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Abstract

Large Automatic Speech Recognition (ASR) models demand a vast number of
parameters, copious amounts of data, and significant computational resources
during the training process. However, such models can merely be deployed on high-
compute cloud platforms and are only capable of performing speech recognition
tasks. This leads to high costs and restricted capabilities. In this report, we initially
propose the elastic mixture of the expert (eMoE) model. This model can be trained
just once and then be elastically scaled in accordance with deployment requirements.
Secondly, we devise an unsupervised data creation and validation procedure and
gather millions of hours of audio data from diverse domains for training. Using
these two techniques, our system achieves elastic deployment capabilities while
reducing the Character Error Rate (CER) on the SpeechIO testsets from 4.98% to
2.45%. Thirdly, our model is not only competent in Mandarin speech recognition
but also proficient in multilingual, multi-dialect, emotion, gender, and sound event
perception. We refer to this as Automatic Speech Perception (ASP), and the
perception results are presented in the experimental section.
Keywords: Elastic MoE, Large Weak Supervison, General Perception

1 Introduction

In recent years, large models have achieved remarkable progress, and their astonishing capabilities
have been validated across a multitude of fields, with the domain of speech perception being no
exception. However, while model scaling can bring better capabilities, the training cost is admittedly
high, which makes it less accessible to everyone.

Automatic speech recognition, as an important part of Artificial General Intelligence (AGI), has a great
deal of outstanding work that has verified the effectiveness of model scaling. [1–10]. Nevertheless,
in real business scenarios, when the product needs to be switched to different deployed devices,
especially those with different capabilities, more training costs and a longer product cycle will be
required. In order to make sure that more people benefit from large models, we propose the elastic
mixture of the expert (eMoE) model based on DeepSeek [4] in Section 3.1. During training, the eMoE
employs the dynamic expert strategy, and during inference, the number of experts is pruned to adapt
to devices with different capabilities. This can significantly save training costs while maintaining
high recognition accuracy.

Another important factor that limits large model from being accessed is the amount of data. Therefore,
we devise a simple, reproducible and high-retention data processing pipeline in Section 3.2. With this
process, we have collected 1,000k hours of paired speech data in diverse domains and styles from
the Internet. More importantly, our experimental results show that the collected data has a positive
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Figure 1: TouchASP: Train once, Elastic inference with multiple speech perception capabilities

incentive for Character Error Rate (CER). Similar conclusions have also been verified in TouchTTS
[11].

As is known to all, the larger the model is, the greater its capabilities will be. In order to make
better use of the capabilities of large model and the potential of massive amounts of data, inspired by
Whisper [12], we introduce Automatic Speech Perception (ASP), which is a multi-task perception
framework, in Section 3.3. It extends the eMoE model from ASR task to more speech perception tasks.
Experiments show that it not only performs excellently in multilingual, multi-dialect recognition tasks
but also achieves good results in language identification, age identification, gender identification, and
emotion identification tasks.

Figure 1 shows the framework of our system, we named it TouchASP, which can be trained once, and
inferenced elastically with multiple speech perception capabilities.

2 Related Work

Model scaling is a crucial technique in large models and Mixture of Experts(MoE)[1, 2] is one
of most significant techniques for model scaling. MoE empowers models to be pretrained with
considerably less compute. This means that you can scale up the model or dataset size to a much
greater extent with the same compute budget as a dense model. Specifically, a MoE model should
attain the same quality as its dense counterpart much more rapidly during pre-training. So far, there
are many typical works about MoE in LLM fundation model, such as Mixtral[3], DeepSeekMoE[4],
QWen[5], etc. In particular, DeepseekMoE introduces two principal strategies of fine-grained expert
segmentation and shared expert isolation. DS-MoE [6] achieves strong computation and parameter
efficiency by employing dense computation across all experts during training and sparse computation
during inference. In Speech, SpeechMoE [7] explores the MoE based model for speech recognition.
[8] proposes a streaming truly multilingual Conformer incorporating MoE. LR-MoE[9] extracts
language-specific representations through MoE, which is guided to learn by a framewise language
routing mechanism. U2++ MOE[10] simplify the integration of MoE and preclude the necessity for
any auxiliary losses for streaming speech recognition.

Data scaling is of fundamental significance in the learning of large models, where trillions of tokens
are typically employed for the training of large language models[13]. In speech area, GigaSpeech
[14] introduces a multi-domain English speech recognition corpus with 10,000 hours of high quality
labeled audio suitable for supervised training, and 40,000 hours of total audio suitable for semi-
supervised and unsupervised training. WenetSpeech [15] and WenetSpeech4TTS [16] release a
10000+ hours multi-domain mandarin corpus for speech recognition and a 12,800-hour mandarin
corpus for Text to Speech(TTS) respectively. Emilia [17] introduces an extensive, multilingual, and
diverse speech dataset for large-scale speech generation with over 101k hours of speech across 6
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languages. Whisper [12] scales to 680,000 hours of multilingual and multitask supervision, then
Whisper-3 scales 1 million hours of weakly labeled audio and 4 million hours of pseudo-labeled
audio collected using Whisper-2. USM [18] applys pre-training the encoder of the model on a large
unlabeled multilingual dataset of 12 million hours spanning over 300 languages, and fine-tuning on a
smaller labeled dataset. MMS [19] scales to 1 million hours data with 1000+ languages. Seed-ASR
[20] is training on over 20 million hours of speech data and nearly 900 thousand hours of paired ASR
data. SenseVoice [21] is trained with over 40k hours of data, supporting more than 50 languages.

Capability scaling is one of the greatest advantages of large models, as we can train just one model
on multiple tasks, and the learning of these multiple tasks can benefit each other. By training on
a multi-task format, Whisper[12] could perform transcription, translation, voice activity detection,
alignment, and language identification. MMS [19] built pre-trained wav2vec 2.0 models covering
1,406 languages, a single multilingual automatic speech recognition model for 1,107 languages,
speech synthesis models for the same number of languages, as well as a language identification model
for 4,017 languages. SenseVoice [21] is designed as a speech foundation model with multiple speech
understanding capabilities, including automatic speech recognition, spoken language identification,
speech emotion recognition, and audio event detection. QWen-Audio [22] scales up audio-language
pre-training to cover over 30 tasks and various audio types, such as human speech, natural sounds,
music, and songs, to facilitate universal audio understanding abilities. Llama-3 [13] and Gemini
[23] and other LLM based model demonstrate great capabilities and scalability in speech content
understanding.

3 Methods

3.1 eMoE: Elastic Mixture of Expert

Motivated by slimmable networks[24], the core idea of eMoE is to use a dynamic expert strategy
during training, so that during inference, experts can be elastically pruned based on runtime resource
constraints. which permits instant and adaptive accuracy-efficiency trade-offs at runtime. Moreover,
since MoE is structured and organized by experts, it naturally enables dynamic training and pruning
of MoE at the expert level without any additional work.

As shown in Figure 2, in terms of model architecture, eMoE adopts a similar architecture to DeepSeek-
MoE, which uses shared experts and a larger number of experts to achieve better model performance.
In eMoE, all experts at each layer are organized into multiple groups. Assuming there are M experts
in total, including S shared and N independent experts (as shown in the figure, M = S +N ), the
i-th expert is denoted as ei, and the smallest group contains G experts (in the figure, G = 4), with
G >= K, where K represents the number of experts to be routed. The experts contained in group 1,
group 2, group 3 and group Z are respectively:

g1 = (e0, e1, ..., eG)

g2 = (e0, e1, ..., e2G)

g3 = (e0, e1, ..., e4G)

...

gZ = (e0, e1, ..., eM )

where the number of experts in group 2 is twice that of group 1, the number of experts in group 3 is
twice that of group 2, and so on, with a total of Z groups, where 2Z−1 ∗G = M .

During training, we dynamically and randomly select a group gi from (g1, g2, ..., gZ), and only use
the experts contained in gi for training, that is, only select the top-K from the experts contained in gi
for training. Through the dynamic expert training strategy, our model can learn to dynamically use any
group of expert configurations from (g1, g2, ..., gZ) for inference. If uniform distribution sampling is
used, since the later groups contain the experts of the previous groups, the experts in the previous
groups will get more training times than the experts in the later groups, leading to unbalanced training.
To solve this problem, we first use independent and different Routers for different groups, that is,
different groups use independent router parameters. Then, we set different sampling probabilities for
different groups, giving smaller probabilities to the previous groups, and larger probabilities to the
later groups, so that the later groups can be selected with a higher probability to alleviate the problem
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Figure 2: Illustration of Elastic MoE (eMoE). Subfigure (a) showcases the conventional top-K routing
(K = 2) among N experts (N = 8). Subfigure (b) illustrates the fine-grained expert segmentation
and the shared expert isolation strategy that has been originally proposed in DeepSeekMoE, with
one shared expert (S = 1) as an illustrative example. Subsequently, subfigure (c) demonstrates the
integration of DeepSeekMoE and our dynamic training approach, constituting the complete eMoE
architecture. It is noteworthy that across these three architectures, the number of expert parameters
and computational costs remain constant.

of unbalanced training. As shown in Figure 2, red, blue, and black respectively show the selection of
K experts from different groups g1, g2, g3 for training, and use their respective independent router.

For the MoE layer, the overall parameter size of the model is related to the number of experts it
contains. Therefore, the parameter size of group 1 is twice that of group 0, group 2 is twice that
of group 1, and so on. During inference, we can use only the parameters contained in group g0 for
inference, which has the fewest parameters and can be deployed on platforms with limited memory
and computing power, such as edge devices. Alternatively, we can use all the parameters contained in
the full group gZ for inference, which has the largest parameter size and the best performance, suitable
for deployment on high-performance platforms. You can also select the appropriate parameters from
(g0, g1, ..., gZ) for elastic deployment based on your platform’s resource conditions.

The experts grouping strategy used in this paper is a power strategy, and the experiments are also
designed according to the power strategy. However, we believe that eMoE is also suitable for linear
configuration, and you can use a linear strategy for training and inference according to your needs.

3.2 Data Pipeline

Following the trend of recent work[15, 12, 18, 19] leveraging web data from the internet for training
speech recognition learning systems, we take a minimalist approach to data pre-processing. We
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Figure 3: Overview of Our Data Pipeline

obtain data from various fields of videos and audiobooks from the internet, including TV dramas,
interviews, commentaries, documentaries, technology, games, sports, arts, cuisine, etc. This results in
a very diverse dataset covering a broad distribution of audio from many different recording setups,
speakers, environments, and styles. This diversity in audio and fields helps our model train better and
more robustly.

To obtain the corresponding labels for the web audio, As shown in Figure 3, we propose a simple
data processing pipeline that can convert a large amount of raw speech data into ASR training data.
The pipeline mainly consists of the following four modules: VAD, ASR, Copilot-ASR, and Rover.
First, we use VAD to segment the audio into clips ranging from 2s to 30s, then use the ASR model to
convert the audio into text. Next, we use the Copilot-ASR model for secondary transcription, and
finally use the Rover module to filter out data with large discrepancies based on the consistency of
the two transcriptions, obtaining the final annotation results. We use whisperX[25] as the VAD and
ASR engine, and Paraformer[26] as the Copilot-ASR engine. We implement the Rover function by
comparing the WER (Word Error Rate) and PER (Phone Error Rate) between the two transcriptions.
We filter out data with WER greater than 10 and PER greater than 5. We found that a single ASR
model may make mistakes, but the probability of both ASR models making mistakes simultaneously
is significantly lower. Usually, overly low-quality data will show great differences on different ASR
models, so we filter out low-quality data by comparing the consistency of the two transcriptions,
thereby improving data quality.

In the end, we processed 650,000 hours of data usable for training from 1.26 million hours of raw
data, achieving an overall data retention rate of 51.6%. It is worth noting that even with the same data
processing pipeline, data from different fields will have significant differences in retention rates. For
example, audiobook data has a relatively fixed recording environment and less background noise,
so the data retention rate will be higher than that of outdoor live broadcast data. The 51.6% is the
overall average after combining data from all fields.

In addition, we collected 150,000 hours of data from open-source data (mostly ASR data), plus some
internal data (also mostly ASR data), forming our one million-hour training dataset.

3.3 General Perception

Although the recognition of text content within a given audio clip is the core of the speech recognition
problem and has been extensively researched, it is not the sole element of the speech perception
system. A fully functional speech perception system may comprise numerous additional components,
such as speech activity detection, speaker diarization, emotion perception, and non-linguistic audio
event detection. These components are typically processed independently, resulting in a relatively
complex speech perception system. To alleviate this complexity, we hope to have a single model that
can perform the entire speech perception process rather than just the core speech recognition portion.
Therefore, we need to consider how to design the model’s input and output so that it can execute
different tasks.

To achieve this objective, inspired by Whisper [12] and Qwen-Audio [22], we design a multi-task
learning framework so that a single model can handle multiple tasks, eliminating the cumbersome
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switching when processing different tasks. More significantly, tasks can mutually benefit from each
other during joint training. First, similar tasks can gain from knowledge sharing and collaborative
learning since they both focus on the basic information embedded in the audio signal. Second, tasks
that rely on lower-level perceptual abilities can assist tasks that require higher-level understanding or
reasoning.

The multi-task training framework is depicted in Figure 4. All tasks are represented by a token
sequence predicted by the decoder, as detailed below:

• Task Tag: The subsequent tokens specify the particular task. We categorize audio tasks
into five categories, namely language identification, age identification, gender identification,
emotion identification, and speech transcription.

• Text Language Tag: We support five language identification tasks, including Mandarin,
English, Cantonese, Sichuan dialect, and Minnan dialect.

• Age Tag: We support three age identification tasks, namely child, adult, and elderly.

• Gender Tag: We support two gender identification tasks, namely male and female.

• Emotion Tag: We support seven emotion identification tasks, namely neutral, anger, sadness,
happiness, surprise, fear, and disgust.

• Audio Event Tag: We support detecting over seventy common sound events. For instance,
cat meows, dog barks, phone calls, humming, keyboard clicks, and other sounds commonly
encountered in human-machine interaction scenarios. We define sound event detection as a
detection task so that it can be predicted simultaneously in CTC and the decoder.

TouchASP employs the eMoE (Section 3.1) structure, supports using CTC to output text transcription
and sound event labels, and supports using the decoder to rescore the CTC results. The left-decoder
is utilized for self-regressive decoding, and the results of language detection, age detection, gender
detection, emotion detection, sound event detection, and text transcription are output. In conclusion,
TouchASP is a simple yet flexible model that can handle multiple speech tasks and can select different
decoding methods according to actual requirements.

4 Experiments

We obtained a total of 1 million hours of data through the data pipeline proposed in this paper
combined with internal data. In terms of experimental design, we first verify the effectiveness of
our data pipeline through data scaling experiments by testing speech recognition rates with different
data volumes. Then, we verify the effectiveness of the eMoE algorithm on 1M hours of data. Finally,
based on the above results, we add multi-task capabilities to the 1 million-hour eMoE model to verify
its general perception ability.

We use the SpeechIO2 test set to evaluate the performance of our data crawling pipeline and the
eMoE algorithm. SpeechIO is a large, robust, comprehensive benchmarking test set for Mandarin
Automatic Speech Recognition. SpeechIO test sets are carefully curated by SpeechIO authors,
crawled from publicly available sources (Youtube, TV programs, Podcast etc), covering various
well-known scenarios and topics, transcribed by paid professional annotators. We use 26 publicly
available test sets from SpeechIO, including independent test sets such as news, interviews, sports,
speeches, education, games, live broadcasts, audiobooks, commentaries, and cross talks, with a total
of 60.2 hours, averaging 2.3 hours per test set. We use the weighted average WER on these 26 test
sets as the final evaluation metric.

All of our experiments are carried out within the WeNet [27] toolkit. We make use of 80-dimensional
log-mel filterbank features, which are computed by means of a 25ms window that shifts every 10ms.
Global mean and variance normalization is applied to each frame. In terms of modeling unit, character
based representations are adopted for Mandarin, and byte pair encoding (BPE) is utilized for English.

2https://github.com/SpeechColab/Leaderboard
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Figure 4: Overview of model structure and multi-task training. The encoder-decoder model is trained
on many different speech tasks. All these tasks are represented by a token sequence predicted by
the decoder, allowing a single model to replace different stages in the traditional speech processing
pipeline. The multi-task training format uses a set of special tokens as task instructions or classification
targets, as explained in Section 3.3.

Table 1: Details of the 160K/500K/1M hours data

Dataset Description

160K 160K hours of high-quality annotated internal data

500K 220K hours of data generated by the proposed pipeline, 160K hours of internal
data, and additional open-source data

1M 650K hours of data generated by the proposed pipeline, 160K hours of internal
data, and additional open-source data

4.1 Data Pipelines Evaluation

To verify the correctness of the data pipelines, we trained for 100K steps on 160K hours, 500K hours,
and 1M hours of data using the U2++ MoE[10] model architecture. The final performance was
evaluated using WER. The details of the data are shown in Table 1.

Table 2: SpeechIO CER on 160K/500K/1M hours data

Data 160K 500K 1M

CER 3.8 3.44 3.09

As shown in Table 2, as we add more data generated by the proposed pipeline, we achieve better CER
on the SpeechIO test set. Ultimately, with the data reaching 1 million hours, we achieve significant
gains. This directly demonstrates the effectiveness of the proposed pipeline and once again verifies
the importance of data scale for speech recognition.

To further investigate the impact of data scale on different scenarios and test sets, we selected three
typical test sets of varying difficulty and scenarios from the 26 test sets in SpeechIO. Figure 5
shows the changes in CER for each test set as the data scales. As can be seen, when the data scale
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Figure 5: Typical test sets CER on SpeechIO when data scales. SPEECHIO_ASR_ZH00004 is
a simple talk testset, SPEECHIO_ASR_ZH00010 is a medium difficulty interview testset, and
SPEECHIO_ASR_ZH00015 is a difficult story imitation testset.

increases, we achieve consistent improvements across the three test sets. In fact, we achieve consistent
improvements on the vast majority of test sets in SpeechIO.

4.2 eMoE Evaluation

In this section, we aim to answer three questions:

1. Does the DeepSeek-MoE architecture perform better than the regular MoE in speech
recognition tasks, and if so, what is the optimal model configuration?

2. Can eMoE work effectively?
3. Using 1M hours of data and eMoE, what performance can we ultimately achieve compared

to our previous work and others’ work?

Table 3: Best eMoE configuration exploration

Model MoE-1B DeepseekMoE-1B

MoE config S=0, N = 8, K=2 S=1, N=15, K=3 S=2, N=30, K=6 S=4, N=60, K=12
Training Time 2 days 4 days 5.5 days 8.5 days
CER 4.44 3.62 3.6 3.54

Let’s first look at the first question. We trained approximately 50k steps using both the regular MoE
architecture and the DeepSeekMoE architecture based on 500K data. As shown in Table 3, where
S represents shared experts, N represents non-shared experts, and K represents the top-K selected
for routing. First, comparing MoE and DeepSeekMoE, we can see that DeepSeek-MoE achieves
significant improvements compared to MoE, at the cost of doubling the training time. Then, for
DeepSeekMoE, we trained with three configurations, using increasingly refined and more experts for
training. It can be seen that more experts can bring better recognition results, but the training time
will also increase significantly. To balance performance and training time, we use the configuration
S=1, N=15, K=3 for the subsequent experiments.
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Table 4: eMoE vs DeepSeekMoE

DeepSeekMoE-350M DeepSeekMoE-1B eMoE-1B

Training S=1, N=3, K=3 S=1, N=15, K=3 S=1, N=sample[3, 7, 15] ,K=3
Infernece N=3 N=15 N=3 N=7 N=15

CER 3.99 3.62 3.95 3.71 3.68

Table 5: Comparison to our previous work and others’ work

Model Data Model Size SpeechIO CER

Commercial API SpeechIO Leaderboard3

Aliyun API NA NA 1.80
Microsoft API NA NA 1.95

iFlytek API NA NA 3.02
Tencent API NA NA 3.20

Ours

Dense 160K 225M 4.98
MoE 160K 1B 3.15

eMoE 1M 335M(N=3) 2.67
1B(N=15) 2.45

Then, let’s answer the second question. Using the same 500K data, we designed two different sizes
of DeepSeekMoE architectures as baselines. DeepSeekMoE-350M is used as the lower bound for
our comparison, DeepSeekMoE-1B is used as the upper bound for our comparison, both models are
trained using regular training methods. For eMoE, we use the previously mentioned method for
dynamic training during training, and use 3, 7, and 15 experts for inference respectively. When N = 3,
the inference parameter size of eMoE is consistent with DeepSeekMoE-350M. When N = 15, the
inference parameter size of eMoE is consistent with DeepSeekMoE-1B. It can be seen that under the
same inference parameter size, eMoE, which is trained only once, can achieve comparable results to
multiple different DeepSeekMoE models.

Based on the answers to the above two questions, we further used 1M hours of data and continued
training for 650K steps using the eMoE architecture and training strategy. Then we obtained Table
5, where we also listed the results of many commercial APIs on the SpeechIO Leaderboard. As
can be seen, compared to our previous work, using 1M hours of data and eMoE, we optimized the
recognition rate on SpeechIO from 4.98 to 2.49, achieving a leap forward. Compared with other
commercial APIs, we also achieved competitive results.

4.3 General Perception Evaluation

For the evaluation of general perceptual ability, we employed a one-million-hour eMOE model as
the base model. Subsequently, we conducted training by incorporating dialect ASR data, age data,
gender data, emotion data, and sound event data. The data details are shown in Table 6.

Multilingual Speech Recognition. We utilize Word Error Rate (WER) to evaluate the recognition
ability of the model in five languages, namely Mandarin, English, Cantonese, Minnan, and Sichuan.
Prior to computing WER, we employ text normalization to standardize the actual transcription data
and model prediction data. All Chinese characters are converted to simplified Chinese, and English is
converted to uppercase. The results presented in the Table 7 demonstrate the comparison of Whisper,
SenseVoice, Seed-ASR[20], eMoe-1B, and TouchASP on popular open speech recognition benchmark
datasets, including WenetSpeech, Librispeech, Common Voice, and Minspeech. For the Sichuan
dialect, manually annotated ASR data is utilized. It can be observed that TouchASP significantly
outperforms its counterparts, in most test sets with the exception of Librispeech. Especially in the
dialect data, TouchASP achieved the best performance. The performance of the Minnan dialect is
relatively weak. This may be attributed to insufficient data availability. Morever, recognition tasks for
the Minnan dialect are more challenging. Compared with eMoe-1B, TouchASP exhibits a substantial
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Table 6: Multi-task training datasets.

Type Task Language Hour Description

Speech

ASR
LID

Yue ∼5k The data consists of open-source data such as Com-
mon Voice [28] and mdcc [29], as well as other
manually annotated data Cantonese data.

Sichuan ∼3k The data employs manually annotated Sichuan
data, encompassing dialogue and reading scenar-
ios.

MinNan ∼1.7k The data utilizes open-source data Minspeech [30].

Gender
Age

ZH
EN

2k (gender)
100 (age)

The data employs open-source data sources includ-
ing Aishell [31], Librispeech [32], Kespeech [33],
and kaggle data, as well as wake-up data. Kaggle
data and wake-up data are both annotated with age
and gender labels, whereas the other data sources
only have gender labels.

SER ZH
EN ∼100

The data employs open-source datasets namely
M3ed [34] , meld [35] , iemocap [36] , esd [37] ,
ravdess [38] , and tts-db30, along with other man-
ually annotated data.

Sound AED N/A ∼3k

The data uses open-source data ESC-50 [39] and
FSD50K [40] as sound event data. Then, the data
is expanded through random splicing with ASR
data.

decline in Mandarin performance. This indicates that incorporating dialect data can have an impact
on Mandarin recognition.

Table 7: Performance comparison of different models within the corpora of Mandarin, English,
Cantonese, Sichuan dialect, and Minnan dialect using the WER metric.

dataset Whisper-L-V3 SenseVoice-L Seed-ASR eMoE-1B TouchASP

wenetspeech test_net 10.48 6.01 4.66 5.32 5.52
wenetspeech test_meeting 18.87 6.73 5.69 5.42 5.94

Librispeech test_clean 1.82 2.57 1.58 2.03 2.03
Librispeech test_other 3.50 4.28 2.84 4.28 4.38

CommonVoice yue 10.41 6.78 - - 4.15
mdcc yue 14.6 - - - 2.85

sichuan diagule - - - - 12.93
sichuan reading - - - - 5.00
Minspeech test - - - - 28.11

Language Identification: We utilize the F1-score to evaluate the language identification capability.
TouchASP can classify Mandarin, English, Cantonese, Minnan dialect, and Sichuan dialect. The test
data employs the same data as ASR, with Wenetspeech test set being replaced by Aishell test data.
This is due to the fact that Wenetspeech data contains English and data with dialectal accents. The
results are presented in Table 8. We have found that TouchASP is an excellent language identification
model, surpassing Whisper. In the Mandarin, English, and Cantonese data sets, the performance of
TouchASP is close to that of SenseVoice. Morever, TouchASP has a good classification ability for
Sichuan and Minnan dialects.

Gender and Age Recognition: As indicated in Table 9, the model demonstrates excellent recognition
capability for gender and age. In comparison with Qwen-Audio, the accuracy rate of gender classifi-
cation is enhanced to 99%, while the accuracy rate of age classification is increased to 78%. The
reason for the relatively low accuracy of age recognition is due to insufficient age data. In addition,
age recognition is more challenging.
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Table 8: Comparison of F1-Score between TouchASP, Whisper, and Sensevoice in the language
identification task.

zh en yue sichuan min

Whisper-L-V3 0.487 0.423 0 - -
SenseVoice-S 0.995 0.994 0.998 - -
TouchASP 0.990 0.988 0.995 0.995 0.996

Table 9: The results of Gender Recognition, Age Recognition, Speech Emotion Recognition (SER)
and Sound Event Detection (SED). The gender test set consists of Aishell1, kws, and kaggle data.
The age data consists of kws and kaggle data. The detailed description of the data is shown in Table 6.

Task test set model ACC (%)

Gender gender test Qwen-Audio 61.0
TouchASP 99.2

Age age test Qwen-Audio 28.0
TouchASP 80.0

SER meld

EmoBox [41] 51.9
Sensevoice-S [21] 57.8
Sensevoice-L [21] 63.1
TouchASP 50.5

SED esc-50
PANNs [42] 83.3
MSM-MAE (with SSL) [43] 85.6
SS-AST (with SSL) [44] 88.8
BEATS (with SSL) [45] 95.6
TouchASP 85.7

Speech Emotion Recognition: We evaluate speech emotion recognition on the meld dataset.
We report classification accuracy and compare them with some recently published SER bench-
mark(EmoBox) [41]. As indicated in Table 9, it is evident that TouchASP has demonstrated good
performance in speech emotion recognition. Nevertheless, when compared with SenseVoice, its
performance is relatively inferior. The possible reason for this might be the insufficient quantity of
speech emotion data, which makes it difficult for the model to learn the characteristics of speech
emotion. In the future, we will expand the amount of speech emotion data to enhance speech emotion
recognition ability.

Audio Event Detection: TouchASP is capable of recognizing over 70 types of sound events that may
occur during human-machine interaction, including coughing, sneezing, breathing, crying, and the
sound of a cat. We conduct a comparison between TouchASP and the state-of-the-art audio event
detection models, namely PANN [42], MSM-MAE [43], SS-AST [44], and BEATS [45], based on
the ESC-50 dataset. As shown in Table 9, it is found that TouchASP demonstrates good sound event
detection performance. However, compared to self supervised learning (SSL) models, its performance
is slightly inferior, which may be due to the SSL model using a large amount of data during pre
training.

5 Limitations and Future Works

In this work, we still use the classic encoder-decoder architecture and predefined tasks to achieve
multilingual, multi-dialect, and multi-perception capabilities. This framework’s scalability is much
worse compared to pure LLMs, and it cannot achieve more generalized speech content understanding.
In the future, we will explore large speech models based on LLMs that are multilingual, multi-dialect,
multi-perception, and have understanding capabilities. Furthermore, combined with our TouchTTS
[11] work, we hope to create an end-to-end speech interaction model and architecture that can
understand and generate speech content simultaneously. Perhaps we will call it TouchChat, stay
tuned!

11



References
[1] Noam Shazeer, Azalia Mirhoseini, Krzysztof Maziarz, Andy Davis, Quoc Le, Geoffrey Hinton,

and Jeff Dean. Outrageously large neural networks: The sparsely-gated mixture-of-experts
layer. arXiv preprint arXiv:1701.06538, 2017.

[2] Dmitry Lepikhin, HyoukJoong Lee, Yuanzhong Xu, Dehao Chen, Orhan Firat, Yanping Huang,
Maxim Krikun, Noam Shazeer, and Zhifeng Chen. Gshard: Scaling giant models with condi-
tional computation and automatic sharding. arXiv preprint arXiv:2006.16668, 2020.

[3] Albert Q Jiang, Alexandre Sablayrolles, Antoine Roux, Arthur Mensch, Blanche Savary, Chris
Bamford, Devendra Singh Chaplot, Diego de las Casas, Emma Bou Hanna, Florian Bressand,
et al. Mixtral of experts. arXiv preprint arXiv:2401.04088, 2024.

[4] Damai Dai, Chengqi Deng, Chenggang Zhao, RX Xu, Huazuo Gao, Deli Chen, Jiashi Li,
Wangding Zeng, Xingkai Yu, Y Wu, et al. Deepseekmoe: Towards ultimate expert specialization
in mixture-of-experts language models. arXiv preprint arXiv:2401.06066, 2024.

[5] An Yang, Baosong Yang, Binyuan Hui, Bo Zheng, Bowen Yu, Chang Zhou, Chengpeng Li,
Chengyuan Li, Dayiheng Liu, Fei Huang, et al. Qwen2 technical report. arXiv preprint
arXiv:2407.10671, 2024.

[6] Bowen Pan, Yikang Shen, Haokun Liu, Mayank Mishra, Gaoyuan Zhang, Aude Oliva, Colin
Raffel, and Rameswar Panda. Dense training, sparse inference: Rethinking training of mixture-
of-experts language models. arXiv preprint arXiv:2404.05567, 2024.

[7] Zhao You, Shulin Feng, Dan Su, and Dong Yu. Speechmoe: Scaling to large acoustic models
with dynamic routing mixture of experts. arXiv preprint arXiv:2105.03036, 2021.

[8] Ke Hu, Bo Li, Tara N Sainath, Yu Zhang, and Francoise Beaufays. Mixture-of-expert conformer
for streaming multilingual asr. arXiv preprint arXiv:2305.15663, 2023.

[9] Wenxuan Wang, Guodong Ma, Yuke Li, and Binbin Du. Language-routing mixture of experts
for multilingual and code-switching speech recognition. arXiv preprint arXiv:2307.05956,
2023.

[10] Xingchen Song, Di Wu, Binbin Zhang, Dinghao Zhou, Zhendong Peng, Bo Dang, Fuping
Pan, and Chao Yang. U2++ moe: Scaling 4.7 x parameters with minimal impact on rtf. arXiv
preprint arXiv:2404.16407, 2024.

[11] Xingchen Song, Mengtao Xing, Changwei Ma, Shengqiang Li, Di Wu, Binbin Zhang, Fuping
Pan, Dinghao Zhou, Yuekai Zhang, Shun Lei, et al. Touchtts: An embarrassingly simple tts
framework that everyone can touch. arXiv preprint arXiv:2412.08237, 2024.

[12] Alec Radford, Jong Wook Kim, Tao Xu, Greg Brockman, Christine McLeavey, and Ilya
Sutskever. Robust speech recognition via large-scale weak supervision. In International
conference on machine learning, pages 28492–28518. PMLR, 2023.

[13] Abhimanyu Dubey, Abhinav Jauhri, Abhinav Pandey, Abhishek Kadian, Ahmad Al-Dahle,
Aiesha Letman, Akhil Mathur, Alan Schelten, Amy Yang, Angela Fan, et al. The llama 3 herd
of models. arXiv preprint arXiv:2407.21783, 2024.

[14] Guoguo Chen, Shuzhou Chai, Guanbo Wang, Jiayu Du, Wei-Qiang Zhang, Chao Weng, Dan
Su, Daniel Povey, Jan Trmal, Junbo Zhang, et al. Gigaspeech: An evolving, multi-domain asr
corpus with 10,000 hours of transcribed audio. arXiv preprint arXiv:2106.06909, 2021.

[15] Binbin Zhang, Hang Lv, Pengcheng Guo, Qijie Shao, Chao Yang, Lei Xie, Xin Xu, Hui Bu,
Xiaoyu Chen, Chenchen Zeng, et al. Wenetspeech: A 10000+ hours multi-domain mandarin
corpus for speech recognition. In ICASSP 2022-2022 IEEE International Conference on
Acoustics, Speech and Signal Processing (ICASSP), pages 6182–6186. IEEE, 2022.

[16] Linhan Ma, Dake Guo, Kun Song, Yuepeng Jiang, Shuai Wang, Liumeng Xue, Weiming Xu,
Huan Zhao, Binbin Zhang, and Lei Xie. Wenetspeech4tts: A 12,800-hour mandarin tts corpus
for large speech generation model benchmark. arXiv preprint arXiv:2406.05763, 2024.

12



[17] Haorui He, Zengqiang Shang, Chaoren Wang, Xuyuan Li, Yicheng Gu, Hua Hua, Liwei Liu,
Chen Yang, Jiaqi Li, Peiyang Shi, et al. Emilia: An extensive, multilingual, and diverse speech
dataset for large-scale speech generation. arXiv preprint arXiv:2407.05361, 2024.

[18] Yu Zhang, Wei Han, James Qin, Yongqiang Wang, Ankur Bapna, Zhehuai Chen, Nanxin Chen,
Bo Li, Vera Axelrod, Gary Wang, et al. Google usm: Scaling automatic speech recognition
beyond 100 languages. arXiv preprint arXiv:2303.01037, 2023.

[19] 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. Journal of Machine Learning Research, 25(97):1–52, 2024.

[20] Ye Bai, Jingping Chen, Jitong Chen, Wei Chen, Zhuo Chen, Chuang 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.

[21] Keyu An, Qian Chen, Chong Deng, Zhihao Du, Changfeng Gao, Zhifu Gao, Yue Gu, Ting
He, Hangrui Hu, Kai Hu, et al. Funaudiollm: Voice understanding and generation foundation
models for natural interaction between humans and llms. arXiv preprint arXiv:2407.04051,
2024.

[22] 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.

[23] Gemini Team, Rohan Anil, Sebastian Borgeaud, Jean-Baptiste Alayrac, Jiahui Yu, Radu Soricut,
Johan Schalkwyk, Andrew M Dai, Anja Hauth, Katie Millican, et al. Gemini: a family of highly
capable multimodal models. arXiv preprint arXiv:2312.11805, 2023.

[24] Jiahui Yu, Linjie Yang, Ning Xu, Jianchao Yang, and Thomas Huang. Slimmable neural
networks. arXiv preprint arXiv:1812.08928, 2018.

[25] Max Bain, Jaesung Huh, Tengda Han, and Andrew Zisserman. Whisperx: Time-accurate speech
transcription of long-form audio. INTERSPEECH 2023, 2023.

[26] Zhifu Gao, Shiliang Zhang, Ian McLoughlin, and Zhijie Yan. Paraformer: Fast and accurate
parallel transformer for non-autoregressive end-to-end speech recognition. arXiv preprint
arXiv:2206.08317, 2022.

[27] Zhuoyuan Yao, Di Wu, Xiong Wang, Binbin Zhang, Fan Yu, Chao Yang, Zhendong Peng,
Xiaoyu Chen, Lei Xie, and Xin Lei. Wenet: Production oriented streaming and non-streaming
end-to-end speech recognition toolkit. arXiv preprint arXiv:2102.01547, 2021.

[28] Rosana Ardila, Megan Branson, Kelly Davis, Michael Henretty, Michael Kohler, Josh Meyer,
Reuben Morais, Lindsay Saunders, Francis M Tyers, and Gregor Weber. Common voice: A
massively-multilingual speech corpus. arXiv preprint arXiv:1912.06670, 2019.

[29] Tiezheng Yu, Rita Frieske, Peng Xu, Samuel Cahyawijaya, Cheuk Tung Shadow Yiu, Holy
Lovenia, Wenliang Dai, Elham J Barezi, Qifeng Chen, Xiaojuan Ma, et al. Automatic speech
recognition datasets in cantonese: A survey and new dataset. arXiv preprint arXiv:2201.02419,
2022.

[30] Jiayan Lin, Shenghui Lu, Hukai Huang, Wenhao Guan, Binbin Xu, Hui Bu, Qingyang Hong,
and Lin Li. Minspeech: A corpus of southern min dialect for automatic speech recognition. In
Proc. Interspeech 2024, pages 2330–2334, 2024.

[31] Hui Bu, Jiayu Du, Xingyu Na, Bengu Wu, and Hao Zheng. Aishell-1: An open-source mandarin
speech corpus and a speech recognition baseline. In 2017 20th conference of the oriental chapter
of the international coordinating committee on speech databases and speech I/O systems and
assessment (O-COCOSDA), pages 1–5. IEEE, 2017.

[32] Vassil Panayotov, Guoguo Chen, Daniel Povey, and Sanjeev Khudanpur. Librispeech: an
asr corpus based on public domain audio books. In 2015 IEEE international conference on
acoustics, speech and signal processing (ICASSP), pages 5206–5210. IEEE, 2015.

13



[33] Zhiyuan Tang, Dong Wang, Yanguang Xu, Jianwei Sun, Xiaoning Lei, Shuaijiang Zhao, Cheng
Wen, Xingjun Tan, Chuandong Xie, Shuran Zhou, et al. Kespeech: An open source speech
dataset of mandarin and its eight subdialects. In Thirty-fifth Conference on Neural Information
Processing Systems Datasets and Benchmarks Track (Round 2), 2021.

[34] Jinming Zhao, Tenggan Zhang, Jingwen Hu, Yuchen Liu, Qin Jin, Xinchao Wang, and Haizhou
Li. M3ed: Multi-modal multi-scene multi-label emotional dialogue database. arXiv preprint
arXiv:2205.10237, 2022.

[35] Soujanya Poria, Devamanyu Hazarika, Navonil Majumder, Gautam Naik, Erik Cambria, and
Rada Mihalcea. Meld: A multimodal multi-party dataset for emotion recognition in conversa-
tions. arXiv preprint arXiv:1810.02508, 2018.

[36] Carlos Busso, Murtaza Bulut, Chi-Chun Lee, Abe Kazemzadeh, Emily Mower, Samuel Kim,
Jeannette N Chang, Sungbok Lee, and Shrikanth S Narayanan. Iemocap: Interactive emotional
dyadic motion capture database. Language resources and evaluation, 42:335–359, 2008.

[37] Niloofar Keshtiari, Michael Kuhlmann, Moharram Eslami, and Gisela Klann-Delius. Recog-
nizing emotional speech in persian: A validated database of persian emotional speech (persian
esd). Behavior research methods, 47:275–294, 2015.

[38] Steven R Livingstone and Frank A Russo. The ryerson audio-visual database of emotional
speech and song (ravdess): A dynamic, multimodal set of facial and vocal expressions in north
american english. PloS one, 13(5):e0196391, 2018.

[39] Karol J Piczak. Esc: Dataset for environmental sound classification. In Proceedings of the 23rd
ACM international conference on Multimedia, pages 1015–1018, 2015.

[40] Eduardo Fonseca, Xavier Favory, Jordi Pons, Frederic Font, and Xavier Serra. Fsd50k: an
open dataset of human-labeled sound events. IEEE/ACM Transactions on Audio, Speech, and
Language Processing, 30:829–852, 2021.

[41] Ziyang Ma, Mingjie Chen, Hezhao Zhang, Zhisheng Zheng, Wenxi Chen, Xiquan Li, Jiaxin Ye,
Xie Chen, and Thomas Hain. Emobox: Multilingual multi-corpus speech emotion recognition
toolkit and benchmark. arXiv preprint arXiv:2406.07162, 2024.

[42] Qiuqiang Kong, Yin Cao, Turab Iqbal, Yuxuan Wang, Wenwu Wang, and Mark D Plumbley.
Panns: Large-scale pretrained audio neural networks for audio pattern recognition. IEEE/ACM
Transactions on Audio, Speech, and Language Processing, 28:2880–2894, 2020.

[43] Daisuke Niizumi, Daiki Takeuchi, Yasunori Ohishi, Noboru Harada, and Kunio Kashino.
Masked spectrogram modeling using masked autoencoders for learning general-purpose audio
representation. In HEAR: Holistic Evaluation of Audio Representations, pages 1–24. PMLR,
2022.

[44] Yuan Gong, Cheng-I Lai, Yu-An Chung, and James Glass. Ssast: Self-supervised audio
spectrogram transformer. In Proceedings of the AAAI Conference on Artificial Intelligence,
volume 36, pages 10699–10709, 2022.

[45] Sanyuan Chen, Yu Wu, Chengyi Wang, Shujie Liu, Daniel Tompkins, Zhuo Chen, and Furu Wei.
Beats: Audio pre-training with acoustic tokenizers. arXiv preprint arXiv:2212.09058, 2022.

14


	Introduction
	Related Work
	Methods
	eMoE: Elastic Mixture of Expert
	Data Pipeline
	General Perception

	Experiments
	Data Pipelines Evaluation
	eMoE Evaluation
	General Perception Evaluation

	Limitations and Future Works

