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Foreword

This Technical Specification (TS) was been produced by ETSI Technical Committee Telecommunications and Internet
converged Services and Protocols for Advanced Networking (TISPAN) and originally published as
ETSI TS 183028 [17]. It was transferred to the 3rd Generation Partnership Project (3GPP) in January 2008.

The contents of the present document are subject to continuing work within the TSG and may change following formal
TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an
identifying change of release date and an increase in version number as follows:

Version x.y.z
where;
x thefirst digit:
1 presented to TSG for information;
2 presented to TSG for approval;
3 or greater indicates TSG approved document under change control.

y the second digit isincremented for all changes of substance, i.e. technical enhancements, corrections,
updates, etc.

z thethird digit isincremented when editorial only changes have been incorporated in the document.
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1 Scope

The present document describes the stage three protocol for basic communication procedures common to several
servicesin the IP Multimedia (IM) Core Network (CN) subsystem when at |east one Application Server (AS) is
included in the communication. The common procedures are based on stage three specifications for supplementary
Services.

The present document contains examples of signalling flows for the common basic communication procedures.

The present document is applicable to User Equipment (UE) and Application Servers (AS) which are intended to
support the common basic communication procedures.

2 References

The following documents contain provisions which, through reference in thistext, constitute provisions of the present
document.

- References are either specific (identified by date of publication, edition number, version number, etc.) or
non-specific.

- For aspecific reference, subsequent revisions do not apply.

- For anon-specific reference, the latest version applies. In the case of areference to a 3GPP document (including
aGSM document), a non-specific reference implicitly refersto the latest version of that document in the same
Release as the present document.

[1] 3GPP TS 24.229: "1P Multimedia Call Control Protocol based on SIP and SDP"..

[2] Void.

[3] Void.

[4] IETF RFC 3261: "SIP: Session Initiation Protocol”.

[5] IETF RFC 3262: "Reliability of Provisional Responsesin the Session Initiation Protocol (SIP)".

[6] IETF RFC 3960: "Early Mediaand Ringing Tone Generation in the Session Initiation Protocol
(SIP)".

[7] ETSI TS 181 005: "Telecommunications and Internet Converged Services and Protocols for
Advanced Networking (TISPAN); Service and Capability Requirements”.

[8] Void.

[9] 3GPP TS 29.163: "Interworking between the IP Multimedia (IM) Core Network (CN) subsystem
and Circuit Switched (CS) networks".

[10] Void.

[11] ITU-T Recommendation |.112: "Vocabulary of termsfor ISDNs'.

[12] IETF RFC 50009: "Private Header (P-Header) Extension to the Session Initiation Protocol (SIP) for
Authorization of Early Media'.

[13] IETF RFC 3515: "The Session Initiation Protocol (SIP) Refer Method".

[14] IETF RFC 3725: "Best Current Practices for Third Party Call Control (3pcc) in the Session
Initiation Protocol (SIP)".

[15] 3GPP TS 24.607: "Originating Identification Presentation (Ol P) and Originating Identification
Restriction (OIR) using 1P Multimedia (IM)Core Network (CN) subsystem; Protocol
specification”.
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[16] Void.

[17] ETSI TS 183 028 V2.4.0: "Telecommunications and Internet converged Services and Protocols for
Advanced Networking (TISPAN); Common Basic Communication procedures; Protocol
specification”.

[18] IETF RFC 6228 (May 2011): "Response Code for Indication of Terminated Dialog".

[19] IETF RFC 3840: "Indicating User Agent Capabilitiesin the Session Initiation Protocol (SIP)"

[20] IETF RFC 4596: "Guidelines for usage of the Session Initiation Protocol (SIP) Caller Preferences
Extension

[21] IETF RFC 6665 (July 2012): "SI P-Specific Event Notification".

[22] IETF RFC 7647 (September 2015): "Clarifications for the Use of REFER with RFC6665".

[23] 3GPP TS 22.173: "Multimedia Telephony Service and supplementary services'.

[24] 3GPP TS 22.001: "Principles of circuit telecommunication services supported by a Public Land
Mobile Network (PLMN)".

[25] IETF RFC 4796: "The Session Description Protocol (SDP) Content Attribute”.

3 Definitions and abbreviations

3.1 Definitions

For the purposes of the present document, the following terms and definitions apply:

announcement: service related message sent to a user that can be of any type of media e.g. a voice message or a
video-clip

communication: transfer of information between two or more users, entities, processes or nodes according to some
agreed conventions

NOTE: SeelTU-T Recommendation .112 modified [11].
early media: media sent before a communication is established
in-band announcement: announcement sent by the network using the bearer established for a communication

Originating Application Server (O-AS): controlling application server responsible for the services provided to the
originating user

Terminating Application Server (T-AS): controlling application server responsible for the services provided to the
terminating user

3.2 Abbreviations

For the purposes of the present document, the following abbreviations apply:

3pce 3 party call control

ACR Automatic Call Rejection

AS Application Server

B2BUA Back-to-Back User Agent

IFC Initial Filter Criteria

IMS IP Multimedia Subsystem

ISDN Integrated Services Digital Network
MGCF Media Gateway Control Function
MGW Media GateWay
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MRFC Media Resource Function Controller
MRFP Media Resource Function Processors
NDUB Network Determined User Busy
O-AS Originating Application Server
P-CSCF Proxy Call Session Control Function
PSTN Public Switched Telephone Network
S-CSCF Serving Call Session Control Function
SDP Session Description Protocol
SIP Session Initiation Protocol
T-AS Terminating Application Server
T-MGF Trunking Media Gateway Function
ubDUB User Determined User Busy
UE User Equipment
URL Uniform Resource Locator
4 Common basic communication procedures
4.1 Introduction

Services may need to send announcements for example to explain the reason for rejecting a communication request or
to report the progress of a communication request. The announcement may be of any type of mediae.g. an audio
announcement or avideo clip. Subclause 4.2 describes the announcement common procedure and annex A shows
examples of signalling flows for some announcement scenarios. Services may provide an alternative ring tone to
override local ring tones provided by the UE as described in subclause 4.3. Subclause 4.7.2.1 describes the procedure by
which the UE can locally generate the communication progress information.

Some services are triggered by a user's busy condition e.g. the Communication Forwarding on Busy service. The busy
condition may be determined by the network i.e. the Network Determine User Busy (NDUB) condition or by the user
i.e. the User Determine User Busy (UDUB) condition. Subclause 4.4 describes the network determine user busy
common procedure and the annex B shows examples of signalling flows for some busy scenarios.

Some services are triggered by sending a REFER request, for example Explicit Communication Transfer. A receiver of
the REFER request in some cases might not be able to process the REFER request. Subclause 4.4a describes fallback
procedures to 3™ party call control. Annex E provides some examples for signalling flows.

4.2 Announcement

421 General

Announcements may be sent during the establishment of a communication session, when rejecting a communication
request, during an established communication session or during the release of a communication session.

NOTE: Anannouncement can be triggered by various conditions such as other supplementary services or
receiving an indication. However triggers by which the AS makes the decision to send an announcement
is outside the scope of this specification.

4.2.2 Providing announcements to a user during the establishment of a
communication session

A service may provide an announcement during the establishment of a communication. If an announcement is provided
the service shall use one of the following methods:

- usean Alert-Info header field in the 180 (Ringing) response to the INVITE request; or

- use early media as described in annex G and using the P-Early-Media header field authorizing early media as
defined in IETF RFC 5009 [12] for the gateway model; or
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- use multiple early dialogs as described in annex D and using the P-Early-Media header field authorizing early
media as defined in IETF RFC 5009 [12].

4.2.3 Providing announcements to a user during an established
communication session

A service may provide an announcement during an established communication. If an announcement is provided the
service shall use one of the following methods:

- usean Call-Info header field inare-INVITE request;

- usethe existing media stream. The media stream may have to be re-negotiated by the service to a mediatype
suitable for the announcement; or

- create anew media stream by SDP offer/answer mechanism for providing the announcement.
Mixing announcements into an existing media stream requires that the AS use the 3'd party call control procedure as
specified by subclause 5.7.5in 3GPP TS 24.229 [1].
4.2.4  Communication request rejected

A service may provide an announcement when a communication request is rejected e.g. in order to explain the reason
for the rejection of the communication request in more detail. If an announcement is provided the service shall:

- usean Error-Info header field in the 3xx, 4xx, 5xx or 6xx response to the INVITE request; or

- use early mediafor sending the announcement in-band as described in annex G and using the P-Early-Media
header field authorizing early media as defined in IETF RFC 5009 [12] for the gateway model_and insert the
Reason header field with the proper cause value in the 3xx, 4xx, 5xx or 6xx response to the INVITE request; or

- use early mediafor sending the announcement in-band in an early dialog as described in annex D and using the
P-Early-Media header field authorizing early media as defined in IETF RFC 5009 [12] and insert the Reason
header field with the proper cause value in the 3xx, 4xx, 5xx or 6xx response to the INVITE reguest; or

- accept the communication request and use the established session for sending an in-band announcement.

4.2.5 Providing announcements to a user during the release of a
communication session

A service may provide an announcement to the UE, who does not end the session, during the release of a
communication, in order to, e.g. tell the charge information. If an announcement is provided the service shall:

- usethe existing media stream. The media stream may have to be re-negotiated by the service to a media type
suitable for the announcement; or

- changeto new mediafor sending the announcement.

4.2.6 Providing announcements to a terminating user just after the call is
answered and before establishing direct communication session
between end users

When acall is established, a service may, before alowing mediato be exchanged between the end points, provide an
announcement to the terminating user after the call is answered.

When the session initiation request is sent from the originating UE, the AS will act asa B2BUA and modify the SDP
offer so that it represents an MRFP handling the announcement, and a media stream will be established between the
MRFP and the terminating UE once the called user answers the call.

When the announcement is completed, the AS will send anew SDP offer, based on the SDP offer initially received in
the session initiation request, to the terminating UE, in order to remove the MRFP from the media path and alow media
to be exchanged between the end points.
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4.3 Alternative ring tone

A service may provide an alternative ring tone using the Alert-Info header field as specified by IETF RFC 3261 [4].

The intention with this alternative ring tone is to override local ring tones provided by the UE. It is recommended that
the size of the referenced alternative ring toneis small in order not to delay communication establishment.

4.3A Voicemall server identification

When avoicemail server answersacall:

1. If the voicemail server is able to record a message, the voicemail server shall insert in the SIP 200 (OK) response
to the INVITE request the media features tag automata and actor="msg-taker" in the Contact header as described
in IETF RFC 3840 [19] and in IETF RFC 4596 [20].

2. If the voicemail server is not able to record a message, the voicemail server shall insert in the SIP 200 (OK)
response to the INVITE request the media feature tag automata in the Contact header as described in
IETF RFC 3840 [19] and in IETF RFC 4596 [20]. In that case, the media feature actor="msg-taker" shall not be
inserted in the SIP 200 (OK) response to the INVITE request.

4.4 Network Determined User Busy (NDUB)

Deployment of some service may require the support of the optional service reguirements for "network determined user
busy" and "approaching network determined user busy" defined in TS 181 005 [7]. In order to support such
requirements it is assumed that a network function/application server is deployed to track a user's busy condition status
from the perspective of the network.

The present document is applicable only in cases whereby the network operator has complete knowledge of the
applications to which an end user has subscribed and assumes that those applications will furnish the network entity
responsible for tracking "busy condition" with appropriate information to enable this determination to be made. This
may regquire appropriate business arrangements between the network operator and the application provider.

NOTE: Tracking bandwidth availability in the customer network is out of scope of the current release. As such it
is possible that a communication could be presented based on the network entity determining that the
communication can be presented when in fact congestion in the customer network will prevent the
communication being presented. Thisis alimitation of the present document.

Determination of "network determined user busy" by the network may restrict the ability to deploy and support end user
devices which perform local services based on "user determined user busy" as part of their base functionality.

4.4a  Special REFER request handling procedures

After the reception of a REFER request the AS may start 3pcc procedures under the following conditions:

- the Application Server acts asaB2BUA, so the AS has knowledge about the existing partial dialogsit is
involved in, especially of the media user for this communication; and

- the REFER request is routed viathis AS.

The 3pcc procedures shall be achieved by sending re-INVITE requests in existing partial dialogs and by sending
INVITE requests to establish new partial dialogs.

Tables 1 and 2 give decision criteriawhen to start 3pcc procedures.
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Table 1: Terminating party of a communication sends a REFER request

Content of the Allow header in the Action AS-B on the REFER request  Action that the AS-B does on the

initial INVITE request from A->B from B initial INVITE request
INVITE request with Allow header with Invoke the 3pcc procedure directly AS-B adds the REFER token to the
no REFER token Allow header
INVITE request with Allow header with Forward the REFER request and if the No modification needed in the Allow
a REFER token 403 (Forbidden) or 501 (Not header

implemented) response is received,
fall back to 3pcc procedure
INVITE request without Allow header  Forward the REFER and if the 403 No modification needed in the INVITE
(Forbidden ) or 501 (Not implemented) request
response is received, fall back to 3pcc
procedure

Table 2: Originating party of a communication sends a REFER request

Content of the Allow header in the Action AS-A on the REFER request  Action that the AS-A does on the
200 (OK) response on the initial from A 200 (OK=response on A-B dialog
INVITE request (A->B dialog)
200 (OK) response with Allow header Invoke the 3pcc procedure directly AS-A adds the REFER token to the

with no REFER token Allow header
200 (OK) response with Allow header Forward the REFER request and if the No modification needed in the Allow
with a REFER token 403 (Forbidden) or 501 (Not header

implemented) response is received,

fall back to 3pcc procedure
200 (OK) response without Allow Forward the REFER request and if the No modification needed in the 200
header 403 (Forbidden) or 501 (Not (OK) response

implemented) response is received,

fall back to 3pcc procedure

As anetwork option, an AS of the initiator of the REFER request that has prior knowledge that the remote party is not
allowed to receive or does not support the REFER request, may initiate 3'd party call control procedures directly.

To avoid alonger re-negotiation of the media, the media information of the existing partial dialogs are used for the
INVITE requests or the first re-INVITE requests during the 3pcc procedures.

4.4b  Screening of 200 (OPTIONS) response content

Some services may use OPTIONS request to discover the UE capabilities. According to RFC 3261 [4], a UE receiving
an OPTIONS request generates the same SIP response as if the request was an INVITE request. If a 200 (OK) response
issent, it will contain an SDP description of the UE media capabilities as well as a Contact header filed containing the
supported media feature tags. This feature may be used by malicious entities to get relevant information about the
reachability means and the capabilities of the user and, thus, to maliciously use thisinformation; for spamming for
example.

Screening the content of the 200 (OK) response allows to avoid delivering some information on the UE (and therefore
on the user) to certain originators of OPTIONS requests.

4.5 Operational requirements

451 Provision/withdrawn

No special requirements for provision/withdrawn. Any requirements on provision/withdrawn belong to the service
using the common basic procedures specified by the present document.

45.2 Requirements on the originating network side

There are no service specific requirements on the originating network side defined.
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NOTE: If required by local policy the IBCF will remove an Error-Info header field, Call-Info header field or an
Alert-Info header field.
4.5.3 Requirements on the terminating network side
There are no service specific requirements on the terminating network side defined.

NOTE: If required by local policy the IBCF will remove an Error-Info header field, Call-Info header field or an
Alert-Info header field.

4.6 Coding requirements
The syntax for the relevant headers in the SIP requests and SIP responses shall be as follows:

- The syntax of the Alert-Info header field conformsto the requirementsin 3GPP TS 24.229 [1] and
IETF RFC 3261 [4].

- The syntax of the Error-Info header field conformsto the requirementsin 3GPP TS 24.229 [1] and
IETF RFC 3261 [4].

- The syntax of the Call-Info header field conformsto the requirementsin 3GPP TS 24.229 [1] and
IETF RFC 3261 [4].

- The syntax of the P-Early-Media header field is described in IETF RFC 5009 [12].

- The syntax of the Allow header field conforms to the requirementsin 3GPP TS 24.229 [1] and
IETF RFC 3261 [4].

4.7 Signalling procedures

4.7.1 Activation, deactivation

There are no procedures for activation or deactivation defined.

4.7.1A Registration/erasure

There are no procedures for registration or erasure defined.

4.7.1B Interrogation

There are no procedures for interrogation defined.
4.7.2 Invocation and operation

4.7.2.1 Actions at the originating UE
Procedures according to 3GPP TS 24.229 [1] shall apply.

Certain services require the usage of the Alert-Info header field, Call-Info header field and Error-Info header field
according to procedures specified by IETF RFC 3261 [4].

If the UE detects that in-band information is received from the network as early media, the in-band information received
from the network shall override locally generated communication progress information.

NOTE 1: In-band information received from the network overrides any locally generated communication progress
information also when the most recently received P-Early-Media header fields of all early dialogs contain
"inactive" or "recvonly"”.
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NOTE 2: When multiple early dialogs exist with authorization as "sendrecv" or "sendonly"”, the mechanism used by
the UE to associate the received early media with the correct early dialog is unspecified in this version of
this specification.

The UE shall not generate the locally generated communication progressinformation if an early dialog exists where the
last received P-Early-Media header field as described in IETF RFC 5009 [12] contains "sendrecv” or "sendonly”.

If an early dialog exists where a SIP 180 response to the SIP INVITE request was received, no early dialog exists where
the last received P-Early-Media header field as described in IETF RFC 5009 [12] contained " sendrecv” or "sendonly"
and in-band information is not received from the network, then the UE is expected to render the locally generated
communication progress information.

NOTE 3: According to 3GPP TS 22.173 [23] the UE for an MM Tel session generates the communication progress
information specified in clause F.2 of 3GPP TS 22.001 [24], with parameters applicable for the home
network of the UE.

If the UE supports the P-Early-Media header field as defined in IETF RFC 5009 [12], and at |east one P-Early-Media
header field has been received on at least one early dialog, then the UE shall send any available user generated media,
e.g. speech or DTMF, on media stream(s) associated with the early dialog for which the most recent P-Early-Media
header field, as described in IETF RFC 5009 [12], contained a"sendrecv" header field value. If there is more than one
such early dialog, the UE shall use the early dialog where the P-Early-Media header field was most recently received.

If the UE receives are-INVITE request containing no SDP offer, the UE shall send a 200 (OK) response containing an
SDP offer according to 3GPP TS 24.229 [1] indicating the directionality used by UE as

- "sendonly" if the re-INVITE request is received on a dialog where the associated communication session has
been put on hold by the user or has been put on hold by both users at both ends; and

- "sendrecv" otherwise.

During the established communication, if avideo streamis provided with a medialevel attribute "a=sendonly" and the
medialevel attribute "a=content: g.3gpp.announcement-no-confirmation" as specified in 3GPP TS 24.229 [1], the UE
should play this video stream without confirmation with the user if playing video announcement without confirmation is
allowed based on UE'slocal policy (e.g. configuration on the UE).
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4.7.2.2 Void

4.7.2.3 Void

4.7.2.4 Void

4.7.2.5 Void

4.7.2.6 Void

4.7.2.7 Void

4.7.2.8 Void

4.7.2.9 Actions at the AS
4.7.29.0 General

The procedures in this subclause apply for the AS serving the originating UE and the AS serving the terminating UE.

An AS using the MRFC and MRFP to send in-band media for announcements shall use the 3rd party call control
procedure as specified by subclause 5.7.5 in 3GPP TS 24.229 [1] and the media control procedure as specified by
subclause 10.2 in 3GPP TS 24.229 [1].

NOTE: TheAS can take the media feature tagsinto account to determine the UE capabilities (e.g. video) when
providing announcements.
4.7.29.1 Providing announcements during an established communication session

The AS may use the Call-Info header field according to procedures specified by IETF RFC 3261 [4] to provide an
announcement during an established communication session.

The AS may send an in-band message or media using an existing media-stream to provide an announcement during an
established communication session. The AS may re-negotiate the media to a media type suitable for the announcement.

The AS may add a new media stream in addition to the existing media stream by SDP re-negotiation to provide an
announcement using different media than in the existing media stream (e.g., providing video stream with audio stream)
during an established communication session. In the re-negotiation for providing video announcement, based on the
operator policy, the AS may include an SDP a=content media-level attribute as specified in RFC 4796 [25], with a
"g.3gpp. announcement-no-confirmation" value as specified in 3GPP TS 24.229 [1] in the SDP offer.

NOTE: The"a=content" media-level attribute with a"g.3gpp.announcement-no-confirmation” value is not able to
be sent to other operator's network without inter-operator agreements to use the attribute.

4.7.2.9.2 Providing announcements during the establishment of a communication session

The AS may use the Call-Info header field according to procedures specified by IETF RFC 3261 [4] in order to provide
an announcement, or may use the Alert-Info header field to provide an alternative ring tone, as specified in
subclause 4.7.2.9.4, during the establishment of a communication session.

The AS may use the MRFC and the MRFP to send an in-band announcement using early media according to the rules
and procedures of the IETF RFC 3261 [4], IETF RFC 3262 [5], IETF RFC 3960 [6] and IETF RFC 5009 [12].

4.7.2.9.3 Providing announcements when communication request is rejected

The AS may use the Error-Info header field according to procedures specified by IETF RFC 3261 [4] in order to
provide an announcement when the establishment of a communication session is rejected.
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The AS may use the MRFC and MRFP to send an in-band announcement using early media according to the rules and
procedures of the IETF RFC 3261 [4], IETF RFC 3262 [5], IETF RFC 3960 [6] and IETF RFC 5009 [12].

4.7.29.4 Providing alternative ring tone during the establishment of a communication
session

The AS may use the Alert-Info header field according to procedures specified by IETF RFC 3261 [4] in order to
provide an alternative ring tone during the establishment of a communication session.

4.7.2.9.5 Early dialog procedures at the AS

The procedures for dealing with early dialog established between the AS and the originating UE is described in
annex D.

4.7.2.9.6 Providing announcements during the release of a communication session

The AS may send an in-band message or media using an existing media-stream or changing to new media-stream to
provide an announcement during the release of a communication session.

4.7.2.9.7 Starting special REFER handling procedures at the AS of the initiator of the
REFER request

4.7.29.7.1 REFER is sent inside a dialog

47.29.7.11 Normal procedures

If the AS receives a 403 Forbidden or a 501 Not implemented in response to a REFER request forwarded by the AS, it
shall send a 200 OK response followed by aNOTIFY request with a 100 (Trying) status line to the originator of the
REFER request, according to the procedures of IETF RFC 3515 [13] as updated by IETF RFC 6665 [21] and

IETF RFC 7647 [22].

The AS then shall perform third party call control procedures according to Flow I11 or Flow 1V of IETF RFC 3725 [14],
with the following additions and clarifications.

The AS should verify if it isinvolved in the dial ogs between the originator of the REFER request on one side and the
REFER target and the Refer-to target on the other side.

Then the AS shall send an INVITE request to the Refer-to target if it isnot involved in a dialog with the Refer-to target
(e.g. Blind ECT), or the AS shall send are-INVITE request to the Refer-to target if itisinvolved in adialog with the
Refer-to target (e.g. Consultative ECT). The INVITE request shall contain if available a P-Asserted-1D header field
with avalid identity of the REFER target and a Referred-by header field matching the P-Asserted-ldentity of the
REFER request. When including the P-Asserted-1dentity the AS shall also include the Privacy header fields obtained
from the request or response in which this P-Asserted-Identity was obtained. In addition the AS shall include a P-
Served-User header field including avalid identity of the referor.

When the partia dialog with the Refer-to target is acknowledged following a 200 (OK), the AS shall send in the
original partial dialog aNOTIFY request with a 100 Trying status line to the originator of the REFER request,
according to the procedures of IETF RFC 3515 [13] as updated by IETF RFC 6665 [21] and IETF RFC 7647 [22].
After that the AS shall send are-INVITE request to the REFER target. The re-INVITE request shall contain if available
aP-Asserted-ID header field with avalid identity of the Refer-to target and a Referred-by header field matching the P-
Asserted-ldentity of the REFER request.

When the partial dialog with the REFER target is acknowledged following a 200 OK, the AS shall send in the original
partial dialog aNOTIFY request with 2200 OK status line to the originator of the REFER request, according to the
procedures of IETF RFC 3515 [13] as updated by IETF RFC 6665 [21] and IETF RFC 7647 [22]. If a Replaces
parameter isincluded in the Refer-To header field of the original REFER request and it refersto the original partial
dialog between the referrer and the refer-to target, the AS shall send a BY E request in the original partial dialog to the
referrer.

When the 3™ party call control procedures were successful, continued processing procedures according to clause 7 of
IETF RFC 3725 [14] shall be applied.
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As anetwork option, the AS could send a 200 (OK) response directly and initiate 3™ party call control procedures
without trying to forward the REFER request to the REFER target.

NOTE 1: For example, when UE-A and UE-B establish a session, they will exchange their own capabilities for SIP
methods by using "Allow" header. If the ASliesin the signalling path between UE-A and UE-B, it knows
whether the two UEs support REFER or not, and can initiate 3" party call control procedures. Another
exampleisthat a network operator does not want to send REFERS to a user because of security reasons.

NOTE 2: The AS can enforce OIR privacy settings on OIR relevant headers carried in the generated INVITE
reguest and/or relNVITE request, as specified 3GPP TS 24.607 [15] for regular INVITE requests
originated by the served user.

NOTE 3: The AS can generate charging events for the generated INVITE requests, correlated to the initiator of the
REFER request.

4.7.29.7.1.2 Exceptional procedures

If the 3 party call control procedures fail because a media negotiation between REFER target and Refer-to target is not
possible (e. g. the codes cannot be negotiated or the offered ports have changed in a subsequent SDP offer), or

REFER target or Refer-to target answer the INVITE request with an error response, error handling procedures
according to clause 6 of IETF RFC 3725 [14] shall be applied. Additionally the AS shall send aNOTIFY for
terminating the original REFER request.

4.7.29.7.2 REFER is sent outside a dialog

4.7.29.7.2.1 Normal procedures

If the AS receives a 403 (Forbidden) response or a 501 (Not Implemented) response in response to a REFER request
forwarded by the AS, it shall send a 200 (OK) response followed by a NOTIFY request with a 100 (Trying) statusline
to the originator of the REFER request, according to the procedures of IETF RFC 3515 [13] as updated by

IETF RFC 6665 [21] and IETF RFC 7647 [22].

The AS then shall perform third party call control procedures according to Flow 111 or Flow IV of IETF RFC 3725 [14],
with the following additions and clarifications:

The AS shall send an INVITE request to the Refer-to target. The INVITE request shall contain if available a
P-Asserted-1D header field with avalid identity of the REFER target and a Referred-by header field matching the
P-Asserted-1dentity of the REFER request. In addition the AS shall include a P-Served-User header field including a
valid identity of the referor.

When the dialog with the Refer-to target is acknowledged following a 200 (OK), the AS shall send in the REFER dialog
aNOTIFY reguest with a100 (Trying) status line to the originator of the REFER request, according to the procedures
of IETF RFC 3515 [13] as updated by IETF RFC 6665 [21] and IETF RFC 7647 [22]. After that the AS shall send an
INVITE request to the REFER target. The INVITE request shall contain if available a P-Asserted-I1D header field with a
valid identity of the Refer-to target and a Referred-by header field matching the P-Asserted-Identity of the REFER
request. When including the P-Asserted-1dentity the AS shall aso include the Privacy header fields obtained from the
request or response in which this P-Asserted-Identity was obtained.

When the dialog with the REFER target is acknowledged following a 200 OK, the AS shall send in the REFER dialog a
NOTIFY request with a200 OK status line to the originator of the REFER request, according to the procedures of
IETF RFC 3515 [13] as updated by IETF RFC 6665 [21] and |IETF RFC 7647 [22].

When the 3" party call control procedures were successful, continued processing procedures according to clause 7 of
IETF RFC 3725 [14] shall be applied.

Asanetwork option, the AS could send a 200 (OK) response directly and initiate 3/ party call control procedures
without trying to forward the REFER request to the REFER target.

NOTE 1: For example, when UE-A and UE-B establish a session, they will exchange their own capabilities for SIP
methods by using "Allow" header. If the ASliesin the signalling path between UE-A and UE-B, it knows
whether the two UEs support REFER or not, and can initiate 3/ party call control procedures. Another
exampleisthat a network operator does not want to send REFERS to a user because of security reasons.
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NOTE 2: The AS can enforce OIR privacy settings on OIR relevant headers carried in the generated INVITE
reguest and/or relNVITE request, as specified 3GPP TS 24.607 [15] for regular INVITE requests
originated by the served user.

NOTE 3: The AS can generate charging events for the generated INVITE requests, correlated to the initiator of the
REFER request.

4.7.29.7.2.2 Exceptional procedures

If the 3d party call control procedures fail because a media negotiation between REFER target and Refer-to target is not
possible, or REFER target or Refer-to target answer the INVITE request with an error response, error handling
procedures according to clause 6 of IETF RFC 3725 [14] shall be applied. Additionally the AS shall send aNOTIFY for
terminating the original REFER request.

4.7.2.9.8 Voicemail server
When an AS acts as a voicemail server generates a 200 (OK) response to an INVITE request:

1. If the ASisableto record a message, the AS shall insert in the SIP 200 (OK) response to the INVITE request the
media features tag automata and actor="msg-taker" in the Contact header as described in IETF RFC 3840 [19]
and in |[ETF RFC 4596 [20].

2. If the ASisnot able to take a message, the AS shall insert in the SIP 200 (OK) response to the INVITE request
the media feature tag automata in the Contact header as described in IETF RFC 3840 [19] and in
IETF RFC4596 [20]. In that case, the media feature actor="msg-taker" shall not be inserted in the 200 (OK) SIP
response to the INVITE request.

4.7.2.9.9 Providing announcements to a terminating user just after the call is answered and
before establishing direct communication session between end users

Services can provide an announcement to aterminating user just after the call is answered and before establishing a
direct communication session between end users using the procedures in this subclause.

When an INVITE request is received from an originating UE, the AS shall
- actasB2BUA;

- modify the SDP offer received from the originating UE with the media parameters necessary for the
announcement;

- indicate that resources at the MRF are available; and
- send an INVITE request to the terminating UE as specified in 3GPP TS 24.229 [4].

Upon receipt of an 18x provisional response from the terminating UE the AS shall indicate the progress of the call
towards the originating UE, e.g. send a 180 (Ringing) response or start an announcement.

When the session between the AS and the terminating UE is established the AS shall start the announcement.

When the announcement is completed, the AS shall send are-INVITE request or an UPDATE request towards the
terminating UE as specified in 3GPP TS 24.229 [4]. The SDP offer:

NOTE: AnUPDATE request can be used if the required bandwidth is the same or lower for the call asfor the
announcement towards the terminating UE.

- shall include the SDP offer received from the originating UE;

- if notincluded in the original offer from the originating UE, all mediafor providing the announcement shall be
removed (i.e. medialines are set to port "0"); and

- shal indicate that the resources at the originating side are not available if preconditions are used.

For the rest of the call the AS shall:
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- if needed, modify the sdp sent towards the originating UE so that the content of the sdp aigns with the
offer/answer between the originating UE and the AS;

- forward SIP requests and SIP responses received from the terminating UE towards the originating UE without
changing the SDP using the SIP dialog created above.

For the rest of the call the AS shall:

- if needed, modify the sdp sent towards the terminating UE so that the content of the sdp aligns with the
offer/answer between the terminating UE and the AS; and

- forward SIP requests and SIP responses received from the originating UE towards the terminating UE without
changing the SDP.
4.7.2.9.10 Screening of 200 (OPTIONS) response content
When an OPTIONS request is received, the AS shall:
1) identify the served user as specified in 3GPP TS 24.229 [1];

2) identify the originator of the OPTIONS request by the URI present in the P-Asserted-Identity header field of the
reguest if present and otherwise by the URI present in the From header field of the request; and

3) if screening is required, by configuration data, act as a routing B2BUA according to 3GPP TS 24.229 [1]. Then:

- Upon receipt of any response different from 200 (OK) response, the AS shall generate the same response
according to the procedures for arouteing B2ZBUA specified in subclause 5.7.5.1 of 3GPP TS 24.229 [1].

- Upon receipt of a 200 (OK) response, the AS shall generate a 200 (OK) response according to the procedures
for arouteing B2BUA specified in subclause 5.7.5.1 of 3GPP TS 24.229 [1] without the information for
which screening is required by the configuration data

NOTE 1: The configuration data can be set the user or by the operator and can include the identity of the served
user and/or the identity of the originator, How the user can configure the screening of its destined
OPTIONS requests is out of the scope of this specification. Such configuration can for example be
performed through a web portal.

NOTE 2: Screening of UE capabilities from the 200 (OK) response to an OPTIONS request can cause the
originator not to attempt a session using the screened capabilities.
4.7.2.10 Action at the terminating UE

Certain services require the usage of the Alert-Info header field and Call-Info header field according to procedures
specified by IETF RFC 3261 [4].

If the UE receives are-INVITE request containing no SDP offer, the UE shall send a 200 (OK) response containing an
SDP offer according to 3GPP TS 24.229 [1] indicating the directionality used by UE as

- "sendonly" if the re-INVITE request is received on a dialog where the associated communication session has
been put on hold by the user; and

- "sendrecv" otherwise.

During the established communication, if avideo streamis provided with a medialevel attribute "a=sendonly" and the
medialevel attribute "a=content: g.3gpp.announcement-no-confirmation" as specified in 3GPP TS 24.229 [1], the UE
should play this video stream without confirmation with the user if playing video announcement without confirmation is
allowed based on UE'slocal policy (e.g. configuration on the UE).
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4.8 Interactions with other networks
4.8.1 Void

4.8.2 Void

4.8.3 Void

4.9 Signalling flows

Signalling flows are documented in annexes A and B.

4.10

Parameter values (timers)

No specific timers are needed.
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Annex A (informative):
Signalling flows for announcements

This annex shows some example signalling flows for the procedures described in subclause 4.1.

These signalling flows are simplified in that,for in-band announcements, they do not show the ASto MRFC
interactions.

A.1  Providing announcements to a user during the
establishment of a communication session

A.1.1 Providing in-band announcement

This subclause shows an example signaling flow of how an AS can send an announcement to the calling user during
the establishment of a communication when using multiple early dialogs as described in annex D.

Separate dialogs are established between the origination UE and the AS controlling the announcement, and the
originating UE and the terminating UE. It is allowed that a different SDP answer is sent in the 200 (OK) response from
the terminating UE than the SDP answer that was previously sent from the ASin the 183 (Session progress) response.

The AS can e.g. be the AS serving the calling party or the AS serving a called party and may apply for example when a
communication is going to be diverted and the AS serving the diverting user inform the calling party that the
communication is going to be diverted.
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Figure A.1 shows the signalling flow for the scenario.
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[«—5. 100 Trying——

6. Service logic decides to
start announcement

7. Interaction to reserve resources for
announcement

8. 183 Session
9. 183 Session__| Progress |
Progress

——10. PRACK—>

<«

F——11. PRACK—/|
[€—12. 200 OK—

<«—13. 200 OK—

14. Interaction to start announcemt

<«——15. Announcement:

16. Interaction to indicate that the
announcement is sent

17. Interaction to release resources
reserved for the announcement

[€«—18. INVITE—
——19. 100 Trying—»
20. INVITE >
< 21. 100 Trying
< 22. 200 OK:
——23. 200 OK—
[€—24. 200 OK—
<—25. 200 OK—
26. ACK—>
27. ACK—>
[«——28. ACK:
29. ACK >

NOTE: The called party can return provisional responses to the INVITE request. However, for simplicity those
responses are left out.

Figure A.1: Announcement started during the establishment of a communication

The calling party initiates a communication by means of an INVITE request. The INVITE request is forwarded toward
the called party.
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Along the signalling path, created by the INVITE request, some service logic in an Application Server (AS) wants to
send an announcement towards the calling party.
The flow is based on the assumptions that the Supported header field includes the option-tag " 100rel".
The steps of the signalling flow are as follows:

1) S-CSCF receivesan INVITE request.

2) S-CSCF sendsthe 100 (Trying) response towards to sender of the INVITE request.

3) S-CSCF evaluatestheinitia Filter Criteria.

4) S-CSCF sendsthe INVITE request to the AS.

5) The AS sendsthe 100 (Trying) to S-CSCF.

6) Servicelogicinthe AS decidesto send an announcement to the calling party.

7) The MRFC interacts with the MRFP in order to reserve resources for the announcement. As part of the
interaction with MRFP the AS receives the necessary media parameters e.g. | P address and port numbers and
provide the IP address and port number for the calling party to the MRFP.

8) The AS sends a 183 (Session progress) response to S-CSCF. The response includes:
a) ananswer to the SDP received in the INVITE request;
b) aP-Early-Media header field set to "sendonly”; and
c) the Require header field set to "100rel".
9) S-CSCF sendsthe 183 (Session progress) response towards the calling party.
10) S-CSCF receives a PRACK request.
11) S-CSCF sends the PRACK request to the AS.
12) The AS sends a 200 (OK) to the PRACK request to S-CSCF.
13) S-CSCF sends the 200 (OK) towards the calling party.
14) The MRFC interacts with the MRFP in order to start the announcement.
15) The MRFP sends the announcement towards the calling party.

16) The complete announcement is sent and the MRFP interacts with the ASMRFC in order to inform that the
announcement is terminated.

17) The MRFC interacts with the MRFP in order to release the resources used for the announcement.

18) The AS sends the INVITE request towards the called party. The INVITE request contains the same information
asthe INVITE request received in step 4 with the modification done by AS according to rules and procedures of
3GPPTS24.229[1].

19) S-CSCF sends the 100 (Trying) response to the AS.

20) S-CSCF sendsthe INVITE request towards the called party.

21) S-CSCF receives a 100 (Trying) response.

22) S-CSCF receives a 200 (OK) response to the INVITE request.

23) S-CSCF sends the 200 (OK) response to the INVITE request to the AS.

24) The AS sends the 200 (OK) response to the INVITE request to the S-CSCF.

25) S-CSCF sends the 200 (OK) response to the INVITE request towards the calling party.
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26) S-CSCF receives an ACK request.

27)S-CSCF sendsthe ACK request to the AS.

28) The AS sends the ACK request to S-CSCF.

29) S-CSCF sends the ACK towards the called party.

When the UE of the calling party receives the 200 (OK) response to the INVITE request the UE can regard the early
dialog created for the announcement between the UE and the AS terminated.

A.1.2 Including Alert-Info header field in the 180 (Ringing)
response

IETF RFC 3261 [4] specifiesthe Alert-Info header field as a meansto indicate a source of mediato play an aternative
ring tone by an originating endpoint.

An example of this mechanismis shown in figure A.2.

|| scscF | | AS | |

—1. INVITE—>
<—2. 100 Trying—

3. Evaluation of initial
Filter Criteria

F——4. INVITE—;
[€«—5. 100 Trying—

[ €—6. INVITE—
——7. 100 Trying—»;

8. INVITE——>»

[—9. 100 Trying:

[«——10. 180 Ringing

—11. 180 Ringing—»|

12. 180 Ringing
13.180 Ringing  |¢—Alert-Info:http://—

< Alert-Info:http://— url.wav
url.wav

14. Retrieving and
playing http://
url.wav

< 15. 200 QK:
——16. 200 OK—»
€—17. 200 OK—

<«—18. 200 OK—

19. Stops playing
retrieved http://url.wav
20. ACK—p

——-21. ACK—>
[ «——22. ACK

23. ACH——

NOTE: In the figure the SDP signalling details to establish media are not shown for simplicity.

Figure A.2: Alert-Info header field in the 180 (Ringing) response to indicate an alternative ring tone
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The steps of the flow are as follows:

1) S-CSCF receives an INVITE request from the originating user. The originating user may be a user served by this
S-CSCF, auser served by another S-CSCF or a user connected to PSTN/ISDN viaa MGCF.

2) S-CSCF sendsa 100 (Trying) response.

3) S-CSCF evaluatesthe Initia Filter Criteria

4) S-CSCF sendsthe INVITE reguest to the AS.

5) The AS sendsa 100 (Trying) response to S-CSCF.
6) The AS sendsthe INVITE request to S-CSCF.

7) S-CSCF sendsthe 100 (Trying) response to the AS.

8) S-CSCF sendsthe INVITE request towards the called party. The called party may be a user served by another S-
CSCF or a user connected to PSTN/ISDN viaa MGCF.

9) S-CSCF receives a 100 (Trying) response.
10) S-CSCF receives a 180 (Ringing) response.
11) S-CSCF sends the 180 (Ringing) response to the AS.

12)The ASinsertsavalid Alert-Info header field in the 180 (Ringing) including a URL to a media file containing
the appropriate tone and sends the 180 (Ringing) response to S-CSCF.

EXAMPLE: This file http://operator.net/tone.wav, in the picture abbreviated to http://url.wav is played at the
originating UE (step 14).

13) S-CSCF sends the 180 (Ringing) response towards the originating user.
14) The http://url.wav (for example http://operator.net/tone.wav) isretrieved and played at the originating user.

15-18) S-CSCF receives a 200 (OK) response to the INVITE request and forwards it to the originating user viathe
AS.

19) The originating user stops playing the tone.
20-23) S-CSCF receives an ACK request and forwards it towards the called party viathe AS.

A.1.3 Announcements provided by the PSTN/ISDN

This subclause shows the signalling flow for a scenario where a user connected to the | P network establish a
communication with a user connected to the PSTN/ISDN. During the establishment of the communication the
PSTN/ISDN provides an announcement e.g. " The communication is forwarded" or "The user is not reachable".
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Figure A.3 shows the signalling flow for the scenario.

MGCF | | PSTN/SDN
—1. INVITE—>
<—2. 100 Trying—
3. IAM——p
€——4. ACM
5. 183 Session |
Progress
—6. PRACK—p|

«7. 200 OK (PRACK)-

<«— 8. Announcement

NOTE: The flow assumes the use of the option-tag "100rel" defined in RFC 3262 [5] other scenarios may also
apply. T-MGF is left out of the figure for simplicity.

Figure A.3: Announcement provided by PSTN/ISDN during the establishment of a communication

The steps of the flow are as follows:
1) The MGCF receives an INVITE reguest from the IP network. The request includes an SDP offer.
2) The MGCF sends a 100 (Trying) response to the I P network.
3) The MGCF sendsan |AM towards PSTN.

4) The MGCEF receives an early ACM from the PSTN/ISDN with an indication that "In-band information may be
available".

5) The MGCF sends a 183 (Session Progress) response to the | P network. The response includes:
a) the answer to the SDP offer received in the INVITE request;
b) A P-Early-Media header field set to "sendonly”; and
c) Theoption-tag "100rel" in the Require header.

6) The MGCEF receives the PRACK request.

7) The MGCF sends a 200 (OK) response to the PRACK request.

8) The T-MGF sends the in-band announcement received from the PSTN/ISDN to the IP network.

Depending on the reason for the announcement the establishment of the communication continues or the establishment
of the communication is aborted.
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A.1.4 Announcement provided towards a user connected to the
PSTN/ISDN

This subclause shows an example signalling flow for a scenario where auser in PSTN/ISDN establishes a
communication with a user connected to IMS. During the establishment an ASin the IP network provides an
announcement,

e.g. "The communication is forwarded" or "The user is not reachable".

Figure A.4 shows the signalling flow for the scenario.

MGCF PSTNISDN

<1 IAM—
<2 INVITE—/——

——3.100 Trying—>

4183 Sessmn_)
Progress
<«—5. PRACK—

6. ACM—
—7. 200 OK (PRACK)

8. Announcement———p

NOTE: The flow assumes the use of the option-tag "100rel" defined in RFC 3262 [5] other scenarios can also
apply. T-MGF is left out of the figure for simplicity.

Figure A.4: Announcement provided towards a user connected to PSTN/ISDN
during establishment of a communication

The steps of the flow are as follows:

1) The MGCF receives an |AM from the PSTN/ISDN.

2) The MGCF sends an INVITE request to the IP network. The request includes a SDP offer.

3) The MGCEF receives a 100 (Trying) response from the IP network.

4) The MGCF receives a 183 (Session Progress) response from the | P network.The response includes:
a) theanswer to the SDP offer sent inthe INVITE request;
b) aP-Early-Media header field set to "sendonly”; and
c) theoption-tag "100rel" in the Require header field.

5) The MGCF sends a PRACK request towards the | P network.

6) The MGCF sends an early ACM to the PSTN/ISDN. The early ACM contains the "in-band information may be
available" indication.
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7) The MGCEF receives a 200 (OK) response to the PRACK request.

8) The T-MGF receives the in-band announcement from the IP network and forwards the announcement to the
PSTN/ISDN network.

Depending on the reason for the announcement the establishment of the communication continues or the establishment
of the communication is aborted.

A.1.5 Providing in-band announcement after a reliable provisional
response has been received by the terminating UE

This subclause shows an example signalling flow of how an AS can send an announcement to the calling user during
the establishment of a communication, in the case the terminating UE has aready sent SDP within areliable provisional
response.

Separate dialogs are established between the origination UE and the AS controlling the announcement, in accordance
with annex A.1.1.
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Figure A.5 shows the signalling flow for the scenario.

MRFC/
S-CSCF AS MRFP

1. INVITE
e2e SDP_O

2. Evaluation of Initial
Filter Criteria

3. INVITE———{
la—4. INVITE
5. INVITE

\J

6. 180 Ringing
-t e2e dialog

7.180 Ringing—— ] e2e SDP_A

8. Service logic decides to
start announcement

9. 183 Session progress
|— e2e dialog —
-4-10. 183 Session progress— e2e SDP_A

11. PRACK———»
12. PRACK———p»|
-¢——13. PRACK
14. PRACK-
-t 15. 200 OK (PRACK)
——16. 200 OK (PRACK)—®
[-—17. 200 OK (PRACK)—

\/

<«—18.200 OK (PRACK)——|

19. Interaction to reserve resources
for the announcement

20. 180 Ringing
announcement dialog

P-Early-Media |
-4—21. 180 Ringing——— announcement SDP_A

22. PRACK——p>|
———23. PRACK———p»{
[-4—24. 200 OK (PRACK)—
-4—25. 200 OK (PRACK)——

26. Interaction to start the
announcement

ST N 27. RTP--- T R —

28. 200 OK
e2e dialog

A

F———29. 200 OK————p»{

30. Interaction to release resources
reserved for the announcement

31.200 OK
e2e dialog
-4——32. 200 OK

33. ACK——p»

34. ACK————»{
[————35. ACK:
36. ACK

\/

Figure A.5: Originating announcement during communication establishment considering terminating
early media
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The calling party initiates a communication by means of an INVITE request. The INVITE request is forwarded toward
the called party.

Along the signalling path, created by the INVITE request, some service logic in an AS wants to send an announcement
towards the calling party.

The flow is based on the assumptions that the Supported header field includes the option-tag " 100rel".
The steps of the signalling flow are as follows:
1) S-CSCF receives an INVITE request with theinitial SDP offer
2) S-CSCF evaluatestheinitia Filter Criteria
3) S-CSCF sendsthe INVITE request to the AS
4),5) the ASforwardsthe INVITE to the terminating UE
6), 7) theterminating UE answers with areliable 180 (Ringing) response including a SDP answer.
8) based on the received response the service logic in the AS decides to send an announcement to the calling party

9), 10) the AS forwards the received SDP answer within a reliable183 (Session progress) response, in order to
establish an e2e dialog between the originating and terminating UES

11) to 18) the originating UE confirms the reliable response to the terminating UE

19) The MRFC interacts with the MRFP in order to reserve resources for the announcement. As part of the
interaction with MRFP the AS receives the necessary media parameters e.g. | P address and port numbers and
provide the IP address and port number for the calling party to the MRFP.

20) to 25) the AS sends areliable 180 (Ringing) response to the originating UE and creates a new dial og between
the AS and the originating UE. The response includes:

a) an answer to the SDP received in the INVITE request;
b) aP-Early-Media header field set to "sendonly”; and
c) the Require header field set to "100rel".
26) The MRFC interacts with the MRFP in order to start the announcement.
27) The MRFP sends the announcement towards the calling party.
28),29) theterminating UE answers with a 200 OK response without SDP
30) The MRFC interacts with the MRFP in order to release the resources used for the announcement.
31),32) the ASforwardsthe 200 OK response in the e2e dialog to the originating UE

33) to 36) the communication is confirmed

A.2  Providing announcements to a user during an
established communication

The way an annhouncement is sent to a user during an established communication depends on the scenario and the
importance of the announcement.

The following scenarios exist:
- scenario 1. two users are communicating with (at least) one ASin the signalling path (UE AS -UE); or

- scenario 2: two (or more) users communicating with (at least) one AS in the signalling and media path
(UE-AS/IMRFC-UE); or
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- scenario 3: two users communicate and one of the usersis connected to PSTN/ISDN (UE-MGCF). This scenario
can be seen as part of basic communication and requires no SIP signalling; or

- scenario 4. two users communicate directly with each other without involving an ASin the signalling path and
without involving an AS in the media path (UE-UE). This scenario is out of scope of the present document.

A.2.1 Scenario 1: UE - AS - UE

Two users are communicating with (at least) one AS in the signalling path. In this scenario the AS is connected to the S-
CSCF over the ISC interface acting as a SIP proxy or an AS performing 3'd party call control.

IETF RFC 3261 [4] specifies the Call-Info header field as a means to indicate a source of mediato be played by the
receiving endpoint.

Figure A.6 shows an example of the use of this mechanismin the INVITE request.

S-CSCF AS

“1. re-INVITE——»
2. re-INVITE——p»|

3. Service logic decides to include
a reference to an wav file.

4. re-INVITE

I (Call-Info: http://url.wav)

5. re-INVITE
(Call-Info: http://url.wav)

—_—

- 6. 200 OK:

7.200 OK———
~¢— 8. 200 OK;
-4——9. 200 OK:

10. ACK———»»
11. ACK———
—  12. ACK:

13. ACK >

14. Retrieves and plays the http://
url.wav

NOTE: Some signalling details are left out of the figure for simplicity.
Figure A.6: Call-Info header field in a re-INVITE request to indicate media

A user wants to place a communication session on hold and sends are-INVITE request towards the remote user
involved in the communication.
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The steps of the flow are as follows:

1) S-CSCF receivesarelNVITE request from a user. The user can be a user served by this S-CSCF, a user served
by another S-CSCF or a user connected to the PSTN via MGCF.

2) S-CSCF sendsthe reINVITE request along the signalling path to the AS using the route set received in the re-
INVITE request.

3) Servicelogicinthe AS decidesto include areference to a wav file with an announcement or music.

4) The AS sendstherelNVITE request to the S-CSCF. Including in the Call-Info header a URL to a mediafile
containing the appropriate announcement or music, for example http://operator.net/announcement.wav (in the
picture abbreviated to http://url.wav).

5) The S-CSCF sendsthe relNVITE request along the signalling path towards the remote user. The remote user can
be a user served by this SS-CSCF, a user served by another S-CSCF or a user connected to the PSTN via M GCF.

6-9) The 200 (OK) response from the remote user is forwarded via the S-CSCF and the AS towards the
originating user.

10-13) The ACK request from the originating user is forwarded via the S-CSCF and the AS towards the remote user.

14) The http://url.wav fileis retrieved and played to the user. In the case the user is connected to the PSTN viaa
MGCEF, the T-MGF retrieves and plays the announcement towards the user. In case the user is connected to IMS
the UE retrieves and plays the announcement.

A.2.2 Scenario 2: UE - AS/MRFC/MRFP - UE

This subclause describes the scenario when two (or more) users are communicating with (at least) one AS controlling
the media path. The MRFP isin the media path. In this scenario the AS acts asa B2BUA.

Figure A.7 shows the signalling flow for the scenario.

AS/
MRFC MRFP UE-2

Active communication session with AS/MRFC in the signaling path and
MRFP in the media path

1. Service logic decides to start an in-band announcement

2. Start playing announcement

3. Announcement——p|

4. Service logic decides to stop in-band announcement

5. Stop playing announcement

Figure A.7: In-band announcement during an established communication

An AS, acting asa B2BUA, isinvolved in acommunication session. The AS control s the media path via a co-located
MRFC controlling a MRFP.

The steps of the flow are as follows:

1) Servicelogicinthe AS decidesto start an in-band announcement towards a user e.g. "Music on hold".
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2) The MRFC co-located with the AS interacts with the MRFP in order to start the announcement.
3) The MRFP sends the announcement towards the remote user.
4) The MRFC co-located with the ASinteracts with the MRFP to stop the announcement.

5) MRFP stops the announcement provided to UE-2.

A.3  Communication request rejected

Servicelogicinan AS, e.g. the ACR service, can decide to reject a communication request and provide an
announcement to explain the reason for the rejection to the originating user. The AS can:

1) Send the announcement as in-band information.

2) Include areference to the announcement in a 3xx, 4xx, 5xx and 6xx response.

A.3.1 Sending the announcement as in-band information

The network can generate announcement using one of the following procedures:

1) using early mediai.e. the AS establish an early session and uses that early session to send the in-band
announcement; or

2) using an established session i.e. the AS accepts the INVITE request and uses the established session to send the
in-band announcement.

A.3.1.1 Using early media

This subclause explains how an AS can use an early media session to send the in-band announcement and when the
announcement is sent reject the communication request with an appropriate reject code.
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Figure A.8 shows the signalling flow for the scenario.
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Figure A.8: Using early media to send in-band announcement

The originating user initiates communication by means of an INVITE request. A long the path towards the terminating
user an AS determines that the INVITE request cannot be forwarded to the terminating user. The steps of the flow are
asfollows:

1) S-CSCF receives an INVITE request from the originating user. The originating user can be a user served by this
S-CSCF, auser served by another S-CSCF or a user connected to PSTN/ISDN viaa MGCF.

2) S-CSCF sendsa 100 (Trying) response.

3) S-CSCF evaluatesthe Initial Filter Criteria.

4) S-CSCF sendsthe INVITE request to the AS.

5) The AS sendsa 100 (Trying) response to S-CSCF.

6) Servicelogicinthe AS decidesto reject the communication request and to send an announcement in-band in
order to give adetailed reason to the originating user.

7) The MRFC collocated with the AS interact with the MRFP and reserves resources for the announcement.
8) The AS sends a 183 (Session progress) response to S-CSCF. The response includes:
a) the Require header field with the option-tag "100rel";
b) an answer to the SDP received in the INVITE request; and
c) an answer to the SDP received in the INVITE request.
9) S-CSCF sendsthe 183 (Session Progress) response towards the originating user.
10) The MRFC collocated with the ASinteract with the MRFP in order to start the announcement.
11) S-CSCF receives a PRACK request from the originating user.
12) S-CSCF sendsthe PRACK request to the AS.
13) The AS sends the 200 (OK) response to the PRACK request to S-CSCF.
14) S-CSCF sends the 200 (OK) response to the PRACK request to the originating user.
15)MRFP sends the announcement towards the UE.
16) The MRFP interacts with the MRFC collocated with the AS to indicate that the announcement is sent.

17) The MRFC collocated with the AS interact with the MRFP in order to rel ease resources reserved for the
announcement.

18) The AS sends a 3xx, 4xx, 5xx or 6xx response to the INVITE request to S-CSCF.

19) S-CSCF sends a 3xx, 4xx, 5xx or 6xx response to the INVITE request to the originating user.
20) S-CSCF receives an ACK request from the originating user.

21) S'.CSCF sends an ACK request to the AS.

A.3.1.2 Using an established session

This subclause explains how an AS can use an established session to send the in-band announcement and when the
announcement is sent, release the communication and include an appropriate reject code in the BY E request.
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Figure A.9 shows the signalling flow for the scenario.

‘| S-CSCF | | MRFC/AS | | MRFP |‘

—1. INVITE—
<—2. 100 Trying—

3. Evaluation of initial
Filter Criteria

——4. INVITE—|
<«—5. 100 Trying—

6. Service logic decides to reject the
invitation and to send the announcement in-
band.

7. Interaction to reserv resources for
the announcement

<€«——8. 200 OK—

<—9. 200 OK—

10. Interaction to start the

announcement
11. ACK—p|
12. ACK—|
< 13. Announcement
14. Interaction to indicate that the
announcement is sent
[ [
15. Interaction to release resources
reserved for the announcement
«——16. BYE
<—17. BYE

——18. 200 OK—p|
——19. 200 OK—p

Figure A.9: In-band information generated by network when
an invitation to a communication is rejected
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The originating user initiates communication by means of an INVITE request. A long the path towards the terminating
user an AS determines that the INVITE request cannot be forwarded to the terminating user.

The steps are as follows:

1) S-CSCF receives an INVITE request from the originating user. The originating user can be a user served by this
S-CSCF, a user served by another S-CSCF or a user connected to PSTN/ISDN viaa MGCF.

2) S-CSCF sendsa 100 (Trying) response.

3) S-CSCF evaluatesthe Initia Filter Criteria

4) S-CSCF sendsthe INVITE reguest to the AS.

5) The ASsendsa100 (Trying) response to S-CSCF.

6) The AS decidesto reject the communication request and to send an announcement in-band in order to give a
detailed reason to the originating user.

7) The MRFC collocated with the AS interact with the MRFP and reserves resources for the announcement.
8) The AS sends a 200 (OK) response to the INVITE request to S-CSCF.

9) S-CSCF sendsthe 200 (OK) response to the INVITE request towards the originating user.

10) The MRFC collocated with the AS interact with the MRFP in order to start the announcement.
11S-CSCF receives an ACK request from the originating user.

12) S-CSCF sendsthe ACK request to the AS.

13) MRFP sends the announcement towards the originating user.

14) The MRFP interacts with the MRFC collocated with the AS to indicate that the announcement is sent.

15) The MRFC collocated with the AS interact with the MRFP in order to rel ease resources reserved for the
announcement.

16) The AS sends aBY E request to S-CSCF. The BY E request can include an appropriate reject reason.
17) S-CSCF sends the BY E request towards the originating user.

18) S-CSCF receives a 200 (OK) response to the BY E request from the originating user.

19) S-CSCF sends the 200 (OK) response to the BY E request to the AS.

A.3.2 Including an Error-Info header field in a 3xx, 4xx, 5xx and
6XX response
This subclause explains how an AS can include a reference to an announcement stored in the network.

IETF defines an Error-Info header field for use in 3xx, 4xx, 5xx and 6xx responsesto the INVITE request. The
Error-Info header field transports a reference to afile e.g. afile containing an announcement.

When the originating UE receives the reference the UE retrieves the announcement and playsit for the user.
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Figure A.10 shows the message flow for the scenario.

‘| S-CSCF | | AS

—1. INVITE—

<—2. 100 Trying—

3. Evaluation of initial
Filter Criteria

——4. INVITE—
<«—5. 100 Trying—

6. Service logic decides to reject the invitation
and provides a reference to an annoucement
explaining the reason.

7. 3xx,4xx,5xx or
€ B6xx —
[http://url.wav]
9. 3xx,4xx,5xx or 8. ACK—p
< B6xx —
[http://url.wav]
10. ACK—p|

Figure A.10: Error-Info header in 3xx, 4xx, 5xx and 6xx responses

The originating user initiates communication by means of an INVITE request. A long the path towards the terminating
user an AS determines that the INVITE request cannot be forwarded to the terminating user.

The steps are as follows:

1) S-CSCF receives an INVITE request from the originating user (in the case the ASisan O-AS) or the originating
network (in the casethe ASisaT-AS).

2) S-CSCF sendsa 100 (Trying) response.

3) S-CSCF evaluatesthe Initial Filter Criteria.

4) S-CSCF sendsthe INVITE request to the AS.

5) The AS sendsa 100 (Trying) response to S-CSCF.

6)The AS decides to reject the invitation to communication and to provide a reference to an announcement
explaining the reason in more detail.

7) The AS sends a 3xx, 4xx, 5xx or 6xx response to S-CSCF. The application server inserts avalid Error-Info
header field in either a 3xx, 4xx, 5xx or 6xx response to the INVITE request, including a URL to a mediafile
containing the appropriate tone, announcement or music.

EXAMPLE: http://operator.net/announcement.wav, in the picture abbreviated to http://url.wav, is played at the
originating UE (after step 10).

8) S-CSCF sendsthe ACK request to the AS.
9) S-CSCF sends the 3xx, 4xX, 5xX or 6xx response towards the originating user.

10) S-CSCF receives the ACK request.
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A.3.3 Announcements provided by the PSTN/ISDN

The signalling flow for this scenario is the same as the signalling flow example given in subclause A.1.3.

A.3.4 Announcement provided to a user connected to the
PSTN/ISDN

The signalling flow for this scenario is the same as the signalling flow example given in subclause A.1.4.

A.4  Providing announcements to a user during the
release of a communication session

The way an anhouncement is sent to a user during the release of a communication depends on the scenario.
The following scenarios exist:
scenario 1: two users are communicating with (at least) one ASin the signalling path (UE-AS-UE); or

scenario 2: two (or more) users communicating with (at least) one AS in the signalling path and MRFP in the
media path (UE-AS/MRFC/MRFP-UE).
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A.4.1 Scenario 1: UE - AS - UE

Two users are communicating with (at least) one ASin the signalling path.

Figure A.11 shows the signalling flow for the scenario.

‘| s-CsCF | | MRFcias || MRFP |‘

—1. BYE—>|
2. BYE—>

3. Service logic decides to
start an announcement.

4. Interaction to reserve resources for

announcement
[€—>5. re-INVITE—
6. re-INVITE: >
< 7.200 OK:
——=8. 200 OK—|
[«——9. ACK
10. ACK- >

11. Interaction to start announcement

F—12. Announcement—>»

13. Interaction to indicate that the
announcement is sent

14. Interaction to release resources
reserved for the announcement

[«——15. BYE

16. BYE:

v

NOTE:  The party still in the communication can return provisional responses to the INVITE request. However, for
simplicity those responses are left out.

Figure A.11: Play announcement using new media during the release of a communication

The steps of the signalling flow are as follows:
1) S-CSCF receives aBYE request.
2) S-CSCF sendsthe BY E request to the AS.
3) Servicelogicinthe AS decidesto send an announcement to the party still in the communication.

4) The MRFC interacts with the MRFP in order to reserve resources for the announcement. As part of the
interaction with MRFP, the AS retrieves the media parameters from MRFP e.g. IP address and port numbers, and
provide the IP address and port numbers of mediathat original dialog used to the party still in the
communication.
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5) The ASsendsarelNVITE reguest to S-CSCF.

6) S-CSCF sendstherelNVITE request towards the party still in the communication.
7) S-CSCF receives a 200 (OK) response.

8) S-CSCF sendsthe 200 (OK) responseto the AS.

9) The AS sendsan ACK request to S-CSCF.

10) S-CSCF sends the ACK reguest to the party still in the communication.

11) The MRFC interacts with the MRFP in order to start the alternative ring tone.

12) The MRFP sends the announcement towards the party still in the communication.

13) The complete announcement is sent and the MRFP interacts with the ASYMRFC in order to inform that the
announcement is terminated.

14) The MRFC interacts with the MRFP in order to release the resources used for the announcement.

15) The AS sends the BY E request to S-CSCF. The BY E request contains the same information as the BY E request
received in step 2 with the modification done by AS according to rules and procedures of 3GPP TS 24.229 [1].

16) S-CSCF sends the BY E request towards the party still in the communication.

A.4.2 Scenario 2: UE - AS/MRFC/MRFP - UE

This subclause describes the scenario when two (or more) users are communicating with (at least) one AS controlling
the media path. The MRFP isin the media path. In this scenario the AS acts asa B2BUA.

Figure A.12 shows the signalling flow for the scenario.

MRFC/AS | | MRFP User

Active communication session

—1. BYE—»|

2. Service logic decides to start an
in-band announcement.

3. Interaction to reserv resources for
the announcement.

4. Interaction to start announcement

5. Announcement———p»

6. Interaction to stop announcement

7. BYE >

Figure A.12: Play announcement using exist media during the release of a communication
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The steps of the signalling flow are as follows:
1) The ASreceivesaBYE request.
2) Servicelogicinthe AS decidesto start an in-band announcement towards a user.
3) The ASusing the co-located MRFC interacts with the MRP in order to reserve resources for the announcement.
4) The MRFC co-located with the AS interacts with the MRFP in order to start the announcement.
5) The MRFP sends the announcement towards the remote user.
6) The MRFC co-located with the AS interacts with the MRFP to stop the announcement.

The AS sends the BY E request towards the remote user. The BY E request contains the same information asthe BY E
request received in step 1 with the modification done by AS according to rules and procedures of 3GPP TS 24.229 [1].

A.5 Providing announcements to a terminating user just
after the call is answered and before establishing
direct communication session between end users

A.5.1 Switch media path from (UE-AS/MRFC/MRFP) to (UE-UE)
within the same dialog

In order to provide announcement to the terminating UE when the called user answers the call, the AS associated with
MRFC providing announcement, acting as a B2BUA, will intercept al SIP messages exchanged between the end UEs
prior to establishing media stream between end UEs. The AS will replace SDP indicated by the originating UE to
establish media stream with MRFC and provide announcement from MRFC once the call is answered, which later on
can be replaced with SDP indicated originally by the originating UE.

Figure A.13 shows the message flow for the scenario.
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S-CSCF ‘ AS/MRFC/MRFP

1. INVITE (sppP_0)

2. INVITE (sbp_0)
3. INVITE (SDP_announce)
4. INVITE (SDP_announce)

v

5. 183 (SDP_A)
6. 183 (sDP_A)
7. 183 (SDP_A)

8. 183 (SDP_A)

A

9. PRACK

10. PRACK
11. PRACK
12. PRACK

»
»

13. 200 |
14. 200 '
15. ACK
16. ACK

Answer the call

v

Start announcement
to terminating UE

RTP (Announcement)

Stop announcement |

17. UPDATE (sbP_0)
18. UPDATE (SbP_0)
_19. 200 (UPDATE) (SDP_A)
‘20. 200 (UPDATE) (SDP_A)

v

21. 200 (INVITE) (SDP_A)

_ 22. 200 (INVITE) (SDP_A)
23. ACK

24. ACK

RTP (media between two UESs)

Figure A.13: Announcement provided to the terminating UE when the called user answers the call
and prior to establishing media stream between users

The steps of the flow are as follows:

1-2) Theoriginating UE sends INVITE request to the intermediate IM CN subsystem.

3-4) The AS modifiesthe SDP inthe received INVITE request so that the media stream will be established to the
MRFP associated with the AS.

5-8) Thecalled party is alerted. The terminating UE sends SIP 183 (Session Progress) provisional response for the
INVITE request.

9-12) PRACK request is sent towards the terminating UE.

13-14) The called party answersthe call. The terminating UE sends SIP 200 (OK) response for the INVITE request.
The AS providing the announcement terminates this response.

15-16) The AS sends ACK request to the terminating UE. The MRFP associated with the AS starts the
announcement to the terminating UE, and the called user will receive the announcement.

17-18) When the announcement finishes, the AS sends UPDATE request containing SDP received inthe INVITE
request from the originating UE to the terminating UE.

19-20) The terminating UE updates the media stream based on the information received in the UPDATE request.

The terminating UE sends SIP 200 (OK) response to the UPDATE request.
The AS providing the announcement terminates this response.
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NOTE: SDP answer conveyed in this 200 (OK) response from the terminating UE is assumed to be the same as
the SDP answer conveyed in 183 (Session Progress) response in step 5-8.
21-22) The AS sends 200 OK response to the originating UE.

23-24) The originating UE sends ACK request. The AS providing the announcement terminates this request. The
megdia between the two UEs are established.

A.5.2 Using 180 (Ringing) response towards originating UE

This subclause shows an example signalling flow of how an AS can send an announcement to the called user just after
the call is answered and before establishing direct communication session to the calling user.
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Separate early dialogs are established between the originating UE and the AS controlling the announcement, and the
originating UE and the terminating UE. The dialog between the originating UE and ASisin this example only used for
sending a 180 (Ringing) response.

Figure A.14 shows the message flow for the scenario.

S-CSCF \ AS/MRFC/MRFP
1. INVITE (sbpP_0)

2. INVITE (sbpP_0)
3. INVITE (SDP_0O_announce)
4. INVITE (SDP_0O_announce)

5. 180 Ringing (SDP_A_announcg)
6 T80 Rmging

3 2

8. PRACK
9. 200 OK (PRACK)
10. 200 OK PRACK

12.180 Ringing 11. 180 Ringing

A

13. 200 OK (NVITE) T
14. 200 OK (INVITE) '
15. ACK

Answer the call

16. ACK

A\

Start announcement
to terminating UE

RTP (Announcement)

>

[ Stop announcement |

17. re-INVITE (sbrP_0)
18. re-INVITE (sppP_0)

19. 183 Session Progress (re-INVITE) (sbpP_a)

20. 183 Session Progress
(re-INVITE) (sbP_A)
22 183 Session 21. 183 Session Progress

p ANVATE) (INVITE) (spP_A)
23"BRAtK

24. PRACK
25. PRACK

26. PRACK
27.200 OK [(PRACK)
28. 200 OK (PRACK)

9. 200 OK (PRACK)

A\

30. 200 OK (PRACK)

31. UPDATE (SDP_O)

32. UPDATE (SDP_O)
33. UPDATE (SDP_O)
34. UPDATE (SDP_O)

gS. 200 iUPDATE), (SDP_A)
- )

(SDP-A)
| )

38.200 OK (UPDATE) S7b|2302\)bK (UPDATE)

“(SDP_A) 9. 200 (re-INVITE)
40. 200 (re-INVITE)
41. 200 OK (INVITE)

\

42. 200 OK (INVITE)
43. ACK

<«

44. ACK
44. ACK
46. ACK
< RTP (media between two UES§)

Vy

ETSI



3GPP TS 24.628 version 17.0.0 Release 17 46 ETSI TS 124 628 V17.0.0 (2022-05)

Figure A.14: Announcement provided to the terminating UE when the called user answers the call
and prior to establishing media stream between end users

NOTE: For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.
The steps of the flow are as follows:

1-2) Theoriginating UE sends INVITE request to the intermediate IM CN subsystem. The originating UE does
not have resources available.

3-4) The AS modifiesthe SDP inthe received INVITE request so that the media stream will be established to the
MRFP associated with the AS. The media parameters may be different than those received in the offer. The AS
indicates that the MRF resources are available.

5-6) Sincethe MRF resources are available, the terminating UE starts reservation of the resources and when the
resources are available the called party is derted. The terminating UE sends SIP 180 (Ringing) provisional
response for the INVITE request.

7-8) PRACK reqguest is sent towards the terminating UE.
9-10) terminating UE confirms the PRACK with 200 (OK) response to PRACK.
11-12) The AS sends a 180 (Ringing) response without pre-condition towards the calling party.

13-14) The called party answers the call. The terminating UE sends SIP 200 (OK) response for the INVITE request.
The AS providing the announcement terminates this response.

15-16) The AS sends ACK request to the terminating UE. The MRFP associated with the AS starts the
announcement to the terminating UE, and the called user will receive the announcement.

17-18) When the announcement finishes, the AS sends are-INVITE request containing the SDP offer received in the
INVITE request from the originating UE to the terminating UE. All media offered for providing the
announcement is removed (i.e. medialines are set to port "0") if not included in the original offer from the
calling party. The remaining media are indicated without having resources at the originating side.

19-20) Since the originating UE does not have resources, the terminating UE sends the SDP answer in 183 (Session
Progress) response to the re-INVITE request based on the information received in the re-INVITE request.

21-22) The AS sends a 183 (Session Progress) response towards the calling party with the SDP received in message
20. Note that the response is a different dialog than the dialog created by the 180 (Ringing) response in step 11-
12.

23-30) The calling party sends the PRACK request which the AS forwards to terminating UE and which the
terminating UE confirms by 200 (OK) for PRACK.

31-38) When resources are reserved by the originating UE the originating UE sends an UPDATE request which the
AS forwards to the terminating UE and which the terminating UE confirms by 200 (OK) for UDPATE.

39-40) When the terminating UE has all the resources available, the terminating UE sends 200 (OK) response to the
re-INVITE request.

41-42) The AS sends the 200 (OK) response to the original INVITE request.

43-46) The originating UE sends ACK request. The AS providing the announcement forwards the ACK to the
terminating UE.

The media between the two UES are established.
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Annex B (informative):
Signalling flows for Network Determined User Busy (NDUB)

B.1  Basic call with UE busy with T-AS involvement
(NDUB condition check)

This subclause describes the signalling flow for the case when the user is busy but the network does not consider the
user to be busy.

Figure B.1 shows the signalling flow for the scenario.

Originating network ‘ ’ Terminating network

S-CSCF T-AS P-CSCF UE

1. INVITE———»

2. INVITE—»

AS checks busy
condition not
NDUB

——3. INVITE

4. INVITE—— >

5. INVITE——»

-¢————6. 486 Busy here

l«————————7. 486 Busy here

——28. 486 Busy here—»

[—9. 486 Busy here——

-4—10. 486 Busy here

NOTE:  The signalling flow is simplified for readability reasons.
Figure B.1: Basic call with UE busy with T-AS involvement (NDUB condition check)

This signalling flow assumes the following:

- the user in the terminating network needs the involvement of an AS for NDUB or other busy condition activated
serviceslike CCBS or CFBS; and

- thefilter criteriaare set for basic communication accordingly.

NOTE: The same scenario applies aso for other error responses e.g. for the 403 (Service Denied) response, the
480 (Temporarily Unavailable) response.

The steps of the flow are as follows:

1) The S-CSCF serving the terminating user receives an INVITE request from the originating network. The
originating network can be an IMS network, a PSTN/ISDN Emulation network, another SIP based network or a
MGCEF interworking with PSTN/ISDN.
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2) The S-CSCF checksthe IFC and finds that a trigger fires and sends the INVITE request to the AS. The address
to the ASis obtained from the IFC.
3) The AS checks the busy condition and it is not NDUB and sends the INVITE request to the S-CSCF.
4) The S-CSCF sends the INVITE request according to the P-CSCF.
5) The P-CSCF sendsthe INVITE request according to the UE#2.

6) The UE#2ise.g. involved in another communication and determines itself to be busy and sends a 486 (Busy
here) response to the P-CSCF.

7) The 486 (Busy here) response to originating network viathe S-CSCF and the AS.

B.2  Busy condition (NDUB) detected by terminating AS

This subclause shows an example of a signalling flow when a terminating network determines the user to be busy i.e.
the NDUB case.

Figure B.2 shows the signalling flow for the scenario.

Originating network ‘ ‘ Terminating network ‘

S-CSCF T-AS

1. INVITE——>

2. INVITE————»

AS checks busy
condition NDUB
detected

[——3. 486 Busy here—————

-¢——4. 486 Busy here————

NOTE:  The signalling flow is simplified for readability reasons.

Figure B.2: Busy condition (NDUB) detected by terminating AS

This signalling flow assumes the following:

- the user in the terminating network needs the involvement of AS for NDUB or other busy condition activated
services like CCBS or CFBS; and

- that thefilter criteriaare set for basic communication accordingly.
The steps of the flow are as follows:

1) The S-CSCF serving the terminating user receives an INVITE request from the originating network. The
originating network may be an IMS network, a PSTN/ISDN Emulation network, another SIP based network or a
MGCEF interworking with PSTN/ISDN.
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2)

3)

4)
5)

The S-CSCF checks the IFC and finds that atrigger fires and sends the INVITE request to the AS. The address
to the ASis obtained from the | FC.

The AS checks the busy condition and detects that it isNDUB and sends a 486 (Busy here) response to the
S-CSCF.

The AS sends the 486 (Busy here) response to the originating network via the S-CSCF.

The S-CSCF sends the 486 (Busy here) response to the originating network.
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Annex C (normative):
Void
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Annex D (normative):
AS establishing multiple dialogs with originating UE

D.1 General

If the AS needs to establish an early dialog between itself and the originating UE (or originating network), for example
in order to establish a media path in order to send announcements or other kind of early media backwards, it shall do so
by sending a provisional response including a P-Early-Media header field containing either the "sendrecv" or the
"sendonly” towards the originating UE. The setup procedures between the originating UE and the AS are identical to
normal setup procedures.

The To header tag value in the dialog between the originating UE and the AS shall, in order to separate the dialogs, be
different than the To header tag value in messages used on the dialog used between the originating and terminating
UEs. The AS normally receives the To header tag value for the dialog between the UESs from the terminating UE (or the
terminating network), but if the AS acts asa B2BUA it may also, depending on the functionality, generate a new

To header tag value.

If the AS controls early media and has sent a P-Early-Media header field with either a value "sendonly” or avalue
"sendrecv", the AS shall ensure during the media transmission that no P-Early-Media header field sent on any other
dialog contains the value "sendrecv” or "sendonly".

If the AS updates media characteristics, the AS may send an UPDATE message including an SDP offer and a P-Early-
Media header field with an intended media flow direction.

To terminate the announcement the AS can send a new SDP offer including "a=inactive”, or terminate the early dialog
using the 199 (Early Dialog Terminated) provisional response if the originating UE has indicated support of the 199
(Early Dialog Terminated) response code [18].

If the AS needs to establish an early dialog between itself and the originating UE triggered by the receipt of a
provisional responses of the terminating UE, and the terminating UE has aready included a SDP answer in areliable
provisional response, the AS first shall forward the provisional response to the originating UE reliably in the e2e dialog,
after changing the Status-Line to SIP 183 (Session Progress) response.

The need for the AS to establish an early dialog between itself and the originating UE is determined on the services
offered to the originating UE.

If the AS wants to terminate the early dialog between itself and the originating UE before the terminating UE has sent a
final SIP response, and the originating UE has indicated support of the 199 (Early Dialog Terminated) response code
[18], the AS shall send a 199 (Early Dialog Terminated) provisional response towards the originating UE.

NOTE 1: Unlessthe originating UE can determine that the messages sent on the early dialog between itself and the
AS are originated from the AS, it will assume that forking has occurred in the network.

NOTE 2: If the originating UE has indicated that it does not want theinitial INVITE to be forked, the AS may still
establish a separate early dialog between itself and the originating UE, since even though the originating
UE may assume that the call has been forked only one terminating UE will actually receive the INVITE
request.

NOTE 3: Once the originating UE has received 200 (OK) from the terminating UE the early dialog between the
originating UE and the AS will be terminated, as described in IETF RFC 3261 [4].
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Annex E (informative):
Signalling flows for 3" party call control

The following signalling flows provide examples for the 3pcc procedures described in subclause 4.7.2.9.7.
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Figure E.1: Example flow for REFER interworking with REFER sent
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Annex F (informative):
Void
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Annex G (normative):
AS actions using gateway model

G.1 General

An AS using gateway model specified in RFC 3960 [6] sends areliable provisional response including a P-Early-Media
header field containing either the "sendrecv" or the "sendonly” and an SDP answer based on the information received
from MRF in order to send an announcement from the AS to the originating UE.

If the AS controls early media and has sent a P-Early-Media header field with either a value "sendonly" or avalue
"sendrecv", the AS shall ensure during the media transmission that no P-Early-Media header field sent on any other
dialog contains the value "sendrecv” or "sendonly".

If the AS updates media characteristics, the AS may send an UPDATE request including an SDP offer and a P-Early-
Media header field with an intended media flow direction.

To terminate the announcement the AS may send a new SDP offer with "a=inactive".

If the AS receives areliable provisional response containing an SDP answer from the terminating side, the AS stores the
received SDP answer and forwards reliable provisional response containing either:

1) no SDP answer; or

2) an SDP answer based on the information received from the MRF if the AS has not sent areliable provisional
response containing SDP.

After providing announcement, in order to replace media between originating UE and the MRF with media between the
originating UE and the terminating UE, the AS send either:

1) an UPDATE request including an SDP offer based on the answer from the terminating side toward originating
UE on the early dialog; or

2) are-INVITE request toward originating UE on the confirmed dialog containing no SDP offer or an SDP offer
based on the answer from the terminating side.

When the communication request is rejected, after providing the announcement, the AS sends an appropriate error
response including a Reason header field with the proper cause value towards the originating UE.
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Annex H (informative):
Change history
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