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Abstract—Speech Emotion Recognition (SER) plays a critical
role in enhancing user experience within human-computer inter-
action. However, existing methods are overwhelmed by temporal
domain analysis, overlooking the valuable envelope structures
of the frequency domain that are equally important for robust
emotion recognition. To overcome this limitation, we propose
TF-Mamba, a novel multi-domain framework that captures
emotional expressions in both temporal and frequency dimen-
sions. Concretely, we propose a temporal-frequency mamba block
to extract temporal- and frequency-aware emotional features,
achieving an optimal balance between computational efficiency
and model expressiveness. Besides, we design a Complex Metric-
Distance Triplet (CMDT) loss to enable the model to capture
representative emotional clues for SER. Extensive experiments
on the IEMOCAP and MELD datasets show that TF-Mamba
surpasses existing methods in terms of model size and latency,
providing a more practical solution for future SER applications.

Index Terms—Speech Emotion Recognition, Multi-Domain
Learning, State Space Duality, Mamba

I. INTRODUCTION

Understanding human emotions through speech [1[]-[5] has
emerged as a critical frontier in social interactions [6]-[9],
with the potential to revolutionize applications ranging from
mental health monitoring to adaptive user interfaces. Speech
Emotion Recognition (SER), which aims to identify emotional
states from vocal cues, presents a significant challenge due to
the inherent variability in speech patterns and the subtlety of
emotional expressions [2f], [3].

Previous works have primarily focused on fusing acoustic
features across modalities to enrich emotional expression.
For instance, Zou et al. [10]] combined hand-created acoustic
features with deep learning-based features for co-learning.
However, this approach may limit the autonomous learning
potential of high-dimensional complex features [[11]—[13], as
it can introduce inter-feature conflicts or redundancies. Shen et
al. [1] introduced Automatic Speech Recognition (ASR) to
model more fine-grained emotional features. On the other
hand, while improvements of the attention mechanism inside
Transformer architectures [2]-[4]], [14]-[19] have been shown
to improve SER accuracy and generalization across multiple
languages by capturing saliency information, these models
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Fig. 1. Visualization of time-aligned speech intensity, pitch, and frequency
spectrum for a real sample from the IEMOCAP dataset [20]. The frequency
spectrum reveals finer structures of tone, timbre, and other envelope structures.

tend to focus only on intensity variations in the temporal
domain. Besides, the stacking of Transformer blocks often
prevents the balance between accuracy and computational
efficiency, limiting their practicality.

To tackle the challenge, we focus on two key aspects: (a)
Given the automatic learning capability of complex speech
features [11], we mainly focus on their high-dimensional
frequency distribution. Inspired by [21]], Fig[I] visualizes a real
speech signal’s intensity, pitch, and spectrum aligned along
time. The frequency energy space provides more finely de-
tailed frequency envelope structures, such as tone and timbre,
to capture richer emotional information. (b) The State Space
Duality (SSD) [22]]-[24] of the Mamba architecture is natu-
rally suited for processing long temporal sequences. It excels
at capturing the continuous evolution of acoustic features.
Besides, Mamba offers significant computational complexity
and efficiency advantages compared to traditional Transformer
structures [2]-[4], [25]—[27]]. Based on these considerations,
our main contributions are as follows:

e We propose a novel multi-domain learning paradigm for
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Fig. 2. The proposed TF-Mamba framework introduces an innovative multi-domain learning paradigm designed to precisely capture speech emotion expressions
in both temporal and frequency domains. TF-Mamba optimizes computational efficiency and model performance by leveraging an efficient Bi-Domain SSD
mechanism and integrating temporal perception and frequency filtering modules. Besides, the CMDT loss enhances the clustering of emotional samples and
the separation of emotions, improving emotional discrimination and model robustness.

SER, centered on a Temporal-Frequency Mamba (TF-
Mamba) designed to capture the combined temporal and
frequency-based speech emotional expressions precisely.
TF-Mamba leverages temporal awareness and frequency
filtering within an efficient Bi-Domain SSD, optimizing
the balance between computational efficiency and model
expressiveness for high-dimensional speech modeling.
We introduce an innovative Complex Metric-Distance
Triplet (CMDT) loss, which enhances the clustering of
similar emotional samples and the separation of different
emotions in fine-grained utterance-level SER, improving
the model’s emotional discrimination and robustness.
Extensive experiments show that we outperform existing
methods with fewer parameters and faster latency.

II. PROPOSED METHOD
A. Overview

We aim to design an efficient multi-domain learning
paradigm to address the limitations of traditional acoustic tem-
poral features in SER tasks. As shown in Fig[2] the proposed
TF-Mamba first processes the speech signal through WavLM-
Large to extract embeddings Ag € RE*P refined through a
multi-head self-attention mechanism to obtain shallow features
Ay eRLXD where L denotes the number of feature tokens and
D is the feature dimension. Next, the core TF-Mamba block
performs deep feature extraction via State Space Duality in
both the temporal and frequency domains, generating complex
and interconnected speech emotion features M € RE*D|
Finally, a multi-layer perceptual emotion classifier predicts
emotions with precision. Notably, we introduce a CMDT loss
to enhance the clustering of similar emotional samples and the
separation of distinct ones in fine-grained utterance-level SER.

B. Temporal-Frequency Mamba Block

Effectively capturing subtle emotional expressions in com-
plex speech features is crucial. Therefore, we leverage the

advanced SSD mechanism in the Mamba architecture and
propose a Bi-Domain SSD structure to construct the Temporal-
Frequency Mamba block, enabling precise temporal and
frequency-based comprehensive speech emotion representa-
tion. Specifically, the normalized input A; is fed into the
temporal-domain mamba branch 7(-) and the frequency-
domain mamba branch F(-) to model both the temporal-
and frequency-aware features. The resulting outputs, 7 (A7)
and F(AL"), are then fused via concatenation Concat(-) and
connected to the residual to obtain temporal and frequency-
based speech emotion representation M. The complete process
can be summarized as:

M = A; + Concat(T (AT), F(AT))eRL*P, (1)

Notably, 7(-) and F(-) are designed based on the Mamba
blocks of the Bi-Domain SSD structure, i.e., for the linear
projections {@T c RLX(QD'HG'UD,(I)F c RLX(QD'+2G~d)}
of inputs {AT,Af"}, where D’ and d denote the expansion
and state dimension and G means the number of groups,
the temporal and frequency-domain SSD structures leverage
their parallel duality properties to model deep and complex
information across different domains efficiently.

1) Temporal-Aware Module: To understand how temporal
information in speech signals is used for SSD modeling,
we apply a 1D Conv layer Wiy,4() to the high-dimensional
projection ®7', sharing convolutional kernel weights along the
time dimension to capture short-term dependencies in speech.
Then, the SiLU activation function ¢ dynamically adjusts the
weights of the inputs, allowing for more precise handling
of subtle emotional variations across different time steps.
Consequently, the state vector X7 € REXP’ input matrix
BT ¢ RLx(Gd), output matrix CT € RLX(GD) and state
transition matrix A7 e RE*P" modeled by the temporal-aware
module as:

{(XT BT CT AT} = Split(o - (W14(@7))).  (2)



2) Frequency Filter Module: Inspired by [28]-[30], the
low-frequency components of speech signals contain a sig-
nificant amount of fundamental frequency information, while
emotional states are often primarily reflected in pitch and
intonation changes as reflected by the low-frequency region.
Therefore, as for {®f e RL*(P'+2Gd) AF ¢ RIxD'Y =
Split(®%), it is first transformed into the frequency domain
along L via the 1D Fast Fourier Transform FFT(-) as:

OF = FFT(®f) eRY ¥ (P'+2Gd), 3)

where L' is the transformed sequence length of the fre-
quency domain representation ©F. To effectively disentan-
gle the fundamental frequency information, we designed an
adaptive low-pass filter that can learn appropriate frequency
thresholds w from ©f to optimize the capture of emotional
features. Subsequently, the filtered parameter matrices { X! €
RLxD' BF e RLX(Gd) CF ¢ RL*(G-)} are reconstructed by
inverse Fourier transform IFFT(-), generating features with
enhanced emotional expressiveness.

{XF,BF,CF} = Split(IFFT(0F @ (|6F|* > w)), @)

where ‘@F |2 is the power spectrum, measuring the intensity
of different frequencies within the speech features.

3) Bi-Domain State Space Dualit (SSD): SSD, as an effi-
cient enhancement to the basic State Space Model (SSM) [22],
introduces a structured duality mask matrix to describe the
evolution of the state space, allowing parallel processing across
different time steps to efficiently derive the mapping relation-
ship y + {z, B,C, A}. Both SSD and SSM are derived from
the system of equations in Eq. [3

hy = Athi—1 + By,
Yt = C;rh'tv

where x; and y; are treated as scalars, denoting the input and
output at time ¢, respectively. h; is the hidden state vector, and
the three matrix parameters (A;, By, C;) can vary over t.

The SSD in Mamba2 [23] simplifies the diagonal matrix
A; by setting all diagonal elements to the same value and
all off-diagonal elements to zero, which increases computing
performance. Thanks to the large reduction in computing
cost, the attention mechanism can be integrated with SSD
while retaining the model’s structural integrity. Specifically,
SSD employs a single projection at the block’s entry point
to simultaneously handle the state vector X, state transition
matrix A, input matrix B, and output matrix C, modeling
the mapping from [X, A, B,C] to Y. This mechanism is
analogous to how standard attention architectures generate
@, K, and V projections in a parallel manner. Therefore,
the SSD mechanism is applied to both the temporal-aware
and frequency filter, enabling precise extraction of complex
emotional features with lower computational cost, thereby
improving the overall SER performance.

Combining Eqs[2] and [§] we obtain the outputs {Y”,Y*'}
as:

®)

Y” = SSD(AT, BT, CT)(XT)eRE*P'

. (6)
Y =8SSD(AF, BY, CcF)(XF)eRE*P,
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Fig. 3. Our TF-Mamba achieves the SOTA performance on the SER task

while being computationally efficient.

C. Loss Function

1) Complex Metric-Distance Triplet Loss: Conventional
Cross-Entropy Loss Lcg [2], [31] trains SER models by
minimizing errors between predictions and true labels. Still,
it struggles to effectively capture subtle differences in the
emotional feature space, particularly when the emotion classes
are similar. To address this, we propose adopting the existing
InfoNCE triplet loss [32], [33]] to mitigate this shortcoming.
Given that speech signals contain rich acoustic nuances in the
frequency domain, we extend the metric space to the complex
frequency domain by FFT and construct a method using Vector
Cosine Similarity VecSim(-) to approximate the Euclidean
distance, i.e., for any vectors U and 17, denoted as:

Re(U ?)
Ul- V]

where Re(-) and |- | are the real part and modulus operations

VecSim(U, V) = , (7

respectively, and V' is the complex conjugate of V.

Based on this, we build a CMDT loss L. (illustrated in
Fig[2), which enhances the model’s ability to distinguish be-
tween similar emotional features. This is achieved by simulta-
neously minimizing the distance between the anchor (predicted
emotion complex vector {M;[k]}) and the positive anchor
(true emotion complex vector { P;[k]}), while maximizing its
distance from negative anchors (incorrect emotion complex
vectors {G[k]}). The loss is defined as:

exp (VecSim(]\Zi (%], P [H)/T)

)

®)

where /N means the number of samples in a batch, and 7 is the

temperature coefficient for regularizing the score distribution.

2) Optimization: The overall loss function Lggr is the
weighted sum of the following two loss terms:

Lsgr = Lcg + AMempr- )

III. EXPERIMENT
A. Experiment Setup

N
1

Lempr = — = Z log > =
N Zjvzl exp (VecSim(Mi [k], G [kD/’T)

1) Datasets & Evaluation Metrics: Following the stan-
dard practice in SER [2f], we conduct experiments on two
benchmarks, i.e., IEMOCAP [20] and MELD [34]]. [IEMOCAP



TABLE I
PERFORMANCE COMPARISON WITH THE SOTA METHODS ON THE
IEMOCAP AND MELD DATASETS, WHERE * DENOTES EVALUATION
RESULTS FROM THE PUBLISHED PAPER.

Methods Venue Modality Type L AL L
CA-MSER (10 ICASSP’22 Spec+Logmel+Speech Feature 68.9 70.1 422
SpeechFormer |14 InterSpeech’22 Speech Feature 62.9 64.5 419
SpeechFormer++ |4 TASLP’23 Speech Feature 68.8 69.1 46.0
ShiftCNN |15 ICASSP’23 Speech Feature 71.9 72.6 43.1
ShiftLSTM 15 ICASSP’23 Speech Feature 714 72.1 45.0
ShiftFormer |15 ICASSP’23 Speech Feature 72.1 72.8 45.6
DWFormer {2 ICASSP’23 Speech Feature 71.8 72.8 46.7
DST |3. ICASSP’23 Speech Feature 70.9 72.3 45.8
MSTR* |27 InterSpeech’23 Speech Feature 70.6 71.6 46.2
ENT |1 ICASSP24 Speech Feature 71.6 724 46.3
TENT |1 ICASSP’24 Speech Feature 71.4 71.8 45.1
TF-Mamba (Ours) - Speech Feature 753 132% | 757 12.9% | 48.5 11.8%
TABLE I

COMPARISON OF DIFFERENT PRE-TRAINED LANGUAGE MODELS USED IN
TF-MAMBA ON THE IEMOCAP AND MELD DATASETS.

IEMOCAP MELD
PTMs Venue WA T UA) T | WFI@%) T
‘Wav2vec2-base [35] NeurIPS 20 54.4 554 31.9
Wav2vec2-large [35] NeurIPS’20 58.4 59.4 352
HuBERT-base [36] TALSP21 62.7 62.9 37.7
HuBERT-large [36] TALSP’21 67.7 68.7 42.9
WavLM-base [11] JSTSP’21 71.7 70.3 425
WavLM-large [11] JSTSP’21 75.3 75.7 48.5
Whisper-base [37] ICML’23 62.8 61.0 343
Whisper-large [37] ICML’23 68.4 66.7 40.2

includes 4 emotions (happy & excited, angry, sad, and neutral),
while MELD comprises 7 emotions (anger, disgust, fear, joy,
neutral, sadness, and surprise). We report the performance
on Weighted F1 (WF1%), Weighted Accuracy (WA%), and
Unweighted Accuracy (UA%) metrics.

2) Implementation Details: We standardize the raw audio
signals to a 16 kHz sampling rate and use WavLM embed-
dings [[11]] with a dimension of 1024, coupled with the self-
attention encoder comprising 8 heads. To ensure fair compar-
isons, we follow the settings in [2], [3[, [15]], using five-fold
cross-validation exclusively for the IEMOCAP dataset with
a fixed batch size of 32. We employ the AdamW optimizer
with an initial learning rate of 5x 10~%. In addition, the weight
coefficient A in the loss function is set to 0.1.

B. Results and Comparison

1) Comparison with SOTA Methods: Table ||| reports the
comparison between TF-Mamba and existing SOTA methods.
Under identical experimental settings, TF-Mamba significantly
outperforms SOTA methods across both datasets.

2) Computational Complexity Analysis: In Fig. we
compare the model parameters (M) and computational latency
(ms) across SOTA methods. The results demonstrate that
the proposed TF-Mamba reduces the parameters by 1.81x
and improves computational latency by 1.87x compared to
the advanced ShiftFormer method [15]]. These improvements
highlight that TF-Mamba significantly lowers computational
costs efficiency while maintaining high performance, making
it more effective and practical for real-world applications.

3) Visualization of TF-Mamba: Fig. visualizes the
changes in speech features after processing through the tempo-
ral and frequency modules. In the temporal domain, emotion-
ally salient features are emphasized while irrelevant features
are down-weighted. In the frequency domain, high-frequency
noise is reduced, minimizing interference in emotion detection.
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Fig. 4. The top displays the feature token intensity comparison before and
after the Temporal-Aware Module, while the bottom shows the spectrum
comparison before and after the Frequency Filter Module.

TABLE III
ABLATION RESULTS OF MAIN COMPONENTS IN TF-MAMBA.
IEMOCAP MELD

Networks #Params WA) T UA(%) T | WFI(%) T
Baseline 0.66 M 64.5 65.3 40.3
+ Self-Attention Encoder 525M 68.4 69.9 41.0
+ Temporal-Domain Mamba 1439 M 71.7 72.3 443

+ Frequency-Domain Mamba 20.79 M 74.6 743 47.8

+ CMDT Loss (Full model) | 20.79 M 75.3 75.7 48.5
Dual Temporal-Domain Mamba | 20.77 M 72.4 72.7 455

C. Ablation Study

1) Effects of Pre-Trained Models: To investigate the im-
pact of different pre-trained models (PTMs) on SER accuracy,
we compare various speech feature extractors. In Table
WavLM-Large significantly outperforms the other PTMs in
SER performance.

2) Necessity of Key Components: Table presents the
impact of each key component on performance. The baseline
model only input speech embeddings into an emotion classifier
for SER. Notably, to verify the necessity of introducing the
Frequency-Domain Mamba, we compare TF-Mamba with the
Dual Temporal-Domain Mamba. The results show that WA,
UA, and WF1 have 2.9%, 3.0%, and 3.0% gains on the
IEMOCAP and MELD datasets, respectively, highlighting the
effectiveness of the Frequency-Domain Mamba.

IV. CONCLUSIONS

This paper proposes TF-Mamba, a novel multi-domain
learning paradigm for fine-grained Speech Emotion Recogni-
tion (SER). By combining temporal awareness and frequency
filtering, TF-Mamba provides comprehensive emotional repre-
sentation with reduced computational costs. Additionally, the
proposed CMDT loss enhances emotional discrimination. Ex-
perimental results show that TF-Mamba outperforms existing
methods on multiple benchmarks, offering a more practical
solution for future SER tasks.
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