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Abstract—Automatic speech recognition (ASR) systems strug-
gle with domain-specific named entities, especially homophones.
Contextual ASR improves recognition but often fails to capture
fine-grained phoneme variations due to limited entity diversity.
Moreover, prior methods treat entities as independent tokens,
leading to incomplete multi-token biasing. To address these issues,
we propose Phoneme-Augmented Robust Contextual ASR via
COntrastive entity disambiguation (PARCO), which integrates
phoneme-aware encoding, contrastive entity disambiguation,
entity-level supervision, and hierarchical entity filtering. These
components enhance phonetic discrimination, ensure complete
entity retrieval, and reduce false positives under uncertainty.
Experiments show that PARCO achieves CER of 4.22% on Chi-
nese AISHELL-1 and WER of 11.14% on English DATA2 under
1,000 distractors, significantly outperforming baselines. PARCO
also demonstrates robust gains on out-of-domain datasets like
THCHS-30 and LibriSpeech.

Index Terms—automatic speech recognition, contextual bias-
ing, phoneme embedding, out-of-domain

I. INTRODUCTION

In recent years, end-to-end (E2E) automatic speech recogni-
tion (ASR) system has achieved high accuracy in transcribing
speech [1]-[3]. However, even the most advanced ASR sys-
tems still struggle with errors in recognizing domain-specific
named entities, such as technical terms and place names
[4]. These ASR errors significantly affect the performance of
downstream tasks such as video summarization [5], [6] and
emotion recognition [7]-[12].

To address this challenge, researchers have developed a
variety of contextual biasing methods that incorporate external
knowledge to improve named entity (NE) recognition. Such
contextual information is often derived from sources like
lecture videos, meeting transcripts, and user contact lists
[13]-[15]. These methods can be broadly categorized into
four types: (1) Shallow fusion approaches, which integrate
auxiliary language models during decoding to adjust outputs
based on context [16]-[18]. Although effective, these meth-
ods typically require careful parameter tuning and rely on
predefined contextual prefixes. (2) Trie-based deep biasing,
which enhances decoding constraints by organizing contextual
vocabulary into a trie structure. Although efficient for lookup
and constraint enforcement, this approach often requires model
fine-tuning for each target domain. (3) ASR error correction
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(AEC) methods, which post-process transcriptions without
retraining the base ASR model [7], [19]-[22]. Howeyver, they
usually demand domain-specific AEC models and tend to lack
robustness across domains. (4) Context-integrated training,
which incorporates contextual knowledge directly into the text
encoder and jointly trains it with the ASR model [4], [23]-
[30], enabling E2E context-aware recognition.

Although existing methods have made progress in improv-
ing entity recognition, they still encounter notable limitations.
One key issue is that most models treat entities as sequences
of independent tokens, thereby ignoring their holistic structure
as unified semantic units. As a result, multi-token entities
are frequently decoded as fragmented or incomplete spans,
undermining the effectiveness of biasing strategies and leading
to partial or erroneous entity reconstruction. Second, distin-
guishing phonetically similar entities remains difficult, and the
generalization ability for rare words is limited in low-resource
scenarios. To address this issue, existing studies often intro-
duce phoneme features to enrich entity representations [31]-
[34]. Phoneme information helps mitigate ambiguities caused
by similar-sounding words, making it a promising direction
for improving entity recognition. Typically, simple sequence
encoders are used to extract phoneme representations, which
are then combined with text features to reduce confusion.

However, existing phoneme encoders often fail to fully
exploit fine-grained phonetic distinctions among similar-
sounding entities and lack explicit disambiguation mechanisms
during decoding. Moreover, they typically treat phoneme in-
formation as auxiliary input and do not integrate it into the
biasing mechanism in a discriminative way. This limitation be-
comes particularly evident in open-domain conditions, where
attention-based entity retrieval may still mistakenly attend to
phonetically similar but semantically irrelevant candidates.

To overcome these challenges, we propose PARCO—a
Phoneme-Augmented Robust contextual biasing method via
COntrastive entity disambiguation. PARCO is a novel
biasing-aware ASR framework that incorporates fine-grained
phoneme-aware encoding and multiple decoding-time en-
hancements for robust and accurate entity recognition. Specif-
ically, PARCO integrates a contrastive entity disambiguation
(CED) loss to explicitly enhance the decoder’s ability to
distinguish between phonetically similar entities, improving
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robustness against confusable pronunciations. To ensure ac-
curate recognition of multi-token entities, we further intro-
duce an entity-level supervision mechanism that encourages
the decoder to attend to complete entity spans rather than
making token-wise predictions. Moreover, a hierarchical entity
filtering (HEF) strategy is employed to dynamically refine the
biasing list based on phoneme-level similarity and confidence
gating, effectively reducing false positives under ambiguous
conditions. Our main contributions are as follows:

« We propose a phoneme-augmented biasing model with a
novel CED loss, which enhances the discriminative power
for phonetically similar entities.

o« We design an entity-level loss mechanism to ensure the
complete recognition of multi-token biased entities, avoiding
partial selection during decoding.

« We introduce a HEF strategy that combines phoneme-aware
similarity retrieval and confidence-based gating during infer-
ence, improving both precision and recall of entity biasing.

e We conduct extensive experiments on both Chinese
(AISHELL-1, THCHS-30) and English (DATA2, Lib-
riSpeech) benchmarks. The results demonstrate that PARCO
significantly outperforms prior biasing methods in both in-
domain and out-of-domain (OOD) scenarios.

II. AED ASR MODEL

An attention-based encoder decoder (AED) ASR model
typically consists of an audio encoder and an attention-based
decoder. The encoder transforms the input audio sequence S
into an hidden representation Easg = (e1,...,en) € RMxd
where M the length of the encoded feature sequence and d
is the feature dimension. At decoding step n, the decoder
generates an hidden representation D,, € R? based on the
previously decoded tokens T7.,—1 = (t1,...,tn—1) and Eagr.
The probability of the predicted token #,, is computed as:

t, = Softmax (D, W,, + b,), (1)

where W,, € R4V and b, € RY are learnable param-
eters, and V is the vocabulary size. Here, ¢, represents

p(tn|T1:n—1,5), the probability distribution over possible to-
kens. The model is trained by minimizing the negative log-
likelihood:

N
£ASR = — Z logp(tn|T1:n—1a S) (2)

n=1

Additionally, the hybrid CTC/attention model [35], [36]
incorporates a CTC loss Lcre to enhance efficiency and

performance.

III. PROPOSED PARCO METHOD

As shown in Fig. 1, PARCO consists of an AED ASR
model, a context encoder, and a context attention module,
enhancing biasing for phonemically similar entities.

A. Context Encoder

Text Encoder embeds the biasing list C =
(C1,Cy,...,Cr) € RE with an additional “<no-bias>”

token (Cy), following [4]. Each entity Cj is encoded using
stacked LSTM layers:

C{™) = LSTM(C)) € R% 3)
The final text representations are given by:
O(enc) — (Oéenc)’ Ofenc)’ o Céenc)) c R(L+1)><d. (4)

Phoneme Encoder embeds the phoneme sequence of
an entity, denoted as P = (P,Ps,---,Pr) € RE,
into a sequence of phoneme representations P(°"¢) =
(Péenc),Pl(enC),...,Péenc)) e READXA We adopt stacked
LSTM layers to capture the contextualized phoneme repre-
sentations for each entity.

Finally, we concatenate O and P(Cnc), and pass
them through a linear layer to obtain the entity repre-
sentations enriched with phoneme information N(e"¢) =
(Néenc)’Nl(enc)’ - .’Néenc)) c R(L+1)Xd2

N(enc) _ (C(enc) ® P(enc))WN + bN; ®))

where W,, € R??*? and b,, € R are the learned parameters,
and “@” denotes a concatenate function.

B. Context Attention

We calculate the attention score for entity Cj at step n, using
D,, as the query and the phoneme enriched text representation
of the entity as the key N(e©):

D,Wg - (Nl(enC)WK)T
Vd

where Wg, Wi € R?¥9 are learned parameters and dj, is
the attention dimension. s,, ; also represents p.(Ci|T1.n—1, S),
which is the selection probability for the entity. Then, we use
N0 ag the value, as the bias vector passed to the ASR
decoder should primarily contain textual information, to obtain
the final biasing representation B,,:

5p,1 = Softmax ( ) e REFL (6)

L
By =Y s0uN Wy, (7)
=0

where Wy € R4 is learned parameter. Finally, similarly
to [23], [37], we concatenate D,, and B,, to jointly determine
the output of the next token t,,. Therefore, (1) becomes:

t, = Softmax((D,, ® B,,)W,, + b,,). 8)

C. Contrastive Entity Disambiguation (CED)

Although context attention mechanisms help bias the de-
coder toward relevant entities, they often struggle to resolve
phonetic ambiguities when multiple candidate entities have
near-identical pronunciations. This is particularly problematic
under noisy or uncertain acoustic conditions, where attention
weights become diffused across several similar options. To
address this challenge, we introduce a CED loss to explicitly
enhance the discriminative capacity of the decoder’s hidden
representations.
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Fig. 1. Overall architecture of the proposed PARCO model. The ASR backbone is based on a Conformer encoder-decoder architecture. A biasing list containing
multi-token entities is encoded by a phoneme-enriched text encoder to support robust contextual biasing. The contrastive entity disambiguation (CED) loss
enhances discriminability among phonetically similar entities and is detailed in Section III-C. The hierarchical entity filtering (HEF) strategy, used only during
inference, dynamically refines the biasing list for improved precision under ambiguity, as described in Section III-E.

Specifically, at each decoder step n, we define a contrastive
objective that encourages the decoder output D,, to be closer to
the representation of the correct bias entity N\, while being
distant from a set of I phonetically similar but semantically
incorrect hard negatives { N\ }_, C N1 p; + p. The

training loss is based on the InfoNCE formulation:
eSim(Dn N /7

Lcep = —log
. (enc) I - (enc) ’

sim(D.,, N, sim(D,, , Ny, T

esm(Do NG ) /7 S sim(Da N/

9
where sim(-,-) denotes cosine similarity, and 7 is a tem-
perature hyperparameter that controls the sharpness of the
distribution. The hard negative sampling strategy is described
in Section IV-C.

D. Joint Training

Unlike previous approaches [38], [39], where each token
within an entity is assigned the same bias index to guide
token-level alignment with biased phrases, our proposed entity
loss adopts a more targeted strategy. As illustrated in Fig. 1,
consider the sentence: “TMAIRNZE &Y PR EHZ T — LY
M (English translation: Sul Bing3tianl, Li3 Jinlzhe2, Li3
Ling2, and others were all affected to some extent.) Suppose
the biased entities “7J /4% (Sul Bing3tianl, entity index
Ch), “Z24¥ (Li3 Jinlzhe2, C,), and “ZE¥” (Li3 Ling2,
C5) are present in the biasing list. The method in [38], [39]
assigns the same index to all tokens of each entity, resulting

in the label sequence:
[Cly Cl) Cla 027 027 CQa C5a 057 007 007 .- ]

In contrast, our method assigns the entity index only to
the first token of each entity, while the remaining tokens are
labeled as Cj, yielding:

[C1, Co, Cy, Cs, Cy, Cy, Cs5, Co, Co, Co, . ...

This design explicitly guides the model to retrieve the entire
entity from the biasing list at the correct decoding step—i.e.,
the step where the first token is generated. From subsequent
steps (e.g., decoding steps 2 and 3), no further selection is
made. This mitigates the issue of incomplete decoding of
multi-token entities caused by token-wise matching. The entity
loss is defined as:

N
ﬁEnlily = - Z Ingc(/Bn | Tl:n71>7 (10)
n=1
where 8, € (B1,f2,...,0r) denotes the constructed entity
index sequence.
The overall training objective combines four losses:
L= Masr + (1 — XN)Lere + Lenity + Lcep, (1)

where Lasg and Lcre are standard ASR objectives, and
Lcgp is the contrastive entity disambiguation loss described
in Section III-C.

E. Hierarchical Entity Filtering (HEF)

To improve the precision of entity selection during in-
ference, we design a HEF strategy based on both phonetic
similarity and a confidence threshold. This process refines the
biasing list prior to computing the final prediction probabili-
ties, reducing the chance of incorrect or irrelevant selecting.
Phonetic-Aware Pre-selection. Specifically, prior to decoding
each step n, we compute the attention distribution s,, € RL+1
over the biasing list as defined in (6), and identify the most
attended entity by selecting the index with the maximum
attention score:

12)

|l =arg mlax Sn,i-

If C; # Cy (i.e., not the “<no-bias>" token), we regard
C; as the dominant attended entity at step n. On the basis of



this anchor, we retrieve its top-K phonemically similar entities
from the biasing list using an edit-distance-based retrieval
algorithm at the phoneme level. This enables the inclusion
of acoustically confusable candidates (e.g., “FR7T A (Chen2
Guan4Xil, Person)” vs. “fx .2 (Chen2 GuanlXinl, Per-
son)”) as high-priority alternatives for contextual refinement.

We then construct a refined biasing list by selecting the
representations of the retrieved phonemically similar entities
along with the special “<no-bias>" token. Formally, we define
the filtered biasing set as:

thered ={Co}Uu{C |l € Top—K(C;)}7 (13)

where Top-K(C;) denotes the indices of the top-K entities
most similar to C; in phoneme space. This filtered set Bfiltered
is then used in place of the full biasing list for the subsequent
attention computation in step n, thereby enabling more focused
and acoustically-informed context modeling. Therefore, (8)
becomes:

t,, = Softmax((D,, ® BM )|/, 1 b,,). (14)

Confidence-Based Gating. Finally, to prevent unreliable en-
tity biasing toward low-confidence entities, we incorporate a
confidence-based gating mechanism during decoding. If the
model’s highest selection probability over all entities in the
filtered biasing set (excluding the “<no-bias>" token Cj)
falls below a predefined threshold o, the model defaults to
generating from the standard token vocabulary. Formally, let:

0=1I

max

15)
B € B B,, 2T

pc(6n|T1:n71) <ol,
where 1[-] denotes the indicator function that evaluates to 1
when the enclosed condition holds, and 0 otherwise. The final
entity selection probability is then defined as:

1, ifd=1and 3, = Cy

pc(ﬂn | Tl:n,—l) = 0, if =1 and Bn 7£ C()
pc(ﬁn ‘ Tl:n71>7 if6=0

(16)

The proposed HEF strategy, which integrates phonetic-
aware pre-selection and confidence-based gating, mitigates
incorrect entity inclusion while retaining high recall.

IV. EXPERIMENTAL EVALUATIONS

A. Implementation Details

All models were trained on 4 NVIDIA A100 80GB GPUs
with a batch size of 64. The input consisted of 80-dimensional
log-Mel filterbank features, extracted using a 25 ms win-
dow and 10 ms frame shift. These acoustic features were
downsampled by a 2D convolutional front-end to one fourth
of their original temporal resolution, followed by a linear
projection to 256 dimensions. The ASR backbone was a joint
CTC/attention-based Conformer model [40], comprising 12
encoder layers and 4 attention heads, with an encoder output
dimension of 256. The decoder contained 4 layers with 512-
dimensional hidden states. For text and phoneme encoding,

TABLE I
DATASET STATISTICS. “UTT.” AND “NE” MEAN THE NUMBER OF
UTTERANCES AND NAMED ENTITIES, RESPECTIVELY. FOR LIBRISPEECH,
WE USE THE TEST-CLEAN SUBSET.

Dataset | Train Dev Test

| Ut NE Utt. NE Utt. NE
AISHELL-1 119919 14241 14326 2194 7176 1186
DATA2 64570 11858 3100 2568 3100 2508
THCHS-30 - - - - 2495 268
LibriSpeech - - - - 2620 2130

we employed LSTM-based encoders consisting of 3 layers,
each with 512 hidden units. The weight of the CTC loss, A,
was set to 0.7. The temperature hyperparameter 7 in (9) was
set to 0.1. Based on comparative experiments, the size of the
similar-entity pool K and the threshold parameter o for the
HEF strategy proposed in Section III-E were ultimately set to
20 and 0.9, respectively.

B. Experimental Conditions

Datasets. We evaluated the effectiveness of the proposed
method PARCO on the Chinese AISHELL-1 [41] and En-
glish DATA?2 dataset [42]. Additionally, to verify PARCO’s
generalization ability, we also introduced two test sets of the
Chinese THCHS-30 [43] and English LibriSpeech test-clean
dataset [44]. Table I provides detailed statistics.

Evaluation Metrics. For Chinese datasets, we evaluate ASR
performance using character error rate (CER) and assess NE
recognition accuracy with NE-CER, following prior work [28],
[45]. For English datasets, we use word error rate (WER)
and NE-WER to measure overall and entity-level performance,
respectively.

Baselines. In the experiments, we compared three baselines
with our proposed PARCO:

o CBA [26] introduces a contextual bias attention module to
E2E ASR models, which attends to a bias phrase embedding
using decoder-side attention context. This allows the model
to adapt its output distribution to better recognize infrequent
contextual entities.

o CopyNE [28] addresses the challenge of NE recognition in
ASR by copying entities from a preloaded NE dictionary,
enabling complete and accurate entity transcription.

« ED-CEC [19] introduces a contextual ASR postprocessing
method that enhances the recognition of rare words by
detecting errors and using context-aware correction, opti-
mizing the decoding process and leveraging a rare word list
for improved accuracy.

C. Biasing List Construction

Entity Selection. For AISHELL-1, we adopted the named
entities provided by Chen et al. [46]. For THCHS-30, we
extracted person, location, and organization using HanLP'.
For DATA2, we utilized the annotated entities—person, loca-
tion, and organization—available in [42]. For LibriSpeech, we
employed NUNER_Zero? to extract the same three types of

Uhttps://github.com/hankcs/HanLP
Zhttps://huggingface.co/numind/NuNER _Zero
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TABLE 11

PERFORMANCE ON AISHELL-1 AND DATA?2 UNDER DIFFERENT NUMBERS OF DISTRACTORS N. EACH CELL SHOWS CER/NE-CER OR
WER/NE-WER. VALUES IN PARENTHESES DENOTE RELATIVE NE-CER OR NE-WER REDUCTION (%).

Model

| N=0

N=100

\ N=1000

N=5000

AISHELL-1 (CER | (CERR 1)/ NE-CER | (NE-CERR 1))

Conformer [40]

494 (=) /9.60 (-)

4.94 (=) / 9.60 (-)

494 (=) /9.60 (-)

494 () /9.60 (-)

+ CBA [26] 4.57 (+7.49) /1 5.36 (+44.17) 4.65 (+5.87) / 591 (+38.44) 4.86 (+1.62) / 6.82 (+28.96) 5.18 (-4.86) / 8.12 (+15.42)
+ CopyNE [28] 4.37 (+11.54) / 2.24 (+76.67) 4.48 (+9.31) / 2.97 (+69.06) 4.72 (+4.45) / 3.76 (+60.83) 5.05 (-2.23) / 4.80 (+50.00)
+ ED-CEC [19] 4.49 (+9.11) / 4.96 (+48.33) 4.54 (+8.10) / 5.23 (+45.52) 4.66 (+5.67) / 5.68 (+40.83) 4.81 (+2.63) / 6.31 (+34.27)
+ PARCO | 4.03 (+18.42) / 1.57 (+83.65) | 4.04 (+18.22) / 1.69 (+82.40) | 4.22 (+14.57) / 2.84 (+70.42) | 4.45 (+9.92) / 3.56 (+62.92)

DATA2 (WER | (WERR 1) / NE-WER | (NE-WERR 1))

Conformer [40]

12.05 (-) / 26.64 (-)

12.05 (-) / 26.64 (-)

12.05 (-) / 26.64 (-)

12.05 (-) / 26.64 (-)

+ CBA [26] 11.12 (+7.72) / 18.78 (+29.50) 11.52 (+4.40) / 20.71 (+22.26) 12.28 (-1.91) / 25.46 (+4.43) 13.23 (-9.79) / 28.04 (-5.26)
+ CopyNE [28] 10.26 (+14.85) / 10.34 (+61.19) | 10.54 (+12.53) / 12.57 (+52.82) | 11.44 (+5.06) / 19.14 (+28.15) 12.31 (-2.16) / 26.60 (+0.15)
+ ED-CEC [19] | 10.59 (+12.12) / 16.54 (+37.91) | 10.66 (+11.54) / 16.87 (+36.67) | 11.38 (+5.56) / 17.94 (+32.66) | 11.67 (+3.15) / 20.76 (+22.07)
+ PARCO | 10.00 (+17.01) / 8.34 (+68.69) | 10.17 (+15.60) / 9.47 (+64.45) | 11.14 (+7.55) / 14.16 (+46.85) | 11.49 (+4.65) / 17.15 (+35.62)

entities. During training, following prior work [4], [28], we
randomly selected two- or three-character substrings (or two-
or three-word spans in English) from non-entity utterances and
treated them as entities if they contained relevant phoneme
sequences. Phoneme sequences for the Chinese and English
datasets were generated using pypinyin’® and g2pE*, re-
spectively.

Hard Negative Sampling. To construct meaningful negative
examples during training, we select 1-3 hard negative entities
for each ground-truth (GT) entity by retrieving entries from
the training set that exhibit the most similar pronunciations.
Specifically, we compute phoneme-level edit distances be-
tween the target entity and all other entities in the training
vocabulary, then choose the top nearest ones that differ in
meaning. This ensures that the distractors are phonetically
confusable yet semantically incorrect. For example, as shown
in Fig. 1, the target entity “Z*¥¥ (Li3 Ling2, Person)” may
be paired with “Z¥ 7 (Li3 Ning2, Person)”, “ZEHf (Li3
Lin2, Person)”, and “Z={# (Li3 Ying2, Person)” as hard
negatives. To improve the model’s ability to distinguish true
entities from distractors in large biasing lists, we include these
hard negatives in the training objective alongside GT entities.
During inference, we construct the biasing list by combining
GT entities with a set of phonemically similar distractors for
each utterance.

D. Results and Analysis

Comparative Results under Varying Biasing List Sizes. As
shown in Table II, PARCO consistently outperforms all base-
lines across different distractor settings on both AISHELL-
1 and DATA2. On AISHELL-1, it achieves the lowest NE-
CER in all cases—1.57%, 1.69%, 2.84%, and 3.56% at
N = 0,100, 1,000, 5,000, respectively. Similarly, on DATA2,
it yields the lowest NE-WER under each setting—=8.34%,
9.47%, 14.16%, and 17.15%. Although increasing the number
of distractors generally leads to performance degradation for
all models, PARCO exhibits stronger robustness. For exam-
ple, compared with the strongest baseline ED-CEC, PARCO

3https:/pypi.org/project/pypinyin
“https://github.com/Kyubyong/g2p

TABLE III
ABLATION STUDY ON AISHELL-1 AND DATA2 (%). NE-CER /
NE-WER ARE REPORTED WITH RELATIVE ERROR RATE REDUCTION (1) IN
PARENTHESES UNDER 5,000 DISTRACTORS. “W/0”: “WITHOUT”, TE:
TEXT ENCODER, PE: PHONEME ENCODER, CED: CONTRASTIVE ENTITY
Di1SAMBIGUATION, HEF: HIERARCHICAL ENTITY FILTERING.

| AISHELL-1 |  DATA2

No. | Configuration

1 PARCO 3.56 (+62.92) | 17.15 (+35.62)
2 No.l w/o HEF 4.07 (+57.60) | 19.52 (+26.73)
3 No.2 w/o CED Loss 4.39 (+54.27) | 20.10 (+24.55)
4 No.3 w/o Entity Loss | 5.51 (+42.60) | 21.25 (+20.23)
5 No.4 w/o PE 8.27 (+13.85) 28.15 (-5.67)
6 No.5 w/o TE 9.60 (-) 26.64 (-)

maintains lower NE-CERs and NE-WERs even at large N,
highlighting its better ability to resist noise from confusable
entities. We attribute this improvement to the proposed HEF
strategy, which helps narrow down candidate sets via phonetic
similarity and confidence thresholding.

Ablation Study. To assess the contribution of each module
in PARCO, we conduct an ablation study under the most
challenging setting with 5,000 distractors. As shown in Ta-
ble III, removing the HEF strategy leads to noticeable per-
formance drops on both AISHELL-1 and DATA?2, confirming
its effectiveness in reducing false entity predictions. Further,
omitting the CED loss or the entity loss also causes consis-
tent degradation, highlighting the necessity of both objective
terms in supervising entity-specific learning. We observe more
severe performance drops when removing either the phoneme
encoder or the text encoder, indicating that both phonetic and
contextual representations are indispensable to accurate entity
prediction. Overall, the results validate the design of PARCO
and demonstrate that each component contributes to its final
performance.

Robustness Analysis. We evaluate the robustness of models
via cross-domain testing. Specifically, we apply the model
trained on the Chinese dataset AISHELL-1 to the OOD dataset
THCHS-30, and the model trained on the English dataset
DATAZ2 to LibriSpeech. As shown in Table IV, baseline models
suffer from high NE-CER/NE-WER on unseen data, indicating
their vulnerability to domain shift. In contrast, our proposed
PARCO achieves the lowest error rates across both datasets,
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TABLE IV
ROBUSTNESS ANALYSIS ON OOD DATASETS (%). VALUES IN
PARENTHESES DENOTE THE RELATIVE REDUCTION COMPARED WITH THE
CONFORMER BASELINE.

| THCHS-30 LibriSpeech test-clean
Model
| CERY NE-CER | WER | NE-WER |
Conformer [40] 27.21 (-) 46.33 (-) 791 (-) 12.39 (-)
+ CBA [26] 28.55 (-4.92) 47.61 (-2.76) 9.68 (-22.38) 13.72 (-10.73)
+ CopyNE [28] 25.29 (+7.06) 15.65 (+66.22) 9.31 (-17.70) 10.93 (+11.78)
+ ED-CEC [19] | 30.11 (-10.66)  50.52 (-9.04)  8.62 (-8.98)  14.38 (-16.06)
+ PARCO ‘ 21.53 (+20.87) 8.48 (+81.70) 7.09 (+10.37) 6.17 (+50.20)
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Fig. 2. Comparison of attention visualization with and without CED loss. The
horizontal and vertical axes are the biasing list and the transcript, respectively.

reducing NE-CER by 81.70% on THCHS-30 and NE-WER by
50.20% on LibriSpeech compared with the base Conformer.
These results demonstrate the strong generalization ability of
our entity-aware correction framework.

Qualitative Analysis. To verify the effectiveness of the pro-
posed CED loss, we construct a challenging test case on
AISHELL-1 consisting of 10 candidate entities, including
the correct bias entity /iM% (Chen2 GuanlXinl, Person)
and 9 hard negative distractors that are phonetically similar
but semantically incorrect. These distractors are created by
altering initials, finals, or nasal endings to introduce fine-
grained phonetic confusion. The 9 distractors include: %Yl
#% (Cheng2 GuanlIXinl, Person), FR¥L{Z (Chen2 GuanlXin4,
Person), [ et A (Chen2 Guan4Xil, Person), FEN 22 (Cheng2
GuanlXinl, Person), Ff ]~ # (Chen2 Guang3Xinl, Per-
son), FR##fE (Chen2 Guan4Xin4, Person), T2/ /(> (Cheng2
Kuang4Xinl, Person), TR (Cheng2 Guan4Xinl, Person),
PR 7K 3% (Chen2 Kuan3Xinl, Person). Fig. 2 compares the
attention distribution of the decoder over the biasing list before
and after applying the CED loss. In the subfigure (a), without
CED, the model incorrectly allocates high attention weights
to the hard negative entity “[/{#{5”, which is phonetically
similar to the correct target “[: ¥l #”. This misalignment
arises from the model’s limited ability to disambiguate pho-
netically similar entities, especially under noisy or uncertain
acoustic conditions. In contrast, the subfigure (b) shows that
with CED training, the attention distribution becomes more
focused and discriminative. The decoder correctly attends to
the intended entity “//R ¥l 5%”, suppressing attention to similar
distractors. This demonstrates that our contrastive training
objective effectively guides the decoder to learn fine-grained
semantic distinctions between phonetically confusable entities,

TABLE V
COMPARATIVE EXAMPLES OF TRANSCRIPTIONS GENERATED BY
DIFFERENT MODELS. RED TEXT INDICATES ERRORS, WHILE GREEN TEXT

HIGHLIGHTS CORRECTLY TRANSCRIBED ENTITIES.

AISHELL-1

Entities: T HER/RRI4E (Robin Szolkowy, Person),

T =1 D17 (Robin Schembera, Person)
Translation 800 meters: Robin Schembera
Ground Truth | J\EKZ EH TG IR
CBA [26] JVERD Z 5y U7
CopyNE [28] | J\EARD L )/R 8 UL
ED-CEC [19] | /\EAZ ER/RBILER T
PARCO JNBERE RO HE D

DATA2

Entities: WM WALTERS CARPENTER’S, WM JONES

WM WALTERS CARPENTER’S CREW WM
JONES DOG DRIVER

WILLIAM WALTIS CARPING HIS CREW
WILLIAM JONES DON’T DRIVER

WILLIAM WALTIS CARPENTIS CREW
WILLIAM JONES DOG DRIVER

WILLIAM WALTERS CARPENTER’S CREW
WILLIAM JONES DOG DRIVER

WM WALTERS CARPENTER’S CREW WM
JONES DOG DRIVER

Ground Truth

CBA [26]

CopyNE [28]

ED-CEC [19]

PARCO

improving its robustness in bias-aware recognition tasks.

Table V further shows representative transcription examples
on AISHELL-1 and DATA2. Although baseline models either
hallucinate entities or only partially recover names, PARCO
generates complete and correct entity spans in both Chinese
and English contexts. This highlights PARCO’s advantage
in enforcing entity integrity and resisting confusion from
phonetically similar or out-of-context entities.

V. CONCLUSION

In this paper, we introduce PARCO, a phoneme-augmented
contextual ASR framework that addresses the challenges of
homophone disambiguation and incomplete multi-token en-
tity recognition. PARCO integrates four key components:
phoneme-aware encoding to capture fine-grained pronuncia-
tion differences, contrastive entity disambiguation to enhance
discriminative decoding, entity-level supervision to ensure
span-level integrity, and hierarchical entity filtering to improve
retrieval precision and robustness. Experimental results show
that PARCO significantly improves contextual biasing perfor-
mance on both Chinese (AISHELL-1) and English (DATA2)
benchmarks, outperforming strong baselines. Moreover, it gen-
eralizes well to out-of-domain datasets such as THCHS-30 and
LibriSpeech. In future work, we plan to extend PARCO to
multilingual settings and explore its integration with retrieval-
augmented speech understanding systems.
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