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* REQUEST-URI’ TEL-URL ;
To SIP-URL
(Cdlled party number@domain) (
pre-configured
)i
FROM SIP-URL
(Cdlling party number@gateway)
SCN URI

SIPRFC[2] 8113 “ From’
* MAX-FORWRDS 70 ;
'CONTACT' SIP (sip://gateway) ;
INVITE SDP offer/answer SDP( )

INVITE ‘ AUTHORISATION’

‘AUTHORISATION' "username”
“ username’ SIP
SIP pre-configuredI P (
pre-configured
) * REQUESTI-URI’ ( ENUM DNS
) DNS IP INVITE
SIP RFC[2] section 13.2.2° Processing INVITE Responses”

“ 180 Ringing” SCN
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SCN ALERTING ACM

DPG
“ 200 OK” SIP RFC[2]
6.10.2
SIP SIP RFC[2]section 15.1.1 “ UAC behaviour”
SIP ( ) CANCEL
BYE/CANCEL SIP
' TO ' FROM’ * CALLID’ ‘' REQUESWT-URI’ ‘ CSEQ
SIP RFC[2]Section12.2.1.1 “ Generating the Request”
INVITE
6.10.3
SIP “ 407 Proxy authentication required” “ 407
Proxy authentication required” SIP 6.21 ( )
INVITE * AUTHORIZATION’
SIP “ 407 Proxy Authentication required” SIP
"username” SIP (
)
SDP SIP SDP
INVITE “ 200 OK” SIP
“ 200 OK” SIP SDF
( )
XX 4xx 5xx 6xx SIP RFC [2] section13.2.2* Processing INVITE
Resopnses”
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Annex A

Normative : TIPHON

SIP

Al

TIPHON SIP
TIPHON message SIP messages
U-SpoA ServiceAttachRequest REGISTER

D_SpoA ServiceAttachResponse

200 OK, 300, 301, 302

D-SpoA ServiceAttachReject

400, 401, 402, 403, 407, 415, 500, 503, 504.

U_SpoA ServiceDetachRequest

REGISTER (EXPIRE = 0)

D_SpoA ServiceDetachResponse

200 OK

1:TIPHON

A2  SIP TIPHON

MPMUs SIP

U_SpoAServiceAttachReq REGISTER
Registration ID M
Registrar ID M Req URI
Registrant ID M TO
Registrar Location M
Protocol 1D M SIP/2.0/lUDP
Name/Address M URI
Port (0] Port number (=5060)
Service Request Ticket M NOT SUPPORTED
Registrar ID M ‘host part’ of Request-URI
Registrant ID M User part of ‘TO' header
Service Credentials M
Service App ID M Implicitin Server ID
SpoA M Reguest-URI
Start Time M Implicitin EXPIRES
Stop Time M Implicit in EXPIRES
Crypto Digest (0]
Crypto Digest (0]
2: U_SpoAServiceAttachRequest SIP

D_SpoAServiceResponse

200 OK, 300, 301, 302
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Registration ID M
Registrar ID M ‘host part’ of Request-URI
Registrant ID M User part of ‘TO’ header
Registrar Location M
Protocol ID M SIP/2.0
Name/Address M URI
Port (0] Port number (5060)
Service Request Ticket M NOT SUPPORTED
Registrar ID M ‘host part’ of Request-URI
Registrant ID M User part of ‘TO’ header
Service Credentials M NOT SUPPORTED
Service App ID M Implicitin Server ID
SpoA M Request-URI
Start Time M Implicitin EXPIRES
Stop Time M Implicitin EXPIRES
Crypto Digest (0]
Crypto Digest (0]

3: D_SpoAServiceAttachResponse

‘D_SpoA ServiceRgject’

4,5, 6 seriesresponses

Service Reject Reason

Service Application ID

Implicitin Server ID

Reject Reason

Reason

Registration ID M
Registrar ID M ‘host part’ of Request-URI
Registrant ID M User part of ‘TO’ header
Registrar Location M
Protocol ID M SIP/2.0
Name/Address M URI
Port (0] Port number (5060)
M
M
M
M

400
401
402

403
407

415
500
503
504
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Diagnostic (0] Information headers in the above
responses
Free Text (0] Above Reasonsin Text
4: D_SpoAServiceRej ect SIP
TIPHON Message SIP Message
U_SpoAServiceDettachReqg REGISTER (Expires=0)
Registration ID M
Registrar ID M ‘host part’ of Request-URI
Registrant ID M User part of ‘TO' header
Registrar Location M
Protocol 1D M SIP/2.0
Name/Address M URI
Port (0] Port number (5060)
Service Request Ticket M NOT SUPPORTED
Registrar ID M ‘host part’ of Request-URI
Registrant ID M User part of ‘TO’' header
Service Credentials M NOT SUPPORTED
Service App ID M Implicitin Server ID
SpoA M Request-URI
Start Time M Implicitin EXPIRES
Stop Time M Implicitin EXPIRES
Crypto Digest (0]
Crypto Digest (o)
5: U_SpoA ServiceDetachRequest SIP
TIPHON parameters SIP Parameters
D_SpoA ServiceDettachResponse 200 OK
Registration ID M
Registrar ID M ‘host part’ of Request-URI
Registrant ID M User part of ‘TO’ header
Registrar Location M
Protocol 1D M SIP/2.0
Name/Address M URI
Port (0] Port number (5060)
Service Detach Flag M Implicitin 200 OK
6: D_SpoAServiceDettachResponse SIP
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Annex B Normative :SIP  TIPHON
TIPHON SIP
TIPHON message: Information elementsin SIP Message
U_Call Request Status | INVITE
Cdlid [ M Cal ID
Calling Party Restriction | M Anonymous header (note 1)
Calling Party Id | C FROM
Called Party Id | M TO
Call priority | O Priority
Operator Selection (C2) | O NOT SUPPORTED
Service Registrant ID M NOT SUPPORTED (note 2)
Offer
Ticket
Registrar 1d M
Service Service App Id M
Credentials
SPoA M
Start Time M
Stop Time M
Crypto Digest (@)
Crypto Digest (0]
7: U_CallRequest SIP

1: *Anonymous DSC Cablelabs
2: Service offer Ticket  SIP
3 ID MPMU
TIPHON message: Information elementsin SIP Message
D_Call Request Status | INVITE
Cdlid | M Cal ID
Calling Party Restriction | C Anonymous header (note 1)
Calling Party Id | O FROM
Caled Party Id | M TO
Call priority | O Priority
8: D_Call Request SIP

1: *Anonymous’ DSC Cablelabs
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TIPHON message: Information elementsin SIP Message
NW_Call Request Status | INVITE
Cdlld | M Cdl ID
Calling Party Restriction | C Anonymous header (note 1)
CallingParty Id | C FROM
Called Party Id | M TO
Call priority | M Priority
9: NW_CallRequest SIP

TIPHON message: Information elementsin SIP Message
D _Call Reject Status | 4,5,6 seriesresponses
Cdlid | M Cal ID
Call Reject Reason | M Note 1
10: D_Call Reject SIP

TIPHON message: Information elementsin SIP Message
D_Call Report Status | 100, 180, 183, 484 responses
Cdlld | M Cdl ID
Report Reason | M
Address Complete 183 SESSION IN PROGRESS
Address Incomplete 484 ADDRESS INCOMPLETE
Call Proceeding 100 TRYING
Call Alerting 180 RINGING
Report Parameters | C
11: D_Call Report SIP

TIPHON message: Information elementsin SIP Message
NW_Call Report Status | 100, 180, 183, 484 responses
Calld | M Cal ID
Report Reason | M
Address Complete 183 SESSION IN PROGRESS
Address Incomplete 484 ADDRESS INCOMPLETE
Call Proceeding 100 TRYING
Call Alerting 180 RINGING
Report Parameters | C
12: NW_Call Report SIP
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U_Call Alert status | 180 RINGING
cal ID M cal ID
13: U_Call Alert SIP

U_CCAdditional Digits status | Subsequent INVITE
Note 1
Cadl ID M cal ID
Additional Digits M
14: U_CCAdditional Digits SIP

1 INVITE Additiona digits

U_Call Connect status | 200 OK
cdl ID M cal ID
15: U_Call Connect SIP

D_Call Connect status | 200 OK
Calib M cal ID
16: D_Call Connect SIP

NW_Call Connect status | 200 OK
cal ID M call ID
17: NW_Call Connect SIP

Bearer Request

status | SDP in

message
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Bearer ID | M SESSION ID inthe ‘O’ field
Uplink ServiceClass | M NOT SUPPORTED
Bearer
Descriptor
Flow Codec Descriptor | M ‘FMT list’” sub field in ‘Media
Descriptor Announcement’ ‘m’ field.
Delay Budget | M NOT SUPPORTED
Frames Per Packet | M NOT SUPPORTED
Transport Max Codec Gross | M ”
Descriptor Bit Rate
Remainder Delay | M NOT SUPPORTED
Budget
Packet Rate | M NOT SUPPORTED
Packet Delay | M NOT SUPPORTED
Variation
Packet Loss | M NOT SUPPORTED
Originator Mpoa | M CONNECTION DATA
Destination | M Provided in the 200 OK
MpoA response.
18: Bearer Request SIP
TIPHON message: Information elements in SIP
Message
Bearer Confirm satus | SDP in 200 OK
message
Bearer ID | M SESSION ID inthe ‘O’ field
Uplink ServiceClass | M NOT SUPPORTED
Bearer
Descriptor
Flow Codec Descriptor | M ‘FMT list’” sub field in ‘Media
Descriptor Announcement’ ‘m’ field.
Delay Budget | M NOT SUPPORTED
Frames Per Packet | M NOT SUPPORTED
Transport Max Codec Gross | M NOT SUPPORTED
Descriptor Bit Rate
Remainder Delay | M NOT SUPPORTED
Budget
Packet Rate | M NOT SUPPORTED
Packet Delay | M NOT SUPPORTED
Variation
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Packet Loss | M

NOT SUPPORTED

Originator Mpoa | M

Provided in the INVITE request.

Destination | M
MpoA

CONNNECTION DATA

TIPHON

19: Bearer Confirm

SIP

SIP

Bearer ID SDP: Session ID
Bearer Descriptor
Service Class (Range) NOT SUPPORTED
Flow Descriptor
Codec Descriptor SDP: ‘m’ (Media Announcement)
‘FMT’ sub-field.
Delay Budget NOT SUPPORTED
Frames Per Packet NOT SUPPORTED
Transport Descriptor
Max Codec Gross Bit Rate NOT SUPPORTED
Remainder Delay Budget NOT SUPPORTED
Packet Rate NOT SUPPORTED
Packet Delay Variation NOT SUPPORTED
Packet Loss NOT SUPPORTED

Originator MpoA

SDP: Connection Data

Destination MpoA Provided in 200 OK response
Cal ID Cal ID
Calling Party ID FROM
Calling Party | Identity Available Not Supported
Restriction
Identity Unavailable Not Supported

Call Priority (Range)

Priority (Free Text)

Called Party ID

TO

Client Detach Flag

Implicitin 200 OK

Error Type 4, 5, 6 Classifications
Source Source Deduced by Error Type
Call Control = same as above
Bearer Control = same as above
Media Control = same as above
Transport Control = same as above
Severity NOT SUPPORTED
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Fatal Error

Warning

Information

Reason

Following Reasons are Supported

No Error

User ID Unknown

404 NOT FOUND

User ID Incomplete

484 ADDRESS INCOMPLETE

Option Not Supported 406 NOT ACCEPTABLE
QoS not Supported NOT SUPPORTED

Priority not Supported NOT SUPPORTED

Codec not Supported NOT SUPPORTED

Too many parameters 413 Request Entity Too Large
Missing Parameters 400 Bad Request

Permission denied NOT SUPPORTED

Invalid Ticket 401 UnAuthorised

Busy 486 Busy Here

No response 480 Temporarily Unavailable
User moved 410 Gone

Service not available

503 Service Unavailable

Resource not available NOT SUPPORTED
QoS not Available NOT SUPPORTED
Priority Not available NOT SUPPORTED
Codec Not available NOT SUPPORTED
Network Data NOT SUPPORTED
Network Location Data NOT SUPPORTED

Network Routing Number

‘Contact’ 3XX response

Operator Selection Indicator NOT SUPPORTED
Party ID TO, FROM
E164 Tel URI
NoA (Range) NOT SUPPORTED
Screening Indicator NOT SUPPORTED
Digits Supported
URL URL
Display Name Display Namein ‘FROM’
Registration ID
Registrar ID Request URI
Registrar Location SIP/2.0/UDP(/TCP) ; Req URI
(Domain Part) ; Port (=5060)
Registrant ID TO
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Registration Mode NOT SUPPORTED
Initial Registration
Refresh Registration
Registration Removed Flag Implicitin 200 OK
Report Type
Address Complete 183 Session in Progress
Address Incomplete 484 Address Incomplete
Call Proceeding 100 Trying
Call Alerting 180 Ringing
RpoA Request URI
Service Application type NOT SUPPORTED

Service Attach Flag Implicitin 200 OK
Service Detach Flag Implicit in 200 OK
Service Offer Ticket (Type) NOT SUPPORTED
Registrant ID
Registrar ID
Service Credentials
Service App ID
SpoA
Start Time
Stop Time
Crypto Digest
Crypto Digest
Service Request Ticket (See Ticket Type) NOT SUPPORTED
Service Reject Reason Type Supported
Service Application ID Type NOT SUPPORTED
Reject Reason (See Error Type) Supported (see Error Type)
SpoA Request URI

Ticket/Token Type (see Service offer ticket Type)

20: Call Control  Registration M eta-Protocol

SIP




Annex C Informative : TIPHON R3 SIP
R3 SIP
Service Status Comments
Simple Call Setup without ICF Supported
Simple Call Setup with ICF Supported
Support for Intra Domain QoS Not Supported
Support for CLIP/CLIR Not Supported
Billing
Legal Intercept Partially Supported Intercept Media path setup vialCF
SCN Interworking Partially Supported
Vol P interconnect Partially Supported
-supporting NAT Supported
- Supporting QoS Not Supported
Roaming Supported
Number Portability Partially Supported QoR, ACQ Supported
Priority Calls Partially Supported Need clarification on Authorisation
Emergency Calls Supported
Carrier Selection Partially Supported Supported by the use of ‘prefix’
(service code). No Service indicator
inSIP
21: TIPHON 3 SIP
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Annex D Normative : TIPHON R3 SIP

TIPHON

Methods

ACK

Provisional ACK (PRACK)

BYE

CANCEL

INVITE

OPTIONS

REGISTER

Responses

100 Trying

180 Ringing

183 Session Progress

200 OK

300 Multiple Choice

301 Moved Permanently

302 Moved Temporarily

400 Bad Request

401 UnAuthorised

404 Not Found

406 Not Acceptable

410 Gone

480 Temporarily Not Available

484 Address Incomplete

503 Service Unavailable

603 Decline

22: TIPHON 3

SIP

SIP header

SIP status

Accept

M

Accept Encoding

M
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Accept Language

Cdl ID

Call Seq

CONTACT

CONTENT TYPE

CONTENT LENGTH

EXPIRES

FROM

MAX FORWARDS

PROXY AUTHORISATION

PROXY AUTHENTICATE

PRIORITY

RECORD Route

REQUIRE

SUPPORTED (option tag: 100rel)

TO

VIA

|2 |0ofojojOo 2|00 2O 2|12 |2 | |

WWW-Authenticate

<

23: TIPHON
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Annex E Informative : SIP SDP

9 TIPHON

SIP

TIPHON capabilities missing in SIP

Comments

Allowed Services (audio, video, data, other)

Caller location

Calling number presentation Identity Available

Identity Unavailable

Error Reason Codec Not Available

Codec Not Supported

No Error

Option Not Supported

Priority Not Supported

QoS Not Supported

QoS Not Available

Resources Not Available

Priority Not Available

Nature of Address

Number of digits required (numbering plan)

Network Data

Network Location Data

Presentation number presentation and restriction

Requested services

Registration Mode

Screening Indicator

Sending complete indication

Service offer Ticket

Service Application ID

Service Application Type

Service details

Severity Level of Error

Supplementary services details

24: SIP

Capabilities missing from SDP

Delay Budget

Frames per packet

Maximum Codec Gross Bit Rate
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Packet Delay Variation

Packet Rate

Packet Loss

Remainder Delay Budget

Service Class

25: SDP
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Annex F Informative 0 3 SIP
F.1 0
TIPHON 0 IP SIP
SIP 2
Calling party Originating Network Intermediate Network Terminating Network Called party
SIP Terminal SIP proxy SIP proxy SIP proxy SIP Terminal
¢ c2 c2 c1
INVITE
INVITE R
< 100 Trying INVITE
P 100 Trying »>
N INVITE
100 Trying >
P 100 Trying
P 180 ringing
180 ringing
I P 180 ringing 200 OK
< 180 ringing 200 OK
200 OK
200 OK <
Ack
£ > Ack
> Ack
> Ack -
Two way RTP media established
BYE R
d BYE
> BYE
> BYE R
_ 200 OK
200 OK 200 OK N
200 OK <
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F.2 1
SIP SCN SCN IP

| Calingparty | Originating Network | Terminating Gateway | Called party |

SIP(I&g])inal SIP proxy Gateway SCN
Clc c2c C3c
INVITE
INVITE R
P 100 Trying IAM _
A B 100 Trying "
ACM
P 180 Ringing
P 180 Ringing B
i Two wax RTP meﬂia established | ' One wax media Eath
PRACK o
PRACK o
200 OK (PRACK) «——200 OK (PRACK)
200 OK (INVITE) < ANM
« 200 OK (INVITE) b
ACK
= ACK N
Two way RTP medid established Two way media path
BYE
BYE -~
200 OK
P 200 OK < Release
Release Complete

180 Ringing SDP
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F.3

| Calling party | Originating Gateway | Terminating Network | Calledparty |

SCN
Cc3

IAM

Gateway

ACM

v

SIP Terminal

A

One way media path

ANM

Release

! Two wa¥ media gath !

Release Complete

v

SIP proxy
c2
c1
INVITE |
" INVITE |
~ 100 Trying d
- P 100 Trying
P 180 Ringing
P 180 Ringing
200 OK
200 OK <
ACk R
ACK

Two way RTP

BYE

edia established

R e ———

BYE

200 OK

200 OK

A

A
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SCN SCN IP
Originating SCN Ingress Gateway SIP proxy Egress Gateway Terminating SCN
Gl c2 c2 c1
IAM
INVITE
' " INVITE
< 100 Trying IAM
100 Trying >
< ACM
Tg wax media Egjh
180 Ringing
180 Ringing <

€

ACM : Two way RTP medla established ;
Tgo wax media Egih
PRACK

PRACK >
200 OK (PRACK)

. 200 OK (PRACK)

ANM
«—200 OK (INVITE)
200 OK (INVITE)
) ANM ACK R

[~ ACK

Two way media path Two way RTP media established Two way media path
Release . BYE

> BYE
> Release
P Release Complete
200 OK 200 OK =

A

Release Complete

A

180 Ringing SDP

-50 -



Document history

<Version> <Date> <Milestone>
VvV 0.0.1 July 2000 Outline approved
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