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Abstract—Effectively distinguishing the pronunciation corre-
lations between different written texts is a significant issue in
linguistic acoustics. Traditionally, such pronunciation correlations
are obtained through manually designed pronunciation lexicons.
In this paper, we propose a data-driven method to automatically
acquire these pronunciation correlations, called automatic text
pronunciation correlation (ATPC). The supervision required
for this method is consistent with the supervision needed for
training end-to-end automatic speech recognition (E2E-ASR)
systems, i.e., speech and corresponding text annotations. First,
the iteratively-trained timestamp estimator (ITSE) algorithm is
employed to align the speech with their corresponding annotated
text symbols. Then, a speech encoder is used to convert the
speech into speech embeddings. Finally, we compare the speech
embeddings distances of different text symbols to obtain ATPC.
Experimental results on Mandarin show that ATPC enhances
E2E-ASR performance in contextual biasing and holds promise
for dialects or languages lacking artificial pronunciation lexicons.

Index Terms—automatic word pronunciation correlation, end-
to-end ASR, contextual biasing, lexicon

I. INTRODUCTION

Pronunciation plays a crucial role in linguistic acoustics, especially
when dealing with languages that exhibit a high degree of phonetic
variability. The ability to effectively distinguish pronunciation cor-
relations between different written texts is important for improv-
ing various language processing tasks, such as automatic speech
recognition (ASR) and text-to-speech (TTS) [1]]-[4]. Traditionally,
these pronunciation correlations have been obtained through the
manual design of pronunciation lexicons. However, this approach is
inherently labor-intensive, language-specific [5[], [6].

The advent of E2E-ASR models has brought about significant
advancements in modeling the speech-to-text directly without relying
on handcrafted features or intermediate representations [7]—[10].
However, the vanilla EE-ASR architectures fail to model the text-
to-text pronunciation correlations effectively, the accurate modeling
of pronunciation correlations remains a challenge. This is particularly
true in scenarios where the pronunciation of certain text symbols can
vary depending on dialect, or the presence of specialized vocabulary.
This shortcoming poses significant challenges when implementing
biasing recognition [[11]], [12]], which always requires a more nuanced
understanding of text pronunciation correlation.
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In this paper, we introduce a novel data-driven method for au-
tomatically acquiring pronunciation correlations, termed automatic
text pronunciation correlation (ATPC). Without relying on manually
designed pronunciation lexicons, ATPC leverages the same super-
vision as E2E-ASR systems, utilizing pairs of speech and their
corresponding text annotations. The ATPC generation procedure
consists of three main stages: 1. text-speech alignment; 2. speech
embedding extraction and segmentation; 3. pronunciation corre-
lation calculation. The generation procedure begins by employing
the ITSE algorithm [13]] to align text symbols with the corresponding
speech. Then we use a speech encoder to convert the raw speech
into speech embeddings. We explored several ways to make the
speech embeddings more distinguishable. Finally, the core of the
ATPC method lies in the comparison of speech embedding distances
between different text symbols. By analyzing these distances, our
method can automatically derive pronunciation correlations, effec-
tively distinguishing between subtle variations in pronunciation across
different texts.

The ATPC has multiple potential applications, with one prominent
use being its enhancement of E2E-ASR systems through contex-
tual biasing—where certain keywords or phrases are given higher
recognition priority. We validate the effectiveness of ATPC through
a series of experiments conducted on Mandarilﬂ a language known
for its tonal variations and complex phonetic structure. The results
demonstrate that ATPC not only effectively distinguishes pronunci-
ation distances between different texts but also serves as a useful
plug-in module for E2E-ASR models. The integration of ATPC into
E2E-ASR enhances its ability to handle contextual biasing, leading
to more accurate and reliable speech recognition outcomes.

In general, our work presents a step forward in the automatic
modeling of pronunciation correlations, offering a learnable solution
that can be readily integrated into modern E2E-ASR systems. The
ATPC method represents a promising direction for future research in
linguistic acoustics.

The rest of this paper is organized as follows. In Section [II}, we
describe how we generate the ATPC on Mandarin. In Section we
describe the experimental setups we adopt. Experimental results are
described in Section And we present conclusion and future work
in Section [V]

II. GENERATION PROCEDURE OF THE PROPOSED ATPC

As depicted in Figure [T} the generation of ATPC comprises
three principal stages. Initially, ITSE-based text-speech alignment is
employed to determine the onset and offset timestamps for each char-
acter. Subsequently, speech embeddings are extracted utilizing multi-

IThe Mandarin ATPC matrix will continue updating at https:/github.com/
SpeechClub/ATPC/blob/main/aishell2-mandarin-atpc.txt
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Fig. 1. The overall diagram of generating ATPC, with cl, ¢2, and c3 represent multiple embeddings corresponding to the same character in the training

dataset.

lingual speech representation models, with segmentation aligned to
the derived timestamps. Lastly, the pronunciation correlation between
distinct characters is calculated, culminating in the generation of
ATPC. This entire process is conducted without reliance on special-
ized knowledge such as a pronunciation lexicon.

A. ITSE-based Text-speech Alignment

As illustrated in the left block of Figure [T} ITSE is employed to
conduct text-to-speech alignment. In contrast to CTC-based segmen-
tation, ITSE provides both the start and end accurate timestamps for
each character. In contrast to traditional GMM-HMM-based forced
alignment, ITSE operates without the need for pronunciation lexicons.

Leveraging E2E-ASR, ITSE facilitates token-level text-to-speech
alignment. The training of ITSE begins with coarse initial alignment
targets derived from connectionist temporal classification (CTC) [14]
posteriors. Throughout the training process, iterative realignment
is conducted to refine and update the targets. We use Mandarin
characters as the target token of ITSE. A detailed explanation of
ITSE can be found in [[13].

B. Speech Embedding Extraction and Segmentation

As illustrated in the middle block of Figure [I] to represent the
pronunciation patterns of different Mandarin characters, we use multi-
lingual speech representation models to extract speech embeddings.
We opt for embedding segmentation rather than audio segmentation
because the extraction of speech embeddings relies on contextual
information. Firstly, we extract speech embeddings on the entire
utterance. Secondly, we segment the extracted embeddings according
to the text-to-speech alignment results.

For speech embedding extraction, different layers in the speech
representation models encode different information, where the shal-
lowest layers encode acoustic features, followed by phonetic, word
identity, and word meaning information [[15]. We experiment with
different multi-lingual speech representation models and different
layers to obtain better pronunciation distinguishing ability. The results
are presented in Section It is worth noting that the training of

the multilingual speech representation models we use does not rely
on manually crafted pronunciation lexicons.

For embedding segmentation, speech embeddings are extracted at a
frequency of F' Hz (every 1000/F ms). The segmentation intervals
are determined by dividing the start and end timestamps of each
character by 1000/F ms and rounding the resulting values.

C. Text Pronunciation Correlation Calculation

As illustrated in the right block of Figure [I] the dynamic time
warping (DTW) algorithm [16] is employed to calculate pronunci-
ation correlation. DTW effectively measures the distance between
two embeddings of differing lengths while preserving the sequential
integrity of phonetic elements in Mandarin characters. Firstly, we
construct the embedding set for Mandarin characters. Secondly, we
calculate the pronunciation correlation between each two characters
and generate the ATPC matrix.

For the construction of the embedding set, we randomly select E/
embeddings for each character in the training dataset. If a character
occurs fewer than 7' times, all available embeddings are included.
Characters with fewer than 3 occurrences are excluded to avoid
unreliable correlations due to data scarcity.

For ATPC calculation, we apply DTW as depicted in Figure 2] to
each two characters in the embedding set. We compute Dyorm for all
pairs of embeddings of the two characters and calculate the average
distance as Equation [T]

M N
DlSt(Cj, Ck) = m DTW(‘/] ,Wk ) (1)
m=1n=1

In Equation [T} ¢; and cp represent the jth character and the
kth character in the training dataset. M and N are the number of
embeddings for ¢; and cg, respectively. V™ and W} are the mth
element and the nth element of the embedding set for ¢; and cy,
respectively. Dist(c;, c) is the element in the jth row and kth column
of the ATPC matrix.
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Fig. 2. Pronunciation correlation calculation with DTW. V and W represent
the speech embeddings of two different Mandarin characters. Dy orm is the
pronunciation correlation between V and W. The alignment path is obtained
by tracing backward through the DTW table, iteratively choosing the previous
points with the lowest cumulative distance.

III. EXPERIMENTAL SETUP
A. Datasets

To train the speech representation model, we use a subset of
BABEL from IARPA [17], which is is a multilingual conversational
telephone speech corpus. The subset includes 23 languages: Can-
tonese, Assamese, Bengali, Pashto, Turkish, Tagalog, Vietnamese,
Haitian Creole, Swabhili, Lao, Tamil, Kurmanji Kurdish, Zulu, Tok
Pisin, Cebuano, Kazakh, Telugu, Lithuanian, Paraguayan Guarani,
Igbo, Amharic, Dholuo, and Georgian.

To better validate the cross-lingual performance of the proposed
ATPC generation method, we use the training set of Aishell-2 18],
a Mandarin speech corpus, to train ITSE and generate ATPC.

To evaluate the effectiveness of ATPC in the context of the
contextual biasing, we employed the Aishell-1 [[19] contextual biasing
dataseﬂ The development set comprises 1334 sentences, featuring a
total of 600 hotwords while the test set comprises 235 sentences,
featuring a total of 161 hotwords, with each sentence containing at
least one hotword.

B. Evaluation Metrics

To evaluate the pronunciation distinguishing ability of different
speech embeddings, we calculate the DTW distance between homo-
phones and non-homophones in Mandarin. Additionally, we calculate
the relative disparity between the DTW distances of homophones
and non-homophones. A greater relative disparity indicates better
distinguishing performance of the speech embedding.

In addition to the conventional Character Error Rate (CER), our
evaluation metrics include a Biased Character Error Rate (B-CER)
and an Unbiased Character Error Rate (U-CER), as referenced in
[20]. Additionally, we will calculate the recall, precision, and F1 score
(R/P/F) across all hotwords to provide a comprehensive assessment
of performance.

C. ATPC Generation

We use XLSR-53 as the backbone model [21]], and further finetune
it on Babel IPA recognition task. Firstly, we convert the transcripts of
the BABEL training set into IPA sequences using the pronunciation
lexicon of the dataset. Secondly, we employ the IPA sequences as the

2The hotword list can be found at https://github.com/SpeechClub/ATPC/
blob/main/aishell1-hotword161.txt

training target and finetune the backbone model on speech recognition
task. It is worth noting that we did not use the pronunciation lexicon
of Mandarin because the subset of BABEL dataset we use does
not contain Mandarin speech and the training of XLSR-53 is self-
supervised.

We also experiment with embeddings from different layers of the
speech representation model and different distance functions for the
DTW algorithm.

For speech embedding extraction in Section [[I-B} embeddings are
extracted at a frequency of S0Hz (every 20ms). For the construction of
the embedding set in Section[[I-C} we select 100 embeddings for each
character and delete the characters occur fewer than 3 times in the
training set of Aishell-2. We obtain embeddings of 3711 characters
in total and generate the ATPC, which is a 3711 x 3711 matrix
representing the distances between each two Mandarin characters.

D. Contextual Biasing

We utilized Wenet [22], an open-source E2E-ASR framework,
as the basis for our contextual biasing experiments. The baseline
model we chose is a pre-trained checkpoint of Wenet’s conformer
architecture, specifically trained on the Aishell-1 dataset. This model
features 12 conformer layers within its encoder and 6 bi-transformer
layers in the decoder, both operating with 256-dimensional inputs
and incorporating 4 self-attention heads.

For utilizing ATPC matrix for contextual biasing, we perform row-
wise normalization, ensuring that the diagonal elements are set to
1.0. This normalization implies that any value less than 1.0 signifies
a shorter distance between the respective pair of characters, thereby
indicating a stronger association or similarity between them. Fol-
lowing the normalization of the ATPC matrix, we identify candidate
replacement characters for each character in the ASR decoding result
by selecting those with a distance of less than 1.07. To determine the
threshold of 1.07, we conduct hot word biasing experiments on the
Aishell-1 contextual biasing development set. We evaluate thresholds
ranging from 1.01 to 1.09, where a threshold of 1.07 achieves the
lowest CER and the second-highest F1 score. During the decoding
process, we match each word against potential hotword replacements
and record the average distance for these matches. Finally, we proceed
with hotword replacements in ascending order of distance, starting
with the closest matches.

We utilize a WFST-based context decoding graph method, which is
a kind of shallow-fusion contextual biasing methods [23]], [24]], as our
baseline, with the context graph (C-g) score configured at 6.0. For the
deep contextual biasing baseline [25], [26], we adopt the contextual
phrase prediction network based on AED-CTC structure (CPPN), as
detailed in [20]. The contextual phrases lists of CPPN and ATPC
are identical. This network architecture includes a context encoder, a
biasing layer, a context decoder, and CTC loss. The context encoder
comprises two layers of BLSTM and a subsequent linear layer. The
biasing layer features 4-head attention layers and an additional linear
layer. The context decoder incorporates a linear layer that maps the
input dimension to the vocabulary size. We set the deep biasing score
to 2.0. The training process for this setup aligns with the methodology
described in [20].

IV. RESULTS
A. Pronunciation Distinguishing Ability of Different Embed-
dings
As shown in the results in Table [[ speech representation models

finetuned on IPA recognition consistently outperform the backbone
model XLSR-53 on distinguishing pronunciation. For instance, the
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Fig. 3. The visual analysis of generated ATPC matrix subset.
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TABLE I
AVERAGE DTW DISTANCE OF HOMOPHONES AND NON-HOMOPHONES
WITH EUCLIDEAN DISTANCE AND COSINE DISTANCE. IPA REPRESENTS
THE XLSR-53 MODEL FINETUNED ON THE BABEL IPA TASK. DISTANCE
REL DISPARITY IS THE DISTANCE GAP BETWEEN HOMOPHONES AND
NON-HOMOPHONES.

Euclidean / Cosine Distance

Model Distance Rel

Homophones Disparity 1

Non-homophones

11.7% / 21.3%
19.7% 1 29.1%
12.9% 1 22.7%
14.6% / 22.3%
21.1% / 28.8%
15.8% / 35.4%

XLSR-layer12

XLSR-layer15

XLSR-layer18
IPA-layer12
IPA-layer15
IPA-layer18

112.90 / 0.247
105.67 / 0.183
145.54 / 0.197
419.51/0.174
394.47 1 0.136
495.55 7/ 0.122

127.79 / 0.314
131.66 / 0.258
167.08 / 0.255
491.23 /1 0.224
499.87 / 0.191
588.40 7 0.189

relative disparity between the DTW distances of homophones and
non-homophones increases from 19.7% to 21.1% when comparing
XLSR-layerl5 to IPA-layerl5 using Euclidean distance. However,
the embeddings from different layers do not consistently exhibit
variations in their distinguishing capabilities, while the embeddings
of layer 15 achieve the best performance in most cases. As for
the distance function, cosine distance consistently outperforms the
Euclidean distance. For example, the relative disparity increases from
21.1% to 28.8% for IPA-layer15 with Euclidean and cosine distance.

According to the analysis above, we select the 15th-layer embed-
ding from the multi-lingual speech representation model fine-tuned
for IPA recognition, along with cosine distance as the metric in our
experiments.

B. Visual Analysis of ATPC matrix on Mandarin

A subset of ATPC matrix is visualized in Figure El Each value
in the matrix represents the DTW distance between corresponding
Mandarin characters. As is shown in Figure ] the DTW distance
between “F|” (gual) and “JI\” (gual) is relatively low, reflecting
their homophonic nature in Mandarin, whereas the DTW distance
between “Z&” (ai4) and “¥&” (tu2) is significantly higher, aligning
with expectations since these characters share no common phones.

TABLE II
RESULTS FOR CONTEXTUAL BIASING EVALUATION. THE LEFT FOR CER
(U-CER/B-CER), AND THE RIGHT FOR F1-SCORE (RECALL/PRECISION).

Aishelll Contextual Biasing Test Set

Hotwords number N =161

0. C-g + Manual Lexicons 8.9 (7.4/15.3) 86 (77/98)
1. Baseline 13.8 (7.3/41.8) 44 (28/99)
2. C-g 11.1 (7.4/27.2) 72 (57/97)
3. CPPN [20] 13.9 (7.3/42.0) 46 (30/96)
4. ATPC (Proposed) 12.0 (7.3/32.4) 68 (53/96)
5. C-g + CPPN 104 (7.7/22.1) 78 (66/96)
6. C-g + ATPC (Proposed) | 10.3 (7.7/21.5) 80 (70/94)

We can conclude from the visual analysis above that the ATPC matrix
generally reflects the pronunciation correlation between Mandarin
characters.

C. Contextual Biasing Effectiveness of ATPC

To objectively evaluate the effectiveness of ATPC, we selected a
Mandarin speech corpus. It is easy to find a standard manually crafted
pronunciation lexicon suitable for this corpus.

The experimental results of the contextual biasing task are shown
in Tabel [l] Compared to the baseline, the implementation of ATPC
has resulted in a notable improvement across several metrics. We
observed a relative reduction of 13.0% in CER and an even more
significant average relative decrease of 22.5% in B-CER (Row 1
versus Row 4). Additionally, the recall rate for hotwords has increased
by 25%, and the F1 score has seen a substantial improvement, rising
by 24% (Row 1 versus Row 4).

Compared with the CPPN based deep biasing, the ATPC consis-
tently outperforms, moreover, ATPC does not necessitate the incor-
poration of additional neural networks that require separate training,
thereby preserving the original E2E-ASR model architecture. We also
found that the current ATPC still has a performance gap compared
to manually crafted pronunciation lexicons (Row 0 versus Row 6).

V. CONCLUSIONS AND FUTURE WORK

In this paper, we introduced ATPC, a data-driven method for auto-
matically deriving pronunciation correlations between text symbols.
Although there are gaps between the ATPC method and manually
crafted pronunciation lexicons, ATPC offers an automated approach.
Our visual analysis and contextual biasing experiments validate the
effectiveness of the proposed ATPC on Mandarin. The contextual
biasing experiments on the Aishell-1 dataset demonstrated ATPC’s
effectiveness as a plug-in module for E2E-ASR, yielding a relative
reduction of 13.0% in CER and 22.5% in B-CER. While we used
Mandarin with manually crafted pronunciation lexicons to assess
ATPC’s performance, the method’s true potential lies in its application
to languages or dialects where such resources are not available.

Future work could focus on the generation and application of
ATPC beyond Mandarin for multiple languages or dialects, the
handling of out-of-vocabulary characters or words, leveraging larger
datasets to enhance ATPC’s robustness, as well as advancing the
standardization and continuous updating of ATPC as a public speech
resource.
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