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(57) ABSTRACT 

A third generation (3G) gateway (30) provides the facilities 
for extending a number of internet protocols (40, 64, 74, 83, 
100, 110, 120 and 130) between a second generation (2G) 
network and a 3G network. The various messages of a 
session initiation protocol (SIP) are extended to provide user 
identi?cation and server identi?cation sub?elds (42). The 
SIP message extensions facilitate the communication of 2G 
and 3G networks for the purposes of implementing push 
to-talk and dispatch service features. 
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INTERFACE CALL SIGNALING PROTOCOL 

BACKGROUND OF THE INVENTION 

[0001] The present invention pertains to communication 
systems, and more particularly, to an interface protocol 
arrangement betWeen third generation (3G) netWorks and 
second generation (2G) netWorks. 

[0002] Communication control in communication systems 
is achieved by transmitting control information betWeen the 
communicating netWorks. Of course, bearer traf?c speech 
and data samples are transmitted. HoWever, control of hoW 
the bearer traf?c is transmitted and received and handled is 
achieved by communication betWeen the netWorks them 
selves. 

[0003] The control information exchanged betWeen com 
munication netWorks is achieved by using a protocol. A 
protocol is an ordered set of information sent by the trans 
mitting netWork and received by the receiving netWork. This 
protocol information is standardiZed so that all netWorks 
may interact With other netWorks. Typical protocols used by 
communication netWorks are based on various Internet 
Engineering Task Force (IETF) standards. Communication 
netWorks knoW the type of netWork With Which they are in 
communication. Certain netWorks may be of a peculiar 
variety or an older type and are not suitable for using the 
IETF standards protocol. Particularly, the IETF standards 
are not inherently capable of supporting an iDEN interWork 
ing requirement. 

[0004] IETF standards are typically documented in 
request for comments (RFCs), Which de?ne particular sig 
naling protocols. Present RFCs Will not permit interfacing 
With 2G iDEN netWorks using session initiation protocol 
(SIP). 
[0005] Accordingly, it Would be highly desirable to have 
session initiation based protocols for interWorking second 
generation communication netWorks With third generation 
communication netWorks. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0006] FIG. 1 is a block diagram of a communication 
system for providing interface call signaling protocols in 
accordance With the present invention. 

[0007] FIG. 2 is a data structure layout of a SIP INVITE 
request in accordance With the present invention. 

[0008] FIG. 3 is a data layout of a SDP message body in 
accordance With the present invention. 

[0009] FIG. 4 is a data layout of a SIP 301 INVITE 
response in accordance With the present invention. 

[0010] FIG. 5 is a data layout of a SIP 302 INVITE 
response message in accordance With the present invention. 

[0011] FIG. 6 is a data layout of a SIP 200 INVITE 
response message in accordance With the present invention. 

[0012] FIG. 7 is a data layout of SIP 4XX-6XX INVITE 
response messages in accordance With the present invention. 

[0013] FIG. 8 is a data layout of a SIP ACK request in 
accordance With the present invention. 
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[0014] FIG. 9 is a data layout of a SIP INFO request in 
accordance With the present invention. 

[0015] FIG. 10 is a data layout of a SIP BYE request in 
accordance With the present invention. 

PREFERRED EMBODIMENT OF THE 
INVENTION 

[0016] FIG. 1 depicts a communication system 10 includ 
ing the interconnection of 2G (second generation) netWork 
20, such as an iDEN netWork coupled to a 3G (third 
generation) netWork 25 via a third generation 3G iDEN 
gateWay 30. Coupled to 2G netWork 20 is 3G iDEN gateWay 
30. Third generation (3G) iDEN gateWay 30 is coupled to 
the 3G netWork 25. 

[0017] Third generation iDEN gateWay 30, among other 
functions, provides for protocol conversions betWeen the 2G 
netWork 20 and the 3G netWork 25. SoftWare of processor 35 
of 3G iDEN gateWay 30 controls the protocols and their 
extensions that Will be explained herein. NeW call signaling 
protocols to facilitate the extension of iDEN dispatch call 
services Will be shoWn. These extensions extend the iDEN 
dispatch call services to external netWorks such as 3G 
netWorks. 

[0018] These interfaces betWeen 2G and 3G netWorks are 
based on the use of Session Initiation Protocol (SIP) and 
related protocols. These base protocols are shoWn in Request 
for comments (RFC 3261) SIP Session Initiation Protocol 
used for call establishment. Further, the present invention is 
built upon Session Description Protocol, Real-time Trans 
port Protocol, and companion standards, involving exten 
sions to the folloWing IETF RFCs: 

[0019] RFC 2976—SIP INFO Method (used for 
talker arbitration); 

[0020] RFC 3326—The Reason Header for the Ses 
sion Initiation Protocol (SIP); 

[0021] RFC 2327—SDP: Session Description Proto 
col; 

[0022] RFC 1889—A Transport Protocol for Real 
Time Applications; 

[0023] RFC 1890—RTP Pro?le for Audio and Video 
Conferences With Minimal Control; and 

[0024] RFC 3558—RTP Payload Format for 
Enhanced Variable Rate Codecs (EVRC) and Select 
able Mode Vocoders (SMV). 

[0025] Although SIP is used to explain the invention, the 
concept of using protocol extensions to de?ne neW param 
eters and functions to enable 2G to 3G netWork interWorking 
is not constrained to the use of SIP, SDP, etc. 

[0026] SIP comprises several message types (requests and 
associated responses), each containing a variety of informa 
tion elements: Request-line or Response-line, assorted man 
datory and optional headers, an optional message body, and 
underlying parameters/?elds. RFC 3261 (extended by RFCs 
2976 & 3326) speci?es the syntax, semantics and methods 
(i.e., functional behaviors) associated With each of these 
information elements. Building on that foundation, this 
invention de?nes the applicable SIP extensions, organiZed 
by message type. The affected message types are: 
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[0027] SIP INVITE Request; 

[0028] SIP 301 Response (i.e., response to INVITE 
Request); 

[0029] SIP 302 Response (i.e., response to INVITE 
Request); 

[0030] SIP 200 Response (i.e., response to INVITE 
Request); 

[0031] SIP 4xx-6xx Responses (i.e., response to 
INVITE Request); 

[0032] SIP ACK Request; 

[0033] SIP INFO Request; and 

[0034] SIP BYE Request. 

[0035] For each distinct SIP message type, an illustrative 
example of the basic message structure, identifying the 
associated headers and message bodies, in accordance With 
the RFC speci?cations With the protocol extensions is 
shoWn. 

[0036] Referring to FIG. 2, a data layout of a SIP INVITE 
request structure 41 is shoWn. The standard INVITE request 
line has the form: INVITE Request/Uniform Resource Iden 
ti?er (URI)/SIP-Version. The URI is used in various IP 
based protocols to denote the address of a resource or user 

and has the form username@host-server). There are tWo 
extensions to the INVITE request line. 

[0037] First, a user information ?eld (user id) 42 of the 
associated URI address may include a username of the form 
user_id.non_sip_server_id to facilitate direct routing to a 
target server that is not SIP enabled, Without requiring a 
separate routing table lookup. For the gateWay 30 imple 
mentation, the non_sip_server_id portion of ?eld 42 is the 
ISDN (Integrated Services Digital Network) address (e.g., 
telephone number) of the dispatch call server that is serving 
the target subscriber. 

[0038] Second, an extension of a sdb ?ag 43 (subscriber 
database) is added. This parameter acts as a ?ag to indicate 
that the associated non_sip_server_id portion of ?eld 42 Was 
determined via a query to the applicable subscriber database 
(e.g., the target subscriber’s HLR (home location register)) 
on this call attempt. 

[0039] This implies that a preceding database query trig 
gered a SIP 302 redirect message, resulting in this INVITE 
request. The sdb parameter is used to override normal cache 
precedence rules, eliminate unnecessary additional sub 
scriber database queries, and mitigate SIP redirect loops. 

[0040] Examples of the syntax for the ?rst and second 
extensions respectively are. 

[0041] INVITE 123*45*678.14805551212@car 
rier.com SIP/2.0 

[0042] INVITE 123*45*678.14805551212@car 
rier.com;sdb SIP/2.0 

[0043] The SIP INVITE 40 From header 45 is also 
extended to include the originating subscriber’s private 
number, Which is used as their address Within the iDEN 
system (i.e., their UFMI (Universal Fleet Mobile Identi?er), 
a “Private Number” that is assigned to each iDEN subscriber 
to facilitate dispatch services). This information is provided 
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in the username information ?eld (user id) 46 of the asso 
ciated SIP-URI in order to facilitate direct mapping of the 
subscriber’s ID betWeen the disparate SIP and iDEN net 
Work domains, Without requiring the use of a separate name 
translation server. Note that this extension also applies to all 
subsequent requests Within the same SIP dialog that are 
initiated by the same user agent as the INVITE, as Well as 
the responses thereto. For all subsequent requests Within the 
same SIP dialog that are initiated by the recipient of the 
INVITE, the From header contains the target subscriber’s 
private number (this applies to applicable INFO and BYE 
requests only). 
[0044] An example of the syntax of the extended From 
header 45 is given beloW. 

[0045] From: 123*45*678@carrier.com; tag=abc123 

[0046] The 123*45*678 depicts the extended value of 
?eld 46. 

[0047] The SIP INVITE 40 To header 47 is extended to 
include the originating subscriber’s private number, Which is 
used as their address Within the iDEN system. This infor 
mation is provided in the username information ?eld (user 
id) 48 of the associated SIP-URI in order to facilitate direct 
mapping of the subscriber’s ID betWeen the disparate SIP 
and iDEN netWork domains, Without requiring the use of a 
separate name translation server. The syntax is de?ned 
beloW. Note that this extension also applies to all subsequent 
requests Within the same SIP dialog that are initiated by the 
same user agent as the SIP INVITE, as Well as the responses 
thereto. For all subsequent requests Within the same SIP 
dialog that are initiated by the recipient of the INVITE, the 
To header 47 includes the originating subscriber’s private 
number (this applies to applicable INFO and BYE requests 
only). 
[0048] An example of the syntax of the extended To 
header is given beloW. 

[0049] To: 123 * 45 * 678 @carriercom; tag= 987xyZ 

[0050] The 123*45*678 depicts the extended value of 
?eld 47. 

[0051] There are tWo extensions to the SIP INVITE 40 
Contact header 49 ?eld. First, similar to the extension 
described for request-line 41, the SIP INVITE 40 Contact 
header ?eld 49 contains a username information ?eld (user 
id) 50 that includes the same ?eld of information 42 as the 
request line 41. The form user_id.non_sip_server_id facili 
tates direct routing of future requests to the target call server 
(Which is not SIP enabled), Without requiring a separate 
routing table lookup. In the 3G gateWay 30, the non sip_s 
erver_id is the ISDN address of the dispatch call server that 
is serving the target subscriber. Note that this extension also 
applies to SIP 200 OK responses to INVITE requests. 

[0052] Second, a neW cache ?ag 51 is added as an exten 
sion parameter to indicate that the receiving server should 
store the associated Contact address for use in future calls to 
the subscriber identi?ed in the associated From header 45 
user id ?eld 46. When used in conjunction With the user 
information naming convention described above, this facili 
tates direct routing of future calls from any originating 
subscriber to the applicable target server (Which is not SIP 
enabled), Without requiring a subscriber database query or a 
complex routing table lookup. Note that this extension also 



US 2005/0286542 A1 

applies to SIP 200 OK responses to INVITE requests, in 
Which case the applicable subscriber is identi?ed in the 
associated To header 47 user id ?eld 48. 

[0053] Examples of the syntax of the extended Contact 
header are given beloW. 

[0054] Contact: 
123*45*678.14805551212@192.123.12.3 
[0055] The 123*45*678.1480555121 depicts the extended 
value of ?eld 50. 

[0056] Contact: john.doe@carrier.com;cache 

[0057] Contact: 
123*45*678.14805551212@192.123.12.3;cache 

[0058] The “cache” ?eld 51 indicates that the receiving 
server should store the value of the contact header 49. 

[0059] The User-Agent header 53 includes a product ?eld 
39 that includes an extension value of “vsgW” and a product 
version ?eld 54 that has an associated interface-version. This 
extension facilitates the negotiation of the interface version 
that Will be used for the associated SIP dialog. 

[0060] Examples of the syntax of the extended User-Agent 
header are given beloW. 

[0061] User-Agent: vsgW/R.02.01.00/R02.02.00 

[0062] User-Agent: pcclient/R.02.01.00 

[0063] The “vsgW” is the extended value of the product 
?eld 39. 

[0064] The R.02.01.00 and R02.02.00 depict extended 
values of the product-version ?eld 54. 

[0065] The SIP INVITE request 40 includes a Content 
type header 55, Which has a media-type ?eld 56. If the 
Message body 57 contains only a single application part 
comprising iGW speci?c Call Processing information, then 
the media-type ?eld 56 contains the extension value “appli 
cation/x-iGW-CP”. 

[0066] An example of the syntax of the extended Content 
type header is given beloW. 

[0067] Content-Type: application/x-iGW-CP 

[0068] The Message body 57 in the SIP INVITE request 
40 includes an iGW Call Processing type extension ?eld 
(x-iGW-CP) 58. The x-iGW-CP message body ?eld contains 
a Call Type parameter, and may optionally include the 
folloWing parameters: Billing Call Reference ID, Priority, 
Service Area ID, Sector ID, EBTS ID and/or MS Status 
Code. Note that if the x-iGW-CP ?eld 58 is part of a 
multipart message body, then associated Content-Type and 
Content-Length headers must also be present in the message 
body 57, in accordance With the multipart message body 
syntax de?ned in RFCs 2045 and 2046. 

[0069] Additionally, for some dispatch call types, the SIP 
INVITE request 40 message body 57 also includes an 
second body-part that comprises an extended version of the 
Session Description Protocol (i.e., designated by an “appli 
cation/sdp” SD content type) 59. See FIG. 3 for details. If 
both message body types are included, then they are encap 
sulated in a multipart message body. In this case, the SIP 
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INVITE 40 Content-Type header 55 contains the value 
“multipart/mixed”, in accordance With RFC 2045 and RFC 
2046. 

[0070] Referring to FIG. 3, the general structure of an 
RFC 2327 Session Description Protocol (SDP) message 
body is illustrated. Note that the Content-type and Content 
length headers are not part of SDP; rather, they are included 
here to re?ect the possible use of a multipart message body 
in accordance With RFCs 2045 and 2046. The Content-type 
header 60 employs the same general syntax as the Content 
type header 55 discussed above (Without extension). 

[0071] For the Attribute ?eld 61, the present invention 
includes several independent and optional media attribute 
extensions to the standard SDP message body. 

[0072] First, a neW attribute 61“a=recvssrc” is de?ned to 
indicate that the recipient must suppress the standard SSRC 
identi?er allocation and collision mitigation functionality 
de?ned in RFC 1889—Real-time Transport Protocol (RTP), 
and use the provided SSRC value in all applicable RTP 
packets. This extension applies to the SDP message body 
that constitutes the “offer” half of the standard SIP “offer/ 
ansWer” model. The syntax of this attribute 61 is shoWn 
beloW by example. 

[0073] 
[0074] A neW parameter “rate_reduc” is de?ned for the 
“a=fmtp” media attribute 61. This attribute 61 is used to 
override the standard mode for Selectable Rate Vocoder 
(SMV—a family of vocoders) or the standard rate reduction 
pattern for Enhanced Variable Rate Codecs (EVRC—a 
family of vocoders), thereby reducing the required media 
bandWidth for the associated call. An example of the rat 
e_reduc parameter is described beloW. 

[0075] a=fmtp:98 maxinterleave=0 rate_reduc=0 
[0076] The Attribute ?eld 61 may also include an alloW 
able value range for packet times de?ned by the “a=ptime” 
and “a=maxptime” media attributes, Which have been opti 
miZed for each applicable vocoder type to improve voice 
quality. Examples are shoWn beloW. 

[0077] 
[0078] 
[0079] 

[0080] TWo neW encoding names have been added for use 
in the attribute ?eld 61“a=rtpmap” attributes: X-VSELP_I6 
and X-AMBE++_I6, both using a clock rate of 8000. 
Examples are shoWn beloW. 

[0081] a=rtpmap:97><-VSELP_I6/8000 
[0082] a=rtpmap:98><-AMBE++_I6/8000 

[0083] The structure of the SIP 301 INVITE response 64 
is illustrated in FIG. 4. From header 65 and To header 66 are 
extended With user information extensions 67 and 68 simi 
larly to the From header 45 and To header 47 and respective 
extensions 46 and 48. 

a=recvssrc:ffeeddcc 

a=ptime: 20 
a=ptime: 25 .375 

a=maxptime : 100 

[0084] A contact-extension parameter 70“range” has been 
added to the Contact header 69 to facilitate the dynamic 
con?guration of applicable routing information (e.g., a rout 
ing table) at the receiving server. An example is shoWn 
beloW. 

[0085] Contact: 123* 45 * 678@carrier.com;range= 
100, 1000, 50, 200 
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[0086] The structure of the SIP 302 INVITE Response 74 
is illustrated in FIG. 5. From header 75 and To header 77 are 
extended With user information extensions 76 and 78 simi 
larly to the From header 45 and To header 47 and respective 
extensions 46 and 48. 

[0087] There are extensions in the SIP 302 INVITE 
Response structure 74 to the Contact header 79. These 
extensions are similar to, and used in conjunction With, 
extensions 42 and 43 explained above in FIG. 2. These 
extensions are user id 80, and the sdb 81 ?eld. 

[0088] First, a user information ?eld (user id) 80 of the 
associated URI address may include a username of the form 
user_id.non_sip_server_id to facilitate direct routing to a 
target server that is not SIP enabled, Without requiring a 
separate routing table lookup. For the gateWay 30 imple 
mentation, the non_sip_server_id portion of ?eld 80 is the 
ISDN (Integrated Services Digital Network) address (e.g., 
telephone number) of the dispatch call server that is serving 
the target subscriber. 

[0089] Second, an extension of a sdb ?ag 81 (subscriber 
database) is added. This parameter acts as a ?ag to indicate 
that the associated non_sip_server_id portion of ?eld 80 Was 
determined via a query to the applicable subscriber database 
(e.g., the target subscriber’s HLR (home location register)) 
on this call attempt. 

[0090] This implies that a preceding database query trig 
gered this SIP 302 redirect message, Which Will result in a 
subsequent INVITE request. The sdb parameter is used to 
override normal cache precedence rules, eliminate unneces 
sary additional subscriber database queries, and mitigate SIP 
redirect loops. 

[0091] An example of the syntax for the ?rst and second 
extensions folloWs. 

[0092] Contact: 
rier.com;sdb 

[0093] Referring to FIG. 6, the structure of the SIP 200 
(INVITE) response 83 is illustrated. Only the extended 
?elds Will be explained for this message. For each informa 
tion element that has been extended by this invention, 
reference numerals are used to explain the extended ?elds. 

[0094] The From header 84 is extended by ?eld 85 Which 
is a user id ?eld. The user id ?eld 85 is the same ?eld as the 
user id ?eld 46 of From header 45 and is explained above 
With reference to FIG. 2. 

[0095] Similarly, the To header 86 is extended by ?eld 87 
Which is a user id ?eld. The user id ?eld 86 is the same ?eld 
as the user id ?eld 48 of To header 47 and is explained above 
With reference to FIG. 2. 

123*45*678.14805551212@car 

[0096] The Contact header 88 is extended by ?elds 89 and 
90, Which include the user id ?eld 89 and the “cache” ?eld 
90. The user id ?eld 89 is the same ?eld as the user id ?eld 
50 of Contact header 49 and is explained above With 
reference to FIG. 2. Further, the “cache” ?eld 90 is the same 
and has a similar explanation to “cache” ?eld 51 of FIG. 2. 

[0097] Similar to the User-Agent header 53 described 
above, the Server header 91 contains a product ?eld 95 that 
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includes an extension value of “vsgW” and a product-version 
?eld 92 that contains an associated interface-version. This 
extension facilitates the negotiation of the interface version 
that Will be used for the associated SIP dialog. The extended 
Server header 91 is used in conjunction With the extended 
User-Agent header 53. Further, the explanation of product 
?eld 95 and product-version ?eld 92 are the same as those 
de?ned in ?elds 39 and 54 of the SIP INVITE Request 40 
shoWn in FIG. 2. 

[0098] Examples of the syntax of the extended Server 
header are given beloW. 

[0099] Server: vsgW/R.02.01.00/R02.02.00 

[0100] Server: pcclient/R.02.01.00 

[0101] The “vsgW” is the extended value of the product 
?eld 95. 

[0102] The R.02.01.00 and R02.02.00 depict extended 
values of the product-version ?eld 92. 

[0103] For SDP message body 93, its explanation is the 
same as that shoWn in FIG. 3. The attribute ?eld 94 has the 
same explanation as attribute ?eld 61 of FIG. 3. 

[0104] Referring to FIG. 7, the data structure of SIP 
4XX-6XX INVITE Responses 100 are illustrated. Only the 
extended ?elds Will be explained for this message. For each 
information element that has been extended by this inven 
tion, reference numerals are used to explain the extended 
?elds. 

[0105] The From header 101 is extended by ?eld 102, 
Which is a user id ?eld. The user id ?eld 102 is the same ?eld 
as the user id ?eld 46 of From header 45 and is explained 
above With reference to FIG. 2. 

[0106] Similarly, the To header 103 is extended by ?eld 
104 Which is a user id ?eld. The user id ?eld 103 is the same 
?eld as the user id ?eld 48 of To header 47 and is explained 
above With reference to FIG. 2. 

[0107] The SIP Reason header 105 is extended beyond the 
standard speci?cation provided in RFC 3326, being 
employed in SIP 4xx-6xx responses With extended values 
de?ned for the protocol ?eld 108, the cause ?eld 106 and the 
text ?eld 107. 

[0108] An example is shoWn beloW. 

[0109] Reason: PgRsp; cause=2; text=“iDEN Target 
Status: 0600” 

[0110] Referring to FIG. 8, the structure of the SIP ACK 
Request 110 and its extensions are illustrated. Only the 
extended ?elds Will be explained for this message. For each 
information element that has been extended by this inven 
tion, reference numerals are used to explain the extended 
?elds. 

[0111] The From header 111 is extended by ?eld 112, 
Which is a user id ?eld. The user id ?eld 112 is the same ?eld 
as the user id ?eld 46 of From header 45 and is explained 
above With reference to FIG. 2. 

[0112] Similarly, the To header 113 is extended by ?eld 
114, Which is a user id ?eld. The user id ?eld 114 is the same 
?eld as the user id ?eld 48 of To header 47 and is explained 
above With reference to FIG. 2. 
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[0113] The SDP message body ?eld 115 is shown in the 
SIP ACK Request structure 110 and is the same as SDP 
Message Body ?eld 93 shown in FIG. 3. The attribute ?eld 
116 of ?eld 115 has the same explanation as attribute ?eld 
61 of FIG. 3, except that the “a=recvssrc” ?eld 116 does not 
apply in the ACK Message body 115. 

[0114] Referring to FIG. 9, the structure of the SIP INFO 
Request 120 and its extensions are illustrated. Only the 
extended ?elds Will be explained for this message. For each 
information element that has been extended by this inven 
tion, reference numerals are used to explain the extended 
?elds. 

[0115] The From header 121 is extended by ?eld 122, 
Which is a user id ?eld. The user id ?eld 122 is the same ?eld 
as the user id ?eld 46 of the From header 45 or the user id 
?eld 48 of the To header (depending on message direction 
relative to the INVITE request). Fields 46 and 48 are 
explained above With reference to FIG. 2. 

[0116] Similarly, the To header 123 is extended by ?eld 
124, Which is a user id ?eld. The user id ?eld 124 is the same 
?eld as the user id ?eld 48 of To header 47 or the user id ?eld 
46 of the From header 45, Which are explained above With 
reference to FIG. 2. 

[0117] Referencing FIG. 9 again, there is further a Con 
tent-Type header 125 in the SIP INFO Request message 
structure 120, Which has a media-type ?eld 126. The media 
type ?eld 126 of the SIP INFO request Content-Type header 
125 may have an extension value “application/x-iGW-T ” 
to indicate the message contains a de?ned iGW Talker 
Arbitration type message body. An example of the syntax of 
the extended Content-type header 125 is given beloW. 

[0118] Content-Type: application/x-iGW-TA 

[0119] The SIP INFO request 120 further has a Message 
body 127 that comprises an extended Talker Arbitration ?eld 
(x-iGW-TA) 128. The x-iGW-TA ?eld 128 in the SIP INFO 
request 120 includes a TA message type parameter. Addi 
tionally, for some TA message types, the message body 127 
also has a message payload parameter. Examples of the 
x-iGW-TA ?eld syntax are depicted beloW: 

[0120] 1) TA=2: Floor Request 

[0121] 2) TA=1 

[0122] timestamp:07d30b04010e1e140064 

[0123] 3) TA=3: Floor Granted 

[0124] 
user:<sip:55*55* 121212@nextelgateWay.com 

[0125] For examples 2 and 3 above, the timestamp and 
user payload parameters are included in the message body 
127. 

[0126] Referring to FIG. 10, the data structure of the SIP 
BYE Request 130 and its extensions are illustrated. Only the 
extended ?elds Will be explained for this message. For each 
information element that has been extended by this inven 
tion, reference numerals are used to explain the extended 
?elds. 

[0127] The From header 131 is extended by ?eld 132, 
Which is a user id ?eld. The user id ?eld 132 is the same ?eld 
as the user id ?eld 46 of From header 45 or the user id ?eld 
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48 of the To header (depending on message direction relative 
to the INVITE request). Fields 46 and 48 are explained 
above With reference to FIG. 2. 

[0128] Similarly, the To header 133 is extended by ?eld 
134, Which is a user id ?eld. The user id ?eld 134 is the same 
?eld as the user id ?eld 48 of To header 47 or the user id ?eld 
46 of the From header 45, Which are explained above With 
reference to FIG. 2. 

[0129] In the SIP BYE Request message structure 130, 
there is also a Reason header 135, Which is extended beyond 
the speci?cation provided in RFC 3326, The Reason Header 
for the Session Initiation Protocol (SIP). Speci?cally, the 
Reason Header 135 employs extended values for the proto 
col ?eld 142, the cause ?eld 136 and the text ?eld 137. An 
example of the use of these ?elds is given beloW. 

[0130] Reason: 
D2V: 0200” 

[0131] The SIP BYE request 130 has a Content-Type 
header 138, Which has a value in the media-type ?eld 139 of 
“application/x-iGW-CP” to indicate that the message con 
tains an iDEN gateWay 30 speci?c call processing type 
message body 140. The same value is used in ?eld 139 as in 
the media-type ?eld 56 described above in FIG. 2. 

[0132] The SIP BYE request 130 also includes an 
extended iGW Call Processing (CP) type application mes 
sage body (x-iGW-CP) 140. The x-iGW-CP message body 
140 in the BYE request 130 contains a call duration param 
eter 141. The call duration parameter 141 indicates the 
length of the associated call. An example of the call duration 
?eld 141 is given beloW. 

[0133] Call duration=41000 

Term; cause=2; text=“abort/ 

[0134] The bearer protocol de?ned by this invention uses 
the Real-time Transport Protocol (RTP), as documented in 
RFCs 1889 and 1990. Appropriate extensions are included 
to specify neW RTP Payload Formats for bearer traf?c that 
utiliZes VSELP I6 or AMBE++ I6 vocoders. 

[0135] The above described call signaling protocols facili 
tate the iDEN netWork call services to external netWorks 
such as 3G netWorks. These protocols provide User Agent 
services for extending iDEN netWork services such as 
dispatch and push-to-talk. 

[0136] Although the preferred embodiment of the inven 
tion has been illustrated, and that form described in detail, it 
Will be readily apparent to those skilled in the art that various 
modi?cations may be made therein Without departing from 
the spirit of the present invention or from the scope of the 
appended claims. 

1. An interface call signaling protocol for a communica 
tion system, using an internet protocol (IP), the interface call 
signaling protocol comprising: 

an INVITE request ?eld; 

the INVITE request ?eld including: 

a user identi?cation extension having direct routing 
information; 

a server identi?cation extension having a netWork 

address; and 
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a subscriber data base ?ag for indicating a table access 
is performed. 

2. The interface call signaling protocol as claimed in 
claim 1, Wherein there is further included: 

a from header ?eld including: 

a user identi?cation extension having direct routing 
information; and 

a server identi?cation extension having a netWork 
address. 

3. The interface call signaling protocol as claimed in 
claim 1, Wherein there is further included: 

a to header ?eld including: 

a user identi?cation extension having direct routing 
information; and 

a server identi?cation extension having a netWork 
address. 

4. The interface call signaling protocol as claimed in 
claim 1, Wherein there is further included: 

a contact header ?eld including: 

a user identi?cation extension having direct routing 
information; 

a server identi?cation extension having a netWork 

address; and 

a cache ?ag for saving the user identi?cation. 
5. The interface call signaling protocol as claimed in 

claim 1, Wherein there is further included: 

a user agent ?eld including: 

a product extension indicating a “voice signaling gate 
Way”; and 

a product version extension. 
6. The interface call signaling protocol as claimed in 

claim 1, Wherein there is further included a content type 
header ?eld including a media type extension representing a 
2G gateWay. 

7. The interface call signaling protocol as claimed in 
claim 1, Wherein there is further included a message body 
?eld including a call processing type media type extension 
representing a 2G gateWay. 

8. The interface call signaling protocol as claimed in 
claim 1, Wherein: 

the internet protocol includes session initiation protocol 
(SIP): and 

the INVITE request ?eld is a SIP INVITE request. 
9. The interface call signaling protocol as claimed in 

claim 1, Wherein for the internet protocol of a session 
description protocol When a message body indicates a multi 
part message, there is further included an attribute extension 
for a session description protocol. 

10. The interface call signaling protocol as claimed in 
claim 1, Wherein there is further included: 

a via header ?eld; 

a maximum forWards header ?eld; 

a call identi?cation header ?eld; 

a Cseq header; and 

a content length header. 
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11. A interface call signaling protocol for a communica 
tion system using an internet protocol (IP), the interface call 
signaling protocol comprising: 

a from header ?eld; 

the from header ?eld including: 

a user identi?cation extension having direct routing 
information; and 

a server identi?cation extension having a netWork 
address. 

12. The interface call signaling protocol as claimed in 
claim 11, Wherein there is further included a to header ?eld 
including: 

a user identi?cation extension having direct routing infor 
mation; and 

a server identi?cation extension having a netWork 
address. 

13. The interface call signaling protocol as claimed in 
claim 11, Wherein there is further included a contact header 
?eld including a range extension for routing information. 

14. The interface call signaling protocol as claimed in 
claim 11, Wherein: 

the internet protocol includes session initiation protocol 
(SIP): and 

the INVITE response ?eld is a SIP 301 INVITE response. 
15. The interface call signaling protocol as claimed in 

claim 11, Wherein there is further included: 

a via head ?eld; 

a call identi?cation header ?eld; 

a Cseq header ?eld; and 

a content length header ?eld. 
16. An interface call signaling protocol for a communi 

cation system, using an internet protocol (IP), the interface 
call signaling protocol comprising: 

an INVITE response ?eld: 

a from header ?eld including: 

a user identi?cation extension having direct routing 
information; and 

a server identi?cation extension having a netWork 
address. 

17. The interface call signaling protocol as claimed in 
claim 16, Wherein there is further included a to header ?eld 
including: 

a user identi?cation extension having direct routing infor 
mation; and 

a server identi?cation extension having a netWork 
address. 

18. The interface call signaling protocol as claimed in 
claim 16, Wherein there is further included a contact header 
?eld including: 

a user identi?cation extension having direct routing infor 
mation; 

a server identi?cation extension having a netWork 

address; and 
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a subscriber data base ?ag for indicating a table access is 
performed. 

19. The interface call signaling protocol as claimed in 
claim 16, Wherein: 

the internet protocol includes session initiation protocol 
(SIP): and 

the INVITE response ?eld includes a SIP 302 INVITE 
response. 

20. The interface call signaling protocol as claimed in 
claim 16, Wherein there is further included: 

a via header ?eld; 

a call identi?cation header ?eld; 

a Cseq header ?eld; and 

a content length header ?eld. 
21. An interface call signaling protocol for a communi 

cation system, using an internet protocol (IP), the interface 
call signaling protocol comprising: 

an INVITE response ?eld; 

a from header ?eld including: 

a user identi?cation extension having direct routing 
information; and 

a server identi?cation extension having a netWork 
address. 

22. The interface call signaling protocol as claimed in 
claim 21, Wherein there is further included: 

a to header ?eld including: 

a user identi?cation extension having direct routing 
information; and 

a server identi?cation extension having a netWork 
address. 

23. The interface call signaling protocol as claimed in 
claim 21, Wherein there is further included: 

a contact header ?eld including: 

a user identi?cation extension having direct routing 
information; 

a server identi?cation extension having a netWork 

address; and 

a cache ?ag for saving the user identi?cation. 
24. The interface call signaling protocol as claimed in 

claim 21, Wherein there is further included a server header 
?eld including a product extension and a product version 
extension for interfacing purposes. 

25. The interface call signaling protocol as claimed in 
claim 21, Wherein for the internet protocol of a session 
description protocol When a message body indicates a ses 
sion description message, there is further included an 
attribute extension for a session description protocol. 

26. The interface call signaling protocol as claimed in 
claim 21, Wherein: 

the internet protocol includes session initiation protocol 
(SIP): and 

the INVITE response ?eld is a SIP 200 INVITE response. 
27. The interface call signaling protocol as claimed in 

claim 21, Wherein there is further included: 
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a via header ?eld; 

a call identi?cation header ?eld; 

a Cseq header ?eld; 

a content type header ?eld; and 

a content length header ?eld. 
28. An interface call signaling protocol for a communi 

cation system, using an internet protocol (IP), the interface 
call signaling protocol comprising: 

an INVITE response ?eld; 

a from header ?eld including: 

a user identi?cation extension having direct routing 
information; and 

a server identi?cation extension having a netWork 
address. 

29. The interface call signaling protocol as claimed in 
claim 28, Wherein there is further included: 

a from header ?eld including: 

a user identi?cation extension having direct routing 
information; and 

a server identi?cation extension having a netWork 
address. 

30. The interface call signaling protocol as claimed in 
claim 28 Wherein there is further included: 

a reason header ?eld including: 

a protocol extension; 

a cause extension; and 

a text extension. 

31. The interface call signaling protocol as claimed in 
claim 28, Wherein: 

the internet protocol includes session initiation protocol 
(SIP): and 

the INVITE response ?eld is a SIP 4XX-6XX INVITE 
response. 

32. The interface call signaling protocol as claimed in 
claim 28, Wherein there is further included: 

a via header ?eld; 

a call identi?cation header ?eld; 

a Cseq header ?eld; and 

a content length header ?eld. 
33. An interface call signaling protocol for a communi 

cation system, using an internet protocol (IP), the interface 
call signaling protocol comprising: 

an ACK request ?eld; 

a from header ?eld including: 

a user identi?cation extension having direct routing 
information; and 

a server identi?cation extension having a netWork 
address. 

34. The interface call signaling protocol as claimed in 
claim 33, Wherein there is further included: 

a to header ?eld including: 
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a user identi?cation extension having direct routing 
information; and 

a server identi?cation extension having a netWork 
address. 

35. The interface call signaling protocol as claimed in 
claim 33, Wherein: 

the internet protocol includes session initiation protocol 
(SIP): and 

the ACK request ?eld is a SIP ACK request. 
36. The interface call signaling protocol as claimed in 

claim 33, Wherein there is further included: 

a via header ?eld; 

a maximum forWards header ?eld; 

a call identi?cation header ?eld; 

a Cseq header ?eld; 

a content type header ?eld; and 

a content length header ?eld. 
37. The interface call signaling protocol as claimed in 

claim 33, Wherein for the internet protocol of a session 
description protocol When a message body indicates a ses 
sion description message, there is further included an 
attribute extension for a session description protocol. 

38. An interface call signaling protocol for a communi 
cation system, using an internet protocol (IP), the interface 
call signaling protocol comprising: 

a message body for identifying a 2G gateWay; and 

a talker arbitration extension representing a plurality of 
parameters. 

39. The interface call signaling protocol as claimed in 
claim 38, Wherein there is further included: 

an information request extension; and 

a content type header ?eld including an arbitration type 
extension. 

40. The interface call signaling protocol as claimed in 
claim 38, Wherein there is further included: 

a from header ?eld including: 

a user identi?cation extension having direct routing 
information; and 

a server identi?cation extension having a netWork 
address. 

41. The interface call signaling protocol as claimed in 
claim 38, Wherein there is further included: 

a to header ?eld including: 

a user identi?cation extension having direct routing 
information; and 

a server identi?cation extension having a netWork 
address. 

42. The interface call signaling protocol as claimed in 
claim 39, Wherein: 

the internet protocol includes session initiation protocol 
(SIP): and 

the information request extension includes a SIP INFO 
request. 
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43. The interface call signaling protocol as claimed in 
claim 38, Wherein there is further included: 

a via header ?eld; 

a maximum forWards header ?eld; 

a call identi?cation header ?eld; 

a Cseq header ?eld; and 

a content length header ?eld. 
44. An interface call signaling protocol for a communi 

cation system, using an internet protocol (IP), the interface 
call signaling protocol comprising: 

a BYE request ?eld; and 

a gateWay call processing message body ?eld including a 
call duration extension. 

45. The interface call signaling protocol as claimed in 
claim 44, Wherein there is further included: 

a from header ?eld including: 

a user identi?cation extension having direct routing 
information; and 

a server identi?cation extension having a netWork 
address. 

46. The interface call signaling protocol as claimed in 
claim 44, Wherein there is further included: 

a to header ?eld including: 

a user identi?cation extension having direct routing 
information; and 

a server identi?cation extension having a netWork 
address. 

47. The interface call signaling protocol as claimed in 
claim 44, Wherein there is further included: 

a reason header ?eld including: 

a protocol extension; 

a cause extension; and 

a text extension. 

48. The interface call signaling protocol as claimed in 
claim 44, Wherein there is further included a content type 
header ?eld including a media type extension. 

49. The interface call signaling protocol as claimed in 
claim 44, Wherein there is further included: 

a via header ?eld; 

a maximum forWards header ?eld; 

a call identi?cation header ?eld; 

a Cseq header ?eld; and 

a content length header ?eld. 
50. The interface call signaling protocol as claimed in 

claim 44, Wherein: 

the internet protocol includes session initiation protocol 
(SIP): and 

the BYE request ?eld is a SIP BYE request. 

* * * * * 


