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(7) ABSTRACT

An apparatus and methods for utilizing a stand-alone Voice
over Internet Protocol (VoIP) telephone with traditional
plain old telephone service (POTS) telephone support is
disclosed. A stand-alone VoIP telephone with an analog
telephone adaptor supporting a plurality of external analog
telephone sets and a digital Internet protocol (IP) interface to
support VoIP voice data communication over a data channel
is presented. The VoIP telephone is used to establish VoIP
service line data connections between a VoIP telephone and
a data switch to an IP network. The VoIP telephone receives
an analog telephone signal from an external analog tele-
phone and establishes a voice connection between the exter-
nal analog telephone and the VoIP telephone.
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METHOD AND APPARATUS FOR STAND-ALONE
VOICE OVER INTERNET PROTOCOL WITH
POTS TELEPHONE SUPPORT

FIELD OF THE INVENTION

[0001] The present disclosure relates generally to Voice
over Internet Protocol (VoIP) telephony, and specifically to
a stand-alone VoIP telephone with traditional plain old
telephone system (POTS) support.

DESCRIPTION OF THE RELATED ART

[0002] Internet protocol (IP) telephones have been
deployed to provide Voice over Internet Protocol (VoIP)
service to the business/enterprise sector. VoIP services have
provided considerable cost savings over that of conventional
long-distance telephone service carriers, particularly for
large multi-national corporations with numerous satellite
offices.

[0003] Typically, an IP telephone set connects to the
corporate local area network (LAN) and/or data network
through an Ethernet connection to a voice-enabled router in
the corporate environment. Many currently available IP
telephones such as those manufactured by Cisco, Siemens,
Polycom, and Alti-IP have an Ethernet jack, e.g. RJ45, to
connect the IP telephone to the LAN connection, and an
additional RJ45 jack to connect the IP telephone and a
computer to the corporate LAN connection.

[0004] Consumers, e.g., residential customers, do not gen-
erally purchase more than a single IP telephone, as the cost
of a single IP telephone is on the order of several hundreds
of dollars. Many households do, however, have more than
one POTS telephone set.

[0005] Current stand-alone IP telephone sets do not sup-
port same line extension to traditional POTS telephone sets.
Thus, when a residential customer purchases a single IP
telephone and subscribes to a VoIP service, calls can only be
made through the single IP telephone and not the existing
POTS telephone sets. Requiring consumers to purchase
multiple IP telephones would be undesirable due to the
average consumer’s budget limits, even considering the
long-distance savings realized by use of an IP telephone. To
support same line extension with the current design of IP
telephone sets, multiple IP telephone sets are required, and
the service provider is typically involved in the provisioning
process for the installation of each IP telephone in the same
household with the same telephone number. This process is
costly for both the consumer and the service provider.

[0006] Accordingly, a need exists for a stand-alone IP
telephone that is capable of supporting conventional tele-
phone sets over the same line extension.

SUMMARY

[0007] In a particular embodiment, a method is presented
for establishing a voice connection using a stand-alone Voice
over Internet Protocol (VoIP) telephone. The method
includes establishing a voice over Internet protocol service
line data connection between a VoIP telephone and a data
switch to an Internet protocol (IP) network. An analog
telephone signal from at least one external analog telephone
is received at the stand-alone VoIP telephone, and a voice
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connection is established between the external analog tele-
phone set and the stand-alone VoIP telephone.

[0008] In a particular embodiment, the stand-alone VoIP
telephone apparatus includes an analog telephone interface
adaptor which supports a plurality of external analog tele-
phone sets. In another embodiment, the stand-alone VoIP
telephone apparatus includes an encoder and decoder mod-
ule responsive to the analog telephone interface adaptor and
responsive to a handset belonging to the VoIP telephone
apparatus, as well as a digital signal processing circuit
responsive to the encoder and decoder module. The VoIP
telephone also includes a time division multiplexer coupled
to the digital signal processing circuit and to the digital
Internet protocol (IP) interface.

[0009] In a further embodiment, a method for establishing
a voice connection using a stand-alone VoIP telephone is
presented. The method includes establishing a VoIP service
line data connection between a stand-alone VoIP telephone
and a data switch, receiving VoIP voice signaling data at a
VoIP telephone network, receiving an analog signal from at
least one external analog telephone set at the VoIP telephone,
and establishing a voice connection between the external
analog telephone set and the stand-alone VoIP telephone. In
a particular embodiment, the data switch is connected to an
IP network. In another embodiment, the method further
comprises sending an analog signal from the at least one
external analog telephone set to the VoIP telephone.

[0010] In another embodiment, a method of communicat-
ing between an analog telephone unit and a stand-alone VoIP
telephone is presented. The method includes receiving a
request from a user of an analog telephone unit to place a
call, processing the request, and sending an analog signal
from the telephone unit over a telephone line that supports
voice traffic to the stand-alone VoIP telephone. The VoIP
telephone includes a data interface to support communica-
tion of voice over Internet protocol.

[0011] In a further embodiment, a method of communi-
cating between a telephone unit and a VoIP telephone is
disclosed. The method includes receiving a telephone signal
from the VoIP telephone, wherein the VoIP telephone
includes a data interface to support communication of voice
over Internet protocol. The method further includes process-
ing the received telephone signal, and establishing a voice
connection between the telephone unit and the VoIP tele-
phone.

[0012] In another embodiment, a method of communicat-
ing using a VoIP telephone is presented. The method
includes receiving telephone traffic from at least one of a
plurality of external telephone units sharing a common
telephone line at a VoIP telephone, converting the telephone
traffic into digital VoIP data, and communicating the digital
VoIP data to data switching equipment. In a particular
embodiment, the method further includes sending the digital
VoIP data from the data switching equipment over an
Internet protocol network.

BRIEF DESCRIPTION OF THE DRAWINGS

[0013] FIG. 1 is a general diagram illustrating a stand-
alone VoIP telephone with traditional POTS telephone set
support for a same line extension;

[0014] FIG. 2 is a block diagram illustrating an embodi-
ment of a VoIP telephone system;
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[0015] FIG. 3 is a flow diagram illustrating a method for
establishing a voice connection using a stand-alone VoIP
telephone;

[0016] FIG. 4 is a flow diagram illustrating a method for
establishing a voice connection using a stand-alone VoIP
telephone;

[0017] FIG. 5 is a flow diagram illustrating a method of
communicating between an analog telephone unit and a
stand-alone VoIP telephone;

[0018] FIG. 6 is a flow diagram illustrating a method of
communicating between a telephone unit and a VoIP tele-
phone;

[0019] FIG. 7 is a flow diagram illustrating a method of
communicating using a VoIP telephone; and

[0020] FIG. 8 is a flow diagram illustrating the use of a
VoIP telephone with an analog telephone set.

DESCRIPTION OF THE DRAWINGS(S)

[0021] The present disclosure is generally directed to a
voice over Internet protocol (VoIP) telephone which pro-
vides support for a traditional plain old telephone service
(POTS) telephone set using a common line extension, and
may be better understood with reference to FIGS. 1 through
8.

[0022] FIG. 1 illustrates an embodiment of a stand-alone
voice over Internet protocol (VoIP) telephone with tradi-
tional plain old telephone service (POTS) telephone support
for a same (common) line extension. In the example of FIG.
1, a stand-alone VoIP telephone 101 has two analog tele-
phone extensions 103 and 105 connected via an analog
interface, e.g., RJ11 adaptor, within the VoIP telephone 101.
VoIP telephone 101 is connected to a digital interface, e.g.
RJ 45 adaptor, to an EtherSwitch 111. EtherSwitch 111 is, in
turn, connected via a service line data connection to data
switching equipment 113. The data switching equipment 113
is configured to communicate digital voice over Internet
protocol data over the Internet protocol network 115, such as
the Internet.

[0023] In a particular example, the digital switching
equipment 113 is a modem. The modem may be an asyn-
chronous digital subscriber line (ADSL) modem, a digital
subscriber line (DSL) modem, a cable modem, or other
high-speed interface. A personal computer (PC) 109 may
also be connected to EtherSwitch 111 to provide the PC 109
access to the IP network 115. EtherSwitch 111 includes logic
to prioritize data transmission, e.g., to prioritize VoIP data
from VoIP telephone 101 over that of PC 109 data, as
needed.

[0024] Tt should be noted that although the two separate
RJ11 lines extending from the analog telephone extensions
103 and 105 are illustrated as going into two separate
locations in the VoIP telephone 101. In an alternate embodi-
ment the VoIP telephone 101 would permit an analog
telephone interface design such that a “side by side”
arrangement is utilized, rather than the separate RJ11 input
points shown in FIG. 1 and FIG. 2.

[0025] FIG. 2 is a block diagram illustrating a stand-alone
VoIP telephone apparatus 201. The VoIP telephone apparatus
201 includes the following components: an analog telephone
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interface adaptor 202 with an RJ11 connection 203 to an
analog telephone extension; an encoder and decoder (codec)
module 204 responsive to a dedicated VoIP telephone hand-
set 211 and responsive to the analog telephone interface
adaptor 202; a time division multiplexer 205 incorporated
into the encoder/decoder module 204; a digital signal pro-
cessing circuit 206 responsive to the encoder/decoder mod-
ule 204; a telephone keypad 207 responsive to caller input;
a control processor 208; a visual display window 209
responsive to an external analog telephone interface; a
digital Internet protocol (IP) interface 214; and a RJ45
connection 215 to a data switch. In another embodiment,
multiple external analog telephone sets share a common line
with the VoIP telephone 201.

[0026] A handset interface 210 is connected to the dedi-
cated VoIP telephone handset 211, which contains a receiver
212 and a microphone 213. The control processor 208
provides processing for the typical user interaction functions
of a telephone, for example, processing the inputs detected
by keypad 207, displaying user information, such as dialed
numbers, in display window 209, providing an audible and
visual indicator for outgoing or incoming calls, and the like.
In an illustrative embodiment, the visual display window is
responsive to call feature management services such as
Caller ID and Call Blocking. More complex telephone
features may also be provided, such as redial, hold, and
transfer.

[0027] 1t will be appreciated that other components may
be incorporated into the VoIP telephone 101 which are not
specifically illustrated herein. Examples of other compo-
nents include a serial interface to allow communication to a
device to permit coordination of telephone information and
to provide automatic dialing. Functions to perform VoIP
voice processing, call processing, protocol processing, and
network management software functions of a stand-alone
VoIP telephone may also be provided by the VoIP telephone
101.

[0028] An embodiment of a method for establishing a
voice connection using a stand-alone VoIP telephone is
presented in the flow diagram of FIG. 3. In step 310, a VoIP
service line data connection is established between a stand-
alone VoIP telephone and a data switch to an Internet
protocol (IP) network. In step 315, the VoIP telephone
receives an analog telephone signal, e.g., an analog tele-
phone off-hook signal from at least one external analog
telephone set at the VoIP telephone.

[0029] In step 320, the VOIP telephone establishes a voice
connection between the at least one external analog tele-
phone set and the VoIP telephone. For example, the VoIP
telephone provides a dial tone to the external analog tele-
phone and collects the TDMF tones from user input into the
external analog telephone set, and translates the TDMF
tones to dialed digits. These dialed digits are packetized and
sent to an [P network. In step 325, a caller using the external
analog telephone set makes a voice call. The VoIP telephone
packetizes the voice data, which is sent to the IP network. A
caller using the external analog telephone set receives line
status information about the called party, e.g., no answer,
busy signal, network not available, conversation with the
called party, through the VoIP telephone.

[0030] FIG. 4 is a flow diagram illustrating an embodi-
ment of a method for establishing a voice connection using
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a stand-alone VoIP telephone. In step 435, a Voice over
Internet Protocol (VoIP) data line connection is established
between a stand-alone VoIP telephone and a data switch. In
one embodiment, the data switch is connected to an Internet
protocol (IP) network. VoIP voice signaling data is received
at a VoIP telephone network in step 440. In step 445, an
analog telephone signal is received from at least one external
analog telephone set at the VoIP telephone. In step 450, an
external analog telephone set sends an analog signal to the
VoIP telephone, and in step 455 a voice connection is
established between the external analog telephone set(s) and
the VoIP telephone.

[0031] FIG. 5 is a flow diagram illustrating another
embodiment of a method of communicating between an
analog telephone unit and a stand-alone VoIP telephone. In
step 510, a stand-alone VoOIP telephone receives a request
from a telephone user to place a call. In a particular
embodiment, the request is an off-hook request. In step 520,
the VoIP telephone processes the request. The request
prompts the VoIP telephone to provide a dial tone. In step
530, an analog signal from the analog telephone unit is sent
over a telephone line that supports voice traffic to the VoIP
telephone. The VoIP telephone includes a data interface to
support communication of voice over Internet protocol. The
telephone user dials a telephone number, and the subsequent
TDMF tones are translated into digital packets for network
transmission to a VoIP network.

[0032] An embodiment of a method of communicating
between an analog POTS telephone unit and a VoIP tele-
phone is presented in FIG. 6. In step 610, a telephone signal
is received from the VoIP telephone. The VoIP telephone
includes a data interface to support communication of VoIP
traffic. In step 620, the VoIP telephone processes the
received telephone signal and, in step 630, the VoIP tele-
phone establishes a voice connection between the telephone
unit and the VoIP telephone.

[0033] FIG. 7 is a flow diagram illustrating a method of
communicating using a VoIP telephone. In step 710, the
VoIP telephone receives telephone traffic from at least one of
a plurality of external telephone units sharing a common
telephone line, e.g. the same phone extension. In step 715,
the VoIP telephone converts the telephone traffic into digital
voice over Internet protocol data. In step 720, the digital
voice over Internet protocol data is communicated to data
switching equipment, and in step 730, the digital voice over
Internet protocol data is communicated from the data
switching equipment over an Internet protocol (IP) network.

[0034] FIG. 8 is a flow diagram illustrating the use of a
VoIP telephone with an analog telephone set. In step 801, an
analog interface, e.g., RJ11, is installed on a VoIP Internet
phone. The VoIP Internet phone has a digital interface, e.g.,
RJ45. In step 803, the VoIP telephone with an analog
interface is connected to an Internet protocol (IP) network.
In step 805, analog telephone set extensions are installed via
the VoIP telephone analog interface. In step 807, the VoIP
telephone provides the encode/decode (codec) functions to
digitize the analog voice signal. The VoIP telephone pro-
vides the digital signal processing (DSP) resource for packet
voice service for the analog telephone set extensions in step
809. In step 811, the VoIP telephone provides signaling for
call features such as Caller ID, distinctive ring, and the like.
In step 813, the VoIP telephone processes voice packets

Dec. 2, 2004

to/from the analog telephone set extensions. In step 815, a
caller makes and/or receives a telephone call using an analog
telephone set extension.

[0035] The method and apparatus described herein pro-
vides for a flexible implementation. Although the invention
has been described using certain specific examples, it will be
apparent to those skilled in the art that the invention is not
limited to these few examples. Additionally, various types of
stand-alone Voice over Internet Protocol (VoIP) telephones
and circuit designs are currently available which could be
suitable for use in VoIP communications when employing
the method and system as taught herein. The above-dis-
closed subject matter is to be considered illustrative, and not
restrictive and the appended claims are intended to cover all
such modifications, enhancements, and other embodiments
which fall within the true spirit and scope of the present
invention. Thus, to the maximum extent allowed by law, the
scope of the present invention is to be determined by the
broadest permissible interpretation of the following claims
and their equivalents, and shall not be restricted or limited
by the foregoing detailed description.

What is claimed is:

1. A method for establishing a voice connection using a
stand-alone Voice over Internet Protocol (VoIP) telephone,
the method comprising:

establishing a voice over Internet protocol service line
data connection between a stand-alone Voice over
Internet Protocol telephone and a data switch to an
Internet protocol (IP) network;

receiving an analog telephone signal from at least one
external analog telephone set at the stand-alone Voice
over Internet Protocol telephone; and

establishing a voice connection between the external
analog telephone set and the stand-alone Voice over
Internet Protocol telephone.
2. A stand-alone Voice over Internet Protocol telephone
apparatus comprising:

an analog telephone interface adaptor, wherein the analog
telephone interface adaptor supports a plurality of
external analog telephone sets; and

a digital Internet protocol interface to support Voice over
Internet Protocol voice data communication over a data
channel.

3. The stand-alone Voice over Internet Protocol telephone

apparatus of claim 2, further comprising:

an encoder and decoder module responsive to the analog
telephone interface adaptor and responsive to a handset
of the Voice over Internet Protocol telephone apparatus;

a digital signal processing circuit responsive to the
encoder and decoder module; and

a time division multiplexer responsive to the digital signal
processing circuit.
4. The stand-alone Voice over Internet Protocol telephone
apparatus of claim 2, further comprising:

a keypad responsive to caller input;

a visual display window responsive to an external analog
telephone interface; and

a dedicated handset.
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5. The stand-alone Voice over Internet Protocol telephone
apparatus of claim 4, wherein the visual display window is
further responsive to call feature management services.

6. The stand-alone Voice over Internet Protocol telephone
apparatus of claim 2, wherein the plurality of external analog
telephone sets share a common line.

7. The stand-alone Voice over Internet Protocol telephone
apparatus of claim 2, wherein the analog telephone interface
adaptor is an RJ11 adaptor.

8. A method for establishing a voice connection using a
stand-alone Voice over Internet Protocol telephone, the
method comprising:

establishing a voice over Internet protocol service line
data connection between a stand-alone Voice over
Internet Protocol telephone and a data switch;

receiving Voice over Internet Protocol voice signaling
data at a Voice over Internet Protocol telephone net-
work;

receiving an analog telephone signal from at least one
external analog telephone set at the stand-alone Voice
over Internet Protocol telephone; and

establishing a voice connection between the external
analog telephone set and the stand-alone Voice over
Internet Protocol telephone.

9. The method of claim &, wherein the data switch is
connected to an Internet protocol network.

10. The method of claim 8, further comprising sending an
analog signal from the at least one external analog telephone
set to the Voice over Internet Protocol telephone.

11. A method of communicating between an analog tele-
phone unit and a stand-alone Voice over Internet Protocol
telephone, the method comprising:

receiving a request from a user of an analog telephone unit
to place a call;

processing the request; and

sending an analog signal from the telephone unit over a
telephone line that supports voice traffic to the stand-
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alone Voice over Internet Protocol telephone, the stand-
alone Voice over Internet Protocol telephone including
a data interface to support communication of voice over
Internet protocol traffic.
12. The method of claim 11, wherein the request is an
off-hook request.
13. Amethod of communicating between a telephone unit
and a Voice over Internet Protocol telephone, the method
comprising:

receiving a telephone signal from the Voice over Internet
Protocol telephone, the Voice over Internet Protocol
telephone including a data interface to support com-
munication of voice over Internet protocol traffic;

processing the received telephone signal; and

establishing a voice connection between the telephone
unit and the Voice over Internet Protocol telephone.
14. A method of communicating using a Voice over
Internet Protocol telephone, the method comprising:

receiving telephone traffic from at least one of a plurality
of external telephone units sharing a common tele-
phone line at a Voice over Internet Protocol telephone;

converting the telephone traffic into digital voice over
Internet protocol data; and

communicating the digital voice over Internet protocol

data to data switching equipment.

15. The method of claim 14, further comprising sending
the digital voice over Internet protocol data from the data
switching equipment over an Internet protocol network.

16. The method of claim 15, wherein the data switching
equipment is a modem.

17. The method of claim 15, wherein the data switching
equipment is a digital subscriber line modem.

18. The method of claim 15, wherein the data switching
equipment is a cable modem.
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