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1 Call Features

1.1 Basic Call Setup



This section describes the procedures at the peering interface required to establish a 2-way session for a basic voice call. In this case it is assumed that no originating or terminating features are applied (no call blocking, forwarding, etc), and that the called line is available to accept the call. Also, this section describes the session establishment procedures when the call is initiated by the originating SIP User Agent itself, and not via a 3rd party in support of features like click-to-call. Two-way call establishment using 3rd Party Call Control (3PCC) procedures is covered in Section 7.1.5.

SIP entities involved in session peering MUST support the SDP offer/answer procedures specified in [RFC 3264]. The originating SSP network SHOULD include an SDP offer in the initial INVITE. The terminating SSP network MUST be able to accept an INVITE with an SDP offer. The terminating SSP network MUST include an SDP answer in the final 200 (OK) response to INVITE. The terminating SSP network MAY also include an SDP body in a provisional 18x response to INVITE. The SDP contained in an 18x provisional response can be considered a "preview" of the actual SDP answer to be sent in the 200 (OK) to INVITE. The originating SSP network can act on this "preview" SDP to establish an early media session, as described in Section 7.1.3. The terminating SSP network MUST ensure that the "preview" SDP matches the actual SDP answer contained in the 200 (OK) response to INVITE.

Note: 
An SDP offer/answer exchange occurs within the context of a single dialog. Therefore, the requirement for matching SDPs in the provisional and final responses to INVITE applies only when the provisional and final response are in the same dialog. If the provisional and final response are on different dialogs (say, when the INVITE is forked), the requirement for matching SDPs does not apply. 

SIP entities involved in session peering MUST always set the SDP mode attribute in the initial offer/answer to "a=sendrecv". 

Note: 
Setting the mode to "a=sendrecv" on the initial SDP offer/answer exchange avoids an additional SDP offer/answer exchange to update the mode to send-receive after the call is answered. This should help mitigate the problem of voice-clipping on answer. 

SIP entities involved in session peering that advertise support for different but overlapping sets of codecs in the SDP offer/answer exchange for a given call MUST negotiate a common codec for the call.

1.1.1 SDP Requirements

SIP entities involved in session peering MUST support the SDP requirements defined in [RFC 4566]. A SIP entity involved in session peering MUST include only one media (m=) descriptor per desired media stream in an SDP offer to a peer SSP network. 

If a SIP entity involved in session peering receives an SDP offer containing multiple media descriptors, it MUST act on the media descriptors and include all of them in the same order in the response, including non-zero ports and zero ports for the offered media according to its capabilities as specified in [RFC 3264], an Offer/Answer Model with SDP. A SIP entity involved in session peering MUST NOT reject an offered session because it offers more media than the SIP entity can handle.

1.2 Ringback Tone vs. Early Media

During the call setup phase, while the originating SSP network is waiting for the terminating SSP network to answer the call, the originating line is either playing local ringback tone to the calling user, or is connected to a receive-only or bi-directional early-media session with the terminating SSP network. For example, early media can be supplied by the terminating endpoint (e.g., custom ringback tone) while waiting for answer. 

SIP entities involved in session peering must use the following procedures to control whether the originating line applies local ringback tone or establishes an early media session while waiting for the call to be answered.

1.
The terminating SSP network controls the application of local ringback tone at the originating line or the establishment of an early media session by sending the following provisional response to a call-initiating INVITE.

The terminating SSP Network MUST send a 180 (Alerting) response containing no SDP to the originating SP network, if the call scenario requires the application of local ringback tone at the originating line.

The terminating SSP Network MUST send a 183 (Progressing) response containing SDP that describes the terminating media endpoint to the originating SSP network, if the call scenario requires an early media session.

The provisional response sent for other call scenarios is not be specified, as long as the response is not one of those described above.

2.
The originating SSP network performs the following action on receipt of a provisional response to a call-initiating INVITE.

The originating SSP network MUST apply local ringback tone if it receives a 180 (Alerting) response containing no SDP.

The originating SSP network MUST establish an early media session with the media endpoint described by the SDP when it receives a 18x response containing SDP.

The originating SSP Network MUST do nothing (e.g., continue to apply local ringback tone if it was already being applied when the response was received) if it receives a 18x response other than 180 (Alerting), and the response contains no SDP.

When establishing an early media session, the originating SSP network MAY immediately remove any local ringback tone currently being applied. Alternatively, the originating SSP network MAY wait for receipt of RTP that matches the received SDP, and apply other checks/policies to validate the received RTP, before removing any locally applied ringback tone.

1.3 Early-Media with Multiple Terminating Endpoints

There are some call scenarios that require media sessions to be established (serially) between the originating line and one or more intermediate media endpoints before the call is connected to the final target called party. For example, the terminating SSP network can insert a media server in the call to interact with the calling user in some way (e.g., to collect a blocking-override PIN) before offering the call to the called user. Another case occurs when the called user fails to answer within an allotted time and the call is redirected to voice-mail, or forwarded to another user via Call Forwarding Don’t Answer (CFDA). These different cases can be combined in the same call. 

For each terminating media endpoint that is associated with a call before the call is answered, the terminating SSP network must decide whether to establish an early media session, or apply ringback tone at the originating line. For example, consider the case where the called user has call blocking with PIN override, and CFDA. First, an early-media session is established with the call-blocking server to collect the PIN. Next, the originating line in instructed to play local ring-back tone while waiting for the called user to answer, and finally an early media session is established with the forward-to party to play custom ringback tone. 

[RFC 3261] mandates that the SDP included in provisional 18x responses to INVITE within the context of a dialog must match the SDP-answer included in the final 200 (OK) response to INVITE. The following sections describe two different mechanisms for supporting multiple terminating media endpoints before answer, within the confines of this requirement. 

1.4 Forking the INVITE

For each terminating media endpoint that requires an early media session to be established with the originating line, the terminating SSP network MUST signal the attributes of the terminating media endpoint to the originating SSP network within the SDP of a 183 (Progressing) response. The terminating SSP network MUST ensure that 18x responses containing different SDP copies are not sent within the same dialog. The terminating SSP network does this by specifying a different tag parameter in the To header field for each provisional response that contains a unique SDP, as if the INVITE had been sequentially forked. 

The originating SSP network MUST honor the most recently received 18x response to INVITE, based on the procedures defined in Section 7.1.3. 

1.5 Redirecting the INVITE

As an alternative to sequentially forking the INVITE, the terminating entity can redirect the originating entity to the next endpoint in the series by sending a 302 (Moved Temporarily) response containing a Contact header field that identifies the next endpoint. The resulting INVITE from the originating SSP network is sent as a dialog-initiating request, and can therefore establish a new early-media session with the next endpoint in the series. The use of this procedure is based on bilateral agreement between peering operators. 

On receiving a 302 (Moved Temporarily) response to an INVITE request, and if this mechanism is enabled based on local policy, the originating SSP network MUST send a new dialog-initiating INVITE with a Request-URI set to the value returned in the Contact header field of the 302 (Moved Temporarily) response, as described in [RFC 3261].

1.6 Establishing calls using 3PCC

Section 7.1.2 describes the procedures that are used to establish basic two-way call when the call is initiated directly by the originating user's endpoint. However, an SSP may support features such as click-to-call, where the call is initiated by a 3rd party such as an Application Server on behalf of the originating user. To support such features, SIP entities involved in session peering MUST support the 3PCC procedures described in [RFC 3725].

1.7 Call Hold

A SIP entity involved in session peering that wishes to place a media stream "on hold" MUST offer an updated SDP to its peer SSP network with an attribute of "a=inactive" or "a=sendonly" in the media description block. A SIP entity involved in session peering that wishes to place a media stream "on hold" MUST NOT set the connection information of the SDP to a null IP address. For example, the SIP entity involved in session peering MUST NOT set the 'c=' connection line to c=IN IP4 0.0.0.0. A SIP entity involved in session peering that wants to place a media stream "on hold" SHOULD locally mute the media stream. 

A SIP entity involved in session peering that receives an SDP offer with an attribute of "a=inactive" in the media block MUST place the media stream "on hold" and send an SDP answer containing a media attribute of "a=inactive". A SIP entity involved in session peering that receives an SDP offer with an attribute of "a=inactive" in the media block MUST NOT set the connection data of the answer SDP to c=0.0.0.0. A SIP entity involved in session peering operating in IPv4 that receives an SDP offer with no directionality attributes but connection data set to c=IN IP4 0.0.0.0 SHOULD place the media stream "on hold".

1.8 Calling Number and Name Delivery

The originating SSP network MUST provide the calling number of the originating user in the P-Asserted-Identity header field of dialog-initiating requests. Subject to local policies/agreements, the originating SSP network SHOULD provide the calling name of the originating user in the P-Asserted-Identity header field of dialog-initiating requests. (The mechanism for obtaining the calling name is outside the scope of this document.) The calling number is contained in the telephone-subscriber syntax form of the SIP URI, containing an E.164 number [E.164] as described in Section 6.2. The calling name is contained in the display-name component of the P-Asserted-Identity header field.

If the originating user wants to remain anonymous, the originating SSP network MUST include a Privacy header field containing the value "id" as specified in [RFC 3323] and [RFC 3325]. In addition, the originating SSP network SHOULD obscure the identity of the originating user in other header fields as follows:

Set the identity information in the From header field to "Anonymous <sip:anonymous@anonymous.invalid>"

Set the display-name in the To header field to "Anonymous" (since the To display-name selected by the originating user could provide a hint to the originating user’s identity)

Obscure any information from the Call-ID and Contact header fields, such as the originating FQDN, that could provide a hint to the originating user’s identity

The terminating SSP network MUST obtain the calling name and number for caller-ID display from the contents of the P-Asserted-Identity header field contained in dialog-initiating requests. If the INVITE request contains a Privacy header with the value "id", the terminating SSP network MUST provide a display of "Private" to the terminating user.

1.9 Call Forwarding

If an SSP offers call-forwarding services to its users, then the forwarding SSP network MAY remain in the signaling path of the forwarded call in order to support separate billing for forward-from and forward-to legs. An SSP network that is required to remain in the signaling path of a forwarded call based on local policy MUST do so using one of the following procedures: 

1.
forward the INVITE to the forward-to-user while remaining in the signaling path as a SIP Proxy or B2BUA, or

2.
respond to the initial INVITE with a 302 (Moved Temporarily) response with a Contact header field containing a private URI that points back to the forwarding SSP network.

1.10 Call Transfer

A user in a peered call can perform the various forms of call-transfer (e.g., consultative transfer, blind transfer). Call-transfer can be supported in one of two ways; either using the REFER request and Replaces header, or by manipulating the call legs using 3rd Party Call Control (3PCC) techniques. SIP entities involved in session peering that support call transfer MUST support the 3PCC option, and MAY support the REFER/Replaces option. If an SSP network supports both options, then the option that is used when interworking with a specific peer is based on locally configured data that indicates the capabilities of that peer.

1.10.1 











1.10.2 Call Transfer Using 3PCC

SIP entities involved in session peering that support call-transfer using 3PCC techniques MUST act as a B2BUA, and manipulate the call legs using INVITE and re-INVITE requests. It is recommended that such techniques follow the guidance presented in [RFC 3725].
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