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ABSTRACT

Application of speech recognition technology seems to
have very good prospects in creating intelligent
answering machines. A system of that kind could be
able to perform most of routine duties of a secretary
connected with telephone calls, e.g., to hold pre-
programmed dialogs initiated either by some caller or by
the answering machine itself. The flow of the dialog
could depend on the interlocutor and on his answers.
The system described below is based on a PC and
hardware, now commonly available, like modem and
sound card connected to telephone line via specially
developed simple interface device. Speech recognition is
carried out by the quasi-linear method, using critical
bands log spectrum processed to emphasise speaker-
dependent formant information or on the contrary to
make it more speaker-independent.

1. NECESSARY FEATURES OF THE SYSTEM

To accomplish its duties an intelligent answering
machine-secretary must possess the following features.

1.1. Connection of a sound card to the telephone line

This feature is implemented by development of a special
interface device connected, on the one hand, to the
microphone input and the line output of the sound card,
and, on the other, to the telephone line. The interface
device in its turn contains a microphone input and a line
output to which a microphone and a loudspeaker can be
connected allowing to use the sound card in an ordinary
way.

1.2. Recognition of service signals in the telephone
line

As the basic conduct of the system strongly depends
upon the state of the telephone line, it is necessary to
recognise three special signals coming from the line to
the sound card input: signals “Busy”, “Ring” and
“Pause”. The first two signals are recognised based on
the frequency and the length of the corresponding
pulses, and the third one - on the information about the
amplitude and the length.
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1.3. Caller verification by password phrase

This feature enables certain people (owners of the
answering machine) to get special access rights
allowing to receive definite information from the
answering machine and to control the logic of its
functioning from another phone unit.

1.4. Caller identification by his name

This feature allows a caller (after having pronounced his
name and after a successful identification) to get some
information or to hold a pre-programmed dialog
intended specially for him. The point here is to ensure
that the caller could be identified by his name based on
a reference got from the utterance pronounced by the
owner of the answering machine.

1.5. Keyword spotting and recognition

This feature enables the answering machine to modify
its behaviour dependently on some reactions of the
interlocutor. Some of keywords are expected to be
pronounced as separate words (“Yes”, "No”), others
(“Halloo”, “Repeat”) - within phrases. The answering
machine has to accomplish speaker-independent
recognition of these words.

1.6. Registration of password phrases and names
(training)

It is needed to register any phrase as password for the
owner or any name (e.g., first name + last name) for
other supposed callers during programming the system.
In both cases training is made by the utterances
pronounced by the owner, but in the first case training
must ensure good recognition only of the voice of the
owner, while in the second case - recognition is to be
speaker-independent.

1.7. Creating the functional lexicon of the answering
machine

On some standard situations which can be recognised by
the answering machine it has to pronounce some

functional word or phrase. The quantity of such words

or phrases and their meaning (functional role) are
determined by the developers of the system, but their
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Fig. 1. Main window of the program

real contents are chosen by the owner. The concrete
chosen phrases can be uttered by the owner or somebody
with a lovely voice by means of which his answering
machine-secretary will communicate the external world.
In the implemented specimen of the intelligent
answering machine-secretary there are 50 such phrases.

1.8. Prcparing the messages of the answering
machine

The owner of the answering machine can utter, register
and playback any quantity of messages, which can be
used in some telephone dialog on occurring some
definite conditions (e.g., on identification of a caller
some special message can be communicated to him ).

1.9. The list of situations recognised by the answering
machine

The volume of that list defines to what extent the
answering machine capabilities of holding a telephone
dialog correspond to real needs of the owner in services
of the electronic secretary. Good selection of such
situations is very important and has to comply to the
necessity of taking into account as much situations as
possible, on the one hand, and to the simplicity of
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working with the answering machine, on the other. We
have chosen 64 such situations. This set includes
situations connected with:

1) actions described in pp. 1.2 - 1.5,

2) messages of the computer timer containing
information about date and time,

3) request to report about incoming calls.

4) request to call on the phone number defined by voice.

1.10. Building a logical graph of an anticipated
conversation

In order to put into the answering machine some
quantity of intelligence enough to carry out the owner’s
missions to speak over telephone instead of him, the
answering machine must recognise a certain set of
situations, and on their occurrence to produce
predefined actions and/or playback messages registered
by the owner. As a tool allowing to program the flow of
an anticipated conversation an oriented graph (logical
graph) is used. To its knots are assigned the messages
registered by the owner, to its arcs are assigned
conditions of transition from one knot to another. If
several arcs coming out from the same knot have the
same condition
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on them, the choice of one of them is made at random.
Loops and returns to previous levels are allowed in the
logical graph. A clear visual method of constructing
such logical graphs used in the system allows to add and
delete knots, to assign them voice messages and to
choose conditions of transition from one knot to
another. It is possible to register messages with
automatic cutting off starting and ending silence
intervals and to playback messages controlling their
volume. '

2. SPEECH RECOGNITION TECHNOLOGY
USED IN THE SYSTEM

Several different speech recognition tasks are to be
solved to make the answering machine-secretary seem
intelligent: speaker verification by password phrase with
training by the same speaker, speaker identification by
name with training by another speaker (usually, by the
owner), speaker-independent isolated word recognition
(for words “yes”,”no”), speaker-independent keyword
spotting (for words “halloo”, “urgent” etc.).

2.1. Speech analysis

For specch analysis very effective FFT algorithm [1] is
used to calculate critical band log spectrum. Then to
emphasisc formant information a moving average is
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Fig. 2. Window of building an anticipated dialog

subtracted from values of log spectrum. After that a
simple procedure of maximum expansion is applied
which “expands” the value in some local maximum to
neighbouring critical bands. The width of this
neighbourhood is greater when speaker-independent
recognition is necessary, and smaller in the case of
speaker-dependent recognition (speaker verification of
the owner by password phrase). Resulting from such
procedure formant bands become rather clear being
larger in the case of speech-independent recognition.

2.2, The quasi-linear approach to speech recognition

In speech recognition algorithm used in the system we
tried to overcome the drawback of standard HMM and
dynamic programming algorithms connected with
excessive freedom in mutual deformations allowed
while comparing utterances. In these approaches one
speech eclement is allowed to be compressed to
maximum extent, and the next element is, on the
contrary, allowed to be stretched to maximum extent
although usually two next speech elements
deformations are very correlated.

As reasonable decreasing of freedom degrees can
increase the performance of speech recognition we used
an approach based on:

1) the hypothesis that segments of speech with the
same content but of different length can be in first
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approximation linear-transformed into each other,

2) taking into account only low-frequency changes of
speech parameters.

The approach can be implemented in various ways.
Without going into details which would take much more
room than available let us try to clarify the idea of one
implementation. On the stage of training each word is
divided by some central point into two parts of
approximately equal lengths say L1 and L2. Then for
cach part and parameter some first coefficients DFT are
calculated, the number of coefficients being the same for
all parameters. During recognition each interval in the
atterance to be recognised is considered as possible
central point of division of the utterance into two parts
corresponding to those in training. Possible lengths of
these parts, say M1 and M2; are considered. For each
part and parameter and possible value of length the first
coefficients of DFT are calculated using ratios L1/M1
and L2/M2 to produce linear transformation in spectral
domain reducing the utterance consisting of parts
(M1,M2) to the reference utterance (1.1,L2). Then trying
all possible central points and all possible reasonable
pairs of ratios (L1/Ml1) and (L2/M2), the distance
measure between the reference and the utterance to be
recognised is calculated on the basis of the Euclidean
distance between vectors of the same dimension. If
words are divided into more parts than dynamic
programming algorithm is used to find the best peace-
wise quasi-linear transformation of the utterance to the
reference. Application of that approach allowed to get
good results in keyword spotting.

3. WHAT IS THE INTELLIGENT ANSWERING
MACHINE-SECRETARY ABLE TO DO?

The main window of the proposed answering machine
shown in Fig. 1. The most often used functions are
called by simple pressing corresponding buttons, others
- by choosing menu items. The user is given all
necessary means for designing logical trees of
anticipated conversations of his answering machine-
secretary with supposed callers (Fig. 2) and at the same
time he can use default logical trees and recognisable
key phrases supplied by the developers. All these
possibilities (on condition of a appropriately chosen
body of key phrases) allow to cover most of standardly
arising telephone dialogs. Some typical examples of
implemented dialogs are given below.

3.1. Report on serviced calls from remote telephone
unit

After successful identification of the owner by password
phrase he can ask his answering machine-secretary to
give him information about serviced calls, and the
electronic secretary will communicate him what he
wants to know about calls arrived today, since yesterday
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or since his last request: total number of calls, who
called (if the caller was identified), when etc. If needed
the whole conversation between the answering machine-
secretary and some caller can be playbacked.

3.2. Dispatching to another telephone unit

The owner after his successful identification
communicates his electronic secretary the phone number
of his present location. Then the owner tells the
secretary either to pass this phone number to a certain
set of callers or to dial that number after next call and
after another identification of the owner to playback the
registered conversation. The set of callers can include
either all callers or only certain callers (or even one
caller) whose names the answering machine has been
trained to recognise. The answering machine-secretary
can be asked to do it at a definite time.

3.3. Urgent or of prime importance information

If in the registered telephone dialog the answering
machine-secretary spots words “urgent” or “important”
it will ask the caller to confirm whether the matter is
urgent, and upon receiving the answer “Yes” it will try
to locate the owner on known phone numbers and after
his identification communicate him this important or
urgent information.

3.4. More complicated missions

On a given date at a given time the answering machine
calls on a defined phone number and (maybe after
identification of the interlocutor) it asks some questions

. implying possible answers “Yes” or “No”. Dependently

on the answers the state of the dialog is moving through
the logical graph of the dialog thus resulting in
necessary exchange of information between the
answering machine and the interlocutor.

4. CONCLUSIONS

A new field of application of speech recognition
technologies is considered. It is of great interest for
speech researchers because even on the basis of
relatively small vocabularies very useful applications
can be created thus introducing speech technologies into
real practice. A new quasi-linear method allowing to use
more information about correlations in speech is
proposed resulting in higher performances.
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