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Abstract—We propose a novel approach to end-to-end automatic
speech recognition (ASR) to achieve efficient speech in-context learning
(SICL) for (i) long-form speech decoding, (ii) test-time speaker adap-
tation, and (iii) test-time contextual biasing. Specifically, we introduce
an attention-based encoder-decoder (AED) model with SICL capability
(referred to as SICL-AED), where the decoder utilizes an utterance-
level cross-attention to integrate information from the encoder’s output
efficiently, and a document-level self-attention to learn contextual infor-
mation. Evaluated on the benchmark TEDLIUM3 dataset, SICL-AED
achieves an 8.64% relative word error rate (WER) reduction compared
to a baseline utterance-level AED model by leveraging previously decoded
outputs as in-context examples. It also demonstrates comparable perfor-
mance to conventional long-form AED systems with significantly reduced
runtime and memory complexity. Additionally, we introduce an in-context
fine-tuning (ICFT) technique that further enhances SICL effectiveness
during inference. Experiments on speaker adaptation and contextual
biasing highlight the general speech in-context learning capabilities of
our system, achieving effective results with provided contexts. Without
specific fine-tuning, SICL-AED matches the performance of supervised
AED baselines for speaker adaptation and improves entity recall by 64%
for contextual biasing task.

Index Terms—long-form speech recognition, speech in-context learning,
speaker adaptation, contextual biasing

I. INTRODUCTION

The rising popularity of AI-assisted devices has sparked heightened
interest in Automatic Speech Recognition (ASR) for personalized
user experiences [1], [2]. Traditionally, ASR systems have primarily
relied on supervised training methods to perform correct biasing
and adaptation [3], [4]. However, a common requirement to adapt
a high-performance ASR system is to prepare extensive labeled
training data, which is often impractical in real-world scenarios.
In fact, it is generally favorable to build an unified ASR system
that can perform test-time adaptation to a wide range of acoustic
characteristics without requiring extensive retraining, offering a more
robust and scalable solution for personalized speech recognition.

In-context learning (ICL) [5] emerges as a promising technique,
particularly in the field of Large Language Models (LLMs) [6], [7].
While ICL has been widely studied in LLMs for image-text and
audio-text tasks [8]–[10], its potential in advanced automatic speech
recognition (ASR) [11] systems remains largely unexplored. Given
the strong linguistic connection between speech and text, large-scale
ASR models might be capable of leveraging contextual cues for ICL,
enabling models to perform test-time adaptation based on provided
examples and making this a crucial area for further research. Inspired
by the success of ICL, speech in-context learning (SICL) [12], [13],
which can be viewed as ICL grounded on spoken language and speech
processing, has gained traction as a promising solution to address the
aforementioned scenarios.

In the realm of SICL, a common requirement is to provide a
sufficient amount of paired speech-text data as examples for the
models to learn task-specific patterns. Consequently, ASR systems

*Work done as an intern at Microsoft

must be capable of handling long-form speech-text pairs to effectively
perform SICL. An attention-based architecture [14] naturally offers
this advantage, as it excels at capturing long-range dependencies
and can process sequences in parallel. Opting for a attention-based
encoder-decoder (AED) ASR [15], [16] system provides the benefit to
efficiently model and utilize context over extended sequences, making
it suitable for long-form ASR tasks. Despite the advantages of AED
systems, the quadratic memory complexity of attention has typically
restricted AED models to utterance-based speech processing, hinder-
ing their ability to effectively utilize long-form contexts.

In this work, our goal is to build an end-to-end ASR model
that can leverage long-form contextual information to enable speech
in-context learning (SICL) capability. The design concept of the
proposed system consists of a modified attention-based encoder-
decoder (AED) model, referred to as SICL-AED, where each of the
decoder layer performs utterance-level cross-attention and document-
level self-attention. By doing so, SICL-AED is able to efficiently in-
tegrate speech and text information between encoder and decoder by
utterances, restricting each hidden vectors to look at only the relevant
outputs of the encoder that correspond to the current utterances. The
document-level self-attention can effectively utilize all the available
contextual information by attending to all current and previous hidden
vectors. To further enhance the SICL capabilities, an in-context fine-
tuning (ICFT) technique is introduced, aiming to enable the model
to effectively learn from the provided contextual information during
inference. Our experiments demonstrate that our proposed SICL-
AED not only delivers efficient long-form speech recognition by
utilizing previous decoded outputs, but also achieves competitive re-
sults compared to fully supervised models in speaker adaptation task
without any fine-tuning. The integration of ICFT further enhances the
SICL-AED model, making it more effective in leveraging long-form
contextual information for improved performance and outperforms
the baseline for the contextual biasing task.

II. RELATED WORK

A. Attention-based Encoder-Decoder for Long-form ASR
Previous research has explored long-form speech processing within

attention-based encoder-decoder (AED) models, employing various
strategies to handle extended speech inputs. The most straightforward
approach involves concatenating successive speech utterances or
transcriptions. In [17], [18], the authors presented a context-expanded
Transformer, extending earlier work to accelerate the decoding pro-
cess within a streaming AED architecture. Chen et al. [19] replaced
the classical attention mechanism of Transformers and showed that
utilize entire spoken documents is possible during both training and
testing. Although word error rate reductions were observed, these
methods focus solely on long-form speech recognition with consec-
utive utterances. However, for general speech in-context learning, in-
context examples are often sampled randomly, where utterances are
not guaranteed to be sequential.
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Fig. 1: The SICL-AED framework.

Another category of approaches utilize auxiliary encoders to
model long-context information. Masumura et al. [20] introduced
a hierarchical text encoder combined with the distillation of large-
context knowledge beyond the current utterance, enabling the model
to effectively capture long-form information while preserving ASR
performance. Similarly, Wei et al. [21], [22] employed a residual at-
tention module, and pretrained encoders to accelerate the convergence
speed and well model the long-range global dependencies within each
input sequence for conversational ASR. Despite the effectiveness
in long-form speech recognition, these methods require additional
encoder, pretrained models, and modifications to the underlying AED
architecture, which adds complexity and increases the computational
demands of the model.

B. Speech In-context Learning (SICL) for ASR
In-context learning (ICL) refers to a model’s ability to make

inferences based on the patterns of in-context examples provided
within the context. Recently, several studies have been conducted
to incorporate LLMs with ASR models to boost the performances of
standalone ASR systems. In [23]–[25], the authors leveraged LLMs
to rescore ASR output hypotheses, which often requires fine-tuning
existing LLMs. COSMIC [12] presented a cost-effective method to
integrate speech into LLM with instruction-following and in-context
learning capabilities. [26] extended the capabilities of LLMs by
directly attaching a small audio encoder allowing it to perform speech
recognition. An obvious limitation of these previous approaches is the
requirement for external pre-trained LLMs, carefully curated prompts,
and additional fine-tuning. In this study, we aim to equip ASR models
with inherent in-context learning capabilities directly without any
additional LLMs and prompt-tuning.

Unlike LLMs, which mainly deal with text modality, speech in-
context-learning (SICL) requires feeding the paired speech inputs and
corresponding transcriptions as the in-context examples to the en-
coder and decoder respectively. In [13], [27], the authors investigates
the speech in-context learning abilities of the Whisper models [28]
for test-time adaptation on Chinese dialects. In contrast to [13], [27],
which focus on language- and speaker-level adaptation, we aim to
provide a system that can support general speech in-context learning.
In addition, while the Whisper model is limited to handling only
30 seconds of speech input, our proposed approach can potentially
process document-level long audio, providing a greater opportunity
to incorporate broader in-context examples.

III. PROPOSED METHOD

In the following sections, ”utterance-level” refers to processing
individual speech sentences or phrases. In contrast, ”document-level”
processing involves handling multiple utterances grouped together,
providing a broader context across several sentences.

A. SICL-AED
Figure 1 illustrates our proposed approach, SICL-AED, which

builds upon a standard attention-based encoder-decoder ASR model,
featuring a Conformer [29] encoder and a modified Transformer
decoder. Unlike conventional AED models, SICL-AED introduces
two additional functions within each decoder layer: DOCTOBATCH

and BATCHTODOC. After the self-attention layer, DOCTOBATCH

converts the hidden vectors from the document-level to the utterance-
level batch, allowing the model to efficiently compute cross-attention
with the encoder outputs on an utterance-by-utterance basis. Fol-
lowing cross-attention, BATCHTODOC reverses this operation, trans-
forming the utterance-level hidden vectors back into document-level
hidden vectors. We ensure that each hidden vector focuses only on
the encoder outputs corresponding to its own utterance during cross-
attention. This approach provides two significant benefits. First, it
prevents the decoder from being confused by unrelated utterances,
which is particularly advantageous during test-time adaptation when
input speech-text pairs may not be sequential or related. Second,
by limiting the scope of cross-attention, our model requires less
computation and memory, making it more scalable and suitable for
processing longer input sequences.

Given N random speech features (X1, X2, . . . , XN ), we denote
X1:N as input batch of utterances. The Conformer encoder first
processes X1:N and generates outputs for each individual utterance.
To facilitate effective long-form decoding, during training, we con-
catenate the transcriptions Y1, Y2, · · · , YN corresponding to each
utterance to form an output document. For simplicity, we denote the
output document as Y1:N . The training objective of the attention-
based decoder is approximately computed from the sequence poste-
rior patt(Y1:N | X1:N ).

patt(Y1:N | X1:N ) ≈
L∏

l=1

p (yl | y1:l−1, X1:N ) , (1)

where y1:L denotes the ground truth token sequence (y1, . . . , yL)
of Y1:N . We also incorporate an auxiliary CTC [30], [31] sequence
probability pctc(Ȳ1:N | X1:N ), where Ȳ1:N is the ground truth token
sequence processed in batch This is used in the hybrid CTC/Attention
approach [32], [33] to optimize the multi-objective loss L as follows:

L = λ log pctc
(
Ȳ1:N | X1:N

)
+ (1− λ) log patt (Y1:N | X1:N )

(2)

where λ is a scaling factor to balance the CTC and attention scores.
Since our proposed SICL-AED can process multiple utterances at
once, it inherently supports SICL. This capability allows the model
to predict output tokens for a target utterance by leveraging previously
processed speech-text pairs as contextual examples, enhancing its
adaptability to varying contexts.

B. Speech In-Context Learning (SICL) Capability
1) General Long-form Decoding: Long-form decoding is a spe-

cific application of SICL where the model decodes an entire sequence
of utterances while continually using previously decoded utterances
as in-context examples. For a given utterance XN , the decoder aims
to find the most probable token sequence ŶN , conditioned on the
input batch X1:N and the previously decoded sequence Ŷ1:N−1. Here,



X1:N−1 represents the input context of earlier utterances and Ŷ1:N−1

provides the corresponding output context generated by the model.
The decoder utilizes these in-context examples to refine its prediction
for ŶN , formulated as follows:

ŶN =argmax
YN∈U∗

{λ log pctc(YN | XN )

+ (1− λ) log patt(YN | Ŷ1:N−1, X1:N )}
(3)

where U is the vocabulary.
The decoding process starts with the first utterance, X1, processed

independently without any prior context, generating the initial hy-
pothesis Ŷ1. For the next utterance, X2, the system utilizes both the
input batch X1:2 and the previously decoded output Ŷ1 to decode
X2 more accurately, producing the hypothesis Ŷ2. This sequential
decoding continues for subsequent utterances, allowing the model to
leverage context effectively across the entire long-form speech input.

2) Test-time Speaker Adaptation: In contrast to long-form decod-
ing, where in-context examples are derived from previously generated
outputs, test-time speaker adaptation leverages in-context examples
obtained directly from ground truth data. This process begins by
randomly sampling N − 1 speech-text pairs, X1:N−1 and Y1:N−1,
from a specific speaker. These sampled pairs are combined with the
target utterance XN to form the input batch X1:N , which is then
fed into the model. The objective remains similar to that in Eq. 3;
however, instead of conditioning on previous decoded hypotheses
Ŷ1:N−1, the decoder relies on the ground truth transcriptions Y1:N−1.
This allows the model to adapt more effectively to a specific speaker
by directly utilizing accurate speech-text pairs as contexts, thereby
improving recognition performance for the target utterance.

3) Contextual Biasing: Traditional approaches to ASR biasing
[34]–[37] are limited to text-form phrases, making it challenging
to accurately bias for non-standard pronunciations, such as foreign
names. Our method addresses this issue by leveraging acoustic
information from in-context audio examples. This allows our model
to learn correct pronunciation and spelling mappings, even for words
from other languages. This process is similar to speaker adaptation
in section III-B2, where the model uses audio-text pair examples
that include the biasing phrases and combines them with the target
utterance. As a result, the model can produce accurate transcription
outputs by referencing the in-context examples.

C. In-context Fine-tuning (ICFT)
As described in Section III-A and Eq. 2, our SICL-AED model

is trained with standard ASR loss. Without an explicit objective
to encourage the model to utilize previous contexts, there is no
guarantee that it will effectively perform SICL during inference.
To address this, we introduce an In-context Fine-Tuning (ICFT)
technique as an auxiliary objective during fine-tuning to ensure the
model focuses on previous contexts or in-context examples. During
this fine-tuning stage, we keep the model structure unchanged. For
each target sequence, we incorporate a few speech-text pairs from the
same speaker as the in-context examples. We then randomly select
a word that appears in both the target sequence and these examples,
and randomly modify this word by inserting, deleting, or substituting
a few letters. The model is then tasked to predict the modified word
instead of its original form. The objective is the same as 2 but it is
applied only to the target sequence containing the modified word.

IV. EXPERIMENTS AND RESULTS

A. Datasets & Experimental Settings

We evaluate ASR models on the TEDLIUM3 [39] dataset, which
is composed of crawled TED talks. Since TEDLIUM3 is widely used

TABLE I: Testing WER (%) of the long-form decoding results. Utt. and
Doc. indicate whether the training was conducted on utterances or document-
level audio, respectively. Models marked with (∗) are results taken from the
corresponding papers.

Model Train (Dur.) WER(↓)
Utt. Doc.

Transformer∗ [17] Doc. – 8.1
Fast-Conformer∗ [38] Doc. (> 30 mins) – 7.5
Flash Attention∗ [19] Doc. (> 30 mins) – 7.2

AED Utt. 9.03 100.23
Doc. (3 mins) 9.29 8.15

SICL-AED Doc. (3 mins) 8.85 8.25

TABLE II: Inference Forward Pass Time and GPU Memory Usage

Model 30s 90s 180s

AED 5s/1.5G 21s/5G 74s/12G

SICL-AED 5s/1.5G 14s/2.5G 31s/4.5G

for evaluating long-form speech recognition [17], [19], we chose to
retain this dataset for the speaker adaptation experiments to ensure
consistency and maintain an in-domain setting. However, because
TEDLIUM3 is not specifically designed for speaker adaptation tasks,
we randomly selected 5 minutes of speech per speaker from the test
set to serve as training set, which can also be used as in-context
examples. The remainder is considered testing data for speaker
adaptation task, resulting in a total of 768 utterances. For contextual
biasing experiments, we use an internal test set which contains 20
names across 120 utterances.

The Conformer encoder contains two convolutional layers that
subsample the time frame by a factor of 4, followed by 18 conformer
layers. Each conformer layer has a multi-head attention with 8
heads, and a depth-wise convolution with kernel size of 3. The
multi-head attention and the depth-wise convolution are sandwiched
between GLU-variant-based [40] feedforward layers with dimension
of 684. The decoder consists of 6 layers , with 2048-dim feedforward
layer as well. The embedding dimension is set to be 512 for both
encoder and decoder. All the ASR models are trained using a hybrid
CTC/attention [32] loss approach, with a CTC weight set to 0.2. We
conduct experiments on up to 3-minutes speech. However, our system
can naturally support longer inputs and scalable with the increase of
memory size. For all document-level training, models are pre-trained
on utterance-level ASR before being fine-tuned on the document-level
audio. In-context Fine-tuning (ICFT) is performed after SICL-AED
is well trained.

B. Long-form ASR Results

Table I presents the results for long-form ASR on the TEDLIUM3
dataset, comparing the performance of our proposed SICL-AED
model with the conventional AED model and prior works, such as
Flash Attention [19] and Fast-Conformer [38], for both utterance-
level and document-level training. The document-level AED model,
Flash Attention [19], [41], and Fast-Conformer [38] models are
trained by concatenating utterances of varying lengths to form
document-level inputs. While Flash Attention and Fast-Conformer
are trained on document-level audio exceeding 30 minutes, our
AED models work with inputs up to 3 minutes, fitting within our
memory capacity. When evaluated on utterances, the SICL-AED
model, which is trained exclusively on 3-minute inputs, achieves
a WER of 8.85%, slightly outperforming the utterance-level AED
model (9.03% to 8.85%). The slight reduction in WER may be



TABLE III: Testing WER (%) of the speaker adaptation results. C refers to
the types of in-context examples, including text and speech.

Model Train set C WER(↓)

AED Utt. – 8.43

AED-FT Utt. – 8.11

SICL-AED Doc. – 8.40
text 8.57

SICL-AED Doc. speech+text 8.20
+ ICFT 8.13

due to the random sampling of input batch, allowing the model
learn more patterns and thus generalize better to the test set. This
result is particularly compelling given that the SICL-AED model
does not suffer from the overfitting observed in the document-level
AED model, where the WER increases from 9.03% to 9.29%. This
indicates that the utterance-level cross-attention mechanism in SICL-
AED effectively focuses on relevant contextual information without
over-relying on extended context windows, thereby enhancing its
generalization ability across different input lengths.

Moreover, when evaluated on 3-minute document-level audio, the
SICL-AED model achieves a WER of 8.25%, outperforming the
utterance-level AED model with 8.62% relative word error rate
reduction (WERR), and closely matching the document-level AED
model’s performance of 8.15%. This demonstrates that the SICL-
AED model effectively leverages the long-form context. Compared
to prior works, such as Flash Attention and Fast-Conformer, there
are performance differences when evaluated on document-level audio.
These gaps may be attributed to differences in model architectures,
tokenizations, and the use of much longer document-level audio in
Flash Attention and Fast-Conformer, where both models can process
over 30 minutes of audio. Additionally, the slight difference in SICL-
AED’s performance compared to the document-level AED model
is not unexpected, given that SICL-AED is specifically designed to
balance efficiency with flexibility in handling both consecutive and
non-consecutive utterances. Unlike the document-level AED model,
which can scan entire encoder outputs composed of consecutive
utterances and benefit from rich contextual information, SICL-AED
is optimized for general speech in-context learning. This includes
scenarios where utterances are not guaranteed to be sequential and
often lack such dense context and relationship. Therefore, while the
document-level AED model may gain a marginal advantage in strictly
sequential inputs, SICL-AED’s design prioritizes robustness and
adaptability across varying and potentially disjoint utterances, making
it a more versatile solution. Moreover, as shown in Table II, SICL-
AED can achieve significantly faster runtimes (33.3% and 58.1%
reduction in forward pass time), and reduced memory complexity
(50% and 62.5% reduction in memory usage) for 90-second and 180-
second audio. In addition, it is worth mentioning that our proposed
SICL-AED can be trained using only 32GB Nvidia V100 GPUs while
other conventional AED models require larger memory capacities.
This highlights its practicality for real-world applications where
computational efficiency is crucial.

C. Speaker Adaptation Results

Table III presents the results for speaker adaptation. The TED-
FT model represents 11 speaker-dependent systems that were fine-
tuned separately for each speaker and the results are average of the
11 models tested on individual speakers. Two types of in-context
examples are investigated in this work, including speech and text. A
text-only SICL-AED refers to models trained and tested to predict

TABLE IV: Entity Recall (%) of the Contextual Biasing Results.

Model Train set WER(↓) Recall(↑)

AED Utt. 34.08 12.82

SICL-AED Doc. 33.99 12.85
+ICFT Doc. 33.73 21.03

the target utterance by providing only transcriptions as previous in-
context examples.

Compared to the AED model without fine-tuning, AED-FT shows
a modest improvement in WER, reducing it from 8.43% to 8.11%.
When examining the performance of text-only SICL-AED, we ob-
serve a slight increase in WER compared to the utterance-level
AED model (8.57% vs. 8.43%). This suggests that relying solely on
randomly selected text-based contexts, such as transcriptions, does
not provide improvement in the model’s ability to capture specific
speaker characteristics without the inclusion of audio information.
However, when both speech and text are provided as in-context
examples, our system outperforms the utterance-level AED model,
with 8.20% WER, indicating that speech-text pairs are crucial to learn
useful contextual information for SICL. Moreover, when combined
ICFT with SICL-AED, our system achieves a WER of 8.13%,
demonstrating comparable performance compared to TED-FT. This
finding suggests that in limited-resource scenarios, SICL-AED may
offer a more effective and efficient approach for test-time speaker
adaptation. That is, we do not have to fine-tune and store 11 speaker-
specific models and the adaptation is being done on-the-fly, making
it a promising solution for real-world applications for large-scale
products with millions of speakers and parameters.
D. Contextual Biasing Results

Table IV presents the entity recall results for contextual biasing.
The utterance-level AED model, which lacks specific knowledge
about rare or unseen entities, shows low recall performance at
12.82%, as most of these names never appeared in the training data.
For the SICL-AED model, we provided 20 utterances containing 20
names as in-context examples during inference. However, SICL-AED
only slightly improved to 12.85% recall, suggesting that it could not
effectively leverage the limited contextual information from these ex-
amples. In contrast, when combining SICL-AED with the in-context
fine-tuning (ICFT) technique, we observe a substantial improvement,
achieving an entity recall of 21.03% without any regression in general
WER. This result represents a 64% relative increase compared to the
utterance-level AED baseline, demonstrating the strong capability of
ICFT to enhance SICL performance by allowing the model to adapt
more effectively to previous contexts.

V. CONCLUSION

In this work, we introduce SICL-AED, an efficient attention-
based encoder-decoder ASR model designed for long-form speech
recognition with speech in-context learning (SICL) capabilities. By
employing utterance-level cross-attention and document-level self-
attention, SICL-AED leverages contextual information to enhance
both recognition accuracy and computational efficiency. Our model
achieves an 8.64% relative WER reduction compared to utterance-
level AED models and demonstrates comparable performance to
traditional document-level AED model, with significant reductions
in runtime and memory usage. Additionally, incorporating in-context
fine-tuning (ICFT) further improves performance in speaker adapta-
tion and contextual biasing tasks, highlighting SICL-AED’s potential
for general SICL and real-world ASR applications. In future work,
we will focus on extending these capabilities to more challenging
adaptation scenarios with speech in-context learning.
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