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                                            ______�Motiviation


A/V Application can be allocated at the INTERNET Back(M)bone and in the company INTRA Networks. Interworking should be ensured in order to enhance the intercommunication possibilities. Standards/Recommendations for that applications are made by different bodies, the ITU-T/SGXVI and the IETF. Both documentation from the groups are slightly different. The use of the Session Invitation protocol, proposted by the IETF, enables f. e. the exchange of terminal capabilities via INTERNET. The goal shall be to have a protocol conversion by the gatekeeper for both protocol stacks.
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INTERNET                           I a  e I      INTRANET

Back(M)bone       +-------+        I t  p I      Rec. H.323

                  I       I        I e  e I

IP                I   r   I        I k  r I      IP (IPX/netbios)

                  I   o   I        +------+      RAS 

                  I   u   I           I          Rec. Q.931

------------------I   t   I------------------------ 

UDP/TCP/RSVP      I   e   I                      UDP/TCP/RSVP

RTP/RTCP          I   r   I                      RTP/RTCP          

SIP/SCIP          I       I                      Rec.H.245/Q.932 

                  +-------+




It seems also to be possible to use the protocol stack described in Rec. H.323 without RAS und Q.931/Q.932 messages in the INTERNET. A port number for messages decoded in line with the Recommendation H.245 will be then necessary.  On the other hand a Session Inviation Protocol that having the funtioncality of parts on Rec. Q.931/Q.932, RAS and H.245 protocol and is published as an INTERNET-DRAFT. 



Protocols taken at the INTERNET-Side are also be used at the LAN aria without any RAS messages. So we have 3 technical configurations. This document tries to catch a mapping between SIP and RAS/H.242/Q.931/Q.932 messages as third constellation. 



Proposal


Endpoint for the Q.931/Q.932, H.245 and RAS messages is the gatekeeper, if the connections leaves the LAN. There is no gatekeeper funktion known in the INTERNET. The start point for Q.931 messages in the opposite direction is also the gatekeeper. For incoming calls the gatekeeper shell first generate the a call establishment procedure as indicate in Recommendation Q.931. The reference for the mapping to the called number and if provided the called party subaddress is may be a IP or an alias. The called H.323 terminal shall initiate a reservation on bandwidth prior to sending a Q.931 ALERT message to the gatekeeper. The gatekeeper shall be able to convert parts of the RAS, H.245 and Q.93X messages to SIP-protocol messages and verse versa.



Common blocks of mapping


The capability exchange on Recommendation H.245 is mapped in appropriate SIP NEGOTIATE messages later on, the opening on the relevant channel decripted in on Rec. H.245 shall be in line with the value of payload typ as part of RTP on the INTERNET, the relevant Q.932 facility message shall be converted to the SIP REDIRECT message, the ALTERNATIVE SIP message with an indication on answering machine shall (H.245) open an audio channel, if optional possible at the LAN side and verse versa. 



One problem at the moment is that there is no port number availible for use of the SIP protocol application. This problem may be solved in the future, because the relevant INTERNET document has only a draft status at the moment.



This figure is belonging to figure 12/H.323. 
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�Same details


NEGOTIATION message

SIP side�Rec. H.242 side��SIP/1.0 REP 4 NEGOTIATE���PA=128.16.64.19 128.16.5.31���AU=none���ID=128.16.64.19/32492376�SessionID��FR=M.Handley@cs.ucl.ac.uk���TO=J.Crowcroft@cs.ucl.ac.uk���CH=IN IP4 18.16.5.31�Destination IP��NO=BANDWIDTH ���b=CT:256�ARQ  BandWidth��AB=CT:128���NO=MEDIA���m=audio 3456 RTP GSM���AM=RTP IDVI���AM=RTP PCMA�g711Alaw64k��AM=RTP LPC���AM=RTP PCMU�g711Ulaw64k��AM=RTP CELP���AM=RTP MPA���AM=RTP VDVI���AM=RTP VSC���AM=RTP TSP0���AM=RTP L8���AM=RTP L18���AM=RTP G721���AM=RTP G723�g7231��AM=RTP G728�g728��AM=RTP G729�g729��AM=RTP G729A�g729AnnexA��AM=RTP G711U56�g711Ulaw56k��AM=RTP G711A56�g711Alaw56k��AM=RTP G722-64�g722-64k��AM=RTP G722-56�g722-56k��AM=RTP G722-48�g722-48k��NO Media���m=video 3458 RTP NV���AM=RTP H261���AM=RTP JPEG���AM=RTP MPV���AM=RTP MP2T���AM=RTP CelB���AM=RTP H261�H261VideoCapability��AM=RTP CPV���AM=RTP HDCC���AM=RTP CUSM���AM=RTP PicW���AM=RTP RGB���AM=RTP H263�H263VideoCapability��NO=Media���m=whiteboard 3460 UDP WB�T120DataProtcol

Capability��NO=MULTICAST����IPAddress for Multicast��
Note: Codes on the SIP side written down in italics are definted by the author. They are not available at the present time in the SIP description.



REDIRECTION Message

SIP side�LAN side��SIP/1.0 REP 4 REDIRECT�Facility message (Q.932)��PA=128.16.64.19 128.16.5.31���AU=none���ID=128.16.64.19/32492374�SessionID (H.245)��FR=M.Handley@cs.ucl.ac.uk���TO=J.Crowcroft@cs.ucl.as.uk���CH=IN IP4 128.16.5.31�Destination IP��RE=IN IP4 239.128.16.254/16�Facility UUIE (Q.932)��

ALERNATIVE Service Message

SIP side�LAN side��SIP/1.0 REP 4 ALTERNATIVE���PA=128.16.64.19 128.16.5.31���AU=none���ID=128.16.64.19/32492374�SessionID (H.245)��FR=M.Handley@cs.ucl.ac.uk���TO=J.Crowcroft@cs.ucl.ac.uk���CH=IN IP4 128.16.5.31���v=0���o=mm-server 2523535 0 IN IP4 128.16.5.31���s=Answering Machine���i=Leave an audio message���c=IN IP4 128.16.64.19�Destination IP/IPX��t=0 0���m=audio 12345 RTP PCMU�g711Ulaw64k capability (H.245)��



REQUEST Message

SIP side�LAN side��SIP/1.0 REQ�SETUP message(Q.931)��PA=128.16.64.19 128.16.5.31 239.128.16.254/16���AU=none���ID=128.16.64.19/32492374�Session ID (H.245)��FR=M.Handley@cs.ucl.ac.uk���TO=J.Crowcroft@cs.ucl.ac.uk���v=0���o=van 2353655765 2353687637 IN IP4 128.3.4.5���s=Mbone Audio���i=Diskussion of Mbone Engineering Issues���e=van@ee.ibl.gov (Van Jacobsen)���c=IN IP4 224.2.0.1/127�called party number (Q.931)/ Destination IP/IPX��t=0 0���m=audio 3456 RTP PCMU�Afterwards open logical channel with g711Ulaw64k for audio transmission (H.245)��



REPLIES Messages

SIP side�LAN side��SIP/1.0 REP 1 Success�CONNECT message (Q.931)��PA=128.16.64.19 128.16.5.31 239.128.16.254/16���AU=none���ID=128.16.64.19/32492374�Session ID (H.245)��FR=M.Handley@cs.ucl.ac.uk���TO=J.Crowcroft@cs.ucl.ac.uk���CH=IN IP4 128.16.8.75�call reference (Q.931)/ Destination IP/IPX��



SIP side�LAN side��SIP/1.0 REP 1 SUCCESS 

(Message shall not be send by the gatekeeper)�CONNECT message (Q.931)��PA=128.16.64.19 128.16.5.31 239.128.16.254/16���AU=none���ID=128.16.64.19/32492374���FR=M.Handley@cs.ucl.ac.uk���TO=J.Crowcroft@cs.ucl.ac.uk���CH=IN IP4 128.16.8.75�call reference(Q.931)/ Destination IP/IPX��RM=ACK���



SIP Side�LAN side��SIP/1.0 REQ ACK

(Message shall not be send by the gatekeeper)�CONNECT message (Q.931)��PA=128.16.64.19 128.16.5.31 239.128.16.254/16���AU=none���ID=128.16.64.19/32492374���FR=M.Handley@cs.ucl.ac.uk���TO=J.Crowcroft@cs.ucl.ac.uk���v=0���o=van 2353655765 2353687637 IN IP4 128.3.4.5���s=Mbone Audio���i=Diskussion of Mbone Engineering Issues���e=van@ee.lbl.gov (Van Jacobsen)���c=IN IP4 224.2.0.1/127�call reference (Q.931)/

Destination IP/IPX��t=0 0���m=audio 3456 RTP PCMU�Afterwards open logical channel for g711Ulaw64k (H.245)��
Note: Only elements at the same row could be mapped. In Order to obtaining the other protocol elements the gatekeeper should store the received values and generated the required one in the appropriate moment.
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Open issue


Based on document AVC-1019 and on point 4.3 in the report for the Eibsee meeting, in future it is possible to use RSVP also for equipment designed in line with Recommendation H.323. The exchange of the knowledge for the use of RSVP is based on Recommendation H.245. But no such mechanism is forseen in the the pure INTERNET protocol at the moment. The source should know the capabilities of the sink, in order to run the RVSP protocol and expect a answer in a defined time to start with the transmission on user data. A definition of a RSVP “capability” in the Session Invitation Protocol is may be helpful at this point, order to prevent the invocation of RSVP if it is not necessary.



There is no call control signaling in the session invitation protocol defined for call clearing. So the indication on call determination should only provided by mutal or visual agreement on the both users at the present time. Otherwice ressources are longer than needed blocked by the cleared terminal. May be the introduction of a timer is useful.



The relevant IETF DRAFTS for the protocol documentation can be obtained at: ftp://ds.internic.net/internet-drafts/draft-ietf-mmusic-sip and if necessary draft-ietf-mmusic-sdp.
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