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Abstract
Automatic Speech Recognition (ASR) technology has

made significant progress in recent years, providing accurate
transcription across various domains. However, some chal-
lenges remain, especially in noisy environments and special-
ized jargon. In this paper, we propose a novel approach for im-
proved jargon word recognition by contextual biasing Whisper-
based models. We employ a keyword spotting model that lever-
ages the Whisper encoder representation to dynamically gen-
erate prompts for guiding the decoder during the transcription
process. We introduce two approaches to effectively steer the
decoder towards these prompts: KG-Whisper, which is aimed
at fine-tuning the Whisper decoder, and KG-Whisper-PT, which
learns a prompt prefix. Our results show a significant improve-
ment in the recognition accuracy of specified keywords and in
reducing the overall word error rates. Specifically, in unseen
language generalization, we demonstrate an average WER im-
provement of 5.1% over Whisper.
Index Terms: automatic speech recognition, keyword spotting,
contextual biasing, Whisper

1. Introduction
Automatic speech recognition (ASR) capabilities have rapidly
progressed in recent years through advancements in deep learn-
ing models trained on massive datasets of speech. Models
like HuBERT [1] and wav2vec [2] utilize self-supervised pre-
training techniques to learn representations of acoustic and lin-
guistic patterns from hundreds of thousands of hours of diverse
audio data. Although such models have shown great potential
in producing rich representations useful for transcription, their
lack of a high-quality decoder limits their robustness and gener-
alization. Recently, [3] alleviated this limitation by presenting a
new encoder-decoder transformer architecture named Whisper.
Whisper was trained on a massive multilingual corpus of tran-
scribed web audio data comprising 680,000 hours of speech.

However, Whisper and other state-of-the-art ASR models
may suffer from performance degradation when applied to real-
world datasets presenting numerous challenges [4]. For in-
stance, in industrial surroundings where heavy machinery op-
erates continuously, background noise can reach high levels.
This acoustic environment makes it difficult for ASR systems to
accurately transcribe spoken commands or safety alerts issued
by workers. Similarly, on public transportation like a crowded
bus or subway train, ambient noise from engines or conversa-
tions can interfere with passenger attempts to a voice-activated
information system. Additionally, domain-specific utterances
and terminology, pose unique challenges for ASR systems, as
they require the identification of specialized vocabulary and lan-
guage patterns. For instance, in the medical domain, physi-

cians detailing medical conditions or treatment plans, and in
legal contexts, where lawyers and judges employ legal jargon,
case citations, and procedural language uncommon in everyday
conversation, demonstrate such challenges. To develop speech
recognition systems that are useful in real-world situations, it is
essential to overcome these practical hurdles.

One approach for alleviating these challenges is utilizing
domain-specific or personalized context for biasing transcrip-
tions using prior knowledge. A common approach is injecting
context into beam search or using shallow fusion [5, 6, 7, 8],
deep fusion [9, 10, 11, 12, 13], or a combination of deep and
shallow biasing [14, 15, 16, 17]. Recently, [18] proposed adapt-
ing Whisper into specific domains using domain prompts which
shows substantial reductions in word error rates. However, this
method requires finetuning with a large amount of data and is
limited in terms of the prior knowledge and terminology one
can provide. Prompting and prompt tuning Whisper was also
shown beneficial for adapting to novel tasks, such as audio-
visual speech recognition and code switching [19], and target
speaker ASR [20]. However, the challenge remains to design
an efficient and effective way for contextually biasing Whisper
using domain-specific and personalized terminology.

To address this issue, we propose a novel approach for con-
textual biasing. We utilize recent advancements in open vo-
cabulary keyword spotting [21, 22, 23] to guide the ASR pre-
dictions using prior domain knowledge as a source of contex-
tual information. Our approach first identifies domain-specific
and personalized jargon using AdaKWS [24], a KWS system
built on top of Whisper’s acoustic encoder. Next, the iden-
tified keywords are used to prompt the decoder to encourage
their incorporation into the transcribed text. We propose two ap-
proaches for finetune Whisper for using keyword prompts. The
first, termed KG-Whisper for keyword-guided Whisper, fine-
tunes the entire set of decoder parameters. The second and more
efficient approach based on prompt tuning [25], termed KG-
Whisper-PT, achieves on-par or superior generalization results
using only ∼15K trainable parameters. This approach preserves
the original pre-trained Whisper parameters, mitigating poten-
tial degradation resulting from fine-tuning over specific datasets
and enhancing the model’s ability to generalize to novel datasets
and domains. Most similar to our approach is the concurrent
work [26]. However, the paper provides only small-scale fine-
tune experiments on a limited number of languages, or employ
spoken form prompts.

Throughout extensive evaluation, we empirically demon-
strate that KG-Whisper and KG-Whisper-PT constantly outper-
form natural baselines. Furthermore, we evaluate the general-
ization of the proposed method to novel domains and challeng-
ing acoustic settings. Finally, we evaluate the generalization
performance to novel languages not seen during training.
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(a) KG-Whisper - decoder finetuning. (b) KG-Whisper-PT - prompt tuning.

Figure 1: An illustration of (a) KG-Whisper - the decoder receives keywords during fine-tuning, while the encoder module remains
frozen. (b) KG-Whisper-PT - the entire Whisper model parameters are frozen and only a small number of prompt tokens are tuned.

2. Method
Our goal is to reduce the overall Word Error Rate (WER) of
the final prediction and increase the recall over domain-specific
(jargon) terms. To achieve this, we integrate the predictions of a
Keyword Spotting (KWS) model into an ASR system, guiding
the ASR predictions towards the set of detected keywords.

We first present the notations and learning setup. Let X T

denote the domain of sequences of T speech frames. Let V de-
note a dictionary of tokens (sub-word units), and VL the domain
of all token sequences containing L tokens (sub-word units).
Each token is represented by a D-dimensional vector.

We utilize Whisper [3], a state-of-the-art transformer-based
ASR. Its encoder converts a speech sequence into a meaningful
sequential representation, taking advantage of the self-attention
mechanism. Given a speech input sequence x ∈ X T , consisting
of T speech frames, the encoder function u = feϕ(x) produces
an output u ∈ RF . Here, F represents the dimension of the
acoustic representation, and ϕ denotes the encoder parameters.

The transformer decoder function takes the encoder repre-
sentation u, a prompt p ∈ VL, and the previous tokens, ti−1. It
then predicts the next token t̂i = fdψ(u,p, t

i−1), where t̂i ∈ V
and ψ represents the set of decoder parameters. Given a training
set of M examples, S = {(xj ,pj , tj)}Mj=1, the ASR is trained
to minimize the empirical loss:

min
{ϕ,ψ}

∑
j

∑
i

LCE(fdψ(feϕ(xj),pj , ti−1
j ), tij

)
, (1)

where LCE(t̂, t) is the cross-entropy loss between the a pre-
dicted token, t̂, and the correct one, t.

Expanding upon Whisper’s architecture and optimization,
our goal is to guide its predictions toward specific keywords
(which can represent out-of-vocabulary or rare words), while
preserving the overall performance of the rest of the words in
the language. Our approach is based on utilizing decisions from
an open vocabulary KWS model [24].

Let K represent a set of keywords, with each keyword
k ∈ K defined as a sequence of tokens within the token vo-

cabulary VL. The KWS [24] employs a function ŷ = fkθ (u,K)
that takes as input the encoder representation u and the set of
keywords K, and predicts a binary vector ŷ ∈ {0, 1}|K|. This
vector indicates the presence or absence of each keyword within
the input utterance. The KWS parameters, θ, are optimized to
minimize the cross-entropy loss:

min
θ

∑
j

∑
(k+j ,k

−
j )∈K

LCE(fkθ (uj ,K)
)
. (2)

The KWS prediction vector ŷ is then used to generate a
prompt that is passed to the Whisper decoder. We introduce
two novel approaches for guiding Whisper’s predictions toward
the identified keywords. In the first approach, KG-Whisper,
we fine-tune Whisper’s decoder while freezing the encoder. In
the second approach, KG-Whisper-PT, we tune the prompt by
adding a learned prefix to it, while freezing the encoder the de-
coder. In both approaches we keep the KWS model freezed.

2.1. KG-Whisper: Keyword-guided tuned-decoder

Our first approach involves fine-tuning the decoder parameters
ψ. Here, each training example is a tuple of a speech repre-
sentation u, a prompt pKWS(u,K) generated from the KWS, the
previous (correct) tokens ti−1, and the next token ti:

min
ψ

∑
j

∑
i

LCE(fdψ(uj ,pKWS(uj ,K), ti−1
j ), tij

)
. (3)

Namely, we fine-tune the decoder parameters to minimize the
CE loss over pairs of speech representations and KWS prompts.

2.2. KG-Whisper-PT: Keyword-guided prompt-tuning

In the second method, we learn a prefix to the prompt that the
KWS generates, q ∈ RN×D , composed of N tokens, where
each token is a vector in RD . This is done by minimizing the CE
loss, while keeping the Whisper’s encoder and decoder frozen.

min
q

∑
j

∑
i

LCE(fdψ(uj , [q pKWS(uj ,K)], ti−1
j ), tij

)
, (4)



(a) KG-Whisper (b) KG-Whisper-PT

Figure 2: Visualization of the cross-attention weights for KG-Whisper and KG-Whisper-PT. We illustrate how the model’s attention is
directed towards the identified keywords (Y-axis) as it predicts them within the transcribed text (X-axis).

Table 1: WER and F1 results for Voxpopuli test dataset.

Voxpopuli

WER ↓ F1 ↑ # Params

KG-Whisper – Oracle 9.41 97.53 906M
KG-Whisper-PT – Oracle 10.86 95.91 15K

Whisper 13.39 81.77 −
Whisper + prompt 16.70 83.77 −
Whisper FT 11.57 82.54 906M
Whisper PT 12.83 90.38 15K

KG-Whisper 9.78 91.54 906M
KG-Whisper-PT 11.10 95.25 15K

where ψ denote the frozen parameters of the decoder.
In this paper, we highlight the application of contextual bi-

asing with a keyword spotter, focusing specifically on Whisper.
However, we note that both approaches outlined in this work
apply to any encoder-decoder-based ASR system.

2.3. Training strategy

Throughout the training phase, we emulate the KWS predic-
tions by dynamically generating a collection of positive and
negative keywords for each audio input within the batch. First,
we randomly select the quantity of keywords in the prompt,
varying between 1 to 5. Next, for each keyword, we determine
if the keyword is positive or negative through a coin flip, with a
0.9 probability assigned to positive keywords. Finally, we de-
termine the keyword length by randomly sampling the number
of tokens for each keyword term, ranging from 1 to 4. Posi-
tive keywords are sampled from the transcript of the input audio
sample, while negative keywords are generated from other ran-
domly selected samples within the batch. After sampling the
keywords we concatenate them with | delimiter. To pass the
keyword as context to the decoder module, we place them be-
tween the ⟨start of prev⟩(SOP) and ⟨start of transcript⟩(SOT)
tokens, as depicted in Figure 1.

3. Experiments
In this section, we evaluate KG-Whisper and KG-Whisper-PT
using several datasets and learning setups.
Datasets. We use several well-known datasets. Voxpopuli [27]:
a comprehensive collection of recordings from the European
Parliament, making it a diverse speech dataset. The dataset
includes more than 1600 hours of annotated speech from 16
languages. UWB-ATCC [28]: The Ultra-Wideband Air Traf-
fic Control Communications dataset contains radio communi-
cations between aircraft pilots and air traffic control systems.
This dataset is extremely challenging for ASR models due to
high levels of noise exceeding 20dB. Medical [29]: collection
of medical reports made by patients including over 6600 utter-
ances. Fleurs [30]: a diverse multilingual dataset with 12 hours
of annotated audio from 102 languages.
Data preprocessing. We follow the data preprocessing
paradigm presented by [3, 24]. We resample the audio samples
to 16Khz followed by log-magnitude Mel-spectrogram gener-
ation. Specifically, we generate 80-channel Mel-spectrograms
using 25-millisecond windows and 10-millisecond stride.
Experimental setup. We train KG-Whisper and KG-Whisper-
PT on Voxpopuli dataset for 30K update steps using batch size
of 4 and 1e−7 and 5e−4 learning rate, respectively. Unless
stated otherwize, we use a 12 token prefix prompt for KG-
Whisper-PT. We use a frozen version (i.e., without trainable
parameters) of AdaKWS [24] as the keyword spotter. In the
evaluation step, we query the keyword spotter with 20 keywords
for each audio sample. Among these keywords, 3 are positive,
meaning they appear in the audio utterance, while the remain-
ing 17 are negative. The keywords are sampled proportionally
to the term frequency–inverse document frequency [31] scores.

We report common metrics in ASR domain, namely Word
Error Rate (WER), and the F1 score for the positive keywords.
Baselines. We compare our methods to several natural base-
lines. The compared methods include: (1) Whisper - a pre-
trained Whisper large-v2 model. (2) Whisper + prompt - pro-
viding keywords detected by the keyword spotter as prompt to
a pre-trained Whisper large-v2 model. (3) Whisper FT - Whis-
per large-v2 model with fine-tuned decoder. (4) KG-Whisper-



Table 2: Out of domain generalization: WER and F1 results for
UWB-ATCC and Medical test datasets.

UWB-ATCC Medical

WER ↓ F1 ↑ WER ↓ F1 ↑

Whisper 76.55 24.54 7.33 80.50
Whisper + prompt 55.27 61.57 32.82 68.71

KG-Whisper 56.09 67.75 6.87 88.74
KG-Whisper-PT 57.88 70.89 6.15 96.58

Oracle - KG-Whisper with optimal KWS, i.e., providing the
positive ground truth keywords as prompt. (5) KG-Whisper-
PT-Oracle - KG-Whisper-PT with optimal KWS.

3.1. Multi-lingual Finetuning

First, we evaluate KG-Whisper and KG-Whisper-PT using the
Voxpopuli dataset. We use the training set to fine-tune the de-
coder of KG-Whisper, or the prefix prompt of KG-Whisper-PT,
and evaluate the performance using the test set. The results are
presented in Table 1. KG-Whisper surpasses Whisper variations
by a notable margin, demonstrating enhancements of 1.8% in
WER and 9% in F1 metrics compared to the top-performing
baseline. The increase in F1 score suggests that our method
effectively guides Whisper towards the provided context key-
words, resulting in a higher frequency of positive keyword ap-
pearances in the predicted transcript compared to other base-
lines. Furthermore, KG-Whisper-PT shows a 2.3% reduction in
Whisper’s WER, while utilizing a mere 15K learnable parame-
ters. Moreover, both KG-Whisper and KG-Whisper-PT achieve
comparable results to their Oracle baseline counterparts which
applied to the ground truth keywords as prompt. Remarkably,
Whisper + prompt exhibits inferior performance compared to
the naive Whisper. We observed that this discrepancy stems
from the fact that presenting prompts without fine-tuning en-
courages Whisper to generate hallucinated content.

3.2. Out of domain generalization

We further investigate KG-Whisper and KG-Whisper-PT ability
to generalize to out-of-domain datasets characterized by chal-
lenging acoustic environments, domain-specific jargon words,
and new languages. Here, we use the KG-Whisper and KG-
Whisper-PT models trained on the Voxpopuli dataset. No-
tably, our evaluation involves datasets not used during the train-
ing process of the ASR and the KWS model, namely zero-
shot learning setup. First, we evaluate our methods on UWB-
ATCC [28] dataset which presents acoustic challenges due to
poor signal-to-noise ratio. The noise, originating from radio
communication, reaches over 30dBs at peak, making UWB-
ATCC challenging even for state-of-the-art ASR systems like
Whisper. Next, using the Medical [29] dataset, we test how
well KG-Whisper and KG-Whisper-PT handle out-of-domain
jargon words. Specifically, the Medical dataset contains jargon
words from the medical domain which we assume that Whis-
per was less exposed to during training. Finally, we randomly
select 6 low-resource languages from the Fleurs [30] dataset to
evaluate generalization to unseen languages that were not rep-
resented in Whisper’s training data (Estonian: ET, Hungarian:
HU , Latvian: LV, Slovenian: SI, and Uzbek: UZ). The results
are presented in Tables 2 and 3. We show that KG-Whisper-
PT achieves substantial improvement over Whisper baselines,

Table 3: Generalization to unseen languages: WER results for
unseen languages from Fleurs dataset.

ET HU LV SI UZ

Whisper 24.96 19.14 25.91 25.82 86.69
Whisper + prompt 21.18 23.19 23.94 27.95 81.30

KG-Whisper 18.39 15.90 22.44 21.24 80.39
KG-Whisper-PT 17.67 15.68 21.95 20.98 80.94

improving both WER and keywords F1 on UWB-ATCC and
Medical datasets. Additionally, our method enhances Whisper’s
WER performance on all randomly selected languages from
the Fleurs dataset. Overall, KG-Whisper-PT yields an average
WER improvement of 5.1% over Whisper.

Table 4: Learned prompt ablation: test results on Voxpopuli and
Medical datasets with varying number of learned tokens.

Voxpopuli Medical

WER ↓ F1 ↑ WER ↓ F1 ↑

4 tokens 11.72 94.66 6.42 96.37
8 tokens 11.54 94.97 6.69 96.22
12 tokens 11.10 95.25 6.15 96.58
16 tokens 11.29 95.35 6.17 96.61
20 tokens 11.27 95.18 6.27 96.38
24 tokens 11.95 94.11 6.91 95.62

3.3. Ablation study

We empirically investigate the effect of learned prompt length
on the performance of KG-Whisper-PT. Specifically, we evalu-
ate KG-Whisper-PT on Voxpopuli and Medical datasets while
varying the number of learnable tokens ranging from 4 to 24
tokens. The results, presented in Table 4, demonstrates that the
WER increases when the prompt length either decreases or in-
creases, with the best WER and F1 results are shown for 12 and
16 tokens. For longer prompts, the decoder tends to introduce
more widely insertion errors. These errors originated in hallu-
cinations [32], whereas undesirable text is generated. In addi-
tion, long prompts increase the computational demand of the
decoder. In contrast, shorter prompts provide limited context
for the decoder, causing it to omit words or part of the original
speech, which leads to an increase in deletion errors.

4. Conclusion
Whisper is almost as good as a human listener for recogniz-
ing speech under varying environmental conditions. However,
its performance declines in specialized spoken domains char-
acterized by rare words or jargon language. This paper intro-
duces two novel techniques designed to enhance Whisper’s de-
tection of specific words by leveraging keyword spotting. Uti-
lizing prior knowledge on the domain and keyword spotter, our
method provides context to Whisper and boosts its transcrip-
tion capabilities. Both methods outperform Whisper baselines
on various datasets, even in challenging acoustic environments.
Additionally, we demonstrate that our methods can generalize
to novel languages. We are confident that our paper can lead to
further research aimed at improving the resilience and robust-
ness of speech foundation models.
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