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ABSTRACT

The problem of detecting a given set of words in fluent
speech is one of the most interesting topics in speech
recognition for practical real time applications. This paper
present the TELEMACO system for automatic voice dialling
which is based on the use of the keyword spotting technology
to detect the dialling commands in fluent speech used by the
IBERCOM Spanish telephone system. The user interface is
based on a PC computer with a DSP board. The DSP board
runs the speech recognition task and the interaction with the
telephone line. The keyword vocabulary is composed by
commands to dial, answer, hang-up, cancel, recall, store, etc.
Each keyword is modeled by means of a discrete Hidden
Markov Model. To model the non-keyword speech, syllabic
fillers models and background models are used. The keyword
spotting algorithm is a null grammar time-synchronous
Viterbi search with two search spaces. The first search is over
all the models (keywords and fillers) and the second search is
only over the filler model. Thus, we can compare the
behaviour of the filler model with the candidate keyword for
each detection and decide if the keyword has been uttered or
not. This process is done frame by frame. When a keyword is
detected, the DSP board send the recognition word to the PC
to take the corresponding action. The system has been
implemented in 2 Windows environment,

Keywords: Keyword spotting, hidden Markov models, filler
models, voice dialling

1. INTRODUCTION

Nowadays, there are a lot of real time applications of
automatic word recognition. Audiotex and voice dialling for
hand-free telephones are two of the most interesting
applications. Most of the currently developed systems are
based on the use of isolated word recognition technology with
very good results. However, isolated word recognition
technology has a great disadvantage as is the need of making
pauses between words which could be a great problem when
the system is used in real application with non-trained
people.

This work was supported by the TIC grant number 92-1026-
c02-02
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One way to avoid the isolated word recognition problem
when we are working with a small number of words, is
given by the keyword spotting technology which allows
to detect words in fluent speech and gives a first step to deal
with the problem of extraneous speech. TELEMACO {1} is a
first step in the use of this technology to interface with the
users. TELEMACO is an user interface for voice dialling
based on the use of the keyword spotting technology to detect
the dialling commands.

TELEMACO is build in a PC with the LSI DSP board
(DSP32C Telephone board from Loughborough Sound
Images 1.td.). The system performs the basic actions to dial,
answer, hang-up, recall, store a number in a memory, capture
a call and reroute the calls. The communication between the
user and the machine is done by means of a set of commands
which are usually used by people to talk with a telephone
operator. Thus, the basic application of TELEMACO will be
as a voice controled telephone but the final TELEMACO
project is composed by a speech coding process (ADPCM)
for voice interfacing with the users given the possibility of
working as a voice controled automatic answering machine.
Figure 1 shows the block diagram of the TELEMACO
system.

In this paper, we are going to study the implementation
of the keyword recognition process which is the beart of the
system. In section 2 we give a short functional description of
the bardware platformn of the system. Section 3 gives a
general description of the recognition process. In section 4
the keyword recognition process is described. Finally, section
5 describes the performances of the system.
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Figure 1. Block diagram of TELEMACO system.
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2. HARDWARE STRUCTURE

The hardware consist of a combination of a general
purpose PC and a DSP board with a telephone line interface
and the ATT DSP32C chip, from Loughborough Sound
Images Ltd, which allows real-time implementation of the
recognition systems and interfacing with the telephone line.
The board include a high precision telephony codec (ATT
7522) working with a sampling rate of 8 KHz and giving 15
bits of resolution. The codec includes an anti-alias and
interpolation filters. The telephone interface is controlled by
8 write-only registers in the DSP32C address space.

The analog interface consists of a Shure Model VR230B
Professional Head-Worn unidirectional dynamic microphone
designed for voice processing with a headphone and an audio
amplifier.

The DSP32C board is configured with 128 KWords of
memory and performs the control of the telephone codec and
the recognition process. The DSP runs the voice activity
detector, the signal analysis, keyword spotting algorithm and
the keyword validation process.

3. SYSTEM OVERVIEW

The keyword recognition system is based on four basic
blocks. The voice activity detector (VAD) analyses the
incoming signal to detect the presence of speech. Once the
VAD detects the speech presence, the analysis step and the
keyword spotting step are activated to extract the speech
parameters and detect the keywords. The speech signal is pre-
emphasizing, a linear prediction based parametrization is used
with a Hamming window of 30 ms. every 15 miliseconds.
Every frame is characterised by a LP-filter with 8 coefficients.
Afterwards, 12 band-pass lifted cepstrum coefficients are
computed. Before entering the recognition algorithm, the
system evaluates the spectral difference with a time-average of
90 miliseconds. In a similar way, the energy difference is
calculated. As we use a discrete hidden Markov modelling, the
spectral vector and the spectral and energy differences are vector-
quantized separately; in that way, every frame of the speech
signal is represented by three symbols of a set of 64 , 64 and
32 codewords respectively. Once the analysis step has analysed
a frame, the symbols are sent to the keyword spotting step.
The keyword spotting step makes use of a time synchronous
search with the Viterbi algorithm, updating the probabilities
each time the analysis step send a new frame. A validation step
filters the hypothesis of the keyword spotting step and decides
if there is a keyword or not.

TELEMACO could work in MS-DOS environment or in
Windows environment. It is composed by two programs. A
first program runs as a background process, loading the
program and the data to the DSP board and puting the board
in a wait state which can be activated by an incoming call or
by another program which runs in the PC and interfaces with
the user to answer, call, etc. We call the first program the
resident program and the second one the telephone program.

Let see how works TELEMACO. When the PC is turn
on, the resident program is started loading the recognition
program and the data (hidden Markov models, codebooks,
etc.) in the DSP memory. The resident program puts the
DSP program waiting for incoming calls or orders from the
telephone program. If we work in the Windows environment,
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the resident program start also the keyword spotting process
to activate the telephone program by a voice command. If
there is an incoming call, the resident program notifies to the
user by the PC's bell and also activating an incoming call
icon in Windows. Once the user has been notified, to answer
the call, the user has to run the telephone program (by
keyboard in MS-DOS or by voice in Windows).

The telephone program manages the telephone state and
interfaces with the user. At present, TELEMACO allows to
answer and dial a call, store a number in a memory, reroute
the calls, capture a call, hang up and cancel an order. The
communication between the user and the telephone is in a
friendly dialogue. We have defined the following words as
word commands to control the state of the telephone:

"ponme con" to dial; "el teléfono " to store; "cuelga” to hang
up; "contesta” to answer a call; "pdsame" to capture a call;
"desvia" to reroute a call; "cancela” to cancel an order

In this way, the telephone is controled by the following
sequences of commands (* means any sequence of words or
sounds):

1) to dial a call
- a telephone number * ponme con * nimero {digits} *
- a store number * ponme con * {digit} *
2) to store a number
* el teléfono * digit * nimero {digits} *

3) to answer a call * contesta *
4) to cancel an order * cancela *
5) to capture a call

* pdsame * niimero {telephone digits} *
6) to reroute the calls

* desvia * ndmero {telephone digits} *
7) to hang up * cuelga el teléfono *

When the user starts to speak, a voice activity detector
activates the keyword recognition process to detect the
command words. Once a command word is detected, it is sent
to the PC program to notify to the user and control the
telephone state. For example, if we want to dial a telephone
number, the recognition process has to detect in the first
place the command word "ponme con” which indicate that we
plan to dial a number. After that, the word "niimero” followed
by a sequence of digits (tclephone number) is expected to be
detected. During the conversation, the recognition process is
activated and waiting for the hang up command "cuelga el
telefono”. Figure 3 shows an example of a window
application to modify store numbers.

4 KEYWORD RECOGNITION PROCESS

Our approach for the voice dialling interface is to avoid to
the user to utter only the command words and put pauses
between words, allowing a more friendly communication
with the interface. One of the more plausible solutions is to
use the keyword spotting technology.

Keyword spotting technology allows to detect the
pronunciation of a set of words in fluent speech. To carry out
that ambitious process we have to resolve two basic
problems: How to determinate and detect the position of he
keywords in the fluent speech (keyword spotting algorithm)
and how to differentiate the keywords from the non-keywords
uttered in the sentence (keyword and filler modeling).
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Figure 3. Store number window
Keyword and filler modeling

One approach to resolve the problem of differentiate the
keywords and the non-keywords sounds is to define a set of
filler models [2]. Filler models represent all the sounds out of
the keyword vocabulary. However, this is a difficult task.
How can we model all the sounds out of the keyword
vocabulary?. A task dependent approximation uses the most
usual non-keywords of the application and some background
models as filler models. Our approximation is a task
independent. As the system works with the Spanish
language, we can take advantage of the syllabic structure of
the Spanish language. Thus, our purpose [3] is to use
syllabic fillers to model the non-keyword speech. Thus, we
mode! the non-keyword speech as the concatenation of sixteen
filler models. We also have incorporated a silent-noise model
and three word-based background models

To train the HMMs we use two different data bases. A
data base of 120 phonetically balanced sentences uttered by 10
speakers (5 males and 5 females) with a total of 40 minutes
of speech is used to train the syllabic fillers and the word-
based background model. The keywords and silent-noise
models are trained with a data base of 26 sentences with the
telephone commands and connected digits uttered by 32
speakers (at least, each command is uttered twice by each
speaker). The keywords HMM structure is a 10 states left-to-
right without skip states. The background, silent-noise and
syllabic fillers HMM are a 10 states ergodic left-to-right
structure where all the transitions between left states to right
states are allowed.

I i ting_alzoritl

The keyword spotting algorithm is the heart of the
system. Its task is to give a probability of that certain
keyword has been uttered and determinate its position in the
fluent speech. To carry out this task, the spotting algorithm
works with two Viterbi algorithms in parallel. The main
Viterbi uses as references the keywords models, the filler
models and the silent-noise model. With these references, the
algorithm gives for each input frame the keyword with the
highest probability and its duration. By other hand, a second
or background Viterbi, using as reference the filler models,
works in parallel with the main Viterbi. This new Viterbi
gives for each frame a estimation of the background
probability over the duration of the main hypothesis.
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To get the highest probability model in the current frame,
the algorithm uses the cumulative probability of each model
from the beginning of the speech fragment (instant when the
VAD decided the presence of speech). The highest probability
path in the current frame gives the highest probability model.
As all the paths come from the same time instant, all the
paths have the same length and thus it is not necessary to
normalise the probabilities to carry out the comparison
among path probabilities. Each time the VAD decides the
presence of a new fragment of speech, the Viterbi algorithm
is inicializated. The probability associated to the keyword
hypothesis is the probability accumulated from the instant
when the path reached the first state of its model.

Backgr Vi ;

The objective of this new Viterbi is to compute for each
input frame the probability of the background model in the
same speech segment that the main Viterbi has detected a
keyword. The direct method is to start up a new Viterbi
search at each incoming frame. As this solution has a high
computational cost, an approximation has been used.

The background Viterbi has been implemented with the
following constraints:

1) the transitions are defined by an autochained background
Viterbi search which is useful as gnide model.

2) for each input frame, the algorithm starts a new path with
the observation probability of the initial state. The first
transition is done from the first state and the following
transitions are done in accordance with the guide model
transitions.

3) only the paths create in the T-last frames are progressed.
The value of T depends of the longest word of the vocabulary.

The paths are stored in a circular matrix with a pointer to
the latest. When a new path is started up, the oldest path is
deleted. Once the background algorithbm has updated all the
paths, the background probability, for a keyword hypothesis,
is found by moved back from the position of the newest path
at the current frame as many times as the duration of the
keyword hypothesis. This position corresponds to the path
started up in the same time that the keyword hypothesis.

] 1 validati

The keyword validation process uses as decision criterion
the comparison between the match of the keyword model and
the background model to the speech signal. The measure of
the match or hypothesis cost is computed as the rate between
the probabilities of both models in the same time interval.
To validate the hypothesis the time duration, the overlap and
the persistence of the keyword model is also used.

‘When the most probable model of the main Viterbi during
a period of time is all the time the same keyword model, the
algorithm counts the number of times that the hypothesis
cost is going beyond a threshold (persistence), storing the
highest hypothesis cost, the starting time and the ending time
of the hypothesis with the highest cost. A hypothesis is
confirmed when its duration, persistence, keyword probability
and rate between keyword and background probabilities are
over a set of thresholds. By a statistic analysis of the values
of these parameters when there is a valid hypothesis and a
false alarm over the data base with sentences with the
telephone commands and numbers, we can ajust the working

1803



point of the spotting algorithm. By the supposition of a
Gaussian distribution of this parameters, we have tested to set
the thresholds by using the mean and standard desviation of
the valid hypothesis and for the false alarms. Table I shows
this values for 2 keywords (one difficult digit /dos/ and one
commands /mi marido/) and figure 4 shows the distribution
probability function for the keyword /mi marido/. It can be
seen how well it fits the Gaussian distribution (it happens the
same for the others parameters and keyword)

Valid hypothesis False alarm
R P D Per R P D Per
¢} 6,98] 0,33} 6,07] 6,11} 3,75]0,34§4,35] 3,53
nj12,13] -3,87]23,30] 16,26 1,88 | -4,47]16,86] 8,03
Mi marido Jo | 8,101 0,22 4,821 4,74 5,20 ] 0,28 | 4,66 | 4,07
r {28,26] -3,45] 37,32] 27,41{ 4,41 | -4,25 }23,00}11,53|

Table 1. Mean and standard desviation for 2 keywords.
(R=Rate, P=Keyword Probability (log), D=Duration, Per=
Persistence)
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Figure 4. Distribution probability for the keyword
fmi marido/ (Gauss= Gaussian distribution)

5. TELEMACO PERFORMANCES

To improve the computational time, we have developed
the critical procedures in assembler. In this way, the speech
analysis step takes over 0.75 ms, the VQ process takes 0.375
ms and one update of the Viterbi algorithm for 1 model of 10
states with all the transitions form left to right allowed takes
over 0.0725 ms. This means that in a frame-time (15 ms.) we
have time for update more than 150 models.

Recognition performances:

The performance of the system has been tested over a data
base of 2 hours of speech with sentences with telephone
commands and telephone numbers. The number of keywords
is 25 and we use 16 syllabic fillers, 3 word-based background
fillers and 1 silent-noise filler for the background estimation.
Figure 5 shows the ROC characteristic for each one of the
validation parameters (rate, keyword probability, duration and
persistence). From this ROC characteristic, we can see that
the Rate parameter gives the best results up to 10 fa’k.h.

We have made a first attempt to use the 4 validation
parameters by fixing a set of thresholds for each keyword as
threshold(parameter i)=mean(parameter i) - factor(parameter
iy*standard desviation(parameter i), where factor(parameter i)
was selected to reduce as mush as possible the number of
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false alarms maintaining the average detection probability
higher than 80 % over the training data base. Presently, we
are processing the training data to use a linear discrimination
function to validate a hypothesis keyword and also we are
planning to use a neural network as validation step [3].
Figure 6 shows the results obtained with the threshold
approach for the validation step. The average working point is
8 fa/k.h with a detection probability of 84 % over the training
data base. To give more realistic performances we are
colecting an evaluation data base and we plan to increase the
keyword training data base because there are some keywords
which appear only 64 times and the HMM are undertrained.

95 —_—
85 4
27 1
§ 65 - ——fl~= % Rate
s s5 h =~ % Keyword Prob.
) - ——&— % Duration
45 - ——0~— % Persistence
35 v - b L 1 ) S L
0 10 30 40
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#fa/k.h
Figure 5. ROC characteristic for the 4 validation parameters
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Figure 6. Performances for the 25 keywords used by
TELEMACO (TOTAL is the average over the 25 keywords)

CONCLUSIONS

We have presented the TELEMACO prototype system for
voice dialling in fluent speech. The heart of the system is a
keyword spotting algorithm which works in real time over 2
DSP32C processor. Two parallel Viterbi search are done to
find the keyword probability and the background probability.
A validation step over four informations (duration,
persistence, probability and rate between the keyword and the
background) given by the Viterbi process decides if a keyword
hypothesis is rejected or not. Current performance of the
system is around 85 % of recognition with 8 false
alarms/keyword.hour.
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