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(57) ABSTRACT

A voice communications system includes a first communica-
tions device and a second communications device. The first
communications device uses data conforming to a predeter-
mined protocol to perform voice communications. The sec-
ond communications device uses data conforming to SIP to
perform voice communications. The second communications
device can convert data from conforming to SIP to the pre-
determined protocol and vice versa. Thus the second commu-
nications device is capable of communicating with the first
communications device.
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VOICE COMMUNICATIONS SYSTEM USING
SIP AND METHOD THEREOF

BACKGROUND OF THE INVENTION

[0001] 1. Field of the Invention

[0002] The present invention relates to a voice communi-
cations system, and more particularly, to a voice communi-
cations system utilizing Session Initiation Protocol (SIP) to
implement voice communications.

[0003] 2. Description of the Prior Art

[0004] Voice over Internet Protocol (VoIP) is implemented
by compressing voice and image signals into data packets,
and then transmitting the compressed data packets through an
internet. A traditional telephone system such as the public
switched telephone network (PSTN) system transfers voice
signals in different time slots. In early days, the quality of
voice signals transferred through the VoIP system is incom-
parable with those transferred through the PSTN system
because of the narrow bandwidth of the VoIP system. How-
ever, the quality of voice signals transferred through the VoIP
system has dramatically improved with the increased band-
width of the VoIP system. Over the past years, various net-
work phones and real time communications software pro-
grams such as Skype, MSN Messenger, Yahoo Messenger,
Google Talk, AIM and ICQ have been developed to make
communications easily accessible.

[0005] VoIP technology comprises various communica-
tions protocols such as H.323, SIP (Session Initiation Proto-
col) and MGCP (Medium Gateway Control Protocol). SIP is
a signal control protocol in the internet application layer for
establishing, updating and terminating communications ser-
vices. SIP defines the commands and standards for establish-
ing and terminating communications. The advantage of SIP is
that it is developed mainly for multi-layer and multi-species
media communications. SIP can exchange information with
PSTN through a gateway. SIP can also be used in a wide area
network. Thus SIP is a flexible and powerful communications
protocol.

[0006] VoIP utilizes an existing network for exchanging
voice signals, thus can save a lot of telephone cost. However,
there are many communications software programs available
on the market, and different communications software pro-
grams may employ different communications protocols.
Thus VoIP may become unfeasible when two communica-
tions ports utilize different communications software pro-
grams.

SUMMARY OF THE INVENTION

[0007] According to a preferred embodiment of the present
invention, a method of using Session Initiation Protocol (SIP)
to implement voice communications comprises converting
inputted voice signals into data conforming to SIP, converting
the data conforming to SIP into data conforming to a prede-
termined protocol, and transmitting the data conforming to
the predetermined protocol to a communications means.
[0008] According to another preferred embodiment of the
present invention, a method of using Session Initiation Pro-
tocol (SIP) to implement voice communications comprises
receiving data conforming to a predetermined protocol from
a communications means, converting the data received from
the communications means to data conforming to SIP, and
outputting voice signals according to the data conforming to
SIP.
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[0009] According to another preferred embodiment of the
present invention, a voice communications system utilizing
Session Initiation Protocol (SIP) to implement voice commu-
nications comprises a first communications means for com-
municating with a first remote host with data conforming to a
predetermined protocol, and a second communications
means for communicating with a second remote host with
data conforming to SIP, and for converting data from con-
forming to the predetermined protocol to conforming to SIP
and vice versa.

[0010] These and other objectives of the present invention
will no doubt become obvious to those of ordinary skill in the
art after reading the following detailed description of the
preferred embodiment that is illustrated in the various figures
and drawings.

BRIEF DESCRIPTION OF THE DRAWINGS

[0011] FIG. 1 is a perspective view of employing SIP to
implement a voice communications system according to an
embodiment of the present invention.

[0012] FIG. 2 is a flowchart of the operation of the voice
communications system in FIG. 1.

DETAILED DESCRIPTION

[0013] Pleasereferto FIG.1.FIG.11is aperspective view of
employing SIP to implement a voice communications system
20 according to an embodiment of the present invention. The
voice communications system 20 comprises a first commu-
nications device 22 and a second communications device 24.
The first communications device 22 uses data conforming to
a predetermined protocol to communicate voice signals with
a first remote host 12. The first communications device 22 is
an instant messenger such as Skype, MSN messenger, Yahoo
Messenger, Google Talk, AIM, ICQ, etc. The instant messen-
ger of the first communications device 22 must be the same as
that of the first remote host 12 to enable the voice communi-
cations therebetween. For instance, if the instant messenger
on the first remote host 12 is Skype, then the instant messen-
ger on the first communications device 22 should also be
Skype.

[0014] The second communications device 24 uses data
consistent with SIP to communicate with a second remote
host 14. The second remote host 14 has an instant messenger
or a network phone utilizing SIP. When the first and second
communications devices 22, 24 use different instant messen-
gers, they can still exchange information because the second
communications device 24 is capable of converting data not
conforming to SIP into data conforming to SIP and vice versa.
Thus the second communications device 24 can exchange
voice signals with the first remote host 12 through the first
communications device 22.

[0015] Further, a network phone utilizing SIP can commu-
nicate with the second remote host 14 through a gateway 26.
With the data consistent with SIP, the second communica-
tions device 24 is able to exchange voice signals with the
second remote host 14 through the gateway 26. Because the
gateway 26 and the second communications device 24 both
utilize SIP, the second communications device 24 can com-
municate with the second remote host 14 through the gateway
26.

[0016] For example, the first communications device 22 is
Skype installed on a computer system. The second commu-
nications device 24 is SIP installed on the computer system.
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The voice communications system 20 is coupled to the gate-
way 26, a microphone 32 and a speaker 34. When SIP is
initiated, Skype and the gateway 26 are controlled by SIP, and
voice signals inputted to the microphone 32 and voice signals
outputted from the speaker 34 are processed by SIP.

[0017] Furtherthe microphone 32 and the speaker 34 canbe
presented by a receiver and a transmitter of a handset of a
telephone respectively, or a receiver and a transmitter of a
portable phone respectively. If the first remote host 12 uses
Skype, the second remote host 14 uses SIP, then a user at the
voice communications system 20 can use SIP to communi-
cate with the first remote host 12, and can establish a voice
communication with the second remote host 14. Further,
through the data conversion of SIP, the user at the first remote
host 12 is able to communicate with the user at the second
remote host 14. Thus, regardless what communications soft-
ware or network phone a remote host uses, the remote host is
able to establish a voice communication with the voice com-
munications system 20 as long as the voice communications
system 20 is installed with SIP and corresponding software.
[0018] Please refer to FIG. 2. FIG. 2 is a flowchart of the
operation of the voice communications system 20 according
to the embodiment of the present invention. Step 110 to step
140 describe how the voice communications system 20 pro-
cesses voice signals to be sent to a remote host. Step 150 to
step 170 describe how the voice communications system 20
processes voice signals received from a remote host.

[0019] Step 100: initiate the voice communications system
20;

[0020] Step 110: input analog voice signals to the micro-
phone 32;

[0021] Step 120: the second communications device 24

converts the analog voice signals to data conforming to SIP;
[0022] Step 130: the second communications device 24
converts the data conforming to SIP to data conforming to a
predetermined protocol of the first communications device
22;

[0023] Step 140: the second communications device 24
transmits the data conforming to the predetermined protocol
to the first communications device 22; the first communica-
tions device 22 transmits the data conforming to the prede-
termined protocol to the first remote host 12;

[0024] Step 150: the first communications device 22
receives data conforming to the predetermined protocol from
the first remote host 12;

[0025] Step 160: the second communications device 24
receives the data conforming to the predetermined protocol
transmitted from the first communications device 22, and
converts the data conforming to the predetermined protocol
into data conforming to SIP;

[0026] Step 170: the second communications device 24
converts the data conforming to SIP to analog voice signals,
and drives the speaker 34 to output the analog voice signals;
[0027] Step 180: End.

[0028] From the above, the voice communications system
20 comprises the first communications device 22 and the
second communications device 24. The first communications
device 22 uses a predetermined protocol. The second com-
munications device 24 uses SIP and is able to convert data
from conforming to the predetermined protocol to conform-
ing to SIP and vice versa. The second communications device
24 can convert inputted analog voice signals into data con-
forming to SIP, then convert the data conforming to SIP into
data conforming to the predetermined protocol, and transmit
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the data conforming to the predetermined protocol to the first
communications device 22. The first communications device
22 canthen exchange information with aremote host. And the
second communications device 24 can receive data conform-
ing to the predetermined protocol from the first communica-
tions device 22, then convert the data conforming to the
predetermined protocol into data conforming to SIP. Lastly
the data conforming to SIP is converted into analog voice
signals which are then output by the speaker 34. Moreover,
the second communications device 24 can be used to com-
municate with a network phone through the gateway 26.
[0029] In conclusion, SIP is an important communications
protocol. Thus the voice communications system of an
embodiment of the present invention uses SIP to integrate
voice communications software on a computer system. The
voice communications system is compatible with a network
phone using SIP. By using a voice communications system
with a communications protocol capable of converting data
format, a user can communicate with a remote host easily by
using the microphone and speaker. Further a voice commu-
nication between two remote hosts installed with different
protocols can be established through the voice communica-
tions system. The voice communications system of the
embodiment of the present invention integrates various voice
communications services making communications easily
feasible.

[0030] Those skilled in the art will readily observe that
numerous modifications and alterations of the device and
method may be made while retaining the teachings of the
invention. Accordingly, the above disclosure should be con-
strued as limited only by the metes and bounds of the
appended claims.

What is claimed is:

1. A method of using Session Initiation Protocol (SIP) to
implement voice communications comprising:

converting inputted voice signals into data conforming to

SIP;

converting the data conforming to SIP into data conform-

ing to a predetermined protocol; and

transmitting the data conforming to the predetermined pro-

tocol to a communications means.

2. The method of claim 1 further comprising:

receiving data conforming to the predetermined protocol

from the communications means;

converting the data received from the communications

means to data conforming to SIP; and

outputting voice signals according to the data conforming

to SIP converted from the data conforming to the prede-
termined protocol.

3. The method of claim 1 further comprising establishing a
voice communication between the communications means
and a remote host.

4. The method of claim 3 wherein establishing the voice
communication between the communications means and the
remote host is establishing the voice communication between
the communications means and the remote host via an inter-
net.

5. A method of using Session Initiation Protocol (SIP) to
implement voice communications comprising:

receiving data conforming to a predetermined protocol

from a communications means;

converting the data received from the communications

means to data conforming to SIP; and
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outputting voice signals according to the data conforming
to SIP.

6. The method of claim 5 further comprising establishing a
voice communication between the communications means
and a remote host.

7. The method of claim 6 wherein establishing the voice
communication between the communications means and the
remote host is establishing the voice communication between
the communications means and the remote host via an inter-
net.

8. A voice communications system utilizing Session Ini-
tiation Protocol (SIP) to implement voice communications
comprising:

a first communications means for communicating with a
first remote host with data conforming to a predeter-
mined protocol; and

a second communications means for communicating with
a second remote host with data conforming to SIP, and
for converting data from conforming to the predeter-
mined protocol to conforming to SIP and vice versa.

9. The system of claim 8 wherein the second communica-

tions means is capable of communicating with the first remote
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host by converting data from conforming to the predeter-
mined protocol to conforming to SIP and vice versa.

10. The system of claim 8 wherein the first communica-
tions means is capable of communicating with the second
remote host by using the second communications means to
convert data from conforming to the predetermined protocol
to conforming to SIP and vice versa.

11. The system of claim 8 wherein the first remote host is
capable of establishing a voice communication with the sec-
ond remote host by the first and second communications
means.

12. The system of claim 8 wherein the second communi-
cations means is capable of using data conforming to SIP to
communicate with the second remote host through a gateway
installed with SIP.

13. The system of claim 8 wherein the first communica-
tions means communicates with the first remote host via an
internet.

14. The system of claim 8 wherein the first and second
communications means are application software programs
installed on a computer system.
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