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Abstract

The TELVID corpus is a new multi-language, multi-modal
resource for speaker recognition, comprising multiple
conversational telephone speech and video recordings from
each of 300 multilingual speakers. Consented subjects
contributed recordings in a wide variety of recording
conditions, with a minimum of 11 calls, 10 videos and one selfie
image per person. Every speaker made recordings in Tunisian
Arabic, North African French and/or English, along with two
“freestyle” recordings that utilize the speaker’s choice of any
language, dialect or mix of varieties. Recordings were audited
to verify quality and speaker identity and portions of the data
were selected for test data for the NIST 2024 Speaker
Recognition Evaluation. We developed audio and visual
baseline systems and measured baseline system performance.
The TELVID corpus will be published in the Linguistic Data
Consortium Catalog, making it broadly available for language-
related research, education and technology development.

Index Terms: speaker recognition, speech database, video,
telephony, corpus, Tunisian Arabic

1. Introduction

The TELVID Corpus is a new multilingual, multi-modal corpus
consisting of conversational telephone speech (CTS) and audio
from video (AfV) recordings made by speakers of Tunisian
Arabic who are also fluent in North African French and/or
English. The corpus is designed to support the development and
evaluation of speaker recognition technologies, with a
particular focus on speaker detection in cross-lingual and cross-
modal trials. Consented, enrolled speakers submitted
recordings that vary across multiple factors including modality,
language, noise condition, handset, location, physical
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appearance and camera position. Each speaker was required to
contribute 10 or more telephone calls lasting at least 8 minutes,
10 or more videos lasting at least 1 minute, and one selfie image
consisting of a close-up photograph of the speaker’s face.
Telephone calls were made and recorded in Tunis in 2022,
utilizing a custom-built telephone collection platform operated
by local collection partners, while video recordings and selfie
images produced by each speaker were uploaded to a custom
website. Collected data was manually audited to verify
recording quality and speaker identity, and multi-speaker
videos were manually diarized to label regions where the target
speaker was audible. Over 300 speakers contributed data to the
corpus, with 291 speakers completing all data requirements.

Portions of the corpus provided development and test data
for the National Institute of Standards and Technology (NIST)
2024 Speaker Recognition Evaluation (SRE24). To help inform
test set selection, we developed audio and visual baseline
systems and measured baseline performance.

The sections that follow describe the TELVID corpus
design and implementation in detail. After an overview of
related work in Section 2, we discuss speaker and language
requirements in Section 3, methods used to collect the CTS and
AfV data in Sections 4-5, data validation, auditing and video
diarization procedures in Section 6, baseline system
development and baseline results in Section 7, and finally a
summary of corpus properties in Section 8 with conclusions in
Section 9.

2. Related Work

Comparatively few other Tunisian language datasets have been
specifically developed to support speaker recognition research.
One exception is Call My Net 2 [1] which consisted of Tunisian
Arabic CTS and was used in the 2018 and 2019 NIST Speaker
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Recognition Evaluations [2,3]. While Call My Net 2 consisted
of CTS only, the TELVID corpus is multi-modal, containing
both telephone and video data recorded under a variety of
conditions.

In terms of language and CTS genre overlap, two datasets
comparable to TELVID are the OrienTel Tunisia Modern
Colloquial Arabic database [4] and the Maghrebi Language
Identification Corpus [5], which was used to provide a subset
of test and development segments for the 2022 NIST Language
Recognition Evaluation [6].

Other Tunisian datasets, mostly created to support ASR
activities, include: the Spoken Tunisian Arabic Corpus
consisting of radio broadcast [7]; the Tunisian Arabic Railway
Interactive Corpus [8]; TunSpeech (consisting of parliamentary
recordings and audio of people reading books in Tunisian
Arabic [9]; TunSwitch TO (consisting of sentences read in
Tunisian only) and TunSwitch CS (broadcast/podcasts with
various degrees of code switching [10]; and the English
language Tunisian Lecture Corpus [11].

The TELVID collection followed similar design principles
and protocols as the WeCanTalk corpus [12] used in SRE21
[13], which was also a multilingual, multi-modal corpus where
speakers in Hong Kong, speaking Cantonese and/or Mandarin
or English each contributed several telephone calls and videos.

3. Speaker and Language Requirements

3.1. Speaker Recruitment and Enrollment

The TELVID corpus was collected with oversight from the
University of Pennsylvania's Institutional Review Board. We
adopted a claque-based protocol in which individual target
speakers (claques) were recruited by study personnel to make
calls and videos; claques were then responsible for inviting their
own friends, family members and acquaintances to participate
as anonymous speaking partners in calls and videos. Both
claques and speaking partners provided consent prior to each
recording. Upon enrollment via the project website, claques
provided basic demographic information (sex, primary
language and year of birth) and informed consent. Claques were
compensated for each recording that satisfied requirements and
earned a bonus upon completion of 11 calls, 10 videos and one
selfie image. Anonymous speaking partners were not
compensated. Over 400 claques were recruited to support a goal
of 300 speakers with a complete set of telephone and video of
recordings. Over-recruitment was necessary to counteract the
reality, generally true for most speech collections, that some
enrolled participants fail to finish the required number of
recordings or even start making any recordings at all.

3.2. Speaker Requirements

To be eligible to participate in the study, claques were required
to be at least 18 years old and be willing to provide basic
demographic information upon enrollment via the study
website as described above. Additionally, all claques had to be
multilingual with native or near-native fluency in Tunisian
Arabic and fluency in either North African French or English
or both. Each claque was assigned a unique and persistent ID
that was associated with every call, video or selfie completed
by this claque. Speaking partners were also assigned a speaker
ID for each recording, but this ID is not guaranteed to be unique
and persistent since speaking partners participated
anonymously, possibly appearing in multiple calls, videos
and/or claque speaker networks.
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3.3. Language Requirements

Claques were required to produce calls and videos with a
specific language distribution, and anonymous speaking
partners were required to speak the same language as claques
throughout the recording. Although claques were necessarily
multilingual and used to code-switching in everyday discourse,
the requirements for the NIST SRE24 evaluation were that
evaluation test segments consist of unambiguously
monolingual speech. For this reason, claques and speaking
partners were instructed to avoid code-switching with the
exception of designated “freestyle” calls and videos in which
any language or mixture of languages could be used. (Freestyle
recordings were not selected for use in SRE24 but remain part
of the TELVID corpus.) The language distribution
requirements are summarized in Table 1.

Table 1: TELVID Language Requirements

Language Calls Videos
Tunisian Arabic Monolingual 5 5
English or NA French Monolingual 5 4
Freestyle 1 1
Total 11 10

4. CTS Collection

4.1. Call Requirements

Calls could be made by the claque no more than once per day
and they needed to contain at least 3 minutes of speech on their
own call side. To meet this goal, claques received specific
instructions to do at least half of the talking in calls at least 8
minutes long. Any topic of conversation was permissible
though speakers were instructed to avoid discussing sensitive
topics and mentioning personal identifying information such as
full names. At least 25% of calls in the collection had to be
made in a noisy environment, so the collection strategy was to
instruct claques to ensure half of their calls were made in noisy
conditions. Claques were allowed to call the same person more
than once, but were instructed to ensure that they made calls to
at least three unique individuals across their set of 11 calls. Calls
were to be made using either cellphones or landlines and using
a variety of devices across the 11 calls was encouraged. For all
devices, whether the claque’s or their call partner’s, the phone
numbers were anonymized in the collection metadata in line
with privacy protection requirements.

4.2. Collection Platform and Participant Experience

The telephone collection platform consists of a control
computer, custom Interactive Voice Recording software that
triggered North African French language prompts providing
participants with instructions, an Asterisk dialplan for routing
calls programmatically, database servers in Tunis and
Philadelphia for compilation of speaker metadata, and VPN for
storing recordings securely at the Tunis site before transfer to
project servers. The system utilizes an E1 trunk service for
voice traffic and two gateways: a GSM to VoIP gateway for
access to the cellular network and an ISDN/PRI to VoIP
gateway for access to the traditional phone network.

To initiate a call, claques dialed a dedicated phone number
and used their phone keypad to respond to prompts asking for
consent to be recorded plus information about the call including
language, phone and microphone type, noise level and whether



their call partner was a repeat callee. The claque then entered
their speaking partner’s phone number, prompting the system
to place the call. The speaking partner then heard a recorded
greeting and was prompted to provide consent. After the
platform bridged both sides of the call, recording began. Call
recording terminated automatically after 10 minutes.

5. AfV Collection

5.1. Video Requirements

Each claque needed to contribute at least 10 video recordings
where they were both visible and audible, and one selfie image
to be used for reference. Variation within each claque's set of
videos was an important requirement of the corpus. To support
this goal, claques were asked to provide a) one primary
monolog video in which they appeared alone speaking only
Tunisian Arabic for 3-6 minutes, facing the camera in a well-lit
and quiet setting; and b) nine secondary videos lasting at least
1 minute, satisfying the language requirements specified in
Table 1. Across the secondary videos, at least 5 had to involve
another speaker, and the videos taken as a whole were required
to show variation in terms of recording location, lighting and
noise conditions, camera orientation and claque appearance.
Use of filters and special effects was prohibited in the video
collection.

5.2. Collection Platform Participant Experience

Claques logged in to the study website to upload their selfie and
videos; if suitable claque videos were already present online
they could instead enter the video URL for subsequent
harvesting. For each video submitted, claques answered a series
of questions about the languages used, recording date, and who
was audible and visible in the recording (self only, self + 1 or
self + multiple). Claques also indicated whether their
appearance and location were distinct relative to other
recordings, and answered questions about camera orientation
and noise conditions. Claques provided click-through consent
prior to completing the upload of each video or selfie. A
modified open-source audio/video downloader (yt-dlp) was
used to collect the highest resolution video version available.

6. Data Validation and Annotation

6.1. Automatic Validation Checks

A range of automatic checks on incoming recordings were set
up to identify specific problems as early as possible. For calls,
automated validation included checking that the recording
duration and the amount of speech on the claque call side met
requirements, as determined by our Broad Phonetic Class
Speech Activity Detector [14]. Videos were automatically
checked for duration and whether either the video or the
extracted audio were duplicates of any previously collected
files. Recordings failing any of these validation steps were
excluded from the corpus.

6.2. Quality Auditing

Manual auditing began with a general quality audit. Video
recordings were audited in their entirety, while pre-defined
segments were extracted from calls for auditing. Call audit
segments were extracted from the start, middle and end of the
claque side of each call. The first 15 seconds was extracted to
use as a reference segment, a procedure that is especially useful
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for checking the accuracy of speaker labels since speakers often
use the same greeting style in their calls. The next 15 seconds
were skipped, then the remainder of the call was divided into
thirds and the most speech dense 60 second stretch was
identified via SAD from each third for extraction as an audit
segment. During call auditing, auditors listened to these pre-
selected segments and answered questions about language,
speaker and overall quality using a web-based user interface.
Video quality auditing followed a similar procedure, but
auditors were instructed to watch the entire video rather than
pre-selected segments, and also answered questions about who
was visible and audible in the video.

6.3. Video Diarization

Whereas claques were required to be the sole speaker on their
side of each call, six of each claque’s 10 video recordings
involved other speakers. Consequently, it was necessary to do
manual diarization on multi-speaker videos to establish when
the claque was speaking. Diarization annotators first
familiarized themselves with the claque’s voice and appearance
by paying close attention to the claque’s primary video in which
they are the sole person who is audible and visible. Next they
watched and listened to each of the claque’s multi-speaker
videos and marked the segment boundaries where the claque
was speaking. Diarization did not attempt to label where
claques were visible in the recording, nor did it attempt to label
when other speakers may be audible during claque speech
segments.

6.4. Speaker Auditing

Since the TELVID corpus was created specifically to support a
speaker recognition evaluation, a robust process for ensuring
that all the calls and videos with the same speaker ID were
accurately labeled was crucial and so speaker auditing
examined the entire set of recordings associated with a claque
speaker ID. The first call that the claque made was designated
a reference call. The auditor listened to all the other calls and
for each one made a yes/no decision about whether the speaker
was the same as in the reference call. Auditors then watched a
sufficient amount of each video to again ensure that the same
speaker as in the reference call was audible and that the person
visible in each video was the same person in the selfie.

7. Baseline System Development and
Results

7.1. Audio System

For the audio baseline system, the incoming signal was
converted to 16 kHz, either by upsampling (CTS) or
downsampling (AfV). Speaker diarization was performed using
the marks provided with the corpus. The data was augmented
with noise from the MUSAN corpus [15] and room impulse
responses (RIRs) [16]. Kaldi energy-based voice activity
detection (VAD) was applied, and utterances shorter than five
seconds were discarded. A 80-dimensional mel-scale filter bank
with a frequency range from 20 Hz to 7600 Hz was used for
feature extraction.

We used a Res2Net50 model with additive angular margin
loss (m = 0.3 and s = 20) for embedding extraction. This
network was configured with a width of 26 and scale of 8 and
trained on 4 second chunks with a batch size of 512. It used an
Adam optimizer with a starting learning rate of 0.02, a warm-
up of 1k steps, hold of 40k steps, and then a learning rate decay



by half every 10k steps. For fine-tuning, the network was
trained on 10 second chunks with a batch size of 128. A SGD
optimizer with a learning rate of 0.01 and momentum of 0.9 was
used. After embeddings were extracted, they were centered,
whitened, and unit-length normalized, and linear discriminant
analysis (LDA) was used for dimension reduction to 200. Back-
end scoring was done using a simplified PLDA (SPLDA)
model. The flow diagram of this baseline is shown in Figure 1.
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Figure 1: Diagram of audio baseline for speaker
recognition

7.2. Visual System

For the visual baseline system, we used the RetinaFace [17] for
face detection and InsightFace [18] to extract face embeddings.
RetinaFace is a single-stage dense face localization network
trained on a MobileNet-0.25 backbone using the WIDER Face
data set [19]. InsightFace is a 101-layer ResNet trained with
additive angular margin loss, on the Microsoft Celeb data set
[20].

The flow diagram of the visual baseline is shown in Figure
2. First, an enrollment embedding is obtained from a selfie
image. Then a test video is processed frame-by-frame as a series
of still images. RetinaFace detects any faces that are present in
each frame and InsightFace extracts an embedding for each
detected face. An agglomerative clustering process operates
across all frames to create clusters of similar face embeddings.
The cosine score between the enrollment embedding and the
mean of each cluster is computed and the maximum score from
among all the clusters is taken. This maximum score is S-
Normed, using the development set from the Janus Multi-Media
corpus [21] as a cohort, to generate the final score.

Image Face Face

Video Score

Face
= S-Norm
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Figure 2: Diagram of visual baseline for face
recognition

7.3. Baseline Experiment and Results

The results of the baseline system are shown in Table 2. For the
Audio-Visual task, the sum of the trial scores from the audio
and visual baseline systems was used.

Table 2: Baseline system performance

Set Task EER min C
Dev Audio 12.45 0.696
Dev Visual 2.0 0.069
Dev Audio-Visual 1.53 0.108
Eval Audio 12.75 0.729
Eval Visual 2.56 0.166
Eval Audio-Visual 2.23 0.153
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8. Corpus Results

In total, 3331 videos and 3574 calls from 311 unique claques
passed quality and speaker audits. The corpus is roughly evenly
divided by speaker sex, with 45% male and 55% female
speakers. Language distribution across calls and videos
demonstrated the variety expected from the corpus design, with
roughly half containing Tunisian Arabic, a third containing
North African French with smaller amounts of English, other
languages and code mixing; these results are shown in Table 3.

Table 3: Language

Language Call Count  Video Count
Tunisian Arabic 1716 1784
NA French 1417 1136
English 263 228
Other 171 12
Mix 7 171

Over half of the video recordings were made in a noisy
recording environment, while only 20% of calls were noisy.
Virtually all calls were made from a mobile phone, and while
71% of claques used a single phone number to complete their
calls, 87% used multiple devices (e.g. the same phone both with
and without headphones).

A major design focus of the TELVID corpus was ensuring
variety in the video data, both in terms of the recording
environment and the speaker features. Roughly half of the
videos contained at least one audible speaker in addition to the
claque, and 34% contained at least one additional visible
speaker. While nearly all of the videos were made with the
claque facing the camera and at a close distance, there was good
variation in other features based on claque-reported metadata.
Claques were stationary relative to the camera in 75% of the
data but were always fully visible to the camera in under 60%
of the videos. Over 40% of the videos were recorded outdoors,
with fewer than 17% recorded in a repeat location. Finally,
claques varied their physical appearance across the data, with
over 77% of the data featuring a change in clothing or in other
appearance features like the addition of accessories like hats,
glasses or scarves.

The final TELVID corpus comprises 8KHz alaw CTS
recordings, with one channel per speaker, plus video recordings
in the original formats submitted by claques. The corpus also
contains recording metadata, speaker demographic information
and associated video diarizations and audit judgments.

9. Conclusions

The TELVID corpus is a new multi-modal corpus consisting of
speech and video from multilingual speakers with data in three
languages: Tunisian Arabic, North African French and English.
The corpus was designed to support speaker recognition
research and was successfully used in the NIST SRE24
evaluation, providing challenging new data. The TELVID
corpus will be published in the LDC Catalog after the data is
authorized for public release, making it broadly available for
speaker recognition and other language-related research,
education and technology development.
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