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Abstract

This paper introduces HW-TSC’s submission
to the IWSLT 2026 Subtitling track. For au-
tomatic subtitle generation, we employ a cas-
caded strategy under unconstrained conditions.
First, we construct a large-model-based stream-
ing speech recognition framework, which incor-
porates VAD voice activity detection, sliding-
window context caching, long audio chunk-
ing, and the Qwen3 forced alignment model to
achieve high-precision transcription and times-
tamping from English speech to text. Next,
we perform text translation using a Qwen3-
based translation model. Finally, according
to subtitle constraints such as characters per
second (CPS) and characters per line (CPL),
we identify translation segments that exceed
compliance thresholds via quantitative evalua-
tion, and rewrite them using a large language
model while preserving core semantic meaning,
ultimately producing subtitle files that meet the
required standards.

1 Introduction

Faced with the massive volume of audio-visual
content produced daily, the automatic subtitling
task has attracted widespread attention, driving the
demand for high-quality subtitle generation solu-
tions (Alvarez et al., 2016; Vitikainen and Koponen,
2021; Hou et al., 2021; Sun et al., 2025). Cur-
rent technical approaches can be broadly divided
into two categories: the cascaded strategy and the
end-to-end strategy. The conventional cascaded
strategy adopts a pipelined architecture with dis-
tributed multi-module execution, which generally
completes subtitle generation sequentially through
speech recognition, subtitle segmentation, machine
translation and text compression, with each subtask
processed independently (Bentivogli et al., 2021).
In contrast, the end-to-end strategy aims to gen-
erate subtitles directly from audio or audio-visual
inputs within a unified framework. Such models
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enable the joint learning and optimization of mul-
tiple subtasks in subtitling, thereby mitigating the
error propagation issue inherent in cascaded sys-
tems (Liu et al., 2020; Bérard et al., 2016; Papi
et al., 2023).

The International Conference on Spoken Lan-
guage Translation IWSLT) is a premier annual
academic conference dedicated to all research di-
rections in spoken language translation. Since
2023, it has launched the automatic subtitling
task, which requires participants to produce high-
quality subtitles while satisfying multiple practical
constraints, including accurate timeline alignment,
reasonable subtitle segmentation, and appropriate
reading speed. Unlike previous editions, the 2026
competition has eliminated the separate text com-
pression track, expanded the target language cov-
erage to include Chinese and Japanese for a multi-
lingual setting, and formulated refined limitations
on character count and reading speed for different
languages (Adelani et al., 2026).

Taking Chinese subtitling as an example, the of-
ficial constraints are clearly defined as follows: 1)
each subtitle block (Lines Per Block, LPB) shall
contain no more than two lines; 77) the number of
Chinese characters per line (Characters Per Line,
CPL) is limited to 16; ¢4%) to ensure a comfortable
reading experience, the maximum reading speed
for Chinese subtitles is restricted to 9 characters
per second (Characters Per Second, CPS). Accord-
ingly, qualified subtitles should be organized into
text blocks that fully comply with the above speci-
fications, and the degree of rule compliance can be
quantified by the proportion of standardized subti-
tle blocks in all generated results.

In this paper, we adopt a cascaded pipeline for
automatic subtitle generation. Considering the out-
standing performance of the Qwen3 series models
across various domains (Yang et al., 2025; Shi et al.,
2026), the proposed cascaded solution is expected
to achieve promising results on the subtitling task.

Proceedings of the 23rd International Conference on Spoken Language Translation (IWSLT 2026), pages 91-96
July 3-4, 2026 ©2026 Association for Computational Linguistics



Subtitles directly obtained through speech recogni-
tion and machine translation often fail to meet prac-
tical broadcasting standards. Restricted by visual
display limitations, subtitle presentation should be
adapted to the video playback rhythm and audience
reading speed. Therefore, subtitle compression
serves as an essential component within the overall
workflow. Non-compliant translated segments are
identified via quantitative evaluation metrics. On
the premise of preserving the core semantic infor-
mation of the source text, large language models
are employed to compress and rephrase the target
texts, with the goal of generating final subtitles
that fully meet official formatting and readability
constraints.

2 Automatic Subtitling

We propose a Qwen3-based cascaded automatic
subtitling strategy. The overall architecture is illus-
trated in Figure.1, and the details are as follows:

2.1 Streaming Speech Recognition

We design and implement a multi-module collab-
orative system for streaming speech recognition
and timestamp alignment to generate subtitle texts
for long-form audio. Built upon the Qwen3 series
as the foundational models, the system integrates
key functional modules including voice activity de-
tection, streaming chunked inference, forced align-
ment, and hallucination filtering.

The system first divides the input audio into seg-
ments of fixed duration. The Silero VAD model
is adopted to detect voice activity in real time and
filter silent segments. Subsequently, a 2-second
sliding window is used for streaming audio segmen-
tation and incremental processing. By dynamically
maintaining cached contextual audio and textual in-
formation, the system guarantees the coherence
of recognition outputs. During the recognition
and inference stage, audio features extracted by
the encoder are fused with textual prompts. The
vLLM (Kwon et al., 2023) inference framework is
utilized to achieve efficient decoding of large lan-
guage models, and length-based threshold filtering
is adopted to suppress model hallucinations and
enhance output reliability. To satisfy the tempo-
ral accuracy requirements of subtitling tasks, the
forced alignment module of Qwen3 is introduced
to realize token-level temporal synchronization be-
tween transcribed texts and corresponding audio.
Following this pipeline, the system generates stan-
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dardized subtitles with accurate timestamps, which
serve as reliable support for subsequent translation
and subtitle compression.

2.2 Text Preprocessing

After completing streaming speech recognition, we
process ASR transcripts through text merging and
length constraint adjustment to generate English
text blocks that meet subtitling specifications. Con-
secutive ASR segments are merged at the seman-
tic level according to sentence-ending punctuation.
Short fragmented outputs from the same sentence
are integrated into complete utterances, while the
timestamp information of each segment is fully
preserved. On this basis, we set an upper limit
on word count based on the prior length ratio be-
tween English and Chinese. For long text blocks
that exceed the threshold, a greedy strategy is ap-
plied to reorganize internal subsegments, ensuring
that the word quantity of each subtitle block satis-
fies relevant constraints. This workflow maintains
semantic integrity and timestamp accuracy. Mean-
while, it enables subtitle texts to adapt to display
space limitations and standard reading speed, and
provides high-quality input for the subsequent ma-
chine translation stage.

2.3 Machine Translation

Considering the high temporal accuracy of times-
tamps provided by the ASR system, we only trans-
late English source sentences into the target lan-
guage during subtitle generation, while keeping all
temporal information unchanged. In the IWSLT
2026 Subtitling task, we input structurally stan-
dardized English text units into the Qwen3-based
translation model for processing, and finally obtain
translated results that are strictly aligned with the
source content.

3 Subtitle Compression

Subtitle quality after translation requires compre-
hensive consideration. The official competition
rules clearly require all participating teams to bal-
ance translation quality with standardized subtitle
formatting constraints. To address this requirement,
we aim to compress and restructure raw translated
texts rationally. By fully retaining valid semantic
information from the original content, our method
maintains high translation fidelity while enabling
the generated subtitles to comply with official CPS,
CPL and LPB limitations.
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Figure 1: Overall architecture of the proposed cascading subtitle system.

The subtitle compression task requires sentence-
level rewriting of subtitle texts while preserving the
timestamp information of the original subtitle files.
This means that the compression process should
preserve the original semantic information, while
avoiding fusion compression of multiple sentences.

To adapt translated subtitles to the display con-
straints of video playback, we propose a progres-
sive subtitle compression scheme based on large
language models. Taking Qwen3-32B as the core
model, our approach conducts constrained concise
rewriting on translated subtitle segments. It ensures
complete semantics and coherent expression, and
enables the generated subtitles to simultaneously
satisfy the dual specifications of CPL and CPS.

During the processing procedure, we first parse
the start and end timestamps of each subtitle and
calculate its actual playback duration, so as to auto-
matically identify unqualified segments that exceed
length or rate constraints. For these non-compliant
segments, our approach is to adopt a two-stage con-
strained optimization strategy. In the first stage,
greedy decoding with a temperature of 0 is applied.
Under deterministic generation without random
sampling, the model condenses translated texts
by only removing redundant auxiliaries and con-
junctions, thereby preserving complete semantic
meaning and sentence structure. If the constraints
remain unsatisfied after initial simplification, the
second-stage deep compression is activated with
the temperature adjusted to 0.3.

The entire compression process refers strictly to
the original English text. With instructional con-
straints, we ensure the retention of proper nouns
such as personal names, geographical locations and
institutional entities, and avoid any modification or
omission of core semantic information. The final
compressed subtitles can fully conform to screen
display limits and audience reading speed require-
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ments. This approach effectively improves con-
straint compliance while maintaining the accuracy,
readability and viewing experience of news-style
subtitles.

We propose a subtitle rewriting scheme based on
Qwen3-32B. This large language model possesses
powerful capabilities in semantic understanding
and text generation, and can be deployed to accom-
plish the simplification and rewriting of translated
subtitles. Specifically, we design professional role
prompts and constraint rules for the model, which
clearly define key requirements including character
length, characters per second, and the reservation
of proper nouns. In each inference step, we input
both the original English text and its Chinese trans-
lation into the model. The model then performs
text compression and concise rewriting under strict
compliance with the predefined rules. The detailed
prompts are presented as follows:

Role: Professional News Subtitle Refinement
Expert

Task: Refer to the original English text to con-
dense the Chinese translation, and strictly comply
with the following constraints:

1. Total character count < 32 characters.

2. Characters displayed per second < 9 charac-
ters.

3. Fully retain all personal names, place names,
country names, institutional names and proper
nouns.

4. Only remove redundant auxiliaries and con-
junctions; do not modify, abbreviate or omit core
nouns.

5. Ensure coherent expression and complete
semantics, with priority given to news accuracy.



4 Experiments

4.1 Dataset

Participants are required to automatically gener-
ate subtitles for three categories of audiovisual
documents, with English as the sole spoken lan-
guage. Audio and video files of the development
and evaluation sets are provided in MP4 format
for Asharg-Bloomberg and ITV materials, while
YODAS data adopts the WAV format. The com-
petition requires participants to use only the au-
dio tracks contained in the provided videos. The
video tracks are delivered with low visual quality,
and are mainly adopted to verify temporal synchro-
nization and other display-related characteristics of
on-screen subtitles.

1) ITV: The ITV dataset is provided by ITV Stu-
dios, a subsidiary of the largest commercial broad-
casting organization in the United Kingdom. This
institution develops and produces diverse content
including TV dramas, entertainment programs and
documentaries across 13 countries worldwide, and
distributes such works globally with high-quality
official subtitles. The data adopted in this com-
petition consists of MP4-format video materials
featuring colloquial language and naturally vari-
able speaking rates. Meanwhile, the standardized
subtitle specifications of this dataset enable effec-
tive evaluation of model performance in translating
colloquial and scenario-based audiovisual content.

2) Asharg-Bloomberg: The Asharqg-Bloomberg
dataset is derived from financial news programs
produced by SRMG, the largest integrated media
group in the Middle East and North Africa (MENA)
region. All data is delivered in MP4 format, with
content focusing on global finance, business and
economic information under a rigorous and author-
itative news production framework. This dataset
features a relatively formal and standardized lin-
guistic style with high information density, and
contains a wide range of domain-specific terminol-
ogy in the economic and financial fields.

3) YODAS: The YODAS (YouTube-Oriented
Dataset for Audio and Speech) originates from di-
verse original video content on the YouTube plat-
form. This dataset covers large-scale real-world
speech data across multiple languages, with official
audio resources provided in WAV format for exper-
imental evaluation. It features a highly colloquial
linguistic style and flexible, informal expressions.
Meanwhile, the acoustic conditions are complex
and diversified, frequently involving background
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noise, background music, and overlapping speech
among multiple speakers.

4.2 Evaluation Metrics

Subtitle quality evaluation needs to take both trans-
lation performance and compliance with subtitle
production constraints into account. The evaluation
metrics specified by the competition are detailed as
follows:

1) SubER (Subtitle Edit Rate): SubER (Wilken
et al., 2022) serves as the primary metric to mea-
sure the overall quality of automatically generated
subtitles, which comprehensively reflects transla-
tion accuracy, temporal consistency and subtitle
standardization.

2) BLEU/BLEURT: These metrics are adopted
to evaluate the quality of translated texts. BLEU
(Papineni et al., 2002; Post, 2018) measures the
matching degree between machine translations and
reference texts based on n-gram precision, while
BLEURT (Sellam et al., 2020) is a deep neural
metric. Together, they reflect the accuracy and flu-
ency of translation. Following official guidelines,
appropriate tokenization strategies are applied to
different languages in this competition.

3) CPS (Characters Per Second): This metric
denotes the number of characters displayed per sec-
ond and is used to evaluate the compliance of sub-
title reading speed. The competition sets an upper
limit of 9 characters per second for Chinese con-
tent; any value exceeding this threshold is deemed
inconsistent with audience reading habits.

4) CPL (Characters Per Line): This indicator
refers to the maximum number of characters per
subtitle line and is designed to restrict the single-
line length of subtitles. For Chinese subtitles, the
upper limit is set to 16 characters per line, so as to
guarantee the visual aesthetics and readability of
on-screen subtitles.

5) LPB (Lines Per Block): This metric defines
the maximum number of lines contained in each
subtitle segment to constrain the line count of in-
dividual subtitles. The competition stipulates an
upper limit of two lines per block, in compliance
with the presentation standards adopted for conven-
tional film and television subtitles.

4.3 Experimental Results

Experiments are conducted on the IWSLT2026 de-
velopment dataset, and all metric scores are calcu-
lated with the results presented in Tablel. The
case-sensitive and punctuation-aware SubER is



Task  Condense SubER (/) BLEU (1) CPS% (1) CPL% (1) LPB% (1)
Asharg X 60.10 28.95 94.33 87.65 100.00
v 59.29 29.00 98.81 98.97 100.00
TV X 63.50 22.77 70.08 96.25 100.00
v 62.94 22.40 87.16 99.29 100.00
X 54.86 29.43 75.48 93.14 100.00
YODAS v 54.24 29.63 87.60 99.62 100.00

Table 1: Subtitle condensation results of three IWSLT tasks for en2zh on the 2026 development set.

adopted as the primary evaluation metric, while the
BLEU score is used to measure translation quality.
Before BLEU score calculation, mweralign (Post
and Hoang, 2025) is employed to realign machine-
generated subtitles with reference subtitles, which
serves as a variant of the AS-WER algorithm. The
compliance metrics are calculated with the script
provided by Papi et al. (Papi et al., 2023).

Our subtitle compression strategy leads to an
upward trend in both SubER and BLEU scores.
Text compression is generally considered to impair
translation quality, while the experimental results
show a certain discrepancy from this perception.
Two major reasons account for this phenomenon.
On one hand, large language models effectively pre-
serve core semantics and cut redundant expressions
during compression, rendering generated subtitles
consistent with references in stylistic features, sen-
tence structures and diction. On the other hand,
reference subtitles are standardized and concise,
with shorter length compared with verbatim oral
translations. Compressed outputs share similar tex-
tual characteristics with references, which also con-
tributes to the improvement of evaluation metrics.
In terms of compliance metrics, we achieve nearly
100% compliance with the LPB constraint, and si-
multaneously attain effective improvements in CPS
and CPL.

5 Conclusion

This paper presents the system submitted by the
HW-TSC team for the unrestricted subtitle track
of IWSLT2026. For the automatic subtitle gener-
ation task, we propose a Qwen3-based cascaded
strategy. By constructing a streaming speech recog-
nition framework and adopting Qwen3-powered
translation models, our method produces target
translations that are strictly aligned with source ut-
terances. To adapt generated subtitles to the display
constraints of video playback, we further develop
a large language model empowered progressive

subtitle compression scheme. Experimental results
demonstrate that the proposed compression strat-
egy effectively improves overall subtitle quality,
which validates the effectiveness and application
potential of our method. In future work, we will
further explore high-quality subtitle generation so-
lutions suitable for multilingual scenarios.
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