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Abstract®

A specific speech database called AHUMADA (/aumada/) has
been designed and collected for speaker recognition tasks in
Castilian Spanish. AHUMADA incorporates six different
recording sessions, including both in situ studio and telephone
speech recordings. A total of 104 male speakers uttered isolated
digits, digit strings, phonologically and syllabically balanced
short utterances, phonologically and syllabically balanced read
text and more than one minute of spontaneous speech, so about
15 GB of speech material is available.

Some examples of the varability factors included in
AHUMADA corpus can be: in situ recordings and telephone
speech; read texts at different speech rate; read speech versus
spontaneous speech; different microphones and telephone
handsets; inter-session variability in six different recording
sessions; dialectal variations of speakers (which may be even
different for one particular speaker when reading or naturally
speaking), or fixed utterances for all speakers through all
sessions versus specific utterances for each speaker in each
session.

Introduction

Speaker Recognition is a biometric-based feature
characterization task in which people claim to be
identified by their voices. Other biometric
approximations to personal identification can be DNA,
fingerprint, or retina analysis. Anyway, voice
identification must be accomplished from a different
point of view, more alike to face recognition or
graphologist analysis of handwriting, in which signal
(written signs or facial features) variability makes
identification being a process with aditional high-level of
complexity (Champod, 1998). Regarding speaker
identity, several factors of variability must be taken into
account:

e Peculiar intra-speaker variability (manner of
speaking, age, gender, inter-session variability,
dialectal variations, emotional condition, etc.)

e Forced intra-speaker variability (Lombard effect,
external-influenced stress, cocktail-party effect).

e Channel-depending external influences (kind of
microphone, bandwith and dynamic range
reduction, electrical and acoustical noise,
reverberation, etc).
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In order to develop automatic identification systems, well
suited to these variability factors already addressed, a
speaker recognition-oriented large database (Boves,
1994 ; Godfrey, 1994 ; Naik, 1994 ; Gibbon, 1997)
called ‘AHUMADA’ (/faumida/, in honour to the
founder of the Guardia Civil Corps, the Duke of
Ahumada) has been designed and acquired, and more
than 15 GB of speech material is now available (Ortega-
Garcia ef al., 1998).

Design of the Speech Corpus

The speech corpus has been designed to include many of
the speaker variability sources, allowing us to focus on
them and study their underlying effects in speaker
verification systems. In this sense, the enrolled speakers
were requested to utter the following:

a) 24 isolated digits, discarding the first and the last two
of them due to prosodic considerations. The remaining
20 digits consist in two repetitions of isolated digits from
0t09.

b) 10 digit strings consisting of ten digits each, being the
first five strings identical for all speakers through all
recording sessions, and the last five strings specific for
each speaker for all sessions.

c) 10 phonologically and syllabically balanced utterances
of 8-12 word length. These utterances were identical for
all speakers through all sessions.

d) 1 phonologically and syllabically balanced text, of
about 180 words (more than 1 minute of duration), read
at a normal speaking rate. This text was fixed for all
speakers through all sessions.

e) 2 repetitions of the previous fixed text, asking the
speakers to read it at a fast and at a slow speaking rate.
(this task was only requested in sessions 1, 3 and 5,
where in situ studio recordings were accomplished).

f) 1 specific text, different from speaker to speaker and
from session to session, for each speaker. This text was
randomly selected from novels and newspapers, and at
least 1 minute of this kind of speech is available.

g) More than 1 minute of spontaneous speech, asking
every speaker to describe (avoiding long pauses and
hesitations) whatever they wanted. There were available
some paintings and pictures, and subjects like “describe
your last holidays”, “describe the place where you
live/were born”, etc., were also suggested.



Phonological and Syllabic Balance

Tasks c) and d) have been specifically designed in order
to reproduce the frequency of appearance of phonemes,
syllabic schemes and stress patterns, mostly found in
spoken Castilian Spanish. The selected lexicon
corresponds to the most usual in Spanish. The ‘standard’
frequency of appearance (from now on called
“Reference”) used in the design phase has been measured
over an oral corpus of more than 20,000 words (Juilland,
1969; Quilis, 1980; Guerra, 1983). Referred to task c),
frequency of appearance of phonemes (Figure 1), syllabic
groups (Figure 2) and stress patterns (Figure 3) are
shown.
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Figure 1: Frequency of appearance (%) of phonemes in
designed task c) compared to “Reference” distribution.
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Figure 2: Frequency of appearance (%) of syllabic groups
in designed task ¢) compared to “Reference” distribution.

The total number of phonemes in task c) is 409. The
correlation coefficient (Pearson test) between Spanish
‘standard’ phonological appearance and the designed
utterances was 0.9966. In the same task, the total number
of syllables was 185 with a syllabic correlation coefficient
of 0.9963. In task d), a fixed text for all speakers with
about 180 words, there is a total number of phonemes of
712. The correlation coefficient between Spanish
‘standard’ phonological appearance and the designed text
was 0.9988. Moreover, the total number of syllables in it
was 305, being in this case the correlation coefficient
0.9960. In both tasks, the level of significance is 0.001
(the maximum attainable).
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Figure 3: Frequency of appearance (%) of stress patterns
in designed task c) compared to “Reference” distribution.

Data Collection and Acquisition

Recording Microphones and Equipment

As it has been previously mentioned, six recording
sessions were established. Sessions 1, 3 and 5 were in
situ recorded in a quiet studio-like room and supervised
by a trained operator. In each of these in situ recordings,
two different input channels were simultaneously used: in
one of them, the same microphone was used for all
sessions; in the other, different microphones were used
from session to session.

The notation used to specify both microphones in each
case is MICn_1 and MICn_2, were n corresponds to one
of the three possible sessions. Consequently, MIC1_1,
MIC3_1 and MIC5_1 were the same microphone,
namely SONY ECM-66B, lavalier unidirectional electret
type, at about 10 cm. from the speaker mouth. MIC1 2 is
an AKG D80S dynamic cardioid microphone, placed on
a desk at about 30 cm. from speaker. MIC3_2 is an AKG
C410-B head-mounted dynamic microphone. MIC5 2 is
a low-cost Creative Labs desk microphone for PC sound-
card applications.

In sessions 2, 4 and 6, telephone line was used to collect
the data. In session 2, every speaker was making a phone
call from the same telephone in an internal-routing call.
In session 4, speakers were requested to make a local call
from its own home telephone, trying to search a quiet
environment (they were asked to be alone in a closed
room). In session 6, a local call was made from a quiet
room, using 10 different standard handsets (Reynolds,
1997). In this last telephone recording session,
simultaneous microphone acquisition was performed
(MIC6_2), using the same lavalier type SONY
microphone as in MIC1_1, MIC3_1 and MIC5_1.

In each session, both microphones (connected through a
high-quality Behringer MIC502 preamplifier) and
telephone lines (connected through a specific adapter)
were fed to a professional DAT device (Tascam DA-30
MKII), where digital recording at 44.1 kHz. was
accomplished.

Recording-Room Acoustics

A quiet room was selected to make the recordings of
sessions 1, 3, 5 and 6 (simultaneous telephone and
microphone input). No anechoic chamber or acoustic






