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Abstract

Advanced AT models, such as Large Language Models (LLL.Ms), require
significant computational resources and are thus typically hosted on cen-
tralized cloud infrastructure. This implies data protection risks and de-
pendencies on major platforms, such as those of tech monopolies. This
paper presents TransLoco, a self-hosted, free-software framework that en-
ables near real-time transcription and translation of audio streams locally
on one’s own devices. We discuss practical free-software tools and mod-
els, along with their hardware requirement specifications, and demonstrate
how advanced AI applications can be deployed without any dependency on
external resources. This allows for greater security, control, and full digital
sovereignty. Moreover, as part of our effort to support linguistic diversity,
we include the low-resource language Ladin and release an Italian-Ladin
translation model optimized for fast inference. The framework was demon-
strated and tested live at the Medien-Wissen-Bildung 2025 conference,
confirming its setup and practical applicability in real-world scenarios. We
made the complete source code publicly available at https://git.uibk.ac.at/
informatik/iis/iis-projects/TransLoco.

Haller-Seeber, Simon, & Frontull, Samuel. (2026). TransLoco: AI-Driven Real-
Time Transcription, Translation, and Summarization. A self-hosted free-software
conference solution. In Klaus Rummler, Giinther Pallaver, Petra Missomelius,
Valentin Dander, & Oliver Leistert (Eds.), Streifziige an den Nahistellen von
Medien, Bildung und Philosophie (2. erw. Aufl., Medien — Wissen — Bildung 2025,
S. 397-418). Ziirich: OAPublishing Collective. https://doi.org/10.21240/978-3-
03978-164-5_21


https://orcid.org/0000-0002-1538-5906
https://orcid.org/0009-0004-1230-4666
https://doi.org/10.21240/978-3-03978-164-5_21
https://doi.org/10.21240/978-3-03978-164-5_21
https://orcid.org/0000-0002-1538-5906
https://orcid.org/0000-0002-1538-5906
https://orcid.org/0009-0004-1230-4666
https://orcid.org/0009-0004-1230-4666
https://git.uibk.ac.at/informatik/iis/iis-projects/TransLoco
https://git.uibk.ac.at/informatik/iis/iis-projects/TransLoco
https://git.uibk.ac.at/informatik/iis/iis-projects/TransLoco

TransLoco:Al-DrivenReal-TimeTranscription, Translation,andSummarization

Kl-gestiitzte Transkription, Ubersetzung und
Zusammenfassung in Echtzeit. Eine selbstgehostete
Konferenzlosung auf Basis freier Software

Zusammenfassung

Fortgeschrittene KI-Modelle, wie Large Language Models (LLMs), sind
sehr rechenintensiv und werden daher in der Regel iiber zentralisierte
Cloud-Dienste genutzt. Dies birgt jedoch Datenschutzrisiken und die Ge-
fahr der Abhingigkeit von groflen Plattformen. In diesem Beitrag wird
TransLoco vorgestellt: ein freies Software-Framework, das die Transkrip-
tion und Ubersetzung von Audio-Streams in nahezu Echtzeit auf eigenen
Geriten ermoglicht. Wir prasentieren freie Software-Tools und -Modelle
sowie deren Hardware-Anforderungen und zeigen auf, wie sich fortschritt-
liche KI-Anwendungen ohne Abhéngigkeit von externen Ressourcen be-
treiben lassen. Dies ermdglicht eine hohere Sicherheit, mehr Kontrolle und
volle digitale Souveranitat. Um die sprachliche Vielfalt zu unterstiitzen,
haben wir die ressourcenschonende Sprache Ladinisch einbezogen und
ein fiir eine schnelle Inferenz optimiertes Ubersetzungsmodell fiir Ttalie-
nisch-Ladinisch veroffentlicht. Das Framework wurde auf der Konferenz
Medien-Wissen-Bildung 2025 vorgefiihrt und seine praktische Anwend-
barkeit unter realen Bedingungen getestet. Der vollstindige Quellcode
wurde unter https://git.uibk.ac.at/informatik/iis/iis-projects/TransLoco
offentlich zuganglich gemacht.

1.  Introduction

Modern Natural Language Processing (NLDP) applications — such
as machine translation, intelligent writing assistants, speech recog-
nition, and speech synthesis — are integral to communication, edu-
cation, and professional environments. AT systems excel at (i) iden-
tifying patterns, (ii) compressing large volumes of information, and
(iii) performing repetitive tasks efficiently. These capabilities make
them particularly well-suited for applications designed to support hu-
mans in processing data if strategically combined (Marcus & Davis,
2019). In our increasingly globalised and digital world, such tools are
becoming indispensable in professional environments and everyday
communication, education, and public services. Due to their com-
putational demands, however, users are often forced to rely on exter-
nal infrastructures or commercial proprietary platforms, which carry
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risks associated with surveillance, data storage, and vendor lock-in.
Commercial platforms routinely collect, store, and exploit user data
as a core part of their business model, turning personal behavior
into predictive and monetizable assets (Zuboff, 2018). In educational
contexts, such dependencies can lead to platform dependencies, lim-
iting institutional autonomy and adaptability (Haller, 2018), while
also subjecting students and educators to extensive data collection
and surveillance practices (Schneier, 2015). In addition, only selected
languages are supported in these systems, and so-called low-resource
languages are often overlooked. Due to the ever-increasing integra-
tion of these technologies in our everyday lives, smaller languages are
being used less and less (Zaugg et al., 2022), which poses the risk of
them being regarded as “second-class“ languages. However, many of
the tasks handled by commercial tools can also be performed locally
using open-source models.

To address this digital marginalization and privacy concerns, we
present Transl.oco, a free, open, and selfhosted conference tool
developed to support conference participants in understanding, fol-
lowing, and documenting presentations, with a particular focus on
including Ladin, a low-resource language. By combining (i) a speech
recognition system, (ii) a summarization model, and (iii) machine
translation engines, the tool can provide real-time transcriptions of
speech with live translations in multiple languages, as well as a his-
tory and concise summaries of the main topics. In this framework,
the data is processed directly on local devices, eliminating reliance
on external servers and/or cloud providers. Therefore, we make the
following main contributions:

* documentation of how audio streams can be processed locally wit-
hout external dependencies;

* demonstration that real-time speech processing can be performed
locally, offering a viable alternative to cloud-based solutions in
specific scenarios;

* inclusion of Ladin, a low-resource language, and release of a
machine translation system optimized for fast inference in this
language;

* public release of the source code.
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By doing that, we showcase how individuals, institutions, and or-
ganizations can take back control of their data. Moreover, we en-
courage the adoption of decentralized alternatives that prioritize pri-
vacy, autonomy, and contribute to linguistic diversity and cultural
preservation. This aligns with a broader vision of digital sovereignty,
promoting the principles of data protection and free software. We
hope to inspire others to disrupt the digital status quo of centralized,
corporate-driven AT

Background

The initial framework was developed for scientific outreach efforts
at the Long Night of Research 2024!, where it was designed to tran-
scribe and translate a panel discussion into German and English.
Lessons learned from the Media, Inclusion & AT Space within the
INNALP Education Hub (Bouvier et al., 2025) informed our ap-
proach. While INNALP primarily focuses on educational tools for
schools, the Long Night of Research emphasized public engagement.
More broadly, self-hosted AI and free software tools offer valuable
applications beyond classrooms, benefiting researchers, educators,
and institutions seeking digital autonomy. Presented as a live demo at
Medien-Wissen-Bildung 2025 conference?, this work fits in with the
conference’s broader discussions on the intersections of media, edu-
cation, and philosophy. It challenges the assumption that advanced
AT solutions must be outsourced to major technology providers.

2.  Related Work

The idea of combining multiple NLIP technologies into a digital as-
sistant with real-time transcriptions and summaries, as the one pre-
sented in this paper, is not entirely new. An early attempt to automat-
ically generate meeting notes from audio using speech recognition
and summarization models was presented in 2018 with ProMETheus
(Liu et al., 2018). This work focused on supporting multiple speakers.
However, it predates the emergence of LLLLMs, and language technol-
ogies have since advanced significantly. More recent efforts, such as

1 https://www.uibk.ac.at/de/mip/events/lange-nacht-der-forschung/.
2 https://www.uibk.ac.at/de/medien/veranstaltungen/tagungen/
medien-wissen-bildung-2025/.
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Khonde, et al. (2024), Wyawahare, et al. (2024), and Akshatha et
al. (2024), have explored similar ideas for generating meeting min-
utes, but their architecture relies on proprietary services, including
Amazon Transcribe for speech-to-text conversion and ChatGPT for
summarization.

In contrast, TransLLoco is designed to address these privacy and de-
pendency concerns by leveraging open-source components and pro-
viding a complete infrastructure to run everything locally. In this re-
gard, it shares similar goals with the open-source system proposed by
Haz et al. (2024), which also prioritizes transparency and user con-
trol. Their system focuses on post-hoc analysis of recorded video pres-
entations, integrating open-source components for speech recogni-
tion, summarization, and slide segmentation. While their approach is
modular and effective in offline scenarios, our work targets real-time
support with a lightweight and privacy-respecting architecture.

Our framework incorporates Ladin (Val Badia), one of many low-re-
source languages often overlooked in mainstream machine transla-
tion systems. Previous work has focused on developing and evalu-
ating methods that enable the use of state-of-the-art neural models
for machine translation for Ladin, more specifically, the Val Badia
variant (Frontull & Moser, 2024a,b). Building on this foundation,
our framework incorporates a newly trained model into the real-time
translation pipeline to support Ladin.

3.  Core NLP Tasks
In this section, we describe the state-of-the-art approach for the indi-
vidual tasks in our framework.

3.1 Automatic Speech Recognition (ASR)

The process of ASR involves the interpretation of a time-varying
acoustic signal using a stochastic model (Dighe et al., 2020). The
first scientific approaches in this field can be traced back to the
1930s, when phonetic elements were first systematically described
(Juang & Rabiner, 2005). With advances in computing power and
the availability of larger amounts of data, these systematic approach-
es have been replaced by end-to-end methods (Graves & Jaitly, 2014),
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where, again, the transformer architecture has become the dominant
paradigm (Pratap et al., 2024). While these require less human ef-
fort, they require vast amounts of data (Prabhavalkar et al., 2023)
and need dedicated infrastructure to operate.

3.2 Automatic Text Summarization (ATS)

ATS is the task of summarizing a text while retaining the most
important information (Rennard et al., 2023). The literature dis-
tinguishes between exzractive summarization, where the task is to
select the most important sentences from a source text and concat-
enate them into a summary, abstractive summarization, which aims
to capture the essential information of the original text and to gener-
ate new sentences that summarize it, and /4ybrid summarization that
combines both approaches (Rennard et al., 2023). In our work, we
focus on abstractive summarization, as it helps to smooth out tran-
scription errors. As with many other NLP tasks, transformer-based
architectures and generative models have become the foundation for
abstractive summarization (Zhang et al., 2025a,b).

3.3 Machine Translation (MT)

Current state-of-the-art machine translation systems typically use
transformer-based architectures, which provide significant gains
compared to older statistical approaches (Koehn, 2020). In specific
settings, e.g., document-level translation, LILMs have proven to be
even more effective and can provide contextually more appropriate
translations (Wang et al., 2023). However, LLLMs are too computa-
tionally expensive when speed and responsiveness are critical. In our
framework, we thus opted for (smaller) neural machine translation
models. Neural MT models are trained on parallel data, i.e., source
texts and their corresponding translations. From this data, the mod-
els learn input—output relationships as well as patterns in the target
language. For real-time text-to-text translation from English to Ger-
man and Italian, we used Argos Translate (Finlay, P.J. and Argos
Translate, Contributors, 2025), and for translations from Italian to
Ladin we trained and integrated a quantized model optimized for
fast inference that we have publicly released on Hugging Face®.

3 https://huggingface.co/sfrontull/transloco-ita-1ld
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E_J < Summarize (SRT):
Microphone - Ollama using Openthinker
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Microphone Client (Browser)
Room3 .
- select room: ) ) Virtual Machine
* view live translation: en,de,it,lid stream - Redis (in Memory DB: exchange msgs)
« and listen to_ room data - Flask (WebApp)
« read transcript - Traefik (Load Balancer/HTTP)
* or summary Q»
Figure 1: High-level overview of TransLoco (Haller-Seeber and

Frontull, 2025).

4.  Technical Implementation

This section outlines the technical implementation of TransLoco.
The system architecture combines multiple components to ensure
seamless processing of speech input, near real-time transcription,
and translation. The integrated tools consist of free and open-source
software released under an open license.

Figure 1 presents a high-level overview of the TransLoco framework
with three main components: (a) audio client, (b) GPU Server, (c)
web-client. To simplify the deployment and management of all ser-
vices, the system uses containerization with Docker. For efficient
communication between components, we use Redis* as an in-mem-
ory database. In the following, we describe the distinct components
in more detail. The source code is available at: https://git.uibk.ac.at/
informatik/iis/iis-projects/TransLLoco

4 https://github.com/redis/redis.
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4.1 Audio Processing

We use PulseAudio® and FEFMPEG?® for capturing audio from mi-
crophones and performing necessary pre-processing tasks and stream
the audio to the streaming server using the real-time streaming pro-
tocol (RTSP). Mediamtx’, a simple RTSP server, handles live audio
streams.

When a client connects to the GPU machine via an RTSP audio
stream, a dedicated docker container begins by performing Voice
Activity Detection (VAD) (SileroTeam, 2021), which identifies the
presence of human speech in the incoming audio stream. This step is
crucial for minimizing errors and hallucinations in the transcription
process by ensuring that the transcription model processes only rel-
evant speech. Once speech is detected, the audio is transcribed into
text. The transcribed text is then translated into the target languages
(German, Italian, and Ladin). If a stream stops or is not available,
the respective listening container restarts and waits for a new audio
stream connection.

4.2 Transcription, Translation and Summarization

At the core of the system’s capabilities, several AT models are inte-
grated for transcription, translation, and summarization. The tran-
scription of live speech is handled by Whisper Live (Radford et al.,
2022), a near real-time transeription tool built upon OpenAT’s Whis-
per model®. This model is highly efficient in transcribing both live
audio input from microphones and pre-recorded audio files, adjust-
ing the transcription output based on the most probable words and
sentence structures.

For multilingual translation, TransLLoco integrates different models
based on the use case. For translating summaries and the transcrip-
tion history (stored as srt-file) into German and Italian, it employs

https://www.freedesktop.org/wiki/Software/Pulse Audio.
https://github.com/FFmpeg/FFmpeg.
https://github.com/bluenviron/mediamtx.

This model could handle translations as well, but we wanted to evalua-
te different models in one go.

o N O\ G
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SeamlessM4T (Gong & Veluri, 2024), a large-scale multilingual ma-
chine translation model known for its broad language coverage and
high translation quality. In contrast, for real-time translation of live
transcriptions, TransLLoco uses smaller and faster models from ar-
gos-translate’ , which allow low-latency inference. For all translations
into Ladin (Val Badia variety), the system uses the transloco-lld-ita'
model optimised specifically for fast inference.

The integration of Ollama', a framework for managing LI Ms,
further enhances the system with access to OpenThinker, which is
based on the Qwen2.5 family of models, to provide summaries for the
transcribed talks (OpenThoughtsTeam, 2025). We generate a rolling
summary every two minutes. BEach new summary builds on the pre-
vious one, incorporating the most recent 15 minutes of transcription.
This iterative process allows the model to continuously refine its un-
derstanding of the ongoing session. However, it should be noted that
this may result in older information gradually disappearing from the
summary.

4.3 Web Application

The final transcriptions, translations, and summaries are displayed
on a dynamic webpage, which provides users with live updates of
the transcription, translation, and summarization process. This inter-
face is powered by Flask'?, a lightweight web framework that ensures
smooth user interaction and dynamic updates. Additionally, Traefik"
is used as the entry point for accessing the system from the web.

9 https://github.com/argosopentech/argos-translate.
10 https://huggingface.co/sfrontull/transloco-ita-11d.
11 https://ollama.com.

12 https://flask.palletsprojects.com/en/stable/.

13 https://github.com/traefik/traefik.
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Figure 2: Left: GPU, CPU, Memory and Network utilization;
Right: Workstation with Dual GPU Setup.

4.4 Hardware

To support live transcription, translation, and summarization, we de-
ployed a high-performance workstation optimized for running LILMs
in near real time. The workstation is built around an Intel Core i7-
10700K processor running at up to 4.99 GHz across its 8 cores and
16 threads, and is equipped with 128 GB of RAM. It features two
consumer-grade NVIDIA GPUs: a GeForce RTX 3090 and an
RTX 4500 Ada Generation, each with 24 GB of VRAM, making
the system well-suited for running medium-sized LLLMs. Storage is
provided by a high-performance 1 TB Samsung NVMe SSD. Net-
work connectivity is supported by multiple Ethernet interfaces, in-
cluding a high-speed Aquantia AQCI107 controller. The system op-
erates under moderate thermal and CPU loads, as shown on the left
of Figure 2 via btop monitoring. The CPU is at approximately 72 %
utilization and 85 °C, while the GPUs exhibit moderate usage levels,
indicating available headroom for additional LLLM requests.

5. Evaluation and Results

To assess the effectiveness of the proposed transcription framework,
we conducted both manual and automated evaluations and moni-
tored its live performance during the Medien-Wissen-Bildung 2025
conference. This combination of methods enabled us to evaluate the
system’s reliability, accuracy, and behavior under real-world condi-
tions, using formal performance metrics/indicators and insights from
user experience and observed user interactions.
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5.1 Evaluation Metrics
Below, we describe the quantitative and qualitative metrics used in
the automated evaluation.

Quantitative Metrics

Word Error Rate (WER) is the most common metric for ASR,
quantifying transcription accuracy by counting substitutions, dele-
tions, and insertions relative to the reference transcript (Morris, et

al., 2004):
S+D+1

WER =
N

where S is the number of substitutions, D is deletions, I is insertions,
and N is the total number of words in the reference (Morris et al.,
2004). The alignment was performed based on content similarity,
not temporal alignment. This was implemented using the Python
script jiwer'* and custom alignment heuristics.

Sentence Error Rate (SER) measures the percentage of sentences
with at least one error, providing a complementary perspective on
transcription quality at the sentence level. We implement this using
Python’s difflib with case-insensitive comparisons.

Precision and Recall for Key Terms In domain-specific ASR tasks,
accurately capturing critical terminology is crucial. We measure pre-
cision and recall over predefined keyword sets using Python set oper-
ations to evaluate this aspect.

True Positives

Precision = v
True Positives + False Positives

True Positives

Recall =
cca True Positives + False Negatives

BLEU is a standard for automated MT evaluation, despite known
limitations. It measures n-gram overlap between candidate and refer-
ence translations, adjusted by a brevity penalty to account for length
differences (Papineni et al., 2002).

14 https://github.com/jitsi/jiwer.
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Qualitative Metrics

Semantic Fidelity Evaluates whether the transcribed text preserves
the intended meaning of the original. Semantic similarity is meas-
ured using sentence embeddings and cosine similarity across the en-
tire corpus. For the computation of the embeddings, we used ‘sen-
tence-transformers’ and ‘scikit-learn’ for cosine similarity.

Fluency and Grammar Assesses the grammaticality and readabil-
ity of the transcription through LLanguageTool an automated gram-
mar-checking tool. The number and severity of errors are compared
to the original reference text to quantify degradation.

Named Entity Recognition (NER) Accuracy Measures the correct
identification and transcription of named entities and domain-specif-
ic expressions (e.g., “Big Tech”, “ILILMs”) using SpaCy.

ASR Evaluation ‘ FLORES+
Quantitative

‘Word-Error-Rate 0.121
Sentence-Error-Rate 0.065
Precision 0.913

Recall 0.910
Qualitarive

Cosine Similarity 0.822
Grammar Errors (avg/sent.) 89/0.07
NER 0.661

MT Evaluation BLEU/TER
English to German 31.88 / 51.16
English to Italian 26.07 / 45.79
Ttalian to Ladin 19.77 / 62.68
Table 1: Evaluation Results from microphone audio stream to Eng-

lish Transcription.
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5.2 Automated Tests

To test the microphone setup and the transcription model, we con-
ducted a trial in which selected English, German and Italian texts
were synthesized into speech, recorded using the TransLLoco client,
and transcribed to English, replicating conditions similar to those of
a live conference.

We use the English devtest split of the FLORES+ (NLLB Team,
2024) dataset comprising 1,012 sentences as a text source. For these
texts, we first generated an MP3 audio file using eSpeak NG, a
lightweight text-to-speech (T'TS) engine (that does not rely on large
language models). This audio was then played through a standard
speaker and recorded using Hollyland Lark Max microphones. The
setup was intended to mimic the acoustic conditions typical of a con-
ference environment. To facilitate sentence-level segmentation during
transcription, a 3-second pause was inserted between sentences. The
resulting audio recordings were streamed into the TransL.oco frame-
work. Regardless of the input language, the system was configured to
output English transcriptions.

The complete pipeline, from speech input to transcribed output,
was evaluated by comparing the generated transcriptions with the
original reference texts, using a range of quantitative and qualitative
metrics to assess the accuracy and linguistic quality of the system.
Moreover, to provide a general picture of the translation quality, we
also evaluated the machine translation systems used to translate the
English transcriptions into German and Italian, and from Italian
into Ladin. All the results are reported in Table 1.

5.3 TransLoco at Medien — Wissen — Bildung 2025

Figure 3 is a screenshot of the system taken during the Medien-Wis-
sen-Bildung 2025 conference, showing live transcription of the Ger-
man talk given by Heribert Insam with the title “Medien, Mikroben
und Kommunikation” (c.f. Insam, 2026) in Ladin. The right sidebar
shows a summary. The system operated smoothly throughout the
event, which confirms that the hardware setup was well-configured.
However, the quality of the transcriptions and generated summaries
remains far from perfect. For instance, the translation of the summary
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into Ladin shown in Figure 3 is generally readable; however, it is not
fluent. The German phrase “wesentlich weniger stringent was nei-
ther recognized nor translated into English and, consequently, was
not translated correctly in any of the other target languages — a some-
what fitting accident. On a more positive note, the (rolling) summary
displayed on the right-hand side of the screenshot performs reasona-
bly well in this instance, capturing the key points of the talk so far.

H ,UniVerSitét Echtzeit Sprach- und Ubersetzungstool|
M innsbruck tzeit Spi tzungst

@ Live o Raum2 Raum3 BPlay Stream Sprache (lld) - Feedback
Raum 1 (lld)

Insci6 €l ince le micro-learning adoré da Theo, che a fat fora
WESENTLY WENIGER STRINGENT sciéche milesc de unités

d'informaziun por capi. Imp6 nes a le micro-learning porté adém y

pité leziuns de adatamént ecologica

finalménter, tl ann 2005, ince scidche le dirighént di ambiénc de e- et
Learning dl stiide. 2. Impaténc dl sensur dla porsona y culturai

— Uve Transkipton terestr,avertimént de contaminaziun dles eghes sot tera,
+ Conséis visuai i

e Gran.

3. Microlearning y educaziun

confujiun danter "micro” (dimenjiur) y "medium” (cultura)

mioré Uefiziénza, anfat pedagogia fociada sén microbiums.

4. Significanza storica y culturala
+ Mituns di microbio: L naturales a
na forma de stora

3326C, adors

scidche segnal militar.

Figure 3: Screenshot of the webpage of TransLoco showing the
live transcription and a summary in Ladin during the
talk given by Heribert Insam.

6.  Discussion

Based on the results of our evaluations and the experience gained
during the live demonstration at Medien-Wissen-Bildung 2025 con-
ference, we discuss the most important findings and observations, as
well as areas where we see considerable potential for improvement in
future work.

Real-time multilingual speech processing is feasible on local infrastruc-
ture: Our demonstration shows that it is feasible to run a real-time
conferencing tool with live transcription, translation, and summari-
zation entirely on local infrastructure. While we do not provide a
direct benchmark against commercial platforms such as Microsoft
Teams or Zoom, the system’s performance in tested scenarios indi-
cates that locally-run solutions can offer a viable alternative for cer-
tain use cases, particularly where data privacy or offline capability is

410



Simon Haller-Seeber and Samuel Frontull

a concern. Specifically, we demonstrated that the entire pipeline can
operate with a configuration of just two modern GPUs. This config-
uration is sufficient and necessary to ensure that all models run at the
required speed and responsiveness. During real-time use, the GPUs
were continuously busy with transcription and translation, requiring
resource allocation to support translation and summarization tasks
in parallel.

We estimate the cost of setting up the required infrastructure for
such a deployment to be around €5,000. This configuration provides
a scalable, reusable solution for future events. The measured cost of
operating the system during the conference was approximately €1
illustrating the potential ecological and economic benefits of a lo-
cal deployment in this specific context. Comparisons with produc-
tion-grade infrastructure or cloud-based services are more complex.
In real-world scenarios, factors such as scalability, reliability, mainte-
nance overhead, and long-term operational costs must be taken into
account. Our system ran in a development environment, which, while
sufficient for the event, does not fully reflect the demands or archi-
tecture of a productionready, continuously operating (24/7/365)
solution. Moreover, development infrastructure often needs to be
maintained regardless of the chosen deployment model, which can
blur the overall cost calculation. A feasible deployment approach de-
pends on context-specific priorities, including privacy, performance,
environmental impact, and operational control.

Sensitivity to Audio Conditions: The quality and reliability of the
transcription, translations, and the generated summaries vary con-
siderably and appear to be highly dependent on audio conditions,
such as microphone connectivity and clarity of speech. During the
first session of the conference, we observed that the setup of the au-
dio stream server had a significant impact: two microphones were
streaming from relatively distant positions, which resulted in a more
scrambled audio signal. This led to a low transcription quality, which
in turn affected the downstream translation and summarization. Ad-
ditionally, we observed that during recognition and transcription,
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the system occasionally alters individual word tokens, resulting in in-
complete or fragmented sentences. Again, a problem that propagates
through the translations.

Translation Accuracy is Domain-Dependent: While modern neural
translation models can generalize to a certain extent, the domain of
the training data plays a crucial role (Shen, et al., 2021). Consequent-
ly, one cannot always expect such models to produce accurate trans-
lations. Domain-specific terminology was occasionally misidentified;
for example, OpenSource was incorrectly transcribed and summa-
rized as OpenSynec. This highlights limitations in the system’s ability
to accurately recognize named entities, as also reflected by a rela-
tively low NER accuracy score of 0.661. This limitation has been
explored in Walter et al. (2025), where the strengths and weaknesses
of AI translation were examined, highlighting the need for human
oversight. Al tend to simplify language for broader accessibility,
thus it may also reduce textual complexity and depth. Maintaining
high-quality translations requires careful attention to context, tone,
and linguistic intricacies. A hybrid approach, combining AT efficien-
cy with human expertise, ensures accuracy and preserves linguistic
richness.

AT Summaries Sometimes Introduce Hallucinations: For Al summa-
ries, we saw cases where the system tended to normalize — rather
than capturing specific and nuanced content, the system sometimes
produced generalized or overly abstract statements. In some instanc-
es, the system generated statements that were not part of the original
talk, suggesting instances of content hallucination. These issues may
be mitigated through more targeted prompt engineering, instruc-
tion tuning, and system prompt design. Notably, the AT summarizer
sometimes went beyond summarization, providing a form of evalua-
tive commentary or critical analysis. In a few instances, it generated
remarks akin to constructive feedback. These findings underscore
the need for critical oversight when interpreting automatically gen-
erated summaries, particularly in academic or professional contexts.
In our case, the summaries were generated on a rolling basis. As a
result, the summaries evolved dynamically over time. While not al-
ways precise, they provided an interesting glimpse into the ongoing
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talks, including for those attending different sessions or unable to be
physically present at the conference. Examples of Al-generated sum-
maries produced by our framework at the Medien-Wissen-Bildung
2025 conference are available at https://hug-web.at/mwb2025/.

The Value of AI Translation Increases with the User’s Linguistic
Awareness: Al-powered translation tools such as ChatGPT and
DeepL are becoming increasingly prevalent, offering speed and con-
venience for tasks like subtitle generation and product descriptions.
However, Walter et al. (2025) from the Linguistics Department at
the University of Innsbruck cautions that these tools are not flaw-
less. While some errors are obvious — such as social media subtitle
mistakes — others are more subtle, particularly in cultural nuances,
legal terminology, or humor. Professional translators emphasize that
Al-generated translations can lack contextual understanding, poten-
tially altering meaning and intent. Users with strong linguistic aware-
ness can recognize these subtle issues and correct them, thereby in-
creasing the practical value of AT translation tools.

Based on the above observations, we identify several promising ap-
proaches for improving the overall performance of the system. One
important possibility lies in the development of domain-specific ma-
chine translation systems that could be trained when the topic or con-
text is known in advance, thereby improving translation (e.g., NER)
accuracy. In addition, refining prompting strategies for summary
generation could lead to more coherent results. In particular, experi-
menting with alternative approaches to generating rolling summaries
could help ensure that important information is not lost over time.

7.  Conclusion

In this paper, we presented TransLoco, a free-software conference
tool that leverages advanced AT technologies running on local infra-
structure. Our framework demonstrates that self-hosted AT solutions
can enhance translation accuracy while preserving user control over
data. By integrating multilingual and minority language support, we
further promote inclusivity. This approach challenges the narrative
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that AT translation must rely on centralized platforms, advocating
instead for localized, free, and open alternatives that prioritize digital
sovereignty and linguistic diversity.
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