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Abstract—While the transformer has emerged as the eminent
neural architecture, several independent lines of research have
emerged to address its limitations. Recurrent neural approaches
have also observed a lot of renewed interest, including the
extended long short-term memory (xLSTM) architecture, which
reinvigorates the original LSTM architecture. However, while
xLSTMs have shown competitive performance compared to the
transformer, their viability for learning self-supervised general-
purpose audio representations has not yet been evaluated. This
work proposes Audio xLSTM (AxLSTM), an approach to learn
audio representations from masked spectrogram patches in a self-
supervised setting. Pretrained on the AudioSet dataset, the pro-
posed AxLSTM models outperform comparable self-supervised
audio spectrogram transformer (SSAST) baselines by up to 20%
in relative performance across a set of ten diverse downstream
tasks while having up to 45% fewer parameters.

Index Terms—xLSTM, self-supervised learning, audio repre-
sentation learning.

I. INTRODUCTION

In lieu of their excellent generalisation capabilities and
domain and data agnostic nature, transformers [1] and their
successors have seen widespread adoption. Furthermore, trans-
formers, together with masked predictive modelling, have
emerged as a key driving force behind several prominent
advancements in the realm of unsupervised and self-supervised
representation learning for NLP [2], computer vision [3], [4]
and audio and speech processing [5]–[9]. However, the race to
find alternatives to scaled dot-product attention at the heart of
transformers has heated up, with a lot of emphasis on finding
sub-quadratic appromixations of the attention operation [10]
as well as token mixing [11].

This search for alternatives has led us back to recurrent
neural approaches. Before the advent of transformers, se-
quence modeling was predominantly done using recurrent
neural networks (RNNs), such the long short-term memory
(LSTM) [12]. Recurrent models offer several advantages over
transformers: they scale linearly with respect to sequence
length and they have lower runtime memory requirements
since storing the entire key-value (KV) cache is not necessary.
The search has led us to new approaches such as state space
models (SSMs) [13]–[17], which are a family of sequence
models that lie at the intersection of convolutional neural
networks, RNNs and classical state spaces. Several variants of
SSMs have since been proposed, showing competitive perfor-
mance and scalability versus transformers in several domains,

including long sequence modelling [16], [17], computer vision
[18] as well as audio [19].

Compared to the transformer architecture, LSTMs suffer
from several key drawbacks: (i) inability to revise storage
decisions, (ii) compressing information into a scalar cell state,
which impacts performance on rare input tokens, and (iii)
memory mixing and the resulting lack of parallelizability.
Recently, [20] proposed the extended long-short term mem-
ory (xLSTM) neural architecture, which revitalises the orig-
inal LSTM architecture, leveraging the latest techniques and
tricks learned from years of transformer and large language
modelling research. xLSTM incorporates exponential gating,
improved normalization and stabilization techniques while
removing traditional memory mixing, resulting in two new
fundamental building blocks: sLSTM and mLSTM. xLSTMs
have demonstrated performance on-par with or better than
transformers and Mamba for large language modelling [20] as
well as a generic vision backbone trained on non-overlapping
image patches [21], while also demonstrating superior se-
quence length extrapolation capabilities. However, the ability
of xLSTMs to learn general-purpose audio representations in
a self-supervised setting is yet to be thoroughly evaluated.

In this work, we propose Audio xLSTMs (AxLSTMs) for
learning self-supervised general-purpose audio representations
within a masked modelling framework from spectrograms
patches. Pretrained on AudioSet [22], AxLSTMs consis-
tently outperform comparable self-supervised audio spectro-
gram transformer (SSAST) [7] based baselines on ten varied
downstream tasks, improving aggregate performance by over
20% while having over 45% fewer parameters. Code and
pretrained models will be released publicly.

II. METHOD

A. Prerequisites: xLSTM and the mLSTM block

As previously discussed, xLSTM [20] proposes two new
building blocks, sLSTM and mLSTM. In line with Vision-
LSTM [21], the parallelizable mLSTM module is the funda-
mental building block of our approach, and thus is the focus
of our discussion. The mLSTM block addresses the issues
with the original LSTM cell by utilizing a matrix memory cell
C ∈ Rd×d. mLSTM stores a key-value vector pair kt, vt ∈ Rd

at timestep t, and the relevant value vector is retrieved later
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Fig. 1. An overview of the proposed AxLSTM approach (left), and the constituent mLSTM blocks (right).

using a query qt+τ ∈ Rd. The forward pass for mLSTM is as
follows:

Ct = ft Ct−1 + it vt k
⊤
t , (1)

nt = ft nt−1 + it kt, (2)

ht = ot ⊙ Ctqt / max
{
|n⊤

t qt|, 1
}
, (3)

qt = Wq xt + bq (4)

kt =
1√
d
Wk xt + bk (5)

vt = Wv xt + bv (6)

it = exp
(
w⊤

i xt + bi
)
, (7)

ft = exp
(
w⊤

f xt + bf
)
, (8)

ot = σ ( Wo xt + bo) (9)

where Ct is the matrix memory cell, nt and ht represent
the normalizer state and the hidden state, and it, ft and ot
represent the input, forget and the output gates, respectively.
Weights Wq,Wk and Wv are learnable projection matrices
for vectors query q, key k and value v, respectively. Since
there is no memory mixing in mLSTMs, multiple memory
cells and multiple heads are equivalent, and the forward pass
can be parallelized. Further, mLSTM uses exponential gating
to mitigate the inability of LSTMs to revise storage decisions.

B. AxLSTM: Modelling masked patches with xLSTMs

Creating and masking patches: We compute non-
overlapping patches of shape t × f from input spectrogram
x ∈ Rt×f, yielding xp ∈ RN×(t·f) patches. After flattening
these patches and projecting them linearly to a RN×dm di-
mensional space, we encode positional information by adding
fixed sinusoidal positional. A representative class token is then
added to the beginning of the sequence, similar to [7], [23]. We
then proceed to randomly mask 50% of the input patches using
an unstructured masking strategy, and replace these masked
patches with a learnable mask token. Thus, input to the encoder
is:

x′ = [cls,x1
p,x

2
p, . . . ,x

N
p ] + Epos (10)

Encoding and Reconstruction: These partially masked
patches are now fed to the encoder, yielding encoded rep-
resentations z = enc(x′), z ∈ R(N+1)×dm . The encoder is a

stack of mLSTM blocks [20], [21] (Fig. 1), and each block
expands the dm dimensional input by an expansion factor
E = 2 before projecting it back to dm. This yields blocks
that have fewer parameters than a corresponding transformer
block. After encoding, a single hidden layer MLP is used to
reconstruct patches from encoded representation z. :

y′ = Linear(t·f)(σ(Lineardm
(z))), (11)

where Lineard is a parameterized linear projection to dimen-
sions d, and σ denotes the GELU non-linear activation func-
tion. The reconstructed output y is obtained after removing the
cls token from y′. The mean square error between the original
input patches and the reconstructions is used for pretraining.
Further details can be found in Section III-B.

III. EXPERIMENTS

A. Datasets

Pretraining: For pretraining, we use the AudioSet dataset
(AS) [22] which has roughly 2 million 10-second weakly
labelled YouTube clips and over 5000 hours of audio data
spanning 527 classes.

Downstream Evaluation: Following recent works [19],
[27], we use a subset of the tasks proposed as a part of the
HEAR benchmark [24] for downstream evaluation, comprising
of the following ten diverse audio tasks: Beijing Opera, Crema-
D, ESC-50, LibriCount, Mridangam Stroke and Tonic, NSynth
Pitch 5h, Speech Commands 5h, FSD50K and VoxLingua107.

B. Implementation details

Spectrogram features: We extract log-scaled mel spectro-
gram features with a window size of 25 ms, a hop size of 10
ms and F = 80 mel-spaced frequency bins. A sampling rate
of 16000 Hz is used for all audio clips.

Pretraining: All the proposed models are pretrained on
randomly cropped 2-second audio clips, which corresponds
to a [200, 80]-dim (time and frequency, resp.) input. Our
default configuration consists of l = 12 number of stacked
mLSTM blocks with a model feature dimension dm = 192,
same as those of ViT-Tiny [23] encoder, but we also evaluate
Small (dm =384, l=12) and Base (dm=768, l=12) encoder
configurations. The default expansion factor Ef = 2 as



TABLE I
COMPARING AXLSTMS WITH POPULAR SELF-SUPERVISED AUDIO REPRESENTATIONS. WE USED PRETRAINED MODELS FROM CITED PAPERS TO

EXTRACT FIXED FEATURE VECTORS AND CONDUCTED OUR OWN DOWNSTREAM EXPERIMENTS. DIRECTLY COMPARABLE SSAST AND AXLSTM
MODELS ARE HIGHLIGHTED WITH SIMILAR COLOURS. LS, AS, VP, LL STAND FOR LIBRISPEECH, AUDIOSET, VOXPOPULI AND LIBRILIGHT DATASETS,

RESPECTIVELY. SSAST [7] WAS TRAINED ON AS+LS. *INCLUDES DECODER PARAMETERS

Model Data # Params BO CD ESC-50 LC Mri-S Mri-T NS-5h SC-5h F50K VL s(m)

Naive Baselines
HEAR-Naive [24] - - 52.6±2.4 30.9±0.8 5.8±0.2 33.5±1.1 38.0±1.3 36.4±1.9 18.6±4.4 8.5±0.4 7.1±0.2 11.2±0.5 5.2±0.8

Supervised
PaSST-Base [25] AS 86 M 94.9±0.5 61.0±0.3 94.8±0.3 60.1±0.2 96.5±0.1 87.6±0.6 23.3±0.9 66.6±1.4 64.2±0.1 25.5±0.8 74.7±0.4

SSL
W2V2-base [5] LS 94.4 M 74.0±1.0 46.4±0.3 31.1±0.4 51.2±0.2 77.3±0.2 55.1±0.3 7.4±0.8 90.8±0.3 18.1±0.1 35.5±0.8 44.1±0.2
W2V2-large [5] VP 315.4 M 93.1±0.7 66.9±0.4 60.1±0.5 62.4±0.3 93.9±0.1 77.4±0.2 42.0±1.0 87.6±0.5 34.2±0.1 53.6±1.0 75.1±0.4
WavLM-base [9] LS 94.4 M 89.4±0.7 56.3±0.2 46.6±0.4 63.2±0.3 95.1±0.1 83.4±0.2 37.3±0.8 57.2±0.8 29.9±0.1 22.6±0.6 61.7±0.2
WavLM-large [9] Mix 315.4 M 96.4±0.5 57.2±0.2 47.9±0.4 61.1±0.3 96.8±0.1 89.5±0.1 53.7±0.5 46.2±0.8 29.0±0.1 23.7±0.9 65.1±0.2
HuBERT-base [6] LS 94.4 M 92.1±0.6 70.8±0.2 57.8±0.6 56.5±0.3 94.4±0.1 84.9±0.3 19.4±0.7 93.2±0.1 32.3±0.1 61.8±0.6 74.5±0.2
HuBERT-large [6] LL 315.4 M 94.1±0.7 70.7±0.1 60.3±0.4 59.9±0.2 95.3±0.1 83.5±0.3 19.3±0.8 83.2±0.7 31.5±0.1 66.1±0.9 74.4±0.3
BEATs-iter3 [26] AS 90 M 94.0±0.8 67.3±0.2 83.7±0.3 68.0±0.2 94.7±0.1 95.8±0.1 69.4±0.8 85.2±0.3 53.6±0.2 38.5±1.0 87.6±0.3
AudioMAE [8] AS 86 M 93.7±0.6 68.2±0.2 60.6±0.4 42.2±0.2 89.2±0.2 86.6±0.2 64.5±0.8 28.6±1.5 37.9±0.1 29.7±1.0 64.3±0.3
MWMAE-Tiny [27] AS 12.6 M* 93.3±1.0 64.4±0.2 71.9±0.5 65.5±0.3 97.1±0.1 97.6±0.1 68.1±0.4 77.0±0.6 43.4±0.1 28.6±1.1 80.7±0.3
MWMAE-Base [27] AS 92.5 M* 96.0±0.5 73.1±0.3 81.2±0.4 68.8±0.2 97.4±0.1 97.9±0.1 69.3±0.6 90.9±0.2 51.2±0.2 44.2±0.9 91.3±0.2
SSAM-Tiny [19] AS 4.8 M 93.7±0.8 61.8±0.3 70.6±0.2 59.2±0.4 97.1±0.1 94.9±0.1 62.0±0.7 74.8±0.4 41.3±0.2 27.8±1.0 76.3±0.2
SSAM-Small [19] AS 17.9 M 94.0±0.7 67.5±0.2 78.7±0.6 60.5±0.3 97.5±0.1 96.7±0.1 66.3±0.8 83.7±0.3 48.5±0.1 39.6±0.7 84.4±0.3
SSAM-Base [19] AS 69.3 M 93.2±1.1 70.3±0.2 81.0±0.3 63.5±0.2 97.7±0.1 96.9±0.1 70.5±0.5 87.9±0.3 52.2±0.1 50.4±0.7 89.7±0.3

SSAST Based
SSAST [7] Mix 89 M 93.4±0.9 56.5±0.2 68.4±0.4 60.7±0.3 96.7±0.1 96.3±0.1 66.8±0.7 53.5±1.3 38.2±0.1 28.5±0.9 73.1±0.2

SSAST-Tiny AS 5.4 M 90.4±0.7 46.9±0.2 42.4±0.6 42.7±0.2 95.7±0.1 94.3±0.1 61.2±0.5 50.6±1.6 24.6±0.1 13.8±1.0 56.0±0.2

SSAST-Small AS 21.5 M 93.2±0.5 51.6±0.2 50.1±0.6 50.0±0.3 96.2±0.1 95.0±0.1 63.8±0.4 58.3±1.2 31.6±0.1 15.6±0.7 63.4±0.3

SSAST-Base AS 85.7 M 93.1±0.7 56.0±0.4 59.6±0.7 52.9±0.3 96.6±0.1 96.2±0.2 64.6±0.8 66.1±1.0 37.5±0.1 19.2±0.9 69.2±0.3

Proposed
AxLSTM-Tiny AS 2.9 M 93.1±0.7 53.7±0.4 58.3±0.3 54.2±0.4 96.4±0.1 94.2±0.1 61.6±0.7 62.5±1.1 35.1±0.1 20.4±1.0 67.0±0.3

AxLSTM-Small AS 11.2 M 94.2±0.4 63.4±0.2 72.2±0.5 61.7±0.4 97.2±0.0 96.4±0.1 71.7±0.4 76.0±0.9 43.6±0.1 31.3±0.5 79.8±0.2

AxLSTM-Base AS 44.0 M 93.9±0.6 66.1±0.2 75.9±0.5 63.0±0.3 97.0±0.1 96.9±0.1 72.1±0.6 80.4±0.3 47.1±0.1 35.8±0.8 83.1±0.2

specified in [20], [21] is used in the underlying mLSTM layers.
By default, a patch embedding layer that computes (4 × 16)
shaped non-overlapping patches is used in all our experiments.
All models are trained for 100 epochs with a batch size of
1024 and a weight decay of 0.05. AdamW optimizer with a
linear warmup for 10 epochs followed by a cosine learning rate
decay schedule is used. No data augmentations were used. We
follow hyperparameter recommendations from previous work
[7], [19].

Downstream evaluation: Following the HEAR protocol,
we extract fixed sized feature vectors independent of the
input audio duration by taking the mean over time across
2-second audio chunks. We then train a single hidden layer
MLP classifier with 1024 neurons for each task, using the
official hear-eval-kit accompanying the HEAR benchmark. All
experiments are repeated with 10 different random seeds.

Aggregated Performance Metric: We use the aggregated
normalized score as proposed by [27] to compare evaluated
approaches across the proposed list of downstream tasks. For
a model m, overall score s(m) ∈ [0., 100.] is given as:
s(m) = 1

|T |
∑

t∈T
xt(m)−mint

maxt−mint
∗ 100, where xt(m) denotes

performance of the model m on task t, and mint and maxt

represent the worst and the best performance across all models
on the task, thus taking into account the relative performance
amongst all evaluated representations.

IV. RESULTS

A. Comparison with existing works

Table I shows how the proposed AxLSTM models fare
against recent audio representations. Directly comparable
SSAST and AxLSTM feature representations are colour coded
and have identical feature embedding sizes, however, feature
vector sizes extracted using other referred methods can vary.
While sub-optimal, it is infeasible to retrain all pretrained
representations to have the same embedding sizes, and our
evaluation protocol is in line with recent frameworks for eval-
uating self-supervised audio representations [24], [28]. SSAST
[7] represents the official SSAST released model, which was
pretrained on AudioSet and LibriSpeech datasets with the
masked prediction + reconstruction multitask objective. We
can see that AxLSTM models consistently outperform their
transformer based SSAST counterparts by a considerable mar-



TABLE II
PERFORMANCE IMPACT OF EXPANSION FACTOR (EF )

Model Ef # Params s(m)

AxLSTM-Tiny 2 2.9 M 67.0±0.3
AxLSTM-Tiny 3 4.3 M 68.9±0.4
AxLSTM-Tiny 4 5.8 M 63.4±0.2

TABLE III
PATCH SIZE ABLATIONS WITH THE TINY CONFIGURATION

Model Patch Size # Patches s(m)

SSAST-Tiny (8, 16) 125 47.3±0.3
AxLSTM-Tiny (8, 16) 125 55.3±0.3

SSAST-Tiny (4, 16) 250 56.0±0.2
AxLSTM-Tiny (4, 16) 250 67.0±0.3

SSAST-Tiny (4, 8) 500 54.1±0.4
AxLSTM-Tiny (4, 8) 500 68.3±0.3

gin, while having over 45% fewer parameters, with AxLSTM-
Base configuration yielding a 30% relative improvement in
aggregate performance (83.1±0.2 v/s 69.2±0.3). While Mamba
based SSAM [19] as well as Masked Autoencoder based
approaches [27] perform better, it is worth noting that the
proposed AxLSTM models have about 35% and 50% fewer
parameters, respectively. Overall, we can conclude that AxL-
STMs performs very favourably compared to popular audio
representations.

B. Ablations

Expansion Factor: We investigate how AxLSTM models
scale with different expansion factors (Ef ). Table II shows
that while using Ef = 3 improves performance, Ef = 4 leads
to worse performance, suggesting overfitting.

Patch Size: To investigate how AxLSTM models perform
compared to SSAST models with changing number of input
patches, we pretrain AxLSTM-Tiny models with 3 patch
sizes: (4, 8), (4, 16), and (8, 16). AxLSTM scales better with
increasing number of patches, with smaller patch sizes leading
to better performance (Table III). We expect expansion factor
Ef = 3 paired with a patch size of (4, 8) to further improve
performance.

Other design choices: There are several design choices that
impact the modeling performance of AxLSTMs. In Table IV,
we evaluate the impact of two of the most important of these
factors using the AxLSTM-Tiny configuration. We observe
that the absence of exponential gating for the input and forget
gates in mLSTM ends up improving performance. This can
be attributed to the fact that for the given input sequence
length (250 tokens), revising storage decisions is not a bottle-
neck. Further, we observe that removing sequence flipping in
even numbered blocks [21] significantly boosts performance,
highlighting that bidirectional processing of patches is not as
important in the given framework as it is for vision, which is
in line with observations made in previous works [19].

TABLE IV
EVALUATING OTHER DESIGN CHOICES FOR AXLSTM-TINY

s(m)

default 67.0±0.3
default, no exponential gating 68.2±0.2
default, no sequence flipping 70.2±0.3

V. CONCLUSION

This work presents extended long short-term memory mod-
els for audio (AxLSTMs), an approach for learning self-
supervised general-purpose audio representations from masked
audio spectrograms which extends the recently proposed
xLSTM neural architecture. Using the AudioSet corpus for
pretraining, we evaluate AxLSTMs against directly compara-
ble Self-supervised Audio Spectrogram transformer (SSAST)
baselines on ten varied downstream audio recognition tasks.
Our empirical analysis shows that AxLSTMs offer up to 20%
improvement in relative performance over their transformer
based counterparts while having up to 45% fewer parameters,
thus establishing the viability of xLSTM approaches for learn-
ing self-supervised audio representations.
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[20] Maximilian Beck, Korbinian Pöppel, Markus Spanring, Andreas Auer,
Oleksandra Prudnikova, Michael Kopp, Günter Klambauer, Johannes
Brandstetter, and Sepp Hochreiter, “xlstm: Extended long short-term
memory,” arXiv preprint arXiv:2405.04517, 2024.

[21] Benedikt Alkin, Maximilian Beck, Korbinian Pöppel, Sepp Hochreiter,
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