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Session Initiation Protocol Gateway
Call Flows

This document provides information about the Session Initiation Protocol (SIP) call flows as they
are implemented in the Cisco IOS Release 12.1(1)T and used in Cisco Voice over IP gateways. The
primary focus of this document is the unique SIP methods exchanged during the call flows.

This document contains the following information:
® SIP Messages Overview, page 1
® Successful Call Flow Scenarios, page 2

® (Call Flow Scenarios for Failed Calls, page 13

SIP Messages Overview

SIP is a new protocol developed by the Internet Engineering Task Force (IETF) Multiparty
Multimedia Session Control (MMUSIC) Working Group as an alternative to the ITU-T H.323
specification. SIP is defined by RFC 2543 and is used for multimedia call session setup and control
over IP networks.

SIP uses six request methods:

® INVITE—Indicates a user or service is being invited to participate in a call session.
® ACK—Confirms that the client has received a final response to an INVITE request.
® BYE—Terminates a call and can be sent by either the caller or the callee.

® CANCEL—Cancels any pending searches but does not terminate a call that has already been
accepted.

® OPTIONS—AQueries the capabilities of servers.

® REGISTER—Registers the address listed in the To header field with a SIP server. Gateways do
not support the REGISTER method.

The following types of responses are used by SIP and generated by the Cisco SIP gateway:
® SIP lxx—Informational Responses

® SIP 2xx—Successful Responses
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Successful Call Flow Scenarios

® SIP 3xx—Redirection Responses
® SIP 4xx—Client Failure Responses
® SIP Sxx—Server Failure Responses

® SIP 6xx—Global Failure Responses

Successful Call Flow Scenarios

This section describes call flows for the following scenarios, which illustrate successful calls:
® Gateway-to-Gateway Call, page 2

® Gateway-to-Gateway Call via Redirect Server, page 5

® Gateway-to-Gateway Call via a Proxy Server, page 7

® Gateway-to-IP Desktop Call, page 11

Gateway-to-Gateway Call

Figure 1 illustrates a successful gateway-to-gateway call setup and disconnect. In this call flow
scenario, the two end users are User A and User B. User A is located at PBX A. PBX A is connected
to GW1 (SIP Gateway) via a T1/E1. User B is located at PBX B. PBX B is connected to GW2 (SIP
Gateway) via a T1/E1. User B’s phone number is 555-0002. GW1 is connected to GW2 over an IP
network.

The call flow scenario is as follows:
1 User A calls User B.
2 User B answers the call.

3 User B hangs up.

2 Session Initiation Protocol Gateway Call Flows



Gateway-to-Gateway Call

Figure 1 Gateway-to-Gateway Call—Successful Setup and Disconnect
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Step  Action Description
1 Setup—PBX A -> GW1 Call Setup is initiated between PBX A and GW1. The Call Setup includes the standard
transactions that take place as User A attempts to call User B.
2 INVITE—GW1 -> GW2 GWI1 sends a SIP INVITE request to GW2. The INVITE request is an invitation to User B to
participate in a call session.
In the INVITE request:

* The phone number of User B is inserted in the Request-URI field in the form of a SIP
URL. The SIP URL identifies the address of User B and takes a form similar to an email
address (user@host where user is the telephone number and host is either a domain name
or a numeric network address). For example, the Request-URI field in the INVITE request
to User B appears as “INVITE sip:555-0002 @ companyb.com; user=phone.” The
“user=phone” parameter distinquishes that the Request-URI address is a telephone
number rather than a user name.

* PBX A is identified as the call session initiator in the From field.

* A unique numeric identifier is assigned to the call and is inserted in the Call-ID field.

¢ The transaction number within a single call leg is identified in the CSeq field.

* The media capability User A is ready to receive is specified.

* The port on which GW1 is prepared to receive the RTP data is specified.

3 Call Proceeding—GW1 -> PBX A GW1 sends a Call Proceeding message to PBX A to acknowledge the Call Setup request.
4 Setup—GW2 -> PBX B GW?2 receives the INVITE request from GW1 and initiates a Call Setup with User B via
PBX B.
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Successful Call Flow Scenarios

Step  Action Description

5 100 Trying—GW?2 -> GW1 GW?2 sends a SIP 100 Trying response to the INVITE request sent by GW1. The 100 Trying
response indicates that the INVITE request has been received by GW2 but that User B has
not yet been located and that some unspecified action, such as a database consultation, is
taking place.

6 Call Proceeding—PBX B -> GW2 PBX B sends a Call Proceeding message to GW2 to acknowledge the Call Setup request.

7 Alerting—PBX B -> GW2 PBX B locates User B and sends an Alert message to GW2. User B’s phone begins ringing.

8 180 Ringing—GW2 -> GW1 GW?2 sends a SIP 180 Ringing response to GW1. The 180 Ringing response indicates that
GW?2 has located, and is trying to alert, User B.

9 Alerting—GW1 ->PBX A GWI1 sends an Alert message to User A via PBX A. The Alert message indicates that GW1
has received a 180 Ringing response from GW2. User A hears the ringback tone that
indicates that User B is being alerted.

10 Connect—PBX B -> GW2 User B answers phone. PBX B sends a Connect message to GW2. The Connect message
notifies GW2 that the connection has been made.

11 200 OK—GW1 -> GW2 GW2 sends a SIP 200 OK response to GW1. The 200 OK response notifies GW1 that the
connection has been made.

If User B supports the media capability advertised in the INVITE message sent by User A, it
advertises the intersection of its own and User A’s media capability in the 200 OK response.
If User B does not support the media capability advertised by User A, it sends back a 400
Bad Request response with a 304 Warning header field.

12 Connect—GW1 -> PBX A GWI1 sends a Connect message to PBX A. The Connect message notifies PBX A that the
connection has been made.

13 Connect ACK—PBX A -> GW1 PBX A acknowledges GW1’s Connect message.

14 ACK—GW1 and GW2 GW1 sends a SIP ACK request to GW2. The ACK request confirms that User A has received
the 200 OK response from User B.

The ACK request might contain a message body with the final session description to be used
by User B. If the message body of the ACK request is empty, User B uses the session
description in the INVITE request.

15 Connect ACK—GW?2 -> PBX B GW?2 acknowledges PBX B’s Connect message.

The call session is now active over a two-way voice path via Real Time Transport Protocol
(RTP).

16 Disconnect—PBX B -> GW2 Once User B hangs up, PBX B sends a Disconnect message to GW2. The Disconnect
message starts the call session termination process.

17 BYE F11—GW2 -> GW1 GW2 sends a SIP BYE request to GW1. The BYE request indicates that User B wants to
release the call. Because it is User B that wants to terminate the call, the Request-URI field is
now replaced with PBX A’s SIP URL and the From field contains User B’s SIP URL.

18 Release—GW2 -> PBX B GW?2 sends a Release message to PBX B.

19 Disconnect—GW1 -> PBX A GW1 sends a Disconnect message to PBX A.

20 Release—PBX A -> GW1 PBX A sends a Disconnect message to GW1.

21 200 OK F12—GW1 -> GW2 GWI sends a SIP 200 OK response to GW2. The 200 OK response notifies GW2 that GW1
has received the BYE request.

22 Release Complete—PBX B -> GW2  PBX B sends a Release Complete message to GW2.

23 Release Complete—GW1 ->PBX A GW1 sends a Release Complete message to PBX A and the session is terminated.
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Gateway-to-Gateway Call via Redirect Server

Gateway-to-Gateway Call via Redirect Server

Figure 2 illustrates a successful gateway-to-gateway call setup and disconnect via a redirect server.
In this scenario, the two end users are identified as User A and User B. User A is located at PBX A.
PBX A is connected to GW1 (SIP Gateway) via a TI/E1. GW1 is using a redirect server. User B is
located at PBX B. PBX B is connected to GW2 (SIP Gateway) viaa T1/El. User B’s phone number
is 555-0002. GW1 is connected to GW2 over an IP network.

The call flow scenario is as follows:
1 User A calls User B via GW1 using a redirect server.
2 User B answers the call.

3 User B hangs up.

Figure 2 Gateway-to-Gateway Call via a Redirect Server—Successful Setup and
Disconnect
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Successful Call Flow Scenarios

Step

Action

Description

1

Setup—PBX A -> GW1

Call Setup is initiated between PBX A and GW1. The Call Setup includes the standard
transactions that take place as User A attempts to call User B.

2

INVITE—GW1 -> RS

GWI1 sends a SIP INVITE request to the redirect server. The INVITE request is an invitation
to User B to participate in a call session.

In the INVITE request:

* The phone number of User B is inserted in the Request-URI field in the form of a SIP
URL. The SIP URL identifies the address of User B and takes a form similar to an email
address (user@host where user is the telephone number and host is either a domain name
or a numeric network address). For example, the Request-URI field in the INVITE request
to User B appears as “ INVITE sip:555-0002 @companyb.com; user=phone.” The
“user=phone” parameter distinquishes that the Request-URI address is a telephone
number rather than a user name.

* PBX A is identified as the call session initiator in the From field.

* A unique numeric identifier is assigned to the call and is inserted in the Call-ID field.
* The transaction number within a single call leg is identified in the CSeq field.

* The media capability User A is ready to receive is specified.

* The port on which GW1 is prepared to receive the RTP data is specified.

300 Multiple Choice—RS -> GW1

The redirect server sends GW1 a SIP 300 Multiple Choice response. The 300 Multiple
Choice response indicates that the redirect server accepted the INVITE request, contacted a
location server with all or part of User B’s SIP URL, and the location server provided a list of
alternative locations where User B might be located. The redirect server returns these
possible addresses to GW1 in the 300 Multiple Choice response.

ACK—GW1 ->RS

GWI1 acknowledges the 300 Multiple Choice response with an ACK request.

INVITE—GW1 -> GW2

GWI1 sends a new INVITE request to GW2. The new INVITE request includes the first
contact listed in the 300 Multiple Choice response as the new address for User B, a higher
transaction number in the CSeq field, and the same Call-ID as the first INVITE request.

Setup—GW2 -> PBX B

GW?2 receives the INVITE request from GW1 and initiates a Call Setup with User B via
PBX B.

Call Proceeding—GW1 -> PBX A

GW1 sends a Call Proceeding message to PBX A to acknowledge the Call Setup request.

100 Trying—GW2 -> GW1

GW?2 sends a SIP 100 Trying response to the INVITE request sent by GW1. The 100 Trying
response indicates that the INVITE request has been received by GW2 but that User B has
not yet been located.

180 Ringing—GW2 -> GW1

GW?2 sends a SIP 180 Ringing response to GW1. The 180 Ringing response indicates that
GW?2 has located, and is trying to alert, User B.

10

Alerting—GW1 -> PBX A

GWI1 sends an Alert message to PBX A. User A hears ringback tone.

11

Connect—PBX B to GW2

User B answers phone. PBX B sends a Connect message to GW2. The Connect message
notifies GW?2 that the connection has been made.

12

200 OK—GW2 -> GW1

GW?2 sends a 200 OK response to GW1. The 200 OK response notifies GW1 that the
connection has been made.

If User B supports the media capability advertised in the INVITE message sent by User A, it
advertises the intersection of its own and User A’s media capability in the 200 OK response.
If User B does not support the media capability advertised by User A, it sends back a 400
Bad Request response with a 304 Warning header field.

13

Connect—GW1 -> PBX A

GWI1 sends a Connect message to PBX A. The Connect message notifies PBX A that the
connection has been made.

14

Connect ACK—PBX A -> GW1

PBX A acknowledges GW1’s Connect message.
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Gateway-to-Gateway Call via a Proxy Server

Step  Action Description

15 ACK—GWI1 -> GW2 GWI sends a SIP ACK request to GW2. The ACK request confirms that the 200 OK
response has been received.

The ACK request might contain a message body with the final session description to be used
by User B. If the message body of the ACK request is empty, User B uses the session
description in the INVITE request.

The call is now in progress over a two-way voice path via RTP.

16 Connect ACK—GW?2 -> PBX B GW?2 acknowledges PBX B’s Connect message.

17 Disconnect—PBX B -> GW2 Once User B hangs up, PBX B sends a Disconnect message to GW2. The Disconnect
message starts the call session termination process.

18 BYE—GW2 -> GW1 GW?2 sends a SIP BYE request to GW1. The BYE request indicates that User B wants to
release the call. Because it is User B that wants to terminate the call, the Request-URI field is
now replaced with PBX A’s SIP URL and the From field contains User B’s SIP URL.

19 Disconnect—GW1 -> PBX A GW1 sends a Disconnect message to PBX A.

20 Release—GW2 -> PBX B GW?2 sends a Release message to PBX B.

21 Release—PBX A -> GW1 PBX A sends a Release message to GW1.

22 200 OK—GW1 -> GW2 GW1 sends a 200 OK response to GW2. The 200 OK response notifies GW2 that GW1 has
received the BYE request.

23 Release Complete—PBX B -> GW2  PBX B sends a Release Complete message to GW2.

24 Release Complete—GW1 ->PBX A GWI1 sends a Release Complete message to PBX A and the session is terminated.

Gateway-to-Gateway Call via a Proxy Server

Figure 3 illustrates a successful gateway-to-gateway call setup and disconnect via a proxy server. In
this scenario, the two end users are User A and User B. User A is located at PBX A. PBX A is
connected to GW1 (SIP Gateway) via a TI/E1. GW1 is using a proxy server. GW1 is connected to
GW?2 over an IP network. User B is located at PBX B. PBX B is connected to GW2 (a SIP Gateway)
via a T1/E1. User B’s phone number is 555-0002.

The call flow is as follows:

1 User A calls User B via GW1 using a proxy server.

2 User B answers the call.

3 User B hangs up.
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Successful Call Flow Scenarios

Figure 3
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Step  Action Description
1 Setup—PBX A -> GW1 Call Setup is initiated between PBX A and GW1. The Call Setup includes the standard

transactions that take place as User A attempts to call User B.
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Gateway-to-Gateway Call via a Proxy Server

Step  Action Description

2 INVITE—GW1 -> PS GWI1 sends a SIP INVITE request to the proxy server. The INVITE request is an invitation to
User B to participate in a call session.
In the INVITE request:

* The phone number of User B is inserted in the Request-URI field in the form of a SIP
URL. The SIP URL identifies the address of User B and takes a form similar to an email
address (user@host where user is the telephone number and host is either a domain name
or a numeric network address). For example, the Request-URI field in the INVITE request
to User B appears as “INVITE sip:555-0002 @companyb.com; user=phone.” The
“user=phone” parameter distinquishes that the Request-URI address is a telephone
number rather than a user name.

* PBX A is identified as the call session initiator in the From field.
* A unique numeric identifier is assigned to the call and is inserted in the Call-ID field.
* The transaction number within a single call leg is identified in the CSeq field.
* The media capability User A is ready to receive is specified.
* The port on which GW1 is prepared to receive the RTP data is specified.
3 Call Proceeding—GW1 ->PBX A GWI1 sends a Call Proceeding message to PBX A to acknowledge the Call Setup request.

4 INVITE—PS -> GW2 The proxy server checks whether it’s own address is contained in the Via field (to prevent
loops), directly copies the To, From, Call-ID, and Contact fields from the request it received
from GW1, changes the Request-URI to indicate the server to which it intends to send the
INVITE request, and then sends a new INVITE request to GW2.

5 100 Trying—PS -> GW1 The proxy server sends a SIP 100 Trying response to GW1.

6 Setup—GW2 ->PBX B GW2 receives the INVITE request from the proxy server and initiates a Call Setup with
User B via PBX B.

7 100 Trying—GW?2 -> PS GW?2 sends a SIP 100 Trying response to the proxy server. The proxy server might or might
not forward the 100 Trying response to GW1.

8 Call Proceeding—PBX B -> GW2 PBX B sends a Call Proceeding message to GW2 to acknowledge the Call Setup request.

9 Alerting—PBX B -> GW2 PBX B locates User B and sends an Alert message to GW2. User B’s phone begin to ring.

10 180 Ringing—GW?2 -> PS GW2 sends a SIP 180 Ringing response to the proxy server.

11 180 Ringing—PS -> GW1 The proxy server forwards the 180 Ringing response to GW1.

12 Alerting—GW1 ->PBX A GWI1 sends an Alert message to User A via PBX A. The Alert message indicates that GW1

has received a 180 Ringing response. User A hears the ringback tone that indicates that User
B is being alerted.

13 Connect—PBX B -> GW2 User B answers the phone. PBX B sends a Connect message to GW2. The connect message
notifies GW2 that the connection has been made.
14 200 OK—GW?2 -> PS GW?2 sends a SIP 200 OK response to the proxy server. The 200 OK response notifies the

proxy server that the connection has been made.

If User B supports the media capability advertised in the INVITE message sent by User A, it
advertises the intersection of its own and User A’s media capability in the 200 OK response.
If User B does not support the media capability advertised by User A, it sends back a 400
Bad Request response with a 304 Warning header field.

The proxy server must forward 200 OK responses upstream.

15 200 OK—PS -> GW1 The proxy server forwards the 200 OK response that it received from GW2 to GW1.

16 Connect—GW1 ->PBX A GWI sends a Connect message to PBX A. The Connect message notifies PBX A that the
connection has been made.

17 Connect ACK—PBX A -> GW1 PBX A acknowledges GW1’s Connect message.
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Successful Call Flow Scenarios

Step  Action Description

18 ACK—GWI1 ->PS GWI1 sends a SIP ACK request to the proxy server. The ACK request confirms that GW1 has
received the 200 OK response from the proxy server.

The ACK request might contain a message body with the final session description to be used
by User B. If the message body of the ACK request is empty, User B uses the session
description in the INVITE request.

19 ACK—PS -> GW2 Depending on the values in the To, From, CSeq, and Call-ID field, the proxy server might
process the ACK request locally or proxy it. If the fields in the ACK request match those in
previous requests processed by the proxy server, the server proxies the ACK request. If there
is no match, the ACK request is proxied as if it were an INVITE request.

The proxy server forwards GW1’s ACK response to GW2.

20 Connect ACK—GW2 -> PBX B GW?2 acknowledges PBX B’s Connect message. The call session is now active.

Note The 2-way voice path is established directly between GW 1 and GW2; not via the proxy
server.

21 Disconnect—PBX B -> GW2 After the call is completed, PBX B sends a Disconnect message to GW2. The Disconnect
message starts the call session termination process.

22 BYE—GW?2 ->PS GW2 sends a SIP BYE request to the proxy server. The BYE request indicates that User B
wants to release the call. Because it is User B that wants to terminate the call, the
Request-URI field is now replaced with PBX A’s SIP URL and the From field contains User
B’s SIP URL.

23 BYE—PS -> GW1 The proxy server forwards the SIP BYE request to GW1.

24 Disconnect—GW1 -> PBX A GW1 sends a Disconnect message to PBX A.

25 Release—GW2 -> PBX B After the call is completed, GW2 sends a Release message to PBX B.

26 Release—PBX A -> GW1 PBX A sends a Release message to GW1.

27 200 OK—GW1 -> PS GW1 sends a SIP 200 OK response to the proxy server. The 200 OK response notifies GW2
that GW1 has received the BYE request.

28 200 OK—PS -> GW2 The proxy server forwards the 200 OK response to GW2.

29 Release Complete—PBX B -> GW2  PBX B sends a Release Complete message to GW2.

30 Release Complete—GW1 ->PBX A GW!1 sends a Release Complete message to PBX A and the call session is terminated.

10 Session Initiation Protocol Gateway Call Flows



Gateway-to-IP Desktop Call

Gateway-to-IP Desktop Call

Figure 4 illustrates a successful gateway-to-IP desktop PC call setup and disconnect. In this scenario,
the two end users are User A and User B. User A is located at PBX A. PBX A is connected to GW1
(SIP Gateway) via a T1/E1. GW1 is using a proxy server. User B is located at an IP desktop. GW1
is connected to the IP desktop over an IP network.

The call flow is as follows:
1 User A calls User B’s desktop PC.
2 User B answers the call.

3 User B hangs up.

Figure 4 Gateway-to-IP Desktop Call—Successful Setup and Disconnect
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Successful Call Flow Scenarios

Step Action Description

1 Setup—PBX A -> GW1 Call Setup is initiated between the PBX and GW1. The Call Setup includes the standard
transactions that take place as User A attempts to call User B.

2 INVITE—GW1 -> Desktop GW1 maps the SIP URL phone number to a dial-peer. The dial-peer includes the IP address
and the port number of the SIP enabled entity to contact. GW1 sends a SIP INVITE request
to the address it receives as the dial peer which, in this scenario, is the IP desktop.

In the INVITE request:
¢ The IP address of the desktop is inserted in the Request-URI field.
* PBX A is identified as the call session initiator in the From field.
* A unique numeric identifier is assigned to the call and is inserted in the Call-ID field.
* The transaction number within a single call leg is identified in the CSeq field.
* The media capability User A is ready to receive is specified.
* The port on which the GW is prepared to receive the RTP data is specified.
Call Proceeding—GW1 ->PBX A GWI1 sends a Call Proceeding message to PBX A to acknowledge the Call Setup request.

4 100 Trying—Desktop -> GW1 The IP desktop sends a SIP 100 Trying response to GW 1. The 100 Trying response indicates
that the INVITE request has been received by the IP desktop.

5 180 Ringing—Desktop -> GW1 The IP desktop sends a SIP 180 Ringing response to GW1. The 180 Ringing response
indicates that the user is being alerted.

6 Alerting—GW1 ->PBX A GW1 sends an Alert message to User A. The Alert message indicates that GW1 has received
a 180 Ringing response from the IP desktop. User A hears the ringback tone that indicates
that User B is being alerted.

7 200 OK—Desktop -> GW1 The IP desktop sends a SIP 200 OK response to GW1. The 200 OK response notifies GW 1
that the connection has been made.

8 Connect—GW1 ->PBX A GW1 sends a Connect message to PBX A. The Connect message notifies PBX A that the
connection has been made.

9 Connect ACK—PBX A -> GW1 PBX A acknowledges GW1’s Connect message.

10 ACK—GW!1 -> Desktop GW1 sends a SIP ACK request to the IP desktop. The ACK request confirms that User A has
received the 200 OK response. The call session is now active.

11 BYE—Desktop -> GW1 User B terminates the call session at his IP desktop and the IP desktop sends a SIP BYE
request to GW1. The BYE request indicates that User B wants to release the call.

12 Disconnect—GW1 -> PBX A GW1 sends a Disconnect message to PBX A.

13 Release—PBX A -> GW1 PBX A sends a Release message to GW1.

14 200 OK—GW1 -> Desktop GW]1 sends a SIP 200 OK response to the IP desktop. The 200 OK response notifies the
desktop that GW1 has received the BYE request.

15 Release Complete—GW1 ->PBX A GW!1 sends a Release Complete message to PBX A and the call session is terminated.

12 Session Initiation Protocol Gateway Call Flows



Call Flow Scenarios for Failed Calls

Call Flow Scenarios for Failed Calls

This section includes call flows for scenarios in which the call setup has failed because of one of the
following reasons:

® The called user is busy—A SIP 486 Busy Here response is received.

® The called user does not answer and the request times out—A SIP CANCEL request is sent.
® A client, server, or global error occurs—A SIP 4xx, Sxx, or 6xx failure response is received.
The network configurations in which the call flow scenarios occur are the following:

® Gateway-to-gateway calls

® Gateway-to-gateway calls via a redirect server

® Gateway-to-gateway calls via proxy server

® Gateway-to-IP desktop calls

Gateway-to-Gateway Calls

This section describes the call flows for failed gateway-to-gateway calls. In the following call flows,
the network configuration is the same as the network configuration outlined in the
“Gateway-to-Gateway Call” section on page 2. However, instead of successfully establishing a call
session, one of the following situations occurs:

® The Called User is Busy, page 13
® The Called User Does Not Answer, page 15
® A Client, Server, or Global Error Has Occurred, page 16

The Called User is Busy
Figure 5 illustrates the call flow in which User A initiates a call to User B and receives a SIP 486
Busy Here response.

Figure 5 Gateway-to-Gateway Call—Called User is Busy
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Call Flow Scenarios for Failed Calls

Step

Action

Description

1

Setup—PBX A -> GW1

Call Setup is initiated between PBX A and GW1. The Call Setup includes the standard
transactions that take place as User A attempts to call User B.

2

INVITE—GW1 -> GW2

GWI1 sends a SIP INVITE request to GW2. The INVITE request is an invitation to User B to
participate in a call session.

In the INVITE request:

* The phone number of User B is inserted in the Request-URI field in the form of a SIP
URL. The SIP URL identifies the address of User B and takes a form similar to an email
address (user@host where user is the telephone number and host is either a domain name
or a numeric network address). For example, the Request-URI field in the INVITE request
to User B appears as “INVITE sip:555-0002 @companyb.com; user=phone.” The
“user=phone” parameter distinquishes that the Request-URI address is a telephone
number rather than a user name.

¢ PBX A is identified as the call session initiator in the From field.

* A unique numeric identifier is assigned to the call and is inserted in the Call-ID field.
» The transaction number within a single call leg is identified in the CSeq field.

* The media capability User A is ready to receive is specified.

* The port on which GW1 is prepared to receive the RTP data is specified.

Call Proceeding—GW1 ->PBX A

GWI1 sends a Call Proceeding message to PBX A to acknowledge the Call Setup request.

Setup—GW2 ->PBX B

GW?2 receives the INVITE request from GW1 and initiates a Call Setup with User B via
PBX B.

100 Trying—GW2 -> GW1

GW?2 sends a SIP 100 Trying response to the INVITE request sent by GW1. The 100 Trying
message indicates that the INVITE request has been received by GW2 but that User B has
not yet been located and that some unspecified action, such as a database consultation, is
taking place.

Call Proceeding—PBX B -> GW2

PBX B sends a Call Proceeding message to GW2 to acknowledge the Call Setup request.

Disconnect (Busy)—PBX B -> GW2

PBX B sends a Disconnect message to GW2. In the Disconnect message, the cause code
indicates that User B is busy. The Disconnect message starts the call session termination
process.

486 Busy Here—GW2 - > GW1

GW?2 maps the Release message cause code (Busy) to the SIP 486 Busy response and sends
the response to GW 1. The 486 Busy Here response is a client error response that indicates
that User B’s phone was successfully contacted but User B was not willing or was unable to
take another call.

Disconnect (Busy)—GW1 -> PBX A

GW1 sends a Release message to PBX A. User A hears a busy tone.

10

Release—GW?2 -> PBX B

GW?2 sends a Release message to PBX B.

11

Release—PBX A -> GW1

PBX A sends a Release message to GW1.

12

ACK—GW1 -> GW2

GW1 sends a SIP ACK request to GW2. The ACK request confirms that the 200 OK
response has been received.

13

Release Complete—PBX B -> GW2

PBX B sends a Release Complete message to GW2.

14

Release Complete—GW1 -> PBX A

GWI1 sends a Release Complete message to PBX A and the call session attempt is
terminated.
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Gateway-to-Gateway Calls

The Called User Does Not Answer

Figure 6 illustrates the call flow in which User A initiates a call to User B and the request times out
and is ended with a SIP CANCEL request.

Figure 6 Gateway-to-Gateway Call—Called User Does Not Answer
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Step  Action Description
1 Setup—PBX A -> GW1 Call Setup is initiated between PBX A and GW1. The Call Setup includes the standard
transactions that take place as User A attempts to call User B.
2 INVITE—GW1 -> GW2 GW1 sends a SIP INVITE request to GW2. The INVITE request is an invitation to User B to
participate in a call session.
In the INVITE request:
* The phone number of User B is inserted in the Request-URI field in the form of a SIP
URL. The SIP URL identifies the address of User B and takes a form similar to an email
address (user@host where user is the telephone number and /ost is either a domain name
or a numeric network address). For example, the Request-URI field in the INVITE request
to User B appears as “INVITE sip:555-0002 @companyb.com; user=phone.” The
“user=phone” parameter distinquishes that the Request-URI address is a telephone
number rather than a user name.
* PBX A is identified as the call session initiator in the From field.
* A unique numeric identifier is assigned to the call and is inserted in the Call-ID field.
¢ The transaction number within a single call leg is identified in the CSeq field.
* The media capability User A is ready to receive is specified.
* The port on which GW1 is prepared to receive the RTP data is specified.
3 Call Proceeding—GW1 -> PBX A GW1 sends a Call Proceeding message to PBX A to acknowledge the Call Setup request.
4 Setup—GW2 -> PBX B GW?2 receives the INVITE request from GW1 and initiates a Call Setup with User B via
PBX B.
5 100 Trying—GW2 -> GW1 GW2 sends a SIP 100 Trying response to the INVITE request sent by GW1. The 100 Trying

response indicates that the INVITE request has been received by GW2 but that User B has
not yet been located and that some unspecified action, such as a database consultation, is
taking place.
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Call Flow Scenarios for Failed Calls

Step  Action Description

6 Call Proceeding—PBX B -> GW2 PBX B sends a Call Proceeding message to GW2 to acknowledge the Call Setup request.

7 Alerting—PBX B -> GW2 PBX B sends an Alert message to GW2. User B’s phone begins to ring.

8 180 Ringing—GW2 -> GW1 GW?2 sends a SIP 180 Ringing response to GW1. The 180 Ringing response indicates that
GW?2 has located, and is trying to alert, User B.

9 Alerting—GWI1 ->PBX A GW1 sends an Alert message to PBX A. User A hears a ringback tone.

10 Cancel (ring timeout)—GW1 -> Because GW2 did not return an appropriate response within the time allocated in the

GW2 INVITE request, GW1 sends a SIP CANCEL request to GW2. A CANCEL request cancels a

pending request with the same Call-ID, To, From, and CSeq header field values.

11 Disconnect—GW1 -> PBX A GW1 sends a Disconnect message to PBX A.

12 Disconnect—GW?2 -> PBX B GW?2 sends a Disconnect message to PBX B.

13 Release—PBX A -> GW1 PBX A sends a Release message to GW1.

14 Release—PBX B -> GW2 PBX B sends a Release message to GW2.

15 200 OK—GW2 -> GW1 GW2 sends a SIP 200 OK response to GW2. The 200 OK response confirms that the Cancel
request has been received.

16 Release Complete—GW1 ->PBX A GW1 sends a Release Complete message to PBX A.

17 Release Complete—GW2 ->PBX B GW2 sends a Release Complete message to PBX B and the call session attempt is

terminated.

A Client, Server, or Global Error Has Occurred

Figure 7 illustrates the call flow in which User A initiates a call to User B and receives a class 4xx,
Sxx, or 6xx response. In the following scenario, there are no more channels available on GW2.
Therefore, GW2 refuses the connection and sends a SIP 503 Service Unavailable response.

Figure 7 Gateway-to-Gateway Call—Client, Server, or Global Error Response
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Gateway-to-Gateway Calls

Step

Action

Description

1

Setup—PBX A -> GW1

Call Setup is initiated between PBX A and GW1. The Call Setup includes the standard
transactions that take place as User A attempts to call User B.

2

INVITE—GW1 -> GW2

GWI1 sends a SIP INVITE request to GW2. The INVITE request is an invitation to User B to
participate in a call session.

In the INVITE request:

* The phone number of User B is inserted in the Request-URI field in the form of a SIP
URL. The SIP URL identifies the address of User B and takes a form similar to an email
address (user@host where user is the telephone number and host is either a domain name
or a numeric network address). For example, the Request-URI field in the INVITE request
to User B appears as “INVITE sip:555-0002 @companyb.com; user=phone.” The
“user=phone” parameter distinquishes that the Request-URI address is a telephone
number rather than a user name.

¢ PBX A is identified as the call session initiator in the From field.

* A unique numeric identifier is assigned to the call and is inserted in the Call-ID field.
» The transaction number within a single call leg is identified in the CSeq field.

* The media capability User A is ready to receive is specified.

* The port on which GW1 is prepared to receive the RTP data is specified.

Call Proceeding—GW1 ->PBX A

GWI1 sends a Call Proceeding message to PBX A to acknowledge the Call Setup request.

100 Trying—GW?2 -> GW1

GW?2 sends a SIP 100 Trying response to the INVITE request sent by GW1. The 100 Trying
message indicates that the INVITE request has been received by GW2 but that User B has
not yet been located and that some unspecified action, such as a database consultation, is
taking place.

Class 4xx/5xx/6xx Failure—GW2 ->
GWI1

GW?2 determines that it does not have any more channels available, refuses the connection,
and sends a SIP 503 Service Unavailable response to GW1.

The 503 Service Unavailable response is a class 4xx, Sxx, or class 6xx failure response.
Depending on which class the failure response is, the call actions differ.

¢ If GW2 sends a class 4xx failure response (a definite failure response that is a client error),
the request will not be retried without modification.

o If GW2 sends a class Sxx failure response (an indefinite failure that is a server error), the
request is not terminated but rather other possible locations are tried.

* If GW2 sends a class 6xx failure response (a global error), the search for User B is
terminated because the 6xx response indicates that a server has definite information about
User B, but not for the particular instance indicated in the Request-URI field. Therefore,
all further searches for this user will fail.

Note The call failure on GW2 might occur before a proceeding indication from PBX B. In
that case a SIP failure response is sent before the SIP 100 Trying response.

Disconnect—GW1 -> PBX A

GWI1 sends a Disconnect message to PBX A.

Release—PBX A -> GW1

PBX A sends a Release message to GW1.

ACK—GW1 -> GW2

GWI1 sends a SIP ACK request to GW2. The ACK request confirms that the 200 OK
response has been received.

Release Complete—GW1 -> PBX A

GW1 sends a Release Complete message to PBX A and the call session attempt is
terminated.
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Call Flow Scenarios for Failed Calls

Gateway-to-Gateway Calls via a Redirect Server

This section describes the call flows for gateway-to-gateway calls via a redirect server that have
failed. In the following call flows, the network configuration is the same as the network
configuration outlined in the “Gateway-to-Gateway Call via Redirect Server” section on page 5.
However, instead of successfully establishing a call session, one of the following situations occurs:

® The Called User is Busy, page 18
® The Called User Does Not Answer, page 20
® A Client, Server, or Global Error Has Occurred, page 22

The Called User is Busy

Figure 8 illustrates the call flow in which User A initiates a call to User B and receives a SIP 486
Busy Here response.

Figure 8 Gateway-to-Gateway Call via a Redirect Server—Called User is Busy
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Step Action Description
1 Setup—PBX A -> GW1 Call Setup is initiated between PBX A and GW1. The Call Setup includes the standard transactions

that take place as User A attempts to call User B.
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Gateway-to-Gateway Calls via a Redirect Server

Step Action

Description

2

INVITE—GW1 -> RS

GWI1 sends a SIP INVITE request to the redirect server. The INVITE request is an invitation to User
B to participate in a call session.

In the INVITE request:

* The phone number of User B is inserted in the Request-URI field in the form of a SIP URL. The
SIP URL identifies the address of User B and takes a form similar to an email address (user@ host
where user is the telephone number and host is either a domain name or a numeric network
address). For example, the Request-URI field in the INVITE request to User B appears as
“INVITE sip:555-0002 @companyb.com; user=phone.” The “user=phone” parameter
distinquishes that the Request-URI address is a telephone number rather than a user name.

¢ PBX A is identified as the call session initiator in the From field.

* A unique numeric identifier is assigned to the call and is inserted in the Call-ID field.
» The transaction number within a single call leg is identified in the CSeq field.

* The media capability User A is ready to receive is specified.

* The port on which GW1 is prepared to receive the RTP data is specified.

3 300 Multiple Choice—RS -> The redirect server sends GW1 a SIP 300 Multiple Choice response. The 300 Multiple Choice
GW1 response indicates that the redirect server accepted the INVITE request, contacted a location server
with all or part of User B’s SIP URL, and the location server provided a list of alternative locations
where User B might be located. The redirect server returns these possible addresses to GW1 in the
300 Multiple Choice response.

4 ACK—GWI1 -> RS GWI1 acknowledges the 300 Multiple Choice response with a SIP ACK request.

5 INVITE—GW1 -> GW2 GW1 sends a new INVITE request to User B. The new INVITE request includes the first contact
listed in the 300 Multiple Choice response as the new address for User B, a higher transaction
number in the CSeq field, and the same Call-ID as the first INVITE request.

6 Call Proceeding—GW1 -> GWI1 sends a Call Proceeding message to PBX A to acknowledge the Call Setup request.

PBX A

7 Setup—GW2 -> PBX B GW?2 receives the INVITE request from GW1 and initiates a Call Setup with User B via PBX B.

8 100 Trying—GW2 -> GW1 GW?2 sends a SIP 100 Trying response to the INVITE request sent by GW1. The 100 Trying
response indicates that the INVITE request has been received by GW2 but that User B has not yet
been located and that some unspecified action, such as a database consultation, is taking place.

9 Call Proceeding—PBX B -> PBX B sends a Call Proceeding message to GW2 to acknowledge the Call Setup request.

GW2
10 Disconnect (Busy)—PBX B -> PBX B sends a Disconnect message to GW2. In the Disconnect message, the cause code indicates
GW2 that User B is busy. The Disconnect message starts the call session termination process.
11 486 Busy Here—GW?2 - > GW2 maps the Release message cause code (Busy) to the SIP 486 Busy response and sends the
GW1 response to GW1. The 486 Busy Here response is a client error response that indicates that User B’s
phone was successfully contacted but User B was not willing or was unable to take another call.
12 Disconnect (Busy) —GW1->  GWI1 sends a Disconnect message to PBX A. User A hears a busy tone.
PBX A

13 Release—PBX A -> GW1 PBX A sends a Release message to GW1.

14 Release—GW2 -> PBX B GWI1 sends a Release message to PBX B.

15 ACK—GWI1 -> GW2 GWI1 sends a SIP ACK request to GW2. The ACK request confirms that the 486 Busy Here response
has been received.

16 Release Complete—GW1 -> GWI1 sends a Release Complete message to PBX A and the call session attempt is terminated.

PBX A
17 Release Complete—PBX B ->  PBX B sends a Release Complete message to GW2.

GW2
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Call Flow Scenarios for Failed Calls

The Called User Does Not Answer

Figure 9 illustrates the call flow in which User A initiates a call to User B and the request times out

and is ended with a SIP CANCEL request.

Figure 9 Gateway-to-Gateway Call via a Redirect Server—Called User is Does Not
Answer
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Step  Action Description
1 Setup—PBX A -> GW1 Call Setup is initiated between PBX A and GW1. The Call Setup includes the standard
transactions that take place as User A attempts to call User B.
2 INVITE—GW1 -> RS GWI1 sends a SIP INVITE request to the redirect server. The INVITE request is an invitation

to User B to participate in a call session.
In the INVITE request:

* The phone number of User B is inserted in the Request-URI field in the form of a SIP
URL. The SIP URL identifies the address of User B and takes a form similar to an email
address (user@host where user is the telephone number and host is either a domain name
or a numeric network address). For example, the Request-URI field in the INVITE request
to User B appears as “INVITE sip:555-0002 @companyb.com; user=phone.” The
“user=phone” parameter distinquishes that the Request-URI address is a telephone
number rather than a user name.

¢ PBX A is identified as the call session initiator in the From field.

* A unique numeric identifier is assigned to the call and is inserted in the Call-ID field.
» The transaction number within a single call leg is identified in the CSeq field.

* The media capability User A is ready to receive is specified.

* The port on which GW1 is prepared to receive the RTP data is specified.
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Gateway-to-Gateway Calls via a Redirect Server

Step  Action Description

3 300 Multiple Choice—RS -> GW1 The redirect server sends GW1 a SIP 300 Multiple Choice response. The 300 Multiple
Choice response indicates that the redirect server accepted the INVITE request, contacted a
location server with all or part of User B’s SIP URL, and the location server provided a list of
alternative locations where User B might be located. The redirect server returns these
possible addresses to User A in the 300 Multiple Choice response.

4 ACK—GWI1 -> RS GWI1 acknowledges the 300 Multiple Choice response with a SIP ACK request.

INVITE—GW1 -> GW2 GW1 sends a new INVITE request to User B. The new INVITE request includes a new
address for User B, a higher transaction number in the CSeq field, but the same Call-ID as
the first INVITE request.

6 Call Proceeding—GW1 ->PBX A GWI1 sends a Call Proceeding message to PBX A to acknowledge the Call Setup request.

7 Setup—GW2 -> PBX B GW?2 receives the INVITE request from GW1 and initiates a Call Setup with User B via
PBX B.

8 100 Trying—GW2 -> GW1 GW?2 sends a SIP 100 Trying response to the INVITE request sent by GW1. The 100 Trying
message indicates that the INVITE request has been received by GW2 but that User B has
not yet been located and that some unspecified action, such as a database consultation, is
taking place.

9 Call Proceeding—PBX B -> GW2 PBX B sends a Call Proceeding message to GW2 to acknowledge the Call Setup request.

10 Alerting—PBX B -> GW2 PBX B sends an Alert message to GW2. User B’s phone begins to ring.

11 180 Ringing—GW2 -> GW1 GW2 sends a SIP 180 Ringing response to GW1. The 180 Ringing response indicates that
GW2 has located, and is trying to alert, User B.

12 Alerting—GW1 to PBX A GWI1 sends an Alert message to PBX A.

13 CANCEL (Ring Timeout)—GW1 -> Because GW2 did not return an appropriate response within the time allocated in the

GW2 INVITE request, GW1 sends a SIP CANCEL request to GW2. A CANCEL request cancels a
pending request with the same Call-ID, To, From, and CSeq header field values.

14 Disconnect—GW1 -> PBX A GWI1 sends a Disconnect message to PBX A.

15 Release—PBX A to GW1 PBX A sends a Release message to GW1.

16 Disconnect—GW?2 -> PBX B GW?2 sends a Disconnect message to PBX B.

17 200 OK—GW1 -> GW2 GWI1 sends a SIP 200 OK response to GW2. The 200 OK response confirms that the
CANCEL request has been received.

18 Release Complete—PBX A -> GW1 PBX A sends a Release Complete message to GW1 and the call session attempt is
terminated.

19 Release—PBX B -> GW2 PBX B sends a Release message to GW2.

20 Release Complete—GW2 ->PBX B GW2 sends a Release Complete message to PBX B.
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Call Flow Scenarios for Failed Calls

A Client, Server, or Global Error Has Occurred
Figure 10 illustrates the call flow in which User A initiates a call to User B and receives a class 4xx,

S5xx, or 6xx response.

In this scenario, GW2 determines that User B does not exist at the domain specified in the INVITE
request sent by GW1. GW2 refuses the connection and sends GW1 a SIP 404 Not Found response.

Figure 10

Gateway-to-Gateway Call via a Redirect Server—Client, Server, or Global
Error Response
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Step  Action Description
1 Setup—PBX A -> GW1 Call Setup is initiated between PBX A and GW1. The Call Setup includes the standard
transactions that take place as User A attempts to call User B.
2 INVITE—GW1 -> RS GWI1 sends a SIP INVITE request to the redirect server. The INVITE request is an invitation

to User B to participate in a call session.
In the INVITE request:

* The phone number of User B is inserted in the Request-URI field in the form of a SIP
URL. The SIP URL identifies the address of User B and takes a form similar to an email
address (user@host where user is the telephone number and host is either a domain name
or a numeric network address). For example, the Request-URI field in the INVITE request
to User B appears as “INVITE sip:555-0002 @companyb.com; user=phone.” The
“user=phone” parameter distinquishes that the Request-URI address is a telephone
number rather than a user name.

* PBX A’s is identified as the initiator in the From field.

* A unique numeric identifier is assigned to the call and is inserted in the Call-ID field.
» The transaction number within a single call leg is identified in the CSeq field.

* The media capability User A is ready is specified.

* The port on which GW1 is prepared to receive the RTP data is specified.
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Gateway-to-Gateway Calls via a Redirect Server

Step  Action Description

3 300 Multiple Choice—RS -> GW1 The redirect server sends GW1 a SIP 300 Multiple Choice response. The 300 Multiple
Choice response indicates that the redirect server accepted the INVITE request, contacted a
location server with all or part of User B’s SIP URL, and the location server provided a list of
alternative locations where User B might be located. The redirect server returns these
possible addresses to User A in the 300 Multiple Choice response.

4 ACK—GWI1 -> RS GWI1 acknowledges the 300 Multiple Choice response with a SIP ACK request.

INVITE—GW1 -> GW2 GW1 sends a new INVITE request to User B. The new INVITE request includes a new
address for User B, a higher transaction number in the CSeq field, but the same Call-ID as
the first INVITE request.

6 Call Proceeding—GW1 -> GW2 GWI1 sends a Call Proceeding message to PBX A to acknowledge the Call Setup request.

7 100 Trying—GW2 -> GW1 GW2 sends a SIP 100 Trying response to the INVITE request sent by GW1. The 100 Trying
message indicates that the INVITE request has been received by GW2 but that User B has
not yet been located and that some unspecified action, such as a database consultation, is

taking place.
8 Class 4xx/5xx/6xx Failure—GW?2 -> GW?2 determines that User B does not exist at the domain specified in the INVITE request
GW1 sent by GW1. GW2 refuses the connection and sends a SIP 404 Not Found response to GW1.

The 404 Not Found response is a class 4xx failure response. Depending on which class the
failure response is, the call actions differ.

* If GW2 sends a class 4xx failure response (a definite failure response that is a client error),
the request will not be retried without modification.

o If GW2 sends a class 5xx failure response (an indefinite failure that is a server error), the
request is not terminated but rather other possible locations are tried.

* If GW2 sends a class 6xx failure response (a global error), the search for User B is
terminated because the 6xx response indicates that a server has definite information about
User B, but not for the particular instance indicated in the Request-URI field. Therefore,
all further searches for this user will fail.

9 Disconnect—GW1 -> PBX A GWI1 sends a Disconnect message to PBX A.

10 Release—PBX A -> GW1 PBX A sends a Release message to GW1.

11 ACK—GWI1 -> GW2 GW1 sends a SIP ACK request to GW2. The ACK request confirms that the failure response
has been received.

12 Release Complete—GW1 ->PBX A GWI1 sends a Release Complete message to PBX A and the call session attempt is
terminated.
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Call Flow Scenarios for Failed Calls

Gateway-to-Gateway Calls via a Proxy Server

This section describes the call flows for gateway-to-gateway calls via a proxy server that have failed.
In the following call flows, the network configuration is the same as the network configuration
outlined in the “Gateway-to-Gateway Call via a Proxy Server” section on page 7. However, instead
of successfully establishing a call session, one of the following situations occurs:

® The Called User is Busy, page 24
® A Client or Server Error Has Occurred, page 26
® A Global Error Has Occurred, page 28

The Called User is Busy

Figure 11 illustrates the call flow in which User A initiates a call to User B and receives a SIP 486
Busy Here response.

Figure 11 Gateway-to-Gateway Call via a Proxy Server—Called User is Busy
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Gateway-to-Gateway Calls via a Proxy Server

Step Action Description

1 Setup—PBX A -> GW1 Call Setup is initiated between PBX A and GW1. The Call Setup includes the standard
transactions that take place as User A attempts to call User B.

2 INVITE—GW1 -> PS GWI1 sends a SIP INVITE request to the proxy server. The INVITE request is an invitation to
User B to participate in a call session.
In the INVITE request:

¢ The phone number of User B is inserted in the Request-URI field in the form of a SIP
URL. The SIP URL identifies the address of User B and takes a form similar to an email
address (user@host where user is the telephone number and host is either a domain name
or a numeric network address). For example, the Request-URI field in the INVITE request
to User B appears as “INVITE sip:555-0002 @companyb.com; user=phone.” The
“user=phone” parameter distinquishes that the Request-URI address is a telephone
number rather than a user name.

¢ PBX A is identified as the call session initiator in the From field.

* A unique numeric identifier is assigned to the call and is inserted in the Call-ID field.
» The transaction number within a single call leg is identified in the CSeq field.

* The media capability User A is ready to receive is specified.

* The port on which GW1 is prepared to receive the RTP data is specified.

3 INVITE—PS -> GW2 The proxy server checks whether it’s own address is contained in the Via field (to prevent
loops), directly copies the To, From, Call-ID, and Contact fields from the request it received
from GW1, changes the Request-URI to indicate the server to which it intends to send the
INVITE request, and then sends a new INVITE request to GW2.

4 Call Proceeding—GW1 ->PBX A GWI1 sends a Call Proceeding message to PBX A to acknowledge the Call Setup request.
5 Setup—GW2 -> PBX B GW?2 receives the INVITE request from the proxy server and initiates a Call Setup with
User B via PBX B.
6 100 Trying—PS -> GW1 The proxy server sends a SIP 100 Trying response to GW1.
7 100 Trying—GW?2 -> PS GW?2 sends a SIP 100 Trying response to the proxy server.
8 Release Complete PBX B sends a Release Complete message to GW2. In the Release Complete message, the
(Busy)—PBX B -> GW2 cause code indicates that User B is busy. The Release Complete message starts the call

session termination process.

9 486 Busy Here—GW2 -> PS GW?2 maps the Release message cause code (Busy) to the SIP 486 Busy response and sends
the response to the proxy server. The 486 Busy Here response is a client error response that
indicates that User B’s phone was successfully contacted but User B was not willing or was
unable to take another call.

The proxy server must send a SIP ACK request upon receiving a class 4xx failure response.

10 486 Busy Here—PS -> GW1 The proxy server forwards the SIP 486 Busy response to GW1.

11 Disconnect (Busy)—GW1 ->PBX A GW!I1 sends a Disconnect message to PBX A.

12 Release—PBX A -> GW1 PBX A sends a Release message to GW1.

13 ACK—GWI1 ->PS GW1 sends an SIP ACK request to the proxy server.

14 ACK—PS -> GW2 The proxy server forwards the SIP ACK request to GW2. The ACK request confirms that the
486 Busy Here response has been received.

15 Release Complete—GW1 ->PBX A GW1 sends a Release Complete message to PBX A and the call session attempt is
terminated.

Session Initiation Protocol Gateway Call Flows 25



Call Flow Scenarios for Failed Calls

A Client or Server Error Has Occurred

Figure 12 illustrates the call flow in which User A initiates a call to User B and receives a class 4xx
or 5xx response from User B (via GW2).

In the following scenario, there are no more channels available on GW2. Therefore, GW2 refuses
the connection and sends a SIP 503 Service Unavailable response.

Figure 12 Gateway-to-Gateway Call via a Proxy Server—Client or Server Error Response
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Step

Action Description

1

Setup—PBX A -> GW1 Call Setup is initiated between PBX A and GW1. The Call Setup includes the standard
transactions that take place as User A attempts to call User B.

2

INVITE—GW1 -> PS GWI1 sends a SIP INVITE request to the proxy server. The INVITE request is an invitation to
User B to participate in a call session.

In the INVITE request:

* The phone number of User B is inserted in the Request-URI field in the form of a SIP
URL. The SIP URL identifies the address of User B and takes a form similar to an email
address (user@host where user is the telephone number and host is either a domain name
or a numeric network address). For example, the Request-URI field in the INVITE request
to User B appears as “INVITE sip:555-0002 @companyb.com; user=phone.” The
“user=phone” parameter distinquishes that the Request-URI address is a telephone
number rather than a user name.

* A unique numeric identifier is assigned to the call and is inserted in the Call-ID field.
¢ The transaction number within a single call leg is identified in the CSeq field.
* The media capability User A is ready to receive is specified.

* The port on which GW1 is prepared to receive the RTP data is specified.

3

INVITE—PS -> GW2 The proxy server checks whether it’s own address is contained in the Via field (to prevent
loops), directly copies the To, From, Call-ID, and Contact fields from the request it received
from GW1, changes the Request-URI to indicate the server to which it intends to send the
INVITE request, and then sends a new INVITE request to GW2.

Call Proceeding—GW1 -> PBX A GW1 sends a Call Proceeding message to PBX A to acknowledge the Call Setup request.
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Gateway-to-Gateway Calls via a Proxy Server

Step  Action Description

5 100 Trying—PS -> GW1 The proxy server sends a SIP 100 Trying response to GW1.

6 100 Trying—GW?2 -> PS GW?2 sends a SIP 100 Trying response to the proxy server.

7 Class 4xx/5xx/6xx Failure—GW2 ->  GW?2 determines that it does not have any more channels available, refuses the connection,
PS and sends a SIP 503 Service Unavailable response to GW1.

The 503 Service Unavailable response is a class 4xx, 5xx, or class 6xx failure response.
Depending on which class the failure response is, the call actions differ.

* If GW2 sends a class 4xx or Sxx failure response to the proxy server. Depending on which
class the failure response is, the call actions differ.

* If GW2 sends a class 4xx failure response (a definite failure response that is a client error),
the request will not be retried without modification and the proxy server must send an
ACK request.

o If GW2 sends a class Sxx failure response (an indefinite failure that is a server error), the
request is not terminated but rather other possible locations are tried and again, the proxy
server must send an ACK request.

8 Class 4xx/5xx/6xx Failure—PS -> The proxy server forwards the SIP 503 Service Unavailable response to GW1.
GW1

9 Disconnect—GW1 -> PBX A GWI1 sends a Disconnect message to PBX A.

10 Release—PBX A -> GW1 PBX A sends a Release message to GW1.

11 ACK—GWI1 ->PS GW1 sends a SIP ACK request to the proxy server.

12 ACK—PS -> GW2 The proxy server forwards the SIP ACK request to GW2. The ACK request confirms that the
486 Busy Here response has been received.

13 Release Complete—GW1 ->PBX A GW!I1 sends a Release Complete message to PBX A and the call session attempt is
terminated.

Session Initiation Protocol Gateway Call Flows 27



Call Flow Scenarios for Failed Calls

A Global Error Has Occurred

Figure 13 illustrates the call flow in which User A initiates a call to User B and receives a class 6xx
response.

Figure 13 Gateway-to-Gateway Call via a Proxy Server—Global Error Response
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Step  Action Description

1 Setup—PBX A -> GW1 Call Setup is initiated between PBX A and GW1. The Call Setup includes the standard
transactions that take place as User A attempts to call User B.

2 INVITE—GW1 -> PS GWI1 sends a SIP INVITE request to the proxy server. The INVITE request is an invitation to
User B to participate in a call session.

In the INVITE request:

* The phone number of User B is inserted in the Request-URI field in the form of a SIP
URL. The SIP URL identifies the address of User B and takes a form similar to an email
address (user@host where user is the telephone number and host is either a domain name
or a numeric network address). For example, the Request-URI field in the INVITE request
to User B appears as “INVITE sip:555-0002 @companyb.com; user=phone.” The
“user=phone” parameter distinquishes that the Request-URI address is a telephone
number rather than a user name.

* PBX A is identified as the call session initiator in the From field.

* A unique numeric identifier is assigned to the call and is inserted in the Call-ID field.
* The transaction number within a single call leg is identified in the CSeq field.

* The media capability User A is ready to receive is specified.

* The port on which GW1 is prepared to receive the RTP data is specified.

3 Call Proceeding—GW1 ->PBX A GWI1 sends a Call Proceeding message to PBX A to acknowledge the Call Setup request.

4 INVITE—PS -> GW2 The proxy server checks whether it’s own address is contained in the Via field (to prevent
loops), directly copies the To, From, Call-ID, and Contact fields from the request it received
from GW1, changes the Request-URI to indicate the server to which it intends to send the
INVITE request, and then sends a new INVITE request to GW2.

5 Setup—GW2 -> PBX B GW?2 receives the INVITE request from the proxy server and initiates a Call Setup with
User B via PBX B.
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Gateway-to-Gateway Calls via a Proxy Server

Step  Action Description

6 100 Trying—GW?2 -> PS GW?2 sends a SIP 100 Trying response to the proxy server. The proxy server might or might
not forward the 100 Trying response to GW1.

7 100 Trying—PS -> GW1 The proxy server forwards the SIP 100 Trying response to GW1.

8 Release Complete—PBX B - > GW2 PBX B sends a Release Complete message to GW2. The Release Complete message starts
the call session termination process.

9 6xx Failure—GW?2 -> GW1 GW2 sends a class 6xx failure response (a global error) to GW1. A class 6xx failure response
indicates that a server has definite information about User B, but not for the particular
instance indicated in the Request-URI field. All further searches for this user will fail,
therefore the search is terminated.

The proxy server must forward all class 6xx failure responses to the client and send an ACK.

10 6xx Failure—PS -> GW1 The proxy server forwards the 6xx failure to GW1.

11 Disconnect—GW1 -> PBX A GWI1 sends a Disconnect message to PBX A.

12 Release—PBX A -> GW1 PBX A sends a Release message to GW1.

13 ACK—GWI1 ->PS GWI1 sends a SIP ACK request to the proxy server.

14 ACK—PS -> GW2 The proxy server sends a SIP ACK request to GW2. The ACK request confirms that the 486
Busy Here response has been received.

15 Release Complete—GW1 ->PBX A GW!1 sends a Release Complete message to PBX A and the call session attempt is

terminated.
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Call Flow Scenarios for Failed Calls

Gateway-to-IP Desktop

This section describes the call flows for failed gateway-to-IP desktop calls. In the following call
flows, the network configuration is the same as the network configuration outlined in the
“Gateway-to-IP Desktop Call” section on page 11. However, instead of successfully establishing a
call session, one of the following situations occurs:

® The Called User is Busy, page 30
® The Called User Does Not Answer, page 32
® A Client, Server, or Global Error Has Occurred, page 34

The Called User is Busy

Figure 14 illustrates the call flow in which User A initiates a call to User B and receives a SIP 486
Busy Here response.

Figure 14 Gateway-to-IP Desktop Call—Called User is Busy
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Step  Action Description
1 Setup—PBX A -> GW1 Call Setup is initiated between the PBX A and the GW1. The Call Setup includes the

standard transactions that take place as User A attempts to call User B.
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Gateway-to-IP Desktop

Step  Action

Description

2 INVITE—GW1 -> Desktop

GW1 maps the SIP URL phone number to a dial-peer. The dial-peer includes the IP address
and the port number of the SIP enabled entity to contact. The GW1 sends a SIP INVITE
request to the address it receives as the dial peer which, in this scenario, is the IP desktop.

In the INVITE request:

¢ The IP address of the desktop is inserted in the Request-URI field.

* PBX A is identified as the call session initiator in the From field.

* A unique numeric identifier is assigned to the call and is inserted in the Call-ID field.
* The transaction number within a single call leg is identified in the CSeq field.

* The media capability User A is ready to receive is specified.

* The port on which the GW is prepared to receive the RTP data is specified.

3 Call Proceeding—GW1 ->PBX A

GW1 sends a Call Proceeding message to PBX A to acknowledge the Call Setup request.

4 100 Trying—Desktop -> GW1

The IP desktop sends a SIP 100 Trying response to the GW1. The 100 Trying response
indicates that the INVITE request has been received by the IP desktop.

5 486 Busy Here—Desktop -> GW1

The IP desktop sends a SIP 480 Busy Here response to the GW1. The 486 Busy Here
response is a client error response that indicates that User B was successfully contacted but
User B was not willing or was unable to take the call.

6 Disconnect (Busy)—GW1 ->PBX A

The GW1 sends a Disconnect message to the PBX A.

7 Release—PBX A -> GW1

PBX A sends a Release message to GW1.

8 ACK—GW!1 -> Desktop

The GW1 sends a SIP ACK request to the IP desktop. The ACK request confirms that User A
has received the 486 Busy Here response. The call session attempt is now being terminated.

9 Release Complete—GW1 -> PBX A

The GW1 sends a Release Complete message to the PBX A and the call session attempt is
terminated.
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Call Flow Scenarios for Failed Calls

The Called User Does Not Answer
Figure 15 illustrates the call flow in which User A initiates a call to User B and the request times out
and is ended with a SIP CANCEL request.

Figure 15 Gateway-to-IP Desktop Call—Called User Does Not Answer
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Gateway-to-IP Desktop

Step Action Description

1 Setup—PBX A -> GW1 Call Setup is initiated between the PBX A and the GW1. The Call Setup includes the
standard transactions that take place as User A attempts to call User B.

2 INVITE—GW1 -> Desktop GW1 maps the SIP URL phone number to a dial-peer. The dial-peer includes the IP address
and the port number of the SIP enabled entity to contact. The GW1 sends a SIP INVITE
request to the address it receives as the dial peer which, in this scenario, is the IP desktop.
In the INVITE request:
¢ The IP address of the desktop is inserted in the Request-URI field.

* PBX A is identified as the call session initiator in the From field.
* A unique numeric identifier is assigned to the call and is inserted in the Call-ID field.
* The transaction number within a single call leg is identified in the CSeq field.
* The media capability User A is ready to receive is specified.
* The port on which the GW is prepared to receive the RTP data is specified.
Call Proceeding—GW1 ->PBX A GWI1 sends a Call Proceeding message to PBX A to acknowledge the Call Setup request.

4 100 Trying—Desktop -> GW1 The IP desktop sends a SIP 100 Trying response to the GW1. The 100 Trying response
indicates that the INVITE request has been received by the IP desktop.

5 180 Ringing—Desktop -> GW1 The IP desktop sends a SIP 180 Ringing response to the GW1. The 180 Ringing response
indicates that the user is being alerted.

6 Alerting—GW1 -> PBX A GWI1 sends an Alert message to PBX A.

7 CANCEL (Ring Timeout)—GW1 -> Because GW1 did not return an appropriate response within the time allocated in the

Desktop INVITE request, GW1 sends a SIP CANCEL request to GW2. A CANCEL request cancels a
pending request with the same Call-ID, To, From, and CSeq header field values.

8 Disconnect—GW1 -> PBX A GWI1 sends a Disconnect message to the PBX A.

9 Release Complete—GW1 ->PBX A GWI1 sends a Release Complete message to the PBX A and the call session attempt is
terminated.

10 200 OK—GW1 -> Desktop The GW1 sends a SIP 200 OK response to the IP desktop. The 200 OK response confirms

that User A has received the 486 Busy Here response. The call session attempt is now being
terminated.
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Call Flow Scenarios for Failed Calls

A Client, Server, or Global Error Has Occurred

Figure 16 illustrates the call flow in which User A initiates a call to User B and receives a class 4xx,
5xx, or 6xx response.

Figure 16 Gateway-to-IP Desktop Call—Client, Server, or Global Error Response
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Step Action Description
1 Setup—PBX A -> GW1 Call Setup is initiated between the PBX A and GW1. The Call Setup includes the standard
transactions that take place as User A attempts to call User B.
2 INVITE—GW1 -> Desktop GW1 maps the SIP URL phone number to a dial-peer. The dial-peer includes the IP address

and the port number of the SIP enabled entity to contact. GW1 sends a SIP INVITE request
to the address it receives as the dial peer which, in this scenario, is the IP desktop.

In the INVITE request:

¢ The IP address of the desktop is inserted in the Request-URI field.

* PBX A is identified as the call session initiator in the From field.

* A unique numeric identifier is assigned to the call and is inserted in the Call-ID field.
* The transaction number within a single call leg is identified in the CSeq field.

* The media capability User A is ready to receive is specified.

* The port on which the GW is prepared to receive the RTP data is specified.

3 Call Proceeding—GW1 ->PBX A GWI1 sends a Call Proceeding message to PBX A to acknowledge the Call Setup request.

4 100 Trying—Desktop -> GW1 The IP desktop sends a SIP 100 Trying response to the GW1. The 100 Trying response
indicates that the INVITE request has been received by the IP desktop.
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Gateway-to-IP Desktop

Step

Action

Description

5

4xx/5xx/6xx Failure—Desktop ->
GW1

The IP desktop sends a class 4xx, Sxx, or class 6xx failure response to the GW1. Depending
on which class the failure response is, the call actions differ.

 If the IP desktop sends a class 4xx failure response (a definite failure response that is a
client error), the request will not be retried without modification.

 If the IP desktop sends a class Sxx failure response (an indefinite failure that is a server
error), the request is not terminated but rather other possible locations are tried.

 If the IP desktop sends a class 6xx failure response (a global error), the search for User B is
terminated because the 6xx response indicates that a server has definite information about
User B, but not for the particular instance indicated in the Request-URI field. Therefore,
all further searches for this user will fail.

Disconnect—GW1 -> PBX A

The GW1 sends a Release message to the PBX A.

Release—PBX A -> GW1

PBX A sends a Release message to GW1.

ACK—GW1 -> Desktop

The GW1 sends a SIP ACK request to the IP desktop. The ACK request confirms that User A
has received the 486 Busy Here response. The call session attempt is now being terminated.

Release Complete—GW1 -> PBX A

The GW1 sends a Release Complete message to PBX A and the call session attempt is
terminated.
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Cisco SIP Compliance Reference Information

Cisco SIP Compliance Reference Information

This section describes how the Cisco SIP User Agent and the Cisco SIP Gateway comply with the
IETF definition of SIP as described in RFC 2543.

This section contains compliance information on the following:
® SIP Functions, page 36

® SIP Methods, page 36

® SIP Responses, page 36

® SIP Header Fields, page 40

® SIP Transport Layer Protocols, page 41

® SIP Security, page 41

® SIP Session Description Protocol (SDP) Usage, page 41

® SIP DNS Records Usage, page 42

SIP Functions

Function Supported?

User Agent Client (UAC) Yes

User Agent Server (UAS) Yes

Proxy Server The SIP gateway does not have the proxy or redirect

server functionality, but can work with an external

Redirect Server . .
third-party proxy or redirect server.

SIP Methods

There are six methods used by the SIP gateway.

Method Supported? Comments

INVITE Yes The INVITE support handles an initial
INVITE for the same Call ID. The INVITE
permits CODEC changes.

ACK Yes

OPTIONS Yes The SIP gateway does not generate OPTIONS,
however, it does responds to OPTIONS
methods.

BYE Yes

CANCEL Yes

REGISTER NA In SIP, there is no requirement for a SIP
gateway to register using this method.
Therefore, the gateway does not generate or
process this method.

SIP Responses
Cisco IOS Release 12.1(1)T supports the following SIP Responses:
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SIP Responses

® 1xx Response—Information Responses, page 37

® 2xx Response—Successful Responses, page 37

® 3xx Response—Redirection Responses, page 38

® 4xx Response—Request Failure Responses, page 38
® 5xx Response—Server Failure Responses, page 39

® 6xx Response—Global Responses, page 39

1xx Response—Information Responses

1xx Response Comments

100 Trying The SIP gateway generates a 100 Trying response for an
incoming INVITE. The gateway stops the retransmission
of INVITE:s once it has received a 100 Trying response.
After receiving a 100 Trying response, the gateway waits
for a 180 Ringing or a 200 OK response.

180 Ringing The SIP gateway generates a 180 Ringing response when
the called party has been located and is being alerted. On
receiving a 180 Ringing response, the gateway waits for
a 200 OK response.

181 Call is being forwarded The SIP gateway does not generate these responses. The
gateway processes a 181 Call is being forwarded

182 d . .
Queue response the same way that it processes the 100 Trying
response.
2xx Response—Successful Responses
2xx Response Comments
200 OK None.
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Cisco SIP Compliance Reference Information

3xx Response—Redirection Responses

3xx Response

Comments

300 Multiple Choices

301 Moved Permanently

302 Moved Temporarily

In 12.1(1), a second contact is tried only if the first
contact does not return a 180 Ringing, 200 OK, 486
Busy, or a 600 Busy everywhere response. The SIP
gateway does not generate this response. The gateway
contacts the new address in the Contact header field.

305 Use Proxy

380 Alternate Service

The SIP gateway does not generate these responses. The
gateway contacts the new address in the Contact header
field.

4xx Response—Request Failure Responses

4xx Response

Comments

400 Bad Request

The SIP gateway generates a 400 Bad Request response
for a erroneous request. For an incoming response, the
gateway initiates a graceful call disconnect (during
which the caller hears a busy or fast busy tone) before
clearing the call request.

401 Unauthorized

402 Payment Required

403 Forbidden

The SIP gateway does not generate these 4xx responses.
For an incoming response, the gateway initiates a
graceful call disconnect (during which the caller hears a
busy or fast busy tone) before clearing the call request.

404 Not Found

The SIP gateway generates the 404 Not Found response
when it is unable to locate the callee. For an incoming
response, the gateway initiates a graceful call disconnect
(during which the caller hears a busy or fast busy tone)
before clearing the call request.

405 Method Not Allowed

The SIP gateway generates a 405 Method Not Allowed
for an invalid method. For an incoming response, the
gateway initiates a graceful call disconnect (during
which the caller hears a busy or fast busy tone) before
clearing the call request.

406 Not Acceptable

The SIP gateway does not generate a 406 Not Acceptable
response. For an incoming response, the gateway
initiates a graceful call disconnect (during which the
caller hears a busy or fast busy tone) before clearing the
call request.

407 Proxy Authentication Required

408 Request Timeout

409 Conflict

410 Gone

411 Length Required

413 Request Entity Too Large

414 Request—URL Too Long

415 Unsupported Media

The SIP gateway does not generate these 4xx responses.
For an incoming response, the gateway initiates a
graceful call disconnect (during which the caller hears a
busy or fast busy tone) before clearing the call request.

420 Bad Extension

For an incoming response, the gateway initiates a
graceful call disconnect (during which the caller hears a
busy or fast busy tone) before clearing the call request.
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SIP Responses

4xx Response

Comments

480 Temporarily Unavailable

481 Call Leg/Transaction Does Not

Exist

482 Loop Detected

483 Too Many Hops

484 Address Incomplete

485 Ambiguous

486 Busy Here

The SIP gateway does not generate these 4xx responses.
For an incoming response, the gateway initiates a
graceful call disconnect (during which the caller hears a
busy or fast busy tone) before clearing the call request.

5xx Response—Server Failure Responses

5xx Response

Comments

500 Internal Server Error

501 Not Implemented

502 Bad Gateway

503 Service Unavailable

504 Gateway Timeout

505 Version Not Supported

The SIP gateway generates the 500, 503, and 505
responses.

For an incoming response, the SIP gateway sends a new
request if an additional contact address is present. If an
additional contact address is not present, the gateway
initiates a graceful call disconnect.

6xx Response—Global Responses

6xx Response

Comments

600 Busy Everywhere

603 Decline

604 Does Not Exist Anywhere

606 Not Acceptable

The SIP gateway does not generate these 6xx responses.
For an incoming response, the gateway initiates a
graceful call disconnect.
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SIP Header Fields

Header Field Supported?
Accept Yes
Accept-Encoding No
Accept-Language No
Allow Yes
Authorization No
Call-ID Yes
Contact' Yes
Content-Encoding No
Content-Length Yes
Content-Type Yes
Cseq Yes
Date Yes
Encryption No
Expires No
From Yes
Hide No
Max-Forwards No
Organization No
Priority No
Proxy-Authenticate No
Proxy Authorization No
Proxy-Require No
Record-Route No
Require Yes
Response-Key No
Retry-After No
Route No
Server No
Subject No
Timestamp No
To Yes
Unsupported No
User-Agent Yes
Via Yes
Warning Yes
WWW-Authenticate No

1 In Cisco IOS Release 12.1(1), the Contact header is only supported in incoming
3xx responses.
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SIP Transport Layer Protocols

SIP Transport Layer Protocols

Transport Layer Supported? Comments

Protocol

Unicast UDP Yes None.

Multicast UDP No There are two applications for Multicast UDP.
The first application is multicast registration.
Because gateways do not register in the SIP
environment, the multicast registration is not
needed.
The second application is multicast RTP
session which is for future use and is not a
requirement in Cisco IOS Release 12.1(1)T.

TCP Yes None.

SIP Security
Encryption

Encryption Mode Supported? Comments

End-to-end Encryption No IPSEC can be used for security.

Privacy of SIP Responses No None.

Hop-by-Hope Encryption  |No
IPSEC can be used for security.

Via Field Encryption No

Authentication

Encryption Mode No
Basic Authentication No
Digest Authentication No
Proxy Authentication No
PGP No

SIP Session Description Protocol (SDP) Usage

SDP Headers Supported?
v—Protocol version Yes
o—Owner/creator and session Yes

identifier

a—Session name No
c—Connection information Yes
m—Media name and transport Yes

address
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Cisco Connection Online

SIP DNS Records Usage

DNS Resource Record Type Supported?
Type A Yes
Type SRV Yes

Cisco Connection Online

Cisco Connection Online (CCO) is Cisco Systems’ primary, real-time support channel. Maintenance
customers and partners can self-register on CCO to obtain additional information and services.

Available 24 hours a day, 7 days a week, CCO provides a wealth of standard and value-added
services to Cisco’s customers and business partners. CCO services include product information,
product documentation, software updates, release notes, technical tips, the Bug Navigator,
configuration notes, brochures, descriptions of service offerings, and download access to public and
authorized files.

CCO serves a wide variety of users through two interfaces that are updated and enhanced
simultaneously: a character-based version and a multimedia version that resides on the World Wide
Web (WWW). The character-based CCO supports Zmodem, Kermit, Xmodem, FTP, and Internet
e-mail, and it is excellent for quick access to information over lower bandwidths. The WWW version
of CCO provides richly formatted documents with photographs, figures, graphics, and video, as well
as hyperlinks to related information.

You can access CCO in the following ways:
® WWW: http://www.cisco.com

® WWW: http://www-europe.cisco.com
® WWW: http://www-china.cisco.com

® Telnet: cco.cisco.com

® Modem: From North America, 408 526-8070; from Europe, 33 1 64 46 40 82. Use the
following terminal settings: VT100 emulation; databits: 8; parity: none; stop bits: 1; and
connection rates up to 28.8 kbps.

For a copy of CCO’s Frequently Asked Questions (FAQ), contact cco-help@cisco.com. For
additional information, contact cco-team @cisco.com.

Note If you are a network administrator and need personal technical assistance with a Cisco
product that is under warranty or covered by a maintenance contract, contact Cisco’s Technical
Assistance Center (TAC) at 800 553-2447, 408 526-7209, or tac@cisco.com. To obtain general
information about Cisco Systems, Cisco products, or upgrades, contact 800 553-6387,

408 526-7208, or cs-rep@cisco.com.

Documentation CD-ROM

Cisco documentation and additional literature are available in a CD-ROM package, which ships with
your product. The Documentation CD-ROM, a member of the Cisco Connection Family, is updated
monthly. Therefore, it might be more current than printed documentation. To order additional copies
of the Documentation CD-ROM, contact your local sales representative or call customer service.
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Documentation CD-ROM

The CD-ROM package is available as a single package or as an annual subscription. You can also
access Cisco documentation on the World Wide Web at http://www.cisco.com,
http://www-china.cisco.com, or http://www-europe.cisco.com.

If you are reading Cisco product documentation on the World Wide Web, you can submit comments
electronically. Click Feedback in the toolbar and select Documentation. After you complete the
form, click Submit to send it to Cisco. We appreciate your comments.
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Documentation CD-ROM

This document is to be used in conjunction with the publications that shipped with your router.

Access Registrar, AccessPath, Any to Any, AtmDirector, Browse with Me, CCDA, CCDE, CCDP, CCIE, CCNA, CCNP, CCSI, CD-PAC, the Cisco logo, Cisco Certified Internetwork Expert logo,
CiscoLink, the Cisco Management Connection logo, the Cisco NetWorks logo, the Cisco Powered Network logo, Cisco Systems Capital, the Cisco Systems Capital logo, Cisco Systems Networking
Academy, the Cisco Systems Networking Academy logo, the Cisco Technologies logo, ConnectWay, Fast Step, FireRunner, Follow Me Browsing, FormShare, GigaStack, IGX, Intelligence in the Optical
Core, Internet Quotient, IP/VC, Kernel Proxy, MGX, MultiPath Data, MultiPath Voice, Natural Network Viewer, NetSonar, Network Registrar, the Networkers logo, Packet, PIX, Point and Click
Internetworking, Policy Builder, Precept, ScriptShare, Secure Script, ServiceWay, Shop with Me, SlideCast, SMARTnet, SVX, The Cell, TrafficDirector, TransPath, ViewRunner, Virtual Loop Carrier
System, Virtual Service Node, Virtual Voice Line, VisionWay, VlanDirector, Voice LAN, WaRP, Wavelength Router, Wavelength Router Protocol, WebViewer, Workgroup Director, and Workgroup Stack
are trademarks; Changing the Way We Work, Live, Play, and Learn, Empowering the Internet Generation, The Internet Economy, and The New Internet Economy are service marks; and ASIST, BPX,
Catalyst, Cisco, Cisco I0S, the Cisco IOS logo, Cisco Systems, the Cisco Systems logo, the Cisco Systems Cisco Press logo, Enterprise/Solver, EtherChannel, EtherSwitch, FastHub, FastLink, FastPAD,
FastSwitch, GeoTel, 10S, IP/TV, IPX, LightStream, LightSwitch, MICA, NetRanger, Post-Routing, Pre-Routing, Registrar, StrataView Plus, Stratm, TeleRouter, and VCO are registered trademarks of
Cisco Systems, Inc. or its affiliates in the U.S. and certain other countries. All other trademarks mentioned in this document are the property of their respective owners. The use of the word partner does
not imply a partnership relationship between Cisco and any of its resellers. (9912R)

Copyright © 1999, Cisco Systems, Inc.
All rights reserved.

44 Session Initiation Protocol Gateway Call Flows



	Session Initiation Protocol Gateway Call Flows
	The Called User is Busy
	The Called User Does Not Answer
	A Client, Server, or Global Error Has Occurred
	The Called User is Busy
	The Called User Does Not Answer
	A Client, Server, or Global Error Has Occurred
	The Called User is Busy
	A Client or Server Error Has Occurred
	A Global Error Has Occurred
	The Called User is Busy
	The Called User Does Not Answer
	A Client, Server, or Global Error Has Occurred
	1xx Response-Information Responses
	2xx Response-Successful Responses
	3xx Response-Redirection Responses
	4xx Response-Request Failure Responses
	5xx Response-Server Failure Responses
	6xx Response-Global Responses
	Encryption
	Authentication



<<
  /ASCII85EncodePages false
  /AllowTransparency false
  /AutoPositionEPSFiles true
  /AutoRotatePages /All
  /Binding /Left
  /CalGrayProfile (Dot Gain 20%)
  /CalRGBProfile (sRGB IEC61966-2.1)
  /CalCMYKProfile (U.S. Web Coated \050SWOP\051 v2)
  /sRGBProfile (sRGB IEC61966-2.1)
  /CannotEmbedFontPolicy /Warning
  /CompatibilityLevel 1.4
  /CompressObjects /Tags
  /CompressPages true
  /ConvertImagesToIndexed true
  /PassThroughJPEGImages true
  /CreateJDFFile false
  /CreateJobTicket false
  /DefaultRenderingIntent /Default
  /DetectBlends true
  /DetectCurves 0.0000
  /ColorConversionStrategy /LeaveColorUnchanged
  /DoThumbnails false
  /EmbedAllFonts true
  /EmbedOpenType false
  /ParseICCProfilesInComments true
  /EmbedJobOptions true
  /DSCReportingLevel 0
  /EmitDSCWarnings false
  /EndPage -1
  /ImageMemory 1048576
  /LockDistillerParams false
  /MaxSubsetPct 100
  /Optimize true
  /OPM 1
  /ParseDSCComments true
  /ParseDSCCommentsForDocInfo true
  /PreserveCopyPage true
  /PreserveDICMYKValues true
  /PreserveEPSInfo true
  /PreserveFlatness true
  /PreserveHalftoneInfo false
  /PreserveOPIComments false
  /PreserveOverprintSettings true
  /StartPage 1
  /SubsetFonts true
  /TransferFunctionInfo /Apply
  /UCRandBGInfo /Preserve
  /UsePrologue false
  /ColorSettingsFile ()
  /AlwaysEmbed [ true
  ]
  /NeverEmbed [ true
  ]
  /AntiAliasColorImages false
  /CropColorImages true
  /ColorImageMinResolution 300
  /ColorImageMinResolutionPolicy /OK
  /DownsampleColorImages true
  /ColorImageDownsampleType /Bicubic
  /ColorImageResolution 300
  /ColorImageDepth -1
  /ColorImageMinDownsampleDepth 1
  /ColorImageDownsampleThreshold 1.50000
  /EncodeColorImages true
  /ColorImageFilter /DCTEncode
  /AutoFilterColorImages true
  /ColorImageAutoFilterStrategy /JPEG
  /ColorACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /ColorImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000ColorACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000ColorImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasGrayImages false
  /CropGrayImages true
  /GrayImageMinResolution 300
  /GrayImageMinResolutionPolicy /OK
  /DownsampleGrayImages true
  /GrayImageDownsampleType /Bicubic
  /GrayImageResolution 300
  /GrayImageDepth -1
  /GrayImageMinDownsampleDepth 2
  /GrayImageDownsampleThreshold 1.50000
  /EncodeGrayImages true
  /GrayImageFilter /DCTEncode
  /AutoFilterGrayImages true
  /GrayImageAutoFilterStrategy /JPEG
  /GrayACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /GrayImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000GrayACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000GrayImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasMonoImages false
  /CropMonoImages true
  /MonoImageMinResolution 1200
  /MonoImageMinResolutionPolicy /OK
  /DownsampleMonoImages true
  /MonoImageDownsampleType /Bicubic
  /MonoImageResolution 1200
  /MonoImageDepth -1
  /MonoImageDownsampleThreshold 1.50000
  /EncodeMonoImages true
  /MonoImageFilter /CCITTFaxEncode
  /MonoImageDict <<
    /K -1
  >>
  /AllowPSXObjects false
  /CheckCompliance [
    /None
  ]
  /PDFX1aCheck false
  /PDFX3Check false
  /PDFXCompliantPDFOnly false
  /PDFXNoTrimBoxError true
  /PDFXTrimBoxToMediaBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXSetBleedBoxToMediaBox true
  /PDFXBleedBoxToTrimBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXOutputIntentProfile ()
  /PDFXOutputConditionIdentifier ()
  /PDFXOutputCondition ()
  /PDFXRegistryName ()
  /PDFXTrapped /False

  /Description <<
    /CHS <FEFF4f7f75288fd94e9b8bbe5b9a521b5efa7684002000500044004600206587686353ef901a8fc7684c976262535370673a548c002000700072006f006f00660065007200208fdb884c9ad88d2891cf62535370300260a853ef4ee54f7f75280020004100630072006f0062006100740020548c002000410064006f00620065002000520065006100640065007200200035002e003000204ee553ca66f49ad87248672c676562535f00521b5efa768400200050004400460020658768633002>
    /CHT <FEFF4f7f752890194e9b8a2d7f6e5efa7acb7684002000410064006f006200650020005000440046002065874ef653ef5728684c9762537088686a5f548c002000700072006f006f00660065007200204e0a73725f979ad854c18cea7684521753706548679c300260a853ef4ee54f7f75280020004100630072006f0062006100740020548c002000410064006f00620065002000520065006100640065007200200035002e003000204ee553ca66f49ad87248672c4f86958b555f5df25efa7acb76840020005000440046002065874ef63002>
    /DAN <>
    /DEU <>
    /ESP <>
    /FRA <>
    /ITA <>
    /JPN <>
    /KOR <FEFFc7740020c124c815c7440020c0acc6a9d558c5ec0020b370c2a4d06cd0d10020d504b9b0d1300020bc0f0020ad50c815ae30c5d0c11c0020ace0d488c9c8b85c0020c778c1c4d560002000410064006f0062006500200050004400460020bb38c11cb97c0020c791c131d569b2c8b2e4002e0020c774b807ac8c0020c791c131b41c00200050004400460020bb38c11cb2940020004100630072006f0062006100740020bc0f002000410064006f00620065002000520065006100640065007200200035002e00300020c774c0c1c5d0c11c0020c5f40020c2180020c788c2b5b2c8b2e4002e>
    /NLD (Gebruik deze instellingen om Adobe PDF-documenten te maken voor kwaliteitsafdrukken op desktopprinters en proofers. De gemaakte PDF-documenten kunnen worden geopend met Acrobat en Adobe Reader 5.0 en hoger.)
    /NOR <>
    /PTB <>
    /SUO <>
    /SVE <>
    /ENU (Use these settings to create Adobe PDF documents for quality printing on desktop printers and proofers.  Created PDF documents can be opened with Acrobat and Adobe Reader 5.0 and later.)
  >>
  /Namespace [
    (Adobe)
    (Common)
    (1.0)
  ]
  /OtherNamespaces [
    <<
      /AsReaderSpreads false
      /CropImagesToFrames true
      /ErrorControl /WarnAndContinue
      /FlattenerIgnoreSpreadOverrides false
      /IncludeGuidesGrids false
      /IncludeNonPrinting false
      /IncludeSlug false
      /Namespace [
        (Adobe)
        (InDesign)
        (4.0)
      ]
      /OmitPlacedBitmaps false
      /OmitPlacedEPS false
      /OmitPlacedPDF false
      /SimulateOverprint /Legacy
    >>
    <<
      /AddBleedMarks false
      /AddColorBars false
      /AddCropMarks false
      /AddPageInfo false
      /AddRegMarks false
      /ConvertColors /NoConversion
      /DestinationProfileName ()
      /DestinationProfileSelector /NA
      /Downsample16BitImages true
      /FlattenerPreset <<
        /PresetSelector /MediumResolution
      >>
      /FormElements false
      /GenerateStructure true
      /IncludeBookmarks false
      /IncludeHyperlinks false
      /IncludeInteractive false
      /IncludeLayers false
      /IncludeProfiles true
      /MultimediaHandling /UseObjectSettings
      /Namespace [
        (Adobe)
        (CreativeSuite)
        (2.0)
      ]
      /PDFXOutputIntentProfileSelector /NA
      /PreserveEditing true
      /UntaggedCMYKHandling /LeaveUntagged
      /UntaggedRGBHandling /LeaveUntagged
      /UseDocumentBleed false
    >>
  ]
>> setdistillerparams
<<
  /HWResolution [2400 2400]
  /PageSize [612.000 792.000]
>> setpagedevice


