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Abstract

This paper presents how a virtual character was created through
a conversational Al system that not only has an open-domain
dialog system but also takes visual and audio inputs to create
an interactive and interpersonal responses to users. The virtual
character has its 3D figure with a particular voice and person-
ality for the immersive Al experience. Multiple Al modules
were integrated into the system to make human-like interaction
including automatic speech recognition, Text-to-speech model,
intelligent open-domain dialog system, and 3D game engine.
Index Terms: Automatic Speech Recognition (ASR), Text-to-
Speech (TTS), open domain dialog system

1. Introduction

Due to COVID-19 and its influence on other world-wide issues,
there has been a huge demand on conversational Al. Thanks
to the large amounts of conversational data available to pub-
lic, the traditional task-oriented bots have now progressed into
conversation-oriented chatbots. We, however, stretched the con-
versational Al even further that performs beyond that of an
open-dialog chatbot system. We created a interpersonal and in-
teractive virtual human that not only exchanges text data but
also takes audio and visual inputs to create a human-like re-
sponse. In this paper, we present SKYE, the AI companion that
integrates audio and visual AI modules into conversational Al
This SKYE Al human Avatar also has its 3D face and body
capable of making facial expressions, lip movement and body
gestures.

2. SKYE AI Modules

The AI component in Skye is composed of three main parts:
Automatic Speech Recognition, Text-to-Speech and Lip-Sync
model, and lastly, open domain dialog system. The following
subsections explain each modules in details.

2.1. Automatic Speech Recognition (ASR)

For ASR, we use Kaldi speech recognition toolkit [1] to train
a GPU-based ASR by utilizing the online Cuda version which
NVIDIA recently developed [2]. That allows the use of hundred
concurrent requests with a single GPU, which provides high ef-
ficiency of computing resource use.

2.1.1. Acoustic Model (AM)

An HMM-TDNN acoustic model is trained using Kaldi toolkit
and several datasets are used to train the model: Librispeech [3]
and TED-LIUM [4] for general English and in-house collected
datasets. The training data is augmented with room impulse
responses (RIR) and additive noise from Google Audioset [5].
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Figure 1: Overall Architecture of Text-to-Speech and Lip-Sync
Model.

2.1.2. Language Model(LM)

A prune n-gram language model is trained using SRILM toolkit
with collected in-house domain-specific data. The trained
domain-specific n-gram is finally interpolated and pruned with
pre-trained LM models that are used in Librispeech and TED-
LIUM.

2.2. Text-to-Speech(TTS) and Lip-Sync Generation Models

TTS and Lip-Sync generation module is performed on top of the
Chatbot. Figure 1 illustrates the overall architecture of the TTS
and Lip-Sync models pipeline. Firstly, the TTS model is based
on FastSpeech2 [6] and Pitchtron [7] to model both prosody
and mel-spectrogram. It consists of a text encoder, prosody
encoder, variance adopter and decoder. The variance adap-
tor provides information regarding duration and energy pitch,
while the prosody encoder is used to model transfer the prosody
of speech from reference audio to target text. The combina-
tion of adding variance adaptor and prosody encoder increases
naturalness regarding prosody of the synthesized speech. The
generated mel-spectrogram is fed to HiFi-GAN [8] to obtain
the synthesized speech waveform. The overall TTS model is
trained using VCTK [9] and in-house collected data. The train-
ing dataset consists of approximately 75 hours of data with
184 native English speakers. Secondly, the Lip-Sync model
is composed of two main phases: ASR model and Phonemes-
to-Visimes mapping. The ASR model is trained with Lib-
rispeech data [3] using Kaldi toolkit [2], and is produces times-
tamp alignments between the text phonemes and synthesized
speech. In the second phase, the Phoneme-to-Visime mapping
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Figure 2: SKYE System Architecture.

algorithm [10] generates lip-synchronization for animation by
mapping the aligned phoneme to visimes.

2.3. Open-domain Dialog System

SKYE’s top characteristic is her capacity to be a fast and reli-
able conversationalist of any topic with the users. To achieve
this we have used A/B testing to choose the better performing
model within the constraints governing this problem (i.e. com-
putation time and cost). The first model taken into considera-
tion was a fine-tuned blenderbot [11] and parlAI[12] models to
include personality and transmit it to the user. For the second
model, we reprogrammed some initial conditions of OpenAlI’s
GPT-3 to add personality to the generated responses. The differ-
ent values for the initial conditions are extracted after analizing
the previous conversation taken with the user, such as topic, sen-
timent, emotion among others. Finally, to make the whole ex-
perience better, we decided to make a ”Conversation Initializer”
module that can start a conversation with the user depending on
some external factors such as weather and time.

3. SKYE System Architecture

We have decided to premier our product on the mobile app to
provide Al Avatar experience to our users in a prompt and user-
friendly way. However, due to hardware constraints, we had to
face a challenge of integrating all our AI modules into local mo-
bile application. This issue was resolved by transforming each
individual Al modules into cloud API service. As represented
in figure 2, our Al virtual human application is served as a client
to the cloud API service to respond to users input. We designed
the structure in this particular way so that it takes into account
the possibility of extending our product to web or common OS
environment such as Windows, Linux, etc.

4. Conclusions

In this paper, we presented how we integrated Al into our prod-
uct SKYE, an Al virtual human to create a coherent human-

environmental issues around the world.
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