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Background

• Different tasks may require distinct features 

> Semantic 

> Acoustic

Hu S, Zhou L, Liu S, et al. Wavllm: Towards robust and adaptive speech large language model[J]. arXiv preprint arXiv:2404.00656, 2024.

Tang C, Yu W, Sun G, et al. Salmonn: Towards generic hearing abilities for large language models[J]. arXiv preprint arXiv:2310.13289, 2023.

Speech LLM with multi-encoders

The Whisper model is trained for speech recognition and translation based on a large amount of weakly supervised data, 

whose encoder output features are suitable to model speech and include information about the background noises. 

BEATs is trained to extract high-level non-speech audio semantics information using iterative self-supervised learning.
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Insight 1: A single audio encoder cannot sufficiently capture all the features demanded by multiple downstream tasks.



Background

• Distinct feature requirements of different audio downstream tasks are manifested across different layers.
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Keyword Spotting (KS)
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Slot Filling (SF)

The weights of different on the different downstream tasks of the SUPERB bench
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Insight 2: Features extracted from different layers of the audio encoder contribute with varying importance to different tasks.



Background

• Insight 1: A single audio encoder cannot sufficiently capture all the features demanded by multiple 

downstream tasks.

> It is necessary to fuse multiple encoders to capture more comprehensive audio information

• Insight 2: Features extracted from different layers of the audio encoder contribute with varying importance 

to different tasks.

> Need a more effective method to exploit the information from different layers of multiple encoders.
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• We propose.

> a novel multi-encoder SpeechLLM, which effectively leverages features from every layer of each encoder.
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Method - Overview

• We propose.

> a novel multi-encoder SpeechLLM, which effectively leverages features from every layer of each encoder.

> an adapter layer for multi-feature fusion, similar to a Mixture-of-Experts (MoE) architecture. 

> a prompt-aware routing mechanism to assign distinct weights to each encoder and its layers.



Method - Detail

• Prompt Aware Routing

> Task-specific information in speech processing tasks is typically embedded in prompts

1.Input prompt 

and audio

2.Encode the input prompt using LLMs, obtain its last 

hidden states, and map it into a routing weight.

3.Selecting the most appropriate expert to 

fuse multiple input features.



Method - Overview

• Multi-layer Fusion

>  The use of fusion weight matrices highlights multi-level feature fusion

1. In each expert, We use 𝐾 sets of distinct fusion parameters to integrate the hidden states from all layers 

of all encoders (excluding the last hidden state of each encoder), and yielding 𝐾 fused hidden states. 

2. These 𝐾 fused hidden states are then concatenated 

with the last hidden state of each encoder.



• We conduct experiments with three encoders on three different 

downstream tasks.

Experimental Setups

Encoders

Whisper WavLM Wav2Vec2

Tasks

ASR SNV AudioCaps

Generate the
corresponding 
transcription

Predict the
speaker number for 
the whole recording

Generating a natural 
language description 
for a given audio clip

We use PaM, an adapter similar to MoE 

architecture, to conduct experiments on 

three tasks.

⋯ ⋯

LLM



Results

• Single-encoder Baselines, Multi-encoder Baselines and PaM

WavLLM

Concat

SALMONN

Concat

Qformer

Average

Average

PaM

Concat

MoE



Results

• What PaM Focuses On?

> We plot the weights assigned by PaM to different layers across various tasks, averaging the weights over every four 

adjacent layers.

• ASR-clean:  Deep layers + Wav2Vec2

• ASR-noisy:  Deep layers + Whisper

• SNV:  Middle layers + Each encoder

• AC:  Shallow layers + Each encoder



Results

• More encoders or better encoders?

> Using an encoder that performs well on a specific task significantly improves the speech LLM’s performance on that 

task. 

> Employing more encoders enhances the performance of the speech LLM on all downstream tasks.

The average (AVG) rank reflects the overall performance across multitasks.



Results

• More encoders or better encoders?

> Single better encoder does not yield significant improvements.

> All encoders are improved, the overall performance increases. 

> Employing larger and stronger LLMs does not result in substantial gains.



Results

• Parameter Efficiency

> PaM outperforms baseline methods on most tasks under a similar parameter scale.



Appendix

•  PaM and Concatenation Adapter with larger LLM



Appendix

• Ablation study of PaM with different routing methods.

• Evaluating the AC task with more metrics.
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