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1

METHOD AND SYSTEM FOR GENERATION
OF TONE SIGNALS OVER A
TRANSMISSION CHANNEL

CROSS-REFERENCE TO A RELATED
APPLICATION

This application is a divisional of U.S. Ser. No. 08/606,
151, filed Feb. 23, 1996, and issued as U.S. Pat. No.
5,907,597 on May 25, 1999, which is a continuation in part
of Ser. No. 08/286,825, filed Aug. 5, 1994, which issued as
U.S. Pat. No. 5,583,933 on Dec. 10, 1996.

FIELD OF THE INVENTION

This invention relates to a user-authentication system, and
more particularly to a user-authentication system using
voice-related data.

BACKGROUND OF THE INVENTION

Telephone transactions are often used by consumers to
obtain extensions of credit, make payment of debts, perform
fund transfers, and order products from catalogs. Typically
such transactions are carried out by a user with a touch-tone
telephone, who enters a telephone number to access a
service and enters numbers relating to the service such as
credit card numbers or menu selections, from the telephone
keypad after obtaining access.

Touch tones are the dual tone multi-frequency signals
(“DTMF” tones), generated as the user enters numbers from
the keypad. In accordance with the DTMF technique used to
generate touch tone signals, a touch tone signal is produced
by generating two tones, one tone being selected from a high
frequency band group and the other being selected from a
low frequency band group. Each of the low frequency tones
corresponds to one of the four rows of keys on a standard
telephone keypad, while each one of the four high frequency
tones corresponds to one of the four columns of keys on a
standard extended telephone keypad. A standard telephone
keypad typically has three columns, but can be extended, as
the tones generated by a fourth column are recognized by
most central office receivers. In telephone transactions, the
touch tones typically represent a number or character that
corresponds to user-information (e.g., entering numbers that
represent a credit card number, entering letters that represent
a surname) or service selections (e.g., entering a “1” to
choose a list of products offered, versus entering a “0” to
order products).

Although telephone transactions afford convenience to
those who use them, they are often wrought with security
problems. For example, a person viewing or overhearing the
initiation of a telephone transaction can record a credit card
number entered through the telephone keypad or spoken into
the handset microphone. The recorded credit card number is
later, and often undetectably, used to carry out fraudulent
transactions by unauthorized individuals. Similarly, a person
overhearing or viewing another entering a personal identi-
fication number (‘pin’) can use the pin to access, and often
deplete or use, such accounts as one’s bank account or
telephone calling card account, with the account holder
discovering the theft only after the damage has been done.

While portable electronic information cards have
attempted to solve the problem by providing a system that
can be acoustically coupled to a telephone system, the data
transmission errors and security problems inherent in such
cards has inhibited widespread acceptance and use of them.
Security problems such as pin detection remain common,
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particularly when one uses the card with a cellular phone.
Moreover, errors associated with such cards are often due to
the necessary acoustic couplings associated therewith. Also
common are errors due to temperature variations affecting
battery voltages, amplification levels applied to DTMF
signals, speaker proximity to a telephone handset’s
microphone, distortions introduced by the microphone
receiving DTMF tones, and ambient noise. Although prom-
ising a measure of convenience and privacy, the implemen-
tation of electronic information cards has brought about a
host of new problems without significantly alleviating or
solving many existing security problems associated with
telephone transactions.

As the accuracy and security associated with telephone
transactions is often compromised, there exists a need for a
system capable of maintaining the flexibility and conve-
nience inherent in telephone transactions, while not com-
prising the privacy and security necessary to prevent the
occurrence of fraudulent transactions.

The present invention provides a user-authentication sys-
tem that avoids the above-noted problems, while improving
signal transmission, signal routing, and system security.

SUMMARY OF THE INVENTION

In brief summary, the invention relates to an improved
user-authentication system that includes a user-activated
authorized user device (AUD) and a user-verification system
(UVS). In one embodiment, the system includes a user-
activated AUD that is portable and easily couplable to a
telephone or microphone for transmission of dtmf tones to
the user-verification system accessible by the telephone
network. In one embodiment, the user-activated AUD has
stored therein, voice-related data representing the human
voice characteristics of the authorized user, as well as
encoded access data enabling the voice-related data to be
transmitted to the designated user-verification system. Tones
transmitted from the user-activated AUD reach a publicly
switched network from which they are passed through an
integrated services digital network to a routing system which
ensures that the tones reach their intended UVS.

In one embodiment of the invention, the user-
authentication system comprises a compensating system
associated with the user-activated AUD and designed to
compensate for the variances in the transmission channel,
including variances associated with handset microphones.
The compensating system comprises a pair of tone generator
devices that generate low frequency tones and high fre-
quency tones, respectively. In electrical communication with
the tone generator devices are amplifiers that amplify each
of the low frequency tones and high frequency tones to
predetermined, different amplification levels. The amplifi-
cation levels compensate for the low and high frequency
tone transmission characteristics associated with different
microphones in use in a public telephone system. The
compensating system combines each of the low frequency
tones with a respective one of each of the high frequency
tones to form at least two tone pairs, each tone pair having
a low frequency tone and a high frequency tone, specifically
configured to compensate for any deficiencies in the trans-
mission efficiency of the particular microphone used.

In other embodiments of the user-authentication system,
the system performs channel normalization with the user-
activated AUD and the UVS. The channel is the communi-
cation medium over which signals are transmitted between
the AUD and the UVS. In one embodiment, tone signals
representative of the access telephone number transmitted



6,014,441

3

by the AUD to reach the UVS, have a reference amplitude
of zero. The UVS receives the tones and a variable amplifier
generates gain factors that compensate for deviations in the
expected signal strength of each of the tones, caused by
deficiencies in the telephone system. In another
embodiment, the AUD generates a first plurality of standard
tones that are representative of the portion of the frequency
spectrum in which an authorized user’s voice typically lies.
A transmitter transmits the first plurality of standard tones to
the UVS. The UVS receives the first plurality of standard
tones and a variable amplifier generates amplification gain
factors that compensate for deviations in the expected signal
strength of each of the first plurality of standard tones,
caused by deficiencies in the telephone system. In yet
another embodiment, an inter-digit pause between tone
signals transmitting data, is used to transmit single frequen-
cies of predetermined amplitudes. In response to the recep-
tion of the single frequencies at the UVS, the variable
amplifier generates amplification gain factors. In each of the
above embodiments, the UVS then amplifies any further
signals using the amplification gain factors derived from the
compensation of the tones. This compensation permits the
UVS to have an accurate representation of transmitted
signals such as the user’s voice, prior to performing user-
verification.

In yet another embodiment of the invention, the user-
authentication system includes a routing system for routing
a tone signal from the user-activated AUD to a UVS where
user-verification can take place. The user-activatable AUD
includes a tone-generator that transmits a plurality of tones
comprising an initial alert tone followed by data tones
representing information-related data and destination-
related data. A central switch on the telephone network
comprises a receiver that receives the tones; a processor that
analyzes the plurality of tones; and a router which routes the
plurality of tones to a UVS in response to the alert tone.
More specifically, this aspect of the present invention routes
the plurality of tones to another switch on the network when
the alert tone is not recognizable, and routes the plurality of
tones to a UVS when the alert tone is recognizable.

In still another embodiment of the invention, a UVS
includes a system clock to prevent fraudulent access of a
system or network by an unauthorized user who transmits a
tape recording of the authorized user’s voice. The UVS
transmits a time signal, relating to the time supplied by the
system clock during the time period when a user is supplying
information by way of the telephone network. A receiver in
electrical communication with an analyzer, receives the
user-supplied information and the time signal, if present.
The analyzer determines whether the time signal corre-
sponds to approximately the present time. The user is denied
access if the signal relating to time corresponds to a time
other than the present time at which the user was requested
to provide the information.

These and other objects, aspects, features and advantages
of the invention will become more apparent from the fol-
lowing drawings, detailed description and claims.

BRIEF DESCRIPTION OF THE DRAWINGS

This invention is pointed out with particularity in the
appended claims. The above and further advantages of this
invention may be better understood by referring to the
following description taken in conjunction with the accom-
panying drawings, in which:

FIG. 1 is a block diagram showing the user-authentication
system of the present invention.
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FIG. 2A is a block diagram of an embodiment of the
user-activated AUD in use with a telephone.

FIG. 2B is a block diagram illustrating an embodiment of
the dtmf decoder components of FIG. 2A and the associated
data path taken when the AUD is used for data reception.

FIG. 2C is a block diagram illustrating an embodiment of
the dtmf encoder components of FIG. 2A and the associated
data path taken when the AUD is used for data transmission.

FIG. 3A is a diagrammatic representation of an embodi-
ment of tone pairs generated by the AUD of the present
invention.

FIG. 3B is a diagrammatic representation of the tone pairs
and the data extensions in the gaps between tone pairs.

FIG. 4Ais a block diagram showing a telephone network
central switch configured on the telephone network with the
user-authentication system of the present invention.

FIG. 4B is a diagrammatic representation of the format of
tones transmitted from the user-activated AUD.

FIG. 5 is a block diagram of an embodiment of the
components of a user-verification system.

FIGS. 6A, 6B, and 6C are graphical illustrations of the
process of correcting signals using standard tones.

FIG. 7A is a flow chart describing the process by which
tones reach a user-verification system.

FIGS. 7B-1 and 7B-2 are a flow charts describing the
process by which the system performs user-verification.

FIG. 8 is a block diagram showing a service accessible to
an authorized user through the user-authentication system.

DETAILED DESCRIPTION OF THE
INVENTION

Referring generally to FIG. 1, the user-authentication
system 1 of the present invention is shown. The user-
authentication system 1 includes a user-activated AUD 2
that is preferably portable for use with a landline or cellular
telephone. Alternatively, the AUD can be installed in or
attached to, a system capable of transmitting tone signals,
such as a telephone 4 or computer 6. The AUD 2 is a
user-activatable device carrying authorized user-identifying
information in volatile memory, as further described below.
User-identifying information pertains to data relating to a
user’s characteristics such as user-chosen identifying num-
bers or words (examples of which are pin numbers and
passwords or passphrases), identifying characteristics or
data (examples of which are eye color, social security
number, and place of birth), as well as authorized user
voice-related data, an example of which is a spectral repre-
sentation of the user’s voice.

As will be further described, the user-activated AUD 2 has
a transmitter for transmitting the user-identifying informa-
tion over a telephone network in the form of low frequency
and high frequency tone signals. If used with a landline
telephone or computer, the tone signals are initially trans-
mitted to a telephone exchange switch, hereinafter referred
to as a central switch 8 capable of routing the signals to a
user-verification system (UVS) 12 by accessing the tele-
phone network 10, for example, a local exchange carrier
such as NYNEX, and possibly a long distance carrier such
as AT&T, as further described below. If used with a cellular
telephone, for example if one is calling from a car phone, the
tone signals are initially transmitted to a cellular telephone
switch (not shown) which transmits the tone signals to the
central switch 8 which routes them to the UVS 12 as
described above. Upon reaching the UVS 12, as further
described herein, a voice prompt will ask the user to transmit
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user data from his AUD, whereupon the UVS 12 transmits
signals intended to frustrate an interloper who is using the
AUD as part of a fraudulent attempt to impersonate the
actual owner of the AUD.

In one embodiment, there are preferably a plurality of
UVS’s 12 available to the user on both the local and the long
distance telephone network, however the signals are typi-
cally only routed to only one of them. Preferably, the UVS
12 that receives the signals is accessible over the local
telephone network. The UVS 12 includes electronic pro-
cessing components, as further discussed below, which are
capable of performing tone-signal level correction, voice
verification, time stamp verification, knowledge-based
verification, and other functions such as pin number verifi-
cation. The UVS 12, upon determining a valid and autho-
rized user, serves as the user’s gateway to accessing services
including but not limited to private records, e.g., telephone
or banking, mail order companies, the internet and certain
chat groups, as well as other information services such as
DIALOG, WESTLAW, and various reporter services. The
UVS 12, is further equipped with additional security safe-
guards for detecting unauthorized users, as further described
below. The UVS 12, based upon its analysis of the user-
spoken data, determines the level of certainty that the
currently spoken utterances match those of the user to whom
the AUD 2 has been assigned.

The call architecture for transmitting the tones to an
intended UVS 12 in the embodiment shown in FIG. 1 is as
follows. The user activates the AUD 2 when he/she desires
to access a service for which user-authentication is required.
If the user is activating the AUD 2 with a cellular telephone,
the number dialed by the AUD 2 is first transmitted to a
cellular switch (not shown), which may have preliminary
authenticating tests associated therewith. If the user is
preliminarily-authenticated the call is transmitted to a Far
End Local Switching Office (FSO) (not shown). With land-
line communications, the number dialed by the AUD 2
reaches an FSO located on the network nearest the tele-
phone. The FSO, upon receipt of signals from the AUD 2
decodes the alert tone and destination data to determine
which UVS 12 the signals should be routed to. The FSO
receives destination data, e.g. a telephone number, for the
user’s local UVS 12. Often, however the user is located
outside of the calling area in which the UVS 12 is located.
Thus, after receiving the destination data, the FSO commu-
nicates with a network database to determine, based on the
telephone number that the user is dialing in from, to deter-
mine which local UVS 12 the tone signals should be sent to.
The FSO, after receipt of a signal from the database indi-
cating the telephone number associated with alocal UVS 12,
the FSO will send the tones to an Near End Switching Office
(NSO) (not shown) located on the network nearest the local
UVS 12. In this manner, the tones will be transmitted from
the FSO to an NSO over a local carrier. Upon reaching the
NSO, the signals are routed to the central switch 8. The
central switch 8 thus decodes an alert tone (602), as further
described below, which is indicative of a request to be
transferred to a UVS 12, and destination data (610), as
further described below, which typically designates the
user’s local UVS 12. If the alert tone (602) is recognized, the
central switch 8 routes the signals back to a UVS nearest the
NSO. In the event that the central switch 8 does not
recognize the alert tone (602), the signals are routed accord-
ing to the destination data (610), thus the signal is sent back
to the NSO over appropriate carriers via a packet switching
system and other central switches to an appropriate UVS 12.

Also shown in this figure is the call architecture of the
system when a new AUD 2 is activated. In this scenario, an
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AUD device manufacturer 18 communicates with an AUD
fulfillment center 16 responsible for loading the user’s
speech file and other identifying data into the AUD 2. The
fulfillment center 16 communicates with an AUD device
issuance and control system 14 responsible for ensuring that
the central switch 8 and appropriate UVS 12 acknowledge
the AUD 2 upon initial use by the user. The issuance and
control system 14 also communicates with a packet switch-
ing system (not shown) which provides the necessary data to
the FSOs, NSOs, and central switch 8 on the local network,
as well as other central switches located on long distance
networks. In this manner any FSO, NSO, or central switch
on a local or long distance carrier can process any call
request made by any user of an AUD 2.

As stated above, the AUD issuance and control system 14
is responsible for activating new AUDs. AUD fulfillment
centers 16 receive “blank” AUD’s, i.e. those without any
identifying information relating to a user, from an AUD
manufacturer 18. Users become subscribers and thus obtain
an AUD 2 by calling the AUD issuance and control system
14. The AUD issuance and control system 14 thus receives
the name of the subscriber who will be the primary
subscriber, to “head” the account. Typically, if a family
account is to be issued, the primary will be the mother or
father. Notwithstanding the designation of a primary, a
spouse will have privileges equal to those of the primary.

The primary, upon contact with the issuance and control
system is asked a series of questions, typically requesting the
primary’s: name, telephone number, social security number,
address, age, date of birth, place of birth, mother’s maiden
name, number of siblings, children’s birthdays, number of
children, and descriptive characteristics like eye and hair
color, as well as height. Responses to the questions are
stored as identifying information needed to later identify the
user through knowledge-based questioning. Additionally,
the user will be asked to select a personal identification
number (PIN) and a plurality of passwords or passphrases,
for recordation in a speech file which will later be used for
user and voice-verification. As the primary states the pass-
words or passphrases, his/her voice will be recorded by the
system 14 in a speech file. If the primary is calling the AUD
issuance and control system 14 using a cellular phone, the
primary will be requested to state the passwords or pass-
phrases through the telephone handset as well as through the
speakerphone, due to the increased ambient noise levels
associated with the speakerphone.

The AUD issuance and control system 14 is also respon-
sible for performing password or passphrase sufficiency
screening to ensure that that the proposed password or
passphrases have the proper characteristics to allow it to be
used for a user’s typical channel conditions and the level of
security desired. The proper characteristics can include, but
are not limited to: the proper phonetic makeup, the spectral
distribution of the user’s voice, and the proper cadence.
After the user speaks a password or passphrase, it is evalu-
ated using one or more of these characteristics. If it does not
possess desirable levels of one or more of these
characteristics, the password or passphrase is rejected and
the user is prompted to choose another password or pass-
phrase. Typically a deficiency in one of these characteristics
can be compensated for in the other characteristics.
Algebraically, each characteristic is assigned a value, which
when added to the values assigned to the other characteris-
tics results in a measure of acceptability of the password or
passphrase. This is shown as:

P+A+C=K
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where P represents the phonetic makeup, A represents the
spectral distribution, C represents the cadence, and K rep-
resents the minimum acceptability value which is a function
of the types of channels the user intends to use, and the
desired level of security. If the level of acceptability is less
than the desirable level required to authenticate the user, the
password or passphrase is rejected and the user is prompted
to propose another password or passphrase. It should be
noted that if one of the characteristics for which the pass-
word or passphrase is evaluated is insufficient, one or more
of the other values can compensate for it. For example, if the
user has a low cadence password or passphrase, but the
phonetic makeup is high, then the combination of cadence
and phonetic makeup can lead to an acceptable value,
making the password or passphrase acceptable to the UVS
12.

Should the primary desire other users to be included on
the account, the primary contacts the system 14 and enables
the user as a subordinate. Identifying information and
speech files are then compiled by the system 14 for such
subordinates. Additionally, restrictions on time limits as well
as the ability to access certain services through the UVS 12
may be placed upon the subordinate’s account by the
primary. The AUD fulfillment centers 16, under the direction
of the AUD issuance and control system 14 thus installs both
primary and subordinate users’ personal identifying data,
pin, and speech files into an AUD 2. After installing such
information, the AUD fulfillment centers 16 transmit the
serial numbers of the “identified” AUDs 2 back to the
issuance and control system 14, and the AUD 2 is mailed to
the primary and subordinate users. Hereinafter, the term
user, unless otherwise specified, will mean either the pri-
mary or subordinate user.

As shown in Table I below, the AUD 2, in one embodi-
ment of the invention, stores the personal identifying data,
pin and speech file in ROM, as further described in FIG. 2A.
In Table I, the following headings appear: field, quantity,
bytes and extension. The column designated ‘Field’ desig-
nates the items to which the data relates. Data relating to
these items is typically installed by the AUD manufacturer
18, AUD fulfillment center 16, or AUD issuance and control
system 14, or as an update received after it has been
registered to the user, described in further detail below. The
column designated ‘Quantity’ refers to the number of such
field items for which data is stored. The column designated
‘Bytes’ references the number of bytes of memory allocated
to the data in each of the fields. The column designated
‘Extension’ relates to the amount of memory required to
store the data. The memory allocations in Table I are
exemplary, as other allocations may be used by those of
ordinary skill without departing from the scope of the
invention.

In this embodiment, the AUD 2 is assigned a device
number and a body number, each of which is stored using 8
bytes of memory. The device is further assigned an encrypt
code, should the data stored therein be encrypted, which is
stored using 4 bytes of memory. The user name is stored
using 20 bytes of memory, and the user’s language is stored
using 1 byte of memory. The user’s speech file containing at
least two passwords or passphrases is stored using 50 bytes
of memory. The user’s identifying data, used for knowledge-
based questions is stored using 4 bytes of memory. The
identifying data is typically descriptive data as described
above, as well as answers to the previously asked
knowledge-based questions. The issue date and fulfillment
center that issued the AUD 2 are stored in 5 bytes of
memory. The type of user that the AUD 2 is assigned to,
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either an adult or child, and that user’s status, primary or
subordinate, is stored in 6 bytes of memory. Access numbers
are the telephone numbers that the AUD 2 calls to reach a
UVS 12. An original, or seed access number is used by an
algorithm for generating subsequent access numbers, each
of which connect the user to the UVS 12. In one
embodiment, the algorithm will increment the access num-
ber by a constant multiple, e.g. last digit of number plus two.
The access number dialed by the AUD 2 facilitates the UVS
12 in determining whether the user is authentic.

TABLE 1

Field Qty Bytes Extension
Device # 1 8 8
Body # 1 8 8
Encrypt Code 1 4 4
User Name . 20 20
Language 1 1 1
Speech File 1 50 50
Identification File 8 4 32
Issue Date 1 3 3
Fulfillment Center 1 2 2
Type/Status 1 1 1
Original Access # 1 15 15

Total 116

Referring to FIG. 2A, the basic processing elements in the
AUD 2 are illustrated, in accordance with one exemplary
embodiment of the present invention. The AUD 2 comprises
a microprocessor 104 coupled to a read only memory
(ROM) 106, an input device 105, e.g., input keys, and a
volatile random access memory (RAM) 108. The ROM 106
may be located within the microprocessor 104 or externally
thereto. The microprocessor 104 receives input signals from
a user by way of input device 105, as further described
below. These signals upon receipt, are stored in the RAM
108 or processed by the microprocessor 104 using other
information and programs stored in the ROM 106.

For the purposes of the discussion to follow, the tone pairs
which are used for standard tone based switching systems
are designated DTMF. Tone pairs which are utilized by the
AUD and UVS which include DTMF tones as well as
modifications to DTMF tones are designated dtmf. The AUD
2 comprises a dtmf encoder 110 and dtmf decoders 112, one
of which has an input coupled to a speaker 114 and an output
coupled to the microprocessor 104, the other of which has an
input coupled to a microphone 109 and an output coupled to
the microprocessor 104. In the illustrated embodiment, the
speaker 114 serves as both an input device for receiving
acoustic signals, such as dtmf tones, and as an output device
for outputting signals such as dtmf tones and other signals
generated by the encoder 110. Alternatively, the microphone
109 can be used for receiving audio signals with the speaker
114 being used only for outputting signals.

The AUD 2, in one embodiment, is acoustically coupled
to a standard telephone 122 such as a public pay phone.
When receiving signals from the handset 121, the speaker
114, which serves as a transducer, is positioned in close
proximity to the handset’s speaker 120 and while sending
signals to the handset’s microphone 118, the speaker 114 is
positioned in close proximity to the microphone 118. Thus,
to change between the send and receive functions, in the
illustrated embodiment, a user moves the AUD 2 from being
in close proximity to the microphone 118 to a position where
it is in close proximity to the speaker 120. Alternatively, the
microphone 109 can be included for the receipt of data in
addition to the speaker 114. In accordance with such an
embodiment, data may be received and transmitted simul-
taneously by the AUD 2 without the requirement of moving
the AUD 2.
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The AUD 2 is designed to acoustically monitor its output
and perform an auto-calibration sequence at the beginning of
each period of use that follows a period of dormancy of a
preselected time period, or when the AUD 2 is used at
certain predefined temperatures. For example, after a num-
ber of hours or days of inactivity, or alternatively when the
AUD 2 senses a temperature outside of a preselected tem-
perature range, the auto-calibration sequence permits the
AUD 2 to compensate its signal levels for the temperature at
which it is expected to work. Such compensation ensures
smooth operation, as battery voltage output varies as a
function of temperature, with variations in battery voltage
output being particularly noticeable in cold weather. Other
components of the AUD 2 such as the housing and the
membrane of the speaker, may also be subject to the effects
of temperature and may require calibration.

In more detail, the AUD 2, in one embodiment further
includes a display device 202 for displaying data and other
information output by the microprocessor 104, a main
battery 208 for powering the AUD 2, a back-up battery 206
for supplying power to the microprocessor 104 as well as
other system components, and a voltage comparator 210 for
detecting the condition of the main and backup batteries 206,
208.

The AUD 2 further includes a micro-power amplifier 226
coupled to the output of the speaker 114. The amplifier 226
serves to provide a wake-up signal to the microprocessor
104 as described below. The amplifier 226 generates a signal
in response to a signal generated by the speaker 114 in
response to received acoustic signals. The signal output by
the amplifier 226 causes the microprocessor 104 to become
fully active from, a “sleep mode” that is automatically
entered into after a long period of inactivity in order to
conserve power. In an alternative embodiment, an input of
the microprocessor 104 is coupled to a light sensor or other
activation device such as a radio frequency sensor, which
causes the microprocessor 104 to become fully active in
response to an outside stimulus which may be provided by,
e.g., a light or sound source associated, for example, with a
telephone device. Thus, in accordance with such an
embodiment, the AUD 2 can be made active by the excita-
tion of a transducer or other sensor, by, e.g., a light, radio
frequency signal or the receipt of an acoustic signal having
a pre-defined frequency and a minimum, pre-defined inten-
sity level. These pre-defined levels or values are a matter of
design choice and are programmed into the ROM 106,
preferably at the time of manufacture. The wake-up signal
ensures that the AUD 2 is fully active when the user wants
to gain access to a service.

The ROM 106 preferably includes a series of volatile
memory locations that contain information that serves as a
set of permanent data tables, as well as computer program
instructions for controlling the operation of the micropro-
cessor 104. The RAM 108 has dedicated volatile memory
space for storing dtmf transfer and receive parameters 214
used for encoding/decoding signals, information 216, such
as, frequency information relating to tone pairs, display
memory 218, device data 220, such as the numeric and
alpha-numeric sequences described in Table I, which iden-
tify the particular AUD 2, manufacturing date information,
user identifying data 222, and system control data 224, such
as calibration parameters. The RAM 108, also has modifi-
able memory 107 that is used to store information that is user
or device dependent, is likely to change, or for other reasons
is more easily stored in an alterable memory device. Stored
in the modifiable memory 107 is data that includes destina-
tion phone numbers and billing information relating to the
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individual who is authorized to use the AUD 2, long distance
carrier information, area code information, data encoding/
decoding information, and credit or service related informa-
tion. The RAM 108 is also a write area for the ROM 106.

Amore detailed description of an embodiment of the dtmf
decoder device 112 illustrated in FIG. 2A will now be
described with reference to the schematic block diagram of
FIG. 2B. As illustrated in FIG. 2B, the dtmf decoder device
112 comprises a combination amplifier and filter device 302
that has an input coupled to the output of the speaker 114 and
its output coupled both to the input of a high band passband
filter 304 and a low band passband filter 306. In this
embodiment, the speaker 114 acts as a transducer converting
acoustic signals received from the speaker 120 of the
telephone handset 121, into electrical signals which are
amplified and filtered by the device 302 and then further
filtered by the passband filters 304, 306.

The high band passband filter 304, is designed to pass the
corresponding high band frequency dtmf signals while
eliminating noise and other signals. Similarly, the low band
filter 306 is designed to pass the low band frequency dtmf
signals and to eliminate other signals. In this manner, the
low band and high band signals are segregated from each
other with noise (signals having frequencies outside the
bands of the dtmf signals) being removed to facilitate the
later decoding of the signals.

As briefly discussed above, the acoustic signals emanat-
ing from the speaker are typically generated using a dual
tone multifrequency (dtmf) encoding technique, which gen-
erates two tones such that one tone is selected from a high
frequency band group and the other tone is selected from a
low frequency band group. In standard telephone systems,
the high frequency band group includes four frequencies,
nominally 1209, 1336, 1477, and 1633 Hz while the low
band frequency group includes four low frequencies, nomi-
nally 697, 770, 852, and 951 Hz. Each of the high and low
frequencies is referred to as a fundamental frequency. These
frequencies are nominal frequencies for error avoidance
purposes.

Each one of the low frequencies corresponds to one of the
four rows of keys on a standard extended telephone keypad
while each one of the four high frequencies corresponds to
one of the four columns of keys on standard extended
telephone keypads. Accordingly, low frequency tones rep-
resent row tones and high frequency tones represent column
tones. Extended keypads include the additional fourth col-
umn of keys not found on non-extended standard keypads
such as those commonly used with public telephones and
household telephones, although these additional tones are
found in most modem hardware/software systems. Each
different telephone key is represented by a signal including
a unique combination of one tone from the high band and
one from the low band. Sixteen different signal states may
be represented by this encoding technique with one signal
state corresponding to each one of the sixteen keys that can
be found on a standard telephone keypad.

To be a valid signal, the received tone signal must contain
exactly one valid tone from each of the low and high band
frequency groups, and each of the low and high tones must
be present for a minimum time duration, typically at least
35-40 milliseconds. The signal, containing a valid tone
signal from each of the low and high frequency band groups,
is referred to as a tone pair, which will be further described
below. Additionally, the difference in amplitude between the
low and the high tone, known as the “twist”, must fall within
a predetermined range. Typically the high band tone cannot
be greater than 4 dBm more or 8 dBm less than the low band
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tone signal power level, where dBm is a logarithmic mea-
sure of power with respect to a reference power of 1
milliwatt. Additionally, the amplitude level of each tone
signal in the tone pair must be in the range of 0 to —25 dBm.
Consecutive tone-pairs, each representing a different digit to
be transmitted are typically separated by a period of silence
equal to a tone-off period required for standard DTMF
decoding. Typically the period is within the range of 25 to
50 milliseconds.

Referring again to FIG. 2B, an output of the high band
filter 304 is coupled to the input of a column frequency
detector 308 for detecting which frequency of the set of high
band tone frequencies is being received. Similarly, the low
band filter 306 has an output coupled to an input of a row
frequency detector 310 for detecting which frequency of the
set of low band frequencies is being received. In particular
embodiments, the column and row frequency detectors 308,
310 as well as high and low band filters 304, 306 may be
designed to recognize and pass additional or substitute high
band and low band tones, respectively, which are outside the
range of standard DTMF tones to thus increase the number
of signals that can be used to transmit data to add additional
security, increase data transmission rates, or provide addi-
tional features.

An output of the column frequency detector 308 and an
output of the row frequency detector 310 are coupled to
corresponding inputs of a dtmf signal detector 312. The dtmf
signal detector 312 receives the low band and high band
tones output by the column and row frequency detectors
308, 310 along with information signals indicating the
frequency of the received tones. The dtmf detector 312
determines if the received tones constitute a valid tone pair
or other signal which the dtmf signal detector 312 is pro-
grammed to recognize. If the dtmf signal detector 312
detects a valid tone pair or a signal it recognizes, it sends a
signal to a tone to data converter 316 of the microprocessor
104 to convert the detected dtmf tone or signal into the data
it represents, e.g., a symbol or number.

Because the AUD 2 is programmable, it can be repro-
grammed to accept one or more signals as valid tones. In one
embodiment, a signal characteristic (e.g. maximum tone-
length) may be remotely modified by the acoustic repro-
gramming of the AUD 2 in response to the AUD 2 receiving
a series of predetermined dtmf tones. Such tones act as a
signal or key which is required to enable the reprogramming
of the AUD 2. Alternatively, the AUD 2 can include an IR
receiver (not shown) to accept IR radiation signals for
reprogramming. In addition, because the AUD 2 is designed
to be both responsive to, and capable of, generating audio
tones, e.g., both standard and encoded DTMF tones, the
AUD 2 is capable of receiving, storing and transmitting both
standard and encoded DTMF tones for a variety of purposes.
Such purposes include the use of such tones as “keys” to
enable certain functions of the AUD 2 or the device which
the AUD 2 is used to communicate with. Alternatively, these
tones may include tones other than those used for standard
DTMF signals. To prevent fraudulent tampering with the
AUD, it can be programmed to reject or ignore input data
that does not conform to predetermined signal characteris-
tics which are stored in the RAM 108 of the AUD 2. In
another embodiment, it can be programmed to cease fuc-
tioning in the event that the input data does not conform to
such predetermined characteristics.

In one embodiment, the dtmf signal detector 312 of the
present invention is able to monitor alterable characteristics
of a dtmf signal, such as the signal twist, which is the
difference in the amplitude of the low band tone and the high

10

15

20

25

30

35

40

45

50

55

60

65

12

band tone, as well as the low band and high band tone
duration, and tone frequencies. By monitoring such alterable
characteristics, information may be encoded into the dtmf
signal without affecting the ability of a standard DTMF
signal detector, for example in a central switch, to detect the
symbol/number represented by a DTMF tone pair. If the
dtmf signal detector 312 detects encoded information, the
encoded information is supplied to the dtmf tone to data
converter 316 for processing. A particular signal or sequence
of tones is used in some embodiments to provide an indi-
cator signal to indicate to a receiver that encoded dtmf
signals are being transmitted. In such embodiments, a dtmf
signal detector detects the receipt of encoded dtmf signals by
monitoring a received signal for such an indicator signal or
indicator sequence of tones.

The dtmf signal detector 312 also has start and stop signal
outputs coupled to corresponding inputs of a non-tone
demodulation circuit 314 of the microprocessor 104. In this
manner, the non-tone demodulation circuit 314 receives
timing information concerning the starting and stopping of
each received signal. This information can be used, in
accordance with one embodiment of the present invention,
for decoding information encoded into one or more dtmf
signals and/or for distinguishing of a string of signals which
represent meaningful data as opposed to nonsense signals
added for security reasons as well as to enable the device to
provide non-frequency dependent data that is encoded into
the inter-digit periods, i.e., the time between dtmf tone pairs.

Referring to FIG. 2C, the microprocessor 104 and a dtmf
encoder 110 illustrated above in FIG. 2A, will now be
described in greater detail. The dtmf encoder 110 comprises
a high frequency register 424, a tone select register 426, and
a low frequency register 428. The high and low frequency
registers 424, 428 have a first input coupled to a data output
of the microprocessor 104, a second input coupled to a tone
select output of the microprocessor 104 and a third input
coupled to a tone select signal output of the tone select
register 426. The tone select register 426 receives tone signal
information from a tone store output of the microprocessor
104 which is then processed to generate a control signal
which is supplied to the low and high frequency registers
424, 428 through the third input of the registers 424, 428.
The high and low frequency registers 424, 428 are respon-
sive to signals received from the microprocessor 104 and the
tone select register 426 to produce a control signal indicating
the fraction of the microprocessor’s clock frequency that the
desired high and low tones correspond to.

The high band tone of each dtmf tone signal pair is
generated by a high band frequency signal generation circuit
401. The high band frequency signal generation circuit 401
comprises a programmable divider 430, whose output ter-
minals are coupled to a Johnson counter 434. The output
terminals of the Johnson counter 434 are coupled to digital
to analog converter 438 which has an output coupled to an
amplifier 458. The amplifier 458 is responsible for ampli-
fying the high band dtmf tone signals of each tone pair.

The programmable divider 430 receives as input signals
the output of the high frequency register 424 and the
microprocessor’s oscillator. Using the control information
provided by the high frequency register 424, the program-
mable divider 430 generates a pair of digital signals having
the desired frequency of the high band tone to be generated
from the oscillator signal. The digital signals are then further
processed by the Johnson counter 434 before being con-
verted into analog signals by the D/A converter 438. The
analog high tone output signals, output of the D/A converter
438, are amplified by the amplifier 458 which has a gain
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control input coupled to a high band amplitude control
signal output of the microprocessor 104.

As discussed above with respect to the generation of
high-band frequency signals, low-band frequency signals
are generated in a similar manner. Low-band frequency
signal generation device 403 comprising a programmable
divider 432, a Johnson counter 436, a (D/A) digital to analog
converter 440, and an amplifier 460 is responsive to the
output of the low frequency register 428, the microproces-
sor’s oscillator, and the microprocessor’s low band ampli-
tude control signal, to generate a pair of low band dtmf tones
in the same manner as described above with regard to the
generation of high band dtmf tones.

Referring to FIG. 3A, illustrated are a pair of tone groups
500, 502 transmitted by the AUD 2 over the telephone
network. As shown, the first tone pair 501 comprises a low
tone 504 and a high tone 506, amplified to different ampli-
fication levels. For example, first tone pair 501 can be
amplified to compensate for the transmission characteristics
of an electret microphone. Similarly, adjacent to the first
tone pair 501 is a second tone pair 503 comprising a low tone
508 and a high tone 510 amplified to different amplification
levels to compensate for the transmission characteristics of
a carbon microphone. Furthermore, there are channel con-
ditions under which a tone pair normally targeted for a
carbon microphone compensates for the transmission char-
acteristics of an electret microphone, and vice versa.
Together, the tone pairs form a tone group 500, as stated
above. In this embodiment of the invention, the duration of
the tone group 500 is roughly 90 ms separated by a period
of 45 ms which is an inter-digit pause 512.

During the inter-digit pause 512 various other identifying
data can be transmitted. By using high or low tones that are
outside of the standard range for standard high or low tones
used for DTMF signals, it is possible to encode data into a
tone signal by asserting such high and low tones during the
inter-digit period without affecting the ability of a standard
DTMF detector to detect an in-range tone signal.
Alternatively, as described in further detail below, the tone
signals transmitted during the inter-digit pause perform
channel normalization. After 45 ms, another tone group 502,
comprising similarly amplified tone pairs 501, 503 is trans-
mitted followed by an inter-digit pause 512. During the
inter-digit pause, the UVS 12, as shown in FIG. 1, samples
the ambient noise. The ambient noise can be noise generated
in the environment around the telephone handset, or noise
generated from on-line systems. The tone signals later
received at the UVS 12 can be corrected to eliminate such
noise.

Referring again to FIG. 2C, the degree of amplification
performed by each of the amplifiers 458, 460 is controlled
by the microprocessor 104. In this manner, the micropro-
cessor 104 can compensate for spectral transmission ineffi-
ciencies as well as introduce intentional twist (i.e. amplifi-
cation level difference between the low tone and the high
tone), into the dtmf signal being generated and/or encode
information into the dtmf signal by selectively varying
signal strength with the tone pairs comprising the dtmf
signal being generated. More specifically, to compensate for
spectral transmission inefficiencies, the microprocessor 104
retrieves amplification levels stored in memory to compen-
sate for the transmission characteristics of microphones
typically used in a public telephone system. Typically used
are electret microphones and carbon microphones, each
having specific transmission deficiencies associated there-
with. These microphones are commonly used in standard
telephone handsets because of their low cost and high degree
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of reliability. Carbon microphones typically require a sub-
stantially higher level low tone to compensate for their
inefficiency at lower frequency. Thus, amplification levels
specific to such types of microphones are stored in memory
108 and retrieved by the microprocessor to set the level of
amplification of the amplifier. The amplifier then amplifies
each of the high frequency tone signals and low frequency
tone signals for a tone pair group to predetermined ampli-
tude levels, one amplitude level being specific to the trans-
mission characteristics of a carbon microphone and another
amplitude level being specific to the transmission charac-
teristics of an electret microphone. Thus, each of the high
frequency and low frequency tones are amplified to corre-
spond to the type of microphone being used.

The output of each of the amplifiers 458 and 460 comprise
at least two pairs of high band and low band tones, respec-
tively. The tone pairs are then supplied to amplifier 452 for
additional amplification. The amplifier 452 has a control
input which is coupled to a timing control output of the
microprocessor 104. As shown above, one of each of the low
tone signals and one of each of the high tone signals are
joined to form a tone pair by timing the amplifier, 458, 460
to sequentially output the tones. After a first tone pair is
created, a second tone pair is created immediately following
the first tone pair. Each tone pair has a duration of 45 ms.
The two tone pairs form a tone group. Preferably, when a
plurality of tone groups are transmitted over a telephone
network, a period of 25-55 milliseconds elapses between
each tone group, preferably a period of 45 milliseconds
elapses. After the tone groups are transmitted over the
telephone network, they are routed by the central switch to
an intended destination.

When a tone pair is amplified to compensate for the
transmission characteristics of a carbon microphone is trans-
mitted through an electret microphone, it will be either
viewed as out-of-band or in-band by the dtmf receiver. If
viewed as out-of-band, the receiver ignores the tone pair.
Alternatively if viewed as in-band, it will be treated as the
beginning or continuation of the adjacent tone-set. The
detection of a tone pair specific to the transmission charac-
teristics of an electret microphone when transmitted through
a carbon microphone will be treated by the dtmf receiver in
a similar manner.

The timing control output generates an output signal that
is used to control the amount or level of amplification the
amplifier 452 provides. Furthermore, by asserting the timing
control signal, the microprocessor 104 activates the ampli-
fier 452 during periods of data transmission. On the other
hand, when the speaker 114, which has an input coupled to
the output of the amplifier 452, is being used as a receiving
device or when the microphone 109 is used, the micropro-
cessor 104 deasserts the timing control signal thereby deac-
tivating the amplifier 452 and thus the output of the dtmf
tone encoder 400. The timing control signal may also be
used to inhibit signal output during the inter-digit periods.

Notwithstanding the transmission problems described
above, another source of transmission errors are related to
unwanted harmonics produced by microphones and, gener-
ally referred to as the “third tone” problem. This problem is
associated with the detection of a third, otherwise valid tone,
at the detector stage of a receiver where a DTMF tone signal
is being decoded. Such errant third tones can cause errors in
some tone detection receivers, and particularly those sys-
tems which do not utilize digital signal processing equip-
ment for tone detection. As stated above, a DTMF tone
signal is only considered valid if it includes a single pair of
valid tones, e.g., one valid high band tone and one valid low
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band tone. Thus, when multiple valid high band or low band
tones are received at the same time, the DTMF signal is
considered invalid and can not be properly decoded. Often
this problem is present when DTMF signals are generated
using the numbers 3 and 6 on a standard telephone handset.
In one embodiment of the invention, the access numbers
dialed by the AUD 2 eliminate the use of 3 or 6. In other
embodiments, the relative amplitude of a received tone is
compared to the other received tones and is used to distin-
guish valid tones from erroneous invalid tones. This process
however, requires intelligent digital signal processing of
signals which is not available on many local loops.

The third tone problem is typically found when a carbon
microphone is used as a transducer of DTMF tones. Carbon
microphones often generate and transmit erroneous third
tones, in addition to the tones actually received by the
microphone. As DTMF tone signals are transmitted through
the carbon microphone, the carbon granules within the
carbon microphone vibrate in relation to the driving fre-
quencies. As a result of the harmonic effect of the varying
vibrations of the granules, various residual tones are
generated, with the third tone being the most powerful of
these residual tones. This third tone can be relatively
powerful, e.g. as much as one half the power level of the
higher of the two received acoustic DTMF tones passing
through the microphone. The frequency of this unwanted
harmonic, will normally be the arithmetic difference
between the frequencies of high band and Low band tones
being received by the carbon microphone.

To compensate for third tone problems, in one
embodiment, the dtmf tone encoder 110 in one embodiment,
produces frequencies which still fall within the industry-
acceptable tolerance of DTMF signals but which have an
arithmetic difference falling outside of the permissible
DTMF range. In creating such frequencies, the unwanted
harmonic falls outside of the sensitivity range of the dtmf
receiver. This is achieved by selecting the nominal center
frequencies of the low and high frequency tones, towards the
outer edge of the “accept range” of standard DTMF detector
devices. The microprocessor 104 can perform this function
by being programmed to select and control the generation of
DTMF tones of various tone pairs, so that the tones of a tone
pair fall within the accept range of conventional detectors,
but create an arithmetic difference which is outside the
tolerance range of such detectors.

FIG. 3B is a diagrammatic representation of the tone pairs
and the inter-digit pauses, and the data extensions associated
therewith. As stated above, DTMF tones comprise a high
tone selected from a high frequency band group and a low
tone selected from a low frequency band group. For
example, the digit one is transmitted by a combination of the
fundamental frequencies of 697 Hz and 1209 Hz. A central
switch will recognize this as a “1” typically if the period of
the tones are 45 ms, and the amplitude is zero. After the 45
ms duration has passed however, data extensions may be
incorporated into the tones to convey additional information
that will be ignored by the central switch, but can be decoded
for information at a user verification system. This additional
information can be identifying information for use in deter-
mining whether answers given to knowledge-based
questions, as further described below, are correct.

The data extensions 505, 507 extend the duration of each
of the tones 504, 506, 508, 510 and/or the change the
amplitude of each of the tones to covey such additional
information. As shown for each of the low tones 504, and
each of the high tones 506, three amplitude levels LT1, LT2,
LT3 are available in 10 millisecond increments for a total of
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40 ms. Therefore, a data extension could extend from the
high tone 504 at the third amplitude level for an additional
40 ms after the 45 ms period of the tone pair 501 has ended,
to transmit additional data. Likewise, at the same time, a
data extension could extend from the low tone 506 at the first
amplitude level for only 10 ms after the 45 ms period, to
transmit additional data. As additionally shown, within the
inter-digit period 512, information can also be transmitted
using data extensions 513. As shown at the end of the
inter-digit period 512, a single tone 513 can be transmitted
which will be disregarded by the central office, because it is
not a combination of tones that would be recognized as
designating a digit. Like the data extensions 513 described
above, the duration of the tone and/or the amplitude level of
the tone can be modified to transmit additional data to the
user verification system (not shown in this figure).

Referring to FIG. 4A, a block diagram of one embodiment
of the configuration of a network having a central switch and
a user-authentication system of the present invention is
illustrated. As previously described, the AUD transmits tone
signals from a telephone 2 or 4, a computer 6, or a cellular
phone 7 which routes the tone signals via a cellular switch
9, over the telephone network to a central switch 8. At the
cellular switch 9 certain preliminary security measures can
be imposed before the tone signals are routed to a UVS 12,
to prevent a call from reaching the UVS if the user’s
authenticity is substantially in question. As shown, the
central switch 8 is part of a public switched network 11, and
aids in routing the tone signals to a local UVS 12. The
central switch 8, upon receipt of the tone signals, determines
the destination of the call.

In more detail, the central switch 8 has electronic hard-
ware for processing the tone signals and routing them to the
designated UVS 12. The central switch 8 includes a non-
tone demodulator 514 for monitoring alterable characteris-
tics of the tone signals and decoding information. The
central switch 8 further includes a processor 518 coupled
with the tone demodulator 515, a dtmf tone to data converter
device 520 and a database, that typically includes a device
database 522 and a billing database 524. Upon receipt of a
tone signal, it is demodulated by the tone demodulator 515
and digitally converted to data. The device database 522
contains for example, information concerning locally acces-
sible UVSs, long-distance accessible UVSs, as well as
information relating to the body number or device identifi-
cation number of valid AUD devices, and encoding schemes
used by each AUD listed in its database. After demodulation
and conversion has occurred, the processor 518 at the central
switch 8 communicates with the device database 522 which
aids in determining where and how the signal should be
routed. The central switch 8 routes the tone signals to an
intended UVS 12, which is preferably accessible over the
local network, but may be accessible over a long-distance
network if necessary.

Referring to FIG. 4B, illustrated is a diagrammatic rep-
resentation of the format of the tone signals 600 transmitted
to the central switch by the AUD. As shown, the tone signals
600 include a system alert tone signal 602 representing that
the message requires user-verification and should be trans-
mitted to a UVS. In one embodiment, the alert tone 602 is
followed by identification tone signals (not shown) repre-
senting the identity of the AUD and the identity of the
authorized user. Inter-digit periods 603, 605, 607 between
the identification signals can be used to transmit miscella-
neous data in the form of tone signals as described previ-
ously. In this embodiment, the inter-digit periods 603, 605,
607 preferably transmit user-related data or data that aids the
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central switch 8 in transferring the data to the UVS 12.
Following the inter-digit period 603 is a dtmf string 604 that
provides the destination number of the UVS 12. The desti-
nation data 610 preferably includes the numerical system of
the phoneme string, a destination number related to a UVS
12, as well as a carrier designation indicating which tele-
phone carrier should transmit the tone signals to the intended
UVS 12. The dtmf string 604, can for example, take the form
of a plurality of dtmf signals having inter-digit periods of
variable duration, enabling additional data such as memory
allocation tables, to be transmitted therewith. Following the
next inter-digit period 605, system adjustment tones 606 are
transmitted to normalize the channel, as will be further
described below. The system adjustment tones can comprise
tones of single, dual or multiple frequencies. Following the
next inter-digit period 607, the user’s speech verification file
608 is transmitted as a plurality of tone signals. This file 608
preferably includes voice-related data such as user-selected
passwords or passphrases, as previously spoken by the user.
In an alternate embodiment, the user’s speech verification
file 608 is accessible via the network and thus not transmit-
ted by the AUD 2. The UVS 12 may contain the speech file
in a memory module 816, as shown in FIG. 5, or a site on
or accessible by the network (not shown) can be devoted to
storage of speech files. In this manner, the tone signals
described above would be transmitted by the AUD 2 without
the user’s speech verification file 608.

Referring again to FIG. 4A, upon receipt of these tone
signals at the central switch 8, the tone demodulator 515
demodulates the tone signals and transmits them to the dtmf
tone to data converter device 520, which transmits them to
the processor 518. The processor 518 determines whether
the alert tone (602) is recognizable. In determining whether
the alert tone (602) is recognized by the processor 518, the
processor 518 communicates with the database 522 to
determine if the route and intended UVS 12 are stored, and
therefore known to the central switch 8. If the database 522
indicates that the route and the intended UVS 12 are known,
the central switch 8 routes the tone signals to the intended
UVS 12. The tones used as alert tones set are preferably not
among those commonly used in in-band signaling.

Should the database 522 not have data corresponding to
the route and intended-user-verification data stored therein,
the processor 518 does not recognize the alert tone (602). In
such a scenario, the destination data is examined by the
processor 518 so that the processor 518 can determine which
UVS 12 is intended. After the processor 518 determines
which UVS 12 is intended, the central switch 8 routes the
tone signals over the public switched network 11. The
central switch 8 indicates to other switches on the public
switched network 11, that the tone signals are to be routed
to a certain UVS 12. The tone signals are eventually
transmitted to the intended UVS 12 often through a series of
switches located on the public switched network 11.

Referring to FIG. 5, shown is a highly schematic block
diagram of one embodiment of the UVS 12 of the present
invention. As previously discussed in FIG. 1, the AUD 2
transmits tone signals to the central switch which routes the
tone signals to the appropriate UVS 12. As shown in this
figure, the UVS 12 includes a processor 802 in electrical
communication with a receiver 804 which receives the tone
signals from the AUD 2 and decodes them, a transmitter 806
which transmits signals to the network 808, and a variable
amplifier 818 which corrects received signals. The processor
802 is also in electrical communication with a correction
device 808, an analyzer device 810, and a timing device 814.
A memory module 816, typically including RAM and ROM,
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is in electrical communication with the processor 802 and
stores data represented by the tone signals received. The
tone signals comprise data representing the user’s speech
file, as described below, along with data representing the
user’s identifying information and pin. In another embodi-
ment of the invention, the processor 802 can include ana-
lyzing capabilities, correction capabilities and the ability to
generate a timing signal.

As shown 1in the table below, the UVS 12 stores the speech
file, personal identifying data, and pin. As shown, the AUD
device number is stored, as well as the user type, e.g.
whether the current user is a primary or subordinate. The
access number and the primary user’s telephone number is
recorded, as such information can be used to preliminarily
screen the user. For example, if the user is calling from his
home phone, the likelihood of fraudulent use of the AUD is
low, in contrast to when a user is calling from a pay phone
geographically distanced from his home phone. The user’s
name and language are also recorded. At least two user
speech files are recorded, each speech file containing a
different password or passphrase, in the event that the UVS
12 chooses to rotate the passwords or passphrases that must
be spoken by the user prior to authentication. Also recorded
is identification data, which includes the user’s previously
recorded responses to identification questions. This data is
useful, as further described in FIGS. 7B-1 and 7B-2, to
authenticate a user when voice verification is problematic.
Data relating to the subordinates are also stored, particularly,
their name, any restrictive access requirements placed
thereon by the primary, at least two speech files, and
knowledge data, as described above. Similarly, if voice-
verification is problematic, the knowledge data can be used
to authenticate the subordinate.

TABLE II

USER DATA FIELDS

Field Sample A/N/b  Source Bytes Rec’d
Application 1A B AUD 3 Registration
Device or 1234567890ABC B AUD 12 Registration
Number

User Type Primary N AUD 1 Registration
Source 12334567AA B AUD 10 Registration
Primary 2127210332 N AUD 5 Registration
User Home

Primary Jones A AUD 3 Registration
Name

Primary Lee A AUD 3 Registration
Name

Primary Ms A AUD 1 Registration
Name

Language 1 N AUD 1 Registration
Age ADULT A AUD 3 Registration
Speech File DATA AUD/ 100 Registration
No. 1 uvs

Speech File DATA AUD/ 100 Registration
No.2 uvs

Knowledge 3228 N AUD/ 2 Registration
Data Q1 uvs

Knowledge 212 N AUD/ 2 Registration
Data Q2 uvs

Knowledge December N AUD/ 2 Registration
Data Q3 uvs

Knowledge 10023 N AUD/ 2 Registration
Data Q4 uvs

Knowledge 5 N AUD/ 1 Registration
Data Q5 uUuvs

Knowledge 73 N AUD/ 2 Registration
Data Q6 uvs

Knowledge November N Uvs 2 Registration
Data Q7
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TABLE II-continued

USER DATA FIELDS

Field Sample A/N/b  Source Bytes Rec’d
Knowledge January N Uvs 1 Registration
Data Q8 uvs
Access 18004782642 N AUD/ 15 Manufacture
Number Uvs
Restriction A2 N AUD 3 Registration
Subordinate
Subordinate Carl A AUD 3 16
Name
Restriction A2 B AUD 3 ADD
(Primary)
Language 1 N AUD 1 ADD
(Primary)

Age CHILD A AUD/

uvs
Speech File data AUD/ 100 ADD
No. 1 uvs
Speech File DATA AUD/ 100 ADD
No. 2 uvs
Knowledge 3228 N AUD/ 2 ADD
Data Q1 uvs

Referring again to FIG. 5, the processor 802 in electrical
communication with a receiver 804, receives decoded sig-
nals from the receiver 804 and determines if voice-related
data is represented thereby, i.e. if the tones represent the
speech file. As previously stated, the speech file includes a
password or passphrase or a multiplicity of passwords or
passphrases, previously spoken by the user and recorded in
the AUD 2. Unfortunately, the transmitted tone signals are
sometimes distorted in amplitude while traveling through
the transmission channel, when received by the receiver 804
at the UVS 12.

To correct for such distortions, the AUD 2 communicates
with the processor 802 on the system to compensate for the
degree of amplitude distortion that takes place when tone
signals are transmitted to the UVS 12. In one embodiment
of the invention, the channel is normalized by the AUD 2
transmitting the speech file as a first plurality of standard
tone signals to an intended UVS 12. The standard tone
signals are a plurality of signals forming a spectral repre-
sentation of the frequencies typically embodying a user’s
voice. The UVS 12, upon receipt of such signals compares
the signals received with signals previously stored in
memory module 816 that are representative of the user’s
voice to determine if any frequency or amplitude deviations
have occurred during transmission. Amplitude deviations
are typically more common than frequency deviations, and
are generally a function of the distance an analog signal is
transmitted over copper cable without amplification. In
another embodiment, the AUD 2 transmits tones that enable
the UVS 12 to normalize the channel. In one embodiment,
the tone signals preferably have a predetermined amplitude
that is known to the UVS 12. The UVS 12, upon receipt of
such tone signals simply compares the received signal to the
expected signal to determine the degree of distortion.
Similarly, in yet another embodiment of the invention, the
AUD 2 transmits normalizing tone signals during the inter-
digit periods 512 or pauses, previously described above.

In each of the above-described embodiments, in the event
that amplitude deviations have occurred, the variable ampli-
fier 818 in electrical communication with the processor
generates amplification gain factors that compensate for the
deviations in the amplitude of each of the plurality of tones
transmitted. The compensation gain factors are thus stored in
the memory module 816 for subsequent use to correct the
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tone signals representing a password or passphrase spoken
into a microphone by a user. The user-verification processor
802, upon receipt of the signals representing a password or
passphrase, amplifies the signals using the gain factors, and
achieves an accurate representation of the user’s voice prior
to performing user-verification.

Referring to FIGS. 6A, 6B, and 6C, illustrated are graphs
showing the process of correcting tone-signals representing
voice-related data in accordance with the first embodiment
of the invention for normalizing the channel, described
above. The graph of FIG. 6A represents the tone signals
transmitted from the AUD 2 to the UVS 12 representative of
stored voice-related data. The frequency and amplitude of
the signals in the graph of FIG. 6A are known to the UVS
12. Note that the tone signals represent a portion of the
frequency spectrum in which the user’s voice typically
appears. The graph of FIG. 6B represents the distortion
affecting the tone signals in the graph of FIG. 6 A, and shows
the distortion of the tone signals upon receipt at the receiver
located at the UVS 12. Also shown in this graph are the level
or amplification gain factors, G1-G8, that are applied to the
tone signals of graph of FIG. 6B by the UVS to compensate
for the distortions in the amplitude levels. In the graph of
FIG. 6C, the amplification gain factors amplify the tone
signals in the of graph of FIG. 6B so that they reach the
amplification levels of the tone signals shown in the graph
of FIG. 6A. The amplification gain factors are stored in the
memory module 816 of the UVS 12 for later application in
the correction device, thereby compensating for any signal
distortions in a later-received live voice sample.

Notwithstanding the above process of correcting tone
signals as described above, referring to FIG. 2A, the AUD
2 may also re-test the generation of tones to insure that the
tones have a correct tone signal level. If the desired output
level was not achieved, the microprocessor 104 repeats the
calibration sequence. In one embodiment, when it is
detected that a tone signal level fails to achieve the pre-
determined level, e.g., desired signal level after one or more
attempts to adjust the output level, the AUD 2 indicates a
“don’t use” condition on a display device 202.

Referring to the flow chart of FIG. 7A, the process by
which tones reach a UVS 12 is shown. As shown in step S2,
operation is typically initiated when the caller activates the
AUD 2 to transmit a signal into the telephone handset 121,
via a modem associated with a computer 6, or via a pbx
switch 4. Alternatively, the user may call a number associ-
ated with a service, and then activate the AUD 2. Upon
activation, in step S4, the AUD 2 transmits an access number
in the form of tone signals over the network to a central
switch 8. The tone signals typically include an alert tone
signal and a destination data signal using standard DTMF.
The tones are received at the central switch 8, shown in step
S6, and the tone demodulator 515 demodulates the tone
signals. In step S8, a processor 518 associated with the
central switch 8, determines if the alert tone is recognizable.
If the alert tone is recognizable by the processor 518, the
tone signals are directly routed to the intended UVS 12 as
shown in step S11. If the alert tone is not recognizable at the
processor 518, as shown in S9, the central switch 8 routes
the tone signals to a public switching network switch in step
S10. In this step, the switch recognizes the destination data
and routes the tone signals to the UVS 12 over local and/or
long distance carriers. The tone signals eventually reach the
UVS 12 as shown in step S11, where preliminary screening
for fraudulent users is initiated in step S12. In this step, the
UVS 12 examines the access number used by the AUD 2 to
reach the UVS 12 and determines whether this access



6,014,441

21

number has already been used within a predetermined time
period set by the UVS 12, typically one day.

As stated above, an algorithm is used in the AUD 2 to
increment an original, or seed access number so that the
AUD 2 dials a different access number with each successive
use. In the event that a fraudulent user has tape recorded the
tone signals comprising user’s access number, which can
occur for example, if the user used his AUD 2 with a cellular
telephone, the fraudulent user will have picked up the
AUD’s last used access number. The comparison in step S12
allows the UVS 12 to detect this. In the event that the access
number has been used within the predetermined time period,
control goes to step S39 shown in FIGS. 7B-1 and 7B-2. If
the comparison indicates that the access number used by the
AUD 2 has not been used within the predetermined time
period, in this embodiment of the invention, control goes to
step S13. In this step, the user is prompted to indicate the
service he/she desires to access. For example, the user may
indicate via the digits on the telephone keypad or by voice,
that he/she wishes to access a service, such as a bank, the
internet, or database. The UVS 12, depending on the service
required, will adjust the degree of stringency required, as
shown in step S14. This is further described as the percent-
age match, in steps S33, and S35 shown in FIG. 7B-2. After
performing an adjustment, control is routed to step S15 in
FIG. 7B-1.

Referring to the flow chart of FIGS. 7B-1 and 7B-2, the
user-authentication system verifies the validity of the user by
performing the following steps. In step S15, the AUD 2, in
one embodiment of the invention transmits standard tones
that are representative of the portion of the frequency
spectrum in which an authorized user’s voice typically lies,
to normalize the channel. As stated above, in other
embodiments, the tone signals comprising the access num-
ber or the tone signals transmitted during the inter-digit
periods between dtmf signals can be used to normalize the
channel. In step S16, the UVS 12 receives the tones and in
step S18, a processor 802 at the UVS 12 generates ampli-
fication factors for each of the standard tones and stores
them in the memory module. In step S20, the AUD 2
transmits tone representing voice-related data, previously
described in FIG. 4B as the speech verification file. In step
S22, the processor 802 at the UVS 12 retrieves the ampli-
fication factors stored in a memory module 816 and the
correction device corrects the amplitude of the received
tones. In step S24, the processor 802 accesses the timing
device 814 which generates a timing signal which is stored
in the memory module 816. In step S26, the processor 802
via the transmitter 806 then transmits a request to the user,
requesting the user to speak a password or passphrase into
the telephone handset. As also shown in this step, the
transmitter 806 transmits the timing signal, however this
transmission occurs after the request signal has been
transmitted, so that receipt of the timing signal by the user
approximately coincides with the time that the user will
speak the password or passphrase. If the user is accessing the
UVS 12 through a telephone, the request signal is transmit-
ted as an operator’s voice through the handset 121. If the
user is accessing the UVS through his/her computer 6, the
computer monitor will provide a visual request directing the
user to state a password or passphrase into the microphone
attached to the computer 6. Alternatively, if the user has a
multi-media computer system with audio capability, an
audible request can also be generated as an operator’s voice.
As an added measure of security the request signal can ask
the user for non-voice information, for example, the request
can ask the user to enter his/her personal identification
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number (“pin”) by pushing the buttons on a touch-tone
phone, or by entering the numbers from a keyboard.

As shown in step S28, the user speaks a password or
passphrase into the microphone causing signals related to
the user’s voice to be transmitted to the UVS 12. In addition
to the tone signals, the timing signal is transmitted back to
the UVS 12. In step S30, the correction device 808 at the
UVS 12 performs amplitude correction on the tone signals
representing the live voice-related data. As shown in step
S32, the processor 802 after receipt of the corrected tone
signals, transmits the corrected tone signals to the analyzer
device 810 where voice verification takes place. To perform
voice-verification, the processor 802 communicates with the
memory module 816, and directs the memory module 816 to
transmit the stored voice-related data (via the processor) to
the analyzer device 810 which compares the voice-related
data with tones related to the live voice sample representing
the user’s password or passphrase, referred to as speaker-
dependent recognition. The analyzer device 810 then deter-
mines if the stated password or passphrase is the same as the
password or passphrase stored in the memory module 816.
The analyzer device 810 also determines if the voice fre-
quencies representing the user-stated password or pass-
phrase are the same as those stored in the memory module
816. The match is determined based on a range of
0%—-100%. Typically, if the likelihood that the tone signals
match the stored voice-related data is above 80%, the user
is considered authorized. Of course, other factors such as the
degree of noise in the channel, often a problem when the
user is calling from a cellular phone, can result in the
stringency of the match being reduced to a lower percentage,
for example 60%. On the other hand, the security require-
ments imposed by the service can require the stringency of
the match to be adjusted such that it is closer to 100%, for
example, when a user is calling a bank to accomplish a wire
transfer. Additionally, stringency requirements may be
heightened in the event that the user has been impersonated
before by a fraudulent user. Still other factors may warrant
reducing or increasing the percentage of the match.

Should the analyzer device 810 determine in step S35 that
the match lies in an uncertainty range, which in one
embodiment, is typically between 60%—80%, the analyzer
device 810 will ask the user knowledge based questions,
referred to as speaker-dependent recognition, as further
described in step S38. If the user correctly answers many of
the knowledge based questions asked in step S38, control
goes to step 34. If the user answers many questions
incorrectly, control goes to step 39, indicating that the user
is not authorized. If in step 35, the analyzer determines that
the match percentage is below 60%, the user is considered
unauthorized, as set forth in step S39.

As indicated in step S34, to perform time-verification, the
processor 802 communicates with the memory module 816,
and directs the memory module 816 to transmit the stored
timing signal (via the processor) to the analyzer device 810
which compares the stored timing signal with the timing
signal received with the user’s password or passphrase, to
determine if the two signals match. Note that this match
should be close to 100%. Determinations from step S33 or
S38, along with the determination from step S34, are sent by
the analyzer device 810 to the processor 802, where in step
S36, the processor 802 determines whether the analyzer
device 810 found both the tone signals related to the live
voice sample and the timing signal as matching those stored
in the memory module 816. Upon making a determination
affirmatively, the processor 802 indicates to that the user is
authorized, as set forth in step S40. If one of the signals did
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not match that stored in the memory module 816, the
processor indicates that the user is not authorized, as set
forth in step S39.

In the event that the user is not authorized due to the
likelihood of a match falling in the 60%-80% range as
shown in step S32, the UVS provides further authentication
measures, and the analyzer device 810 asks knowledge-
based questions as shown in step S38. However, in an
alternate embodiment, depending on the stringency of the
match required by the service, the UVS 12 may not institute
such questions for those users whose voice falls within that
range, instead designating them unauthorized users. In yet
another alternate embodiment, the analyzer device 810 will
initiate knowledge-based questioning notwithstanding a
near 100% voice match. Such an embodiment is typically
used when the stringency requirements of the service require
a higher level of scrutiny before granting user access.

In one embodiment, knowledge-based questions are
stored at the UVS 12, and the UVS 12 selects, in step S38,
a number of questions for the user to answer, the number
being greater when the user’s voice is closer to the 60%
mark. The questions will range from user’s pin, home zip
code, first four digits of phone number, last four digits of
phone number, social security number, date of birth, moth-
er’s maiden name, children’s names, children’s dates of
birth, etcetera. Preferably, the knowledge-based questions
are randomly selected or selected from a circular list, such
that the same question is not repeated within a predeter-
mined number of questions. However, if a user has offered
an incorrect answer to a knowledge-based question, the
UVS 12 marks that question for subsequent repetition,
following at least one intervening question, in an effort to
catch a fraudulent user. If the user fails to answer all of the
questions correctly, the user is denied access to the service
as being an unauthorized user. Note that the user will
typically not be asked his address to protect his privacy,
however, the UVS 12 will be able to ask such a question with
permission from the user, such as when the user says the
word “address”.

Referring to FIG. 8, illustrated are the services accessible
to a user through the user-authentication system of the
present invention. Once the UVS 12 determines that a user
is authorized, the processor associated with the UVS 12
provides a signal to the user telling the user that he/she is
authorized to access a service available through the user-
authentication system and communicates with the central
switch 8. The central switch 8 signals the desired service and
connects the user to the desired service shown as a bank 904,
the internet 906, and an electronic database 908. In one
embodiment, the UVS 12 thereafter remains dormant, and
the user communicates with the service 904, 906, 908
through a communication route established by the central
switch 8.

The foregoing description has been limited to a specific
embodiment of this invention. It will be apparent however,
that variations and modifications may be made to the
invention, with the attainment of some or all of the advan-
tages of the invention. Therefore, it is the object of the
appended claims to cover all such variations and modifica-
tions as come within the true spirit and scope of the present
invention.

The invention that is claimed is:

1. A device for generating a series of tone signal pairs,
each tone signal pair including simultaneously asserted first
and second tones, said device comprising:

a first tone generator device generating a plurality of first

frequency tones;
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a second tone generator device generating a plurality of
second frequency tones;

a first amplifier electrically coupled to said first tone
generator device, said first amplifier amplifying a first
frequency tone to a first signal level and a first fre-
quency tone to a second signal level;

a second amplifier electrically coupled to said second tone
generator device, said second amplifier amplifying a
second frequency tone to a third signal level and a
second frequency tone to a fourth signal level; and

a control device in electrical communication with said
first and second tone generator devices and in electrical
communication with said first and second amplifiers,
said control device controlling said first and second
tone generator devices and said first and second ampli-
fiers to generate a tone group comprising at least two
tone pairs:

a first tone pair of said at least two tone pairs compris-
ing said first frequency tone amplified to said first
signal level and said second frequency tone ampli-
fied to said third signal level; and

a second tone pair of said at least two tone pairs
comprising said first frequency tone amplified to said
second signal level and said second frequency tone
amplified to said fourth signal level, said first signal
level differing from said third signal level and said
second signal level differing from said fourth signal
level,

wherein said first tone pair is related to the transmission
characteristics of a first type of microphone, and said
second tone pair is related to the transmission charac-
teristics of a second type of microphone.

2. The device of claim 1, wherein said first type of
microphone is a carbon microphone and said second type of
microphone is an electret microphone.

3. A method of generating a dual tone multi-frequency
(“DTMF”) signal, comprising the steps of:

generating a plurality of first frequency tones;

amplifying said first frequency tones to generate a first

frequency tone signal having a first signal level, and a

first frequency tone signal having a second signal level;

generating a plurality of second frequency tones;

amplifying said second frequency tones to generate a
second frequency tone signal having a third signal level
and a second frequency tone signal having a fourth
signal level;

combining said first frequency tone signal having said
first signal level with said second frequency tone signal
having said third signal level to form a first tone pair,
wherein said first signal level differs from said third
signal level;

combining said first frequency tone signal having said
second signal level with said second frequency tone
signal having said fourth signal level to form a second
tone pair, wherein said second signal level differs from
said fourth signal level;

relating said first and third signal levels to transmission
characteristics of a carbon microphone;

relating said second and fourth signal levels to transmis-
sion characteristics of an electret microphone; and

outputting a tone group comprising said first and second
tone pairs.

4. A system for using a series of tone signal pairs to

compensate for impairments associated with a telephone
microphone, comprising:
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a tone generator adapted to interface with a telephone
handset, for generating and transmitting to the handset,
a first tone pair and a second tone pair, said first tone
pair comprising a low frequency tone having a first
amplification level and a high frequency tone having a
second amplification level; and said second tone pair
comprising a low frequency tone having a third ampli-
fication level and a high frequency tone having a fourth
amplification level; wherein said first and second
amplification levels compensate for impairments asso-
ciated with a carbon microphone, and said third and
fourth amplification levels compensate for impairments
associated with an electret microphone; and

a compensating module disposed on a network in com-
munication with said tone generator for receiving said
first and second tone pairs, and compensating for
impairments associated with a microphone disposed
within the telephone handset.

5. The system of claim 4, further comprising:

a first memory module in communication with said tone
generator and said compensating module, for storing
said first, second, third and fourth amplification levels.

6. The system of claim 5, further comprising:

a module for retrieving said first, second, third and fourth
amplification levels from said first memory module,
and transmitting said first, second, third and fourth
amplification levels to said tone generator.

7. The system of claim 4, further comprising:

an authentication device coupled with said tone generator
for storing data relating to a user assigned to said
authentication device.
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8. The system of claim 7, wherein said data includes the
user’s telephone number.

9. The system of claim 4, said compensating module
receiving data relating to a user of the telephone, said data
including the user’s telephone number.

10. A system for using a series of tone pairs to compensate
for impairments associated with a telephone or computer
console microphone, comprising:

a tone generator for generating a plurality of tone pairs,
each of said tone pairs comprising a high frequency
tone and a low frequency tone, each amplified to
differing amplification levels; and

storage for storing said amplification levels and data, said
data including telephone numbers,

wherein said differing amplification levels compensate for
impairments in a microphone.

11. The system of claim 10, wherein said amplification
levels compensate for impairments in a carbon microphone.

12. The system of claim 10, wherein said amplification
levels compensate for impairments in an electret micro-
phone.

13. The system of claim 10, wherein said plurality of tone
pairs comprises a first tone pair and a second tone pair.

14. The system of claim 13, wherein said first tone pair
comprises a low frequency tone having a first amplification
level and a high frequency tone having a second amplifica-
tion level; and

said second tone pair comprises a low frequency tone
having a third amplification level and a high frequency
tone having a fourth amplification level.
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