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ABSTRACT

Speech databases are essential for acquisition of
linguistic knowledge and speech technology developments,
and both can be facilitated if the collected signa is
accompanied by some form of annotation. Following the
design and collection of a Romanian speech database
including more than 10 hours of speech from 100 speakers, we
are now working to label the signal files. This is done at a
broad phonetic level, in a semiautomatic manner, including
three steps: manual transcription of the signal files, automatic
alignment of the phoneme labels in the transcriptions with the
signals, and manual verification and correction of the aligned
labels.

1. INTRODUCTION

As a first step towards automatic continuous
speech recognition in Romanian [1], a speech database
was collected [2], including both read and
semispontaneous speech from 100 speakers, and is now
labeled to increase its utility for linguistic and speech
technology research. Following a brief review of its
design and collection in section 2, this paper proceeds to
detail the labeling process: theoretical considerations are
introduced in section 3, the next section describes the
database labeling proper, and the present status is given
in the last.

2. DATABASE DESIGN AND
COLLECTION

Spoken language corpora as research tools
should be designed and collected defining and keeping
in mind as clearly as possible what their use would be
[3], and we chose as the primary application the
development of speaker independent continuous speech
recognition in Romanian, which implies a large speaker
population. Another desirable characteristic would be a
controlled number of occurrences for each of a
predefined set of acoustic modeling units so that reliable
model parameters could be estimated, and this implies

using specially designed text prompts to be read by the
speakers.

In our case, as this is the first Romanian
database of its kind, and there is no previous (to our
knowledge) experience with modeling units for
continuous speech recognition in Romanian, we decided
that the database should allow for acoustic modeling at
the phoneme level, and together with an as uniform as
possible coverage of age and sex groups, this criterion
was used to design the text prompts.

These were built around adapted translations
from English of the passages used to collect the
EUROM-1 database [4], grouped in 10 clusters through
a heuristic procedure seeking a uniform a priori number
of occurrences for each phoneme across clusters, and
extended with a few (2-3) additional filler sentences,
manually designed using an ad hoc editor, to raise to a
minimum level the expected frequency of the least
represented phonemes. 100 speakers (50 men, 50
women) were recorded, evenly distributed across five
age groups (under 20, 20-29, 30-39, 40-49, 50 and
over), each extended cluster being read once by one
speaker from every sex and age group. To increase the
phonetic variation and provide for some context
dependent modeling at the diphone level, about 550
individual sentences (between 3 and 7 distinct sentences
per speaker) were added from a text corpus by a greedy
automatic selection procedure.

Besides speaker independent continuous speech
recognition development, another domain in which our
database could be used is that of Romanian acoustic
phonetics and phonology studies, whose lack we often
felt unpleasantly during the database design stage, and
for this purpose labeling the database was set as another
objective. Speech signal labeling is though a very time
consuming activity, and to make it easier using
automatic procedures, we included four phonetically
rich sentences, the same for all the speakers, to be
labeled by hand and used as initialization material for
phoneme models.

Other read materials similar to those in
EUROM-1 were recorded to facilitate performance
and diagnostic evaluation of speech recognizers
(numbers, CVC words, CVC words in context), and
extra read and semispontaneous materials were



collected for developing specific speech recognition

applications (spoken and spelled names; telephone

The recordings, made in a sound proof room

using the SAM protocols [3], with 20 KHz sampling

rate, were all controlled for quality parameters (bias,

clipping, SNR, noise components), and three CD-ROMs
were produced.

3. THEORETICAL ASPECTS

3.1. Labding level

Speech signal labeling means to temporally
define discrete or overlapping parts of it and name them
using symbols from an appropriately defined set
corresponding to acoustic, physiological, phonetic or
higher level linguistics terms [5], so it is an abstraction
dependent on particular analytical and theoretical points
of view, which in turn lead to various leves of labeling,
each possibly encompassing different tires in which
separabl e aspects of the same level can be represented.

For speech technology applications, segmental
and prosodic labeling are both important, and the most
usual segmental levels, relevant to our work, are:

e physical, covering any labels defined exclusively
with reference to physically defined events in an
utterance, and which most clearly needs to be
separated into different tiers corresponding to
particular data acquisition or analysis procedures;

e acougtic-phonetic, including labes that describe
acoustically homogeneous events in the speech
signal in established phonetic terms (closure,
release, aspiration, fricative noise, voicing,
nazalization, etc.), without any claim about their
linguistic function or digtinctiveness, or ther
relation to physical events, athough ultimately
arbitrary decisions about their boundaries and the
symbols set often require and are facilitated by a
knowledge of what the sound is in phonetic-
phonological terms;

e narrow-phonetic, whose labels characterize the
phonetic quality of speech sounds in terms of
phonetic symbols such as IPA or computer-
compatible equivalents, and for which labeler’s
perceptual impression is the ultimate arbiter, as is
for boundary placement; the most difficult problem
at this level is boundaries placement where a
perceived sequence of sounds does not match a
corresponding sequence of acoustic events;
phonemic, whose labels represent the functionally
distinctive sound units in the language in which the
utterance was spoken; it is the mediator between the
signal and the lexicon (called also citation-phonemic
for this reason) and, although labeling practice has

numbers; letter and digit strings, addresses; dates;
the Romanian alphabet.)

not been of this type, useful for speech recognition
and phonology work;

broad-phonetic, often called phonemic, uses speech
sound symbols with phonemic status to indicate non-
phonemic (continuous speech) phenomena such as
reduction and assimilation, and is intermediate in its
degree of abstraction between narrow-phonetic and
(citation-)phonemic; being the most economical, in
that it maximizes phonetic information with
minimal symbol set complexity, it is most commonly
used in speech database labeling; given the symbol
set, common with that in citation phonemic level, it
is also the most appropriate for speech recognizers
training and assessment.

Of these five levels, the physical and the
(citation) phonemic ones are of no interest to our work,
and the broad-phonetic level was chosen not only due to
the above considerations, but also because it offers the
highest labeling reliability [6], in that transcriptions
consistency across labelers, for the same speech signals,
is maximized, although boundary placement consistency
is about the same with that at the narrow-phonetic level.

3.2. Automatic labeling

Done by hand, speech signal labeling is
extremely time-consuming, and also involves decisions
which are highly subjective, and various approaches
were used to do it (at least in part) automatically to
increase speed and consistency.

The first large acoustic-phonetic, and probably
most known, reference speech database, TIMIT [7], was
labeled using a semiautomatic procedure [8] consisting
of a manual quasi-phonemic transcription stage, an
automatic speech signal segmentation and label
alignment using acoustic-phonetic rules, and a final
correction by hand of label identities and segment
boundaries based on listening and visual examination of
speech signal waveforms and spectrograms.

More recently, as Hidden Markov Models
(HMM) established themselves as fundamental tools in
speech technology, HMM-based automatic segmentation
and alignment became dominant [9], [10], [11], [12],
usually using label networks generated automatically
from orthographic transcriptions by TTS components,
and including pronunciation variants specified by
phonological rules.

Because this is the first Romanian speech
database of its type, possibly to be established as a
reference, and no phonological rules exist to be used for
network generation, we chosen a labeling methodology
similar to that used for TIMIT, i.e. manual
transcription, HMM-based automatic segmentation and
labeling, and manual verification and correction.



4. DATABASE LABELING

4.1. Speech signal transcription

Although final label files will be generated in
SAM format [3] with SAMPA symbols used for the
labels [13], the symbol set used for transcriptions is
composed exclusively of single lower and upper case
ASCII characters, given in table 1 together with their
SAMPA correspondents and example words.

ASCII SAMPA Example word(s)
i i si (and)
azi (today)
deget (finger)
in (in), cand (when)
daca (if)
lac (lake)
nu (no)
cot (elbow)
ieri (yesterday)
deal (hill)
nou (new)
coate (elbows)
cap (head)
bere (beer)
timp (time)
dop (cork)
camera (room)
gluma (joke)
tara (country)
cer (sky), ceai (tee)
gem (jam)
fata (girl)
vin (wine)
sare (salt)
zhor (flight)
sapte (seven)
joc (game)
harta (map)
mic (small)
nas (nose)
lapte (milk)
rosu (red)
_ (underscore) silence

D

|\—- —
><§>< olc | |@||o |0

o

= |=|5[3|T|«|v|N|v < |=O|O|dke |x|a|~|oco |0 |mMl—|o|c|o |®|Fk|o|—|—

w—:B:NmNm<—h,%"m'$<QxQ.-—rcr-cl

Table 1: ASCII and SAMPA labd symbols

Signal transcription is done based on listening
and visual examination of waveforms, and includes
continuous speech fenomena: assimilations, elisions,
epentheses, etc.

4.2. Automatic alignment

As an outcome of the transcription process,
each signal file is accompanied by a transcription file,
and an automatic segmentation and label alignment can
be done iteratively training phoneme and silence HMMs
and using them for a Viterbi resegmentation of the
signal files[14] (figure 1).

The acoustic processing operates on frames
12.8 ms long, spaced at 5 ms, preemphasized and
weighted by a Hamming window, from which a 26
component vector including 12 autocorrelation LPC
liftered cepstral coefficients, log energy, and their first
derivatives, is computed.

Transcription Manual Signal
files labeling files
) 7
Label HMM Acoustic
files ™ Training processing
Network | Viterbi
files Segmentation

Figure 1. Automatic segmentation and alignment

Three-gtate left-to-right HMMs with Gaussian
density mixture output probability functions are used,
and to obtain a more rapid convergence of the training-
resegmentation process, four phonetically rich
sentences, the same for all speakers, were labeled
manually and used to initialize the HMMs.

Output probability functions for every HMM
state are initialized by using the manually labeled files
to segment in three equal parts, corresponding to the
three states, each occurrence of the corresponding unit,
all feature vectors associated with a state being then
grouped through an iterative K-means algorithm/
Viterbi decoding procedure into a number of clusters
equal to the number of Gaussians in each mixture; the
resulting cluster means and variances are used as first
approximations for Gaussian mean vectors and diagonal
covariance matrices , and cluster weights - as density
weights.

Next, a Baum-Welch procedure based on the
same manually labeled signal files reestimates for each
HMM both output probability functions and transition
probabilities, the latter being initialized this way.

Finally, the training-resegmentation process
uses all available signal and associated transcription
files for concatenated HMM training [15], followed by



a Viterbi decoding of each signa file guided by a
network generated from the associated label file. After a
few iterations, the process converges, and the results of
the last Viterbi decoding are saved as automatically
aligned labd files.

4.3. Labd verification and correction

Once automatically generated labd files are
available, they are verified and corrected using a
simultaneous synchronized display of signal waveform,
spectrogram, and labels, based on listening and visual
examination. To ensure consistency, a display at a
constant 1 mg/pixel resolution is used, and rules are
defined to be used in cases where different boundary
placements are arguable.

5. PRESENT STATUS

The automatic alignment procedure was set up
using about 200 sentences, plus the four phonetically
rich sentences, read by a single speaker, and two-
Gaussian mixtures proved to be sufficient in this case
for obtaining good label-signal alignments. Quantitative
results are not yet available, as the verification and
correction procedure for this data set is still in progress.

Signal files from all speakers were transcribed,
and phonetically rich sentences are now labeed by
hand, to be used for separate (male/female) automatic
alignments.
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