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of Section 10 of RFC2026 except that the right to produce derivative
works is not granted.

Internet-Drafts are working docunents of the Internet Engi neering
Task Force (I ETF), its areas, and its working groups. Note that other
groups may al so distribute working docunents as Internet-Drafts.

Internet-Drafts are draft docunments valid for a maxi num of six nonths
and may be updated, replaced, or obsol eted by other docunents at any
time. It is inappropriate to use Internet-Drafts as reference
material or to cite themother than as "work in progress.”

The list of current Internet-Drafts can be accessed at
http://ww. ietf.org/ietf/1lid-abstracts.txt

The list of Internet-Draft Shadow Directories can be accessed at
http://ww. ietf.org/shadow. htm .

Abstr act

Thi s docunent specifies interworking between the Session Initiation
Protocol (SIP) and @SIGw thin corporate networks. SIP is an Internet
application-layer control (signalling) protocol for creating,

nodi fying, and termi nating sessions wth one or nore partici pants.
These sessions include, in particular, tel ephone calls. @SIGis a
signalling protocol for creating, nodifying and termnating circuit-
switched calls, in particular telephone calls, within Private

I ntegrated Services Networks (PISNs). QSIGis specified in a nunber
of ECMA St andards and published al so as |1 SO | EC st andards.

As the support of telephony within corporate networks evolves from
circuit-swtched technology to Internet technol ogy, the two
technologies will co-exist in many networks for a period, perhaps
several years. Therefore there is a need to be able to establish,
nodi fy and term nate sessions involving a participant in the SIP
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network and a participant in the QSI G network. Such calls are
supported by gateways that performinterworking between SIP and Sl G

This docunment is a product of the authors' activities in ECVA
(www. ecma. ch) on interoperability of @QSIGw th | P networks.
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nt r oducti on

Thi s docunent specifies signalling interworking between "QSIG' and
the Session Initiation Protocol (SIP) in support of basic services
within a corporate tel ecommuni cation network (CN).

"BIG is a signalling protocol that operates at the Q reference
poi nt between Private Integrated Services eXchanges (PINX) within a
Private Integrated Services Network (PISN). The Q reference point is
defined in ECMA-133. A PISN provides circuit-sw tched basic services
and suppl enentary services to its users. SIGis specified in ECVA
Standards, in particular ECVA-143 (call control in support of basic
services), ECMA-165 (generic functional protocol for the support of
suppl ementary services) and a nunber of Standards specifying

i ndi vi dual suppl enmentary services.

SIP is an application |ayer protocol for establishing, term nating
and nodifying nultinmedia sessions. It is typically carried over IP.
Tel ephone calls are considered as a type of nmultinmedia session where
just audio is exchanged. SIP is defined in | ETF RFC 3261.
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Thi s docunment specifies signalling interworking for basic services
that provide a bi-directional transfer capability for speech, DTM,
facsimle and nodem nedi a between a PI SN enpl oyi ng QSI G and a
corporate IP network enploying SIP. Call-related and call-i ndependent
signalling in support of supplenentary services is outside the scope
of this specification.

I nt erwor ki ng between QSIG and SIP permts a call originating at a
user of a PISNto termnate at a user of a corporate IP network, or a
call originating at a user of a corporate IP network to term nate at
a user of a PISN.

I nt erwor ki ng between a PI SN enpl oying QSI G and a public I P network
enploying SIP is outside the scope of this specification. However,
the functionality specified in this specification is in principle
applicable to such a scenari o when deployed in conjunction with other
rel evant functionality (e.g., nunber translation, security functions,
etc.).

This specification is applicable to any interworking unit that can
act as a gateway between a PI SN enploying QSI G and a corporate IP
net wor k enpl oyi ng Sl P.

2 Term nol ogy

In this docunment, the key words "MJST", "MJST NOT", "REQUI RED',
"SHALL", "SHALL NOT", "SHOULD', "SHOULD NOT", "RECOMMVENDED', " NAY",
and "OPTIONAL" are to be interpreted as described in RFC 2119 [2] and
i ndi cate requirenent |levels for conpliant SIP inplenentations.

3 Definitions

For the purposes of this specification, the follow ng definitions
apply.

3.1 External definitions

This specification uses the following terns defined in other
docunent s:

-Cal | (ECWVA-307)

- Corporate tel ecommuni cati on network (CN) (ECVA-307)

-Private Integrated Services Network (PlISN) (ECVA-307)

-Private Integrated services Network eXchange (PINX) (ECVA-133)

Additionally the definitions in ECMA-143 and | ETF RFC 3261 apply as
appropri at e.
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3.2 Oher definitions
3.2.1 Gat eway

An entity that perforns interworking between a PI SN using QSI G and an
I P network using SIP.

3.2.2 | P network

A network, unless otherwi se stated a corporate network, offering
connecti onl ess packet-nobde services based on the Internet Protoco
(I'P) as the network |ayer protocol.

3.2.3 Media stream

Audi o or other user information transmtted in UDP packets, typically
containing RTP, in a single direction between the gateway and a peer
entity participating in a session established using SIP

NOTE. Normally a SIP session establishes a pair of nedia streans, one
in each direction.

4 Acronyns

DNS  Domai n Name Service

PINX Private Integrated services Network eXchange
PISN Private Integrated Services Network
RTP  Real -tine Transport Protocol

SCTP Stream Control Transm ssion Protocol
SDP  Session Description Protocol

SIP Session Initiation Protocol

TCP  Transm ssion Control Protoco

TLS Transport Layer Security

TU Transacti on User

UA User Agent

UAC User Agent Cient

UAS User Agent Server

UDP  User Datagram Protocol

5 Architecture

Thi s docunent specifies signalling protocol interworking aspects of a
gat eway between a PI SN enpl oying QSI G signalling and an | P network
enploying SIP signalling. The gateway appears as a PINX to ot her
PINXs in the PISN. The gateway appears as a SIP endpoint to other SIP
entities in the IP network. The environnent is shown in figure 1.
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Figure 1 — Environnent

In addition to the signalling interworking functionality specified in
this specification, it is assunmed that the gateway al so includes the
follow ng functionality:

-one or nore physical interfaces on the PISN side supporting one or
nmore inter-PINX |inks, each link providing one or nore constant bit
rate channels for nedia information and a reliable | ayer 2 connection
for transporting QSIG signalling nessages; and

-one or nore physical interfaces on the IP network side supporting,
through | ayer 1 and layer 2 protocols, |P as the network |ayer

prot ocol and UDP (RFC 768) and TCP (RFC 761) as transport |ayer
protocols, these being used for the transport of SIP signalling
nmessages and, in the case of UDP, also for nedia information;

-optionally the support of TLS (RFC 2246) and/or SCTP (RFC 2960) as
addi tional transport |ayer protocols on the IP netwrk side, these
bei ng used for the transport of SIP signalling nessages; and

-a nmeans of transferring nedia information in each direction between
the PISN and the IP network, including as a m ni num packeti zati on of
medi a information sent to the IP network and de- packeti zati on of
medi a i nformation received fromthe | P network.

NOTE. RFC 3261 nandates support for both UDP and TCP for the

transport of SIP nessages and all ows optional support for TLS and/ or
SCTP for this sane purpose.
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The protocol nodel relevant to signalling interworking functionality
of a gateway is shown in figure 2.

| | oner |ayers |
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e + | |

I I
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T + e +
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|

I

+

Figure 2 — Protocol nodel

In figure 2, the SIP box represents SIP syntax and encoding, the SIP
transport |ayer and the SIP transaction |layer. The |nterworKking
function includes SIP Transaction User (TU) functionality.

6 Overvi ew

The gat eway naps received QSI G nessages, where appropriate, to SIP
nessages and vice versa. Annex A gives exanples of typical nessage
sequences that can ari se.

7 Ceneral requirenents

In order to conformto this specification, a gateway SHALL support
Q&SI G in accordance with ECVA- 143 as a gateway and SHALL support SIP
in accordance with I ETF RFC 3261 as a UA. In particular the gateway
SHALL support SIP syntax and encoding, the SIP transport |ayer and
the SIP transaction layer in accordance with RFC 3261. I n addition,
t he gateway SHALL support SIP TU behaviour for a UA in accordance
with RFC 3261 except where stated otherwise in this specification

NOTE 1. RFC 3261 nandates that a SIP entity support both UDP and TCP

as transport |layer protocols for SIP nmessages. Qther transport |ayer
protocol s can al so be supported.
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The gateway SHALL al so support SIP reliable provisional responses in
accordance with | ETF RFC BBBB as a UA

NOTE 2. RFC BBBB nakes provision for recovering froml oss of
provi si onal responses (other than 100) to INVITE requests when using
unreliable transport services in the IP network. This is inportant
for ensuring delivery of responses that map to essential QI G
nessages.

The gateway SHALL support SDP in accordance with RFC 2327 and its use
in accordance with the offer / answer nodel in RFC CCCC.

The gateway SHALL support calls fromQ@IGto SIP and calls from SIP
to QSI G

SI P nethods not defined in RFC 3261 or RFC BBBB are outside the scope
of this specification but could be the subject of other
specifications for interworking with @QSIG e.g., for interworking in
support of suppl enentary services.

As a result of DNS | ook-up by the gateway in order to determ ne where
to send a SIP INVITE request, a nunber of candi date destinations can
be attenpted in sequence. The way in which this is handl ed by the
gateway is outside the scope of this specification. However, any
behavi our specified in this docunment on receipt of a SIP fina
response SHOULD apply only when a final response is received and
there are no nore candi date destinations to try.

8 Message mappi ng requirenents
8.1 Message validation and handling of protocol errors

The gateway SHALL validate received QSI G nessages in accordance with
the requi renents of ECMA-143 and SHALL act in accordance with

ECMA- 143 on detection of a QSI G protocol error. The requirenents of
this section for acting on a received QSI G nessage apply only to a
recei ved SI G nessage that has been successfully validated and that
satisfies one of the follow ng conditions:

-the QSI G nessage is a SETUP nessage and indicates a destination in
the | P network and a bearer capability for which the gateway is able
to provide interworking; or

-the @S5I G nessage is a nessage other than SETUP and contains a cal
reference that identifies an existing call for which the gateway is
provi di ng i nterworking between QSIG and Sl P.

The processing of any valid QSI G nessage that does not satisfy any of
t hese conditions is outside the scope of this specification.
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The gateway SHALL validate received SIP nessages (requests and
responses) in accordance with the requirenents of | ETF RFC 3261 and
SHALL act in accordance wth I ETF RFC 3261 on detection of a SIP
protocol error. Requirenents of this section for acting on a received
SIP nessage apply only to a received nessage that has been
successfully validated and that satisfies one of the foll ow ng
condi ti ons:

-the SIP nessage is an I NVI TE request that contains no tag paraneter
in the To header field, does not match an ongoing transaction (i.e.,
is not a nerged request, see 8.2.2.2 of RFC 3261) and indicates a
destination in the PISN for which the gateway is able to provide

i nt erwor ki ng; or

-the SIP nessage is a request that relates to an existing dial og
representing a call for which the gateway is providing interworking
between QSI G and SIP; or

-the SIP nmessage is a CANCEL request that relates to a received

I NVI TE request for which the gateway is providing interworking with
QS G but for which the only response sent is informational (1xx), no
di al og havi ng been confirned; or

-the SIP nessage is a response to a request sent by the gateway in
accordance with this section.

The processing of any valid SIP nessage that does not satisfy any of
these conditions is outside the scope of this specification.

NOTE. These rules nean that an error detected in a received nessage
will not be propagated to the other side of the gateway. However,
there can be an indirect inpact on the other side of the gateway,
e.g., the initiation of call clearing procedures.

8.2 Call establishnment fromQ@IGto SIP
8.2.1 Call establishment from QSIGto SIP using enbl oc procedures

The foll ow ng procedures apply when the gateway receives a QSI G SETUP
nmessage containing a Sending Conplete information el ement or the
gateway receives a SI G SETUP nessage and is able to determ ne that
the nunber in the Called party nunber information elenent is
conpl et e.

NOTE. The neans by which the gateway determ nes the nunber to be

conplete is an inplenentation matter. It can invol ve know edge of the
nunbering plan and/or use of inter-digit tinmer expiry.
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8.2.1.1 Receipt of QSI G SETUP nessage

On receipt of a QSI G SETUP nessage contai ning a nunber that the
gateway determ nes to be conplete in the Called party nunber
information el enment, or containing a Sending conplete information
el enent and a nunber that the gateway cannot determ ne to be

conpl ete, the gateway SHALL map the QSI G SETUP nessage to a SIP

I NVI TE request. The gateway SHALL al so send a QSI G CALL PROCEEDI NG
nessage.

The gateway SHALL generate the SIP Request-URI, To and Fromfields in
the SIP I NVITE request in accordance with section 9. The gateway
SHALL include in the INVITE request a Supported header contai ning
option tag 100rel, to indicate support for RFC BBBB

The gateway SHALL include SDP information in the SIP I NVITE request
as described in section 10.

On receipt of a QSI G SETUP nessage contai ning a Sending conpl ete
information el ement and a nunber that the gateway deternmines to be
inconplete in the Called party nunber information el enent, the
gateway SHALL initiate QSI G call clearing procedures using cause
val ue 28 “invalid nunber format (address inconplete)”.

If information in the QSI G SETUP nessage i s unsuitable for generating
any of the mandatory fields in a SIP INVITE request (e.g., if a
Request - URI cannot be derived fromthe QSIG Call ed party nunber
information element) or for generating SDP information, the gateway
SHALL NOT issue a SIP INVITE request and SHALL initiate QSI G cal

cl earing procedures in accordance wth ECVA- 143.

8.2.1.2 Receipt of SIP 100 (Trying) response

A SIP 100 response SHALL NOT trigger any QSI G nessages. It only
serves the purpose of suppressing |INVITE request retransm ssions.

8.2.1.3 Receipt of SIP 18x provisional response

The gateway SHALL map a received SIP 18x response to a Sl G PROGRESS
or ALERTI NG nessage based on the follow ng conditions.

-If a SIP 180 response is received and no QSI G ALERTI NG nessage has
been sent, the gateway SHALL generate a QSI G ALERTI NG nessage. The
QSI G ALERTI NG nessage SHALL contain a Progress indicator information
el enent contai ning progress description nunber 8. |If the SDP answer
has been received, the gateway SHALL connect the nedia streans to the
correspondi ng user information channel of the inter-PINX link. If the
SDP answer has not been received, the gateway SHALL supply ring-back
tone on the user information channel of the inter-PINX link. If the
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SDP answer is subsequently received, the gateway SHALL stop ring-back
tone and connect the nedia streans to the correspondi hg user
i nformati on channel of the inter-PINX |ink.

-If a SIP 181/182/ 183 response is received, no Sl G ALERTI NG nessage
has been sent, no QSI G PROGRESS nessage contai ni ng progress
description nunber 8 has been sent and the SDP answer has been

recei ved, the gateway SHALL generate a QSI G PROGRESS nessage. The
Sl G PROGRESS nessage SHALL contain progress description nunber 8 in
a Progress indicator information el enent. The gateway SHALL al so
connect the nedia streans to the correspondi ng user information
channel of the inter-PINX |ink.

-If a SIP 181/ 182/ 183 response is received, no QSI G ALERTI NG nessage
has been sent, no QSI G PROGRESS nessage contai ning progress
description nunber 1 or 8 has been sent and the SDP answer has not
been received, the gateway SHALL generate a QSI G PROGRESS nessage.
The QSI G PROGRESS nessage SHALL contain progress description nunber 1
in a Progress indicator information el ement.

NOTE. This will ensure that QSIG tiner T310 is stopped if running at
the Originating PlINX

In all other scenarios the gateway SHALL NOT map the SIP 18x response
to a SI G nessage.

If the SIP 18x response contains a Require header with option tag
100rel, the gateway SHALL send back a SIP PRACK request.

8.2.1.4 Receipt of SIP 2xx response

If the gateway receives a SIP 200 (OK) response as the first SIP 200
response to a SIP INVITE request, the gateway SHALL map the SIP 200
(OK) response to a QSI G CONNECT nessage. The gateway SHALL al so send
a SIP ACK request to acknow edge the 200 (OK) response. The gat eway
SHALL NOT include any SDP information in the SIP ACK request. If the
gateway receives further 200 (OK) responses, it SHALL respond to each
in accordance with RFC 3261 and SHALL NOT generate any further QSIG
nmessages.

The SDP answer will now have been received. The gateway SHALL connect
the nedia streans to the correspondi ng user-informati on channel on
the inter-PINX link if it has not already done so.

If the SIP 200 (OK) response is received in response to the SIP PRACK
request, the gateway SHALL NOT nmap this nessage to any QSI G nessage.

If the gateway receives a SIP 2xx response other than 200 (OK), the
gateway SHALL send a SIP ACK request.
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NOTE. A SIP 200 (OK) response can be received |later as a result of a
for ki ng proxy.

8.2.1.5 Recei pt of SIP 3xx response

On receipt of a SIP 3xx response, the gateway SHALL act in accordance
with RFC 3261

NOTE. This will normally result in sending a new SIP I NVITE request.

Unl ess the gateway supports the QSIG Call Diversion Suppl enentary
Service, no SI G nessage SHALL be sent. The definition of Cal

Di version Supplenmentary Service for @QSIGto SIP interworking is
beyond the scope of this specification.

8.2.2 Call establishment fromQSIGto SIP using overlap procedures

SIP uses en-bloc signalling and it is strongly RECOMVENDED to avoid
using overlap signalling in a SIP network. A SIP/ QSI G gateway dealing
with overlap signalling, SHOULD perform a conversion fromoverlap to
en- bl oc signalling nethod using one or nore of the follow ng

mechani sms:

-tinmers;
-nunbering plan informtion;

-the presence of a Sending conplete information elenent in a received
QS G | NFORMVATI ON nessage.

If the gateway perforns a conversion fromoverlap to en-bl oc
signalling in the SIP network then the procedures defined in 8.2.2.1
SHALL apply.

However, for sone applications it mght be inpossible to avoid using
overlap signalling in the SIP network. In this case the procedures
defined in 8.2.2.2 SHALL apply.

8.2.2.1 Enbloc signalling in SIP network
8.2.2.1.1 Receipt of QSI G SETUP nessage

On receipt of a QSI G SETUP nessage contai ning no Sendi ng conpl ete
information el enent and a nunber in the Called party nunber
information el enent that the gateway cannot determ ne to be conplete,
the gateway SHALL send back a QSI G SETUP ACKNOALEDGE nessage, start
QI G T302 tinmer and await further nunber digits.

Elwell et alia Expires - QOctober 2002 [ Page 12]



I nt erwor ki ng between SIP and QSI G April 2002

8.2.2.1.2 Receipt of QSIG | NFORMATI ON nessage

On recei pt of each QSI G | NFORVATI ON nessage contai ni ng no Sendi ng
conplete information el ement and contai ning a nunber that the gateway
cannot determ ne to be conplete, timer T302 SHALL be restarted. Wen
T302 expires or a QSI G | NFORVATI ON nessage contai ning a Sendi ng
conplete information elenment is received the gateway SHALL send a SIP
I NVI TE request as described in 8.2.1.1. The Request-URI and To fields
(see section 9) SHALL be generated fromthe concatenation of
information in the Called party nunber infornmation elenment in the
recei ved QSI G SETUP and | NFORMATI ON nessages. The gateway SHALL al so
send a @SI G CALL PROCEEDI NG nessage.

8.2.2.1.3 Receipt of SIP responses
SI P responses SHALL be mapped as described in 8.2.1.
8.2.2.2 Overlap signalling in SIP network

8.2.2.2.1 Receipt of QSIG SETUP nessage

On receipt of a @I G SETUP nessage contai ning no Sendi ng conpl ete
information el ement and a nunber in the Called party nunber
informati on el ement that the gateway cannot determ ne to be conplete,
the gateway SHALL send back a QSI G SETUP ACKNOALEDGE nessage and
start @SIGtinmer T302. If the QSI G SETUP nessage contains the m nimum
nunber of digits required to route the call in the IP network, the
gateway SHALL send a SIP INVITE request as specified in 8.2.1.1.

O herwi se the gateway SHALL wait for nore digits to arrive in QSIG

I NFORVATI ON nessages.

8.2.2.2.2 Recei pt of QSI G I NFORVATI ON nessage

On receipt of a QSI G | NFORVATI ON nessage the gateway SHALL restart
the QSI G T302 tinmer. Further behaviour of the gateway SHALL depend on
whet her or not it has already sent a SIP INVITE request. |If the
gateway has not sent a SIP INVITE request and it now has the m ni nmum
nunber of digits required to route the call, it SHALL send a SIP

I NVI TE request as specified in 8.2.2.1.2. If the gateway still does
not have the m ni mum nunber of digits required than it SHALL wait for
nmore QSI G | NFORMATI ON nessages to arrive.

If the gateway has already sent one or nore SIP INVITE requests, and
whet her or not final responses to those requests have been received,
it SHALL send a new SIP INVITE request with the new digits. The new
SIP INVITE request SHALL have the sane Call-I1D as the first SIP

I NVI TE request sent but SHALL have updated Request-URlI and To fi el ds.
The updated Request-URI and To fields (see section 9) SHALL be
generated fromthe concatenation of information in the Called party
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nunber information elenent in the received QI G SETUP and | NFORMATI ON
nessages.

NOTE. The first SIP INVITE request and all subsequent SIP |INVITE
requests sent in this way belong to the sane call but to different
di al ogs.

8.2.2.2.3 Receipt of SIP 100 (Trying) response
The requirements of 8.2.1.2 SHALL apply.

8.2.2.2.4 Receipt of SIP 18x provisional response
The requirenents of 8.2.1.3 SHALL apply.

8.2.2.2.5 Recei pt of SIP 2xx response
The requirements of 8.2.1.4 SHALL apply.

8.2.2.2.6 Receipt of SIP 3xx response
The requirenents of 8.2.1.5 SHALL apply.

8.2.2.2.7 Receipt of a SIP 484 (Address |Inconpl ete) response
The SIP 484 response indicates that nore digits are required to
conplete the call. On receipt of a SIP 484 response the gateway SHALL
send back a SIP ACK request. The gateway SHALL al so send a SI G
DI SCONNECT nessage if either of the follow ng conditions apply:

-T302 expires and all the SIP INVITE requests sent have been answered
with a final response other than 200 OK; or

-a SI G | NFORMATI ON nessage contai ning a Sending conplete information
el ement has been received and all the SIP INVITE requests sent have
been answered with a final response (other than 200 CK).

In all other cases the receipt of a SIP 484 response SHALL NOT
trigger the sending of any QSI G nessage.

8.2.2.2.8 Receipt of a SIP 4xx (except 484), 5xx or 6xXx response
If a SIP 4xx (except 484), 5xx or 6xx final response arrives for a
pending SIP INVITE transaction, the gateway SHALL send a SIP ACK
request. If this occurs before T302 has expired, the gateway shal
either send a QSI G DI SCONNECT nessage (8.4.4) or behave as for a SIP
484 response (8.2.2.2.7).

8.2.2.2.9 Receipt of multiple SIP responses
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The responses to all the SIP I NVITE requests sent except for the | ast
one are typically SIP 4xx responses (e.g. 484 (Address Inconplete))
that termnate the SIP I NVITE transaction

However, the gateway can receive a SIP 183 (Session Progress)
response with a nedia description. The nedia streamw || typically
contain a nessage such as ".\W are trying to connect you...". The

i ssue of receiving different SIP 183 (Session Progress) responses
with nmedia descriptions for different SIP INVITE transactions is a
gateway concern. The gateway SHOULD deci de which nedia stream (if
any) are to be played to the user.

8.2.2.2.10 Cancelling pending SIP INVITE transactions

When a gateway sends a new SIP I NVITE request containing new digits,
it SHOULD NOT send a SIP CANCEL request to cancel the previous SIP

I NVI TE transaction. This SIP CANCEL request could arrive at an egress
gateway before the new SIP I NVITE request and trigger premature cal

cl eari ng.

NOTE. Previous SIP INVITE transactions can be expected to result in
SI P 4xx cl ass responses, which term nate the transacti on.

8.2.2.2.11 SIP INVITE requests reaching nultiple gateways

Each SIP I NVITE request sent by a gateway represents a new
transacti on and hence can be routed differently. For instance, the
first SIP INVITE request mght be routed to a particul ar egress
gateway and a subsequent SIP INVITE request to another gateway. The
result is that both gateways initiate call establishment in the
renote network. Since one of the call establishnents has an

i nconpl ete destination nunber, it can be expected to fail, having
al ready consuned resources in the renote network.

To avoid this problemit is RECOWENDED that all the SIP I NVITE
requests should follow the sane path as the first one. This would
however restrict the nunber of services the SIP network can provide.
It would not be possible to route a subsequent SIP I NVITE request to
an application server just because the previous one was routed in a
di fferent way.

This i ssue should be taken into consideration before using overlap
signalling in SIP. If initiating multiple call establishnents in the

renmote network is not acceptable in a particular application, overlap
signal ling SHOULD NOT be used.

8.3 Call Establishnment fromSIP to QSIG

Elwell et alia Expires - QOctober 2002 [ Page 15]



I nt erwor ki ng between SIP and QSI G April 2002

8.3.1 Receipt of SIP INVITE request for a new call

On receipt of a SIP INVITE request for a new call, the gateway SHALL
generate a QSI G SETUP nessage fromthe received SIP I NVITE request.
The gateway SHALL generate the Called party nunber and Calling party
nunber information elenments in accordance with section 9 and SHALL
generate the Bearer capability information elenment in accordance with
section 10. If the gateway can deternmi ne that the nunber placed in
the Called party nunber information elenent is conplete, the gateway
MAY i nclude the Sending conplete information el enent.

NOTE 1. The means by which the gateway determ nes the nunber to be
conplete is an inplenmentation matter. It can involve know edge of the
nunberi ng plan and/or use of the inter-digit tiner.

The gateway SHOULD send a SIP 100 (Trying) response.

If information in the SIP INVITE request is unsuitable for generating
any of the mandatory information elenents in a QSI G SETUP nessage
(e.g., if a QSIG Called party nunber infornmation el enment cannot be
derived from SIP Request-URI field), the gateway SHALL NOT issue a
@Sl G SETUP nessage and SHALL send a SIP 4xx, 5xx or 6Xxx response.

If the SIP INVITE request does not contain SDP information and does
not contain either a Required header or a Supported header with
option tag 100rel, the gateway SHALL NOT issue a SI G SETUP nessage
and SHALL send a SIP 488 (Not Acceptable Here) response.

NOTE 2. The absence of SDP offer information in the SIP I NVITE
request means that the gateway m ght need to send SDP offer
information in a provisional response in order to ensure that tones
and announcenents fromthe PISN are transmtted. SDP offer

i nformati on cannot be sent in an unreliable provisional response
because the SDP answer woul d need to be returned in a SIP PRACK
request.

On receipt of a SIP INVITE request relating to a call that has
al ready been established fromSIP to Q@I G the procedures of 8.3.9
SHALL apply.

8.3.2 Receipt of QSI G CALL PROCEEDI NG nessage

The recei pt of a QSI G CALL PROCEEDI NG nessage SHALL NOT result in any
SI P nessage being sent.

8. 3.3 Recei pt of QSI G PROGRESS nessage

A SI G PROGRESS nessage can be received in the event of interworking
at the egress fromthe PISNor if the PISNis usable to conplete the
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call and generates an in-band tone or announcenent. In the latter
case a Cause information elenent is included in the QSI G PROGRESS
nmessage.

The gateway SHALL map a received QSI G PROGRESS nessage to a SIP 183
(Session Progress) response. If the SIP I NVITE request contai ned
either a Require header or a Supported header with option tag 100rel,
the gateway SHALL include in the SIP 183 response a Require header
with option tag 100rel.

If the QSI G PROGRESS nessage contained a Progress indicator
information el enent with Progress description nunber 1 or 8, the
gateway SHALL connect the nedia streans to the correspondi hg user
informati on channel of the inter-PINX link if it has not already done
so, provided the SDP answer is included in the transmtted SIP
response or has already been sent or received. Inclusion of SDP offer
or answer information in the 183 provisional response SHALL be in
accordance wth 8.3.5

If the QSI G PROGRESS nessage is received wwth a Cause information

el emrent, the gateway SHALL either wait until the tone/announcenent is
conplete or has been applied for sufficient tine before initiating
call clearing, or wait for a SIP CANCEL request. If call clearing is
initiated, the cause value in the QSI G PROGRESS nessage SHALL be used
to derive the response to the SIP INVITE request in accordance with
table 1.

8.3.4 Recei pt of QSI G ALERTI NG nessage

The gateway SHALL map a QSI G ALERTI NG nessage to a SIP 180 (R ngi ng)
response. If the SIP INVITE request contained either a Require header
or a Supported header with option tag 100rel, the gateway SHALL
include in the SIP 180 response a Require header with option tag
100rel .

If the QSI G ALERTI NG nessage contai ned a Progress indicator
information el ement with Progress description nunber 1 or 8, the
gateway SHALL connect the nmedia streans to the correspondi ng user

i nformati on channel of the inter-PINX link if it has not already done
so, provided the SDP answer is included in the transmtted SIP
response or has already been sent or received. Inclusion of SDP offer
or answer information in the 180 provisional response SHALL be in
accordance with 8.3.5

8.3.5 Inclusion of SDP information in a SIP 18x provisional response

When sending a SIP 18x provisional response, the gateway SHALL
i nclude SDP information in accordance with the follow ng rules.
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If the SIP INVITE request contained a Required or Supported header
with option tag 100rel, and if SDP offer and answer have al ready been
exchanged, no SDP SHALL be included in the SIP 18x provisiona
response.

If the SIP INVITE request contained a Required or Supported header
wth option tag 100rel, and if SDP offer was received in the SIP

I NVI TE request but no SDP answer has been sent, SDP answer SHALL be
included in the SIP 18x provisional response.

If the SIP INVITE request contained a Required or Supported header
wth option tag 100rel, and if no SDP offer was received in the SIP
I NVI TE request and no SDP of fer has already been sent, SDP offer
SHALL be included in the SIP 18x provisional response.

NOTE 1. In this case, SDP answer can be expected in the SIP PRACK

If the SIP INVITE request contained neither a Required nor a
Supported header with option tag 100rel, SDP answer SHALL be i ncl uded
in the SIP 18x provisional response.

NOTE 2. Because the provisional response is unreliable, SDP answer
needs to be repeated in each provisional response and in the fina
SI P 2xx response.

NOTE 3. If the SIP INVITE request contained no SDP offer and neither
a Required nor a Supported header with option tag 100rel, it should
have been rejected in accordance with 8. 3. 1.

8.3.6 Receipt of QSI G CONNECT nessage

The gateway SHALL map a QSI G CONNECT nessage to a SIP 200 (OK) final
response for the SIP INVITE request. The gateway SHALL al so send a
Sl G CONNECT ACKNOALEDGE nessage.

If the SIP INVITE request contained a Required or Supported header
with option tag 100rel, and if SDP offer and answer have already been
exchanged, no SDP SHALL be included in the SIP 200 response.

If the SIP INVITE request contained a Required or Supported header
with option tag 100rel, and if SDP offer was received in the SIP

I NVI TE request but no SDP answer has been sent, SDP answer SHALL be
included in the SIP 200 response.

If the SIP INVITE request contained a Required or Supported header
with option tag 100rel, and if no SDP offer was received in the SIP
I NVI TE request and no SDP offer has already been sent, SDP offer
SHALL be included in the SIP 200 response.
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NOTE 1. In this case, SDP answer can be expected in the SIP ACK

If the SIP INVITE request contained neither a Required nor a
Supported header with option tag 100rel, SDP answer SHALL be i ncl uded
in the SIP 200 response.

NOTE 2. Because the provisional response is unreliable, SDP answer
needs to be repeated in each provisional response and in the fina
2XX response.

NOTE 3. If the SIP INVITE request contai ned no SDP offer and neither
a Required nor a Supported header with option tag 100rel, it should
have been rejected in accordance with 8. 3. 1.

The gateway SHALL connect the nedia streans to the correspondi ng user
informati on channel of the inter-PINX link if it has not already done
so, provided the SDP answer is included in the transmtted SIP
response or has already been sent or received.

8.3.7 Receipt of SIP PRACK request

The receipt of a SIP PRACK request SHALL NOT result in any QSIG
message being sent. The gateway SHALL send back a SIP 200 (COK)
response to the SIP PRACK request.

If the SIP PRACK contains SDP answer and a QSI G nessage containing a
Progress indicator information el ement with progress description
nunber 1 or 8 has been received, the gateway SHALL connect the nedia
streans to the correspondi ng user information channel of the inter-
PI NX |i nk.

8.3.8 Receipt of SIP ACK request

The receipt of a SIP ACK request SHALL NOT result in any QSI G nessage
bei ng sent.

If the SIP ACK contains SDP answer, the gateway SHALL connect the
nmedi a streans to the correspondi ng user information channel of the
inter-PINX Iink if it has not already done so.

8.3.9 Receipt of a SIP INVITE request for a call already being
est abl i shed

For a call from SIP using overlap procedures, the gateway w ||
receive multiple SIP INVITE requests that belong to the sane call but
have different Request-URlI and To fields. Each SIP I NVITE request

bel ongs to a different dial og.
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If a gateway receives a SIP INVITE request with the sanme Call-ID as
an existing call for which the QSIG state is overlap sending and with
updat ed Request-URI and To fields fromwhich a called party nunber
Wth a superset of digits can be derived, it SHALL generate a SI G

I NFORMATI ON nessage using the call reference of the existing QSIG
call instead of a new QSI G SETUP nessage. It SHALL al so respond to
the SIP INVITE request received previously wwth a SIP 484 Address

I nconpl ete response.

If a gateway receives a SIP INVITE request with the sane Call-1D as
an existing call but failing to neet the other conditions above, the
gateway SHALL clear the call by sending back a SIP 485 (Anmbi guous)
response and a QSI G DI SCONNECT nessage with Cause Val ue 16 (Nor nal
call clearing).

8.4 Call clearing
8.4.1 Receipt of a QSIG DI SCONNECT, RELEASE or RELEASE COWPLETE nessage

On receipt of QSI G DI SCONNECT, RELEASE or RELEASE COWLETE nessage as
the first QSI G call clearing nessage, gateway behavi our SHALL depend
on the state of call establishnent.

1)If the gateway has sent or received a SIP 200 (OK) response
(indicating that call establishnent is conplete) and received a SIP
ACK request, the gateway SHALL send a SIP BYE request to clear the
cal | .

2)If the gateway has sent a SIP 200 (OK) response (indicating that
call establishnent is conplete) but not received a SIP ACK request,
the gateway SHALL wait until a SIP ACK is received and then send a
SI P BYE request to clear the call.

3)If the gateway has sent a SIP INVITE request and received a SIP
provi si onal response but not a SIP final response, the gateway SHALL
send a SI P CANCEL request to clear the call

NOTE. In accordance with RFC 3261, if after sending a SI P CANCEL
request a SIP 2xx response is received to the SIP I NVITE request, the
gateway will need to send a SIP BYE request.

4)1f the gateway has sent a SIP INVITE request but received no SIP
response, the gateway SHALL NOT send a SIP nessage. If a SIP final or
provi si onal response is subsequently received, the gateway SHALL then
act in accordance with 1, 2 or 3 above respectively.

5)If the gateway has received a SIP INVITE request but not sent a SIP
final response, the gateway SHALL send a SIP final response chosen
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April
according to the cause value in the received SI G nessage as
specified in table 1.

In all cases the gateway SHALL al so di sconnect nedia streans, if

established, and allow QSI G and SIP signalling to conplete in
accordance with ECMA- 143 and RFC- 3261 respectively.

Table 1 — Mappi ng of QSI G Cause Value to SIP 4xx-6xx responses

El wel |

Q&SI G Cause val ue SI P response

1 Unal | ocat ed nunber 410 Gone

2 No route to specified 404 Not found

transit network

3 No route to destination 404 Not found

4 Send special information 502 Bad Gateway or NA

t one

5 Msdialled trunk prefix 410 Gone

6 Channel unacceptabl e 502 Bad gat eway

7 Call awarded and bei ng 502 Bad gat eway

delivered in an established

channel

8 Preenption 502 Bad gat eway

9 Preenption- circuit 502 Bad gat eway

reserved for reuse

16 Normal call clearing 502 Bad gateway or BYE

17 User busy 486 Busy here

18 No user responding 480 Tenporarily unavail abl e

19 No answer fromthe user 480 Tenporarily unavail abl e

20 Subscri ber absent 480 Tenporarily unavail abl e

21 Call rejected 603 Decline

22 Nunber changed 410 Gone

23 Redirection to new 410 CGone

desti nati on

25 Exchange routing error 502 Bad gat eway

26 Non sel ected user clearing 502 Bad gateway or NA

27 Destination out of order 480 Tenporarily unavail abl e

28 Address inconplete 484 Address inconplete

29 Facility rejected 488 Not Acceptabl e Here

30 Response to STATUS ENQUI RY 502 Bad gateway (if received in
call clearing nessage)

31 Normal unspecified 502 Bad gat eway

34 No circuit/channel 503 Servi ce unavail abl e

avai |l abl e

38 Network out of order 502 Bad gat eway

39 Permanent frane node 502 Bad gateway or NA

connection out of service

40 Permanent frame node 502 Bad gateway or NA

connecti on operati onal

et alia Expires -

Cct ober 2002

[ Page 21]



I nt erwor ki ng between SIP and QSI G April 2002

41 Tenporary failure 503 Service unavail abl e
42 Swi tchi ng equi prment 502 Bad gat eway
congesti on

43 Access information 502 Bad gateway or NA
di scar ded

44 Requested circuit/channel 503 Service unavail abl e
not avail abl e

46 Precedence call bl ocked 502 Bad gat eway

47 Resource unavai l abl e, 502 Bad gat eway

unspeci fied

49 Quality of service not 503 Service unavail abl e
avai l abl e

50 Requested facility not 503 Service unavail abl e
subscri bed

53 Qutgoing calls barred 488 Not Acceptable Here
wi thin CUG

55 I ncomng calls barred 488 Not Acceptable Here
wi thin CUG

57 Bearer capability not 488 Not Acceptable Here
aut hori zed

58 Bearer capability not 503 Service unavail abl e
presently avail abl e

62 I nconsistency in 502 Bad gat eway

desi gnat ed out goi ng access
i nformati on and subscri ber

cl ass

63 Service or option not 503 Service unavail abl e
avai |l abl e, unspecified

65 Bearer capability not 501 Not i npl enmented

i mpl enent ed

66 Channel type not 502 Bad gat eway

i mpl enent ed

69 Requested facility not 503 Service unavail abl e
i mpl enent ed

70 Only restricted digital 503 Service unavail abl e

i nformati on bearer capability
is avail able

79 Service or option not 503 Service unavail abl e
i npl enent ed, unspecified

81 Invalid call reference 502 Bad gat eway
val ue

82 ldentified channel does 502 Bad gat eway
not exi st

83 A suspended cal |l exists, 502 Bad gat eway
but this call identity does

not

84 Call identity in use 502 Bad gat eway
85 No call suspended 502 Bad gat eway

86 Call having the requested 502 Bad gat eway
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call identity has been

cl eared

87 User not nenber of CUG 488 Not Acceptable Here
88 I nconpati bl e destination 488 Not Acceptable Here
90 Non-exi stant CUG 502 Bad gat eway

91 Invalid transit network 502 Bad gat eway

sel ection

95 Invalid nessage, 500 Server internal error
unspecified

96 Mandatory information 500 Server internal error
el ement is mssing

97 Message type non-exi stent 500 Server internal error
or not inplenented

98 Message not conpati bl e 500 Server internal error

with call state or nessage
non- exi stent or not
i npl enent ed

99 Information el enent non- 500 Server internal error
exi stent or not inplenented

98 Invalid information 500 Server internal error
el enent contents

101 Message not conpatible 500 Server internal error

with call state

102 Recovery on tinmer expiry 500 Server internal error
103 Parameter non-existent or 500 Server internal error
not i nplenented, passed on

110 Message with unrecognized 500 Server internal error
par anmet er, di scarded

111 Protocol error 500 Server internal error
127 I nterworking, unspecified 500 Server internal error

8.4.2 Receipt of a SIP BYE request

On receipt of a SIP BYE request, the gateway SHALL send a QSI G

DI SCONNECT nmessage with cause value 16 (normal call clearing). The
gateway SHALL al so di sconnect nedia streans, if established, and
allow QSIG and SIP signalling to conplete in accordance with ECVA- 143
and RFC- 3261 respectively.

NOTE. When responding to a SIP BYE request, in accordance with

RFC 3261 the gateway is also required to respond to any ot her

out standi ng transactions, e.g., with a SIP 487 (Request Term nated)
response. This applies in particular if the gateway has not yet
returned a final response to the SIP INVITE request.

8.4.3 Receipt of a SIP CANCEL request
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On receipt of a SIP CANCEL request to clear a call for which the
gateway has not sent a SIP final response to the received SIP I NVITE
request, the gateway SHALL send a QSI G DI SCONNECT nessage with cause
value 16 (normal call clearing). The gateway SHALL al so di sconnect
medi a streans, if established, and allow QSIG and SIP signalling to
conplete in accordance with ECMA- 143 and RFC- 3261 respectively.

4 Receipt of a SIP 4xx - 6xX response

On receipt of a SIP final response (4xx-6xx) to a SIP INVITE request,
the gateway SHALL transmt a QSI G DI SCONNECT nessage. The cause val ue
in the QSI G DI SCONNECT nessage SHALL be derived fromthe SIP 4xx-6xx
response according to table 2. The gateway SHALL al so di sconnect
medi a streans, if established, and allow QSIG and SIP signalling to
conplete in accordance wi th ECVA- 143 and RFC- 3261 respectively.

Tabl e 2 — Mapping of SIP 4xx-6xx responses to SI G Cause val ues

SI P response CSIG Cause val ue
400 Bad request 1 Tenporary failure
401 Unaut hori zed 88 I nconpati bl e destination
402 Paynent required 88 Inconpati bl e destination
403 For bi dden 88 Inconpati bl e destination
404 Not found 3 No route to destination
405 Met hod not all owed 41 Tenporary Failure
406 Not acceptable 41 Tenporary Failure
407 Proxy Authentication required 41 Tenporary Failure
408 Request tinmeout 41 Tenporary Failure
409 Confli ct 41 Tenporary Failure
410 CGone 1 Unal | ocat ed nunber
411 Length required 41 Tenporary Failure
413 Request Entity too |ong 41 Tenporary Failure
414 Request-URI too |ong 41 Tenporary Failure
415 Unsupported nedi a type 65 Bearer Capability Not
i mpl ement ed
420 Bad extension 41 Tenporary Failure
480 Tenporarily unavail abl e 18 No user respondi ng
481 Call/transaction doesn't exist 41 Tenporary Failure
482 Loop detected 41 Tenporary Failure
483 Too many hops 41 Tenporary Failure
484 Address inconplete 28 Invalid nunber format
485 Anbi guous 1 Unal |l ocated Number
486 Busy here 17 User busy
487 Requested Term nated 41 Tenporary Failure
488 Not Acceptable Here 65 Bearer Capability Not
i mpl ement ed
500 Server internal error 41 Tenporary Failure
501 Not i npl enmented 41 Tenporary Failure
502 Bad gat eway 41 Tenporary Failure
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503 Service unavail abl e 41 Tenporary Failure
504 Gateway tine-out 41 Tenporary Failure
505 Version not supported 41 Tenporary Failure
600 Busy everywhere 17 User busy

603 Decline 21 Call rejected

604 Does not exist anywhere 1 Unall ocated nunber
606 Not acceptable 21 Call Rejected

8.4.5 Tinmer expiry

The gateway SHALL run protocol timers as specified for QSIGin
ECVA- 143 and for SIP in RFC 3261. On expiry of these tiners the
actions SHALL be as specified by the respective protocol

speci fications.

If the call is to be cleared due to expiry of a @I Gtiner, clearing
of the SIP call SHALL be in accordance with 8.4.1, except that if a
final response to a SIP INVITE request needs to be sent, a SIP 408
(Request Tineout) response SHALL be used. If the call is to be
cleared due to expiry of a SIP timer, the gateway SHALL send a SI G
DI SCONNECT nessage with Cause Val ue 41 (Tenporary Failure) to clear
the call in the PISN.

8.5 Request to change nedia characteristics

If after a call has been successfully established the gateway
receives a SIP INVITE request to change the nedia characteristics of
the call, the gateway SHALL send back a SIP 503 (Service unavail abl e)
response and SHALL NOT change the nedia characteristics of the

exi sting call.

9 Nunber mappi ng

The SIP “To’, ‘Request-URI’ and ‘Fromi are in the formof Universa
Resource ldentifiers (URIS).

9.1 Mapping fromSIP to QSI G

The gateway SHALL map the SIP Request-URI and From header to the SIG
Called and Calling party nunber information el enents respectively.
The way in which this is achieved is outside the scope of this

speci fication.

The gateway SHALL set the Nunbering Plan Identification (NPI) and
Type of Nunmber (TON) fields in the QSIG Called and Calling party
nunber information elenents in accordance w th ECVA- 155.

In the @SIG Calling party nunber information elenent, unless the
gateway perforns screening, the screening indicator SHALL be set to
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"user provided, not screened" (0). Unless the gateway perforns
presentation restriction, the presentation indicator SHALL be set to
"presentation allowed" (0). Support of screening and/ or presentation
restriction is outside the scope of this specification.

Unl ess the gateway has a neans of determining the identity of the
user that answers a call fromQSIGto SIP, the QSI G Connect ed nunber
i nformati on SHALL NOT be gener at ed.

9.2 Mapping fromQ@IGto SIP

10

10.

The gateway SHALL map the QSIG Call ed party nunber infornmation

el enent to the SIP Request-URI and the SIP To header, both of which
SHOULD contain the sane value. The gateway SHALL nmap the QSI G Cal li ng
party nunber information elenment to the SIP From header. The way in
which this is achieved is outside the scope of this specification.

If the Calling party nunber information elenment is not received in
the QSI G SETUP nessage or if it does not contain a nunber or if the
presentation indicator has the value "Presentation restricted", the
gateway SHALL use its own address to generate the From header.

Requi renments for support of basic services

Thi s docunent specifies signalling interworking for basic services
that provide a bi-directional transfer capability for speech,
facsimle and nodem nedi a between the two networks.

1 Derivation of QSIG Bearer capability information el enent

The gateway SHALL generate the Bearer Capability Information El ement
in the QSI G SETUP nessage based on the SDP informati on received al ong
with the SIP INVITE request. If the SIP INVITE request does not
contain SDP information or the nmedia type in the SDP is only *audio’
then the Bearer capability information el enment SHALL BE gener at ed
according to table 3. Coding of the Bearer capability information

el ement for other nedia types is outside the scope of this

speci fication.

Table 3 — Bearer capability encoding for ‘audio transfer

Field Val ue

Codi ng St andard "CClI TT standardi zed codi ng" (00)
I nformation transfer "3,1 kHz audi 0" (10000)
capability

Transfer node "“circuit node" (00)

Information transfer rate "64 Kbits/s" (10000)

Mul tiplier Cctet omtted

User information [ayer 1 Cenerated by gateway based on
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pr ot ocol i nformati on of the PISN. Supported
val ues are
"CClITT recomendation G 711 p-| aw'
(00010)
"CCITT recomendation G 711 A-|l aw'
(00011)

10.2 Derivation of nmedia type in SDP

The gateway SHALL generate the SDP information to include in the SIP
I NVI TE request based on the Bearer capability information el enent
received in the QSI G SETUP nessage. The nedia type included in the
SDP SHALL be according to table 4.

Table 4 — Media type setting in SDP based on Bearer capability
i nformation el ement

I nformation transfer capability in Medi a type in SDP
Bearer capability information el enent

"speech" (00000) audi o

"3,1 kHz audi 0" (10000) audi o

"unrestricted digital information" (01000) dat a

11 Security considerations
The security considerations of RFC 3261 apply.
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Annex A (informative) — Exanple nessage sequences
A. 1 Introduction

Thi s annex shows sone typical nessage sequences that can occur for an
i nt erwor ki ng between QSI G and SIP

NOTE. For all message sequence diagrans, there is no nessage nappi ng
between QSI G and SIP unless explicitly indicated by dotted |ines.
Also, if there are no dotted I|ines connecting two nessages, this
nmeans that these are independent of each other in terns of the tine
when they occur.

NOTE. Nunbers prefixing SIP nethod nanes and response codes in the
di agranms represent sequence nunbers. Messages bearing the sane
nunber wi |l have the same value in the CSeq header

A. 2 Message sequences for call establishnment fromQ@IGto SIP

Bel ow are typi cal nessage sequences for successful call establishnent
from@IGto SIP
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| GATEWAY |

PI SN | | | P NETWORK
| [EREERE SERRRP |
| L |
|  QSIG SETUP | | 1-1\VI TE |

L[ - m e e ST | = e > 2
| L |
| QSI G CALL PROCCEEDI NG | | 1-100 TRYING |

] A | [ <o + 4
| . |
| QS G ALERTI NG | | 1-180 RING NG |

8| < v mm e L | Semmmmmm e +5
| | |
| | | 2- PRACK |
| | R > 6
| | | 2-200 K |
| | | <emm e ¥ 7
| | | |
| OSI G CONNECT | | 1-200 OK |

11| emmmmm e | | Sommm e + 9
| | | |
| QS| G CONNECT ACK | | 1- ACK |
1] [ >| T T T E T > 10

| | | |
| <::::::::::::::::::::::>| | <::::::::::::::::::::::>|
| AUDI O | | AUDI O |

Figure 3 — Typical nessage sequence for successful call establishnent
from@SIGto SIP using enbloc procedures on both QSIG and SIP

1 The PI SN sends a QSI G SETUP nessage to the gateway to begin a
session with a SIP UA

2 On receipt of the QSI G SETUP nessage, the gateway generates a SIP
I NVI TE request and sends it to an appropriate SIP entity in the IP
networ k based on the call ed nunber

3 The gateway sends a QSI G CALL PROCEEDI NG nessage to the PISN - no
nore QSI G | NFORMATI ON nessages wi Il be accepted

4 The I P network sends a SIP 100 (Trying) response to the gateway

5 The IP network sends a SIP 180 (Ri nging) response.

6 The gateway may send back a SIP PRACK request to the I P network
based on the inclusion of a Require header or a Supported header with
option tag 100rel in the initial SIP INVITE request

7 The IP network sends a SIP 200 (OK) response to the gateway to
acknow edge the SIP PRACK request

8 The gateway maps this SIP 180 (Ringing) response to a SIG
ALERTI NG nmessage and sends it to the PISN.

9 The IP network sends a SIP 200 (OK) response when the call is
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answer ed.

10 The gateway sends a SIP ACK request to acknow edge the SIP 200
(OK) response.

11 The gateway nmaps this SIP 200 (OK) response to a QSI G CONNECT
message and sends it to the PISN

12 The PI SN sends a QSI G CONNECT ACKNOALEDGE nessage in response to
the QSI G CONNECT nessage.

oo +

Pl SN | GATEWAY | | P NETWORK

|

| Q8 G SETWP PR T P + |
I T |

| QS G SETUP ACK | | |
I L |

| QSI G | NFORMATI ON | | |
] > | |

| QSI G | NFORMATI ON | | 1-1NVITE |
) [ ST | oo >| 4

| QS G CALL PROCEEDI NG | | 1-100 TRYI NG |
A | [ <o |6

| | | |

| QSI G ALERTI NG | |  1-180 RING NG |
10| <o m e oo | e |7

| | |  2- PRACK |

| | [t >/ 8

| | | 2-200 X |

| | | <o E

| QSI G CONNECT | | 1-200 K |
] I T | Comm e | 11

| | | |

| QS G CONNECT ACK | | 1-ACK |
(171 [ >| [ e >[ 12

| AUDI O | | AUDI O |

| <:::::::::::::::::::::::::>| | <:::::::::::::::::::::::>|

Figure 4 — Typical nmessage sequence for successful call establishnent
from@IGto SIP using overlap receiving on QSI G and enbl oc sendi ng
on SIP

1 The PISN sends a QSI G SETUP nessage to the gateway to begin a
session with a SIP UA. The QI G SETUP nessage does not contain a
Sendi ng Conpl ete information el enent.

2 The gateway sends a QSI G SETUP ACKNOALEDCE nessage to the Pl SN.
More digits are expected.

3 Mre digits are sent fromthe PISNwithin a QSI G | NFORVATI ON
nessage.
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3a More digits are sent fromthe PISN within a QSI G | NFORVATI ON
message. The QSI G | NFORVATI ON nessage contains a Sendi ng Conpl ete

i nformation el ement

4 The Gateway generates a SIP INVITE request and sends it to an
appropriate SIP entity in the IP network, based on the call ed nunber
5 The gateway sends a QSI G CALL PROCEEDI NG nessage to the PISN - no
nmore QSI G | NFORMATI ON nessages wi I | be accepted

6 The IP network sends a SIP 100 (Trying) response to the gateway
7 The IP network sends a SIP 180 (Ri nging) response.

8 The gateway may send back a SI P PRACK request to the |IP network
based on the inclusion of a Require header or a Supported header wth
option tag 100rel in the initial SIP INVITE request

9 The IP network sends a SIP 200 (OK) response to the gateway to
acknow edge the SI P PRACK request

10 The gateway maps this SIP 180 (R nging) response to a (58I G
ALERTI NG nessage and sends it to the PINX

11 The I P network sends a SIP 200 (OK) response when the call is
answer ed.

12 The gateway sends an SIP ACK request to acknow edge the SIP 200
(OK) response.

13 The gateway maps this SIP 200 (OK) response to a QSI G CONNECT
message and sends it to the PINX

14 The PI SN sends a QSI G CONNECT ACKNOWEDGE nessage in response to
t he QSI G CONNECT nessage.
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o e e e e +
Pl SN | GATEWAY | I P NETORK
|
| Sl G SETUP R T TR + |
T T |
| QS G SETUP ACK | | |
S o |
| QS G | NFORMVATI ON | | |
3 [sermrmsarsemsaeennaee > | |
| QS G | NFORMATI ON | | 1-1NVITE |
O S | = m e >| 4
| | | 1-484 |
| | | Semeeenmneenne e 5
| | | 1-ACK |
| | [ oermesn e >16
| QS G | NFORMVATI ON | | 2-1NVITE |
A R R TR b I R T R T >| 4
| | | 2-484 |
| | PP PRE 5
| | | 2-ACK |
| e 7
| QSI G | NFORMATI ON | | |
| Sending Conplete IE | | 3-INVITE |
S P S S | o > 10
| OSIG CALL PROCEEDI NG | | 3-100 TRYI NG |
3 | [ <o |11
| | | |
| QI G ALERTI NG | | 3-180 RI NG NG |
15| Cemm e mmm e e e T | <o m e e e | 12
| | | 4- PRACK |
| | R R >| 13
| | | 4-200 K |
| | PP PRE |14
| QS G CONNECT | | 3-200 oK |
R I R R P [t R | 16
| | | |
| QS G CONNECT ACK | | 3-ACK |
(1] [ >| TR >| 17
| AUl O | | AUDI O |
| <:::::::::::::::::::::::::>| | <::::::::::::::::::::::::>|
| |

Figure 5 — Typi cal nessage sequence for successful call establishnent
from@IGto SIP using overlap procedures on both QSIG and SIP

1 The PISN sends a QSI G SETUP nessage to the gateway to begin a
session with a SIP UA. The QSI G SETUP nessage does not contain a
Sendi ng conpl ete information el enent.

2 The gateway sends a QSI G SETUP ACKNOALEDCGE nessage to the Pl SN.
More digits are expected.
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3 Mre digits are sent fromthe PISNwithin a QSI G | NFORVATI ON
nessage.

4 \Wen the gateway receives the m ni mum nunber of digits required to
route the call it generates a SIP I NVITE request and sends it to an
appropriate SIP entity in the IP network based on the call ed nunber
5 Due to an insufficient nunber of digits the IP network will return
a SIP 484 (Address Inconplete) response.

6 The SIP 484 (Address Inconplete) response is acknow edged.

7 Mre digits are received fromthe PISN in a QSI G | NFORMATI ON
message. Anew INVITE is sent with the sane Call-I1D but an updated
Request - URI .

8 Mire digits are received fromthe PISN in a QSI G | NFORMATI ON
nmessage. The QSI G | NFORMATI ON nessage contains a Sendi ng Conpl ete

i nformation el ement

9 The gateway sends a QSI G CALL PROCEEDI NG nessage to the PISN - no
nmore information will be accepted

10 The gateway sends a new SIP | NVI TE request with an updated
Request - URI fi el d.

11 The I P network sends a SIP 100 (Trying) response to the gateway
12 The I P network sends a SIP 180 (R nging) response.

13 The gateway nmay send back a SIP PRACK request to the I P network
based on the inclusion of a Require header or a Supported header wth
option tag 100rel in the initial SIP INVITE request

14 The I P network sends a SIP 200 (OK) response to the gateway to
acknow edge the SIP PRACK request

15 The gateway nmaps this SIP 180 (R nging) response to a SI G

ALERTI NG nmessage and sends it to the PI SN

16 The I P network sends a SIP 200 (OK) response when the call is
answer ed.

17 The gateway sends a SIP ACK request to acknow edge the SIP 200
(OK) response.

18 The gateway maps this SIP 200 (OK) response to a QSI G CONNECT
nessage.

19 The PI SN sends a QSI G CONNECT ACKNOW.EDGE message in response to
t he QSI G CONNECT nessage.

A. 3 Message sequences for call establishment fromSIP to QSIG

Bel ow are typical nessage sequences for successful call establishnent
fromSIP to QSIG
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oo e e e +

I P NETWORK | GATEWAY | Pl SN

| I+ ------- S R S e !I- |

| L |

| 1-1\VI TE | | QSI G SETUP |
yR Sl | o m el >3

| 1-100 TRYI NG | | QSI G CALL PRCCEEDI NG |
73 | | < m e |4

| 1-180 RI NG NG | | QSI G ALERTI NG |
P L P B

| | | |

| | | |

| 2- PRACK | | |
() > | |

| 2-200 OK | | |
B | <o | | |

| 1-200 OK | | QSI G CONNECT |
11| €em e Lo P |9

| |

| 1- ACK | | QS G CONNECT ACK
7 > TP > 10

| AUDI O | | AUDI O I

| <:::::::::::::::::::::::::>| | <::::::::::::::::::::::::>|

|

Figure 6 — Typi cal nmessage sequence for successful call establishnment
fromSIP to QSI G using enbl oc procedures

1 The IP network sends a SIP INVITE request to the gateway

2 The gateway sends a SIP 100 (Trying) response to the |IP network
3 On receipt of the SIP INVITE request, the gateway sends a Sl G
SETUP nessage

4 The PISN sends a QSI G CALL PROCEEDI NG nessage to the gateway

5 A SIG ALERTING nessage is returned to indicate that the end user
inthe PISN is being alerted

6 The gateway maps the QSI G ALERTI NG nessage to a SIP 180 (R ngi ng)
response

7 The IP network can send back a SI P PRACK request to the |IP network
based on the inclusion of a Require header or a Supported header wth
option tag 100rel in the initial SIP INVITE request

8 The gateway sends a SIP 200 (OK) response to acknow edge the SIP
PRACK r equest

9 The PISN sends a QSI G CONNECT nessage to the gateway when the cal
i s answered

10 The gateway sends a QSI G CONNECT ACKNOALEDGE nessage to

acknow edge the QSI G CONNECT nessage

11 The QSI G CONNECT nessage is mapped to a SIP 200 (OK) response.

12 The | P network, upon receiving a SIP INVITE final response (200),
will send a SIP ACK request to acknow edge recei pt
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I P NETWORK | GATEWAY | Pl SN
| |

| 1-1\VI TE PR e P + |
L[ > | |

| 1-484 | | |
2 | | |

| 1- ACK | | I
. > | |

| 2-1 NI TE | | |
e > | |

| 2-484 | | |
- STETTTERRIRS | | |

| 2- ACK | | |
N > | |

| 3-1 \VI TE | | Q8 G SETUP |
/R ST | o > 6

| 3-100 TRYI NG | | O8I G CALL PROCEEDI NG |
R | I K

| 3-180 RI NG NG | | Sl G ALERTI NG |
R [ Lo A |8

| | | |

| | | |

| 4- PRACK | | |
1] -+ nn s e > | |

| 5-200 OK | | |
] | | |

| 3-200 OK | | QS G CONNECT |
R [t I | 12

| | |

| 3- ACK | | QS G CONNECT ACK |
(1] [ >| R >[ 13

| AUDI O | | AUDI O |

| <:::::::::::::::::::::::::>| | <::::::::::::::::::::::::>|

| |

Figure 7 — Typi cal nmessage sequence for successful call establishnent
fromSIP to QSIG using overlap receiving on SIP and enbl oc sendi ng on

Sl G

1 The IP network sends a SIP INVITE request to the gateway

2 Due to an insufficient nunber of digits the gateway returns a SIP
484( Address I nconpl ete) response.

3 The I P network acknow edge the SIP 484 (Address Inconplete)
response.

4 The IP network sends a new SIP INVITE request with the sane Call -
I D and updat ed Request - URI

5 The gateway now has all the digits required to route the call to
the PISN. The gateway sends back a SIP 100 (Tryi ng) response

6 The gateway sends a QSI G SETUP nessage

7 The PISN sends a QSI G CALL PROCEEDI NG nessage to the gateway
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8 A &SI G ALERTI NG nessage is returned to indicate that the end user
in the PISN is being alerted

9 The gateway maps the QSI G ALERTI NG nessage to a SIP 180

(Ri ngi ng) response

10 The I P network can send back a SIP PRACK request to the I P network
based on the inclusion of a Require header or a Supported header wth
option tag 100rel in the initial SIP INVITE request

11 The gateway sends a SIP 200 (OK) response to acknow edge the SIP
PRACK r equest

12 The PI SN sends a QSI G CONNECT nessage to the gateway when the cal

i s answered

13 The gateway sends a QSI G CONNECT ACKNOALEDGE nessage to

acknow edge the CONNECT nessage

14 The QSI G CONNECT nessage is mapped to a SIP 200 (OK) response.

15 The I P network, upon receiving a SIP INVITE final response (200),
wll send a SIP ACK request to acknow edge recei pt
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oo +
I P NETWORK | GATEWAY | Pl SN
| |
| 1-1NVITE P T TR + |
L [onmemmmseemenaeneenane > | |
| 1-484 | | |
- R | | |
I 1- ACK | | I
3 [onmerrmmermsnennaanaans > | |
| 2-1 NVI TE | | Q8 G SETUP |
Y b I R R >| 6
| 2-100 TRYI NG | | G5l G SETUP ACK |
B | e m e mm e e | e K
| 3- INVITE | | QS G | NFORMATI ON |
8 |- - b I R T R T >| 10
| 3-100 TRYI NG | | |
B | | QSI G CALL PROCEEDI NG |
| | S | 11
13 3-180 RI NG NG | | QS G ALERTI NG |
| e mmm e T A | 12
| 2- 484 | | |
1] € wm s e | | |
| 2- ACK | | |
T A T > | |
| 4- PRACK | | |
16] <+ -nmmso s > | |
| 4-200 XK | | |
L] enmmnmmnma e emeemeenae | | |
| 3-200 K | | QSI G CONNECT |
20| <--mmm e [t I | 18
| | | |
| 3- ACK | | QS G CONNECT ACK |
731 [ >| R >[ 19
| AUDI O | | AUDI O |
| <:::::::::::::::::::::::::>| | <::::::::::::::::::::::::>|
| |

Figure 8 — Typi cal nmessage sequence for successful call establishnent
fromSIP to QSI G using overlap procedures on both SIP and QSI G

1 The IP network sends a SIP INVITE request to the gateway

2 Due to an insufficient nunber of digits the gateway returns a SIP
484( Address I nconpl ete) response.

3 The I P network acknow edge the SIP 484 (Address |Inconplete)
response.

4 The IP network sends a new SIP INVITE request with the sane Call -
I D and updat ed Request - URI

5 The gateway now has all the digits required to route the call to
the PISN. The gateway sends back a SIP 100 (Trying) response to the
| P network

6 The gateway sends a QSI G SETUP nessage
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7 The PISN needs nore digits to route the call and sends a QSI G
SETUP ACKNOANLEDGE nessage to the gateway

8 The IP network sends a new SIP INVITE request with the sane Call -
I D and updat ed Request - URI

9 The gateway sends back a SIP 100 (Trying) response to the IP

net wor k

10 The gateway naps the new SIP INVITE request to a QSI G | NFORMATI ON
nessage

11 The PISN has all the digits required and sends back a QSI G CALL
PROCEEDI NG nessage to the gateway

12 A SI G ALERTI NG nessage is returned to indicate that the end user
inthe PISN is being alerted

13 The gateway nmaps the QSI G ALERTI NG nessage to a SIP 180

(Ri ngi ng) response

14 The gateway sends a SIP 484 (Address |Inconplete) response for the
previous SIP I NVITE request

15 The I P network acknow edges the SIP 484 (Address | nconplete)
response

16 The I P network can send back a SIP PRACK request to the I P network
based on the inclusion of a Require header or a Supported header wth
option tag 100rel in the initial SIP INVITE request

17 The gateway sends a SIP 200 (OK) response to acknow edge the SIP
PRACK r equest

18 The PI SN sends a QSI G CONNECT nessage to the gateway when the cal
i s answered

19 The gateway sends a QS| G CONNECT ACKNOWALEDGE nessage to

acknow edge the QSI G CONNECT nessage

20 The QSI G CONNECT nessage is mapped to a SIP 200 (OK) response.

21 The I P network, upon receiving a SIP INVITE final response (200),
will send a SIP ACK request to acknow edge recei pt

A. 4 Message sequence for call clearing from Q@I Gto SIP

Bel ow are typical nessage sequences for Call Cearing from@SIGto
SIP
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| GATEWAY |
Pl SN | | | P NETVWORK
| IR ARRREEE ARRREEE ' |
| L |
| QS| G DI SCONNECT | | 2- BYE |
(I >l ... R >| 4
| S| G RELEASE | 2-200 K |
2| S e | 5
| Sl G RELEASE COwWP
K R >

Figure 9 — Typi cal nessage sequence for call clearing from@SIGto
SI P subsequent to call establishnent

1 The PISN sends a QSI G DI SCONNECT nessage to the gateway

2 The gateway sends back a QSI G RELEASE nessage to the PISN in
response to the QSI G DI SCONNECT nessage

3 The PISN sends a @SI G RELEASE COVWPLETE nessage in response. All
PI SN resources are now rel eased.

4 The gateway maps the QSI G DI SCONNECT nessage to a SI P BYE request
5 The IP network sends back a SIP 200 (OK) response to the SIP BYE
request. All 1P resources are now rel eased

Pl SN | | I P NETWORK

| QSI G DI SCONNECT 1- 4XX | 6XX |
1 [ S [ -mmmm e >| 4
| QS| G RELEASE | | 1- ACK |
] R RS |5
| QS| G RELEASE COVP |
I
I
|

Figure 10 — Typi cal nessage sequence for call clearing from@QSIGto
SIP during establishment of a call fromSIP to QSI G (gateway has not
sent a final response to the SIP INVITE request)

1 The PISN sends a QSI G DI SCONNECT nessage to the gateway

2 The gateway sends back a QSI G RELEASE nessage to the PISN in
response to the QSI G DI SCONNECT nessage
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3 The PI SN sends a QSI G RELEASE COVMPLETE nessage i n response. Al
PI SN resources are now rel eased.
4 The gateway maps the QSI G DI SCONNECT nessage to a SIP 4xx- 6xx

response
5 The IP network sends back a SIP ACK request in response to the SIP
4xx- 6xx response. Al IP resources are now rel eased
I
| GATEWAY |
Pl SN | | | P NETWORK
I IREEEE Ho----- Ho----- ' I
| . |
| QS| G DI SCONNECT | | 1- CANCEL |
i R > I R R >| 4
| S| G RELEASE | | 1- 487 Request Ter ni nat ed|
R | SRR e R PP PR |5
| QS| G RELEASE COWP | | |
K] I TR >| | 1- 200 X |
I A R EEEE L | 6
I I
I I

Figure 11 — Typi cal nmessage sequence for call clearing from@Q@SIGto
SIP during establishment of a call fromQ@IGto SIP (gateway has
received a provisional response to the SIP INVITE request but not a
final response)

1 The PISN sends a QSI G DI SCONNECT nessage to the gateway

2 The gateway sends back a QSI G RELEASE nessage to the PISN in
response to the QSI G DI SCONNECT nessage

3 The PISN sends a QSI G RELEASE COVPLETE nessage in response. Al
PI SN resources are now rel eased.

4 The gateway maps the QSI G DI SCONNECT nessage to a S|P CANCEL
request (subject to a provisional response but no final response
havi ng been recei ved)

5 The IP network sends back a SIP 487 (Request Term nated) response
to the SIP I NVITE request.

6 The IP network sends back a SIP 200 (OK) response to the SIP
CANCEL request. All IP resources are now rel eased

A. 5 Message sequence for call clearing fromSIP to QSIG

Bel ow are typical nessage sequences for Call Cearing fromSIP to

Qs G
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| GATEVAY |
| P NETWORK | | Pl SN
| Teao-- Fomm - - S ' |
: o |
| 2- BYE | | Q&SI G DI SCONNECT |
R e > I L >| 3
| | Q&SI G RELEASE |
| <o |4
2-200 &K | | @S| G RELEASE COWP |
I
|
I

Figure 12 — Typi cal nmessage sequence for call clearing fromSIP to
&SI G subsequent to call establishnent

1 The IP network sends a SIP BYE request to the gateway

2 The gateway sends back a SIP 200 (OK) response to the SIP BYE
request. Al | P resources are now rel eased

3 The gateway maps the SIP BYE request to a QSI G DI SCONNECT nessage
4 The PI SN sends back a SI G RELEASE nessage to the gateway in
response to the QSI G DI SCONNECT nessage

5 The gateway sends a QSI G RELEASE COVWPLETE nessage in response. Al
PI SN resources are now rel eased.

| P NETWORK | | Pl SN

Fi gure 13 — Typi cal nessage sequence for call clearing fromSIP to
Q&SI G during establishnment of a call fromQ@IGto SIP (gateway has not
previously received a final response to the SIP I NVITE request)

1 The IP network sends a SIP 4xx-6xx response to the gateway

2 The gateway sends back a SI PACK request in response to the SIP
4xx-6xx response. Al IP resources are now rel eased
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3 The gateway maps the SIP 4xx-6xx response to a QSI G DI SCONNECT
nmessage

4 The PI SN sends back a QSI G RELEASE nessage to the gateway in
response to the QSI G DI SCONNECT nessage

5 The gateway sends a QSI G RELEASE COVPLETE nessage in response. Al
Pl SN resources are now rel eased.

| GATEVAY |
| P NETVWORK | | Pl SN
| I RS | |
| o |
| 1- CANCEL | | @Sl G DI SCONNECT |
(I R T b IR I R T >| 4
| | | &Sl G RELEASE |
| | i P |5
| 1- 487 Request Termi nat ed| | @S| G RELEASE COWP |
2| <o | I e >| 6
I I I
I I
I I

Figure 14 — Typi cal nessage sequence for call clearing fromSIP to
Q&SI G during establishnent of a call from@IGto SIP (gateway has
recei ved a provisional response to the SIP INVITE request but not a
final response)

1 The IP network sends a SI P CANCEL request to the gateway

2 The gateway sends back a SIP 487 (Request Term nated) response to
the SIP I NVI TE request

3 The gateway sends back a SIP 200 (OK) response to the SI P CANCEL

request. Al |IP resources are now rel eased
4 The gateway maps the SIP 4xx-6xx response to a QSI G DI SCONNECT
nessage

5 The PISN sends back a QSI G RELEASE nessage to the gateway in
response to the QSI G DI SCONNECT nessage

6 The gateway sends a QSI G RELEASE COVWPLETE nessage in response. Al
PI SN resources are now rel eased.
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