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Abstract

Audio representation learning has revolution-
ized acoustic intelligence, enabling audio foun-
dation models to generalize and perform well
across various downstream tasks. To bet-
ter characterize the paradigm shift in general
representation extraction and modeling, this
survey presents a unified decoupled frame-
work separating audio processing into audio-
to-feature representation learning and feature-
to-target downstream modeling. We system-
atically review modeling domains, represen-
tation forms, architectures, and pre-training
paradigms, while categorizing five integra-
tion mechanisms and downstream modeling
paradigms. Furthermore, we summarize repre-
sentative systems and discuss key trade-offs,
providing practical guidelines for designing
next-generation audio foundation models.

1 Introduction

Raw audio signals entangle complex, dynamic,
and diverse acoustic factors. While historical re-
search bottlenecked representational capacity by
relying on rigid hand-crafted features like MFCCs
(Davis and Mermelstein, 1980; Reynolds and Rose,
1995) and Log-Mel spectrograms (Cotton and El-
lis, 2011; Rakotomamonjy and Gasso, 2015) or
heuristic mixtures (Scheirer and Slaney, 1997; Lu
et al., 2002), data-driven deep learning (Hinton
et al., 2012; Abdel-Hamid et al., 2014) and self-
supervised learning (SSL) (Baevski et al., 2020;
Hsu et al., 2021; Chen et al., 2023) have redefined
this domain. By learning universal representations
directly from unlabeled data, pre-trained models
now support diverse downstream tasks, ranging
from speech language modeling (Borsos et al.,
2023a; Chen et al., 2024a) and low-latency dia-
logue (Défossez et al., 2024; Roy et al., 2026) to
unified generation (Chen et al., 2025b; Tian et al.,
2026d) and diffusion-based understanding (Zhou
et al., 2026a,b).

Current audio representation extraction
paradigm has shifted from task-specific networks
to large-scale pre-trained models capturing general
representations. These robust representations
diversify mapping mechanisms and inspire unified
architectures, such as discrete representations
with autoregressive prediction for audio language
modeling (Borsos et al., 2023a; Chen et al., 2024a)
and low-latency voice interaction (Défossez et al.,
2024; Roy et al., 2026), unified understanding and
generation via joint prediction (Chen et al., 2025b;
Tian et al., 2026d), and diffusion language models
for audio understanding (Zhou et al., 2026a,b).
However, existing task-centric surveys (Xie et al.,
2025b; Yeow et al., 2025; Guo et al., 2026b; Zhu
et al.,, 2025; Retkowski et al., 2025) or those
focusing solely on autoregressive speech-language
models (Yang et al., 2025; Peng et al., 2025a)
neglect representation injection and downstream
modeling, failing to capture this paradigm shift. To
address this, we propose a decoupled perspective
of representation and modeling that first delineates
representation space construction and evaluation
before discussing downstream adaptation strategies
across tasks.

Our main contributions are threefold: (a) we es-
tablish a decoupled taxonomy that untangles audio
foundation model research into “audio-to-feature”
representation extraction (Section 2) and “feature-
to-target” downstream modeling (Section 3); (b)
we systematically categorize five representation in-
jection mechanisms (Section 3.1) and analyze their
downstream task suitability, providing clear archi-
tectural guidelines for next-generation systems; and
(c) we provide a comprehensive, multi-dimensional
taxonomy of frontier models across three appen-
dices: representation models (Appendix D), pre-
trained foundation models (Appendix F.1), and fine-
tuned downstream models (Appendix F.2). This
decoupled lens offers actionable blueprints for mod-
ular audio architectures.
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2 Audio Representation Learning

An ideal universal audio representation efficiently
generalizes across diverse downstream tasks under
limited supervision (Turian et al., 2021). To system-
atically deconstruct this field, this chapter analyzes:
(1) audio modeling domains of raw signals (Sec-
tion 2.1), (2) representation form of audio features
(Section 2.2), (3) architectural designs of main-
stream audio representation models (Section 2.3),
and (4) data-driven pre-training paradigms (Sec-
tion 2.4). Additionally, the appendix provides: (5)
evaluation methods (Section B) and (6) a sum-
mary of mainstream audio representation models
(Section D).

2.1 Audio Modeling Domain
2.1.1 Time Domain

Time-domain modeling refers to directly ingesting
sampled raw acoustic waveforms into neural net-
works without any transform-domain operations.
By preserving complete physical signals, such as
phase and transient details, this approach is highly
suited for tasks requiring sample-level fidelity and
phase-sensitive reconstruction such as speech sepa-
ration (Bahmaninezhad et al., 2019; Luo and Mes-
garani, 2019; Luo et al., 2020), high-fidelity au-
dio generation (van den Oord et al., 2016), and
universal representation extraction (Yuksel et al.,
2025). Eliminating transform-related latency also
natively supports ultra-low latency applications
(Défossez et al., 2023). However, raw waveforms
result in extremely long sequences, posing severe
computational challenges for global attention mech-
anisms. Furthermore, lacking explicit harmonic
inductive biases, pure time-domain networks of-
ten face optimization difficulties in signal-to-signal
tasks (Nossier et al., 2020; Lin et al., 2024). To ad-
dress this, feature extraction front-ends commonly
leverage deep strided 1D-CNNs (Défossez et al.,
2023) or parameterized physical filterbanks (Ra-
vanelli and Bengio, 2018) to reduce dimensionality
and capture local temporal continuity.

2.1.2 Time-Frequency Domain

To capture temporal evolution, mainstream audio
tasks rely on time-frequency (T-F) modeling, where
the Short-Time Fourier Transform (STFT) projects
1D waveforms into 2D spectrograms. T-F repre-
sentations compress the temporal dimension, re-
ducing computational complexity (Radford et al.,
2023; Chen et al., 2023), and allow the seamless
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inheritance of computer vision architectures using
the “audio-as-image” paradigm (Gong et al., 2021;
Huang et al., 2022; Tuncay et al., 2025). Backed by
strong frequency inductive biases, T-F modeling is
well-suited for spectrum-dependent tasks like Au-
dio Event Detection (Hertel et al., 2016; Kong et al.,
2020b), Speech Emotion Recognition (Penumajji,
2025; Cao et al., 2025), and Audio Deepfake Detec-
tion (Pachon and Ballesteros, 2026; Hamza et al.,
2022). Nevertheless, T-F modeling faces physical
and mathematical limitations. First, STFT suffers
from a rigid time-frequency resolution trade-off,
typically mitigated by multi-resolution STFT losses
(Kong et al., 2020a; Yuan et al., 2025) or learnable
front-ends (Zeghidour et al., 2021; Leiber et al.,
2025). Second, phase wrapping within (—, 7]
disrupts gradient continuity (Engel et al., 2019;
Ai and Ling, 2023). Consequently, standard mod-
els abandon phase modeling (Radford et al., 2023;
Huang et al., 2022), or overcome this bottleneck
through adversarial training with time-domain dis-
criminators (Zeghidour et al., 2022; Défossez et al.,
2023; Zhang et al., 2024) or direct prediction of the
complex spectrum’s real and imaginary parts (Feng
et al., 2025; Wang et al., 2023).

2.2 Audio Representation Form

2.2.1 Continuous Representation

Continuous representations consist of high-
dimensional dense float vector sequences extracted
by an audio encoder at each time step. By preserv-
ing fine-grained acoustic details, they systemati-
cally excel on speech understanding benchmarks
(Wang et al., 2025a). Consequently, mainstream
autoregressive understanding models (e.g., Qwen2-
Audio (Chu et al., 2024), SALMONN (Tang et al.,
2024), Audio Flamingo 3 (Ghosh et al., 2025)) and
diffusion language models (e.g., the DIFFA series
(Zhou et al., 2026a,b)) widely adopt them. Inte-
grating these continuous sequences into modern
large language models (LLMs) typically requires
custom adapter modules and alignment training for
feature mapping and downsampling. On the genera-
tion side, continuous representations naturally align
with continuous-space diffusion and flow match-
ing algorithms (Le et al., 2023; Hung et al., 2026;
Tian et al., 2026d). For autoregressive generation,
systems can leverage regression-based objectives
to predict continuous target vectors directly, which
subsequently condition non-autoregressive models
(Liu et al., 2024b; Rouard et al., 2026). Alterna-



tively, methods can map generated discrete tokens
into continuous vectors to guide subsequent acous-
tic reconstruction (Du et al., 2024c, 2025).

2.2.2 Discrete Representation

Discrete  representations  compress  high-
dimensional continuous signals into sequences of
discrete symbols. These are primarily categorized
into acoustic tokens, generated by neural audio
codecs (van den Oord et al., 2017; Kumar et al.,
2023; Pepino et al., 2025; Gong et al., 2026a)
via residual vector quantization (RVQ) for
high-fidelity reconstruction, and semantic tokens,
derived from applying K-means to self-supervised
representations like HuBERT (Hsu et al., 2021)
and wav2vec 2.0 (Baevski et al., 2020) to capture
phonetic information (Borsos et al., 2023a,b). For
downstream modeling, discrete tokens enable
autoregressive language models to perform
next-token prediction via vocabulary expansion
(Borsos et al., 2023a; Agostinelli et al., 2023;
Shi et al., 2025; Arora et al., 2025), or can be
modeled via classification-based discrete diffusion
(Borsos et al., 2023b; Yang et al., 2023b; Long
et al., 2026). This discretization unifies text and
audio processing, endowing speech synthesis
systems with remarkable zero-shot and in-context
capabilities (Chen et al., 2025c, 2024a). To opti-
mize the compression ratio, recent architectures
apply semantic distillation during codec training to
preserve semantic content and acoustic quality at
low frame rates (Défossez et al., 2024).

2.3 Audio Representation Models and
Downstream Components

Figure 1 summarizes audio representation architec-
tures and downstream components.

2.3.1 Encoder-only

'With no learnable decoder, this architecture focuses
on generating dense, decoupled, discriminative la-
tent representations, and its downstream head is
typically a lightweight linear classifier. Represen-
tative Encoder-only models include AST (Gong
et al., 2021), HuBERT (Hsu et al., 2021), BEATs
(Chen et al., 2023), MERT (Li et al., 2024c), USAD
(Chang et al., 2025), and CAT (Han et al., 2026).
Furthermore, this paradigm extends to multimodal
scenarios, where models such as CLAP (Elizalde
et al., 2023) and SLAP (Siamese) (Guinot et al.,
2025) employ a dual-encoder structure to achieve
cross-modal alignment.
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Figure 1: Architectures of Mainstream Audio Represen-
tation Models and Vocoder.

2.3.2 Encoder-Decoder

An encoder maps input signals to latent repre-
sentations, which a decoder converts into wave-
forms, spectrograms, or text. Depending on the
input/output modalities and bottleneck properties,
this architecture features three subcategories:

Cross-modal Encoder-Decoders align and
translate across heterogeneous modalities. Whis-
per (Radford et al., 2023) and OWSM v3.1 (Peng
et al., 2024) employ native Transformer decoders
for tasks like automatic speech recognition. Sta-
bleToken (Song et al., 2026) extends Whisper with
a quantization module for robust speech tokens,
while SLAP (Scalable) (Mei et al., 2026) adopts
an audio-text dual-encoder combined with a single
text decoder for efficient multimodal retrieval and
classification.

Autoencoders extract intrinsic representations
by mapping an input x to a low-dimensional latent
space z and minimizing the reconstruction error.
Structurally, Standard Autoencoders such as DWM
(Niizumi et al., 2026), DashengTokenizer (Dinkel
et al., 2026a), and CARL (Sridhar and Cartwright,
2025) maintain symmetric frameworks. Asymmet-
ric Autoencoders, including EnCodecMAE (Pepino
et al., 2025), Audio-JEPA (Tuncay et al., 2025),
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MATPAC (Quelennec et al., 2025), and WavJEPA
(Yuksel et al., 2025), utilize lightweight decoders
for pre-training reconstruction that are discarded
during inference to yield highly discriminative fea-
tures. Additionally, Diffusion Autoencoders like
LatentFT (Wang and Huang, 2026) incorporate dif-
fusion models into decoding to enhance latent ca-
pacity and signal restoration.

Neural Audio Codecs augment traditional au-
toencoders with quantizers. They impose a strin-
gent information bottleneck to compress high-
dimensional raw audio into low-dimensional to-
kens, followed by high-fidelity waveform restora-
tion via a generative decoder. Representative mod-
els include MOSS-Audio-Tokenizer (Gong et al.,
2026a), UniCodec (Jiang et al., 2025), SpeechTo-
kenizer (Zhang et al., 2024), DAC (Kumar et al.,
2023), EnCodec (Défossez et al., 2023), and Sound-
Stream (Zeghidour et al., 2022).

2.3.3 Vocoders

Vocoders typically map acoustic intermediate rep-
resentations, such as Mel-spectrograms, back into
raw time-domain waveforms. Prominent examples
of this paradigm include BemaGANv2 (Park et al.,
2025), PeriodWave (Lee et al., 2025), Vocos (Siuz-
dak, 2024), and WaveNeXt (Okamoto et al., 2023).
Furthermore, recent advancements have extended
this framework beyond continuous spectrograms;
for instance, T-Mimi (Wu et al., 2026b) trains the
vocoder to reconstruct high-fidelity audio condi-
tioned entirely on discrete codec tokens generated
by the Mimi encoder.

2.4 Audio Representation Model Pre-training
Paradigms

2.4.1 Supervised Pre-training

Audio representation models heavily rely on mas-
sive training datasets, yet acquiring clean human an-
notations is both challenging and expensive. Conse-
quently, weakly supervised learning utilizing large-
scale noisy data has emerged as one of the dom-
inant paradigms to overcome this bottleneck. In
large-scale weakly supervised pre-training, models
such as Whisper (Radford et al., 2023), PANNs
(Kong et al., 2020b), Contrastive-init/Captioning-
scratch (Tseng et al., 2026), OWSM v3.1 (Peng
et al., 2024), and StableToken (Song et al., 2026)
directly leverage massive web data with weak la-
bels, significantly enhancing their zero-shot gener-
alization capabilities. Additionally, weakly super-
vised knowledge distillation—adopted by SLAP

(Siamese)(Guinot et al., 2025), USAD (Chang
et al., 2025), LLM-Codec (Yang et al., 2024), and
CED (Dinkel et al., 2024)—utilizes soft labels gen-
erated by powerful teacher models to guide the
learning process, enabling the efficient transfer of
deep semantic features. On the generation side,
neural vocoders including WaveNeXt (Okamoto
et al., 2023), Vocos (Siuzdak, 2024), BemaGANv2
(Park et al., 2025), and T-Mimi (Wu et al., 2026b)
still fundamentally depend on real physical wave-
forms or spectrograms as strong supervised regres-
sion targets to ensure high-fidelity audio reconstruc-
tion. In addition, PACE (Li et al., 2026a) proposes
a continuous learning framework to address catas-
trophic forgetting in the pre-training of audio rep-
resentation models.

2.4.2 Self-Supervised Pre-training (SSL)

Self-Supervised Learning (SSL) has become the
dominant training paradigm for audio representa-
tion. It learns robust features from unlabeled audio
through proxy tasks, deriving supervision directly
from the data’s structure. SSL objectives are pri-
marily categorized into three types, often comple-
mented by joint pre-training:

Predictive Objectives. These losses compel
models to infer masked targets or distill teacher-
generated latent features to capture high-level
semantics. Specifically, HiBERT (Hsu et al.,,
2021), BEATSs (Chen et al., 2023), and DWM (Ni-
izumi et al., 2026) predict discrete labels, whereas
data2vec (Baevski et al., 2022), EAT (Chen et al.,
2024b), and Audio-JEPA (Tuncay et al., 2025)
leverage Teacher-Student architectures for latent
feature distillation. Additionally, LST (Lu et al.,
2026b) employs autoregressive sequence predic-
tion.

Contrastive Objectives. By pulling positive
samples closer and pushing negatives apart, these
losses filter out low-level acoustic noise to extract
discriminative, abstract semantics. CLAP (Elizalde
etal., 2023) and SLAP (Scalable) (Mei et al., 2026)
utilize this mechanism for cross-modal audio-text
alignment. Furthermore, wav2vec 2.0 (Baevski
et al., 2020) combines contrastive learning with
masked prediction over quantized representations,
while AaSP (Yamamoto and Okusa, 2026) applies
contrastive regularization to enhance representation
discriminability.

Reconstructive Objectives. After an informa-
tion bottleneck, these losses minimize reconstruc-
tion errors in signal or latent space to flawlessly
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Figure 2: A Comparison of Audio Representation Integration Mechanisms for Downstream Models.

restore acoustic details. For example, Audio-MAE
(Huang et al., 2022) and MAE-AST (Baade et al.,
2022) directly reconstruct masked spectrograms.
Similarly, neural codecs like VQ-VAE (van den
Oord et al., 2017), EnCodec (Défossez et al., 2023),
and DAC (Kumar et al., 2023) strictly rely on re-
construction objectives to guarantee high-fidelity
audio generation.

3 Modeling for Audio Tasks

This chapter explores downstream workflows fol-
lowing audio representation extraction. Specifi-
cally, we investigate integration mechanisms into
downstream models(Section 3.1) and subsequent
downstream modeling paradigms (Section 3.2).
Furthermore, the appendix introduces a comprehen-
sive taxonomy of audio tasks (Section C), outlines
training paradigms (Section E), and summarizes
representative audio models (Section F).

3.1 Audio Representation Integration
Mechanisms for Downstream Models

As illustrated in Figure 2, we systematically catego-
rize these mechanisms into five paradigms: Rigid
Temporal Downsampling, Elastic Semantic Align-
ment, Global Aggregation, Condition Modulation
and Token-level Integration.

3.1.1 Rigid Temporal Downsampling

Rigid temporal downsampling applies fixed-
ratio compression to extract acoustic envelopes.
Though computationally efficient and strictly order-
preserving, it risks over-smoothing and losing

fine-grained high-frequency details. Common
adapters for fixed-stride compression include 1D-
CNNs (Xie and Wu, 2024; Chen et al., 2026; Tian
et al., 2026b) and strided linear pooling (Xu et al.,
2025; StepFun Audio Team, 2025; Tian et al.,
2026a; Ghosh et al., 2026a). To mitigate the in-
formation loss inherent in uniform compression,
window-level Q-Former (Tang et al., 2024; Wang
et al., 2025d) and window-level self-attention (Jia
et al., 2025) introduce adaptive weighting within
fixed temporal windows.

3.1.2 Elastic Semantic Alignment

Addressing uneven audio density, elastic seman-
tic alignment reshapes the time axis along se-
mantic boundaries, mitigating the sequence length
mismatch between acoustic frames and language
model inputs while preserving semantics. Repre-
sentative mechanisms include CTC-guided com-
pression (Deng et al., 2026; Zhou et al., 2025),
which suppresses blank frames via posterior
peaks for variable-ratio compression; Continuous
Integrate-and-Fire (CIF)(Gao et al., 2022; Deng
et al., 2025a), which accumulates frame weights to
emit fused representations upon reaching a thresh-
old; and duration predictors(Le et al., 2023), which
explicitly estimate frame counts per phoneme to
guide feature pooling.

3.1.3 Global Aggregation

By discarding fine-grained temporal information,
global aggregation mechanisms condense core
acoustic features from variable-length audio into a
fixed-length summary. Representative techniques
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Table 1: Overview of representative audio and speech models, their inference pipelines, and performance. Perfor-
mance for TTA, VC, and FSD tasks are sourced from AudioStory (Guo et al., 2025), X-VC (Zheng et al., 2026),
and PersonaPlex (Roy et al., 2026), respectively. For all other models, the performance are obtained directly from
their respective original publications. Bold indicates the best result, underline denotes the second-best result.

include Q-Former (Ghosh et al., 2024; Biswas
et al., 2026; Lu et al., 2026a), which uses a set
of learnable queries to attend to the entire acoustic
sequence, yielding compact, length-agnostic repre-
sentations for downstream LLMs. Global Attention
Pooling (Popov et al., 2022; Wang et al., 2026d)
derives this macroscopic summary by computing
a dynamically weighted sum of all audio frames
using learned attention scores.

3.1.4 Condition Modulation

Condition modulation guides generation by dynam-
ically reshaping backbone feature distributions us-
ing audio representation as independent variables.
Three core mechanisms prevail: FiLM (Liu et al.,
2024c; Gupta et al., 2026) predicts channel-wise
affine parameters for coarse-grained global injec-
tion, offering minimal computational overhead in
CNNs; AdaLLN (Chen et al., 2025c; Liu, 2024; Dror
et al., 2026) maps conditions to scaling and shift-
ing parameters, injecting global styles while stabi-
lizing gradients—now standard in DiTs and flow-
matching architectures; and cross-attention (Vyas
et al., 2023; Evans et al., 2025; Peng et al.,
2026b) leverages dynamic similarity addressing,
using backbone features as queries to achieve fine-
grained alignment with variable-length condition
sequences.

3.1.5 Token-level Integration

Token-level integration quantizes continuous audio
into symbol sequences, reducing complex cross-
modal modeling to a unified next-token prediction

paradigm. Current approaches fall into three cat-
egories: (1) training dedicated language models
from scratch without pre-trained backbones (Bor-
sos et al., 2023a; Chen et al., 2024a; Anastassiou
et al., 2024); (2) expanding the vocabularies of pre-
trained large language models (Rubenstein et al.,
2023; Liu et al., 2026a) or discrete diffusion mod-
els (Long et al., 2026); and (3) employing indepen-
dent audio and text vocabularies for decoupled pre-
diction (Défossez et al., 2024; Chien et al., 2026).

3.2 Downstream Task Modeling Paradigm

3.2.1 Discriminative

Discriminative modeling directly learns mappings
from audio representations to specific targets,
outputting classification or regression results via
lightweight neural networks. Discrete targets aim
to map inputs into a finite, mutually exclusive label
space, widely used in audio classification (Gupta
et al., 2026; Li et al., 2026a). Conversely, con-
tinuous targets project features into a continuous
real-valued space, exemplified by predicting contin-
uous time-frequency masks for speech separation
and enhancement (Wang et al., 2023; Liu et al.,
2024c), and similarity-based anomalous sound de-
tection (Wilkinghoff et al., 2026).

3.2.2 Autoregressive

Autoregressive modeling generates causal se-
quences via the chain rule, constrained by con-
tinuous or discrete representations. Continuous
representations map to LLM latent spaces via
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lightweight adapters for audio understanding (Chu
et al., 2024; Xu et al., 2025; Qwen Team, 2025;
Ghosh et al., 2025, 2026a). However, predicting
continuous matrices is intractable, restricting them
to inputs; furthermore, the lack of shared sym-
bols creates a modality gap that impedes chain-
of-thought integration (Wu et al., 2026a). Con-
versely, discrete tokens seamlessly align with AR
paradigms, sharing embedding spaces and cross-
entropy loss with text for audio generation (Bor-
sos et al., 2023a; Chen et al., 2025c; Gong et al.,
2026b). Nevertheless, discretization incurs in-
formation loss, and inherently lengthy audio se-
quences necessitate mitigation via dynamic token
compression (Lu et al., 2026b).

3.2.3 Iterative NAR Generation

Iterative generation performs parallel, synchronous
sequence updates using global context. In discrete
spaces, discrete diffusion recovers real tokens from
uniform noise, enabling audio generation via vo-
cabulary expansion (Borsos et al., 2023b; Long
et al., 2026), or audio understanding by predicting
text tokens from concatenated continuous audio
and text prompts (Zhou et al., 2026a,b). In contin-
uous spaces, traditional diffusion models denoise
Gaussian noise on latent (Evans et al., 2025) or
Mel-spectrogram (Popov et al., 2022) manifolds.
To optimize evolution trajectories, flow matching
directly regresses ODE vector fields, significantly
easing network fitting and permitting large infer-
ence steps to balance fidelity and efficiency (Le
et al., 2023; Liu, 2024).

3.2.4 One-shot NAR Generation

Assuming conditional independence, one-shot non-
autoregressive (NAR) generation yields complete
sequences in a single forward pass with O(1) la-
tency. To bridge cross-modal length mismatches,
it typically employs elastic semantic alignment via
CTC (Altinok, 2025), CIF (Gao et al., 2022), or
duration predictors (Ren et al., 2021; Kim et al.,
2021a). For strictly time-aligned scenarios, it em-
ploys deterministic feature mapping in continuous
latent spaces (Zheng et al., 2026) or parallel slot-
filling label prediction in discrete spaces (Mu et al.,
2026). Consistency Models (Ye et al., 2023; Li
et al., 2024b) distill iterative diffusion trajectories
into single-step mappings for high-fidelity continu-
ous generation.

3.2.5 Hybrid Modeling Paradigms

Hybrid paradigms balance sequence coherence
and generation efficiency through three evolution-
ary paths. First, integrating AR and Iterative
NAR: Seed-TTS (Anastassiou et al., 2024) and
CosyVoice3 (Du et al., 2025) cascade AR plan-
ning with NAR acoustic refinement, whereas Di-
TAR (Jia et al., 2025) interleaves global AR with lo-
cal intra-patch diffusion. Second, synergizing AR
with One-shot NAR: VALL-E2(Chen et al., 2024a)
and CALM (Rouard et al., 2026) leverage AR for
long-range logic while employing ultra-fast single-
step NAR to decode multi-layer or continuous con-
current features. Third, cascading discriminative
and generative models: Speech World Model (Zhou
et al., 2026¢) uses discriminative graph networks
to predict audio tags, serving as prompts to guide
controlled AR generation.

3.3 Representative Systems and Data Flow
Pipelines

Table 1 summarizes over 20 representative down-
stream systems across four core domains (un-
derstanding, generation, conversion, and interac-
tion) evaluated on standard benchmarks (e.g., Lib-
riSpeech (Panayotov et al., 2015), MMAR (Ma
et al., 2026b), Seed-TTS-Eval (Anastassiou et al.,
2024), AudioCaps (Kim et al., 2019), and Full-
Duplex-Bench (Lin et al., 2025a)). Our nota-
tion describes workflows through input modalities,
integration adapters, and downstream modeling
paradigms. Reported performance is not directly
comparable because model scales, pre-training
data, and evaluation settings differ. The table illus-
trates how pipeline choices—continuous versus dis-
crete representations and autoregressive versus non-
autoregressive architectures—shape downstream
capabilities.

4 Comparative Discussion and Future
Directions

4.1 Time and Time-Frequency Trade-off

Selecting between time-domain (T) and time-
frequency (T-F) representations involves a trade-
off between signal preservation and computational
efficiency. Time-domain modeling preserves raw
transients and phase, favoring tasks requiring wave-
form reconstruction or low-latency execution, such
as speech separation (Luo and Mesgarani, 2019),
telecommunication (Défossez et al., 2023), and
super-resolution (Yuan et al., 2025). Conversely,
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T-F modeling compresses sequence length and in-
troduces harmonic priors, making it suitable for se-
mantic comprehension and classification tasks like
event detection (Kong et al., 2020b) and emotion
recognition (Penumajji, 2025). For downstream
tasks demanding both frequency inductive biases
and phase details, hybrid modeling is adopted. For
example, OWL (Biswas et al., 2026) extracts STFT
and phase features simultaneously to support spa-
tial audio understanding.

4.2 Continuous and Discrete Representation
Trade-off

Selecting between continuous and discrete repre-
sentations fundamentally trades off acoustic fidelity
and text-audio modality alignment. Continuous rep-
resentations preserve dense acoustic details, mak-
ing them suited for discriminative speech under-
standing (Wang et al., 2025a) and high-fidelity con-
tinuous diffusion (Hung et al., 2026). Conversely,
discrete representations introduce quantization loss
but successfully unify audio and text tokens within
a single vocabulary. Thus, discrete tokens are
preferred for interactive speech-to-speech agents
and in-context voice synthesis (Chen et al., 2025c;
Défossez et al., 2024), which require unified au-
toregressive generation. Recent systems combine
both representation types hierarchically (Du et al.,
2024c, 2025), or use continuous representations for
high-quality, end-to-end reasoning and generation
(Rouard et al., 2026).

4.3 Comparative Discussion on Integration
Mechanisms

Selecting an integration adapter depends heavily
on the downstream task’s demand for temporal res-
olution versus global stylization. For sequence-
preserving speech understanding and translation,
rigid downsampling (Xie and Wu, 2024; Tian et al.,
2026a; Tang et al., 2024) and elastic semantic align-
ment (Deng et al., 2026; Gao et al., 2022; Le et al.,
2023) are commonly adopted to align temporal
resolution while preserving local ordering. Con-
versely, global classification and retrieval tasks pre-
fer global aggregation (Biswas et al., 2026; Popov
et al., 2022) to extract length-agnostic semantic
summaries. For high-fidelity generation, condition
modulation mechanisms like AdaLLN (Chen et al.,
2025c¢) and cross-attention (Vyas et al., 2023) are
standard for injecting stylistic constraints, while
token-level integration (Borsos et al., 2023a; Dé-
fossez et al., 2024; Roy et al., 2026) is well-suited

for unified, conversational speech-to-speech mod-
eling.

4.4 Downstream Modeling Paradigm
Selection and Evolving Trends

Downstream modeling depends on representations
and adapters. Discriminative modeling, paired
with rigid downsampling or global aggregation,
is suited for classification and mask prediction
(Wang et al., 2023; Gupta et al., 2026). Con-
versely, target-centric generation utilizes iterative
or one-shot NAR paradigms, paired with condition
modulation and elastic alignment, to achieve low-
latency synthesis (Ren et al., 2021; Le et al., 2023).
For conversational and reasoning tasks, AR model-
ing remains preferred to unify text-audio sequence
learning (Borsos et al., 2023a). The current trend
emphasizes hybrid cascades combining AR seman-
tic planning with NAR acoustic refinement (Du
et al., 2025), while pushing toward continuous au-
toregressive architectures (Rouard et al., 2026) and
audio-interleaved reasoning (Lin et al., 2025b; Wu
et al., 2026a) to eliminate quantization bottlenecks.

5 Conclusion

This survey presents a decoupled framework sepa-
rating the audio processing pipeline into represen-
tation extraction and downstream modeling. We
systematically review audio domains, representa-
tions, and architectures, while categorizing five
integration mechanisms and downstream model-
ing paradigms based on task suitability and trade-
offs. The appendix catalogs representative models.
These taxonomies offer guidelines for designing
next-generation audio foundation models.

Limitations

This survey covers literature up to early 2026 and
may omit recent developments. Differences in
datasets, hardware, and evaluation protocols limit
direct comparisons, especially for subjective gener-
ation tasks. Our analysis remains primarily qualita-
tive because controlled comparisons across design
choices are scarce and incomplete public documen-
tation restricts assessment of training costs and
efficiency.

Declaration on Generative Al

Generative Al was used to assist with language
editing and text refinement, including rephrasing
sentences and removing redundant expressions.
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A Overview of Taxonomy Framework

To provide a structured overview of the current
research landscape, we summarize the classifica-
tion framework proposed in this paper as shown in
Figure 3. This systematic categorization organizes
existing literature across key design dimensions,
including audio representation learning, integra-
tion mechanisms, and downstream task modeling
paradigms.

B Evaluation Methods for Audio
Representation Models

Evaluating audio representations centers on assess-
ing their latent space features. Models’ representa-
tional and generalization capabilities are typically
quantified based on feature independence, trans-
ferability, and acoustic fidelity across three main-
stream paradigms:

B.1 Frozen Feature Extraction (FFE)

FFE freezes the encoder as a static feature extrac-
tor. It encompasses two methods: linear probing

(LP), which trains a shallow classifier to test the
linear separability of original features (wen Yang
et al., 2021; Turian et al., 2022; Wu et al., 2024);
and zero-shot (ZS) evaluation, which performs di-
rect inference via cross-modal alignment without
downstream training, verifying the representations’
intrinsic semantic understanding and generalization
(Elizalde et al., 2023; Radford et al., 2023; Dinkel
et al., 2026b; Mei et al., 2026).

B.2 Fine-tuning (FT)

FT unfreezes the pre-trained model for joint op-
timization on specific downstream tasks (Shams
et al., 2024; Alex et al., 2024). By utilizing the
model as an initialization backbone adapted to
target data distributions, this approach explores
the transferability limits and performance upper
bounds, intuitively reflecting its practical deploy-
ment potential in complex tasks.

B.3 Direct Reconstruction (DR)

DR quantifies feature fidelity by restoring origi-
nal waveforms from compressed representations
via a decoder. Targeting reconstruction models
like autoencoders (Wang and Huang, 2026; Dinkel
et al., 2026a), neural codecs (Jiang et al., 2025;
Wan et al., 2025), and vocoders (Lee et al., 2025;
Park et al., 2025), it evaluates information compres-
sion efficiency and acoustic integrity by measuring
the preservation of underlying physical attributes
like timbre and phase.

C Summary of Audio Downstream Tasks

Audio downstream tasks and mainstream bench-
marks are summarized in Table 2

C.1 Understanding Tasks

Audio understanding maps audio inputs to textual
outputs, aligning condensed acoustic representa-
tions with textual semantic spaces to reflect hu-
man cognition. In multimodal paradigms, these
tasks leverage text or video prompts as auxiliary
instructions to guide specific auditory comprehen-
sion. These tasks are typically evaluated using
diverse benchmarks, such as LibriSpeech (Panay-
otov et al., 2015) for automatic speech recognition,
MMSU (Wang et al., 2026b) for audio question
answering, and Clotho (Drossos et al., 2020) for
automated captioning. Classification (Cls) funda-
mentally encompasses tasks such as acoustic scene
classification (ASC), sound event detection (SED),
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3 (Ghosh et al., 2025), DIFFA (Zhou et al., 2026a), DIFFA 2 (Zhou et al., 2026b), Voicebox (Le et al.,
2023), TangoFlux (Hung et al., 2026), Audio-Omni (Tian et al., 2026d), AudioLDM 2 (Liu et al., 2024b),
CALM (Rouard et al., 2026), CosyVoice 2 (Du et al., 2024c), CosyVoice 3 (Du et al., 2025)

Section 2.2.2: Discrete Representation

VQ-VAE (van den Oord et al., 2017), DAC (Kumar et al., 2023), EnCodecMAE (Pepino et al., 2025), MOSS-
Audio-Tokenizer (Gong et al., 2026a), HUBERT (Hsu et al., 2021), wav2vec 2.0 (Baevski et al., 2020), Audi-
oLM (Borsos et al., 2023a), SoundStorm (Borsos et al., 2023b), MusicLM (Agostinelli et al., 2023), Voila (Shi
et al., 2025), CoT E2E (Arora et al., 2025), Diffsound (Yang et al., 2023b), Omni-Diffusion (Long et al., 2026),
VALL-E (Chen et al., 2025c), VALL-E 2 (Chen et al., 2024a), Moshi (Défossez et al., 2024)

Section 2.3.1: Encoder-only

AST (Gong et al., 2021), HUBERT (Hsu et al., 2021), BEATs (Chen et al., 2023), MERT (Li et al., 2024c),
USAD (Chang et al., 2025), CAT (Han et al., 2026), CLAP (Elizalde et al., 2023), SLAP (Siamese) (Guinot
et al., 2025)

Section 2.3.2: Encoder-Decoder

Whisper (Radford et al., 2023), OWSM v3.1 (Peng et al., 2024), StableToken (Song et al., 2026), SLAP (Scal-
able) (Mei et al., 2026), DWM (Niizumi et al., 2026), DashengTokenizer (Dinkel et al., 2026a), CARL (Srid-
har and Cartwright, 2025), EnCodecMAE (Pepino et al., 2025), Audio-JEPA (Tuncay et al., 2025), MAT-

PAC (Quelennec et al., 2025), WavJEPA (Yuksel et al., 2025), LatentFT (Wang and Huang, 2026), MOSS-
Audio-Tokenizer (Gong et al., 2026a), UniCodec (Jiang et al., 2025), SpeechTokenizer (Zhang et al., 2024),
DAC (Kumar et al., 2023), EnCodec (Défossez et al., 2023), SoundStream (Zeghidour et al., 2022)

Section 2.3.3: Vocoders
BemaGANv2 (Park et al., 2025), PeriodWave (Lee et al., 2025), Vocos (Siuzdak, 2024), WaveNeXt (Okamoto
et al., 2023), T-Mimi (Wu et al., 2026b)

Section 2.4.1: Supervised Pre-training

Whisper (Radford et al., 2023), PANNs (Kong et al., 2020b), Contrastive-init/Captioning-scratch (Tseng et al.,
2026), OWSM v3.1 (Peng et al., 2024), StableToken (Song et al., 2026), SLAP (Siamese) (Guinot et al., 2025),
USAD (Chang et al., 2025), LLM-Codec (Yang et al., 2024), CED (Dinkel et al., 2024), WaveNeXt (Okamoto
et al., 2023), Vocos (Siuzdak, 2024), BemaGANv2 (Park et al., 2025), T-Mimi (Wu et al., 2026b)

Section 2.4.2: Self-Supervised Pre-training

HuBERT (Hsu et al., 2021), BEATs (Chen et al., 2023), DWM (Niizumi et al., 2026), data2vec (Baevski et al.,
2022), EAT (Chen et al., 2024b), Audio-JEPA (Tuncay et al., 2025), LST (Lu et al., 2026b), CLAP (Elizalde

et al., 2023), SLAP (Scalable) (Mei et al., 2026), wav2vec 2.0 (Baevski et al., 2020), AaSP (Yamamoto and
Okusa, 2026), Audio-MAE (Huang et al., 2022), MAE-AST (Baade et al., 2022), VQ-VAE (van den Oord et al.,
2017), EnCodec (Défossez et al., 2023), DAC (Kumar et al., 2023)

Section 3.1.1: Rigid Temporal Downsampling

Mini-Omni (Xie and Wu, 2024), AudioChat (Chen et al., 2026), Bagpiper (Tian et al., 2026b), Qwen2.5-

Omni (Xu et al., 2025), Step-Audio 2 mini (StepFun Audio Team, 2025), UALM (Tian et al., 2026a), Audio
Flamingo Next (Ghosh et al., 2026a), SALMONN (Tang et al., 2024), U-SAM (Wang et al., 2025d), DITAR (Jia
et al., 2025)

Section 3.1.2: Elastic Semantic Alignment
CoT-ASR (Deng et al., 2026), CJST (Zhou et al., 2025), Paraformer (Gao et al., 2022), SimulS2S-LLM (Deng
et al., 2025a), Voicebox (Le et al., 2023)

Section 3.1.3: Global Aggregation

Slr?t?gcl)'gt%r:- GAMA (Ghosh et al., 2024), OWL (Biswas et al., 2026), DeSTA2.5-Audio (Lu et al., 2026a), DiffVC (Popov
Mechanisms et al.,, 2022), TimeAudio (Wang et al., 2026d)
Section 3.1.4: Condition Modulation

» AudioSep (Liu et al., 2024c), Unified TSD (Gupta et al., 2026), VALL-E (Chen et al., 2025c), Seed-VC (Liu,
5 2024), AIDD (Dror et al., 2026), Audiobox (Vyas et al., 2023), Stable Audio Open (Evans et al., 2025),

= VibeVoice (Peng et al., 2026b)

[}

k] Section 3.1.5: Token-level Integration

<=t AudioLM (Borsos et al., 2023a), VALL-E 2 (Chen et al., 2024a), Seed-TTS (Anastassiou et al., 2024), Au-

5 dioPaLM (Rubenstein et al., 2023), TtT (Liu et al., 2026a), Omni-Diffusion (Long et al., 2026), Moshi (Défossez
:u et al., 2024), MoshiRAG (Chien et al., 2026)

% Section 3.2.1: Discriminative

3 Unified TSD (Gupta et al., 2026), PACE (Li et al., 2026a), TF-GridNet (Wang et al., 2023), AudioSep (Liu et al.,
= 2024c), RDP+GeM (Wilkinghoff et al., 2026)

‘: Section 3.2.2: Autoregressive

o Qwen2-Audio (Chu et al., 2024), Qwen2.5-Omni (Xu et al., 2025), Qwen3-Omni (Qwen Team, 2025), Audio
'g Flamingo 3 (Ghosh et al., 2025), Audio Flamingo Next (Ghosh et al., 2026a), Echo (Wu et al., 2026a), Au-

2] dioLM (Borsos et al., 2023a), VALL-E (Chen et al., 2025c), MOSS-TTS (Gong et al., 2026b), LST (Lu et al.,

2026b)

— Section 3.2:

Downstream

Modeling
Paradigms

Section 3.2.3: Iterative NAR Generation

SoundStorm (Borsos et al., 2023b), Omni-Diffusion (Long et al., 2026), DIFFA (Zhou et al., 2026a), DiFFA-

2 (Zhou et al., 2026b), Stable Audio Open (Evans et al., 2025), DiffVC (Popov et al., 2022), Voicebox (Le et al.,
2023), Seed-VC (Liu, 2024)

Section 3.2.4: One-shot NAR Generation

Conformer-LAIL (Altinok, 2025), Paraformer (Gao et al., 2022), FastSpeech 2 (Ren et al., 2021), VITS (Kim
et al., 2021a), X-VC (Zheng et al., 2026), ForcedAligner (Mu et al., 2026), CoMoSpeech (Ye et al., 2023), CM-
TTS (Li et al., 2024b)

Section 3.2.5: Hybrid Modeling Paradigms
Seed-TTS (Anastassiou et al., 2024), CosyVoice3 (Du et al., 2025), DIiTAR (Jia et al., 2025), VALL-E 2 (Chen
et al., 2024a), CALM (Rouard et al., 2026), Speech World Model (Zhou et al., 2026c)

Figure 3: Taxonomy of Audio Representation Learning and Downstream Task Modeling Paradigms.
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Task Benchmarks
Understanding Tasks
Cls AudioSet(Gemmeke et al., 2017), TUT Urban Acoustic Scenes 2018(Mesaros et al., 2018), X-ARES(Zhang et al., 2025),
Classification BirdSet(Rauch et al., 2025), ASVspoof 5(Wang et al., 2026h)
ASR Librispeech(Panayotov et al., 2015), GigaSpeech(Chen et al., 2021a), FLEURS(Conneau et al., 2023),
Automatic Speech Recognition ContextASR-Bench(Wang et al., 2025b)

S2TT
Speech-to-Text Translation

MuST-C(Di Gangi et al., 2019), CoVoST 2(Wang et al., 2021), LongSpeech(Yang et al., 2026b)

MMAR(Ma et al., 2026b), MMSU(Wang et al., 2026b), MMAU-Pro(Kumar et al., 2026a), MMAU(Sakshi et al., 2025)

AQA
Audio Question Answering
AAC

AudioCaps(Kim et al., 2019), AudioSetCaps(Bai et al., 2025), Clotho(Drossos et al., 2020), BRACE(Guo et al., 2026a)

Automated Audio Captioning
AT

Audio-Text Retrieval

ReasonAudio(Zhang et al., 2026b), MARBLE(Yuan et al., 2023)

Speaker Diarization

SDBench(Durmus et al., 2025), M3SD(Wu, 2025)

TTS

Generation Tasks
TTSDS2(Minixhofer et al., 2026), EmergentTTS-Eval(Manku et al., 2026), Seed-TTS-Eval(Anastassiou et al., 2024),

Text to Speech LibriTTS(Zen et al., 2019), LibriTTS-R(Koizumi et al., 2023)

Tox tf(;fj}u dio TTA-Bench(Wang et al., 2026¢), AudioEval(Wang et al., 2026f)

Vide()Vt?;ﬁudio Vggsound(Chen et al., 2020), VidAudio-Bench(Zhang et al., 2026¢)

Text];g%[usic FakeMusicCaps(Comanducci et al., 2025), MusicCaps(Agostinelli et al., 2023)
ZVC

Zero-shot Voice Cloning

ClonEval(Christop et al., 2025), VCTK(Yamagishi et al., 2019)

T2ST
Text-to-Speech Translation

Voice Conversion

Conversion Tasks
VCC2020(Zhao et al., 2020), SVCC2023(Huang et al., 2023)

DNS Challenge(Dubey et al., 2024), URGENT SE Challenge(Saijo et al., 2025)

Speech Enhancement
SS

WSJO-mix(Hershey et al., 2016), LibriMix(Cosentino et al., 2020)

Speech Separation
AT

Audio Inpainting
S2ST

Speech-to-Speech Translation

CVSS(Jia et al., 2022), Emphassess(de Seyssel et al., 2024)

FSD
Full-duplex Spoken Dialogue

Interaction Tasks
Full-Duplex-Bench(Lin et al., 2025a), Full-Duplex-Bench-v2(Lin et al., 2026b), Full-Duplex-Bench-v3(Lin et al., 2026a),
FD-Bench(Peng et al., 2025b)

SDS
Spoken Dialogue System

ParaS2S(wen Yang et al., 2026), SD-Eval(Ao et al., 2024)

Table 2: Overview of Speech and Audio Tasks and Representative Benchmarks.

speaker identification (SID), speech emotion recog-
nition (SER), and other tasks that output classifica-
tion labels.

C.2 Generation Tasks

Conditioned on textual, visual, or acoustic sig-
nals, audio generation tasks employ deep gen-
erative models (e.g., autoregressive or diffusion)
to synthesize novel, high-fidelity, diverse, and
highly controllable audio content, encompassing
human speech, natural sound effects, and music.
Key evaluation benchmarks include Seed-TTS-
Eval (Anastassiou et al., 2024) for text-to-speech,
TTA-Bench (Wang et al., 2026¢e) for text-to-audio
generation, and VidAudio-Bench (Zhang et al.,
2026c¢) for video-to-audio synthesis. Additionally,
T2ST and S2TT can share benchmarks.

C.3 Conversion Tasks

Audio conversion tasks leverage source audio as
a semantic and temporal backbone. Guided by
text, audio conditions, or implicit objectives, they
perform feature disentanglement and attribute re-
construction within acoustic latent spaces, yield-

ing signals that preserve source content fidelity
while successfully capturing target attributes. Com-
mon tasks like voice conversion, speech enhance-
ment, and speech-to-speech translation are evalu-
ated on benchmarks such as SVCC2023 (Huang
et al., 2023), DNS Challenge (Dubey et al., 2024),
and CVSS (Jia et al., 2022). Particularly, Audio
inpainting lacks dedicated benchmarks, relying on
synthetic gaps across general datasets.

C.4 Interactive Tasks

Audio interaction tasks facilitate real-time, bidirec-
tional, and multi-turn human-machine communi-
cation via continuous audio streams. Driven by
natural speech and enriched with paralinguistic and
emotional features, they leverage full-duplex mech-
anisms for seamless listening and speaking, ulti-
mately realizing fluent spoken dialogues. To assess
interactive capabilities, researchers employ spoken
dialogue system benchmarks like ParaS2S (wen
Yang et al., 2026) and full-duplex evaluation suites
such as Full-Duplex-Bench-v3 (Lin et al., 2026a).
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D Summary of Audio Representation Models

D.1 Encoder-Only

Audio Modeling Audio Data

Model Scale Domain Rep. Form Pre-training Architecture — Tasks Eval
SP SO MU
PANNS (Kong et al., 2020b) ~8IM T+TF Cont. SL CNN ' v v CLS LP, FT
PASE+ (Ravanelli et al., 2020) - T Cont. SSL (Pred+dist) CNN+RNN v ASR LP, FT
wav2vec 2.0 (Baevski et al., 2020) 95M/317M T Cont. SSL (Cont+Pred) CNN+Transformer v ASR, CLS FT
AST (Gong et al., 2021) 86M TF Cont. SL. ViT v v v CLS FT
HuBERT (Hsu et al., 2021) 95M/317M/964M T Cont. SSL (Pred) CNN+Transformer v ASR FT
PaSST (Koutini et al., 2022) 87TM TF Cont. SL. ViT ' v v CLS FT
WavLM (Chen et al., 2022) 94.70M/316.62M T Cont. SSL (Pred) CNN+Transformer v ASR, S8, CLS, SD LP, FT
data2vec (Baevski et al., 2022) ~90M/~300M T Cont. SSL (dist+Pred) CNN+Transformer v ASR, CLS FT
BEST-RQ (Chiu et al., 2022) 0.6B TF Cont. SSL (Pred) Conformer v ASR FT
CLAP (Elizalde et al., 2023) 1.9B TF Cont. SSL (Cont) PANNs+BERT ' v v CLS ZS,LP,FT
M2D (Niizumi et al., 2023) 86M TF Cont. SSL (Pred+dist) ViT v v v CLS LP+FT
BEATs (Chen et al., 2023) ~90M TF Cont. SSL (Pred) ViT ' v v CLS FT
MERT (Li et al., 2024c) 95M/330M T Cont. SSL (Pred+Reco) CNN+Transformer v CLS LP
CED (Dinkel et al., 2024) 5.5M/10M/22M/86M TF Cont. SSL (Reco) + SL (dist) ~ ViT v CLS LP
DTF-AT (Alex et al., 2024) 69M TF Cont. SL ViT v v CLS FT
SSAMBA (Shams et al., 2024) TM/26M/99M TF Cont. SSL (Cont+Reco) Bi-Mamba v v CLS FT
SLAP (Siamese) (Guinot et al., 2025) 193M TF Cont. SSL (self-dist) HTS-AT v’ ATR,CLS LP,ZS
USAD (Chang et al., 2025) 24/94/330M TF Cont. SL (dist) Transformer ' ' v ASR, PR, SD, CLS LP, FT
GLAP (Dinkel et al., 2026b) ~90M TF Cont. SSL (Cont) Dasheng + Sonar + MLP v v v’ ATR,CLS zs
SONAR (Zhang et al., 2026d) ~90M TF Cont. SSL (Pred+self-dist) BEATs iter3+ ' v v CLS LP, FT
SPEAR (Yang et al., 2026¢) 94M/327M/600M TF Cont. SSL (Pred) + SL (dist)  Zipformer v v v’ ASR,PR,CLS, SE, SS,VC LPFT
Contrastive-init/Captioning-scratch (Tseng et al., 2026)  ~70M TF Cont. SL Zipformer-M v v v CLS, ATR, ACC, AQA LP
CAT (Han et al., 2026) - T Cont. SSL (self-dist) Transformer v v v CLS, ACC FT
UTS-Multi-Task (Zhou et al., 2026d) TF Cont. SL Zipformer-M v v v CLS, ATR, ACC, AQA LP
HEAR (Kawano and Sasaki, 2026) 15M TF Cont. SSL (Pred) Transformer v CLS LP, FT

Audio Rep. Form: Cont.: Continuous, Disc.: Discrete.

Pre-training: SSL: Self-supervised learning, SL: Supervised learning, USL: Unsupervised learning. Pred: Predictive, Cont: Contrastive, Reco: Reconstructive,
dist: distillation, self-dist: self-distillation.

Data: SP: Speech, SO: Sound, MU: Music.

Tasks: CLS: Classification, ASR: Automatic Speech Recognition, SD: Speaker Diarization, PR: Phoneme Recognition, AQA: Audio Question Answering, ATR:
Audio-Text Retrieval, AAC: Automated Audio Captioning, SE: Speech Enhancement, SS: Speech Separation, VC: Voice Conversion.

Eval: LP: Linear Probing, ZS: Zero-shot, FT: Fine-tuning.

Table 3: Overview of Encoder-only Audio Representation Learning Models

D.2 Encoder-Decoder

Audio Modeling Audio Architecture Data

Model Seale Domain Repr Form  Pre-training Tasks Eval
Encoder Quantizer  Decoder SP SO MU
Cross-modal Encoder-Decoder
Whisper (Radford et al., 2023) 39M/TAMI244M/T6OM/1 55B TF Cont sL Transformer - Transformer v ASR, S2TT 78
OWSM v3.1 (Peng et al., 2024) 101M/367M/1.02B F Cont SL E-Branchformer - Transformer v ASR, S2TT.SLU,CLS ~ LP
StableToken (Song et al., 2026) 320M TF Disc SL Transformer Voting-LFQ Transformer v ASR, CLS, TTS FT, DR
SLAP (Scalable) (Mei et al., 2026) ~2.6b TF Cont SSL (Cont+Pred) Audio Encoder + Text Encoder - Transformer v ATR, CLS, AAC 28, LR, FT
Autoencoders
MAE-AST (Baade et al., 2022) - TF Cont SSL (Reco) ViT - ViT v v v CLS FT
Audio-MAE (Huang et al., 2022) 22M/86M/304M TF Cont SSL (Reco) viT - Transformer v v s CLS, REC FT, DR
EnCodecMAE (Pepino et al., 2025) 43.6M/86.6/261.6M F Cont SSL (dist+Pred) Transformer - Transformer v v v CLSASR LP
EAT (Chen et al., 2024b) 88M TF Cont SSL (dist) ViT + CNN - CNN v v v CLS LP.FT
CARL (Sridhar and Cartwright, 2025) - TF Cont SLISSL (Reco) AudioMAE + Slot Transformer - MLP + CNN + Transformer v cLs Lp
MATPAC (Quelennec et al., 2025) ~86M F Cont SSL (Pred+dist) AST - Transformer v v v as LP
Audio-JEPA (Tuncay et al., 2025) 85.4M TF Cont SSL (dist) ViT - ViT v v v CLS LP
WavIEPA (Yuksel et al., 2025) ~90/300M T Cont SSL (dist) Wav2Vee 2.0 + ViT - ViT v v v s Lp
AaSP (Yamamoto and Okusa, 2026) 87TM TF Cont SSL (Pred+Cont) ViT - Cross-attention Blocks v v v CLS LP.FT
DashengTokenizer (Dinkel et al., 2026a) ~800M TF Cont SSL (Reco) MiDasheng + 2D CNN - Vocos s v v CLS, REC, TTA, SE LP.DR
DWM (Niizumi et al., 2026) ~86M TF Cont SSL (Pred) ViT - Transformer v v v s LR FT
LatentFT (Wang and Huang, 2026) - TIF Cont SSL (Reco) DAC /1D U-Net / MLP - 1D U-Net v MG DR
Neural Audio Codec

VQ-VAE (van den Oord et al., 2017) - T Disc SSL (Reco) CNN vQ CNN s REC, CLS LP. DR
SoundStream (Zeghidour et al., 2022) 84M T Dise SL CNN RVQ CNN v v RECSE DR
EnCodec (Défossez et al., 2023) - T Disc SSL (Reco) CNN +LSTM RVQ CNN + LSTM v v v REC DR
HiFi-Codec (Yang et al., 2023a) - T Dise SSL (Reco) CNN +LSTM Group-RVQ ~ CNN +LSTM v REC DR
DAC (Kumar et al., 2023) 76M T Disc. SSL (Reco) CNN RVQ CNN v v v REC DR
SpeechTokenizer (Zhang et al., 2024) ~100M T Disc SSL (Reco+dist) CNN + BILSTM RVQ CNN + BILSTM s TTS DR
SemantiCodec (Liu et al., 2024a) 75M TF Dise SSL (Reco) AudioMAE + BILSTM VAE Diffusion + Vocoder v v v s LP,DR
Single-Codec (Li et al., 2024a) - TF Disc SSL (Reco) Conformer + CNN vQ BiLSTM v TTS DR
Spectral Codecs (Langman et al., 2025) 65M TF Disc (Reco) CNN RVQ HiFi-GAN s TTS DR
LLM-Codec (Yang et al., 2024) 160M T Dise USL (GAN) + SL(dis)) ~ CNN RVQ Transformer v v CLS. TTS, SE 75, DR
SNAC (Siuzdak et al., 2024) 54.5M/19.8M T Disc. SSL (Reco) CNN RVQ CNN v v v REC DR
UniCodec (Jiang et al., 2025) 274M T Disc SSL (Pred) ConvNet + Transformer + MoE SimVQ Transformer 's v s REC, CLS DR
STFTCodec (Feng et al., 2025) 36M~42M F Dise SSL (Reco) ConvNeXt V2 + Self-Attention RVQ ConvNeXt V2 + Self-Attention v/ REC DR
DualCodec (Li et al., 2025a) ~628M T Disc SSL (Reco) CNN + ResNet RVQ CNN v TTS DR
SpecTokenizer (Wan et al., 2025) 450K/70M TF Disc SSL (Reco) CNN RVQ RNN 's REC, ASR DR
UniSRCodec (Zhang et al., 2026¢) - F Dise SSL (Reco) Open-MagViT2 SimVQ  Open-MagViT2+BigVGAN+2 v v v CLS LP,DR
MOSS-Audio-Tokenizer (Gong et al., 2026a) 1.6b T Disc SSL (Reco) Transformer RVQ Transformer v v v TTS, ASR DR, FT

Form: Cont: Continuous, Disc: Discrete.

Pre-training: SSL: Self-Supervised Learning, SL: Supervised Learning, USL: Unsupervised Learning, Pred: Predictive, Cont: Contrastive, Reco: Reconstructive,
dist: distillation.

Data: SP: Speech, SO: Sound, MU: Music.

Tasks: CLS: Classification, ASR: Automatic Speech Recognition, TTS: Text-to-Speech, TTA: Text-to-Audio, ATR: Audio-Text Retrieval, AAC: Automated Audio
Captioning, MG: Music Generation, SE: Speech Enhancement, REC: Reconstruction, S2TT: Speech-to-Text Translation, SLU: Spoken Language Understanding.
Eval: LP: Linear Probing, ZS: Zero-shot, FT: Fine-tuning, DR: Direct Reconstruction.

Table 4: Overview of Encoder-Decoder Audio Representation Learning Models
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D.3 Vocoder

Model Scale Audi;)ol::[l(;;i:ling Reg.“;‘l:rm Pr;}t:::;ng Architecture Data Tasks Eval
SP SO MU

‘WaveNet (van den Oord et al., 2016) T—T Disc SL CNN v v REC, ASR DR, FT
‘WaveRNN (Kalchbrenner et al., 2018) - TF - T Cont SL RNN + CNN v REC DR
‘WaveGlow (Prenger et al., 2019) TF—T Cont SL CNN v REC DR
GANSynth (Engel et al., 2019) TF =T Cont SL CNN v REC DR
‘WaveGrad (Chen et al., 2021b) 15M/23M TF—T Cont SL UBlock + DBlock v REC DR
DiffWave (Kong et al., 2021) 2.64M/6.91M TF - T Cont USL Diffusion v REC, UG DR
HiFi-GAN (Kong et al., 2020a) 0.92M/1.46M/13.92M TF—T Cont SL CNN v REC DR
Fre-GAN (Kim et al., 2021b) TF - T Cont SL HiFi-GAN v REC DR
UnivNet (Jang et al., 2021) 4M/14.86M TF—T Cont SL MelGAN v REC, TTS DR, FT
iSTFTNet (Kaneko et al., 2022) 13.26M TF - T Cont SL CNN + DSP v REC, TTS DR
BigVGAN (Lee et al., 2023) 14M/112M TF—>T Cont SL HiFi-GAN v REC DR
Vocos (Siuzdak, 2024) 13.5M Token/TF — T  Disc/Cont SL ConvNeXt v REC, TTS,MG DR, ZS
HiFTNet (Li et al., 2023b) 17.7M TF—>T Cont SL LSTM + CNN v REC DR
APNet2 (Du et al., 2024a) TF—T Cont SL ConvNeXt V2 v REC DR
‘WaveNeXt (Okamoto et al., 2023) TF - T Cont SL ConvNeXt + Linear Layer v REC DR
PeriodWave (Lee et al., 2025) 29.7M TF—T Cont SL U-Net v REC DR
BemaGANV?2 (Park et al., 2025) ~14M TF - T Cont SL CNN v REC DR
T-Mimi (Wu et al., 2026b) 40.8M Token — T Disc SL Transformer v REC DR

Input Rep. Form: Cont: Continuous, Disc: Discrete. Pre-training: SL: Supervised Learning, USL: Unsupervised Learning.

Data: SP: Speech, SO: Sound, MU: Music.

Tasks: REC: Reconstruction, ASR: Automatic Speech Recognition, TTS: Text-to-Speech, UG: Unconditional Generation, MG: Music Generation.

Eval: ZS: Zero-shot, FT: Fine-tuning, DR: Direct Reconstruction.

Table 5: Overview of Vocoders

E Training Paradigms for Audio
Downstream Task Models

Building a robust downstream audio system re-
quires distinct training paradigms to align acoustic
features with semantic goals. Depending on the ar-
chitecture and data availability, these paradigms
range from massive multimodal pre-training to
training-free adaptations.

E.1 Pre-training

Pre-training refers to constructing a general-
purpose foundation model with strong generaliza-
tion capability using large-scale universal data. In
multimodal audio modeling, it is divided into four
primary approaches:

Native Multimodal End-to-End Training Ini-
tialized from scratch, this paradigm maps all modal-
ities into a shared semantic space from the out-
set. Joint modeling under a unified objective en-
ables native multimodal capability, exemplified by
GPT-40 (Hurst et al., 2024) and Gemini2.5(Gemini
Team, 2025). Despite prohibitive costs and severe
convergence challenges, SODA (Manakul et al.,
2026) unifies audio and text tokens to pre-train a
Transformer backbone entirely from scratch.

Cross-modal Alignment End-to-End Pre-
training Relying on pre-trained LLMs and
audio extractors, this paradigm uses bridging
mechanisms to map audio representations into
the dominant text modality’s continuous latent or
discrete token space. It typically adopts multi-stage
training: models like Qwen2.5-Omni (Xu et al.,
2025) and Qwen3-Omni (Qwen Team, 2025)
initially execute cross-modal alignment before
conducting global end-to-end joint optimization.
Alternatively, this paradigm can treat one modality
as the generative target and the other as a guiding
condition, as exemplified by the text-guided speech
generation in DiTAR (Jia et al., 2025).

Modular Pre-training This paradigm decom-
poses complex systems into functionally indepen-
dent sub-networks trained separately with local ob-
jectives, avoiding global gradient sharing. Succes-
sive modules are conditioned on preceding out-
puts to align multimodal capabilities with text.
For instance, Seed-TTS (Anastassiou et al., 2024)
independently pre-trains a speech tokenizer and
vocoder, subsequently concatenating audio and text
tokens to pre-train a cascaded Transformer-DiT
backbone. Similarly, Moshi (Défossez et al., 2024)
separately pre-trains a text backbone and an audio
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codec, later leveraging extracted audio tokens to
continually train the backbone, thereby unifying
the text and audio spaces.

E.2 Post-training

After unsupervised distribution matching, post-
training introduces explicit supervision and human
preferences to directionally distort the model’s gen-
eration trajectory for real-world interactions.

Supervised Fine-Tuning (SFT) employs high-
quality instruction-output pairs for either full or
parameter-efficient updates. It activates pre-trained
knowledge, enabling models to strictly follow hu-
man instructions and master specific downstream
tasks and interaction paradigms. Recent frame-
works like MoshiRAG (Chien et al., 2026) leverage
SFT to integrate retrieval-augmented generation for
dialog systems, while CoT-ASR (Deng et al., 2026)
utilizes it to incorporate multi-step reasoning into
speech recognition.

Reinforcement Learning (RL) leverages hu-
man or Al feedback to construct reward signals
via algorithms like RLHF, DPO, or GRPO. By
maximizing expected returns, RL compensates for
SFT’s limitations in optimizing subjective crite-
ria, thereby enhancing generation quality, ensuring
human-value alignment, and effectively mitigating
hallucinations. To unlock advanced cognitive abil-
ities, systems such as Step-Audio-R1 (Tian et al.,
2025) and Audio-DeepThinker (He et al., 2026)
employ RL-based reasoning strategies to system-
atically enhance performance in complex audio
question-answering tasks.

E.3 Supervised Training from Scratch

Supervised Training from Scratch optimizes a ran-
domly initialized backbone for a specific down-
stream task using labeled data. However, its perfor-
mance ceiling is inherently bounded by the scale
of human annotations, resulting in poor transfer-
ability. Despite these transferability limits, it re-
mains a robust choice for specialized generation
and conversion tasks, as demonstrated in Stable
Audio Open (Evans et al., 2025) for text-to-music
generation and X-VC (Zheng et al., 2026) for voice
conversion.

E.4 Training-free

Training-Free approaches yield decisions or gener-
ations without any gradient updates during down-
stream adaptation. For instance, RDP (Wilkinghoff
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et al., 2026) detects anomalous sounds by compar-
ing feature distances between test and normal au-
dio, whereas Audio-CoT (Ma et al., 2025) employs
inference-time prompting to elicit the model’s in-
ternalized reasoning capabilities.



F Summary of Audio Downstream Task Models

F.1 Overview of Pre-trained Models

Model Scale Audio Representation Model Base Model DeTokenizer / Vocoder Cond. Method  Modeling Paradigm  Pre-training Post-training ~Tasks Downstream
GSLM (Lakhotia et al., 2021) - CPC/ wav2vec 2.0/ HUBERT + k-means  Transformer Tacotron-2 + WaveGlow b AR Modular - Gen 7ve

VALL-E (Chen et al., 2025¢) ~300M EnCodec Decoder-only Transformer EnCodec Decoder TH+CM AR, Tier, NAR Modular - Gen, Conv TTS, ZVC. SE
AudioPalM (Rubenstein et al., 2023) 8B USM-v2/ USM-v1 / w2-BERT PaLM/PaLM-2 SoundStorm / SoundStream Decoder  RTD + T AR CMAE2E  SFT Und, Gen ASR, S2TT, $25T, TTS
AudioLM (Borsos et al., 2023a) ~098 W2v-BERT + SoundStream Decoder-only Transformer SoundStream Decoder TI+RTD AR Modular - Gen cis

Qwen-Audio (Chu etal,, 2023) ~8B Whisper-large-v2 Encoder Quen-TB - RTD AR CMAE2E  SFT Und ASR, S2TT, AAC, Cls
SpeechGPT (Zhang et al., 2023) 138 HUBERT Transformer HiFi-GAN b AR CMAEE  SFT Int, Und, Gen SR, SDS, TTS
MusicLM (Agostinelli et al., 2023) ~129B W2v-BERT + SoundStream + MuLan Decoder-only Transformer SoundStream Decoder b AR Modular - Gen ™

SoundStorm (Borsos et al., 2023b) 350M W2v-BERT + SoundStream Conformer SoundStream Decoder b Tter. NAR Modular - Gen TTS, ZVC

Audiobox (Vyas et al., 2023) 330M EnCodec Transformer EnCodec Decoder oM Trer. NAR Modular SFT Gen, Cony TTS, TTA, ZVC, Al
Diffsound (Yang et al, 2023b) ~160M VQVAE Transformer MelGAN o™ Tter. NAR Modular - Gen A

SeamlessMAT (Communication etal., 2025)  1.2B/23B W2v-BERT 2.0 SeamlessMAT-NLLB HiFi-GAN RTD+CM AR Modular SFT Und ASR, S2TT, T25T. $25T
Voicebox (Le et al, 2023) ~360M Mel-Spectrogram Transformer HiFi-GAN ESA+CM  lter NAR Modular - Gen, Cony TTS, ZVC. SE

LTU (Gong etal., 2024) ~TB AST LLaMA-7B - b AR CMAE2E  SFT Und Cls, AAC, AQA
VALL-E 2 (Chen et al., 20242) - EnCodec Decoder-only Transformer Vocos TH+CM AR, Tier. NAR Modular - Gen, Cony TTS, ZVC
Qwen2-Audio (Chu et al,, 2024) 8.2B Whisper-large-v3 Encoder QuenTB - RTD AR CMAE2E  SFT.RL Und ASR, S2TT, Cls
AudioLDM 2 (Liu et al 2024b) TIZM/346M AudioMAE + VAE GPT-2 + Transformer-UNet HiFi-GAN o™ AR+ Iter. NAR Modular - Gen TTA, TTM, TTS
SALMONN (Tang et al., 2024) 138 Whisper-large-v2 Encoder + BEATS Vicuna-13B - RTD AR CMAE2E  SFT Und ASR, S2TT, AAC
CosyVoice 2 (Du et al,, 2024c) - FSQ-SenseVoice Quen2.5-0.5B + Transformer-UNet HiFi-GAN oM+ AR+ Iter. NAR Modular  SFT,RL Gen TTS, ZVC

Moshi (Défossez et al., 2024) ~1.6B Mimi RQ-Transformer Mimi Detokenizer RTD +TI AR Modular SFT Tnt FSD

Seed-TTS (Anastassiou et al., 2024) - Custom Speech Tokenizer Transformer+DiT Acoustic Vocoder b AR+ Iter. NAR Modular  SFT,RL Cony TTS, Ve
GLM-4-Voice (Zeng et al., 2024) 9B Whisper-large-v3 Encoder + VQ GLM-4-9B-Base HiFi-GAN b AR Modular SFT T, Gen AQA, TTS, SDS
GAMA (Ghosh et al., 2024) 7B AST LLaMA-2-78 - GA AR Modular  SFT Und Cls, AQA, AAC
GPT-do (Hurstet al., 2024) - - Transformer - b AR NM-EE - Und, Gen, Int, Conv -

Baichuan-Audio (Li et al., 2025b) 78 Baichuan-Audio-Tokenizer Baichuan 7B + Flow-matching Decoder HiFi-GAN b AR+ lter. NAR CMAEE  SFT Und, Gen, Int ASR, S2TT, TTS, AQA
Qwen2.5-Omni (Xu et al., 2025) 7B Quen2 Audio Encoder Quen2.5-7B + Flow-matching Decoder BigVGAN TI4+RTD AR+ Tter. NAR CMAE2E  SFT.RL Und, Gen, Int ASR, S2TT, AQA, Cls
Kimi-Audio (KimiTeam et al, 2025) 78 GLM-4-Voice Tokenizer + Whisper Encoder - Qwen2.5-78 + Flow-matching Decoder BigVGAN TI+RTD AR+ Iter. NAR CMAEE  SFT Und, Gen, Int ASR, AQA, Cls, AAC
Gemini 2.5 (Gemini Team, 2025) - - - - b AR NM-E2E  SFT.RL Und, Gen, Int ASR, S2TT, TTS, SDS
Step-Audio 2 mini (StepFun Audio Team, 2025) 7B Quen? Audio Encoder Quen2.5-7B + Flow Matching Decoder HiFi-GAN RTD+T1 AR+ Iter. NAR CMAE2E  SFT.RL Und, Gen, Int ASR, S2TT, AQA, TTS
FireRedTTS-2 (Xie et al., 20252) - Whisper-based Encoder + RVQ Quen25 Vocos b AR Modular SFT Gen, Cony ZVC, SDS, TTS
Qwen3-Omni (Qwen Team, 2025) 338 AuT Quen3 Codec2Way RTD AR CMAE2E  SFT.RL Und, Gen, Int R, S2TT, ATR, AQA
LEM2-Audio (Amini et al., 2025) 1.5B FastConformer LFM2-1.2B + RQ-Transformer Vocos RTD AR CMAE2E  SFT.RL Und, Gen, Int ASR, TTS, SDS,
Mimo-Audio (LLM-Core Xiaomi, 2025) 78 Mimo-Audio-Tokenizer Mimo-7B-Base, Mimo-Audio-Tokenizer / Vocos RTD+TI AR CMAEE  SFT Und, Gen, Conv. Int ASR, TTS, AQA, VC
Audio Flamingo 3 (Ghosh et al., 2025) 7B AF-Whisper Encoder Quen25-7B Neural Audio Codec RTD AR CMAE2E  SFT Und, Gen, Int ASR, Cls, AAC
GOAT-SLM (Chen et al, 2025b) 78 Whisper-small Encoder TeleChat2-7B + Flow-matching Decoder Vocoder RTD AR+ lter. NAR CMAEE  SFT Und, Gen, Int AQA, SDS, TTS

CoT E2E (Arora et al., 2025) 178 ESPnet-Codec + XEUS SpeechLM ESPnet-Codec b AR CMAE2E  SFT nt DS

CosyVoice 3 (Du et al, 2025) 058,158 FSQ-MinMo Transformer DiT TH+CM AR+ lter. NAR Modular  SFT,RL Gen TTS, ZVC

Voila (Shi et al., 2025) - Voila Tokenizer Voice-language LLM backbone + Audio Transformer  Voila Detokenizer b AR CMAE2E  SFT.RL Und, Gen, Int, Conv AR, TTS, DS, S2TT
DITAR (Jia et al, 2025) 0.1B/04B/0GB/LOB  VAE Causal Transformer + LocDiT BigVGAN RTD+CM AR +lter NAR CMAEE  SFT Gen TS

HeartMula (Yang et al., 2026a) 33B/7B HeartCodec Tokenizer Llama 3.2 HeartCodec Detokenizer b AR Modular SFT,RL Gen ™

SODA (Manakul et al, 2026) 135M/G00M/1TB/4B  Mimi Tokenizer Quen3-based Mimi Detokenizer b AR NMEE  SFT Gen, Conv, Und TS, ZVC. ASR
MOSS-TTS (Gong et al., 2026b) 178 /8B MOSS-Audio-Tokenizer Decoder-only LLM MOSS-Audio-Tokenizer b AR Modular - Gen TTS, ZVC

AudioX (Tian et al,, 2026¢) 248 AudioLDM 2 Encoder DIT - GA+CM Tter. NAR CMAEE - Gen, TTA, VIA, TTM
‘Audio Flamingo Next (Ghosh et al., 2026) 7B AF-Whisper Encoder + 2-layer MLP Quen25-7B Streaming TTS RTD AR CMAE2E  SFT.RL Und, Int ASR, SD, S2TT, Cls
Eureka-Audio (Zhang et al, 2026a) 178 Whisper-based Encoder Quen3-17B-base - RTD AR CMAEE  SFT Und ASR, AAC, AQA
UALM (Tian et al., 2026) 1.5B/7B Quen2 Audio Encoder Quen25-7B X-codec Decoder + VAE Decoder  RTD AR CMAE2E  SFT.RL Und, Gen, Int ASR, TTA, SDS, AQA
OmniVoice (Zhu et al , 2026) 038 Higgs-audio Tokenizer Quen3-0.68 Higgs-audio Detokenizer b Tter. NAR Modular - Cony TTS, ZVC. SE
Audio-Omni (Tian et al., 20264) 798 VAE Quen2.5-Omni-3B + DT VAE Decoder oM AR +Iter. NAR Modular - Gen, Cony AQA,TTA, TTM, VTA
Omni-Diffusion (Long et al, 2026) 78 SenseVoiceSmall Quen7B GLM-4-Voice Decoder RTD AR+ Iter. NAR CMAEE  SFT Und, Gen, Tnt ASR, TTS, AQA, SDS
Bagpiper (Tian et al., 2026b) B Quen3-Omni-Encoder + X-Codec Quen3-8B-Base X-Codec Decoder RTD +TI AR CMAE2E  SFT Und, Gen ASR, AQA, TTS, TTA
AudioChat (Chen et al, 2026) 368 DAC-VAE Encoder Gemma 228 DAC-VAE Decoder RTD AR+ Iter. NAR CMAEE  SFT Und, Gen, Conv ASR, AAC, SD, TTS
Hello-Chat (Hou et al., 2026) ~8B MiDashengLM Quen2.5-7B-Instruct CosyVoice 2 RTD AR+ Tter. NAR CMAE2E  SFT Und, Gen, Int ASR, S2TT, Cls
DIFFA-2 (Zhou et a., 2026b) 8778 Whisper-large-v3 Encoder LLaDA-8B-Instruct - RTD+GA  lter NAR CMAE2E  SFT,RL Und ASR, AQA

CALM (Rouard et al., 2026) 100M~3B VAE Encoder Transformer / Helium-1 VAE Decoder RTD +CM AR+ OneshotNAR - CMA-E2E - Gen TTS, TT™M

DIFFA (Zhou et al., 20263) B Whisper-small Encoder LLaDA-8B-Instruct - RTD+GA  lter NAR CMAEE  SFT Und ASR, AQA

VibeVoice (Peng et al., 2026b) 1.5B, 78 Acoustic Tokenizer + Semantic Tokenizer  Qwen2.5 Acoustic Detokenizer RTD+CM AR+ lter. NAR CMAEE - Gen TTS, ZVC

TUT (Text-to-Talk) (Liu et al., 20263) 158,38 GLM-4-Voice Tokenizer Quen2.5-Base GLM-4-Voice Decoder b AR+ Iter. NAR CMAEE  SFT Und, Gen, Tnt AQA, ASR, AAC, TTS
OWL (Biswas etal., 2026) 7B SAGE LLaMA-2-7B - GA AR CMAE2E  SFT Und Cls, AQA
DeSTA25-Audio (Lu et al., 20262) 8.8 Whisper-large-v3 Encoder Llama3. 1-8B-Instruct - GA AR Modular  SFT Und Cls, AQA, AAC,
TangoFlux (Hung et al., 2026) 515M Stable Audio Open VAE Encoder MMDIT + DIT Stable Audio Open VAE Decoder ~ CM Tter. NAR Modular SFT,RL Gen TTA

SLM-SS (L etal., 2026b) - WavLM-Large + EnCodec Transformer EnCodec Decoder TH+CM AR+OneshotNAR  Modular — SFT Conv . SE

UAF (Li etal,, 20260) 3B, 7B, 30B - Quen3-Omni-30B-A3B-Instruct - - AR CMAE2E  SFT Und Cls. ASR, AQA
LLM-ASR (Xie et al, 2026) 238 Conformer Quen3-17B - RTD AR CMAEE  SFT Und ASR

Cond. Method: GA: Global Aggregation, CM: Condition Modulation, TI: Token-level Integration, RTD: Rigid Temporal Downsampling, ESA: Elastic Semantic

Alignment.

Modeling Paradigm: AR: Autoregressive, Iter. NAR: Iterative Non-Autoregressive, One-shot NAR: One-shot Non-Autoregressive.

Pre-training: CMA-E2E: Cross-modal Alignment End-to-End Pre-training, Modular:

Tasks: Gen: Generation, Conv: Conversion, Und: Understanding, Int: Interaction.
Understanding: Cls: Classification, ASR: Auto Speech Recognition, S2TT: Speech-to-Text Translation, AQA: Audio Question Answering, AAC: Automated
Audio Captioning, ATR: Audio Text Retrieval, SD: Speaker Diarization.

Generation:
Translation.

Conversion: VC: Voice Conversion, SE: Speech Enhancement, SS: Speech Separation, AI: Audio Inpainting, S2ST: Speech-to-Speech Translation.

Interaction:

FSD: Full-duplex Spoken Dialogue, SDS: Spoken Dialogue System.

Table 6: Overview of Audio Pre-training Models
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Modular Pre-training, NM-E2E: Native Multimodal End-to-End Training.

TTS: Text to Speech, ZVC: Zero-shot Voice Cloning, TTA: Text to Audio, VTA: Video to Audio, TTM: Text to Music, T2ST: Text-to-Speech



F.2 Overview of Downstream Fine-tuning Models

Model Seale Audio Representation Model Base Model DeTokenizer / Vocoder Modeling Paradigm  Pre-training Post-training Tasks Downstream
FastSpeech 2 (Ren etal,, 2021) ~27M Mel-Spectrogram Feed-Forward Transformer Parallel WaveGAN ESA One-shot NAR Sup. Seratch Gen TS
VITS (Kim et al., 2021) ~12M Mel-Spectrogram Transformer HiFi-GAN ESA One-shot NAR Sup. Seratch Gen TS
DIffVC (Popov et al., 2022) - Mel-Spectrogram Transformer + U-Net HiFi-GAN Ga Iter. NAR Sup. Seratch Conv ve
Paraformer (Gao et a., 2022) 4IM Mel-Spectrogram Paraformer - ESA One-shot NAR Sup. Seratch Und ASR
MUSICGEN (Copet et al., 2023) 300M, 1.5B, 338 EnCodec Decoder-only Transformer EnCodec oM+ T AR Sup. Seratch Gen ™
AST-SED (Li et al, 2023a) AST Bi-GRU - RTD Disc. SFT Und cis
TF-GridNet (Wang etal., 2023) 21M- 145M Mel-Spectrogram TF-GridNet ISTFT - Disc. Sup. Seratch Conv S, SE. SD
CoMoSpeech (Ye etal, 2023) - Mel-Spectrogram hestyle FFT Transformer HiFi-GAN - One-shot NAR Sup. Seratch Gen TS, TT™
Seed-VC (Liv, 2024) ~200M Whisper-small Encoder / CAM++ / RMVPE BigVGANv2 oM Tter. NAR Sup. Seratch Conv ve
AudioSep (Liu et al., 2024c) 238.6M CLAP/CLIP ResUNet - oM Disc. Sup. Seratch Und ss
Mini-Omni (Xie and Wa, 2024) 0B Whisper-small Encoder Quen20.5B. SNAC RTD AR SFT Und, Gen, Int ASR, TTS. AQA, SDS
Freeze-Omni (Wang et al., 2025¢) k0 CNN#Transformer Quen2-7B-Instruct TiCodec RTD AR, One-shot NAR - SFT Tnt ESD, SDS, ASR, AQA
Tango 2 (Majumder et al,, 2024) 866M AudioLDM VAE Tango HiFi-GAN [eY] Iter. NAR RL Gen TTA
CosyVoice (Du et al., 2024b) ~300M 3 Tokenizer Transformer + ResNetID HiFi-GAN b AR+ Tter. NAR Sup. Seratch Gen TTS, ZVC
ARDIT (Liu et al., 2024d) ~130M Contextual Mel Spectrogram Autoencoder ARDIT BigVGAN RTD AR+ Iter. NAR Sup. Seratch Gen, Conv TTS, ZVC, Al
‘Way2Prompt (Deng et al., 2025b) k) Conformer LLaMA-2/ BLOOMZ / Vieuna - ESA AR - SFT Und ASR, S2TT, AQA
CMTTS (Li etal., 2024b) 286M Mel-Spectrogram FastSpeech?-style Transformer HiFi-GAN - One-shot NAR Sup. Seratch Gen TS
STSR (Yuan et al., 2025) 662M MDCT Coeficient U-Net - RTD One-shot NAR Sup. Seratch Conv SE

Tri-Stream (Cao et al, 2025) - Swin Transformer, HUBERT, openSMILE, GRU - Ga Disc. Sup. Seratch Und cis
Step-Audio-R1 (Tian et al, 2025) 328 Qwen? Audio Encoder Quen25-328 - RTD AR SFT.RL Und, Int AQA, SDS
Stable Audio Open (Evans et al., 2025) 1B VAE DIT VAE Decoder o™ Tter. NAR Sup. Seratch Gen TTA, TTM
Music Flamingo (Ghosh et al., 2026b) 3B/7B Audio Flamingo 3 - - AR SFT.RL Und ATR, ASR, AQA
PAC (FireRed-LLM) (Fu et al., 2026) k) - FireRed-LLM-7B - - AR - SFT.RL Und ASR
YingMusic-SVC (Chen et al., 2025) ~200M - Seed-VC BigV - lier. NAR - SFT.RL Conv ve
Omni-R1 (Rouditchenko et al., 2025) 7B - Quen2.5-Omni-7B - - AR - Und AQA
DAR-LALM (Sheng et al., 2026) 7 - Quen2.5-Omni-7B / Qwen2-Audio-TB-Instruct - - AR - Und AQA. Cls
Rebellion (Huang et al., 2025) 7B Quen2-Audio- 7B - - AR SFT Und AQA
AsyncVoice Agent (Lin et al., 2025b) - - GPT-do Azure TS - - Tr. Free Tnt AQA, FSD
AudioStory (Guo et al., 2025) 3B Whisper-large-v3 Encoder Quen-2.5-3B-Instruct TangoFlux RTD+CM AR +lter NAR SFT Gen,Und  TTA, AQA, AAC, VTA
AlignFormer (Fan et al, 2025) 438 Conformer Phi3. I-mini-instruct HiFi-GAN ESA AR - SFT Und ASR. S2TT, AQA
‘Audio-Reasoner (Xie et al 2025¢) 848 Quen2-Audio-Instruct - - AR SFT Und AQA, Cls, S2TT
SoundMind-RL (Diao et al., 2025) k) - Quen25-Omni-TB - . AR - SFT.RL Und,Gen  AQA.TTA
Serenade (Violeta et al., 2025) - ContentVec, Prior Encoder, Style Encoder 1D U-Net HIFIGAN, SIFIGAN €M Iter. NAR Sup. Seratch Conv ve
Reflow-VC (Ren et al., 2025) - Average Voice Encoder, HuBERT-Soft, Speaker Encoder, VQ-VAE  U-Net HiFi-GAN oM Ter. NAR Sup. Seratch Conv ve
U-SAM (Wang ctal., 2025d) B Whisper Encoder, CED, MERT LLaMA-3.1-8B - RTD AR - SFT Und ASR, S2TT, AAC, Cls
Audio-CoT (Ma et al, 2025) 7 Quen?-Audio-TB-Instruct - - AR e Free Und AQA, ASR, AAC
SimulS25-LLM (Deng et al., 2025a) TBISB Streaming Transformer BLOOMZ-7B / Liama3-$B HiFi-GAN ESA AR - SFT Und, Cony  S25T, S2TT
CIST (Zhou et al,, 2025) ~10M Conformer+VGG Decoder-only Transformer - RID+ESA AR SFT Und ASR
Conformer-LAIL (Altinok, 2025) 838 Wav2Vec 20 Wav2Vee 2.0 Conformer Large - RTD One-shot NAR - SFT Und ASR

HyPeR (Wang et al., 2026g) - Whisper Encoder Quen2-Audio-TB-Instruct - - AR - SFT.RL Und AQA, S2TT, Cls, SD
Nemotron-0.6B INT4 k-quant (Banic et al., 2026) - - Nemotron-0.6B - . AR - - Und ASR

Music Flamingo (Ghosh et al., 2026¢) k0 - Audio Flamingo 3 - - AR - SFT,RL Und AQA, AAC, ATR
MDM-ASR (Yen et al., 2026) 180M/ 1B FastConformer Non-causal Transformer Decoder - RTD+CM  lter. NAR - - Und ASR
Audio-DeepThinker (He et al., 2026) 308 - Quen3-Omni-30B-A3B-Instruct - - AR - RL Und AQA
X-VC (Zheng et al,, 2026) 5390M SAC Encoder, ERes2Net Transformer SAC Decoder RTD+CM  Oneshot NAR Sup. Seratch Conv ve

MoshiRAG (Chien et al., 2026) k0 - Moshi - b AR - SFT Und, Tnt AQA, SDS, ATR
Speech World Model (SWM) (Zhou et al., 2026¢)  ~8B WavLM Quen2-Audio, LLAMA3.1-8B. - b Disc. + AR Und cs
Granite-specch (Aronowitz et al., 2026) B Conformer Granite-3.3-8b-instruct - GA AR - Und ASR. SD. Cls
Projector-based LLM-ASR (Li et al, 2026d) 17B/8B Whistle, WavLM Quen3-Base - RID+CM AR - Und ASR
Phoneme-based LLM-ASR (Li et al., 20264) 1.7B/8B Whistle, WavLM Quen3-Base - ESA AR - Und ASR
STEMPHONIC (Wu etal, 2026¢) ~1B VAE DiT VAE oM Tter. NAR - SFT Gen ™
TASU2 (Peng et al., 2026a) ~188 SenseVoice-Small Quen25-1.58 - ESA AR SFT Und ASR, AAC
AEG (Yang et al., 20264) k) - Quen2-Audio- 7B - - AR - SFT Und AQA
PE-FT LALMs (Yang et al., 2026¢) Quen2.5-Omni / Kimi-Audio - - AR SFT Und, Int Cls. SDS
PROADS (Yan et al., 2026) - EzAudio Codec Encoder EzAudio EzAudio Codec Decoder - Tter. NAR - - Gen Al
ALARM-E (Grinberg and Shahmohammadi, 2026) 4B ‘Whisper Encoder, W2V-BERT-2.0, MuQ, SSLAM Quen3-4B-Thinking-2507 - RTD AR - SFT Und AQA
Ambiguity-Aware LALM (Yu et al., 2026) 7 - Quen2-Audio-7B-Instruct - . AR - SFT.RL Und cis

RDP / RDP+GeM (Wilkinghoff et al, 2026) - Openl.3, BEATS, EAT, Dasheng - - - Disc. Tr. Free Und cis

tyleStream (Liu et al., 2026b) - HuBERT, WavLM DIT Vocos (Causal) oM er. NAR Sup. Seratch Conv ve

ReHear (Liu et al., 2026¢) £ - Whisper-large-v3 - - AR - SFT Und ASR
AuroLA (Xu et al., 2026) 7 Quen2.5-Omni-7B - - AR SFT Und ATR
TAC (Kumar et al., 2026b) - - Quen2-Audio - - AR - SFT Und AAC, Cls, AQA
AIDD (Dror et al, 2026) 90M ‘WayTokenizer DiT WavTokenizer [eY] Iter. NAR Sup. Seratch Conv Al
GSRM (Shen et al., 2026) 7 - Quen2.5-Omni-7B - . AR - SFT Und AQA
Echo (Wu et al., 20263) 7 - Quen2.5-Omni-78 - - AR - SFT.RL Und AQA
LLM-ForcedAligner (Mu et al., 2026) 098 AT Quen3-0.68 - RTD One-shot NAR - SFT Und ASR
EmotionThinker (Wang et al., 2026¢) 7 - Quen2.5-Omni-78 - - AR - SFT, RL Und cis
TARS (Wang et al,, 2026a) 7 Quen2.5-Omni-T8 / Phi-4-MM-7B - - AR SFT,RL Und AQA, ASR

Time Audio (Wang et al., 2026d) k0 BEATS, Whisper Encoder SALMONN-7B - GA AR - SFT Und AAC, AQA
CESAR (Fan et al,, 2026) 7 Quen2.5-Omni- 78 - - AR RL Und AQA

USR 2.0 (Haliassos et al, 2026) S6M/ITIM/S03M/953M  ResNet-18 USR - ESA Disc. + AR - SFT Und ASR
AudSemThinker (Wijngaard et al, 2026) 78 - Quen2.5-Omni - - AR - SFT,RL Und AQA, AAC
STITCH (Chiang et al., 2026) 9B - GLM-4-Voice-9B - . AR - SFT Int AQA, SDS
Mellow (Deshmukh et al., 2026) 167M HTSAT SmolLM2, - RTD AR - SFT Und AQA, AAC
Unified TSD (Gupta et al., 2026) - ConvNeXT BiGRU - [eY] Dise. - SFT Und cis
SLM-SS (Li etal., 2026b) ~600M Encodec, WavLM-large Transformer Encodec Decoder oM+ Tl AR+ Iter. NAR Sup. Seratch Conv ss
COT-ASR (Deng et al., 2026) 388 Conformer Phi-d-mini-instruct - ESA AR SFT Und ASR

MeanVC (Ma et al., 20260) 14M ECAPA-TDNN, Timbre Encoder, Fast-U2++ DIT Vocos CM+GA AR+ One-shot NAR Sup. Seratch Conv ve
PersonaPlex (Roy et al., 2026) 78 Moshi - - AR SFT Int ESD, SDS, S25T, ZVC

Cond. Method: CM: Condition Modulation, TI: Token-level Integration, RTD: Rigid Temporal Downsampling, GA: Global Aggregation, ESA: Elastic Semantic

Alignment.

Modeling Paradigm: AR: Autoregressive, Iter. NAR: Iterative Non-Autoregressive, One-shot NAR: One-shot Non-Autoregressive, Disc.: Discriminative.
Pre-training: Sup. Scratch: Supervised training from scratch, Tr. Free: Training-free.
Tasks: Und: Understanding, Gen: Generation, Conv: Conversion, Int: Interaction.

Understanding: Cls: Classification, ASR: Auto Speech Recognition, S2TT: Speech-to-Text Translation, AQA: Audio Question Answering, AAC: Automated
Audio Captioning, ATR: Audio Text Retrieval, SD: Speaker Diarization.
Generation: TTS: Text to Speech, ZVC: Zero-shot Voice Cloning, TTA: Text to Audio, VTA: Video to Audio, TTM: Text to Music, T2ST: Text-to-Speech

Translation.

Conversion: VC: Voice Conversion, SE: Speech Enhancement, SS: Speech Separation, AI: Audio Inpainting, S2ST: Speech-to-Speech Translation.
Interaction: FSD: Full-duplex Spoken Dialogue, SDS: Spoken Dialogue System.

Table 7: Overview of Downstream Task Fine-tuning Models
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