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ABSTRACT

Conversational AI systems are becoming increasingly common in everyday environments, how-
ever many existing assistants still rely mainly on text or heavily scripted dialogue. This thesis
presents Lana, a voice-driven embodied conversational assistant designed for controlled-domain
interactions, with a hospital information environment used as the primary use case. The system
combines a Unity frontend with a FastAPI backend, allowing users to ask questions through
speech or text and receive answers through both audio playback and an animated 3D avatar.
The implemented architecture follows a retrieval-first approach built around a structured hos-
pital knowledge base from official public information. It uses a hybrid retrieval pipeline which
combines semantic embeddings and BM25 lexical scoring in order to provide grounded and
consistent responses, while large language models are used only for constrained tasks such as
query routing, follow-up interpretation, and refining responses. Speech interaction is supported
through speech-to-text and text-to-speech processing, while avatar lip synchronization and basic
animations are used to make the interaction more natural. The prototype was evaluated with 18
participants using hospital-based scenarios and a user questionnaire. Participants were able to
complete most tasks successfully and responded positively to how easy the system was to use,
its responsiveness, and the avatar interaction. At the same time, the evaluation revealed some
practical limitations, particularly in the way it handled certain follow-up questions, the speech
recognition when under less ideal conditions, and the limited scope of the current knowledge
base. These findings helped identify areas that could be improved in future versions of the
system.
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1 Introduction

1.1 Motivation

A good conversational system should feel less like “using software” and more like speaking to
someone who can actually help. In the last few years, conversational AI has gone from a novelty
to something people use daily. For instance voice assistants handle quick tasks, and chatbots
answer questions on websites and services [1]. These systems are becoming more common,
which brings more expectations from users such as fast or natural interactions, closer to how
humans normally communicate.

At the same time many conversational systems still rely mainly on text. This can easily become
a problem for users who are multitasking, or have difficulty reading and typing, since text-based
interaction can be slow and it demands visual attention. It also tends to feel less “present”, even
when the content is correct, since an interface that is entirely text-based can feel impersonal,
which is not ideal in settings where people expect an experience similar to asking a real assistant.

This is where embodied, multimodal conversational agents become interesting. When conver-
sation is accompanied by a visible avatar, users naturally expect more human-like behavior such
as gaze, facial expressions, and gesture, which normally support speech in face-to-face commu-
nication [2]. On top of that, spoken interaction is highly sensitive to timing. Delays or even
small pauses can make the system feel unresponsive and affect user performance, which makes
low-latency interaction a practical requirement for a natural, responsive experience [3].

Finally, the motivation for this work is not limited to one specific use case. Public-facing as-
sistants appear in many contexts like hospital receptions [1], museum guides [3], university
helpdesks, and information kiosks, where the core need is similar. Answer common questions
clearly and consistently, with a natural interaction style. Instead of building a separate system
from scratch for each domain, it is more practical to develop an adaptive framework that can be
used in multiple domain by changing its controlled knowledge source, while keeping the same
interaction pipeline.

1.2 Problem Statement

While chatbots and voice assistants are widely used today, many still don’t feel like a  “real”
interaction. In practice, most  systems are either good at answering questions but remain dis-
embodied (text-only or voice-only), or they use an avatar, but conversation is heavily scripted
and limited. This results in a gap  between simply receiving an answer and having a natural
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exchange with an assistant that feels present [4].

This can be even more challenging  when speech and embodiment are combined together. A hu-
man like avatar creates expectations for  human-like behavior, including basic non-verbal cues
such as gaze, facial signals, and gestures which also support speech in face-to-face communica-
tion [2]. At the same time, these systems can negatively affect the user experience if the timing
is not right, which highlights even more the need for natural and fast responses [3].

The problem addressed in this thesis is how to design and implement a stable, low-latency,
voice driven embodied conversational agent, while also remaining domain adaptive through a
controlled environment (e.g. hospital, museum, university helpdesk etc.)

1.3 Study Objectives

To address the problem described in the previous section, this thesis sets a number of concrete
objectives that guide both the system development and the evaluation.

The specific objectives of the study are:

• Develop an end-to-end interaction loop: Support the full conversational cycle, from
speech input to response generation and speech output, including synchronized avatar
speaking behaviour.

• Enable real-time interaction: Integrate Speech-to-Text for user input and Text-to-Speech
for system output, with emphasis on responsiveness and stability.

• Design a modular architecture: Structure the system in a way that separates the main
components (frontend, backend, speech modules, reasoning modules) to support main-
tainability and future expansion.

• Integrate a domain-adaptive system: Allow the system to be configured for multi-
ple different settings (e.g. hospital, museum, university helpdesk) by using a controlled
knowledge source, without the need for an entirely new pipeline.

• Provide basic embodiment features: Implement embodiment elements such as talk-
ing/idle animations, lip-sync, and simple presence cues, aiming for functional and realistic
interactions rather than visual complexity.

• Evaluate functionality and practical limitations: Test the system through structured
interaction scenarios and technical evaluation (e.g. response flow and timing constraints),
and document limitations and possible improvements.
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1.4 Overview of the Thesis Structure

This thesis is organized into 6 chapters, which are designed to clearly present the background,
the system design, the implementation, and finally the evaluation of the work.

Chapter 2 covers the background and related work. This provides the reader with an overview
of what conversational agents, speech based interaction and embodied/multi-modal systems are,
and explains how this project fits within that area. Chapter 3 presents the overall architecture
and design of the system. It explains the organization of the main components, how the frontend
and backend communicate, and explains certain design decisions.

Chapter 4 focuses on implementation. It goes into the practical side of the project and describes
how the different parts were built and connected to support the full interaction loop. Chapter 5
is using scenarios and technical analysis to perform an accurate evaluation of the system, and it
also discusses limitations and constraints.

Finally, Chapter 6 provides the conclusion and future improvements. Additional technical in-
formation (such as usage instructions and code) is included in the Appendices.
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2 Background and Related Work

2.1 Conversational Agents

Conversational agents are systems that talk to people using natural language, either through text
or speech [5]. Their goal is to support natural interaction by providing information, assisting
with tasks, or helping users make decisions. Over time, these systems evolved from simple rule-
based chatbots into more advanced architectures that use machine learning and natural language
processing [5, 6].

Earlier versions of conversational systems were mainly rule based, meaning they followed set
patterns and had scripted responses [5]. These systems had limited flexibility as they could
only respond to inputs that matched specific rules. Retrieval-based systems were introduced in
order to address this limitation, where the system selects the most appropriate response from a
predefined dataset based on similarity measures. While they are more robust than rule-based
approaches, these systems are still constrained by the coverage of their knowledge base [7].

Generative conversational agents using large language models (LLMs) have gained popularity
in recent years [6]. They are able to generate responses dynamically, which makes interactions
more flexible and natural. However fully generative systems have certain drawbacks such as
lack of control, inaccuracies and even hallucinations, which can be a problem for applications
that value safety, or are domain-specific [8].

In this project, a hybrid approach is used, which combines retrieval-based methods with con-
trolled use of language models. The system mainly relies on a structured knowledge base and
retrieval pipeline to keep responses accurate and consistent, while LLMs are used selectively in
fallback cases or to support the conversation flow [9].

2.2 Large Language Models

Large Language Models (LLMs) are deep learning models trained on large amounts of text
data to understand and generate natural language. Nowadays, most LLMs are based on the
Transformer architecture which uses self-attention methods to analyze the relationships between
words in a sequence [10].

The behaviour of LLMs is heavily influenced by prompt engineering. Through careful structur-
ing of prompts, it is possible to influence the behaviour of the model and constraint its output
[11]. In this system, prompts are used to guide the model toward domain-specific behaviour,
and generate outputs that are specifically catered on hospital information services.
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However beyond the general limitations mentioned above, a critical problem that occurs while
working with LLMs is controlling them within the context of a certain domain. Since these
models are trained on diverse data sets, there is no guarantee that the responses will always stay
focused on the intended topic. Therefore it is necessary to ensure the results are relevant and
appropriate for the given application [9].

These challenges are clearly reflected in the design of this system, and affect the way it works.
Relying on external LLM APIs introduces potential issues related to performance and availabil-
ity. This became evident during testing, so fallback mechanisms were added to maintain system
reliability. For this reason, the system prioritizes retrieval-based responses using its knowledge
base, and instead uses LLM only when it is necessary.

2.3 Speech Interaction

Speech interaction is a critical component of modern conversational systems, that enables amore
natural user experience [4].

2.3.1 Speech-to-Text (STT)

Speech-to-text systems convert spoken language into text. In this thesis, STT is implemented
using a neural model that is capable of real-time transcription [12]. Audio input is captured
and processed from the user’s microphone, and then passed to the backend for transcription.
The implementation includes mechanisms that handle real-world constraints such as silence
detection and recording limits. For instance, silence detection automatically pauses recording
when silence is detected after speech, which improves the response time and avoids unnecessary
processing.

2.3.2 Text-to-Speech (TTS)

Text-to-Speech systems convert textual responses into spoken output. This project uses a neural
TTS provider capable of generating high-quality speech with configurable voice parameters
such as pitch, rate, and volume [13]. The generated audio is transmitted as PCM (Pulse-code
modulation) data and played in the Unity frontend. The system also verifies that audio is not
silent or corrupted before playback, which helps prevent playback errors.

2.3.3 Real-time Constraints

A key challenge in speech-based systems is maintaining low latency. Delays in STT, backend
processing, or TTS generation can make conversations feel slow or unresponsive [3]. The sys-
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tem reduces these delays through asynchronous processing, early stopping in audio recordings,
as well as limiting unecessary network calls, in order to reduce the response time of the LLM.

2.4 Embodied Conversational Agents

Embodied Conversational Agents (ECAs) represent the development of traditional chatbots,
with added elements of a physical presence, in the form of a virtual avatar [2, 5]. This adds
visual and behavioural elements to the interaction, such as facial expressions, gestures, and lip
synchronization [5].

In this project, the frontend is implemented in Unity and includes an animated avatar that is
able to respond to user interaction. The system uses lip sync techniques in order to align mouth
movements with speech. In particular, the application makes use of viseme-based animation,
which maps phoneme data into facial blend shapes.

Additional features include lip-sync processing by using audio input to detect visemes and a
head nodding feature triggered during interactions. Although limited, there is also gesture and
talking animations based on responses, in order to avoid repetitive patterns.

Together, these features help the perception of the system feel like a “present” conversational
agent, rather than a simple scripted bot [5]. However, embodiment can also bring challenges,
such as users expecting human-like timing and behavior, which means a mismatch in speech
and animation could negatively impact the conversation [3].

2.5 Related Work

Over the years, different types of conversational systems have been developed, each focusing
on a specific part of human interaction with technology, such as text, speech, or visuals.

Text-based conversational systems have been significantly improved due to the development of
large languagemodels. With the introduction of transformer architectures byVaswani et al. [10],
it became possible to design conversational systems capable of producing responses based on
contextual awareness. A more recent version of conversational systems is Retrieval-Augmented
Generation (RAG) by Lewis et al. [9]. The idea behind RAG is to enable the integration of data
from external sources into a language model. These conversational systems can be viewed as
disembodied since they solely use texts in order to generate a response.

Voice assistants represent another category of conversational systems. As the name suggests,
these conversational agents are designed to let users interact with them through speech. How-
ever, studies such as Völkel et al. [4], show that voice assistants today are predominantly task-
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oriented and lack support for general or domain-specific conversation. In addition, these con-
versational agents are disembodied by nature.

Embodied conversational agents (ECAs) have been studied as a way to introduce visual pres-
ence into human-computer interaction. According to Cassell [2] and Yang et al. [5], these agents
use speech combined with non-verbal behaviours including gaze, facial expressions, and ges-
tures, to increase user engagement. Nevertheless, many of these systems utilize only scripted or
constrained dialogues, which reduces their flexibility in real-world applications.

In domain-specific areas, conversational agents have been applied in fields such as healthcare.
Based on the findings of Laranjo et al. [1], healthcare chatbots are typically designed for specific
tasks such as symptom checking or patient guidance, which lack in terms of safety and reliability.

2.6 Research Gap

From the discussion above, it is clear that current conversational systems focus on specific con-
versational aspects without providing a complete solution [1,4–6,9]. While text-based systems
offer strong linguistic abilities, they lack embodiment, and voice systems can interact through
speech, but are usually limited to executing tasks. On the other hand, embodied agents im-
prove user engagement but require scripted or restricted dialogue. Moreover, generative con-
versational agents introduce flexibility, but they also create concerns about their reliability and
grounding, especially in domain-specific scenarios [8, 9].

As a result, there is limited work that combines real-time speech interaction, controlled use
of large language models, retrieval-based grounding, and embodied interaction within a single
system. The aim of this thesis is to address this gap.
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3 System Architecture and Design

3.1 System Overview

The system is designed as an end-to-end conversational pipeline capable of voice and text in-
teraction through embodied interface. Input from the user is captured in the Unity frontend [14]
and processed by a FastAPI backend [15], which delivers a validated response through speech
and avatar behaviour.

The current implementation targets hospital information services and uses a controlled knowl-
edge base as the main source of responses. The system operates in a closed domain where all
outputs are grounded in predefined data and validated before being returned to the user.

Figure 3.1: End-to-end interaction flow of the system.

3.2 System Architecture

The system consists of three components, a Unity frontend [14], a FastAPI backend [15] and
additional services. The frontend handles user interaction including text input, audio capture
and playback, and avatar visualization. It sends requests to the backend and renders responses
through synchronized audio and animation. The backend exposes the main endpoints, includ-
ing /ask, /stt, and /tts, and manages the processing pipeline. It handles query interpretation,
retrieval, response selection, and session state. The additional services include speech recogni-
tion, speech synthesis, the structured knowledge base, retrieval indices, and external language
model APIs used for constrained tasks. Communication between the frontend and backend is
handled through HTTP requests.

3.3 Backend Processing Pipeline

The backend processes user input through the /ask endpoint. Each request is handled within a
multi-stage pipeline consisting of routing, context handling, retrieval, and response validation.
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Figure 3.2: System architecture showing frontend, backend, and supporting services.

The routing module classifies the query into predefined categories (e.g. domain query, follow-
up, social interaction) and extracts metadata such as query type and referenced entity. This
determines whether the request is forwarded to retrieval or handled with predefined responses.

Session state is used for follow-up queries to rewrite the input before retrieval. The system stores
minimal context per session and it gives priority to information mainly in the current query.

Candidate responses are retrieved from the indexed knowledge base and are ranked using a
hybrid scoring mechanism which combines semantic similarity and lexical matching. The final
response is selected after validating against query type and entity constraints. If there are not
any valid candidates found, the system returns a fallback response.

Figure 3.3: Backend processing pipeline.

3.4 Data and Knowledge Flow

The system uses a structured knowledge base as its main source of information. Before runtime,
the knowledge base is converted into retrieval artifacts, including canonical answers, FAQ-style
query items, BM25 statistics [16], dense embeddings [7], and alias mappings. During query
processing, the retrieval engine matches the user input against these indexed items. The purpose
of this design is to separate factual content from query variations, so that different user phrasings
can still map to the same canonical answer.
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3.5 Speech and Avatar Interaction

Voice input is captured in Unity [14] and sent to the /stt endpoint. The backend applies voice
activity detection [17] to remove silence and processes the filtered audio using a Whisper-based
transcription model [12]. The resulting text is passed to the main processing pipeline. After a
response is selected, it is sent to the /tts endpoint, where speech is generated and returned to the
frontend. The audio is played through the avatar using Unity’s audio system [18].

Lip synchronization is implemented using viseme-based animation driven by the audio signal.
Playback events trigger speaking states and basic avatar behaviour, which helps align the audio
and visual output. The interface includes a chat window, text input, and voice controls, with
visual feedback for user interaction.

3.6 Design Decisions and Trade-offs

The system is designed to follow a retrieval-first approach where all responses remain grounded
in predefined data. Language models are used only for constrained tasks such as routing and
refining responses. Hybrid retrieval was selected to balance flexible wording and match with
domain-specific terms [7][16]. Communication is REST-based, since it provides simplicity and
stability. While streaming approaches could reduce latency, they were not required for the cur-
rent implementation. Speech processing is split between local transcription and external ser-
vices for synthesis and LLM tasks, which improves performance without overly complicating
the system. The frontend uses minimal animations to maintain a consistent and professional
appearance, focusing on lip synchronization and basic motions rather than complex behaviour.
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4 Implementation

4.1 Development Tools and Technologies

4.1.1 Python, FastAPI and Uvicorn

For the backend, Python was used for the server side logic, retrieval pipeline, speech processing
and integration with external AI services. FastAPI [15] was used to expose REST endpoints
such as /ask, /stt, /tts, and /health, allowing the Unity frontend to access backend ser-
vices for querying, speech recognition, and speech synthesis. During development, the FastAPI
application was executed using Uvicorn [19], which serves as the ASGI server responsible for
running the backend locally.

4.1.2 Unity and C#

Unity game engine [14] was used for building the frontend, while the logic of interactions was
written using C#. Unity was chosen due to its capabilities to perform real-time 3D rendering,
audio input/output, control animations, and integrating avatars in one environment. It was also
used for hospital reception scene rendering, user inputs collection, display of the chat window,
audio synthesis playback, and controlling avatar movement. The C# scripts were used for im-
plementing microphone input recording, sending and receiving data from the backend, playing
back audio, handling events, lips syncing, and avatar animation.

4.1.3 Speech Processing Tools

Speech interaction was implemented using both speech-to-text and text-to-speech technologies.
Speech recognition was done through the faster-whisper library [20], which serves as an
efficient implementation of the Whisper transcription model [12]. Voice activity detection uses
WebRTC VAD [17], which enables the detection and removal of silent or irrelevant portions of
the recording before transcribing them. For speech synthesis, the system uses an Edge Neural
TTS provider [21], which generates spoken responses from the selected text answer.

4.1.4 Retrieval and NLP Libraries

The retrieval component uses a combination of semantic and lexical techniques. Semantic re-
trieval is supported by sentence-transformers, specifically the all-mpnet-base-v2model
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[22], which is used to generate dense embeddings for query matching. Lexical retrieval is imple-
mentedwith a customBM25-based scoringmechanism [16], using precomputed BM25 statistics
generated during indexing. NumPy is used for numerical operations, including vector similarity
computation and score combination. These tools allow the system to rank candidate answers by
combining semantic similarity with exact keyword matching.

4.1.5 Language Model Providers

External language model providers are used selectively in the system. Groq and OpenRouter are
integrated for constrained tasks such as query routing, entity extraction, follow-up interpretation,
and response refinement. The language model is not used as the main factual source of answers,
and instead factual responses are retrieved from the controlled knowledge base. This design
allows the system to benefit from the flexibility of LLMs while limiting the risk of unsupported
responses or hallucinations [8].

4.1.6 Avatar and Animation Tools

The embodied frontend uses a Ready Player Me avatar [23] imported into Unity as a rigged
3D model with blend shape support. Lip synchronization is implemented using OVR LipSync
[24], which processes audio frames and produces viseme values that are mapped to the avatar’s
facial blend shapes. Unity’s Animator system is used to control basic animation states, including
idle and speaking behaviour. Mixamo animations were also tested during development, but the
final implementation uses minimal animations to maintain a professional and non-distracting
appearance that suits a hospital information assistant.

4.1.7 Development and Testing Tools

Development was carried out using PyCharm for backend implementation and the Unity Editor
for frontend development and testing. The backend was tested through direct endpoint calls,
backend logs, and runtime debugging, while the Unity side was tested using the Unity console
and visual inspection of audio playback, microphone input, UI behaviour, and avatar synchro-
nization. GitHub was used for version control and project organization. Overleaf was used
for preparing the written thesis document in LaTeX format. This type of tools section follows
the pattern found in UCY project theses, where the development technologies are listed and
explained before the implementation details.
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4.2 Backend Implementation

The backend is implemented with FastAPI [15] and manages the interaction pipeline, which
includes routing, retrieval, speech services, controlled LLM usage, and response validation.

4.2.1 API Design and Endpoints

The backend exposes a set of HTTP endpoints which are implemented in themain servermodule.

The /ask endpoint is the main entry point for handling user queries. The endpoint accepts text
input and processes it through routing, retrieval, and returning structured responses with relevant
metadata.

The /stt endpoint is responsible for converting audio input into text output by receiving audio
data from Unity and providing the corresponding transcription.

The /tts endpoint converts the text response into audio data through text-to-speech synthesis.

The /health endpoint provides a light way to monitor the system’s performance during devel-
opment.

The following snippet illustrates how a user query is initially handled by the system:

@app.post("/ask")
def ask(payload: AskReq):
query = (payload.question or "").strip()
lang = normalize_lang(None, query)
state = get_session_state(payload.session_id)

routed = route_user_turn(
query=query,
session_state=state,
openrouter_key=LLM_AVAILABLE_KEY,

)

route = routed["route"]
query_type = routed.get("query_type")

This highlights how the system processes the user query, recognizes the language, retrieves the
session state, and passes it for routing.
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4.2.2 Query Processing and Routing

The /ask endpoint begins with query interpretation and routing. In implementation, the router
component classifies the input into categories such as domain query, follow-up question, social
interaction, emergency query, or out-of-scope request. It also extracts fields such as query type
and subject text, which are then used by the retrieval and validation stages. Routing uses a
constrained LLM call, where the model is prompted to return structured output which is parsed
and validated before the values are used by the backend.

The routing module returns a structured JSON object containing the route type, query classifi-
cation, and extracted subject.

content = llm_chat(system, user, task="router")
parsed = _extract_first_json_object(content)

route = parsed.get("route")
query_type = parsed.get("query_type")
subject_text = parsed.get("subject_text")

4.2.3 Retrieval Engine Implementation

For queries specific to certain domains, the system uses a hybrid retrieval engine over the struc-
tured knowledge base. Semantic retrieval uses dense embeddings created by the sentence trans-
former model [22], while lexical retrieval uses BM25 scoring [16] for calculating exact term
matches, including department names and service-related queries.

After normalization, both scores are combined into a single ranking score.

dense = self.q_emb @ qv
dense_norm = (dense + 1.0) / 2.0

lexical = np.array([
self.bm25_score(q_tokens, it.get("q_tokens", []))
for it in self.faq_items
], dtype=np.float32)

hybrid = 0.65 * dense_norm + 0.35 * lexical_norm

The final score is computed as a weighted combination of semantic and lexical components.
After computing the base hybrid score, the implementation also applies small boosts for align-
ing departments, previous session departments, compatibility with query-type, and matching
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language, which prioritizes candidates that are semantically similar, and also suitable for the
current context.

Figure 4.1: Hybrid retrieval scoring process combining semantic similarity and BM25 lexical
matching before response validation.

4.2.4 Response Selection and Validation

After retrieval, the candidate responses are evaluated before returning a final answer. The sys-
tem checks relevance, compatibility with query type, and alignment with extracted entities. If
no candidate satisfies the required conditions, the backend returns a controlled fallback or clar-
ification response.

A confidence-based filtering mechanism is applied:

if best["hybrid"] < self.hybrid_min_low:
return "low"

gap = best["rerank"] - second["rerank"]

if gap >= 0.35:
return "high"

These thresholds determine if the response is reliable or if it requires fallback handling. The
selected responses can optionally be rephrased using a constrained language model.

4.2.5 Session Management and Context Handling

To support multi-turn interaction, the backend maintains a light session state per user. This
allows the system to interpret follow-up queries based on previous context, without storing un-
necessary dialogue history, as it is updated after each interaction. The backend keeps recent
information such as the last department, last query type, last answer identifier, and last resolved
query. When a follow-up is detected, this state can be used to rewrite or interpret the new query,
while explicit information in the current input remains the priority.
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4.2.6 Error Handling and Reliability Mechanisms

The backend includes fallback mechanisms for invalid input, low confidence retrieval, and ex-
ternal API failure. The LLM providers are considered non-critical parts of the system, since if
one provider fails, the system attempts the next available LLM provider or continues the process
without LLM output.

if task == "router":
groq_model = "llama-3.3-70b-versatile"
else:
groq_model = "llama-3.1-8b-instant"

try:
response = groq.chat(system, user, model=groq_model, timeout=10)
if response:
return response
except Exception:
pass

try:
response = openrouter.chat(system, user, timeout=10)
if response:
return response
except Exception:
pass

return None

These fallback strategies help keep the system operational even when dependencies are unavail-
able. In addition, there is validation of the intermediate output at each stage to prevent error
propagation.

4.3 Knowledge Base Construction and Indexing

The system uses a structured, answer-first knowledge base with precomputed retrieval artifacts.
The knowledge base was constructed from publicly available information on the official Nicosia
General Hospital website [25], specifically the clinics and departments pages provided by the
State Health Services Organisation (SHSO). Only information available from the official source
was included, and fields that were not provided were left empty rather than completed manually.
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This approach ensured that the system’s answers remained grounded in an identifiable public
source.

4.3.1 Knowledge Base Structure

The knowledge base is stored in a structured JSON form (kb_canonical.json), containing
information about hospital departments. Department information includes multilingual labels,
aliases, and a set of factual entries.

{
"id": "accident_emergency_department",
"department_en": "Accident & Emergency Department",
"aliases_en": ["A&E", "Emergency Department"],
"facts": [
{
"fact_id": "aed_overview",
"answer_en": "The Accident and Emergency Department..."
}
]
}

Facts are represented as answers in a canonical form. Metadata for each fact such as tags (e.g.
overview, services, process) are later used to align queries with answer types.

4.3.2 Answer Bank Construction

An answer bank is created based on the canonical knowledge base. Each answer is assigned
a unique identifier and annotated by additional metadata, such as language, department, scope,
and types of queries.

{
"answer_id": "ans_196957ff3bee",
"canonical_answer": "The Accident and Emergency Department...",
"lang": "en",
"department": "accident_emergency_department",
"tags": ["overview", "hours"]
}

The use of unique answer identifiers allows multiple query variations to map to the same canon-
ical response.

Answer IDs are generated using a hash of the answer content and metadata:
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def answer_id_from_text(answer, lang, department, entity_name):
raw = f"{lang}::{department or

''}::{normalize(entity_name)}::{normalize(answer)}"
return "ans_" + sha1(raw.encode()).hexdigest()[:12]

This guarantees stable identifiers even if the knowledge base is rebuilt.

4.3.3 Query Expansion and FAQ Item Generation

In order to support flexible user input, the system generates multiple instances of each query
(FAQs) by paraphrasing or usingmultilingual equivalents, which correspond to one single canon-
ical response.

{
"item_id": "item_00000",
"q": "What is Accident & Emergency Department?",
"q_tokens": ["what", "is", "accident", "&", "emergency"]
}

Each FAQ item is linked to a corresponding answer_id, allowing different query variations to
resolve to the same answer. Each generated query item is also normalized and tokenized during
preprocessing, so that lexical and semantic retrieval use a consistent representation.

4.3.4 Lexical Indexing

For lexical matching, the system computes BM25 statistics [16] over all query items. The statis-
tics include IDF (inverse document frequency) scores and average document length.

{
"avgdl": 7.34,
"idf": {
"accident": 4.58,
"emergency": 4.14
}
}

They are then used during runtime to calculate BM25 scores for query-document matching,
which allows the system to prioritize exact keyword matches, particularly for department names
and specific services.
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4.3.5 Semantic Embedding Generation

In parallel with lexical indexing, the system generates dense vector embeddings for all query
items based on a pre-trained SentenceTransformermodel. The embeddingmodel used is sentence-
transformers/all-mpnet-base-v2, which was selected because of its ability in semantic similarity
tasks.

The generated embedding matrix is stored as a NumPy array in q_emb.npy and loaded by the
backend at runtime. This enables fast similarity computation between user queries and stored
items using vector operations.

4.3.6 Department Alias Mapping

To improve entity recognition, The system builds an alias mapping between user-facing names
and internal department identifiers. This includes abbreviations, alternative names, and Greek
variants.

{
"a&e": "accident_emergency_department",
"emergency": "accident_emergency_department",
"taep": "accident_emergency_department"
}

This mapping allows the system to resolve user queries even when informal or abbreviated terms
are used, in order to maintain consistent matching across different input forms.

4.3.7 Index Build Process

Preprocessing is performed offline through the file build_index.py. The script loads the
canonical knowledge base, generates answer and query items, computes BM25 statistics, creates
embeddings, and stores the final runtime artifacts.

The final output consists of the precomputed files, like faq_items.json, answer_bank.json,
bm25_stats.json, q_emb.npy.
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Figure 4.2: Offline index build process used to generate the retrieval artifacts loaded by the
backend at runtime.

A build summary records the scale of the index:

{
"n_items": 2491,
"n_answers": 765,
"embedding_shape": [2491, 768]
}

4.3.8 Design Considerations

The indexing pipeline separates canonical answers from query variations. This keeps the knowl-
edge base consistent while still allowing flexibility in user input. Since embeddings and BM25
statistics are precomputed, runtime retrieval does not require heavy computing. This approach
also supports adaptabilty, as new departments or facts can be added to the knowledge base and
re-indexed without modifying the core retrieval pipeline.

4.4 Speech Processing Implementation

Speech-to-Text (STT) and Text-to-Speech (TTS) are incorporated into the request/response pipeline
used by text inputs. The audio is captured in Unity and processed by the backend to generate a
speech response that can be played through the avatar.
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4.4.1 Overview of the Speech Pipeline

Speech interaction follows a structured pipeline where audio input is captured in Unity, pro-
cessed in the FastAPI backend, and returned as synthesized audio for playback. Intermediate
processing is performed in text form, allowing integration with query-processing.

Figure 4.3 summarises the speech processing flow used by the system.

Figure 4.3: Speech processing implementation flow showing the speech-to-text, backend
query processing, and text-to-speech stages.

4.4.2 Speech-to-Text (STT) Processing

Whisper [12] is utilized on the backend for speech recognition, and is accessible through the
faster-whisper library [20]. The /stt endpoint receives raw PCM audio from the Unity
client and performs preprocessing before transcription. The backend uses the Whisper base
model with int8 inference, which reduces processing time while still providing sufficient tran-
scription quality for the prototype.

To improve transcription accuracy and reduce noise, the system applies Voice Activity Detection
using the WebRTC VAD library [17]. The audio is divided into frames, and frames containing
speech are stored:

vad = webrtcvad.Vad(2)
if vad.is_speech(frame.tobytes(), sr):
voiced_frames.append(frame)

Padding is applied before and after detected speech segments to avoid clipping the beginning or
end of spoken input. In the implementation, short padding windows are added before and after
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the detected speech region before the filtered audio is passed to Whisper.

The filtered audio is then passed to Whisper for transcription:

segments, _ = model.transcribe(speech_f32, beam_size=1)
text = " ".join(seg.text.strip() for seg in segments)

This approach removes silence and background noise before transcription. The final output is a
clean text string, which is forwarded to the main /ask endpoint for processing.

4.4.3 Text-to-Speech (TTS) Processing

TTS processing is handled on the backend through the Edge Neural TTS provider, which gen-
erates natural sounding speech from text responses. The /tts endpoint receives the response
text and produces audio in PCM format.

The voice is selected automatically depending on the detected language. The system uses el-
GR-AthinaNeural for Greek responses and en-US-AriaNeural for English responses. After syn-
thesis, the generated audio is decoded, converted into PCM16 format, encoded as base64, and
returned to the Unity frontend.

4.4.4 Frontend Audio Handling and Playback

In the Unity environment, audio input is captured through the computer microphone and stored
as an AudioClip [26]. The recorded audio is then converted into raw waveform format and
transmitted to the backend.

clip = Microphone.Start(null, false, maxDuration, sampleRate);

After the synthesized response is received, Unity reconstructs the audio and plays it through an
AudioSource [18].

4.4.5 Avatar Synchronization and Lip Sync

To enhance user experience, the system synchronizes speech output with avatar animation. This
is achieved using viseme based lip synchronization, where audio features are mapped to facial
blend shapes in real time.

ovrLipSync.ProcessFrame(audioData, frame);

The resulting viseme values are applied to the avatar’s mesh [27]:

skinnedMeshRenderer.SetBlendShapeWeight(index, value);
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Speaking animation is still triggered during playback, but the audio-driven viseme processing
is what connects the generated speech to visible mouth movement.

4.4.6 Latency and Real-Time Constraints

Latency in speech interaction can degrade the user experience [3]. To address this, audio is
captured locally to minimise input delay, while Voice Activity Detection (VAD) removes si-
lence and reduces unnecessary processing. Transcription is performed using a light Whisper
model with int8 inference to improve speed, and responses are generated through a retrieval-
based approach, avoiding the overhead of fully generative models. On the output side, the use
of streaming text-to-speech reduces the delay before playback begins. While latency is still
impacted by model processing and network delay, it is reduced by limiting the complexity of
models being used.

4.4.7 Design Considerations and Trade-offs

The chosen approach was request-response communication between client and server rather
than real-time streaming since it is easier to implement. This makes development and debug-
ging much better, especially because there is no complexity with partial outputs that should be
synchronized. Even though streaming could have reduced latency even further, it would also
introduce additional challenges and error cases, and was therefore not considered necessary for
this prototype.

4.5 Unity Frontend and Avatar Implementation

The frontend implementation was developed with the Unity game engine and it manages user
interaction, audio input/output, and avatar visualization. It communicates with the backend
through HTTP requests, and all visual rendering and interactions are processed locally.

4.5.1 Scene Design and Environment Setup

The scene uses a hospital reception area to match the target use case. A pre-built hospital en-
vironment asset [28] was integrated into the Unity scene and modified to fit the application
requirements. The original environment asset was larger than required, containing multiple
rooms and assets irrelevant to the interaction scenario. To address this, the environment was se-
lectively reduced to a single reception-like space, reducing unnecessary geometry and adjusting
scene scale to ensure that the avatar and interface elements remain clearly visible.
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The final layout includes the avatar, a hospital background, and a minimal interaction inter-
face. As shown in Figure 4.4, the interface presents the avatar with a chat panel, input field,
microphone button, and send button.

Figure 4.4: Unity frontend showing the embodied assistant, hospital reception environment,
chat panel, text input field, send button, and microphone control.

4.5.2 Avatar Integration and Customization

The avatar was created using the Ready Player Me platform [23] and then imported into Unity
as a rigged 3D model with the support of blend shapes. It has been customised to represent a
neutral and professional assistant that aligns with the hospital environment use case. To sup-
port animation and lip synchronization, the avatar was configured with appropriate blend shape
mappings and integrated into the Unity Animator system. During development, more expres-
sive full-body animations fromMixamo Assets were tested, but they appeared distracting in this
context. The final implementation therefore uses a smaller animation set based on idle breath-
ing, subtle head movement, and speech-driven facial animation, in order to maintain functional
realism and avoid unnatural behaviour.
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4.5.3 User Interface Design and Interaction Elements

The user interface consists of an overlay within the Unity scene, supporting both text and speech
interaction. The interface features a scrollable chat window for past conversations, a text input
field, a send button, a microphone button, as well as visual feedback that offers better usability.
Interactive elements such as the send and microphone buttons change states when pressed, while
the microphone button shows a dynamically expanding circular animation of the detected sound
levels during recording.

4.5.4 Input Handling and Backend Communication

User input is handled through both text and voice, which are connected before being processed
by the backend. Voice input is captured using Unity’s Microphone API [26], where the audio
is converted into a transferable format and sent to the backend /stt endpoint for transcrip-
tion. Text input is sent directly to the /ask endpoint. The frontend coordinates communi-
cation with multiple backend endpoints, including speech-to-text, query processing, and text-
to-speech, where the requests are performed asynchronously in order to prevent blocking the
network communication.

Figure 4.5: Example end-to-end interaction showing a follow-up query handled through the
Unity frontend and answered using the backend retrieval pipeline.
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Figure 4.5 shows an example where the user asks for contact information and then uses a follow-
up query for another department, demonstrating that frontend interaction, backend context han-
dling, retrieval, and response playback operate as a complete pipeline.

4.5.5 Audio Playback and Avatar Synchronization

Audio playback is managed through a dedicated component that reconstructs received audio
data into a Unity AudioClip and plays it through an AudioSource [18]. Playback events are
used to trigger avatar behaviour, ensuring synchronization between speech and animation. Lip
synchronization is implemented using the OVR LipSync system [24], which processes audio
frames to generate viseme data. These viseme values are mapped to the avatar’s blend shapes,
producing real-time mouth movement aligned with the audio output, while animation drivers
control the speaking state and head movement.

Figure 4.6: Avatar lip synchronization during speech playback, showing different mouth
positions generated from audio-driven viseme animation.

4.5.6 Event-Driven Interaction Model

The frontend uses an event-driven architecture where shared events coordinate the main stages
of the interaction, including recording, backend requests, response reception, and audio play-
back. This allows components such as the voice recorder, request handler, chat interface, audio
player, and animation controller to work separately while still staying synchronized during the
conversation.

4.5.7 Design Considerations and Trade-offs

Although a 3D environment and avatar increase the quality of the interaction process, they also
introduce synchronization and performance issues. For this reason, the final frontend keeps the
interface simple and limits animation complexity. Together with the event-based structure, this
helped keep the system stable and responsive.
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4.6 Integration Challenges and Limitations

Integrating the Unity frontend, FastAPI backend, retrieval engine, speech modules, external
LLM providers, and avatar animation system introduced practical challenges around reliabil-
ity, latency, synchronization, and debugging. These issues mainly came from connecting the
components into one complete interaction loop, rather than from the individual modules only.

One challenge was LLM-based routing, especially for short, informal, or ambiguous queries.
To reduce this, the router was constrained to return structured JSON output, which is parsed
and validated before use, while provider fallback logic allows the system to continue if one
LLM provider fails. Latency was also an issue because a full interaction includes audio capture,
transcription, routing, retrieval, optional LLM processing, TTS generation, and playback. The
system reduces this delay through VAD filtering, a light Whisper model, precomputed retrieval
artifacts, and a retrieval based design, but response time is still affected by model processing
and network delay [3]. Avatar synchronization also required adjustments, since early versions
showed mismatch between audio playback, lip movement, and animation states. This was im-
proved by using event-driven playback triggers and audio-driven lip synchronization. Finally,
ambiguous or queries with typos remained difficult, so confidence thresholds and fallback re-
sponses were used to avoid returning hospital information that was not supported.

Debugging was handled by separating the main stages into different endpoints, including /stt,
/ask, /tts, and /health, and by using backend logs together with Unity console output. Fig-
ure 4.7 shows the backend debug log for the same follow-up interaction shown earlier in Fig-
ure 4.5. The log shows the received query, routed follow-up interpretation, resolved query,
retrieved candidates, and selected response before speech output is generated.
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Figure 4.7: Backend log output for the follow-up interaction shown in Figure 4.5, showing
query routing, retrieval candidates, response selection, and text-to-speech execution.

All in all, the final system handles these issues through constrained LLM usage, fallback mech-
anisms, precomputed retrieval, validation layers, and frontend coordination with events.
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5 Evaluation and Results

5.1 Evaluation Objectives

The evaluation examined whether Lana can effectively support hospital-related information
tasks through a conversational embodied interface. The system was evaluated as a complete
prototype, including speech recognition, backend retrieval, response generation, text-to-speech
synthesis, avatar interaction, and the Unity frontend.

The evaluation focused on three main areas. First, it examined whether users could success-
fully complete common hospital information tasks such as finding departments, contact infor-
mation, appointments, and hospital guidance information. Second, it evaluated whether the
system could remain within its intended role by correctly handling unsupported or out-of-scope
questions. Third, it assessed the overall user experience, including usability, conversational
quality, responsiveness, speech interaction, and avatar presence. The evaluation was designed
as a prototype feasibility study focused on usability, reliability, and usefulness in a controlled
environment.

5.2 Evaluation Methodology

5.2.1 Participants

The evaluation involved 18 participants with different age groups and different familiarity with
conversational AI systems. The participant group included 10 female and 8 male participants,
with most of them belonging to the age range of 18-34. Most participants also reported previous
experience using conversational assistants such as Siri, Alexa, or ChatGPT, although very few
had previous experience with healthcare related virtual assistants.

Figure 5.1: Gender distribution of participants
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Figure 5.2: Age distribution of participants

Participants were also asked about their familiarity with conversational assistants. Most partic-
ipants reported feeling comfortable using voice interaction systems and regularly using conver-
sational assistants in daily activities. However, the majority had not previously interacted with
hospital-related conversational systems, making the evaluation useful for testing first-time user
experience in a healthcare setting.

Figure 5.3: Participant comfort level with voice interaction systems

Figure 5.4: Frequency of conversational assistant usage
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Figure 5.5: Previous experience with healthcare conversational assistants

5.2.2 Evaluation Environment

The evaluation was executed using the Unity-based prototype running on a laptop equipped with
a microphone and speaker, as participants interacted with the system using both speech and text
input. The evaluation sessions were performed in a controlled indoor environment to reduce
background noise and retain stable speech recognition performance.

5.2.3 Evaluation Procedure

Participants first received a short explanation about the system and available interactionmethods
before completing a set of predefined hospital-related scenarios. These scenarios included de-
partment location, appointment questions, payment methods, ICU visiting hours, accessibility-
related guidance, unsupported hospital questions, and out-of-scope interactions. After com-
pleting the tasks, participants answered a structured questionnaire using five-point Likert-scale
ratings and provided optional open-ended feedback about strengths, weaknesses, and possible
improvements.

5.2.4 Questionnaire Design

The questionnaire combined quantitative and qualitative feedback. The quantitative section used
five-point Likert-scale responses that covers usability, interaction quality, speech understanding,
conversational flow, avatar embodiment, usefulness, and reliability. Participants also provided
open-ended comments discussing positive aspects of the system, difficulties, and suggestions
for future improvements.
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5.3 Task-Based Evaluation Results

The task-based evaluation examined whether participants could successfully complete realistic
hospital-related information tasks using Lana. Each participant completed predefined interac-
tion scenarios and recorded whether the task was completed successfully, partially completed,
or failed.

Table 5.1: Task-based evaluation results

Scenario Successful Partial Failed
Finding a department 16 2 0
Contacting a department 17 1 0
Booking an appointment 17 1 0
Follow-up question handling 13 4 1
ICU visiting hours 17 1 0
Payment methods 17 1 0
Hospital rules 18 0 0
Unsupported hospital question 18 0 0
Out-of-scope question 18 0 0
Accessibility-related location query 17 1 0

Figure 5.6: Task-based evaluation results across all hospital interaction scenarios
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The results show strong performance across most hospital information tasks. Hospital rules, un-
supported hospital questions, and out-of-scope requests achieved full success across all partici-
pants, showing that the system consistently remained within its intended role. High completion
rates were also observed for department information, appointments, ICU visiting hours, payment
methods, and accessibility-related queries, suggesting that the retrieval pipeline was effective
for direct factual requests. The weakest area involved follow-up questions, where some partic-
ipants needed to rephrase their questions or provide additional clarification before the correct
information was retrieved. This indicates that the system is more reliable with explicit queries
than with shorter conversational follow-ups that depend heavily on previous context.

5.4 User Evaluation Results

This section presents the questionnaire results collected after participants completed the inter-
action scenarios. The results are grouped into usability, conversational quality, embodiment,
usefulness, and reliability categories in order to evaluate the overall user experience of the sys-
tem.

5.4.1 Usability and Interaction Quality

Figure 5.7 presents participant responses related to ease of interaction, speech interaction pref-
erence, and interaction flow. Most participants rated the system positively, especially for easy
use and overall the smoothness of the interaction. Responses regarding speaking instead of typ-
ing were slightly more mixed, although most participants still preferred speech interaction and
considered it convenient.

Figure 5.7: Usability and interaction quality results

The results suggest that participants were generally comfortable interacting with the system and
could navigate the conversation without major difficulties, which is important since the system
aims to support quick and accessible information retrieval in hospital environments.
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5.4.2 Speech and Conversational Quality

Figure 5.8 summarizes responses related to speech understanding, response clarity, responsive-
ness, conversational naturalness, and wording flexibility. Answer clarity and relevance received
particularly strong ratings, while speech understanding and conversational naturalness received
slightly more varied responses.

Figure 5.8: Speech and conversational quality results

The results indicate that participants generally considered the responses clear, useful, and rele-
vant to their questions. However some participants experienced occasional wording or follow-up
limitations, especially during shorter conversations. This is likely related to the retrieval-first
design of the system, which prioritizes reliable responses from the knowledge base over highly
flexible behaviour, as discussed in Chapter 4 [9],[29].

5.4.3 Avatar Embodiment and System Reliability

Figure 5.9 presents participant responses related to avatar engagement, lip-sync quality, atten-
tiveness, trust, reliability, and role consistency. The system received particularly strong ratings
for staying within its intended role and usefulness for spoken guidance.
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Figure 5.9: Avatar embodiment, usefulness, and reliability results

Participants also responded positively to the embodied avatar experience, particularly regarding
engagement and lip synchronization. These results suggest that the embodied interface con-
tributed positively to the interaction experience and helped the system feel more engaging than
a traditional text-only chatbot [30],[31].

5.4.4 Comparative Evaluation Scores

Participants additionally rated the system in broader categories including overall experience,
usefulness, responsiveness, confidence, and conversational naturalness. Figure 5.10 shows that
most responses were concentrated in the high or highest rating categories, especially for useful-
ness and responsiveness.

Figure 5.10: Comparative evaluation ratings

The lower ratings observed for the naturalness of the conversation are consistent with the follow-
up limitations identified during the task-based evaluation. Despite this, the participants still rated
the overall experience positively across most of the evaluation categories.
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5.4.5 Qualitative Feedback

The participants also provided written feedback regarding aspects that they enjoyed, problems
they experienced, and things that should be improved. Positive comments focused mainly on
the avatar, usability, and the clarity of the answers. For instance, many participants mentioned
that the avatar contributed to the realism, interaction, and engagement of the prototype. Other
participants highlighted that the system responded quickly and gave answers that were concise,
relevant, and did not contain redundant information. All this is consistent with the quantitative
results that show that answer clarity, relevance, avatar interaction, and usefulness for spoken
guidance received strong ratings.

The main issues reported were speech recognition, wording flexibility, and the size of the avail-
able knowledge base. For example, some users stated that they had to rephrase their queries
due to difficulties with the system understanding their phrasing. In addition others mentioned
that the microphone worked only with clear pronunciation and in an environment with low back-
ground noise [32],[12]. A few comments also suggested adding more detailed information, such
as information about doctors, maps, and more Greek support. These comments are useful be-
cause they show that the current prototype works well for basic hospital information, but would
need a larger knowledge base, stronger multilingual support, and more robust speech handling
before being used in a real hospital setting.

5.5 Discussion

The evaluation results suggest that Lana performed well as a hospital information assistant
within a controlled domain. Most participants completed the hospital-related tasks successfully,
especially scenarios involving direct factual information such as appointments, department con-
tacts, payment methods, hospital rules, and ICU visiting hours.

One of the strongest findings was that the system is able to stay within its intended role. Requests
outside of the scope of the hospital or without supporting information were managed properly by
all participants, showing that the combination of retrieval-based responses, validation steps, and
constrained LLM usage helped reduce unrelated or unsupported answers [9],[29]. In addition
the participants gave positive feedback regarding the avatar, stating that it made the systemmore
engaging and realistic compared to a normal chatbot [30],[31].

Themain limitation observed during the evaluationwasmainly follow-up questions andwording
flexibility. Some participants needed to rephrase questions or provide clearer wording before the
correct answer was retrieved, especially during shorter conversations. A few participants also
reported speech-recognition issues related to microphone quality or background noise [32],[12],
while others suggested improvements such as better Greek support, doctor-related information,
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and larger hospital data coverage.

The evaluation shows that the proposed system is effective for spoken hospital information assis-
tance and provides a more interactive experience through speech and embodiment. At the same
time the findings highlight areas that would require further improvement before deployment in
a real hospital environment, such as conversational flexibility, multilingual support, improving
speech recognition, and expanding the knowledge base.

5.6 Chapter Summary

This chapter presented the evaluation methodology and results for the Lana hospital information
assistant. The results showed strong task completion performance, positive usability feedback,
and the ability of the system to handle hospital information queries in a controlled domain. The
participants also responded positively to the speech interaction and avatar embodiment features,
while the evaluation additionally highlighted limitations related to follow-up flexibility, speech
recognition, and knowledge base coverage. These findings are used in the next chapter to sum-
marize the contributions of the thesis and discuss possible future improvements.
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6 Conclusion and Future Work

6.1 Thesis Summary

This thesis presented the design, implementation, and evaluation of Lana, an embodied con-
versational assistant designed for hospital information support. The system combines speech
interaction, retrieval-based question answering, constrained language model usage, and avatar
embodiment within a Unity frontend connected to a FastAPI backend.

The implementation focused onmaintaining reliable and grounded responses while still support-
ing a conversational interaction style. Instead of relying entirely on generative AI responses, the
system was designed around a structured knowledge base and a hybrid retrieval pipeline, allow-
ing answers to remain connected to predefined hospital information [9]. The evaluation results
presented in Chapter 5 showed that participants were generally able to complete the predefined
hospital-information tasks successfully, particularly for direct information requests such as ap-
pointments, department guidance, hospital rules, and payment questions. Users also provided
positive feedback to the avatar and spoken interaction features, which implies that embodiment
made the system feel more engaging than a traditional text-based chatbot [30],[31].

At the same time, the evaluation highlighted limitations related to follow-up, wording flexibil-
ity, and speech recognition. Participants occasionally needed to repeat or rephrase questions,
especially during shorter conversational exchanges or when unclear wording was used. These
findings reflect the design choices made during development, where the system focused more
on reliable responses than highly flexible conversation.

6.2 Main Contributions

The main contribution of this thesis is the development of a complete end-to-end conversational
assistant that combines speech interaction, retrieval-based information access, constrained LLM
support, and embodied avatar interaction within a single system. The project demonstrates how
these components can operate together as an interactive conversational pipeline.

Another contribution is the design of a modular architecture that separates the frontend interac-
tion layer from the retrieval and knowledge components. Although the current implementation
focuses on hospital information, the overall structure was intentionally designed so that the un-
derlying domain can be changed without rebuilding the entire pipeline. Since the knowledge
base, retrieval artifacts, and routing logic remain independent from the frontend interaction sys-
tem, the same architecture could also be adapted for other controlled-domain environments such
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as university support systems, museum guides, or public-service information assistants.

The evaluation itself also contributes useful observations regarding embodied conversational
systems in controlled domains. The results showed that users valued fast and clear responses,
but also responded positively to the avatar presence and speech interaction. At the same time,
the weaker results in follow-up responses highlight some of the practical limitations involved in
balancing natural conversation with reliable responses.

6.3 Limitations

Although the evaluation results were generally positive, the current prototype still has several
limitations. The evaluation was conducted with a relatively small participant group and within
a controlled environment, which means the results may not fully represent behaviour in real
hospital settings with higher noise levels and more unpredictable interactions.

The knowledge base currently contains a limited set of hospital information collected from pub-
licly available sources. As a result, some participants suggested adding more detailed informa-
tion such as details about doctors, maps, multilingual support, and expanded hospital guidance
information. Both English and Greek queries are partially supported, however the system was
evaluated mainly in English, and further improvements would be required before deployment
in multilingual real-world environments.

In addition, the system depends on a predefined knowledge base, meaning that unsupported or
missing information cannot always be handled naturally. While this helps avoid hallucinated
answers, it also limits flexibility in conversations, which is clearly visible as certain follow-
up questions, ambiguous wording, or inputs with typos still caused difficulties for the system
[9],[29]. Speech recognition performancewas also affected in some cases bymicrophone quality
and environmental noise [32],[12].

6.4 Future Work

There are several areas where the system could be improved further in future work. One impor-
tant direction would be replacing the current static knowledge base with dynamically updated
information sources. This could allow the assistant to provide real-time updates related to hos-
pital schedules, available departments, or waiting times. The conversational side of the system
could also be improved with better context handling and with more flexibility in follow-up in-
terpretations, since some participants still needed to rephrase questions during the evaluation. In
addition, future versions could improve multilingual speech processing, improvements in noisy
environments, and the overall retrieval for more natural conversations. For a natural experi-
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ence from the embodiment perspective, there could be more advanced avatar behaviours, facial
expressions, and gesture systems, while mobile or kiosk-based deployment could allow the sys-
tem to be used more practically inside hospital environments. Finally, larger scale evaluations
with more diverse participant groups and real hospital settings would provide a more accurate
understanding of usability, reliability, and user acceptance.

6.5 Final Remarks

All in all, this thesis showed that a conversational assistant can combine speech interaction,
information retrieval, and avatar embodiment into a functional hospital support system. Al-
though the current implementation remains a prototype, the evaluation results suggest that this
type of approach has strong potential for future healthcare assistance applications, especially in
controlled environments, while also remaining adaptable to other domains in the future.
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APPENDIX I

User Manual

This appendix briefly demonstrates the basic operation and usage flow of the implemented hos-
pital information assistant prototype.

I.1 Launching the Backend

The backend server is started locally using the FastAPI application.

uvicorn server:app --host 127.0.0.1 --port 8000

Figure I.1 shows the backend during active request handling.

Figure I.1: Backend runtime execution

I.2 Main Interface

After launching the Unity application, the user is presented with the main interaction interface
shown in Figure I.2.

The interface contains:

• A 3D embodied avatar,

• A chat window displaying the conversation area,

• A text input field,
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• A send button for submitting text queries

• A microphone button for voice interaction

Figure I.2: Main system interface

I.3 Basic Interaction Example

Users may ask hospital-related questions either through text input or voice input. Figure I.3
shows a department location query.

I.4 Follow-Up Question Example

The system supports lightweight contextual follow-up interaction within the same session. Fig-
ure I.4 demonstrates a follow-up question regarding another department.
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Figure I.3: Example hospital information query

Figure I.4: Follow-up interaction example
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I.5 Voice Interaction

Voice interaction is performed through the microphone button located at the bottom-right corner
of the interface.

The interaction process is:

1. Press the microphone button.

2. Speak clearly into the microphone.

3. Wait until recording automatically stops after silence detection.

4. The recorded audio is transmitted to the backend for transcription.

5. The recognized text is processed and becomes speech.

6. Receive the final response played through the avatar.

During recording, the interface provides visual feedback indicating that microphone capture is
active.

I.6 Out-of-Scope Requests

The assistant is intentionally restricted to hospital-related information. Figure I.5 shows exam-
ples of unsupported or unrelated requests.

Figure I.5: Out-of-scope request handling
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I.7 Avatar Speech Animation

During speech playback, the avatar performs automatic lip synchronization driven by the gen-
erated audio stream.

Figure I.6: Example avatar lip synchronization states
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APPENDIX II

Technical Setup and Execution Manual

This appendix provides the technical steps required to run the implemented prototype locally.
The setup reflects the final implementation used during development and evaluation.

II.1 Development Environment

Table II.1: Main development and execution tools

Component Tool / Version
Unity Editor Unity 2022.3.62f2
Backend Language Python 3.11
Backend Framework FastAPI
Backend Server Uvicorn
Frontend Logic C# scripts in Unity
Speech-to-Text Faster-Whisper
Text-to-Speech Edge Neural TTS
Retrieval Model sentence-transformers/all-mpnet-base-v2
Development Tools PyCharm, Unity Editor, terminal

II.2 Backend Setup

The backend is located inside the ml directory of the project. The following commands are used
to create the Python environment, install dependencies, and start the FastAPI server.

cd AvatarChatbotDemo/ml

python -m venv .venv

.venv\Scripts\activate

pip install -r requirements.txt

uvicorn server:app --host 127.0.0.1 --port 8000 --reload
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After startup, the backend listens locally at:

http://127.0.0.1:8000

The backend must remain running while the Unity application is being tested.

II.3 Required Runtime Files

The backend depends on precomputed runtime files generated from the canonical hospital
knowledge base. These files are loaded when the backend starts.

Table II.2: Required backend runtime files

File Purpose
kb_canonical.json Canonical hospital knowledge base con-

structed from official hospital information.
answer_bank.json Stores canonical answers used by the retrieval

system.
faq_items.json Stores generated query variations linked to

answer identifiers.
bm25_stats.json Stores BM25 lexical retrieval statistics.
q_emb.npy Stores precomputed dense query embeddings.
department_aliases.json Maps department aliases and multilingual

names to internal department identifiers.
model_name.txt Stores the sentence-transformer model used for

embedding generation.

If the canonical knowledge base is modified, the index build script must be executed again before
running the backend.

II.4 Index Build Command

The retrieval artifacts are generated offline using the index build script.

cd AvatarChatbotDemo/ml

.venv\Scripts\activate

python build_index.py
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This process rebuilds the answer bank, FAQ items, BM25 statistics, department aliases, and
embedding matrix.

II.5 Unity Frontend Setup

The Unity frontend is opened from the main project folder using Unity Hub.

1. Open AvatarChatbotDemo in Unity Hub.

2. Use Unity Editor version 2022.3.62f2.

3. Open the main interaction scene.

4. Confirm that the backend URL points to:

http://127.0.0.1:8000

5. Start the backend server.

6. Press Play in the Unity Editor.

7. Submit a text question or use the microphone button.

II.6 Backend Endpoints

Table II.3: Backend API endpoints

Endpoint Purpose
/health Checks whether the backend server is running.
/ask Receives a text query, performs routing and retrieval, and

returns an answer.
/stt Receives audio input and returns the transcribed text.
/tts Receives answer text and returns synthesized audio for

Unity playback.

The health endpoint can be tested in a browser:

http://127.0.0.1:8000/health

II.7 Example Text Query Test

The /ask endpoint can be tested independently before using Unity.
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POST http://127.0.0.1:8000/ask
Content-Type: application/json

{
"question": "Where is Cardiology located?",
"session_id": "default"

}

A successful response confirms that the backend, routing module, retrieval engine, and answer
selection pipeline are operating correctly.

II.8 External Provider Configuration

External provider credentials are stored locally through environment variables or a local .env
file. These keys are required only for provider-based LLM routing, rephrasing, or social re-
sponse handling.

GROQ_API_KEY=...
OPENROUTER_API_KEY=...

API keys are excluded from the submitted thesis and source code for security reasons.

II.9 Execution Workflow

The complete local execution workflow is:

1. Start the backend using Uvicorn.

2. Confirm that the backend is reachable through /health.

3. Open the Unity project.

4. Run the main scene.

5. Ask a question using text input or microphone input.

6. Unity sends the request to the backend.

7. The backend performs transcription, routing, retrieval, and response generation.

8. Unity receives the response and plays the speech through the avatar.
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APPENDIX III

Evaluation Questionnaire

This appendix presents the questionnaire that was used during the evaluation of the Lana hos-
pital assistant prototype. The questionnaire was distributed to participants after completing the
predefined interaction scenarios described in Chapter 5. The purpose of the questionnaire was
to collect both quantitative and qualitative feedback regarding usability, conversational quality,
speech interaction, avatar embodiment, usefulness, and overall system reliability. A total of 18
participants completed the evaluation.

III.1 Questionnaire Structure

The questionnaire consisted of three main sections:

1. Participant background information

2. Likert-scale evaluation questions

3. Open-ended feedback questions

The quantitative evaluation used a five-point Likert scale:

• Strongly Disagree

• Disagree

• Neutral

• Agree

• Strongly Agree

III.2 Participant Background Questions

Participants were initially asked several background questions related to demographics and fa-
miliarity with conversational systems.

• Gender

• Age group

• Previous use of conversational assistants

• Comfort level with voice interaction systems
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• Previous experience with healthcare-related assistants

III.3 System Evaluation Questions

Themain evaluation section included questions covering usability, conversational quality, avatar
interaction, usefulness, and reliability.

Table III.1: Main questionnaire evaluation categories

Category Example Evaluation Focus
Usability Ease of use and interaction flow
Speech Interaction Speech recognition and speaking prefer-

ence
Conversational Quality Response clarity and naturalness
Avatar Embodiment Engagement and lip synchronization
Usefulness Helpfulness for hospital guidance
Reliability Trustworthiness and role consistency

III.4 Open-Ended Feedback

Participants were also invited to provide optional written feedback regarding:

• Positive aspects of the system

• Difficulties experienced during interaction

• Suggested improvements

The collected responses were analyzed and summarized in Chapter 5.

III.5 Questionnaire Screenshots

Figure III.1 presents example sections from the evaluation questionnaire used during the study.
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Figure III.1: Example sections from the evaluation questionnaire
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APPENDIX IV

Supported Knowledge Scope and Coverage

This appendix summarizes the operational scope of the implemented hospital information assis-
tant prototype, including supported hospital departments, supported query categories, multilin-
gual handling, and retrieval behaviour.

IV.1 Supported Hospital Departments

The current prototype supports information retrieval for multiple departments and clinical units
derived from the official Nicosia General Hospital website.

Clinical Surgical Diagnostic Specialized Units
Cardiology General Surgery Radiology ICU
Neurology Neurosurgery Microbiology Emergency Depart-

ment
Pulmonology Orthopedic Clinic Pathology Oncology – Radiol-

ogy Therapy
Dermatology Plastic Surgery Clinical Biochem-

istry
Breast Centre

Gastroenterology Urology Medical Physics Trauma Centre
Hematology Vascular Surgery Cytopathology Transplant Centre
Rheumatology Cardiothoracic

Surgery
Nuclear Medicine Diabetes Centre

Nephrology ENT Hematology Labo-
ratory

Pain Clinic

Internal Medicine Maxillofacial
Surgery

Immunology Physiotherapy
Department

Cardiometabolic
Clinic

Endocrine Surgery Smoking Cessation
Clinic

Table IV.1: Examples of supported hospital departments and units

IV.2 Supported Query Categories

The system supports multiple categories of hospital-related informational requests.
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Query Type Example
Department overview “What is Cardiology?”
Location queries “Where is Neurology located?”
Contact information “What is the Oncology phone number?”
Appointment information “How do I book an appointment?”
Department services “What services does ICU provide?”
Follow-up interaction “What about Neurology?”
Multilingual queries “Πού βρίσκεται η Καρδιολογική;”
Out-of-scope handling “Who won the World Cup?”

Table IV.2: Supported query categories

IV.3 Knowledge Base Characteristics

The retrieval dataset was generated from structured hospital information extracted from the of-
ficial hospital website.

Characteristic Value
Indexed QA pairs 2491
Canonical answer entries 765
Supported departments/entities 43
Supported languages English and Greek
Retrieval method Hybrid dense + BM25

retrieval
Embedding model all-mpnet-base-v2

Table IV.3: Knowledge base statistics

IV.4 Multilingual Alias Handling

The system supports multilingual aliases and alternative department references during retrieval.
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Canonical Department Supported Aliases
Emergency Department A&E, Emergency, First Aid, ΤΑΕΠ
Cardiology Cardiology Clinic, Καρδιολογική
ICU Intensive Care Unit, ΜΕΘ
Oncology Oncology - Radiology Therapy,

Ογκολογία
ENT Otolaryngology, ENT, ΩΡΛ

Table IV.4: Examples of multilingual alias normalization

IV.5 Representative System Behaviour

The following examples summarize representative behaviour observed during testing.

IV.5.1 Follow-Up Query Resolution

User: “Can you give me the Oncology contact information?”

User: “And the same for Neurology?”

The routing pipeline preserves conversational context and resolves the second query as a follow-
up request for Neurology contact information.

IV.5.2 Out-of-Scope Restriction

User: “Who is the president of Cyprus?”

The assistant rejects unrelated requests and remains restricted to hospital-related information
only.

IV.5.3 Typo Handling

User: “Where is cardiolgy?”

The retrieval pipeline successfully resolves the intended department despite the spelling error.
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