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& (57) Abstract: A system and method for managing telephone calls is disclosed. The system includes a central controller that re-

WO 2

ceives and processes telephone calls. The identity of a caller is first determined. Based on predetermined settings designated by an
end user, a call is directed to one or more telephones of the end user. Preferably, the end user's telephones ring simultaneously. The
user may answer any of his/her telephones and choose from among several options of how to handle the call. If the user chooses to
answer the call, the call may be transferred to that telephone and the conversation may commence.
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METHOD AND APPARATUS FOR MANAGING TELEPHONE CALLS

FIELD OF THE INVENTION
The present invention relates generally to call processing and, more particularly, to a
system, method, and computer program product for processing and managing

communications over network based servers operating over IP protocols.

BACKGROUND OF THE INVENTION

Voice telephony and communications today is geﬁerally provided to subﬁcribers via
the publié switched telephone network (PSTN), wireless cofnmunicatiohs networks, and the
Internet, which can carry telephone calls between PSTN gateways, from end user to end user,
or between an end user on the Internet and an end user on the PSTN or wireless network.

The process of setting up telephone calls for the PSTN is well known and has used
"out of band" communication over the SS7 (“Signaling System 7). Generally, SS7 signaling
uses a network and protocol that is separate from the netwofk over whi;:h voice frafﬁc flows
and is used to control switcheé, such as én ATv&T ESS #4 switch, in circuit switched
networks. Additional protocols have been used for the routing of voice data over the Internet,
including International Telecommunications Uniop H.323 Internet protocol and the Session
Initiation Protocol (SIP).

Call processing features, such as call forwarding, have been made available to PSTN
subscribers via SS7 control protocols, and separately to wireless subscribers and VOIP
provi‘ders. In addition, the PSTN has been used to provide one number telephone routing,
pursuant to which a single telephone number is used to reach a subscriber at one of several
telephones. Toil free calling has alsd incorporatéd call routing to multiple telephone number .

based on time of day and other features.
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Systems in the prior art have attempted to provide call processing features. Each of
these prior systems, however, have many disadvantages and/or deﬁciencie’s._ Generally, the
prior art does not generally allow customization down to the individual calier level. For
instance, a system provided by Ring Central, found at www.ringcentral.com, provides call
brocessing features. Ring Central, however, does nor allow settings for each web call to be
customized. Moreover, ring back tones cannot be uploaded for use with their system.
Importantly, calls cannot be recorded, either in their entirety or at a time selected by the user.
The prior art systems also fail to remember the identify of a caller who .hes previously called.
Thus, a caller is forced to identify therrrse]ves each time they call, which causes a significant
inconvenience.

Moreover, Ring Central and other prior art sysrems do not allow a call to be switched
to other phones designated by a user. Though the systems often provide voicemail
capabilities, they do not allow a user to eavesdrop on a voicemail message while it is being
left, or to join in with the caller leaving a voicemail. In addition, prior art systems fail to
allow text to speech screenirrg.

However, there remains a need for systems and methods to provide a comprehensive
communications sollrtion to a subscriber to enable the subscriber to manage communications
via separate subscriber accounts through a single portal and to take advantage of data
networks and real time protocols uSing data networks to the maximum extent possible in
managing communicatiohs_. There is still a further need for systems and methods to interface
with the PSTN and other networks through gateways that allow management of control of
routing through those networks for the convenience of subscribers with accounts on one or

more of such networks.


http://www.ringcentral.com
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SUMMARY OF THE INVENTION

According to the present invention, a subscriber uses a single telephone ntrmoer and
servers' accessible through an Internet portal to manage the routing of communications among
separate communications networks. This is accomplished through a communications system
that exchanges communications, such as calls, pursuant to real time protocols with other
networks, including the PSTN, wireless networks and VOIP networks, atnd that exchan.g‘es

control signals with those same networks through a control protocol, such as the session

’initiation'.protocol (SIP). The communications systems and methods described herein allow

the routing of inbound calls to a single telephone number outbound to oneor more of the
following: a voicemail database; a PSTN telephone number; multiple PSTN telephone
numbers; wireless telephone numbers; VOIP telephone numbers; and other addresses. In |
addition, a caller may initiate an outbound call from the system via the Internet portal to
connect one of the 'subscriber’s telephones to a destination telephone.

According to one embodiment of the present invention, a system for processing calls

includes: a database including configuration information and authentication information for

" users; an inbound controller coupled to an inbound gateway and the database that exchanges

ﬁrst control signals over a session initiation protocol (SIP) with a communications gateway
that generates second SIP control signals based on information in thevﬁrst control signals and
the conﬁguratlon and authentication information; a voicemail database that stores and
retrieveés communications; a routing controller that prompts callers for information and
instructions; an outbound communications controller coupled to an outbound gateway that
exchanges fourth control signals with the outbound gateway and communications via a real
time protocol with the outbound gateway in order tosend the inbound c'onrmunjcation_s
outbound over et least one communi.cations network. The system further includes a switch

coupled to the inbound controller, the inbound and outbound communications gateways, the
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voicemail database and the routing controller. The switch may receive the inbound
communications over a real time protocol from the inbound gateway, exchangé the second
control signals with the inbound controller, and route inbound cornmunicat-ions based on the
second control signals and the routing controller to at least one of the following destinations:
tﬁe voicemail database; and at least one cdmmunicatfons netwgrk by sending outbound
communications via a real time protocol and exchanging third control signals with tﬁe
outbound controller, including routing information relating to the outbound communications.
.According to various embodiments, the switch may route the in‘bound>

communications to the voicemail database and to at least one telephone on at least one of the

- communication networks. In addition, the routing controller may include a state machine

coupled with a script database, which stores a cOnﬁgufablé script‘ used to issue voice prompts
to a caller at one ¢nd of one of the inbound commﬁnicatioris systerh for information
pertaining to the handing of that inbound communication.

According to another embodiment, the present invention comprises a method for
processing calls. The method includes oi)eratively connecting é switch to an inbound
controller, an inbound gateway, an outbound control]'er, and an outbound gateway. First

control signals may then be exchanged over a session initiation protocol (SIP) between the

" inbound gateway and the inbound controller based on inbound communications to gcherate

second SIP control signals based on information in the first control signals and configuration

 and authentication information. The switch preferably receives inbound communications

over a real time protocol from the inbound gateway, and the second control signals are
exchanged with the inbound controller. Fourth forth cohtrol signals are also exchanged
between the outbound controller and the outbound gateway Qia a real time protocol in order
to send the inbound communications outbound over at least one communications network.

Finally, inbound communications are routed based on the second control signals and the
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routing controller to at ieast one of: (i) a voicemail databa;e; or (ii) at least one
communications network by sending outbound communications ba's.ed on the 4inbo-u;1<vi
comm,linjcations to the outbound controller via a real time protocol and exchanging third
contrpl signals with the outbéund controller, including routing information relating to the
outbound communications.

According to another aspect, the present invention comprises a rﬁet_hod for pr.oc.e'ssing
calls. The method preferably includes receiving a call frbm a ca]]er at an origination point on
‘é first neﬁwork, and then exchanging communications signals between the first network and a
second network using a session initiation protocol. Preferably, the cOmmunicativo_ns signals at
the second network are processed using configuration and auth_enticatioh in_formatioﬁ. The
fnethod also includes determining at least one destination.point from a group of destinatioh
points based on the processing and difecting the communications signals to the at the at
least one destination point and, bprior to connecting the caller and the user, notifying a user of
the call from the origination point.

In one embodiment, the notifying s;ep éomprises aliowing the user to select from the
following options: (i) accept the call; (ii) send the call té a voicémail database; (.iii)v accept'
the call and ;ecord the call in a database; or (iv) send the call to the voicemail database
and simultaneously listen to the call. It may be desirable to allow the. call to be directed to
two or more destination points substantially simultaneéusly. Optionally, an audible response
is sent to the origination point based oﬁ the .conﬁ guration information and authentication
informatiox_l. The audible response includes at least one of:.a song (or other MP3); and a
voice recording.

It may be desirable for the group of destination points to compn'sé a group of
telephones. A ﬁser may accept the c>all on at least one telephone after being no_tiﬁed, and

preferably the user has the option to notify each of the telephones within the group of
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telephones of the call. The call may be transferred from a first telephone to a second

telephone when the second telephone indicates acceptance of the call. Altemaiely, the at

least one destination point comprises a voicemail database. The voicemail database:

preferably stores audio data, and is operable to convert the audio data into text data. The text
déta stored in the voicemail database is searchable.

According to another embodiment, a graphical representation of data in the véicemail
database is displéyed on a webpage. The graphical representation includes at least some of:
the name of a caller; the time of the call; the date of the call; a duration of the'voiccmail; and
the location of the caller. Preferably, tﬁe voicemail database is arranged based on a
predeterﬁined order selected by the user. To allow increased accessibility, the datébase may
be accessible from a remote location. Optibnally, a user.can select a link oﬁ the webpage that
connects a’teleph(_)nev selected By the user to the caller. The user can accept the call and
selectively record at least a portion of the ;all. |

According to another aspect, the presept invention comprises another method for
processiﬁg calls. The methqd includes réceiving a call from a caller at an origination point on
a first network, and then exchanging communications signals between the first network and a
second network using a session initiation protocol. The communications signals at the
second network are preferably processed using coﬁﬁguration and authentication information.
Two or more destination points from a group of destination points are also determined based
on the prbcessing. Then,.é signal is sent to each of the two or more destination points -
sub_stantia]]y simultaneously. A user input determines which of the destination points a
communication is established with, A user at the one selected destination point is then
presented with identifying information about the caller and é plurality of options for handling
the call. If the user chooses to accept the call, the user is allowed to transfer the call by -

providing an input that re-initiates the sending step.
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In one embodiment, the present invention queries a first time caller for their iAdentity.
Thereafter, the present-invention is operable to store t'he identity of the caller in a fnérﬁory.
This feature prevents the caller from having to identify themselves each time they call.
Instead, the callers identity, e.. g., their name,v can be provided to the user. If a first time
caller’s number is alrcady in the user’s address book, the present invention will not ask the
caller for their identity. ‘Instead, the present inveﬁtion will >r.ead the: caller’s_ name frofn ithe
user’s address book, e.g., using a text to speech featu.re.- .Preferab'ly, the caller preféfably
hears an Aéudio file pre-selected by the usér after the processing step. The plurality of options
for handling the call include at least one of: sending the éall to a voicemail database and

listening in on the voicemail as it is being recorded; or accepting the call and simultaneously

recording the call. If the user selects the option of listening in on the voicemail, the user can

selectively terminate the voicemail and begin cbmmunicating with the caller by providing an
input. Alternately, the user can send the call to a voicemail database, and the contents of the
voicemail database, e.g., duration of a call, name of the caller, telephone number of the caller,

are displayed on a webpage. It may be desirable for the order of the voicemails displayed on

* the webpage to be customized by the user. If, however, the user chooses to accept the call

after the presenting step, the user can selectively record at least a portion of the call into a
da.tabése.

According to yet another aspect, the present invention comprises a computer program
product for use in a calAl processing system; The system includes a compﬁter readable
medium and computer program instructions, recorded on the compﬁter readabl}e medium, '
execﬁtable by a processor, for implementing a call processing system. The call processing
system includes the steps of receiving a call from a caller at an originatioﬁ point on a first

network and exchanging communications signals between the first network and a second
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network using a session initiation prdtocol, and processing the communications signals at the
sepond network using conﬁguratjon and authentication information.

Two or more destination points frqm a group of destination points are then
determined based on the processing, and then a signal is sent to each of the two or more
destination_point_s. substantially simultaneously. A coﬁImunication is then established with
one selectéd destinatiqn point based on a user input, and a user at the one selected destination
point is presented wkith identifyin'g-infonnation about the caller and a plurality of options for
handling the call. If the user chooses to accept the call, the user can transfer the call by

providing an input that re-initiates the sending step.

BRIEF DESCRIPTION OF THE FIGURES

Further features and ad'van_tages of thevinvention can be ascertained from the
following detailed description that is provided in connection with the drawipg(s) describedb
below: |

FIG. 1 is a block diagam showing an overview of one embodiment of the present
invention;

FIG. 2 is a diagram showing an exemplary webpage according to one aspect of the

~-present invention;

FIG.3isa d_iagram showing another ekemplary webpage according to one aspect of
the present invention;

FIG.4isa diagram showing yet another exemplary webpage according to one aspect
of the present invention;

FIG. 5 is a diagram showing still another exemplary Webpage according to one aspect

of the present invention;
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FIG. 6 is another diagram showing an overview.of one embodiment of the present
invention; and
FIG. 7 is a flow chart showing exemplary steps according to one aspect of the present

invention.

DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS
A drawback of existihg telephone systems, whether switch or packet based, is that the

ealls may"on]y be routed to one destination. That is, it has a single point of origination, and a

single destination. In an increasingly mobile society, exieting telephone eystemé simply fail

to provide the accessibility that consumers desire. To overcome this and other disadvantages,

the present invention comprises a system for processing calls. The system allows, for

example, a call to be routed to one, or even multiple, destinations. In additipn, the system
allows the calls to be filtered and manipulgted ina vériety of manners discussed below in
detail.

SYSTEM ARCHITECTURE_ '

According to one aspect, the preeent invention may employ a variety of types of
hardware and software. The software may be writtex_x in any computer language known to
those skilled in the art. Moreover, combinations of different lahguages may‘be used, sueh as
C, FORTRAN, JAVA, HTML, and the like.

The hardware that may be used in cembination with the present invention includes
precessors,_memory, e.g., random access memory (RAM) and read;only memory (ROM),
flash memory, and the like, and input devices, e.g., a keyboard, mouse, and the like. The
present invention may also include a display device, e.g., a screen, and reuters and switches.
The different hérdware is preferably‘operatively' connected. Acéording to one aspect, the

hardware may be enclosed within a housing, such as a computer or the like.
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In alternate embodiments, the present invention may also include any computer

readable medium, including, but not limited to, a computer disk, a CD-RO_M,V ﬂash memory,

RAM, ROM, or any other computer readable medium known to those skilled in the art. It is

desirable for the compﬁter readable medium to include computer program instructions
fecorded thereon.. A processor is preferably operablevto execute the computer program
instructioﬁs in order to implement the present invention. |

In one embo.diment, the presént invention uses a combination of hardware and
software to route a call from a first network, e.g., a traditional switch based nétwork, e.g., the

PSTN, over a packet based network, e.g., the Internet. Skilled artisans will recognize,

* however, that a call may originate from any type of network. For instance, in another

embodiment a call may originate from a wireless netwbrk, e.g., a cellular or satéllite based
network. Altema_tely, the call ‘may originate from a packet based ﬁetwork, e.g., the Internet,
using a communications apparatus that employs Voice over Internet Protocolx (VOIP). |
Regardiess of the origin of the call, it is prefe_rably routed to a packet based network, unless it
originates from the packet based network, as mentioned above. From the packet based
network, the call may be directed to several different endpoints, preferably simultaneously.
The endpoints may residé on a switch based network, a f)acket based network, or even a
wireless network, e.g. a cellular telephone network or a satellite based network.

FIG.1lisa b]ock diagfam showing an overview of one exemplary embodiment of the
présent invention. In one .e_mbodiment, the system includes an inbound controller 10 that is -
operatively connected to a packet based network. The inbound controller 10 may comprise a
session border controller (SBC). It may be desirable for the SBC to utilize open source
software, although other types of proprietary software may Be used. The system also includes

a substantially similar outbound controller 12 that functions in a substantially similar manner.

10
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The _inbound controller 10 may be operatively connected to an inbound gateQéy 14.
The inbound gateway 14 is preferably operatively connected to both a switch based néMOrk
and the packet based network. These gateways, which are well known to those skilled in the
art, preferably function as an interfage between the switch based network and the packet
based network, and allow signals to pass between the two.” A similar outbound gateway 16
may be operatively connected to a switch based network at gnother-point.' The 6utbdund
gateway 16 may also be operatively connected to the onfbound controller 12 in order to route
"communi'vcations signals to a desir_ed destination.

As shown in FIG. 1, the present invention also inéludes a database 18 that includes

configuration and authentication information for users. The database _18 preferably includes a

variety of configuration information. The configuration information may be used, for

example, to determine where to route a particular call. The routing ofa cal.l may be based on
many factors known to skilled artisans, 'such as the eventual destination of the call, where the
call originated, network traffic, open routers or s-w'itches, and the like.

The database 18 also includes authentication information, which allows the present
invention to filter authorized éallers from unauthorized callers. For instance, in one aspecf of
the present i»nvention it may be desirable to direct authorized calls directly to a user, while
unauthorized, or unrecognized calls are directed tq an operator. -Alternately, the
authentication database 18 allows calls to be filtered so that calls that are designated as
undesirable, e.g., telemarketers, can be pre\;ented from reaching an intended recipient.

Calls may also be filtered based on their phone number. That is, a user may prc-select
how ihey want the system to handle a call from a particular phone number. When that phone
number attempts to reach the user, it is then handled in the desired manner. A user may also
designate two of more phone numbefs into a grdup. The user may then predetermine how

they want all of the calls in a particular g_foup to be handled. For instance, it may be desirable

11
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to group all telephone numbers from a user’s family into a “family” group whose calls and
voicemails may be customized or prioritized.
The system also includes provisions for diverting calls when a user is unavailable.

According to one aspect, the diversion is implemented using a voicemail database 20. The

"database 20 preferably stores data, e.g., voice data, in a digital format. When desirable, a

user may access the dgtabase 20 using a packet based network, a switch based network, or a
wireless network.

It is preferable for the inbound controller 10-and inbound gateway 14 to be
operatively connected to a central controller 22.- Tﬁe central controller 22 may prompt callers
for information and instructions, e.g., their name, purpose of the call, etc. The centfal
.controller 22 may also be operable to receive the inboﬁnd communications ovef areal time
protocol from the inbound 14 énd outbound gateways 16. Then, tﬁe central controller 22 may
exchange control signals with the inbound controller 10 in order to route thg inbound |
conjmuhications based on these control signals;

In one embodiment, the centra] controller 22 preferably includes a switch 24, e.g., a
softswitch. The central controller 22 also preferably includes a routing controller 26 and may

optionally include an additional database 28 to which information may be stored, and from

- which information may be retrieved. According to one aspect, the central controller 22

preferably communicates wifh the inbound 10.'and outbound controllers 12 using the session
initiation protocol (SIP). »According to other embodiments, however, the present invention '
may also be used in combination with User Datagram Protocol (UDP), Transmission Control
Protocol (TCP),' Asynchronous Transfer Mode (ATM);, and the like.

As mentioned above and illustrated in FIG. 1, the cer;tral controller 22 may direct
communications signals to 6ne, or multiple destinations. In one aspect, the communications

signals (and thus the call) are directed to at least one of two destinations. The first possible

12
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destination may be the voicemail database 20. The second destination may be a
communications network such as a switch based neMork, a packet based network; ora
wirelesS network. The second destination is determined by sending outbound
communications based on the inbound communications to the outbound controller 12,
preferably via a real time protocol (RTP). In doing so, control signals are eéxchanged with the
outbound controller 12, including routi'ng informdtion relating to the outbound

communications.

EXEMPLARY FEATURES OF THE PRESENT INVENTION

Aecording to one aspect, the system described above allows the'pres_ent invention to

implement various features. Several exemplary features according to one aspect of the

present invention are described below. These features are not intended to ltmit the present
invention in any way, and represent a sample of the many features that may be imnlemented
in conjunction with the system of the present invention. Additional features known to those
skilled in the art, either alone or in combination with the features described beloW; may be

implemented as desired.

Record/Read On The Fly

According to one embodiment, a user may record a telephone eonve_rsation at any
time during the convereation. The recording may be started, stopped, and restarted at any
time. The recording of the eonversation is preferably stored on a database of the present
invention. The specific.database chosen may vary. In one embodiment, however, a database
operatively connected to the central controller may be used. If a user is telking ona
telephone, it is desirable for the recotding to be étarted and stopped by having the user

provide an input using a specific button, e.g., the four key “4” on a touch tone keypad.

13
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Customizet{ Ring Tones on Ring Back

One embodiment of the present ‘inyentibn may include the ability‘té customize the
ring tone that is audible to the caller (aka ring back tone). That is, a user may designaie a
barticular song, tone, or other audible signal that shoﬁld be played for a caller. Thus, when a
designated ca]ler.dials_ a user’s phone number, the caller will hear the ring back tone that has
been selected for them by the user: The ring back tone méy include a recording, e.g., a user’s
voice, or it may include a song. Various ring tones, preferably in MP3 format, may be
chosen or uploaded to the system of the present invention. It is desirable for ring back tones
to be selected for each individual caller that a user designates. In the evgnt that a riﬁg baCk

tone has not been selected for a caller, a default ring back tone may be selected. According to

. another embodiment, the present invention also allows a customized ring back tone to be

assigned on a group basis. Thus, a user may define two or more telephone numbers as

. belonging to a particular group. The user may then select a desired ring back tone to be

played anytime a caller from that group attempts to reach the .user.
The present invention does not have to be limited to one ring back tone for each caller

or group of callers. The user may select two or more back ring tones that can be played for a

~ particular caller. A ring back tone may be randomly selected from the group of two or more

ring back tones when the particulai' caller or group of callers attempts to reach the user.
Optionally, the ring back tones may be played for the caller in a predetermined order selected
either by the user or a computer program that automatically selects one of the group of ring

back tones to be played.
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Selective S cfeening

It is desirable for a user to be able to select ﬁ‘ém several opfions for routing an
inqomihg call. To begin, the incoming call is held at the central controller. The central
controller may then call the telephones designated by the user. When a user answers the
telephone of their choice, they are presented with the identity of the caller and several options
for handling the call. For instance, acéording to §ne embodjment, a call can be screeﬁéd in
one of four ways. First, a user may choose to accept a ééll, in which case the call will be
routed to Ithe telephone that the user ansWered. If the usgr.chooses not to abcept the call, they
may choose to send the call directly to voicemail. In thiS scenario, tﬁe(central cbntroller

routes the call directly to voicemail. A call may also be routed directl_yv to voicemail if a user

chooses not to answer any of the phones they have designated, or a user may set a rule that all

calls from a particular caller are routed directly to voicemail, in which case the designated
phones of the user may not ring at all.
It is also preferable for the user to have other options for screening a call. A third

option may be, for example, to accept the call and record it.- As mentioned above, of course,

" the recording may be started and stopped at any time. However,‘_by selecting this option the

call will be recorded as soon as it is initiated. A caller may later stop the recording if desired.
The user may also'choose to send the call to voicemail, and simultanéously eavesdrop on the
voicemail. Using this option, a user may hear the message that the caller is leaving on the
voicemail, but the callér may not hear the uéer. One advantage of this option is that a user
may determine the importaﬁce of the call, and whether or not they would like to speak with
the céllcr. If, by listening to the voicemail as it is being recorded, the user dgtermines that
they want to speak to the caller, the present invention allows the user to'éut into the call and
speak with the ;:aller. A caller may bredetermirie whether they want the voicemail recording

to end when they decide to cut into acall. This feature may be implemented, for example, by
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requiring the user to press a specific button, e.g., the star key “*,” in order to cut into the call.
Skilled artisans will recognize that a variety of methods may be used to cut into the call. For
instance, other buttons or combinations of buttbns, voice commands, and the like may be

used to implement this feature.

Call Switch Between Phones

It is often désirable to switch a call from one phone to another. The phones may be
located on the same, or different networks. This feature is advantageous if, fér example, a
user is talking on their cellular telephoﬁe, and they ‘want to transfer the call to their home
telephone. Using the system of the present invention, a user can implement the cali transfgr
feature by taking a specified action, e.g., pushing a buﬁon ona touch tone pad 6f their
telephone. v When the feature is implemented, each of the other dein gnated telephones will
ring. While the other telephones are ﬁngiﬁg, the call is preferably still 'conpe#:ted-to the
telephohe on which the user was originally ta_]king. When another designated telephone is
answered, the call may then be_ disconnected from the original telephone, e.g., the cellular
telephone, and transferred to the new telephone, e.g., the home telephone.

In an alternate embodiment, the call does not have to be connected to the original

* telephone, e.g., the cellular telephone, when the feature is implemented. That is, when the

feature is implemented by the user, the call méy be disconnected from that telephone. The
other designated telephones may then ring, and the user may choose which phone to answer.
When the user answers the new telephone, e.g., the home telephone, the call may be

connected to that telephone.
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Voicemail 4

As discussed above, the present invention inciudes a v_oiceﬁ)ail database. One
embodiment of the present invention includes the ability to manipulate the voicemails stored
on the database in a variety o‘f ways. One feature of the present invention allows the
voicemails to be fast forwarded, rewound, paused, or stopped. A user may also designate a
priority for each caller, and their related voicemﬁil. Thus, 1f a caller knows that a pal;tiéﬁlar'
caller is a high priority, they may designate the caller as ;uch. Then, when the high priority
caller lea\/es one or more voicemails, thely will be played before other voicemails that are of a
lesser priority to a user. | |

This feature of the present invention is particularly adv_antageoﬁs when a user is

accessing their voicemail from a telephone because it prevents a user from having to sort

through and listen to multiple voicemails that may not be impb_rtant to the l_lsér. The
voicemails may be “ranked” according to any desired criteria. Examples of criteria that‘ may
be used to rank voicemails include, but are not limited to, the frequency of the calls, the |
importance éf a caller, voicemails designated urgent by a caller, and the like. Uéing this
feature of the present inventic;n, a user can quickly acceés their V_oicemail box and any high
priority voicemails without delay.” As will be recognized by skilled artisans, multiple tiers of
pﬁoﬁty may be predetermined by a user. Any voicemails stored in tﬁe database may then be
played back to the user in that order.

The present invention also includes"the ability to access voicemaibls via a webpage, as
shown in FIG. 2. The webpage preferably presents a list of voicemails and prqvides

identifying information, such as the callers name, timestamp, date, phone number, duration of

the voicemail, city in which the call originated (by area code), and the like. The voicemails

may optionally listed in a desired order, for example, by the time they were recorded, by date,
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according to predetermined groups, énd the like. In this manner, a user may view the entirety
of_ his/her voicemails and select which ones they want to listen to.

In one embodiment, a user may lislten to a voicemail by selecting of “clicking” on a
link within the webpage. After selecting the link, the voicemail will begin to play, as
il]ustrated in FIG. 3. When a user has finished listeniAng to the voicemail, they may close the
Qoicemaii and return to the list. The voicemails may be saved, deleted, forwarded, and the
like. One advantage of the present invention is that the voicemails are stored in a voicemail
database that is preferably operatively connected to the central controller 22. The links to the
voicemails provided on the webpage dé not forward a copy of the voicemail itself. Rather,
the link piays the voicemail directly from the database. Even when a voicemail frofn the’
webpage is forwarded to another person, the link still-blays the voicemail direc;ly from the
database. In this manner, a usér may delete a voicemail from the database in order to prevent

it from being accessed by anyone who has a copy of the link.. In other words, anyone who

_has a copy of the link will be prevented from listening to.the voicemail after a user has

deleted it from the database.
According to another aspect of the present invention, the voicemail database may also

include a transcript of each voicemail. This may be implemented using any speech to text

~software and/or hardware known to those skilled in the art. The voicemail transcript may

then be searéhable, e.g., by keywofd. This may be useful to professionals, such as lawyers
and.doctt.)rs, who need to.éccurately recall the contents of a conversation or voicemail.

In another embodiment, a voicemail may bé forwarded to another person so that they
can access the voicemail at any timg. This is preferably implemented by forwarding the code
that accesses the voicemail database. The code may comprise a link, e.g., a HTML link, that
may be cut and pasted into an email or webpage. Those skilled in the art will recognize that

the code is message specific, i.e., each voicemail has a unique code that only allows access to
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that particu];u voicemai]. The present invention also prefe;ably includes the ability to return
a call from the webpage listing of voicemails. As shdwn in FIG. 2, the voicemail includes a
“call” button that may be selected by “clicking” on it. When a user selects the call feature, a
popup appears that allows a user to makc the call from one of the user’s designated
telephones, or anéther uﬁdesignated telephone number, as shown in FIG. 4. Once the user
selects which telephone.they would like to place .the call from, the systexﬁ‘ of the preséﬁt
invention initiates a call with caller, as shown in FIG. 5. .The selected phone will then ring,
énd the callers phone will also ring.

It may be desirable for the user’s phone to ring ﬁfst, with the caller’s phéne ringing

after the user has picked up their own phone. This may prevent a caller from picking up the

phone before the user has picked up their phone. Alternately, both phones may ring

substantially simultaneously to reduce the delay in connecting the call. If the caller picks up
before the user picks up, the caller may be presented with a recording that asks them to wait

for the user to be connected.

Customiéed Treatment of Cailers

The present invention includes the ability to customize the way a caller is treated.
Thus, a user may set up a series of rules for each qaller. As dischssed above, ia user may set
up a ring tone or specific message that a caller hears when they dial the user’s number. In
addition, the user may set up a speéiﬁc voiéemail greeting for each user. Moreover, a user
may select the telephones tﬁat ring when a specific user calls. For instance, a user méy want
all of’ his/her designated phones to ring when his/her boss calls. However, when a call is
received from the user’s friend, the user may only want the call to go to his/her cellular -

telephone, or alternately, directly to voicemail during business hours. In this manner, the

19



10

15

20

25

WO 2008/130690 PCT/US2008/005118

present invention allows each aspect of the call, from the ring back tone, to the phones to

which acall is directed, to the voicemail greeting, to be customized for each individual caller.

Calls Multiple Numbers Simultaneously

The system of the present invention preferably allows a call to be directed to multiple
destinations, if desirab]e to a user. As such, when a phone call is received by the system of
the present invention, it determines the user’s preferences for a p‘arﬁcular call based on the
identity of the originating phone number. Afier determining which numbers to direct an
ihcoming phone call to, each of the desiination phohes preferably begin to ring at the
substantially same time. During the time that the destination phones are ringing, thé caller is
not connected fo any of these numbers. Rather, the cai] is held at the centrél cdﬁtroller 22
until a user answers one of their designated phones. The call remains at the central controller

22 until the user selects how they would like the call to be handled, e.g.‘, accept the call, send

_ the" call to voicemail, accept the call and record, or eavesdrop on the voicemail. The present

~ invention is not intended to be limited to calling any number of phones, i.e., it may call as

many phones as desired simultaneously.

- Spam Filter

A user may designate certain calls as uhwanted, or spam, and choose not to have them
de'li.vered. to their phones ﬁnder any circumstances. Alternately, a user may choose to only
accept numbers that they know, rejecting all others. The undesirable numbers may be
directed directly to voicemail, or a recording may be played to the caller stating that the user
has chosen not to accept calls from unknown users. Additioﬁally, the system maintains a
database of all numbers designated as spam and provides the ability for a user to have all

community designated spam callers go directly to voicemail.
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Web Call Button

The system of the present invention preferably allows a user to copy a section of
H’I“ML' code to be placed on any website in order to create a button which may ;nitiate phone
calls between a person and the user. Any person who clicks on sqch a button will be
prompted to enter their ﬁame and phone number and the system will call them and then call
the user at the numbers designated for such buttdn.- Eaéh suph button caﬁ have 'custoﬁf ‘

ringback tones selected, custom phones to ring, and custom voicemail greetings to be played.

THE EXEMPLARY METHOD

Aécording to one aspect, the method of the present invention is 'implemented using

the exemplary system described above. Accordingto another aspect, the present invention

comprises a business method for routing data that is also implémented using the exemplary
system described above. In one embodiment, the business method may be implemented
using a computer. These exemplary methods accdrding to the present invention are described
in detail beléw. |

A general block diagrz;m of the éxempiary systerﬁ is shown in FIG. 6. Génerally, é
user initiates a call by dialing a recipient’s phone number. The call, as described above, may
initiate from any communications network, such as switch based netWork, paéket'based
network, or wireless network. As shown in FIG. 6, a caller places a call and it is routed to the
system of the present invention. Once the éa]l reaches the system of the present invention, it |
may be directed to one or rﬂore destinations simultaneously. One advantage of the present
inveﬁtion is that calls may be routed to multiple destinations on similar or different networks,
e.g., packet based networks, switch based networks, .or wireless network'sb, substantially

simultaneously.
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FIG. 7 is a flow chart showing exemplary steps according to one aspect of the present

invention. When a call first reaches the system of the present invention, the system

automatically screens the call based on its automatic number identification (ANI). After

determining the origin of the call, various steps may be implemented. Once the caller is '

- identified, the caller receives a default or customized ring back tone, depending on the user’s-

settings. if the caller is not recognized, the system answers the phone, and plays a message
that asks the caller to state his/her name. Once again, the fnessage may be customized. In the
absence of a customized message, a default message may play. After the meésage is played,
the system will play the ringback tone selected for éuch group of callers.

Iﬂ an alternate embodiment, the present invention may determine that the cél] is a
facsimile, text message, or other non-voice data that is being transmitted té the user. In this
case, the facsimile or text messagc may be stored in a document, é. g., aPDF document,.and

forwarded to the user’s email address. In the case of text messages, the system may forward

_ thét text message to any or all of the users’ text enabled forwarding phones and also handle

return messages sent through the system. The transcript of this communications may be
maintained by the current system for future reference, user lookup, etc.

At substantially the same time, the system preferably determines whether the

~ originating number has been listed as spam, e.g., a telemarketer, or they may have chosen to

specifically -block the number from being received. If the call has not been blocked by a user,
the systehl determines which designated numbers to call. When the user answers the phone,
the identity of the caller may be announced to the user. If the identity of the caller cannot be
determined, i.e., if -the caller is not in the user’s address Book,’the phone number or other
associated ANI information, é. g., the name that the phone is registered to, may be presented
to the user. Alternately, the user may be prompted to provide their name, which may be

recorded. The recorded name may then be presented to the user when they answer one of
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their designgted telephones. Subsequently, the user may then choose among several éptions,
such as accepting the call, sending the call to voiceméil, accepting the call and reéor&ing it, or
listening in on the voicemail.

If the user opts to accept the ;al], or éccept it and record i;, the caller and the user are
connected and a conversation may commence. If the user-opts to send the call to voicemalil,
the caller will hear a voicemail greeting, which rﬁay or may not be customized, and tﬁé caller
may then record their message. Users fhat choose to séﬁd the call to voicemail while
‘listening m may listen to the voic¢mai1 aS it is being recordéd. If at any time they decide they
want to interrupt the voicemail to speak with the caller, they may do so by activating the talk
feature. The feature may be activated in any manner knowﬁ to tﬁose skilled in the art, such as
By providing an input, e g. pressing a bgtton on a touch t'one pad. When the feature is
activated, the voicemail recording may.be terminated. Altemately, the voigemaﬂ may
continue while the conversation continqes.

Although the invention has been described with reference to particular embodiméms,
it will be understood to those skilled in th¢ art that the inveﬁtipn is capable of a Qariety of
altematiQe embodiments within the spiﬁt of the appended claims. Therefore, it will be
understood _that the appended claims are intended to cover all such modifications and
erhbodiments which come within the spirit and scope of the present ihventioh.

For instance, the present invention as described above may be used in combination
with any type of data, including text messaées,. facsimiles, graphics, e.g., pictures, and the
like. The present invention is preferably operable to determine which type of data is being
tranémitted by a user. If a person is attemptiﬁg to transmit a text message to. a user, it is
desirable for the present invention to recognize that a text message is béiﬁg transmitted. The

present invention may then route the text message to an end destination, e.g., a cell phone,
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that is designated by a user. If, for eJ-(ample, a facsimile is being transmitted to a user, the
present invention preferably stores the facsimile in a database for later retn_'eyéi by the user.
.Regardless of the type of data transmittéd to the user, the present iﬂvention may notify
the user of the receipt of the data. The notifications may be in any manner known to those
skilled in the art, e.g., the user may receive an indication that a message has arrived by having
an icon displayed. on their cellular telephone. The user may also pre-select whi-ch end
destinations a particular type of data, e. g. text messa‘ges,' facsimiles, graphics, can receive a
particular type of daté. A telephone on the PSTN, for example, is typically not configured to
receive text messages or graphics. Thus, a user caﬁ select options that d‘ircct these types of
messages to..only their cellular phone. Alternately, the data may be stored as-a mes:sage that

is accessible by the user via the Internet.
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CLAIMS
What is claimed is:
1. A system for processing calls, comprising:

a database including configuration information and a'uthenticationi_nfbnnation for users;

an inbound communications coﬁtroller, coupled to aﬂ inbound gateway and the datébasé,
that exchanges first control signals over a session initiation protocol (SIP) with the iﬁbbund
gateway bésed on inbound commum'catioﬁs and that generates second SIP control signals based
on information in the first control signals and the conﬁgurétion and authentication ‘information;

a voicemail database that stores and retrieves communications; -

a routing coﬁtrollér that promf;ts callers for information and instructions;

an outbound communications controller coupled to an outbound gateway that exchanges
fourth control signals with thé outbound gateway and communicates via a real time protocol with
the outbound gateway in order to send the inbound communications outbound over at least one
communications network; and

a switch coupled to the inbound controller, the inbound and outbound commuﬁications
gateways, the voicemail database and the routing controller, that receives the inbound
corﬁm'unications over a real time protocol from the inbound gateway, exchanges the second
control signals‘with the inbound cohtroller,’ and roufes inbound commqnications' based on the
second control signals and the routing controller to at least one of the following destinations:

the voicemail database; ahd

at least one connnﬁnications network by sending outbound communications based on the

inbound communications to the outbound controller via a real time protocol and exchanging
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third control signals with the outbound controller, including routing information relating to the

outbound communications.

2. The system according to claim 1, wherein the switch routes the inbound communication
to the voicemail database and to at least one telephone on at least one of the communication

networks.

3. The system according to claim 1, wherein the routing controller includes a state machine
coupled with a script database, wherein the script includes voice prompts and control signals that
prompt a caller at one end of one of the inbound communications for information pertaining to

the handing of that inbound communication.

4. . The system according to claim 3, further comprising a database operatively connected to

the script database.

5. A method for ]Srocessing calls, comprising:
operatively connecting a switch to an inbound controller, an inbound gateway,‘ an
outbound controller, and an outbound gateway; .
| exchanging first control signals over a_session initiation protocol (SIP) between the
inbound gateway and the inbound controlier based on inbound communications to generate
second SIP control signals based on information in the first control signals and configuration and

authentication information;
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receiving inbound communication at the switch over a real tixﬁe protocol from fhe
inbound gateway, and exchanging the second control signals with thé inbound controller;

exchanging fourth control signals between the outbound controller and tﬁe outbound
gateway via a real time protocol in order to send the inbound communicatipns outbound over at

5  least one communications network; and. N

routing inbound comxﬁunications based on the second control signals and the fduting
controller‘.to at least one of a voicemail database or at least one communications network by
sending outbound communications based on the inbound cénununjcatibns to‘the oﬁtbound _
controller via a real time protocol and exchanging third contr§1 sigﬁals wiih the outbouﬁd

10  controller, inéluding routing information relating to the outbound communications.

6. A method for processing calls, comprising:
receiving a call from a caller at an origination point on a first network;
exchanging communications signals between the first anetwork and a second network
15 using a session initiation protocol, and prbcéssihg the communications signals at the sécond
network using configuration and authentication information;
o determining at least one destination point from a group of destination points based on the
processing;
directing the communications signals to the at the at least one destmaﬂon point and, prior

20  to connecting the caller and the user, notifying a user of the call from the originatiori point.
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7. The method according to claim 6, wherein the notifyiﬁg comprises allowing the user to
select from the following options: |

(1) accept the call;

(i1) send the call to a voicemail 'database;

(iti)  accept the call and record the call in a database;

(iv)  send the call to the voicemail database and simultaneously listen to the call.

8. The method according to claim 6, wherein the call is directed to two or more destination

points substantially simultanebusly.

9. The method according to claim 6, wherein an audible response is sent to the originétion '

point based on the configuration information and authentication information.

10.  The method according to claim 9, wherein the audible response includes at least one of:
a song (or other'MP3); and

a voice recording.

11.  The method according to claim 6, wherein the group of destination points comprise a
group of telephones, wherein a user accepts the call on at least one telephone after being notified,
and wherein the user has the option to notify each of the telephones within the group of

telephones of the call.
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12.  The method according to claim 11, wherein the call is transferred from a first telephone

to a second telephone when the second telephoﬁe indicates acceptance of the call.

13. The method according to claim 6, wherein the at least one destination point comprises a

voicemail database.

14. The method according to claim 13, wherein the voicemail database stores audio data,

wherein the audio data is converted into text data.

15.  The method accofding to claim 14, wherein the text data stored in the voicemail database

is searchable.

16. The method according to claim 13, wherein a graphical representation of data in the

voicemail database is displayed on a webpage.
17. The method according to claim 16, wherein the graphical representation includes at least
some of: the name of the caller; the time of the call; the date of the call; a duration of the

voicemail; and the location of the caller.

18.  The method according to claim 16, wherein the voicemail database is anangéd based on a

predetermined order selected by the user.
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19.  The method according to ¢laim 13, wherein the database is accessible from a remote

location.

20. " The method according to claim 16, wherein the user can select a link on the webpage that

connects a telephone selected by the user to the caller.

21.  The method according to claim 6, wherein the user can accept the call and selectively

record at least a portion of the call.

22. A method for processing calls, compfising the steps of:

receiving a call from a céller at an origination point ona ﬁrstv.network;

exchanging communications signals between the first network and a sec;)nd network
using a session initiation protocol, and processing the communications signals at the second
network using configuration an(j authentication information;

determining two or more destination points from a group of destination points basedlon
the processing;

- sending a signal to each of the two or more destination pointé substantially

simultaneously;

establishing A com:_rjqnicatio_n with one selected destination point based on a user input;

presenting a user at the one selected destination point with identifying information about
the éaller and a plurality of options for handling the call; and

if the user chooses to accept the call, allowing the user transfer the call by providing an

input that re-initiates the sending step.
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23.  The method of claim 22, wherein the caller hears an audio file pre-selected by the user

after the processing step.

24.  The method of claim 22, wherein the plurality of options for handling the call iaclpde at
least one of: | | |

sending the call to a voiceniail database and listening in on the voicemail as if is being
recorded; ar |

accepting the call and simultaneously recording the call.

25..  The method of claim 22, wherein if the user selects the option of listening in on the

voicemail, the user can selectively terminate the voicemail and begin communicating with the

caller by providing an input.

26. The method of claim 22, wherein the user can send the call to a voicemail database,

wherein contents of the voicemail database are -displayed on a webpage.

2_7'. - The method of claim 26, wherein the order of the voicemails diSplayed on the webpage

can be customized by the user.

28.  The method of claim 22, wherein if the user chooses to accept the call after the presenting

-step, the user can selectively record at least a portion of the call into a database.
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29. A computer program product for use in a call pfocessing system, comprising:

a computer readable medium;

computer pfogram instructions, recorded on the.computer readable medium, executable
by a processor, for implementing a call prdéessing system comprising the steps of:

rece'ivipg a call from a caller at an origination point on a first network;

exchanging communications signals between the first network and a second network

“using a session initiation protocol, and processing the communications signals at the second

network using configuration and authentication information;

determining two or more destination points ‘from a group of destination points based on
the processing; |

sending a signal to each .of the two or more destination pointé substantially
simultaneously;

éstablishing a communication with one selected destination point based on a user input;

presenting a user at the one selected destination point with identifying information about
the caller and a plurality of options for handling the call; and

if the user chobses to accept the call, allowing the user transfer the call by providing an

input that re-initiates the sending step.

32
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30. A system for processing calls to called users, comprising:

an inbound controller, coupled to an inbound gateway coupled to a public switched telephone
network (PSTN), capable of authenticating inbound calls received in a session initiation protocol (SIP)
format;

an outbound controller, coupled to an outbound gateway coupled to the PSTN, capable of
sending SIP calls to an outbound gateway;

a voicemail database, coupled to a central controller, capable of storing and retrieving
communications;

a central controller, coupled to the inbound and outbound gateways, capable of sending and
receiving SIP and real time protocol (RTP) signals and routing inbound calls to called users based on
each called user’s telephone number, and further being capable of: (i) routing a current one of the
inbound calls to a called user simultaneously to multiple destination points, including points on the
PSTN, configured by a called user; (ii) playing audible information to a caller on the current one of the
inbound calls; (iii) establishing communication with the called user at an answered one of multiple
destination points; (iv) allowing the called user to select from options for the current inbound call
including (a) accepting the current inbound call, (b) sending the current inbound call to the voicemail
database, (c) connecting the current inbound call to a voicemail database and listening to the inbound

call, or (d) sending the current inbound call to another telephone.

31. The system according to claim 30, further comprising:
the central controller further being configured to allow the called user to select an option to

accept the current inbound call while the caller is connected to the voicemail database.

32. The system according to claim 30, further comprising:
the central controller being configured to allow the called user to select an option to accept the

current inbound call and recotd the current inbound call.

(93]
(93]
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33. The system according to claim 30, further comprising:
the central controller being configurable to prompt the caller for identity, and thereafter each
time the caller calls the called user from the same telephone number, providing the caller’s identity to

the called user without further information being provided by the caller.

34, The system according to claim 30, wherein the controller is configured to store in the voicemail
database at least the following voicemail data for each of the inbound calls sent to the voicemail
database: audio from each caller, each caller’s telephone number, each caller’s name, and a duration of
stored audio for each of the inbound calls and further wherein the called user is capable of retrieving
information for each of the inbound calls in the voicemail database.
35. The system according to claim 30, further comprising:

the central controller being configurable to allow the user to select the audible information

played to each caller based on an identity of each caller.

36. A computer program product for processing calls to a called user, comprising a non-transitory
computer readable medium, including computer program instructions, recorded on the non-transitory
computer readable medium, executable by a processor, for processing calls, the computer program
instructions including:

a call processing module, executable by a processor, capable of sending and receiving calls in a
session initiation protocol (SIP) format to gateways to a public switched telephone network (PSTN);

a voicemail module, executable by the processor, capable of storing and retrieving
communications from calls in a voicemail database

a central controller module, executable by the processor, capable sending and receiving SIP and

real time protocol (RTP) signals and routing inbound calls to called users based on%each called user’s
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telephone number, and further being capable of: (i) routing a current of the inbound calls 1o a called user
simultaneously to multiple destination points including points on the PSTN configured by the called
user; (ii) playing audible information to a caller on the current one of the inbound calls; (iii) establishing
communication with a called user at an answered one of the multiple destination points; (iv) allowing
the called user to select from options for the current inbound call including (a) accepting the current
inbound call, (b) sending the current inbound call to the voicemail database, (c) connecting the current
inbound call to a voicemail database and listening to the inbound call, or (d) sending the current inbound

call to another telephone.

37. The computer program product according to claim 36, further comprising;:
the central controller module executable by the processor further being configured to allow the
called user to select an option to accept the current inbound call while the caller is connected to the

voicemail database.

38. The computer program product system according to claim 36, further comprising;:
the central controller module executable by the processor further being configured to allow the

called user to select an option to accept the current inbound call and record the current inbound call.

39. The computer program product according to claim 36, further comprising:

the central controller module executable by the processor further being configurable to prompt
the caller for their identity, and thereafter each time the ca_ller calls the called user from the same
telephone number, providing the caller’s identity to the called user without further information being

provided by the caller.

40. The computer program product according to claim 36, wherein
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the central controller module exccutable by the processor is further configured to store in the voicemail
database at least the following voicemail data for each of the calls sent to the voicemail database: audio
from each caller, each caller’s telephone number, each caller’s name, and a duration of stored audio for
each of the calls and,

further wherein the called user is capable of retrieving information for each of the calls in the

voicemail database.

41, A method for processing calls to a called user, comprising:

authenticating at a computing device inbound calls received in a session initiation protocol (SIP)
format;

storing and retrieving communications in a voicemail database at a computing device;

routing by the computing device inbound calls to called users based on each called user’s
telephone number, and further: (i) routing a current one of the inbound calls to a called user
simultaneously to multiple destination points, including points on a public switched telephone network
(PSTN), configured by the called user; (ii) playing audible information to a caller on the current one of
the inbound calls; (iii) establishing communication with the called user at an answered one of the
multiple destination points; (iv) allowing the called user to select from options for the current inbound
call including (a) accepting the current inbound call, (b) sending the current inbound call to the
voicemail database, (c) connecting the current inbound call to a voicemail database and listening to the

inbound call, or (d) sending the current inbound call to another telephone.
42, The method according to claim 41, further comprising:
allowing the called user to select an option to accept the current inbound call while the caller is

connected to the voicemail database.

43, The method according to claim 41, further comprising:
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allowing the called user to select an option to accept the current inbound call and record the

inbound call.

44, The method according to claim 41, further comprising:
prompting the caller for identity, and thereafter each time the caller calls the called user from the
same telephone number, providing the caller’s identity to the called user without further information

being provided by the caller.

45. The method according to claim 41, further comprising:

storing in the voicemail database at least the following voicemail data for each of the inbound
calls sent to the voicemail database: audio from each caller, each caller’s telephone number, each
caller’s name, and a duration of stored audio for each of the inbound calls; and  further wherein the

called user is capable of retrieving information for each of the inbound calls in the voicemail database.

46. The method according to claim 41, further comprising:
allowing the user to select the audible information played to each caller based on an identity of

each caller.
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