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Search begins with a transcript

recorded time-aligned discovery and
voice transcript close listening
Search and thematic Verification remains
querying essential
Scholars can locate relevant passages Names, places, and quotations still
across collections that are too large for require listening against the original
serial listening. recording.
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A demanding oral-history collection

MALACH 2,307 h

Holocaust survivor testimonies
USC Shoah Foundation Visual History Archive

English
Why generic models struggle German
Older speakers, emotional and spontaneous speech, Czech
non-native accents, and uneven recordings challenge Slovak
generic recognisers. Polish

Hungarian

Source Paper Table 1; Visual History Archive, vha.usc.edu
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Training material
used for model adaptation
246 h
1,803 h

87 h
96 h
52 h
23 h
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https://vha.usc.edu

Specialisation helps unevenly across languages

Word accuracy EN DE CS SK PL HU

Generic model 88.54 86.85 8598 89.72 84.32 83.65
Oral-history model 89.83 88.44 92.68 89.72 84.43 83.36

Change +1.29 +159 +6.70 0.00 +0.11 -0.29

The largest gains occur where generic training already
covered diverse speech.

Source Word accuracy on the oral-history test sets. Values in percentage points; paper Table 2.
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A recording-level estimate supports practical decisions

Useful for triage

0 Index a strong transcript, plan manual
correction, or direct attention to a
difficult recording.

estimated word accuracy A T .
n estimate, not a

guarantee

Important passages and quotations still
need verification against the audio.
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Reliability estimates improve over longer passages

Calibration error by minimum segment length
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Minimum segment length threshold x (reference words)

Whole recordings

Across all languages,
average error stayed below
five percentage points.

Shorter passages

Use at least 30 words. Short
fragments give unstable
estimates.

Source Speaker-disjoint evaluation with clean and noise-augmented test recordings; paper Table 3 and Figure 4.
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Transcription and reliability in one service

1 - Select the language and recognition model S iX Ora l' h iStory

models

Available languages: Czech, Slovak, German, English, Dutch, Polish, Hungarian. For each language, multiple recognition models are provided. The newer E ngl iS h Ge rman CZeC h
' ' ’

models (Zipformer, 2023+) generally achieve higher accuracy, while the older models (Wav2Vec 2.0, oral history-specific models) are kept for scientific
Slovak, Polish, and

reproducibility and long-term compatibility.
Hungarian.

Several outputs
Plain text, subtitles, timed
JSON, and Transcriber
XML.

2 - Upload audio file

Click to select a file or drag & drop it here.

Common formats supported (WAV, MP3, M4A, MP4, ...
Recognition starts automatically after file selection

3 - Result & Download

i a1 10100 100010 ONE ViSible
estimate
Expected accuracy when
recognition finishes.
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Five ways to use the
same recogniser

The right route depends on the user, collection size, and
governance requirements.



1. Web interface for a single recording

No installation

e :{:&Asﬁ;inaemlo‘hx\ ! Y I N—

Upload one recording,

browser. Itis designed to handle

oo Thesystems inspect the result, and
Sowiopot bt atnevtol tm e it ottre
vy export it.
—

1-Select the language and recognition model

Model  Czech (Zipformer) v e s

2- Upload audio file

Click to select a fil or drag & drop it here.

3-Result & Download

ot a1 508 300 0 Open UWebASR

uwebasr.zcu.cz
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https://uwebasr.zcu.cz/
https://uwebasr.zcu.cz/

2. Bavarian Archive for Speech Signals (BAS)

Ermemme e BAS Web Services Home  General Help+FAQs  Publications  Contact, About, Privacy W i t h i n C L A R I N

Version 4.0 History of changes.

Welcome! The BAS Web Services are a rich set of tools for speech OCTRA su pports
scien

ces and technology. Starting with MAUS - automatic

segmentation and labelling of snssch ~ many tools were Tutorials . .
developed in the context of
Anumber of tutorals on how 1o s the BAS Web Services correction, al ignment,
Developing these tools is scientific work. Please cite the tools .
inyour pubicaions ~ every and annotation export.
For further m!mmaﬂun there is a General Help page with Anonymizer Chunk Preparation
tutorials, FA( and on every service page is a specific
manual secl\on Mcsl tools can be used via this graphical This services reads a signal file This pre-processor to MAUS
frontend, or via a programmatic REST AP (sound, video) + BAS Partitur transforms a chunk
Format annotation + a list of segmentation (CSV, EAF or
terms to be anonymized in both TextGrid) into a BAS Partitur
By using the services, you accept the Conditions of Use of inputs, masks all occurances in Format (BPF) file containing
these services. the signal and in the the tiers tokenized words
annotation, and returns the two (ORT) and chunk segmentation
archive.
8§
OCTRA Voice Activity Detection
i 5 OCTRA- online text This service automatically
it { it e R et I
e Badeea s
Open external tool

BAS Web Services

clarin.phonetik.
uni-muenchen.de

Jan Svec: On Speech Recognition Model Adaptation and Accuracy Calibration for Oral History Archives, DHECC 2026 10/16


https://clarin.phonetik.uni-muenchen.de/BASWebServices/interface/WebMAUS
https://clarin.phonetik.uni-muenchen.de/BASWebServices/interface/WebMAUS

3. An Al assistant handles routine transcription

© riom- s souces « Open Sowee < Entrprise + Pricng

Q  signin | Ssignup

@ honzas83 | uwebasr-skill pubic Q N Fok 0 || 77 sur 2

< Code © lssues 11 Pullrequests  Actions [ Projects @ Security and quality | nsights.

P main -+ | P 1Branch © 0Tags Q Gotofie © Code - About
Python client for UWebASR

(University of West Bohemia) ASR
service. Zero-dependency script

@ honzass3 Add T lcense

seripts structured as a Gemini/Codex Skil
for autonomous audio transcription in
[ sitignore 9+ languages (CS, SK, EN, DE, PL,
[ ucense HU, HR, SR, NL),
& umebasr.zcu.cz
[ README md Add MIT lcense
[ sKiLmd

[ requirements.tx

[0 README b MIT icense

UWebASR Client & Skill
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Ordinary-language
request

“Transcribe every

recording in this folder.”

Get the skill

github.com/honzas83/
uwebasr-skill
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https://github.com/honzas83/uwebasr-skill
https://github.com/honzas83/uwebasr-skill

4. APIs connect UWebASR to existing systems

Direct REST
OpenAl-compatible endpoint access

Return transcripts and

confidence scores.
The same request shape as OpenAl Speech-to-Text.

POST /vl/audio/transcriptions

uwebasr.zcu.cz

model malach/en/zipformer
file interview.wav

No API key required. .
API documentation

uwebasr.zcu.cz/#h-api

Jan Svec: On Speech Recognition Model Adaptation and Accuracy Calibration for Oral History Archives, DHECC 2026 12/16


https://uwebasr.zcu.cz/#h-api
https://uwebasr.zcu.cz/#h-api

5. Offline HPC supports entire collections

33 902 Containerised deployment
y

: g The same recogniser stack can run in
testimonies processed .
controlled infrastructure through

6 O 0 O O scheduled parallel jobs.
»

hours of recorded speech Re_prOduc'ble Hlinie szt
A fixed container and model version

27 I ' B can support reruns and long-term
projects.

source video

Source Briickner, Lehe¢ka, Svec and Pecina (2026), Modeling the Language of Holocaust Survivors’ Testimony

with Domain-Adapted Transformers, HTRes @ LREC 2026.
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http://lrec-conf.org/proceedings/lrec2026/workshops/htres/2026.htres-1.0.pdf
http://lrec-conf.org/proceedings/lrec2026/workshops/htres/2026.htres-1.0.pdf

Privacy requirements influence the access route

Public UWebASR service Controlled deployment

Audio and generated transcripts are Restricted collections can use an
processed in memory and discarded institutionally approved offline HPC
when the session finishes. environment.

Processing runs on physical University of Calibration can keep reference

West Bohemia servers in Plzen. transcripts local; only audio reaches the

selected online recogniser.

Collection policy remains the deciding authority.

Source UWebASR data handling and privacy policy: uwebasr.zcu.cz/#h-privacy
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https://uwebasr.zcu.cz/#h-privacy

Choosing an access route

ROUTE BEST FIT DATA HANDLING

Web One recording Transient UWebASR processing

BAS Web Services Annotation project Selected CLARIN service policy

Agent Files and folders Host and endpoint policies apply
API System integration Transient UWebASR processing

Offline HPC Large collections Institution-controlled processing

Restricted collections usually require institution-controlled processing.
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Searchable collections with visible reliability

Specialised oral-history models
are available now

Six languages, several output formats, and a
recording-level estimate of transcript accuracy.

Access can match the institution
Use a browser, an established portal, an API, an
assistant, or offline infrastructure.

Questions? Try UWebASR

uwebasr.zcu.cz
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