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Abstract
End-to-end (E2E) approach is gradually replacing hybrid models for automatic speech recognition (ASR) tasks.
However, the optimization of E2E models lacks an intuitive method for handling decoding shifts, especially in
scenarios with a large number of domain-specific rare words that hold specific important meanings. Furthermore,
the absence of knowledge-intensive speech datasets in academia has been a significant limiting factor, and the
commonly used speech corpora exhibit significant disparities with realistic conversation. To address these challenges,
we present Medical Interview (MED-IT), a multi-turn consultation speech dataset that contains a substantial number
of knowledge-intensive named entities. We also explore methods to enhance the recognition performance of rare
words for E2E models. We propose a novel approach, post-decoder biasing, which constructs a transform probability
matrix based on the distribution of training transcriptions. This guides the model to prioritize recognizing words in the
biasing list. In our experiments, for subsets of rare words appearing in the training speech between 10 and 20 times,
and between 1 and 5 times, the proposed method achieves a relative improvement of 9.3% and 5.1%, respectively.
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1. Introduction

Automatic speech recognition (ASR) is a funda-
mental task that converts speech signals into corre-
sponding textual formats. The hybrid model (Dahl
et al., 2011; Hinton et al., 2012) consists of dis-
tinct components: an acoustic model, a language
model, and a lexicon. Subsequently, the sequence-
to-sequence paradigm (Graves, 2012; Sutskever
et al., 2014; Chan et al., 2016; Prabhavalkar et al.,
2017) has provided an E2E pattern, gradually re-
vealing its potential to disrupt the research field.
Although this paradigm has shown great superior-
ity, it often declines in the scenarios of many rare
words with low frequency in the training corpus.
These rare words often contain important mean-
ings with a significant impact on downstream tasks
such as question answering. Contextual automatic
speech recognition (CASR) (Aleksic et al., 2015;
Michaely et al., 2017; Pundak et al., 2018; Alon
et al., 2019; Zhao et al., 2019; Le et al., 2021b)
aims to improve the recognition accuracy of hot
words, with the most challenging aspect being rare
words. It finds wide-ranging applications, for in-
stance, in medical consultation or company meet-
ing scenarios. The common characteristic is that
specialized nouns of a knowledgeable nature hold
higher significance, and they may have lower word
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frequencies during training. We refer to such sce-
narios as knowledge-intensive contexts, and we
concentrate on enhancing the performance of E2E
models in recognizing rare words within this setting.

The scarcity of speech data in knowledge-
intensive scenarios, especially multi-turn medical
consultation, has become one of the limiting factors
in the academic community. In medical settings,
the discourse is replete with medical terminology
that is not commonly found in daily language. The
significant roles played by these terms are beyond
the scope of generic data. The industry possesses
the capability to acquire large-scale speech data
from specific settings. Google has recorded medi-
cal dialogues covering 151 different diseases, to-
taling 14,000 hours (Chiu et al., 2017). However,
due to concerns regarding internal corporate infor-
mation and speaker privacy, such data is not made
public. Alternatives adopted by the academic com-
munity include training on general datasets or pre-
collecting audio from relevant domains, which will
lead to severe domain mismatch or great human
workload. In an authentic open-source setting, a
unified speech dataset rich in named entities serves
as a crucial prerequisite for academic methodology
comparison and system optimization.

In light of the current shortage of relevant speech
corpus, this work focuses on two aspects: we con-
struct an English consultation dataset MED-IT. Sub-
sequently, we conduct research on rare word recog-
nition and propose corresponding algorithms. The
main contributions of this paper are as follows:

1) Dataset: We are dedicated to the field of
medical consultations and have segmented authen-
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tic speech data from four departments to build a
knowledge-intensive speech corpus called MED-IT.
This corpus consists of multi-turn conversational
medical dialogues and includes a substantial num-
ber of named entities such as medication names,
disease symptoms, and treatment plans. It offers
robust data support for CASR experiments and
other related research.

2) Algorithm: We propose a novel lightweight
and portable scheme called post-decoder biasing
to enhance the recognition of rare words. Com-
pared to previous approaches, our method has
a minimal impact on the recognition of non-rare
words. Furthermore, it can be easily integrated into
different E2E models without significant computa-
tional cost or decoding latency.

2. Related Works

2.1.

Constructing a speech corpus in the knowledge-
intensive scenario presents several challenges.
Records in the real world are generally character-
ized by noisy conditions, which makes it difficult to
guarantee speech quality. The introduction of spe-
cialized vocabulary implies that the data annotation
process requires the involvement of professionals.
There are also ethical concerns, such as privacy
protection. Prior to data being made public, it ne-
cessitates scrutiny and protective measures, espe-
cially in contexts like medical consultations. Due
to the limited availability of knowledge-intensive
speech corpora, most studies on CASR have been
conducted using general datasets. Many experi-
ments are conducted on LibriSpeech (Panayotov
etal.;Leetal., 2021b; Han et al., 2022), while some
researchers prefer GigaSpeech (Chen et al., 2021;
Fox and Delworth, 2022).

Knowledge-intensive datasets align closely with
real-world applications, providing excellent mate-
rial for CASR. To our knowledge, only Earnings-21
(Del Rio et al., 2021) meets the requirements. It
collects English speech from nine different financial
sectors, totaling 39 hours, which includes special-
ized domain-specific factual terms such as organi-
zation, company names, and financial vocabulary.
However, there has consistently been a shortage of
knowledge-intensive speech data in medical con-
sultation scenarios and many other settings.

Knowledge-Intensive Corpus

2.2. E2E Contextual Speech Recognition

As the superiority of E2E speech recognition sys-
tems gradually becomes evident, research in CASR
has also shifted towards this paradigm. Previous ef-
forts primarily encompass three approaches: shal-
low fusion based on language models (Aleksic et al.,
2015; Williams et al., 2018; Kannan et al., 2018;

Zhao et al., 2019), deep context utilizing attention
mechanisms (Pundak et al., 2018; Han et al., 2022),
and deep biasing based on word pieces (Le et al.,
2021b,a; Zhang and Zhou, 2022). Shallow fusion
enhances the prediction probability of rare words
by refining the language model for specific vocabu-
lary. This approach has been extensively studied
in both hybrid models and E2E systems. The deep
context approach explicitly incorporates information
from the biasing list into the network architecture.
A bias encoder is used to generate embeddings for
rare words. Deep biasing takes advantage of the
powerful representation and modeling capabilities
of neural networks. It constructs a prefix tree at
the word pieces level, capturing the concatenation
patterns of word segments in the biasing list. This
process occurs simultaneously with decoding, facil-
itating the retrieval of potential subsequent context
concatenation patterns.

2.3. Multimodal Knowledge Fusion

For multimodal processing, the lexicon of text
modality provides an intuitional method for knowl-
edge fusion. Taking the field of multimodal emo-
tion detection as an example, emotion lexicons
compass the importance of tokens in the specific
task. Words imbued with significant emotional va-
lence are assigned higher weights, consequently
affording them greater prominence in subsequent
recognition and detection processes. The lexicon
has been widely used by concept and knowledge
retrieval for enhancing meaningful words (Zhong
et al., 2019). Other works directly fuse the informa-
tion from the word list with the feature vectors of the
textual modality (Zhao et al., 2023). In the field of
speech recognition, a similar approach is proposed
by Das et al. (Das et al., 2022), which introduces a
knowledge graph as an external knowledge base.
After the first decoding is completed and one of the
hot words is correctly recognized, they guide the
model to recognize another real word located at a
neighboring node by adding additional language
model scores. However, such a knowledge-based
lexicon is not always available for CASR. Instead,
the biasing list provides the importance rate, which
can be fused directly into the decoding process
alongside the connection distribution of recognition
units obtained from the training transcriptions.

3. MED-IT Dataset
3.1.

A previous study has collected real-life simulated
clinical consultation speech recordings in a hospital
(Fareez et al., 2022). Each dialogue involves one
doctor and one patient, both portrayed by medical
students, ensuring no potential issues related to

Creation Pipeline
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Figure 1: Creation pipeline of MED-IT. Data collection was done in published research. Cleaning and
segmentation on both modalities have been performed serialized for textual-speech alignment, and then

manual examination for exception handling.

privacy disclosure. However, accurate time annota-
tion has not been released, and transcription qual-
ity is not trustful. Building upon this open-source
corpus, we establish the MED-IT speech dataset,
which can be applied to recognition tasks. Our data
processing procedure is present in Figure 1:

1) Data Cleaning: We employ a standardized
annotation approach for cleaning textual annota-
tion, including using a special token to represent
colloquial pauses, converting special characters
based on their pronunciation, and systematically
rectifying annotation format errors. Speech wav
with great noise or overlap is discarded.

2) Data Segmentation: The original audio seg-
ments typically have durations of over ten minutes.
Obtaining precise utterance-level alignment is a
necessary step in speech recognition training. The
Montreal Forced Aligner (MFA) (McAuliffe et al.,
2017) is initially applied for forced alignment. We
acquire the pronunciation time annotations of each
word in a long conversation as a basis for seg-
menting speech. Sentence-level split on text is
performed to ensure the correspondence between
speech wav and transcription. Practical experience
has shown that the performance of the MFA is
closely tied to the acoustic environment. For the few
instances where significant alignment errors occur,
we utilize the phonetic software Praat (Boersma
and Van Heuven, 2001) for re-segmentation and
annotation. To ensure computational efficiency, we
limit the duration of each individual utterance to
within 24 seconds. Any statements exceeding this
duration are further spilit.

3) Data Examination: After the initial segmenta-
tion, we conduct regular interval sampling checks
on the speech data to prevent any potential audio
offsets in shorter passages. Additionally, a small
portion of multi-channel audio was converted into
single-channel through linear interpolation. The in-
spected speech data exhibits appropriate durations
and precise alignment with the text annotations.

3.2. Dataset Details and Application

MED-IT is a medical consultation speech corpus
recorded in real-world scenarios. The doctor-
patient dialogues are structured according to
the Objective Structured Clinical Examination
(OSCE) (Zayyan, 2011). The main process in-
cludes the patient’s introduction of symptoms, the
doctor’s inquiries about the disease condition, and
finally, diagnostic and treatment recommendations.
Our speech dataset encompasses diagnostic and
treatment consultant recordings from four depart-
ments: Respiratory (RES), Musculoskeletal (MSK),
Gastrointestinal (GAS), and Cardiovascular (CAR).
Among these, the majority of the recordings per-
tain to RES, with the composition ratios and other
details as illustrated in Figure 2.

MED-IT is a standard speech dataset that can be
used to evaluate speech recognition models. It con-
tains a significant number of medical-specific terms
that are not commonly found in general corpora.
This presents a greater and unique challenge for
ASR and can be used as evaluation data to assess
the generalization capability. The main objective
of constructing this dataset is CASR. In addition,
MED-IT can also be utilized for research in the
field of natural language processing. For exam-
ple, the manually annotated textual data can be
used to train named entity recognition (NER) mod-
els with additional annotations. It can also be used
to develop semantic understanding and dialogue-
generation models for doctor-patient interactions
based on the standard OSCE diagnostic process.

Previous work has shown significant interest in
this corpus for ASR tasks, although there is still a
performance gap (Liu et al., 2023; Whetten et al.,
2023). The entire MED-IT dataset and also the
annotations have been uploaded to Hugging Face'.

'"The dataset with transcriptions will be made
available at https://huggingface.co/datasets/
Sand0l14/Medical_Interview
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Figure 2: Statistics of our dataset. (a) shows the speech duration of each department with RES making
the most. (b) shows the number of seconds per utterance, with most lasting for less than 10 seconds. (c)
indicates the partition portion of each biasing list, and (d) shows word slices from them.

3.3. Biasing List Selection for CASR

As for the CASR task, we select words with training
set frequencies falling into the ranges of (10,20],
(5,10], (1,5], and 1 to form different subsets of rare
words. Figure 2(c) exhibits the statics of the parti-
tion of rare word subsets with different frequencies,
with the outer ring indicating the portion of unique
words in each rare word set (i.e. word "vaccine"
accounts for 1 even if it occurs 20 times), and other
rings indicating the total frequency in each evalu-
ation set(i.e. "vaccine" accounts for 5 if it occurs
5 times in corresponding set). Figure 2(d) shows
part of the biasing rare words, with the word size
proportional to the relative word frequencies. It
can be observed that, although the construction
of rare word subsets is based on word frequency
rather than semantics, it contains a large number
of knowledge-intensive named entities, such as hu-
man organs, disease symptoms, and drug names.
Rare words carry rich semantic information, and
accurately recognizing these vocabulary items will
have a profound impact.

4. Post-Decoder Biasing

Rare words can be considered as hot words that
appear less frequently in the training set. While

the textual transcription in speech recognition in-
ference is unknown, the decoded hypothesis pro-
vides an unbiased recognition probability, along
with an approximate confidence score. In addition,
training transcription provides pivotal connection
distribution in-domain, which serves as a steady
knowledge base for decoded hypothesis biasing.
As illustrated in Figure 3, the post-decoder fuses
the information from the transcription distribution
and conducts biased recognition results based on
unbiased decoding outputs. This is achieved by the
replacement of recognition units that favor the bi-
asing words. The replacement rules are related to
the word frequency in the training set. By boosting
the word frequencies of rare words, post-decoder
biasing guides the model to consider the rare words
with a suboptimal recognition probability.
Compared to previous approaches, our method
leverages information from the initial decoding and
does not require the introduction of additional knowl-
edge. Furthermore, it avoids the computational
cost and latency associated with architectural im-
provements or secondary decoding fusion.

4.1. Post-Decoder Architecture

The post-decoder introduces a transform probabil-
ity matrix, which facilitates biasing subword replace-
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Figure 3: Overview of the post-decoder biasing for attention-based encoder-decoder. The transcription
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corresponding probability is abnormally high, for "warrant" and "warfarin" are both valid words. The
biasing decoding results are determined by both neural architecture and transform matrix obtained from

the in-domain sub-word combination distribution.

ment. Generally, common words appear more fre-
quently in the training set, leading the model to
output higher probabilities for corresponding sub-
word units during inference. On the other hand,
rare words tend to have lower probabilities. If the
model outputs several subword units with the high-
est probabilities that are listed as rare words, it
suggests the possibility of the model incorrectly
identifying a rare word as a common one. Specif-
ically, the decoder outputs token probability with
a shape of [batch, maz_len, bpe_size], where batch
denotes the batch size, max_len represents the
maximum number of subwords in a single sentence,
and bpe_size is the number of tokens chosen by the
model. When the subwords contained in the rare
word list exhibit higher probabilities, the replace-
ment probability matrix executes substitutes from
non-rare words to rare words. We incorporate a
linear layer connection and use the output proba-
bilities as the basis for recognizing the E2E model.
The added network in the post-decoder biasing ar-
chitecture is a single connected layer, which results
in minimal time delay and computation cost.

4.2. Transform Matrix Calculation

The transform matrix models the replacement prob-
abilities of byte pair encoding (BPE) units. We do
not employ any criteria related to pronunciation but
rather consider the concatenations and word com-
binations in the training transcriptions to obtain an
approximate statistical representation. Assuming a
BPE partition B = (b1, ba, ..., b)), the replacement
probability matrix 7" ideally represents the probabil-
ity of replacing b; with b; as T;;. Constructing the
transform matrix involves the computation of the
following two steps:

1) Computing BPE connection probabilities.
We divide BPEs into two sets: word prefixes or

standalone tokens P with each element contain-
ing the special marker "_" and word suffixes or
mid-segments .S without special symbols. For the
former, we calculate the subsequent subword unit
distribution for this BPE connection as follows:

pl = Mij
LD ik

p{ represents the probability of subword unit b;
immediately following word prefix (or standalone
token) b; within the corpus domain and without any
prior conditions, and n;; denotes the frequency of
subword unit b; immediately following word prefix
b; in the training set. Similarly, for word suffixes
and mid-segments, we calculate the distribution of
word pieces connected before them:

(b; € P) (1)

! Zk Nk

2) Calculating BPE replacement probabilities.
For subword unit b;, assuming the replacement
probability is p;, the probability of not being re-
placed is 1 — p;, i.e., T;; = 1 — p;. We model the
replacement probability of BPE as the substitutabil-
ity of subword units in the training text, following
the calculation method as follows:

(b; € 5) ()

T;; :pv',Zpri (t#ji#kj#k) (3)
%

The calculation of the transform matrix is done
independently before the training of the neural net-
work, which means it does not affect the efficiency
of the training and inferring process. Additionally,
we have not introduced any additional prior knowl-
edge or relied on pronunciation-based similarity. In
practical applications, this approach exhibits strong
scalability, for providing the text annotations of the
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training set (the in-domain BPE combination distri-
bution) is always sufficient.

5. Experiments Setup

5.1.

Experiments are conducted on MED-IT, which has
been explained in Section 3. In the following work,
we implement E2E models for the CASR task. Most
experiments are conducted for biasing lists with
frequencies of (10,20] and (1,5] to represent rare
words with relatively higher frequencies and ex-
tremely low occurrence in the training corpus.

As for the evaluation metrics, WER (word error
rate) is the most popular choice for assessing the
overall performance of a speech recognition sys-
tem. We introduce a similar concept into rare word
recognition, defining RWER (rare word error rate)
as the evaluation metric for recognizing rare words.
It encompasses deletion errors and substitution
errors for rare words, as well as insertion errors
where rare words wrongly appear in the decoding
hypothesis.

Dataset and Evaluation

5.2. Model Specification

One noteworthy exemplar of E2E speech recog-
nition is the Attention-based Encoder-Decoder
(AED) (Chan et al., 2016), which utilizes an at-
tention mechanism to enhance the importance of
specific information. Connectionist temporal classi-
fication (CTC) (Graves et al., 2006) uses interme-
diate representation allowing repetitions of labels
and blank tokens. The model widely used to lever-
age both advantages is CTC-Attention (Watanabe
et al., 2017), which we use as our recognition back-
bone. The implementation is carried out following
the instructions of the well-known ESPnet (Watan-
abe et al., 2018) toolkit. We use Conformer (Gulati
et al., 2020) as our encoder, which is improved
from Transformer (Vaswani et al., 2017) by captur-
ing both long-distance and local representations.
Our Conformer encoder contains 6 blocks, with
hidden linear units df/ = 1024 and attention out-
put size d®* = 256. Attention head H is set to 4
and the front CNN kernel size is 31. As for the
decoder, we use the Transformer with 6 blocks
(d7f =1024,H = 8). We use 1k BPE as our recog-
nition unit obtained by SentencePiece (Kudo and
Richardson, 2018). In addition to the attention train-
ing objectives, We use a certain degree of CTC loss
function. CTC weight X is 0.3 during both training
and infering. SpecAugment (Park et al., 2019) is ap-
plied with time mask width T' = 40 and frequency
mask with F = 30. We train our model on two
24GB 3090 RTX GPUs for 80 epochs. The top
10 checkpoints are preserved for model averag-
ing. It is worth mentioning that our model does

not employ the common batching method used in
ESPnet. Instead, we strive to ensure that the same
conversation is assigned to the same worker in
data parallelization, which provides a certain opti-
mization for the recognition of rare words (Kim and
Metze, 2018).

6. Results

6.1. CTC-Attention Results

The most common batch processing modes are nu-
mel (num element) and unsorted. Both involve ran-
dom iterations, with the distinction lying in whether
the sampling within each batch is sequential or ran-
dom. We implement dialog batch, which aims to
ensure that utterances in the same dialogue are
assigned to the same worker in distributed train-
ing. Any discrepancies caused by varying utter-
ance quantities are compensated for by padding
at the end. The optimal parameters we use and
the experimental results obtained with three differ-
ent batch processing modes are shown in Table 1.
RWER(20) stands for the word error rate of the
subset with frequencies between 10 and 20 in the
training set, and similarly, RWER(10) quantifies the
recognition performance of words with frequencies
between 5 and 10. Although the unsorted batch
achieves the best overall performance on the whole
dataset, the dialog batch shows superiority in rare
word recognition, which will be used in the following
experimental settings. It is worth mentioning that
the recognition performance is much better than
previous studies with self-trained or commercial
systems on the origin corpus(over 21% WER) (Liu
et al., 2023; Whetten et al., 2023), thanks to our
decent dataset preprocess.

6.2. Post-Decoder Biasing Results

To evaluate the performance of post-decoding bi-
asing for CASR, we increase the frequency of each
word in the rare word subset of (10,20] and (5,10] by
100 and calculate the transform probability matrix
T'. Before that, it is necessary to quantify p;. Here,
we treat p; as a hyperparameter based on empiri-
cal knowledge. In the next subsection, we will use
an automatic and quantified method to specify this
value. To some extent, p; affects the confidence
threshold of the recognition probability from the
decoder: the larger p;, the higher the confidence
threshold, and only the optimal outputs that exceed
this confidence threshold will be retained, while out-
puts with confidence below this threshold will be
replaced with biasing tokens towards rare words. In
general, recognition units with lower word frequen-
cies in the training set tend to have fewer learned
features, resulting in smaller corresponding prob-
abilities. Therefore, we choose larger values of p;
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Table 1: Experiment results on MED-IT(%)

Method/Batch biasingset p; WER RWER(20) RWER(10) RWER(5) RWER(1)
Azure(Whetten et al., 2023) - - 21.0 - - - -
IFNT(Liu et al., 2023) - - 223 - - - -
CTC-Attention
Numel - - 17.4 40.4 55.9 70.0 88.1
Unsorted - - 15.5 38.0 48.1 66.8 84.1
Dialog - - 16.0 37.8 471 67.3 82.8
(1,5] 0.3 164 38.3 50.4 66.3 82.1
(1,5] 0.7 16.2 35.6 46.6 64.1 80.1
Dialog (10,20] 0.3 164 34.3 46.3 67.1 80.1
(10,20] 0.7 16.2 36.1 49.6 68.6 83.4
(1,5] Auto 16.3 35.3 48.4 63.9 82.1
(10,20] Auto 15.9 345 491 66.1 82.7
for rare words with lower frequencies and smaller
values for rare words with relatively higher frequen-
cies. The experimental results with post-decoder 0.9 n; > 1000
biasing are shown in the third part of Table 1. pi=140.9 T 100 < n; < 1000 (4)
The baseline experiment using dialog batch with- 1000
0.09 n; < 100

out rare words biasing achieves rare word error
rates of 37.8% and 67.3% for the two subsets re-
spectively. When using the post-decoder and in-
creasing the word frequency with occurrences in
the range of (1,5] by 100 times, the corresponding
rare word error rate can be reduced to 34.3% with a
relative improvement of 9.3%. Similarly, increasing
the word frequency with occurrences in the range
of (10,20] by 100 times leads to a rare word error
rate of 64.1% with 4.8% relative improvement.

6.3. Automatic Tuning Results

For a subword unit BPE b;, if it occurs frequently
enough in the training set, the decoding probability
tends to be stable for many speech features learned
by the neural model. In this case, we choose a
higher p; which means a high threshold to keep the
output unchanged. Let n, denote the frequency of
b; in the training transcriptions. The auto-selection
process is present in Equation 4. We follow the lin-
ear interpolation scheme and avoid the need to ad-
just hyperparameters for different frequency ranges
of rare word subsets. The experimental results,
shown in the third part of Table 1, demonstrate that
the automatic adjustment of replacement proba-
bilities leads to similar performance. It achieves
a relative reduction of 5.1% in RWER on the sub-
set of extremely rare words with occurrences in
the range of (1, 5]. Furthermore, it shows minimal
degradation in performance on the other subset. It
is worth noting that various interpolation schemes
have minimal influence on the efficacy of rare word
recognition. Therefore, the primary consideration
should be the associated computational cost.

6.4. Ablation Experiment

In order to demonstrate the joint effectiveness of
each component of the post-decoder, we conduct
ablation experiments, constructing the same struc-
ture that solely uses the replacement probability ma-
trix, or adds a linear layer. The same architecture
without increasing the training set word frequency
is also conducted. The experimental results are
shown in Table 2.

Compared to the direct decoding results, using
only a linear layer as the post-decoder leads to a
slight decline in overall recognition performance
(from 16.0% to 16.5%), while the recognition perfor-
mance of rare word subsets remains approximately
unchanged. Using only the probability replacement
matrix without enhancing the probabilities of rare
words also results in a degradation of the overall
recognition performance. At the same time, no
stable gain in rare word recognition is observed.
Enhancing specific subsets and changing the trans-
form matrix alters the model’s output distribution,
leading to a noticeable decline in both the overall
accuracy and rare word recognition performance.
When only enhancing the (10,20] rare word subset
with the replacement probability matrix, the recog-
nition performance of this subset remains stable
(first and sixth row), while the recognition abilities
of other subsets decline dramatically. We believe
that the enhancement of the probability replace-
ment matrix changes the distribution tendency of
the model’s output, but its quantification is achieved
through the linear layer. We implement the com-
plete post-decoder but do not enhance the training
set frequencies (seventh and eighth row). The ex-
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Table 2: Ablation Experiment for Post-Decoder(%)

inear TM Dbiasingset p; WER RWER(20) RWER(10) RWER() RWER(1)

- - - -~ 16.0 378 471 67.3 828

- - - 165 37.1 50.1 67.3 82.8
- v - 0.3 164 37.6 47.9 67.3 85.4
- v - 0.7 163 37.3 48.1 67.3 83.4
- v (1,5] - 166 38.4 49.1 71.0 85.4
- v (10,20] - 168 37.8 52.6 70.3 86.1
VY - 0.3 16.1 37.3 46.6 67.6 82.8
v oV - 0.7 163 37.3 48.6 66.6 86.8
VAR 1,5] 0.7 16.2 356 46.6 64.1 80.1
v v (1020] 03 164 34.3 46.3 67.1 80.1

periment shows a relatively small impact on the
overall recognition performance of the model, de-
creasing from the baseline of 16.0% to 16.1% and
16.3%. However, there is no significant gain in
rare word recognition (less than 1%). The probabil-
ity replacement matrix without rare word enhance-
ment has a minor impact on the output distribution.
Although it provides the possibility of substituting
suboptimal paths, it does not guide the model in a
specific direction during inference.

6.5. Rare Words Enhancing Frequency

In the previous experiments, we increase the word
frequency of the biasing subset in the training set by
100 times when constructing the transform matrix.
In this subsection, we investigate the effects of the
increased rare word frequency on the recognition
performance. We use six different frequencies to
construct the replacement probability matrix. The
performance of post-decoder biasing with different
enhancing frequencies is illustrated in Figure 4.
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Figure 4: Relative rare words recognition improve-
ment with different enhancing frequencies. Neg-
ative values indicate a certain degree of decline
compared to the baseline.

The experimental results indicate that the fre-
quency enhancement affects the performance of

post-decoder biasing. For rare words with ex-
tremely low frequencies in the training set, even
with an enhancement of 1000 times, there is still
a performance gain. However, for other rare word
subsets, a certain decrease in recognition per-
formance is observed. As for relatively higher-
frequency rare words, when the frequency en-
hancement exceeds 500 or 1000 times, the post-
decoder shows a negative impact on this rare
word subset. In general, with higher frequency
enhancements, the model’s replacement proba-
bility increases, leading to a decline in rare word
deletion errors and an increase in insertion errors.
The increase in insertion errors is more noticeable
when the rare word subset itself has a relatively
high decoding score. Among the enhancing fre-
quencies, 100 shows the best performance for all
the biasing lists. It is encouraging because when
the experiment performs well on a specific subset
of rare words, this hyperparameter should also be
applicable to other subsets.

7. Conclusion

In knowledge-intensive scenarios, rare words of-
ten have extremely important meanings. How-
ever, the scarcity of speech datasets in this con-
text has limited academic research. In this study,
we reconstruct a speech corpus focused on med-
ical inquiries, which contains a wealth of special-
ized named entities. To enhance the E2E model’s
ability to recognize rare words, we propose a
lightweight and easily transferable post-decoder
biasing method. The experiments show that post-
decoder has a positive effect on CASR. By simply
increasing the word frequency, the model achieves
relative performance improvements of 9.3% and
5.1% on two subsets of rare words with frequency
ranges of (10,20] and (1,5], respectively. In future
work, we will explore rare word replacements based
on pronunciation similarities and word-level rules.
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