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Abstract

Personalised synthetic speech can enhance communica-
tion for Augmentative and Alternative Communication (AAC)
users, but achieving high-quality, speaker-specific voices de-
pends on various factors such as the condition causing speech
loss, and availability of recorded speech. Recent advancements
in large-scale zero-shot TTS models may change the data re-
quirements, as they have the potential to adapt to a wider range
of inputs. This paper explores the potential of these pretrained
models in various data availability scenarios, from extensive
spontaneous speech to minimal or no unaffected speech. We
evaluate a state-of-the-art TTS system on a case study involv-
ing a stroke survivor with dysarthria, leveraging both typical
and atypical speech data. Additionally, we introduce a novel in-
teractive approach using dysarthric speech as an audio prompt
to enable user-guided prosody adaptation.

Index Terms: speech synthesis, augmentative and alternative
communication, dysarthric speech, assistive communication

1. Introduction

Synthetic speech is a fundamental component of Augmenta-
tive and Alternative Communication (AAC) systems, support-
ing individuals with speech impairments to communicate effec-
tively. When synthetic voices represent human speakers, tra-
ditional Text-to-Speech (TTS) evaluation metrics take on new
significance: “Naturalness” reflects authenticity, “speaker sim-
ilarity” conveys identity, and “controllability” provides a sense
of agency in conversation. AAC research has long emphasised
communicative competence over pure intelligibility [1], the im-
portance of interaction over transmission [2], and the role of
voice in personal identity [3]. However, despite rapid advance-
ments in speech technologies, individuals who rely on Speech
Generating Devices (SGDs) have historically been among the
last to benefit from these innovations [4]. The communicative
needs of AAC users are highly diverse and influenced by co-
occurring conditions such as cognitive or motor impairments.
Additionally, speech loss can manifest in different ways — rang-
ing from complete loss to partial retention of speech affected
by dysarthria or other atypical features [5, 6]. A key factor
in the personalisation of synthetic voices is data availability.
While progressive conditions like Amyotrophic Lateral Scle-
rosis (ALS) or Parkinson’s disease may allow time for ‘voice
banking’ [7, 8] — the recording of speech before significant dete-
rioration — other conditions, such as laryngeal tumours, progress
rapidly, leaving little time for preparation. And some illnesses
— such as stroke — come all of a sudden.

The emergence of a new generation of TTS systems, zero-
shot multi-speaker models, trained on vast amounts of speech
data, presents significant opportunities for AAC [9, 10, 11, 12,

13]. Fine-tuning these large models for individual speakers
can be a way to create higher-quality synthetic voices, espe-
cially for those who could not record sufficient amounts of un-
affected speech. This raises important questions about the fu-
ture of voice banking: How much and what type of speech
data is truly necessary? How can we leverage non-voice bank-
ing recordings, particularly for individuals with sudden-onset
conditions? In addition to fine-tuning, the zero-shot capabil-
ity of these multi-speaker TTS models enables them to generate
voices for speakers unseen during training. Many systems claim
to reproduce speaker characteristics from as a little amount of
data as a few seconds of speech, which could theoretically revo-
lutionise TTS personalisation for individuals with minimal pre-
recorded speech or even congenital speech impairments. How-
ever, while timbre replication may be feasible with such short
samples, the limitations of this approach in capturing supra-
segmental features like individual speaking styles manifesting
over longer stretches of speech, warrant further investigation to
determine its full potential for AAC personalisation.

Open-source neural TTS systems also offer additional ad-
vantages, as they are flexible and readily adaptable. This allows
for participatory design processes, where speech technology ex-
perts, clinical professionals, and end users collaborate to create
personalised solutions, echoing Newell’s vision of systems that
are not only versatile but user-programmable [14]. Such frame-
works help combat the limitations of traditional TTS evalua-
tions, and individuals maintain ownership and control over their
synthetic voices, and can help ensure that the technology devel-
opment aligns with their specific communicative needs [15, 16].

The contributions of this paper are: 1) Evaluation of a foun-
dation model-based TTS system across five plausible data avail-
ability scenarios for personalised technology-assisted commu-
nication. 2) Development and open-sourcing of an online plat-
form that enables an open feedback loop between users and
developers, assessed through a video-based survey. 3) Addi-
tionally, we propose a new interactional mode, using dysarthric
speech as audio prompt in fine-tuned models, and demonstrate
its potential for user-guided prosody adaptation.

2. TTS personalisation
2.1. Data availability considerations

We define five plausible levels of speech data availability for
personalising TTS systems in AAC. These scenarios depend on
the individual’s circumstances and the nature of their speech
impairment, including whether their condition is progressive,
sudden-onset, or congenital.

A) Extensive spontaneous speech available: The individual
has access to several hours of spontaneous speech record-
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ings, which may have been collected prior to the onset of
their condition. This could include recordings from pro-
fessional activities (e.g., lectures, presentations), hobbies,
or proactive speech preservation efforts before expected
speech decline.
B) Moderate spontaneous speech available: The individual has
approximately one hour of spontaneous speech recordings,
which may be either available, or feasible to record in the
early stages of a progressive condition.
C) Read-aloud sentences via voice banking: The individual
proactively records a set of phonetically rich, read-aloud
sentences following a diagnosis of a speech-impairing con-
dition.
D) Minimal speech data available: The individual has only a
small set of recorded speech samples (e.g., a short message,
voicemail, or birthday video) captured before the onset of a
sudden speech-impairing event such as stroke or traumatic
brain injury (TBI). The available audio may still allow for
adaptation through zero-shot TTS methods.
No unaffected speech available: The individual lacks pre-
morbid recordings or has a congenital condition resulting in
atypical speech patterns, which could potentially be used in
speaker-adaptive TTS.

E)

It is important to acknowledge that real-world AAC needs are
highly diverse and individualised and can rarely be categorised
into the above distinct scenarios. However, for the purpose
of systematic evaluation, we define these five levels to create
structured comparisons, with the understanding that the insights
gained may be adapted to a broader spectrum of user needs.

2.2. Case study with research participant with acquired
speech impairment

The speech recordings used in this paper were made avail-
able by a native speaker of Hungarian, who, before suffering a
stroke, had recorded 13 hours of spontaneous speech in lecture
materials (as part of his profession as a university teacher) and
195 read-aloud TTS-tailored sentences as a volunteer in a voice-
banking initiative. After the stroke, he developed dysarthria and
later recorded the same 195 sentences again with his dysarthric
speech, enabling further system evaluation. Following the prin-
ciples of participatory design, the research participant was ac-
tively involved throughout the research process, contributing in-
sights, feedback, and direct experience to shape the develop-
ment and evaluation of the systems.

This scenario is not commonly encountered, as individuals
with sudden-onset conditions such as stroke rarely have both ex-
tensive spontaneous speech recordings and TTS-tailored voice
banking data recorded prior to their condition. Additionally,
studies often lack access to matched pre- and post-stroke speech
from the same speaker. The availability of all three datasets in
this case allowed us to systematically reconstruct the five hypo-
thetical data availability scenarios outlined above.

We selected XTTS-v2 [9] for our evaluations, because it is
an open-sourced multilingual model that includes support for
the Hungarian language'. Moreover, it is autoregressive, which
is an advantage when using spontaneous speech data [17], and
it has an effective zero-shot mode capable of replicating speaker
characteristics from as little as 10 seconds of audio. In XTTS,
zero-shot capabilities are implemented by using a conditioning
encoder that extracts speaker characteristics from a short refer-
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ence audio clip, which is then processed into embeddings that
condition the model’s GPT-2-based encoder [9]. These embed-
dings guide the diffusion-based decoder to generate speech that
matches the speaker’s voice and prosody in multiple languages,
even if the model has never seen the speaker during training.

In line with the identified data availability scenarios, the
following five systems were used for evaluation:

A) FT-Spont-Long Fine-tuned base model on 13 hours of
spontaneous speech

B) FT-Spont-Short Fine-tuned base model on 1 hour of spon-
taneous speech

C) FT-Read Fine-tuned base model on 195 read-aloud sen-
tences (12 minutes)

D) ZS-Typical Zero-shot TTS using the base model with 10s
of typical speech recording as reference audio

E) ZS-Atypical Zero-shot TTS using the base model with 10s
of dysarthric speech recording as reference audio

The spontaneous speech lecture recordings were tran-
scribed with BEAST?2 [18, 19] (wav2vec2-uralic fine-tuned on
Spontaneous Hungarian speech) and segmented into utterances
using breath events as delineator [20]. The fine-tuned models
were trained on 1 GPU until validation loss minimised.

3. System evaluations
3.1. Objective evaluation - speaker similarity

For the evaluations, 20 conversational sentences were synthe-
sised with each system (temperature parameter set to 0.65 for
all systems, repetition penalty set to 20 for the systems fine-
tuned on spontaneous speech, and 10 for FT-Read and the two
zero-shot systems. Following [9] we compute the Speaker En-
coder Cosine Similarity (SECS) between ECAPA2 [21] speaker
embeddings extracted from the synthesised samples and held-
out audio from the spontaneous corpus. The 20 conversational
sentences were compared to 20 held-out samples (See Table 1).

3.2. Perceptual evaluation

To assess the degree to which each of these systems may be
suitable to use in the context of assistive communication, we
conducted a listening test with a MUSHRA-like setup, 20 sen-
tences in total, 5 systems side-by-side each page. We used
situational framing [22]: after a short introduction to the role
of synthetic voices in assistive communication, listeners were
asked to rate each sample on a 1-5 scale, indicating their opin-
ion on how suitable it may be as part of a conversation rep-
resenting human speaker. 30 native speakers of Hungarian
were recruited for the online listening test, which took on av-
erage 15 minutes to complete. One-way ANOVA and a post-
hoc Tukey multiple comparison test were performed to evalu-
ate the system preferences against each other. This identified
that each of the three fine-tuned systems was preferred over
each zero-shot system (p<0.001), but the difference between
ZS-Atypical and ZS-Typical was not significant (p=0.683).
Between the fine-tuned systems, FT-Spont-Long is preferred

Table 1: Speaker Encoder Cosine Similarity (SECS) scores

FT-Read 0.643
FT-Spont-Long ~ 0.727
FT-Spont-Short  0.706
ZS-Atypical 0.324
ZS-Typical 0.635




FT-Read FT-Spont-Long FT-Spont-Short  ZS-Atypical ZS-Typical

Figure 1: Results of the MUSHRA-like listening test.

over FT-Spont-Short (p<0.001) and FT-Read (p=0.0028). The
difference in evaluation between FT-Spont-Short and FT-
Read is not significant (p=0.213). Samples are available at:
https://www.speech.kth.se/tts-demos/interspeech2025-AAC .

4. AAC usability and application
4.1. Web-based interface

We developed an interface using Gradio [23] to facilitate the in-
teractive testing of the various TTS models under development.
Users can select a model from a drop-down menu, enter text
and optionally provide audio prompts, which can be selected,
uploaded, edited, or recorded directly within the interface (See
Fig.2). The goal of this platform is to enable a rapid feed-
back loop between developers, end-users, and clinical profes-
sionals, and help ensure that the system personalisation process
is guided by all stakeholders in an interactive co-design process.
For AAC users who can type on a PC or mobile device, the in-
terface can also function as a standalone communication tool.

4.2. Survey among clinical professionals

To gather feedback on the usability and potential impact of
the system, we created an introductory video narrated by FT-
Spont-Long, outlining the state-of-the-art in personalised TTS
and demonstrating key features of the speech synthesis system
and interface. The video was accompanied by a questionnaire
and distributed on a forum for clinical professionals in speech
therapy and rehabilitation. Respondents were asked to rate: the
intelligibility of the synthetic voice (1 = non-intelligible, 5 =
perfectly intelligible), naturalness of the voice (1 = very artifi-
cial, 5 = highly natural), prosody (e.g., phrasing, emphasis, into-
nation) (1 = poor, 5 = excellent). Additionally, two open-ended
questions invited feedback on expectations for similar systems
and any further suggestions.

Ten clinical professionals filled out the survey. All respon-
ders were very satisfied with the intelligibility of the synthesised
speech as well as with its naturalness, the overwhelming major-
ity of the related answers being 5. Prosody received more mixed
feedback, with a majority rating of 4, some respondents noted
areas for improvement, particularly in phrasing and emphasis.
With regard to the expectations, the most frequent reply was that
many neurology patients also have hand mobility issues, mak-
ing typing not only slow but potentially prohibitive. It coincides
with our main concern that to generalise usability we must add
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Figure 2: TTS interface to serve as platform for rapid feedback
loop between AAC users, developers and clinical profession-
als. Users can input text and optionally provide audio prompts,
which can be selected, uploaded, or recorded.

other input modalities. Another relevant remark was that per-
sonalisation would indeed be important for the users and that a
dysarthric speech input would be particularly beneficial. Lastly,
several people said that incorporating context-adaptive speech
styles (e.g., casual vs. formal speech) would support practical
usability, which is indeed among our future plans.

5. Dysarthric speech as audio prompt
5.1. Speech prompting for prosody adaptation

Reference audios (also called audio/speech prompts) in ZS-TTS
do not need to have the same lexical content as the input text.
However, as acknowledged in the paper, prosody and speaker
information are not entirely disentangled [9], which means that
if the lexical content of the audio and text prompt are identical,
the system’s output will resemble not only the speaker charac-
teristics but also recreate some prosodic features of the input
audio. Similar to the zero-shot mode of the base model, fine-
tuned systems can also utilise reference audio. This capability
opens up the possibility of a new interactive mode in an AAC
system, where users not only type their desired message but also
record themselves speaking the same sentence with their current
(affected) speech. This recording serves as a speech prompt for
the TTS system, creating a form of user-directed prosody con-
trol. This feature could be particularly beneficial for individuals
with aphasia or speech impairments primarily affecting articu-
lation, who retain control over prosodic elements like pitch and
emphasis. However, we acknowledge that this approach may
not be suitable for all users. To optimise system performance
for this interaction mode, we modified the zero-shot algorithm
of XTTS to separate the two places where the audio prompt is
used. GPT-2 input takes the audio prompt, while the vocoder
is fed a vector of the speaker embedding connected to the cor-
pus. To evaluate this, we conducted an experiment measuring



Figure 3: Scalograms extracted with the Wavelet Posody Toolkit
[25]. a) dysarthric speech recording b) the same sentence syn-
thesised with FT-Spont-Long using a) as audio prompt for the
GPT-2 in XTTS, and a vector for the speaker embedding c) FT-
Spont-Long without audio prompt

the prosody transfer through prominence peaks, and a qualita-
tive user evaluation of the interactive mode.

5.2. Validating prosody transfer via prominence peaks

The 195 sentences from the voice banking corpus (same as in
system FT-Read) were recorded again by the speaker, and used
to create their dysarthric-prompted synthetic versions, gener-
ated with system FT-Spont-Long. Another set of synthetic
samples were created for comparison, without using a reference
audio. CER (Character Error Rate) measured on Whisper-turbo
ASR outputs [24] on both prompted and unprompted sets of
TTS samples were 2.3% and 2.9%, which shows that the in-
telligibility was not affected significantly by using dysarthric
speech samples in the audio prompts. (For comparison, CER
on the dysarthric samples was 68.1%.) To measure whether the
output speech resembled prosodic characteristics of the audio
prompt, we identified prominence peaks in both sets of syn-
thetic samples and the dysarthric recordings, using the Wavelet
Prosody Toolkit [25]. Fig. 3 presents examples of the scalo-
grams of the audio prompt (a) and the two synthetic samples (b)
prompted and (c) not prompted. On the normalised length sam-
ples, the relative positions of the prominence peaks are compa-
rable. We compare the prosodic characteristics of the two sys-
tems to the dysartric speech sample using the Structural Similar-
ity Index (SSIM) between the time aligned scalograms. Using
a dysarthric sample aligns prosody better to the speakers in-
tent, demonstrated by an on average 29.3% higher SSIM score
(0.0548 vs 0.0424). A binomial test rejects the hypothesis that
better outcomes were produced by chance (p=0.0013).

5.3. User Study: Evaluating usability and perceived control

As part of the interactive, qualitative evaluation, the participant
conducted 4 conversations, 2 with family members, 1 with a
friend, and 1 with a colleague. After each interaction, he docu-
mented his observations in a journal. Each conversation partner
was also invited to contribute their reflections about their ex-
perience. The speaker summarised the main take-aways from
the journal in the following points: 1) I noticed that I was able
to influence the output of the system with my voice, the speech
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sounded natural and it gave me a better sense of control over
how the speech represented my intentions 2) I didn’t think that
it was very disturbing to the interaction flow that the sentences
were repeated by the TTS, especially since it improved intelligi-
bility, but having to still type in the text slowed down the conver-
sations significantly. 3) Two of the conversation partners noted
that this interaction mode might be useful to help new listeners
Sfamiliarise themselves with the disarthric speech faster, leading
to more successful non-mediated interactions.

6. Discussion

The fine-tuned models (FT-Spont-Long, FT-Spont-Short, and
FT-Read) consistently outperformed the zero-shot systems
in speaker similarity (SECS scores) and listener preference
(MUSHRA test). Among them, FT-Spont-Long performed
best, indicating that extensive spontaneous speech data pro-
vides the highest-quality speaker adaptation. However, both
of the other systems also performed quite well, the gap be-
tween FT-Spont-Short and FT-Read was not statistically sig-
nificant (p=0.213). This suggests that even small datasets can
produce highly intelligible and natural-sounding voices, making
it a viable alternative when large-scale recordings are unavail-
able. While the weaker performance of zero-shot settings (ZS-
Typical and ZS-Atypical) was expected in both speaker similar-
ity and AAC suitability, a notable finding is that ZS-Atypical
performed comparably to ZS-Typical (p=0.683). This demon-
strates that zero-shot TTS can adapt to atypical speech as effec-
tively as typical speech, although it may vary slightly with dif-
ferent atypical patterns. This is particularly encouraging for in-
dividuals who lack access to typical speech recordings. The re-
sults also provide evidence for the viability of such approaches
in an under-resourced language like Hungarian [26].

Regarding the interaction mode using dysarthric speech as
audio prompt: We conclude that this approach warrants fur-
ther exploration, as a promising interactive method for prosody
adaptation in a text-input AAC system, potentially serving as
a viable alternative until voice conversion for dysarthric speech
becomes sufficiently advanced to work reliably beyond selected
phrases [6] and enable communication without text input.

A limitation of this study is that the interface currently re-
quires typed text input, making it less readily accessible to AAC
users with motor impairments. Therefore, it should be regarded
as an evaluation platform, rather than a fully functional AAC
device. Eye-tracking compatibility will be added in the future.

7. Conclusion

We conclude that large-scale publicly available TTS models are
reshaping the landscape of voice reconstruction and personali-
sation in AAC. Our findings show that even limited amounts of
spontaneous speech can be valuable for fine-tuning, offering a
promising alternative for individuals who did not have the op-
portunity to voice bank their unaffected speech. Additionally,
the strong performance of zero-shot TTS with atypical speech
may enable personalisation for many users with congenital con-
ditions. Finally, our preliminary tests using dysarthric speech as
an audio prompt for user-guided prosody adaptation highlight
new interactional opportunities in AAC. The open-source inter-
face enables participatory design, as demonstrated in this study,
to accelerate the testing of large-scale TTS systems in clinical
settings and reduce the time for new technologies to reach those
who rely on assistive communication.
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