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lli (54) Title: METHOD AND APPARATUS FOR MANAGING TELEPHONE CALLS

RTP RTP
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ROUTING TO 
SOFTSWITCH FIG. 1

(57) Abstract: A system and method for managing telephone calls is disclosed. The system includes a central controller that re­
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 generally provided to subscribers via 

the public switched telephone network (PSTN), wireless communications 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 network over which voice traffic flows

and is used to control switches, such as an AT&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 Union 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 

providers. 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. Toll free calling has also incorporated 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 deficiencies. Generally, the

prior art does not generally allow customization down to the individual caller level. For

instance, a system provided by Ring Central, found at www.ringcentral.com, provides call

5 processing features. Ring Central, however, does not 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 has previously called. 

Thus, a caller is forced to identify themselves each time they call, which causes a significant

10 inconvenience.

Moreover, Ring Central and other prior art systems 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

15 allow text to speech screening.

However, there remains a need for systems and methods to provide a comprehensive

communications solution 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

20 managing communications. 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.

2
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SUMMARY OF THE INVENTION

According to the present invention, a subscriber uses a single telephone number 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, and that exchanges 

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 one or 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 the first control signals and 

the configuration and authentication information; a voicemail database that stores and 

retrieves 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 to send the inbound communications 

outbound over at least one communications network. The system further includes a switch 

coupled to the inbound controller, the inbound and outbound communications gateways, the

3
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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, exchange the second

control signals with the inbound controller, and route inbound communications based on the

second control signals and the routing controller to at least one of the following destinations:

5 the voicemail database; and at least one communications network by sending outbound 

communications via a real time protocol and exchanging third control signals with the 

outbound controller, including routing information relating to the outbound communications.

According to various embodiments, the switch may route the inbound 

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

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

coupled with a script database, which stores a configurable script used to issue voice prompts 

to a caller at one end of one of the inbound communications system for information 

pertaining to the handing of that inbound communication.

According to another embodiment, the present invention comprises a method for

15 processing calls. The method includes operatively connecting a switch to an inbound

controller, an inbound gateway, an outbound controller, 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 generate 

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

20 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 control signals are also exchanged 

between the outbound controller and the outbound gateway via a real time protocol in order

to send the inbound communications outbound over at least one communications network.

25 Finally, inbound communications are routed based on the second control signals and the

4
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routing controller to at least one of: (i) a voicemail database; or (ii) at least one

communications network by sending outbound communications based on the inbound

communications to the outbound controller via a real time protocol and exchanging third

control signals with the outbound controller, including routing information relating to the

5 outbound communications.

According to another aspect, the present invention comprises a method for processing 

calls. The method preferably includes receiving 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. Preferably, the communications signals at

10 the second network are processed using configuration and authentication information. The 

method also includes determining at least one destination point from a group of destination 

points based on the processing and directing the communications signals to the at the at 

least one destination point and, prior to connecting the caller and the user, notifying a user of 

the call from the origination point.

15 In one embodiment, the notifying step comprises allowing the user to select from the

following options: (i) accept the call; (ii) send the call to a voicemail database; (iii) accept 

the call and record 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 simultaneously. Optionally, an audible response

20 is sent to the origination point based on the configuration information and authentication 

information. 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 comprise a group of 

telephones. A user may accept the call on at least one telephone after being notified, and

25 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. Alternately, 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

5 data stored in the voicemail database is searchable.

According to another embodiment, a graphical representation of data in the voicemail 

database is displayed 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 voicemail; and

the location of the caller. Preferably, the voicemail database is arranged based on a 

10 predetermined order selected by the user. To allow increased accessibility, the database may

be accessible from a remote location. Optionally, a user can select a link on the webpage that 

connects a telephone selected by the user to the caller. The user can accept the call and 

selectively record at least a portion of the call.

According to another aspect, the present invention comprises another method for 

15 processing calls. The method includes receiving 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 configuration and authentication information. 

Two or more destination points from a group of destination points are also determined based

20 on the processing. Then, a signal is sent to each of the two or more destination points 

substantially 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 a plurality of options for handling 

the call. If the user chooses to accept the call, the user is allowed to transfer the call by

25 providing an input that re-initiates the sending step.

6
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In one embodiment, the present invention queries a first time caller for their identity.

Thereafter, the present invention is operable to store the identity of the caller in a memory.

This feature prevents the caller from having to identify themselves each time they call.

Instead, the callers identity, e.g., their name, can be provided to the user. If a first time

5 caller’s number is already in the user’s address book, the present invention will not ask the

caller for their identity. Instead, the present invention will read the caller’s name from the 

user’s address book, e.g., using a text to speech feature. Preferably, the caller preferably 

hears an audio file pre-selected by the user after the processing step. The plurality of options 

for handling the call include at least one of: sending the call to a voicemail database and

10 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 communicating 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,

15 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

database.

According to yet another aspect, the present invention comprises a computer program

20 product for use in a call processing system. The system includes a computer readable

medium and computer program instructions, recorded on the computer readable medium, 

executable 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 origination point on a first 

network and exchanging communications signals between the first network and a second

7
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network using a session initiation protocol, and processing the communications signals at the 

second network using configuration and authentication information.

Two or more destination points from 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

5 destination points substantially simultaneously. A communication is then established with

one selected destination point based on a user input, and a user at the one selected destination 

point is presented with identifying information 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.

10

BRIEF DESCRIPTION OF THE FIGURES

Further features and advantages of the invention can be ascertained from the 

following detailed description that is provided in connection with the drawing(s) described

below:

15 FIG. 1 is a block diagram 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. 3 is a diagram showing another exemplary webpage according to one aspect of 

20 the present invention;

FIG. 4 is a 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 existing telephone systems, whether switch or packet based, is that the 

calls may only be routed to one destination. That is, it has a single point of origination, and a 

single destination. In an increasingly mobile society, existing telephone systems 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 addition, the system 

allows the calls to be filtered and manipulated in a variety of manners discussed below in

detail.

SYSTEM ARCHITECTURE

According to one aspect, the present invention may employ a variety of types of 

hardware and software. The software may be written in any computer language known to 

those skilled in the art. Moreover, combinations of different languages may be used, such as

C, FORTRAN, JAVA, HTML, and the like.

The hardware that may be used in combination with the present invention includes 

processors, 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 routers and switches. 

The different hardware is preferably operatively connected. According to one aspect, the 

hardware may be enclosed within a housing, such as a computer or the like.

9
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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-ROM, flash memory,

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

desirable for the computer readable medium to include computer program instructions

5 recorded thereon. A processor is preferably operable to execute the computer program

instructions in order to implement the present invention.

In one embodiment, the present invention uses a combination of hardware and 

software to route a call from a first network, e.g., a traditional switch based network, e.g., the 

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

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

embodiment a call may originate from a wireless network, e.g., a cellular or satellite based 

network. Alternately, the call may originate from a packet based network, e.g., the Internet, 

using a communications apparatus that employs Voice over Internet Protocol (VOIP). 

Regardless of the origin of the call, it is preferably routed to a packet based network, unless it

15 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 reside on a switch based network, a packet based network, or even a 

wireless network, e.g. a cellular telephone network or a satellite based network.

FIG. 1 is a block diagram showing an overview of one exemplary embodiment of the

20 present invention. In one embodiment, 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 gateway 14.

The inbound gateway 14 is preferably operatively connected to both a switch based network

and the packet based network. These gateways, which are well known to those skilled in the

art, preferably function as an interface 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 another point. The outbound 

gateway 16 may also be operatively connected to the outbound controller 12 in order to route 

communications signals to a desired destination.

As shown in FIG. 1, the present invention also includes 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 of a call 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 switches, and the like.

The database 18 also includes authentication information, which allows the present 

invention to filter authorized callers from unauthorized callers. For instance, in one aspect of 

the present invention it may be desirable to direct authorized calls directly to a user, while 

unauthorized, or unrecognized calls are directed to 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 prevented from reaching an intended recipient.

Calls may also be filtered based on their phone number. That is, a user may pre-select

how they 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 or more phone numbers into a group. The user may then predetermine how 

they want all of the calls in a particular group 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

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

user may access the database 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. The central controller 22 may prompt callers

10 for information and instructions, e.g., their name, purpose ofthe call, etc. The central

controller 22 may also be operable to receive the inbound communications over a real time 

protocol from the inbound 14 and outbound gateways 16. Then, the central controller 22 may 

exchange control signals with the inbound controller 10 in order to route the inbound

communications based on these control signals.

15 In one embodiment, the central 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 with the inbound 10 and outbound controllers 12 using the session

20 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 central controller 22 may direct

communications signals to one, or multiple destinations. In one aspect, the communications

25 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 network, a packet based network, or a

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 exchanged with the

outbound controller 12, including routing information relating to the outbound

communications.

EXEMPLARY FEATURES OF THE PRESENT INVENTION

According to one aspect, the system described above allows the present 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 limit the present 

invention in any way, and represent a sample of the many features that may be implemented 

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 conversation at any 

time during the conversation. The recording may be started, stopped, and restarted at any 

time. The recording of the conversation 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 talking on a 

telephone, it is desirable for the recording to be started 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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Customized Ring Tones on Ring Back

One embodiment of the present invention may include the ability to customize the 

ring tone that is audible to the caller (aka ring back tone). That is, a user may designate a

5 particular song, tone, or other audible signal that should be played for a caller. Thus, when a 

designated caller 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 may 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

10 to be selected for each individual caller that a user designates. In the event that a ring 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

15 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 particular caller or group of callers attempts to reach the user.

20 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.

14
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Selective Screening

It is desirable for a user to be able to select from several options for routing an 

incoming 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

5 telephone of their choice, they are presented with the identity of the caller and several options 

for handling the call. For instance, according to one embodiment, a call can be screened in 

one of four ways. First, a user may choose to accept a call, in which case the call will be 

routed to the telephone that the user answered. If the user chooses not to accept the call, they 

may choose to send the call directly to voicemail. In this scenario, the central controller

10 routes the call directly to voicemail. A call may also be routed directly 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

15 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 simultaneously eavesdrop on the 

voicemail. Using this option, a user may hear the message that the caller is leaving on the

20 voicemail, but the caller may not hear the user. One advantage of this option is that a user 

may determine the importance of the call, and whether or not they would like to speak with 

the caller. If, by listening to the voicemail as it is being recorded, the user determines that 

they want to speak to the caller, the present invention allows the user to cut into the call and 

speak with the caller. A caller may predetermine whether they want the voicemail recording

25 to end when they decide to cut into a call. 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 buttons, voice commands, and the like may be

used to implement this feature.

5 · .

Call Switch Between Phones

It is often desirable 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, for example, a 

user is talking on their cellular telephone, and they want to transfer the call to their home

10 telephone. Using the system of the present invention, a user can implement the call transfer 

feature by taking a specified action, e.g., pushing a button on a touch tone pad of their 

telephone. When the feature is implemented, each of the other designated telephones will 

ring. While the other telephones are ringing, the call is preferably still connected to the 

telephone on which the user was originally talking. When another designated telephone is

15 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 maiy be disconnected from that telephone. The

20 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

As discussed above, the present invention includes a voicemail database. One 

embodiment of the present invention includes the ability to manipulate the voicemails stored 

on the database in a variety of ways. One feature of the present invention allows the

5 voicemails to be fast forwarded, rewound, paused, or stopped. A user may also designate a 

priority for each caller, and their related voicemail. Thus, if a caller knows that a particular

caller is a high priority, they may designate the caller as such. Then, when the high priority 

caller leaves one or more voicemails, they will be played before other voicemails that are of a 

lesser priority to a user.

10 This feature of the present invention is particularly advantageous 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 important to the user. 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

15 importance of a caller, voicemails designated urgent by a caller, and the like. Using this

feature of the present invention, a user can quickly access their voicemail box and any high 

priority voicemails without delay. As will be recognized by skilled artisans, multiple tiers of 

priority may be predetermined by a user. Any voicemails stored in the database may then be

played back to the user in that order.

20 The present invention also includes the ability to access voicemails via a webpage, as

shown in FIG. 2. The webpage preferably presents a list of voicemails and provides 

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, and 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 listen to a voicemail by selecting of “clicking” on a 

link within the webpage. After selecting the link, the voicemail will begin to play, as

5 illustrated in FIG. 3. When a user has finished listening to the voicemail, they may close the 

voicemail 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 do not forward a copy of the voicemail itself. Rather,

10 the link plays the voicemail directly from the database. Even when a voicemail from the 

webpage is forwarded to another person, the link still plays the voicemail directly from the 

database. In this manner, a user 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

15 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 searchable, e.g., by keyword. This may be useful to professionals, such as lawyers 

20 and doctors, who need to accurately recall the contents of a conversation or voicemail.

In another embodiment, a voicemail may be forwarded to another person so that they 

can access the voicemail at any time. 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

25 the code is message specific, i.e., each voicemail has a unique code that only allows access to

18



WO 2008/130690 PCT/US2008/005118

that particular voicemail. The present invention also preferably includes the ability to return

a call from the webpage listing of voicemails. As shown 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 make the call from one of the user’s designated

5 telephones, or another undesignated telephone number, as shown in FIG· 4. Once the user 

selects which telephone they would like to place the call from, the system of the present 

invention initiates a call with caller, as shown in FIG. 5. The selected phone will then ring, 

and the callers phone will also ring.

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

10 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.

15

Customized Treatment of Callers

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 caller. As discussed above, a user may set 

up a ring tone or specific message that a caller hears when they dial the user’s number. In

20 addition, the user may set up a specific voicemail greeting for each user. Moreover, a user 

' may select the telephones that ring when a specific user calls. For instance, a user may 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
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present invention allows each aspect of the call, from the ring back tone, to the phones to 

which a call 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 desirable 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 particular call based on the 

identity of the originating phone number. After determining which numbers to direct an 

incoming phone call to, each of the destination phones preferably begin to ring at the 

substantially same time. During the time that the destination phones are ringing, the caller is 

not connected to any of these numbers. Rather, the call is held at the central controller 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 unwanted, or spam, and choose not to have them 

delivered to their phones under 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. Additionally, 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 

HTML code to be placed on any website in order to create a button which may initiate phone 

calls between a person and the user. Any person who clicks on such a button will be

5 prompted to enter their name and phone number and the system will call them and then call 

the user at the numbers designated for such button. Each such button can have custom 

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

THE EXEMPLARY METHOD

10 According to one aspect, the method of the present invention is implemented using

the exemplary system described above. According to another aspect, the present invention 

comprises a business method for routing data that is also implemented using the exemplary 

system described above. In one embodiment, the business method may be implemented 

using a computer. These exemplary methods according to the present invention are described

15 in detail below.

A general block diagram of the exemplary system is shown in FIG. 6. Generally, a 

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, packet based 

network, or wireless network. As shown in FIG. 6, a caller places a call and it is routed to the

20 system of the present invention. Once the call reaches the system of the present invention, it 

may be directed to one or more destinations simultaneously. One advantage of the present 

invention is that calls may be routed to multiple destinations on similar or different networks, 

e.g., packet based networks, switch based networks, or wireless networks, 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

5 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 message may be customized. In the 

absence of a customized message, a default message may play. After the message is played, 

the system will play the ringback tone selected for such group of callers.

10 In an alternate embodiment, the present invention may determine that the call is a

facsimile, text message, or other non-voice data that is being transmitted to the user. In this 

case, the facsimile or text message may be stored in a document, e.g., a PDF document, and 

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

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

15 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,

20 the system 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, e.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

25 recorded. The recorded name may then be presented to the user when they answer one of
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their designated telephones. Subsequently, the user may then choose among several options, 

such as accepting the call, sending the call to voicemail, accepting the call and recording it, or 

listening in on the voicemail. _

If the user opts to accept the call, or accept it and record it, the caller and the user are 

5 connected and a conversation may commence. If the user opts to send the call to voicemail,

the caller will hear a voicemail greeting, which may or may not be customized, and the caller 

may then record their message. Users that choose to send the call to voicemail while 

listening in may listen to the voicemail as it is being recorded. 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

10 feature. The feature may be activated in any manner known to those skilled in the art, such as 

by providing an input, e.g., pressing a button on a touch tone pad. When the feature is 

activated, the voicemail recording may be terminated. Alternately, the voicemail may

continue while the conversation continues.

Although the invention has been described with reference to particular embodiments,

15 it will be understood to those skilled in the art that the invention is capable of a variety of 

alternative embodiments within the spirit of the appended claims. Therefore, it will be 

understood that the appended claims are intended to cover all such modifications and 

embodiments which come within the spirit and scope of the present invention.

For instance, the present invention as described above may be used in combination

20 with any type of data, including text messages, facsimiles, graphics, e.g., pictures, and the 

like. The present invention is preferably operable to determine which type of data is being 

transmitted by a user. If a person is attempting to transmit a text message to a user, it is 

desirable for the present invention to recognize that a text message is being 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 example, a facsimile is being transmitted to a user, the 

present invention preferably stores the facsimile in a database for later retrieval by the user.

Regardless of the type of data transmitted to the user, the present invention may notify 

the user of the receipt of the data. The notifications may be in any manner known to those

5 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 which end 

destinations a particular type of data, e.g. text messages, facsimiles, graphics, can receive a 

particular type of data. A telephone on the PSTN, for example, is typically not configured to 

receive text messages or graphics. Thus, a user can select options that direct these types of

10 messages to only their cellular phone. Alternately, the data may be stored as a message 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 authentication information for users;

5 an inbound communications controller, coupled to an inbound gateway and the database,

that exchanges first control signals over a session initiation protocol (SIP) with the inbound 

gateway based on inbound communications and that generates second SIP control signals based 

on information in the first control signals and the configuration and authentication information;

a voicemail database that stores and retrieves communications;

10 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 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

15 a switch coupled to the inbound controller, the inbound and outbound communications

gateways, the voicemail database and the routing controller, that receives the inbound 

communications over a real time protocol from the inbound gateway, exchanges the second 

control signals with the inbound controller, and routes inbound communications based on the 

second control signals and the routing controller to at least one of the following destinations:

20 the voicemail database; and

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

inbound communications to the outbound controller via a real time protocol and exchanging

25



WO 2008/130690 PCT/US2008/005118

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 

5 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

10 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.

15

5. A method for processing 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 

20 inbound gateway and the inbound controller 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 time protocol from the 

inbound gateway, and exchanging the second control signals with the inbound controller;

exchanging fourth control signals between the outbound controller and the outbound 

gateway via a real time protocol in order to send the inbound communications outbound over at

5 least one communications network; and

routing inbound communications based on the second control signals and the routing 

controller to at least one of a voicemail database or at least one communications network by 

sending outbound communications based on the inbound communications to the outbound 

controller via a real time protocol and exchanging third control signals with the outbound

10 controller, including 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 network and a second network

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

network using configuration and authentication information;

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 destination point and, prior 

20 to connecting the caller and the user, notifying a user of the call from the origination point.
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5

7. The method according to claim 6, wherein the notifying comprises allowing the user to

select from the following options:

(i) accept the call;

(ii) send the call to a voicemail database;

(iii) 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 simultaneously.

10

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

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:

15 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,

20 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 telephone indicates acceptance of the call.

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

5 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.

10 15. The method according 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.

15

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.

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

predetermined order selected by the user.
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19. The method according to claim 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 

5 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.

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

receiving 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;

15 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 points substantially 

simultaneously;

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

20 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 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 include at

5 least one of:

sending the call to a voicemail database and listening in on the voicemail as it is being

recorded; or

accepting the call and simultaneously recording the call.

10 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,
15 wherein contents of the voicemail database are displayed on a webpage.

27. The method of claim 26, wherein the order of the voicemails displayed on the webpage 

can be customized by the user.

20 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 processing system, comprising:

a computer readable medium;

computer program instructions, recorded on the computer readable medium, executable 

by a processor, for implementing a call processing system comprising the steps of:

5 receiving 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 

10 the processing;

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

simultaneously;

establishing 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

15 the caller 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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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 recced the current inbound call.
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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 to 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 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.

40. The computer program product according to claim 36, wherein
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the central controller module executable 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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