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Abstract—The Mamba-based model has demonstrated out-
standing performance across tasks in computer vision, natural
language processing, and speech processing. However, in the
realm of speech processing, the Mamba-based model’s per-
formance varies across different tasks. For instance, in tasks
such as speech enhancement and spectrum reconstruction, the
Mamba model performs well when used independently. How-
ever, for tasks like speech recognition, additional modules are
required to surpass the performance of attention-based models.
We propose the hypothesis that the Mamba-based model excels
in ”reconstruction” tasks within speech processing. However,
for ”classification tasks” such as Speech Recognition, additional
modules are necessary to accomplish the ”reconstruction” step.
To validate our hypothesis, we analyze the previous Mamba-
based Speech Models from an information theory perspective.
Furthermore, we leveraged the properties of HuBERT in our
study. We trained a Mamba-based HuBERT model, and the
mutual information patterns, along with the model’s performance
metrics, confirmed our assumptions.

I. INTRODUCTION

Transformer-based models [1] have excelled across various
machine learning domains, including computer vision [2],
natural language processing [3], and speech processing [4].
However, the the computational complexity of the self-
attention mechanism used in transformer-based models creates
challenges for modeling long sequence. To overcome this,
several approaches have been proposed, with structured state
space models (SSM-S4) being a notable solution [5]. SSM-
based methods have been developed to effectively manage
sequential data across different tasks and modalities. The
Mamba model [6] integrates a time-varying mechanism into
SSMs, achieving remarkable results in Computer Vision [7],
[8], NLP [9], [10], and speech processing [11], [12].

However, the performance of Mamba-based models varies
across different speech-processing tasks. In tasks such as
speech enhancement [11], [13], [14], and training self-
supervised models aiming for spectrum reconstruction [15],
an independent Mamba model performs exceptionally well.
However, in tasks like speech recognition [11], [12], additional
feed-forward layers and a decoder need to be added for the
performance to exceed that of attention-based models. When
we examine these tasks, Based on the above observations,
we hypothesize that Mamba-based models excel in ”recon-
struction” tasks within speech processing. However, for
”classification” tasks such as ASR, additional modules
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Fig. 1. From an information theory perspective, a neural network can be
viewed as a system where any representation of the input T is defined by
an encoder P (T |X) with X as the input variable, and a decoder P (Y |T )
with Y as the output variable. The representation can be quantified by its
information plane coordinates: IX = I(X;T ) and IY = I(T ;Y ).

such as a decoder model are necessary to accomplish the
”reconstruction” step.

In recent years, there has been significant progress in using
information theory to analyze deep learning networks [16],
[17]. As illustrated in Figure 1, this approach examines the
mutual information between intermediate layer features and
either the input or output features. If our hypothesis is correct,
we should observe that in tasks where independent Mamba
performs well, the mutual information between the input
and intermediate features IX = I(X;Ti) in a Mamba-based
model will first decrease and then increase, reflecting the
reconstruction process. Conversely, in tasks where Mamba’s
performance is lacking, the I(X;Ti) should gradually de-
crease. This is because during training, if the task does not
focus on reconstructing the input feature, the model tends to
minimize I(X;Ti) while maximizing it between the output
and the hidden representation IY [17].

In this paper, we validate our hypothesis in two stages. First,
we measure the mutual information IX = I(X;Ti) in existing
models. We evaluate IX for the ConBiMamba model [11] on
ASR tasks, as well as for the Ssamba model [15], which
is designed for spectrum patch reconstruction. To further
validate our hypothesis, we trained a HuBERT model [18]
using Mamba-based Models. We chose HuBERT because
speech self-supervised models are widely applied across var-
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Fig. 2. Mutual Information estimation process: After inputting an audio
sample, the features from each layer are combined with the local feature
and fed into a statistics network, which returns the mutual information for a
given layer, After we average all testing samples, we got IX = I(X;Ti).

ious tasks, making them more broadly representative. Addi-
tionally, HuBERT’s training involves predicting pseudo-labels
generated by k-means clustering, making it more akin to a
”classification” task. Previous research also shows that in
HuBERT models, the similarity between local input features
and intermediate layers consistently decreases as layer depth
increases [19]. This suggests that If our hypothesis is correct,
a Mamba-based HuBERT model should underperform when
used independently but match standard HuBERT when a
decoder is added.

II. BACKGROUND

A. Structured State Space Models and Mamba

The fundamental equations of Structured State Space
(S4) [5] are represented as:

h′(t) = Ah(t) +Bx(t), y(t) = Ch(t) +Dx(t). (1)

In their discrete forms, parameter D can be represented as
the residual connection in neural network. S4 and Mamba
introduce a scaling parameter ∆, transforming the continuous
matrices A,B into the discrete matrices Ã, B̃ respectively.
Mamba enhances S4 by integrating a time-varying mechanism,
which enlarges the dimensions of matrices B and C to
RB×L×N and modifies Ã and B̃ to RB×L×D×N .

B. Mamba-based Model in Speech Processing

Mamba has been widely applied in various speech pro-
cessing tasks. Studies such as [11], [13], [14] have explored
the use of Mamba in speech enhancement, demonstrating
that directly using Mamba can yield strong performance in
this task. Additionally, [15] successfully applied Mamba to
the Self-Supervised Audio Spectrogram Transformer frame-
work (SSAST) [20], achieving excellent results. The tasks

where Mamba can directly replace attention-based models
are primarily ”reconstruction” tasks. For example, in speech
enhancement, the goal is to reconstruct a clean spectrum from
a noisy one, while in SSAST, the focus is on reconstructing
the spectrum through self-supervised learning. In contrast,
tasks such as speech recognition typically require additional
modules and a decoder to surpass the performance of attention-
based models [11], [12].

III. ANALYSIS METHODS

A. Mutual Information Estimation

The process of mutual information estimation using
MINE [21] is illustrated in Figure 2. MINE is a deep learning
method that measures the mutual information between high-
dimensional continuous random variables. We follow previous
work by focusing primarily on the relationship between local
features X ∈ RL×Dand intermediate-layer features Ti ∈
RL×D where i represents the layer number [19], [22]. In
general, given local features X ∈ RL×Dand intermediate-layer
features Ti ∈ RL×D, the mutual information can be described
as:

Ii(X;Ti) = H(X)−H(X | Ti)
= DKL (P (X,Ti) ∥ P (X)⊗ P (Ti))

(2)

Where DKL denotes KL-divergence. However, it is intractable
to directly calculate MI based on equation 2. In MINE, the
Mutual Information can be calculated by

IΘ(X;Ti) = sup
θ∈Θ

EPX,Ti
[ψθ]− log(EPX×PTi

[eψθ ]) (3)

Where ψθ is a statistics network parameterized by θ. In our
case, since we calculate Mutual Information on a sample-
by-sample basis, the estimated gradient of θ in the network
ψθ is computed by randomly batch sampling from frames,
represented as

ĜB = EB [∇θψθ]−
EB

[
∇θψθe

ψθ
]

EB [eψθ ]
(4)

In previous analytical works [19], [22], 500 samples were
used for analysis. To ensure our study is more representative,
we randomly selected 1,000 samples from the LibriSpeech
dataset [23] for our analysis. The final mutual information
between a model’s local features and its intermediate-layer
features is calculated as the average mutual information across
1,000 samples.

Īi(X;Ti) =
1

n

n∑
i=1

Ii(X;Ti) (5)

B. Task Selection for Mutual Information Analysis

First, we measure the mutual information IX in existing
models, focusing on two tasks: speech recognition using the
ConBiMamba model [11], and self-supervised spectrum re-
construction using the Ssamba model [15]. To further validate
our hypothesis, we replaced the transformer with ConBi-
Mamba [11] and trained a HuBERT model [18]. We chose
HuBERT because speech self-supervised models are widely



applied across various tasks, making them broadly represen-
tative. Additionally, HuBERT’s training involves predicting
pseudo-labels generated by k-means clustering, aligning it
more closely with a ”classification” task. Previous research
indicates that in HuBERT models, the similarity between
local input features and intermediate layers consistently de-
creases as layer depth increases [19]. This suggests that if
our hypothesis is correct, a Mamba-based HuBERT model
would underperform when used without downstream models
but should achieve comparable results to the standard HuBERT
when such components are integrated.

IV. EXPERIMENTAL RESULT AND ANALYSIS

A. Observation from Speech Recognition Task

The speech recognition model we used for this study is
based on [11]. Their model was trained using ESPnet [24]
on the LibriSpeech100 dataset and features 12 ConBiMamba
layers. The decoder consists of a six-layer Transformer, and
the model was trained using a Hybrid CTC-Attention ap-
proach [25]. To better compare the mutual information patterns
between well-performing and underperforming models in the
ASR task, we modified the original architecture by removing
the decoder, retaining only the encoder, and training the model
using CTC. We then measured Ii(X;Ti) for each layer.

TABLE I
WER RESULTS ON LIBRISPEECH100. + DENOTES WITH DECODER, −

DENOTES WITHOUT DECODER.

Method dev dev other test test other
ConBiMamba
+ Decoder 5.9 17.1 6.0 17.2
− Decoder 8.4 24.3 8.8 25.1
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Fig. 3. Log transformed mutual information(MI) for ConBiMamba with and
without decoder. The blue line indicates MI for ConBiMamba only, the orange
line indicates MI for ConBiMamba with transformer decoder

Figure 3 shows the Mutual Information Īi(X;Ti) when
the ConBiMamba model performs the ASR task, with the
blue line representing the model without the transformer
decoder and the orange line representing the model with
the transformer decoder. Since our focus is on the trend of
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Fig. 4. Log transformed mutual information (MI) for SSAMBA Tiny and
SSAMBA Base

changes, we took the logarithm of Īi(X;Ti) to more clearly
observe the variations in its values. Combining the results
from Table I and Figure 3, we observe that in the absence
of a decoder, ConBiMamba exhibits suboptimal performance,
with Īi(X;Ti) failing to display the expected ”reconstruction”
pattern as layer depth increases. Conversely, when equipped
with a decoder, the model outperforms attention-based mod-
els [11], with Īi(X;Ti) first decreasing and then increasing,
indicative of ”reconstruction” behavior. These findings provide
preliminary support for our hypothesis.

B. Observation from Spectrum Reconstruction Task

We further validated our hypothesis using the SSAMBA
model, a pre-training self-supervised model. SSAMBA fol-
lows the Self-Supervised Audio Spectrogram Transformer
framework [20], replacing the transformer with Mamba, and
achieves strong results. The model divides the spectrogram
into patches and then reconstructs them. If our hypothesis
holds, the Īi(X;Ti) for this series of good-performance mod-
els should first decrease and then increase, demonstrating the
characteristics of a ”reconstruction” process.

We tested two models, SSAMBA-base and SSAMBA-tiny,
both with 24 layers. The primary difference between them is
the embedding dimension. In these models, a forward Mamba
and a backward Mamba alternate across the layers. We fol-
lowed the default settings for both models, extracting features
after each pair of forward and backward Mamba layers. The
results are shown in Figure 4, where the orange line represents
the base model and the blue line represents the tiny model. As
seen in the figure, Īi(X;Ti) follows a trend of first decreasing
and then increasing, indicating characteristics similar to those
of an autoencoder. Notably, unlike the Īi(X;Ti) observed in
the ASR models, there is a significant increase in the final
layer’s Īi(X;Ti). We believe this difference arises from the
nature of the task, with SSAMBA’s focus on spectrogram patch
reconstruction leading to this unique behavior.

C. observation from Mamba-Hubert Model

1) Experimental Setup: Pre-training Setup: We conducted
our study based on the HuBERT-base architecture using
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Fig. 5. Log-transformed Mutual Information (MI) for Mamba-HuBERT: The
blue line represents the model in the second iteration trained with layer 6
features from the first iteration, while the orange line represents the model
trained with layer 9 features.

fairseq [26], replacing the 12 Transformer layers with 12 Con-
BiMamba layers. The training was performed using 8 NVIDIA
A100 80G GPUs, with each GPU handling a batch size of up
to 350 seconds of audio. The first iteration was trained for
250k steps. In the second iteration, to more thoroughly test
our hypothesis, we trained two versions of the model for 400k
steps. One version used labels generated by clustering the 6th
ConBiMamba layer output from the first iteration model, while
the other used features from the 9th layer. All other settings
followed the original HuBERT configurations.

Fine-Tuning and Decoding Setup: To validate our hy-
pothesis, we first followed HuBERT’s testing methodology by
fine-tuning Mamba-HuBERT on LibriSpeech100. During fine-
tuning, the convolutional waveform audio encoder parameters
were kept fixed. We follow the HuBERT which introduces
a freeze-step hyperparameter to control the number of fine-
tuning steps during which the transformer parameters are
fixed, allowing only the new softmax matrix to be trained.
When decoding, We followed Fairseq’s default setting, using
a 4-gram language model with a 500-beam size. Next, we
froze the parameters of both Mamba-HuBERT and HuBERT
and connected them to 12-layer Conformer models [4] using
Espnet and S3prl [24], [27] for downstream ASR tasks. In
Espnet decoding, we used the default settings without a
language model, using 20 beam size. We then observed the
changes in Īi(X;Ti) in M-HuBERT.

2) Observation from Mamba-Hubert Fine-Tuning: Com-
bining the results from Figures 5 and 6 with Table II, we
observe that when no Conformer is used as a downstream
model, both versions of M-HuBERT exhibit a decreasing trend
in Īi(X;Ti). The model trained with Layer 9 features shows
a slight ”reconstruction” trend, which is reflected in Table II,
where it performs slightly better than the model trained
with Layer 6 features, though both underperform compared
to HuBERT. However, when a Conformer is added as a
downstream model, both versions of M-HuBERT display the
”reconstruction” pattern in Īi(X;Ti) and achieve performance
comparable to HuBERT combined with a Conformer.

TABLE II
WER COMPARISON BETWEEN MAMBA-HUBERT AND HUBERT

TRAINING ON LIBRISPEECH100. RESULTS ARE SHOWN FOR MODELS
TRAINED WITH FEATURES FROM DIFFERENT LAYERS OF THE FIRST

ITERATION WITH A 4-GRAM LANGUAGE MODEL AND WITH AN ADDED
CONFORMER AFTER FREEZING THE MODELS.

Model Test Clean Test Other

Mamba-HuBERT
Trained with Layer 6 Features 16.68 25.21
Trained with Layer 9 Features 12.32 19.56
M-HuBERT 6 + Conformer 11.4 17.2
M-HuBERT 9 + Conformer 9.2 15.4

HuBERT
Trained with Layer 6 Features 3.4 8.1
Hubert + Conformer 9.3 15.1
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Fig. 6. Log-transformed Mutual Information (MI) for Mamba-HuBERT with
Conformer: The blue line represents the model in the second iteration trained
with layer 6 features from the first iteration, while the orange line represents
the model trained with layer 9 features.

V. CONCLUSION
In this paper, based on Mamba’s performance in various

speech processing tasks, we hypothesize that Mamba-based
models excel in ”reconstruction” tasks but require additional
modules for ”classification” tasks like speech recognition. To
validate this, we conducted mutual information analysis on
existing Mamba-based models and a newly trained Mamba-
based HuBERT model. In ASR tasks, we found that without
a decoder, ConBiMamba’s IX gradually decreases, leading
to poor performance. However, with a decoder, IX first
decreases then increases, allowing the model to outperform
attention-based models. The same pattern was observed in
the Ssamba model, where the IX first decreases and then
increases, corresponding to good model performance. For
the Mamba-based HuBERT, we found that it underperforms
when used independently as IX continuously decreases, but
matches standard HuBERT performance when a decoder is
added, following the same mutual information trend of first
decreasing and then increasing.
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