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Introduction


The International Telecommunications Union - Telecommunications Standardization Sector (ITU-T) produces recommendations for building interoperable audiovisual client systems and equipment. One of these recommendations is H.323, which is titled Visual Telephone Systems and Equipment for Local Area Networks Which Provide a Non-guaranteed Quality of Service. H.323 specifies how to build interoperable systems and equipment that will perform audiovisual conferencing on packet networks. It includes methods for using the RTP/RTCP, TCP/IP and UDP/IP protocols defined by the IETF.





The Real Time Streaming Protocol (RTSP) is a draft specification submitted as an Internet-Draft on October 9, 1996 by Anup Rao and Rob Lanphier. It is intended to be the start of developing an application-level protocol for control over the delivery of data with real-time properties. This would include the on-demand delivery of live data feeds and stored clips of audio and video information. Like H.323, it includes methods for using TCP/IP and UDP/IP network protocols defined by the IETF.





The purpose of this paper is to describe the details necessary to specify how a H.323 participant can cause an RTSP server to source streams into a H.323 conference. It is important for the H.323 conference to be able to function unchanged, as if the streams have been provided by one of the conference participants. Indeed, other than the H.323 entity that requested the streams from the RTSP server, no other participant will even recognize that the streams originated from a non-H.323 source.


Problem Statement


It is desired to allow an H.323 conference participant to access an RTSP server, and have RTSP supplied server streams appear to the other H.323 conference participants as streams provided by an H.323 conference participant. It is desired to embrace H.323 version 1 as currently specified by the ITU-T, and require no changes to the existing H.323 protocol. 





It is desired to have an IETF sanctioned RTSP specification that accommodates the concept of providing a stream to an H.323 conference. The changes that are required to the RTSP Internet-Draft to accomplish this concept are outlined in a separate section. It is a goal to have H.323 operate in the manner outlined herein, without requiring changes to the eventual IETF sanctioned RTSP document. Therefore, the changes outlined in this document will need to be included in the IETF sanctioned RTSP document through the IETF approval process.


System Overview


The basic assumption is that RTSP servers will be providing streams that will be viewed as part of an H.323 conference. It is also assumed that at least one of the H.323 clients also support the RTSP client protocol. This client acts as a Proxy for the H.323 Conference in communicating with the RTSP Server.





Two methods of streaming from the Server to the H.323 Conference are described in this document. 


In the first method the streams are first sent to the Proxy by the Server. The Proxy then sends the streams to all the Clients in the H.323 Conference. This method does not require changes to RTSP.


In the second method the streams are sent directly to all the H.323 Clients by the Server. This method requires changes to RTSP.





Each methods has its pro and cons.





Method 1 has the advantage that it will have no impact on RTSP or H.323. It will leave the bridging of the two environments as an implementation issue of the companies building the gateways. There are disadvantages that can limit the usefulness of the method. This will require the Proxy to have a fairly complex implementation, and have larger resources, and is less likely to be resident on most H.323 clients. Method 1 requires that the Proxy receive the stream from the server and deliver the stream to the conference. This will often double the bandwidth required for streaming on the Proxy’s network connection. Method 1 is also limited by the Proxy’s ability to bridge the connections. If transcoding of the streams is required, the Proxy may be limited by its memory, processor power (MIPS), or by availability of codecs.





Method 2 will have less impact on the implementation and complexity of the Proxy, and therefore be more likely to be resident on many H.323 clients. This will allow RTSP streaming to happen into most H.323 conferences. It will also provide for a more efficient use of the network bandwidth, and Proxy resources, than method 1. Since the changes required to RTSP in method 2 make it easier to use in a streaming application (H.323), the changes will likely be useful in other general streaming applications. The disadvantages to method 2 are that they require changes to the proposed RTSP protocol. This may be mitigated b the fact that RTSP is in draft stage, and is likely to change as it matures. There may still be a few cases where method 2 may fail, but they are connected to the inability to match a stream format to the limited set of conference capabilities. This of course is easily overcome by the server providing standard format choices for streams likely to be used in an H.323 conference.


Proxy Acts as a Gateway for Streams


These methods are to be used if the user at the Proxy decides to stream a file into a conference he is participating in, and is willing to act as a gateway for the network and coding format. The interaction of the RTSP client and server, as well as all communication parameters, are outside the scope of the H.323 conference. The Proxy has the onus to forward the stream to the other H.323 conference participants using any one of the three conference modes (multicast, multiple-unicast, or point-to-point), and possibly doing any network or coding translations necessary. The connections are shown in � REF _Ref371737610 \* MERGEFORMAT �Figure 3� below.
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Figure � SEQ Figure \* ARABIC �1� - Streams separate from H.323 conference.


Server provides streams directly to all the H.323 Clients in the conference 


These methods are to be used if the user at the Proxy decides to stream a file into a conference he is participating in, and desires to have the stream communicated directly to the other endpoints. The interaction of the RTSP client and server, is outside the scope of the H.323 conference. However, the communication parameters and coding format are defined by the H.323 conference. The Proxy has the onus to signal the OpenLogicalChannel to the other H.323 conference participants. The RTSP server, being controlled by the Proxy, then flows the streams into the conference directly to the other conference endpoints participants using any one of the three conference modes (multicast, multiple-unicast, or point-to-point). This stream appears in the conference as belonging to the Proxy. The connections are shown in � REF _Ref371738180 \* MERGEFORMAT �Figure 2� below.
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Figure � SEQ Figure \* ARABIC �2� - Streams part of H.323 conference.


The procedures for the two methods are described in the following sections. If changes are required in RTSP these are outlined in a section that follows.


Procedures for Streaming from RTSP Server to H.323 Conference


The scenario consists of a Multipoint Multicast H.323 conference involving three participants or clients C1, C2, and C3. The Multipoint Controller (MC) of C2 is used. The  RTSP Proxy is co-located in C3 and it has all the information about the H.323 Conference known to its H.323 Client. The user at C3 decides to stream a file from the RTSP Server to the H.323 conference. Assume the file contains both audio and video. Since RFC 1890 (RTP Profile for Audio and Video Conferences with Minimal Control) requires that different media be on separate RTP Sessions, there will be two RTP Sessions (assuming multicast), one for audio and the other for video. Before streaming, the Proxy must check that the media-specific parameters of the File are within the capability of the H.323 conference. 


Streams from the Server to the Proxy





� REF _Ref371737610 \* MERGEFORMAT �Figure 3� shows the scenario described previously in section � REF _Ref371817812 \n �4�. The steps involved in streaming are shown below for the multicast case. The point-to-point and multi-unicast case are also possible even though they are not described in this section. Note that the error cases are not covered. It is assumed that if an error occurs the Proxy will terminate its connection with the Server by sending a GOODBYE. 
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Figure � SEQ Figure \* ARABIC �3� - Streams from the Server to the Proxy


The steps are as follows:





The Proxy establishes a connection with the Server. The Proxy sends a Hello and receives a Hello from the Server.


The Proxy sends FETCH to the Server specifying the maximum bandwidth for both media associated with the object.


The Server sends one STREAM_HEADER for each media type. The Server provides information regarding the delivery of the stream - unicast or multicast.


The Proxy sends one GET_PARAM for each media with the FAMILY_ID obtained from the STREAM_HEADER.


The Server sends one PARAM_REPLY for each media with media-specific details.


The Proxy sends SET_PARAM for each of the two media to make the streams within the capabilities of the H.323 Conference. The maximum bit rate for each stream is specified here.


The Server replies with a SET_PARAM_REPLY.


If the stream is available in unicast, the Proxy sends SET_TRANSPORT to the Server. It provides the following parameters for each of the two sessions: Unicast UDP, Fixed RTP header, port, and the SSRC. If the stream is available in multicast, the Server provides the multicast address and port in SET_TRANSPORT.


The Proxy sends two H.245 OpenLogicalChannel messages (one for audio and the other for video, perhaps in the same packet) to the MC requesting two RTP Session for the two streams from the Server. The Proxy specifies that the two logical channels are associated with each other for lip-synchronization. The parameters in the OpenLogicalChannel should be within the capability of the conference.


The MC sends two H.245’s OpenLogicalChannelAck messages to the Proxy, assigning the multicast address and port for each of the two sessions.


The MC sends the CommunicationModeCommand to C1 and C2 specifying the two new receive-only sessions and their association to each other for purposes of lip-synchronization.The MC sends two OpenLogicalChannel messages to C1 and C2. The clients interested in the sessions send two OpenLogicalChannelAck (one for each session), otherwise two OpenLogicalChannelReject. Note that the MC does not send OpenLogicalChannel to C3; the Client that is co-located with the Proxy. The interaction between the Proxy and its co-located H.323 Client in C3 is not covered in this document.


The Proxy sends PLAY_RANGE to the Server.


The Server sends STREAM_SYNC to the Proxy.


The Proxy receives the streams from the Server and forwards into the appropriate sessions. To simplify the design of the Proxy the RTSP Server should use the SSRC provided by the Proxy in SET_TRANSPORT. Otherwise, the Proxy will have to change the SSRC of the packets received according to the rules of H.323 before transmitting to the conference.





Step 1 connects the Proxy to the Server. Steps 2 through 8 setup the Server streams to the capabilities of the H.323 conference. Steps 9 through 11 setup the H.323 Clients for the two new sessions. Steps 12 and 13 start the streams from the Server to the Proxy. And step 14 forwards the packets from the Proxy to C1 and C2. These steps are shown below in the figure 4 below.
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Figure � SEQ Figure \* ARABIC �4� - Protocol Flows


Streams from the Server to the H.323 Clients in the conference


� REF _Ref371753258 \* MERGEFORMAT �Figure 5� shows the scenario described previously in section � REF _Ref371818256 \n �4�. The steps involved in streaming are shown below. Note that the error cases are not covered. It is assumed that if an error occurs the Proxy will terminate its connection with the Server by sending a GOODBYE. 


�


Figure � SEQ Figure \* ARABIC �5�- Streams from the Server to the H.323 Clients


 The steps are as follows:





The Proxy establishes a connection with the Server. The Proxy sends a Hello and receives a Hello from the Server.


The Proxy sends FETCH to the Server specifying the mode of  stream delivery (multicast) and the maximum bandwidth for both media associated with the object.


The Server sends one STREAM_HEADER for each media type.


The Proxy sends one GET_PARAM for each media with the FAMILY_ID obtained from the STREAM_HEADER.


The Server sends one PARAM_REPLY for each media with media-specific details. The Proxy compares the parameters with the capability of the H.323 conference. For example, the video capability of the H.323 conference may include: H.263 Codec, CIF, and some max bit rate.


The Proxy sends SET_PARAM for each of the two media to make the streams within the capabilities of the H.323 Conference. The maximum bit rate for each stream is specified here.


The Server replies with a SET_PARAM_REPLY.


The Proxy sends two H.245 OpenLogicalChannel messages (one for audio and the other for video, perhaps in the same packet) to the MC requesting two RTP Sessions for the two streams from the Server. The Proxy specifies that the two logical channels are associated with each other for lip-synchronization. The parameters in the OpenLogicalChannel should be within the capability of the conference.


The MC sends two OpenLogicalChannelAck messages to the Proxy, assigning the multicast address and port for each of the two sessions.


The MC sends the CommunicationModeCommand to all the Clients (C1, C2, and C3) specifying the two new receive-only sessions and their association to each other for purposes of lip-synchronization.The MC sends two OpenLogicalChannel messages to C1 and C2. The clients interested in the sessions send two OpenLogicalChannelAck (one for each session), otherwise two OpenLogicalChannelReject. Note that the MC does not send OpenLogicalChannel to C3; the Client that is co-located with the Proxy. The interaction between the Proxy and its co-located H.323 Client is not covered in this document.


The Proxy sends SET_TRANSPORT to the Server. It provides the following parameters for each of the two sessions: Multicast UDP, Fixed RTP header, Multicast address and port, and the SSRC. The Proxy creates the SSRC through the unique H.245’s TerminalLabel that its co-located H.323 Client received from the MC at the beginning of the conference.


The Proxy sends PLAY_RANGE to the Server.


The Server sends STREAM_SYNC to the Proxy.


The Server streams the data on the two sessions supplied by the Proxy. The interaction between the Proxy and its co-located Client in C3 to playback the streams is not covered in this document.





Step 1 connects the Proxy to the Server. Steps 2 through 7 and 11 setup the Server streams to the capabilities of the H.323 conference. Steps 8 through 10 setup the H.323 Clients for the two new sessions. Steps 12 and 13 start the streams from the Server. And step 14 is when the streams flow in the H.323 supplied sessions.





Multipoint, Multi-unicast Conference


The steps involved are similar to the Multipoint Multicast case except for the following:


Before step 8 the Server provides its RTCP port possibly through SET_TRANSPORT.


In step 8 the Proxy sends two OpenLogicalChannel messages to each of the Clients (C1 and C2) via the MC. It provides the IP address and RTCP port of the Server. 


In step 9 each Client (C1 and C2) sends two OpenLogicalChannelAck messages to the Proxy via the MC. Each OpenLogicalChannelAck message consists of the Clent’s IP address and RTP/RTCP ports. 


Step 10 is not needed.


In step 11 the Proxy lists the IP addresses and ports of the receiving H.323 Clients in the SET_TRANSPORT message to the Server.





Point-to-Point Conference


The steps involved are similar to the Multipoint Multi-unicast case except that the Proxy communicates with its Peer instead of the MC.


Changes to RTSP


It is desired to have an IETF sanctioned RTSP specification that accommodates the concept of providing a stream to an H.323 conference. The changes that are required to the RTSP Internet-Draft to accomplish this concept are outlined in this section. It is a goal to have H.323 operate in the manner outlined above, without requiring changes to the IETF sanctioned RTSP document. Therefore, the changes outlined in this section will need to be included in the IETF sanctioned RTSP document through the IETF approval process.


Changes to Fetch Object Message


The use of the Bandwidth parameter is unclear in the case of a variable bandwidth stream (most video coding methods are VB). It should be clearly indicated that the specification of bandwidth is the maximum bandwidth that will be sent by the RTSP server. This is to insure that the receiving client will not overflow its allocated input buffers, and to allow the matching to application and network requirements.


The use of the M flag to indicate multicast capability should be changed so it can also indicate the client’s requirements. If the M flag is set, it currently means that the client can accept multicast streams. It should be augmented so that it can also be indicated if the client requires the use of multicast. This is needed if the client is providing the stream into an H.323 multicast conference. 


There is also the problem that it is currently unclear how to handle a fetch that retrieves multiple streams. It should be clear as to the usage of the messages that use stream related parameters, when the fetch results in multiple streams being retrieved. It is necessary to allow multiple related streams to be controlled as a single RTSP interaction, i.e. the STOP should stop the playing of all related streams. As a minimum, it should be shown how the fetch of a video clip would play both the audio and video streams.


Changes to Set_Transport Object Message


The SSRC would need to be specified by the client because H.323 has a rule for constructing unique SSRC.


In the use of Channel ID 1 the clients are restricted from requesting for Multicast. This is restrictive if the user is wanting to control the broadcast of data to a group. In a multicast H.323 conference, this functionality is required. This is accomplished by allowing the client to send Set_Transport with a Channel ID 1. The client also needs to be able to specify the parameters associated with the requirements imposed by the H.323 conference. This would include, the SSRC, the multicast address and port.


In the use of Channel ID 0, it should be allowed that the stream can be sent to a different IP address than the requesting client. This would allow a desirable separation of the Control client from the Media client. This has shown to be a useful architecture for H.323. It is absolutely necessary for the case of specifying that the stream be sent to a client other that the client that requested the stream.


It is also desired to allow a list of unicast addresses and ports to be specified in Set_Transport so that the client can request the stream to be sent to others. This is desirable if the user is wanting to control the broadcast of data to a group, such as sending the stream to a set of H.323 conference participants.


Use of RTP in RTSP


The use of RTP, as defined in IETF RFC 1889 and RFC 1890, in RTSP is unclear. There is no direct reference to following RFC1889 or RFC1890 strictly. For example, if there are multiple media (ex. audio and video) then RFC1890 (A/V Profile for RTP) requires that they should be in different RTP sessions. This is also the convention used in H.323. The proposed solution is that the client should list the different RTP Sessions, and their associated transport parameters, in the Set_Transport message that applies to the same Fetch message. This will require additions to the Set_Transport object message.


There is no reference to the use of RTCP in RTSP. RTCP needs to be clearly embraced in RTSP. Both H.323 and RTP (RFC’s 1889 &1890) require RTCP. The Server needs to supply the RTCP port if the RTP Session is unicast.


It should be noted that work on IP/UDP/RTP header compression is being done in the AVT working group. RTSP should not specify an alternative method.


Capabilities Required for Stream Decode


A mechanism for the Client to query the Server for the Codecs associated with the object (file, etc.) is not in RTSP. This is required for the Client to pick the codec according to its needs. This is needed because it is not known if the client can use the stream in the H.323 conference when it is asked for.





One way to accomplish this is to modify the FETCH object message. Since FETCH is issued before the coding format is known, or the actual bandwidth possible, people may often be asking for streams that they are not sure can be used. It would be better to have client capabilities attached to the FETCH request, when it is to be used in a specific application such as H.323, and have the server indicate if the stream can be furnished in a way that can be decoded by the client. This is needed if the stream is being input into a H.323 conference. The stream MUST be sent in a format that is within the range of the H.323 conference capabilities. If this capabilities is always in the context of an application, it will always be a finite set of capabilities.
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