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DESCRIPTION

METHOD AND APPARATUS FOR TRANSMITTING AND ROUTING
VOICE TELEPHONE CALLS OVER A PACKET SWITCHED COMPUTER NETWORK

This applicarzion claims priority to U.S. Patent Appli-
cation Serial No. 08/542,641, filed October 13, 19%E, which is
incorporated herein in its entirety by reference.
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TECHNICAL FIELD
This invention relates to a method and architecture
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Q
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the cransmission and routing of voice signals over a packet

switched network and more particularly to a method and system for

<

routing and converting voice signals between a circuit switched
public tslephone network !“circuit switched telsphone network"'

and a packet switched computer networ:.

BACKGROUND ART
The advantages of transmitting voice information in

[$31

packet form has iong been recognized. Packet switching provides
a ready soluticn to problems where the voice informaticn tc be

transmitted cccurs in bursts, with signifizant pausss between
- .

in

through nodes ¢f the circuit switched telerhons ns
to5 the appropriate outgoing channel without de:iay. Tircuit
switched networks typically dedicate a multiplexed communication
path, in spaces and/or time division multiplexing, between the

twor
POTS stations. At =ach node, incoming voice signals are ¥o
=

caller and called party which lasts throughout the duration of
che call.

In contrast, in packet switched necworks, which are
typically associated with the transmission of "Jata" rathesr than
voice conversations, it is not necessary to dedicate transmission

capacity along a sequence cf physical links through the networx.
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Instead, data is sent in packets which are passed from node to
node through the network. Each data packet typically consists cf
several items including the address of the data source, the
address of the data destination, error checking information, as
well as the actual data sent. Each node briefly stores and ana-
lyzes the packet and then transmits it to the next node.
Current technologies allow a voice signal to be digi-

z2d and compressed. When a number of compressed digitized

e conversations are transmitted over a network, significant
savings in bandwidth can be realized -“hrough packet switched
transmission of the voice conversations. As noted above, tradi-
tional circuit switched networks reguire a constant allocazion cf
pandwidth for each vcice channel on the network. Statistically,
s

this results in inefficient use of bandwidth dus to the largs

amoun: of time Iin wh

™

ch relatively Zittle veice information is

pzing transmitisd. For exampls, Ifor many voice conversations a
s#ingls voics channel at & time is sufficient durinc a large

a
porticon of the convarsation. Tompression tschrnigues ars avail-
able which reduce the t i

2y, these techniques cften result in bursts o
durations. 7To accommcdate these potsntial bursts

missions, circuit switched networks mus: allscat=s a ¢

§ & h -~ £ 8D - -
candwidth f£cr each voice channel whicih =z sulillcisntly .args o
" < " - - . haa N h
sransmit the “"widest® purst oI SiL - Tnus, while Tome
rrassion tachniguss can rsallcs & |EVLINTIE L overms of
Tota.r data transmicTed, They NEverthsloSd UESULYS o Yelativelw
- & &2 -3 - & 5 - - - an o~ - - -~ -
tnefflicignt ailocation Sf bandwidtn oo TIYouLlT SwLToned nes

work. Pacxet switched transmission of voics informaticn, In
contrast, may reduce total system bandwidth, and result in a
lower cost system, by multiplexinz a number of simultaneous voics
convarsations in such a manner as to taks advantage ¢f the sta-
tiscical characteristics of the compressed digital veoice data.

Personal computers eqguipped with available signal pro-
cessing audio boards allow a user’s voice to be digitized and
transmitted to a second personal comput2r. This seccnd personal
computer will then convert the digitized transmission back to an
analog audio signal and ampiify the signal for an audio output,
reproducing the first user's voice. A pair of modems are typi-
cally used tc transmit the digitzized information.
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in one mode of operation, the digitized voice informa-
tion is transmitted directly over a circuit switched telephone
network to the second personal computer. In a second mode of
operation, the digitized voice information is transmitted via a
packet switched network to a second computer which is also
connected to the packet switched network. Typically, the packet
switched necwork will be the World-Wide Internet {"Internet"}.
The Tnternet Phone™, available from VocalTech Inc., Northvale,
New Jersey, and the Personal Internet Companion Kit™ availablie
from Camelot Corp., Dalias, Texas, make use of this second mode
0of operation for communicating between two audic ready computers
coupied tc the Internet,

Transmission of digitized voice conversations through
rhis second mode of operation over long distances allows the user
o save significant amounts of money. This reduced cost is par-
tially a resulz cof the efficiency cf packet switched networks
sver circuit switched networks. Additionally, the user’s savings
is also a rasulsc of the fact that packe: switched networks
zypicaliy charge the user based on either the amount of informa-
tion transmizted or the user’s connect time, rather than as a
funcrion of the distance the voice conversation travels, as :is
typical in circuit switched telephone netwerks. While transmis-

sion of voice conversations throuch a packet swizcthed network may

YERULT L SOme YSSPeCsIs In & LOWSY Jua.nlly SIZund, aus IS Ias
- - 3 - 3 3 - - o - = -y - = - -
TTCASLON&L dslays introauced &t e RYSLED NDAES U LI8SE - Gadl,
uch deiays ag a Traqascii Ll Iraer o Yeho

The protocols and addressing mechanisms utilized on
circuit switched telephone networks and the Internet, however,
are not compatib.e, and therefore do not allow a user to easily
=stablish a voice conversation across the Internst which =ither
originates or terminates on a POTS station. There exists a need,
therefore, for a method and system fox establishing a vecice
conversation between a POTS station coupled to a circult switched
relephone network and an audio ready computer connected to a
packet switched computer network, such a as the Internet.
Morsover, because such system ideally utilizes a plurality of
gateways, ©r access points, to gain access tc the circuit switch-
bcard zelephnone network in a. plurality of geograpnic locations,
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there Iurther exists a need for a method and system for utilizing
a plurality of gateways to route voice calls between a circuit
switched telephone network and a packet switched computer net-
work. There further exists a need for the method and system of
authorizing such calls.

POTS users also may wish to utilize the Internet, or a
similar packet switched computer network, to save money on voice
conversations between POTS stations. There further exists a
need, therefore, for a method and system of transmitting a voice
conversation bstween two POTS scations where at least a portion
of the voice conversation path between the two POTS stations is

s
compucer natwork, such as ths Intarnet.

The ckjec:t cf the gresent invenzion is =z crovide 3
a voice conversation from an audio ready
0 & packet switched computer nstwerk, such as

the Internet, to a PCTS station coupled to a circuir switched

provide a method and syst
Detwsen two FOTS stations whersin the w-ics ranvavearion pach
JEtwsen Lhs IwI Stations s routed Tov o Tur it otLrouis
switchad tslephons nstwerk and a punl: iTH2T Swirtoned ctompuza:
NSTWAYK, such 38 the Intsarnstc

The present invsntion is divssrizd tu 3 msthod and

system for routing and transmitting voice conversations betwean
an audio ready computer and a POTS staticrn through a packet
switched computer network such as the Internet. The present
invention further provides for a method and system for routing
and transmitting a voice conversation berween two POTS stations
which is at least partially transmitted cver a packst switched
computer network. The POTS stations are coupled to the system
through one or more circuit switched telephone networks. A
routing ssrver Is provided for routing calls betwesn mulciple
destinations on the packet switched computer network. A phone
switch is also provided for converting protocols from a packet
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switched computer network to a circuit switched telephone net-
work.

BRIEF DESCRIPTION OF DRAWINGS

For a more complete understanding of the .present
invention, reference is made to the following Detailed Descrip-
tion taken in conjunction with the accompanying drawings in
which:

FIG. 1 is a high level block diagram of a system
architecture in accordance with the present invention;

FIG. 2A is a functional block diagram of a system
archicecturs for supporting a voice conversation between an audio
ready personal computer and a POTS station in accordance with the
present invention;

FIG. 2B is a functional block diagram cf a system
archicecture for supporting a voice conversation between two POTS
stations acrcss a packet switched computer network in accordance

ith the present invention;

FIG. 3 is a block diagram of a personal computer system

in which ciient software of the present invention may be embod-

. 4A is a flowchart illustrazing a method of imple-

G
menting a phcne switch for bridging voice conversations between
W
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FIG. 4B is a Zunctiocnal block diagram of & phone switch
senstructaed in accordance with the present invent
FIG. § is a flowcharz illustrating a met
tering users with the system in accordance with the present
invencion;
FIG. 6 is a functional block diagram illustrating
database models in accordance with the present invention; and
FIG. 7 is a schematic representation of a data packet
tor transmitting voice and/or control information ir accordance

with the present invention.

BEST MODES FOR CARRYING OUT THE INVENTION

Preferred embodiments of the present invention will now

be described with continued reference to the drawings.
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1. Overview

FIGS. 1 and 2A show an overall view of the system
architecture. The system is composed of a personal computer 100
executing client application software 1C1 and a system server
500. To establish a voice conversation from the personal compuc-
exr 100, the client application software 101 connects, over the
computar network 200, to the router authentication server 500 and
requests a voice connection to a specified phone number. The
system server 500 uses a specialized phone switch 600 to dial the
phone number via the circuit switched telephone network 300.

The preferred embodiment includes a plurality of phone
switches 600 (FIG. 2A} iz a number of IZocations. EBach of the
phone switches 600 are coupled to both the computer network 200
and the circuitc switched telephone network 300. The router
authencication server $00 determines ths optimal phone switch £0C

to route the call through based on the costs ¢f connecting the

(3]
[\
[
et
15}

d party to the phone switch over the circuit switched
telephons network 300, as well as the traffic through the possi-
ble phone switches 608. In an alternative embodiment of the

esant inventlion, multiple router authentication servers 200 may
be couplad to the packet switched computsr network Z00 at one or
more geographical locations.

JuLsSy authsn

- fera¥a) 3 = ey Laad "0 . I~ -

Trzcacion s=rver (6, D the phone swililIni 200 The phons swizcon
¥ o~ e vy~ -~ . - 3 - - - b . v Py = - . - .
ol verlfiZes ths autneniicaticn data, =Lthey [hrough fommunica

tion with the router authentication sarver $0(, or throuab oLner
curity means such as a digital signature generatsd by the
router authentication server 500. The phone switch €00 sends

a
signal indicacting off-hook to the circuit switched telephone net
work 300 and tones or pulses corresponding to the called party’s
phone number over the circuit switched telephone network 300.
The phone swicch 600 then waits for an answer signa’l from the
circuit switched telephone network 300 indicating remote phone
300 has gone coff-hook and answered the call. After the remote
phons 400 answers and & call is established, tha phone switch 600
then converts the voice data received from the circuit switched
telephone network 300 into a format suitable forxr the packet
switched computer network 200 and client application software iCi
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through any of a number of known conventional techniques for
implementing such a gateway between two networks. Similarly, the
phone switch 600 converts voice data received from the packet
switched computer network 200 into a format suitable for the
circuit switched telephone network 300 through conventional
gateway techniques.

The personal computer 100 is physically connected to a
network service provider 220 via a communications link 221 and
modem 150 as is well known in the art. The communications link
222 may be a circuit switched telephone network, a dedicated
connection, or any of a number of known means. The network ser-
vice provider 220 prcvides the personal computex 100 access ©o

£

the computer network 200. The computer network 200 Iis prefarakly
the Internet.
2. PC-Phone Client System

A

3. 3, one aspect 0f ths present invention:
may bs empodied on an audio ready personal computer 100, which
n

(/]
n
3
o]
£
o]
) +
1

comprises a central processcer 110, a main memory 111, & keyboarg
112, a pointing device 113, such as a mouse, glide-control or the
iike, a display device 114, a mass storage device 118, such as a
hard disk, and an intsrnal clock 1i6. The personal computer 130
also includes a sound device 130, inciuding a signal processing
unic 12C. The system ccmpenents cf the personal computer 10C

[V
=
o
M
)

r greatsr and most preferably an Intel ?
atr 75MHz or greater. Other computer systems, such as the
Macintosh™ available Zrom Apple Computer, or the Sun SPARC™
Station from Sun Microsystems™, and other processors, such as the
Motorola 680x0™, the Sun Microsystems SPARC™, and the PowerpP(C™,
jointly developed by Apple Computer, IBM and Motorola, are also
suitable.

Additionally, the personal computer 100 iIs prefe
connected to an internal or external modem 150 or like device for
communication with the computer network 2006. This modem is
preferably capable cf transmitting a minimum cf 14.4kbs, and most
preferably transmits at 28.8kbs or greater. Alternatively, the
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personal computer 100 may be connected via an ISDN adapter and an
ISDN line for communications with the computer network 200 or via
an Ethernet connection to a network connected tc the Internet or
any other type of network interface.

In the preferred embodiment, the sound device 130 may
be any of a number of readily available sound cards, such as the
SoundBlaster™ card, available from Creative Labs, Inc. or the
SoundChoice 32%™, available from Spectrum Signal Processing. The
sound device 130 is connected one or more speakers 125 and a
microphone 125. The sound device 130 may, optionally, include a
standard RJ11 cZelephone jack for connection to a standard analcg
telephone.

The personal computer 100 is preferably under the
controi of a multi-tasking operating system including a TCP/IP
interface, such as that available under Microsof: Windows™,
MacOs8"™, UNIX™, NextStep™ or 08/2™.

The personal computer may establish a connection to the
packet switched computer network 200 via a network service pro-

i I5. ZA). Commercial netwcork service providers in-
ciude: IDT of Hackensack, New Jersey and Performance Systcems
nterzational. The network service provider preferably provides

a Serzai Line Internet Protocol I1SLIF} cr Point-to-Point Protocoi

PPF connesction to the packet switched computer netwsrk 270
The user initlates & call rasgusst Dy snisring a stan-

dard tslsphens numbex through ths cliznt application scf-ware' s

=<1 Fraphlcal user interiace. Alternativaly, the Jrapnical use:

griacs will allow the user s sntsr the zalled party’'s name -
sther infermation which the client
executing on personal computer 100 will translatz to a standard
elephone number based on the user’s personalized database. The
client application software 101 may further prompt the user for
an access name and password, or credit card number, each time a
call Is established. Alternatively, the client application sof:-
ware 2C1 may store the user access name and password (or credirc
card) information when the user configures or first uses the
software 101 and automatically forward the access name and pass-
word {or credit card) to the router authentication server 500.
The client application software 1)1 creates a call
connection request packet containing the called par:y'’s phone
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number and the user’s access information, such as credit card
information or the user’s access name and password. The called
party’s number may be determined through an optional local or on-
line directory. The call connection request packet is sent from
the personal computer 100 to the router authentication server 500
{FIG. 2A}). Upon receipt of the call connection request packet,
the router authentication server 500 verifies the caller’s access
name and password and determines the appropriats phone switch 800
to route the call through based on a number of factors, inciuding
the traffic load on esach of the phone switches 600, and the cost

of transmitting the voice conversation from the potential phone
he called party over the circult switched tele-

ot
1]

switches 600 tec th
phone network 300.
An alternative embodiment of the present Invention does
ot utilize a router authentication server. Instead, the client
application ssftwars 101 itself selects a phons switch <00. Thes
phone switch €20 will itself verify the calier’s access name and
password or crsadit zard information. The client application
softwars 121 may use any cf a number ¢f technigues fcor selecting
the phone switch 50C, including an internal database mapping
destination ar=a codss and central office exchangas to thone

switches 600. This Internal database may bz periosdicel

~Aan o Sy e S AR : PRSI - - - =
eur asS hone switches 275 are moved alddel, JAs.=7s2 MR St ele
- - 3 - = -
AYLLlY mags oul I §=rvice.
Lo ad P ~ P & - P o - - . o pm v e - - Lo
-z YOCSS8S IC2Y Converting petwsen Al ko T S13Naa,

such as cthe caller’'s voice Inpur or audios outrus, and digut:ozsd
=

w2l SwWlDCn

(1

packers suitable for transmission over the pa
computer network 200 is well known in the art. A number
devices, such as the SoundBlaster™ card, ars availabis for
converting between digital and analog audio signals. Whe
converting Zrom audio input to digitized packet data, the audio
input is first sampled or digitized. This sampled data is then
compressed utilizing any ©of a number of known speech compressiorn
algorithms such as GSM. In the preferred embodiment, the speech
will be compressed tc be transmitted at a rate cof approximately
10 kiiobytes/sec (kbs}! in order to make use of a 14.4kbs modem,

leaving approximately 20% of the bandwidth available f£or control
informatior. In the preferrsed embodiment, this algorichm will
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further be capable of achieving such compressior on a personal
computer utilizing an Intel 804868X operating at 33MHz at less
than 1/2 full load.

The client application software 101 preferably is in-
stalled via a self-extracting file. The installation code
determines whether the necessary hardware and software resources
reside on the personal computer. This will include verifying the
disk space and the presence of a sound device, and that the
necessary drivers, such as sound drivers and the Windows socket
interface {("winsock"), are installed. The installation process
may also raquire the user to register with the user registration
server 550 (FIG. 2A).

3. Computer Network

The computer network 700 is preferably the World-wWide
Internet !"Internet”). The Internet is a world-wide network
connecting thousands cf computers ("hosts": and computer ne:-

works. The Internet i

0]

organized as a multi-level hierarchy
containing local networks connected to & number of resgional, mid-
level networks. Each of these regional nstworks is connected to
a backbone network.

The dominant protocol used for transmitti

n
betwzen computers or the Internet is the Transmission Control

Protoccl/Internet Protocel (TCR/IP: Natwer
typizally c<snnect oo the Interner chroush
RETWSIH Jonnecting the Ccompusey To an Intern
-ntarnst addresses ars the addrassing svstam
communications tc specify a parzicular netwo
network with which to communicate. ZCompu

use the numeric internet address or, alzsrn

plus domain name. Host and domain names
Internet addresses by a resolver process.
4. User Registration Server and Billing Server

Referring now to FIG. S, we describe the user registra-
tion server 550 and the billing server 560. The system prefera-
bly includes at least one user registration server 550 which
stores user information, including access name, password, and
billing information. The user may register zither manually or
through iateraction with the client applicaticn software 101.
The database is available to the other components of the system,
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uch as the router authentication sexrver 600 and the billing
server 560.

The billing server 560 (FIG. 2A) maintains a database
of call history for each call established through the system.
The billing server 560 will bill the user, either immediately or
on a monthly basis. The charge may be submitted direcrly to the
user’'s credit card
5. Phone Switch

Referring now to FIG. 4B, the phone switch 600 acts o
convert between the packet data transmitted over the packet
switched computer network 200 and the information transmitted

cver the circuit swictched telephone network 30C. The infcrmaticn
transmitted over the cirxcuit switched tslephone netwo 336 may
be in any ©f a variety of formats ialso know as "protocois®), as

described below, including analog or digital transmissions.
The phone switch 600 Ifurther performs the Zuncticns o

data buffaring 611 and data injection 812 to smooth delays by

ing windows cf several data buffers that initially conrain data
reprasenting silence and overlaying time-stamped incoming pack-
=ts. The buffering technique is used to smoocth ou:t the delays

2 to packet transmission. The phone switch €00 Zurther per-
forms compression and decompression 623 through any sf a number

2f known techniqgues.

. The two porticns preferably communicats throuah a
ta bus. The routing portion performs cthe function of routing

a
muitiple connections over the packet switched computer network

The wvolice processing card portion of ths phone switch
600 consists of one or more voice processing cards, aliso known as
telephone interface cards, which are typically inserrted into i
put/output slocs in the phone switch 600. The voice processi
ards handle calil control, iIncluding sending cr detecting the
apprcpriate signals for going off-hook, dialing phons numbers,
ring detection, answer detection, busy detection, and disconnecs
detection and signalling. The voice processing cards alsc
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perform analog to digital (A/D) and digital to analog (D/A}
conversion whers the interface to the circuit switched telephone
network is an analog format or protocol. Alternatively, the
voice processing cards perform the necessary protocol conversion
where the circuit switched tslephone network interface is digi-
tal, such as a T1 connection. These conversions are typically
cransparent to the routing portion of the phone switch 600.
Additicnally, the voice processing cards perform data compression
and deccmpression as dascribad below. Veice processing cards and

associated softwars drivers are availabls £rom a numbesr of

manufacrurers, Including Dialogic, Rhetorex, or National Micro-
systems Each volce processing card preferably provides a multi-

a
channel interface for handling several simultanecus ghone conver-

4 d. The phons switch <0 is an event-
driven system. Ths phone swictch 400 typically mus: respond to
o

rform the following funciions:

call connection request packet. The ph

o
600 must verify the connecticrn raguest gacket,

POYS

connec:
2r network.

L4 Decompress digital packet data from tze packet
switched computer network upon receiving a voice
packez, and convert to a format . “"protocol®"' suic-
able for the circuit switched teiephone networi.

. Digitize and compress voice data received from the
circuit switched telephone network and convert o
a packscized protocol for the packe: switched

z
computer network.

12
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. Perform audic buffering.

. Perform database updates for billing purposes on
establishment and disconnection of the voice con-
versation.

6. Network and Communication Protocols

The general mechanisms and protocols for communicating
through packet switched computer networks, such as the Internect,
and the circuit switched telephone network, are known in the ar:.
See, e.g., Stallings, W., Data and Computer Communicaticns,
Second Edition, Macmillan Publishing Co. {1988).  Communication
over the packet switched network is preferably implemented
through a set of standardized application layer protocols. The
most preferred embodiment of the packet switched computer network
utilizes the TCP {Transport Control Protoccii and Internet
Protocol (IP protocols), or alternatively, the O8I liayer model,
which are also wegil known in the art. See, =.g., Martin J.,
TCP/IP Networking, PTR Prentice Hall .1%%4;.

The phone switch 600 is preferably adaptable to a var:i-
2ty cf ctelephone network interfaces, however, most preferably
supporcs connection to a digital Tl iine. In typical POTS
service, analog telephone wires extend from a user's POTS set to

a telephone company central station which converts the analog

telephone signals to digital signals by samplins. In-band
signalling is typicalily used to transmit =all ronzrzl informa-
Lion The aralog signals are cypically =ampl=3 az -,{lC0 samples

signals are commonly combined cver & Isur wirs line commonly
tipiaxes 24 volce channels by

cailed a TL Zine. Each T line mul
well known multiplexing techniques, iIn acccrdancs with the
standards established by the International Standards Organization
{ISC). See, in general, Stallings, Data and Computer Communica-
tions, {(ch. 6). Modification of the phone switch 609 to support
other protocols, including Comité Consultatir International de
Téiéphonie et de Télégraphie (CCITT) =i lines, or other digital
or analog transmission protocols, woulid be obvious to one of
ordinary skill in the art. Methods for sstablishing telephone
calls f£rom the phone switch 600 tikrough the telephone network
interface are also known to those of skill in the art.
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In order to reduce packet overhead, and because errors
detected by the TCP protocol may introduce excessive delays not
suitable for voice conversation, the system preferably will use a
connectionless transport layer protocol for the transmission of
voice information over the packet switched computer network.

Such connectionless protocols provide no error recovery and do
not guarartee sequenced data delivery. The most preferred system
will utilize the User Datagram Protocol (UDP), which is well
known tc those of skill in the art. See, =.g., Martin J., TCP/IP
Networking (ch. 8). Certain control infcrmation, however, such
as ca.l connection reguests and database information, preferably
will use2 the TIP prctocol IFIG. 4B).

Referring row to FIG. 7, the ccntent of the packets

—ransmirzced ove

Lo

“he packet switch computer network will be

acl

b1

described. packet will have a command, followed kv a

'l
v 0O

'Cornid;, followed by the data for that type of
~ommand. The connection id is used to datermine the higher level
connaciicn, and optionally to demultiplex many connecticns from a
singie host. The packet data may be encrypted for security
reascns and te protect the user’s privacy.

Th

(1)

different types of commands supported by the system
incliude:

¢ TonniId
¢ USEY name
s Password
e Credit Card Info
¢ Authorization / Routing Reguest
¢+ Command
» ConrId
¢ Destination Telephon= Number
¢ DUser Name
¢ Password

* Phone Connect Recguest
¢ Command

¢ Connlid

14



wn

[op]

4

tn

b

(23]

[7¥]

wn

WO 97/14238 PCT/US96/16096

+ Destination Telephone Number
¢+ Server Key
¢+ Compression Schemes

¢ Voice Data Packet
+ Command
+ ConnId

¢+ Voice Data

* Phone Disconnect Reguest
¢+ Command

¢ ConnZd

* Registration Response Packe:
¢ Command
¢ Connig

s Resu.T Da:za

* Authorization Routing Respcnse Packe:
¢ Command

¢+ ConnId

¢ Servsr Kevy
™ - - - * - -
* Phons Tonnect Responss Fazthass
o Ccmmand

®* Error Packet
¢ Command
+ Connld
+ Reasocn
Referring now to FIG. 2B, a system for ccrnecting two FOTS
sets, wherein at least a portion of the call connection path is
traversed over a packet switched computer network, wil
described. A first user goes off hook on a f£irst POTS set 401
and accesses a first phone switch 650 via a first circuit
switched telephona network 30C. The user then enzers Touch Tone
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data, including billing information and the called station num-
ber. Tone detectors on the first phone switch 650 capture this
data. The first phone switch 650 then generates a call connec-
tion request which is forwarded by the packet switched computer
network 200 to the router authentication server 500. The router
authentication server 500 selects a destination phone switch 690
and raturns the network address of the destination phone switch
€00. The first phone switch 650 then accesses the destination
phone switch 500 and calls are processed as described above for
computer to POTS calls.
7. Database Engine
Referring now to FIGS. S and £, the database 580 will

scribed. The database 570 stores the rouzing, registration,
authentication and billing data and may be =ither distributed or
centralized as is known to those ¢f skill in zhs art. A number
5f wvendors provide tocls f£or constructing such databasss, incliud-
ina Sybase and Oracle.

The databass £$7¢ iIncludess data relating o user and
billing information and server routing information. The database
57¢ will inciuvde a record 582 for each phone switch 500 including
the phone switch’s Internet IP address and por: numbe

—_— 5 3 ~] on ~ - —
as i:ts physical location. The phones switch records 582 will b=
= & - 3 ~o- -
mapped to a s2t of area code reccrds €83, such that ths system
-~ 5=~ ~ge - > - - P~ - - - - -
mEY VEAALLY A[/LSTMINS &.- ATTA TDATS R-rYVICTEZ DNV LN LLONS
- - ~ - ~— - 3 - s oo e * - - = -
swrzch =GC The area cods record S84 will lSC Le manped bace v
< - - o~ = 3. - -~ -~ - - - -~
r.hons switcon racord 882 to facilitate qsrtarminins which pnons

er will be represented by a user record $S8i
! i

which will contain the user’'s name, address and tel2=phon

Each user record 581 will be mapped o several other fields or

reccrds, including: the user’s credir card record 584; an

mn

authentication information rescord 585, including the user
password; and a set of phone call records £86 foxr each call the
user has made in a certain time frame. Each call re

clude the call’s start time, end time and billing rate.

Tt is understood that various other modifications will
be apparent to and can be readily made by those skilled in the
arc without departing from the scope and spirit of the present
invention. For axample, it will be apparent to those c¢f skill i=

i€
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the art to substitute digital or other telephone sers or other
user phone systems, such as a PBX {(Private Branch Exchange), in
place of the POTS sets described. Accordingly, it is not intend-
ed that the scope of the claims be limited to the description or
ililustrations set forth herein, but rather that the claims be
construed as encompassing all features of patentable novelty that
reside zn the present invention, including all features that
would be treated as squivalents by those skililed in the art.

17
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What is claimed is:

1. A system for routing and transmitting voice
conversations, said system comprising:

a circuit switched telephone network supporting at
lesast one voice protocol for routing and transmitting voice
conversations;

a plurality of telephone sets coupled to said circuit
switched telephone network, each of said plurality of telephone
sets having & unique telephone number for access through said
circuit switched telephone netwark;

a packet switched computer netwcrk supporting a digirtal
data packst protocol;

an audio ready computer coupled to said packet switched
computer network, said audioc ready computer for converting analog
voice signals into said digital data packet protocol and for
converting digital data recsived from said packer switched
computer network into analog s:ignals, said audis r=ady computer
generating and forwarding upon user command, via said packet
switched computer network, a packetized call connection resguest
comprising a called telephone number; and

at least one phone switch having a network address on
et

said pack switched network and coupled to said circuit switched

t2lephone network, said phone switch f£or sstablishing a veice
cennecticon to a telephons ser identifled through its unique
telephcens number through said circuis switchsd tsisphons netwoark
and f{cr convarting voice infcrmaticn and contrysl informanicn be-
tween s3id digital data packet protoccl and sald at isast ons

voice protocol,

whereby the audio ready computsr establishes a voics
connection by forwarding a call request containing a unigue
telephone number to the phone switch which establishes a voice
connection to the called telephone set and converts the protocols
between the circuit switched telephone network snd the packet
switched computer nstwork.

2. The system for routing and transmitting voice con-
versations of claim %, wherein said audio ready computer further
comprises:

a database for mapping telephone arsa codes and ex-
changes to said at least one phone switch; and
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a selection means for selecting a one of said at least
one phone switches based on said database mapping.

3. The system for routing and transmitting voice
conversations of claim 1, wherein said packetized call connection
request further comprises user payment information; said system
fcr routing and transmitting voice conversations further compris-
ing an authentication means for verifying the user payment
nformation.

4. The system for routing and transmitting voice
conversacvions of claim 3, wherein said user payment information
comprises a user password.

voice

cransmitiin

wm

The system for routing an

e}

convarsations of claim 3, wherein said user payment information
comprises craditc card information.

Z. The system fcr routing and transmitting voices con-
versaticons of claim 1, wherein said pacxet switched computer
network ls the Internet.

7. A method for =stablishing and transmiiting a voice
conversacion bstween an audio ready computer coupled to a packet
switched computer network and a telephone set courled to & cir-
cuit switched telephone network, said method utilizing a
switch couplied to said circult switched telasphens netw

s [T i e 3 = - ] - LR P [,
Sald Dackel switched TCMPUTEY NeIwWoOrK, S3all MSTINo8 IIhMprising oz

said audio r=ady computer to said phons swioch:

{b! establishing a voice connectiorn bstween said ghone
switch and said telephcne set through said i
phone network;

fcy transmitting, in a digital packe:z protocol forma:z,
voice input received by said audio ready computer during said
voice conversation to said phone switch via said packet switched
compufer network;

{d} transmitting, in a telephone voice and control
information protocol format, voice input received by said tele-
vhone set during said voice conversation to said phone switch via
said circuit switched telephone network;

15
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(e} converting the digital packet formatted voice
input received at said phone switch to a telephone voice and
control information protocol;

(f) ctransmitting said converted information from step
{e} to said telephone set via said circuit switched telephone
network;

{g} converting the telephone voice and control infor-
mation formatted voice input received at said phone switch to a
digital packet protocol;

(h) <cransmitting said converted information from step
{g) to said audio ready computer via said packer switched compuc -
2r network; and

(i} reconstructing the digital packet in formation
received by said audio ready computer into an analog signal,

whereby said phone switch is used tc bridge the voice
conversation between the circuiz switched telephone network
protocol and the packe: switched computer network protacol.

8. The method for establishing and transmitting a
voice conversation of claim 7 wherein steps {c; and (g} further
comprise the step of compressing the voice input before trans-
mission across said packet switched computer network; and steps
(e} and [i} further comprise the step of decompressing the com-

ressed veics iInput.

K¢}

< ieal > 3 £ s vwe mem T L e w - - < -
2. The method for =stablishing and transmitiing voics
F<
£

conversacion c¢f claim 7

e

0o

o
0

switches coupled to saxd packe: switched necwerk, sai
T t

n

election based on a database matching
phone switches.

10. The method of establishing and transmitting a
voice conversation of claim 7 further comprising the steps of:

transmitting user payment information within the call
connection reguest; and

verifying the user payment information before estab-
lishing the voics connection of step (b).

11. A system for routing and transmitting voice
conversations, said system comprising:

20



= AR O

WO 97/14238 PCT/US96/16096

a circuit switched telephone néetwork supporting at
least one voice protocol for routing and transmitting voice
conversations;

a telephone set coupled to said circuit switched

. 3 telephone network;
a packet switched computer network supporting a digital
data packet protocol;
an audio ready computer coupled to said packet switched
computer network, said audio ready computer for converting analog
i voice signals into said digital data packet protocol and for
converting digital data received from said packet switched
computer network into analog signals, said audic rsady computer
generating a packetized call connection request uUpon user com-

mand;

*z at lzast one phone switch Lhaving a natwork address on
said packe: switched network and coupled to said circuit swizchsad
calephone network, said phone switch for establishing a voice

T

connaction through said c¢ircuit switched teliepnone network and
for converting voice information and control information between

c said digital data packet protoccl and said at least one voice

ta
<

protocol; and

.. .
mputer network, salld routing se
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wheraby said audio rsady computer establishes a voice

conversation by raquesting the routing server to return the

(]

network address of a selescted phone switch, said audio ready
computexr transmits all further control and voice data to said
network address of said selected phorne switch.

12. The system for routing and tramsmitting voice
conversations of claim 11, wherein said packetized call connec-

(¥
L

tion request further comprises a user password; said system for
routing and transmitting voice conversations further comprising
an aucthentication means for verifying the user password with a
system database.



VR O

WO 97/14238

PCT/US96/16096

13. The system for routing and transmitting voice
conversations of claim 11 wherein said digital data packet

protocol includes a connection.ess transport layer protocol, said

transmission of said digitized voice signals over said packet

5 switched computer network uc

layer protocol.

ilizing said connectionless transport

14. The system for routing and transmitting voice

conversations of claim 13 wherein said connectionless transport

layer protocol is the User Datagram Protocol.

}a
(&)

conversation between an audio ready computer

15. A method for establishing and transmitting a voice

coupled to a packetg

switched computer network and a telephone set coupled to a cir-

cuit switched telephone network,

said mechod utilizing a routing

server coupled to said packet switched ccmputer network and a

b
43
)rl

L]

method comprising the steps of:

fal transmitiing

call conne

luralitcy of phone switches coupled to said circuit switched
elepnono necwork and said rpacket switched computer network, said

tion reguest packet

containing a telephone number identifying the telephone ser from

{b) selecting a phone switch Zrom said plur

20 said audio ready computer to said routing server;

a
phons switches upon receipt of said call connecticn regusst

rvackst from said audic

request packet to the ssle

tar
Q

{(f} ctransmitt

comput

Mo ¥ :ransmi::ing the

'C. cransmitzing an authori
a

address

oy

=4 S

ie} establishing a voice connection between said

in a digita’. packet protoccl format,

voice input received by said audio ready computer during said

t
in

switched computer network;

{g} transmitting,

irZformation protocol

22

voice conversation to said selected phone switch via said packet

in a telephone voice and control
voice input received by said tele-
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phone set during said voice conversation to said selected phone
switch via said circuit swizched telephone network;

(h} converting the digital packet formatted voice
input received at said selected phone switch to a telephone voice
and control information protocol;

(i) transmitting said converted information from step
(h) to said telephone set via said circuit switched telephone
network;

(j) converting the telephone voice and control infor-
mation formatted voice input received at said se=lected phone
switch to a digital packe: protocol; and

(k) ctransmitting said converted information £rom step
(j} to said audio ready computer via said packet switched comput-
er network,

whereby said selected phone switch is used tc bridge
the voice conversaticn between the circuit switched telephone
network protocol and the packe:t switched computer network proto-
col.

16. A system for routing and tramnsmitting a voice
conversation between a first telephone set and a second telephone
set over a packet switched computer networkx supporting a digital
data packet protocol including voice and call set-up information,
said sysrtem comprising:

ephons
network supporting at _=ast one voice protocsl ingliuding wolcs
and zall sst-up information;

a second circuit switched telephone network coupisd to

said second telephone set, said second circuit switched telephone
network supporting at least one voice protocol including voice
and call set-up information;

a first phone switch coupled to said first circuit
switched telephone network and a second phone switch coupled to
said circuit switched telephone network, said first and second
phone switches each coupled to said packet switched computer
nectwork and each having a unique network address on said packe:
switched network, said first and second phone switches each Zfor
converting between voice and call set-up information from said
first and second cixrcuit switched telephone networks, respectful-

23
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1y, and said digital data packet protocol, said £irst phone
switch further for generating and transmitting a call connection
request over said packet switched computer network upen receiving
a touch tone reguest from said first telephone set, said second
phone switch further for establishing a call setup over said
circuit switched telephone network to said second telephone s=t
upor. receipt of said c¢all connection requesc from first phone
switch,

wheraby a first user accesses said first phone switc
to generate a call request over sald packet switched computer
neatwork to said second phone switch, said second phone switch
then sstablishes a call to said second tzlephone set, said f£irst
and second phone swizches then converting and transmizting voics
information received between said telephons sets and said packe:
switchad computer network.

17. A systam Zor routing and franmsmit:iing a veics
conversatrion between a f£irst telephone sel and a second teisphone

g2t over a packst switched computer network su

ppcring a
data packet protocol iIncluding voice and call set-up inforr
said system comprising:

a plurality of circuit switche

[o 8
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Ty

supporting ar least one veice protocol including voice and calil

s=r-up information:

ched network and at .=as8t ons < 2ai.i ~Lroust switnoned

S
relaphone networks, said plurality of phone switches fach having

D

a unigue network address on said packet switched network, said
plurality of phone switches esach for converting voicz and call
set-up information between said at lsast cne voics protzcsl and
said digital data packet protocol, at least one criginating phons
switch of said plurality of phone switches capabla of generating
a call connection request including a called telsplone number
upon receiving a touch tone request from one of said plurality of
telephone sets; and

a routing server coupled to said packer switched
computer network, sald routing server for selecting a selected
vhone switch from said plurality of phone switches upon receip:t

24



) R A

far

ta
n

in

tn

WO 97/14238 PCT/US96/16096

of said call connection request from said originating phone
switch, said routing server returning a network address of the
selected phone switch to said originating phone switch,
whereby a user accesses a first phone switch through a
first telephone set coupled to a first circuit switched telephone
network and enters a destination telephone number using touch-
tone keys, said first phone switch then transmits a call con-
nection request containing said destination telephone number tz
said routing server which selects a second phone switch based aon
routing considerations, said second phons switch connects to a
second destination telephone set via a second circuit switched
t=iaphons network, said first and second phons swicches then
communicate directly through said packet switched computer net-
work coupling said first and said second telephone sets.
18. A merthod for routing and zZransmitting a voice con-
versation betwaen a Iirst telephone set and a second tzlephone
T ched computer network, said meched ucliliz-
ing a routing server couplad to said packet switched computer
ality of phone switches coupled to said packs
switched computer necwork, said method comprising -he steps of:
{a) accessing a first phons switch from said first
e

o] generating dialing informaticn ~orrssponding to a
t2lephons numbsr or said sscond talaphone =21 trom sazd first
cziazgphone ses;

z said first rhons switcn ostesiing #3id dilal:inw
intormation;

td: <transmitting a call connsaciion regues:t packer

containing the telephone number Zrom sa:d f£irst phone switch =
said routing sesrver;

{e} said routing server selecting a phone switch from
said plurality of phone switches upon receip: cof said call con-
nection request packet from said first phone switch;

{f} transmitting an authorized call connection request
packet containing the network address cf the selected phone
switch from said routing server to said first phone switch;

{g} transmitting the authorized call connection re-
quest packet to the selected phone switch from said first phons
switch;
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{h) establishing a voice connéction between said
selected phone switch and said second telephone set through a
circuit switched telephone network coupling said selected phone
switch and said second telephone set;

(i) converting the telephone voice and control format-

n

ted voice and control information received at said first phone
switch and said selected phone switch to a digital packet proto-
col and forwarding said converted digital packet voice and con-
trxol information between said first and said selected phone

§
[2e]

switches over said packet switched computer network; and

{3} ctransmitrfing said converted information from step
ii) between said Iirst phone switch and said selected phone
switch via said packet switched computer network,

whereby said first phone switch and said seiected phone
he voice conversation betweesn said
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ephone set and said second telephons sst across the

13. The method Ior routing ard transmitting voice
8 wherein said dialing information
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