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This sequence diagram describes the call setup of a call from one IMS subscriber to another IMS subscriber. The calling subscriber is roaming
in another IMS supporting network. The called subscriber is in the home IMS network.

The call flow focuses on the IMS routing of SIP dialog. The major steps in the call flow are:
(1) IMS Routing of Initial SIP INVITE.

(2) IMS Routing of First Response to the SIP Invite.

(3) PDP Context Activation and Audio/Video Path Setup.
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The user initiates a call to called@hims2.net.

INVITE The SIP phone sends the invite to called@hims2.net.
—> The message contains Route entries for the terminal
'SP'X} ;.Eo,cal | ed@ims2. et and the S-CSCF address that was extracted from the
P-Preferred- | dentity; Service-Route header in the registration "200 OK"
v e :T!r;\; B 1P>|: Port , message. Security ports setup for IPSec SA
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route: 8T adaress> establishment are used. "To" and "From" headers are
Contact: <Calling UE|IP> also |nclud§d in the message. These headers do not
EPort i ler Support &d Codec play a role in call processing.
Li st>
INVITE The P-CSCF replaces the preferred identity header with
—> the asserted identity header and forwards the message
's?‘X} E.Eo.cal | ed@i 2. et to the S-CSCF in the home network. It adds a

P- Asserted-ldentity: _ ey s
cal | er @i ns1. net 4 Record-Route header with its own address.

ia: <Orig P-CSCF>
Cal |i ng- UE>,

Recor d- Route: <Orig P- CSCF>,
Route: <Orig S-CSCF>,
Contact: <Calling UE|IP>
I Port,
ISDP: <Cal | er Supported Codec

Li st>
100 Trying The P-CSCF just acknowledges the INVITE to the UE.
ity The "100 Trying" message indicates that the call setup
is in progress.
INVITE The S-CSCF removes the Route header and routes the
—> INVITE to the I-CSCF IP address obtained from the
S b/ ;.Eo,cal tedan _"52' . DNS query. Note that the S-CSCF has added the
f‘cgffg;‘@‘;id%geg; ty: telephone URL to the P-Asserted-Identity. The Via and
<t el : +13015556666>, Record-Route headers are also updated with self
ia: <Orig S-CSCF> <Orig address.
P- CSCF> <Cal | i ng- UE>,
Record- Route: <Orig $- CSCF>
<Orig P-CSCF>,
Contact: <Calling UE|IP>
: Port,
ISDP: <Cal | er Supported Codec
Li st>
100 Trying The S-CSCF acknowledges the INVITE that was
ST received from P-CSCF.
INVITE The P-CSCF updates the Via and Route-Record headers
[ I TE CALLED. 1P 5Pl2. 0, and forwards the request to the Called UE. Note that
P- Asser ted- | dent i ty: the secure port is included in the Via address
D AN specification. The message also includes the media
ia: <Term P-CSCF>: port <Term authorization token. This token will have to be passed
IS- CSCF: - CSCF: (og F . .
S o :(Tfi'gm bS] <19 to the GGSN in the PDP context activation request.
<Cal | i ng- UE>,
Rout e: <Term P- CSCF>;|port,
Recor d- Rout e: <Ter m $- CSCF>
<Orig S-CSCF> <Orig P-CSCF>,
Contact: <Called UE I|P> :Port,
ISDP: <Cal | er Supported Codec
Li st>,
P- Medi a- Aut hori zati o
100 Trying
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183 Session Progress The UE replies indicating that the session is in
. v progress. The contact address is set its own IP
o s et m S <0 FS’ ™ address. The Via and the Record-Route headers are
S- CSCF> <Ori g P- CSCF i I
e 1 g U copied from the received INVITE.
Recor d- Rout e: <Term
S- CSCF>; port <Orig S{CSCF>
<Orig P-CSCF>,
Contact: <Calling UE|I P>
: Port,
ISDP: <Codecs supported by
Cal I er and Cal | ed>
183 Session Progress
Ta: <Orig S-CSCF> <{rig
P- CSCF> <Cal | i ng- UE>
Recor d- Route: <Term $- CSCF>
<Orig S-CSCF> <Orig P- CSCF>,
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183 Session Progress
Via: <Orig P-CSCF>
Cal |'i ng- UE>,
Recor d- Rout e: <Term $- CSCF>
Qig S CSCF> <Orig - CSCF>,
ISDP: <Codecs supported by
Cal l er and Cal | ed>
183 Session Progress Just like other nodes, the Orig P-CSCF removes its own
M a <calling Ue> entry from the Via header. The P-CSCF also updates
Recor d- Route: <Term the Record-Route header to include the protected port
SSGRiporl <Orig S\CSCR number in its entry. This forces the terminal to send all
ig P-CSCF>, .
ISDP: ~<Codecs supported by responses using the protected IPSec SA. The message

also includes the media authorization token. This token
will have to be passed to the GGSN in the PDP context
activation request.

[PDP Context Activation and

Audio/Video Path Setup

ISDP:  <Sel ect ed
Codec>, <Local - QCS:
none>

ISDP:  <Sel ect ed
Codec>, <Local - QCS:
none>

UPDATE

ISDP: <Local - QOS:
isendr ecv>

ISDP:  <Local - QOS:
none>

ISDP: <Sel ect ed
Codec>, <Local - QCS:
none>

ISDP: <Sel ect ed
Codec>, <Local - QCS:
none>

UPDATE

ISDP: <Local - Q0S:
sendrecv>

ISDP:  <Local - QCS:
none>

ISDP:  <Sel ect ed
Codec>, <Local - QCS:
none>

ISDP:  <Sel ect ed
Codec>, <Local - QCS:
none>

UPDATE

ISDP:  <Local - QOS:
sendrecv>

ISDP: <Local - QOS:
none>

ISDP:  <Sel ect ed
Codec>, <Local - QCS:
none>

ISDP:  <Sel ect ed
Codec>, <Local - QCs:
none>

UPDATE

ISDP: <Local - QOS:
sendrecv>

ISDP:  <Local - QOS:
none>

~ 180Ringing | 180Ringing | 180Ringing | 180 Ringing
| ___PRACK ol - PRACK - PRACK ol —- PRACK __
__2000K g _2000K __ | _2000K __ |, _2000K __|
_ 2000K ~ 2000K _ 2000K _ 2000K
ACK ACK ACK ACK
----------- T S P PR SR PRV 2

Conversation on a direct RTP/RTCP connection between the caller and call

ed subscriber SIP phones.

The Caller now sends a PRACK to inform the called
subscriber about the selected Codec. The message also
indicates that currently the resources needed for
meeting the quality of service requiements of the
session are not available.

The called subscriber acknowledges the PRACK. The
message also indicates that quality of service for the
session is not met for the called subscriber.

Since the caller PDP context has been activated, notify
the called end that the caller can now meet the quality
of service in the send and receive direction.

The caller replies back to the called user. Note that the
Local QoS is still set to none as the called PDP context
activation has not been completed.

Ringing Now all the resources for the call are in place. Ring the

called subscriber to notify the user about the incoming
call.

Inform the caller that the called subscriber is being
rung. This serves as an implicit indication to the caller
that the QoS at the called side has also been met.

The caller acknowledges the ringing message.

The called subscriber acknowledges the PRACK.

Answer The called subscriber answers the call.
—

Notify the caller that that the call has been answered.

The caller acknowledges the "200 OK" message. The
call is now ready to enter conversation mode.
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