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Abstract—Code-switching (CS) automatic speech recognition
(ASR) faces challenges due to the language confusion resulting
from accents, auditory similarity, and seamless language switches.
Adaptation on the pre-trained multi-lingual model has shown
promising performance for CS-ASR. In this paper, we adapt
Whisper, which is a large-scale multilingual pre-trained speech
recognition model, to CS from both encoder and decoder parts.
First, we propose an encoder refiner to enhance the encoder’s ca-
pacity of intra-sentence swithching. Second, we propose using two
sets of language-aware adapters with different language prompt
embeddings to achieve language-specific decoding information
in each decoder layer. Then, a fusion module is added to fuse
the language-aware decoding. The experimental results using the
SEAME dataset show that, compared with the baseline model, the
proposed approach achieves a relative MER reduction of 4.1%
and 7.2% on the dev_man and dev_sge test sets, respectively,
surpassing state-of-the-art methods. Through experiments, we
found that the proposed method significantly improves the
performance on non-native language in CS speech, indicating
that our approach enables Whisper to better distinguish between
the two languages.

Index Terms—speech recognition, code-switching, encoding
refining, adaptation

I. INTRODUCTION

The rapid development of model pre-training significantly
benefits automatic speech recognition (ASR) [1]-[5]. How to
more effectively utilize pre-trained models to obtain better
recognition performance attracts more and more attention
[6], [7]. There are two main methods for ASR pre-training:
self-supervised learning (SSL) [8]-[12] and weak-supervision
training [2]. SSL uses massive unlabeled data to pre-train the
model. Such a pre-trained model cannot directly perform ASR
(L], [13], [14]]. Thus, finetuning on labelled datasets is nec-
essary. On the other hand, weak-supervision training designs
rules to obtain and filter a large amount of speech-transcription
data, which is used to train the neural network directly. In this
way, the weak-supervision training-based model can directly
perform ASR [2].

Pre-training data can involve monolingual [16] and mul-
tilingual speech [8]. Some studies suggest that training on
multilingual data often leads to higher performance [[1]. Mul-
tilingual speech is also referred to as inter-sentence code-
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switching (CS). Code-switching (CS) refers to the switch-
ing of languages within a speech signal [17]]. While inter-
sentence code-switching data are widely used for pre-training,
intra-sentence code-switching speech, which also commonly
appears in multilingual communities, is rarely considered.
Due to the seamless transition between languages and the
scarcity of paired data, CS poses significant challenges to
ASR systems [[18], [19], even for those with multilingual
capabilities. Adapting large pre-trained multilingual speech
models to the CS ASR task is thus crucial [20], [21]].

Enabling the model to better capture language switches
within the utterance better is one of the effective ways to
improve CS ASR [22[]-[25]]. This can be achieved from both
the encoder and decoder. By updating the parameters of the
additional LID-guided and CTC-guided modules, the frame-
level language identity (LID) embedded in fixed Wav2Vec 2.0
[26] is combined with Connectionist Temporal Classification
(CTC) to enable the joint CTC-LID framework to handle the
CS [27]. In contrast to the abundance of multilingual speech
data, intra-sentence code-switching data is relatively scarce.
As a result, adaptation with adapter modules generally ex-
hibits comparable or even higher performance than conducting
full fine-tuning on the pre-trained model for CS-ASR. [22]]
leverages Massively Multilingual Speech (MMS) to handle
CS by incorporating language-specific adapters after encoder
layers. Although inserting the adapters into the encoder makes
it acquire CS capabilities, the adapter’s simple structure may
limit the encoding capabilities, especially for capturing the
boundary of language switching [28].

Decoder’s adaptation is often performed on Whisper [2],
which is a weakly-supervised pre-trained model for ASR and
speech translation. In addition to using the adapter, the design
of the input prompt has also shown its efficacy on Whisper per-
formance [30]], [31]. When prompts consisting of concatenated
or weighted token embeddings from two languages are fed into
the Whisper decoder, CS performance outperforms those with
default prompts. However, concatenated or weighted language
prompt embeddings perform poorly in zero-shot scenarios,
while similar performance is observed regardless of the lan-
guage prompt used during fine-tuning [31]. Therefore, further
research on prompts in the adaptation process is necessary.
Enabling Whisper to acquire better capabilities in capturing
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Fig. 1: The encoder refiner and the language-aware adaptation
of the proposed method.

language-switching is a primary challenge in its adaptation to
the CS-ASR task.

In this paper, we adapt the Whisper for CS-ASR from both
the encoder and decoder modules. Compared with monolin-
gual speech, CS speech is more complex, which makes the
adapter needs to capture intra-sentence switching instead of
only the domain mismatches. However, the simple adapter
structure makes it hard to provide such capabilities [29].
Thus, we first propose an encoding refiner, which uses a
structure with stronger temporal modeling, to help the encoder
obtain better CS capabilities. An additional CTC layer is
used during training to guide the encoder refiner in learn-
ing better language-switching encoding. After obtaining an
encoder more suitable for CS, the decoder is also designed
to adapt much more efficiently. Different language prompts
exhibit complementary characteristics in decoding [30], [31]].
We thus propose language-aware decoding to investigate how
to use prompts more efficiently. Two sets of adapters with
different language prompts are inserted into each decoder layer
to capture language-specific decoding information. A fusion
module is used to fuse the two language-specific decoding
embeddings after the decoder.

II. PRELIMINARIES
A. Adapter

Adapter is a type of additive parameter-efficient finetuning
method that involves adding domain-specific layers between
neural network modules. In low-resource conditions, by ad-
justing only the parameters of the adapters, performance
comparable to full finetuning can be achieved [32]. In the field
of NLP, adapters are utilized for additive parameter-efficient

finetuning of large pre-trained models. LoRA, as a type of
adapter, is typically a fully-connected network with a hidden
dimension smaller than the input. The adaptation process of
LoRA is depicted as follows:

e’ = e + Adapter(e) (1)

Here, e represents the input embedding. e’ represents the
adapted embedding.

B. Low-Resource Language Adaptation

Large-scale pre-trained multilingual ASR models have been
reported to be advantageous in low-resource languages. De-
spite their excellent capabilities, these models require finetun-
ing on target-domain data to adapt to downstream tasks [33]],
[34]. Finetuning large models mainly faces three challenges:
being computationally and time-consuming, overfitting, and
catastrophic forgetting [33|]. Among many finetuning strate-
gies, adapter-based adaptation offers the dual advantage of
avoiding catastrophic forgetting and reducing training time
[35]]. Adapters are usually added after the attention and FFN
in each Transformer encoder and decoder layer:

h' = SelfAtt(h) + Adapter(SelfAtt(h)),
h" = MLP(h') + Adapter(MLP(h ),
where h is the input feature or embedding from the last module

of one layer. h' and B’ represent the adapted embedding of
the self-attention mechanism and the MLP layer.

C. Whisper

Whisper [2] is a large-scale weakly supervised pre-
trained multilingual ASR model, adopting a transformer-based
encoder-decoder architecture. Many studies on the domain
adaptation of Whisper for low-resource languages ASR have
already been conducted. Song et al. [36] assign a language-
specific LORA matrix for each language, enabling the model
to efficiently adapt to specific languages. Huang et al. [35]]
integrate adapters into the Whisper model and explores their
effectiveness in addressing the issue of catastrophic forgetting.
Aditya et al. [28|] employ concatenated language prompts and
finetunes Whisper by incorporating adapters. An attention-
guided Language Identification (LID) loss is introduced to
enhance the decoder’s ability to distinguish between the two
languages. Peng et al. [30] and Yang et al. [31] modify
Whisper prompts to adapt to CS ASR, demonstrating that
(len|) prompt performs better on the English-dominant test
set, while (|zh|) prompt performs better on the Mandarin-
dominant test set.

III. PROPOSED METHOD

Fig. E] illustrates the overall structure of our method, which
consists of Encoding Refining and Language-aware Decoding.
Previous works [22] show that enabling the model to better
capture language switches within utterances is crucial. Thus,
in this paper, we propose an encoder refiner to enhance the
encoder’s capacity of intra-sentence swithching. Additionally,
we propose language-aware decoding to enable Whisper’s
decoder to better distinguish between the two languages.
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A. Encoding Refining

To do the adaptation, adapters are added after each encoder
layer’s self-attention and the MLP to learn language switches
without catastrophic forgetting. We propose an encoder refiner
to improve the encoding capability of the Whisper encoder
for ASR. It consists of several LSTM layers and a CTC. The
LSTM layers have temporal modeling capability, refining the
encoder’s output to capture more effective encoded embed-
dings. CTC is used to train the encoder refiner to better learn
language switches. The refining process of the encoder refiner
is as follows:

h,,.=LSTM(h.,.), 3)

where h.,. is the last hidden states output of the encoder.

’

h,,,. is the refined encoding. The training loss of the encoder

enc

refiner is as follows:

ECTC’ = CTC(ga h’enc)' “4)
LSTM is supervised by CTC loss, as equation, where ¢
represents the text tokens. During the finetuing, the overall
training loss is defined as:

Eenc_ref = Q% Eatt + (1 - Ol) * LCTC’- (5)
where L,;; denotes the attention-based decoder loss, and
Lcrc represents the CTC loss. The hyperparameter o controls
the relative contribution of each loss component to the final
training loss function.

B. Language-aware Decoding

To make the decoder better distinguish between the two
languages, the language-aware adapters are inserted after both
the self-attention and MLP of each decoder layer. The shared
self-attention processes two language-aware embeddings:

hdec_zh = Adapterzhl (SelfAtt(pzfu ’gl:t—l))v (6)
Rgec en = Adapter,,,; (SelfAtt(p,,,, §1.._1)),
where p,;. p., are the language-specific prompt embed-
dings. Then, the shared frozen cross-attention processes two
language-aware embeddings:

h;lec_zh = CrossAtt(hdec_zh, h;m), o
Riee on = CrossAtt(Rce_on; b,

enc)’
where h,,. represents the output of the encoder refiner. Fi-

nally, the two embeedings are adapted with different adapters:
h’dec_zh = Adapterth (MLP(hdec_zh))a

h’:ilec_en = AdapterenQ (MLP(h:iec_en))7
Using the language-specific adapters, which are guided by
different language prompts, enables the decoder to be aware
of the corresponding language during the attention-based de-
coding.
At the end of the decoder, we add a lightweight fusion
module. The fusion module uses two linear layers to estimate
the weights for two language-specific embeddings:

®)

Weights; n = Softmax(Linear.; (Y e .1))s ©

Weights;n = Softmax (Linear,,, (y dec_en ),

where Ygoe ns Ydecen TEPresents the extracted language-
specific embedding of the last decoder layer. The weights,;,
and weights,,, are estimated for fusion:

Ymiz = Weightszh * ydec_zh + Weightsen * ydec_erw (10)

where y;nw represents the final fused output of decoder.The
training loss for language-aware decoding is computed as
follows:

‘Cdec = ‘Catt + CE(h;ec_zh’pzh) + CE(h’;ec_ﬁNpen)' 1D

The proposed encoding refining and language-aware decoding
can be used simultaneously. The training loss of it is as
follows:

Lrinal =A% Lagec + (1 = A) * Lo
A is a hyperparameter to balance the two losses.

(12)

IV. EXPERIMENTS
A. Experimental Settings

Our experimental data is the SEAME Mandarin-English
Code-Switch dataset [37], which contains spontaneous con-
versational speech. Both intra- and inter-sentence CS speech
exist in this dataset. The training set has a duration of 101.13
hours and includes 134 speakers; one of the test sets, led
by Mandarin, has a duration of 7.49 hours and includes 10
speakers; one of the test sets, led by Singaporean English, has a
duration of 3.93 hours and includes 10 speakers. Performances
are measured by character error rate (CER) for Mandarin, word
error rate (WER) for English, and the total mix error rate
(MER) for the code-switching scenarios.

We evaluated the performance of our proposed method on
Whisper-small. Whisper-small has 12 heads and 12 trans-
former layers in encoder and decoder. Hidden dimension of
adapters was 192. The encoder refining module was utilized
with two LSTM layers. The hidden dimension size of LSTM
was 512. We used Adam optimizer with learning rate 1 x 1074,
In the training stage, the model was trained for 8 epochs. The
evaluation model was selected from the best step based on the
validation loss. We set a and A to 0.7 and 1.0, respectively.

B. Experimental Results and Analysis

Table [[] shows the overall performance of encoding refining
and language-aware decoding for CS ASR. The baselines
include the pre-trained Whisper-small (ID-0) and adapter-
based adaptation methods (ID-1 to ID—4). The decoding
language prompts of the pre-trained Whisper-small (ID-0) for
the dev_man and dev_sge test sets were (|en|) and (|zh|),
respectively. Its poor performance suggests that handling CS
directly using the pre-trained Whisper is challenging. With
adapter-based adaptation, the CS performance significantly im-
proved. The language prompt of all the adapter-based baselines
was the concatenation of (|en|) and (|zhl|). Only encoder (ID—
1) or decoder (ID-2) adaptation and both encoder and decoder
adaptation (ID-3) were evaluated. Experimental results show
that the efficacy of adaptation on the encoder was better than
that on the decoder. Moreover, the adaptation of both encoder




TABLE I: Overall performance of the proposed encoding refining and language-aware decoding for CS ASR.

. Encoder Decoder Dev_man Dev_sge

ID Experiments
Adapter CTC | Adapter Prompt | Overall ZH EN | Overall ZH EN
0 - - - en/zh 58.3 489 845 73.5 99.2 577
1 v en-zh 15.8 13.6 222 229 205 244
2 Baseline v en-zh 18.6 162  25.6 28.0 25.1 29.8
3 v v en-zh 14.6 124 209 222 212 2238
4 v v v en-zh 15.1 13.0 21.1 22.7 19.0 249
5 Proposed: v v en-zh 14.3 12.1  20.6 21.3 19.0 227
6 Enc. Refining v v v en-zh 144 125 199 20.8 16.9 23.1
7 Proposed: v v en,zh 14.1 121 20.0 20.7 16.6 232
8 Language-aware Decoding | w/ Enc. Refining v en,zh 14.0 122 19.2 20.6 16.6  23.0

TABLE II: Comparision of code-switching ASR on SEAME.
“PM?” represents the large pre-trained multilingual ASR model.
“ZT” meas zero-shot. “LLM” represents the large language
model.

Methods w/ w/ w/ MER(%)
PM | ZT | LLM | D_man | D_sge
Training from Scratch '

Conditional CTC [43] X - X 18.3 26.7
Intermediate CTC [44] X - X 18.4 255
ILME-based LM fusion [38] X - X 16.4 23.2
CIF-based LSABL [39] X - X 16.3 22.8
token-level LID [40] X - X 16.1 22.8
CTL [41] X - X 15.6 22.9

LAL [42] X - X 16.4 23.3

LAL + hypo. corr. [42] X - v 15.7 22.0

Adaptation

Whisper [30] v v - 38.2 65.0
concated Whisper [30] v v - 32.7 47.6
joint CTC-LID [27] v X - 18.8 28.5
AG Whisper [28| v X - 14.2 20.8
Our Propose v X - 14.0 20.6

and decoder further improved performance. We also used CTC
to improve the encoder misalignment problem further (ID—4).
However, this degraded the model performance.

1) Performance of Encoding Refining: The result of encod-
ing refining is shown in Table [I] (ID-5). Its language prompt
was also the concatenation of (Jen|) and {(|zh|). Compared
with the best result in baselines (ID-3), the encoder refiner
(ID-5 and ID-6) significantly improved the performance.
Most interesting is that the encoder refining improved the
performance of non-native speaker regions, especially training
with CTC (ID-6): the relative improvement was about 5% for
EN in Dev_man subset; while the relative improvement was
about 20% in ZH in Dev_sge subset. ID—4 and ID-6 all trained
with CTC. The encoder refiner allows the model to learn more
information from CTC using a more complex neural network
structure instead of only the LoRA adapter.

2) Performance of Language-aware Decoding: The pro-
posed language-aware decoding uses two sets of adapters
for processing different language information. Experimental
results (ID-7) showed that the proposed language-aware de-
coding also improved the performance of non-native speaker
regions: the relative improvement was about 4% for EN in

(Red fonts: p-value < 0.05 against ID-3)

Dev_man subset; while the relative improvement was about
22% in ZH in Dev_sge subset. Using the proposed encoder
refiner and language-aware decoding simultaneously further
improved performance (ID-8). Overall, the proposed method
(ID-8) had about 4.1% and 7.2% relatively improvement on
the Dev_man, and Dev_sge sets over the baseline model (ID-
3), respectively.

3) Comparison with other Outstanding Methods: Table
compares different CS ASR models on the SEAME dataset in
the literature. Those well-performing models that were trained
from scratch and adapted based on the pre-trained models were
all used for comparison. Models trained from scratch are not
zero-shot on CS. Thus, they had good CS ability, especially
on the Dev_man set. Among these methods, aligning different
language parts was effective, especially after adding a speech
model (“LAL” and “LAL + hypo. corr.”). The pre-trained
models are often zero-shot. Although some content can be
recognized when evaluating CS directly on these pre-trained
models, the performance is relatively poor. Using CS data to
adapt the models significantly improved the pre-trained model
performance. AG Whisper [28]] represents the previous state-
of-the-art model before our proposed method.

V. CONCLUSIONS

In this work, we propose an encoder refiner for the Whisper
encoder and perform language-aware adaptation on the Whis-
per decoder. The encoder refiner can adopt various structures,
and we demonstrated its effectiveness through experiments
with LSTM and CTC architectures. Experimental results show
that the encoder refiner achieves a 2.1% and 6.3% relative
MER reduction on dev_man and dev_sge test sets compared
to the baseline model by enhancing the encoder’s capability
to encode CS speech. Additionally, in language-aware de-
coding, the two sets of adapters within each decoder layer
extract language-specific information under different language
prompts. Experimental results show that language-aware de-
coding achieves a 3.4% and 6.8% relative MER reduction
on dev_man and dev_sge test sets compared to the baseline
model. This demonstrates that the two points we proposed for
adapting Whisper are effective, and the final model achieves
a 4.1% and 7.2% relative MER reduction on dev_man and
dev_sge test sets compared to the baseline model.
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