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Abstract—Integrating audio encoders with LLMs through connectors
has enabled these models to process and comprehend audio modalities,
significantly enhancing speech-to-text tasks, including automatic speech
recognition (ASR) and automatic speech translation (AST). However,
these methods often overlook the critical aspect of language adaptation
in multilingual settings, relying instead on multilingual data without
adequately addressing language differences. To address this gap, we
propose the Ideal-LLM model, which employs dual multilingual encoders
to enrich language feature information and utilizes a language-adapted
connector to target the adaptation of each language specifically. By
leveraging the complementary strengths of Whisper and MMS encoders,
our approach ensures richer multilingual representations. Additionally,
the language-adapted connector enhances modal transformation via a
language weight selector tailored for each language. Experimental results
demonstrate that Ideal-LLM significantly improves ASR performance,
achieving a 32.6% relative reduction in average word error rates
compared to the standard speech encoder integrated with LLMs and
yields an average BLEU score of 36.78 for AST task.

Index Terms—Multilingual Speech-to-Text, Dual Multilingual En-
coders, Large Language Models.

I. INTRODUCTION

Text-based Large Language Models (LLM) have demonstrated
significant influence in the field of artificial intelligence due to their
powerful natural language understanding and generation capabili-
ties [1]–[5]. Recently, researchers have explored integrating audio
encoders with LLMs through connectors, enabling LLMs to process
and understand audio modalities [6]–[11]. By training with audio-
text paired data, the connector aligns the output space of the audio
encoder with the input space of the LLM, playing a crucial role in
audio understanding tasks.

Multilingual speech-to-text (S2T) is a vital task in audio under-
standing, encompassing both multilingual automatic speech recogni-
tion (ASR) and automatic speech translation (AST). Existing studies
have shown that integrating speech encoders and LLMs with a
connector significantly enhances performance compared to traditional
end-to-end models [10], [12]–[16]. For example, one approach [12]
employs a connectionist temporal classification (CTC) [17] trained
encoder to process speech sequences, which are then fed into an
LLM decoder through a projection layer. This method outperforms
end-to-end models in multilingual ASR tasks. Similarly, Speech-
LLaMA [13] uses a CTC compressor and a simple audio encoder

∗Equal contribution.
†Corresponding author.

to map compressed acoustic features into the continuous semantic
space of the LLM, achieving superior performance on several AST
test sets. Moreover, approaches leveraging Whisper encoders [18]
or self-supervised learning (SSL) encoders have demonstrated su-
perior improvements [8], [14]–[16]. Qwen-Audio [8] and Qwen2-
Audio [10] leverage a fine-tuned Whisper encoder [18] to extract
speech representations, leading to significant advancements in both
multilingual ASR and AST tasks. Seed-ASR [15] has achieved state-
of-the-art (SOTA) results in multilingual, multi-domain ASR test
sets by feeding continuous speech representations and contextual
information into the LLM, fully exploiting the LLM’s capabilities.
Additionally, a recent study [16] employs W2v-BERT [19] as a
speech encoder, inputs it into the LLM via a length adapter, and
incorporates Chain of Thought (COT) to achieve SOTA results on
the CommonVoice [20] and CovoST2 [21] test sets for AST.

Despite these advancements, existing studies often focus on adding
multilingual data rather than adequately considering language adap-
tation. In terms of connectors, the study in [22] delves into vari-
ous connector architectures, revealing that Q-former [23] surpasses
both linear layers and multi-head cross-attention mechanisms [24].
Similarly, the study in [25] employs HuBERT [26] to extract
speech representations and utilizes a Transformer encoder [24] as
a connector to map these representations into the LLM’s space,
achieving excellent results on several Mandarin test sets. However,
these connectors primarily rely on decoder loss for optimization and
lack language adaptation, potentially limiting their effectiveness in
accurately mapping the multilingual representation space.

While existing models have leveraged the powerful text compre-
hension capabilities of LLMs to enhance multilingual S2T tasks,
aligning the speech feature space of each language to the LLM re-
mains insufficient due to inherent linguistic differences. On one hand,
the features extracted by the encoder may not be sufficiently adapted
for multiple languages. On the other hand, existing connectors cannot
specifically align two representation spaces for every language. To
address this problem, we propose the Ideal-LLM model, which
employs dual multilingual encoders to enrich the language infor-
mation contained in speech features and utilizes a language-adapted
connector to target the adaptation of each language specifically. We
leverage Whisper [18] and MMS [27], two popular and robust models
trained on extensive multilingual data using weakly-supervised and
self-supervised learning, respectively. These models’ representations
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Fig. 1: The overall framework of the proposed Ideal-LLM model.

complement each other due to their distinct pre-training methods
on various language distributions [28]. While Salmonn [7] and
WavLLM [9] also employ dual encoders, they focus on extracting
semantic and acoustic information separately rather than addressing
the critical aspect of language adaptation. Additionally, our language-
adapted connector facilitates modal alignment through CTC loss
and integrates dual encoder representations via a language weight
selector. The experimental results indicate that our model is more
effective at distinguishing languages and aligning the multilingual
embedding space. Specifically, our approach significantly enhances
ASR performance, achieving a 32.6% relative reduction in average
word error rates (WER) compared to Whisper encoder integrated with
LLMs. In AST task, our method yields an average BLEU score of
36.78, surpassing the performance of Qwen2-Audio [10].

II. METHOD
A. Architecture

Our model comprises dual encoders, a language-adapted connector,
and a text decoder. An illustration of the overall architecture is shown
in Fig 1.

Dual Encoders Our dual speech encoders are based on Whis-
per [18] and MMS [27], which are robust models trained on large
multilingual datasets using weakly-supervised and self-supervised
learning, respectively. We process the input speech through two
paths. First, we convert the speech signal to an 80-channel log-
magnitude Mel spectrogram representation, which is input to the
Whisper encoder to obtain the speech feature Fw. Second, the speech
signal is directly input to the MMS encoder to obtain the speech
feature Fm.

Language-adapted Connector Since the dual encoders have been
trained on different distributions of language data, we design a con-
nector to perform a language-dependent fusion of the dual encoders’
features and transform them into the embedding space of the LLM.
First, the speech features Fw and Fm are transformed into hidden
representations by Whisper and MMS adapter, which are transformer
encoder networks [24], resulting in Hw and Hm, respectively. Then,
based on the Weight Selector, Hw and Hm are mixed with different
weights to form Hmix. If the frame lengths differ, they are aligned by
adding blank frames. Finally, the fused hidden representations Hmix

are sequentially downsampled through the convolutional layer, and
the projection layer maps them to Espeech in the LLM embedding
space.

In the Weight Selector, we initialize trainable parameters for each
language and apply a sigmoid function to generate weights. When the
LID Adapter predicts a specific language, it selects the parameters of
the specified language for weighting. This process is learned through

backpropagation with decoder loss and LID loss, guiding the model
to prefer certain encoders. The specific formula is as follows:

l = LID Adapter(L), (1)

w = Weight Selector(l,W ), (2)

w′ = sigmoid(w), (3)

Hmix = Hw · (1− w′) +Hm · w′, (4)

where the Weight Selector contains a set of learnable weights W that
are selected according to a specific language l from the LID Adapter
in L, corresponding to the weights w.

Text Decoder The text decoder is built upon the phi-3-mini
model 1, a language model with 3.8 billion parameters trained on
3.3 trillion tokens [29]. This model demonstrates robust overall
performance. The prompt and text labels are represented by the
tokenizer embedding layer, which is then concatenated with Espeech

from the language-adapted connector. These embeddings are then fed
into the text decoder, with the output target being the text labels.

B. Multi-task Training

Our multi-task training includes Cross-Entropy (CE) loss for the
decoder, CTC loss and LID loss for the language-adapted connector.
An illustration of the overall architecture is shown in Fig 1.

CE Loss The CE loss is used in the LLM to optimize the model’s
final recognition or translation results.

CTC Loss To facilitate the transformation of speech representa-
tions into the LLM’s textual representations in the language-adapted
connector, we employ an additional CTC loss in Hmix to impose
constraints.

LID Loss We incorporate an LID prediction loss to select appro-
priate weights based on specific languages to enhance representation
fusion. Specifically, the LID Adapter performs pooling operations
to reduce Hm and Hw to one-dimensional representations, which
are then summed to form LID representations. The LID loss opti-
mizes these representations for language prediction. Once a specific
language is predicted, the Weight Selector gets the corresponding
weight, which is sent to the mixing component for weighted fusion.

The total loss is formulated as follows:

Lall = (1− α) · Ldecoder + α · LCTC + β · LLID (5)

This training strategy ensures the model learns to perform recognition
and translation while accurately weighting and fusing language-
specific representations. We will open source the training code once
the paper is accepted.

1https://huggingface.co/microsoft/Phi-3-mini-4k-instruct



TABLE I: WER (%) results on Multilingual Librispeech for different methods. For the Baseline and Ideal-LLM Base models, we use 10 kh
English, while all other models are 44 kh.

Model Training Step (k) Trainable Params (B) en de nl fr es it pt pl Avg

Duration (kh) 10 / 44 1.97 1.55 1.08 0.9 0.25 0.16 0.10

MMS CTC [27] 50 1.0 - - - - - - - - 8.7
LLaMA with ASR [12] 250 0.240 6.2 6.7 11.3 5.5 5.2 10.8 16.2 15.9 9.73

Baseline 26 0.075 7.42 9.55 14.05 8.18 7.51 14.64 12.69 14.60 11.59
Ideal-LLM Base 26 0.172 7.44 8.25 12.47 6.71 5.47 11.84 10.87 9.38 9.05
Ideal-LLM Large 50 0.303 6.15 7.12 11.23 5.40 4.26 9.93 12.41 6.02 7.81

III. EXPERIMENTS

A. Datasets

Multilingual ASR For the multilingual ASR task, we use the Mul-
tilingual LibriSpeech (MLS) dataset [30], following prior work [12].
This dataset is a 50,000-hour ASR corpus derived from reading
audiobooks on LibriVox. It comprises eight languages: English (en),
German (de), Dutch (nl), French (fr), Spanish (es), Italian (it),
Portuguese (pt), and Polish (pl). The dataset predominantly consists
of English recordings, with 44,500 hours dedicated to this language.
We evaluated performance using the WER metric.

Multilingual AST For the multilingual AST task, we use the
CovoST2 dataset [21], following Qwen2-Audio [10]. To utilize the
model obtained from the ASR task, we select the intersection of the
languages in MLS: English to German (en-de), German to English
(de-en), French to English (fr-en), Spanish to English (es-en), and
Italian to English (it-en). Performance is evaluated using BLEU
scores, employing the sacrebleu tool for comparison 2.

B. Experiment Setup

Baseline Ideal-LLM integrates dual encoders and a language-
adapted LLM, making the most relevant baseline is a model that
integrates an encoder with an LLM. For the baseline model, we use a
combination of the Whisper encoder and the phi-3-mini model, where
the Whisper encoder is from Whisper Large-v3 3. The connector
consists of only the Whisper adapter, convolutional, and projector
layers. The Whisper Adapter is a 4-layer Transformer encoder. The
convolutional layer performs 2x downsampling, and the projector is
a linear layer that maps feature dimensions to the LLM embedding
dimensions. We use 10k hours of English data and the full data for
the other seven languages during ASR task training for convenience.
We also applied a data balancing strategy as in [31]. The Adam
optimizer has a peak learning rate of 5e-4 and a warmup of 2k steps
for 26k training steps. We use 8 NVIDIA 4090 GPUs with 24GB of
memory each, with gradient accumulation equivalent to about 400s
of data per GPU. During training, only the connector is trainable. For
the AST task, training is initialized with parameters from the ASR
model, using a peak learning rate of 1e-4, a warmup of 2k steps, and
a total of 10k steps. The prompt for the ASR task is “Transcribe the
speech to text,” and for the AST task, it is “Translate the speech to
{language}.”, where the language is English or German.

Ideal-LLM Base In the proposed base model setup, the Whisper
encoder remains the same as in the baseline model, and the MMS
encoder is the 300M version 4. Both Whisper and MMS adapters
are 4-layer Transformer encoders. The LID Adapter is a linear layer
that maps feature dimensions to 8 languages. During training, only
the language-adapted connector is trainable. For multi-task training,

2https://github.com/mjpost/sacrebleu
3https://huggingface.co/openai/whisper-large-v3
4https://huggingface.co/facebook/mms-300m

TABLE II: BLEU scores (%) for the AST task on the CoVoST2
dataset.

en-de de-en es-en fr-en it-en Avg

Duration (h) 364 119 97 180 28

Speech-LLaMA [13] - 27.1 27.9 25.2 25.9 -
Qwen2-Audio [10] 29.9 35.2 40.0 38.5 36.3 35.98

Baseline 22.7 34.1 38.6 36.1 34.7 33.24
Ideal-LLM Base 23.3 34.4 39.3 37.1 34.4 33.70

+ COT 24.6 37.8 40.9 38.7 37.4 35.88
Ideal-LLM Large 23.7 34.9 39.9 37.8 35.2 34.30

+ COT 25.9 38.5 41.5 40.0 38.0 36.78

we set α to 0.1 and β to 0.05. The experimental data and training
strategy are the same as the baseline model.

Ideal-LLM Large For the large model, the MMS encoder uses
the 1B version 5. The Whisper Adapter and the MMS Adapter are 9-
layer Transformer encoders, and the rest of the configurations are the
same as for the Ideal-LLM base model. We use the full MLS dataset
for training, which increases the amount of data mainly in English
compared to the baseline and Ideal-LLM base models. The Adam
optimizer has a peak learning rate of 2e-4, a warmup of 2000 steps,
and 50k training steps. We use 8 NVIDIA A6000 GPUs with 48GB
of memory each, with gradient accumulation equivalent to about 800s
data per GPU. For inference, we use the best five models for average
decoding. Training for the AST task is initialized with parameters
from the ASR task model, using a peak learning rate of 5e-5, a
warmup of 2k steps, and a total of 10k training steps.

C. Main Results

ASR Results Table I presents the WER results for the ASR task on
the MLS dataset, using two existing works for reference [12], [27].
MMS CTC [27] uses the full MLS dataset with CTC training on a
1B MMS encoder and adds an n-gram language model for inference.
LLaMA with ASR [12] employs an encoder trained with CTC loss
on MLS data to generate speech features and uses LLaMA [5] as the
text decoder with LoRA [32]. The experimental results show that the
Ideal-LLM Base significantly decreases WER across all languages
compared to the baseline, achieving a relative decrease of 19.3% in
average WER. This indicates that our proposed model better utilizes
multilingual speech representation. The Ideal-LLM large model,
which includes more data, a larger encoder and an increased number
of trainable parameters (0.13B), shows a relative decrease of 16.3%
in average WER, resulting in a 32.6% decrease compared to the
baseline model. Despite a slight regression in WER for Portuguese,
we think this is due to the data imbalance caused by the addition of
a large amount of English data and Portuguese is more sensitive to
the imbalance. The Ideal-LLM large model also outperforms existing
works, demonstrating its potential for multilingual ASR.

5https://huggingface.co/facebook/mms-1b



TABLE III: WER (%) results on 8 languages of MLS in proposed
base model for ablation study.

Model Trainable params (B) Average

Ideal-LLM Base 0.172 9.05
- Weight Selector 0.172 9.30

- Dual Encoders 0.116 10.52
- CTC Loss 0.075 11.59

AST Results Table II shows the BLEU scores for the AST task on
the CoVoST2 dataset [21], referencing two existing works [10], [13].
Speech-LLaMA [13] combines a simple encoder with LLaMA [5],
while Qwen2-Audio [10] utilizes a fine-tuned Whisper [18] and
Qwen [33] decoder. Both baseline and Ideal-LLM models are con-
figured as described in the previous section. We also employ a COT
prompt to enhance performance. The prompt is: “First transcribe the
speech to text, and then translate the speech to language.”, where
language can be either English or German. The experimental results
reveal that both the Ideal-LLM base and large models increase BLEU
scores compared to the baseline, with the large model achieving an
increase of 1 point in average BLEU scores. The inclusion of the COT
prompt further improves the BLEU scores of the Ideal-LLM models.
Ideal-LLM Large with COT outperforms Qwen2-Audio, showcasing
its potential for multilingual AST.
D. Analysis

Ablation Study We conduct ablation experiments on the dual
encoder structure and the language-adapted connector proposed in
the paper. The language-adapted connector comprises the CTC loss
function for converting the speech feature to the text space and the
Weight Selector module for learning language-specific weights. From
the experimental results shown in Table III, removing the Weight
Selector structure increases the average WER from 9.05 to 9.30.
Additionally, removing the dual-encoder structure leads to an 11.6%
relative increase in WER, highlighting the dual-encoder’s critical
role in providing richer multilingual representations. Furthermore,
eliminating the CTC loss function results in a 9.2% relative increase
in WER, indicating that the inclusion of the CTC loss in the connector
effectively aids the transformation of speech representation.

Weight Selector We analyze whether Weight Selector learns based
on the pre-training methods and datasets of Whisper and MMS. As
shown in Fig. 2, the blue and green lines represent the weights of the
MMS encoder for the Ideal-LLM base and large models, respectively.
When comparing these two lines, we observe that the overall weight
of Ideal-LLM large is approximately 0.06 higher than the base model.
We attribute this to the stronger SSL capability of the MMS 1B
encoder, demonstrating that the fusion is correlated with the pre-
training methods. The overall trend for the two lines is similar, likely
due to the same data distribution used during pre-training of MMS
1B and 300M. The weight for en reveals that since Whisper pre-
trains with a significantly larger amount of en data than MMS, it
is weighted substantially lower than other languages. For languages
such as nl, it, and pl, Whisper is pre-trained with only 2k hours of
data compared to approximately 20k for MMS, resulting in weights
skewed in favor of MMS for these languages compared to the others.

Speech Embedding We conduct a T-SNE analysis of the speech
embedding obtained from the Baseline model and the Ideal-LLM
model. To verify the robustness of the models, we randomly selected
900 sentences for each language from the test set of Common-
Voice [20], an out-of-domain dataset. As illustrated in Fig. 3, Espeech

from the Baseline model exhibits overlap among different languages,
indicating its inability to effectively separate the languages during the

0.44

0.46

0.48

0.5

0.52

0.54

0.56

en de nl fr es it pt pl

Ideal-LLM Large Ideal-LLM Base

Fig. 2: Weight distribution of MMS Encoder (w′) in the Ideal-LLM
base and large models across different languages.

Fig. 3: T-SNE analysis for Espeech of 900 utterances in each of the
eight languages.

conversion process. In contrast, the Ideal-LLM model demonstrates
a marked reduction in overlap. This suggests that by utilizing a
language-adapted connector, our proposed model successfully differ-
entiates between languages during the embedding conversion process.
This distinction is crucial for ensuring the accuracy and reliability of
multilingual S2T tasks.

Future Work In our experiment, Ideal-LLM has demonstrated
superior performance over several previous works. However, there
remains a gap when compared to some SOTA methods. For instance,
in the AST task, our results still need to catch up to those achieved
by SeamlessM4T [34] and the method proposed in [16]. We attribute
this discrepancy primarily to the limited amount of supervised data
available for Ideal-LLM, which cannot match the scale and efficacy
of SOTA approaches. In the future, we plan to leverage larger-scale
multilingual datasets to enhance the training of our model.

IV. CONCLUSION

In this study, we propose a novel approach, Ideal-LLM, to mul-
tilingual speech-to-text tasks by integrating dual encoders with a
language-adapted LLM. Our method leverages the complementary
strengths of the Whisper and MMS encoders, optimizing their fusion
through a CTC loss function and Weight Selector mechanism. The
experimental results demonstrate significant improvements in WER
across multiple languages, with a 32.6% relative decrease in average
WER compared to the baseline. Additionally, our ablation studies
underscore the critical role of the dual-encoder structure and the CTC
loss in enhancing performance. This work highlights the potential of
combining dual multilingual speech encoders with LLMs to achieve
robust and adaptive multilingual speech-to-text, paving the way for
more effective and inclusive language processing technologies. We
will utilize larger-scale data to train our model in the future.
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Hambro, Faisal Azhar, Aurélien Rodriguez, Armand Joulin, Edouard
Grave, and Guillaume Lample, “Llama: Open and efficient foundation
language models,” arXiv preprint arXiv:2302.13971, 2023.

[6] Yuan Gong, Hongyin Luo, Alexander H Liu, Leonid Karlinsky, and
James Glass, “Listen, think, and understand,” arXiv preprint
arXiv:2305.10790, 2023.

[7] Changli Tang, Wenyi Yu, Guangzhi Sun, Xianzhao Chen, Tian Tan,
Wei Li, Lu Lu, Zejun Ma, and Chao Zhang, “Salmonn: Towards
generic hearing abilities for large language models,” arXiv preprint
arXiv:2310.13289, 2023.

[8] Yunfei Chu, Jin Xu, Xiaohuan Zhou, Qian Yang, Shiliang Zhang, Zhijie
Yan, Chang Zhou, and Jingren Zhou, “Qwen-audio: Advancing universal
audio understanding via unified large-scale audio-language models,”
arXiv preprint arXiv:2311.07919, 2023.

[9] Shujie Hu, Long Zhou, Shujie Liu, Sanyuan Chen, Hongkun Hao, Jing
Pan, Xunying Liu, Jinyu Li, Sunit Sivasankaran, Linquan Liu, et al.,
“Wavllm: Towards robust and adaptive speech large language model,”
arXiv preprint arXiv:2404.00656, 2024.

[10] Yunfei Chu, Jin Xu, Qian Yang, Haojie Wei, Xipin Wei, Zhifang Guo,
Yichong Leng, Yuanjun Lv, Jinzheng He, Junyang Lin, Chang Zhou,
and Jingren Zhou, “Qwen2-audio technical report,” arXiv preprint
arXiv:2407.10759, 2024.

[11] Hongfei Xue, Yuhao Liang, Bingshen Mu, Shiliang Zhang, Qian Chen,
and Lei Xie, “E-chat: Emotion-sensitive spoken dialogue system with
large language models,” arXiv preprint arXiv:2401.00475, 2023.

[12] Yassir Fathullah, Chunyang Wu, Egor Lakomkin, Junteng Jia, Yuan
Shangguan, Ke Li, Jinxi Guo, Wenhan Xiong, Jay Mahadeokar, Ozlem
Kalinli, et al., “Prompting large language models with speech recogni-
tion abilities,” in ICASSP. IEEE, 2024, pp. 13351–13355.

[13] Jian Wu, Yashesh Gaur, Zhuo Chen, Long Zhou, Yimeng Zhu, Tianrui
Wang, Jinyu Li, Shujie Liu, Bo Ren, Linquan Liu, and Yu Wu, “On
decoder-only architecture for speech-to-text and large language model
integration,” in ASRU. 2023, pp. 1–8, IEEE.

[14] Ziyang Ma, Guanrou Yang, Yifan Yang, Zhifu Gao, Jiaming Wang,
Zhihao Du, Fan Yu, Qian Chen, Siqi Zheng, Shiliang Zhang, et al.,
“An embarrassingly simple approach for llm with strong asr capacity,”
arXiv preprint arXiv:2402.08846, 2024.

[15] Ye Bai, Jingping Chen, Jitong Chen, Wei Chen, Zhuo Chen, Chen Ding,
Linhao Dong, Qianqian Dong, Yujiao Du, Kepan Gao, et al., “Seed-
asr: Understanding diverse speech and contexts with llm-based speech
recognition,” arXiv preprint arXiv:2407.04675, 2024.

[16] Chao-Wei Huang, Hui Lu, Hongyu Gong, Hirofumi Inaguma, Ilia Ku-
likov, Ruslan Mavlyutov, and Sravya Popuri, “Investigating decoder-only
large language models for speech-to-text translation,” in Interspeech.
2024, ISCA.

[17] Alex Graves, Santiago Fernández, Faustino J. Gomez, and Jürgen
Schmidhuber, “Connectionist temporal classification: labelling unseg-
mented sequence data with recurrent neural networks,” in ICML. 2006,
vol. 148, pp. 369–376, ACM.

[18] Alec Radford, Jong Wook Kim, Tao Xu, Greg Brockman, Christine
McLeavey, and Ilya Sutskever, “Robust speech recognition via large-
scale weak supervision,” in ICML, 2023, vol. 202, pp. 28492–28518.

[19] Yu-An Chung, Yu Zhang, Wei Han, Chung-Cheng Chiu, James Qin,
Ruoming Pang, and Yonghui Wu, “w2v-bert: Combining contrastive
learning and masked language modeling for self-supervised speech pre-
training,” in ASRU. 2021, pp. 244–250, IEEE.

[20] Rosana Ardila, Megan Branson, Kelly Davis, Michael Kohler, Josh
Meyer, Michael Henretty, Reuben Morais, Lindsay Saunders, Francis M.
Tyers, and Gregor Weber, “Common voice: A massively-multilingual
speech corpus,” in LREC. 2020, pp. 4218–4222, European Language
Resources Association.

[21] Changhan Wang, Anne Wu, Jiatao Gu, and Juan Pino, “Covost 2 and
massively multilingual speech translation,” in Interspeech. 2021, pp.
2247–2251, ISCA.

[22] Wenyi Yu, Changli Tang, Guangzhi Sun, Xianzhao Chen, Tian Tan, Wei
Li, Lu Lu, Zejun Ma, and Chao Zhang, “Connecting speech encoder and
large language model for ASR,” in ICASSP. 2024, pp. 12637–12641,
IEEE.

[23] Junnan Li, Dongxu Li, Silvio Savarese, and Steven C. H. Hoi, “BLIP-2:
bootstrapping language-image pre-training with frozen image encoders
and large language models,” in ICML. 2023, vol. 202, pp. 19730–19742,
PMLR.

[24] Ashish Vaswani, Noam Shazeer, Niki Parmar, Jakob Uszkoreit, Llion
Jones, Aidan N. Gomez, Lukasz Kaiser, and Illia Polosukhin, “Attention
is all you need,” in NeurIPS, 2017, pp. 5998–6008.

[25] Xuelong Geng, Tianyi Xu, Kun Wei, Bingsheng Mu, Hongfei Xue,
He Wang, Yangze Li, Pengcheng Guo, Yuhang Dai, Longhao Li,
et al., “Unveiling the potential of llm-based asr on chinese open-source
datasets,” in ISCSLP. 2024, ISCA.

[26] Wei-Ning Hsu, Benjamin Bolte, Yao-Hung Hubert Tsai, Kushal Lakho-
tia, Ruslan Salakhutdinov, and Abdelrahman Mohamed, “Hubert: Self-
supervised speech representation learning by masked prediction of
hidden units,” IEEE ACM Trans. Audio Speech Lang. Process., vol.
29, pp. 3451–3460, 2021.

[27] Vineel Pratap, Andros Tjandra, Bowen Shi, Paden Tomasello, Arun
Babu, Sayani Kundu, Ali Elkahky, Zhaoheng Ni, Apoorv Vyas, Maryam
Fazel-Zarandi, et al., “Scaling speech technology to 1,000+ languages,”
arXiv preprint arXiv:2305.13516, 2023.

[28] Andrew Rouditchenko, Sameer Khurana, Samuel Thomas, Rogério
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