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Annex A (informative):
Signalling Flows

A.1
HOLD communication

Assumption is that a session has been established between UE-A and UE-B using basic communication procedures according to 3GPP TS 24.229 [1], therefore the following signalling flows do not apply to the initial INVITE.

A.1.1
HOLD communication without announcement

The following diagram shows a communication session put on hold using a re-INVITE request. The same can be achieved by sending an UPDATE request.
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Figure A.1.1.1: HOLD communication without announcement to the held user 

1.
UE-A sends a re- INVITE to UE-B to hold the session - see example in table A.1.1.1-1. Hold is done by changing the SDP attribute. For each media stream that shall be held:

-

"a=sendonly", if the stream was previously a sendrecv media stream;

-

"a=inactive", if the stream was previously a recvonly media stream.
Table A.1.1.1-1: re-INVITE request (UE to P-CSCF)

INVITE user2_public1@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74 ;comp=sigcomp SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 70

Route: <sip:pcscf1.visited1.net:7531;lr;comp=sigcomp>, <sip:orig@scscf1.home1.net;lr>

P-Preferred-Identity: "John Doe" <sip:user1_public1@home1.net>

P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151D0FCE11

Privacy: none

From: <sip:user1_public1@home1.net>; tag=171828

To: <tel:+1-212-555-2222>

Call-ID: cb03a0s09a2sdfglkj490333 

Cseq: 127 INVITE

Require: sec-agree

Proxy-Require: sec-agree

Supported: 100rel, gruu, 199
Security-Verify: ipsec-3gpp; q=0.1; alg=hmac-sha-1-96; spi-c=98765432; spi-s=87654321; port-c=8642; port-s=7531

Contact: <sip:user1_public1@home1.net; gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6 ;comp=sigcomp>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE, SUBSCRIBE, NOTIFY
Content-Type: application/sdp 

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

c=IN IP6 5555::aaa:bbb:ccc:ddd 

t=0 0

m=video 3400 RTP/AVPF 98 99

b=AS:75





a=sendonly
a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0
a=rtpmap:99:MPVMP4V-ES
m=audio 3456 RTP/AVPF 97 96

b=AS:25.4





a=sendonly
a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 telephone-event
A.1.2
HOLD communication with announcement

The following diagram shows a communication session put on hold using a re-INVITE request with an announcement being played by the AS to the held party. The same can be achieved by sending an UPDATE request.
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Figure A.1.2.1: HOLD communication with announcement to the held user

1.
UE-A sends a SIP INVITE request to UE-B to hold the session - see example in table A.1.2.1-1. Hold is done by changing the SDP attribute. For each media stream that shall be held:

-

"a=sendonly", if the stream was previously a sendrecv media stream;

Table A.1.2.1-1: re-INVITE request (UE to P-CSCF)

INVITE user2_public1@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74 ;comp=sigcomp SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 70

Route: <sip:pcscf1.visited1.net:7531;lr;comp=sigcomp>, <sip:orig@scscf1.home1.net;lr>

P-Preferred-Identity: "John Doe" <sip:user1_public1@home1.net>

P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151D0FCE11

Privacy: none

From: <sip:user1_public1@home1.net>; tag=171828

To: <tel:+1-212-555-2222>

Call-ID: cb03a0s09a2sdfglkj490333 

Cseq: 127 INVITE

Require: sec-agree

Proxy-Require: sec-agree

Supported: 100rel, gruu, 199
Security-Verify: ipsec-3gpp; q=0.1; alg=hmac-sha-1-96; spi-c=98765432; spi-s=87654321; port-c=8642; port-s=7531

Contact: <sip:user1_public1@home1.net; gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6 ;comp=sigcomp>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE, SUBSCRIBE, NOTIFY
Content-Type: application/sdp 

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

c=IN IP6 5555::aaa:bbb:ccc:ddd 

t=0 0

m=video 3400 RTP/AVPF 98 99

b=AS:75





a=sendonly
a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0
a=rtpmap:99:MPVMP4V-ES
m=audio 3456 RTP/AVPF 97 96

b=AS:25.4





a=sendonly
a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 telephone-event
2.
P-CSCF A forwards the SIP INVITE request towards S-CSCF.

3.
S-CSCF forwards the SIP INVITE request towards the AS/MRF.

4.
AS/MRF decides to configure an announcement towards UE-B. It acts as a B2B UA, inserts MRFP in the media path and reserves resources. Each UA is represented by a separate vertical line in the figure.

5.
AS/MRF sends a SIP INVITE request towards UE-B.

6.
S-CSCF forwards the SIP INVITE request towards UE-B.

7.
P-CSCF B forwards the SIP INVITE request to UE-B.

8.
UE-B sends SIP 200 (OK) response towards AS/MRF.

9.
P-CSCF forwards the SIP 200 (OK) response towards AS/MRF.

10.
S-CSCF forwards the SIP 200 (OK) response towards AS/MRF.

11.
AS/MRF starts playing announcement to UE-B, following the procedures in 3GPP TS 24.628 [6].

12.
AS/MRF sends a SIP 200 (OK) response towards UE-A.

13.
S-CSCF forwards the SIP 200 (OK) response towards UE-A.

14.
P-CSCF A forwards the SIP 200 (OK) response towards UE-A.

15.
UE-A sends a SIP ACK request towards AS/MRF.

16.
P-CSCF forwards the SIP ACK request towards AS/MRF.

17.
S-CSCF forwards the SIP ACK request towards AS/MRF.

18.
AS/MRF sends a SIP ACK request towards UE-B.

19.
S-CSCF forwards the SIP ACK request towards UE-B.

20.
P-CSCF B forwards the SIP ACK request towards UE-B.

21.
RTCP packets are exchanged between UE-A and AS/MRF. No RTP packets are sent/received by UE-A.
A.1.3
HOLD communication with modification of the SDP answer
The following diagram shows a communication session put on hold using a re-INVITE request with an announcement being played by the AS to the held party. The same can be achieved by sending an UPDATE request.
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Figure A.1.3.1: HOLD communication with modification of the SDP answer
1.
UE-A sends a SIP INVITE request to UE-B to hold the session by changing the direction attribute to "a=sendonly".

Table A.1.3-1: re-INVITE request (UE to P-CSCF)

INVITE user2_public1@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74 ;comp=sigcomp SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 70

Route: <sip:pcscf1.visited1.net:7531;lr;comp=sigcomp>, <sip:orig@scscf1.home1.net;lr>

P-Preferred-Identity: "John Doe" <sip:user1_public1@home1.net>

P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151D0FCE11

Privacy: none

From: <sip:user1_public1@home1.net>; tag=171828

To: <tel:+1-212-555-2222>; tag=24615

Call-ID: cb03a0s09a2sdfglkj490333 

Cseq: 127 INVITE

Require: sec-agree

Proxy-Require: sec-agree

Supported: 100rel, gruu, 199
Security-Verify: ipsec-3gpp; q=0.1; alg=hmac-sha-1-96; spi-c=98765432; spi-s=87654321; port-c=8642; port-s=7531

Contact: <sip:user1_public1@home1.net; gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6 ;comp=sigcomp>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE, SUBSCRIBE, NOTIFY
Content-Type: application/sdp 

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

c=IN IP6 5555::aaa:bbb:ccc:ddd 

t=0 0

m=video 3400 RTP/AVPF 98 99

b=AS:75





a=sendonly
a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0
a=rtpmap:99:MPVMP4V-ES
m=audio 3456 RTP/AVPF 97 96

b=AS:25.4





a=sendonly
a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 telephone-event
2.
P-CSCF A forwards the SIP INVITE request towards S-CSCF.

3.
S-CSCF forwards the SIP INVITE request towards the AS/MRF.

4.
AS/MRF decides to configure an announcement towards UE-B. It acts as a B2B UA, inserts MRFP in the media path and reserves resources. Each UA is represented by a separate vertical line in the figure.

5.
AS/MRF sends a SIP INVITE request towards UE-B.

6.
S-CSCF forwards the SIP INVITE request towards UE-B.

7.
P-CSCF B forwards the SIP INVITE request to UE-B.

8.
UE-B sends a SIP 200 (OK) response towards AS/MRF.

9.
P-CSCF forwards the SIP 200 (OK) response towards AS/MRF.

10.
S-CSCF forwards the SIP 200 (OK) response towards AS/MRF.

11.
AS/MRF starts playing announcement to UE-B, following the procedures in 3GPP TS 24.628 [6].

12.
The AS/MRF modifies the bandwidth attribute in the SIP 200 (OK) response.

Table A.1.3-2: 200 (OK) response (AS to S-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscf1.visited1.net;branch=z9hG4bk120f34.1

Via: SIP/2.0/UDP 1.2.3.4:1357;branch=z9hG4bKnashds7

From: <sip:user1_public1@home1.net>;tag=171828

To: <tel:+1-212-555-2222>; tag=24615

Contact: <sip:user2_public1@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Call-ID: cb03a0s09a2sdfglkj490333

CSeq: 127 INVITE

Content-Length: (…)

v=0

o=- 2987933817 2987933817 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

c=IN IP6 5555::aaa:bbb:ccc:ddd 

t=0 0

m=video 3400 RTP/AVPF 98 99

b=AS:0

b=RS:800

b=RR:2400





a=recvonly

a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0

a=rtpmap:99:MPVMP4V-ES

m=audio 3456 RTP/AVPF 97 96

b=AS:0

b=RS:800

b=RR:800





a=recvonly

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 telephone-event

13.
S-CSCF forwards the SIP 200 (OK) response towards UE-A.

14.
P-CSCF A forwards the SIP 200 (OK) response towards UE-A.

15.
UE-A sends a SIP ACK request towards AS/MRF.

16.
P-CSCF forwards the SIP ACK request towards AS/MRF.

17.
S-CSCF forwards the SIP ACK request towards AS/MRF.

18.
AS/MRF sends a SIP ACK request towards UE-B.

19.
S-CSCF forwards the SIP ACK request towards UE-B.

20.
P-CSCF B forwards the SIP ACK request towards UE-B.

21.
RTCP packets are exchanged between UE-A and AS/MRF. No RTP packets are sent/received by UE-A.
A.2
RESUME Communication

A.2.1
RESUME communication without announcement

The following diagram shows how a communication session is resumed using a re-INVITE request; The same can be achieved by sending an UPDATE request.
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Figure A.2.1.1: RESUME communication without announcement to the held user

1.
UE-A sends an INVITE to UE-B to resume the session - see example in table A.2.1.1-1. Resume is done by changing the SDP attribute. For each media stream that shall be resumed:

-
"a=sendrecv", if the stream was previously a sendonly media stream, or the attribute can be omitted, since sendrecv is the default;

-
"a=recvonly", if the stream was previously an inactive media stream.
Table A.2.1.1-1: re-INVITE request (UE to P-CSCF)

INVITE user2_public1@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74 ;comp=sigcomp SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 70

Route: <sip:pcscf1.visited1.net:7531;lr;comp=sigcomp>, <sip:orig@scscf1.home1.net;lr>

P-Preferred-Identity: "John Doe" <sip:user1_public1@home1.net>

P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151D0FCE11

Privacy: none

From: <sip:user1_public1@home1.net>; tag=171828

To: <tel:+1-212-555-2222>

Call-ID: cb03a0s09a2sdfglkj490333 

Cseq: 127 INVITE

Require: sec-agree

Proxy-Require: sec-agree

Supported: 100rel, gruu, 199
Security-Verify: ipsec-3gpp; q=0.1; alg=hmac-sha-1-96; spi-c=98765432; spi-s=87654321; port-c=8642; port-s=7531

Contact: <sip:user1_public1@home1.net; gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6 ;comp=sigcomp>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE, SUBSCRIBE, NOTIFY
Content-Type: application/sdp 

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

c=IN IP6 5555::aaa:bbb:ccc:ddd 

t=0 0

m=video 3400 RTP/AVPF 98 99

b=AS:75





a=sendrecv
a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0
a=rtpmap:99:MPVMP4V-ES
m=audio 3456 RTP/AVPF 97 96

b=AS:25.4





a=sendrecv
a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 telephone-event
A.2.2
RESUME communication with announcement

The following diagram shows how a communication session is resumed using a re-INVITE request after it was held with an announcement being played by the AS to the held party. The same can be achieved by sending an UPDATE request.
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Figure A.2.2.1: RESUME communication with announcement to the held user

1.
UE-A sends a SIP INVITE request to UE-B to resume the session - see example in table A.2.2.1-1. Resume is done by changing the SDP attribute. For each media stream that shall be resumed:

-
"a=sendrecv", if the stream was previously a sendonly media stream, or the attribute can be omitted, since sendrecv is the default;

Table A.2.2.1-1: re-INVITE request (UE to P-CSCF)

INVITE user2_public1@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74 ;comp=sigcomp SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]:1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 70

Route: <sip:pcscf1.visited1.net:7531;lr;comp=sigcomp>, <sip:orig@scscf1.home1.net;lr>

P-Preferred-Identity: "John Doe" <sip:user1_public1@home1.net>

P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151D0FCE11

Privacy: none

From: <sip:user1_public1@home1.net>; tag=171828

To: <tel:+1-212-555-2222>

Call-ID: cb03a0s09a2sdfglkj490333 

Cseq: 127 INVITE

Require: sec-agree

Proxy-Require: sec-agree

Supported: 100rel, gruu, 199
Security-Verify: ipsec-3gpp; q=0.1; alg=hmac-sha-1-96; spi-c=98765432; spi-s=87654321; port-c=8642; port-s=7531

Contact: <sip:user1_public1@home1.net; gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91e6bf6 ;comp=sigcomp>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE, SUBSCRIBE, NOTIFY
Content-Type: application/sdp 

Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

c=IN IP6 5555::aaa:bbb:ccc:ddd 

t=0 0

m=video 3400 RTP/AVPF 98 99

b=AS:75





a=sendrecv
a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0
a=rtpmap:99:MPVMP4V-ES
m=audio 3456 RTP/AVPF 97 96

b=AS:25.4





a=sendrecv
a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 telephone-event
2.
P-CSCF A forwards the SIP INVITE request towards S-CSCF.

3.
S-CSCF forwards the SIP INVITE request towards the AS/MRF.

4.
AS/MRF stops playing announcement to UE-B, following the procedures in 3GPP TS 24.628 [6].

5.
AS/MRF forwards the SIP INVITE request towards UE-B, resulting in the removal of MRFP from the media path.

6.
S-CSCF forwards the SIP INVITE request towards UE-B.

7.
P-CSCF B forwards the SIP INVITE request to UE-B.

8.
UE-B sends a SIP 200 (OK) response towards AS/MRF.

9.
P-CSCF forwards the SIP 200 (OK) response towards AS/MRF.

10.
S-CSCF forwards the SIP 200 (OK) response towards AS/MRF.

11.
AS/MRF releases the resources allocated previously for the announcemnt 

12.
AS/MRF forwards the SIP 200 (OK) response towards UE-A.

13.
S-CSCF forwards the SIP 200 (OK) response towards UE-A.

14.
P-CSCF A forwards the SIP 200 (OK) response towards UE-A.

15.
UE-A sends SIP ACK request towards AS/MRF.

16.
P-CSCF forwards the SIP ACK request towards AS/MRF.

17.
S-CSCF forwards SIP ACK request towards AS/MRF.

18.
AS/MRF forwards the SIP ACK request towards UE-B.

19.
S-CSCF forwards the SIP ACK request towards UE-B.

20.
P-CSCF B forwards the SIP ACK request towards UE-B.
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