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ABSTRACT

In this paper we describe the design, recording, and
content of a large audio-visual speech database
intended for training and testing of audio-visual
continuous speech recognition systems. The UWB-
05-HSCAVC database contains high resolution
video and quality audio data suitable for
experiments on audio-visual speech recognition.

The corpus consists of nearly 40 hours of audio-
visual records of 100 speakers in laboratory
conditions. The whole database was collected using
static illumination. Recorded subjects were asked to
remain static with almost no head movements. The
whole corpus is annotated and pre-processed to be
ready to use in audio-visual speech recognition
experiments.

The purpose of the corpus is to provide data for
evaluation of visual speech parameterizations. The
corpus pre-processing was designed for use with
both image-based and contour-based visual speech
parameterizations. The head-tracking is carried out
and its output is provided with the database. User
thus does not need to find region of interest, since
this information is attached to each frame of the
database records.

The presented database is collected, annotated, and
preprocessed and is ready to use for subsequent
experiments on visual speech parameterizations.

1. INTRODUCTION

Automatic speech recognition is becoming to be
widely used for many applications in human-
computer communication. Usually, acoustic data are
acquired using microphone, converted to digital
signal and processed by a computer. The
applications vary with the vocabulary size and with
the continuousness of the input speech. According
to the application, various parameterizations are

used for description of an acoustic speech. Further
methods, as for example language models are used
to increase the recognition rate. According to the
complexity of task, selected method and other
conditions, such as noise, various speech
recognition accuracy levels can be reached.

One solution to the problems with low speech
recognition rate in noisy environment is the use of
visual information. The visual information about the
speech produced by lip movements does not contain
as much information as the acoustic speech, but is
not affected by acoustic noise. Thus, the visual
speech information can be used as a supplement for
acoustic speech recognition. The joint audio-visual
speech recognition then either combines recognition
results of two distinct recognizers or combines the
information at the feature level and employs the
combined audio-visual speech recognizer. These
two basic principles are known as early and late
fusion of audio-visual information.

Throughout the world of audio-visual speech
recognition various parameterizations are used for
describing the visual information about the speech
contained in lip shape changes. The overview of
existing corpora is presented for example in [1].
Other examples of audio-visual speech corpus can
be found in [2] or [3].

When designing our own parameterization we are
aware of all these approaches. To be able to
compare suitability of various approaches for our
task, we decided to create a framework for
evaluation of parameterization. The aim is to be able
to run experiment for new or modified
parameterization at the same data and with the same
setup as previously tested versions. This procedure
will help us to optimize the parameterization and its
settings.

For such a task it is crucial to have a good corpus
with significant amount of data. Such corpus should
be annotated and pre-processed so that the
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concentration is on the parameterization. Although
several audio-visual speech corpora are available for
English or other languages, it is not the case for the
Czech language. In the past, we firstly recorded a
relatively small corpus for training of the visual
speech synthesis [4]. Furthermore, we collected the
in-vehicle corpus for visual speech recognition [5].
We performed head-tracking and lip-tracking
experiments on this corpus [6] and we tested several
parameterizations on it. Results of these
experiments showed that this corpus is not suitable
for experimental evaluation of basic research on
parameterizations. Reasons for that can be found in
low resolution, changing illumination and small
amount of data. This corpus is suitable for
experiments on head-tracking or on robustness of
recognition in difficult conditions.

These conclusions led us to the decision to collect
new large laboratory audio-visual corpus which
description is subject to this paper.

2. DATABASE SPECIFICATION

The design of UWB-04-HSCAVC (UWB stands for
University of West Bohemia, 04 for year of
recording, HSCAVC for Hundred Speakers Czech
Audio-Visual Corpus) corpus was based on the

experiments gained as a result of recording and
experimenting with previous corpora, mainly UWB-
03-CIVAVC corpus [5]. Also, we studied published
papers on this topic. The database presented in [7]
seems to be well designed and even though it is
designed for different purpose, it served as reference
corpus during our design.

The database is primarily intended for research on
visual speech parameterizations. For this reason we
retained optimal recording conditions during the
whole recording, such as constant illumination,
static head position, or front view.

The corpus consists of recordings of 100 speakers,
39 males and 61 females. The average age of
speakers is 22 years. Recording of one speaker was
done during one session. Speaker was asked to read
sentences from auxiliary screen. The average total
length of recording for one speaker was 23 minutes,
which makes together more than 38 hours of speech.

The text of a corpus consists of 200 sentences for
each speaker. First 50 sentences are common for all
speakers. They are selected to contain all phonemes.
The rest of 150 sentences are different for each
speaker. They are balanced to contain as many
triphones as possible.

Figure 1.  Selected images from the corpus data for the male speaker

Figure 2.  Selected images from the corpus data for the female speaker

94Auditory-Visual Speech Processing 2005 (AVSP’05)



The corpus is not divided into training and testing
section. We suppose that 20 speakers out of the total
100 will be taken out from the whole database and
used as testing speakers while the rest 80 will be
used as the training ones. The gender distribution
should be retained in both parts. Two or more
different setups (divisions to the training and testing
part) can be used during experiments. 

3. DATABASE RECORDING

The recording of the database consists of recording
of visual part and recording of acoustic part. Since
these are done by different means, we need to
synchronize the two data streams. The short
clapperboard sequence was recorded at the
beginning and again at the end of each recording
session for synchronization of the two streams.

3.1 Visual part of the corpus

Visual part of the corpus was recorded by a good
quality consumer market digital camcorder Sony
DCR-TRV 740E. We assume that the camera
system in final product will be of low cost. The state
of the art consumer products today will be low cost
products tomorrow. With good quality recordings
we can easily perform experiments on lower quality
video which can be obtained by various process of
degradation, such as blurring, noise contamination,
color distortion, reduction in spatial and temporal
resolution. Visual data were stored on a tape of

camcorder and acquired later offline using the
standard IEEE1394 (FireWire) interface.

The head proportions are rather portrait, while the
camera frame proportions are rather landscape. This
causes that almost 50% of the area of the frame
remains unused. To obtain the best possible
resolution we turned the camera by 90 degrees. The
second, much more important reason for use of this
setup is that the video frames are interlaced. This
fact allows us to double the temporal resolution at
the expense of loss of spatial resolution in one
direction. We used similar approach already in [5].
Since the lip movements are bigger in vertical
direction while the lips are much wider in horizontal
direction, it is more advantageous retain the higher
resolution at the vertical direction and decease it in
horizontal direction. The original resolution of the
camera is 720*576 pixels at 25 frames per second.
After the deinterlacing and rotating, the final
resolution is 288*720 pixels at 50 fps.

Each speaker was asked not to move with the head
during recording. The head position thus remains
static during the whole recording. A uniform blue
background was used for easy segmentation of the
head using a technique such as chromakey.

The visual data are downloaded from the tapes and
stored in video files (.avi format) using the digital
video (DV) codec. Using this codec, the visual data
for one speaker occupy approximately 4 GB of disk
space.

3.2 Acoustic part of the corpus

Acoustic part was recorded separately using a
dedicated notebook equipped with high quality

Figure 3.  Detected region of a face containing the 
skin colored parts.

Figure 4.  Pre-processing of the data. Detection of the
regions of face and lips.

Figure 5.  Detected position of eyes and region of
interest containing lips.
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digital signal processing sound card. Two
microphones were used for recording, high quality
clip-on microphone and high quality microphone
with table stand.

Acoustic data are stored in wave files using PCM
format, sampling frequency 44 kHz, resolution
16 bits. The acoustic data occupy approximately
200 MB of disk space per one speaker.

4. DATA PROCESSING 

The audio-visual data in the corpus are supple-
mented with the annotations and preprocessing data.
The first part consists of annotations. All audio-
visual data are transcribed into transcription files
(.trs format). These data contain information about
the start and the end of each sentence. Using this
information the audio-visual data are split to single
sentences.

The image preprocessing data consist of the static
data and dynamic data. First, for all speakers the
face is found. Then the region containing only skin
colored parts of the face is extracted and stored.
Example is depicted in figure 3. The mean value of
the skin color of the face is stored separately in a
text file. Also, the region for eyes and nose is
extracted and stored in separate image files.

Then each video file is processed as a whole. The
head is found using firstly converting the image into
CR/CB space and then thresholding. The face region 
is detected as a convex hull of the thresholding
result. The process is depicted in figure 4. At this
moment we know the position and roughly the
orientation of a head. We can find the region of the
eyes and the mouth. The algorithm detecting the
position of lips is similar to the one used in [6].

The algorithm continues as follows. In first frame
the eyes are found and their distance is measured.
The size of the region of interest of lips is then set
according to this distance. For each subsequent
frame then the center of lips and eyes are measured
and used for detecting the region of interest, as
shown in figure 5. This way we obtain size and
rotation invariant region of interest. During the
detection of eyes we check whether the eyes are not
closed. In case of closed eyes, we do not detect their
position in that frame and rather use their position
from previous frame.

For each video file we get the file with its
description containing information about mouth
center, its rotation and the size of region of interest.
Using this information the region of interest can be

easily extracted from each video frame during
processing. The design of an experiment thus can
focus on parameterization.

5. CONCLUSION

The UWB-04-HSCAVC audio-visual speech
database offers the possibility to test various
parameterizations on the defined task. Maintaining
all parameters of the framework at the same levels
we obtain for various parameterizations comparable
results. We are thus eligible to assess the quality of
each tested parameterization, to select the best of
them and to further optimize it.
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