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Foreword

ISO (the International Organization for Standardization) and IEC (the International Electrote
Commission) form the specialized system for worldwide standardization. National bodies that are members of
ISO or IEC participate in the development of International Standards through technical committees
established by the respective organization to deal with particular fields of technical activity. ISO and IEC
technical committees collaborate in fields of mutual interest. Other international organizations, governmental
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Introduction

This International Standard is one of a series of Standards defining the interworking of services and signalling
protocols deployed in corporate telecommunication networks (CNs) (also known as enterprise networks). The
series uses telecommunication concepts as developed by ITU-T and conforms to the framework of
International Standards on Open Systems Interconnection as defined by ISO/IEC.

een a Private
Integrated Services Network (PISN) and a packet-based private telecommunications networK based on the
Internet Protocol (IP). It is further assumed that the protocol for the PISN part is QSIG and that the protocol for
the IP{based network is SIP. Compared with the first edition of ISO 17343, this seceond egdition includes
numergus small changes arising during derived work in the IETF on RFC 4497. This-second ¢dition is in full
technidal alignment with RFC 4497.

This International Standard is based upon the practical experience of member companies and the results of
their agtive and continuous participation in the work of ISO/IEC JTC 1, ITU~Ty ETSI and other infernational and
nationgl standardization bodies. It represents a pragmatic and widely based consensus.

In this [International Standard, the key words "MUST", "MUST NOT", "REQUIRED", "SHALL", [SHALL NOT",
"SHOULD", "SHOULD NOT", "RECOMMENDED", "MAY",,and "OPTIONAL" are to be [interpreted as
descrihed in RFC 2119 [4] and indicate requirement levels for,eompliant SIP implementations.

© ISO/IEC 2007 — All rights reserved v
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INTERNATIONAL STANDARD

ISO/IEC 17343:2007(E)

Information technology — Telecommunications and information
exchange between systems — Corporate telecommunication
networks — Signalling interworking between QSIG and SIP —
Basic services

1

This Infernational Standard specifies signalling interworking between QSIG and the_Session Ini
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support of basic services within a corporate telecommunication network (CN) (3
ise network).

s a signalling protocol that operates between Private Integrated services Network eXc
B Private Integrated Services Network (PISN). A PISN provides circuit-switched basi
mentary services to its users. QSIG is specified in otherStandards; in particular [2]
t of basic services), [3] (generic functional protocol for,the’support of supplementary sé
I of standards specifying individual supplementary services.

The name QSIG was derived from the fact that\it is used for signalling at the Q referen
e point is a point of demarcation between two PINXs.

an application-layer protocol for establishing, terminating, and modifying multimedia
y carried over IP [15], [16]. Telephoneicalls are considered a type of multimedia sess
5 exchanged. SIP is defined in [10].

support of telephony within .corporate networks evolves from circuit-switched technol
ogy, the two technologies will coexist in many networks for a period, perhaps several ye
5 a need to be able to esfablish, modify, and terminate sessions involving a particip
k and a participant .in .the QSIG network. Such calls are supported by gateways
rking between SIP_and'QSIG.

ternational Standard specifies SIP-QSIG signalling interworking for basic services tha
nal transfer,"capability for speech, DTMF, facsimile, and modem media between a P
and a corporate IP network employing SIP. Other aspects of interworking, e.g., the us
vill differ-according to the type of media concerned and are outside the scope of th
rd.

iation Protocol
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Call-re

dled ala Call-Inaepenaent signallng in support Of supplementary services Is outside 1n

e scope of this

International Standard, but support for certain supplementary services (e.g., call transfer, call diversion) could

be the

subject of future work.

Interworking between QSIG and SIP permits a call originating at a user of a PISN to terminate at a user of a
corporate IP network, or a call originating at a user of a corporate IP network to terminate at a user of a PISN.

Interworking between a PISN employing QSIG and a public IP network employing SIP is outside the scope of
this International Standard. However, the functionality specified in this International Standard is in principle
applicable to such a scenario when deployed in conjunction with other relevant functionality (e.g., number
translation, security functions, etc.).

This International Standard is applicable to any interworking unit that can act as a gateway between a PISN
employing QSIG and a corporate IP network employing SIP.

© ISO/IEC 2007 — All rights reserved
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2 Conformance

In order to conform to this International Standard, a gateway shall satisfy the requirements identified in the
Implementation Conformance Statement (ICS) proforma in Annex A.

3 Normative references

The following referenced documents are indispensable for the application of this document. For dated
references, only the edition cited applies. For undated references, the latest edition of the referenced

document (incl

uding any amendments) applies.

[11 ISO/IEC 11571:1998, Information technology — Telecommunications and information exchangé'\bptween
systems — Private Integrated Services Networks — Addressing
[2] ISO/IEC 11572:2000, Information technology — Telecommunications and information exchange bptween

systems — Pri
procedures an

vate Integrated Services Network — Circuit mode bearer services — Interfexchange sig
 protocol

ynalling

[3] ISO/IEC 1[1582:2002, Information technology — Telecommunications and information exchange between
systems — Private Integrated Services Network — Generic functional—~protocol for the support of
supplementary services — Inter-exchange signalling procedures and protocal

[4] RFC 2119, Key words for use in RFCs to Indicate Requirement Levéls, BCP 14, S. Bradner

[51 RFC 793,|Transmission Control Protocol, STD 7, J. Postel

[6] RFC 768,|User Datagram Protocol, STD 6, J. Postel

[71 RFC 2244, The TLS Protocol Version 1.0, T. Dierks'and C. Allen

[8] RFC 2327, SDP: Session Description Protocol,'M. Handley and V. Jacobson

[9] RFC 296D, Stream Control Transmission Protocol, R. Stewart, Q. Xie, K. Morneault, C. [Sharp,
H. Schwarzbader, T. Taylor, I. Rytina, M. Kalla, L. Zhang, and V. Paxson

[10] RFC 3261, SIP: Session Initiation. Protocol, J. Rosenberg, H. Schulzrinne, G. Camairillo, A. Johnston,

J. Peterson, R

[11] RFC 3262
H. Schulzrinne

[12] RFC 3261
H. Schulzrinne

Sparks, M. Handley;-and E. Schooler

L, An <@ffer/Answer Model with the Session Description Protocol (SDP), J. Rosenbe

, Reliability of\Provisional Responses in the Session Initiation Protocol (SIP), J. Rosenbgrg and

rg and

[13] RFC 3323

, A Privacy Mechanism for the Session Initiation Protocol (SIP), J. Peterson

[14] RFC 3325, Private Extensions to the Session Initiation Protocol (SIP) for Asserted Identity within Trusted

Networks, C. J

[15] RFC 791,

ennings, J. Peterson, and M. Watson

Internet Protocol, STD 5, J. Postel

[16] RFC 2460, Internet Protocol, Version 6 (IPv6) Specification, S. Deering and R. Hinden

[17] ITU-T Recommendation E.164, The international public telecommunication numbering plan”

[18] RFC 3578, Mapping of Integrated Services Digital Network (ISDN), User Part (ISUP), Overlap Signalling
to the Session Initiation Protocol (SIP), G. Camarillo, A. Roach, J. Peterson, and L. Ong
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[19] RFC 3311, The Session Initiation Protocol (SIP) UPDATE Method, J. Rosenberg

[20] RFC 3420, Internet Media Type message/sipfrag, R. Sparks

4 Terms and definitions

For the purposes of this document, the terms and definitions given in ISO/IEC 11572, RFC 3261 and the
following apply.

4.1

corporate telecommunication network
CN
sets of| privately-owned or carrier-provided equipment that are located at geographically-dispgrsed locations
and ar¢ interconnected to provide telecommunication services to a defined group of usefs

NOTE A CN can comprise a PISN, a private IP network (intranet), or a combination of the’two.

4.2
gateway
entity that performs interworking between a PISN using QSIG and an IRP-network using SIP

4.3
IP network
network (unless otherwise stated, a corporate network) offering connectionless packet-mode $ervices based
on the [nternet Protocol (IP) as the network-layer protocol

4.4
media|stream
audio or other user information transmitted in UDP packets, typically containing RTP, in a gingle direction
betwegn the gateway and a peer entity participating in a session established using SIP

NOTE Normally a SIP session establishesa pair of media streams, one in each direction.
4.5

private integrated services network

PISN

CN or part of a CN that employs circuit-switched technology

4.6

private integrated-services network exchange

PINX

N

PISN hodal entity comprising switching and call handling functions and supporting QSIG signalling in
accordance-with ISO/IEC 11572:2000

5 Abbreviated terms

DNS Domain Name Service

IP Internet Protocol

PINX Private Integrated services Network eXchange
PISN Private Integrated Services Network

RTP Real-time Transport Protocol

SCTP Stream Control Transmission Protocol

© ISO/IEC 2007 — All rights reserved 3
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SDP Session Description Protocol
SIP Session Initiation Protocol
TCP Transmission Control Protocol
TLS Transport Layer Security

TU Transaction User

UA User Agent

UAC User Agent Client

UAS User Agent Server

UDP User Datagram Protocol

6 Background and Architecture

During the 1980s, corporate voice telecommunications adopted technology_similar in principle to Int¢grated
Services Digital Networks (ISDN). Digital circuit switches, commonly known as Private Branch eXchanges
(PBX) or morg formally as Private Integrated services Network eXchanges (PINX) have been intercornnected
by digital trapsmission systems to form Private Integrated Services Networks (PISN). These| digital
transmission slystems carry voice or other payload in fixed-rate channels, typically 64 Kbit/s, and signglling in
a separate channel. A technique known as common channel signalling is employed, whereby a| single
signalling channel potentially controls a number of payload channels or bearer channels. A |typical
arrangement i$ a point-to-point transmission facility at T1_or E1 rate providing a 64 Kbit/s signalling ghannel
and 23 or 30|bearer channels, respectively. Other arrangements are possible and have been deployed,
including the Use of multiple transmission facilities for'a signalling channel and its logically associated|bearer
channels. Alsg, arrangements involving bearer channels at sub-64 Kbit/s have been deployed, wher¢ voice
payload requirgs the use of codecs that perform.compression.

QSIG is the infernationally-standardized message-based signalling protocol for use in networks as degcribed
above. It rung in a signalling channel” between two PINXs and controls calls on a number of Ipgically
associated bearer channels between the same two PINXs. The signalling channel and its logically asspciated
s are collectively knewn as an inter-PINX link. QSIG is independent of the type of transiission
capabilities over which the signalling channel and bearer channels are provided. QSIG is also independent of

QSIG provided a means-for establishing and clearing calls that originate and terminate on different PINXs. A
call can be rquted over‘a single inter-PINX link connecting the originating and terminating PINX, ¢r over
several inter-HINX(links in series with switching at intermediate PINXs known as transit PINXs. A gall can
originate or tefminate in another network in WhICh case it enters or Ieaves the PISN enwronment through a
gateway PINXParties -accordance F v eriflg plan.
This basic call capablllty is specrfled in [2] In addltlon to basic caII capability, QSIG speC|f|es a number of
further capabilities supporting the use of supplementary services in PISNs.

More recently, corporate telecommunications networks have started to exploit IP in various ways. One way is
to migrate part of the network to IP using SIP. This might, for example, be a new branch office with a SIP
proxy and SIP endpoints instead of a PINX. Alternatively, SIP equipment might be used to replace an existing
PINX or PINXs. The new SIP environment needs to interwork with the QSIG-based PISN in order to support
calls originating in one environment and terminating in the other. Interworking is achieved through a gateway.

Interworking between QSIG and SIP at gateways can also be used where a SIP network interconnects
different parts of a PISN, thereby allowing calls between the different parts. A call can enter the SIP network at
one gateway and leave at another. Each gateway would behave in accordance with this International
Standard.

4 © ISO/IEC 2007 — All rights reserved
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Another way of connecting two parts of a PISN would be to encapsulate QSIG signalling in SIP messages for
calls between the two parts. This is outside the scope of this International Standard but could be the subject of
future work.

This International Standard specifies signalling protocol interworking aspects of a gateway between a PISN
employing QSIG signalling and an IP network employing SIP signalling. The gateway appears as a PINX to
other PINXs in the PISN. The gateway appears as a SIP endpoint to other SIP entities in the IP network. The
environment is shown in Figure 1.

SIP IP network PISN

Proxy PINX

PINX

Gateway

PINX

Figure 1 — Environment

In addition to the signalling interworking functionality;specified in this International Standard, it i$ assumed that
the gateway also includes the following functionality:

— one or more physical interfaces on théZPISN side supporting one or more inter-PINX I|nks, each link
providing one or more constant bit_rate channels for media streams and a reliable layef 2 connection
(elg., over a fixed rate physical channel) for transporting QSIG signalling messages; and

— one or more physical interfaces on the IP network side supporting, through layer 1 and layer 2 protocols,
IP|as the network layer protocol and UDP [6] and TCP [5] as transport layer protocols, these being used
for the transport of SIR.signalling messages and, in the case of UDP, also for media streans;

— optionally the support of TLS [7] and/or SCTP [9] as additional transport layer protocols on|the IP network
side, these beingiused for the transport of SIP signalling messages; and

— a means.of transferring media streams in each direction between the PISN and the IP netfvork, including
as| a_minimum packetization of media streams sent to the IP network and de-packetization of media
stlleams received from the IP network.

NOTE: [10] mandates support for both UDP and TCP for the transport of SIP messages and allows optional support
for TLS and/or SCTP for this same purpose.

The protocol model relevant to signalling interworking functionality of a gateway is shown in Figure 2.

© ISO/IEC 2007 — All rights reserved 5
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Interworking
function
SIP QSIG
IP network
networ UDP/TCP/TLS/SCTP PISN
P

IP network PISN lower
lower layers layers

Figure 2 — Protocol model

In Figure 2, the¢ SIP box represents SIP syntax and encoding, the SIP transport layer, and the SIP tran

layer. The Inte

The gateway
maintains an 4

A call from QS
message initig
completes ned
request, havin
The SIP INVI]
QSIG call. The
answer of the

bearer channe].

A call from SIH
QSIG SETUP
number suitab
INVITE requeg

rworking function includes SIP Transaction User (TU) functionality.

maps received QSIG messages, where appropriate, to SIP meSsages and vice ver
ssociation between a QSIG call and a SIP dialog.

IG to SIP is initiated when a QSIG SETUP message arrives at the gateway. The QSIG

tes QSIG call establishment, and an initial response,message (e.g., CALL PROCEH
otiation of the bearer channel to be used for that callThe gateway then sends a SIP

j translated the QSIG called party number to a URJ stitable for inclusion in the Reque
'E request and the resulting SIP dialog, if successfully established, are associated W
SIP 2xx response to the INVITE request is mapped to a QSIG CONNECT message, sig
call. During establishment, media streams, éstablished by SIP and SDP are connected

P to QSIG is initiated when a SIP INVITE request arrives at the gateway. The gateway S
message to initiate QSIG call_establishment, having translated the SIP Request- U

t and with the eventual SIP(dialog. Receipt of an initial QSIG response message cor]

saction

5a and

SETUP
EDING)
NVITE
st-URI.
ith the
nifying
to the

ends a
Rl to a

e for use as the QSIG called. party number. The resulting QSIG call is associated with {he SIP

npletes

negotiation of [the bearer channel to bé used, allowing media streams established by SIP and SDR to be
connected to that bearer channel. The, QSIG CONNECT message is mapped to a SIP 200 OK response to
the INVITE redquest.

Annex B gives|examples of typieal message sequences that can arise.

7 General Requirements

In order to conffor to this International Standard, a gateway SHALL support QSIG in accordance with |2] as a

gateway and SHALL support SIP in accordance with [10] as a UA. In particular, the gateway SHALL support
SIP syntax and encoding, the SIP transport layer, and the SIP transaction layer in accordance with [10]. In
addition, the gateway SHALL support SIP TU behaviour for a UA in accordance with [10] except where stated
otherwise in 8, 9, and 10 of this International Standard.

NOTE 1 [10] mandates that a SIP entity support both UDP and TCP as transport layer protocols for SIP messages.
Other transport layer protocols can also be supported.

The gateway SHALL also support SIP reliable provisional responses in accordance with [11] as a UA.

NOTE 2 [11] makes provision for recovering from loss of provisional responses (other than 100) to INVITE requests
when using unreliable transport services in the IP network. This is important for ensuring delivery of responses that map to
essential QSIG messages.

© ISO/IEC 2007 — All rights reserved
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The gateway SHALL support SDP in accordance with [8] and its use in accordance with the offer/answer
model in [12].

Clause 9 also specifies optional use of the Privacy header in accordance with [13] and the P-Asserted-ldentity
header in accordance with [14].

The gateway SHALL support calls from QSIG to SIP and calls from SIP to QSIG.

SIP methods not defined in [10] or [11] are outside the scope of this International Standard but could be the
subject of other standards for interworking with QSIG, e.g., for interworking in support of supplementary
services.

As a result of DNS lookup by the gateway in order to determine where to send a SIP INV|

numb

of candidate destinations can be attempted in sequence. The way in which this(is*h

gatewdy is outside the scope of this International Standard. However, any behaviour sp

Intern
when t
(see 8.

8 M

ional Standard on receipt of a SIP 4xx or 5xx final response to an INVITE request’'SHO
here are no more candidate destinations to try or when overlap signalling-applies in th
P.2.2).

pssage Mapping Requirements

8.1 Mé¢ssage Validation and Handling of Protocol Errors

The gateway SHALL validate received QSIG messages .4nyaccordance with the requireme

SHALL
acting
validat

act in accordance with [2] on detection of a QSIG proétocol error. The requirements of
on a received QSIG message apply only to alreceived QSIG message that has bes
bd and that satisfies one of the following conditions:

th

QSIG message is a SETUP message and indicates a destination in the IP network

capability for which the gateway is able teprovide interworking; or

th
ex

The pr
of this
signalli
Stands

TE request, a
andled by the
ecified in this
JLD apply only
e SIP network

nts of [2] and
this Clause for
n successfully

and a bearer

QSIG message is a message(other than SETUP and contains a call reference that identifies an

sting call for which the gateway.is providing interworking between QSIG and SIP.

bcessing of any valid QSIG'message that does not satisfy any of these conditions is out

International Standard.: Also, the processing of any QSIG message relating to ca
g connections or,connectionless transport, as specified in [3], is outside the scope of th
rd.

If segmented QSIG. messages are received, the gateway SHALL await receipt of all segments

and SH

ALL validate and act on the complete reassembled message.

The g

teway SHALL validate received SIP messages (requests and responses) in accorg

side the scope
[l-independent
is International

of a message

ance with the

requirgments of [10] and SHALL act in accordance with [10] on detection of a SIP protocol error

Requirements of this Clause for acting on a received SIP message apply only to a received message that has
been successfully validated and that satisfies one of the following conditions:

the SIP message is an INVITE request that contains no tag parameter in the To header field, does not

match an ongoing transaction (i.e., is not a merged request; see 8.2.2.2 of [10]), and indicates a
destination in the PISN for which the gateway is able to provide interworking; or

is providing interworking between QSIG and SIP; or

© ISO/IEC 2007 — All rights reserved
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— the SIP message is a CANCEL request that relates to a received INVITE request for which the gateway is
providing interworking with QSIG but for which the only response sent is informational (1xx), no dialog
having been confirmed; or

— the SIP message is a response to a request sent by the gateway in accordance with this Clause.

The processing of any valid SIP message that does not satisfy any of these conditions is outside the scope of
this International Standard.

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

The gateway $HALL run QSIG protocol timers as specified in [2] and SHALL act in accordance with|([2] if a
QSIG protocolltimer expires. Any other action on expiry of a QSIG protocol timer is outside the,'scopd of this
International Standard, except that if it results in the clearing of the QSIG call, the gateway SHALL aldo clear
the SIP call in pccordance with 8.4.5.

The gateway $HALL run SIP protocol timers as specified in [10] and SHALL act in aceordance with [[10] if a
SIP protocol timer expires. Any other action on expiry of a SIP protocol timer is (outside the scope|of this
International Standard, except that if it results in the clearing of the SIP call, the gateway SHALL also clear the
QSIG call in agcordance with 8.4.5.

8.2 Call Estaplishment from QSIG to SIP

8.2.1 Call Egtablishment from QSIG to SIP Using En Bloc Procedures

The following procedures apply when the gateway receives‘@.QSIG SETUP message containing a §ending
Complete infomation element or the gateway receives a QSIG SETUP message and is able to determine that
the number in the Called party number information elementis complete.

NOTE In the absence of a Sending Complete information element, the means by which the gateway determ|nes the
number to be cgmplete is an implementation matter. It can involve knowledge of the numbering plan and/or use [of inter-
digit timer expiry.

8.21.1 Redeipt of QSIG SETUP Message

On receipt of @ QSIG SETUP message containing a number that the gateway determines to be complete in
the Called party number information element, or containing a Sending complete information elemen{ and a
number that cpuld potentially be complete, the gateway SHALL map the QSIG SETUP message td a SIP
INVITE requegt. The gateway SHALL also send a QSIG CALL PROCEEDING message.

The gateway [SHALL generate the SIP Request-URI, To, and From fields in the SIP INVITE request in
accordance with Clause 9. The gateway SHALL include in the INVITE request a Supported header containing
option tag 100fel;4e indicate support for [11].

The gateway SHALL include SDP offer information in the SIP INVITE request as described in Clause 10. It
SHOULD also connect the incoming media stream to the user information channel of the inter- PINX link, to
allow the caller to hear in-band tones or announcements and prevent speech clipping on answer. Because of
forking, the gateway may receive more than one media stream, in which case it SHOULD select one (e.g., the
first received). If the gateway is able to correlate an unselected media stream with a particular early dialog
established using a reliable provisional response, it MAY use the UPDATE method [19] to stop that stream
and then use the UPDATE method to start that stream again if a 2xx response is received on that dialog.

On receipt of a QSIG SETUP message containing a Sending complete information element and a number that

the gateway determines to be incomplete in the Called party number information element, the gateway SHALL
initiate QSIG call clearing procedures using cause value 28, "invalid number format (address incomplete)".
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If information in the QSIG SETUP message is unsuitable for generating any of the mandatory fields in a SIP
INVITE request (e.g., if a Request-URI cannot be derived from the QSIG Called party number information
element) or for generating SDP information, the gateway SHALL NOT issue a SIP INVITE request and SHALL

initiate

8.2.1.2

QSIG call clearing procedures in accordance with [2].

Receipt of SIP 100 (Trying) Response to an INVITE Request

A SIP 100 response SHALL NOT trigger any QSIG messages. It only serves the purpose of suppressing
INVITE request retransmissions.

8.21.3

Receipt of SIP 18x provisional response to an INVITE request
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If the SIP 2xx response is received in response to the SIP PRACK request, the gateway SHALL NOT map this
message to any QSIG message.

NOTE A SIP 2xx response to the INVITE request can be received later on a different dialog as a result of a forking
proxy.
8.2.1.5 Receipt of SIP 3xx Response to an INVITE Request

On receipt of a SIP 3xx response to an INVITE request, the gateway SHALL act in accordance with [10].

NOTE

This will normally result in sending a new SIP INVITE request.
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Unless the gateway supports the QSIG Call Diversion Supplementary Service, no QSIG message SHALL be
sent. The definition of Call Diversion Supplementary Service for QSIG to SIP interworking is beyond the scope
of this International Standard.

8.2.2 Call Establishment from QSIG to SIP Using Overlap Procedures

SIP uses en bloc signalling, and it is strongly RECOMMENDED to avoid using overlap signalling in a SIP
network. A SIP/QSIG gateway dealing with overlap signalling SHOULD perform a conversion from overlap to
en bloc signalling method using one or more of the following mechanisms:

— timers;

— numbering plan information;
— the presence of a Sending complete information element in a received QSIG INFORMATION,mesgage.

If the gateway performs a conversion from overlap to en bloc signalling in the SIP’rietwork, then the
procedures defined in 8.2.2.1 SHALL apply.

However, for gome applications it might be impossible 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 En Bloc Signalling in SIP Network

8.22.11 Receipt of QSIG SETUP Message

On receipt of 4 QSIG SETUP message containing no Sending eomplete information element and a number in
the Called parfy number information element that the gateway cannot determine to be complete, the gateway
SHALL send back a QSIG SETUP ACKNOWLEDGE \message, start QSIG timer T302, and await|further
number digits.

8.2.2.1.2 Receipt of QSIG INFORMATION Message

On receipt of gach QSIG INFORMATION. message containing no Sending complete information element and
containing a number that the gateway cannot determine to be complete, QSIG timer T302 SHALL be
restarted. When QSIG timer T302 expires or a QSIG INFORMATION message containing a Sending
complete information element is received, the gateway SHALL send a SIP INVITE request as descilibed in
8.2.1.1. The Request-URI and.{To fields (see Clause 9) SHALL be generated from the concatengtion of
information in the Called party‘number information element in the received QSIG SETUP and INFORMATION
messages. The gateway SHALL also send a QSIG CALL PROCEEDING message.

8.2.2.1.3 R¢ceipt.of.SIP Responses to INVITE Requests

SIP responsed toINVITE requests SHALL be mapped as described in 8.2.1.

8.2.2.2 Overlap Signalling in SIP Network

The procedures below for using overlap signalling in the SIP network are in accordance with the principles
described in [18] for using overlap sending when interworking with ISDN User Part (ISUP). In [18], there is
discussion of some potential problems arising from the use of overlap sending in the SIP network. These
potential problems are applicable also in the context of QSIG-SIP interworking and can be avoided if overlap
sending in the QSIG network is terminated at the gateway, in accordance with 8.2.2.1. The procedures below
should be used only where it is not feasible to use the procedures of 8.2.2.1.
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8.22.21 Receipt of QSIG SETUP Message

On receipt of a QSIG SETUP message containing no Sending complete information element and a number in
the Called party number information element that the gateway cannot determine to be complete, the gateway
SHALL send back a QSIG SETUP ACKNOWLEDGE message and start QSIG timer T302. If the QSIG
SETUP message contains the minimum number 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. Otherwise, the gateway SHALL wait for
more digits to arrive in QSIG INFORMATION messages.

8.2.2.2.2 Receipt of QSIG INFORMATION Message

On receipt of a QSIG INFORMATION message, the gateway SHALL handle the QSIG timer T302 in
accordpnce with [2].

NOTE 1 [2] requires the QSIG timer to be stopped if the INFORMATION message contains-a Sg¢nding complete
information element or to be restarted otherwise.

Further behaviour of the gateway SHALL depend on whether 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 minimum number of digits required to
route tihe call, it SHALL send a SIP INVITE request as specified in 8.2.2.1,2,\If'the gateway stillfdoes not have
the migimum number of digits required, it SHALL wait for more QSIG INFORMATION messages to arrive.

If the gateway has already sent one or more SIP INVITE requests, whether or not final resppnses to those
requests have been received, it SHALL send a new SIP INVITE~request in accordance with 3.2 of [18]. The
updated Request-URI and To fields (see Clause 9) SHALL be generated from the copcatenation of
information in the Called party number information elementin the received QSIG SETUP and INFORMATION
messafes.

NOTE 2 [18] requires the new request to have the same Call-ID and the same From header (including tag) as in the
previoug INVITE request. [18] recommends that the CSeq’header should contain a value higher than thgt in the previous
INVITE request.

8.2.2.213 Receipt of SIP 100 (Trying) Response to an INVITE Request

The requirements of 8.2.1.2 SHALL apply.

8.2.2.214 Receipt of SIP 18x Provisional Response to an INVITE Request

The requirements of 8.2.1.3 SHALL apply.

8.2.2.2l5 Receiptof SIP 2xx Response to an INVITE Request

The refuirements of 8.2.1.4 SHALL apply. In addition, the gateway SHALL send a SIP CANCEL request in
accordpnge. with 3.4 of [18] to cancel any SIP INVITE transactions for which no final respgnse has been
receivgd:

8.2.2.2.6 Receipt of SIP 3xx Response to an INVITE Request

The requirements of 8.2.1.5 SHALL apply.

8.2.2.2.7 Receipt of a SIP 4xx, 5xx, or 6xx Final Response to an INVITE Request

On receipt of a SIP 4xx, 5xx, or 6xx final response to an INVITE request, the gateway SHALL send back a SIP
ACK request. Unless the gateway is able to retry the INVITE request to avoid the problem (e.g., by supplying
authentication in the case of a 401 or 407 response), the gateway SHALL also send a QSIG DISCONNECT
message (8.4.4) if no further QSIG INFORMATION messages are expected and final responses have been
received to all transmitted SIP INVITE requests.
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NOTE Further QSIG INFORMATION messages will not be expected after QSIG timer T302 has expired or after a
Sending complete information element has been received.

In all other cases, the receipt of a SIP 4xx, 5xx, or 6xx final response to an INVITE request SHALL NOT
trigger the sending of any QSIG message.

NOTE If further QSIG INFORMATION messages arrive, these will result in further SIP INVITE requests being sent,
one of which might result in successful call establishment. For example, initial INVITE requests might produce 484
(Address Incomplete) or 404 (Not Found) responses because the Request-URIs derived from incomplete numbers cannot
be routed, yet a subsequent INVITE request with a routable Request-URI might produce a 2xx final response or a more
meaningful 4xx, 5xx, or 6xx final response.

8.2.2.2.8 ReeeiptofMultiple SIP-ResponsestoaniNVITEReguest
3.3 of [18] applies.
8.2.2.2.9 C3ancelling Pending SIP INVITE Transactions
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8.2.2.210 Q$IG Timer T302 Expiry

If QSIG timer [T302 expires and the gateway has received 4xx, 5xx, or 6xx responses to all transmitfed SIP
INVITE requests, the gateway SHALL send a QSIG DISCONNECT message. If T302 expires and the
gateway has not received 4xx, 5xx, or 6xx responses to all transmitted SIP INVITE requests, the gpteway
SHALL ignore| any further QSIG INFORMATION-messages but SHALL NOT send a QSIG DISCONNECT
message at this stage.

NOTE AQ
or 6xx response

51G DISCONNECT request will\be sent when all outstanding SIP INVITE requests have received 4xx, 5xx,
5

8.3 Call Establishment from(SIP to QSIG

8.3.1 Receipt of SIP INVITE Request for a New Call

On receipt of g
gateway SHA

SIP INVITE request for a new call, if a suitable channel is available on the inter-PINX |
L generate a QSIG SETUP message from the received SIP INVITE request. The g

nk, the
ateway

SHALL generdte‘the Called party number and Calling party number information elements in accordante with
Clause 9 and SHALLE get rerate-theBearer bapabi“ty informatiometementimaccordance-with-Stause—19. If the
gateway can determine that the number placed in the Called party number information element is complete,

the gateway MAY include the Sending complete information element.

NOTE 1 The means by which the gateway determines the number to be complete is an implementation matter. It can
involve knowledge of the numbering plan and/or use of the inter-digit timer.

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
elements in a QSIG SETUP message (e.g., if a QSIG Called party number information element cannot be
derived from SIP Request-URI field) or if no suitable channel is available on the inter-PINX link, the gateway
SHALL NOT issue a QSIG SETUP message and SHALL send a SIP 4xx, 5xx, or 6xx response. If no suitable
channel is available, the gateway should use response code 503 (Service Unavailable).
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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 SHOULD still proceed as above, although an
implementation can instead send a SIP 488 (Not Acceptable Here) response, in which case it SHALL NOT
issue a QSIG SETUP message.

NOTE 2  The absence of SDP offer information in the SIP INVITE request means that the gateway might need to send
SDP offer information in a provisional response and receive SDP answer information in a SIP PRACK request (in
accordance with [11]) in order to ensure that tones and announcements from the PISN are transmitted. SDP offer
information cannot be sent in an unreliable provisional response because SDP answer information would need to be
returned in a SIP PRACK request. The recommendation above still to proceed with call establishment in this situation
reflects the desire to maximise the chances of a successful call. However, if important in-band information is likely to be

denied in this situation, a gateway can choose not to proceed.
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clearing, or wait for a SIP CANCEL request. If call clearing is initiated, the cause value in the QSIG
PROGRESS message SHALL be used to derive the response to the SIP INVITE request in accordance with
Table 1.

8.34

Receipt of QSIG ALERTING Message

The gateway SHALL map a QSIG ALERTING message to a SIP 180 (Ringing) response to the INVITE
request. 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.

NOTE

In accordance with [11], inclusion of option tag 100rel in a provisional response instru

cts the UAC to

acknowledge the provisional response by sending a PRACK request. [11] also specifies procedures for repeating a
provisional response with option tag 100rel if no PRACK is received.
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If the QSIG ALERTING message contained a Progress indicator information element with Progress
description number 1 or 8, the gateway SHALL connect the media streams to the corresponding user
information channel of the inter-PINX link if it has not already done so, provided that SDP answer information
is included in the transmitted 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 to the INVITE request, if a QSIG message containing a
Progress indicator information element with progress description number 1 or 8 has been received the
gateway SHALL include SDP information. Otherwise, the gateway MAY include SDP information. If SDP
information is included, it shall be in accordance with the following rules.

If the SIP INVITE request contained a Required or Supported header with option tag 100rel, and.if SOP offer
and answer information has already been exchanged, no SDP information SHALL be includeddn‘the $IP 18x
provisional response.

If the SIP INVITE request contained a Required or Supported header with option tag 100rél, and if SOP offer
information was received in the SIP INVITE request but no SDP answer information *has been sent, SDP
answer information SHALL be included in the SIP 18x provisional response.

If the SIP INV|TE request contained a Required or Supported header with eption tag 100rel, and if o SDP
offer informatign was received in the SIP INVITE request and no SDP offer‘information has already begn sent,
SDP offer infofmation SHALL be included in the SIP 18x provisional respornse.

NOTE 1 In tHis case, SDP answer information can be expected in the SIR PRACK.

If the SIP INVITE request contained neither a Required nor a. Supported header with option tag 100r¢l, SDP
answer information SHALL be included in the SIP 18x provisiohal response.

NOTE 2 Bechuse the provisional response is unreliabley SDP answer information needs to be repeated [in each
provisional resppnse and in the final SIP 2xx response.

NOTE 3  If thge SIP INVITE request contained nosSDP offer information 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 Receigt of QSIG CONNECT Message

The gateway $HALL map a QSIGY\CONNECT message to a SIP 200 (OK) final response for the SIP INVITE
request. The gateway SHALL also send a QSIG CONNECT ACKNOWLEDGE message.

If the SIP INVITE request.contained a Required or Supported header with option tag 100rel, and if SOP offer
and answer information.has already been exchanged, no SDP information 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 SOP offer

information was received in the SIP INVITE request but no SDP answer information has been sent, SDP
answer information 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 information was received in the SIP INVITE request and no SDP offer information has already been sent,
SDP offer information SHALL be included in the SIP 200 response.

NOTE 1 In this case, SDP answer information 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 information SHALL be included in the SIP 200 response.
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NOTE 2  Because the provisional response is unreliable, SDP answer information needs to be repeated in each
provisional response and in the final 2xx response.

NOTE 3  If the SIP INVITE request contained no SDP offer information and neither a Required nor a Supported header
with option tag 100rel, it may have been rejected in accordance with 8.3.1.

The gateway SHALL connect the media streams to the corresponding user information channel of the inter-

PINX link if it has not already done so, provided that SDP answer information is included in the transmitted
SIP response or has already been sent or received.

8.3.7 Receipt of SIP PRACK Request

The refeipt of a request acknowledging a refliable provisional response T result in any
essage being sent. The gateway SHALL send back a SIP 200 (OK) response to,the SIP PRACK

IP PRACK contains SDP answer information and a QSIG message containing a Progress indicator
information element with progress description number 1 or 8 has been receivedsthe gateway $SHALL connect
the media streams to the corresponding user information channel of the inter-PINX link.

8.3.8 [Receipt of SIP ACK Request
The regeipt of a SIP ACK request SHALL NOT result in any QSIG message being sent.

If the BIP ACK contains SDP answer information, the gateway SHALL connect the media $treams to the
corresponding user information channel of the inter-PINX link if it has not already done so.

8.3.9 |Receipt of a SIP INVITE Request for a Call Already Being Established
A gateay can receive a call from SIP using oVerlap procedures. This should occur when tHe UAC for the
INVITH request is a gateway from a networkithat employs overlap procedures (e.g., an ISUP gateway or
anothefr QSIG gateway) and the gateway has“not absorbed overlap.
For a fall from SIP using overlap procedures, the gateway will receive multiple SIP INVITH requests that
belong|to the same call but have different Request-URI and To fields. Each SIP INVITE requesgt belongs to a
different dialog.

A SIP [INVITE request is_considered to be for the purpose of overlap sending if, compared {o a previously
receivgd SIP INVITE request, it has:

— thé¢ same Call-ID*header;

— the¢ same-Erom header (including the tag);

— ngtagin the To header;

— an updated Request-URI from which can be derived a called party number with a superset of the digits
derived from the previously received SIP INVITE request;

and if

— the gateway has not yet sent a final response other than 484 to the previously received SIP INVITE
request.

If a gateway receives a SIP INVITE request for the purpose of overlap sending, it SHALL generate a QSIG
INFORMATION message using the call reference of the existing QSIG call instead of a new QSIG SETUP
message and containing only the additional digits in the Called party number information element. It SHALL
also respond to the SIP INVITE request received previously with a SIP 484 Address Incomplete response.
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If a gateway receives a SIP INVITE request that meets all of the conditions for a SIP INVITE request for the
purpose of overlap sending except the condition concerning the Request-URI, the gateway SHALL respond to
the new request with a SIP 485 (Ambiguous) response.

8.4 Call Clearing and Call Failure

8.4.1 Receipt of a QSIG DISCONNECT, RELEASE, or RELEASE COMPLETE Message

On receipt of QSIG DISCONNECT, RELEASE, or RELEASE COMPLETE message as the first QSIG call
clearing message, gateway behaviour SHALL depend on the state of call establishment.

1) If the gateway-has—senta-SHP200{0K)respoense 6 i SiP ACK
requ st or |f |t has recelved a SIP 200 (OK) response to a SIP INVITE request and sent d SIP ACK
requegst, the gateway SHALL send a SIP BYE request to clear the call.

2) If the| gateway has sent a SIP 200 (OK) response to a SIP INVITE request (indicating that call
estabjishment is complete) but has not received a SIP ACK request, the gateway SHALL waif until a
SIP ACK is received and then send a SIP BYE request to clear the call.

3) If the|gateway has sent a SIP INVITE request and received a SIP provisighal response but ngt a SIP
final response, the gateway SHALL send a SIP CANCEL request to clear the call.

NOTH 1 In accordance with [10], if after sending a SIP CANCEL requést a SIP 2xx response is receivegd to the
SIP INVITE request, the gateway will need to send a SIP BYE request!

4) If the|gateway has sent a SIP INVITE request but received no SIPresponse, the gateway SHALL
NOT |send a SIP message. If a SIP final or provisional 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
SHALUL send a SIP final response chosentaccording to the cause value in the received QSIG
messpge as specified in Table 1. SIP respense 500 (Server internal error) SHALL be used|as the
default for cause values not shown in Table 1.

NOTE 2 It is|not necessarily appropriate to (map some QSIG cause values to SIP messages because thes¢ cause
values are meaningful only at the gateway./A good example of this is cause value 44, "Requested circuit or chapnel not
available", which signifies that the channel ndmber in the transmitted QSIG SETUP message was not acceptable to the
peer PINX. The pppropriate behavior in_this case is for the gateway to send another SETUP message indicating a flifferent
channel number}. If this is not possibleythe gateway should treat it either as a congestion situation (no channels ayailable;
see 8.3.1) or asfa gateway failure Situation (in which case the default SIP response code applies).

In all cases, the gateway SHALL also disconnect media streams, if established, and allow QSIG apd SIP
signalling to cgmplete.if accordance with [2] and [10], respectively.

Table [I-=< Mapping of QSIG Cause Value to SIP 4xx-6xx responses to an INVITE request

QSIG Cause value SIP response

1 Unallocated number 404 Not found

2  No route to specified transit network | 404 Not found

3 No route to destination 404 Not found

16 Normal call clearing (NOTE 3)

17 User busy 486 Busy here

18 No user responding 408 Request timeout

19 No answer from the user 480 Temporarily unavailable

20 Subscriber absent 480 Temporarily unavailable

21 Call rejected 603 Decline, if location field in Cause
information element indicates user.
Otherwise:

403 Forbidden
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22  Number changed 301 Moved permanently, if information in
diagnostic field of Cause information
element is suitable for generating a SIP
Contact header. Otherwise:

410 Gone
23 Redirection to new destination 410 Gone
27 Destination out of order 502 Bad gateway
28 Address incomplete 484 Address incomplete
29 Facility rejected 501 Not implemented
31 Normal unspecified 480 Temporarily unavailable
34 No circuit/channel available 503 Service unavailable
38 Network out of order 503 Service unavailable
41  Temporary failure 503 Service unavailable
42 Switching equipment congestion 503 Service unavailable
47 Resource unavailable, unspecified 503 Service unavailable
55 Incoming calls barred within CUG 403 Forbidden
57 Bearer capability not authorized 403 Forbidden
58 Bearer capability not presently | 503 Service unavailable

available
65 Bearer capability not implemented 488 Not acceptablechere (NOTE 4)
69 Requested facility not implemented 501 Not implemented
70 Only restricted digital information | 488 Not acceptable here (NOTE 4)

available
79 Service or option not implemented, | 501 Notimplemented
unspecified
87 User not member of CUG 403 Forbidden
88 Incompatible destination 508, Service unavailable
102 Recovery on timer expiry 504 Server time-out

NOTE § A QSIG call clearing message containing cause value 16 will normally result in the sending pf a SIP BYE or
CANCHL request. However, if a SIP response is.t0 be sent to the INVITE request, the default response| code should be
used.

NOTE 4 The gateway may include @;SIP Warning header if diagnostic information in the QSIG Cause information
element allows a suitable warning code to be selected.

8.4.2 |Receipt of a SIP BYE'Request

On recgipt of a SIP BYE-request, the gateway SHALL send a QSIG DISCONNECT message with cause value
16 (nofmal call clearing). The gateway SHALL also disconnect media streams, if established, and allow QSIG
and SIP signalling‘to complete in accordance with [2] and [10], respectively.

NOTE When responding to a SIP BYE request, in accordance with [10], the gateway is also requirg¢d to respond to
any other‘euUtstanding transactions, e.g., with a SIP 487 (Request Terminated) response. This applies in particular if the
gateway-has-retyetreturred-afinalrespenseto-the-SIP-INVIHErequest

8.4.3 Receipt of a SIP CANCEL Request

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 INVITE request, the gateway SHALL send a QSIG DISCONNECT message with cause
value 16 (normal call clearing). The gateway SHALL also disconnect media streams, if established, and allow
QSIG and SIP signalling to complete in accordance with [2] and [10], respectively.

8.4.4 Receipt of a SIP 4xx-6xx Response to an INVITE Request
Except where otherwise specified in the context of overlap sending (8.2.2.2), on receipt of a SIP final

response (4xx-6xx) to a SIP INVITE request, unless the gateway is able to retry the INVITE request to avoid
the problem (e.g., by supplying authentication in the case of a 401 or 407 response), the gateway SHALL

© ISO/IEC 2007 — Al rights reserved 17


https://iecnorm.com/api/?name=206144f60059e3ed07181698ee2fbe64

ISO/IEC 17343:2007(E)

transmit a QSIG DISCONNECT message. The cause value in the QSIG DISCONNECT message SHALL be
derived from the SIP 4xx-6xx response according to Table 2. Cause value 31 (Normal, unspecified) SHALL be
used as the default for SIP responses not shown in Table 2. The gateway SHALL also disconnect media
streams, if established, and allow QSIG and SIP signalling to complete in accordance with [2] and [10],
respectively.

When generating a QSIG Cause information element, the location field SHOULD contain the value "user", if

generated as a result of a SIP response code 6xx, or the value "Private network serving the remote user” in
other circumstances.

Table 2 — Mapping of SIP 4xx-6xx responses to an INVITE request to QSIG Cause values

SIP résponse QSIG Cause value

400 |Bad request 41 Temporary failure

401 | Unauthorized 21  Call rejected (NOTE 1)

402 | Payment required 21 Call rejected

403 | Forbidden 21 Call rejected

404 | Not found 1 Unallocated number

405 | Method not allowed 63  Service or option upavailable,
unspecified

406 | Not acceptable 79  Service or optionwiot implemented,
unspecified

407 | Proxy Authentication required 21  Call rejected(NOTE 1)

408 | Request timeout 102 Recovery on timer expiry

410 [Gone 22  Nunibker changed

413 | Request entity too large 127 Interworking, unspecified (NOTE 2)

414 |Request-URI too long 127 ~Interworking, unspecified (NOTE 2)

415 | Unsupported media type 790 Service or option not implemented,
unspecified (NOTE 2)

416 | Unsupported URI scheme 127 Interworking, unspecified (NOTE 2)

420 |Bad extension 127 Interworking, unspecified (NOTE 2)

421 | Extension required 127 Interworking, unspecified (NOTE 2)

423 | Interval too brief 127 Interworking, unspecified (NOTE 2)

480 | Temporarily unavailable 18  No user responding

481 [ Call/transaction does not exist 41  Temporary failure

482 |Loop detected 25  Exchange routing error

483 | Too many hops 25  Exchange routing error

484 | Address incompleté 28 Invalid number format (NOTE 2)

485 | Ambiguous 1 Unallocated Number

486 |[Busy here 17  User busy

487 |RequestedTerminated (NOTE 3)

488 | Not Acceptable Here 65  Bearer capability not implemented
or 31 Normal, unspecified (NOTE 4)

500 [Server internal error 41 Temporary failure

501 |Nef implemented 79 Service or option not implemented
unspecified

502 Bad gateway 38  Network out of order

503 Service unavailable 41  Temporary Failure

504 Gateway time-out 102 Recovery on timer expiry

505 Version not supported 127 Interworking, unspecified (NOTE 2)

513 Message too large 127 Interworking, unspecified (NOTE 2)

600 Busy everywhere 17  User busy

603 Decline 21 Call rejected

604 Does not exist anywhere 1 Unallocated number

606 Not acceptable 65  Bearer capability not implemented,
or

31 Normal, unspecified (NOTE 4)

18 ® ISO/IEC 2007 — Al rights reserved


https://iecnorm.com/api/?name=206144f60059e3ed07181698ee2fbe64

ISO/IEC 17343:2007(E)

NOTE 1 In some cases, it may be possible for the gateway to provide credentials to the SIP UAS that is rejecting an
INVITE due to authorization failure. If the gateway can authenticate itself, then obviously it should do so and proceed with
the call. Only if the gateway cannot authorize itself should the gateway clear the call in the QSIG network with this cause
value.

NOTE 2 For some response codes, the gateway may be able to retry the INVITE request in order to work around the
problem. In particular, this may be the case with response codes indicating a protocol error. The gateway SHOULD clear
the call in the QSIG network with the indicated cause value only if retry is not possible or fails.

NOTE 3  The circumstances in which SIP response code 487 can be expected to arise do not require it to be mapped
to a QSIG cause code, since the QSIG call will normally already be cleared or in the process of clearing. If QSIG call

clearing does, however, need to be initiated, the default cause value should be used.
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When the Warning header is present in a SIP 606 or 488 message, the warning code should
he whether it is reasonable to generate cause value 65. This cause value should be generated
that a new call attempt with different content in the Bearer capability information element will avoiq
rcumstances, the default cause value should be used.

Gateway-Initiated Call Clearing

ateway initiates clearing of the QSIG call owing to QSIG timer expiry, QSIG protocol erro
RESTART message in accordance with [2], the gateway SHALL alse’initiate clearing of]
bnce with 8.4.1. If this involves the sending of a final response.to'a SIP INVITE reques

use response code 480 (Temporarily Unavailable) if optional QSIG timer T301 h
se, response code 408 (Request timeout) or 500 (Server internal error), as appropriate.

ateway initiates clearing of the SIP call owing to SIR timer expiry or SIP protocol error
D], the gateway SHALL also initiate clearing of the ‘QSIG call in accordance with [2] usir
bcovery on timer expiry) or 41 (Temporary failure)yas appropriate.

quest to Change Media Characteristics

a call has been successfully established the gateway receives a SIP INVITE request
characteristics of the call in a way that would be incompatible with the bearer capabilit
BN, the gateway SHALL send ‘back a SIP 488 (Not Acceptable Here) response and
the media characteristics ofthe existing call.

Umber Mapping

~

5, users are identified by numbers, as defined in [1]. Numbers are conveyed within th
r, Calling party number, and Connected number information elements. The Calling par|

red (presentation restricted), and a screening indicator, which indicates the source and
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cted number information elements also contain a presentation indicator, which can indicate that privacy

authentication

In SIP, users are identified by Universal Resource Identifiers (URIs) conveyed within the Request-URI and
various headers, including the From and To headers specified in [10] and optionally the P-Asserted- Identity
header specified in [14]. In addition, privacy is indicated by the Privacy header specified in [13].

This Clause specifies the mapping between QSIG Called party number, Calling party number, and Connected
number information elements and corresponding elements in SIP.

A gateway MAY implement the P-Asserted-ldentity header in accordance with [14]. If a gateway implements
the P-Asserted-ldentity header, it SHALL also implement the Privacy header in accordance with [13]. If a
gateway does not implement the P-Asserted-ldentity header, it MAY implement the Privacy header.
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9.1 Mapping from QSIG to SIP

The method used to convert a number to a URI is outside the scope of this International Standard. However,
the gateway SHOULD take account of the Numbering Plan (NPI) and Type Of Number (TON) fields in the
QSIG information element concerned when interpreting a number.

Some aspects of mapping depend on whether the gateway is in the same trust domain (as defined in [14]) as
the next hop SIP node (i.e., the proxy or UA to which the INVITE request is sent or from which INVITE request
is received) to honour requests for identity privacy in the Privacy header. This will be network-dependent, and
it is RECOMMENDED that gateways supporting the P-Asserted-ldentity header hold a configurable list of next
hop nodes that are to be trusted in this respect.

9.1.1 Using |nformation from the QSIG Called Party Number Information Element
When mapping
the QSIG Callgd party number information to a URI and include that URI in the SIP Request:URland in)

header.

a QSIG SETUP message to a SIP INVITE request, the gateway SHALL convert the number in
the To

9.1.2 Using |nformation from the QSIG Calling Party Number Information Element

When mapping a QSIG SETUP message to a SIP INVITE request, the gateway,SHALL use the Callin|
number information element, if present, as follows.

g party

umber.
tion.

If the informati
Further behavi
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pur depends on whether a URI has been derived and/the value of the presentation indicg

9.1.21 No URI derived, and presentation indicator does not have value "presentation restricted"
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mechanism de

cluding the case where the Calling party number information element is absent), the g
a URI identifying the gateway in the“From header. Also, if the gateway suppo
fined in [14], the gateway SHALL NOT>generate a P-Asserted-ldentity header.

ateway
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-

9.1.2.2 No URI derived, and presentation‘indicator has value "presentation restricted"

In this case, t
mechanism de
"id" and SHAL
value paramet

9.1.23 URI

If the gateway
header, the g

ne gateway SHALL generate an anonymous From header. Also, if the gateway suppd
fined in [14], the gateway-SHALL generate a Privacy header field with parameter priv-
L NOT generate a P-Asserted-ldentity header. The inclusion of additional values of th
br in the Privacy héader is outside the scope of this International Standard.

derived, and-presentation indicator has value "presentation restricted"

supports-the P-Asserted-ldentity header and trusts the next hop proxy to honour the
pteway " SHALL generate a P-Asserted-ldentity header containing the derived URI,

generate a P
header. The i

ivaCy header with parameter priv-value = "id", and SHALL generate an anonymous

rts the
alue =
e priv-

Privacy
SHALL
5 From

scope of this International Standard.

ide the

If the gateway does not support the P-Asserted-ldentity header or does not trust the proxy to honour the
Privacy header, the gateway SHALL behave as in 9.1.2.2.

9.1.2.4 URIl derived, and presentation indicator does not have value "presentation restricted"

In this case, the gateway SHALL generate a P-Asserted-ldentity header containing the derived URI if the
gateway supports this header, SHALL NOT generate a Privacy header, and SHALL include the derived URI in
the From header. In addition, the gateway MAY use S/MIME, as described in Clause 23 of [10], to sign a copy
of the From header included in a message/sipfrag body of the INVITE request as described in [20].
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Using Information from the QSIG Connected Number Information Element

When mapping a QSIG CONNECT message to a SIP 200 (OK) response to an INVITE request, the gateway
SHALL use the Connected number information element, if present, as follows.

If the information element contains a number, the gateway SHALL attempt to derive a URI from that number.
Further behaviour depends on whether a URI has been derived and the value of the presentation indication.

9.1.31

No URI derived, and presentation indicator does not have value "presentation restricted"

In this case (including the case where the Connected number information element is absent), the gateway

SHALL

NOT generate a P-Asserted-ldentity header and SHALL NOT generate a Privacy heade
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case, if the gateway supports the mechanism defined in [14], the gateway SHALL gen
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n of additional values of the priv-value parameter in the Privacy header ‘is outside th
ional Standard.

URI derived, and presentation indicator has value "preséntation restricted"

ateway supports the P-Asserted-ldentity header and trusts.the next hop proxy to hong
, the gateway SHALL generate a P-Asserted-ldentity header containing the derived U
e a Privacy header with parameter priv-value = "id".{The inclusion of additional values o
ter in the Privacy header is outside the scope of this'International Standard.

header, the gateway SHALL behave as in/9.3.2.

URI derived, and presentation indicator does not have value "presentation rest

case, the gateway SHALL generate a P-Asserted-Identity header containing the deri
y supports this header and SHALL NOT generate a Privacy header. In addition, the gat
E, as described in Clause-237of [10], to sign a To header containing the derived URI,
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scope of this
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RI and SHALL
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ved URI if the
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being ipcluded in a message/sipfrag body of the INVITE response as described in [20].

NOTE The To header in‘the message/sipfrag body may differ from the to header in the response's hgaders.

9.2 Mapping from-SIP to QSIG

The m
NPI arn
accord

pthod used to convert a URI to a number is outside the scope of this International Stang
d TON fields in the QSIG information element concerned SHALL be set to approp
arice with [1].

ard. However,
riate values in

Some aspects of mapping depend on whether the gateway trusts the next hop SIP node (i.e., the proxy or UA
to which the INVITE request is sent or from which INVITE request is received) to provide accurate information
in the P-Asserted-Identity header. This will be network-dependent, and it is RECOMMENDED that gateways
hold a configurable list of next hop nodes that are to be trusted in this respect.

Some aspects of mapping depend on whether the gateway is prepared to use a URI in the From header to
derive a number for the Calling party number information element. The default behaviour SHOULD be not to
use an unsigned or unvalidated From header for this purpose, since in principle the information comes from
an untrusted source (the remote UA). However, it is recognised that some network administrations may
believe that the benefits to be derived from supplying a calling party number outweigh any risks of supplying
false information. Therefore, a gateway MAY be configurable to use an unsigned or unvalidated From header
for this purpose.
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9.21 Generating the QSIG Called Party Number Information Element

When mapping a SIP INVITE request to a QSIG SETUP message, the gateway SHALL convert the URI in the
SIP Request-URI to a number and include that number in the QSIG Called party number information element.

NOTE The To header should not be used for this purpose. This is because re-targeting of the request in the SIP
network can change the Request-URI but leave the To header unchanged. It is important that routing in the QSIG network
be based on the final target from the SIP network.

9.2.2 Generating the QSIG Calling Party Number Information Element

When mapping a SIP INVITE request to a QSIG SETUP message, the gateway SHALL generate a Calling
party number information element as follows.

If the SIP INVITE request contains an S/IMIME signed message/sipfrag body [20] containing a-From header,
and if the gateway supports this capability and can verify the authenticity and trustworthiness |of this
information, thie gateway SHALL attempt to derive a number from the URI in that headerxIf no number is
derived from a|message/sipfrag body, if the SIP INVITE request contains a P- Asserted<ldentity header, and if
the gateway sypports that header and trusts the information therein, the gateway SHALL attempt to derive a
number from the URI in that header. If a number is derived from one of these headers, the gateway SHALL
include it in the Calling party number information element and include valuehetwork provided"|in the
screening indigator.

If no number|is derivable as described above and if the gateway isiprepared to use the unsigned or
unvalidated Frpm header, the gateway SHALL attempt to derive a number from the URI in the From header. If
a number is ¢lerived from the From header, the gateway SHALL jihclude it in the Calling party mnumber
information elgment and include value "user provided, not screened" in the screening indicator.

If no number i$ derivable, the gateway SHALL NOT include.a*number in the Calling party number information
element.

If the SIP INVITE request contains a Privacy headepwith value "id" in parameter priv-value and the gateway
supports this eader, or if the value in the From-~héader indicates anonymous, the gateway SHALL jnclude
value "presentgtion restricted" in the presentation indicator. Based on local policy, the gateway MAY Use the
presence of gther priv-values to set the presentation indicator to "presentation restricted". Otherwjse the
gateway SHALL include value "presentation allowed" if a number is present or "not available [due to
interworking" if no number is present.

If the resulting Calling party number information element contains no number and contains valde "not
available due fo interworking"(in,'the presentation indicator, the gateway MAY omit the information glement
from the QSIG|SETUP message.

9.2.3 Generating the.QSIG Connected Number Information Element

When mapping
SHALL genera

@’ SIP 2xx response to an INVITE request to a QSIG CONNECT message, the gateway

If the SIP 2xx response contains an S/MIME signed message/sipfrag [20] body containing a To header and
the gateway supports this capability and can verify the authenticity and trustworthiness of this information, the
gateway SHALL attempt to derive a number from the URI in that header. If no number is derived from a
message/sipfrag body, if the SIP 2xx response contains a P-Asserted-ldentity header, and if the gateway
supports that header and trusts the information therein, the gateway SHALL attempt to derive a number from
the URI in that header. If a number is derived from one of these headers, the gateway SHALL include it in the
Connected number information element and include value "network provided" in the screening indicator.

If no number is derivable as described above, the gateway SHOULD NOT include a number in the Connected
number information element.
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If the SIP 2xx response contains a Privacy header with value "id" in parameter priv-value and the gateway
supports this header, the gateway SHALL include value "presentation restricted" in the presentation indicator.
Based on local policy, the gateway MAY use the presence of other priv-values to set the presentation indicator
to "presentation restricted". Otherwise, the gateway SHALL include value "presentation allowed" if a number is
present or "not available due to interworking" if no number is present.

If the resulting Connected number information element contains no number and value "not available due to

interworking" in the presentation indicator, the gateway MAY omit the information element from the QSIG
CONNECT message.

10 Requirements for Support of Basic Services

This International Standard specifies signalling interworking for basic services that provide @ bi-directional
transfer capability for speech, facsimile, and modem media between the two networks.

10.1 Derivation of QSIG Bearer Capability Information Element

on SDP offer information received along with the SIP INVITE request..f¢the SIP INVITE request does not
contair) SDP offer information or the media type in the SDP offer information is only 'audio’, then the Bearer
capability information element SHALL BE generated according to Jable 3. Coding of the Bgarer capability
information element for other media types is outside the scope of this*International Standard.

The gateway SHALL generate the Bearer Capability Information Element in the QSIG SETUP riessage based

In addition, the gateway MAY include a Low layer compatibility information element andjor High layer
compatibility information in the QSIG SETUP message if the gateway is able to derive relevant information
from the SDP offer information. Specific mappings are autside the scope of this International Standard.

Table 3 — Bearer capability encoding for 'audio’ transfer

Field Value

Codling Standard "CCITT standardized coding" (00)

Infdrmation transfer capability "3,1 kHz audio" (10000)

Transfer mode "circuit mode" (00)

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

Multiplier Octet omitted

Usgr information layer 1 protocol Generated by gateway based on information of the
PISN. Supported values are
"CCITT recommendation G.711 u-law" (000010)
"CCITT recommendation G.711 A-law" (0J011)

10.2 Derivation of Media Type in SDP

The gateway SHALL generate SDP offer information to include in the SIP INVITE request based on
information in the QSIG SETUP message. The gateway MAY take account of QSIG Low layer compatibility
and/or High layer compatibility information elements, if present in the QSIG SETUP message, when deriving
SDP offer information, in which case specific mappings are outside the scope of this International Standard.
Otherwise, the gateway shall generate SDP offer information based only on the Bearer capability information
element in the QSIG SETUP message, in which case the media type SHALL be derived according to Table 4.
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Table 4 — Media type setting in SDP based on Bearer capability information element

Information transfer capability in Bearer Media type in SDP
capability information element

"speech" (00000) audio

"3,1 kHz audio" (10000) audio

11 Security Considerations

11.1 General

Normal considerations apply for UA use of SIP security measures, including digest authentication, TUS, and
S/MIME as degcribed in [10].

The translatiop of QSIG information elements into SIP headers can introduce somg privacy and security
concerns. For pxample, care needs to be taken to provide adequate privacy for a user requesting presgntation
restriction if the Calling party number information element is openly mapped to the-From header. Progedures
for dealing with this particular situation are specified in 9.1.2. However, since.the mapping specified| in this
International Standard is mainly concerned with translating information elements into the headers and fields
used to route [SIP requests, gateways consequently reveal (through this translation process) the mjnimum
possible amount of information.

There are some concerns, however, that arise from the other direction of mapping, the mapping [of SIP
headers to QS|G information elements, which are enumerated in.the following paragraphs.

11.2 Calis frrom QSIG to Invalid or Restricted Numbers

When end usgrs dial numbers in a PISN, their selections populate the Called party number infofmation
QSIG SETUP message. Similarly, the SIP URI or tel URL and its optional parameters in the
Request-URI gf a SIP INVITE request, which canybe created directly by end users of a SIP device, mag to that
i i ment at a gateway. However,.in & PISN, policy can prevent the user from dialing certain (invalid
or restricted) fumbers. Thus, gateway implementers may wish to provide a means for gateway administrators
to apply policigs restricting the use of certain SIP URIs or tel URLs, or SIP URI or tel URL parameterg, when

al risks may-result from the mapping of SIP response codes to QSIG cause values. S|P user
agents could conceivably/respond to an INVITE request from a gateway with any arbitrary SIP responsé code,
and thus they fan dictate (within the boundaries of the mappings supported by the gateway) the Q.85( cause
code that will pe/sent by the gateway in the resultmg QSIG call clearing message. Generally speaklng, the
( ¢.g., by
signalling that a caII should not be bllled or that the network should take cr|t|cal resources off-line). However,
gateway implementers may wish to make provision for gateway administrators to modify the response code to
cause value mappings to avoid any undesirable network-specific behaviour resulting from the mappings
recommended in 8.4.4.

11.4 Use of the To Header URI

This International Standard requires the gateway to map the Request-URI rather than the To header in a SIP
INVITE request to the Called party number information element in a QSIG SETUP message. Although a SIP
UA is expected to put the same URI in the To header and in the Request-URI, this is not policed by other SIP
entities. Therefore, a To header URI that differs from the Request-URI received at the gateway cannot be
used as a reliable indication that the call has been re-targeted in the SIP network or as a reliable indication of
the original target. Gateway implementers making use of the To header for mapping to QSIG elements (e.g.,
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as part of QSIG call diversion signalling) may wish to make provision for disabling this mapping when
deployed in situations where the reliability of the QSIG elements concerned is important.

11.5 Use of the From Header URI

The arbitrary population of the From header of requests by SIP user agents has some well-understood
security implications for devices that rely on the From header as an accurate representation of the identity of
the originator. Any gateway that intends to use an unsigned or unverified From header to populate the Calling
party number information element of a QSIG SETUP message should authenticate the originator of the
request and make sure that it is authorized to assert that calling number (or make use of some more secure

method to ascertain the |dent|ty of the caIIer) Note that gateways I|ke all other SIP user agents, MUST
d ibed in [10

elemer
derive

11.6 Abuse of Early Media

There
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media
numbe
possib
before
is usef
Q.850
triggeri
initial n
fraudul
answe

corporate network from a carrier network, the earrier network normally takes steps to prevent fra

The us
than in
gatews
deploy!

11.7 Protection from Denial-of-Service Attacks

Unlike
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gatewsd
numbe
could

. to the use
d-ldentity header for mapping to the QSIG Calling party humber or Connected num
t, i.e., the source of this information should be authenticated. Use of a signed message/
B QSIG Calling party number or Connected number information element is anothen secun

| is answered. Several practices described in this International.Standard involve the
streams to user information channels on inter-PINX links and-\the sending of progre
r 1 or 8 in a backward QSIG message. This can result in media,being cut through end-t
e for the called user agent then to play arbitrary audio te the caller for an indefinite
transmitting a final response (in the form of a 2xx or highér’response code) to an INVIT
Ll since it also permits network entities (particularly legacy networks that are incapable
cause values) to play tones and announcement® to indicate call failure or call prg
hg charging by transmitting a 2xx response. Also, early cut-through can help prevent
nedia when the call is answered. There are congeivable respects in which this capability,
ently by the called user agent for transmitting’ arbitrary information without answering thg
ing the call. However, in corporate networks, charging is often not an issue, and for ca

efulness of this capability appears\to outweigh any risks involved, which may in practics
existing PISN/ISDN environments. However, gateway implementers may wish to mak

bd in situations where prablems can arise.

a traditional PISN phone, a SIP user agent can launch multiple simultaneous requests in
ular resource: It would be trivial for a SIP user agent to launch 100 SIP INVITE request

Is thattare known never to answer, or, where overlap signalling is used, to incomplete a
baturate resources at the gateway indefinitely, potentially without incurring any cha

y, thereby)tying up all of its ports. A malicious user could choose to launch requestp

of the SIP P-
er information
sipfrag body to
e alternative.

s another class of potential risk that is related to the cut- through of the backwards medgia path before

connection of
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b-end, and it is
period of time
E request. This
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gress, without
clipping of the
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Is arriving at a
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be no greater
e provision for

y administrators to turn off Cut-through or minimise its impact (e.g., by imposing a time limit) when

order to reach
s at a 100 port
to telephone
ddresses. This
ges. Gateway

implem

enters may therefore wish to provide means of restricting according to policy t

he number of

simultaneous requests originating from the same authenticated source, or similar mechanisms to address this

possibl

e denial-of-service attack.
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Annex A
(normative)

Implementation Conformance Statement (ICS) proforma

A.1 Introdu

ction

A.1.1 Purpoge of an ICS proforma

The supplier gf an implementation which is claimed to conform to this International Standard shall cg
the following Implementation Conformance Statement (ICS) proforma.

A completed |
capabilities an

The ICS can h
e by the im
conformarn
e by the sup
capabilitie

Standard's

e by the usér or potential user of the implementation, as a basis for initially checking the possi

interworkir]
interwork (

e by a tester
of the impl

A.2 Instruc

A.2.1 Gener

CS proforma is the ICS for the implementation in question. The ICS is a, statement o
] options have been implemented for a given specification.

Bve a number of uses, including use:

plementor, as a check list for implementations to reducg the risk of unintende
ce, e.g. through oversight;

plier and acquirer, or potential acquirer, of the implementation, as a detailed indicatior]

5 of the implementation, stated relative to the common basis for understanding provided
ICS proforma;

g with another implementation - while interworking can never be guaranteed, fai
an often be predicted from incompatible ICS;

, as the basis for selecting appropriate tests against which to assess the claim for confo
ementation.

tions for completing the ICS proforma

al structure-of the ICS proforma

The ICS profi

individual items. Each item is identified by an item reference, the description of the item (questior

answered), a

the reference(s) to the clause(s) that specifies (specify) the item in the main body

mplete

which

d non-

of the
by the

pility of
ure to

mance

rma js\a“fixed format questionnaire divided into sub-clauses each containing a group of

to be
of this

International Stardard-

The "Conditions for Status" column contains a specification, if appropriate, of the predicate upon which a
conditional status is based. The indication of an item reference in this column indicates a simple-predicate
condition (support of this item is dependent on the support marked for the referenced item).
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The “Status” column indicates whether an item is applicable and if so whether support is mandatory or
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optional. The following terms are used:

M
N/A

irrelevant or out-of-scope - this capability is outside the scope of the standard to which
this ICS proforma applies and is not subject to conformance testing in this context;

mandatory (the capability is required for conformance to the standard);

not applicable - in the given context, it is impossible to use the capability; no answer in
the support column is required,

optional (the capability is not required for conformance to the standard, but if the
capability is implemented it is required to conform to the specification in this

International Qfs\nrlarrl);

O.<n> qualified optional - in this case, <n> is an integer that identifies a unique
related optional items; if no additional qualification is indicated, the support o
one of the optional items is required for conformance to this International §
otherwise, the qualification and logic of the selection among thexoptional

defined below the table explicitly;

X excluded or prohibited - there is a requirement not to userthis capability in

context;

Answefs to the questionnaire items are to be provided in the “Support’ ¢olumn, by simply mar}
to indi¢ate a restricted choice (Yes, No or N/A). In specific cases, the indication of explicit
requested. Where a support column box is left blank, no answer isitequired.

If a "prierequisite line" (see A.2.4 below) is used after a subclause heading or table title, and
false, o answer is required for the whole subclause or table, respectively.

A.2.2 |Additional Information

Iltems Jof Additional Information allow a supplier to provide further information intended
interpretation of the ICS. It is not intended .or>expected that a large quantity will be supplied, a
be considered complete without any such-information. Examples might be an outline of the wj
(single

Referenpces to items of Additionaldnformation may be entered next to any answer in the que
may be included in items of Exception Information.

A.2.3 |[Exception Information

It may|occasionally happen that a supplier will wish to answer an item with mandatory or pr
(after gny conditions-have been applied) in a way that conflicts with the indicated requirement.
answe
column an x.<i> reference to an item of Exception Information, and to provide the appropriate

implementation can be set up te‘operate in a variety of environments and configurationg.

group of
f at least
btandard;
items is

a given

ing an answer
alues may be

ts predicate is

to assist the
nd an ICS can
ays in which a

stionnaire, and

phibited status
No pre-printed

will be found in the Support column for this. Instead, the supplier is required to write into the support

rationale in the

Exceptlon item itself.
An implementation for which an Exception 1tem 1s required In this way does not conform to

Is International

Standard. A possible reason for the situation described above is that a defect in the Standard has been
reported, a correction for which is expected to change the requirement not met by the implementation.

A.2.4 Further indications of the ICS proforma tables
In addition to the columns of a table, the following information may be indicated:

"Prerequisite line"

A prerequisite line after a subclause heading or table title indicates that the whole subclause or the whole

table is not required to be completed if the predicate is false.
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"Qualification"

At the end of a table, a detailed qualification for a group of optional items may be indicated, as specified in the
description of the status "qualified optional” in subclause in A.2.1.

"Comments"

This box at the end of a table allows a supplier to enter any comments to that table. Comments may also be
provided separately (without using this box).

A.3 Identification of the implementation

A.3.1 Implementation identification

Supplier (NOTE 1)

Contact point for queries about the ICS
(NOTE 1

Implemerntation Name(s) and Version(s)
(NOTE 1,[NOTE 2)

Other infgrmation necessary for full
identificafion - e.g., name(s) and version(s)
for machipes and/or operating systems;
System npme(s)

NOTE 1 Only the first three items are requiredfor all implementations; other information may be completed as
appropriate in meeting the requirement for full identification.

NOTE 2  The|terms Name and Version should be interpreted appropriately to correspond with a supplier's terminology
(e.g. Type, Serigs, Model).

28 © ISO/IEC 2007 — Al rights reserved


https://iecnorm.com/api/?name=206144f60059e3ed07181698ee2fbe64

A.3.2 Specification for which this ICS applies

ISO/IEC 17343:2007(E)

Title Corporate Telecommunication Networks —
Signalling Interworking between QSIG and SIP —
Basic Services

Version 1.0

Corrigenda Implemented (if applicable)

Addenda Implemented (if applicable)

Amendments Implemented (if applicable)

Have any exception items been required ?

No[ ]Yes[ ]

(The answer Yes means that the implem
does not conform to this,International St
(NOTE)

entation
andard)

Date of Statement

NQTE

In this case, an explanation shall be given of the nature.of non-conformance either be
separate sheet of paper.

Nature of non-conformance (if applicable):

Ow Oor on a

A.4 General requirements

Table A-1 — General requirements

Item Question: Conditions |[Status |Reference [Support
Does the implementation... for status

GR1 support QSIG, in accordance with M 7 [1Yes
[2]as a gateway?

GR2 support SIP in accordance with [10] M 7 [1Yes
as a UA?

GR3 support SIP reliable provisional M 7 [1Yes
responses in accordance with [11] as
UA?

GR4 ellppnri‘ calls from QSIG to S|P M Z [ ]Yes

GRS support calls from SIP to QSIG M 7 [TYes

GR6 support QSIG message validation M 8.1 [1Yes
and handling of protocol errors

GR7 support SIP message validation and M 8.1 [1Yes
handling of protocol errors

Comments:
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A.5 Call establishment from QSIG to SIP using en bloc procedures

Table A-2 — Call establishment from QSIG to SIP using en bloc procedures

Item Question: Conditions ([Status |Reference |Support
Does the implementation... for status

QS1 support receipt of QSIG SETUP M 8.2.1.1 [1Yes
message

QS2 support receipt of SIP 100 response M 8.2.1.2 [1Yes

QS3 support receipt of SIP 18x provisional M 8.2.1.3 [1Yes
esponse

QS4 upport receipt of SIP 2xx response M 8.2.1.4 [ HYes

QS4 upport receipt of SIP 3xx response M 8.2.1.5 [TYes

Comments:

A.6 Call establishment from QSIG to SIP using overlap procedures in QSIG network
and en blog procedures in SIP network

Table A-B — Call establishment from QSIG to SIP using overlap procedures in QSIG network
and en bloc procedures in SIP network

Item Question: Conditions |[Status |Reference |Support
Does the implementation... for status

QSO1 support receipt of QSIG SETUP M 8.2.2.1.1 [TYes
message

QSO02 upport receipt of QSIG M 8.2.2.1.2 [IYes
INFORMATION messagge

QS03 upport of SIP responses M 8.2.2.1.3 [1Yes

Comments:
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A.7 Call establishment from QSIG to SIP using overlap procedures in QSIG network
and in SIP network

Table A-4 — Call establishment from QSIG to SIP using overlap procedures in QSIG network
and in SIP network

Item Question: Conditions ([Status |Reference |Support
Does the implementation... for status

QSO0O01 support receipt of QSIG SETUP M 8.2.2.2.1 [1Yes
message

QSO awv] ellppnri‘ rnr\nipf of QSIG M 82229 [ ]Yes
INFORMATION message

QSOP3 support receipt of SIP 100 response M 8.2.2.2:3 [1Yes

QSOpP4 support receipt of SIP 1xx provisional M 8.2.2.2.4 [1Yes
response

QSOP5 support receipt of SIP 2xx response M 8.2.2.2.5 [1Yes

QSOP6 support receipt of SIP 3xx response M 8.2.2.2.6 [1Yes

QSOp7 support receipt of SIP 484 response M 8.2.2.2.7 [1Yes

QSOP8 support receipt of SIP 4xx response, M 8.2.2.2.8 [1Yes
SIP 5xx response or SIP 6xx
response in the context of overlap
sending

QSOP9 Receipt of multiple responses to an M 8.2.2.2.8 [1Yes
INVITE request

QSOojo0 Cancelling pending SIP INVITE M 8.2.2.2.9 [TYes
transactions

QSOf1 QSIG Timer T302 Expiry; M 8.2.2.2.10 |[]Yes

Comments:
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A.8 Call establishment from SIP to QSIG

Table A-5 — Call establishment from SIP to QSIG

Item Question: Conditions ([Status |Referenc [Support
Does the implementation... for status e

SQ1 support receipt of SIP INVITE request M 8.3.1 [ 1Yes
for a new call

SQ2 support receipt of QSIG CALL M 8.3.2 [IYes
PROCEEDING message

SQ3 upport receipt of ASIG PROGRESS | 8.3.3 [TYes
%essage

SQ4 Lupport receipt of QSIG ALERTING M 8.3.4 [Yes

essage

SQ5 support inclusion of SDP information M 8.3.5 [1Yes
in a SIP 18x provisional response

SQ6 support receipt of QSIG CONNECT M 843.6 [1Yes
message

SQ7 support receipt of SIP PRACK M 8.3.7 [1Yes
equest

SQ8 support receipt of SIP ACK request M 8.3.8 [1Yes

SQ9 support receipt of SIP INVITE request M 8.3.9 [1Yes
for a call already being established

Comments:
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A.9 Call clearing and call failure

Table A-6 — Call clearing

ISO/IEC 17343:2007(E)

Item Question: Conditions ([Status |Referenc [Support
Does the implementation... for status e
CcC1 support receipt of QSIG M 8.4.1 [1Yes
DISCONNECT, RELEASE or
RELEASE COMPLETE message
ccC2 support receipt of SIP BYE request M 8.4.2 [1Yes
CC3 support receipt of SIP CANCEL | 8.4.3 [MYes
request
CcC4 support receipt of SIP 4xx-6xx M 8.4.4 [Yes
response, except where specified
otherwise in the context of overlap
sending
CC5 support gateway-initiated call clearing M 8.4.5 [[IYes
Cominents:
A.10 | Other requirements
Table A-7 == Other requirements
Item Question: Conditions ([Status |Referenc |[Support
Does the implementation:. for status e
OR1 support rejection of request to M 8.5 [IYes
change media characteristics
OR2 support number mapping from SIP to M 9.1
QSIG
OR3 support number mapping from QSIG M 9.2
to SIP
OR4 support the P-Asserted-ldentity (0] 9.1,9.2 [l Yes, [] No
header
OR5 support the Privacy header OR4 M 9.1,9.2 [[] Yes,
NOT OR4 O [[] Yes, [] No
OR6 support derivation of QSIG Bearer M 10.1
capability information element
OR7 support derivation of media type in M 10.2
SDP information
Comments:
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B.1 Introduction

Annex B
(informative)

Example Message Sequences

This annex shpws some typical message sequences

F i T that can occur for an nterworking between Q9IG and
SIP. It is infornpative.

NOTE 1 For

indicated by dqtted lines. Also, if there are no dotted lines connecting two messages, this means that th
independent of ¢ach other in terms of the time when they occur.

NOTE 2

Messages bearihg the same number will have the same value in the CSeq header.

NOTE 3 In th
PRACK method

Nunpbers prefixing SIP method names and response codes in the diagrams represent sequence n

ese examples, SIP provisional responses (other than 100) are shgwnh~as being sent reliably, u
for acknowledgement.

B.2 Message Sequences for Call Establishment from QSIG to SIP

Below are typi

B.2.1 QSIG {o SIP, using en bloc procedures on both QSIG and SIP

cal message sequences for successful call establishment from QSIG to SIP

all message sequence diagrams, there is no message mapping between QSIG and SIP unless ¢xplicitly

pse are

Lmbers.

5ing the

PISN Gateway IP network

1 QSIG SETUP 1-INVITE 2

3 ‘QSIG CALL PROCEEDING 1-100 TRYING 4

8 QSIG ALERTING , 1-180 RINGING 5
2-PRACK

6
2-200 OK

" QSIG CONNECT 200 0K 7

QSIG CONNECT ACK +ACK 9

12 _ > 10
Audio Audio

Figure 3 — Typical message sequence for successful call establishment from QSIG to SIP,
using en bloc procedures on both QSIG and SIP
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Steps | Comments

1 The PISN sends a QSIG SETUP message to the gateway to begin a session with a SIP UA.

2 On receipt of the QSIG SETUP message, the gateway generates a SIP INVITE request and sends
it to an appropriate SIP entity in the IP network based on the called number.

3 The gateway sends a QSIG CALL PROCEEDING message to the PISN; no more QSIG
INFORMATION messages will be accepted.

4 The IP network sends a SIP 100 (Trying) response to the gateway.

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

6 The gateway may send back a SIP PRACK request to the IP 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 acknowledge thg SIP PRACK
request.

8 The gateway maps this SIP 180 (Ringing) response to a QSIG ALERTING'message and sends it to
the PISN.

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

10 The gateway sends a SIP ACK request to acknowledge the SIR\200 (OK) response.

11 The gateway maps this SIP 200 (OK) response to a QSIG CONNECT message and gends it to the
PISN.

12 The PISN sends a QSIG CONNECT ACKNOWEEDGE message in response |to the QSIG
CONNECT message.

B.2.2 |QSIG to SIP, using overlap receiving.on QSIG and en bloc sending on SIP

PISN Gateway IP network
{ QSIG SETUP -
QSIG SETUP ACK
2w
) QSIG INFORMATION
3a QSIG INFORMATION 1-INVITE
> > 4
5 | QSIS CALL PROCEEDING __ 1-100 TRYING
< < 6
QSIG ALERTING 1-180 RINGING
10 |* < 7
2-PRACK -
> 3
2-200 OK
3 QSIG CONNECT " 1-200 OK 9
y QSIG CONNECT ACK 1-ACK S
<= Audio <= Audio 12

Figure 4 — Typical message sequence for successful call establishment from QSIG to SIP,
using overlap receiving on QSIG and en bloc sending on SIP
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Steps | Comments

1 The PISN sends a QSIG SETUP message to the gateway to begin a session with a SIP UA. The
QSIG SETUP message does not contain a Sending Complete information element.

2 The gateway sends a QSIG SETUP ACKNOWLEDGE message to the PISN. More digits are
expected.

3 More digits are sent from the PISN within a QSIG INFORMATION message.

3a More digits are sent from the PISN within a QSIG INFORMATION message. The QSIG
INFORMATION message contains a Sending Complete information element.

4 The Gateway generates a SIP INVITE request and sends it to an appropriate SIP entity in the IP
netw JI:\, basedonthecattednumber-

5 The [gateway sends a QSIG CALL PROCEEDING message to the PISN; no more| QSIG
INFQRMATION messages will be accepted.

6 The 1P network sends a SIP 100 (Trying) response to the gateway.
The |P network sends a SIP 180 (Ringing) response.

8 The gateway may send back a SIP PRACK request to the IP network based on the inclusign of a
Reqdire header or a Supported header with option tag 100rel in the initial‘S1P INVITE request

9 The |P network sends a SIP 200 (OK) response to the gateway ¢o;acknowledge the SIP HRACK
request.

10 The gateway maps this SIP 180 (Ringing) response to a QSIG ALERTING message and senfls it to
the HINX.

11 The IP network sends a SIP 200 (OK) response when-the call is answered.

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

13 The gateway maps this SIP 200 (OK) responsé.to a QSIG CONNECT message and sends if to the
PINX.

14 The |PISN sends a QSIG CONNECT-ACKNOWLEDGE message in response to the|QSIG

CONNECT message.
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B.2.3 QSIG to SIP, using overlap procedures on both QSIG and SIP”

ISO/IEC 17343:2007(E)

PISN Gateway IP network
. QSIG SETUP -
QSIG SETUP ACK
2 |«
3 QSIG INFORMATION
3 QSIG INFORMATION 1-INVITE
> > 4
1-484
< 5
1-ACK
6
QSIG INFORMATION 2-INVITE A
7 >
2-484
< 5
2-ACK 6
8 QSIG INFORMATION >
(Sending Complete I.E.) 3. INVITE
> » 10
9 | QSIG CALL PROCEEDING 3-100 TRYING
< 11
QSIG ALERTING 3-180 RINGING
15 | ~ 4-PRACK 12
4-200 OK 7113
s QSIG CONNEET " 3-200 OK 14
- - 16
QSIG CONNECT ACK 3-ACK
19 > » 17
Audio Audio
Figure 5 —Typical message sequence for successful call establishment from QSIG to SIP,
using overlap procedures on both QSIG and SIP
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