol. EC, no. 16, pp. 279-307, 1967.

G. Brauwers and F. Frasincar, “A General Survey on Attention Mech-
anisms in Deep Learning,” IEEE Transactions on Knowledge and Data
Engineering, 2021.

M. H. Bahari, M. McLaren, H. Van Hamme, and D. A. Van
Leeuwen, “Speaker age estimation using i-vectors,” Engineering Ap-
plications of Artificial Intelligence, vol. 34, pp. 99-108, 2014. DOI:
10.1016/j.engappai.2014.05.003,

H. Wu, H.-C. Chou, K.-W. Chang, L. Goncalves, J. Du, J.-S. R. Jang,
C.-C. Lee, and H.-Y. Lee, “EMO-SUPERB: An in-depth look at speech
emotion recognition,” arXiv preprint arXiv:2402.13018, 2024.

T. Ashihara, T. Moriya, S. Horiguchi, J. Peng, T. Ochiai, M. Delcroix,
K. Matsuura, and H. Sato, “Investigation of Speaker Representation for
Target-Speaker Speech Processing,” arXiv preprint arXiv:2410.11243,
2024.

N. Dehak, P. J. Kenny, R. Dehak, P. Dumouchel, and P. Ouellet, “Front-
end factor analysis for speaker verification,” IEEE Transactions on
Audio, Speech, and Language Processing, vol. 19, no. 4, pp. 788-798,
2010.

D. Snyder, D. Garcia-Romero, G. Sell, D. Povey, and S. Khudanpur,
“X-vectors: Robust DNN embeddings for speaker recognition,” in Proc.
IEEE International Conference on Acoustics, Speech, and Signal Pro-
cessing (ICASSP), pp. 5329-5333, 2018.

R. N. Koli, “Classification of Speaker’s Age, Gender and Nationality
using Transfer Learning,” M.S. thesis, National College of Ireland, 2021.
Available at: https://norma.ncirl.ie/5177/.

L. Ericsson, H. Gouk, C. C. Loy, and T. M. Hospedales,
“Self-Supervised Representation Learning: Introduction, Advances
and Challenges,” arXiv preprint arXiv:2110.09327, 2021. DOI:
10.48550/arXiv.2110.09327.


http://accent.gmu.edu
https://doi.org/10.1016/j.engappai.2014.05.003
https://norma.ncirl.ie/5177/
https://doi.org/10.48550/arXiv.2110.09327

	Introduction
	Related Works
	Foundational Models for Attribute Prediction
	Speaker Attribute Prediction

	Experimental Pipeline
	Datasets
	Metrics
	Feature Extraction
	Model Architectures
	Training Method
	Regularization and Learning Rate Adjustment
	Comparative Analysis

	Results
	Discussion and Conclusion
	References

