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ABSTRACT

We explore contextual biasing with Large Language Models (LLMs)
to enhance Automatic Speech Recognition (ASR) in second-pass
rescoring. Our approach introduces the utilization of prompts for
LLMs during rescoring without the need for fine-tuning. These
prompts incorporate a biasing list and a set of few-shot examples,
serving as supplementary sources of information when evaluating
the hypothesis score. Furthermore, we introduce multi-task train-
ing for LLMs to predict entity class and the subsequent token.
To address sequence length constraints and improve the efficiency
of contextual biasing, we propose dynamic prompting based on
class tag predictions. Through dynamic prompting, we leverage
the class tag predictions to identify the most probable entity class
and subsequently utilize entities within this class as biasing con-
text for the next token prediction. We evaluate the performance
of proposed methods in terms of Word Error Rate (WER) on an
internal entity-heavy and the SLUE-Voxpopuli datasets. Our results
show significant improvements: biasing lists and few-shot examples
achieved a relative improvement of 17.8% and 9.6%, while multi-
task training and dynamic prompting achieved 20.0% and 11.3%
relative WER improvement, respectively.

Index Terms— contextual biasing, large language models,
multi-task training, dynamic prompting

1. INTRODUCTION

Language Models (LMs) in Automatic Speech Recognition (ASR)
systems suffer from a drastic reduction in quality when recogniz-
ing uncommon words, e.g., Named Entities (NE) that appear infre-
quently in training data [1} 2,13} 4]. These words are highly person-
alized and thus hard to be accommodated in a unified model that fits
all users. Generally, these uncommon words can be inferred from
the context in which the model is being used. For example, speech
assistants in the calling and messaging domain employ the contact
list to enhance name recognition by favoring recognition associated
with the contact list.

Various methods have previously been employed to incorporate
contextual information into the model. In [S} 6], an approach is
presented to improve the contact name recognition using n-gram
based class LM [7] and dynamic weighted finite state transducer
(WFST). The WEFST, i.e., the user’s contact model, models rele-
vant names from the user’s contact list. Subsequently, a class LM
is then trained by replacing the names in the data with a special to-
ken SCONTACT. During inference, SCONTACT is replaced by the
user’s contact model. The finite state replacement mechanism al-
lows for this on-demand substitution. This method has long been
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employed to inject domain-specific contextual information into the
system. A similar kind of biasing can be applied to Neural Network
Language Models (NNLMs) [8] where a class NNLM is used in-
stead of a n-gram class LM. The class NNLM is used in shallow fu-
sion with the ASR system during beam-search decoding. Instead of
an FST-replace with the user’s contact model, the biasing is applied
dynamically when the class NNLM predicts any of the class tokens
e.g., SCONTACT. Both the class LM and NNLM described above
have improved the recognition of entities during shallow fusion with
the ASR system with contextual biasing.

Neural networks have demonstrated adaptability in directly in-
corporating contextual information into their architecture. In previ-
ous studies [9, [10], researchers have illustrated how contextual in-
formation, presented as an embedding vector, can effectively bias
predictions within the acoustic network. Both these two methods
use a special-purpose encoder to encode the contextual knowledge.
There are also several works investigating personalized LMs to im-
prove the ability of LMs when working with rare words. [9] uses a
Personalized LM (PLM) predictor network to produce an embedding
vector that takes the previous token history and a list of contextual
items. In [[11], the authors proposed a personalization framework
for working with LLMs. Particularly, according to each user’s pro-
file, a subset of words will be selected from the user’s biasing list.
However, this method cannot work with utterances that have little
context (e.g., short utterances). In [[12], the authors proposed a per-
sonalized conformer transducer-based ASR model with a pretrained
NNLM to encode the utterance and biasing entities. The biasing
is performed in both the acoustic and the language domains. On
the other hand, attention-based contextual biasing methods have also
been explored [10} |13} 14} [15]. In this kind of method, an encoder
network is used to encode a list of contextual items, and a Multi-
Head Attention (MHA) biasing layer is used to attend to the context
for each audio frame. However, these entities are often not correlated
with each other, indicating that compressing them into embeddings
will cause a loss of information. Recently, there have been works
exploring the use of LLMs in ASR systems [16} 17} [18]. [17, [18]
studied the sentence scoring method using LLM in the ASR system
while, in [16], an audio-domain biasing approach is proposed. Al-
though these methods have taken advantage of the ability of LLMs,
their methods do not incorporate additional contextual information.

The aforementioned traditional methods are not flexible enough
to work for new classes while the neural network-based methods
cause information loss when compressing contextual information
because entities like person names are not correlated. To reconcile
these problems, we propose a Large Language Model (LLM)-based
contextual biasing method and two learning methods—few-shot
prompt learning and multi-task training, to improve performance.

Our contribution can be summarized as follows:



1. We propose contextual biasing prompts when calculating the
second-pass score. We propose a simple yet effective format
of prompts to incorporate the lists of biasing entities. More-
over, we propose a few-shot learning method by providing ex-
amples in the prompts.

2. To further enhance performance, we introduce a multi-task
training framework. This involves augmenting the Large Lan-
guage Model (LLM) with a dedicated tag head that predicts
the entity class tag (e.g., person, location) of the next tokens.
The entire model is jointly trained with two distinct losses: the
entity tag prediction loss and the token prediction loss. To in-
tegrate class tag prediction into token prediction, we employ
the Gumbel softmax trick, facilitating gradient propagation.

3. We propose dynamic prompting to improve attention effi-
ciency and to reduce the input sequence length. For each
token, we first obtain the entity class prediction from the class
head (top 1). Then, we subset the contextual information in
the prompt based on the class for token prediction.

2. PROPOSED WORK

In harnessing the capacity of Large Language Models (LLMs) to in-
corporate supplementary information as input, we put forth a novel
approach to infusing contextual information into prompts. This aug-
mentation of prompts serves to steer the model’s focus and bias. Be-
sides prompts, we propose multi-task training and dynamic prompt-
ing to further improve the performance.

2.1. Biasing via Prompts

Upon observing the remarkable capabilities demonstrated by Large
Language Models (LLMs) such as ChatGPT [19] and LLaMA [20]],
the notion of achieving contextual biasing through the augmentation
of prompts with supplemental information appears promising. Fig-
ure |1| demonstrates a simple yet illustrative example of the power
of prompting with LLaMA. We can observe that few-shot examples
can help improve the quality of the generated words. Furthermore,
the tags (e.g., <NAME>) are also helpful for the model to com-
prehend the context, which motivates us to propose the multi-task
LLM for entity class prediction. Although the use of prompts seems
straightforward, the intricacies of prompt design are far from trivial.
The challenge lies in effectively infusing contextual cues without in-
troducing a surplus of redundant tokens, such as punctuation. To
strike this balance, we adopt the subsequent format for our prompts:
<Entity Class> Entities</Entity Class>. This simplistic structure is
chosen to avoid surpassing the maximum sequence length constraint,
considering the likelihood of numerous entities within the data.

Furthermore, we explore the few-shot prompt learning strategy,
enhancing the model’s performance by incorporating illustrative in-
stances directly into the prompts. Our prompts adopt the following
format: Example 1: Example 2. <Entity Class>Entities</Entity
Class> Input: Input Sentence. Each example encapsulates pertinent
entity information and its corresponding input sentence, randomly
sampled from the dataset.

2.2. Multi-Task Training

To further elevate the LLM’s performance during the second pass,
we introduce an enhancement by transforming the model into a

<NAME> john jack mary </NAME> <APP> whatsapp messenger </APP>
Input: i will text you with fny number— Next Wo Highest Probab

(a) Providing contextual information only to the LLM.

(Example 1: <NAME> jack john mary </NAME> <APP> whatsapp messenger </APP>
Input: young people like to use <APP> messenger to chat with their friends
Few-shot Examples

Example 2: <NAME> jack john mary </NAME> <APP> whatsapp messenger </APP>
Input: i am <NAME> jack

<NAME> john jack mary </NAME> <APP> whatsapp messenger </APP>

Input: i will text you with <APP> whatsapp— Next Word with Highest Probability

(b) Providing few-shot examples, entity class tags, and contextual in-
formation to the LLM.

Fig. 1: Demonstration of the power of prompts in contextual
biasing. Given two-shot example and the entity class tag (e.g.,
<NAME>), the LLaMA model is able to assign a high probabil-
ity to correct words.

multi-task architecture. Alongside the primary task of next-token
prediction, we incorporate a secondary task: next-token class predic-
tion. Notably, this distinction sets it apart from conventional Named
Entity Recognition (NER) [21] 22} |23]], which centers on predicting
the entity class for the current token.

We take the backbone of the LLM and initiate LoRA [24]
weights to it for efficient training. The input to the model encom-
passes the biasing list of entities alongside the input hypothesis.
After the backbone, we integrate a class tag head to predict the
entity class for the next token. The class tag logits will be used to
calculate the class loss. Then, we will pick the class with the highest
probability as the class for the next token, which will be used to ob-
tain the embedding of the corresponding class. The embedding will
then be added with the embedding from the backbone and used to
predict the next token. While the process may seem straightforward,
a key challenge arises due to the non-differentiability of the argmax
operation used to select the class with the highest probability. This
characteristic prevents the propagation of gradients to preceding
layers. To address this, we introduce the Gumbel softmax trick [25].
This trick reparameterizes the softmax weights, transforming them
into a one-hot distribution. With this reparameterization, the argmax
operation becomes differentiable, allowing for the joint training of
the entire neural network model. The final loss can be written as,

L= aLtoken + (1 - a)Lclasm (1)

where Lioken and Leiqss are the cross entropy loss for token and
class tag prediction, respectively. « is the task weight and is empiri-
cally set to 0.7 in our experiments.

2.3. Dynamic Prompting

Generally, users’ biasing lists can be long and contain multiple entity
classes, e.g., locations and person names. With such a long list, the
LLMs’ attention mechanism could be confused, causing a perfor-
mance drop. Another problem is that current LLMs have maximum
sequence length restrictions; therefore, the length of the biasing list
is also limited.

To solve these problems, we propose dynamic prompting, where,
instead of having every entity class in the biasing list, we only pro-
vide the biasing list corresponding to the next token’s entity class.
To achieve this, for every token in the hypothesis, we first obtain the
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Fig. 2: The flow chart of the proposed multi-task model with dy-
namic prompting. Red dashed arrows represent the dynamic prompt-
ing process. Black solid arrows represent token prediction given the
selected prompts.

class prediction results from the class head by only feeding the hy-
pothesis to the model, and then, we select the corresponding entities
in the biasing list and combine them with the hypothesis as input for
the LLMs for the final token prediction. This not only reduces the
length of the sequence but also reduces the number of entities the
model needs to attend to, consequently improving the model’s per-
formance. A visual representation of the multi-task model’s struc-
ture is depicted in Figure2]

With dynamic prompting, the log-likelihood for the sentence be-
comes a conditional log-likelihood, which can be written as follows,

T
log P(wr, ..., wo|C) =Y log P(wi|hw, c(hw)),  (2)

t=1

where wy is the token at position ¢, k., is token history, C is the con-
textual information for all classes, and c(-) is the dynamic prompting
function, which selects the contextual information for one specific
class given the token history.

3. PERFORMANCE EVALUATION

3.1. Datasets and Comparison Models

To evaluate the proposed method, we performed extensive ex-
periments on two datasets. The first one is an in-house dataset
containing calling, messaging, and dictation utterances (denoted
as CMD), which are short and contain massive entities. For this
dataset, the training data has 460,000 samples, and the testing data
contains 14,000 samples. We use an in-house audio model, with
13 transformer layers as the encoder and 1 Long-Short Term Mem-
ory (LSTM) model as the decoder, for the first-pass score calcula-
tion. Since there is no available public contextual biasing dataset to
the best of our knowledge, we reformatted the SLUE-VoxPopuli [26]
dataset for our evaluation as the second dataset. SLUE-VoxPopuli
can be used for NER, and It contains the ground truth entities, which
are further filtered by us only to keep person names, locations, and
organizations. However, there are no ground truth entities in the
test dataset in SLUE-Voxpopuli; therefore, we used the validation
dataset as the test set in our experiments. The training set contains
5,000 samples, and the test set contains 1,753 samples. We used
wav2vec? [27] as the audio model, which is augmented by a 4-gram
language model during the first pass{ﬂ We train the model on the
ground truths texts (i.e., the references) and evaluate it by feeding
the hypothesis to it to obtain the second pass scores. Then, the
utterance with the highest score will be used as the final hypothesis

! https://huggingface.co/patrickvonplaten/wav2vec2-base-960h-4-gram

Table 1: Second-pass WER evaluation results on different varia-

tions of un-fine-tuned LLMs.

Model CMD SLUE

First Pass Baseline 7.10 20.03
Oracle 4.37 (38.5%) | 16.84 (16.0%)
LLaMA 7.07 (0.4%) 18.35 (8.4%)
+Biasing in Inference 5.92 (16.6%) 18.11 (9.6%)
+Few-shot Examples | 5.84 (17.8%) | 18.10 (9.6%)
RoBERTa 7.10 (0%) 19.60 (2.1%)
+ Biasing in Inference 7.10 (0%) 19.73 (1.5%)

Table 2: Second-pass WER evaluation results on different varia-

tions of fine-tuned LLMs.

Model CMD SLUE

Fine-tuned LLaMA 7.03 (1.0%) 18.00 (10.1%)
+Biasing in Inference 5.93 (16.5%) | 17.98 (10.2%)
+Biasing in Training 5.75 (19.0%) | 18.02 (10.0%)
Fine-tuned RoBERTa 7.06 (0.6%) 19.11 (4.6%)
+Biasing in Inference 7.07 (0.4%) 19.15 (4.4%)
+Basing in Training 7.06 (0.6%) 19.16 (4.3%)
Multi-Task LLaMA 6.99 (1.6%) 17.95 (10.4%)
+Biasing in Both 5.71 (19.6%) 17.85 (10.9%)
+Dynamic Prompting | 5.68 (20.0%) | 17.77 (11.3%)

for calculating the WER. When training the multi-task model, since
the entity class is highly unbalanced, we assign weight 0.33 to all
three entity classes and assign 0.01 to non-entity tokens.

For comparison, since we are using LLMs, it would be unfair
to compare against non-LLM-based methods [13||14]; therefore, we
only present the comparison of different variations of the prompting
method and multi-task fine-tuning method. We select LLaMA [20]
and LLaMA 2 [28]] as the baseline models and, for each scenario
in the experiment, we select the LLaMA model that has the best
results. We also include the evaluation results on RoBERTa [29] to
see the performance of BERT-based model. We calculate the Pseudo
Log-Likelihood (PLL) by iteratively masking each token in the input
sentence and adding up the obtained log-probability [30,31]]. Since
RoBERTa has a maximum sequence length of 512, it is not capable
of handling few-shot examples, and thus, we do not present the few-
shot learning results for ROBERTa. Additionally, we also calculate
the WER of an oracle, which is the lowest possible WER given the
n-best hypothesis.

3.2. Evaluation Results

We summarized the evaluation results in Table[[land 2] Table[dlcon-
tains the results from un-fine-tuned models, while Table [2] contains
the results from fine-tuned models. The stacked model component
name means it is an add-on of the model in the previous row.

From Table[I] we can observe that the biasing list can improve
the model’s performance significantly. Furthermore, few-shot learn-
ing can bring a small improvement because the model can com-
prehend and learn from them. We can also observe that the entity
list is not helping RoBERTa to improve the WER; the reason is that
RoBERTa is trained purely as a language model, and it is not good
at working with prompts. In Table 2] we can observe that simply
fine-tuning the model on the corpus does not bring an obvious im-
provement because WER is not like perplexity, and well-trained on
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(b) Attention weights of the 24th attention layer.
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(c) Attention weights of the last attention layer.

Fig. 3: The attention weights for different layers in the LLaMA
model we fine-tuned. The y-axis contains the words in the biasing
list, and the x-axis contains the words in the input sentence. “Stras-
bourg” is in the input sentence, and the attention layers are able to
attend to it in the biasing list.

a corpus does not necessarily mean it can do well in the second pass
rescoring. We can also observe that fine-tuned models can outper-
form few-shot learning results in Table [1} which is within expecta-
tion. The results in this table about ROBERTa further prove our claim
that it is not suitable for prompt inputs. Then, we can observe that
adding multi-task training can indeed bring an improvement, and we
owe this to the training on class tag prediction loss. Finally, we can
see that, for fine-tuned models, few-shot learning is not helping; in-
stead, the model performance even deteriorates. Another thing worth
noting is that the F1 score for the entity class prediction can reach
95%, indicating that the model is well-trained for the entity class
prediction task.

We also plotted the attention weights for different layers in the
multi-task LLaMA model without dynamic prompting in Figure [3]
with simple and short biasing lists of two classes. We can see that
in the beginning (Figure [3a), the attention weights are evenly dis-
tributed, and then at the 24th layer (Figure 3b), the model learns to
bias on the list of places. Finally, in the last layer, it assigns the high-
est weight to the correct place name “Strasbourg” (Figure [3c). From
the visualization results, we can see that the model is able to learn to
bias on the biasing list in the prompts.

Furthermore, in Figure[d] we vary the length of the biasing list

. (LaMA
EE Fine-Tuned LLaMA
BEEE Multi-Task LLaMA with Dynamic Prompting

10 50 90 130
Biasing List Length per Class

Fig. 4: Model performance when the length of the biasing list varies.
We have three classes of entities in total.

Table 3: Ablation study on the impact of the appearance of ground
truth entities in the biasing list in terms of WER.

Model CMD-GT CMD-NGT
LLaMA - -
+Biasing in Inference 5.92 (16.6%) | 6.91 (2.7%)
Fine-tuned LLaMA - -
+Biasing in Inference 5.93 (16.5%) | 6.95 (2.1%)
+Biasing in Training 5.75 (19.0%) | 7.02 (1.1%)
+Dynamic Prompting | 5.71 (19.6%) | 7.02 (1.1%)

to see the performance difference of the models. We can see that the
multi-task model with dynamic prompting is not affected much by
the length change because it can filter unrelated entity classes.

3.3. Ablation Study

The results have indicated that our contextual biasing method can
bring a significant improvement in the second pass. However, what
if there are no ground truth entities in the biasing list? How will the
models’ performances be influenced? To answer this question, we
perform the ablation study on the appearance of ground truth in the
biasing list. The results are summarized in Table[3] We randomly se-
lect entities to form CMD-NGT, which does not contain the ground
truth entity in the utterance. Then, we replace some of the entities
in the previous random list with the ground truth ones to form the
CMD-GT dataset. From Table[3] we can observe that the WER can
be improved significantly with ground truth. Without ground truth
entities, the improvement is not that obvious. However, we empha-
size that, even without ground truth entities, the results are still bet-
ter than the first-pass results. This is because the LLaMA model
has been trained on many corpora and itself is a powerful language
model. Therefore, we can claim that it is safe to use our method even
if there is no ground truth in the biasing list.

4. CONCLUSION

To the best of our knowledge, this paper is the first paper for con-
textual biasing with LLMs. We provide the contextual information
in the prompts, leveraging the ability of the LLMs to work with
prompts. We also propose multi-task training, augmenting LLMs
with class tag prediction. Both methods are rigorously evaluated
on in-house and SLUE-Voxpopuli datasets, demonstrating signifi-
cant improvements: few-shot learning yields 17.8% and 9.6% en-
hancements, and multi-task fine-tuning achieves 20.0% and 11.3%
improvements. Ablation studies confirm the role of ground truth in
biasing, yet our model remains robust even without it.
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